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Panel 1. Terms and Acronyms in This Paper

ADPCM adaptive differential pulse code modu-
lation coder

ASCII American Standard Code for Informa-
tion Exchange, a binary code for
data that is widely used in communi-
cations.

ASR automatic speech recognition

CCITT International Telegraph and Tele-
phone Consultative Committee

CELP 4.8 kb/s code-excited linear prediction
coder

DAM Diagnostic Acceptability Measurement

DRT Diagnostic Rhyme Test

DSI Digital speech interpolation

[EEE Institute of Electrical and Electronics
Engineers

Intonation underlying pitch pattern of fundamen-

Contour tal frequency (F0) that occurs over

time in speech phrases
kHz kilohertz
sustention errors referring to the distinction

errors between interrupted and uninter-
rupted airflow, the two modes of
consonant production
TTS text-to-speech
WPT wideband packet technology

production exists to account fully for the complexity of
human language. The syntax, phonology, and semantics
of human languages allow speakers to construct any
number of entirely novel, unexpected, and potentially
ambiguous statements. Furthermore, listeners can per-
ceive—and even comprehend—these utterances practi-
cally instantaneously, often under imperfect conditions
(e.g., whispering, during cocktail parties, or while stand-
ing on busy street corners).

Behavioral scientists have contributed theoreti-
cal constructs and empirical findings to develop the key
technologies needed to speak and comprehend speech.
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Although computerized systems have yet to match these
remarkable human abilities, they are developed enough
to begin to be deployed in telecommunication products
and services. When speech processing technologies fail
to provide as transparent an interface as the existing tele-
phone system, behavioral scientists also are active in
designing structured transactions to help humans adapt
to the limitations of the technologies.

This paper will discuss some work of behavioral
scientists in three categories of voice communication
systems: human-to-human, computer-to-human, and
human-to-computer. The services discussed illustrate:

1. How voice quality is measured to ensure the contin-
ued high performance of the voice network as trans-
mission technology advances

2. How linguistic and psychological research are incor-
porated into the development of text-to-speech syn-
thesis

3. How people’s behavior must be shaped to interact
successfully with automatic speech recognition
devices.

This article discusses behavioral science’s contributions

to developing both basic voice-user interface technolo-

gies and products that rely on them.

Human-to-Human Communication: Speech Transmission

Human-to-human communication is the core
business of the telecommunication industry, and the glo-
bal telephone voice network is the most ambitious, eco-
nomically important application of speech technology.
The overall usefulness of a telecommunication network
for an end user depends on everything from how long it
takes to install a new telephone, to the likelihood that a
call cannot be completed because of network congestion.
The fidelity of the speech carried by the network is
important to users. As the network evolves by incorpo-
rating more reliable and cost-efficient technology, speech
quality must be maintained at acceptable levels.

Network Voice Quality Evaluations. How does one
decide if an improvement in speech quality is worth the
extra cost, or whether a cost savings is worth a loss in



quality? Such decisions depend on having a quantitative
index of speech quality. At present, human judgment is
the only feasible method to assess speech quality,
because defined or measured acoustic distortions do not
necessarily correspond to user perceptions.

Consider, for example, measuring a straightfor-
ward attribute of quality: the “loudness” of a circuit. Loud-
ness means the perceived intensity of sound. Circuit loss
(or gain) must be controlled so speech loudness is at an
acceptable level. For pure tones, loudness is determined
by the frequency and sound pressure level of the tone.
However, for more complicated signals (e.g., any impulse
noise such as typing or hammering, or any spectrally com-
plicated signal such as speech), there is no satisfactory
way to predict the loudness of a sound source from its
physical attributes. Since other perceptually salient
characteristics of the speech signal are even harder to
predict from acoustic measures, human judgment pro-
vides the only reliable assessment of speech quality.

The most straightforward approach to measur-
ing speech quality is to ask for overall quality ratings on
a numeric or verbally labeled scale. In a typical experi-
ment using a numerical system, participants listen to one
or two sentences over a real or simulated circuit and rate
them on a 5-point scale. In an hour, each judge can rate
several hundred samples, typically making a few dozen
ratings per circuit. The “mean opinion score”—i.e., the
average rating assigned a circuit by judges—is commonly
used to summarize overall ratings. This procedure can be
used with any set of speech samples, without concern for
the particular impairments introduced. The judges need
no training and only brief instructions. Various versions
of this procedure are used throughout the telecommuni-
cations industry, and have been incorporated into IEEE
and CCITT practices for measuring speech quality.
(IEEE is the Institute of Electrical and Electronics Engi-
neers, and CCITT is the International Telegraph and
Telephone Consultative Committee.)

An alternative procedure is to itemize the possi-
ble types of perceptual impairments, then have partici-
pants judge the severity of those impairments in speech

samples. A global quality measure can be devised by
weighting the magnitude and importance of the various
impairments. Voiers’ Diagnostic Acceptability Measure
(DAM)! is the best known of these procedures. Partici-
pants listen to samples of simple sentences and rate each
sample on several attributes. The ratings include judg-
ments of both the characteristics of the speech signal
(e.g., fluttering, thin, nasal, or muffled) and the back-
ground (e.g., hissing, buzzing, or rumbling). The DAM
provides scores with diagnostic value, not only measur-
ing the fidelity of speech reproduction, but also identify-
ing what needs improvement. However, the cost of devel-
oping such scales may be high. To produce a quality met-
ric, they require both an inventory of impairments and a
nonlinear rule for combining ratings of impairments.
Also, it is often necessary to use trained judges.

To assess a technology’s acceptability for net-
work use, measures of speech quality should predict
user satisfaction with comparable service during day-to-
day use of the telephone network. Field studies, because
they are made in the physical and social context in which
we are most interested in predicting behavior, provide the
most ecologically valid observations. In some field studies,
customers use experimental circuits to make routine tele-
phone calls, without notification that the circuit is atypical.
They are then asked to judge the circuit’s quality.

For example, the network planning organization
regularly evaluates equipment, designed either by AT&T
or outside vendors, to gauge its suitability for use in the
network. In a typical experiment, two central offices
(e.g., in Cleveland and Phoenix) are selected, and exper-
imental circuits are installed. There might be one base-
line condition where AT&T standard equipment is used,
and two or more experimental conditions that use the
real or simulated circuits to be evaluated. Customers
make routine calls, some of which are routed over either
the baseline or the experimental circuits. After the call is
completed, either the called or the calling party is inter-
viewed, using a standard questionnaire such as that
described by DiBiaso.? The respondent is asked if there
were any problems with the call, and about several
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Figure 1. Effects of DSI on perceived speech quality as a
function of microphone.

possible difficulties such as low volume, crosstalk, noise,
echo, or delay. The respondent then rates the overall
quality of the connection on a four-point scale (excellent,
good, fair, or poor). Both global quality ratings and
detailed descriptions of impairments are obtained with-
out using trained judges. However, interviews can take
10 minutes or more.

Data from such field studies are most useful in
predicting user reactions to speech technology embed-
ded in a real service. However, such studies are expen-
sive and time-consuming. Collecting sufficient data on
even a few circuits can require months. Early in a pro-
duct’s life, developers and researchers frequently need
measures of how well several variants of the product or
prototype are performing. Because field studies are usu-
ally impractical, some variety of laboratory experiment
must be substituted.

Laboratory experiments use either listening or
conversational tests. In listening experiments, partici-
pants judge the quality of selected speech samples heard
over real or simulated circuits. These experiments are
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the least expensive, but cannot be used to evaluate
impairments such as delay or talker echo. Conversational
experiments mimic a more natural telephone interaction,
because pairs of judges converse over experimental cir-
cuits for several minutes before rating speech quality. In
both types of experiments, judges either can make over-
all quality ratings, or can evaluate specific impairments.

D. O. Bowker and C. A. Dvorak of AT&T Bell
Laboratories have recently completed an extensive series
of both conversational and listening tests® that evaluated
the quality of speech generated using wideband packet
technology (WPT). One advantage of WPT is that band-
width can be compressed when a customer application
requires it. In particular, embedded digital speech coders
can be used to decrease bit rate from the standard 64
kilobits per second (kb/s) to 32 or even 16 kb/s during
periods of packet buffer overflow. It also is possible to
turn off the packet stream when no speech is being pro-
duced (usually referred to as digital speech interpolation,
or DSI). Bowker and Dvorak used conversational tests
and global quality ratings to show that DSI had no detect-
able effects on perceived speech quality. Yet their experi-
ment was sensitive enough to show a difference between
electret and carbon microphones (see Figure 1). They
further demonstrated the significant but small effects of
decreasing effective bit rate from 4.0 bits per sample to
3.7 bits per sample using an embedded adaptive differen-
tial pulse code modulation (ADPCM) coder.

An attractive application of WPT is digital circuit
multiplication. In normal use, a T1 digital facility operat-
ing at 1.544 megabits per second (Mb/s) can carry 24
simultaneous voice channels. Listening tests were used
to evaluate the effect on voice quality of using WPT to
extend the capacity of the T1 facility to up to 160 conver-
sations. Loads of up to 80 channels could be carried with
quality equivalent to that provided by 32 kb/s ADPCM,
which is just slightly inferior to 64 kb/s PCM (see Fig-
ure 2). There were decreases in voice quality with higher
loads that might be acceptable depending on the user’s
application.



Low-Bit-Rate Coded Speech Evaluations. While
telephone-quality speech—a bandpass of roughly 300 to
3,000 hertz (Hz) and a signal-to-noise ratio of at least 25
decibels (dB)—is comfortable for most uses, both higher
and lower quality channels are used regularly. End-to-
end digital transmission of speech will make it possible
to use high-bit-rate coders (56 or 64 kb/s) that will repro-
duce speech about as well as commercial AM radio sta-
tions using a bandpass of 15 Hz to 7.5 kilohertz (kHz).
Coding speech at much lower bit rates (1.2 kb/s to 9.6
kb/s) is desirable when communications channels are of
limited bandwidth, or when quantities of digitized speech
must be stored.
When speech is coded at low-bit rates, assess-
ment difficulties occur that are not present in toll-quality
speech:
= First, if telephone speech is processed by low-bit-rate
coders, the normal intelligibility of that speech cannot
be assumed. For most applications of low-bit-rate
speech, then, intelligibility is the most important cri-
terion.

= Second, even if a coder produces understandable
speech, other information affecting communication
may be missing from the speech signal. For example,
it may be difficult to identify even a familiar speaker.
Judgments about the speaker’s physical and emotional
state may be unreliable.

= Finally, listening to low-bit-rate coded speech may take
extra effort. Having to concentrate on understanding
the less intelligible coded speech signal may fatigue
the listener and limit his or her ability to pay attention
to other tasks—such as following the conversation or
flying an airplane—and is likely to add to fatigue.

Speech Intelligibility. There are two major
laboratory-based assessment techniques for measuring
speech intelligibility. A comprehension task requires parti-
cipants to listen to a recorded passage, then answer con-
tent questions about it. In measures of segmental intelligi-
bility, listeners hear a list of words or syllables without
context, and identify the basic speech sounds. Segmental
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Figure 2. Effect of number of channels on perceived speech
quality carried at DSI rate.

intelligibility studies assume that, for larger units of
speech—words, phrases, or sentences—to be understood,
the basic speech units must necessarily be recognized.

A popular method of measuring segmental intel-
ligibility is the Diagnostic Rhyme Test (DRT), described
by Voiers. Participants listen to monosyllabic words, and
then select the word they heard from two alternatives
that differ only by minimal distinctions in their initial con-
sonants. For example, the initial consonant of one alter-
native may be voiced, as the /b/ in bond; the other alter-
native is unvoiced, as the /p/ in pond. The pattern of
errors made by listeners in the DRT shows how well the
speech transmission system under study preserves the
six types of distinctions tested. Though this information
is restricted to a small subset of all possible intelligibility
confusions, it can be used effectively by developers to
adjust the hardware and the coding algorithm to improve
performance.

Testing During Product Development. The AT&T
Security-Plus phone is the company’s response to a
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Figure 3. Example of
the use of DRT error

base in improving a
low bit-rate voice
coder.

DRT Error Database

Speaker

Word-pair number

Feature contrasted

Word

Vowel

Binary features:
Compactness
Gravity
Nasality
Sibilance
Sonorance
Sustention
Voicing

Number of errors

Select strong fricatives
sibilance = true

Find individual test items in the
database (strong fricatives
involved in sustention contrasts)
with extreme differences
between coding conditions

sustention = true

i

Plot frequencies of errors for each
class of feature contrasts

Example: Strong Fricatives

30

Acoustic analysis to isolate
physical properties of signal
producing perceptual problems
(see Figure 4)

competitive federal program to develop the next genera-
tion of the secure terminal unit (the STU-III). This station
set provides secure communication by coding speech at
2.4 kb/s or 4.8 kb/s, encrypting it, and then transmitting
the encrypted speech via a modem through the existing
analog network to another similarly equipped station set.
The Security-Plus phone was designed to meet rigorous
U. S. government specifications and acceptability meas-
ures, including speech intelligibility and quality.
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Percent errors

VOICING

compact sustention sibilance

Error type

A, B, & C are coding conditions

Government-supervised speech evaluations were con-
ducted by an independent testing laboratory. The DRT
was used to measure speech intelligibility, and the DAM
to measure speech quality. AT&T Bell Laboratories
developed voice coding algorithms for implementation in
the secure telephone. Human factors input during the
development process provided feedback about aspects of
the coded speech signal that needed improvement, and
often provided information about the direction improve-



ments should take.

During product development, DRTs and DAMs
were regularly conducted by the outside laboratory.
AT&T’s human factors specialists took responsibility for
statistical analyses of the results, and for devising proce-
dures that allowed developers to track their own pro-
gress. Creation of a DRT error database provided
detailed analyses of perceptual errors made in intelligibil-
ity tests.* The analysis involved storing, classifying, sort-
ing, and counting listeners’ perceptual errors, using a
database containing other fields of descriptive phonetic
information. Errors could thus be broken down in a vari-
ety of ways for further examination. The major advan-
tages of detailed DRT results was that they could be
related more directly to the acoustics of the signal being
evaluated, and allowed great flexibility in the types of
analyses that could be performed. The detailed DRT ana-
lyses proved useful in diagnosing specific problems in
coding algorithms and filtering procedures.

Figure 3 illustrates how the error database was
used to improve a speech coder. First, filters specifying
search conditions were used to sort stimuli into six broad
phonetic classes tested by the DRT:
= Weak fricatives (f, v, th, dh)
= Strong fricatives (s, z, sk, zh)
= Stops (b,d, g, b, 1, k)
= Nasals (m, n)
= Liquids and glides (w, 7, [, )
= Affricates (ch, ).

Within these classes, additional search conditions were
used to identify particularly problematic errors, such as
voicing errors for strong fricatives. Then, further search
conditions were used to isolate extreme examples of
problematic error types (i.e., a specific word spoken by a
specific speaker) to examine the acoustic properties
associated with the perceptual errors.

For example, a phonetic classification of percep-
tual errors led to the observation that a much higher pro-
portion of sustention errors for strong fricatives occurred
for words coded by a hardware prototype than by its soft-

ware simulation. (Sustention errors refer to the distinc-
tion between interrupted and uninterrupted airflow, two
modes of consonant production.) The error database was
used to locate test words spoken by specific speakers for
which the number of errors differed substantially among
the systems being compared. These coded test words
were then analyzed acoustically to determine the acous-
tic characteristics of the coded signals responsible for
the large perceptual differences observed.

Figure 4 shows a specific example of the acous-
tic characteristics of a test word—shoes—spoken by a
specific male speaker, and processed by different sys-
tems. The filtered but uncoded word (see waveform in
top panel) was correctly identified by 100 percent of the
listeners. The same word, filtered and coded by software
simulation (middle panel), was identified correctly by 88
percent of the listeners. When filtered and coded by a
hardware prototype (bottom panel), the test word shoes
was never identified correctly by any of the listeners (i.e.,
0 percent correct). Instead, they identified it as choose,
the other response alternative available in the forced
choice DRT test format.

Affricates, such as the first consonant in choose,
are produced with interrupted airflow because of a
momentary but complete closure of the vocal tract. Affri-
cates generally have aperiodic energy that is shorter in
duration, and more abrupt in amplitude onset, than frica-
tives. Our example is the first consonant in “shoes,” for
which airflow is uninterrupted during consonant produc-
tion. Behavioral research in speech perception has
shown these acoustic characteristics are critical for the
perceptual distinction between fricatives and affricates.

A waveform comparison shows that the acoustic
characteristics of the coded speech—related to the poor
intelligibility scores for the hardware coder—involve
both rise-time and duration distortions. The major cause
of these problematic acoustic characteristics was that
low energy was being further rounded down by the hard-
ware coder. Because of these analyses, more precision
was provided for encoding low energy, and identification

AT&T TECHNICAL JOURNAL « SEPTEMBER/OCTOBER 1989

23



24

Figure 4. Acoustic
analysis of sustention
errors for the word
shoes.
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accuracy improved. During the 13-month development
period over which these analyses were used, overall DRT
intelligibility scores went from 88.8 percent correct to 92.1
percent correct, an increase of over four standard errors.
The result of these efforts was that AT&T’s pro-
duct was recognized by the government for its high voice
quality and intelligibility, and its new 4.8 kb/s Code-
Excited Linear Prediction (CELP) coder was adopted as
a new government standard. Figure 5 illustrates the
improvements in voice quality from STU-II, the govern-
ment’s previous secure telephone, to the initial 2.4- and
4.8kb/s coders used in it’s successor, STU-III, and
finally to a 4.8 kb/s algorithm that will soon be intro-
duced. The effective maximum achievable quality score
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is shown by a dashed horizontal line at the top of the fig-
ure; this score was for uncoded speech with the same
bandpass as the telephone network.

Text-to-Speech Synthesis

Textto-speech (TTS) technology permits com-
munication from computer to human by allowing the
computer to generate human-like speech directly from
stored text. Terminal-based uses for TTS include:
= Warning and alarm systems
= Speech-emulating terminals and training devices
= Proofreading
= Talking aids for the vocally handicapped
= Reading aids for the blind.



Audiotext services allow users to retrieve information

from public or private databases using a telephone as a

terminal. The information may include:

= Names and addresses from a telephone directory

= Financial accounts

= Stock quotations

= Weather reports

= Reservations

= Sales orders and inventory information

= Locations of commercial dealers.

While some of this information could be provided using

stored human speech, T'TS systems are appropriate

when services access a large or frequently changing

database. T TS reduces storage needs from 64 kb/s for

stored speech to a few hundred bits for an equivalent

text sentence. Maintaining the database is also simpli-

fied, because only the textual data must be updated.

Text-to-Speech Technology. A TTS system consists

of several subcomponents that perform different func-

tions. These include:

= Text normalization. Identifying sentence boundaries,
and expanding conventional abbreviations. For exam-
ple, St. — Saint or Street, and translating nonalpha-
betic characters into an appropriate pronounceable
form (e.g., $1234.56 — one thousand, two hundred
thirtyfour dollars and fifty-six cents).

= Syntactic analysis. Parsing the text to categorize parts
of speech (e.g., noun, verb, adjective).

= Letter-to-phoneme conversion and lexical stress assign-
ment. Mapping orthographic characters into the
appropriate phonemes (i.e., strings of abstract sound
units) and associated stress markers using a diction-
ary and letter-to-sound rules. Orthography refers to the
standard spelling of words with regular alphabetic
characters. For example, the orthographic string g is
translated to the phoneme /f/ in tough, the phoneme
/g/ in ghost, and is silent in though. In an example of
stress assignment, record has primary stress on the
first syllable if it’s a noun, but on the second syllable if
it's a verb.

= Determination of prosody. Assigning the timing and
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Figure 5. Voice quality (DAM) scores for low-bit-rate coders
used for secure voice terminal.

intonation (the pitch changes) necessary for an intelli-
gible and natural-sounding utterance.
= Speech synthesis. Conversion of a mathematical speech
representation (such as vocal tract resonance patterns
or linear predictive coding) into an audible utterance.
Behavioral Science Research from AT&T Bell Laboratories.
The goal of research and development in TTS is to gen-
erate intelligible and natural sounding synthetic speech.
We will discuss recent linguistic and psychological con-
tributions that behavioral scientists at AT&T Bell Labora-
tories have made to improve the prosody (i.e., intonation
and timing) of TTS systems. These contributions have
been developed from the following sources:
= Acoustic analyses of natural speech produced by
humans. Hypotheses are then formulated about the
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basic units and rules that determine the observed
acoustic variations.

= Perceptual evaluations that test hypotheses about acous-
tic variations. These evaluations measure listener
judgments about synthetic speech generated by com-
peting rule systems.

improvements in TTS prosody rules. Without prosodic
rules for intonation and time, both the quality and intelli-
gibility of synthetic speech would be impaired. Synthetic
speech would lack fluency and be monotonic, jerky and
difficult to understand. An intonation contour is the
underlying pitch pattern of the fundamental frequency
(F0) that occurs over time in speech phrases. The into-
nation contour distinguishes statements (falling intona-
tion confours) from questions (rising contours). It often
conveys information about syntactic structure, discourse
structure, and the speaker’s attitude. Figure 6 illustrates
an intonation contour for the spoken sentence In Novem-
ber, the region’s weather was unusually dry.

A theory of intonational structure by computa-
tional linguist Janet B. Pierrehumbert and her col-
leagues®® provides an elegant and efficient means to
achieve a variety of natural-sounding intonation contours.
Pierrehumbert theorizes that intonation contours are
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composed of only two types of target tones, high (H) and
low (L). These can be organized into many acceptable
linear tonal sequences according to a grammar. Figure 7
shows a synthetic intonation contour generated by an
experimental T'TS system using these rules. The same
sentence, depending on the intended meaning, could
also be given other intonational structures. For example,
when the phrase In November is given a rise-fall-rise into-
nation contour composed of a sequence of low-high-low-
high abstract tones, listeners tend to interpret the sen-
tence to mean In November [as opposed to some other
time], the region’s weather was unusually dry. AT&T’s
experimental T'TS intonation rules strive for an accept-

. able, somewhat neutral, intonation for unrestricted text,

because text is often ambiguous. However, when the
text’s intent is known, as in an announcement for a spe-
cific application, the intonation contour may be readily
tailored for maximum naturalness and effectiveness.
Hirschberg and Pierrehumbert? and Silverman!®
have shown that variation in the intonational variables of
pitch range (a specified range of F0 values) and final
lowering are important in conveying discourse structure.
An increase in pitch range marks the introduction of a
new topic of discourse, analogous to a textual paragraph.



Figure 7. Synthetic
version of the FO con-
tour in Figure 6. The
dashed lines indicate
the current FO range
at each point in time.
FO targets and thelr
alignment with the
text are indicated by
decimal numbers,
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In final lowering—another type of local pitch range varia-
tion—the pitch range is gradually lowered and com-
pressed during the final portion of an utterance. Final
lowering marks the end of a topic or discourse. Synthetic
speech generated by rule from abstract representations
of knowledge, as used in artificial intelligence, can use
intonational variables to organize discourse and convey
information more effectively and naturally.

Studies and models of segmental durations are
currently being used to improve TTS timing rules.
These contribute to both intelligibility and speech qual-
ity. Gopal and Syrdal'! and Van Santen!? have analyzed
natural speech to find better mathematical descriptions
of rule systems that determine phoneme durations. Syr-
dal’3 developed a new TTS duration rule system using
some of these results. In perceptual evaluations, this rule
system was preferred over the previous rules about 80
percent of the time. It also was slightly preferred over
synthetic versions that had durations equivalent to those
observed in the same utterances spoken naturally.

Automatic Speech Recoghnition
Human-to-computer voice communication using
automatic speech recognition (ASR)! can serve several

which are interpreted
as a proportion of the
way from the bottom
to the top of the FO
range.

I | |
0.8 0.8 1.0

functions.

= It can reduce the need for human attendants in
uncomplicated interactions by substituting speech
recognition devices.

= It can expand a user’s control options when they are
limited by the available input device (e.g., handset and
keypad).

= It can eliminate manual control for a device.
ASR Technology. Automatic speech recognition
devices can be categorized by three major dimensions
that affect the user interface: training, vocabulary size,
and connectedness of speech.
= Training. Most commercial ASR devices must be
trained by collecting samples of speech. Speaker-
dependent devices are trained by each individual who
will use the system. Speaker-independent devices may
be trained during development, using a broad sample
of speakers’ voices, or are developed using empirically
derived models of speech

= Vocabulary. Most ASR devices recognize a constramed
set of words or utterances. For the more technically
difficult speaker-independent systems, accurate recog-
nition (>95 percent) can only be done today for small
sets of words (2 to 50) that are phonetically distinct.
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For speaker-dependent systems, vocabularies may
range into the thousands. This is especially true if the
application has a syntax that further constrains the
word possibilities at any point in the transaction.

= Speech connectedness. ASR devices vary in their ability
to detect and recognize continuous human speech.
The simplest recognizers, isolated word systems,
require that each utterance—either a single word or
short phrase—be spoken in isolation, e.g., with
enough silence on either side of the utterance for the
system to detect start and stop points. More sophisti-
cated devices allow a user to speak connectedly—for
example, by speaking a string of digits, or spelling a
name.

The goal of most ASR research is to allow speak-
ers to use conversational speech without restrictions on
their speed or vocabulary. This places the processing
burden on the device, not the user. However, current
ASR technology is not yet mature. Furthermore, there
are additional constraints on the technology imposed by
the 300-3,200 Hz bandwidth of most telecommunication
networks. Therefore, products must be designed so
users adapt as much as possible to the limitations of the
technology. For example, if the ASR device expects iso-
lated word input during a brief fixed interval, instructions
must be designed to elicit that type of speech from users,
even though their natural tendency is to speak in
phrases. Human factors studies for trials of automated
call-classification services illustrate how appropriate
instructions can be designed and tested, and how dif-
ferent needs and limitations must be considered when
designing a service.

Automating Call Classification with ASR. Many types
of special billing (i.e., 0+) calls—collect, person-to-
person, person-collect, bill-to-third number, and calling
card—require operator assistance during call setup.
However, if the desired call type can be classified by an
ASR device, operator intervention is required only if the
call is answered. Such an automated operator feature
would require 0+ callers to be prompted by a recorded

announcement to speak one of several key words, and to
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do so with only a single keyword at the appropriate time.

Before a 1987 field trial of this service using pro-
totype ASR equipment, human factors studies were con-
ducted by Gellman and Whitten!® to select an appropri-
ate announcement wording that would elicit the correct
speech from callers.

To measure callers’ responses to an automated
operator, a complete simulation system was constructed,
including a simulated telephone network, live attendants
to act as ASR devices, and an announcement capability.
Experimental subjects were told only that they would be
evaluating a new (fictitious) telephone information ser-
vice. They were instructed to place an operator-assisted
long-distance call to reach the attendant-based service.
They encountered one set of automatic operator proto-
cols simulated on the artificial network. For example,
when dialing a collect call, the subject heard an announce-
ment similar to—At the tone, please say collect, calling
card, third number, person, or operator—followed by a
beep. The subject would respond appropriately by speak-
ing only the single menu item requested within a few
seconds after the prompt. The subject’s recorded
responses to the automated operator tested the experi-
mental hypotheses about how best to cue people on
when and how to speak, and about how much learning
took place as subjects used the service repeatedly.

To test for cueing when to talk, three announce-
ment conditions were constructed, using either of two
prompt phrases, and one of three cueing methods. Table
1 lists the three announcement types and the percentage
of correct responses. The af the tone condition (prior
warning plus tone at the end of the prompt) was signifi-
cantly better at eliciting appropriate behavior. There was
no difference between the two phrases, nor were there
significant interactions between prompt and cueing
method. To test for learning effect, subjects made three
operator-assisted calls to the fictitious service. A dra-
matic learning effect was observed. Across all prompting
conditions and call types, 58 percent of the subjects suc-
ceeded on the first trial, 72 percent on the second, and 74
percent on the third. This showed that a reprompt proce-



Table I. Percent Correct Responses in Responding to ACTR
Cueing Methods

Initial Prompt-Menu—"“Now” 65%
(i.e., Please say collect, calling card,
third number, person, or operator—Now)

dure following an erroneous response would aid signifi-
cantly in eliciting the correct response.

The results of this experiment were incorporated
into an operator services field trial of the automated
operator. While the results of the field trial were prom-
ising, the callers’ interaction with the system clearly
needed improvement. By using the pre-tested prompt-
ing announcements, about 63 percent of the callers
responded appropriately with an isolated keyword in
their first attempt during a session. The remaining 37
percent of the callers added extraneous utterances (e.g.,
please or uhh) or paraphrased the keywords (e.g., saying
reverse the charges instead of collect) or said nothing.
When reprompted, nearly 60 percent responded with an
isolated menu item. Results such as these show the need
for continued ASR algorithm development, and, more
generally, for the need to adapt technology to human
performance and social convention. For example, larger
vocabularies are needed for synonym recognition and
acceptance. Algorithms will also be needed to recognize
key words embedded in longer utterances—as described
by Bossemeyer et al.'6—and refinements need to be
made to the human-to-computer speech transaction.

Conclusion

Recent developments in speech processing tech-
nologies have improved basic telephone service by pro-
viding more efficient and secure speech transmission.
They also have permitted human-computer dialogues
where computers produce speech from stored text, or
recognize and interpret human speech. Because the tele-
communication network supports important business
and social activities, each new product and service must
be introduced with attention to network quality and
integrity. ,

An important criterion of quality is user accep-
tance. Does the speech sound natural and intelligible?
Does the service design aid the user’s ability to under-
stand a spoken message and respond appropriately? As
with all services and products, speech applications must
be sensitive to the user’s expectations, physiological and

Initial Prompt-Menu—*“Tone” 58%
(i.e., Please say collect, calling card,
third number, person, or operator—Beep)

“At The Tone"—Initial Prompt-Menu—"“Tone” 79%
(i.e., At the tone, please say collect, calling card,
third number, person, or operator—Beep)

cognitive limitations, and social constraints. Because ser-
vices automated with speech technologies extend human
voice communication, designers must recognize that
users have well-formed—and not easily modified—
expectations about speech transactions. Thus, develop-
ing, evaluating, and adapting technology to human
expectations and needs must be an intrinsic part of the
product life cycle, from basic research to the mainte-
nance of mature products and services.

This paper has reviewed several contributions of
behavioral scientists in developing telecommunications
services using speech technology. In human-to-human
communication, speech technology is used to transmit or
reproduce voice input as accurately as possible. We have
focused on describing the contributions of human factors
specialists in evaluating the quality of the processed
speech and improving the transmission technologies. In
computer-to-human and human-to-computer communica-
tion, text-to-speech synthesis and automatic speech-
recognition technologies must translate a message from
one modality to another, from ASCII text to speech, or
vice versa. From a human factors perspective, the trans-
lation algorithm must emulate some aspect of human
behavior, so its behavior is natural and rational to users.
With text-to-speech synthesis, we focused on how
linguists and psychologists have made theoretical and
empirical contributions to the development of the tech-
nology. And with ASR, we focused on how human factors
specialists determine how best to adapt human behavior
to the limitations of a still maturing technology.

The combined efforts of behavioral scientists,
speech technologists, and product developers, can meet
the challenge of harnessing computers to enhance
human communication and information transfer. Just as
computers have made possible revolutionary advances in
speech processing, so speech processing technology
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may someday revolutionize how people communicate
with computers.
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