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[57] ABSTRACT

A pitch detector system for use with speech analysis
and synthesis methods having a plurality of identical
detectors each responsive to a different portion of a
speech signal for estimating a pitch value and a voter
circuit responsive to the estimated pitch values for de-
termining a final pitch value. The pitch detectors are
identical in design which allows for an efficient soft-
ware implementation since only one set of program
instructions is necessary to implement all of the encod-
ers. The voter subsystem may be implemented by a
. digital signal processor executing program instructions
that calculate a pitch value from the estimated pitch
values determined by the pitch detectors and a second
set of program instructions for constraining the final
pitch value outputted by the voter subsystem so that the
calculated pitch value is in agreement with calculated
pitch values for previous frames. In addition, the pitch
and voters may be implemented by a third set of pro-
gram instructions executing on the same digital signal
processor as the sets of instructions for the voter subsys-
tem.

13 Claims, 3 Drawing Sheets
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PARALLEL PROCESSING PITCH DETECTOR

CROSS-REFERENCE TO RELATED
APPLICATIONS

Concurrently filed herewith and assigned to the same
assignee as this application are:

W. T. Hartwell, et al., “Digital Speech Coder With
Different Excitation Types”, Ser. No. 770,632; and

D. Prezas, et al,, “Voice Synthesis Utilizing Muiti-
Level Filter Excitation”, Ser. No. 770,631.

1. Technical Field

This invention relates generally to digital coding of
human speech signals for compact storage and subse-
quent synthesis and, more particularly, to pitch detec-
tion and the simultaneous determination of the voiced
and unvoiced characterization of discrete frames of
speech.

2. Background of the Invention

In order to reduce the bandwidth necessary to trans-
mit human speech, it is known to digitize the human
speech and then to encode the speech so as to minimize
the number of digital bits per second required to store
the coded digitized speech for acceptable quality of
speech reproduction after the information has been
transmitted and decoded for speech reproduction. Ana-
log speech samples are customarily partitioned into
frames or segments of discrete lengths on the order of
20 milliseconds in duration. Sampling is typically per-
formed at a rate of 8 kilohertz (kHz) and each sample is
encoded into a multibit digital number. Successive
coded samples are further processed in a linear predic-
tive .coder (LPC) that determines appropriate filter
parameters which model the human vocal tract. Each
filter parameter can be used to estimate present values
of each signal sampled efficiently on the basis of the
weighted sum of a preselected number of prior sample
values. The filter parameters model the formant struc-
ture of the vocal tract transfer function. The speech
signal is regarded analytically as being composed of an
excitation signal and a formant transfer function. The
excitation component arises in the larynx or voice box
and the formant component results from the operation
of the remainder of the vocal tract on the excitation
component. The excitation component is further classi-
fied as voiced or unvoiced, depending upon whether or
not there is a fundamental frequency imparted to the air
stream by the vocal cords. If there is a fundamental
frequency imparted to the air stream by the vocal cords,
then the excitation component is classed as voiced. If
the excitation is unvoiced, then the excitation compo-
nent is simply white noise.

To encode the speech for low bit rate transmission, it
is necessary to determine the LPC parameters, also
referred to as coefficients, for segments of speech and
transfer these coefficients to the decoding circuit which
is reproducing the speech. In addition, it is necessary to
determine the excitation component. First, it must be
determined whether this component is to be classed as
voiced or unvoiced; and if the classification is voiced,
then it is necessary to determine the fundamental fre-
quency imparted to the air stream by the vocal cords. A
number of methods exist for determining the LPC coef-
ficients. The problem of determining the fundamental
frequency, or as it is commonly referred to, pitch detec-
tion, is more difficult.

One prior art method of pitch detection is based pri-
marily on an important property of speech which is the
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long term regularity of the speech waveform. Ideally,
voiced speech can be viewed as a periodic signal con-
sisting of a fundamental frequency component and its
harmonics. Therefore, the output of a low-pass filter
that cuts off at a frequency less than the second har-
monic should be appear as a sine wave with frequency
equal to the pitch. That frequency then is determined
utilizing amplitude detection circuitry. This method
suffers from the fact that actual speech deviates from
this model during the transition regions of speech dis-
turbing the regularity. In addition, the. pitch period
itself may vary depending upon whether the speaker is
a male or a female.

The problems of piich detection can be enhanced
under some conditions by removing the formant struc-
ture of the speech which is also referred to as spectrum
flattening. The spectrum flattening can be done utilizing
Fourier transform or linear predictive analysis. The use
of an LPC filter to flatten the spectrum is also referred
to as inverse filtering to subtract the formant structure
from the speech signal. Such a system is disclosed in
U.S. Pat. No. 3,740,476, issued June 19, 1973, to B. S.
Atal. The resultant residual wave that results from the
LPC filtering approximates the excitation function of
the vocal tract, and pulise amplitude techniques can be
utilized to extract the pitch from this information. This
technique fails, however, when the harmonics of the
excitation fall under the formants of the speech signal in
the frequency domain. When this occurs, the excitation
information normally found in the residual wave is
removed by the LPC inverse filtering. The result is that
the residual signal then looks noisy and the pitch pulses
are not easily detected.

Another prior art method of pitch detection is dis-
closed in the article entitled, “Parallel Processing Tech-
niques for Estimating Pitch Periods of Speech in the
Time Domain”, B. Gold and L. Rabiner, The Journal of
the Acoustical Society of America, Vol. 36, No. 2 (part 2),
1969. This article discloses the use of parallel pitch
detectors where each of the pitch detectors is respon-
sive to the analog voice signal to determine individually
a pitch estimate. After these estimations of the pitch
have been performed, a matrix is constructed of the
pitch estimates; and an algorithm is utilized to deter-
mine a “correct” pitch. This method experiences prob-
lems in detecting the pitch during transitional regions of
speech since the method performs all pitch estimations
on the original speech signal. In addition, the algorithm
utilized to make the determination of the “correct”
pitch is concerned, to a large extent, with differéntiating
between the pitch fundamental and the second and third
harmonics.

SUMMARY OF THE INVENTION

An illustrative pitch detector system and method
utilizing a plurality of detectors each responsive to a
different portion of the speech signal for estimating a
pitch value, another plurality of detectors each respon-
sive to a different portion of a residual signal calculated
from the speech signal, and a voter responsive to the
estimated pitch values for determining a final pitch
value. The detectors are identical in design which al-
lows an efficient software implementation since only
one type of encoder is necessary to implement all of the .
encoders.

The structural embodiment comprises a sample and
quantizer circuit that is responsive to human speech to
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digitize and quantize the speech. A digital signal proces-
sor is responsive to a first set of program instructions for
storing a predetermined number of the digitized samples
as a speech frame, responsive to a second set of program
instructions and the digitized speech samples to gener-
ate residual samples of the digitized speech samples that
remain after the formant effect of the vocal tract has
been substantiaily removed, responsive to a third set of
program instructions and individual predetermined por-
tions of the speech samples for estimating pitch values,
responsive to a fourth set of program instructions and
the residual samples for estimating pitch values, and
responsive to a fifth set of program instructions for
determining a final pitch value of said speech frames
from the estimated pitch values.

Advantageously, the fifth set of program instructions
comprises a first subset of program instructions for
calculating a pitch value from the estimated pitch val-
ues of the second set of program instruction sets and a
second subset of program instructions for constraining
the final pitch value so that the calculated pitch value is
in agreement with the calculated pitch values from
previous frames.

In addition, an unvoiced speech frame is indicated by
the calculated pitch value being equal to a predefined
value which, advantageously, may be zero; and voiced
frames are indicated by the calculated pitch value not
being equal to the predefined value. The second subset
of program instructions further consists of a first group
of instructions responsive to a first sequence consisting
of voiced, unvoiced, and voiced frames for generating a
new calculated pitch value indicating a voiced frame. A
second group of instructions responsive to a second
sequence consisting of unvoiced, voiced, and unvoiced
frames for generating a new calculated value indicating
an unvoiced frame. A third group of instructions re-
sponsive to a third sequence consisting of voiced,
voiced, and voiced frames for generating a new calcu-
lated pitch value having an arithmetic relationship to
the calculated pitch values of the frames of said third
sequence.

Further, the first group of instructions of the second
subset is responsive to the first sequence of frames for
setting the calculated pitch value equal to the arithmetic
average of the calculated pitch values of the voiced
frames of the first sequence, and the second group of
instructions is responsive to the second sequence of
frames for setting the new calculated pitch value to said
predefined value.

Also, the second subset of instructions further com-
prises a fourth group of instructions that are responsive
to a fourth sequence consisting of voiced, voiced, and
unvoiced frames to calculate a new pitch value equal to
the average of the calculated pitch values for the voiced
and voiced frames upon the difference between the two
voiced frames being less than another predefined value.
If the difference between the pitch values for the two
voiced frames is greater than the other predefined
value, then the new calculated pitch value is set equal to
the pitch value of the earlier voiced frame.

In addition, the first subset of program instructions
comprises a first group of instructions responsive to all
but a subset of the estimated pitch values equaling the
predefined value for setting the calculated pitch value
equal to the arithmetic average of the subset of value
upon the estimated pitch values of the subset of values
differing by less than another predefined value from
each other. Further, the first group of instructions is
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responsive to all of the estimated pitch values being
equal to the predefined value except for a subset of pitch
values for setting the calculated pitch value equal to the
predefined value upon the difference between each of
the pitch values of the subset being greater than the
other predefined value.

Also, the first subset of instructions comprises a sec-
ond group of instructions responsive to all of the esti-
mated pitch values except one equaling the predefined
value for setting the calculated pitch value equal to the
estimated pitch value not equal to the predefined vaiue.

Also, the fourth set of program instructions used to
estimate pitch values has a first subset of instructions for
locating the sample of maximum amplitude within the
predetermined portion of the residual samples within
the frame. A second subset of instructions locates subse-
quent maximum samples, also termed candidate sam-
ples, in the frame of lesser amplitude than that of the
maximum amplitude sample spaced by not less than a
minimum distance based on the highest expected funda-
mental speech frequency from the maximum amplitude
sample and each of the other samples within the frame.
A third subset of instructions measures one by one the
distance between adjacent located candidate samples
using as a reference the maximum amplitude sample. A
fourth subset of instructions tests for periodicity by
comparing successive distance measurements for sub-
stantial equality and rejecting candidate samples that
are not periodically related to the maximum amplitude
sample. A fifth subset of instruction determines the
estimated pitch value by calculating the quotient of the
distance between extreme valid candidate samples
within this speech frame. Finally, a sixth subset of in-
struction designates whether the frame is voiced or
unvoiced. If the frame is unvoiced, the estimated pitch
value is set equal to the predefined value, which advan-
tageously may be zero, to indicate an unvoiced frame.

The illustrative method functions in a system having
a quantizer and a digitizer for converting analog speech
into frames of digital samples and a digital signal proces-
sor that is executing a plurality of program instructions
for determining the pitch of a particular frame of digital
speech. The signal processor determines the pitch by
executing the steps of producing residual samples of the
digitized speech that remain after the formant effect of
the vocal tract has been substantially removed, estimat-
ing a firét pitch value of the present speech frame from
positive ones of the digitized speech samples, estimating
a second pitch value from negative ones of the digitized
speech samples, estimating a third value from positive
ones of the residual samples, estimating a fourth pitch
value from negative ones of the residual sampies, and
determining a final pitch value for a previous speech
frame on the basis of the estimated pitch values deter-
mined by the estimating steps for a plurality of previous
speech frames.

Advantageously, the step of determining the final
pitch value is performed by the digital signal processor
responding to subsets of programmed instructions to
performing the steps of calculating the final pitch value
from the first, second, third, and fourth pitch values
previously estimated and constraining the final pitch
value so that the final pitch value is in agreement with
the final pitch values from previous frames as previ-
ously determined by the digital signal processor.
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BRIEF DESCRIPTION OF THE DRAWING

FIG. 1 illustrates, in block diagram form, a pitch
detector in accordance with this invention;

FIG. 2 illustrates, in block diagram form, pitch detec-
tor 108 of FIG. 1;

FIG. 3 illustrates, in graphic form the candidate sam-
ples of a speech frame;

FIG. 4 illustrates, in block diagram form, pitch voter
111 of FIG. 1; and

FIG. 5 illustrates a digital signal processor implemen-
tation of FIG. 1.

DETAILED DESCRIPTION

FIG. 1 shows an illustrative pitch detector which is
the focus of this invention. The pitch detector is respon-
sive to analog speech signals received via conductor 113

.to indicate on output bus 114 whether the speech excita-
tion is voiced or unvoiced and, if voiced, to indicate the
pitch. The latter determinations are performed by pitch
voter 111 in response to the outputs of pitch detectors
107 through 110. In order to reduce aliasing, the input
speech on conductor 113 is filtered by filter 100 which,
advantageously, may be an eighth-order Butterworth
analog low-pass filter whose —3 dB frequency is 3.3
kHz. The filtered speech is then digitized and quantized
by sampler 112 and linear quantizer 101. The latter
transmits the digitized speech, x(n), to clippers 103 and
104 and to LPC coder and inverse filter 102. The output
of coder and filter 102 is the residual signal from the
inverse filtering that is transmitted to clippers 105 and
106 via path 116. Coder and filter 102 first performs the
computations required to determine the filter coeffici-
ents that are used by the LPC inverse filter and then
uses these filter coefficients to perform the inverse fil-
tering of the digitized voice signal in order to calculate
the residual signal, e(n). This is done in the following
manner. The digitized speech x(n) is divided into, ad-
vantageously, 20 millisecond frames during which it is
assumed that the all pole LPC filter is time-invariant.
The frame of digitized speech is used to compute a set of
reflection coefficients which, advantageously, may be
10, using the lattice computation method. The resulting
tenth order inverse lattice filter generates the forwarded
prediction error or residual as well as providing the
reflection coefficients. The clippers 103 through 106
transform the incoming x and e digitized signais on
paths 115 and 116, respectively, into positive-going and
negative-going wave forms. The purpose for forming
these signals is that whereas the composite waveform
might not clearly indicate periodicity the clipped signal
might. Hence, the periodicity is easier to detect. Clip-
pers 103 and 105 transform the x and e signals, respec-
tively, into positive-going signals and clippers 104 and
106 transform the x and e signals, respectively, into
negative-going signals.

Pitch detectors 107 through 110 are each responsive
to their own individual input signals to make a determi-
nation of the periodicity of the incoming signal. The
output of the pitch detectors occurs two frames after
receipt of those signals. Note, that each frame consists
of, illustratively, 160 sample points. Pitch voter 111 is
responsive to the output of the four pitch detectors to
make a determination of the final pitch. The output of
pitch voter 111 is transmitted via path 114.

FIG. 2 illustrates in block diagram form, pitch detec-
tor 108. The other pitch detectors are similar in design.
The maxima locator 201 is responsive to the digitized
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signals of each frame for finding the pulses on which the
periodicity check is performed. The output of maxima
locator 201 is two sets of numbers: those representing
the maximum amplitudes, M;, which are the candidate
samples, and those representing the location within the
frame of these amplitudes, D;. Distance detector 202 is
responsive to these two sets of numbers to determine a
subset of candidate pulses that are periodic. This subset
represents distance detector 202’s determination of
what the periodicity is for this frame. The output of
distance detector 202 is transferred to pitch tracker 203.
The purpose of pitch tracker 203 is to constrain the
pitch detector’s determination of the pitch between
successive frames of digitized signals. In order to per-
form this function, pitch tracker 203 uses the pitch as
determined for the two previous frames.

Consider now in greater detail, the operations per-
formed by maxima'locator 201. Maxima locator 201 first
identifies within the samples from the frame, the global
maxima amplitude, Mg, and its location, Dp, in the
frame. The other points selected for the periodicity
check must satisfy all of the following conditions. First,
the pulses must be a local maxima, which means that the
next pulse picked must be the maximum amplitude in
the frame excluding all pulses that have already been
picked or eliminated. This condition is applied since it is
assumed that pitch pulses usually have higher ampli-
tudes than other samples in a frame. Second, the ampli-
tude of the pulse selected must be greater than or equal
to a certain percentage of the global maximum,
M;>gMo, where g is a threshold amplitude percentage
that, advantageously, may be 25%. Third, the pulse
must be advantageously separated by at least 18 samples
from all the pulses that have already been located. This
condition is based on the assumption that the highest
pitch encountered in human speech is approximately
440 Hz which at a sample rate of 8 kHz results in 18
samples.

Distance detector 202 operates in a recursive-type
procedure that begins by considering the distance from
the frame global maximum, My, to the closest adjacent
candidate puise. This distance is called a candidate dis-
tance, d., and is given by

de=|Do—Dj|

where Djis the in-frame location of the closest adjacent
candidate pulse. If such a subset of puises in the frame
are not separated by this distance, plus or minus a

breathing space, B, then this candidate distance is dis-

carded, and the process begins again with the next clos-
est adjacent candidate pulse using a new candidate dis-
tance. Advantageously, B may have a value of 4 to 7.
This new candidate distance is the distance to the next
adjacent pulse to the global maximum pulse.

Once pitch detector 202 has determined a subset of
candidate pulses separated by a distance, d.*=B, an
interpolation amplitude test is applied. The interpola-
tion amplitude test performs linear interpolation be-
tween Mg and each of the next adjacent candidate
pulses, and requires that the amplitude of the candidate
pulse immediately adjacent to Mgis at least q percent of
these interpolated values. Advantageously, the interpo-
lation amplitude threshold, q percent, is 75%. Consider
the example illustrated by the candidate pulses shown in
FIG. 3. For d. to be a valid candidate distance, the
following must be true:
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My — My
M >q [M2+W—_TIJD1—-D21 :l

Mo — My
M;>gq [M4+m4—'—lD3—D4l ]
and
, My — Ms
M3>q Ms+mlD3-Dsl ,
where
de=|Do~Dy|>18.
As noted previously,
M;>gMy, for i=1,2,3,4,5.

Pitch tracker 203 is responsive to the output of dis-
tance detector 202 to evaluate the pitch distance esti-
mate which relates to the frequency of the pitch since
the pitch distance represents the period of the pitch.
Pitch tracker 203’s function is to constrain the pitch
distance estimates to be consistent from frame to frame
by modifying, if necessary, any initial pitch distance
estimates received from the pitch detector by perform-
ing four tests: voice segment start-up test, maximum
breathing and pitch doubling test, limiting test, and
abrupt change test. The first of these tests, the voice
segment start-up test is performed to assure the pitch
distance consistency at the start of a voiced region.
Since this test is only concerned with the start of the
voiced region, it assumes that the present frame has
non-zero pitch period. The assumption is that the pre-
ceding frame and the present frame are the first and
second voice frames in a voiced region. If the pitch
distance estimate is designated by T(i) where i desig-
nates the present pitch distance estimate from distance
detector 202, the pitch detector 203 outputs T*(i—2)
since there is a delay of two frames through each detec-
tor. The test is only performed if T(i—3) and T(i—2) are
zero or if T(i—3) and T(i—4) are zero while T(i—2) is
non-zero, implying that frames i—2 and i—1 are the
first and second voiced frames, respectively, in a voiced
region.

The voice segment start-up test performs two consis-
tency tests: one for the first voiced frame, T(i—2), and
the other for the second voiced frame, T(i—1). These
two tests are performed during successive frames. The
purpose of the voice segment test is to reduce the proba-
bility of defining the start-up of a voiced region when
such a region is not actually begun. This is important
since the only other consistency tests for the voice re-
gions are performed in the maximum breathing and
pitch doubling tests and there only one consistency
condition is required. The first consistency test is per-
formed to assure that the distance of the right candidate
sample in T(i—2) and the most left candidate sample in
T(i—1) and T(i—2) are close to within a pitch threshold
B42. .

If the first consistency test is met, then the second
consistency test is performed during the next frame to
ensure exactly the same result that the first consistency
test ensured but now the frame sequence has been
shifted by one to the right in the sequence of frames. If
the second consistency test is not met, then T(i—1) is set
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to zero, implying that frame i— 1 can not be the second
voiced frame (if T(i—2) was not set to zero). However,
if both of the consistency tests are passed, then frames
i—2 and i—1 define a start-up of a voiced region. If
T(@—1) is set to zero, while T(i—2) was determined to
be non-zero and T(i—3) is zero, which indicates that
frame i—2 is voiced between two unvoiced frames, the
abrupt change test takes care of this situation and this
particular test is described later.

The maximum breathing and pitch doubling test as-
sures pitch consistency over two adjacent voiced
frames in a voiced region. Hence, this test is performed
only if T(i—3), T(i—2), and T(i—1) are non-zero. The
maximum breathing and pitch doubling tests also
checks and corrects any pitch doubling errors made by
the distance detector 202. The pitch doubling portion of
the check checks if T(i—2) and T(i— 1) are consistent or
if T(i—2) is consistent with twice T(i—1), implying a
pitch doubling error. This test first checks to see if the
maximum breathing portion of the test is met, that is
done by

|T—2)—TG—1)] <A,

where A may advantageously have the value 10. If the
above equation is met, then T(i—1) is a good estimate of
the pitch distance and need not be modified. However,
if the maximum breathing portion of the test fails, then
the test must be performed to determine if the pitch
doubling portion of the test is met. The first part of the
test checks to see if T(i—2) and twice T(i— 1) meet the
following condition, given that T(i—3) is non-zero,

I -2 216 - ) s LD

If the above condition is met, then T(i— 1) is set equal to
T(i—2). If the above condition is not met, then T(i—1)
is set equal to zero. The second part of this portion of
the test is performed if T(i—3) is equal to zero. If the
following are met

| TG—2)~2TG—1){ =B
and

| TG~ D—TH|>A
then

T(—1)=T(~2).

If the above conditions are not met, T(i— 1) is set equal
to zero.

The limiting test which is performed on T(i—1) as-
sures that the pitch that has been calculated is within the
range of human speech which is 50 Hz to 400 Hz. If the
calculated pitch does not fall within this range, then
T(~1) is set equal to zero indicating that frame i—1
cannot be voiced with the calculated pitch.

The abrupt change test is performed after the three
previous tests have been performed and is intended to
determine that the other tests may have allowed a frame
to be designated as voiced in the middle of an unvoiced
region or unvoiced in the middle of a voiced region.
Since humans usually cannot produce such sequences of
speech frames, the abrupt change test assures that any
voiced or unvoiced segments are at least two frames
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long by eliminating any sequence that is voiced-
unvoiced-voiced or unvoiced-voiced-unvoiced. The
abrupt change test consists of two separate procedures
each designed to detect the two previously mentioned
sequences. Once pitch tracker 203 has performed the
previously described four tests, it outputs T*(i—2) to
the pitch voter 111 of FIG. 1. Pitch tracker 203 retains
the other pitch distances for calculation on the next
received pitch distance from distance detector 202.

FIG. 4 illustrates in greater detail pitch voter 111 of
FIG. 1. Pitch value estimator 401 is responsive to the
outputs of pitch detectors 107 through 110 to make an
initial estimate of what the pitch is for two frames ear-
lier, P(i—2), and pitch value tracker 402 is responsive to
the output of pitch value estimator 401 to constrain the
final pitch value for the third previous frame, Pi—3), to
be consistent from frame to frame.

Consider now, in greater detail, the functions per-
formed by pitch value estimator 401. In general, if all of
the four pitch distance estimates values received by
pitch value estimator 401 are non-zero, indicatiing a
voiced frame, then the lowest and highest estimates are
discarded, and P(i—2) is set equal to the arithmetic
average of the two remaining estimates. Similarly, if
three of the pitch distance estimate values are non-zero,
the highest and lowest estimates are discarded, and
pitch value estimator 401 sets P(i—2) equal to the re-
maining non-zero estimate. If only two of the estimates
are non-zero, pitch value estimator 401 sets P(i—2)
equal to the arithmetic average of the two pitch dis-
tance estimated values only if the two values are close
to within the pitch threshold A. If the two values are
not close to within the pitch threshold A, then pitch
value estimator 401 sets P(i—2) equal to zero. This
determination indicates that frame i—2 is unvoiced,
although some individual detectors determined, incor-
rectly, some periodicity. If only one of the four pitch
distance estimate values is non-zero, pitch value estima-
tor 401 sets P(i—2) equal to the non-zero value. In this
case, it is left to pitch value tracker 402 to check the
validity of this pitch distance estimate value so as to
make it consistent with the previous pitch estimate. If
ail of the pitch distance estimate values are equal to
zero, then, pitch value estimator 401 sets P(i—2) equal
to zero.

Pitch value tracker 402 is now considered in greater
detail. Pitch value tracker 402 is responsive to the out-
put of pitch value estimator 401 to produce a pitch
value estimate for the third previous frame, P*(i—3),
and makes this estimate based on P(i—2) and P(i—4).
The pitch value P*(i—3) is chosen so as to be consistent
from frame to frame.

The first thing checked is a sequence of frames hav-
ing the form: voiced-unvoiced-voiced, unvoiced-
voiced-unvoiced, or voiced-voiced-unvoiced. If the
first sequence occurs as is indicated by P(i—4) and
P(i—2) being non-zero and P(i—3) is zero, then the final
pitch value, P*(i—3), is set equal to the arithmetic aver-
age of P(i—4) and P(i—2) by pitch value tracker 402. If
the second sequence occurs, then the final pitch value,
P*(i—3), is set equal to zero. With respect to the third
sequence, the latter pitch tracker is responsive to
P(i—4) and P(i—3) being non-zero and P(i—2) being
zero to set P*(i—3) to the arithmetic average of P(i—3)
and P(i—4), as long as P(i—3) and P(i—4) are close to
within the pitch threshold A. Pitch tracker 402 is re-
sponsive to
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10

|PG—4)--P(~3)| =A,

to perform the following operation

Pi—-44 Xi—3)
3 .

PHi - 3) =
if pitch value tracker 402 determines that P(i—3) and
P(i—4) do not meet the above condition (that is, they
are not close to within the pitch threshold A), then,
pitch value tracker 402 sets P*(i—3) equal to the value
of P(i—4).

In addition to the previously described operations,
pitch value tracker 402 also performs operations de-
signed to smooth the pitch value estimates for certain
types of voiced-voiced-voiced frame sequences. Three
types of frame sequences occur where these smoothing
operations are performed. The first sequence is when
the following is true

|PA—H—-P(i—2)| =A,
and
|Pi—~4)—P3i~3)| >A.

When the above conditions are true, pitch value tracker
402 performs a smoothing operation by setting

pt(i_3)=ﬂ";4l_‘2lﬂi_'3)_.

The second set of conditions occurs when
|PG—4)—-P(i-2)| >A,
and
|PG—4)—P(i=3)| SA.

When this second set of conditions is true, pitch value
tracker 402 sets

pt(i_3)=ﬂ";ﬂ.d£_u‘

The third and final set of conditions is defined as
P(i—4)—P({i-2)| >A,
and
|PG—4)—P(~3)| >A.

For this final set of conditions occur, pitch value tracker
402 sets

PHi—3)=P(i—4).

FIG. § illustrates an implementation of the blocks of
FIG. 1 utilizing a digital signal processor that may ad-
vantageously be a Texas Instruments’ TMS320-20 digi-
tal signal processor. The latter processor along with
PROM memory 502 and RAM memory 503 implements
blocks 102 through 111 of FIG. 1. The program stored
in PROM 502 for implementing the aforementioned
elements of FIG. 1 is similar to the C source code pro-
gram detailed in Appendix A. The program of Appen-
dix A is intended for execution on a Digital Equipment
Corp.’s VAX 11/780-5 computer system with suitable
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digital-to-analog and analog-to-digital converter pe-
ripherals or a similar system. The pitch detectors 107
through 110 of FIG. 1 are implemented by common
code that utilizes separate data storage areas for each
pitch detector in RAM 503. The details given of FIG. 1
in FIGS. 2 and 4 are implemented by sets of program
instructions stored within PROM 502. Each set of pro-

12
gram instructions can be further subdivided into subsets
and groups of programmed instructions.

It is to be understood that the above-described em-
bodiment is merely illustrative of the principles of the
invention and that other arrangements may be devised
by those skilled in the art without departing from the
spirit and scope of the invention.

APPENDIX A

/% EMACS_WODES: 'c, tabstopz4 /

/® For more comments on the pitch detsctor look in /villplﬁ‘!:h/tono.: ./

VA d * File wexwe : /vi/picone/lIbrv/pitch/pdetpr.c
®  TVhis prograwm represents the final pitch detector (7/14/83).
: The output &7 the program is a file with pitch contour.
L4 To compila:
. ce pdetpr.c ~im ~§ -0 —o pdetpr
*®  To run:
. pretpr zpeseschin speschawt
s/

finclude <stdio.h>
#include <math.h>
f#define PMODE 0644

int step;
int SlLFS];

int :[15]t-rict.ra[53i![15],6:16-[6].dilt[ﬁ].di:td[ﬁ].diltld[ﬁ]:

int pitch(6],r[B][19
int F,U,T,koy; X
int

AMPLIG]:
int lonpiﬁ]:lcrdcrtil.ard.r[sl,ordcrp(ﬁ].-lJnr;
double sqrt(),stepp;
lloit Rate,Nframes;
int counter,i,ss,unv{6]},111,LL,N;

main{arge,argv)
int arge;
fh.' sargvll;

float manvei{20],minvat[20],bits[20),gsint;
double fabs(),log(),exp(),asin();

int sert();
int search();

float bER{200],eR[200),extraR[15];
float stepR,stepdR;

int LASTP,out,outd,outdd,outddd;
int -nJardSZ].CLUSE[Z];

int CUNVIG ], UNVTH;

flost number,S$1,52,53,R, RN
float nx.mngv} LOCTS),FIRSTL;
float coefi[10}{ 18}

int BoThtert 2,nn[
n cinter ointer2,nnf1];
int han{190]}° wenltls

-
’

/% Open input and ecutput files */
{¢#({pointerixopen(ergvi1},0))== ~1)
. {printf("Cannot open %sO,argvl1])zexit{1);}
if((pointer2=creat(argvi2 .PNUDE;)== ~-1)
{printf("Cannot open %sO,eargvi2]);exit(1);)

lize unvoiced »/

[elefe]-1<1]
w0 wewe we wa

]

dist
outdd=0;
outddd=0;

/% Define parsmeters ®/
/%frame countar®/

t:lso' /9frame longth in MGz sanmples®/
=tLs
T26; /%position thrashoids/

3
F=10; /®frveq. thresholde/

N=10; JSLPC filter orders/
UNVTHE <20
squ =s1Lf1)=100;
SIL[2]=81L{3}=50:
k=t

/% Begin analysis loop ®/
[ S H /*inframe counter®/
Thilc( read(pointsrt,nn,2) == 2 )

mEm+ 12 .
RRzeA{ m+N=1]=bdRIm+N]zAn[0];

/%Unvoiced threshold for coefficients &/

/%1osd the signal+ and signal- buffers for pitch detections/

r[O][n-']lnn[S];
A1 [m=t1Sr [O)ime 13, T - 1
: ':’%('3%8'}[%?{5";[3‘.‘0{;rTQ][m-!

g N

"5
[] o -1
TeTEee ] 0.0 it tmotizabs!

if( m >= LL-(N=1) )lextraR[m=(LL-N)]=RR;}

)
;[Oltm-ﬂ);l
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if{ mMLL == 0)

/%00 LPC, inverse filter anelytic signsl using real coeffss/
for{ =t je<=Ns++j)

(

$1=0.0;52=0.03

for{i=N;i<zLLsN=13++§)
(SI=St+-Rfi]‘-R[ﬁ]+bdﬂ[i].bdn[i]:52=S2+-R[i]’bdR[I];)

i£(S1 == 0,0 coeff{1][j] = 0.0;

else {coeff[1][J] = -2.0%52/S1;)

for{i=tgic=LLleN-tg++i)

R=eR[i]+bdR[ i J*coef FL 110 4];
stepR=bdR[ i J+eR[i 1%conf [ 1)[j];
eR[i]=R;

bdR[{ ]=stepdR;

stepdR=stepR;

)]
) /ei=1 Ne/

/* Load unvoiced integer coeff, &/
CUNV[|]=100.0‘co|l'[I?['];

/%*load residue buffer for pitch detector®/
MAX=0.0;

POWER{ 1]=0.0;

for(i=tsi<mll;++i)

POWER{ 1 ]=POWER[ t J+eR[ i +N—-1]%¢
1f({stepp>MAX) (MAX=zstepp;LOC[
r[2]fi-1]=eR[i+N~1];

ri31fi=t)=r{2](i-1];
1£(rf2)0i~1] > 0.0){r

elze {r
;f(r[3][i-|] < 0.0 {r

bdR[1]=extraR[1];
for(i=t1;i<zN~1;++{)
{eR[3}=bdRi+1)=extraR[i+1];}

/% Do pitch dutection #/
111=0;
search();
ili=1;
search{);
11=2;
search();
I11=3;
search();

/*0afine "T" for the gates/
ifloutd==0) T=6;

else if{outd<28) T=z4;

eise ifloutd<60) T=5;

else if(outd<20) T=6;

alse T=7;

/* Form pitch decision #/
Il(eount:r>2)

/% Cal) gsort for digts[] ./
for(i=0;i<=3;i=i+1){templif=dictadils)
sort{);
lor(i=0;i<=3;l=(#l)(ordur[i}=tord.r[i];)

/% Cheack if major>=2 and if 2 or more are close */
mejord{O]l=major;
if(major >= 2)

if ( abs{order[O]~order{11)<T )
{CLOSETQ )=order[1];)
/%DPP ~ sdded S/30/84: major>2 SB-—sincs order{2] implies a major>=d
OR major»2w/
wise if( major>2 88 sbs{order{1]~order{2])<T )
{CLOSE[O}=order[1];]}

else

} (CLOSE[0]}=0;)
elise

(CLOSE{0]=0;}

/* Choose maJnritg pitech #*/
if {major > 2
{out=order[1};}

elte if(major == 1)

/* Chaclke if unvoiced due to coeff{1]1[1] =/
1 F(CUNV{3] > UNVTH) (out=0;)
else ) {out=order{0];)

sive if{major == 2)

/® Cheek if unvoiced dus to coeff{11{t) »/
1f{ (aws{order{Q]l-order{1])>T) &8 (CUNV[3] > UNVTH) ){out=0;)

% Check if two pitches nr: close together %/ -
elge if ( lbl(erdnr(O]-ordcrgii) < (order{1]>>2) )
foutl = C(oreer{0}] + orderf? >3]

/® If previous valid pitech '=0 , chooss closest »/
else if(outdd !'= Q) .

if(abs(order[O]~outdd) < abs{order[1}-outdd})
{out = orderf0];)}
alse
}
/% 1f previous valid piteh = 0 , look ahead */

elze
{/* loak ahead ®/

{out = order[1];)

/® Sgrt dist{] #/
for(i=0;ic=35ixi+1){tompli)=dist(i];}
sort();
for(i=0:i<=3:i=i+l)(ord-rp[i]=tordcr[i]:l
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WNTRT major=1, choose closeust */
if(major == 15

ii(lbt(ordor[ol-ord.rp[ol)<|bs(ordlr[l]-ordorp[0]))
. out=order[0];}
LERY ]

/* 1¢ major>2, choose closest to orderp{1] =/
else ifimajor>2)

{outzorder(1];)

1f( (abs{order[O]-orderp{1])) < {abs{order{t]-orderp[1])) )
, {out=order[0];}
elte

/% 1f major=2, »/
eise if(major == 2)

{out=order[1];]

/% 1t orderp{] are close choose cicsest */
1¢( abs(orderp{Q)-orderp{t]) < {orderp{1]>>2) )

if(abs{order[0)-orderp{0]) > abs(order[i]l-orderpf{0]))
{out=arder{1];)

{out=zorder{0];}

olse
}

/T Otherwise, pick order[] closest to LASTP ¢/
alse

{ R
if(abs(order[0]~LASTP) < abs(ordar[1]~LASTP))
. {out=order{0];)

{out=order[1];)

)
Y/ *major==2%/

else out=0;
v }/7% look ahead %/

)/#%major == 2%/

else
{out=0;)

lf(count?r>3)

/® Search dist{] »/
for(i=0;i<=3si=i+1){tamp[i)=dist{i]);:)
sort(); .
for(iz=0;i<x3;izi+1){order[i]=torder{i];}

/% 1f pitch is much different from order{1],
and its & stsrtup, sel ocutd=order[t] */
if({outd!=0) && ((outddd==0) | [(outdd==0)) && (msjor>2) 8&& (abs{outd~arder[1])>F))

loutdzorder[1];)

/% Check any uvv sesgquence */

iF{ (eutdd*=0) &8 (outd!=0) 8& (out?z=0) )
¥

/& Check startup for snergy differentiel */
/ei8 Cmajord{ 1]<3» 28 fPOUZN[S]!=0.0) 28 ((POWER[4]/POWER[5])<1.15))

{eute=0.03}
olse
./
step=ubs(outd-out);
if((step > F) 8% (major > 2)){outdzorder[1];}
:lll if(step > F) {outd=0;}
/e)e/

/® Check any vvu sequance */
else ifloutdd!z0 8L outd?=0 88 outzx0 $& (sbs(outdd-outd) > F))
{outd=outdd;)

/% Smooth any vvv sequence o/
olse ‘f(:utdd!*O 8% outd?=0 &8 out!=0)

step*abs(out-outdd);
l'(:t.w‘r‘)

step=pbs(outd-outdd);
11(stap>F B& majord(1]<2 ) outds(out+outdd)/2;
else \
if (CLOSE[1])'=0)
{outd=CLOSE{1];)
slse if(abs(outd~outdd)>F)
{outd=outdd; )
eise
) {outd=outd:)
H

/% Remove any vuv sequance ¢/
sise {f(outdd!=0 & outdz=0 && out!=0)(outdxoutdd;]

/* Remove sny uvu sequence */
vlss if{outdd=s=0 8% outd!=0 8% out==0){outex0;)

/® Write out pitch and store last non-zero pitch o/
if(outd '= O){LASTP=outd;}
for{(1x0;i<=Ll=1sixi+1)(nnn{{]xoutd;}
write(pointer2,nnn, 2%L); .
printf("frame W3d: %54 W5d WEd M5d pitch = ﬁSdO.countlr-S.diltddtol.d(ltdﬂ[|].d’:tdd[?],di:tdd[3].outd):

)} /%ecountar>3 %/
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/% Shift down ®/
outddd=outdd;
outddzoutd;
outd=out;
for(§=0; f<=3 ++§)
ld‘ttdd[i]=d|lld[i] distd(i)=dist(i];)}

} /%counter>2 ‘/

m=03;
tounterzcounter+t;

lor(ﬁéJ;{>l;J=5'1)

tor{isgi<=Ns++i)lcoefflJI[i)=conff[i-1]0[1]1;)
ANPLY JI=AMPL([ j=1];
CUNV[J}—CUNV[J‘!]'

LUC[?]=LUC[J'71v

for(3=5;j>13 J-J-i)(POUER£J]~PGiER[J—1} }
CLOSE[!]‘CLOSE{ )
m-qard[l]-anord[O].

1
)
}

sort()
{

int mint;
int §i,Jj,dmint;

/® Order and count how many non-zero */
major=z0; jmini=0;
for(i=0;ie=3;i=i+1)

min{=999;
for{ j=01j<=3;j=j+1)

if((t-mp[J] 1= 0) 88 (temp{,j] <= mint))
) tmint=temp{ jl;imint=j;}

torder{i]) = minit;
if(mint != 999)(MIJ°' = major + 13%)
%.Mp[Jﬂ‘h'] LI H

}

:nt search{)

int n,j,M,mleft,mright,s,abs(),new,p;
int FLEFT,FRIGHT;

int A[lS] D{ 151, max,min,an,x,asa,bbb,gensrai{);
int proj;

/% Make T and F adaptive to pitch */
Jf(distd{111]==0) T=6;

c't. 0'(d'lid[lll]<28) T=4;

‘eite 1f(distd[I111]<60) T=sS;

else if(distd(I11]<90) T=6; X ]
eise T=7;

n=1;3
vhvl.(n)O)(
a(n]=AIn]=0; /*init max for the frames/ "
fori i=0'|<L'++|)|
{'(r[lll][‘]>l[n
si{n =A[n] r[lll][r],
) din}=0[(nl=4;

Aln)== bre
if(A[n]<(A[1]>>2)) break; /'A[i]’O 25%/
m-x-D[n]+18
if(max>=L) max=b-1¢
min=D{n]-18;
if{min<G) min=0;
for{izming. i<=maxj++i) e{111]041=0;
nEnti;

1
PFCCIIT == Q) || (I11 == 1)){AMPLLt]=A[1];)
for{imtsicn=t3++4){
for(q=|;g<n-' ++ )
if(d[g]>d[g+'] {
step=dij];
EJ =dfj+t];
dij+1]=step;
step=alj]l;
sljl=a{j+1];
y sfd+1]=step;
}

forCi=tsi<n;++i) if(alil==A[1]) (ss=i; bresk;])

/® Check for secondary pulses %/
1£( n=t > 2)

for(j=ss=2;J>=14=4~1)
for(i=gs=13id>jsi=i=t)

i (alss]~alj])<200) {proj=(alss]-a[J])®(d{iI~d{J])/(dlss]~d[i]):)
else {proj=(slss]~s{j})/(d{ss]=d{jDI%(d[i]~d[j])s}
iftl[i] < { ((preJ+|[J9)>>|) + (lproj+alj]))>>2) ))

a[i]=0;
;ar(:t-p=1;:tup<n;xt-p=st!p+l)(lf(D[stlp]==d[i])(A[gt.p]:O;))

}
for(j=se+2; j<=n=1;j=4+1)
foT(i=cg+|;i<J;i=i+1)
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- 1<200) ( - )®(d[i1-d[j1)/(dlss]-d(3]1);)
e (alandmalily<200) fproyz :E::]-:EiLmE.E]-E ety
s'(.[;] < (((prnJ+|[J]g>>l) + ({proj+aljl)>>2)) )

i]=0; N
Egr(ltop=1;|t|p<n;:t.p=ltop+1)(if(D[:tcp]==d[i])(A[ctcp]=0:))

}

1€$((n=1)==0) goto noth;

/*make frame adaptive to the END candidates®/

for{i=t 'i<n~++l)lt((a[l]"O)(FLEFT—d[']-T break;))
for{iz=n—~1 '1>-t-l-l-l7(\f(-[i]"O)(FRlGHT-d[i]+T break;)}

M=0;
feft:

i=ss;
againg
v k=1;

i=i=1;
if(i<i

mieft=gs;

goto right;

:-Td[sl]-d[i];

§
if(aft] <=€E étl]>>|) + (alss1>>5) = (alss]>>3)) ) goto again;/safes]0.4%/

back:
if{p<t {] x< FLEFT) {
mleft=p+i;
poto rightt;

)
1f(x>d{p]+T2 goto again;
bas:
step=x-d{p);
il(lhl(lt-p)>7)(
M=03

p=p=1:
if{p<y E| x>ed[p]+T) goto agein;
alse poto bas;

z-dtttl-ﬂ[vlo

k'k+1'
x=d{pj-aa;
pEp—1;
goto back;
rightt:
newx0;
p=ss+t:
x=d{ssj+aa;
backf:
ifip>n—~1 IJ x>FRIGHT) |
=0) goto right;
-lso(
mright=p-1;
goto many;

)

N tf(x<d{p]-T) goto agsin;
[
stepxx=d{p
if(lh:(ltcp;>7)(

p=p+"
iflp>n=1 || x<d[p]-T) goto againg
sise goto ba;

}
iftalp] < ((alse]>>1)+(alss1>>5)=(alss]>>3)) 88 neaw==0) goto againg
newZnew+t;

‘Sd[p]-d[nlnft].

ke=tet 13
x=d{pj+an;
p=pti;
goto backi;
right:
. i=es
sgeinn:
k=t3
ixi+ty
tfli>n=-1){
mright=gss;
goto fin;

}
--=dti]-dt:-]=
F

zalifea
;f( l[l] < ((-[ttj>>|)+(l[n:]>>5) ~(s{s3]>>3)) ) goto againng

1#(p>n=1 || x>FRIGHT){
mright=p~1;
goto left1;

1f(x<d[p]l-T) goto againn;
bass:
step=x=-dfp
if(lbl(:tnp)>T)(
M=0;
p=p+1;
if(p>n=t || x<d{pl=-T) goto
n sinn;
se gato bass;

‘-d[P]"[!']v

-k*"

x=d{p)+aa;

p=p+1}

goto backk;
foftt:

new=0;

p=ll—|-

x=d(ss j~an;
backki:



basss:

iflalp]

fin:

saxla:

common:

1F(A[s]

noth:
k=13

one!

many:

returns

int gen

if(zstep
}

next:
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if(p<t || x< FLEFT){
1£(M==0) goto fin;
elsel
mleft=p+1;
goto many;

}
}
if(x>d[p]+T) goto againn;

step=x-d{p];

if{abs(step)>TH{
u=o;1

=p~13

?f?p<! |1 x>d[pl+T) goto

.YIinn;

eliss goto basss;

) .
< ((alss)>>1)4+(alss1>>5)~(al35]1>>3)) &8 new==0) goto again
new=new+1;

fginfinhtl-itp!;

=13

k=t 13
x=d(pl=aa;
=p~13

goto backkt;
=13

sTg+ 13
if(s>n=1) goto one;
sa=d{ssJ-Dis];
if(aa<0) sa= -aa
$6(dlesI>D{s]){
ana=d(ts]+ua;
bbb=D[s]-aa;
mright=ssg;
for(iz=1ji<n;++i) $#(d[i}==O[s]) (mieft=zi; break:}
goto common;

.

san=D(s]+an;

bbb=d[ssJ-aa;

for(i=tii<ns++i) if(d{i]==0(s]) (mright=i; bresk;}
mliaft=gg;

y=dimright}-d[mieft];

step=y~dist[III];

1¢(stap<Q) step= =step;

i€(dist{I11]1=0 &8 step>F) goto saxia;

/%for secondary Eull!l in case of two#/

/% Use variable END point on the LEFT to accommodate =/
/* start-up voiced-—do it only i{f previous it Unvoiced $/
ii(di:t[XlY]==0)(i!(lll<(L-T) |1 Bbb>=(FLEFT+(T<<1))){goto
aise {t1f(sna<l~T [] bbb>=T)(goto saxia;)}

: ((alss1>>1)+(ale3]1>>5)~(als2)>>3)) ) goto saxla;
=13

goto many;

dist{1lI]=general();
pitchi{IlI}=0;
goto returna;

if(counter!=1){
aristeralIl1]=d(ss]
dist{Ill]=generai()

}
pitch{111]=d[ss]-dexial{ll1]+L;
dexia[ll1])=d[ss];

goto rsturna;

if(counter?=1) |{
aristera[11l]=d{mieft]};
dist[1Il]=generai();

11)=d{mright];

I=y/l;

nter==1) distd[I11)=dist{I11];

nter==2) {
distdd[III)=distd{111];

distd{Il1]=dist{1I1];

if(counter>2)|

TF({distdd[111]==0 && dist[1I1]J==0) i¢(distd[II1I1]=
ifintdef [11]1=0 88 dist[II1]1=0) i€(dizta(I11]]==
step=dist{ It~ iutdd{2L2];
. if(abslcteqi<if<<i)) aistalll11]=Cdistad[11
3
aral(){

int gen;

if(distf111]==0)¢
uav[III}=1;
step=dexiaf(111]+pitchl1T1]-aristora[T11]~L;
if(L-dexia{Ill]+aristers{I11]<20 ) step=step~y/i;/
1f(step<0) step= ~-step;

<=T+2) goto voiced;

eise goto unvoiced;

TF(unv[111)==0)(

ste =d.xin[1!l]+pi!:h[IlJ]-nristor\{lll]-L;
c e I€{i-dexis[IIl}+aristeralill]<20 ) step=step~-y/k;
$fictep<0) step= ~steop;
if(step<=T+2)goto next;
wiza goto unvoiced;

1

step=abs(piteh{I111]-dist{l11])]"
-if(step<=F) goto voiced;
step=abs((pitch[I1I]<<t) -dist[111]);

Pf(dist

dd{111]1=0){

if(step<=(piteh[I11]>>1)) goto raise;
T". goto unvoiced;

eisel

22

n3

saxliaj}}

0) distd[111]=0;
0)
I1+dist[I111)5>;

*for split pulses/
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if{step<=T){
11(abs(pitch[Ill]~y/l)>F) goto raise;
slse goto voiced;)

slste goto unvoiced;]

raise: pitch[I11])=distd[111];

vaoiced:

4,879,748

'f(pﬁlch[lll%<20 Il piteh{I11]>250) goto unvoiced;

1F(a[s33<SIL{III]) goto unvoiced;
gon:Yitch[lII]:
uaviIlI)=unv{I21]-1;
return(gen);

unvoiced:
gen=0;
returnigen);

}

What is claimed is: 10

1. A pitch detector system for human speech com-
prising:

means for storing a predetermined number of evenly
spaced samples of instantaneous amplitude of said
speech as a speech frame;

means for generating residual samples from said
speech samples;

a plurality of identical means each responsive to an
individual predetemined portion of said residual
samples of said frame for estimating a pitch value of
said frame;

another plurality of identical means each responsive
to an individual predetermined portion of said
speech samples of said frame for estimating a pitch
value of said frame;

means for calculating a final pitch value from the
estimated pitch values from each of said plurality
and said other plurality of estimating means
wherein an unvoiced speech frame is indicated by
said calculated pitch value being equal to a prede-
fined value and a voiced frame is indicated by said
calculated pitch value being equal to a value other
than said predefined value;

said calculating means comprises means responsive to
all of said estimated pitch values having a value
different than said predefined value for setting said
calculated pitch value equal to the arithmetic aver-
age of a subset of said estimated pitch values, said
subset comprising all of said estimated pitch values
except the lowest magnitude value and the highest
magnitude value;

means for constraining said final pitch value so that
the calculated pitch value is consistent with calcu-
lated pitch values from previous frames;

said constraining means comprises means responsive
to a first sequence of frames comprising a voiced
frame and an unvoiced frame and a second voiced
frame for generating a new calculated pitch value
having an arithmetic relationship to the calculated
pitch values of the frames of said first sequence;

said generating means comprises a new pitch value
generating means responsive to a second sequence
of frames comprising an unvoiced frame and a
voiced frame and a second unvoiced frame for
generating a new calculated value indicating an 55
unvoiced frame; and

said new pitch value generating means further repon-
sive to a third sequence of frames comprising a
voiced frame and a second voiced frame and a third
voiced frame for generating a new calculated pitch 60
value having an arithmetic relationship to the cal-
culated pitch values of the frames of said third
sequence.

2. The system of claim 1 wherein said generating
means responsive to said first sequence comprises means
for setting the new calculated pitch value equal to the
arithmetic average of the calculated pitch values of the
voiced frames of said first sequence; and

said generating means further comprises means re-
sponsive to said second sequence of frames for
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setting the new calculated pitch value equal to said
predefined value.

3. The system of claim 2 wherein said new pitch value
generating means further comprises means responsive
to a fourth sequence of frames comprising a first voiced
frame and a second voiced frame and an unvoiced frame
for setting the new calculated pitch value equal to the
average of the calculated pitch values for the voiced
frames and the unvoiced frame upon the magnitude of
the difference between the calculated pitch values of
the two voiced frames being less than another prede-
fined value; and

means responsive to said fourth sequence for setting
the new calculated pitch value equal to the pitch
value of the first voiced frame upon the magnitude
of the difference between the calculated pitch val-
ues for the two voiced frames being greater than
said other predefined value.

4. The system of claim 1 wherein said setting means
further responsive to said estimated pitch values upon
all but a first subset of said estimated pitch values equal-
ing said predefined value for setting said calculated
pitch value equal to the arithmetic average of said first
subset upon the estimated pitch values of said first sub-
set of said pitch values differing by less than another
predefined value from each other; and

said setting means further responsive to all of said
estimated pitch values being equal to said prede-
fined value except for a second subset of said esti-
mated pitch values for setting said calculated pitch
value equal to said predefined value upon said
estimated pitch values of said second subset differ-
ing from each other by a magnitude greater than
said other predefined value.

5. The system of claim 4 wherein said setting means
further responsive to all but one of said estimated pitch
values equaling said predefined value for setting said
calculated pitch value equal to the one of said estimated
pitch values not equal to said predefined value.

6. A pitch detector for human speech comprising:

means for storing a predetermined number of evenly
spaced speech samples of instantaneous amplitude
of said speech as a present speech frame;

means for filtering said samples to produce residual
samples of the speech remaining after the formant
effects of the vocal tract have been substantially
removed;

first means responsive to positive valued ones of said
speech samples for estimating a first pitch value of
said present speech frame;

second means responsive to negative valued ones of
said speech samples for estimating a second pitch
value of said present speech frame;

third means responsive to positive valued ones of said
residual samples for estimating a third pitch value
of said present speech frame;

a fourth means responsive to negative valued ones of
said residual samples for estimating a fourth pitch
value of said present speech frame;

means for calculating a pitch value from the esti-
mated pitch values from said first, second, third
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and fourth estimating means wherein an unvoiced
speech frame is indicated by $iid calculated pitch
value being equal to a predefined value and a
voiced frame is indicated by said calculated pitch
value being equal to a value other than said prede- 5
fined value;

26
fined value except for a second subset of said esti-
mated pitch values for setting said calculated pitch
value equal to said predefined value upon said
estimated pitch values of said second subset differ-
ing from each other by magnitude greater than said
other predefined value.

said calculating means comprises means responsive to 10. The system of claim 9 wherein said setting means
all-of said estimated pitch values having a value  further comprises means responsive to all but one of
different than said predefined value for setting said said estimated pitch values equaling said predefined

. ‘calculated pitch value equal to the arithmetic aver- 10 value for sétting said calculated pitch value equal to the
age of a subset of said estimated pitch values, said one of said estimated pitch value not equal to said pre-
subset comprising all of said estimated pitch values.  defined value.

except the lowest magnitude value and the highest 11. A method for detecting the pitch of human speech
magnitude value; with a system comprising a quantizer for converting the
means for constraining said final pitch value so that 15 speech into frames of digital samples and a digital signal
the calculated pitch value is consistent with calcu- processor responsive to a plurality of program instruc-
lated pitch values from previous frames; tions and said frames of digital samples to determine the

said constraining means comprises means responsive pitch of the speech, said method comprising the steps

to a first sequence of frames comprising a voiced of:

frame and an unvoiced frame and a second voiced 20  producing residual samples of the digitized speech

frame for generating a new calculated pitch value
having an arithmetic relationship to the calculated

that remain after the formant effects of the vocal
track have been substantially removed;

pitch values of the frames of said first sequence; estimating a first pitch- value of a present speech

means responsive to a second sequence of frames
comprising an unvoiced frame and voiced frame 25

frame in response to positive valued ones of said
digitized speech samples;

and a second unvoiced frame for generating a new estimating a second pitch value of said present speech

calculated value indicating an unvoiced frame; and
said generating means further responsive to a third

frame in response to negative valued ones of said
digitized speech samples;

sequence of frames comprising a voiced frame and estimating a third pitch value of said present speech

a second voiced frame and a third voiced frame for 30
generating a new calculated pitch value having an

frame in response to positive valued ones of said
residual samples; and

arithmetic relationship to the calculated pitch val- estimating a fourth pitch value of said present speech

ues of the frames of said third sequence.
7. The system of claim 6 wherein said generating

frame in response to negative valued ones of said
residual samples; and

means responsive to said first sequence comprises means 35  calculating said final pitch value from said first, sec-

for setting the new calculated pitch value equal to the
arithmetic average of the calculated pitch values of the
voiced frames of said first sequence; and
said generating means further responsive to said sec-
ond sequence of unvoiced and voiced and un- 40
voiced frames for setting the new calculated pitch

ond, third, and fourth pitch values wherein an
unvoiced speech frame is indicated by said calcu-
lated pitch value being equal to a predefined value
and a voiced frame is indicated by said calculated
pitch value being equal to a value other than said
predefined value;

value to said predefined value. said step of calculating comprises the step of setting

8. The system of claim 7 wherein said generating
means further comprises means responsive to a fourth
sequence of frames comprising a first voiced frame and 45
second voiced frame and an unvoiced frame for setting
the new calculated pitch value equal to the average of

said calculated pitch value equal to the arithmetic
average of a subset of said estimated pitch values,
said subset comprising all of said estimated pitch
values except the lowest magnitude value and the
highest magnitude value;

the calculated pitch values for the voiced frames and constraining said final pitch value so that said final

the unvoiced frame upon the magnitude of the differ-
ence between the calculated pitch values of the two 50

pitch value is in agreement with final pitch values
from previous frames by;

voiced frames being less than another predefined value; said step constraining comprises the steps of generat-

and
means responsive to said fourth sequence for setting
the new calculated pitch value equal to the pitch
value of said first voiced frame upon the magnitude 55

ing a new calculated pitch value having an arithme-
tic relationship to the calculated pitch values of a
first sequence of frames comprising a voiced frame
and unvoiced frame and a second voiced frame;

of difference between the calculated pitch values generating a new calculated value indicating an un-

for the two voiced frames being greater than said
other predefined value. '
9. The system of claim 6 wherein said setting means

voiced frame in response to a second sequence of
frames comprising an unvoiced frame and a voiced
frame and a second unvoiced frame; and

further responsive to said estimated pitch values upon 60  generating a new calculated pitch value having an

all but a first subset of said estimated pitch values equal-
ing said predefined value for setting said calculated
pitch value equal to the arithmetic average of said first
subset upon the estimated pitch values of said first sub-

arithmetic relationship to the calculated pitch val-
ues of the frames of a third sequence of frames
comprising a voiced frame and a second voiced
frame and a third voiced frame.

set of said pitch values differing by less than another 65  12. The method of claim 11 wherein said step of gen-
predefined value from each other; and erating a new calculated value in response to said first
said setting means further responsive to all of said sequence comprises the step of setting the new calcu-
estimated pitch values being equal to said prede- lated pitch value equal to the arithmetic average of the
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calculated pitch values of the voiced frames of said first
sequence; and

said step of generating a new calculated value for said

second sequence comprises the step of setting the
new calculated pitch value of said second sequence
equal to said predefined value.

13. The method of claim 12 wherein said constraining
step further comprises the step of generating in response
to a fourth sequence of frames comprising a first voiced
frame and a second voiced frame and an unvoiced frame
a new calculated pitch value equal to the average of the
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45
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55

65

calculated pitch values for the two voiced frames and
the unvoiced frame upon the magnitude of the differ-
ence between the voiced frames being less than another
predefined value; and
said generating step further generating a new calcu-
lated pitch value equal to the pitch value of the first
voiced frame upon the difference in magnitude
between the two pitch values for the two voiced
frames being greater than said other predefined

value.
* * * * *



