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Abstract

wgmis note describes a homcmorvhic pitch detectcr which
yieids good perfoimance cn clear speech and moderate rchustness
<0 additive bioadbard ncise, narrowktand ncise, and to degradation
by a telephone simulator. It achieves the performance by the use
of an adaptive time window, log-spectral windowing, an adaptive
voicing threshcld, and pitch track smoothing. It has been
implemented in a real=-time 1PC vocoder fcr testinge. Finally, a

pilct study of 2 preprocessor to improve the performance of any

coherence seeking pitch detectcr is preserted.
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I. Introducticn

For the past few decades, there has teen much interest in
speech bandwidth ccmpression systems. 1Thke homcmorphic vocoder
algcrithm and its related pitch detectior algorithm (£,€6], both
proposed in the mid-tc-late sixties, have undergone little
develcpmernt, primarily due tc the ccmplex Lardware recuired to
implement the Fourier transfcrms of the algorithr in real-time.
(A real-time capability is required for any practical vocoder and
is extremely helpful fcr research versions.) This olstacle has
been removed by recent develcpments ir ctarge-ccupled device
(CCD) technology, whick promise fast ccrputaticnr cf the Fourier
transform with relatively simple hardware. The work presented
here was undertaken to improve the perfcrmance of the homomorphic
pitch detection algcritim in anticipaticr cf its evertual

isplementatior using CCIL chirp-z transfcrm chigs.

First, the human speech producticr mcdel arnd the thecry of
the hcmomorphic prccesscr are descrited. Then, some practical
difficulties encountered by the basic hcmcmorphic pitch detector
are covered in additicn tc the details cf the real-tirme
implementation used here. The final secticns summarize and
analyze the results cf the real-time tests of the algcrithme A
pilot study of a method fer improving the performance of the

hcmomcrphic pitch detectcr (c¢r any cther coherence seeking pitch
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detectcr) is presented in the Appendixe.
Il. The Speech Model

The human speech prcduction system consists of an air
Fressure source (the lungs) feeding thrcugh the vccal ccrds and
combined nasal and oral passages. The vccal cords can be caused
to vitrate and provide a rericdic excitation to the vccal tract.
Alternatively, the vocal cords can ke atducted to allow airflow
into *he tract. A constricticn higher in the tract will then
cause turbulence roise to be generated just downstream of the
constriction. The crel and rnasal cavities form a variable
confiquratiorn (straight tupe cr tube with sidekranch) deformable
set of resonators ccnnected tc the excitaticn scurces.s A
simplified version of this mcdel--a pericdic pulse cr white noise
source feeding a time varying filter=-is generally used for

voccders derived frcm speech producticn mcdels [2].

This simplified mcdel (Figure 1) is adequate most of the
time for most speakers. Its descrigpticn cf the voiced excitation
breaks dcwn under several situaticns. At the tegirnirng or end of
voicing, the interval Lketween glottal pulses can change very
rapidly. Any pitch detector which requires "local stationarity",
i.e., stationarity over e small windcw, is likely tc find this

zone of speech to te unvciced. Another trcublescme mcde of
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VOCAL TRACT
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Fig. 1. Speech generation model.
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voicing is diplogphcnia (4], in which alternate pitch periods are
more highly ccrrelated than adjacen+t pitch periods. Not only

does this violate lccal stationarity, tut it poses the additional
question of how the listerer perceives such an excitaticn=--with a
period equal to the average cf the twc adjacent pitch pericds or

with 2 period equal to the sum of the twc adjacent pitch pericdse.

Many languages including English ccntain a class of
Fhonemes, the voiced fricatives, in whic}t the excitaticn has both
periodic and white noice comrornents. The kinary scurce model is
clearly incapable cf ccrrectly descriking such a phoneme. Some
African languages include sounds such as clicks which also are
not included within the mcdels The percertual ccnseguences of
such errors in the model vary with the specific errcr and the
lanquage. If the analyze:r errs in a fcrgiving way, many errors
will ke corrected Ly the syntactic and semartic constraints of a

language.
IZI. The PBasic Hcmomorphic Ttitch Detectcr

From a sagnal viespcint, the sreecl! generaticn mcdel is just

a periodic or white sigral scurce feedirg a filter.

s S itbintl.......




s (t) =h (t) *u (t) (M)
where s (t)=speech signal
h(t)=vocal tract filter
u(t)=excitation

signal--periodic cr white
*=ccnvoclution operatcr

Time domain convolution results in a frequency dcmain grcduct:

S(£)=H(f) U (f) (2)

If one takes the logarithm of the magnitude cf toth sides,

logls(f) {=1cg|H(f) {+1cqlU(£) | (3)

the prcduct of the right hand side is transfcrmed into a
sumnmation of indepsndent ccmponents. H(f) for arn adult male
speaker uttering a vowel contairs, on the average, one formant
(resonance) per kilchertz. Therefore, 1lcg|H(f)| is a slowly
varying curve. If the utterance is unvciced, u(t) is white noise
and log|U(f)| is relatively flat. If, on the other hand, the

utterance is voiced, u(t) and therefcre 1lcg|U(f)| are periodic.




As the typical range of pitches is about 60 to 300 Hz, the
frequency domain periodicity is of relatively high freguency.
Log]|S(f)| is therefore the sum of a slowly varying component arnd

a rapidly varying periodic comgcnent.

A final Fourier transfcrm cf log|S(f)|

C (t) <=====>log| (S (f) | (4)

produces the cepstrum (Figure 2) and will generally serarate the
components along a time scale with the lcw crder comgcnents of
c(t) representing log|H(f)| and, if voicing is present, a higher
crder peak at the periodicity of u(t) representing log|U(f)]| (6]
This cepstrum is then searched along the 20ne corresponding to
the expected range of pitches for the height and pcsition of the
pitch peak. If the peak height is above a threshcld, the frame is

declared voiced with pitch equal to the pcsiticn of the peak.

On an ideal speech scund, this hcmcmcrphic pitch detector
(Figurz 3) works quite well. The peak regrresenting the pitch
period is shary and clear whan the excitation is voiced and
absent when unvoiced. FKeal speech reccrded with high quality

equipment in a quiet envircnment frequently produces a well




LOG SPECTRUM
0-2.2 kHz

A : MODIFIED CEPSTRUM
” » .o - m - M" "
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INPUT: SUSTAINED VOWEL /a/

Fig. 2. Waveforms of the basic homomorphic processor
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btehaved cepstrume It alsc strains the inherent assumptions
sufficiently often that the tasic hcmcmorphic pitch detector will
generally perform fairly poorly over an entire utterance. A
practical homomorphic fpitch detector therefore requires a number
cf mecdifications and additicral strategies to give accertable

performance.

IV. Practical Asgects cf Hcmcrwcrgphic Pitch Detection

The first issve which a hcmomorgphic pitch detectcr must face
is the lack of stationarity in the signal. To preserve the local
staticnarity that exists, the speech signal must be windowed and
analyzed as (hopefully) staticnary frames. As scme events in
(EFnglish) speech (flap d and flap t) cccur in about 10 mS., a
very narrow window is required. The pitch detector, hcwever,
requires a high rescluticn spectrum which suggests that the
vindow be four to five pitch periods lcng. As typical pitch
periods vary from akout 2.5 tc 20 mS. the aktove requirements
cannot be met. Fortunately, a certain amount of slurring of the
excitation is allowakle and the optimum size is the minimum width

which gives adequate sprectral resoluticne.

Given that a time window is required, which windcw is the
best? The requirements here are not unusuval: minimum width main

lobe and low sidelotes in the frequency domain with minimum width
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in the time domain. The €xact choice of window is protably not
important as long as one cf the standard tigh quality (i.e.,
narrcw main lcbe and miniwmal sidelolkes) windows such as the

Hamming window is vused.

Cbservation of high resclution speech spectra will show the
spectra of apparently ideal (time dcmain) speech tc ke less than
ideal. The periodicity cf the spectrum may break dcwn above one
kilchertz. The voicing periodicity of vciced fricatives may be
obliterated above aktout the same point ty the random noise
componentse. Finally, a vciced sound may have as much as 50 db
dynamic range in the spectrum with the peak energy ccncentrated
in the region of the first twc formants which lie telcw about 1.5
kHze These factors suggest that the region up to akout 1.5 kHz
is the most reliable pcrtion of the spectrum for use in pitch

detection.

If a periodic pulse wavefcrm is fed tc a hcemcmcrphic pitch
detector, several phencrena will be ckserved. First, the height
cf the pitch period peak in the cepstrum will vary with
frequerncy. This suggests a weighting cf the cepstrum such that,
over the region of interest, the height cf the peak as a function
of the period is relatively ccnstant to allow the use of a fixed
voicing thresholde This weighting functicn should te relatively

smooth to prevent small pitch errors caused by markedly differing
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weights or adjacent sawmples.

A second observaticr is that the "flccr" frcm which the
pitch period peak rises ray nct have a ccnstant level. (The
cepstrum may be viewed as vocal tract frequency resgonse
information in the lcw crder terms and a lcw level roise floor
elsewhere which, if voiced, contains a peak corresponding to the
p2riodicity of the scurce. The basic prcklem is discrimination
cf the peak from the ncise and frequency response infcrmatior.)
Not only can this ncise flcor have a ncn-zero DC level, tut it
may be tilted or equivalently have a varying regional [C level
(have low frequency terrs in the cepstrum). As these deviatiors
from ideal vary, no fixed correcticn can ke used tc eliminate
thems A good way of prccessing this ncise floor is "lccal DC
removal" or removal cf the low frequency terms frcm the cepstrume.
Any threshold operation performed on the pitch pericd peak now
will see just the peak plus noise rather than the peak plus noise

Flus its lccal DC level,

A third observation is the presence cf cepstral geaks,
usually lower in amplitude than the main peak, at multiples of
the pitch period.s These extraneous peaks, if found by the peak
Ficker instead of the prcper peak, will cause & dcutling (or
tripling) of the pitch period estimate. The amplitude cf these

peaks is a function cf the lerngth of the original time window on

11
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the signal. Too long a window will yield high amplitude
extransous peaks. (Fecr a constant pitch signal, a lcnger window
will yield narrower lcg-spectral lines. As the lcg-spectrum
approaches a periodic impulse train, sc will the ceps*rum.) A
Hamming window about 4.,f pitch periods lcng will sisultanecusly
maintain the log-spectral null depth to maintain the desired peak
height and suppress the extranecus peaks. Since a fixed window
cannot be wide enough fcr low pitched voices aud still avoid
doubling on high pi*ched vciées, the windcw size must te
adaptive., The windcw size required ty lcw pitched speakers is
also too wide to preserve shor+ term s*aticnarity in the speech
signal. This loss c¢f stationarity is a ;cupromise which must be
made for such speakers tut would cause unnecessary degradation of

rerformance tor higher pitched speakers.

In gereral, simple picking of the highest cepstral point
within an allowed zcne cf possible pitch periods and aktove a
certair threshold dces nct corstitute a sufficiently reliable
pitch detecticor and measurement scheme. The desired cepstral
peak is subject to amplitude jitter due tc the time window vs.
time signal phase, staticnarity, and (vciced) signal tc (all
cther) noise ratio. If the sound is voiced, the dominant
cepstral peak usually irdicates the correct pitch, tut the peak

amplitude varies. A more accurate scheme than simple peak height

12
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+hresholding is required fcr the voiced-unvoiced decision.

Even with all of the above refinewments, a hcmcmorphic pitch
detector still makes occasional errors, especially at vcicing
toundaries. Some fcrm cf post processing tc correct single
errors imbedded in ccrrect pitches is helgful. This smoothing,
hcwever, must preserve the voicing boundaries. A linear lowpass
cp2ration will not werk (especially if an unvoiced frame is
represented as a pitch cf zerc). The ncnlinear cperaticn of
median smoothing (9] (pick the median cf an odd number of the
most currert estimates) aprears to be well suited tc the

arplicatione

Finally, the pitch detectcr is irrlemented in the discrete
domain. What sampling rates are required to adequa*ely represent
the signals involved? 1The original signal s(n) can ke assumed to
be Nyquist rate sampled. S(k), the discrete Fourier +ransform of
w(n)s(n) must have at leas*t as many samples as the time window
w(n) tc prevent loss of information. 1cg|S(k)|, however,
represants a sampled distcrted S(f). 1Tc lessen the aliasing,
lca|S(k)| must have a much higher sample rate than that required
tc represent S(k)e« The wcrs*t case that this sampling rate must
meet is the low pitched male speaker. If his fundamental
frequency can reach £0 Hz., *he sampling must be close enough to

adequately represent a ccmk structure with peaks every 50 Hz. It

13
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is not known how dense a sampling is required, but the sampling
used in this implementaticn (7 Hz) appears to be adequate. It is
possible, however, that an even denser sawmpling would yield

inproved results.

Ve 1The Implementaticn

As the best kncwn judge cf a pitch detector is the human
ear, development and testing cf the pitch detectcr was carried
out by implementing the pitch detectcr (Figure 4) as part of a
real-time vocoder. An existing LDSP [1] irplementaticn of an LPC
vocoder was used as the test vehicle. The operator could switch
in real time between tlke hcmcmorphic pitch detectcr ard the
original Gold-Rabiner [€] pitch detector, while using the same
LPC spectrum analysis and synthesis (20 mS frame interval, 12th
order autocorrelaticn IPC coded to 3.6 kkit). This allowed A-B
ccmparison of the hcmomcrphic pitch detectci with a kncwn

algcrithm.

The original speeclt signal is lowpassed at 3780 Hz,
rreemphasized for the IPC and 12 bit sampled at a 132 uS interval
(7576 Hz) « This sampled signal feeds btoth the IPC spectral
analyzer and the Gold-Fakiner pitch detectcr. Fcr input to the
hcmemcrphic pitch detector, the signal is again lowpassed at a

digital frequency cf n/z (1894 Hz) and dcwnsampled ty a factor of
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2. The downsampled waveform is windowed ty a Hamming window of
100 to 250 samples (26 tc 66 mS) and padded with sufficient zeros
to fill a 512 point tuffer. The buffer is Fourier transformed by
a real FFT and the lcgarithm cf the magnitude of each frequency
pcint is computed. (Only the positive frequency points need be
comruted due to the symretries inherent in the Fcurier
transform.) This log spectrum is Fourier ttahsformed tc produce a
downsampled cepstrum. Tc rrevent +the spectral windcw from
spreading the high amplitude lcow order cepstrum into the pitch
period zone, tte low crder 2.3 mS of the cépstrum are zeroed
tefcre the cepstrurm is €filtered to implemernt the spectral window
(Figurs S5). The pitch period peaks of this functicn are now
approximately leveled by multiplying it ty the weighting function

1(n)

1m)= J1 n<21 (5)
1+.01(n=-21) 21<n<128

and interpolated back tc the criginal sarple rate cf 132 usS to
create the modified cepstrum (Figure 6). (Feriods measured on
this cepstrum now relate directly *c¢ the criginal wavefcrm when

measur<ed in samples.)

16

B bt & <ot i 5D
b el : s ot a et & a W 301




LINEAR AMPLITUDE F (f)
o

18-2-14097

0 0.5 1.0 1.5
FREQUENCY (kHz)

Fig. 5. Log spectral window. (Implemented as a filter on the Cepstrum)
Impulse response: f(0) = .52203, f(1) = £(-1) = .23590, f(-2) -.24475,
£(3) = £(-3) = .22653, f£(4) = £(-4) = -.02637.
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LOG SPECTRUM
0-11kHz

MODIFIED CEPSTRUM
0-20 msec

INPUT: SUSTAINED VOWEL /a/

Fig. 6. Waveforms of the homomorphic pitch detector.
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A modified peak picker is now applied to the cepstrume. The
picker selects the highest point in a windew (19 to 152 samples
corresponding to pitch pericds of 2.% to 20 mS) and, if the
height of the point is aktove a given threshold and the point is
not the lowest order point in the windcw, chooses this pcint as
the pitch estimate. If the highest pcint is at the bottom edge
of the window, it is assumed to be the side of a higher spectral
information peak outside cf the windcwe The threshcld (see Table
1) is intentionally low sc that any doubtful frames are initially
chosen to be voiced. If a pi*tch estimate is not found, the frame
is declared to be unvoiced, which is signaled by a pitch estimate

cf zerce

As the pitch of vciced speech usually varies smoothly,
continuity of the pitch estimates can be used to imprcve the
reliability of the voiced=unvoiced decision. The current frame
estimate is given a ccoircidence score equal to the numkter of
times that its pitch is within 8 samples (1.1 mS) cf the pitch of
the twec adjacent frames. (The pitches of the adjacent frames are
the raw outputs cf *he peak picker rather than an additicnally
rrocessed estimate tc preven* potentially unstable feedback
lcopse) This score is ncw used to choose which of three
threshclds is to be compared tc the current cepstral pitch peak

heith to decide whether the current frame is vciced. These

19
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threshclds, in arbitrary units, are:

coincidence score peak height threshcld
0 18
1 1A
2 g8
peak picker 8

Voicing decisicn threshclds
Takle 1

(The units are a functicr cf the implementation chcice cf the
tase of the logarithm, tre binary points cf the logarithm, the
spectral window, the gain constant in frcnt of the inverse FFT,

and the cepstral weightirg function.)

A similar schem2 which used the twc frevious and two
following pitch estimates was also tried. Comparison cf the
current estimate and this set cof four yields ten crdered
cocincidence groups if mirror images are considered identical.
Fach of these coincidence groups had an asscciated threshold
which was compared with the cepstral peak height of the current
frame *o make the vciced-unvoiced decision. This scheme yielded
cnly a slight improvement cver the simpler scheme and was judged

nct werth the additicnal ccmplexitye.
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The pitch estimates are now fed through a third order median
smocther [ 9)s This operation will remcve single errors without
cshifting the voicing toundaries. The median smccther also
frequently corrects errcneous pitch estimates at voice onset and
termination and gererally yields smocther scunding speech by
remcving some of the jitter on the pitch track. (Median
smocthers will handle unvoiced frames correctly if they are

represented by a pi*ch period cf zero.)

The output of the median smoother is used ir two ways: it
is passed to the synthesizer as the best estimate of the pitch
and fed to the adaptive time window size rcutine. The next

window size is computed as follows:

size (n+1)= [size (n) p=0 (6a)
2. 25 (e 9size (n) +. 1pitch) p>0
limits: 26.4 mS <€ size < 6€.0 mS (6b)

(As the window is in the dcwnsampled domain, its true size is U4.5
average pitch periods.) Cue tc the delays in the voiced=-unvoiced
decisicn and the median smoother, the pitch is delayed cseveral
frames and therefore the window size is chkanged several frames

late. As the window size need not track the pitch accuretely,

21




this delay appears tc cause no degradaticn cf the results.

The above operationcs ar-2 all perfcrred with 16 bit
arithmstic. The data fcr *he FFTs are stored in blcck floating

point with right shifts cnly as reaquired to prevent overflowe

Vi, Results

Nc clearly defined ckt-ective methcd fcr the testing of pitch
detectors exists. Errors can te of several forms: small pitch
errors, gross pitch errcrs and voicing decision errors. The

arcaptual sigrificarce cf each cf the errcrs is a function of

w

ot

he listener, the speaker, the spectral analysis-synthesis
algorithm, and where in the speech each error occurs. Therefore,
many investigators (including this one) fall back on subjective
judgements by trained listeners who can frequently classify the
type of error as well as its rresence. As the pitch detectors
examined here are implemented in a real-time vocoder with real-
tim2 displays of the windcwed speech, the lcg-spectrum, the
cepstrum, and the pitch track, these okservations of performance
are based on hours cf listening time Ly several treined listeners
who could simultanecusly ctsarve the internal wcrkings cf the

pitch detector as they listened.

On clear speech, the hemomorphic pitch detector and the




Gold-Rabiner algorithm perform similarly for male speakers. For
female speakers, the homcmcrphic algcrithm makes fewer errors
than the Gold-Rabiner algorithm. Both pitch detectors only make
cccasicnal errors which are likely to ke perceived as glitches ir
the speech. In silent intervals, the hcmcrcrphic pitch detector
cccasicnally finds the pitch cf the tackground 60 Hz power line
hume This, however, is cf no perceptual significance as the
energy of the synthesized cutput is tcc lcw for the cutput to be
audible. Another characteristic error of the homomorphic pitch
detector is occasional "squeaks" caused ky spectral envelcpe
information appearing in the pitch zone of the cepstrum keing
analyzed as a high pitche The homomorphic algorithm alsc
determines voiced fricatives to be vciced which aprears *o be a

perceptually appropriate decision.

The differences tetween the pitch detectors tecome much more
cbvious when applied tc ccrrupted speeche Ecth pitch detectors
were tested on speech ccrrupted with additive noise
characteristic of the interior of a large jet aircraft (11].

This ncise exhibits a trcad spectral peak telow akout €00 Hz. At
a signal to noise ratio c¢f abcut 10 dt, the noise degrades the

Gold-Rabiner algorithm mcre than the homcmorphic pitch algorithm.
The perceptual form cf the errcrs is quite different fcr the two

pitch detectors. The Gcld-Rakiner pitch detectcr jumps in and

23




cut cf voicing at a high enough rate tc checp up the speech.
(Completely removing the pitch detectcr ard declaring all frames
unvciced would probakly te more intelligitle.) The hcmcmorphic
pitch detector gives fairly.gcod pitch estimates except for
occasional zones where it devcices. These zcnes tend *o be of a
syllabic duration and are perceived as a devoiced syllable and
therefcre appear to do less damage than the chopping tc the
intelligibility of the speeche Th2 hcmcmcrphic pitch detector
even yields reascnakly ccrrect analyses when the signal to noise
ratio is so low that *he output of the vcccder is unintelligible

due to errors inr the LPC spectrum analysise.

Comparisons of the twc pitch detectcrs were made with
narrcwtand additive noise. The noise used here is a 100 Hz sine
wave. At 2 signal *tc ncise ratio cf atcut 0 db, the Lcmomorphic
pitch detector occasionally finds the pitch of the noise during
spesch silences but is ctherwise unaffected. Under the same
conditions, the Gold=-Ratiner pitch detector yields tadly "chopped
up" pitchs At a sional tc ncise ratic cf atout 10 4t the
hcmerorphic pitch detectcr is essentially unaffected while the
Gold-Rabiner pitch detec*or still yields tkadly "“chopped up"
pFitch. As the signal tc ncise ratic increases tc atout 30 or 40
db, *his "choppiness" graduvually decreases and vanishes. (The

Gold-Rabiner pitch detector should find the pitch of the sine

24




wave during the silences as it is a direct wavefcrm measurement
type of pitch detector. This effect, which is distinct from the
"choprpiness", ceases abcve a signal tc ncise ratic above about 30

cr 40 db where the sine wave drops below ar energy threshold.)

Ccmparison of the pitch detectors on telephone degraded
sp2ech also indicated differences in the performance cf the two
pitch detectors. The telephone simulator (10] which was used for
the tests has two sets cf parameters: "mid" representing a 50th
rercentile continental US long-distance voice-grade line and a
"pcer" representing a 90th percentile continental US lcng-
distance voice-grade line. PBoth sattinges attempt to simulate the
bandpassing, Gaussian and rulse noise, phése distcrticr,
frequency distortion, ard nonlinearity cf the respective
teleprhone lines., The "rid" telephone line causes essentially no
degradation of the hcmcrcrphic pitch detectcr but causes some
annoying oscilliatior in and out cf voicing ty the Gold-Pabiner
pitch detector. On the hcmomorphic pitch detector, the "poor"
telephone line causes scme devecicing cf syllabic duration and a
few "squeaks", neither cf which seriously impair intelligibility.
The Gold-Rabiner algorithm exhibits severe devoicing and rapid
cscillation in and cut cf voicing which cause severe damage to
the intelligibility cf the speech. As the telephone simulator

high-pass filtered the speech with a cutcff of aktout 300 Hz,
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significant amounts of the information used by toth pitch
detectors were removed. Versicns of the hcmomorphic pitch
detector which used a spectral window which deemphasized the low
frequency region exhibited less degradation due to the telephone

simulator.

VIiI. Discussion

Clear speech allows a pitch detectocr many design cptions.
Direct waveform processing and measurements are possitle. These
techniques, which allow the pitch detectcr to aralyze
ncnstationary voicing almost as effectively as stationary
voicing, degrade in the presence of ncise. Wavefcrm pitch
detectcrs can ro longer accurately lccate peaks and ;ero
crossirgs whichk may te ctscured by additive noise. T[Cistcrtion
fcr spectral leveling (7], a ccmmonly used preprocessing
technique for correlaticn type pitch detectcrs, ncw creates

interfering cross terms tetween the noise and the speech.

Pitch detection in the presence cf ncise requires the use of
th2 coherence found in *he vciced excitaticn to differentiaie the
signal from the noise. Fitch detectors which are rotust with
respect to irput speech degradation therefore must yield some of
+heir clear speech perfcrmance cn nonstaticnary veicinge The

homomorphic pitch detectcr attempts to explcit this coherence in
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several ways tc achieve its rcbustness. Generation cf the
complex spectrum explcits (and requires) the coherence of the
voiced excitation. Takirg the magnitude of this complex spectrum
maximizes the phase coherence cf i%ts pericdic line structure.
The logarithm, in ccnjurction with the original time window
(which sets the line shape and width), maps the the line
structure of the magnitude spectrum intc a relatively constant
amplitude line structure plus some slcwly varying terms. (This
log magnitude operaticn degrades gracefully in the fpresence of
noise by thke rulls cf the lcqg spectrum kteccming "filled in" by
the noise.) The seccnd FFT then explcits the coherence cf this
corstant amplitude rericdic line structure to generate the

cepstral peak which indicat2s the presence and pitch cf voicinge.

The majority of the hcmororphic pitch detectcr errcrs fall
into two classes. The pitch is sometimes estimated incorrectly
at vcicirg onset or terminaticn. Nonstaticnarity in the voicing
in both pitch arnd amplitude tends to ccncentrate at these points
making them obvious troultle spots for a coherent pitch detector.
(A possible scheme tc irprcve the pitch detector's tolerance to

voicing nonstatioparity is outlined in Afppendix A.)

The second difficulty is the voiced=-unvoiced decision. If
the dzcision is heavily tiased toward voicing so that few voiced

to unvciced errors cccur, the pitch estimates generally appear
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accurate. The voiced-unvciced decision is tased on a gitch
continuity dependent threshold placed on the cepstral fpeak
height. What, then, affects this parameter? The height of the
peak is the strength of a frequency ccmpcnent in the windowed log
spectrume The strength of this component is a function of the
reriodic signal-to-noise ratice (Noise "fills in" the nulls of
the ccrb spectrum and reduces the amplitude of the component.)
Varying frequency and acplitude of the voiced excitaticn reduce
the coherence of the vcicing and spread and reduce the height of
the reaks of the cornt spectrum. The vccal tract filter (or audio
channel) can have differing delays for the different harmonics of
+he source which, if the pitch is changing, will spread and lower
the cepstral peak. The rhase effects cf the vocal tract filter
and channel are of nc ccnsequence since the log spectrum is phase
insensitive, except that changing ophase shifts in the tract and
channel will shift the frequencies of the harmonics and degrades
the cepstral peak. Clearly a mcre accurate measure of voicing

sigral to noise ratio is desirable.

The spectral window remains the mcst mysterious part ¢f the
pitch detector and a possitle target for future development.
(The window d2sign is a simultaneous dual dcmain design problem.)
The test windows that were found tanded tc ke quite different

from those that one would expect to be optimume The test so far
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aprears to have a single broad peak with an upper cutoff at about
1 to 1.2 kHz (Figure 5). Tests of the classic rectangle with
smoothed discontinuities give pcor results for nc apparent
reason. Tailoring of the windcw to specific applicaticns appears
to be possible where the signal-to-noise ratio varies cver the
spectrum, Specific attempts have not teer made tc design a
window for either of the corruptions mentioned earlier, tut two
windows which give similar performance on clear speech give

varying performance cn the ccrrupted sgeech.

Scme of the earlier work on the homeorcrphic algorithm
suggests the possibility of integraticn of the spectral analysis
and *he pitch detectcr [£,6]e This investigaticn suggests tha<
rarfcrrance may suffer as a result of such a sharing of
processing. Succeeding work hgs indicated that performance of the
spectral estimator over a wide range of fpitches requires an
adaptive time window which is much smaller (about 3 pitch
periods) thar the windcw required for the pitch detector. This
would prevent the sharing cf the initial FFT as well as any of

the succeeding processing.
ViII. Summary

The homomorphic pitch detector has existed fc¢r quite some

time in a comparatively undeveloped state due to the difficulties
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cf real-time implementation. This investigation reveals that,
with suitable modificaticn, it is capable of clear speech
performance rivaling cne of the better pitch detectors in current
use., Tests on two fcrms cf ccrrupted speech indicate the
hcmomorphic algorithm is also more rotust with respect to
ccrrup*iorn of the speech than is the Gold-Rabiner algorithnm,
which allows the effective use of a voccder in a less than ideal
envircnments As all of the opsrations required to achieve this
perfcrmance can likely ke implemented in real-time using CCD
technology and microrrocessors, this ritch detectcr cen frobably

ke built with fairly sirple hardware.
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IX. Appendix

The homecmorphic pitch detector is cne of a class cf
coherence seeking pitch detectors. These pitch detectcrs
generally use signal prccessing techniques to prccess the speech
waveform into a form more suitable for pitch detection and
estimation. They tend, however, to deqrade when the sgeech
deviates form *he ideal rodel in any cf several ways. This
appendix describes a pilct study of a set cf preprocessors for
improving the speech generaticn model errcr tolerance cf

coherence seeking pitchk detectcrs.

Basically, the homcrmorphLic pitch detector uses hcmomorphic
tachniques for processing the speech sigral intoc a waveform which
contains a peak to indicate the presence and pitch cf vcicing.
The problem then becomes detection of +he peak's location and a
decisicn based on its height in the face cf noise on the

waveforme.

A large number cf factors, as enumerated earlier in this
report, lessen the peak Leight and reduce its discriminabilitye.
One of these factors is ncnstationarity in the voiced excitation.
This nonstationarity can appear in two fcrms: amplitude and
Fitchs The amplitude ncnstaticnarity is mcst severe at voicing

boundaries where the percertual consequences of an errcr are
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minimal. Pitch nonstaticnarity, while frequently severe for
few pitch periods at*t voicing boundaries, cccurs thrcughout

speech. I* may be possitle tc modify the homomorphic pitch
detector to provide a greater tclerance tc these viclaticns

the arealysis model.

One mears of increasing tolerance tc a particular model
error is to postulate the errcr and mcdify the algorithm suc
that i* can functior in the presence of the error (even if i
fails without the error). A mapping cf the speech signal to
regenerate a violated assump“icn is one such means. If the
criginal signal 1is increasing in amplitude, multiply it by a
decaying function (such as a decaying expcnential) to restor
amplitude stationarity. If the pitch reriod of the voiced
excitation is changing, time warp the waveform to return it

ccnstant periodicity sigral.

No models exist which give a functicnal descripticn of
changes, The pitch, however, generally varies smoothly and

toc rapidly. Fostulate a2 periodic signal:

£(+)=£(t+p)
t=time
p=psricd
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Time warp f to create a signal of varying reriod:

g(t)=£(s(t)) (R2)
s=warp function

Eg(t)=(dt)/(ds)F (A3)
Pg=pericd of g

Assume a linear pitch change: {

Pg (t)=(1+at) (A4)
Tc reccver f(s)=g(t(s)): 1

ds= (p/Pg) d+ (AS)

T
s(4)=[ 1/ (1+at)dt (A6)

0
=(1/a)log (1+at) (A7)
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as
t(s)=(1a) (e =1) (A8)
t (s) =ccrrecting warp

2
~S+(a/2) s (A9)
as small

Thus a linear time warping cf a linearly varying pitch signal

will approximately map the signal intc a ccnstant pitch signal.

Non~real-time simulaticns of a time warp feeding the
hcmomcrphic analyzer have been perfcrmed on speech. The time
warr was implemented with a £1 section lowpass filter to
interrolate the input waveform. The cepstrum (c(n)) as computed
by the procedure of Figure 4 was considered the final cutput from
which judgements of the pitch peak erhancement were made. As
illustrated in Figures A1 and A2, instances of peak enhancement

were found in a short secticn cf speech which was searched.

(The positions of the pitch peaks are skewed as a function
of a as t=0, i.e., the pcint cf zerc warp, was at the left edge
of the Hamming window. In a real implementation, this effect
would be corrected so that the point of zero warp would be the
center of the windcw thus remcving the derendence cf the peak

position on a.)
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A priori, one cannct know whether tiwe warping (or amplitude
correction) will ernlkance the pitch pericd peak in the cepstrum.
An isplemertation using any of these techniques wculd therefore
te required to run one full pitch detector per preprocessor and
base i*s final decision cn the cutputs (cr intermediate results)
of all. As specific attempts will then have beern made to correct
for deficiencies of the tacsic pitch detector the voicing decision
thresholds of the individual pitch detectcrs might be ra.sed to

lessen the probability cf a false voicing detectiorn.

Such a pitch detectcr might give improved perfcrmance ir
several ways. As most cf the clear speecl errors of the
homomorphic pitch detector occur at vecicing toundaries (which are
the regions of highest ncnstaticnarity), the technique might
prevent some ¢f these errcrs. In fact, Fiqures A1 and A2 and
most cther zones where the technique was found to enhance the

pitch peak were at or near vecicing boundaries.

The pitch detector might also become mcre robust., If the
speach is degraded ty additive noise, the pitch peak height would
te reduced. The majcr perceived errcr irn airborne ccmmand post
noise is devoicing for cccasional sections of approximately
syllaktic length. If this is a cumulative effect of the noise and
nonstationarity in the criginal speech reducing the peak height,

the preprocessor might ke able to sufficiently correct the
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Fig. A-2. Cepstra with time warping.
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ncnstationarity to allcw pitch detecticn.

Both of the preprocessing techniques pcstulated here are
based on the assumption that the voicing is nonstationary in some
way or combination of ways and attempt to provide a "mcre
stationary" signal for the pitch detector. These preprocessors
therefore might be useful *o any pvitch detector which searches

fcr a coherent pericdic ccmponent in the speech signal.
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