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ABSTRACT

A real time harmonic pitch detection algorithm has been
developed on the Lincoln Digital Voice Terminal (LDVT). The
algorithm was designed to be fast and to perform well when
the input speech 1is degraded (i.e., telephone ocuality) or
corrupted with acoustically coupled noise. The algorithm
determines the fundamental freaquency from the spacing
between harmonics in a selected portion of the spectrum.
The algorithm was incorporated into a real time linear
prediction vocoder and compared favorably in informal
listening tests with the Gold-Rabiner time domain detector

under a variety of adverse conditions.
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I. INTRODUCTION

The speech waveform can be modelled as the response of
the vocal tract filter to a source which 1is & periodic
seauence of pulses during voiced seaments or a random noise
durina unvoiced seaments. The periodic pulses occur as a
conseauence of the openina and closing of the glottis, and
the frecuency of the preriodicity is often referred to as the
pitch.* The noise source is a conseaguence of a narrow
constriction at some point in the vocal tract. The model is
a simplification, for certain sounds, such as- /v/, are
driven by both a periodic and a noise socurce simultaneously.
However, the model has proved to be sufficiently accurate
that acceptable vocoders can be constructed based on the
simple concept of either a periodic or noise source, but not

both, at a given instance of time.

Once the model hes been accepted, the difficult tacsk is

to determine the periodicity of the source when the speech

———————

* pitch 1is more strictly defined as the perceived rather than the
generated freauency; the latter has been aiven various names, such as,
laryngeal freauency, voice fundamental freauency, etc., but all are
rather awkward compared to "pitch".




is voiced, and to determine that there is no periodicity
when it is wunvoiced. It is a task to which considerable
attention has been devoted in the past, and as a consecguence
there are many published papers available on the subject of

pitch extraction<2-7,9,1@,12>.

All pitch detectors can be placed in one of two
categories, time domain and freauency domain. Time domain
pitch detectors deal directly with the speech waveform, and
as such are relatively fast, since very little preprocessing
of the signal is reauired. Most frequency domain detectors
recuire an abundance of time and memory storage to obtain
the spectral information over a sufficiently 1long time
window and with adequate spectral resolution. These methods
are therefore often not realizable in real-time vocoder
implementations or only realizable at the cost of excessive

aguantization of the pitch.

Pitch detection is generally aood when the input signal
is intact and noise-free. However, distortions, filters and
noise tend to obscure the pitch information and cause most
pitch detectors to break down, sometimes severely. Since in
the real world the signal is often corrunted, it was felt
that an algorithm designed to be robust against degradations

would be a sianificant new contribution.
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We were particularly interested in coping with
degradations caused by a) passage of the speech through the
public telephone system prior to pitch detection and b)
acoustically coupled noise backgrounds. From a previous
effort <11>, we had the capability to simulate in real time
the filtering, phacse distortion, phase jitter, and
non-linear distortion effects of a telephone system. In
addition, we had available test material wherein the noise
background of a large jet airplane was incorporated into the
recording. Unfortunately, we did not have time to assess
the effects of the carbon button microphone of conventional

telephone terminals.

The algorithm thus developed is a freqguency domain
technigue which however restricts itself to a selected
portion of the freauency band below 1100 Hz. Digital signal
processing tricks were used to obtain the desired spectral
region with minimal computation time. Pitch 1is determined
from spacing between peaks in this region, using an
iterative method. The buzz-hiss decision makes use of none
of the standard indicators such as energy ratios and zero
crossing densicy, as these parameters are highly susceptible
to noise and distortion. Instead, continuity of the pitch
track is the only parameter used to determine voicing, other
than a very conservative silence threshold. The algorithm

has been incorporated into a real time linear prediction




vocoder implemented on the Lincoln Digital Voice Terminal

(LDVT) <1>.

II. PREPROCESSING

In order to obtain an accurate pitch estimate from the
spectral information it is necessary to begin with a
spectrum with good frecuency resolution, but one which spans
a sufficient block of the frecuency space for there to be at
least two harmonics present over the range available. Since
a pitch value of 350 Hz is not unreasonable for a female,
the spectral region to be analyzed must be at least 700 Hz
wide. Within this range one can arbitrarily choose an FFT
size to yield the desired freouency'spacing between samples
at the expense of computer time. It was decided to compute
a 128 point FFT to yield a spectrum spanning 840 Hz with a
resulting frequency spacing between samples of 6.6 Hz, which

appears to be adeauate resolution for our purposes.

Since the pitch information must be extracted from
precisely the 84 Hz region chosen, it 1is expedient to
carefully select that region which is most 1likely to yield
robust harmonics. Since the telephone filter removes the

signal below about 300 Hz, one need not waste space on the




low end of the frequency spectrum. However, as one advances
to increasingly higher freauencies, the spectrum becomes
more and more ragged, and the harmonics increasingly

difficult to extract.

The region selected was 210 to 1054 Hz. These
particular numbers were arrived at in large part because of
appropriate tricks that could be used to extract precisely
this piece of the spectrum. The original speech waveform
was analog filtered and sampled at 130 usec intervals,
yielding a signal containing freguencies up to 3780 Hz,
which could be used as input both to the linear prediction

analysis and to the pitch extractor.

The first step in the pitch extraction is to filter the
speech down to 1260 Hz and downsample, throwing away two out
of every three samples(Figure 1). For this purpose a finite
impulse response filter seemed to be a good choice. Since
FIR filters have only zeros, one need compute outputs only
at the downsampled rate, which in our case represents a
three to one savings in time. Furthermore, FIR filters are
implementable using charge coupled devices (CCD's), a

potentially fast and inexvensive computational source.

We now have a waveform, sl(n), which contains
information from -1260 to +126@Hz. We know that, since the

waveform 1is real, the negative freauency information is




redundant. Digital signal processing theory tells us that

if we multiply each sample of the waveform sl(n) by eJun, we

will cause the spectrum to be rotated by w in the z-plane.
By choosing w=90°, we cause the spectrum to be rotated such
that 1260/2=630 Hz 1is at the origin (Figure 2), Now a
second pass of this complex s2(n) through the same filter,
with 3 to 1 downsampling again, will yield a complex
waveform, s3(n), containing freauencies up to 1260/3=420 Hz.
However, because of the rotated spectrum, 63# Hz in the
original waveform corresponds to zero Hz in s2(n), and thus
our doubly downsampled complex waveform contains the
information from (630-420) Hz to (63@0+420) Hz 1in the

oriainal speech, which is the desired spectral region.

Choosing w=9M°has certain advantages in terms of speed.
Multiplication by ej“m involves only data transfer rather
than complex multiplies, since the sine and cosine of
multiples of 90°are always either +1 or @#. Furthermore, as a
conseauence, each sample of s2(n) is either purely real or
purely imaginary. One can therefore use simple tricks in
the implementation of the FIR filter so that filtering of

this complex waveform takes essentially no more time than

would filtering a real waveform.

Pitch detection generally reguires a long time window

of speech in order to assure at least two periods of a low
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pitched voice. Fortunately, the doubly downsampled signal
consists of samples which are spaced by 132x3x3 usec, or
1.188 msec. Only 32 samples of this waveform are recguired
to yield 38 msec of data, a time window that is sufficient
to encompass two periods for pitches of up to 19 msec, or 53

Hz, a very deep male voice.

The 32 most recent samples of s3(n) are windowed using
a standard Hanning window and then filled out with zeros to
make a 128 point input buffer for the FFT. Because one
fourth of the input samples are zero, the FFT computation
time can be reduced by essehtially skipping the first 2
stages. The resulting spectrum contains the information in
the original speech signal from 210 to 1@5@ Hz, as desired,
and 1is ready, after the computation of the maanitude
spectrum from real and imaginary components, to be processed

for harmonic detection.

III. PEAK PICKING ALGORITHM

The self-normalized magnitude spectrum obtained from
the windowed s3(n) is generally a very smooth function with
peaks only at the harmonics of the pitch. The peaks are of

uneagual size, the larger ones showing up at the resonance of




the first formant. In the case of the phoneme /i/ fpr
example, a vowel with an extremely 1low Fl freauency, the
first harmonic 1is generally very large compared to all of
the others. The back vowel /a/ on the other hand, generally
has a more graceful bulge in the high end of the spectrum,

with the largest peak near 800 Hz or so (Fiaure 3).

The variability in size of peaks would not be a problem
if there were never any spurious peaks. Unfortunately, such
is not the case, for the speech waveform never behaves in
any guaranteed fashion. A common problem is the presence of
subharmonic peaks in the spectrum half way between the true
harmonics, possibly caused by irregularities 1in the
laryngeal excitation. These are nearly always smaller than
their neighbors, but they may very well not be smaller than
other true harmonics not at the formant resonence. Thus a
simple measure of distance between peaks above a fixed
threshold may yield a better score fdr a pitch <choice in Hz
of half the true value. A further serious problem with
telephone speech is that the carrier cosine often contains
60 Hz interference which shows up as 6@ Hz modulation of the
speech waveform. The consequence of such interference 1is
spur ious peaks on either side of a large peak, 60 Hz away.
These are often larger than true harmonics not at the

formant resonance (Figure 4).
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Another fact which increases the difficulty of pitch
detection is the wide variability in the number of peaks to
expect to find. For a high pitched female voice, there are
often only two peaks which should even be considered, and
the pitch is the distance between them. For an R@ Hz male
voice, on the other hand, one expects to find at least 1@
peaks at the harmonics of the pitch. An algorithm has to
recognize the fact that there may be only two valid peaks,
yet most of the time it should consider far more than two

peaks in making a decision.

The algorithm described here uses an iterative
technicue which begins by considerina only the two largest
peaks. It then adds each peak in turn, from laraest to
smallest, and after the addition of each new peak determines
a new list of potential pitches as the distance between
adjacent peaks under consideration. Such a technicue
results in a built-in weighting mechanism, whereby the
largest peak 1is included 1in every iteration, but the
smallest only in the 1last. The final decision algorithm
determines the pitch from a list which includes all of the

estimates from each iteration.

The first step in extractinag the pitch 1s to find all
peaks in the spectrum and to eliminate from consideration

those which are judged to be spurious. For each peak, an
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amplitude and a freauency location are determined. The
location is defined simply as the freaquency at which the
actual peak occurs. The amplitude is defined not as the
magnitude of the sample at the peak, but rather as the "area
under the hump". That is to say, the amplitude of a given
peak is the non-normalized sum of the amplitudes of all of
the samples from the previous valley to the following
valley. In the event that the sum overflows 16 bits, it is
clamped at +1. This choice of definition was found to
effect a better separation between true peaks and spurious

peaks than would a simple amplitude at the peak.

Peaks are climinated from consiaeration if they are too
small and/or too close to @ neighboring peak. Specifically,
a peak 1is removed if its location is within 6 samples (40
Hz) of a larger neighboring peak. A peak which is more than
6 but fewer than 1@ samples away from its nearest neighbor
is removed if its amplitude is less than 1/2 the amplitude

of the near neighbor.

The peaks that remain after the elimination step are
given a rank order according to size. At the first
iteration, a single pitch estimate is entered into a table
of potential pitch estimates, defined as the distance
between the two largest peaks. At the second iteration, the

third 1largest peak 1is added to the list of peaks under

10




consideration and two new pitch stimates are added to the
table, defined as the distance between adjacent peaks, among
the three under consideration. At each subsecuent, 1ith,
iteration, the 1largest peak among those remaining is added
to the 1list of candidate peaks, and i new pitch estimates
are added to the growing list of estimates, defined, again,

as distance between adjacent peaks (Figure 5).

Pitch estimates are always added to the table in order,
with the smallest at the beainnina of the table. After each
iteration, a score is computed for the maximum number of
consecutive "ecqual" pitch estimates 1in the table. [Ecual is
defined as within 14 Hz of the succeedina entry in the

table.]

As soon as there are at least 6 "eaual" estimates, the
average value for the "equal" entries 1is defined as the
pitch (in Hz). If there are fewer than 6 "eaual" estimates,
then the algorithm continues with the next iteration until
the size of the next available left-over neak 1is less than
1/14 the size of the laragest peak, or until a maximum of 7
peaks have been exhausted. 1If either of these conditions is
met, the algorithm exits in spite of an inadequate score,
and chooses as the pitch value the average of the 1longest
string of "eaual" estimates. In the case of a tie between

two strings, the one with the larger pitch estimate is




arbitrarily defined to be the pitch.

This harmonic detection algorithm is run twice per 2@
msec frame on spectra of data spaced by 12 msec intervals.
The output is thus an oversampled, unsmoothed pitch contour,
and the final step in the orocessing is to make the
buzz-hiss decision and decide a single pitch value for each
frame. For this purpose, the pitch contour is passed
through a three point followed by a five point median

smoothing filter<8> (Figure 6).

The buzz-hiss decision is made almost exclusively on
the basis of the smoothness of the pitch contour. Since the
only true feature distinguishing voiced from unvoiced speech
is the presence of pitch pulses, and since the 1linguistic
and acoustic constraints on the pitch make it highly
unlikely for a true pitch value to change dramatically in
the course of a ten millisecond interval, one can expect
that in voiced regions the pitch will change little from
sample to sample. In unvoiced regions, on the other hand,
there is little reason to expect the algorithm to arrive at
anything other than random values for the pitch choice. The
only other feature used by the buzz-~hiss decision 1is an
extremely conservative silence threshold on the doubly

downsampled waveform, s3(n).
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Thus the buzz-hiss decision operates as follows. 1If
the energy 1in s3(n) 1is less than the silence threshold,
consider the frame hiss and set the pitch equal to 0. If
none of the three input samples to the three point median
smoothing filter are "equal" (where "equal" is here defined
as within 33 Hz of each other) consider the output of the
median smoothar to be @ (hiss) Finally, if no more than 2 of
the 5 ordered input samples to the 5 point median smoother
are "equal" (this time within 20 Hz of each other), consider
the output of the 5 point smoother to be 94 (hiss). (Figure

7).

This algorithm works surprisingly well for determining
buzz-hiss. It depn=2nds upon a 10 msec rather than 20 msec
update of the pitch. Typical buzz-hiss indicators such as
zero crossing density, R1/RA, and high-low energy ratios
were avoided on purpose, because these are likely to be
degraded as a consequence of filters, distortions, and noise

to which the input speech may have been subjected.

1V. LDVT IMPLEMENTATION

The algorithm as described above was incorporated into

a real time linear prediction vocoder implemented on the




Lincoln Digital Voice Terminal. The LDVT is a 55 nanosecond
instruction cycle microcomputer, with a standard instruction
set, designed and built at Lincoln Laboratory. Memory size
is a limiting factor with the machine, for it has only 2000
octal program and 100@ octal Jata memory locations. There
is, however, a ranid access outboard memory containing 40972
octal 1locations from which both programs and data can be

retrieved.

The preemphasized analog waveform was filtered and
sampled at 132 usec intervals, and a non-overlapping buffer
of 153 samples was accumulated for each 20 msec frame.
These 153 samples were used as input both to the
autocorrelator and to the first FIR filter, FIR1 (refer to
Figure 1). The 51 output samples of FIR] were complex
multiplied by e and processed again through the FIR
filter, using certain tricks to handle the complex input
data, to yield 17 new samples of s3(n). The 128 point FFT
was computed twice per frame by moving along alternately by
9, then 2, samples of s3(n). The computation of the
magnitude spectrum from the 32 most recent samples of s3(n),

padded out with zeros to 128, completed the preprocessing.

For the postprocessing, a table of peak locations and
corresponding table of anplitudes was determined and

arranged in descending order with respect to peak size.




Following this step, the first two 1location entries were
reordered and the difference between the two locations was
entered as the first pitch estimate. Then the third entry
in the location tabhle was inserted in order and two new
pitch estimates, defined as difference between adjacent
entries, were added, also in order, to the growina pitch
estimate table. Now the 3 ordered entries in the estimate
table could be scored for "eguality" of' adjacent elements,
and an iteratison is completed. At each ith iteration the
ith location is inserted 1in order and i new pitch estimates
are added in order to the estimate table. Processing is
complete either when a peak of insufficient amplitude is
encountered, or a score of greater than 7 adjacent "eaqual"
estimates is obtained. At this point the mean value of the

"equal" set is defined as the (unsmoothed) pitch.

An appreciation of the complexity of the algorithm can
be gained from some numbers associated with the LDVT
implementation. Tne total number of memory locations
requiresd for the entire pitch algorithm was 1425 decimal,
divided about fifty fifty betwean instructions and data.
The amount of time consuned for the preprocessing (FIR
filters and computation of magnitude spectrum) was 2.66 msec
per 1@ msec frame, or a little over a oaquarter of the time
available. The time reauiredl for the postprocessing, or

decision algorithm, was extremely variable, and therefore




difficult to determine, but a r

ough calculation indicates

that it was insignificant compared to ©preprocessing time.

For purposes of comparison, the

total time requiremen@ was

roughly twice the amount required by the LDVT implementation

of the Gold-Rabiner time domain pitch detector.

V. RESULTS

The harmonic oitch Jetector,
time 4000 bits/sec LPC vocoder,
by means of an AB comparison
domain detector<2>, incorporated
vocoder. A system was developed

whereby the two vocoders could

essentially instantaneously, while

various distortions and corrunti

played. The 1listener could

incorporated into a real
was evaluated subjectively
with the Gold-Rabiner time
into an otherwise identical
on the UNIVAC 1219 facility
be swapped into the LDVT
speech subjected to
ons was continuously being

thus, because of the

instantaneous juxtanosition, readily compare the quality of

th2 speech produced using the fr

domain pitch detector.

Input speech subjected to
degradations was generated by
containing a real time digital

<11> (Figure 8) The parameter
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eauency domain and the time

typical telephone channel
means of a second LDVT
telephone channel simulator

s of the simulator were




controlled at the console and thus the user could
conveniently test the performance of the two pitch
detectors, with increasirs amounts of various corruptions.
For example, if one wiched to investigate the sensitivity of
the two pitch detectors to Gaussian noise, one could set
all parameters of the telephone simulator to zero except the
Gaussian noise. The noise amplitude could then be slowly
increased while the two pitch detectors were alternately

loaded into the other LDVT.

Using this experimental setup, we were able to examine
the relative sensitivity of the two pitch detectors to the
various distortions in the telephone 1lines. The major
source of breakdown in the Gold-Rabiner pitch detector is
the telephone band pass filter, which removes information
below 304@ Hz, attenuates the amplitude up to as much as 1407
Hz, and changes the phase relationship. Subjective
listening tests show a substantial improvement in aquality
when the harmonic pitch detactor is substituted for the time
domain detector, under conditions when only the telephone
filter is present in the simulation. Figure 9 shows an
example where the periodicity 1is not evident in the
waveform, but is well indicated in the spectrum, when the

speech is processed through a typical teleohone filter.




Other audible degradations in typical telephone 1lines
are Gaussian noise (thermal noise and shot noise) and phase
jitter. The latter is a low freguency modulation of the
waveform as a conseauence of (usually 6@ Hz) interference in
the generation of the carrier cosine. In some European
lines the 50 Hz jitter can be as high as 35 degrees peak to
peak amplitude, causing a peculiar granular quality and an

echo effect in the speech.

Both detectors were sensitive, as might be anticipated,
to Gaussian noise, although the breakdown as a conseauence
of Gaussian noise was not as great as might be cxpecteid,
raz 3o0ld-Rabiner detector was far more sensitive Lo the
t2lephone filter alone than to Gaussian noise alane2, 5ot at
thn level typically encountered in telephone lines

(-40dbmc) . The two detectors were judged to be about

equally sensitive to Gaussian noise.

Phase Jjitter contributes an additional degradation to
the time domain detector, particularly at the levels
encountered in European lines. Included in the harmonic
pitch detector decision algorithm is a step to suppress
pecaks too close to neighbors and of insufficient amplitude,
which makes the detector less sensitive to phase jitter than
the time domain detector. At typical Amer ican line

settings, phase jitter presents little problem to either

- 18 =




detector.

The remaining parameters in the simulator, with the
possible exception of haradiic Jistortion, seem to have
little effect on pitch extraction, at the 1levels commonly

found in the telephone system.

The two pitch detectors were also evaluated on certain
other tyoes of Jdearadsl speech. Specifically, speech in the
presence of a) helicopter noise, b) noise in a largs jet
airplane, and c) 6@ Hz hum, was processed through both
vocoders, and the quality was compared, Helicopter noise
was found to be concentrat:i in fr2ju3>ncies above 1000 Hz,
and therefore caused only minor Jd2gradations in both
detectors. Jet noise includes a large component in the low
freguency region (below 300 Hz) and therefore interferes
rather severely with the time domain pitch extraction
algorithm. The same 1is true, obviously, for 60 Hz hum,
whose strongest component is at 6@ Hz, but which contains

weaker harmonics at higher freauencies.

For both the 60 Hz hum and the jet engine noise, the
harmonic pitch detector verformed substantially better than
the time domain detector. Even at levels of hum 1in which
the time domain detector completely broke down, chosing 60
dz as the pitch, the harmonic detector came through with

clear speech. Figure 9b shows an example where the pitch

- 19 -




information is obscure in the waveform but evident in the
spectrum, when the speech is corrupted with large airplane

jet noise.

For one specific kind of distortion 1in transmission
channels, the harmonic detector <can actually correct the
distortion and improve the auality of the original speech.
This is for the situation in which there happens to be a
very large freauancy offset oetween the transmitter and
receiver carrizr in a single side band transmission system.
In such a case, both positive and negative freau2sncy are
shifted in towards the origin by an amount eaqual to the
offset, such that the original pitch harmonics are no longer
harmonics. The subjective result 1is that the perceived
pitch 1is wrong, and a small amplitude background hum is
heard at the correct pitch. The harmonic pitch detector,
since it does not depend upon the fundamental but only upon
spacing between harmonics, can restore the origineal
speaker ‘s pitch ian ch2 synthesized speech, and remove the
background hum. The formant frecuencies are of course still
shifted, but the formant shift is a second order effect,

perceptually.
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VI. SUMMARY

A freocuency domain pitch detector was described which
extracts the pitch information from the spacing between
harmonics in a selected portion of the spectrum. The
algorithm was developed with the following design criteria:
a)it should perform well when the input is telephone aquality
speech, and b) it should be implementable in real time on a
standard fast microprocessor. The zlgorithm so developed
not only met its design goals, but alsn was found to obtain
accurate pitch in the presence of a wider range of noise and
distortions, including 6@ Hz hum, jet engine noise, and

large freqguency offsets.

Looking to the future, the algorithm has the further
advantage that it is potentialy easily implementable in CCD
hardware, as the entire preprocessing consists of FIR

filters and FFT s, both suitable for CCD implementation.
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1. Block diagram of harmonic pitch detector.
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used to test harmonic pitch detector performance.
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