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PREFACE 

This report is part of a Rand study of "Voice Data Processing Capabilities 
Applied to Defense Requirements." The project is designed to augment the current 
speech understanding research (SUR) of other Defense Advanced Research Projects 
Agency contractors by investigating applications of this research to military sys- 
tems. Among the various components of the project are: 

• Analysis of the nature of speech as a man/computer interface. 
• Identification of military man/computer interfaces where the use of speech is 

operationally attractive. 
• Study of the acoustic signal processing aspects of speech understanding sys- 

tems. 
• Study of the natural language and linguistics aspects of speech understanding 

systems. 

This report focuses on the acoustic signal processing component and, more 
specifically, considers various speech and signal processing techniques that affect 
the eventual configurations of speech understanding systems for various military 
applications. The specific applications themselves will be the topic of a subsequent 
report. 

It is assumed that the readers of this report are already familiar with the bases 
of SUR. 

The Information Processing Techniques branch of ARPA should find this report 
especially useful in its larger study of computer speech understanding. 

in 
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SUMMARY 

The purpose of this report is to explore the role of acoustic level signal process- 
ing in speech understanding research (SUR), particularly as practiced outside of the 
SUR community. The acoustic level processing in speech understanding systems 
(SUSsI might be considered to consist of three not necessarily distinct steps: (1) the 
initial preprocessing of the original analog signal or its digitized form using the basic 
techniques, such as amplitude compression, preemphasis, simple frequency domain 
filtering, etc.; (2) analysis of preprocessed signals using fast Fourier transformations 
(FFTs), digital filtering, etc., and (3) parameterizing the analyzed signal in terms of 
phoneme-sized chunks using such techniques as formants, distinctive features, auto- 
correlation coefficients, etc. 

Problems in acoustic processing include environmental noise (i.e., any type of 
signal in the amplitude and frequency range of the speaker's voice, including other 
speakers) and transducer limitations. These are included in the discussion of Sec. 
V. The problems having to do with the parameterization of the raw acoustic signal 
arise both (1) in determining an appropriate parameterization technique with a 
reasonably low data rate and reasonably good representation of the information 
content of the utterance, and (2) in properly correcting for the wide variability in 
that representation for the effects of phonetic, syntactic, and semantic contexts. 

The voice analysis/synthesis systems discussed in this report are generally low 
data-rate cigital systems with a high coding level. The choice of the appropriate 
voice coding technique for SUSs or, for that matter, any application, obviously 
depends on many things. It depends on whether the system is to be all digital or 
whether a mixture of analog and digital information is to be transmitted and proc- 
essed. It depends on whether the system is to be single channel or multichannel or 
whether the processing is parallel or serial, etc. Digital systems are convenient 
because they lend themselves to digital regeneration, wireline transmission, and 
forward error control techniques. On the other hand, modems for wireline and 
forward error control involve additional cost, while analog transmission systems are 
cost-effective and economical of space, weight, and power. Furthermore, analog 
systems do not exhibit the thresholding effect peculiar to digital systems, and their 
reliability is inherently higher because of their basic simplicity of design. Limita- 
tions imposed on analog systems include their incompatability with the higher order 
processing of SUSs and their mability to regenerate. 

In the SUS application, the question is not which voice coding technique is most 
appropriate for the synthesis of high quality speech, but how to extract meaningful 
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parameters from the acoustic signal. It is well known that the concept of acoustically 
invariant parameters of speech is not an easy one with which to work, but some sort 
of parameterization must be implemented even though the higher level processing 
might make that specific choice a noncritical one. The acoustic analysis technique 
must also be compatible with a reasonable amount of digital processing. A wide 
dynamic range and a high sampling rate (with a corresponding minimized amount 
of coding) might make the determination of acoustic parameters easier, but probably 
at the cost of an intolerable amount of acoustic processing and, more importantly, 
with no improvement in the basic SUS task. 

The various SUS workers seem to be using linear-predictive-coding (LPC) tech- 
niques and formant tracking at the SUS front end. Some of the speech workers 
outside the community seem to be following this trend (e.g.. National Security 
Agency, Bell Telephone Laboratories) while others seem to be taking other appro- 
aches (e.g., Texas Instruments, various Japanese worKers). 

It would seem that many of the problems at the acoustic front end of the SUS 
are under control. The transducer, while still a concern, will eventually be fairly 
flexible (e.g., Texas Instruments' use of the telephone in its recognition scheme). 
Noise will always cause some problems (e.g., crosstalk on a telephone line), but most 
of these can be handled with a mixture of sophisti ;ated acoustic processing and 
further higher level processing. Progress is being made in segmentation, but this 
will remain a prime source of difficulty. The use of prosodic features is widening in 
SUSs as witnessed by the advances in that area being made by some of the ARPA 
contractors. Speaker variability and speaker-to-speaker variations do remain a prob- 
lem. The processing, memory, and cost constraints of the acoustic processing and, 
indeed, the SUS, will be more fully addressed in subsequent reports. 
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I.   INTRODUCTION 

The concept of speech analysis used in its broadest sense includes such things 
as high fidelity speech digitization, speaker verification, speech understanding, 
speech transcription, etc. This report deals with only two of these components of the 
broad area of speech analysis. The first might be called acoustic signal analysis and 
the second, speech recognition. 

ACOUSTIC SIGNAL ANALYSIS 

Acoustic signal analysis includes bandwidth compression techniques such as 
vocoders, amplitude limiters, frequency limiters, etc., as well as those techniques 
that extract various acoustic parameters for further analysis. These are not recogni- 
tion techniques but only allow for the transmission of sufficient verbal clues to 
permit a human listener to piece together the linguistic content of the utterance. 
They depend exclusively on the acoustic properties of speech and make no use 
whatever of the linguistic properties of the utterance. Speech bandwidth compres- 
sion is of interest in this study for two reasons—speech bandwidth compression 
systems form the basis of the speech understanding system's (SUS's) front end and 
much of the early work in acoustic signal processing was concerned with speech 
bandwidth compression systems of one sort or another. 

SPEECH RECOGNITION SYSTEMS 

The essential goal of computer-based speech recognition systems, and more 
particularly SUS, is that of avoiding the necessity of involving a perceptive human 
in the loop. This often requires a computer analysis of both the acoustic content as 
well as some of the higher level linguistic information of the utterance. 

Through the mid-fifties, the efforts to build speech recognition machines dealt 
almost exclusively with the acoustic properties of input signals and corresponding 
signal analyses. Use was made of formant tracking and spectral pattern comparison 
as well as rudimentary binary decision methods. From the mid-fifties to the mid- 
sixties, attempts were also made to tackle the segmentation problem. Subsequently, 
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the linguistic aspect of the problem received more attention. Research since the 
mid-sixties has emphasized both the incorporation of linguistic information into the 
speech recognition matrix and the continued concern with acoustic signal process- 
ing. There has been a continued interest in the articulatoiy and the perception 
processes as well as an interest h the acoustic signal processing techniques. 

The purpose of this report is, basically, to explore the role of acoustic level signal 
processing in speech understanding research (SURl, particularly as piacticed out- 
side of the SUE community. Section II discusses in general terms the reasons behind 
the interest in speech signal processing. Section III considers various approaches to 
the parameterization of the speech analysis/synthesis process in some detail with 
a strong leaning toward the highly coded systems. Section IV considers speech 
synthesis approaches and speaking machines, but only insofar as they affect the 
speech understanding problem. The coordination of speech signal processing with 
higher level processing in SUSs is the subject of Sec. V. 
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II.   WHY THE INTEREST IN SPEECH SIGNAL 
PROCESSING? 

There are many reasons why people are interested in speech signal processing. 
The physiologist and the psychologist are interested in the mechanisms of the vocal 
and the auditory systems, the biological signal processing in speech formulation, and 
auditory perception. The clinical physician is interested in the pathological clues 
that speech signal analysis promises to provide. The linguist needs to understand 
the building blocks of human communication. The communication engineer wants 
to process and transmit speech efficiently and inexpensively. Additionally, the intel- 
ligence engineer is concerned with the security of speech communications. The 
military engineer wants to use speech where it can do a given job better or allow 
a new kind of job to be done. Finally, the commercial engineer would just like to use 
speech where it makes economic sense. Thus, speech signal processing is multi- 
disciplined in outlook and multi-goal oriented in application. ARPA's interest in 
speech understanding that is oriented toward the accomplishment of a task reflects 
the multi-disciplined approach. 

Identifying the properties of the acoustic signal and processing it are necessari- 
ly a part of any SUS. A large part of the knowledge in acoustic signal processing is 
rooted in the analysis/synthesis schemes developed for speech communication sys- 
tems. Section III considers this analysis/synthesis area in some detail and tries to 
relate it to acoustic parameterization in the SUS. Before looking at some of the 
specific methods of speech analysis/synthesis, it would be instructive for the sake 
of perspective to outline the hierarchy of coding schemes for speech. The lowest level 
coding is listed first with progression thrc ugh various digital schemes [1] to the most 
highly coded technique. The progression of coding sophistication is as follows: 

• Band-limited speech—sampling schemes such as pulse amplitude modulation 
(PAM). 

• Dynamic-range-limited speech—amplitude quantization such as pulse code 
modulation (PCM) and delta modulation. 

• Speech where quantization noise depends on step size—logarithmic signal com- 
pression such as nonlinear PCM. 

• Speech in which pauses in the speech waveform are not transmitted. 
• Speech where use is made of the fact that the information parameters of the 

speech signal vary much more slowly than the signal itself—predictive coding 
at various levels from adaptive delta modulation to more sophisticated predic- 
tive coding. 
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Through the techniques listed so far, the required transmission channel capacity 
can be reduced by 75 to 90 percent from an uncoded signal. In practice, narrow-band 
voice communication has been constrained by a maximum data rate of 2.4 kbit/s 
because of the capability of available modems. The following low bit-rate techniques 
are relatively complex in implementation, and they generally provide only marginal 
voice quality: 

• Description of the signal by a set of orthogonal functions (such as Walsh func- 
tions or Laguerre polynomials). These are used in various kinds of vocoders. 

• Normalization and classification of the vocoder signals—these are pattern- 
matching or formant vocoders. 

• Derivation of a phonetic transcription deleting a speaker description. 

In an actual speech communication system, the choice of coding technique obvious- 
ly depends on the specific application, the quality of speech desired, the transmission 
requirements, the user preference, and the hardware requirements. In an SUS, the 
acoustic processing characteristics of interest include, for example, the background 
noise, bandwidth, and dynamic range. The segmentation method and prosodic fea- 
ture considerations are also of considerable importance. 

The acoustic level processing in an SUS might be considered to consist of three 
not necessarily distinct steps: (1) the initial preprocessing of the original analog 
signal or its digitized form using basic techniques such as amplitude compression, 
pre-emphasis, simple frequency domain filtering, etc.; (2) analysis of preprocessed 
signals using FFTs, digital filtering, etc., and (3) parameterizing the analyzed signal 
in terms of phoneme-sized chunks using such techniques as measuring formants, 
distinctive features, autocorrelation coefficients, etc. 

Problems in acoustic processing include environmental noise (i.e., any type of 
signal in the amplitude and frequency range of the speaker's voice including other 
speakers) and transducer limitations. These are included in the discussion of Sec. 
V. The problems having to do with the parameterization of the raw acoustic signal 
arise both (1) in determining an appropriate parameterization technique with a 
reasonably low data rate and reasonably good representation of the informational 
content of the utterance, and (2) in properly correcting for the wide variability in 4^, 
that representation for the effects of phonetic, syntactic, and semantic contexts. This 
brings us directly to Sec. Ill, which, in part, discusses some of the parameterization 
techniques. 
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III.   SPEECH ANALYSIS/SYNTHESIS APPROACHES 

The parameterization process is an information-reducing transformation of the 
raw speech signal. The objectives of this transformation are, first, to reduce the 
information rate of the input signal and, secondly, to facilitate the recognition of 
phonetic features and to decode the phonological rules of speech production. A 
number of parameterizations are currently in use by the ARPA contractors for SUS 
purposes and others for speech recognition purposes. Still other parameterizations 
that have been developed in part for vocoder use are not being pursued in speech 
understanding or speech recognition work, but conceivably might be. In this section, 
consideration will be given to some of the parameterization techniques. The prob- 
lems associated with the parametric variability from segmental, syntactic, and 
semantic context; prosodic features; and speaker characteristics are not covered in 
this section, but are discussed in Sec. V. 

Some of the coding techniques used in the acoustic analysis and synthesis of the 
speech waveform rely on a very basic model of speech production that considers the 
vocal tract as a variable-shaped tube terminated at one end by the vocal chords and 
at the other end by the nose and mouth. The driving force for this system is a 
sustained air pressure wave generated by the lungs. Voiced sounds are produced by 
exciting the vocal tract with quasi-periodic pulses of air pressure generated by the 
lungs and modified by the vibrations of the vocal chords. Schematically (see Fig. 1), 
the production of voiced sounds is represented by an impulse-train generator at the 
pitch period. The vocal tract, which changes shape throughout as well as constrict- 
ing severely at various points, acts as a time-varying filter for the vocal tract excita- 
tion function. For the production of unvoiced sounds, the vocal tract filter is excited 
by a uniform random number generator instead of the impulse-train generator. A 
number of the coding techniques described below make use of this simple model as 
representative of the speech process by simply estimating the parameters of the 
model from the speech waveform. 

CHANNEL VOCODER 

One of the oldest methods' for speech analysis/synthesis uses the short-time 
spectrum of the acoustic signal, recognizing that speech perception is, to a large 

r ' ^litihc0Uguh thue conventional channel vocoder acoustic analysis scheme is not used in the front end 
ol an hUb, the short-time spectrum is important in acoustic analysis. The shortcomings and various 
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degree, dependent on preservation of the shape of the short-time amplitude spec- 
trum. The short-time spectrum is a particular parameterizatit c'the time-varying 
filter representation of the vocal tract. The spectral envelope at any given time is 
typically represented by 5 to 20 samples along the frequency axis. The excitation 
information is contained in parameters that measure the absence or presence of 
voicing and, if present, its pitch. A block diagram of the basic channel vocoder 
configuration, both analyzer and synthesizer, is shown in Fig, 2. The channel vocoder 
thus describes speech by two parameters. The first, called excitation, characterizes 
the excitation of the vocal tract as being voiced or unvoiced and, if voiced, measures 
its pitch. The second parameter is concerned with the characterization, in particu- 
lar, with specification of the short-time amplitude spectrum, of the structure of the 
vocal tract. The channel vocoder is a fairly efficient data-compression device. For 
example, at a sampling rate of 40 samples per second with 3 bits per sample on each 
of 14 spectrum channels and 6 bits per sample for the pitch signal, the analyzer 
output corresponds to a bit rate of 40(14 -3(6) 1920 bit/s. Transmitting a 
digitized version of the original speech signal at, say, 7 bits per sample with 7000 
samples per second corresponds to a 49,000-bit/s rate—a 25 to 1 reduction. The voice 
quality of such a channel vocoder, however, is poor with the reconstituted speech 
sounding unnatural. 

Over the past 30 years, the channel vocoder has been repeatedly modified: The 
number of filters, their spacing, their selectivity, their overlap, their bandwidths, 
etc., have all been varied, and various techniques for the voiced-unvoiced detection 
and pitch extraction have been tried. In the more successful versions of the channel 
vocoder, speech intelligibility is fairly high, but there is invariably a degradation of 
speech naturalness and quality. Several factors seem to be responsible for this. One 
is that voiced-unvoiced discriminations are not always made accurately. This is 
partly because the actual concept of voicing is not as simple as the model makes it 
appear, oartly because the electronic measure of voicing does not always reflect 
physiological voicing, and partly because the synthesizing pulse source waveform 
and phase do not reflect the details of the physiological voicing. Another factor 
behind the channel vocoder's inadequacy is the measurement of pitch: The temporal 
variation of pitch may not be followed or tracked accurately enough, or the pitch 
may often be measured incorrectly. Other sources of error include inadequate reso- 
lution of the spectral analysis and loss of phase information in determining the 
spectral power density. Finally, the amplitude dynamic range of the acoustic signal 
itself is often quite large so that practical rectifiers and amplifiers might provide 
inadequate coverage. 

Many of these shortcomings have been overcome to some extent in practical 
channel vocoders. The excitation problem, however, is inherent in the very nature 
of the channel vocoder so that attempts to overcome that limitation have been via 
other types of vocoder techniques (e.g., cepstral techniques, voice-excitation, etc.). 
The problems of the time-varying filter parameterizations of the channel vocoder 
configuration have been attacked via normalization of channel signals, the dynamic 
range problem via higher resolution in particularly sensitive spectral regions, etc. 

The channel vocoder is characterized by reasonably high intelligibility, but 
displays poor speaker recognition and relatively p"or quality. The low quality and 

improvements do have enough direct applicability to SUSs to warrant a fairly complete discussion of the 
channel vocoder and a few of its successors. 
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poor speaker recognition of the channel vocoder have limited its utility. At 2400 
bit/s, the channel vocoder can interface with a large number of readily available 
wireline modems and can be operated over conventional telephone channels. Cur- 
rent versions of the digitized channel vocoder occupy about 700 in.3, weigh approxi- 
mately 30 lb, and draw 25 to 30 W. 

Improvements ofthe conventional channel vocoder have been accomplished by 
all-digital N-ersions. One from Lincoln Laboratory |4| uses the discrete Fourier trans- 
form technique and incorporates an improved pitch extractor. The improvement in 
this version's quality can be attributed directly to the use of an improved pitch 
extraction technique that is a modification ofthe pitch extraction approach devel- 
oped by Gold of Lincoln Laboratory [5]. The key to high quality, low data-rate 
vocoders seems to be the accuracy with which pitch can be extracted. Accurate pitch 
extraction, however, can result in a costly implementation. The Lincoln Laborato- 
ry's modified pitch extractor is economic and also performs as well for female 
speakers or for male pitch frequencies exceeding the normal limits (as might occur 
under a high stress condition) as for males with normal pitch frequencies. To achieve 
a data output rate of 2400 bit/s (for modem compatibility!, some data compression 
is needed if, say, 32 vocoder channels, each of which is sampled 50 times a second, 
are to be transmitted within the 2400-bit/s design data rate. The reduction in data 
rate is brought about, in part, by making use ofthe fact that the spectral measure- 
ments between adjacent filters are highly correlated and, in part, by the fact that 
at the higher frequencies less discrimination is required by the listener. Further- 
more, the ear responds approximately logarithmically to sound intensity. Based on 
these characteristics, grouping the higher frequency channels and using the Hada- 
mard matrix transformation of the lower 16 frequency channels permits the re- 
quired data reduction. The net result of these encoding techniques permits the 
spectrum to be described by a 32-bit word that, when added to an 8-bit description 
for pitch and an 8-bit description for other excitation parameters, forms a 48-bit 
word transmitted every 20 ms producing a 2400-bit/s data rate. 

VOICE-EXCITED VOCODER 

The voice-excited vocoder [6] offers a basic improvement over the channel vocod- 
er. Like the channel vocoder, the voice-excited vocoder performs a spectrum analysis 
ofthe speech by means of a contiguous filter bank. Unlike the channel vocoder, the 
voice-excited vocoder does not extract the pitch or a waveform that is proportional 
to pitch. Rather, in a representative trial device, a selected baseband between 100 
and 700 Hz is A/D converted in the analyzer with a bit description equivalent to 4-bit 
PCM and transmitted to the synthesizer along with the spectrum channel informa- 
tion and the voiced-unvoiced decision. The reconstructed voice baseband is used in 
the synthesizer to excite the synthesis filter bank. As a result ofthe voice excitation 
requirement, data rates in the range of 7.2 to 9.6 kbit/s are necessary to transmit 
the digitized voice, and as a result, the voice-excited vocoder requires wireline 
modems operating at rates up to 9.6 kbit/s, which are expensive and require condi- 
tioned data lines. 

Bell Telephone Laboratories [7] successfully demonstrated the feasibility of a 
digitized voice-excited vocoder that operates at 4.8 kbit/s. This relatively low data 
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rate was obtained through processing of the excitation band by one of two means— 
bandpass sampling or harmonic compression. In the first approach, a straightfor- 
ward bandpass sampling technique minimized the number of bits required to de- 
scribe the excitation band—a band from 187 to 562 Hz was used. This bandpass 
sampling approach resulted in an overall 3000-bit/s description for the excitation 
band and 1800 bit/s for the spectral channels. Bandpass sampling allows for minimi- 
zation of the number of samples per second required to describe a bandpass process 
and eliminates the need for translating prior to sampling. In the second approach, 
harmonic compression was used to first reduce the bandwidth of the voice excitation 
prior to digital encoding. This technique also resulted in a 3000-bit/s description of 
the voice excitation band, but it required a multitude of narrow-band filters followed 
by harmonic compression to bring about the bandwidth reduction prior to sampling. 
For this reason, the harmonic compression technique was prohibitively complex, 
and the bandpass sampling approach was thought to show more promise. Using 
either bandpass sampling or harmonic compression, vocoder performance at 4.8 
kbit/s was of a quality rivaling that of a voice-excited vocoder operating at 7.2 kbit/s. 
The 4.8-kHz data rate of the voice-excited vocoder is compatible with conventional 
wireline modems for conditioned lines, although the modem costs are relatively 
expensive. 

PHASE VOCODER 

Bell Telphone Laboratories [8] has developed another type of vocoder that is 
capable of high quality speech synthesis. This vocoder is the phase vocoder. Unlike 
the voii excited vocoder, which relies on channel vocoder technology coupled with 
voice exJtation to effect a high quality voice system, the phase vocoder utilizes 
amplitude and phase derivative information from the short-time spectrum to syn- 
thesize speech. The system offers a basic bandwidth reduction of approximately two 
to one with the analysis portion of the vocoder being relatively complex compared 
to the synthesis portion. If the number of analysis channels is large, the phase 
signals contain mostly information about the excitation. The amplitude signals, on 
the other hand, depend on the vocal tract transmission properties and the source 
spectrum. 

In addition to its improved transmission efficiency, the phase vocoder offers 
some flexibility in manipulating the basic speech parameters. The frequency range 
of the signal can be expanded or compressed without affecting the time scale. The 
time scale as well can be compressed or expanded without affecting the frequency 
range. 

Carlson has estimated [9] that an all-digital phase vocoder can be implemented 
with a data rate in the range 7.2 to 9.6 kbit/s. The major simplifications suggested 
to lower the high cost of the phase vocoder were the use of nonuniform filters in a 
reduced configuration size (30 to 8 filters). 

With the completion of the discussion of the conventional channel vocoder and 
two of its derivative techniques, the discussion can turn to vocoder and parameteri- 
zation techniques that are currently more in vogue for SUS and speech recognition 
front ends. 
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FORM ANT TRACKING VOCODERS 

Adjacent values of the short-time amplitude spectrum are fairly well correlat- 
ed, A coding of the vocal tract response in terms of the complex poles and zeroes of 
the vocal mode pattern is a fairly efficient specification of the amplitude spectrum. 
The spectral envelopes of many speech sounds are characterized by several promi- 
nent maxima that represent the resonances of the vocal tract. There are often three 
so-called "formants" below 3000 Hz in much of adult speech. The practicality of 
formant vocoders depends on how well these formants can be derived, how well their 
temporal variation can be followed or tracked, and how well the associated tuned 
resonant synthesizer circuits collectively reproduce the vocal mode pattern. In addi- 
tion, just as in the channel vocoder, excitation information must also be provided. 
A block diagram of the basic formant tracking vocoder is shown in Fig. 3. The 
determination of the formant frequencies, their relative strengths (F, and A,, respec- 
tively, in Fig. 3), and their temporal variation has been a major problem in the 
development of formant vocoders. The most J^rect measurement procedure, band- 
pass filtering the spectral signal for each of the formants, has not worked well 
because of the considerable spectral overlap of the various formants and because of 
their often rapid changes. 

An "analysis by synthesis" approach [10] has shown limited success. The speech 
signal spectrum is matched by iteration techniques to artificially generated spectra. 
The formant frequencies and bandwidths of the spectrum generator are taken as a 
representation of the speech signal. Other techniques for formant tracking have also 
shown limited success (e.g., progressively subtracting formant envelopes [11] and 
enhancing the formant resolution by narrow-band analysis along a contour passing 
close to the poles [12]). Of recent interest to both formant vocoders and to parameter- 
ization for the SUS is the use of linear predict've coding for formant tracking. This 
will be discussed later in this section. 

Several formant vocoders have been implemented. Representative of these, al- 
though not typical of all the others, is the one built by Philco-Ford Corporation [6]. 
While the intent of the design of this vocoder is to provide an analog description of 
the voice signal compatible with 3-kHz bandwidth transmission, it is readily extend- 
able to digital implementation. This particular vocoder extracts the formant ampli- 
tude and frequency information associated with the formants F2 and F;l and trans- 
mits the raw voice signal occupying a bandwidth between 300 and 700 Hz. This is 
unlike most formant vocoders that extract both amplitude and frequency informa- 
tion of the first three formants. It detects pitch and makes a voiced-unvoiced decision 
in the usual manner. In the synthesizer, formants F2 and Fa are excited using the 
pitch information obtained in the analyzer. However, the raw baseband signal occu- 
pying a spectrum from 300 to 700 Hz is allowed to pass through to the output of the 
synthesizer where it is finally mixed with the pitch excited formant outputs F2 and 
F;,. This vocoder does not use the voice excitation band to excite formants F2 and F3 
for it was found through experimentation that improved resuts could be obtained 
by standard pitch excitrifcion of the upper two formants. The required transmission 
rate is about 4.8 kbit/F. In terms of size, weight, power, and complexity, as well as 
quality, formant vocod rs are somewhat better than the channel vocoder and its 
digital equivalent. 
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CEPSTRUM VOCODER 

The cepstrum technique is based on a particular deconvolution of the speech 
waveform that separates the speech excitation function from the vocal-tract impulse 
responses [13,14]. In the following paragraphs, reference is made to Fig. 4, which 
shows a block diagram of a general cepstrum vocoder configuration, and to Fig. 5, 
which shows appropriate waveforms for both voiced and unvoiced speech samples. 
In the cepstrum approach, the Fourier transform of a segment of speech is computed 
first. Next, the logarithm of the magnitude of the Fourier t-ansform is computed. 
From this logarithm vs. frequency plot, two components are visible—a rapidly vary- 
ing periodic component associated with the vocal tract excitation and a slowly 
varying component associated with the vocal tract transmission. To separate these 
components, a standard technique is employed that filters the log spectrum function 
by taking its Fourier transform. This Fourier transform of the log of the spectrum 
(which is now back in the time domain) is called the cepstrum. In the cepstrum plot 
(as a function of timel the rapidly varying periodic portion of the log spectrum shows 
up as a peak at the high end of the plot. The slowly varying component of the log 
spectrum shows up at the lower end of the time axis. To separate the excitation 
function from the vocal tract transmission function, the folk wing procedure is 
followed. A simple truncation of the cepstrum (low-pass filtering), so as not to include 
the cepstral peak, allows one to obtain the log spectrum of the vocal tract function 
(unpolluted by the excitation function) by simply taking the inverse transform of the 
truncated cepstrum. If this sounds complex, it is; but a study of Figs. 4 and 5 should 
serve to clarify it. 

One of the advantages to this approach is that voicing and pitch information is 
easily and accurately obtained from the cepstrum plot. A disadvantage is the large 
amount of processing—two Fourier transforms and a logarithmic calculation are 
required for each speech sample. Voicing is present if there is a cepstral peak at high 
values on the time axis. The corresponding pitch frequency can then be obtained 
from the location of the peak in the cepstral plot. As a bonus, the pitch fundamental 
will show up in the cepstral plot even if only the harmonics and not the fundamental 
are visible in the original spectrum plot. Moreover, a good estimate of the formants 
are obtained by determining the peaks in the smoothed spectrum; these are the vocal 
tract resonances. 

A digital speech analyzer/synthesizer that uses such a cepstrum deconvolution 
to bring about effective speech coding has been described [15]. It was estimated that 
this system can operate in the region 7.2 to 9.6 kbit/s. The computer-simulated voice 
synthesized from this technique is of high quality. Estimates of the hardware re- 
quired for an operational system based on that particular cepstrum and deconvolu- 
tion approach appears to be rather costly. High-speed digital computation would be 
required to bring about a real-time system with the costs of the real-time digital 
processor being quite high compared to other voice coding techniques. 

LTV Electronics Systems [6] has developed an all-digital time domain vocoder 
with quaMty speech production capabilities that operates at 2400 bit/s. Cepstrum 
analysis is used in this analyzer to derive both the power-spectrum information and 
the pitch information required in the synthesizer. Measurements indicate that the 
speech quality is more natural than the convention al channel vocoder. 
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LINEAR PREDICTIVE CODING (LPC) 

The LPC technique as applied to speech processing has received wide attention 
recently. This technique can reduce the redund3ncy in the speech temporal wave- 
form by subtracting from the speech waveform the portion thai can be predicted 
from its past. This technique differs from the vocoders and vocoder-like techniques 
discussed so far in that it does not rely on the rigid parameteriiation of the speech 
signal dictated by a physiologically based model such as that of Fig. 1. 

Instead, it uses a functional model of the speech production mechanism based 
on the linear-prediction representation of the speech wave [16,17] as shown in Fig. 
6. A single recursive (all-pole) filter represents the combined contributions of glottal 
flow, the time-varying vocal tract structure, and the oral radiation. The problem of 
separating the source function from the vocal tract function is entirely avoided. The 
vocal chord excitation for voiced sounds comes from an adjustable amplitude and 
period pulse generator, while the unvoiced excitation comes from a white noise 
source. The linear predictor, P, is a transversal filter with p delays of one sample 
interval each. It forms a weighted sum of the past p samples at the input to the 
predictor. The output of the linear filter at the nth sampling instant is given [16] by 

p 
sn = i aksn  k + 6n   , 

k   i 

where the ak are the predictor coefficients accounting for the combined filtering 
action of the glottal flow, the vocal tract, and the radiation. The 6n represents the 
nth sample of the excitation. The number, p, of coefficients necessary to specify a 
given speech segment is determined by the glottal volume flow function, the reso- 
nances and anti-resonances of the vocal tract in the frequency range of interest, the 
radiation function, and the sampling frequency. For example, at a sampling frequen- 
cy of 10 kHz, p = 12 seems to be adequate [16] in most cases. During the time that 
the vocal tract shape is constant, a complete representation of the speech waveform 
is provided by the predictor coefficients, ak, the pitch period, the root-mean-square 
value of the speech samples, and a voiced-unvoiced indicator. Typically, these 
parameters must be readjusted every 5 to 10 ms. The synthesis procedure is just the 
inverse of the analysis, using a single recursive filter without requiring information 
about individual formants. Listener tests show little perceptible degradation [16,17] 
in the quality of the synthesized speech. 

It is possible to reduce the data rate [16] to about 2400 bit/s without producing 
significant degradation in speech quality. Other speech characteristics and parame- 
terizations are easily obtained from this encoding technique with little additional 
computation, e.g., formant frequencies and bandwidths, the spectral envelope, and 
the autocorrelation function. 

There has been work in applying the concepts of LPC to more conventional 
encoding techniques [17]. For example, differential PCM and adaptive delta modula- 
tion have been extended to lower data rates (e.g., 9600 bit/s) by using linear predic- 
tive techniques. Predictive coding of the channel signals of a cepstral vocoder has 
produced bit-rate reductions from 7800 to 4000 bit/s with little speech degradation 
[18]. Formant tracking using an LPC algorithm has been accomplished by a number 
of researchers, particularly in the SUR community [19]. A brief description of how 
particular ARPA SUR contractors are using this technique in their work follows. 
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Fig. 6—Functional mode! of speech production based on the 
linear prediction representation (adapted from Ref. 17) 

In summarizing some of the early LPC developments, a very early predictive 
coder (Bell Telephone Laboratories) rendered a voice signal at 9.6 kbit/s with the 
equivalent description of 6-bit logarithmic PCM. Its performance was extremely 
good providing highly intelligible speech. A 2.4-kbit/s predictive coder/decoder has 
been simulated on a computer with excellent results. A modification of the Bell 
predictive coding system has been breadboarded by ITT [6]. It had a 9.6-kbit/s data 
signal with performance equivalent to 4-bit PCM. The current state-of-the-art of 
LPC modems seems to be about 3600 bit/s. 

SPEECH ANALYSIS/SYNTHESIS SUMMARY 

The voice analysis/synthesis systems discussed above are low data-rate digital 
systems with a more sophisticated coding level. The choice of the appropriate voice 
coding technique for SUS or, for that matter, any application, obviously depends on 
many things. It depends on whether the system is to be all digital or whether a 
mixture of analog and digital information is to be transmitted and procesoed. It 
depends on whether the system is single channel or multi-channel, or whether the 
processing is parallel or serial, etc. Digital systems are convenient because they lend 
themselves to digital regeneration, wireline transmission, and forward error control 
techniques. On the other hand, modems for wireline and forward error control 
involve additional cost and analog transmission systems and are very economical 
and require less space, weight, and power. Furthermore, analog systems do not 
exhibit the thresholding effect peculiar to digital systems, and their reliability is 
inherently higher because of their basic simplicity of design. Limitations imposed 
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on analog systems include their incompatibility with the higher order processing of 
SUS and their inability to be regenerated. 

In the SUS application, the question is not which voice encoding technique is 
most appropriate for the synthesis of high quality speech, but more a question of 
extracting meaningful parameters from the acoustic signal. It is well known that 
the concept of acoustically invariant parameters of speech is not an easy one with 
which to work, but some sort of parameterization must be implemented even though 
the higher level processing might make that specific choice a noncritical one. The 
acoustic analysis technique must also be compatible with a reasonable amount of 
digital processing. A wide dynamic range and a high sampling rate (with a corre- 
sponding minimized amount of coding) might make the determination of acoustic 
parameters easier, but probably at the cost of an intolerable amount of acoustic 
processing and, more importantly, with no improvement in the basic SUS task. At 
this point, it might be profitable to describe briefly the approaches to the acoustic 
processing that various researchers have followed. This summary is not meant to 
be inclusive or complete, but only to indicate current trends. Details of the individu- 
al approaches can be round in the appropriate references. 

The Carnegie-Mellon University system's acoustic processing [20] takes the 
speech input through a 5 octave bandpass filter (spanning the range of 200 to 6400 
Hz) and an unfiltered band. During each 10-ms interval, a measurement is made of 
the maximum intensity and the number of zero crossings within each band. The 
resulting 12 parameters every 10 ms are smoothed and log-transformed, and a 
subset of the parameters is used for further processing. Each 10-ms unit is classified 
by comparison with a standard set o^ parameter vectors. The standard set of vectors 
is obtained by selecting cluster centers from a training set of utterances containing 
various phonemes in a neutral context. The continuous parameter sequence is seg- 
mented into discrete phoneme-size chunks based on an acoustic similarity measure. 
The acoustic recognizer has available three sources for the generation and verifica- 
tion of hypotheses: (1) acoustic knowledge in the form of expected parameters for a 
phoneme in a neutral context, (2) a coarticulation model that modifies the expected 
features based on context, and (3) a vocabulary restriction in the form of a valid 
subset of words in the lexicon that contain a given sequence of features. The acoustic 
hypothesizer retrieves those words of the lexicon that are consistent with the gross 
features present. The acoustic verifier then determines whether a given hypothesis 
is consistent with the context presently available to it. 

The Lincoln Laboratory approach [19] to acoustic analysis in their SUS uses as 
input an LPC spectogram, the LPC coefficients, and a segmentation indicator. A 
formant tracking algorithm yields the first three formant positions and amplitudes. 
The algorithm relies heavily on the output of previous processed frames to deter- 
mine the output from the present frame so that the process is stared at a point in 
time where the formants are most likely to be correct. A linear predictive specto- 
gram is computed at 5-ms intervals via an inverse filter method. An estimate of the 
fundamental frequency as well as a voiced-unvoiced decision is also computed at 
5-ms intervals. The segmentation algorithm and determination of segment class 
relies on spectral measurements performed on the linear predictive spectra. 

Stanford Research Institute's acoustic processing is based [21] on LPC for for- 
mant tracking. The LPC analysis of the raw time-series data provides spectral peaks 
that are stored as three formant frequencies and amplitudes. Each 10-ms time 
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segment is given a preliminary classification into one of six categories. Procedures 
for word verification relate the words predicted by syntactic and semantic processing 
to the acoustic data. Current efforts are aimed at increasing the sophistication in the 
acoustic processing by adding more subroutines for acoustic parameterization in 
order to refine the initial classification and to provide additional formant data. 

In the Systems Development Corporation (SDC) approach [22], the digitized 
speech signal, after optional preemphasis, goes through three bandpass filters from 
which 6 parameters are extracted: amplitude and zero-crossing counts for each of 
the three filters. These six parameters, updated every 10 ms, form a unit. Linear 
predictive coding is Msed to obtain the first three formants. SDC has also used several 
FFT algoru.ims as well as an algorithm for cepstral pitch determination. 

The group at Texas Instruments, which is not really a part of the ARPA SUR 
community, has relied heavily [23] on acoustic processing. Only short-term ampli- 
tude spectra of the speech signal are used. The preemphasized speech signal is 
resolved into 16 frequency bands between 300 and 3000 Hz. They have had good 
success both in terms of recognition and in being highly resistant to channel noise. 

The Sperry Univac recognition approach [24] uses prosodically detected stress 
patterns and syntactic structure in aiding a partial distinctive-feature-estimation 
procedure. Smoothed frequency spectra needed for formant tracking are obtained 
from LPC using 14 predictor coefficients. Simple peak-picking is used for formant 
estimation. Energy and fundamental frequency time functions are computed for 
prosodic features analysis. Total energy is computed every 10 ms, as well as the 
fundamental frequency (by autocorrelating the center-clipped acoustic time wave- 
form). 

From this brief summary of the acoustic approach of various researchers, it is 
seen that the various SUS workers seem to be using LPC techniques and formant 
tracking at the SUS front end. Some of the speech workers outside this community 
seem to be following the trend (e.g., NSA, Bell Laboratories) while others seem to 
be taking other approaches (e.g., Texas Instruments, various Japanese workers). 

Other factors of importance in the acoustic analysis include the segmentation 
questions as well as those having to do with the background noise, speaker charac- 
teristics, and prosodic features. These factors are discussed in Sec. V after a brief 
look at the importance of some speech synthesis work in Sec. IV. 
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IV.   SPEECH SYNTHESIS AND PRODUCTION 
APPROACHES 

So far, consideration has been limited to the analysis of speech input and, in 
some cases, its subsequent synthesis, or more precisely, its subsequent reconstitu- 
tion. In this section, we consider a different, but not completely unrelated, process— 
using speech as a computer output medium. This process is rsually called speech 
synthesis; but it should not be confused with the same term in the phrase "speech 
analysis/synthesis." The computer that produces speech output from internally 
stored data or text must also have stored information about linguistic rules as well 
as knowledge of the acoustic constraints. This is the same sort of information that 
an SUS must use in its processing except that the two problems are the inverse of 
one another. This section summarizes a few key developments in the area of speech 
synthesis that are of interest to the speech understanding problem. No attempt will 
be made to describe the variois kinds of speaking machines that have been or are 
being built since this is certainly beyond the scope of this report.* 

In synthesis applications requiring a large and flexible vocabulary, speech infor- 
mation must be stored in a form that makes it easy to produce a great variety of 
messages in a relatively efficient manner with an acceptable speech quality. Two 
methods, among others, seem to fulfill these requirements. The first method is based 
on formant synthesis in which word libraries are stored in terms of formant frequen- 
cies. An utterance is formed by concatenation of word-length formant data with 
word boundaries, pitch, and various prosodic features calculated according to lin- 
guistic rules. The second method is a synthesis from output text. An automatic 
syntax analysis of the text is made with sound pitch and duration computed from 
stored linguistic rules. Vocal tract shapes are then calculated for the utterances. 

«' 

FORMANT SYNTHESIS 

In the formant synthesis method, typical parameters might include the pitch 
period being specified to the nearest 0.1 ms, the gain to 1 part in 100, and the formant 
frequencies to the nearest 1 Hz with a parameter update 100 times per second. The 
formant synthesizer used in an experimental system is shown in Fig. 7. The synthe- 

Several excellent references are available on speaking machines, e.g., Refs. 25 and 26. 
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sized messages in this case are fabricated from pre-analyzed spoken isolated words. 
A message is synthesized by the concatenation program (illustrated in Fig. 8) that 
has the printed word string as input. The program uses separate strategies for 
prosodic features and segmental features. The final smoothly varying formant-syn- 
taesis parameters are then supplied to the digital synthesizer for actual synthesis. 
Timing information ifi derived from an external specification of the duration of each 
word that is dependent on context or is derived from calculations based on linguistic 
rules. The pitch contour is determined by using an archtypal contour or by rule. The 
formant contours are changed in duration when necessary and merged to form 
smooth continuous transitions. The speech is synthesized using the chosen prosodic 
and segmental features. The speech is generated in real-time at a 10-kHz sampling 
rate. It is thought [25] that simple rules for pitch and timing are sufficient for 
reasonable synthesis in certain limited-context applications. 

^ 

SYNTHESIS FROM PRINTED TEXT 

Synthesis from printed text [25] is another speech synthesis technique that is 
of interest. In this technique, there is a requirement for a large storage capacity. It 
uses a phoneme dictionary and contains automatic rules for conversion from written 
text to speech with reasonable timing and intonation. It synthesizes unrestricted 
speech from a dynamic characterization of the human articulatory system. The 
vocal tract model for phoneme synthesis is described by seven parameters that 
actually are cross sectional areas along the vocal tract. The articulatory model 
requires an input of discrete phonetic symbols as well as pitch and duration data as 
shown in Fig. 9. Printed text is converted into discrete phonetic symbols along with 
pause, stress, timing, and pitch assignments. These rules, by the way, are also 
applicable to the formant synthesis technique described above. The dictionary pro- 
vides a phonemic transcription of each word with lexical stress marks, usage 
probabilities, and content-function distinctions. The syntax analyzer assigns pause 
probabilities, selects alternate word pronunciations according to usage, and alters 
stress. A decision on the kind of pitch contour and pause for each grammatical unit 
is made at the stress and pause assignment block. Pitch marks and timing control 
marks are assigned to each phoneme using a word boundary rule and a stress and 
termination rule. The text-conversion program is complete at this point and control 
goes to the articulatory model that completes the connected speech synthesis. 

Both of these techniques for speech synthesis use linguistic as well as acoustic 
information in their operation. The acoustic processing techniques necessary to 
characterize the formant description in one case and the phonemic description in 
the other case are not much different than some of the analysis/synthesis techniques 
that were considered in Sec. III. The sequence of events and the governing rules are 
reversed in the synthesis procedure from what they are in the analysis procedure. 
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English Text Input 

 L_ 
Partial  Syntax Analysis Dictionary 

Stress and Pause Assignment 

Pitch   and Timing Asrgnment 

i 
Parameter Look-Up and Sequencing 

i 
Articulatory  Dynamics 

Articulatory Model 

Resonance Calculation 

Resonator-Simulation Synthesizer 

Speech Waveform Output 

Fig. 9—Synthesis from text (adapted from Ref. 22) 
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COORDINATING THE ACOUSTIC LEVEL PROCESSING 
WITH THE HIGHER LEVELS 

Now that some consideration has been given to the parameterization of the 
acoustic signal, it seems appropriate to consider how this can be tied more closely 
to the higher level processing in SUSs. The major questions here involve not only 
the choice of the acoustic processing technique and its implementation, which have 
already been discussed at length, but also the determination of the optimum mix 
between acoustic processing and higher level processing. The specific question areas 
of the acoustic processing are by now well known: parametric variability due to 
segmental, syntactic, and semantic context; multiple speakers; speaker variations; 
environmental noise; transducer characteristics; prosodic variations; etc. It would 
also be desirable to be able to put limits on the amount of processing, the amount 
of memory, and the cost of the acoustic processing in terms of these problems and 
question areas. Consequently, we will consider some of the system parameters in- 
volved. 

TRANSDUCER 

The specific transducer as well as the design philosophy of the acoustic proces- 
sor are of prime importance. A telephone, because of its wide utility, is preferred 
over a high quality microphone for many applications. Unfortunately, the dynamic 
range and bandwidth limitations of a telephone, as well as other signal distortions, 
impose constraints on the acoustic processing. The limitations on bandwidth give 
rise to difficulties in detection of some fricatives, for example, since the primary cues 
are often beyond the upper cut-off frequency. In addition, there is attenuation distor- 
tion that is frequency dependent. Both the attenuation distortion and the bandwidth 
limitations are themselves equipment dependent. Further, noise considerations are 
important—random noise due to the digitalization process and discretization noise 
associated with the digital transmission over long-distance lines. There is also an 
envelope delay distortion that is a phase distortion in which frequencies at the low 
and high ends exhibit envelope delays relative to those at mid-band. Crosstalk is 
another problem, and a difficult one since it cannot be readily handled by appropri- 
ate preprocessing. The transducer problems, while annoying, are not beyond solu- 
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tion with current techniques at a cost that is felt to be modest compared to the higher 
level processing and memory costs. 

COOPERATIVE/UNCOOPERATIVE SPEAKER 

A cooperative speaker is certainly an imperative requirement for present SUSs 
to avoid the need for the wide dynamic range necessary for accomodating uncoopera- 
tive speakers (i.e., a speaker can raise his level over about a 60 dB interval, from a 
whisper to shouting, if he so desires). Even at conversational levels, an individual 
may exhibit a 30 to 40 dB dynamic range. At conversational levels, the speaker-to- 
speaker variation (in terms of average sound levels) may be anywhere from 50 to 
75 dB. Thus, there are conflicting requirements between a wide dynamic range, 
which would accommodate these varying kinds of input, on one hand, and a low bit- 
rate processor on the other hand. 

NOISE SOURCES 

Another potential major problem is that of discrimination between the speech 
source and various noise sources. Noise, in this context, is anything that might 
interfere with the desired speaker's acoustic signal, including environmental noise 
(e.g., air conditioners, printer noise), system noise (e.g., quantization noise), and 
other speakers in the area, as well as extraneous sounds from the speaker himself 
(e.g., clearing the throat, "ahs," "hmmms"). Directional microphones can be of 
considerable help with some of these problems. A te.ephone as input transducer 
would make the problem more difficult in some respects. A noise-free acoustic cham- 
ber, while alleviating much of the difficulty, is unreasonable in an operational sense. 
In any case, the noise limitation does not appear to be a very serious one. 

SEGMENTATION 

Segmentation is another area of concern. It is a difficult problem, as attested to 
by the large number of approaches that have been proposed. Because of its potential 
for reducing the search space, segmentation remains a very important area for 
investigation. 

The acoustic data contain very few cues about segmentation and word lound- 
aiies. However, there are some rules relating the parameters of the speech wave to 
the behavior of the articulatory system (acoustic-phonetic rules) and the rules that 
specify the phonetic segments from the lexical (phonemic) context (phonological 
rules». With proper normalization, it may be possible to make some of these rules 
speaker independent. One of the most important sources of error is the variability 
of iegmental parameters of a given phoneme in different contexts. The acoustic- 
phonetic rules are, in part, attempts at predicting this coarticulation or overlapping 
of adjacent phonemes. These rules, however, are not yet systematically formulated 
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in a way that is appropriate for speech analysis. Significant parametric variations 
are also due to syntactic and semantic context, and much of this behavior is gov- 
erned by phonological rules. 

PROSODIC INFORMATION 

Prosodic information can, in part, be determined from the raw acoustic data 
and, in part, from linguistic and context data. This is one area where feedback from 
higher levels of the recognition program could be used in meeting hypotheses on 
various entries. Prosodic features generally include timing, amplitude, and pitch 
data, as well as information on pauses. These features can add supra-segmental 
variability and may contain information that is critical for an actual understanding 
of the utterance. 

Researchers have tried various approaches [27] to the prosodic feature question. 
One approach [28] has been the investigation of the interaction between segmental 
and supra-segmental features in the word spotting application—i.e., detecting a 
specified word in the context of continuous speech. It makes use of a primary 
recognition program at the acoustic level providing the data source for algorithms 
that recognize strings of segments or words. Segment boundaries are determined by 
a change of classification between two adjacent time samples where the classifica- 
tion is presently in terms of wide-band spectral characteristics (e.g., silence, vocal 
murmur, voiceless stop, vowel). There is work at Univac under ARPA sponsorship 
[24] using prosodically-detected stress patterns and syntactic structure in aiding a 
partial distinctive-feature-estimation procedure. There is also interest in using 
prosodically-detected syntactic structure to aid syntactic parsers and semantic 
processors. 

IMPLEMENTATION 

The processing, memory, and cost constraints have received very little atten- 
tion, and there is good reason for this—not much is really known. The processing 
power is primarily devoted (1) to the parameter extraction process, and (2) to the 
searching and matching operations. In the first instance, specialized hardware is 
likely to be used, and this may not be too different than the special-purpose FFT 
units now proliferating. The question of memory structure is open depending on 
available technology (e.g., optical store, film store) and logical processing structure. 
Likewise, the overall cost question is open since it not only depends on the hardware 
costs of the speech understanding computers, but also on the various cost factors 
that go into the particular application. This will be more fully discussed in subse- 
quent reports. 
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SUMMARY 

It would seem that many of the problems at the acoustic front end of the SUS 
are under control. The transducer limitations can be handled by current techniques 
(e.g., Texas Instruments' use of the telephone in its recognition schemes). Noise will 
always be of some concern (e.g., crosstalk on a telephone line), but certainly not of 
overriding concern. Progress is being made in segmentation, but this remains a 
prime area of investigation. The use of prosodic features is of importance as wit- 
nessed by the advances in that area being made by some of the ARPA contractors. 
Speaker variability and speaker-to-speaker variations, while not discussed fully in 
this report, remain a problem. The processing, memory, and cost constraints of the 
acoustic processing and the SUS, itself, will be more fully addressed in subsequent 
reports. 
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