






Abstract

!ihj s note descr ibes  a h o m c m o n n h i c  p i t c h  de-tect cr  w h i c h

yi~ ids good perfozmance Cii c lea r  speech and  m o d e r a t e  r chu s t n e s s

- o additive bioadband ncise , narrowband ncis~, and to degradation

by a telephone simulator . It achieves the performance by the use

of an adaptive time window , log—spectral iinr5owing , an adaptive

voicing threshcld , and pitch track smoothing. It has been

implemente d in a zeal—time IPC vocoder fcr testing. Finally, a

pilct study of a pr€proc~ ssor to improve the performance of a~ y

cohererce seeking pitch detectcr is presented.
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I. Introduction

• For the past few decades , there ha5 been much interest in

speech bandwidth ccmp r€ssion systems. ~he hom cuor p hic vocoder

algcrithm and its related pitch detection algorithm (5 ,61, both

proposed in the mid—tc—late sixties , have undergone little

develc paen t, primarily due tc the ccm~ lex hardware tecuired to

implement the Fourier transforms of the algorithm in real—time.

(A teal—time capability is required for any practical vocoder and

is ex tremely helpful fcr research versions.) This obstacle has

been remove d by recen t devel opm en ts in c~ azge—ccupled device

(CCD) technology, which promise fast ccwpu-caticr cf the Fourier

trans form with rela tively simple har d~ ar e. The work presented

here was undertaken to improve the perfcrmance of the homomorphic

pitch detection algcrithm in atticipat~ cr. ci its eventual

implementation using CCE chirp—z transfcrm chips.

First, the h u m a n  sp eech productict mcdel and the -thecry of

the hcmomorphic prccesscr are described. Then , some practical

difficul ties encountere d b y the basic hcmc m or phic pitch detector

are covered in additicn tc the details Cf the real—time

im plementation used here. The final secticns summari ze and

analyze the resultE ci the real—time teats of the algorithm . A

pilot study of a method for improving the performance of the

hcmomcrph ic pitch detectct (C r any cthet coherence seeking pitch
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detector) is presented in the Appendix.

II. The Speech Model

The huma n speech prcduction system consists of an air

pre ssure source (the lungs) feeding thrcugh the vcca]. ccrds and

combined nasal and oral passages. The vcca]. cords can be caused

to vi brate and provide a pericdic excitation to the vccal tract.

Al ternati vely, the vocal cor d s can be a bd ucted to al low a i r f low

in to ~he tract. A conatrVicticn higher in the tract will then

cause turbulence noise to be generated just downstrea m of the

constr iction. The cral and nasal cavities form a variable
V configuratior . (straight tube cr tube with sid~ tr~ nch ) deforma ble

set of resonators ccnnect€d tc the excitaticn scurces. 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 production models (2].

This simplified mcdel (Figure 1) is adequate most of the

time for most speakers. Its descnipticr cf the voiced excitation

breaks dcwn under several situations. At the beginning or end of

voicing, the interval bEtween glottal pulses can change very

rapidly. Any pitch detcctor whic h requires “local stationarity ”,

i.e., stationarity over a small windcw , is like l y  tc f i n d this

zone of speech to be unvoiced. Anoth er trcublescme mcde of

2
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Fig. 1. Speech generation model.
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V

voicing is diplophcnia ( L I  J, in which alternat e pitch periods are

more highly ccrrelated than adjacent pitch periods. Not only

does this violate iccal stationanity, but it poses the addit ional

guestion of how the listener perceives such an excitaticn——with a

period equal to the average ci the twc adjacent pitch pericd s or

with a period equa l to the sum of the tbo adjacent pitch periods.

Many languages including English ccntain a class of

phonemes , the voiced fricatives , in whic h the excitation has both

periodic and white noise compor.ents. The binary scurce model is

clearly incapable ci ccrrectly describing suc h a phoneme. Some

African languages include sounds such as clicks whicn also are

not included within the mcdel. The perceptual consequences of

such errors in the model vary wit h the specific errcr and the

lan guage. I~ the analyze: errs in a fcrgivin g way, man y error s

will be corrected by the syntactic and semantic constraints of a

lan guage.

I1. The Easic Hctnomorphic ritch Oetectcr

From a signal viewp cint , the speech generaticn nicdel is lust

a periodic or white signal scurc~ f e~- d i r .g a f i l t e r .

U

—V 
— 

~~~~~~~ 
— f~~.



s(t)=h (t)*u (t) (1)

• where s(t)=speecb signal
h(t)=vocal tract filter
u(t)=excjtation

signal——periodic cr white
*=ccnvolution operatcr

Time domain convolution results in a fre quenc y dom ai n prc duct:

S(f)=Ti (f)U(f) (2)

If one takes the logarithm of the magnitude of both sides,

log~ S(f) (~ lcg~ H(f) ~+lcq~ t J ( f )  (3)

the prcduct of the right hand side is transfcrmed into a

V 
summa tion of independent ccmponents. !~(f) for an a dult male

• speaker uttering a vowel contains, on the avera ge , one forman t

(resonance) per kilchertz. Therefore , lcg~ H(f) I is a slowly

varying curve. If the utterance is unvoiced , u(t) is white noise

• and log IU(f) I is relatively flat. If, on the oth er han d , the

utterance is voiced , u(t) and thereicre lcglU(f) are periodic.
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As the typical r an ge of pitches is about 60 to 300 Hz, the

frequency domain periodicity is of relatively high frequency.

LoglS(f) is therefore the sum of a slowly varying component and

a rapidly varying periodic component.

A final Fourier transfcrm Cf l o g t S ( f ) I 

>logI (S(f) I (U)

rroduces the cepstrum (Figure 2) and will generally separate the

components along a time scale with the lcw crder compon ents of

• c(t) representing log~ H (f) I and , if v o i c i n g  is presen t , a higher

order peak at the periodicity of u ( t )  representing log~ TJ (f) I (6].

This cepstrum is then searched along the zone corresponding to

the expected range of pitches for the height and pcsition of the

pitch peak. If the peak he ight is above a threshcld , the frame is

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

On an ideal sp eec h scund , this hcm cmcrp hic pitch detector

(Figure 3) works quite wel l .  The peak r e p r e s e n t i ng  the  pitch

period is sharp and clear when the excitation is voiced and

absent when unvoiced. seal speech reccrded with high quality

e q u i p m e n t  in a quiet env ircn m ent fr eq uently pro duces a wel l

6
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behaved cepstrum . It alsc strains the inherent assumptions

sufficiently often that the basic hcmc imorphic pitch detector will

generally perform fairly poorly over an Entire utterance. A

practical homomorphic pitch detector therefore requires a number
V 

cf modifications and additicr .al strategies to give acceptable

performance.

IV. Practical Aspects ci Hcm cm ctphi c Pitch Detection

The first issue which a hcm om orph ic pitc h detectcr must face

is the lack of sta-tionarity in the signal. To preserve the local

staticnarity that exists , the speech signal must be windowed and

analyzed as (hopefully) stationary frames. As scme events in

(English) speech (flap d and flap t) cccur in about 10 inS. , a

very narrow window is required. The pitch detector , bcwever ,

requires a high rescluticn spectrum which suggests that the

window be four to fiv€ pitch periods lcng. As typical pitch

periods vary from about 2.~ tc 20 aS. the above requirements

cannot be met. Fortunately, a certain amount of slurring of the

V 
excitation is allowable and the optimum size is the m inimum width

w hich gives adequate spEctral resoluticn .

Given that a time window is required , which win d cw is the

best? The requirements here are not unusual: minimum width main

lobe and low sidelobes in the fre quency domain with mini~mum width

9
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in the tiLe domain . The exact choice of window is probably not

important as long as one cf the standard high quality (i.e.,

narrcw main lcbe and minimal sidelobes) windows such as the

Hamming window is used.

Cbservation of high resciution speech spectra will show the

spectra of apparently ideal (time dcmain ) speech tc be less than

ideal. The periodicity of the spectrum may break dcwn above one

kilchertz. The voicing periodicity of vciced fricatives may be

obliterated above about the same point by the random noise

compon ents. Finally, a vciced sound may have as muc h as 50 db

dynamic range in the spectrum with the peak energy ccncentrated

in the region of the first twc formants which lie belcw about 1.5

• kHz. These factors suggest that the region up to about 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 hcm cucrphic pitch

detector , several phencnena will be cbsetved. First , the height

of the pitch period peak in the cepstrum will vary with

frequeLcy. This suggests a weightiig cf the cepstrum such that,

over the region of interest, the h~~ ght o f the peak as a function

of the period is relatively ccnstant to allow the use of a fixe d

voicing threshold. This weighting function should be relatively

smoo th to prevent small pitch errors causEd by markedly differing

10
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weights or. adjacent samples.

A second observaticn is that the “flccr ” ftcm which the

pitch period peak rises ray nct have a ccnstant level. (The

cepstrum may be viewed as vocal tract frequenc y response

information in the lcw crder terms and a lcw level noise floor

elsew here which , if voiced , contains a peak corresponding to the

periodicit y of the scurce. The basic prcb lem is discrimination

cf the peak from the ncis€ and frequency response in f cr ma t i or . . )

Not only can this ncise flcor have a non—zero DC level , but it

V may be tilted or equivalently have a varying regional rc level

(hive low frequency terms in the cepstru.). As these deviations

from ideal vary, no fixed correction can be used tc eliminate

thee. A good way of processing this ncise floor is “lccal DC

remov al” or removal o f the low fre quen cy te rms frcm th~ cepstrum.

Any threshold operation performed on the pitch pericd peak now

will see just the peak plus noise rather than the peak plus noise

pins its l~~al DC level.

A third observation is the presence cf cepstral peaks ,

usually lower in am pli tude than the main peak , at multiples of

the pitch period. These extraneous peaks , if found by the peak

picker instead of the proper peak, will cause a dcutlir.g (or

tripling) of the pitch period estimate. Th c  a m p l i t u d e  of these

pea ks is a function ci the  l eng th  of the original t ime w indow on

11
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the signal. Too long a windo w will yield high amplitude

extraneous peaks. (Fcr a constant pitch signal , a lcnger window

will yield narrower lcg—spectral lin~ s. As the log—spectrum

approaches a periodic impuls e train , sc will the cepstrum .) A
V 

Hamming window about 4~~ C pitch periods lcnq will simultaneously

maint ain the log—spectral null depth to maintain the desired peak

height and suppress the extraneous peaks. Since a fixed window

cannot be wide enough icr low pitched voices a~ d still avoid

doubling on high pitched vcices , the windc w size must be

adaptive. The wind cw size :equired by lcw pitched speaxers is

also too wide to preserve short term staticnarity in the speech

signal. This loss cf  stationari-t y is a cc~ promise which must be

made for such speakers but would cause unnecessary degradation of

performance tor higher pitched speakerc.

In general, simple picking of the hig hest cepstral point

within an allowed zcne c~ possible pit Ch periods and above a

cer-tair threshold dces nct constitute a sufficiently reliable

pitch detection and measnr€m ~ nt ccheme . ~he desired cepstral

peak is subject to amplitude ji~ ter due tc the time window vs.

time signal phase , sta~ icnarity, and (vciced) signal tc (all

cther ) noise ratio. If the soun d is voice d , the dominant

cepst rai peak usually irdicates the correct pitch , but the peak

amplitude varies. A m ore accurate scheme than siaple peak height

12
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hresholding is required for the voiced—unvoiced decision.

Even with a ll of the above ref in e m e n ts, a hcm cmorphic pitch

detector still makes occasional errors , especially at voicing

V boundaries. Some fcrm Cf post processing tc correct single

errors imbedded in correct pitches is helpful. This smoothing,

• 
V hc w ever , must preserve the voicing boundaries . A linear lowpass

cp3ration will not wcrk (especially if an unvoiced frame is

represented as a pitch of zerc). The ncnlinear cperaticn of

me dian smoothing ( 9~ (pick the me dian cf an odd num ber of the

most current estimates) appears to be well suited to the

application.

V Finally, the pitch de-’-ectcr is implem ented in the discrete

domain. What sampling rates are required to adequately represent

the signals involved? ‘Ihe original signal s(n) can be assumed to

be Nyquist rate sampled. S(k), the discrete Fourier -transform of

w(n)s(n) must have at least as many samples as the time window

w(n) to prevent loss of information. lcg~ S (k) I, ho wever ,

represants a sampled dis-tc:ted S(f). Tc lessen the aliasing,

lcc~IS(k) m ust have a much higher sample rate than that required

tc represent S(k). The wcrst case that this sampling rate must

meet is the low pitched male speaker. If  his fundamental

frequency can reach 50 Hz., the sampling must be close enough to

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

13
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I

is no t known how dense a sam p ling is re q uired , but the sampling

used in this implementaticn (7 Hz) appears to be adequate. It  is

possi ble, how ever , th at an even denser  sam p l i n g  w o u l d  y ield

im proved results.

V. The Implementation

As the best kncwn judge of a pitch detector is the human

ear , development and testing cf the pitch detectcr was carried

out by implementing the pitch detectcr (figure 1
~) as part of a

real— time vocoder. An existing LDSP (1) implementaticn of an LPC

vocoder was used as the test vehicle. The operator could switch

in real time between the hcmdnor phic pitch detectcz and 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 ktit). This allowed A—B

compariso n of the hcmoitcrphic pitch detectcr with a kncwn

algcritha.

The original speech signal is b ypassed at 3780 Hz,

preeirphasized for the IPC and 12 bit sampled at a 132 uS interval

( 7576 Hz). This sampled signal feeds both the IPC spectral

analyzer and the Gold—~ abiner pitch detectcr . Pcr inrut to the

hcr.cmczphic pitch detector , the signal is again bow passe d at a

digital frequency of ir/ 2 ( 1 8 9 L ~ Hz) and dcwnsampled by a factor of

—V - V  ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ _~~~~~~~~~~~~
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2. The downsampled waveform is windowed by a Hamming window of

100 to 250 samples (26 tc 66 rS) and padded with sufficient zeros

-to fill a 512 point buffer. The buffer is Fourier transformed by

a real FFT and the bcgar i thm of the magnitude of each frequency

point is computed . (Only the positive -frequency points need be

coatuted due to the symmetries inherent in the Fourier

transform .,) This bog spectrum is Four ier trans forme d tc produce a

~ownsampled cepstrum . ‘Ic prevent ~ he spec tral win d o w from

spreading -the high amplitude low order cepstrum into the pitch

period zone, the low crier 2.3 aS of the ce p strum are zero ed

before the cepstrum is filtered to imple m ent the spectral window

(Figure 5). The pitch period peaks of this function are now

approximately leveled by multiplying it by the weighting function

1 (n)

l (n)= fi n<2 1 • (5)
114.01(n—21) 21<n~~128

and interpolated back tc the original sample rate ci 132 uS to

create the modified cepstrum (Figure 6). (Periods measured on

this cepstrum now relate directly ~o the crigir4al wavefc :a when

meas ured in samples.)

16

V • ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~ -V -
•-
-~~~~~~~~~~~~~ --V - - -V I ..~~~~~~

• . .



I

~~
o
~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ i i ~~~~~~~~~~~~~~~~~

FREQUENCY (kHz)

Fig. 5. Log spectral window. (Implemented as a filter on the Cepstrum)
Impulse response: f(0) = .52203, f(l) = f(—1) = . 23590, f(—2) — .24475,
f(3) = f(—3) = .22653 , f(4) = f(—4) = — .02637.
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A modified peak picker is now applied to the cepstrum . The

picker selects the highest point in a window (19 to 152 samples

corresponding to pitch pericds of 2.5 to 20 aS) and , if the

height of the point is above a given threshold and the point is

not the lowest order point in the wind ow , chooses this pcint as

th3 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 of the windcw. Th~ threshcld (see Table

1) is intentionally low sc that any doubtful frames are initially

chosen to be voiced. If a pitch estimate is not found , the frame

is declared to be unvoiced , which is signaled by a pitch estimate

of zerc.

As the pitch of vciced speech usually varies smoothly,

continuity of the pitch estimates can be used to imp rcve the

reliabilit y of the voiced—unvoiced decision . The current frame

estimate is given a coincidence score equa l to the numb er of

times that its pitch is within 8 samples (1.1 eS) of the pitch of

the two adjacent frames. (The pitches of the adjacent frames are

the raw outputs of ‘he peak picker rather than an additicnally

p rocesse d estimate to prevent potentially unstable feedback

loops.) This score is ncw used to choose which of three

thresho lds is to be compared tc the current cepstral pitch peak

height to decide whether t !~e current frame is vciced. These

V 19
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threshclds , in arbitrary uni~~s, are :

coincidence score peak height threshold
0 18
1 11
2 8

peak picker 8

Voicing decisicn thresbclds
Table 1

(The units are a functicr of the implementation choice cf the

base of th c  bogaritlm , t1e binary points cf the logarithm , the

spectral window , the gain constant in frcnt of the inverse FFT ,

and the cepstral weighting function.)

A similar scheme which used the ~wc pr€viou~ and two

following pitch estima~~ s was also tried. Comparison cf the

curren t estimate and this set of four yields ten crdered

coincidence groups if mirror images are considered identical.

!ach of these coincidence groups had an associated threshold

which was compared with ‘he cep~tral puak height of the current

frame ~o make the voiced-unvoiced decision. This scheme yielded

cnlv a slight improveme nt cver the simpler scheme and was judged

nct wc:-th the additi onal ccmplexity .

20 
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The pitch estimates are now fed through a third crder median

smoother (9]. This operation will remcve single etrors without

shifting the voicing boundaries. The median smccther also

frequently corrects erroneous pitch estimates at voice onset and

termination and generally yields smocther sounding sp€~~ch by

rem cving some of the jitter on the pitch track. (P~edian

smoothers will handle unvoiced frames correctly if they are

represented by a pitch period of zero.)

The outpu t of the median smoother is used in two ways: it

is passe d 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)= Jsize (n) ~=0 (6a)
~2. 2 5 (. 9size (n) +. ipitch) p>0

limits: 26.’4 m E < size < 66.0 aS (6b)

(As the windo w is in the dcwnsampled domain , its true size is ~.5

average pitch periods.) tue to the delays in the voiced—unvoiced

decisicn and the median smoother , the pitch is delayed sev~ ral

frames and therefore the window size is changed several frames

late. As the window size need rot track the pitch accur~ tely,

21
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this delay appears tc cause no degradaticn Cf the results.

The above operations a -e all p e r f c r n e d  w i t h  16 b i t

arithm ~tic. The data fcr the F~ Ts are stored in blcck floating

point with right shifts cnly as reauired to prevent overflow.

VI. Results

No clearly defined cb~ eciive me thc d fc~ the testing of pitch

detectors exists. Errors can be of several forms: small pitch

e r r o r s, gross pitch errcrs and voicing decision errors. The

perceptual significance ~f each of the errors is a function of

the 1i~tener , the speaker , the spectral anal ysis—synthesis

algorithm , and where in the speech each error occurs. Therefore ,

many investigators (including this one) fall back on subjectivo

judgements by trained listeners who can frequently classify the

type of error as well as its presence. As the pitch detectors

e x a m i n e d  here are i mp l e m e n t e d  in a r e a l -t i m e  vocoder w i t h  real—

tim e displ ay s of the wi n dewed speech , the lcg— spectr um , the

cepstrum , and the  p i t c h  t r a c k , these ob s e r v a t i o n s  of p e r f o r m a n c e

a r e based on hours cf listening time ~y several  t r a in e d  l isteners

who could simultaneou sly c~. s e rv e  t h e  i n t e rn a l  w c r k i n g s  of the

p i t c h  detector as t h e y  l i s t e n e d .

V 
On clear speech , the ~r~momorphic pitch detector and the

22



Gold—Pabiner algorithm perform similarly fc: male speakers. For

female speaker s, the hom cm crphic algorithm makes fewer errors

than the Gold—Babiner algorithm. Both pitch detectors only make

cccasicnal errors which are likely to be perceived as glitches ii-.

the speech. In silent intervals , the hcacm crphic pitch detector

cccasicnally finds the pitch of the background 60 Hz power line

hum. This , however , is cf no perceptual significance as the

energy of the synthesizEd cutput is 1-cc icy for the output to be

audible. Another characteristic error of the homomorphic pitch

detector is occasional “sgueaks ” caused by spectral envelcpe

information appearing in the pitch zone of the cepstrum being

analyzed as a high pitch . The homomorphic algorithm alsc

determines voiced fricatives to be vciced which appears to be a

perceptually appropriate decision.

The difference s between the pitch detectors become much more

cbvious when applied tc corrupted speech. ~cth pitch detectors

were tested on speech corrupted with additive noise

characteristic of the interior of a large jet aircraft (11].

This ncise exhibits a brcad spectral peak below about €00 Hz. At

a signal to noise ratio of abcut 10 db , the noise degrades the

Gold—Babiner algorithm acre -than the  hom caorphic pitch algorithm .

The perceptual form of the errcrs is quite different for the two

pitch detectors. The Gcld—Rabiner pitch detectcr jumps in and
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cut of voicing at a high enough rate tc chop up the speech.

(Completel y removing the pitch detectcr and declaring all frames

unvoiced would probably t€ mote intelligible.) The hcmcmorphic

pitch detector give s fairly gcod pitch estimates except for

cccasional zones where it devcices. These zones tend to be of a

syllabic duration and are perceived as a devoiced syllable and

t h er e f c r e  appear  to do less dama ge  than the chopping to the

intelligibilit y of the speech. The hcmc m or p hic pitch detector

even yields reasonably ccrrect analyses when the signal to noise

ratio is so low that the output of the voccder is unintelligible

due to errors in the LPC spectrum analysis.

Comparisons of the twc pitch detectcrs were made with

narrcwh and additive noise. The noise used here is a 100 Hz sine

wave. At a signal tc ncise ratio of about 0 db , the kcmomorphic

pitch detector occasionally finds the pitch of the noise during

speech silences but is otherwise unaffected. Under the same

conditions , the Gold-Eabiner pitch detector yields badly “chopped

up ” pitch. At a signal to noise ratic of about 10 dt the

hcmclrotphic pitch detector is essentially unaffected while the
V 

Gold—Rabiner pitch detector still yields badly “chopped up ”

pitch. As the signal tc ncise ratio increases tc about 30 or LL O

db , this “choppiness ” gradually decreases and vanishes. (The

Gold—Babiner pitch detector should find the pitch of the sine

24
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wave durin g the silences as it is a direct wavefcrm measurement

type of pitch detector. This effect, which is distinct from the

“choppiness ”, ceases abcve a signal to noise ratic above about 30

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

Ccmparisor of the pitch detectors on telephone degraded

speech also indicated differences in the performance of the two

pitch detectors. The telephone simulator tlO ] which was used for

the tests has two sets of parameters: “mi d” representing a 50th

percentile continental us long—distance i~oice—grade line and a

“p ccr ” representing a 90th percentile continental US lcng—

distance voice—grade lin~. Both settings attempt to simulate the

bandpassing, Gaussian and pulse noise, phase distcrticr .,

frequency distortion , and nonlinearity of the respective

telephone lines. The “mid ” telephone line causes essentially no

degradation of the hom cncrphic pitch det~ ctcr but causes some

annoying oscillation in and out of voicing by the Gold—Pabiner

pitch detector. On the hcmomorphic pitch detector , the “poor ”

telephone line causes some devcicing of syllabic duration and a

few “squeaks”, neither of which seriously impair intelligibility.

The Gold—Rabiner algorithm exhibits severe devoicing and rapid

oscillation in and cut Cf voicing which cause severe damage to

the intelligibility of the speech. As the telephone simulator

high—pass filtered the speech with a cutcff of about 300 Hz,
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- — — - V - - V  ~~~~~~~~~~~~~~~~~~~~ _~~~~~~~~~~ V_ ~V V ~ __________________ —~~~~~



- - - - -V ~~~~~~ -V - - - - -

significan t amounts of the information used by both pitch

detectors were removed. V€rsicns of the bcm om orphic pitch

detector which used a spectral window which deemphasized the low

frequency region exhibit€ d less degradation due to the telephone

simulator.

V I I .  Discussion

Clear speech allows a pitch detector many design cptions.

tirect waveform processing and measurements are possible. These

techniques , which allow the pitch detectcr to analyze

ncnsta-tionary voicing almost as effectively as stationary

voicing, degrade in the presence of ncise. Wav efcrm pitch

detectcrs can no longer accurately locate teaks and zero

crossings which may be cbscured by additive noise. Cistcrtion

fcr spectral leveling (7~~, a commonly used preprocessing

technique for correlaticn type pitch d€tcctcrs , now creates

interferin g cross terms between the noise and the speech.

Pitch detection in the presence of ncise requires the use of
0

the coherence found in the voiced excitaticn to differentiate the

signal from the noise. Pitch detectors which are robust with

respect to input speech degradation therefore must yield some of

their clear speech per fcrm anc€ on nonstaticnary voicing. The

homomor phic pitch d€tectcr attempts to explci-t this coherence in

26
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V several ways tc achieve its rcbustness. Generation of the

complex spectrum exploits (and requires) the coherence of the

voiced excitation. !akirg the magnitude of this complex spectrum

maximizes the phase coherence of its penicdic line structure.

The logarithm , in ccnjunction with the original time window

(which sets t h e  line shape and width) , maps the the line

structure of the magnitude spectrum into a relatively constant

amplitude line structure plus some slowly varying terms. (This

log magnitude operation degrades gracefully in the presence of

noise by the nulls cf the lcg spectrum becoming “filled in ” by

the noise.) The seccrd FFT then exploits the coherence of this

constant amplitude pericdic line structure to generate the

cepetral peak which indicat~s the presence and pitch cf voicing.

The majority of the hcm om crphic pitch detectcr errors fall

into two classes. The pitch is sometimes estimated incorrectly

at voicing onset or terminaticn. Nonstaticnarity in the voicing

in bo th  pitch an d a m p l i t u d e  tends  to c cn c ent r a t e  at t~~ese p oints

making them obvious trouble spots for a coherent pitch detector.

A possibl e scheme to imp rcve the pitch detector ’s tolerance to

voicing nonstatioparity is outlined in A pp endix A.)

The second difficulty is the voiced—tnv oiccd decision. If

the decision is heavily biased toward voicing so that few voiced

to unvo ice d error s cccu r , the pitch estimates generally appear

V ~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
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accurate. The voiced—unvoiced decision is based on a pitch

continuity dependent threshold placed on the cepstral peak

height. Vhat , then , affects this pa rameter ? The height of the

peak is the  s t r eng th  of a f r e q u e n c y  c c m p cn e n t  in t h e  w i n d o w e d  log

spec t rum.  The s t r e n g t h  of th is  component is a function of the

periodic signal—to—noise ratic. (Noise “fills in ” the  nul ls  of

the comb spectrum and reduces the amp litude of the component. )

Varying frequency and amplitude of the voiced excitation reduce

the coherence of the voicing and spread and reduce the height of

the peaks of the comb spectrum. The vccal tract filter (or audio

channel) can have differing delays for th€ different harmonics of

the source which , if the pitch is changing, will sp rea d and lower

the cepstral peak. The phase effects cf the vocal tract filter

an d ch annel are of no ccnse quence since the log spec tru m is phase

in sensitive, except that changing phase shifts in the tract and

channel will shift the frequencies of the harmonics and degrade

the cepstral peak. Clearly a mcre accurate measure of voicing

signal to noise ratio is desirable.

The spectral windo~ remains the most mysterious part of the

pitch detector and a possible target for future development.

(The windo w design is a simultaneous due ] dcma in design problem.)

The bes t  w indows  t h a t  w e r e  f o u n d  t ended  tc be q u i t e  d i f f e r e n t

f r o m  those that  one w o u l d  expect  to be optimum . The best so f a r
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appears 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 d iscont inui t ies  give poor r e s u l t s  for  nc a p p a r e n t

reason.  Tai lor ing of t h €  v in dcw to specific app licaticns appears

to be possible where the  s i g n a l — t o — n o i s e  rat io va r i e s  cver  the

spectrum. Specific attempts have not b een  made tc design a

w i n d o w  for ei ther of the  cor rupt ions  men t ioned  e a r l i e r , but  t w o

w i n d o w s  which give s i m i l a r  performance on clear speech give

v a r y i n g  pe r fo rmance  on t h e  c c r r u pt e d  speech .

Scme of the  ea r l i e r  work  on the  h o m o r c r p h i c  a l g o r i t h m

suggests  the poss ib i l i ty  of integration of the spec t r a l  a n a l y s i s  -V

and the  pi t ch detectcr  ( E , 6~ . This in v e s t i g a t i cn  s u qq e s t s  th a t

p er f o r m a n c e  may  s u f f e r  as a result of s u c h  a s h a r i n g  of

processing. Succeed ing  work ~~~s i n d i c a t e d  tha t  p e r f c r u i a n c e  of t h e

spec t ra l  es t imator  over  a wide  range of p i t c h e s r e q u i r e s  an

adap t ive  t ime w i n d o w  w h i c h  is much s m a l l e r  (about  3 pitch

pe r iods )  t han  the  w i n d c w  r e q u i r e d  fo r  the  pi tch de tec to r .  This

would  prevent  t he  sharing Cf the  i n i t i a l  F F T  as wel l  as a n y  of
V t he  succeeãing p rocess ing .

VII I .  Su m m a r y

The homomorph ic  p i t c h  detector has  exis te d for  q u i t e  some

V 
t ime  in a compara t i ve ly  undeve lope d s t a t e  due to t h e  difficulties
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of real—time implementation. This investigation reveals that ,

with suitable modification , it is c a p a b l e  of c lear  speech

performance rivaling cne of the better pitch detectors in current

use. Test s on two f c r m s  of corrupted speech indicate the

h o m o m o r p h i c  a l g o r i t h m  is also more r o b u s t  wi th  respect  to

cc r rup t i on  of t he  speech  t h a n  is t h e  G o l d — P a b i n e r  a l g o :i t h m ,

w h i c h  a l lows the  e f f e c t i v e  use of a vocc d e r  in a less t h a n  ideal

V 
e n v i r o n m e n t .  As a l l  of t h e  o per a t i o n s  requi red  to ach ieve  this

per f c rm an c e  can likely be i m p l e m e n t e d  in r e a l — t i m e  u s in g  CCD

technology ar.d mic roproce ssor s , t h i s  pi tch  detectcr can  probably

be built with fairly simpl e h a r d w a r e .
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I X .  Appendix

The homomorphic pitch detector is cn€ of a class of

coherence seeking pitch detectors. These pitc h detectcrs

generally use signal prccessing techniques to process the speech

wave fo rm in to a form more  sui table  fo r  p i t c h  d e t e ct i o n  and

estimation. They tend , however , to d e g r a d e  when t h e  speech V

devia tes  form the  idea l  model  in any of severa l ways .  This

a p p e n d i x  describes a p i lo t  s t u d y  of a se~ of p r ep r ocessc r s f or

i m p r o v i n g  the speech g en € r a t i c n  model  e r rc t  t o l e r a n c e  of

coherence seeking p i t c h  ~etectcrs.

Basical ly,  the homcmo rphic pitch detector uses hcmomorphic

techniques for processing the speech s i g n al  in tc  a w a v e f o r m  w h i c h

c o n t a i n s  a peak to i n d i c a t e  the  presence and p i t ch C f  vc ic ing .

The problem then becomes detection of th e  peak ’ s loca t io n and a

decis ion based on i ts  h e i g h t  in the  face  cf  noise on t h e

w a v e f o r m .

A large n u m b e r  of fa c t o r s , as e n u m e r a t e d  e a r l i e r  in th is

report , lessen the peak height and reduce i ts discriniinability.

V One of these factors is ncnstationarity in the voiced excitation.

This  nons t a t i onar i t y  can appear  in two f c r m s :  a m p l i t u d e  and

p i tch .  The a m p l i t u d e  n cn s t a t i c n a r i t y  is m c st  severe  at  voicing

boundar ies  where  the  p e r c e p t u a l  consequences  of an e r r c r  are
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minimal. Pitch nonstaticnarity, while frequently severe for a

f ew  pit ch periods a 4 v o i c in g  boundaries , occurs throughout

speech.  I t  may  be possible  tc  modify the homomorphic pitch

detector to provide a greater tclerance tc these viclaticns of

t he  a n a l y s i s  model.

One mean s of i n c ro a s i n g  tolerance to a particular model

er ror  is to p o s t u l a t e  t h e  errcr  and n i c v l i fy  the a l g o r i t h m  such

t h a t  it  can f u n c t i o n in the  presence of t h e  error (even if it

f a i l s  wi thout  the error). A mapping of t h e  speech s i g n a l  to

regenera te  a v io l a t ed  a s s u m p t i o n  is one  such  means .  If the

original signal is i n c r e a s i n g  in a m p l i t u d e , m u l t i p l y  it by a

decayiig function (such as a decaying expcnential) -to restore its

amplitude stationarity. If the pitch period of the voiced

exc i t a t i on  is changing, time warp t h e  w a v e f o r m  to r e t u r n  i t  to a

ccn s-t a n t  periodicit y s i g n a l .

No models exist which give a functional descripticn of pitch

changes. The pitch , howev er , generally varies smoothly and not

toc rap id ly .  P o s t u l a t e  a p er iod ic  s i g n a l :

f (~ ) =f ( t + p )  ( A l )
~- = t i m e
p~ p~~r i c d
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Time warp f to create a signal of varying period:

g ( t )  =f (S  ( t ) )  ( A 2 )
s=warp function

£g (t)=(dt)/(ds)p (A3)
Pg=pericd of q

Assume a linear pitch change:

tg (t)=(1+at)p ( A L 4 )

To r eccver f ( s )  =g (t (s) )

d s= (p/Pg)  dt ( A 5 )

t

~~~~

(t )  fii ( 1+a t )  dt ( A 6 )

(l/ a ) l o g ( 1 + a t ) (A7)
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as
t (s)= (1/a) (e —1) (A8)

t(s)=correcting 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 ~f a time warp feeding the

hcmom crphic analyzer have been perfcr med on speech. The time

warp was implemented with a 51 section lowpass filter to

interpolate the input waveform. The cepstrum (c(n)) as computed

by the procedure of Figure L$ was consid erEd the final cutput from

which judgements of the pitch peak enhancemen t were made. As

illustrated in Figures Al 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 point cf zerc wa rp, 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 w i n d c w  t h u s  r e m o v i n g  t h e  d e p e n d e n c e  of the  peak

4 position on a.)

3~’
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Fig. A—i. Cepstra with time warping.
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ncnstationarity to allow 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 “acre

stationary ” signal for the pitch detector. These preprocessors

therefore might be useful to any pitch detector which searches

fcr a coherent pericdic component in the speec h signal.
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