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Summary: This paper considers the topic of vocal tract acoustics from the
three perspectives: (a) the acoustic theory of speech production; (b) contem-
porary laboratory methods for acoustic analysis, and (c) measurement of the
acoustic signal of speech. Linear source-filter theory is the standard acoustic
theory of speech production and is the foundation for remarkable advances in
the analysis and synthesis of speech. Digital signal processing, the dominant
laboratory method for speech analysis, enables the acquisition and recording of
the acoustic speech signal but also implements quantitative algorithms largely
based on linear source-filter theory. Measurements of the acoustic signal re-
flect the acoustic theory of speech production, laboratory methods for signal
analysis, and principles of experimental phonetics. Basic issues in the three
domains of theory, laboratory methods, and measurement are summarized as
they pertain to the interests of the voice scientist, voice clinician, and voice
teacher. Key Words: Vocal tract acoustics—Theory—Acoustic analysis—

Acoustic measurement.

An understanding of vocal tract acoustics em-
braces three related areas that are reviewed in this
paper: (a) the acoustic theory of speech production;
(b) laboratory methods for acoustic analysis; and (c)
measurements of the acoustic signal of speech.
These three areas are strongly interrelated, as sug-
gested by Fig. 1. Acoustic theory underlies the de-
velopment of analytic tools and enables the inter-
pretation of acoustic data. Laboratory instruments
acquire and store the speech signal, and they often
are designed to implement quantitative algorithms
for acoustic analysis. An understanding of the mod-
ern acoustic analysis of speech requires, at mini-
mum, an appreciation of linear source-filter theory
(the standard acoustic theory of speech), digital sig-
nal processing (the heart of modern acoustic analy-
sis), and the acoustic structure of the speech signal
(which has been sufficiently well described to per-
mit high-quality speech synthesis and reasonably
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good performance in machine speech recognition,
at least for restricted conditions).

This paper will review basic issues in these areas
and highlight modern developments, particularly as
they apply to concerns of the voice scientist, voice
clinician, and voice teacher. Swift and profound ad-
vances in acoustic analysis of speech have greatly
increased the power and availability of this tool for
a broad range of users. It is not possible to consider
these developments in anything beyond broad
strokes in this paper, but references are given to
more detailed discussions of the major topics. In
this sense, the present paper is a guide to the con-
temporary issues and literature on the acoustic
analysis of speech, with emphasis on vocal tract
acoustics. The paper assumes only a general back-
ground in acoustics and speech production.

ACOUSTIC THEORY OF
SPEECH PRODUCTION

The contemporary understanding of vocal tract
acoustics is based almost entirely on a linear, time-
invariant source-filter model. The standard refer-
ence is Gunnar Fant’s (1) ““‘Acoustic Theory of
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THEORY TOOLS
- lingar source - filter theory —-— - anclog devices
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FIG. 1. Three interrelated areas pertaining to the understanding
and application of vocal tract acoustics.

Speech Production.’” This theory has been remark-
ably productive and has received few serious chal-
lenges (but see Teager and Teager (2) for an alter-
native view). An understanding of the source-filter
theory is an excellent foundation for interpreting
phenomena of voice and speech. The assumptions
of linearity and time invariance make the acoustic
analysis of speech tractable. Simply put, linearity
states that the system of interest obeys the super-
position principle, meaning that the response of the
system to a sum of simple inputs is the response to
the sum of those inputs. Time invariance means that
the response of the system to a time-delayed or
time-advanced input is similarly time-delayed or
time-advanced. These assumptions make possible
the application of a set of powerful analytic tech-
niques to the examination of the acoustic signal of
speech. As will be discussed, these techniques are
available on a number of speech analysis systems
that run on microcomputers.

The source-filter concept proposes that acoustic
energy generated by a sound source is passed
through a frequency-dependent transmission sys-
tem. The task of speech analysis therefore is largely
one of identifying a sound source and describing a
corresponding filter function. There are three major
sources to be considered: (a) laryngeal voicing
source, typified in the phonation of vowels; (b) tur-
bulence noise source as in the case of the fricative
consonants; and (c) transient source, which applies
to the release burst of stop consonants. With appro-
priate modifications, these three sources account
for the various classes of sounds that make up the
phonetic system of English (and many other lan-
guages as well).

Source-filter theory for vowels

The source-filter theory for vowel production is
illustrated in Fig. 2 and summarized for a frequency
domain analysis by the following formula:
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P =U® T R, Eq. (1)

where (f) indicates a function of frequency, f,

P(f) is the radiated sound pressure spectrum,
U(f) is the glottal volume spectrum,

T(f) is the vocal tract transfer function, and
R(f) is the radiation characteristic.

Basically, equation 1 states that the sound pressure,
as might be measured by a microphone placed near
a speaker’s mouth, is the product of the glottal vol-
ume velocity (the source energy), the vocal transfer
function (part of the filter function) and the radia-
tion characteristic (another part of the filter func-
tion, relating the volume velocity spectrum of the
source to the sound pressure spectrum of the radi-
ated signal). The multiplication of the terms in the
frequency domain is equivalent to the mathematical
operation of convolution in the time domain. This
discussion will emphasize the frequency domain
analysis, as expressed in Eq. (1). However, each
term in Eq. (1) can be related to a corresponding
time function, e.g., P(f) in the frequency domain
and p(t) in the time domain.

The source of acoustic energy for vowels is typ-
ically the voicing signal generated by the vibrating
vocal folds. The glottal spectrum, U(f), and the cor-
responding glottal volume-velocity waveform, u(t),
are shown in their well-known idealized forms in
Fig. 3. The idealized (and simplified) laryngeal
waveform is a series of triangular pulses spaced at
the fundamental period, To, the reciprocal of the
fundamental frequency, fo. The laryngeal spec-
trum, or Fourier transform of the waveform, is a

P(s)=U(s) T(s) R(s)

FIG. 2. Diagram of the vocal tract showing the affiliation of
vocal tract regions with the major terms of the source-filter
theory.
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FIG. 3. aand b: Idealized form of the glottal spectrum, U(f), and
the associated waveform, u(t).

harmonic spectrum in which the components dimin-
ish in amplitude at the rate of 12 dB/octave. Math-
ematically speaking, the amplitude reduction of the
successive harmonics is necessary for convergence
of the Fourier transform. Practically speaking, the
spectrum shows that voicing energy is dominated
by low-frequency harmonic components. The 12
dB/octave figure is a mathematical ideal. Actual re-
lationships among harmonic amplitudes vary with
laryngeal configurations and speaker variables in-
cluding pathology. Variations in fundamental fre-
quency and intensity introduce systematic changes
in the laryngeal waveform and spectrum.

The acoustic pulses generated by the vibrating
folds propagate through the vocal tract, where fil-
tering occurs. Although introductory accounts usu-
ally assume that source and filter are independent,
it is now abundantly clear that this assumption is
not correct, as source and filter do interact. The
nature of this interaction is a topic of considerable
current interest (3) and it carries important implica-
tions for speech and singing.

The filter function, or transmission function, of
the vocal tract is defined primarily by the reso-
nances of the vocal tract. These resonances are
called formants, and each formant is specified by a
center frequency (formant frequency, abbreviated
Fn, where n is the formant number) and a band-
width. Formant amplitude might be included as
well, but in general, relative formant amplitude can
be derived from formant frequency and bandwidth
information. Theoretically, there are an infinite
number of formants, but no more than 3-5 usually
are considered in speech analysis. The formants are
resonant properties of the vocal tract. They can be
determined mathematically from a precise knowl-
edge of the vocal tract shape or they can be esti-
mated from measurements of the acoustic signal.

Mathematical prediction of formants is possible
given that the formant frequencies depend on the
length of the vocal tract and the cross-sectional
shape of the vocal tract as a function of its length.

These two variables, length and cross-sectional
shape as a function of length, are conveniently ex-
pressed in graphic form as the vocal tract area func-
tion (Fig. 4). Vocal tract length determines the av-
erage spacing of formant frequencies. This follows
from a simple acoustic model, a tube closed at one
end and open at the other, as shown in Fig. S. The
closed end refers to the vocal folds and the open
end to the mouth opening. If we assumed the sim-
plest case in Fig. 4, then the cross-sectional area is
uniform over the length of the tract. In this case, the
formant frequencies are determined only by the
length of the tube according to the odd-quarter
wavelength relationship:

Fn = 2n — 1) ¢/41 Eq. (2)

where Fn is a particular formant frequency,
(2n — 1) gives the odd intergers,
¢ is the velocity of sound, and
1 is the length of the vocal tract.

As 1becomes smaller, the value of any partic-
ular Fn will increase. Conversely, as 1 becomes
larger, the value of any particular Fn will decrease.
Therefore, formant frequencies vary with the length
of the vocal tract and therefore with speaker char-
acteristics such as age and sex. Furthermore, within
persons of a given sex, formant frequencies vary
with vocal tract dimensions. Tenors and basses dif-
fer in formant frequency patterns in much the way
that females differ from males (4). That is basses
have lower formant frequency values than tenors.

Glottis

Glottis Lips

c

FIG. 4. Vocal tract area function shown as (a) curved vocal tract
with selected points of cross-dimension measurement, (b) de-
rived area function for a curved tube, and (¢) area function for an
equivalent straight tube.
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FIG. 5. Straight tube closed at one end (glottis) and open at the
other (lips), showing stationary distribution of volume velocity
for the first three formants, F1, F2, and F3. The resonances of
the tube are given by the odd-quarter wavelength relationship (a
tube of this configuration will resonate with maximal intensity to
a sinusoid whose wavelength is four times the tube length).

The length 1 of the vocal tract also varies within a
speaker as the result of lip protrusion and larynx
lowering, both of which extend the vocal tract
length. Lip protrusion is an articulatory feature that
accompanies certain vowels, especially most back
vowels in English. Larynx lowering or raising is not
as commonly regarded as a phonetic characteristic,
but it may in fact be used by many speakers and
singers. For example, some baritones who have the
capability to change their voice category to tenor
may accomplish this change by laryngeal elevation
4).

Resonance phenomena for the tube in Fig. 5 can
be discussed in terms of the stationary distribution
of volume velocity, or its inverse, pressure. Distinct
regions of volume-velocity maxima and minima
arise in the tube, as illustrated in Fig. 5. These vol-
ume-velocity distributions result from interactions
of particle vibration within the tube (1).

The simple tube model in Fig. 5 must be modified
to apply to different vowels. In particular, the
model must allow the cross-sectional area to vary
over the length of the vocal tract. The area func-
tions are derived by measuring the vocal tract cross
dimensions at selected points and then plotting
these values as a function of length. In so doing, the
curved vocal tract is straightened out. This change
in geometry (straightening) has little effect on the
formant frequencies (5).

The stationary distribution of volume velocity is
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basic to the perturbation theory of articulatory-
acoustic relationship. This theory proposes that a
perturbation of the vocal tract configuration, i.e., a
local narrowing in the area function, causes predict-
able changes in formant frequencies, depending on
the proximity of the narrowing to a volume velocity
maximum or minimum. The general rules are quite
simple: (a) a perturbation near a volume velocity
maximum for a given formant causes the frequency
of that formant to decrease; and (b) a perturbation
near a volume velocity minimum for a given for-
mant causes the frequency of that formant to in-
crease.

If formant frequencies are generally predictable
from perturbation theory, then can formant ampli-
tudes also be predicted? Fant (1) showed that they
can, and some general rules for determining for-
mant amplitudes are as follows: (a) Increasing (de-
creasing) the frequency of F1 causes the amplitudes
of higher formants to increase (decrease). (b) When
two formants move closer together (farther apart),
their amplitudes increase (decrease). These rela-
tions follow from the interaction of formants and
can be conceptualized as the graphic addition (in a
dB scale) of separate resonance curves to form the
overall transfer function of the vocal tract.

This point is relevant to the so-called singer’s for-
mant, which Sundberg (4) describes as a peak in the
spectrum between 2 and 4 kHz, depending on voice
type (low-frequency peak for basses, high-
frequency peak for tenors). The peak is the conse-
quence of formant tuning such that higher formants
assume frequencies close to that of F3,in a kind of
formant clustering. As noted in the general rules
above, a close tuning of formants tends to increase
their amplitudes. Therefore, a clustering of higher
formants in the vicinity of F3 will yield a spectral
peak. This adjustment is an example of tuning, in
which a singer changes the vocal tract configuration
and/or vocal fold function to achieve a particular
acoustic result.

Linear source-filter theory has been a highly pro-
ductive theory. It has had substantial impact not
only as a conceptual framework but also in practical
matters such as acoustic phonetic description and
the development of speech synthesizers. To be
sure, linear theory is only an approximation. It ap-
plies to frequencies for which longitudinal propaga-
tion can be assumed. Inaccuracies occur for fre-
quencies at which cross-mode vibrations occur in
the vocal tract. Fujimura (6) estimates that this fre-

¢
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quency can be as low as 1,700 Hz for a cross di-
mension greater than 5 cm. It usually is assumed
that cross-mode vibrations are minimal below fre-
quencies of about 5 kHz.

Teager and Teager (2) presented evidence for the
existence of important nonlinearities, even for vow-
els. They describe nonlinear processes related to
the nonlinear interaction of sheet jet flows and gen-
erated flow vortices. Teager and Teager make the
provocative statement that ‘‘the operation of the
vocal tract is neither linear nor passive, nor even
acoustic” (2). This work is very interesting, but Fu-
jimura (6) argues that it doesn’t appreciably detract
from the remarkable success of the standard linear
theory. The standard theory has been confirmed in
important respects experimentally (7), has been the
basis for the development of successful formant
synthesizers (8,9), and underlies contemporary
methods of acoustic analysis, such as linear predic-
tive coding (LPC) (10) and cepstral analysis (11).
Finally, as Fujimura (6) points out, turbulence ef-
fects involve DC airflow, which is excluded from
acoustic measurements.

But it is also important to note Fujimura’s (6)
remark that the general success of the standard the-
ory does not mean that there is no room for im-
provement. For example, because source-filter in-
dependence often cannot be assumed, interactions
of source and filter are being examined for speech,
singing and whistling. (For a concise discussion of
glottal flow models and source-filter interaction, see
Fant (3).) Another direction for revision of the the-
ory pertains to dynamic considerations, e.g. consid-
eration of inertial effects in articulatory movement.
Finally, the application of the standard acoustic the-
ory makes a number of assumptions, the validity of
which should be evaluated for individual applica-
tions. Assumptions that are safely made in one sit-
uation may not apply equally well to other circum-
stances.

Vowel formant patterns

A primary conclusion from research based on the
standard acoustic theory is that a particular vowel is
associated with a characteristic formant pattern, as
illustrated in Fig. 6 for the first two formant fre-
quencies, F1 and F2. This illustration shows styl-
ized spectrograms for vowels classified with respect
to their articulation as front, central, and back (an-
teroposterior placement of the tongue) and along a
low-high continuum (superoinferior placement of

2 kHz
VOWELS 1 khz
0 kHz
FRONT  CENTRAL BACK
i F2 U HIGH
e [] |
U
I A
[ro—— 2
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FIG. 6. Acoustic-articulatory relations for vowels. Front vowels
are associated with a fairly wide F2-F1 separation, back vowels
with a narrow F2-F1 separation. Therefore, F2-F2 separation
correlates with advancement or retraction of the tongue. High
vowels are associated with a low F1, low vowels with a high F1.
Therefore, Fl frequency correlates with tongue height (or jaw
opening). The effect of lip rounding, not shown, is to lower all
formant frequencies. In English, only the back vowels and r-col-
ored vowels are rounded.

the tongue). Generally, the F1 frequency varies
strongly with tongue height (or jaw opening), and
the F2 frequency varies more with the position of
the tongue in the anteroposterior dimension.
Knowledge of these articulatory-acoustic rela-
tionships can be helpful for both theoretical and
practical considerations. As a practical example,
many devices or software programs that extract the
vocal fundamental frequency from the speech signal
employ a severe high-pass filtering to eliminate the
influence of formants. The resulting signal is a sim-
plified waveform that roughly matches the laryngeal
waveform (Fig. 3). A limitation on this technique is
that the filter should be set to exclude the lowest-
frequency formant, F1, but not the fundamental fre-
quency. The ideal vowel, then, is one in which F1 is
widely separated from the fundamental frequency.
As Fig. 6 shows, the vowel with the highest F1
frequency is vowel /a/, alow-back vowel. The same
vowel is often used in visual examination of the
throat, since the low-back position of the tongue
and the large opening of the jaw facilitates direct
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viewing with the unaided eye or with a laryngeal
mirror or other optical device.

The idea that a particular vowel is associated with
a distinctive formant pattern gave rise to a Target
theory of vowel recognition. This theory proposes
that a vowel’s formant pattern is sufficient for iden-
tification of the vowel. Presumably, then, a vowel
can be adequately specified with a static formant
pattern, such as the frequencies of the first three
formants. This theory has been questioned because
of evidence that dynamic (temporal) factors can
play a large role in vowel identification (12). It is
likely that both static features (relatively long-term
features such as stable formant pattern) and dy-
namic features (such as variations in formant pat-
tern around the vowel steady-state) contribute to
the identification of vowels. Vowels are rather elas-
tic in the sense that a vowel often can be produced
with different durations. For example, in singing,
vowels may be prolonged along with their accom-
panying notes. In speech, vowel durations are
markedly affected by factors such as stress and
speaking rate.

The formant patterns shown in Fig. 6 are typical
of the speech of adult males. Figure 7 shows vowel
ellipses drawn in the F1-F2 vowel diagram to en-
close the F1-F2 values for a given vowel produced
by men, women and children. This figure is based
on data presented in the classic report of Peterson
and Barney (13), which continues to be cited as a
primary source of data on vowel formant frequen-
cies. Values from the Peterson and Barney report

4.0
- AT ~
T 2.0 /%/f,y/éj S
z (3 /\2) neard ¢
o a oo 06
T /Y e 88 »°
° u ./ o<
o] < >
@ 2 &

O 04 08 12
F1(kHZ)

FIG. 7. Left: F1-F2 vowel chart with ellipses drawn to enclose
the data for a large group of men, women and children. Values
for men are at the end of the ellipses closest to the origin, values
for women are close to the middle of the ellipses, and values for
children are at the end of the ellipses farther from the origin.
Right: The accompanying graph shows the approximate location
of keywords for each vowel phonetic symbol shown in the el-
lipses in (a).
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are given in Table 1. Because vowel formant fre-
quencies vary with the length of the speaker’s vocal
tract, normalization of formant frequencies across
speakers has been a major problem in acoustic re-
search (14-18).

F1-EF2 correlates of vowel articulation are sum-
marized in a following section on acoustic measures
of speech. Discussions of speech acoustics in basic
textbooks usually emphasize the lowest two or
three formants (F1, F2, and F3). Because these for-
mants are most important for the identification of
vowels, they are often discussed at the exclusion of
the higher formants. But the higher formants are not
negligible for all purposes. In the case of speech, it
was recognized in attempts to synthesize speech
with machines that inclusion of the higher formants
adds naturalness to the speech, even if these for-
mants assume invariant values across different
vowels. In singing, the higher formants also add
distinctiveness. Sundberg (4) drew attention to F4
in regard to voice timbre, the personal component
of voice sound.

Relating vocal tract shape for vowels to
acoustic output

A fundamental problem in speech acoustics is to
derive the acoustic output from the vocal tract
shape, or conversely, to derive the vocal tract
shape from the output signal. The problem is com-
plicated by the fact that an infinite number of vocal
tract shapes theoretically could be associated witha
particular output spectrum. Therefore, efforts have
been directed at constraining the possible shapes
that can be assumed by the human vocal tract. A
related interest is to derive a description of the vo-
cal tract configuration that is simpler than a detailed
area function. The area function is potentially com-
plex insofar as the cross-sectional area must be
specified for the length of the tube (about 17 cm in
men). Even if one assumed that the tube could be
approximated by a series of sections of equal length
(say, one cm), 17 cross-sectional areas would be
required. Is there a simpler way, preferably one
with direct articulatory-acoustic relationships?

One general approach to simplified description is
constriction parameterization. The jdeais to give a
general description of the vowel articulation.
Stevens and House (19) (see also Fant (1)) proposed
such a solution in their three-parameter model of
the vocal tract shape for vowels. The three param-
eters were: (a) location of the constriction; (b) size
of the constriction; and (c) the ratio of mouth open-

A
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TABLE 1. Formant frequencies (in Hz) of the first three formants (FI, F2, F3 ) of ten vowels produced by 76 speakers
including men, women and children (values drawn from Peterson and Barney, 1952)

Men Women Children
Vowel F1 F2 F3 F1 F2 F3 F1 F2 F3
{i] 270 2,300 3,000 300 2,800 3,300 370 3,200 3,700
1 400 2,000 2,550 430 2,500 3,100 530 2,750 3,600
[e] 530 1,850 2,500 600 2,350 2,000 700 2,600 3,550
[ae] 660 1,700 2,400 860 2,050 2,850 1,000 2,300 3,300
[a] 730 1,100 2,450 850 1,200 2,800 1,030 1,350 3,200
[0] 570 850 2,400 590 900 2,700 680 1,050 3,200
[U}] 440 1,000 2,250 470 1,150 2,700 560 1,400 3,300
[u] 300 850 2,250 370 950 2,650 430 1,150 3,250
[a] 640 1,200 2,400 760 1,400 2,800 850 1,600 3,350
3] 490 1,350 1,700 500 1,650 1,950 560 1,650 2,150
Mean 500 1,420 2,400 575 1,700 2,800 670 1,900 3,250
F2/F1 2.84 2.96 2.84
F3/F2 1.69 1.65 1.71

Values for F2 and F3 have been rounded to nearest 50 Hz.

The vowel means may be taken to define the approximate formant frequencies of a neutral vowel
Mean F2/F1 and F3/F2 ratios are shown at the bottom of the table.

ing to length. Stevens and House derived nomo-
grams relating F1, F2, and F3 frequencies to these
articulatory parameters. This work demonstrates
that the primary acoustic features of vowels are de-
scribed quite well by just three articulatory param-
eters: one specifying the location of the major con-
striction; one to indicate the size of this constric-
tion; and another to gauge the degree of mouth
opening. From the point of view of a speaker or
singer, then, the object is to adjust these three pa-
rameters in accord with the intended phonetic qual-
ity. Nomograms relating the frequencies of the first
five formants to the three control parameters of a
four-cavity model of vowel production are available
to Fant (1). Badin, Perrier, Boe and Abry (20) ex-
amined similar nomograms for ‘‘focal points”’—
regions where formant convergences occur and
where formant-cavity affiliations are exchanged.
A particular advantage of these nomograms, and
the principles on which they are based, is that they
can be used to understand some articulatory com-
pensations and certain adjustments of the vocal
tract in speech and singing. Compensations are
used by disordered speakers and by speakers who
want to produce speech with unusual production
patterns (such as ventriloquists, who try to avoid
visible mouth movements). Some speakers with
physical or neurological injury to the vocal tract can
learn to produce adequate speech by using unusual
articulatory patterns. Singers may rely on these
principles to achieve adjustments of formant struc-
ture, as in efforts to tune F1 with the vocal funda-

for each group.

mental frequency or in production of the singer’s
formant (4).

The statistical approach of factor analysis also
has been taken to parameterize articulator-acoustic
relationships (21-24). The object is to determine the
smallest number of factors that satisfactorily ac-
count for variations in articulatory configuration.
The factor analytic studies typically indicate that
vowel articulation can be parameterized as two
tongue factors, a lip factor and a jaw factor. This
result represents a powerful simplification over a
detailed articulatory description that specifies the
shape of various portions of the vocal tract. It
shows that vowel articulation may be described
with only four articulatory parameters.

Another approach is to discover the acoustic con-
sequences of the movements of individual articula-
tors (25-27). A particular advantage of this work is
that it addresses the way in which adjustments of a
given articulator, such as tongue, lips, or jaw can
effect the acoustic signal. For example, when
tongue position is held constant, jaw motion affects
primarily the value of F1 frequency. When jaw po-
sition is held constant and the tongue moves in the
anteroposterior dimension, the primary changes are
in the F2 frequency. Such articulatory-acoustic re-
lationships are important in understanding how
changes in articulatory position will affect the
acoustic signal in speech or singing. Sundberg (4)
gives several good examples in singing. One of
these is the adjustment that female opera singers
make in the frequency of F1. Sundberg observed
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that the singers tend to have a greater jaw opening
for higher notes than for lower notes and explained
this result as follows: As fundamental frequency in-
creases, it may exceed the frequency of the first
formant, thereby reducing the sound level of the
vowel. The singer compensates for this effect by
lowering the jaw, which increases the frequency of
F1. In this way, the singer tunes the F1 frequency to
the fundamental frequency of the voice. Singers
may use several such techniques. Acoustic theory
enables these techniques to be understood in a co-
herent and parsimonious way.

Stevens (28) described what he called the ‘‘quan-
tal nature of articulation,”” or the idea that nonlin-
earities exist in the relationship between vocal tract
configuration and the acoustic signal. Stevens as-
sumed that changes in articulatory parameters are
not necessarily accompanied by commensurate
changes in the acoustic signal. To the contrary, the
quantal nature of speech is based on the assumption
that articulatory adjustments and their acoustic ef-
fects have pronounced nonlinearities. These nonlin-
earities define critical regions of the vocal tract in
which small articulatory adjustments can produce
relatively large acoustic consequences. These re-
gions presumably would require precise control of
articulation to achieve a desired acoustic result.
Therefore, languages would tend to avoid such crit-
ical regions as places of articulation for speech
sounds. These regions also would be those that a
speaker or singer protects from undue articulatory
variation.

Support for Stevens’ ideas can be found in the
work of Wood (29) and Perkell and Nelson (30),
who showed that tongue articulations for vowels
vary least in the dimensions that are most critical
for acoustic output. In particular, Wood showed
that there are four constriction locations that can be
related to a definable class of vowel qualities. These
regions are: (a) along the hard palate; (b) along the
soft palate, () in the upper pharynx, and (d) in the
lower pharynx. Thus, in the supralaryngeal system,
there may be acoustically determined constraints
operating to control the amount of variation in ar-
ticulatory positions and perhaps to guide the selec-
tion of elements in a phonetic system. The regions
just described would seem to allow variation in
mouth opening, and this point is relevant to the un-
derstanding of vocal-tract adjustments in speech
and singing. For example, singers may be encour-
aged to hold the jaw in a relatively open position. If
a certain degree of mouth opening were critical to
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vowels, then such instruction would result in unin-
telligible speech. However, if mouth opening is not
as critical as other features of the vocal tract con-
figuration, intelligible sound may be produced even
with large variations in jaw opening.

Proposals similar to the quantal theory are incor-
porated in Carre and Mrayati’s (31) “Distinctive
Regions and Modes’’ theory and in Badin et al. (20)
hypothesis of focal points in the articulatory-
acoustic conversion. The common feature in these
proposals is the idea that the acoustic signal is
highly sensitive to adjustments in certain regions of
the vocal tract. Presumably, a speaker or singer has
implicit knowledge of these nonlinearities.

This discussion has emphasized articulatory-
acoustic relations for the first two or three for-
mants. But the higher formants can be similarly
treated. For example, F4 1s related most strongly to
the length of the vocal tract and the dimensions of
the vocal tract in the vicinity of the larynx tube. For
additional discussion of higher formants in singing,
see Sundberg (4).

Source-filter theory for consonants

Consonants are classified according to their pro-
duction characteristics, typical place of articula-
tion, manner of production, and voicing. Conso-
nants have lower sound levels than vowels but they
contribute significantly to intelligibility. Acoustic
theory for consonants can be summarized in terms
of manner of articulation categories.

Nasal consonants are made with a complete con-
striction in the oral cavity and an open nasal tract
permitting nasal radiation of sound energy. A sim-
ple model is shown in Fig. 8. The acoustics of na-
salization are actually rather complicated (Fyjimura
(32)), but three principle effects are observed: ()
the bifurcation of the tract introduces antiformants
(or zeros); these have essentially the opposite effect
of formants, causing acoustic energy in the region
of the antiformant to be short circuited within the
vocal tract; (b) a strong low-frequency nasal for-
mant arises in strong association with the tube ex-
tending from larynx to nares; for men’s speech, the
nasal formant typically occurs at 2 frequency of
about 300 Hz; and (c) the fleshy, convoluted lining
of the nasal passages absorb a considerable amount
of acoustic energy; this large damping 1s reflected in
a broadening of formant bandwidths and a reduced
overall energy.

The perception of nasal consonants involves an
integration of murmur (the acoustic interval associ-
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FIG. 8. Model of vocal tract for a small consonant. The oral
cavity is constricted (OC, oral constriction) so that sound energy
passes through the nasal cavities. V, velum; L, larynx.

ated with nasal radiation of sound energy) and tran-
sition cues (33,34). Nasal consonants (and vowels
that become nasalized owing to the influence of
neighboring nasal consonants) have complicated
acoustic properties, and it should not be expected
that one invariant change in the acoustic signal will
identify nasalization. An important point to remem-
ber is that nasalized sounds (both consonants and
vowels) are weaker than oral vowels, which are

usually the most intense component in a string of
sounds.

Fricative consonants have as their essential fea-
ture the generation of turbulence noise. Noise is
produced at a region of vocal tract constriction. As
shown in Fig. 9, the constriction acts like a nozzle
so that air exiting from it forms a jet. As the jet
mixes with surrounding air, eddies form in the flow
in the vicinity of the contraction and expansion of
the constriction. The eddies are rotating volume el-
ements of air, that is, irregular, high-frequency fluc-
tuations in velocity and pressure at a point in space.
For a constriction of given dimensions, turbulence
noise is generated at a critical flow velocity given by
the well-known Reynold’s number (for general dis-
cussion of these principles, see Kent and Read (35)
and Shadle (36)). The Reynold’s number, Re, is de-
fined as:

Re = vhiv Eq. (3)

where v = flow velocity (cm?¥/s)
v = kinematic coefficient of viscosity
(about 0.15 cm?s for air), and
h = characteristic dimension (for
flow through an orifice, h is on the
order of the diameter of the orifice).
Turbulence can be visualized in a slow motion
film of the events that occur as a colored fluid is
injected into another fluid. As Re increases gradu-
ally, one could observe an initial region of laminar
flow (smooth layered air movement), then an unsta-

ble interval, and finally a condition of full turbu-
lence marked by the formation of eddies.

Because volume flow, U(cm?/s), is determined as

U = vA (A is cross —sectional area), Eq. (4)
the Reynold’s number also can be calculated as
Re = Uh/Av. Eq. (5)
MODEL OF TURBULENCE NOISE PRODUCTION
FOR FRICATIVES
et  Eddies
—_ 2227 ‘7
—_— constriction

FIG. 9. Model of vocal tract for turbulence noise generation. Air
forced through the constriction forms a jet at its outlet. Eddies
(rotating volume elements of air) are associated with turbulence.
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The volume flow U depends on the constriction size
and the pressure differential across the constric-
tion, Ps:

U =kA \ﬁg (where k = constant). Egq. (6)
Then

Re = Uh/ Av Eq. (7)
= kA \/Psh/Av
= kh\/Ps/kv

Thus, the value of the Reynold’s number, which
corresponds to turbulent flow if the value is suffi-
ciently high, depends on the size of the constriction
and the pressure driving the air through the con-
striction.

Turbulence is the energy source for fricatives, the
frication portion of affricates, the burst of stops and
the breathiness or aspiration produced in a narrow
glottis. What the listener hears as noise is the en-
ergy produced by random pressure fluctuations of
the turbulent field. Volume velocities for fricative
consonants lie in the range of 100—1,000 cm/s. The
critical Reynold’s number for speech noise is Re >
1,800.

Shadle’s (36) modeling studies showed that there
are at least two major ways in which fricative noise
is generated. The first, involving an obstacle
source, generates sound in the region of a rigid body
approximately normal to the flow. An example is
the palatal fricative /§/, for which the lower teeth
form the obstacle (which is like a spoiler in a duct).
According to Shadle, an obstacle source is associ-
ated with a maximum source amplitude for a given
flow velocity, by a relatively flat spectrum that falls
off with increased frequency, and by a maximum
rate of change of sound pressure with volume ve-
locity. It is well known that young children who
lose their central incisors until their permanent re-
placements appear have altered fricative sounds. A
major reason for this affect is the loss of the spoiler
formed by the central incisors.

The second noise source involves a wall source,
which occurs when sound is generated primarily
along a relatively rigid wall that runs roughly paral-
lel to the flow. The fricatives /¢/ and /x/ are exam-
ples of this kind of source, which is associated with
a high (but less than maximum) source amplitude
for a given flow velocity, by a spectrum that pos-
sesses a broad peak, and by a high (but not maxi-
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mum) rate of change of sound pressure with volume
velocity. Shadle proposed that the wall source is a
distributed source, whereas the obstacle source can
be modeled as a series pressure source located at
the obstacle.

Most fricatives can be modeled as a two-cavity
tube formed as the constriction is made at a point
corresponding to the place of articulation (Fig. 10).
Generally, the spectral shaping of the fricative is
determined by the resonances of the front cavity.
The lowest resonance is given by the odd-quarter
wavelength relationship already discussed for vow-
els. For example, if the front cavity has a length of
2 cm, the calculated resonance would be about
4,000 Hz. However, the back cavity resonances
also become relevant under certain conditions, as
when the back cavity is tapered so as to produce a
gradually narrowing constriction. Stevens (28) dis-
cussed fricative production in terms of the quantal
nature of the articulatory to acoustic relationships.
A number of reports have been published on the
spectral properties of fricatives produced by chil-
dren (37-41).

Turbulence noise is important not only for the
understanding of fricatives and other noisy conso-
nants, but also for an understanding of whistling
and breathy voice quality. Breathiness arises as tur-
bulence noise is generated in the larynx and possi-
bly the lower pharynx. When this turbulence noise
is mixed with the periodic vibration of the vocal
folds, the result is breathy phonation.

[ e
Trachea . Lips
Larynx
1 b —_— - ,( § ——
Anterior
Constriction

FIG. 10. Model of vocal tract for fricative production, with tra-
qhea, constriction at larynx, back cavity, articulatory constric-
tion, and front cavity. The dimensions of back cavity length and

front cavity length can be used to estimate resonance properties.
Example shown is (s).
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Stop consonants (/b d g p t k/) must be described
with respect to potential cues, given that the acous-
tic cues for a stop vary with context and syllable
position. Generally, the cues are some combination
of the following: (a) stop gap: an acoustic interval
corresponding to vocal tract closure. This interval
is truly silent for voiceless stops but often contains
voicing energy (evident in a spectrogram as a low-
frequency voice bar); (b) release burst: this tran-
sient energy, usually of no more than 20-30 ms du-
ration, is generated as the articulatory constriction
is released; and (c) formant transitions: as the oc-
cluding articulator moves away from the consonant
toward another vocal tract configuration (especially
that of a vowel), the formants shift in frequency
over an interval of about 50 ms.

Despite its brevity, the stop burst seems to be
highly informative regarding place of articulation.
Numerous papers have been published on the rela-
tive information carried by the stop burst and for-
mant transitions (42-49). Recent studies indicate
that the burst carries substantial information re-
garding place of articulation. It also appears that the
dynamic properties (time-varying spectral features)
of the burst are highly important aspects. However,
if these temporal features are neglected in the inter-
est of formulating a general rule for burst spectra,
the following principles are useful: (a) the bilabials
[p b] have a diffuse-falling spectrum, meaning that
the noise energy is widely distributed over the fre-
quency range and that the overall spectrum has
most of its energy in the low-frequencies (therefore,
the spectrum ‘‘falls’’ with increasing frequency); (b)
The alveolars [t d] have a diffuse-rising spectrum,
meaning that the noise energy is widely distributed
with most of the energy in the high frequencies
(therefore, the spectrum ‘‘rises’” with increasing
frequency); and (c) the velars [k g} have a compact
spectrum (dominant midfrequency peaks). The
word compact implies a concentration of acoustic
energy in the midfrequency region.

Formant transitions are less easily characterized,
as they depend on both the formant loci for the
consonant and the formant pattern for the vowel.
Klatt (50) is a good source on the temporal patterns
for burst, frication and voice onset time in syllable-
initial stops.

Affricate consonants [tf] and [d3] are combina-
tions of stop and fricative articulations. Like stops,
the affricates have an interval of vocal tract closure.
Like fricatives, these sounds have a frication inter-

val. Affricates stand in intermediate position be-
tween stops and fricatives in that the noise portion
of affricates is longer than that for stops but typi-
cally shorter than that for fricatives. It has been
proposed that a distinguishing feature between af-
fricates and fricatives is that the former have a
shorter rise time of the amplitude envelope (51).

Liquid consonants are the lateral {l] and the
rhotic [r]. These sounds are often troublesome to
children and tend to be mastered late in phonetic
development. The [l] resembles a nasal consonant
in having both formants (poles) and antiformants
(zeros) in its transfer function. The zeros arise be-
cause of the bifurcation of the vocal tract created by
the midline apical constriction for [1]. The [1] has a
formant structure characterized by a low-frequency
F1, midfrequency F2, and a high-frequency F3.
Mean formant frequencies for 1] reported by Nolan
(52) were: F1, 360 Hz; F2, 1,350 Hz; and F3,
3,050 Hz.

The [r] has a well defined formant pattern, the
distinguishing feature of which is a small F3-F2 dif-
ference. For example, Nolan (52) reported the fol-
lowing mean formant frequencies for [r]: F1, 320
Hz; F2, 1,090 Hz; and F3, 1,670 Hz. The F1 and F2
frequencies are similar to those for [1], but the F3-
F2 difference is about 600 Hz for [r] compared to
about 1,500 Hz for [1].

The acoustic properties of the liquids also have
been described in several other papers (53-56).

Glide consonants (semivowels) are the [j] and
[w]. These have well-defined formant patterns in
which formant frequencies change gradually over
an interval of about 60~100 ms. The formant pattern
for [j] is similar to that for the high-front vowel [i]
(which [j] resembles in articulatory configuration).
The formant pattern for [w] is similar to that for the
high-back vowel [u] (which [w] resembles in artic-
ulatory configuration). Discussions of glides are
available in Liberman et al. (55) and O’Connor et al.
(56).

In his discussion of the relations between the vo-
cal tract area functions and the acoustic signal of
speech, Fant (57) summarizes the research agenda
of vocal tract modeling: ‘. . . to improve tech-
niques for inferring vocal tract characteristics from
speech wave data we need a better insight into vo-
cal tract anatomy, area function constraints, and a
continued experience of confronting models with
reality—a balanced mixture of academic sophistica-
tion and pragmatic modeling’ (57).
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LABORATORY INSTRUMENTS FOR
SPEECH ANALYSIS

For many years, the central piece of equipment
for the acoustic analysis of speech was the sound
spectrograph, which produced a three-dimensional
(intensity X frequency % time) analysis in the form
of the spectrogram. The spectrograph was the ori-
gin of much of the data that made acoustic phonet-
ics a laboratory science. A useful reprint collection
of 33 papers on speech spectrography was recently
published (58). It includes papers in the categories
of: Basics and Beginnings, Spectrographic Charac-
teristics of Normal Speech, Speech Sound Devel-
opment, and Spectrography in Evaluation and
Therapy.

The original spectrographs operated on the ana-

log voltage signal of speech 1o produce a running
short-spectrum, which was printed in hard copy
form by a controlled burning of facsimile paper. The
blackness of the burning produced the gray scale by
which intensity was represented.

The modern acoustic analysis of speech is for all
practical purposes based on digital signal process-
ing (59,60). The analog signal is converted to digital
form for storage in a computer, often a microcoms-
puter. Software programs enable the user to per-
form a variety of analyses and displays. Some of the
functions are summarized below.

waveform display and editing: A selected portion
of the speech waveform can be displayed on a video
monitor. Typically, cursors are then positioned to
make further selections for editing, analysis, or
playback. Figure 1lc gives an example of a wave-

FIG. 11. Acoustic analysis of speech showing
(a) spectral analyses, (b) spectrogram and (c)
waveform. The waveform in (c) shows a cursor
positioned to select a point for spectral analy-
sis; (b) the spectrogram corresponds to the
waveform in (a) and also shows the selected
cursor position; and the FFT (fast Fourier
transform) and LPC (linear predictive coding)
spectra in (a) were determined for the cursor
positions shown.

At
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form display with a cursor positioned to mark a
point in a vowel. Once the segment is marked, it can
be played for listening or analyzed further as dis-
cussed below. In addition, manipulation and mea-
surement of the waveform greatly aids the investi-
gation of the temporal structure of speech, which is
a rich source of information for segmental and pro-
sodic aspects of speech (61-63).

Spectrogram: Although the analog spectrograph
has all but disappeared from most laboratories, the
spectrogram as an analysis format survives, now
generated from digital files and displayed on a video
monitor or printed with a hard copy device. Many
speech analysis systems permit the waveform and
spectrogram to be simultaneously displayed. Figure
11b shows the spectrogram that corresponds to the
waveform in Fig. 11c. Another tool that may be-
come increasingly used in speech analysis is the
Wigner-Ville distribution, which, like the spectro-
gram, is a time-frequency representation. This dis-
tribution gives the advantage of high resolution at
the expense of interference (cross) terms in the
time-frequency spectrum. Time-frequency smooth-
ing can be used to suppress the cross-terms, and, if
the fundamental period is taken as the time resolu-
tion of the analysis, then the time-smoothed
Wigner-Ville momentum spectrum is a “‘pitch spec-
trum’’ (64).

Spectral analysis: Almost all of the commercial
speech analysis systems for microcomputers pro-
vide for fast Fourier transform (FFT) and linear pre-
dictive coding (LPC) spectra. Figure 11a shows an
overlaid display in which important differences be-
tween the two analyses are readily seen. The seg-
ment selected for analysis is the vowel waveform
shown in Fig. 11c. The FFT spectrum makes appar-
ent the harmonics of the voicing source. The rela-
tive amplitudes of the harmonics as seen in the FFT
spectrum reflect the combined source spectrum, the
transfer function of the vocal tract, and the radia-
tion characteristic. If the purpose of analysis is to
determine formant frequency locations, then the
user must infer the formant structure from the har-
monic spectrum. This task is often uncertain, espe-
cially if the actual center frequency of the formant is
not coincident with a harmonic. The uncertainty is
proportional to the speaker’s fundamental fre-
quency; i.e., the error in formant frequency estima-
tion is greater for voices with a high fundamental
frequency. In contrast, the LPC analysis shows a
spectral envelope that is ideally related only to the
effects of formant shaping. The identification of for-

mants is therefore easier, as the peaks in the spec-
trum presumably reflect formant structure. In prac-
tice, the LPC analysis does not always reveal for-
mants as clearly as in the illustration. Particularly
when formants are close together, as in the case of
F1 and F2 for vowels [u] and [a], the analysis can
fail to resolve the proximal formants. Another anal-
ysis now beginning to appear in microcomputer-
based speech analysis systems is formant tracking,
typically based on a LPC spectral analysis. This
analysis provides an automatic tracking of formant
frequencies. A particular advantage of this analysis
is that the formant frequencies and bandwidths are
available in a data file so that they can be analyzed
statistically or used for purposes such as LPC re-
synthesis (described in a later section). Both FFT
and LPC analyses are now fairly standard features
of microcomputer-based systems and they are
highly useful. However, the future may hold the
development and refinement of still other ap-
proaches to spectral analysis. Hermansky (65) de-
scribed a linear perceptual coding (PLP) that incor-
porates psychophysical properties of the human
ear. An advantage to PLP analysis is that it may
improve the correlation between acoustic analysis
and auditory-perceptual judgments of the speech
signal.

Vocal fundamental frequency extraction and re-
lated parameters of vocal function: Most speech
analysis systems allow at least one technique for fo
determination. The systems vary greatly in the al-
gorithms used, speed of analysis, and vulnerability
to various kinds of error (66,67). Many analysis sys-
tems also provide additional measures of vocal
function. For example, CSpeech (68) calculates jit-
ter, shimmer, and S/N ratio. The system developed
by Nikolov et al. (69) extracts data for seven time-
domain parameters and three frequency-domain pa-
rameters. In contrast, others have tried to develop
single-value indices of voice or speech function.
Harmegnies (70,71) used statistical indices of the
degree of (dis)similarity between spectra. Frokjaer-
Jensen and Prytz (72) also worked toward a single-
value registration of spectral information. Dejonck-
ere, Wieneke, and de Krom (73) used cepstral anal-
yses. The cepstrum is a spectrum of a spectrum,
i.e., the inverse Fourier transform of the power
spectrum. Dejonckere et al. reported that the rela-
tive amplitude of the dominant rharmonic (highest
peak in the cepstrum) correlated highly with voice
quality judgments and seemed to be an effective
objective synthesis of features of voice quality.
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F— 2 FIG. 12. Display of parameters derived from

LPC analysis of the word bit. Note in particular
the first two formants F1 and F2 and the into-
nation contour labeled fo.

F 1

.fo

In addition to the foregoing analyses, sOme sys-
tems offer additional capabilities that have great po-
tential in understanding the acoustic aspects of
voice and speech. One of these 1s LPC resynthesis,
in which the coefficients extracted by LPC analysis
can be selectively modified. Resynthesis is then
performed on the modified coefficient matrix. An
example is shown in Figs. 12 and 13 which illustrate
modification of both formant pattern and fo con-
tour. The original utterance bit [bIt] produced with
a falling fo contour was resynthesized to form a new
utterance bat [b ae t] having a rising fo contour.
This resynthesis was performed on an IBM PC/AT
microcomputer and an analysis system from Kay
Elemetrics.

e e (o]

Resynthesis is a powerful tool that can be used to
examine the effects of selected changes in acoustic
features of a signal. It will enable the investigator or
clinician to determine the effect of a selected acous-
tic change on the intelligibility or quality of a speak-
er’s utterance. To date, resynthesis has been used
largely with the speech of the deaf to determine
which features are related to improvements in intel-
ligibility. Maassen and Povel (74) concluded from
their work on LPC resynthesis that improved intel-
ligibility for the 10 subjects they examined would
depend more on articulatory changes than on alter-
ations of temporal structure or intonation.

More detailed discussions of speech analysis sys-
tems for microcomputers, including prices and ven-

FIG. 13. Display of parameters for the word
bat, resynthesized from the parameters shown
in Fig. 12 for the word bit. The resynthesized

sound has a different formant pattern (note the

different F1 and F2 frequencies) and a different
intonation (note the altered fo contour).

— 1 [vove | (11 ] [ow ] (e (7] (%0 [OX]
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dor addresses, are available in Read, Buder and
Kent (67,75).

ACOUSTIC MEASURES OF SPEECH
AND VOICE

The acoustic signal of speech is rich in potential
information, and a large number of measures have
been proposed for its analysis (76-79). Sundberg (5)
is a good source of acoustic information on singing.
Some acoustic measures of speech were mentioned
in the foregoing section. It is not possible to accom-
plish a comprehensive review of these measures in
this paper. However, a relatively small set of mea-
sures have a high frequency of usage. These mea-
sures are summarized in Table 2 with respect to
analysis techniques. The table entries indicate the
suitability of a particular technique (e.g., waveform
display, wide-band spectrogram, LPC spectrum)
for a given measurement. When a question mark
appears, it means that some relevant information
conceivably could be produced with the technique
but it is not conventional or efficient in this appli-
cation. Other entries in the table are explained in
the caption.

Tables 3 and 4 summarize major acoustic proper-
ties of vowels and consonants. Table 3 gives rules
of thumb for the acoustic correlates of vowel pro-
duction. Table 4 summarizes the acoustic correlates
of major consonant classes.

The acoustic signal of speech contains much in-
formation on voice production and the resonance
properties of the vocal tract. As indicated earlier,
several analysis methods can be used to extract this
information. No single method satisfies every pur-
pose, but one can easily be overwhelmed by at-
tempting to use several alternative analyses and an
associated large number of acoustic measures.
Moreover, choice of analysis rests on conceptual
issues. Klingholz and Martin (80) described two
concepts of how the voice functions as a signal gen-
erator. Each concept is associated with a class of
analysis methods. One concept is deterministic, for
example, attempts to identify acoustic-physio-
logical relationships as they are expressed in the
magnitudes and time records of acoustic variables.
The other concept assumes that the speech wave is
suitably represented as an ergodic random process,
in which case the usual analysis effort is directed to
description of the long-term distribution of an
acoustic variable. The two approaches can be illus-
trated with the measure of jitter, or cycle-to-cycle

variation in the fundamental period of the glottal
waveform. A deterministic approach might seek to
explain variations in jitter with respect to some set
of physiological variables. Orlikoff (81) considered
how jitter could be related to cardiovascular and
neuromuscular variables. The former was regarded
as a nonrandom influence and the latter as a random
influence. Alternatively, if one assumed that jitter
can be described solely as a random process, then a
natural approach is to examine the long-term distri-
bution of jitter for a voice sample.

The deterministic vs. random distinction is not
dichotomous. Not only could there be a combina-
tion of deterministic and random influences, as sug-
gested by Orlikoff (81), but there is an intriguing
third possibility of explanation—chaos. Chaotic
systems may seem upon superficial examination to
be random processes, but if the initial conditions
are carefully specified, the systems ‘‘settle’’ into
predictable stable states. Chaos is being applied to
many signals and natural phenomena that have long
been regarded as random processes. For example,
some recent analyses of the electroencephalogram
seek to understand these electrical activity patterns
of the brain in terms of ‘‘strange attractors’’ (82).
The behavior of the vocal folds also may exhibit
some patterns that can be accounted for by chaos.
For example, different modes of vibration might be
associated with different stable states. This is far
too complex an idea to be summarized in any sat-
isfactory way in this paper, but the point of this
discussion is that scientists in many disciplines are
turning to chaos to explain phenomena that were
not satisfactorily explained by traditional notions of
determinism and randomness. One observer has
noted that, when the scientific accomplishments of
the twentieth century are finally evaluated, just
three will stand out: relativity, quantum mechanics
and chaos.

PROSPECTS FOR AUTOMATED,
MULTIDIMENSIONAL ANALYSIS

Finally, attention is given to some examples of
acoustic analysis. The combination of acoustic the-
ory, digital processing methods, and acoustic-
phonetic measures, is very nearly at the stage of
generating automatic (or nearly so) quantitative
evaluations for utterances of variable length, using
a personal computer and modest investment in as-
sociated hardware and software. This capability
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TABLE 2. Suitability of various analy

selected acoustic measures

R. D. KENT

sis techniques for

Technique
Measurement Waveform Envelope
Voice onset time Y Y
Segment duration Y Y
Formant frequency N N
Formant amplitude N N
Formant bandwidth N N
Mean fundamental frequency Y N
Fundamental frequency contour Y N
Consonant noise spectrum N N
(burst or frication)
Harmonic spectrum ? N
Voicing energy Y N
Noise in voiced signal Y N
Amplitude rise time Y Y
Jitter Y (calc) N
Shimmer Y (calc) N
Signal/noise ratio Y (calc) N
Technique
Spectrogram
Measurement Wide-band Narrow-band
Voice onset time Y Y (poor)
Segment duration Y Y (poor)
Formant frequency Y Y
Formant amplitude Y (poor) Y (poor)
Formant bandwidth Y (poor) Y (poor)
Mean fundamental frequency Y (poor) Y
Fundamental frequency contour Y (poor) Y
Consonant noise spectrum Y Y
(burst or frication)
Harmonic spectrum NA (usually) Y
Voicing energy Y Y
Noise components in
voiced signal Y Y
Amplitude rise time Y (poor) Y (poor)
Jitter Y (poor) Y (poor)
Shimmer Y (poor) ?
Signal/noise ratio N N
Technique
FFT LPC
Measurement spectrum spectrum
Voice onset time N N
Segment duration N N
Formant frequency Y (HP) Y
Formant amplitude Y (HP) Y
Formant bandwidth Y (HP) Y
Mean fundamental frequency Y (HP) N
Fundamental frequency contour N N
Consonant noise spectrum Y Y
(burst or frication)
Harmonic spectrum Y N**
Voicing energy Y YH*
Noise in voiced signal Y Y
Amplitude rise time N N
Jitter N N
Shimmer N N
Signal/noise ratio Y Y
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TABLE 2—(Continued)

Technique

Waterfall

Measurement Cepstrum

Voice onset time

Segment duration

Formant frequency

Formant amplitude

Formant bandwidth

Mean fundamental frequency

Fundamental frequency contour

Consonant noise spectrum
(burst or frication)

Harmonic spectrum

Voicing energy

Noice in voiced signal

Amplitude rise time

Jitter

Shimmer

Signal/noise ratio

o~

FFT)

E

(FFT)
(FFT)
(FFT)

oo T, IR ZZZZZ
e aia e R ot

** Theoretically, an LPC analysis with a large number of co-
efficients can yield an harmonic spectrum like that produced by
a FFT. Practically speaking, few commercially available systems
allow such a large number of coefficients.

Y, yes, suitable; N, no, not suitable; 9, questionable; Y (cale),
yes, with appropriate calculations; Y (poor), yes, but not a
method of choice; NA, not applicable; Y (HP), yes, using har-
monic pattern.

marks a profound advance over what was available
only a decade or so ago.

An example of this capability is given in Figs. 14
and 15 for a short sentence ““The potato stew is in
the pot’’ spoken by a2 woman with dysarthria (a neu-
rological speech impairment) resulting from amyo-
trophic lateral sclerosis, a degenerative neurologi-
cal disease that typically results in severe dysarthria
during its progression. The result shown in Fig. 14
is from a point relatively early in the disease when
the woman had nearly normal speech. This illustra-
tion is a multi-parameter display in which quantita-
tive analyses are automatically performed by a
modified version of CSpeech (68). The results are
plotted against time. The panels show, in descend-
ing order: (a) formant tracks determined by LPC;
(b—e) coefficients derived from the fourth, third,
second, and first moments of the spectral distribu-
tion; (f) rms amplitude envelope; and (g) fo as de-
termined by a pitch determination algorithm.

Fig. 14 reveals that the woman is quite capable of
making acoustic contrasts that are needed for intel-
ligible speech. For example, the formant trajecto-
ries are substantial, showing that she was able to
make significant adjustments in her vocal tract con-
figuration. The coefficients from the spectral mo-
ments describe the overall shape of the spectrum as
follows: M1, spectral mean or center of gravity;
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TABLE 3. Differences in selected acoustic measures
between low vs. high vowels, front vs. back vowels,
rounded vs. unrounded vowels, and nasal vs.
nonnasal vowels

Measure Low-high difference

Mean fo Low vowel < High vowel
Intensity Low vowel > High vowel
Duration Low vowel > High vowel
F1 frequency Low vowel > High vowel
Jitter Low vowel > High vowel

Front-back difference

F2-F1 differene Back vowel < Front vowel

Tense-lax difference

Duration Tense vowel > Lax vowel
Rounded-unrounded difference
F1 + F2 + F3 Rounded vowel < Unrounded vowel

Nasal-nonnasal difference

Formant bandwidth Nasal vowel > Nonnasal vowel

Nonnasal vowel
Nonnasal vowel
Nonnasal vowel

Nasal vowel
Nasal vowel
Nasal vowel

Intensity
F1 frequency
F2 + F3 frequency

AV A

M2, variance of energy about the mean; M3, skew-
ness or tilt of the distribution; and M4, kurtosis (83).
The changes in the first moment, M1, reflect signif-
icant changes in the spectrum, basically indicating
that she produced fricatives (high M1 values) as
well as vowels and sonorants (low M1 values).
Figure 15 shows the results of this multiparame-
ter analysis for the same sentence produced by this
woman several months later when she had a severe
dysarthria. Note that the time scale of the figure has
been adjusted because her speaking rate had slowed
considerably. Her ability to make acoustic con-
trasts was markedly reduced at this point. Note in
particular the flattened formant trajectories and the
relatively unchanging first moment. These features
can be related to the underlying physiology, espe-

cially atrophy of the tongue and a reduction of lin-
gual motoneurons. The tongue eventually fails to
move sufficiently to bring about large changes in
formant pattern or to accomplish the constriction
needed for turbulence noise.

The interpretations given so far are examples of a
deterministic approach to analysis. Using the same
data, one can take another perspective based on the
long-term average spectrum. Fig. 16 shows the
long-term power spectrum for the sentence seen in
the multiparameter time history of Fig. 15. Distinct
peaks in the spectrum correspond to the nearly un-
changing formants apparent in Fig. 15.

The analyses presented in Figs. 14 and 15 go be-
yond the spectrogram in that they display quantita-
tive parameters of speech and vocal function. The
measures can be viewed in either a deterministic
framework or a random ergodic framework. The
spectrogram is a highly useful form of analysis but
is not immediately quantitative in the sense of pro-
viding measures on speech and vocal function.
Such measures are often tediously obtained by the
user, working either from hard copy spectrograms
or the monitor-displayed spectrogram. This is not to
say that the spectrogram has lost its usefulness.
CSpeech generates a spectrogram which is very im-
portant for evaluating the success of the LPC for-
mant tracker and well as in aiding interpretation
of features such as those that appear in Figs. 15
and 16.

The same analysis system, CSpeech, can be used
to perform perturbation analyses, such as calcula-
tions of jitter, shimmer, and signal-to-noise ratio
(Pinto and Titze (84) summarize these perturbation
measures). Figure 17 shows a voice analysis for a
sustained vowel produced by a man who has dys-
arthria associated with amyotrophic lateral sclero-
sis. The figure shows, from top to bottom, the
waveform envelope, the fundamental frequency
contour, the jitter waveform and the shimmer wave-

TABLE 4. Acoustic properties of major classes of consonants

Consonant Class

Property F S A N L G

Prolonged noise Yes No Yes No No No

Noise burst (brief noise) No Yes No No No No
Rapid rise of noise energy No Yes Yes No No No
Sonorant formant pattern No No No Yes Yes Yes
Nasal murmur No No No Yes No No
Stop gap (silent interval) No Yes Yes No No No
Voiced/voiceless cognates Yes Yes Yes No No No

F, fricative; S, stop; A, affricate; N, nasal; L, liquid; G, glide.
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FIG. 14. Multiparameter acoustic analysis of the sentence, “The
potato stew is in the pot,” spoken by 2 woman who has an early
stage of amyotrophic lateral sclerosis. See text for description.
Note especially the changing formants (F1, F2, F3) and the in-
crease in the M1 coefficient for noise (N) segments. (The formant
tracking algorithm did not follow F1 to the end of the utterance.)

form. Usually, jitter and shimmer values are re-
ported numerically, but we find that plotting the
perturbation values helps to identify temporal vari-
ations in vocal function, e.g. episodes of marked
instability.

SUMMARY

The rapidly evolving field of speech acoustics is
making available to the scientist, clinician, teacher,
and hobbyist a powerful but reasonably economical
capability for acoustic analyses that, as recently as
a few years ago, could be accomplished only with a
mainframe computer and expensive hardware-
software systems. The prospective user of a con-
temporary system for acoustic analysis of speech
and voice can develop a multifunction laboratory
around a microcomputer. The study and application
of vocal tract acoustics has entered a new era of
data collection and analysis. This era is based on a
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FIG. 15. Multiparameter acoustic analysis of the sentence, “The
potato stew is in the pot,” spoken by a woman with advanced
amyotrophic lateral sclerosis. She is severely dysarthric in her
production. Compare with Fig. 14 and see text for description.
Note especially the relatively flat formant trajectories and the
nearly constant M1 coefficient.

foundation of linear source-filter theory, quantita-
tive analyses, and efficient methods of digital signal
processing that can be implemented on microcom-
puters. A welcome feature of modern analysis sys-

O 12 3 456 7 8

FIG. 16. Long-term power spectrum for the sentence displayed
in Fig. 15. Note prominence of spectral peaks corresponding to
the relatively constant formants. Frequency in kHz is scaled on
the abscissa. Ordinate is relative amplitude.
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tems is that they can provide measures of both
voice and vocal tract function. The correct interpre-
tation of this information requires a knowledge of
acoustic theory and analysis algorithms. This paper
has summarized basic speech acoustics necessary
for such interpretations.
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