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Abstract—The purpose of this paper is to describe a technique for
semiautomatically determining the pitch contour of an utterance. The
method is significantly more sophisticated than the standard technique
of hand tracking of pitch periods from a waveform display of the utter-
ance and leads to a fairly robust measurement of the pitch period. This
technique utilizes a simultaneous display (on a 10 ms section-by-section
basis) of the low-pass filtered waveform, the autocorrelation of a 400-
point segment of the low-pass filtered waveform, and the cepstrum of
the same 400-point segment of the wideband recording. For each of the
separate displays (i.e., waveform, autocorrelation, and cepstrum) an in-
dependent estimate of the pitch period is made on an interactive basis
with the computer, and the final pitch period decision is made by the uses
based on results of each of the measurements. The technique has been
tested on a large number of utterances spoken by a variety of speakers
with very good results. Formal tests of the method were made in which
four people were asked to use the method on three different utterances,
and their results were then compared. During voiced regions, the standard
deviation in the value of the pitch period was about 0.5 samples across
the four people. The standard deviation of the location of the time at
which voiced regions became unvoiced, and vice versa was on the order
of half a section duration, or 5 ms. The major limitation of the pro-
posed method is that it requires about 30 miii to analyze 1 s of speech.
However, the increased accuracy and robustness of the results indicate
that the tradeoff of time for accuracy is a good one for many applications.

I. INTRODUCTION

FOR SOME applications, an extremely accurate and re-
liable measurement of the pitch contour of an utterance
is required. One such application is a comparison and

evaluation study of a variety of pitch detection algorithms
which has recently been performed at Bell Laboratories [1].
Another application was a study of the inter and intra speaker
similarities in pitch contours for several utterances [21. Other
applications include studies for determination of linguistic
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rules for pitch generation for use in speech synthesis applica-
tions [3], [4]. Although a large number of pitch detection
algorithms have been proposed in the literature, none of them
is able to achieve the performance of a human who is knowl-
edgeable in the area of speech communications with a fairly
sophisticated interactive display of the speech waveform.

The usual method of manual pitch detection is for the user
to mark pitch periods on a period-by-period basis, directly on
a display of the speech waveform. Although such a technique
is often quite good, there are segments of some speech sounds
during which the waveform periodicity is not clearly visible in
the waveform due to rapid spectral changes in the sound [5].
During such intervals a rough indication of the pitch period
can be obtained from the waveform, but due to the changing
spectrum, the pitch period estimate can be off by several
samples. It is the purpose of the paper to describe a semi-
automatic pitch detection (SAPD) technique which is sig-
nificantly more sophisticated than the standard manual pitch
tracking method described above, and which has been found
to yield reliable, and repeatable estimates of the pitch period
acjoss a variety of speakers and utterances.

II. THE ANALYSIS SYSTEM

Fig. 1 shows a block diagram of the SAPD processing. The
speech signal s(n) sampled at a 10 kflz rate is processed to give
three simultaneous displays for each section of speech. For
two of the displays the speech is low-pass filtered by an N =99

linear phase, finite impulse response (FIR), low-pass digital
filter with a passband cutoff frequency of 900 Hz, and a stop-
band cutoff frequency of 1100 Hz. Fig. 2 shows a plot of the
log magnitude frequency response of the filter. The passband
ripple of the filter is about 0.03 and the stopband ripple is
down about 50 dB. The low-pais filtered speech waveform
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(n) is autocorrelated to give the first 250 points of the auto-
correlation function R1(m). Finally, the cepstrum of the wide-
band signal s'(m) is computed as the third display.

The choice of these three displays, i.e., the low-pass filtered
waveform, its autocorrelation function, and the cepstrum of
the wideband signal, was dictated by the desire to obtain
several fairly independent estimates of the pitch period. It was
expected that the autocorrelation display would provide a
good estimate of the pitch period in cases where the waveform
was unreliable due to the changing waveform phase since the
autocorrelation function is essentially phase insensitive. The
low-pass filtered waveform was used rather than the wideband
signal because the high-frequency information present in the
waveform tends to mask visual identification of the period
rather than aid in the decision. Finally, the cepstrum was used
to provide a frequency domain pitch measurement which again
was fairly insensitive to changing phase in the waveform.

Fig. 3 shows a typical frame of the SAPD program, for a sec-
tion of voiced speech. The top display shows 60 ms (600
samples) of the low-pass filtered waveform on a normalized
amplitude scale. The solid vertical line at sample 1000 shows
the center of the current section of speech being analyzed.
The user manually (via cursor controls on the console) sets
two pointers which delineate the pitch period closest to the
solid marker, i.e., one marker precedes the solid marker, the
other follows it. The computer draws a dashed line at each
pitch period indication. Once the appropriate pitch period has
been found, the computer indicates the sample number of the
beginning of the period (Xl 985) and the end of the period
(X2 1063) with the difference being the first estimate of the
current pitch period (PD = 78). It should be noted that all
pitch markers from previous analysis frames are included in
the low-pass waveform display to provide a continuity from
period to period. It is also worth noting that experience has
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Fig. 3. Typical frame from the SAPD analysis during a voiced segment.

indicated that a reasonable place to put the pitch markers is at
an upwards zero crossing where there is a sharp slope in the
waveform. To this end the SAPD program aids the user in lo-
cating the exact place to put the marker, once the user has in-
dicated the approximate location, by searching in the neighbor-
hood of the indicated point to find the nearest place where an
up crossing occurs. Thus extremely accurate placement of the
markers is handled by the program, and is therefore not a
stringent requirement on the user.

The second display in Fig. 3 is the first 250 points of the
autocorrelation of the low-pass ifitered waveform. The auto-
correlation is computed from a 400-point section of the low-
pass filtered waveform centered at the middle of the current
frame, i.e., the 400 samples used in the computation are the
last 400 samples displayed in the waveform display of Fig. 3.
The SAPD program searches the autocorrelation function for
the largest peak in the range m = 20 to m = 249, and draws a
dotted line at the peak value, and indicates this pitch period
estimate to the user (PP = 78). If the peak picker has made a
mistake, or the user disagrees with the value chosen for the
pitch period, he can manually move a curser to any point on
the autocorrelation function and the program will select the
maximum value in a 5-point range around the chosen value
and indicate this new value to the user (UP = 78). This feature
is especially useful in cases where the peak of the autocorrela-
tion function at twice the period is somewhat greater than the
peak of the autocorrelation function at the true period.

The final display in Fig. 3 is the cepstrum of the 400-sample
section of the wideband speech centered at the middle of the
current frame. The strongest peak in the cepstrum in the range
m = 20 to m = 249 is automatically located, its position indi-
cated by a dotted line, and this pitch period estimate is in-
dicated to the user (PP = 78). If the user wants to choose a
'different cepstral point as the estimate of the pitch period, he
can position a curser to a new value, and the program will find
the maximum in a 5-point region around the indicated value
(UP— 78).

For each display the program indicates something about the
absolute signal level or the value at the estimated pitch peak.
For the waveform display, the program indicates the maximum
absolute signal level (MAX = 9772) relative to the peak possible
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Fig. 1. Block diagram of the SAPD system.
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level of 32 767. This level gives a good indication of the
amount of signal energy, and is helpful in making a decision as
to whether a section of speech is voiced or unvoiced. For the
autocorrelation function, and the cepstrum, the value of MAX
on the displays is the value of the peak, relative to the value of
the display at m = 0 which is arbitrarily set to a value of 100.
Such indications serve as a measure of how good the pitch
estimates are. _____________________________________________________

The final decision as to the pitch period for the current
frame is made by the user based on the three estimates already
made. The program indicates the median of the three pitch _______________________________________________
period estimates, and gives the user the option to change this
value to any desired one. In the example of Fig. 3,all three
estimates were identical (a period of 78 samples) and thus no
changes were required. For unvoiced speech, the user changes
the pitch period to a value of 0 and proceeds with the next
frame.

Generally, a waveform display program is used prior to the
SAPD program to give a gross indication of the regions of un-
voiced and voiced speech. Fig. 4 shows a typical section of
1024 samples at the beginning of an utterance. A gross indica-
tion of the point at which voicing begins is shown on this ____________________________
figure.

III. EXAMPLES OF SAPD ANALYSIS

Figs. 5-8 show typical examples of the types of behavior
which are encountered using the SAPD program. In Fig. 5 the
section of speech is at a transition from unvoiced-to-voiced
speech. In this case about half the 400 samples of the current
frame are unvoiced and half are voiced. Thus the autocorrela-
tion and cepstrum indications of the pitch period are greatly
in error (as further evidenced by the low values of the peaks),
whereas the best estimate of the pitch period is directly from
the low-pass filtered waveform in this case. Fig. 6 shows an
example in which the waveform phase is changing within a
voiced section of speech, in which case the waveform measure-
ment is inaccurate, whereas the autocorrelation is more accu-
rate, and even the cepstrum gives a fairly good pitch estimate.

Fig. 7 shows an example in which the speech section is
undergoing a voiced-to-unvoiced transition. In this case each
of the pitch period estimates are widely disparate with each
other, and the final pitch period estimate is set to zero, indi-
cating unvoiced speech. Finally, Fig. 8 shows a section of un-
voiced speech in which all three estimates are indicative of
unvoiced speech.

The SAPD analysis is performed every 10 ms, giving 100
estimates of pitch per second. Fig. 9 shows a typical analysis
of an entire utterance. In this case the utterance was "every
salt breeze comes from the sea" spoken by a male speaker.
The upper plot in Fig. 9 shows the pitch estimates obtained
directly from the analysis, and the lower plot shows a non-
linearly smoothed [61 version of the pitch contour.

IV. ERROR ANALYSIS OF SAPD RESULTS

The SAPD analysis was intended to be used in a comparative
study of several pitch detection algorithms [1]. As such, it was
required to provide the most reliable estimates of pitch period
which could be obtained in order to be used as the standard of
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Fig. 4. Typical frame of 1024 samples of the low-pass filtered waveform.
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Fig. 5. Typical frame from the SAPD analysis during an unvoiced-to-
voiced transition.
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Fig. 6. Typical frame from the SAPD analysis during a sharp voiced
transition.

comparison for the study mentioned above. To verify how re-
liable and robust the pitch estimates obtained from the SAPD
analysis were, four users were given the same set of three
utterances, and were required to do the entire analysis on
each utterance. -

The utterances were the sentence, "every salt breeze comes
from the sea," spoken by a female, a male, and a low-pitched
male. Table I shows part of the four analyses of the female
utterance. It can be seen that each of the users obtained re-
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TABLE I
TYPICAL EXAMPLE OF SAPD RESULTS FOR FOUR USERS

Female Speaker—F 107 M

2\J 250

User
MC
CM
LR
AR

Frame Number

1 2 3
0 0 0
0 0 0
0 0 0
0 0 0

Difference 0 0 0

4 5 6 7 8 9 10
42 43 43 43 43 43 43
43 43 43 43 43 43 43
42 43 43 43 43 43 43
42 43 43 43 43 43 43

1 0 0 0 0 0 0

MC
CM
LR
AR

Difference 0 1 0

Xl 3370
X2 3454
PD 84

PP 72
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Fig. 7. Typical frame from the SAPD analysis during a voiced-to-
unvoiced transition.
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Fig. 8. Typical frame from the SAPD analysis during an unvoiced
section.
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TABLE II
VARIANCE OF VoIcED-UNvoIcED ONSET AND PITCH PERIOD FOR

THREE UTTERANCES

Female
Speaker

Male
Speaker

Low-Pitch
Male Speaker

0/u 0.4 0.5 0.4

a, 0.6 0.12 1.4 (0.23)a
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aunusually large discrepancy at the onset of one-voiced re-
gion disregarded.

2) There were some small differences in the estimated point
at which voiced—unvoiced transitions occurred.

A simple statistical analysis was performed to obtain an idea
as to the variance of the pitch estimates and the variance of
the voiced-unvoiced switching time. (The average error was
assumed to be zero across the four users.) Table II shows the
results obtained for the three utterances. The variance of the
voiced-unvoiced Onset time was on the order of 0.5 intervals,
or about 5 ms, across all three speakers. Thus the four users
agreed on the location of the voiced or unvoiced onset to
within one interval most of the time. The variance of the
pitch period varied from 0.6 samples for the female speaker,
to 0.12 samples for the male speaker, to 1.4 samples for the
low-pitched male. The relatively large variance for the low-
pitched male was due primarily to an unusual voicing onset for
one voiced region in which a large discrepancy existed in the
pitch period estimates. Without this large error, the variance
was 0.23 samples for the remainder of the utterance. Thus
Table II gives a strong indication that the SAPD technique
yields reliable, and fairly robust estimates of the pitch period
across a wide range of utterances and speakers.

One final note is worth making. This concerns the time re-
quired to perform the SAPDanalysis. An experienced user re-
quired about 30 mm to process 1 s (100 frames) of speech.
Thus this technique is of value only if the amount of speech

I 2
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Fig. 9. Composite pitch period contours (both unsmoothed and
smoothed) for an utterance analyzed using the SAPD method.

suits which were almost identical to those of the other users.
Basically, there were two types of discrepancy in the detailed
analysis of each of the users. These were the following.

1) During voiced regions there were some small differences
in the estimated pitch periods.
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to be analyzed is limited. In the comparative study of pitch
detectors [1], a total of 56 utterances lasting about 80 s were
analyzed, or a total of about 40 h on a computer were required.

In summary, the SAPD program is proposed as an alternative
to simple waveform measurements for accurate and repeatable
estimates of the pitch period for applications where extremely
accurate analysis results are required.
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Numerical Determination of the Lip Impedance and
Vocal Tract Area Functions

HISASHI WAKITA AND AUGUSTINE H. GRAY, JR., MEMBER, IEEE

Abstract—Two new methods based on a nonuniform acoustic tube
model of the vocal tract are developed: a method for estimating the lip
impedance zeros and poles directly from the speech wave and a method
for computing the area function noniteratively from given lip imped.
ance singularities.

I. INTRODUCTION

THIS PAPER describes two new methods which can be
derived from an acoustic tube model of the vocal tract.
The first is a method for estimating the lip impedance

zeros and poles directly from the acoustic speech wave. The
second is a simple noniterative method for determining a
unique vocal tract area function from given lip impedance
zero and pole frequencies.

There has been considerable interest in the problem of
determining a unique vocal tract shape directly from acoustical
measurements to avoid the drawbacks of X ray measurements,
such as the limited safe dosage and the laborious task of pro-
cessing data. In this context, Mermelstein and Schroeder [1],
[2] first presented the problem as a first-order perturbation
analysis of the Webster horn equation. The work was then
extended by Mermelstein [3] and by Heinz [4J. Mermeistein
presented the problem as an inverse eigenvalue solution for
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nearly uniform tracts, based upon the fact that two sets of
eigenvalues for different boundary conditions give a unique
area function. He chose the lip impedance zero and pole fre-
quencies as two sets of eigenvalues and found a method for
determining the area function by applying the perturbation
theory iteratively so that the first few lip impedance singu-
larities matched the measured values of these singularities.
In the Schroeder-Mermelstein method, an impedance tube
was employed to measure the lip impedance zero and pole
frequencies.

In the meantime, another possibility for computing the
vocal tract area function from acoustic speech waveforms has
been investigated [5]. Following this line of research, Wakita
finally showed [6] that a digital filter representation of a
nonuniform acoustic tube model is identical to that of the
linear prediction model of speech production if the boundary
conditions of the acoustic tube model are properly chosen.
Thus he succeeded in extracting reasonable vocal tract area
functions directly from acoustic speech wavefornts.

By use of the same acoustic tube model as in Wakita's
method [6], it will be shown theoretically below that the dis-
crete case of the Schroeder—Mermelstein method is equivalent
to the completely lossless case of Wakita's method. Thus, by
assuming a closed glottis condition, the zero and pole fre-
quencies of the lip impedance needed in the Schroeder—
Mermeistein method can be derived from speech waves by use
of Wakita's model. Further, it will be shown that there exists
a noniterative procedure to compute a unique discrete area
function from those zero and pole frequencies of the lip im-
pedance. Consequently, there are several alternatives in apply-
ing the Schroeder—Mermelstein method to estimate the vocal
tract area functions. First, in determining the zero and pole


