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ABSTRACT

Little is known of the ear’s phase sensitivity limits

outside the well known fact that excessive dispersion in speech

signal. resu l ts in ch i rp—like sound quality. The l imits of phase

sensitivity may be determined in reference to the parameters of an

i dealized dispersion since phase shifts are nothing more than de l ays

in the short—time spectra of a si gnal. A number of discrimination

tests were conducted which contrasted standard st imuli with phase

modified var i ants of the stimuli to determ i ne the limits of phase

sensitivity. The I dealized dispersion was that of de l ay i ng a band

of frequency components such that discriminab ility could be measured

as functions of center frequency, bandwidth and de l ay. The stimul i

used in the tests inc l uded an i mpu l se, phonemes, words, and a

sentence.

Sensitivity to dispersion in i mpu l ses was shown to be

dependent on intens i ty, center frequency, bandwidth , and de l ay.

Discrimir~tion scores half way between chance and perfect

performance were ach i eved for dispersed I mpu l se. with de l ayed bands

of frequency components centered between 260 and 600 Hertz and

This report reproduces a (dissertation of the same title
submitted to the Department of CoI~Mu~iication , Un i versity of Utah, in
partial fulfillment of the requ i rements for the degree of Doctor of
Philosophy.

ix



de l ayed between 0.0625 and 0.125 milliseco nds. Sensation l eve l of

the stimulus pairs was 80 dB. The effect of bandwidth on

discriminab ii it y appearee to reach a plateau at 100 Hertz, wh i ch is

to say that bandwidths of interest are less than 100 Hertz.

The neutral vowe l , the pios ive ItI , and the fricative If!

were used ae stimuli in exper i ments in wh i ch phonemes served as the

standard stimuli. The stimulus pairs were presented at levels

approx i mating norma l conversationa l l eve l speech , i.e., 70, 32, and

35 dB Sansat ion Leve l respectively. Discrim inab ili ty was observed

to be strongly dependent on bandwidth and de l ay. A very slight, if

any, decrease in di e criminabiiity was observed with i ncreased center

frequency. Rank order i ng of the phonemes in decreasing sensitivity

to dispersion is plosiv e, vowe l , and fricative. For bandwidths of

approx i mately 100 to 400 Hertz, the plosive requ i res 4 to 8, the

vowe l 8 to 16, and the fricative 16 to 32 milliseconds of de l ay.

For wider bandwidths , the respective ranges are 2 to 4, 2 to 4. and

4 to 8 milliesconds. More explicitly, f or narrower bandwidths , the

p lo sive requires 6 to 8 milliseconds for 100 to 200 Hertz ba ndwidth ,

the vowe l 8 to 16 milliseconds for 100 to 600 Hertz bandwidth , and

the fr i ca tivs 26 to 32 milliseconds f or 100 to 400 Hertz bandwidth.

For wider bandwidths the plosive requ i res 2 to 4 milliseconds f or’

200 to 400 Hertz bandwidth , the vowe l 2 to 4 milliseconds f or 200 to

300 Hertz bandwidth , and the fr i cative 4 to 8 milliseconds for 400

to 800 Hertz bandwidth. Less de l ay i. requ i red f or greater

x



bandwidth since dis& imiriabi lity is directly dependent on both

i ndependent var i ables.

Discriminab ility scores obtained from tests using words ~nd

a sentence as standard stimuli agree with the scores obtained from

tests us i ng phonemes. Discrim in abil it y half way between chance and

perfect performance was obtained for the dispersed sentence in which

a 400 Hertz band of components centered at 500 Hertz was de l ayed

between 4 and 8 millisecond s . The score agrees with that for a

vowe l wh i ch implies that cues to dispersed sound quality in

continuous speech ar i ses from vowe l dispersions.

The results of the study ind i cates that speech processing

systems introduc i ng no more than a few milliseconds of dispersion

wi l l  cause little detriment to the speech quality. This conclusion

is significant inasmuch as it I. difficult, if not i mpossible , to

determine the phase of many speech processing systems.



CHAPTER 1

INTRODUCTION

Phase Sensitivi ty and Psychophysics

Early I nvestigators of hear i ng science had l ong understood

that the pitch and l oudness of a sinusoida l sound are correlated

respectively with the frequency and intensity of the sound source, 
-

The physical correlates of sound quality, however, were not as well

understood. He l mholtz (1863) .howed that the only attribute of a

per i odic sound to wh i ch quality could be correlated was the harmonic

composition of the sound.

He(mho f tz satisfied him self that the correlates of most

i mportance to sound quality were the per i od and amplitude of the

constituent frequency components and that phase was of little

consequence. Research since the time of He l mho ltz ha. shown that

the ear is undoubted l y sensitive to phase. The full nature of phase

sensitivity, however, remains incompletely understood

notwithstanding the i mportance of understanding phase perception for

both theoretical and practica l reasons.

The theoretical study of psychophysics as it pertains to

phase sensitivity, or any other aspect of perception , as a facet of

man ’s commun i cative system is justified in that man himself is an

int,rest ing subject of study. As a consequence of such interest , a

goa l of the current study is to provide a broader theoretical:
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insight into the nature of phase sensitivity.

The Role of Psychophysics in the Design

of Speech Processing Systems

The study of phase sensitivity is justified tor practical

reasons because of the role played by the ear as the fina l link in

speech processing system.. Speech processing systems might inc l ude

those for cod ing and decoding, transmission , storage and retr i eva l ,

restoration, enhancement, etc. Restoration systems would be

emp l oyed to retrieve signals from excessive noi se or other

contaminations. Si gna l enhancement processing could be inc l uded in

the design of hear i ng aids and commun i cation systems.

The design of speech processing systems must be approached V

with an awareness of the capabilities and limita tions of all the

individua l components, inc l ud i ng the ear, wh i ch constitute the

system, For example , know i ng tha t the average ear is capable of

correctly interpreting words transmitted through a transmission

system of onl y 3000 Hertz bandwidth is extremely i mportant in the

establishment of reliable and low cost commercial telephony.

Knowledge of the ear’s capabilities dictates a greater transmission

bandwidth and l ower permi ssible distortion l evels for the fidelity

transmission of music in home entertainment systems.

Because of the rea l need for specific psychophysica l data

applicable to speech processing system design , the major goa l of the

current study is to prov i de more pertinent data pertaining to phase

sensitivity , 
V
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Computer Usage in Psychophysica l Research

In his rev i ew of hear i ng sci ence, Boring (1938) noted that

there were few facts known concerning hear i ng when Hel mho ltz wrote

- 
his Lehre ~~~ ~~~~~~~ Tonemofindunoen in 1863. Most of the facts were

not very old, Although the sc i ence of sound may be dated back to V

Pythagoras, Bori ng noted that it was not until the advent of the

electronic vacuum tube by de Forest in 1907 that the sci ence of

sound became more a field of success than effort. The major

contribution of the vacuum tube was to provide accuracy of

measurement in psychophysica i exper i mentation. The adoption of

electronics to the science of hear i ng however, was not ful ly

realized until very late in the 1920’s.

A new era in the deve l opment of hear i ng sci ence began with

the rise of modern digita l computers in the 1950’s. The power,

precision , and versatility of the d igital computer holds great

promise in th. further advancement of psychophysica l research. - The

major contribution of computers will  result from their application

to the -solution of exceed i ngly complex prob l ems. I ndeed, because of

the comp l exity of the prob l ems that can now be practically

approached, many modern deve l opments in psychophysics would be

i mpossible without the aid of the l arge and powerful dig ital

processing machine..

The digital processing of si gnals represents a major use of

computers in psychophysica l research. One salient advantage of

d i gita l signa l processing is that the process need not be linear .

Example . of such research inc l ude the pioneering work of Stockharn
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(1972, 1975) in which he was able to remove the convolutiona l

effects of the record i ng horn from old Caruso sound recordings using

the pr i nciples of homomorohic fll t er i na, i.e., aeneraLized linear

filter i ng (Oppenheim ~j  ~J., 1968). fl ilier (1973) refined and

digitall y imp l emented homomorphic vocoder techn i ques f or the

restoration of old , noi sy sound recordings. The nonlinear

processing requ i red in the restoration was made practi cal only by

the power of the digital computer.

Other powerful and interesting applicati ons of computers in

psychophysics inc l ude simulation , stimulus preparation , contro l of

exper i ments, data acquisiti on , and data reduction. As an example of

simulat ion, Cal l ahan (1976), usin g a two—d i mensiona l speech

processing al gorithm , has deve l oped the capabili ty of modeling

aud i tory effects euch as recruitment, fatigue , adaptation ,

inhibition , etc.

A major thrust of the research to be descr i bed here has been

to further deve l op and apply digi tal techn i ques wh i ch may be

generally applicabl e to psychophysical research. It is i mportant -

not to allow one’s think i ng to Vbe overly constrained by the

limitations of current computer architecture when deve l op i ng dig ita l

techn i ques. The advance of computer science le so rapid that l arger

machine. become available before the potential and capacity of

mach i nes already in use may be fully exp l ored and exhausted. Much

understand i ng of the practica l application of digita l techn i ques to

future psychophysical research may be lost if the full potential of

present day machines is not fully i nvestigated. The study of thó
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computer as a basic research too l is justified in it s own ri ght

inasmuch as the proven usefulness of digital computers has made

computer application to psychophys i cal research as basic as

psychometric methods.

Un i queness and Si gnificance of the Study

This study differs from prev i ous studies concerning the

psychophysical determination of phase sensitivity in three

fundamental respects. First, the philosophical approach to the

prob l em I. different. Prev i ous studies , using a variety of stimuli

and psychophysical methods , have ind i rectly attempted to “prove” or

“disprove TM He l mho ltz ’ phase rule by demonstrating new “phase

effects. The results of those studies , from the second half of the

nineteenth century to date , have been conflicting. Earlier failures

in demonstrating phase sensitivity are probably due to equipment

limitations. Any successful demonstration of phase sensitivity was

attributed to exper i mental artifacts as discussed by Beasley

(1930a), One must be i mpressed by the fact , however , that since the

second quarter of the current century almost all phase sensitivity

studies , without exception , have demonstrated the ear’s sensitivit y

to phase modifications of one type or another. Notwithstand i ng the

success of the later experiments, there has yet to be a critica l

study unifying the results into a comprehensive theory of phase

sensitivity.

The approach taken by the author in this study is ne i ther to

prove or disprove the phase rule or to demonstrate a new phase

effect , It w i l l  be clear from the review of literature in Chapter
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III that the ear is sensitiv e to phase. The phase effects

demonstrated by ear lier investigators have generally relied on

special ized stimuli not normally encountered in the every day

acoustic environment. The author, accepting the sensitivity of the

ear to phase, proposes to measure the sensitivity by systematically

modifying the phase of i mpu l ses and speech sounds. The results of

the study may be more pragmatic than many of the other studies

discussed in the rev i ew of literature but none the lees applicable

to theoretical insights. V

The second respect in wh i ch the present study differ s from

previous ones is in the computer instrumentation of the study. It

Is believed by the author tha t the computer has been put to fairly

sophisticated use during the course of the investigation to be

discussed, The uses to wh i ch the computer has been put wi l l  be

discussed in greater detail throughout this report. It is hoped

that the discussion wil l  be of profit to future psychophysica l

exper i mentation of the type descr i bed herein.

The third respect in wh i ch the study differs is in the

further deve l opment of the computer as a basic research tool.

The significance of the study is inextri cably involved with

it’ s un i queness. The determination of phase sensitivity has been

shown to be interesting for both theoretica l and practica l

considerations. The very least application to which the results may

be applied is in the “worse case” design of signal processing

systems. The instrumentat ion of the study and the deve l opment of

digita l techn i ques are of similar si gnificance.
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In summary, a study is to be presented pertain ing to the

phase sensitivity of the ear. The role of psychophysics in the

desi gn of speech processing systems and the use of computers in

psychophysica l research has been discussed. The present study is

descr i bed as be i ng un i que because of its approach to the phase

sensitivity prob l em, its instrument ation , and its deve l opment of

d i gital techn i ques.



CHAPTER II

THE PHASE SENSIT (VITY QUESTION

Acoustic signals may be ana l yzed by Fourier ’s methods into

their constituent frequency components. Such ana l ysis may be

effected mathematica lly, mechanically , optically, electrically, and

digita iiy . That the ear may also effect frequency analysis after

the manner of Four i er was first stated by Ohm in 1843. Hel mholtz

(1863) verified the law and as a result of his own inve stigation

added the generally accepted dictum that the musica l quality of a

musical tone Is phase i ndependent. The ear does appear, however, to

be sensitive to phase modifications of certain types. Determ i nation

of the way and to wha t extent the ear is sensitive to phase is

termed by the author to be the ohase sensiti vi tu ousetion. There

has been much work since the time of He l mhoitz concerned with

determining all the var i ed ramifica tions of the phase sensitivity

question . The following discussion Is expedient to clarify the

phase sen sitivity question and to put the current work into its

proper perspective.

The Time and Frequency Domain Representation

of Acoustic Si gnals

Acoustic signals are the spherical propagation of acoustic

energy from a given source. The information content of such signals

is represented as atmospheric pressure variations as measured at
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some fixed point from the source. A graph i ca l representation in

wh i ch the pressure or veloc i ty variations are plotted as a function

of time is known as the siarial waveform.

Waveforms may be described in terms of mathematica l

functions , It was generally known before the time of Four i er1 that

continuous functions could be represented as the sum of sinusoids of

var i ous periods , amplitudes , and phase relationships, but it

rema i ned for Fourier to demonstrate that discontinuous waveforms

could also be so represented. 2

It follow s from the preced i ng that a function may be

represented as either a waveform in the so called tim e domain or as

the we i ghted sum of sinusoids in the so called frequency or Fourier

domain . Chang i ng from one representation to the other is termed a

transformation; in particular , chang i ng from the time domain to the

frequency domain is termed the Four i er transformation, the i nverse

process be i ng termed the inverse Fourier transformation.

Transformations are performed in order to explo it the properties of

one domain or the other. Common examples of transformationa l

exploitation are found in statistics , the use of l ogarithms , etc.

The particu l ar properties of the Four i er transformation of interest

to this study wi l l  be discussed in Chapter IV , but the specific

purpose of the present introduction is to prov i de a historica l

iJean Baptiste Joseph Four i er (1768 - 1830), a distingu i shed
French mathematici an.

2Cu ill emin (1963), has noted that Eu l er and contemporar~m5thematicians felt that such representation was i mpossible except
for continuous functions. Although Four i er did not offer rigorous
proof , such proof was demonstrated by Dirich let in 1837.
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perspective for Ohm ’s contribution to the sc i ence of hear i ng.

Ohm ’s Law of Acoustice

The essence of Ohm ’s law of acoustics Is that the ear

performs a Fourier analysis on an acoustic si gna l by transforming

the signa l into sinuso i da l components which the ear indivi dually

perceives. Ohm (1843) deve l oped the law in part from the 1841

exper i mental work of Seebeck, who Wightman and Green (1974) cite as

probably be i ng the first to conduc t a .y~stematic investigation of

pitch perception. Through a series of experiments i nvolving the use

of a sIren , Seebeck conc l uded that the.p itch of a sound was related

to the per i odi city of the waveform rather than the spectra l energy

at the rec i procal of the per i odlclty of the waveform , i.e. , the

fundamental frequency.

Ohm took issue with Seebeck’s conclusion in that Ohm

believed tha t a pitch could be heard only if the acoustic signa l

contained power at that frequency. Ohm demonstrated by use of the

Four i er transformation tha t Seebeck’s waveform did in fact contain

the required frequency components, but at low intensities. Seebeck,

in turn, objected to Ohm ’s exp l anation because the amplitude of the

components were too low to account adequately for the intensity of

the pitch wh i ch could be heard. The controversy was tentatively

reso l ved twenty years later by He l mholtz , who postulated that

nonlinear distortion in the middle ear would produce distortion

products that would comb i ne with the inc i dental signa l so as to be

ana l yzable by the ear into component frequencies as explained by

Ohm ’s law.
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Verification of Ohm’s Law of Acoustics

He i mholtz (1863), as part of his i nvestigation Into the

physic. and psychophysiology of music , had occasion to de term ine

whether or not the ear ana l yzed an acoustic signal or not (p. 33],

and reasoned that inasmuch as the ear is able to ana l yze an acoustic

signa l produced by two tun i ng forks that it must also be able to so

analyze a note produced by a single instrument such as a flute or

organ pipe. He l mho l tz cited Ohm as hav i ng first laid down the rule

by wh i ch the ear analyzes acoustic signals and according to hIs

understand i ng of the rule, stated that 
V

Every motion of the air , then, wh i ch corresponds to a
composite mass of musical tones, is, accord i ng to Ohm ’s law ,
capable of be i ng ana l yzed into a sum of simp le pendu l ar
vibrat ions , and to each such single simple vibration
corresponds a simple tone, senaibie to the ear, and hav i ng a
pitch determined by the per i odic time of the correspond i ng V

motion of the air.

Hav i ng so restated the law , Hei mholtz (p. 52] proceeded to

prove it by the exped i ent of show i ng that the ear does not perceive

frequency components when they are not part of an acoustic signal.

Whether or not the components were present in a signa l was

determ i ned either by mathemati cal ca l culation or by “sympathetic

resonance,” I,.., by the use of tuned resonators wh i ch would amplify

the given component in the signa l such that it would be audible. A

signa l produced by a vibrating string was used because the

constituent frequencies of the sound could be easily changed by the

manner and the spot in which the string was excited , and because of

the ease in which the theoretica l or exper i mental analysis of the

sound could be effected.
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He l mhol tz used the pr i nciple of sympathetic vibration of

other strings and resonators for the experimenta l analysis of a

vibrating string. He also used the more direct approach of touching

the string at it s various vibrationa l nodes and observing whi ch

components disappeared. The reader is referred directl y to

He l mho ltz (p. 52) for a fuller appre ciati cn of the simplicity and

elegance in which the frequency component composition of a vibrating

string may be determined simpl y by touch i ng the string at it s

vibrationa l nodes.
V 

By the expedient of damping vibrating strings at var i ous

point s, thereby remov i ng the correspond i ng frequency components, and

then demonstrating that the ear could no l onger hear that particu l ar

frequency component. He lmho ltz demonstrated that the ear ana l yzed

the eound into the same components as would be ana l yzed by physica l

anal ysis. Notwithstanding the i nability of the ear to recognize

among the strong components of a signa l all the components

detectable with the resonators. He l mho l tz conc l uded his proof with

the statement (p. S6I

The ear recogn i zes without r-esonatore the simple tones
(sinusoida l components) wh i ch the resonatore greatly
reinforce , and perceives no upper partial tone (i.e., other
frequency components) wh i ch the resonator does not indicate.
To verif y this conclusion , I performed numerous exper i ments ,
both with the human voice and the harmon i um , and they all
confirmed it.

He l mho ltz not only supported Ohm ’s law but also prov i ded a

physi olog i ca l basis for its operation. The basilar membrane of the

m iddle ear, based on the anatomical discoveries of Corti in 1851,

was postulated to be composed of a series of transversely stretched



13

flbere , each of wh i ch was resonant to a different frequency. An

acoustic signal vibrating the membrane would consequently excite

only those fibers wh i ch were tuned to the resonan t frequency

components in the si gnal. Corresponding Ind iv idual sensations would

follow from the doctrine of specific nerve energies stated by t’luller

in 1836.

V The Sound Quality Question

He l mho itz was interested in determining why different

musical instruments (includ i ng the human voice ) had different sound

qualities , e.g., that peculiar property of sound that enables a

listener to recognize ts source. As introduced in Chapter 1 ,

He i mho ltz showed that the onl y attribute of a sound to wh i ch quality

could be corre’ated was the shape of its representative waveform.

Hsi mho ltz (p. 65) admitted that the reason for the conclusion was

negative but proceed i ng from the results discussed in the last

section conc l uded that musical tones of the same quality would

always be composed of the same frequency components inasmuch as it

is the components that elicit their corresponding sensations. The

natura l question followi ng the conclusion is to what extent the

difference in quality can be explained by the comb i nation of

differen t components of var i ous amplitudes.

He l mhøltz was able to demonstrate through a series of

exper i ments that sound qual ity was correlated with the wei ghted sum

of frequency components con stituting the sound. He l mholtz found it

i mportan t to note that quality is not to be confused with the

peculiariti es of how the sound begins or ends. Sounds produced by 
V
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musical instruments may build up and die away at different rates,

etc. He i mho itz further noted that even when a musical tone is

uniformly sustained that certain no i ses may accompany it such as the

hissing of air in wind instruments , the rubbing of a violin bow ,

etc. In li ght of these considerations , He l mho ltz (p. 67] defined

musical ouaEJtu as follows.

When we speak in what follow s of nusical p ua l itu Qj. tone, we
shall disregard these peculi arities of beginn i ng and end i ng,
and confine our attention to the peculiarities of the
musica l tone wh i ch continues uni form l y.

The Phase Rule

After investigating the musica l qualit y of var i ous musica l

instruments and the human voice , He l mho l tz (p. 119] turned his

attention toward determining the i mportance of the phase

relat ionships among the constituent frequency compc ’ints to Bound

quality. It should be noted that the sounds under investigation

were musical tones, i,e ., sounds wh i ch are peri odic as opposed to

irregu l ar motions of the air such as no i se. He l mholtz pursued his

goa l by using var i ous synthesized musica l tones wh i ch Imitated

vowels to determine whether or not a difference in quality was

detectable when the phase was var i ed.

A battery of electrically dr i ven tun i ng forks was used in

the synthesis. Phase could be altered by br i ng i ng the resonanc3

chamber of a given fork slightl y out of tune with the fork. Everj

phase condition was possible using thie techn i que. Plac i ng th~

chambers out of resonance also weakened the sound of the fork but

such weakening was compensated by adjusting the distance between th
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other forks and their correspond i ng resonatore. The same effec t

could be achieved by sligh tl y mistune i ng the forks, e.g., by add i ng

drops of sealing wax to the tines. In such cases, the actua l phases

could be measured by view i ng Liesajous figures by means of a

vibration microscope (p. 126).

He l mhaitz experimented with many tones with different phases

and was never able to exper i encø any difference in the quality of

the tone. He found that it made no difference whether he weakened

the constituent frequency components by detuning their resonant

cavities , thereby shifti ng their phase, or by mov i ng the resonatore

further from their forks. He l mho ltz (p. 126] laId down the

follow i ng rule as a result of these exper i mentss

the quality of the musica l portion of a compound tone
depends solel y on the number and relative strength of its
partial simp le tones, and in no respect on their differences
of phase.

He l mho ltz qualifi ed his rule , however, with the follow i ng

restriction (p. 1273 *

It must be here observed that we are speak i ng only of
musical quality as previously defined. When the musical
tone is accompan i ed by unmusical no i ses, such as jarr i ng,
scratching, sough i ng, wh i zzing, hissing, these motions are
either not to be considered as per i odic at all , or else
correspond to high upper partials , of nearly the same pitch ,
wh i ch consequentl y form strident dissonances. We were not
able to embrace these in our exper i ments , and hence we must
l eave it for the present doubtful whether in such
diseonating tones difference of phase is an element of
i mportance. Subsequent theoretic considerations wi l l  l ead
us to suppose that It really is.

The Validity of Ohm ’s Law

The validity of Ohm ’s law has been d iscussed since i ts  f irst

publica tion. It becomes apparent , however, in review i ng the
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literature concern i ng the law that there are differences in opinion

as to what constItute s the law (Sea Appendix A). It is generally

accepted tha t the law perta Ins to the frequency analyzing ability of

the ear. Confusion ar i ses as to whether or not Ohm Inc l uded

statements in his law pertaining to phase sensitivity or if such

statements were later added by He l mho l tz. A careful read i ng of Ohm

and He l mho l tz reveals that Ohm did not conduct any exper i mente on

phase or make any statements concerning phase sensitivity. Such

statements were later added by He l mho l tz as a result of his own

work. Goldstein (1967) gives the interpretation that Hel mhol tz’

phase rule comp l ements Ohm’s law in that the spectra l components one

may “hear out due to the Four i er analysi s are phase I ndependent.

This report is m ainly concerned with the phase sensitivity

question. It has been necessary, however, to consider the phase

question up to this point in conjunction with Ohm’s law for two

reasons. The first reason is that it was probably Hel mho ltz who was

first to make a definitive statement about phase sensitivity . To

the extent that He i mhoitz demonstrated the correlation between the

musica l quali ty of a tone and the we i ghted sum of its constituent

frequency components, and that the ear ana l yzed the sound according

to the tenets of Ohm’s law, the work of Ohm and He l mholtz are

inseparably connected. The second reason for the joint

consideration of Ohm’s analytic law and He l mholtz ’ phase rule is the

previously discussed confound i ng to the two.

Exceptions to Ohm’s law as defined in Its restricted sense

are not directl y pertinent to the thesis under consi derat on but
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because of the l ong time intimacy between the work of Ohm and
V He l mho ltz . it must be mentioned for completeness that there appear

to be minor exceptions to Ohm’s law.

Richardson (1927) has ind i cated that Ohm ’s law holds fairly

well for weak sounds and that “the instances where It seems to be

untrue can be explained in the main as aura l illusions , that is to

say, that their cause Is psycho l ogical. ” Richardson stated that

“t h is is not a refutation of Ohm ’s law , at least In pr i ncipl e , but

may simply imp ly the intrusion of other simple tones not in the

externa l sound, into the quality of the note as perce i ved by the

ear.” Richardson cited subjective comb i nation tones as an example of

such intrusions.

Tr i mmer and Firestone (1937) noted that “these empirical

facts——the validity of Ohm ’s law at low amplitudes and the

exceptions at higher amplitudes--are well established . . . .“

Stevens and Davis (1938) noted in reference to Ohm’s law of

acoustics that “ . . . the ear is In genera l able to detect the

presence of component frequencies in a sound-wave and to i dentif y

their pitch prov i ded they are not too numerous or too faint. ”

Monaura l Phase Effects

It may be generally said that the ear is not indifferent to

phase if differences In signa l quali ty is perce i ved as a result of

phase modifications within the signa l comp l ex. Such observations of

quality change are referred to in the literature as monaura l phase

effects, and are defined by Tr i mmer and Firestone (1937) as fol l owss

Suppose an observer listens to a combination of ri objective
tones, all hav i ng absolutely fixed frequencies, amplitudes
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and phases. Let Po represent the peri odic pressure wave
made up of these tones. Let the observer be simu l taneously
presented with an exp l or i ng tone Ps--that Is , a tone of
wh i ch the frequency, the amplitude and the phase are all
adjustab lai

Pe — A coe (2nft + 0)

If , for g i ven Po, it Is possible to find values of A and of
f such tha t the ear hears changes in the combined sound of
Po and P. as 0 changes, a (monaural) ahase effect is said to
be observed. These changes in the heard mound may be of
l oudness, pitch or quality.

These authors stated that the monaural phase effec t Is not to be

confused with the binaural phase effect wh i ch Is i mportant in sound

local izat Ion.

It is possible to generalize the concept above to cover

Instances in wh i ch the “exp l or i ng tone” is implici t in the signa l

complex rather then existing as an explicit entity as described n

the definition above.

This definition of a monaura l phase effect appears to be

commonly accepted in the literature. Stevens and Davis (1938)

(p. 203] stated that “those exper i ments in wh i ch an auxiliary tone

wee made to beat with an aural harmonic prove definitel y that the

phase -relations among the harmonic components of a stimulus are

detectable , for otherwise these beats could not occur,” i.e., the

perceptiorrof beats is a phase effect. It is not clear that only a

single mechani sm accounts for the detectability of all phase

effect,. Hel mho l tz (p. 127) apparentl y did not intend to use a

definition of phase sensitivity as broad as that defined by monaural

phase effect,, for In reference to his phase rule , he wrotet

An apparent exception to this rule must here be mentioned.
If the forks Bb and b~ are not perfectl y tuned as Octaves,
and are brought into vibration by rubbing or striking, an
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attentive ear wil l  observe very weak beats which appear like
small changes in the strength of the tone and its quality.
These beats are certainl y connected with the successive
entrance of the vibrating forks on vary i ng difference of
phase. Their explanation wi l l  be given when comb i nationa l
tones are considered , and it w i l l  then be shewn that these
eligh t variations of quality are referable to changes in the
strength of one of the simple tones.

Beaslsy (1931) noted tha t Hel mho i tz considered “musical

quality ” to mean “vowe l quality ” and that He l mho ltz did not consider

relative changes in l oudness to be variations in “musical quality. ”

As a further example , perhaps, of not wish i ng to confound

discrimination of phase shifts and discrimination of amplitu de

changes, even though the amplitude changes result from phase

modifications , Hansen and Madsen (1974) took care in their study of

phase sensi tivity to use a stimulus In wh i ch the amplitude changes

were held constant. -

Thompson’s (1877) discovery that beats could be detected

when individua l tones were presented separately to each ear may be

possibl e Justification for restricting the definition of monaural

phaee effects to exc l ude amplitude changes. Rayleigh (1907)

repeated Thompson’s exper i ment and received the same results. It is

not entirely clear that such restrictions should be placed on the

definition of monaura l phase effects but one should be aware of the

possi bility of different classes of phase effects and different

mechanisms to account for them. The definition of phase deafness

appears to be subject to the i nvestigator ’s interpretation .

In declining to classify his “apparent” excep t ion to the

phase rule as a phase effect , Helm holtz is said to have introduced a

semantic probl em. Koenig (1881) (p. 6373 objected in that if tone
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qualit y does partly depónd on the relative strength of the hi gher

frequency components, and if the relative strength is modified by

phase, then the effec t of the phase is “actua l , and not merely

apparent.”

It is i mportant to distingu i sh phase effects from phase

sensitivity. Phase effects ari se from arb i trary manipulations of

phase, e.g., setting the phase of all frequency components to zero.

Phase sensitivity on the other hand is to be understood to arise

only from phase mod ifica~ i ons that may be effected by linear ,

stationary systems. The reason for the distinction Is that the

phase modifications used in the study are effected by linear ,

stationary systems.

The Validity of the Phase Rule

It Is not clear that any of the studies to be cited re l evant

to the phase sensitivity question have been expli citly designed to

“prove” or “disprove” VHe i mhoit z~ phase rule or Its exception.

Indeed, to do so, the study would of necessity have to use the same

type stimu l us used by l4~$4nholtz in formulation of the rule. Some of

the studies to be cited have used eimp le sinuso i da l components as

the stimu l us, however , and have accordingly made reference to the

validity of the phase rule or its exception.

Goldstein (1967) noted that based on Hel mholtz’ “definitions

of musica l and nonmusical sounds, hi. inexplic it restrictions on his

phase ruli, and his concept of limited frequency resolution , it is

clear that Ohm’s law (I.e. the phase rule ) as commonly conceived is

valid only for compound tones with relatively l arge frequency
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separations between constituent simple tones. . . .
The idea of “proving ” or “disprov i ng” He l mho $tz ’ phase rule

may not be a valid concept as the question is commonly approached.

As noted by Lic kli der (1951), He l mho ltz never Intended his rule to

be so generally interpreted. The phase rule as defined by He l mholtz

Is almost certainly correct. A cogent objection to too heavy a

reliance upon it. significance , however, Is that it pertain , only to

a very small subset of the day—to-day signals encountered by the

average ear, and , inasmuch as phase can be detected as wi l l  be

discussed in Chapter III , the rule prov i des little insight into the

operation of any phase detecting mechanism of the ear.

Significance of the Phase Sensitivity Question

Th. question as to whether or not the ear is sensitive to

phase is so poorly formed that it is of very little va l ue. The

114— condition i ng of the question rests entirely on the generality ol

the word “phase.” A stra i ght forward psychophysical exper i ment ma~

bø conducted to revea l whether or not the ear is able to

discriminate between an orig ina l acoustic signa l and a phase

modified version. Proceeding, one may conduct a second study with

another particu l ar type of phase modification. It is , in fact, this

process that is represented in the review of literature to be cited

in Chapter III. Given the process above, one may determine whether

or not the ear is sensitive to a particu l ar type of phase

modification. The degrees of freedom in adjusting the phaee in a

gi ven exper i ment, however , is without bound. Cited studies w i l l

show that the ear is conclusively sensitive to phase modifications.
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Inaemuch as phase is a general term , one must conc l ude that if the

ear is eensit ive to any type of phase modification that it I.

sensitive to phase. This conclusion , however , Is unfortunately of

as little value as the question it proposes to answer.

The author submits that , except for It . histor i cal va l ue,

the validity of the phase rule is of little interest. Rather than

determine if the phase rule is valid or not , the proper approach to

accessing the phase sensitivity of the ear is to determine in what

way and to what extent the ear is sensitive to phase modification

within acoustic signals and to determine the nature of the

sensations of the sensitivity. This prob l em may be approached as a

study to determine the perceptible and tolerable limits of the ear

to phase distortion wh i ch I. synonymous with phase changes. The

author proposes to determ i ne the genera l l imits of phase sensitivity

by using i mpu l ses and speech sounds as stimuli in a eerie. of

discrimination teats. A “general” type of phase distortion based on

a stylized analysis of phase distortion as discussed in Chapter V

wi l l  be used to systematically mod i fy the stimuli such that phase

discr inil nab li lty may be determined as functions of the parameters of

the stylized distortion.



CHAPTER III

PERT INENT LITERATURE CONCERNING PHASE SENSITIVITY

The purpose of this chapter is to review re l evant phase

literature demonstrating that the ear is undoubtedly sensitive to

phase. Very ear l y studies concerning the sensitivity of the ear to

phase have been reviewed by Beaeley (1931).

Konlg, 1881, conductIng exper i ments with a wave siren ,
conc l uded tha t tone quality is changed with phase
displacement of a harmonic. Inasmuch as a wave siren does
not produce a fidelity reproduction of the waveform cut in
the siren disk , however , his results are not conclusive.
Hermanri, 1894. also using a siren , conc l uded that phase
disp l acements are irrelevan t and criticized Konig ’s work on
the basis that the intensity variations resulted from
changes in the wave pattern on the siren disk. Gray, 1899,
using tuning forks, conc l uded that “ the single ear can
distingu i sh no difference between two phases of a simple
pure tone; neither can the ear distingu i sh a phase change
in a complete harmony. ” Em i le tsr Ku i le , 1902, using tun i ng
forks to produce tertiary harmonies in wh i ch one of the
forks was slightl y mistur ied so as to produce slow beat.,
produced definite changes in quality. This same type of
st imulue, i.e., one using a “floating ” or continuou, change
of phase, but produced by a jgj~~ chaser, was used by
Beaeley in his own experiments. Lind ig, 1903, usIng a
“telephone siren ,” conc l uded that tone quality was
influenced only by beats between i dentical frequencies
introduced by overtones common to different systems in
comb i nation. Lloyd and Agnew , 1909, using telephone
receivers and special alternating current generators.
conc l uded that quality was not affected by phase.
Hartr i dge and Cosens, 1922, conc l uded tha t “change of phase
affects the quality of a musica l chord if its constituent
tones are accompan i ed by harmonics ; but with pure tone..
free from harmonics , change of phase does not audibly
affect the quality of the mixed tone.”

Beasleg also cited a number of authors who theor i zed about phase

sensitivity but did not cite their exper i mental work, If any.
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The type of exper i ment performed to access the sensitivity

of the ear to phase may be broadly classified into two types

depend i ng on the Inten sity of the stimulus . The stimulus may be of

weak or moderate intensity such tha t the ear is not overloaded to

produce aural nonlinear distortion , or the stimulus may be of

sufficient intensity to force the ear into a nonlinear mode of

operation. it must be understood at the onset , however , that the

general consensus is that phase effects are in fact mediated by the

nonlinear ities of the ear. The ear is generally mode l ed as a linear

system , driven with low amplitude signals. The mode l may be too

simple. That the ear is nonlinear is well understood; nonlinear i ty

may ar i se apparently from any part of the auditory system. Re8earch

of the type In wh i ch the stimulus intensity is certain to produce

nonlinear distortion wi l l  be discussed first.

Chapiri and Firestone (1934), In the attempt to explain

mask i ng, difference tones, and certain kinds of beats, demonstrated

that when a 108 Hertz signa l , strong enough to produce nonlinear

distortion , and one of its harmonics were presented to a listener in

var i ous rela tive phase conditions and intensities , that the tone

quality and l oudness were influenced significantly by the phase

relation of the two components. The authors conc l uded that the ear

distorts the i nput sIgna l so am to constructively or destructively

comb i ne distortion products with the orIgina l signal.

Lewis and Larsen (1937) demonstrated phase eff ects with a

difference tone of 130 Hertz generated by two frequencies of 390 an~

620 Hertz at 70 dB SPL. They measured the Intensity of a 130 Hert.~
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exp l ori ng tone, presented in var i ous phases, tha t was necessary to

make the two component signa l just noticeably l ouder, The phase

ang le at the minim al intensity at which each of the two subjects

could detect a change var i ed for each subject by 120 degrees. Uhen

the minimum phase for each subject was shifted by 180 degrees each

subject reported the eound as be i ng at its softest.

When the ear is forced Into a nonlinear region of operation

by a test stimulus of excessive intensity, the stimulus quality w i l l

vary with the onset , growth , and phase relations of the distortion

products. Alth ough work In this area wi l l  likely l ead to further

understand i ng of the auditory system and further revision of the

theorIes of hear i ng, it is not clear that data gathered from such

exper i ments in which the ear is operating in an abnorma l mode w i l l

be directly applicable to discovering any basic phase sensitivity

mechanism of the ear,

Research of the type i nvolving l ower l eve l stimuli has both

supported and refuted the phase rule. The view that tone quality 1.

I ndependent of the phase relationships among the frequency

components of a sound had apparently become accepted by the time of

Beasley ’e work In the 1930’s. Beaeley (1930a) objected to this view

in that a critical ana l ysis of the exper i ments that supposedly

supported the assertion revealed no evidence either to support or

refute the view . In a detailed rev i ew of the experimental work of

He l mho i tz, 1877; Konig, 1881; Hermann, 1894; tsr Kuile , 1902;

Llnd i g, 1903; Lloyd and Agnew, 1909; and Hartridge and Coesne, 1921;

Beasley reported that a diecrim inable change in tone quaIIt~
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invar i ably occurred in any case in wh i ch there was a demonstrable

phase shift , Beasley reported that each investigator reviewed

suggested that the qu ality change could be explained by “aseum ina

periodic reinforcement and interference between identica l

frequencies . . . common to the two generators used as sources for

the fundamentale ; and that the per i odic variation of wave form (aJ~,3

consequent upon a change in the phase relations of the fundamentals

is irrelevan t for hear i ng.”

Beasley objected to the exp l anation above because the

interference effects were deduced from mathematica l considerations

rather than objective demonstration , because the nature of the

variations were not descr i bed , and because acceptable proof of phase

i rrelevance would depend on produc i ng the phase variations under

condition s conducive to observing quality variations with - no

discrim inable quality variat ions .

Beasley rev i ewed factors necessary to reso l ve the phase

i ndependence question discussed in an earlier paper (Beasley,

1930b). In brief , these factors inc l ude the use of test stimuli

with max i mum waveform vari ation , due to phase variations between two

fundamentals , for a variety of frequency ratios , wh i ch occur in a

per i od of time psycho l ogically favorable for observing the change.

Under these conditions , the effect of simultaneously shifting the

pha.e between the fundamentals and harmonics of i dentica l frequency

and known magnitud e should be contrasted with the effects of holding

the phase relation between the fundamentals constant while alter i ng

the phase relati on between harmonics of I dentica l frequency. The
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latter test should be done for cases In wh i ch the harmonics are

separated by var i ous intensity levels , and for cases in wh i ch they

are of subthreshold magnitude. The last factor is to analyze the

effect of cyclically vary i ng the phase between two pure

fundamentals.

Beasley determined that there were detectable monaura l phase

effects with two pure tone stimuli wi th the frequency ratio 2;3

wh i ch were made to vary slow l y in their phase relationsh ip. At a

signa l sensation leve l of 10 dB the chang i ng phase conditions could

not be discrIminated any better than chance but at a sensation level

between 25 and 30 dB 90 per cent correct discriminations were

possible. The subjects reported simu l taneous variations in pitch ,

quality, and pattern. Even though some subjects were able to

selectively respond to particu l ar changes they could not agree on

what was chang i ng, e.g., the pitch , l oudness. etc.

Steinberg (1930) conducted exper i ments with all—pass systems

with monoton i ca il y i ncreasing phase characteristics to determine the

effect of dispersion on articul ation. Steinberg conclu’ ed that the

major consequence of de l ay di stortion was, in ef fect , to reduce the

band pass of the transmission system by prevent I ng the de l ayed

frequency bands from contributi ng to articulation.

The experimental work of Schouten (1939) is probably the

most recent reporting to support He l mho ltz ’ phase rule and to

demonstrate that the qualifi cation to the rule is unnecessary.

Schouten descr i bed an apparatus used in the synthesis of sound,

Paper stencil s representing single per i ods of two waveforms were
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placed between a light source and a phot oelectric cell. A rotating

disk containing radial slits , placed between the stencils and

photoe l ectric cell , was used to vary the light flux inc i dent to the

cell as a time function of the desired waveforms. Schouten used

this device to i nvestigate , among other things , the influence of

phase on sound perception and nonlinear distortion in the ear. As a

result of adjusting the relative phase of the two stencils and

listening to the combined signa l , Schouten reported that “it wee

never possible to discern any influence of phase on sound

perception ” except in the special case when nonlinear distortion

occurred in the ear.

Schouten pointed out that the device could not be

practically appl ied to shift the phase of a l arge number of

components, notwithstan ding the i mportance of determining the

validity of He i mhoitz ’ rule for waveforms with a l arge number of

components. Schouten used four 20-component waveforms with

different phases to test phase sensi tivity for cases with many

components. Schouten stated that “It was found that these four

totall y different wave forms (~j~) were quite indistingu i shable as

to their sound i mpression,” which he held to confirm He l mho ltz ’ rule

for the extreme case of waveforms with many harmonic components. Ac

a practica l consequence, Schouten stated that one may confine

h imself to the measurement of harmonic intensities without regard to

phase In the determInation of nonlinear distortion.
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Mathes and Mi ller (1947), using modulation techniques to

produce essentially a three component signa l , determined that the

enve l ope shape of a steady complex signa l was important in audibl u

perception. The sensatIons of roughness or smoothness were found ti

be influenced by the enve l ope shape of the waveform. The shape was

also found to be related to a sensation of apparent pitch.

Differences in sensation could be produced by changing the phase of

only a single frequency component or a group of components. The

author. reported that their results provide genera l verification of

the qualification placed by Hel mholtz on his phase rule. The

authors also noted that their results emphasized the i mportance of

time factors in aud i tory perception.

Flanagan (1950. 1961) stud i ed the effects of de l ay ing or

advanc i ng one frequency band relative to the rest of the spectrum on

speech articulation and quality. He determ i ned that speech

Intell Ig ib i lit y was impaired with advances or d~ Iays of

approx i matel y one-quarter second when the advanced or de l ayed band

was near the center of the spectrum.

Licklider (1957) determined that changes in the phase

relations of a 16—component comp l ex signa l were diecrim inable and in

some Instances suffi cient to be of importance in music. It was

found that , in general , chang i ng a high-frequency component produced

more effe c t than chang ing a low-frequency component.

• Schroeder (1959) also found a variety of subjective effects

as a result of-vary i ng the phase relationshIp in a comp i ex acoustic

stimu l us. The signa l contaIned up to 31 harmonics , A stron~
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dependence of the quality on the “peak factor ” was found to exist.

Some adjustment of phases produced distinct tones wh i ch enabled one

to play simple me l odies.

Crai g (1961), and Craig and Jeffrees (1962) demonstrated

monaural phase effects using stimuli consisting of a 250 Hertz

fundamental and its harmonic at var i ous intensities and phase

relations. These authors noted tha t prev i ous studies tended to use

complicated stimuli wh i ch i ncreased the difficulty of find i ng a

phy siological exp l anation for the phase effects. The authors

reported striking individua l differences among subjects in their

responses, A stimulus wh i ch was consistently judged higher in

pitch , l ouder, or purer by one subject was just as consistently

judged i ower, softer , or less pure by another.

Schroeder (1966) has pointed out that phase is a re lat ive lj

minor factor in monaurally presented speech signals. There is some

influence on speech quality when the sound is presented over

earphones but there is probably no effect on intelligibility.

Schroeder also noted that phase distortions corresponding to de l ay

distortions exceed ing 50 milliseconds w i l l  modify the short—time

spectrum and wil l  be consequentially detectable as a reverberan

speech quality. With sufficiently l arge de l ays, the speech can bi’

made unintelligi ble.

Goldstein (1967) stud i ed the relation of monaura l phas ;,

perception to limited auditory frequency resolution. Using

modulati on techn i ques to produce the stimuli , the author was able to

demonstrate that phase effects disappear for stimulus bandwidths
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greater then a value proportiona l to the critical bandwidth of the

carrier frequency.

An indire ct verification of the sensitivity of the ear to

phase has been prov i ded by Allen (1972), who has successfully

removed the characteristic buzz from synthetic speech by randomizing

the phase of conti guous spectral components.

Hansen and Madsen (1974) showed tha t the ear was able to

detect phase changes with out amplitude changes. The authors also

noted that phase detectability was i ncreased when l oudspeakers

hav i ng poor transfer characteristics were used as the stimulus

transducer.

In summary, a number of studies have been discussed

pertinent to the phase sen sitivity of the ear wi th the consensus

bei ng that the ear is capable of perceiving phase modifications In

acoustic signals.



CHAPTER IV

METHODS ANO INSTRUMENTATION

A major thrust of the current research, as introduced in

Chapter 1 , has been the deve l opment and application of d Igita l

techn i ques to psychophysical research. Many earlier i nvestigators

of the phase sensitivity question had to rely on mechanical ,

electromechanical , or electrica l ana l og devices with the result that

onl y simple stimuli could be produced and accurately controlled.

The computer makes the study under discussion feasible because it

makes possible the efficient and accurate generation of the comp l ex

stimuli called for in the design of the exper i ment.

It wou l d be difficult, if not i mpossibie , to use analog

equ i pment to generate the requ i red stimuli. Even if an analog

approach were taken, the signals would onl y be approximate.

Approx i mations - would at best introduce errors Into the study. The

study requires the facil ity of exactly specifying the phase

characteristics of a signa l and of systematically modifying them so

as to probe a complex hear i ng phenomsnon.

The purpose of the present chapter is not only to discuss

the psychophysical methods re l evant to this particu l ar study but to

discuss also the genera l instrumentation of such studies ~,n a l arge

scale digital computer. This goal will  be approached by first

discussing thi ths;i~y of linear systems and the extension of the
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theory to discrete systems. Computer term i no l ogy and concepts must

of necessity be used throughout the discussion. Readers unfamiliar

with computers are referred to Appendix B.

The Analysis of Linear Systems

The analysis of linear systems has been discussed by

Papoulis (3962), Gui li em in (1963), and others. In review , a

physica l system may be analyzed by study ing the relationship between

the i nput to the system , f(x), and the output , g(x). This

relationship, illustrated in Figure 1. may be expressed

mathematically as

SIf(x)) . g(x), (1)

where S is a transformation of f(x) into g(x).

f (x) ( g(x)
S

FI gure 1. Representation of a physica l system.

The system is completely character i zed if the output for any

i nput is known. In genera l , however, determining the outpu t for any

conceiva ble i nput is a formida ble , if not i mpossible , task unless

certain simplifying constraints are i mposed on the system. A system

Is said to be linear if

L (f Cx) + f Cx)) • L (f (x)] + LCf (xi ) g (x) + g Cx) (2)
1 2 1 2 1 2

and



34

LIc fix)) — C LIf ix)) — C glx) (3)

for all i nput., f(x), and cotu3tante . c. I. symbolizes the linear i ty

property. Property (2) is called suoeroosition, wh i ch indicates

that L processes the additive i nputs as if they were processed

separately and then added. Property (3) is called sca leab ill tu ,

wh i ch indicates tha t the outputs are sca l ed in correspondence with

the i nputs. The mathematical operations represented in (2) and (3)

are vector addition and scalar multiplication .

Another simplifying property is that of etationar i tu. A

system Is stationary if

S(f(x — x o) ]  — g(x — xO), (4)

wh i ch is to say that the output for a given i nput w i l l  be

i ndependent of a shift in the i ndependent variabl e. The property of

stationar ity is more properly termed jj~~ invar i ance when the

i ndependent variable is time.

It can be shown that a system which has been doubly

constrained to be both linear and stationary can be completely

specified by a single function , h(x), the i mou l se resoonse of the

system. The i mpu l se response is the outpu t of a system when ite

I nput I. an i mpu l se, d(x).

L(d(x)3 • h(x) (5)

As approx i mate example, of i mpu l se responses one may tap hi.

cheek as the articulators are set to produce var i ous vowels. The

oral cav i ty forms a phys i ca l system wh i ch when struck produces a
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characteristic pressure wave at the mouth correspond i ng to the given

vowel. Striking one’s desk results in the production of a sound

wave which approx i mates I- i s I mpu l se response. These samples are

only approximate because the systems are not exc i ted with true

i mpu l ses, wh i ch by definition are :nfin itely sharp.

The magnitude of the i mpu l se response w i l l  be proportiona l

to the strength of the i mpu l se; the stronger the i mpu l se, the

greater the response.

A given i nput si gna l may be conceptualized as a sequence of

infinitel y narrow i mpu l ses whose individua l power corresponds to the

amplitude of the waveform at the Ind ividu a l points to which they

temporall y correspond. Each i mpu l se sequ entiall y applied to the

I nput of a physical system would cause the system to respond by

generating an i mpu l se response sca l ed in accordance with the power

of the i mpu l se. Inasmuch as the i mpu l se response to a given i mpu l se

may not have died away before the next i mpu l se is applied , the

output wil l  consist of the a’gebraic sum of each sequent ialiy

produced and scaled response.

The process descr i bed above is called convolution. The

i nput function is said to be convo l ved with the i mpu l se response to

produce the output and is represented mathematically as

g(x) - J WJh (w — A)d~ (6)

00

and

g(x) _Jh ()~)f(x - ~~~~ (7)
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The equations ehow tha t the order of convolution is i mmaterial. It

should be noted that the convolution integral applies only to

linear , stationary systems.

Convolution is only one approach to the analysis of linear ,

stationary system.. In convolution , the i nput is broken up into

“slices ,” the output determined for each slice , and the individua l

outputs sumed to form g(x). The summ i ng process is difficult

because sca l ed and temporally disp l aced copies of the i mpu l se

response must be algebraically added. The Four i er Integra l is

I mportant In the ana l ysis of linear , stationary systems because of

the ease with wh i ch the output may be determ i ned. As introduced ,

the Four i er transform converts a time domain representation of a

waveform into a frequency domain representation. The Four i er

integra l transform is defined mathematically as

00( -jwx
F(w) — J f(x)e dx. (8)

00

F(w) Iu in general complex. The units of w are rad i ans per unit of

x. Al t hough the Four i er transform does not exist for all functions ,

it w i l l  for those functions of interest to this thesis. The inverse

Four i er integral transform is given by

00r
fix ) — l/2nJF(w)e dw. (9)

00

To appreciate the application of the Four i er integral to

system anal ysis , one must realize that i f the i nput to a system is
wx

an exponentIal e , then the Output wil l  also be an exponential,
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but scal ed in proportion to the i nput.

Jwx jwx
Lie ) — ke • g(x) (10)

The propor tionality constant , k, is in general complex and is

usually symbolized H(w). The proportionality constant is

represented in both po l ar and rectangular coord i nates in (11).

jø(w)
H(w) — A (w)e — R(w) + 1X (w) (it)

H(w) ie the Four i er transform of the i mpu l se response, h(x), and is

called the suetem function.

00
- j wx

H(w) ..Jh(x)e dx (12)

With F(w) the Four i er transform of fix) and 6(w) the Four i er

transform of g(x) it can be shown that

G(w) — F(w) H(w), (13)

wh)ch Is to say tha t in the frequency domain the output of a linear

system Is the produc t of the I nput and the system function. The

va l ue of the Four i er transform in analysi s can be seen from (13);

the Four i er transform maps convolution into multiplication. The

added cost of such ana l ysis is two forward transforms and one

i nvers, transform.
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The Discrete Four i er Transform and

Discrete Linear Systems 1

Computers are only able to process numbers or symbols

because of their i nherentl y discrete nature. Symbolic processing is

of little use in si gna l processing, however, because signals of

Interest generally have no known representative formuil . It Is

consequently necessary to represent continuous signais as though

they were discrete. Discrete functions may be represented withi n

computer memory, inasmuch as such functions are defined only at

discrete values of the i ndependent var i able , by simply stor i ng

sequential values of the function in contiguous memory l ocations.

Shannon has br i dged the gap between the representation of continuous

function as discrete function by show i ng that continuous functions

may be samp l ed, i.e., measured at discrete intervals of time ,

without loss of information , provided that the sampling rate is

greater than twice the frequency of the highest frequency component

within the function.

In addition to diecretel y representing signals of interest ,

It is also necessary to develop discrete forms of the Four i er

transforms such that the properties of the transforms may be

applicable to di gital signal processing. The Four i er transform of a

discrete function , called the discrete Four i er transform (DFT) must

not only be a discrete function itself , but also be bounded such

I. difficult to exerc i se much originality in a conc i se
discussion of discrete linear system. due to .;e ever l ncreasin~
number of references on the subject. This particu l ar Introduction
to d screte system. follows partially from the work of Cole (1973).
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that it may be represented in the computer.

it is instructive to note in regard to the deve l opment of

the OFT tha t it may be shown that the transform of a per i odic

waveform is discrete whereas the transform of an aper i odic waveform

le continuous. Inasmuch as the OFT of a discrete function must also

be discrete , It logically follows that the function and it .

transform must also be periodic. Cole (1973) has noted that many of

the prob l ems encountered in d i g it al signa l processing are due to the

failure to remember the per i od icity of the OFT and its i nverse.

Rab i ner and Schafer (1969), in an approach to the

deve l opment of the OFT, first deve l oped the so called i—transform of

a discrete , aper i odic function . By the properties Just introduced ,

the Z-transform must be both per i odic and continuous. The

Z—traneform is sampled to produce a per i odic , discrete function ,

which is taken to be the OFT.

Let f be a discrete per i odic function of period N, The OFT

of f is another discrete per i odic functIon , F , also with per i od N.
J K

N-i
— j (2n/N)JK

F — f e  (14)
K J

J-O

— j (2n/N)
The complex expression e is the pr i nc i pa l Nth root of un i ty

and is often abbreviated as W.

N-i
-JK

F — f W  (15k
K J

J•O
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The Inverse QEI is similar l y defined.

N-i
JK

f — 1/N F U (16)
J K

K-0

Signa l processing became practical in 1965 with the

deve l opment of the 
~~~ Four ier~ transform 

(FF1) by Coo l ey and Tukey.

The FF1 is a very efficient algorithm for computing the OFT and as

such does not represent a different type of transform. The

computation time requ i red to compute the OFT of an N sample function

is proportional to N squared. The FF1 is able to perform the same

transform by eliminating redundant calculations through matrix

factorization in a t ime proportiona l to N log N, a speed up of N /

log N.

A discrete linear ~ j~~eJn is one wh i ch has discrete functions

as its i nput, output , and i mpu l se response. Discrete linear systems

also have the properties of superposition and scaleabi lity. if the

system 1. also sta tionary, its i npu t and outpu t w i l l  be related by

discrete aperiodic convolution , wh i ch I. defined mathematically as

• 
~~~~~K 

h
J_K~ 

(17)

A second kind of discrete convolution is oer i odlc, or

CJi!cul ar ~g~voIut Ion. The circu l ar convolution of two per i odic

discrete functions , f and h, is a third per i odic function , g,
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expressed mathematicall y as

— 

K 
h .  (18)

It should be noted that f, h, and g all have the same period , N.

The circu l ar convolution is related to the OFT in that It

can be shown that if F, H, and 6 are the respective discrete Fourier

transforms of f, h, and g that

6 - F H .  
- 

(19)
K K K

- 
host real world si gnals are generally aper i odic.

Consequentl y, in order to use the OFT for practica l signa l

processing, it is necessary to implement an aper i odic convolution

with a per i odic convolution. Stockham (1966, 1969) has discussed

such a method. The process basicall y i nvolves append i ng enough

zeros to f and h so as to give them the same per i od and to ensure

that the resulting per i od is at least greater than one lees than the

sum of the ori gina l number of samples in f and h. Since the l ength

of the aper i odic convolution c f and h is one less than the sum of

the number of samples in each, the results of the per i odic

convolution wi l l  be per i odic but wil l  represent the aper i odic

convolution of f and h.
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Stimulus Record i ng, Storage, and Playback

Digital techn i ques were used to record the speech sounds

used in this study. The sounds were spoken by a male speaker, 33

years of age, who was judged by the author to have good voice

quality, into a one-inch B and K condenser microphone. The

electrica l signal was amplified , low-pass filtered at 4 kHz, and

sampled at 10,000 samples per second with 14—bit resolution. The

samples were stored packed two samples per word on disk.

The disk , as a mass storage device, only allows data to be

addressed, I.e. , referenced , in b l ocks of 128 words. The processed

signals used as stimuli in the study, however , are not necessarily

integral number of blocks in duration. Development of a disk audio

file sustem inc i dental to the study was consequently not only

exped i ent but necessary because of the required contro l of signa l

onset and duration , and because of the need to reference qu i ckly a

l arge number of si gnals throughout the study.

The audio file system facilitated the storage and retrieva l

of audio data on disk by automating the bookkeep i ng associated with

storage and retrieval such as the location and duration of the data

on disk , the sampling frequency, etc. The system was Imp l emented by

stor i ng a directory i mage on a reserved portion of the disk. The

directory i mage contains slots for 1023 file headers, wh i ch in turn,

contain slots for the sampling frequency, beginn i ng block l ocation ,

f i le l ength , and date of file creation. A particu l ar file is

referenced by a number between 1 and 1023, wh i ch corresponds to the

file header slot in the directory i mage. Rather than request X



43

words out of V blocks beg inn i ng at block Z, the file system allows

one simply to request the data by specifying the file number. The

system automatically l ooks up “ free space” on disk whenever a new

file is created so as to allow one to store data simply by

specifying the file number under which the data is to be stored.

The fol lowing example i. given to demonstrate the file

system in use and to discuss si gna l playback. Suppose one wished to

replay signa l X. The signa l would be specified in the user’s

program. The file system would read the directory Image from disk

and l ook up the associated bookkeep i ng data from the appropriate

slot in the directory image. Enough blocks of audio data would then

be read from disk into contiguous memory locations to inc l ude the

entire audio signal. The clock in the digital — to—ana l og converter

would be set from other data in the file header. The computer would

then be instructed to output the correct number of samplee from the

word addressable memory to the di gital -to-a na l og converter.

The si gnals from the digital—to -ana l og converter are

l ow—pass filtered at 4 kHz and amplified for presentation through

high quality headphones.

Filters and Stimulus Preparation

Filters are linear systems In wh i ch the amplitude Mw) and the

phase 0(w) are both functions of frequency. The system function of

• filter may be represented mathematically as

—J9 (w)
H(w) — A (w)e (20)
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where 0(w) is known as the ohase shift or ohase j~g function , and is

defined a. —8(w) where 0(w) is the phase of the system.

The stimuli peculiar to this study are prepared by

processing standard stimuli wi th a filter whose phase characteristic

Is that of the desired phase modification. It is desired that only

the phase be modified so the amplitude characteristic of the filter

is set to unity. Such filter s are called all-oass filters and may

be represented as illustrated in Figure 2.

A (w) jB(w)

I’ H __
_ _

-w 0 w ~
j
~v

/O w

Amplitude Phase

Fi gure 2. Amplitude and phase characteristics of a
generalized all—pass system.

A systematic i nvesti gation of phase sensitivity depends on a

systematic variation of the phase function. The phase modification

of choice in this study is to systematically delay var i ous frequency

bands within the stimuli. The parameters of the phase modification

Inclu de center frequency (FC), bandwidth (BU), and time de l ay (TO).

The i dealized de l ay characteristic of the system used to achieve the

phase modificati on is illustrated in Figure 3.

It may not i mmediately be evident that the type of phase

modifIcation shown in Figure 3 can generally represent phase

distortion , It wi l l  be shown in Chapter V. however, that any phase
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distortion will  cause frequency component de l ay. The systematic

varIation of a phase function Inc i dental to i nvestigating phase

sensitivity may be more easily conceptualized in reference to the

parameters of the de l ay. The i dealized parameters of center

frequency, bandwidth , and time de l ay may be utilized for systematic

modification.

HBWH

Time De l ay
(mSec) TO

FC

Frequency (Rad I ane/Sec)

Figure 3. De l ay characteristic of the system used in
phase modifi cation of signals to be investigated , showing
center frequency (FC), bandwidth (BU), and time de l ay (TO)
as parameters.

Usually in the study of phase, a discussion of the de l ay

property follows from the analysis of phase distortion as wi l l  be

done in Chapter V. It is more conven i ent to the deve l opment of the

present discussion , however, to introduce de l ay before formal ly

discussing phase distortion.

The stimuli used in this study were prepared by convolving ,

I.e., f i l ter ing, sel ected source stimuli with appropriate filters

desi gned to Introduc, the required distortion. A digitally

Imp l emented high-speed convolution algorit hm (Stockham , 1969) was

used which was based on multiplication of the OFT’s of the stimuli

and filter as shown by (13).
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— 814—I

Ph~e e e

Frequency (Rad i ans/Sec)

Figure 4. IdealIzed phase characteristic of the
eystem to be investigated.

Filter Design

The all—pass, phase mod i fying filters used in this study

were designed by the so called ~~~ L~ method. The f liters are of

the non-recursive type which is to say that they are digitally

Im plemented to function In the frequency domain. Using the Five l’s

method , a desired phase characteristic is fir st specified In the

frequency domain. It should be remembered that the specified phase

characteristic is discrete but it is convenient to represent the

characteristic graph i cally as if it were continuous , as illustrated

in FIgure 6. The realized phase is continuous.

A (w) jO (w)

i
i 

H _ _ _ _

- -w 0 w _wJ~ 0 w

Amplitude Phase

Figure 5. Frequency domain representation of the
i deaiized all-pass system to be designed.
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It is natural to specify the desired phase characteristic in

po l ar coordinates Inasmuch as it is in po l ar coord i nates that the

effects of the characteristic are conceptualized. The OFT

algor i thm, however , requ i res that the data be represented in

rectangu l ar coordinates so the next step is to convert to the

rectangu l ar coord i nate system . The data is next transformed (Ti) to

the time domain by the i nverse OFT to produce the i mpu l se response

of the filter. The time domain representation is guaranteed to be

real if the magnitude Is specified to be even and the phase to be

odd as illustrated in Fi gure 5.

Another pecul iarity of di g i ta l signal processing is that the

i mpu l se response of the desired filter may be too l ong to be

contained in the computer’s memory. Inasmuch as the memory size of

the computer is finite , the i mpu l se response must be truncated (T2).

To reduce the traumatic effects of an abrupt truncation , the i mpu l se

response is windowed. i.e., tay l ored (13). so as to turn it on and

off smoothly. The modified i mpu l se response is saved tentat ivel y on

disk for possible later use in signa l processing the var i ous test

stimul i . The i mpu l se response Is transformed (14) back to the

frequency domain by the i nverse discrete Four i er transform,

converted to po l ar coordinates, and then compared , i.e., tested

(15), against the originall y specified characteristic . The i mpu l se

respons. is retained for later use in processing the test stimuli if

the characteristic of the approx i mated filter is close enough to the

specif ied Ideal filter.
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Digital and Analog Equ i pmen t

All di gita l and ana l og equ i pment requ i red for the study was

available to the author through the Sensory Information Processing

Group (SIPG), with which the author is associated at the University

of Utah. The main computer facility Inc l udes a single—user POP—iD

computer with 64 K of 36-bit words, a POP-iD time-shar i ng computer

with 196 K of words for program preparation and debugg i ng, and all

associated computer peripherals. All audio equ i pmen t, inc l ud i ng

filters, amplifiers, tape recorders, etc., is of the highest

professiona l quality. Inc l uded in the SIPG facili ties is a l arge

sound Isolated “quiet room” in wh i ch test si gnals were recorded and

the psychophysical lis ten i ng tests were conducted.

Man i pulation of the audio signals was facilitated by use of

a genera l purpose audio console desi gned and fabricated by the SIPG

staff eng i neer (Warnock , 1973). The audio system consists of a

modu l ar set of high quality amplifiers , filters , attenuators , and

signa l generators that may be plugged into the console cab i net. The

cab i net contains a common power supply. Signal routing is hand l ed

through BNC connectors on the front of each module, Various

ground i ng configurations among the module s, cab i net chassis , and

earth—ground are prov i ded by means of switches so as to minimize hum

and no i se wit hin the system.

The var i able gain amplifier modules al low continuous gain

adjustments from -40 to +20 dO over a frequency range from DC to 50

kHz.
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The selectable l ow-pass filter module allows switch

se l ection of one of four IT Electronic s (Mode l J77A J low—pass

filters with 3 dB cutoff frequencies of 4 kHz, 7 kHz, 10 kHz, and 15

kHz. The attenuator module is patterned after the HP mode l 3500 and

allows attenuation up to 110 dB in 1 dB steps. The

digital—to — ana l og converter has 16-bit resolution with an output

vo l tage range of 20 Volts. The outpu t of the converter is

attenuated 17 dB to avoid over l oading the low-pass filter , filtered

at 4000 Hertz, and then amplified to dr i ve the headphones. The

l ow—pass fIlter Introduces a lose of 6 dB. No calibration data was

availab le for the Kose PRO-4A headphones used throughout the study.

The signal— to—no i se ratio of the amplifiers and filters is

greater than 100 dB. The total harmonic distortion of the

amplifiers is less than 86 dB. The arrangemen t of the equipment is

illustrated in Figure 6.

COMPUTER ROOM QUIET ROOM

I DISK HPDP_
~ }—J O_AJ 

E~
TEN_1

~

___J
~~

ILTER 1—1_AIIPH AI1P]—.6~ ’
I HEADPHONES
L N~

MINAL I

FIgure 6. Equ i pment arrangement for discrimination testIng of
dispersion.

-J
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Psychophysica l Methods

Psychophysical testing of phase is difficult because of the

nature of the requ i red disc rimination task, wh i ch is the detection

of changes in sound quality. Var i ous factors influence the

cognitive process of assign i ng a metric to the quality of an

exper i ence, some of which may be qu i te Independent of the presence

or intensit y of the var i ous physical dimensions of the event under

consideration.

Listeners generally have lit tle difficulty in assign i ng

va l ues to single dimensio na l events such as to sound frequency or

IntensIty . The discrim inabil ity of sound quality, however, is more

difficult because of the multi — d i mensiona lity of the factors that

influence the psycho l ogical evaluation of the event. The detection

prob l em may be further complicated by the possibility that different

aural mechan i sms account for different aspects of phase sensation.

The psychophysical method used in determining the

sensitivity of the ear in this study was that of constant stimuli in

which a direct compar i son was requ i red between a standard stimulus

and a number of phase modified var i ants of the stimulus.

Notwithstanding the difficu l ty of establishing a criter i on for phase

changes, listeners were instructed to make phase change

dIscriminations in the series of exper i ments to be discussed by

responding to “any difference in the way two stimuli sounded” when

presented together as a stimulus pair.

A signa l compar i son testing program was written by the

author that randomly pres ents a number of audio file pairings to a
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listener f or discrimination. The audio f i le numbers of the files to

be paired are specified in a command list so as to make the testing

program as genera l as possible. For example , if audio file 103 and

413 are to be compared with f ile 87, the command list would contain

the follow i ng datas

87, 103
87: 413

A random— like number generator is used within the testing

program to randomize the command list and consequently the order of

the si gnal pair presentation. The number of times the testing

program random i zes and executes the command list may be set by a

program parameter. The temporal spac i ng between the signals of the

pair Is also adjustable.

The si gna l pairs were presented to each listener dur i ng the

course of a test through high quality headphones at “average

conversationa l speech levels. ” With each presentation of a signa l

pair, the listener was requ i red to respond either by depressing a

“same” or “different” key on the computer term i na l depend i ng on

whether or not the signals sounded the same or different. The

testing program records the listeners responses and prov i des a

statistica l reduction of the data at the conclusion of the test.



CHAPTER V

THE ANALYSIS OF PHASE DISTORTION

It w i l l  be helpful to review the relation between phase

characteristics and phase distort ion as obtained by analytical

methods before discussing exper i mental results. Phase modification s

are secured by processing a signa l , f(t), with a phase mod i fying

system. The absolute phase characteristic of fIt) is of no interest

except to the extent that it joins in the definition of f(t). The

phase characteristic of Interest is that of the phase modifying

system wh i ch is represented in the modified signal , g(t), as the

phase difference between g(t) and f(t). It is consequently

convenient to discuss the phase characteristic of the modifying

system , H(w), as the phase characteristic of interest .

Characteristics of a Oistort ionless System

Follow i ng the deve l opment of Papouli s (1962). a

dietortionless filter is one whose output , g (t), to an arbitrary

i nput , fIt ), has the same form as the i nput. Noting that scaling or

de l aying a signa l does not change its form , the i nput—output

relations hip of a dietortionless filter may be written

g (t) . Af (t — to), (21)

The system may be ana l yzed using the Four i er integra l transform..
—jwto

With G(w) the transform of g(t) and e F(w) the transform of
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f(t — to), then

-jwto
G (w) — As F(w). (22)

FollowIn g from (13), the system function of a dietortionless system

is given by

- juto
H(w) • As , (23)

from wh i ch the amplitude is seen to be constant and the phase

linear.

A (w) — A 8(w) — —jwto (24)

The system is said to be amolitude disto rted if A (w) is not constant

and ohase distorted if 0(w) is not linear.

It may be observed from (24) that the time , t, by wh i ch the

system de l ays the i nput is given by

to - 8(w)/u - d/dw 0(w), (25)

wh i ch is to say that dietortionle ss systems act only to de l ay the

i nput signa l by an amount equ i va l ent to the slope of the phase

characteristic. If 8(w) is in rad i ans and w — 2 f, where f is

frequency in Hertz, the de l ay wil l  be in seconds.

Interpretation of Phase Distortion

Phase distortion occurs when a system fails to maintain or

shifts the phase relations among the frequency components of an

applied signal. Consider first the effect of add i ng a constant
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phase, 0, to the phase characteristic. Letting A (w) — 1, a

distortioniese filter I. represented by

-juto
H(w) • e (26)

as deve l oped in the previous section. Adding the constant phase, 8,

gives

A j(0-wto) j0 —jwto JO
H(w) — e • e e — e H(w), (27)

which is to say that shifting the phase characteristic by a constant

phase is equ i valent to multipl ying the system function by a comp l ex

constant. Lana (1930) and Steinberg (1930) have carr i ed the

Interpretation further. Since

JO
e - cos 0 + 3 sin 0, (28)

and noting that 0(w) is an odd function , the phase shifted output

may be considered to be the sum of two parts. The first part Is a

fidelity copy of the i nput signa l , fI t), scaled in amplitude by

cos 0 and de l ayed by to. The second part results from shifting all

the components of fIt) by ff12, scaling by sin 0, and then de l ay i ng

by to.

Two special cases should be noted. If 0 I. 0 or an even
JO

multi ple of Tr then e • 1, whic h is equ i va l ent to a dietort ionless
JO

system. If 8 is an odd multiple of iT then a — — 1. wh i ch Is

equi va l ent to a distortionless system with reversed output. Irs

either special case there is no distortion , only a de l ay.
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In conclusion , the slope and y-intercept components of a

linear phase function correspond respectively to a dietort ionlese

de l ay and a distortion produc i ng constant phase addition resulting

from the constan t phase addition. it is convenient to conceptualize

the two components as causing sequential operations in linear

systems , i.e., a de l ay followed by a distortion.

Distortion Follow i ng from Nonlinear

Phase Characteristics

Steinberg (1930) analyzed the effect of phase distortion

resultin g from curved phase characteristics by consider i ng such

characteristics to be limiting cases of characteristics made up of a

number of straight line s. Each line approx i mates the curved

characteristic for a given frequency range, ~w. The frequency

components In each range w i lI be subjected to a de l ay and distortion

as prev i ously discussed and illustrated in Figure 7.

PHASE SHIFT __________________________
(RAD IANS) ~~~~~~~~~~~~~~~~~~~~ ~

FIgure 7, Curved phase characteristic segment approx i mated by a
straight line. The slope of the line represents the temporal delay
of the frequency band and the V-intercept the constant de l ay.
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it should be apparent when consider i ng the effect of a

Curved phase characteristic on the whole i nput si gna l that each band

is de l ayed differently than its adjacent bands so as to spread out

the signa l on the time scale. The si gna l is said to be dispersed.

Each band of frequencies , ~w, Is de l ayed relative to the mInimum

slope of the phase characteristic. The relative de l ay has been

defined by Steinberg as de l au distortion ,
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CHAPTER VI

SENSITIVITY TO DISPERSION IN IMPULSES

The purpose of the exper i ments descr i bed and discussed in

this chapter was to determ i ne the discr im inabi l it y between an

I mpu l se and I mpu l ses in wh i ch a band of frequency components are

de l ayed. An i mpu l se is an inf inites imal ly short si gna l in wh i ch all

frequency components are present at equa l amplitudes. i mpu l ses were

chosen as interesting stim uli because they appear to be among the

simplest stimuli possible inasmuch as their spectra are of constant

amplitude , It is not unreasonable to assume that the psychophysica l

data derived from tests using more simple stimuli may be more easily

ana l yzed than data der i ved from those tests usi ng more comp l ex

stimuli such as speech. Such data may l ead to more direct insi ghts

into the nature of phase discrim inabilit y . The insights der i ved

using simple stimuli may aid In the analysis of data der i ved from -

tests utilizing the more comp l ex stimuli.

Sensitivity of Three Subjects to

• Dispersion in Impu l ses

The intent of the first exper i men t was to ascertain the

discr im inabi lity of three subjects between an i mpu l se and i mpu l ses

irs wh i ch a band of frequency components are de l ayed. The manner In

wh i ch a given Impu l se used as a stimulus in the exper i ment was

modif ied has been discussed in Chapter IV . In brief, a standard
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i mpu l se is processed so as to de l ay a band of its constituent

frequency components, the i ndependent var i ables of interest be i ng

center frequency, bandwidth and tempora l extent of the de l ay. The

center frequency in the present exper i ment , however, was held

constant at S00 Hertz. Four values of bandwidth and four of de l ay

were selected so as to test diecriminability as a function of 26

un i que combinations of bandwidth and de l ay. The bandwidths inc l uded

100, 200, 400 and 800 Hertz. The de l ays Inc l uded 0.0625, 0.125,

0.25 and 0.5 millI seconds , Sixteen phase modified I mpu l ses were

prepared according to the prescr i bed schedule as stimuli for the

exper i ment.

The exper i ment consiated of administer i ng 16 individua l

tests to each of the three subjects so as to obtain a phase

discr iminab lll t y estimate for each of the schedu l ed phase

conditions. Each test consisted of a sequential presentation of

stimulus pairs. The subjects were requ i red to make a forced choice

decision as to whether or not the stimuli of a given test pair were

the “same ” or “different. ” Either stimulus of the pair could be the

standard i mpu l se (Si) or a phase modified var i ant of the i mpu l se

(S2) so as to generate four un i que stimulus pair types, I,.., Si—Si,

S1—S2, 52-51 and S2-S2. The probability of occurrence of each type

was equa l so as to represent a rectangu l ar distribution. This

scheme was adopted to average out any exper i mental bias.

One—hundred stimulus pairs were presented in each test.

Three female speech patho l ogy students with norma l hear i ng

and of 21 to 23 years of age served as subjects. The stImuli wars
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presented monaur all y to the subject’s left ear at a “low ” sensation

leve l of approx i matel y 30 to 40 dB. The intra-stimu l ue duration

between stimuli of the pair was approx i mately 700 m illiseconds. The

inter— stimulus duration was 500 milliseconds , i.e., 500 m i l l i seconds

elapsed after the subject ’s response and the automatic onset of the

next stimulus pair.

The subjects were sequentiall y tested at the same phase

condition for each of the 16 tests. The test order was random i zed.

ThIs approach was taken because it was not initially certain -that

the range of -~aiues sel ected for the i ndependent var i ables would be

of interest for all subjects. The approach allowed modification of

the var i able va l ues without detriment to the exper i ment. The loss

sustained by the experiment because of this approach, however, wa s

the loss of absolutely i dentIca l testing conditions for each of the

tests inasmuch as the forma l testing per i od required three testincj

sessions over as many days. The subjects received three train ing

session pr i or to forma l testing.

Tre test results for each of the three subjects are

tabulated in Table 2 (Appendix C) and are illustrated in Figures 8

and 9. The results of the study are interesting but not overl’~,

surprising. The data when plotted as a function of de l ay as shown

in Figure 8 ind i cate a definite dependence of discriminabi lit y on

dela y for a given bandwidth. It is not clear from a consideration

of the data plotted as a function of bandwidth as shown in Figure 9

that there is a significant I ncrease in discrimir sabi lity with

bandwidth for a given de l ay.
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Figure 8, DiscrimInabi lit y of subjects AK , MF and PA between an
impulse and phase modified i mpu l ses plotted as a function of delay
with bandwidth as parameter. Center frequency of the de l ayed band
Is 500 Hertz.



61

I I I I

1 0 . AK

o 0,9

~~~~~~~~~~~~~

0.5

I I I

I I I

s o.25

E

100 200 400 800
BANOWIOTH (HERTZ)

Fi gure 9. Discr lisi nab ility of subjects AK, MF and PA between an
i mpu l se and phase modifi ed I mpu l ses plotted as a function of
bandwidth with de l ay as parameter. Center frequency of the de l ayed
band is 500 Hertz.
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Th. only simil ar i ty among the subjects is an i ncreaee in

discrim inab Ility with bandwidth at a de l ay of 0.25 millIseconds.

The curves appear relatively flat otherw i~e except for a dip irs the

0.5 mill Isecond curve for subject MF and PA at different bandwidths ,

and a peak in the 0.125 curve for subject MF.

A conven i ent statistic for Indicating the ability to

discriminate is half way between chance and perfect performance,

i.e., the 0.75 discrimination score. The subjects are able , in

genera l , to respond to de l ays in i mpu l ses of between 0.125 and 0.5

milliseconds wh i ch are, apparently, relative l y i ndependent of

bandwidths grea ter than 100 Hertz.

Sensitivity to Dispersion in Impu l ses

as a Function of Intensity

The test stimuli used in the experi ment just discussed were

presented at a low leve l to prevent possible over l oad i ng and

subsequent distortion In the headphones. It is not i mpossible that

the stimulus l eve l was so low that the stimuli could not be heard

adequately to prov i de valid discriminations.

A second experiment was conducted to test the eff ect of

intensity on discrim inabi lity , A standard impulse was paired with a

phase modified i mpu l se of 500 Hertz center frequency, 400 Hertz

bandwidth and 0.25 milli second de l ay at three intensity l evels. The

intensity levels were 6 dB be l ow the leve l used in the last

exper i *ent , at the l eve l used In the last exper i ment , and 6 dB above

the l eve l used in the last exper i ment. The testing design and

conditions were otherwis e identica l to the exper i ment just
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discussed. The test results are tabulated in Table 3 (AppendIx C)

and are illustrated in Figure.iO. The discrimination scores may be

observed to be definitel y related to’ intensit y .

RELATIVE INTENSITY (08)

Fi gure 10. Di scrim inab il ity of subjects AK , MF and PA between an
i mpu l se and phase modified i mpu l ses plotted as a function of
intensity. The parameters are 500 Hertz center frequency, 400 Her tz
bandwidth and 0.25 mi llisecond s de l ay.

To test di scr im inab ili ty at higher sensation levels and to

obtain a more complete set of data in wh i ch d iscr iminab il ity is

determined as a function of intensity, the author repeated the

exper i ment serving as his own subject. Sixty stimulus pairs were

used in each test. The intra—sti m ulus interva l was set to

approx i mately 800 millisecon ds and the inter—s timulus interval to

600 millIsecon ds, The stimuli were presented monaurally to the

right ear. The audio equipment was set to provide approximately 5

dB gain follow i ng the output of the digital — to—ana l og converter ,

i.e., 17 dB attenuati on before filter i ng and 22 dB gain follow i ng

filtering. An attenuator was Inc l uded irs the circuit to prov i de for

Intens i ty leve l control. Us i ng the method of adjustment, the author
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determ i ned his threshold to the standard i mpu l se to be at 93 dB

attenuation. It is in reference to this setting of the attenuator

that the var i ous sensation l evels used in the experiment are

referenced. The exper i mental results are tabulated in Table 4

(Appendix C) and are Illu strated in Figures 11 and 12.

Diecriminabi lity may be observed from Figures ii and 12 to

be strongly dependent on inten sity for a given center frequency,

bandwidth and de l ay. this genera l find i ng is in agreement with the

previou, exper i ment in wh i ch three subjects were tested. The widely

separated parametric curves of Figure ii ind i cate a strong

dependence on de l ay for a given bandwidth whereas the close

cluster i ng of the parametric curves in Figure 12 indicate little, if

any, dependence on bandwidth for bandwidths greater than 100 Hertz

for a gi ven intensity, The intensity function Illustrated in the

different sub—figures of Figure 11 appear to be roughly linear with

slopes that appear to have a slight dependence on de l ay. One would

expect increased diecr iminabi lity as a function of Intens i ty

inasmuch as the dispersed components of the i mpu l se become more and

more audible for a given dispersion with an i ncrease in signa l

l evel. Greater de l ays In the dispersed frequency band have already

been shown to be More discr lminable than shorter de l ays. It

fo l lows , consequently, that the slope of the intensity function

should be dependent on the given de l ay. That the stimuli did not

produce nonlinear ities Is Implied by the well behaved nature of the

data. Speech stimuli presented at the same levels did not have the

buzzy quality characteri stic of distortion over l oad i ng.
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Figure 11. Oi scr im inab lli ty of Subject 146 between an i mpu l se and
phase modified i mpu l ses as a function of intensity with de l ay as
parameter ,
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Oi ecr im lnab ilit y as a Function of the

Psychophysica l riethod

It is well known that test results are a function of the

testing parad i gm. The exper i mental results derived thus far have

been derived from separate tests for each data point as already

discussed, A second test series in wh i ch more than one stimuli was

randomly presented dur i ng-the course of the tests was conducted by

the author with himself as subject to obtain an estimate of how the

result s m Ight be affected by the testing method.

Ei ght separate tests were administ ered to reduce the l ength

of any given testing session. Each test tested four of the possible

16 phase conditions. The four phase conditions were random i zed

across all the phase conditions and enough tests were administered

to obtain two estimates f or each of the phase conditions . The test

conditions were the same as the last test except for the testing

method, the use of 40 stimulus pairs per condition, ano the

presentation of the stimuli at a constant leve l of 80 dB sensation

l evel. The average of the two estimates for each condition are

tabulated in Table S (Appendix C).

One may observe by compar i ng the results tabulated in Table

4 and S that use of the second test design results In scores

indicative of less sensi tivity to phase changes than that indicated

by the first test design. This find i ng is not unreasonable. The

subject is better able to concentrate on smaller nuances of

differenc e between the standard stimulu s and the modified stimulus

when only one phase condition is bei ng contrasted in a given test..
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The results of the two testing desi gns do not appear to differ

sIgnifIcantly.

SensItIvity of the Author to Dispersion

in I mpu l ses

To obtain a more complete set of data in wh i ch

discri mi nab ll ity was to be determined as a function of center

frequency as well as bandwidth and de l ay, the author repeated the

first exper i ment discussed in thi s chapter but served as his own

subject. A second reason for repeating the exper i ment was to use

stimuli at higher intensities similar to those encountered in

conversationa l level speech, A third reason for repeating the

experiment was to obtain some measure of var i ability of the

discrimination function.

The exper i mental design was the same as in the first

•xper i ment except that the stimuli were presented monaurally to the

ri ght ear at a sensation l evel of 80 dB. Fourty stimulus pairs were

presented in each test. The intra -etimu lus de l ay was approx i mately

800 milliseconds. The vast major i ty of the individu a l phase

conditions were randomly tested three times dur i ng the course of the

experiment to obtain an estimate of the var i ance of the

discrim Inabi lit y function for the particular phase condition. In

some cases where discriminati on was obv i ousl y perfect, only two

tests were performed to obtain the estimate. As many as five tests

were used where var i ability appeared to be excessive. All the

Individua l tests for the var i ous phase conditions a~sre randomly

administered , The test results ars tabulat ed in Table 6 (Appendix
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C) and are illustrated in Fi gures 13 through 18. The Intent of the

author was to discuss the data trends as they were made manifest by

plottIng the data as functions of the three i ndependent var i ables

and then to discuss the trends.

FIgure 13 and 14 represent the data plotted as a function of

de l ay. Both fi gures ind i cate that discrimination is strong l y

dependent on de l ay for a given center frequency and bandwidth. The

cluster i ng of the parametric curves in Fi gure 13 ind i cates a weaker,

if any, dependence of discriminabi l ity on bandwidth for the

bandwidths tested. Note tha t in the sub-fi gures of Figure 13 that

except for the 50 and 100 Hertz parametric curves that the curves

monoton l cally i ncrease to the upper, left of the sub—figures. The

genera l clustering and monotonic i ncrease indicate a mild but

significant dependence of discrimination on bandwidth. The

significance of the exceptiona l behav i or of the SO Hertz curve wi l l

be discussed in the next section. The locus of the parametric

cluster for the 250 Hertz sub— figure , be i ng different from that of

the other sub—figures . indicates a dependence of discrimination on

center frequency. This dependence on center frequency is made more

ev i dent in Figure 14 where the data is plotte d with center frequency

as paramete r. in every case where the 250 Hertz center frequency

curve Is parametrically plotted , the curve is seen to be more or

less isolated from the other parametric curves. The cluster i ng of

the other curves Indicate a stronger dependence of di scriminabi l it y

on center frequency for l ower frequencies that becomes less

significant with an increase in frequency. The genera l monotonic
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increase in the values of the parametric curves in all the

sub—figures of Figure 14 ind i cate that center frequency does not

become insignificant, however, at the hi ghest frequencies.

Figure 15 and 16 represent the data plotted as a function of

bandwidth. In genera l , the curves of both figures are sli ghtly

monoton i cally i ncreaeing with bandwidth. The wide but monotonic

dispersion of the parametric curves in Fi gure 15 and the l ack of

sim ilar i ty of the sub—figures in Figure 16 indicates a strong

dependence of discrimination on de l ay. The 0.0626 m illisecond

parametric curve in a ll the sub-fi gures of Fi gure 16 except f or the

250 Hertz sub-figure appear to be more isolated from the other

parametric curves wh i ch tend to be more clustered.

Figure 17 and 18 represent the data plotted as a function~~f

center frequency. Both figures imply a strong dependence of

di scr iminabi li ty on center frequency for a given bandwidth and

de l ay. The l ack of genera l simil arity of the sub—figures in Figure

17 and the dispersion of the parametric curves in each sub—figure of

Fi gure 18 again ind i cates a dependence of discrimination on delay.

The monotonic but moderate cluster i ng of curves in each sub—figure

of Figure 17 and genera l similarity of the sub—figures of Figure 18

Indicate a mild but si gnifican t dependence of diecrim )natic~ on

bandwidth. The 0.0625 millisecond parametric curve in all the

sub-f i gures of Figure 18 I. generally isolated from the other

parametric curves wh i ch tend to be more clustered except in the 100

$ rtz sub-figure. Thie isolation ~a similar to that shown in Figure

15.
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Fi gure 13. Di scri ml nabi li-t y of Subject 146 between an i mpu l s. and
phase mo dified i mpu l ses plott ed as a function of de l ay w i th
bandwidth a. parameter.



72

I I I 
- 

I I I I 
—

D 0.9

: : : ~I 0.8

1.0 

~

° :
~

iiii
~ 

- 1.0 

1000

S 0.7 .

C 0.6 0.6 -

8W-SO HZ 0.5 - 
~~~~— BW-100 HZ0.5

— I I I I I I I I

0.0626 0.126 0.25 0.5 0.0625 0.12S 0.2S 0.5
— 

I I I I I I I

1.0 1000
2000

O 0.9

1 0.8 

~~~~~~~~~~~~0 0.7 -

1.0 

~~~~~~~~~~~~~~~~ 

~~~~~~~~~ S0
S 0.7

0.6 -C 0.6 - ._— -

0.5 - - BW.200 HZ 0.6 - BW.400 HZ

I I I I I I I

0.0625 0.12S 0.25 U.S 0.062S 0.12S 0.25 0.5
I I I I I I I

1.0 - 1000

O 0.9 79~~

S 0.7 
~~~~~~~~~~~~~~~~~~~~

0.81 0.8 500

0.7

C 0.6 - 0.6 -

0.5 - 814.800 HZ - 0.6 - BW.1600 HZ

I I I I I I I I —

0.0625 0.125 0.25 0.5 0.0625 0.125 0.25 0.5
DELAY (MILL ISECONDS) DELAY (MILL ISECONDS)
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freque~cy as parameter.
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Figure 15. Discrim inabi li - t y of Subject 146 between an i mpu l se and
phase modified i mpu l ses plotted as a function of bandwidth with
de l ay as parameter.
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center frequency as parameter.
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Fi gure 17. Dlscr im inabi lity of Subject WG between an i mpu l se and
phase modifie d i mpu l ses plotted as a function of center frequency
with bandwidth as parameter.
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Figure 18. Oiscri m in abi li - t y of Subject 146 between an i mpu l se and
phase modified i mpu l ses plotted as a function of center frequency
wi t h de l ay as parameter.
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Discussion

Results for the 600 Hertz center frequency condition shown

in Fi gure 13 should be noted to agree with those of the three

subjects first tested for the same phase condItion shown in Figure

8. It appears that the author’s phase sensitivity is slightly more

acute In that he is able to achieve 0.75 discriminatIon between

0.0626 and 0.125 millisecond s of de l ay for the 500 Hertz center

frequency condition as opposed to 0.126 and 0.25 milliseconds as

required by the other three subjects. This is no doubt due to hi s

greater familiarity with the stimuli and all of their nuances of

quality.

The data ind i cates that di s criminabi li ty Is mildly, yet

significantly dependent on bandwidth. Diecriminability Is perfect

for certain va l ues of center frequency, bandwidth and de l ay.

Discrim inabi lit y would fall to chance, however , if bandwidth were

reduced to zero. One would expect that discriminabi li ty

monoton i caily i ncreases with bandwidth. The va l ues selected for

bandwidth as the i ndependent var i able do not allow the observance of

the monotonic i ncrease through a “knee TM or “point of inflection ” in

the function. The diec riminab i l ity function appears to have reached

an upper plateau wh i ch is asymptotically decreasing for the sel ected

values of bandwidth. The disp l aced position of the 50 Hertz

bandwidth curve in Figure 13 and 17 from an otherwise monotor%ic

orderi ng is probably due to its relative closeness to a point of

inflection in the function. The exper i ment has thus demonstrated

that the range of interest for bandwidth va l ues is less than 100
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Hertz. The ub i quitous critical band phenomenon in psychophyeical

research may account f or the leveling off of discriminabi l ity for

bandwidths greater than 100 Hertz.

Envision i ng the topo l ogy of a function of three i ndependent

var i ables is difficult at best. Inasmuch as the effect of bandwidth

for the va l ues sel ected has significantly less effect on

discri mi nabi iit y than center frequency or de l ay, the relative

effects of center frequency and de l ay may be observed by averaging

the data across bandwidth and plotting discrimination as a

parametric function of center frequency and de l ay as Illustrated in

Fi gure 19. The figure was generated by first drawing smooth curves

by eye through the data plotted as functions of center frequency

with de l ay as parameter and as functions of delay with center

frequency as parameter. I so—contour curves of the parametric

function were drawn by eye through points generated from orthogona l

prolections of points from the prev i ously drawn curves.

The contours illustrated in Figure 19 appear to be very well

behaved. The contours would appear to asymptotically converge with

three further halfings of center frequency at approxima tely 31 Hertz

or the l ower frequency limit of hear i ng. One may observe from

Fi gure 19 that for bandwidths greater than 100 Hertz and for a de l ay

of 0.0625 millisecond . that a discrimination score of 0.76 is

achieved at approx i mately 1000 Hertz center frequency. For a center

frequency o f 250 Her tz, the 0.75 score is ach i eved at approx i matel y

0.25 millisecon ds.
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Figure 19. Relative effect of center frequency and de l ay on
cliscriminab i I ity.

In summary, a series of experiments was conducted to

determ i ne the discriminabi l ity between a standard i mpu l se and

i mpu l ses in wh i ch a band of frequency component-s are de l ayed. The

parameters of interest were int ensit y , center frequency, bandwidth

and de l ay. Discrim inabili -t y was shown to be highly dependent on

intensity. At a sen5ation leve l of 80 dB. d~scriminab il ity was

shown to be mildly, yet si gnificantly dependen t on bandwidth for

bandwidths greater than 100 Hertz. The contribution of center

frequency and de l ay to discriminabi li t y was shown to be inversely

relate d. Dis crimination scores of 0.76 were achieved for center

frequencies between 250 and S00 Hertz at delays between 0.0625 and

0.125 millisecond s .
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The phase di scr lminab ll it y function was at first hoped to be

d -termined with high resolution by conducting many tests in wh i ch

the parameters of interest could be adjusted over a wide range in

relatively small i ncrements. Initial attempt8 by the author in

determining the range of interest of the experimental var i ables was

frustrated by the time requ i red to measure accurately a point in the

function , and the apparently large var i ability of the function.

Only an approximate estimate of the phase discr im inabi l ity function

must consequently suffice.



CHAPTER V II

SENSITIVITY TO DISPERSION IN SPEECH

Direc t assessment of the effect of dispersion on continuous

speech is difficult because of the short—time spectra l complexity of

speech and the constant shift in short—t ime spectra during

production of the speech signal. The difficu l ty in theoretically

estimating the di scriminabi li ty of dispersion based on short—t ime

spectra l features has been not so much due to the i nherent

complexity of the spectra itself as to l ack of information

concerning the sensitivity of the ear to dispersion in general. One

purpose of the exper i ments discussed in Chapter VI was to learn more

about phase sensitivity so as to make pos sible generalizations ,about

phase modified continuous speech.

Speech coneiete of strings of concatenated phonemes whose

short—time spectra are modified by such factors as articulation ,

coart iculation , the emotiona l state of the speaker, etc, The

constant shi ft in the short-time spectra of speech makes assignment

of a phase discrim ina b il it y statistic to continuous speech difficult

because of the varying degree of dependence of phase

discrim inability on each successive phoneme. For example , one would

expect less sensitivity to dispersion in fricatives because of their

already no i se-like characteristics than in plosivee with their

sudden and relatively simultaneou s onset of frequency components.
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One might expect that dispersion in a spectra l reg i on in

wh i ch speech has statisticall y little energy would result in smaller

overall subjective effects than would dispersion in a spectra l

reg i on with a statistically higher energy concentration. A tacit

assumption of this expectation is that the perception of quality

change is due to cumulative effects for each phoneme over the

phonetic utterance. One could hypothesize , consequently, that a

general discrim inab il it y statistic for continuous speech m ight be

der i ved from a weighted sum of the Individua l effects of dispersion

on the constituent phonemes. On the other hand, quality changes may

become readily apparent if onl y one or two relatively “sensitive ”

phonemes are are dispersed only slightly.

Little is known of the ear’s phase discrim inabi lit y ability

outeide of the well known fact that excessive disper sion in speech

results In chirp -like sounds. The intent of the experiments

discussed in this chapter is to further i nvestigate the phase

discr )m inab ill ty phenomenon as it pertains to speech stim uli.

Sensitivity to Dispersion in Phonemes

The major intent of the exper i ment to be discussed in this

section is to obtain a set of psychophysical data which is

indicative of human di scrimi nab il ity of dispersion of the type

introduced in Chapter IV for var i ous classes of phonemes. Such data

should be of interest in direc tly prob i ng the speech

discrim inab ility mechan i sm of hear i ng inasmuch as var i ous test

results der i ved from psychophysica l measurements using differen t

classes of phonemic stim uli can be ana l yzed in relation to th.
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stimuli. The data ehould also be applicable to indIrectly

estimating human discr iminab il ity of dispersion in continuous

speech. The phonemes of choice used as stimuli in the current

experiment were selected to represent three classes of phonemes and

consequently inc l uded the neutra l vowe l /~/, the ploelve It/ and the

fricative 1ff. These sounds were obtained from digital record i ngs

as discussed in Chapter IV. The vowe l stimulus was obtained from a

recording of the vowe l spoken in isolation whereas the pioe ive and

fricative were extracted from record i ngs of single words spoken in

isolation. The phoneme extraction process consisted of display ing

the signal from wh i ch a phoneme was to be extracted on a storage

oscilloscope so as to determine the beg i nn i ng and end i ng sample of

the phoneme segment. Aud i tory playback was used to insure the

quality of the isolated segment. A trapezoidal window with a rise

and decay time of 20 mil lisecond s was used to isolate the segment

after wh i ch the segment was copied to disk as a new audio file for

later reference.

The phonemes were presented in the discrimination tests

dur i ng the course of the exper i ment at their normal conversationa l

speech level. The levels were determined in the follow i ng ways

Stimulus thresholds for the two words spoken in isolation were

determined by the method of adjustment. The author conducted a

series of tests with himself as subject irs wh i ch he alternately

decreased the Betting of the signa l attenuator in the audio playback

circuit until the stimuli just became i naudible and then i ncreased

the setting of the attenuator setting until the stimuli just became
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audible. The average attenuator setting was approx i mately 90 dB.

Th. author determ i ned that both stimul i were fully intelligible at

an attenuator settin g of 50 dB, wh i ch is to say, a sensation l evel

of 40 dB. The l eve l at which the attenuator was set to produce

“conversationa l level” speech was 20 dB for a sensation level of 70

dB. The 20 dB setting was used throughout the course of the

exper i ment. The method of adjustment was used to determine the

relative l evels of the isolated phonemes. The sensation levels of

the vowe l , plosive and fricative were determined respectively to be

70, 32 and 35 dB in reference to the attenuator setting prev i ously

determined for conversationa l leve l speech,

The exper i ment consisted of admini ster i ng a series of

discrimination tests for each phoneme. Each test consisted of the

random presentation of 16 unique stimulus pairs for discrimination.

The set of stimulus pairs peculiar to a given test consisted of one

of the three standard phonemes followed by one of the 16 phase

modified var i ants of the standard phoneme. The stimuli of all 16

pa i rs were consequent l y different. The author, serving as his own

subject in the exper i men t, was of necessity aware tha t each pair was

different. Contro l stimulus pairs in wh i ch the stimuli of the pair

were i dentica l were not deemed necessary inasmuch as the author was

Motivated not to make random responses a. to the equality of the

stimuli of the pair. The validity of the testing parad i gm is

attested by the well behaved nature of the data when plotted and by

low test var i ance when repeated. The author set for himself the

task of respond i ng that the stimu l i of a pair were di fferent onl y
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when persuaded that th. stim ul i actua lly were different. The author

responded that the stimul i were the same if no difference In the

stimuli could be detected. A discrimination score of 0.5 was chosen

to be Ind i cative of the author’s discr im inab ili ty inasmuch as a l l

the stimulus pairs contained differen t stimuli.

Each of the 16 phase modified variants of a standard phoneme

peculiar to a given test was randomly presented 10 times during the

course of a given test. The pairs were presented monaurally to the

right ear at the sensation l evels already discussed. The

intra—st imulus interva l of each stimulus pair was approximately 500

mil l  l ueconds.

Four values each of the three i ndependent var i ables were

chosen to generate 64 unique phase conditions f or testing. The

center frequencies i nc l uded 250, 500. 1000 and 2000 Hertz;

bandwidths inc l uded 50, 100, 200, 400 and 800 Hertz; and de l ays

Included 2, 4, 8, 16 and 32 milliseconds. The phase of the standard

vowel , piosive and fricative were modified according to the schedule

Just described to generate a set of stim uli to be used in subsequent

testing of discr lm inab ili ty .

A test series consisting of four tests as already discussed

was administered for each of the three phonemes. Each test in the

series represented a set of phase conditions In wh i ch the center

fr•quency of the de l ayed band was constant. The 16 pairings

represented by each test corresponded to the un i que pairings of four

va l ues each of bandwidth and de l ay. All 64 phase conditions could

thus be tested by administer i ng the four tests. The order in wh i ch
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the tests of the series was administered was random. Th. test

series for the vowe l was admini stered three times while those for

the plosive and fricative were administered twice. The average

diecr iminabi ll ty estimates for the different phase conditions are

tabulated in Table 7, 8 and S (Appendix C) and are illustrated in

Figures 20 through 28. The intent of the author, as in the

exper i ment with i mpu l se stimuli , was to determ i ne trends in the data

by first plotting the data as functions of each of the three

i ndependent var i ables , to character i ze the the trends, and then to

discuss the character i zations. Three sets of curves are illustrated

for each phoneme. Each set of curves represents the data as plotted

as a function of each of the three I ndependent var i ables. The rows

and co l umns of curves in each set of curves represent the data for

var i ous parametric va l ues of the remaining i ndependent var i ables.

For example , Figure 20 illu strates the discr im inabi lit y of

dispersion In the vowe l phoneme plotted as a function of de l ay . The

rows parametrically represent bandwidth and the co l umns represent

center frequency. Effects of parametric variations may be observed

by compar i ng curves across rows or down co l umns.

The major i ty of the curves in Figure 20 show that phase

discrialnab lll t y in the phase modified vowe l Is monoton i cally

dependent on de l ay for a given center frequency and bandwidth. Al I

of the curves show the monotonic i ncrease except for those

representing phase conditions of 600 H.rtz cinter frequency and 400

or 800 Hertz bandwidth. The significance of the two exceptions is

not clear.
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FI gure 20. Discr lminabi l i ty of Subjec t IJC between a standard
neutra l vowe l stimulus and phase modifi ed var i ants of the vowe l
plotted as a function of de l ay.
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Fi gure 21. Ol scr im in ab ili ty of Subject WG between a standard
neutral vowe l stimulus and phase modified var i ants of the vowe l
plotted as a function of bandwidth.
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Figure 22. Discrim Inab il it y of Subject 140 between a standard
neutral vowe l stimulus and phase modified var I ants of the vowe l
plotted as a function of center frequency.
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Figure 23. Discrimi n abi lity of Subject 140 between a standard
p los i ve , It,, and phase modif ied var i ants of the plosive plotted as
a function of de l ay.
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Figure 24. Discrim in abi lity of Subject 140 between a standard0 plosive, It,, and phase modifi ed var i ants of the plo sive plotted as
a function of bandwidth.
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Fi gure 25. Dle crim inab ility of Subject 140 between a standard
ploeive , It,’, and phase modi fied var i ants of the plosive plotted as
a function of center frequency.
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Figure 26. Oiscrim lna b i lity of Subject 140 betwesn a standard
fricativ e, IfI, and phase modifi ed var i ants of the fricative plotted 0
as a function of de l ay.
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Figure 27. Discri m inabi lity of Subject 140 between a standard
fricativ e, IfI, and phase modi fied var i ants of the fricative plotted
as a function of bandwidth.



95

BANDWIDTH DELAY UIILLISECONOS)
(HERTZ)

2 4 8 16

1.0
0.8 1

100 0.6
0.4 1
0.2 1
0.0 1 ~~~~~~~

—. - _ _ _ _ _ _ _  _ _ _ _ _ _ _  _ _ _ _ _ _ _ _

1.0 ___________

0.8
200 0.6LL~V L .0.4

0.2
0.0 ___________ ___________ ____________

1.0 __________

0.8
400 0.6

0.4
02
0.0 ___________ ___________ ___________ ____________

1.0 _______

0.8 1 
~~~ I

800 0.6
0.

4 1  
~~~~~~~ _ _  1 _ _ _

0.2
0.0 ___________  ___________  ___________  ___________

.25 .5 1 2 .25 .5 1 2 .25 .6 1 2 .25 .5 1 2

CENTER FREQUENCY (HERTZ x 1000)

Figure 28. Di scr im i n a b il it y of Subject WC between a standard
fricative , /f/ , and phase modified var i ants of the fricative plotted
as a function of center frequency.
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The l ocus of the curves is generally disp l aced more and more

to the upper left as co l umns of curves, representing parametric

i ncreases In bandwidth , are considered from top to bottom. The

d sp l acement implies an i ncrease in discriminab il ity with bandwidth.

Approximately 8 to 16 millisecon ds of de l ay is required for 0.6

di scr im ln ab iiit y at narrower bandwidths whereas only 2 to 4

milliseconds is requ i red at wider bandwidths. The difference in

range of de l ays is moot likely due to the contribution of i ncreased

bandwidth on diecrim inabi li ty. The l ocus of the curves is displaced

more and more to the l ower right as rows of curves, representing

parametric increases In center frequency, are considered from left

to right. The shifting l ocus implies a slight decrease in

discrim inabi lity with center frequency. The contribution of center

frequency to discrimiri abH.i ty appears to be much less than that of

de l ay or bandwidth.

The curves of Figure 21 show the dependence of

di scr lmi nab ill t y on bandwidth more explicitly. Approx i matel y 200 to

800 Hertz bandwidth is requ i red for 0.5 diecrim inab ill t y for shorter

de l ays whereas onl y 100 to 400 Hertz bandwidth is requ i red for

longer de l ays. The shifting l ocus of curves to the upper left

across the rows of curves, representing parametric i ncreases in

de l ay, implies the dependence of discr im inab il it y on de l ay. The

slight shifting of locus to the i ower right down the co l umn of

curves, representing parametr ic i ncreases in center frequency, shows

again the sli gh t decrease in di scr lm inabi lity with i ncreased center

frequencies. 
-
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The sli ght decrease in d iecr im inabi li ty wi th I ncreased

center frequency is shown more expi ici t iy in Figure 22 where center

frequency is the i ndependent var i able. The relation appears to hold

only for bandwidths less than 800 Hertz. Discriminabi l it y appears

to peak at a center frequency of 1000 Hertz f or bandwidths of 800

Hartz.

The majority of the curves of Figures 23 and 26 ind i cate,

respectively, that phase di scrIm inabi lit y in phase modified ploBives

and fricatives is also a function of de l ay. The shifting l ocus of

the curves along rows and co l umns implie s a dependence of

di scr imin abi ll t y on i ncreasing bandwidth and decreasing center

frequency as in the case of the vowel. Approx i mately 4 to 8

milliseconds of de l ay in the plosive Is requ i red for 0.5

0 di scr im inab illtg at narrower bandwidths whereas only 2 to 4

millisecond. are required for wider bandwidths. From 16 to 32

milliseconds of de l ay Is required in the case of the fricative for

narrower bandwidths and from 4 to 8 milliseconds for the wider

bandwidths. Two anoma l ous curves appear in Figure 23 for the

plosive phoneme. The phase condition in wh i ch the de l ay is centered

at 500 Hertz with 100 Hertz bandwidth appears to be much more

discrim inable than phase conditions with the same bandwidth but with

l ower or higher center frequency. The phase condition in which the

de l ay Is centered at 2000 Hertz with 200 Hertz bandwidth appears to

be less discr iminabl s than it should be as Judged by the

dl scri min ab ility of the surround i ng phas, conditions.

The same discussion regard i ng Figure 21 in wh i ch the
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discri mi nabi l ity of dispersion in the vowe l was plotted as a

function of bandwidth applies to Figures 24 and 27 in wh i ch the

ploslve and fricative , respective l y, are similarly plotted.

Diecr im lnabi l it y is definitel y related to bandwidth. The shifting

l ocus of the curves along rows and down co l umns Impl y i ncreased

discriminab il it y with an i ncrease in de l ay or a decreasq in center

frequency. No anomalous phase conditions are noted as in FIgure 23.

Approx i mately 200 to 600 Hertz bandwidth is requ i red for 0.6

discrim inab il it y for shorter de l ay in the plosive whereas onl y 100

to 200 Hertz is required for l onger de l ays. From 400 to 800 Hertz

bandwidth is requ i red for shorter de l ays in the case of the

fricative whereas only 100 to 400 Hertz is requ i red f or l onger

de l ays.

The slight decrease in dis crim in ab ili ty with an i ncrease in

center frequency as shown in Figures 25 and 28 for the plosive and

fricat ive , respectively, is not as apparent as that shown in Figure

22 for the vowel, The plos lve data In Figure 25 shows a genera l

decrease in d iecr iminab ili ty of dispersion in ploeives for center

frequencies of 500 Hertz and greater. The decrease may be partially

m.dlated by ths decreased contribution of a constant bandwidth of

de l ay to discr im )nab lli ty at higher center frequencies because of

the l ogari thmic frequency characteristic of the ear. The hypothesis

is weakly supported in the follow i ng ways Each of the spectra of the

three speech sounds were visually searched for similarities of

spectra l magn i tude and composition at two ad jacent center

frequencies , Only the fricative phoneme magn i tude had such
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similarities wh i ch occurred at center frequencies of 250 and 500

Hertz. The average magn i tude of the energy centered at 500 Hertz

was approx i matel y 2 dB less than that at 250 Hertz but the greater

sensitivity of hear i ng at 600 Hertz could compensate for the l ower

energy level. The discrimin ation scores for the var i ous conditions

of bandwidth and de l ays centered at 250 Hertz are closer in

magnitude to the va l ues for the next higher bandwidth centered at

600 Hertz than to the correspond i ng va l ues of bandwidth centered at

500 Hertz.

Interpretation of the data as plotted as a function of

center frequency is not straight forward. The chang i ng locus of the

curves across rows in Figures 22, 25 and 28, which represent

parametric i ncreases in de l ay, Is presumably due to the effect of

de l ay alone. The presumption is not supported , however, because

notwithstand i ng a nebu l ous, but genera l similar i ty of curve shape

across rows, especiall y those representing bandwidths less than 800

Hertz , there appears to be interesting variatio ns in the shape of

the curves. For example , the 400 Hertz bandwidth row for the vowe l

in Figure 22 appears to reverse its trend as de l ay i ncreases from 4

to 8 milliseconds. Signifi cant changes across rows may be observed

also in Figures 25 and 28 for the plos ive and fricative ,

respective ly, but none as significant as in the case of the vowel.

How the extent of de l ay can effect seemingly unsystematic variations

in discrim inabi l ity is not clear.

Th. chang i ng l ocus of curves down the columns , representing

parametric lr.r.ases In bandwidth, is presumably due to the effect
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of engag i ng a greater and greater portion of the phoneme spectra in

the band of de l ayed frequency components. The curves appear similar

in genera l down each co l umn with ths exception of the curves at the

800 Hertz bandwidth condition. Correspond i ng columns are also

similar for the different phonemes. Correspond i ng co l umns are more

similar between the pioeive and fricative than between either the

ploelve or fricative and the vowel. The spectra of the ploslve and

fricative is more simi lar. The similar i ty across phonemes suggests

that the discrimination scores are partially i ndependent of the

phoneme type. The dissimilarities are due to differences in the

spectra. The di scr iminability data trend for the vowe l at the 800

Hertz bandwidth phase condition appears to be the reverse of that

for other bandwidth conditions. The reversal does not appear for

the plosive and fricative. The reversal in the case of the vowe l

appears to be due to a peak occurr i ng a 1000 Hertz center frequency.

The peak i ng is probably due to the engagement of a vowe l forman t

when bandwidth is increased to 800 Hertz. No other i mmediate

correlation between discr im inab il it y and spectra ae illustrated in

Figure 29 has been observed.

In summary, diecriminabi l ity has been shown to be a function

of de l ay and bandwidth for all three classes of phonemes

I nvesti gated. The rank order i ng of the phonemes In decreasing order

of sensi t iv i t y to dispersion is ploeive , vowel and fricative, For

narrow bandwidths the plosi ve requires 4 to 8, the vowe l 8 to 16 and

the fricative 16 to 32 milliseconds of de l ay for 0.5

discrim inabi lity .
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0 For wider bandwidths the respective ranges are 2 to 4. 2 to 4 and 4

to 8 milliseconds. For shorter de l ays the plo sive requires 200 to

400, the vowe l 200 to 800 and the fricative 400 to 800 Hertz

bandwIdth for 0.5 di e crim inab ll i -ty . For l onger de l ays, the required

bandwidth ranges are 100 to 200, 100 to 400 and 100 to 400 Hertz

respectively. The difference in range for different bandwidths or

de l ays is probably due to the respective contribution of I ncreased

de l ay or bandwidth on di scrimin abi lity.

The effect of quantizati on no i se became more apparent with

phonemic stimuli. Such no i se ar i ses when the samples of a

continuous signa l are quantized to one of a set of discrete values

for etorage in computer memory, The quantization no i se quality was

that of an additive tone. The no i se was absent in the standard

st imuli. One could argue that the test discriminations would be

Invalid inasmuch as a subject could discriminate a difference

between the two stimuli of the stimulus pair simply by the presence

of quantizatlon noi se. The author , serving as hie own subject

however, was aware that the first stimulus of each test pair was the

standard stimulus and tha t the stimuli of all the test pairs were

different. The quantization no i se was clearly evident as such in

mos t of the stimulus pairs and could be consc i ously i gnored with

relat ive ly little effort. Strong ev i dence to support the validity

of the tss t score s is the interna l consistency of the test scores

and the external consi stency of the test scores with those for words

and sentences as wi l l  be discussed. Further support of the results

is given by their genera l agreement with the results of informa l
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discrimination tests in wh i ch a slightly phase modified phoneme with

consequent quantization no i se was ueed as the standard stimuli. A

possible approach to avoiding the quantization no i se prob l em ie to

add a masking noise to all the stimuli used in the exper i ment.

Sensitivity to Dispersion in Words

The perceptua l quality of words in which a band of frequency

components is de l ayed was observed through informa l experiments to

be a function of de l ay for a given center frequency and bandwidth.

The change in sound quality was observed for shorter de l ays at the

beg i nn i ng of words while the change in quality was observed for

l onger delays over the total duration of the word.

One would expect that the onset of dispersed words beginn i ng

with sibilants would be less di scr im inable than words beginn i ng with

plosives because of the no i se— like quality of sibilant.. The author

served as his own subject in an exper i ment to test the hypothesis.

The exper i ment consisted of two test series , one for the word ‘OO”

and or,~ for the word SEE.TM The parameters of the phase distortion

were center frequency of 500 Hertz , bandwidth of 400 Hertz and time

de l ays of 8, 16. 32 and 64 milliseconds.

Each test series consisted of four tests , one for each of

the four phase conditions. The order of the test presentation

within a series was random i zed. Each test consisted of 40

random i zed pair presentation In wh i ch each stim ulus of the pair

could be either the standard word or the phase modifi ed var i ant of

the word as already discussed. The stimulus pairs were mor saura ll~
presented to the right ear at a ucomfortable w listening level. The
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results of the exper i ment are illustrated in Figure 30. The plosive

onset may be seen from the results of the experiment to be more

discrim inable than the fricative onset wh i ch supports the

hypothesis. The de l ays required for 0.75 di s criminabi li ty for the

two Initial sounds are similar to those found in the phoneme

exper i ment.

DELAY (MILL I SECONOS)

Figure 30. Die criminab il ity of Subject 140 to phase modif ied words
as a fuictlon of de l ay.

Sensitivity to Dispersion In a Sentence

An exper i ment was conducted to determine the

dlecr im ln ab il it y of dispersion in the test sentence, “Men str ive but

se l dom get rich .w The three female subjects introduced in Chapter VI

served as subjects. A single test in wh i ch five Individua l phase

conditions were randoml y tested was administered twice to each of

the subject. to obtain two discriminability estimates for each phase

condition , Ths subjects were requ i red dur i ng the course of the test
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to determ i ne whether or not the stimuli of a stimulus pair were the

“ same ” or “different. ” The phase modification were effected by

de l ay i ng a 400 Hertz band of frequency components centered at 500

Hertz for diff erent values of de l ay wh I ch inc l uded 2, 4, 8 and 16

mi $lisecorsds . The stimulus pairs were presented monaurally to the

subject ’s right ear at a level approximating “conversationa l level”

speech. Each phase condition was presented 10 times dur i ng the

course of the test such that each test consisted of SO stimulus pair

presentations. Half of the test pairs for each phase conditio n

consisted of the standard sentence followed by its phase modified

var i ant whereas the other half consisted of the var i ant followed by

the standard sentence. The stimuli of every pair was consequently

different but the subjects were instructed that half of the pairs

were the same. This expedient was adopted to reduce the excessive

length of the testing per i od. The results of the experiment are

Illustrated in Figure 31.

o 0.8 0

1 0.6 AK MF

C O.2 /~~~~~~PA 

1~ 32

DELAY (MILL ISECONDS)

FIgure 31. Di scrim lrs ab i lit y of subjects AK , MF and PA to phase
modified sentence as a function of de l ay.
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Diec r iminabi lity is seen to reach the 0.6 evel for de l ays

in wh i ch a band of frequency components, centered at 600 Hertz and

of 400 Hertz bandwidth , is de l ayed between 4 and 8 m illle eco nI~Js,

The score is similar to that of the vowe l under the ears phase

conditions discussed In the phoneme experiment. The subjects

apparently cue on vowe l dispersions when di scriminat ing dispersion

in continuous speech. Greater dispersions are apparently tolerated

in continuous speech in wh i ch no absolute standard Is available for

compar i son. The certainty of this ~~~~~~~~~ however, is in doub t

because of the l ack of contro l for intensity level between this

exper i ment and that for the phonemes inasmuch as discr iminabi l ity

has been shown to be a function of intensity. Absolute judgments 
0

about the quality of the vowe l sounds may be the deciding factor in

whether or not a given phase dispereion is perce i ved.



CHAPTER V I I I

MONAURAL SENSITIVITY TO DISPERSION IN IMPULSES AND SPEECH*

SUMMARY AND CONCLUSIONS

A study was conducted to determine the ‘i mi ts of human phase

sensitivity. In review , the role of psychophys ics in the design of

speech processing systems and the use of computer techrn quee in

psychophys i ca l research were discussed. The ‘-istory of the “phase

sensitivity queetion~ was reviewed and its nature clar i fied. In

part , Ohm postulated the rule by which the ear analyzes sound and

Hsl mh oltz added the phase rule as the result of hii own work. The

validity Of Hsl mhoI tz’ phase rule was discussed and shown to be

correct under the conditions he i mposed. He i mho itz postulat ed that

the ear would be sensitive to phase under certa -i conditions.

The work of i nvestigators from the time of He l mholtz to data

was reviewed and discussed. The major i ty of the work supports the

fact that the ear Is sensitive to phase. Ear l y failure s in

demonstrating phase sensitivi ty were probably due to such factors as

equ i pment limitations and theoretical bias. A general Intent of

much of the early work was the demonstration of var i ous “phase

effects , N The relevance of such work in the design of speech

processing systems was rev i ewed and the author ’s phi loso ph i cal

approach to the phase sensitivity question was introduced.



Par t of the author ’s contribution was the philosophical

approach to the determination of the limits of phaee

diecri m inab lll-t y in phase distorted speech as a practical goa l of

phase sensi tivity research. The appli cation of computer techn i ques,

inc l ud i ng discrete Fourier transforms, to signal processing was

discussed. A theoretica l ana l ysis of phase distortion was

undertaken to prov i de insight Into the nature of phase such that the

study could be conducted with a solid understand i ng of the

phenomenon. Two types of exper i ments were described. The first was

concerned with d i scr lm inab ilI ty of dispersion in i mpu l ses and the

second with dispersion in speech signals. The results of the

exper i ments were discussed In their respectIve chapters.

The results of the study cannot be compared directly with

those of other studies because of basic differences in the s t i muli

and the type of phase modification used. The study was not designed

to exp l ore a new Nphaee affect” but to determ i ne the limits of phase

dl scr lm lnab ill ty under certain conditions as functions of the

parameters of an I dealized genera’l type of phase distortion . The

genera l exp l oratory nature of the study prec l ude extensive

theoretical insigh t into the exact mechan i sm by wh i ch phase

dl scrim inabi l ity is effected. No general predictions are stated

based on the results of the study because of its generally

exp l oratory nature.

A number of criticisms concerning the study should be

discussed. The exact characteristics of the Koes PRO—4A headphones

used throughout the study were unknown. It was felt that the l ack
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of information concern i ng the headphones , however , was a minor

problem inasmuch as the testing parad i gm required a discrimination

between two stimuli both of wh i ch were presented with the same

headphones. Smaller bandwid ths should I-ave been used in the i m p u l se

study. Better techn i qums need to be developed to anaR~ze and

dis play data of three or more independent var i ables. The

theoretical imp l ications of the data obtained dur i ng the course of

this study have not been exhausted fully simply because of the

comp l exity of the anal ysis. Better computer graphing techniques

should be developed such that the investigator may quickly display

the data In var i ous aspects of the i ndependent var ables.

Statist ica l reduction may be i ncorporated profitabl y in the graphics

software.

A possibly interesting variation of the phoneme sxper i ment

would be to cepetrua ll y smooth the magnitude of the phone.ne spectra

so as to remove any confounding effects of rapidly vary i ng magnitude

when inve sti gating the effect of center frequency on

dis crimI n abi l ity. The investi gator should have norma l hearing such

that he may adequatel y i nvestigate phase d i ecrim ln ab ili t y using

himself as a subject before conducting extensive tests with othe ’

subjects so as to beet utili ze computer time. Further research I

recommended In this area so as to replicate the o-ig in a l study ani

to furthor investigate its ram ifications.

The intent of the author has been to supply enough general

information to permit I ndependent replication of the study. Ii

review , •n I nvestigator must obtain a d i gital rocord l ig of the
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stimulus to be tested; determine a eat of va l ues for the par.~meters

of the phase modifications to be tested; generate the filters

necessary to effect the phase modifications; generate a set of phase

modified stimuli by convolving the standard stimul us with each of

the filter s; and finally presenting the phase modi fied stimuli to a

listener under a given testing paradigm. All of the software

required to effect the above has been written by the author as an

interactive computer program. The program, GSYS.SAI , and its

documentation has been archived with the SIPS software at the

Un i versity of Utah. Independent duplication of the software would

requ i re considerable time and expense. Salient features of the

software are discussed In Appendix 0.



APPENOIX A

ON THE DIFFERENCE IN POPULAR OPINION AS TO ~4HAT CONSTITUTES

OHM’S LAW OF ACOUSTICS

In rev i ewing the literature concerning Ohm ’s law of

acoustics, it becomes apparent that there may be differences in

opinion as to wha t constitutes the law. It is generally accepted

that the law pertains to the frequency analyzing abil i ty of the ear.

Confusion ar i ses a. to whether or not Ohm (1843) inc l uded statements

pertaining to the insensitivity of the ear to phase relations among

the harmonics of a complex sound , or if such statements were later

added by He l mho itz (1863).

To obtaIn an estima te of the extent of the confusion among

authors of acoustica l literature , a search by i ndex reference to

(The ’, law of acoustic. was made of pertinent vo l umes held at the

Un i versity of Utah main library . The vo l umes searched were

classified under Sound (534) and Physiolog ica l Audition (612.85)

within the Oewey Dec i ma l System , and Sound (QC 221—246),

Physiolog i ca l Acou stics (QP 461—471), and Literature of Music —

Acoustics and Physics (ML 3805-3817) within the Library of Congress

System. An estimate by shelf list of the number of vo l umes

comprising these sections , made by the librar i an at the cur~rent

author’s request , was approximately 150 vo l umes. Of these vo l umes,

146 were actual ly searched, Sixteen vo l umes, or approx i mately 10
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percent, were found to contain the i ndex reference to Ohm’s law of

acoustics.

The 16 volumes represented a range In publication dates from

1877 to 1970 and represented the writings of 21 authors. The

statements of these authors concern i ng Ohm ’s law are tabulated in

Tab le 1.

It may be observed from Table 1. that all authors made

statements concerning the frequency ana l yz i ng ability of the ear in

reference to Ohm ’s law ; there Is no di sagreemen t among authors on

this point. The general Interpretation may be exemplified by a

statement by Miller (1916)t

0 
The law states; all musica l tones are per i odic; the human
ear perceives pendular vibrations alone as simple tones; all
varieties of tone quali ty are due to particu l ar combinations
of a l arger or smaller number of simple tones; every motion
of the air which corresponds to a complex musical tone or to
a composite mass of musica l tones is capable of be i ng

0 ana l yzed into a sum of simple pendular vibrations , and to
each simple vibration corresponds a simple tone wh i ch the
ear may hear.

It is generall y accepted that the tupe of analysis performed by the

ear is a Four i er analysis.

Four authors made statements to the effect that Ohm ’s law

also pertains to the insensitivity of the ear to phase, Bekeey

(1960), citing He l mho ltz and Ohm , stated that “Accord i ng to Ohm ’s

law , the perception of a comp l ex sound depends upon its analysis

into single tones and is entire l y i ndependent of the phase relations

of these components . . . .“ Bacus (1969) made a similar statement

In reference to Ohm’s law in c i t ing Bekesy. Rayleigh (1877) stated

in connection with his reference to Ohm’s law that “. . . , within
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the limits of audibility the relative phases of the various

components would be a matter of indifference. ” Stevens and Davis

(1938) wrote that the usua l assertion of Ohm’s law is that “the ear

tends to ana l yze the components of a comp l ex sound regardless of

their phase—relations. ”

In contrast to the statements of the four authors quoted

above, four other authors implied that the phase sensitivity

statements were later added by He l mho ltz . Dittrich (1963) wrote

that He I mho ltz , as a result of his exper i ments with synthetic

sounds, determined that “contrary to what was believed up to this

t ime , the musical timbre of a sound depends on the number and the

intensity of its harmonics and not on their phase relation, . . .
Ric hardson (1527) also implied that phase statements were not part

0 of Ohm ’s law by writing that “If Ohm ’s law be true, the question is

natura ll y asked, what influence have the respective phases of the

components of the note on the i mpression of its quality? ’~ it would

appear from the statement that the effect of phase on quality was

not part of Ohm’s law. In support of this conclusion , Richardson is

further cited as hav i ng written that “He l mholtz and also Konig

attacked this problem exper i mentally. ”

Wever (1949) wrote that He l mho l tz supported his resonance

theory of hear i ng

, . , from his exper i ments on th. synthesis of vowels end
other comple x sounds, He showed that such sounds could be
Imitate d by exciting simultaneously a number of tun i ng forks
suitably chosen in frequency and intensity. Only frequency

0 
and intens i ty were significan t var i ables here; the phase
relations could be changed at wil l  withou t noticeable 0

alteration of wha t he referred to as the music a l quality.
Thie Ineffectivenes s of phase, in He l mholtz’s view , was the
reeult of the fact tha t the ear analyzes the sound into it s
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component simp le tones, and phase relations are lost In the
process.

The last author cited to imply that Hel mho ltz added

statements concern i ng the sensitivity of the ear to phase was A.

Wood (1940), who stated that “He l mho itz satisfied himself that

re lative phase is withou t effect on the quality of a note.”

Two authors defi nitel y stated that the additions were made

by He l mhoitz . Lamb (1910) wrote “According to He i mholtz the

influence of phase is Inapprec i able. ” tll lier (1916) wrote that ‘As
th, result of elaborate i nvestigation , Hel mho ltz added the following

laws the quality of a musica l tone depends solely on the number and

relative strength of it s partial simple tones, and in no respect on

their differences of phase.’

In support of the statements made by the four authors Just

cited, A. B, Wood (1930) categor i cally stated that ‘Ohm ’s law says

nothing about the relative phases of the harmonic components Into

wh i ch the ear analyse s the sound , . . . .‘ This statement Is in

direct conflict with those of Bacus , Bekesy, Rayleigh , and Stevens

and Davis.

The interpretations of the eight authors who made no

reference to the ear’s I nsen sitiv It y to phase r~ connection wi th

th.ir statements of Ohm’s law of acoustics is not clear , It is not

unreasonable to think, however , that the l ack of reference implies

that thu r Interpretation pertains only to the frequency ana l yz i ng

abil i t y  of th. ear.

Irs summary, 19 authors (or collaborators) were cit ed who

made re ference to Cha’s acoustical law. Of these authors 58 percen t
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made statements concern i ng the sensitivity of the ear to phase in

reference to the law. Of this group 36 percent stated that Ohm ’s

law inc l udes phase statement., while the other 64 percent stated , or

implied , tha t the law does not inc l ude phase statements , but that

the statements were later added by He i mholtz. The interpretations

of the authors who made no phase statements is not clear.

Pertinent journa l litera ture was also searched to further

ascertain the extent of the confusion as to what constitutes Ohm ’s

law of acoustics. Completeness of the journa l survey is supported

by cross—referenc i ng among the articles. Five articles are cited

which stat. that Hsl mho itz added the statements concern i ng phase

Indifference of the ear. No Journa l articles were found that stated

the contrary.

Beasley (1931) understood that the effec t of phase upon tone

quality was of interest even before Hel mho ltz’ research but wrote

that Hel mho itz “announced the much—quoted laws ‘t he quality of a

musical tone depends on the number and relative strength of Its

partial simpl e tones, and not on their differences of phase. ’”

Beaeley referred to thi s statement as Hel mho ltz ’ “ law.’

Chapin and Firestone (1934) wrote that ‘since the work of

Hei mholtz it has been widely accepted that the tone quai ity of a

complex tone is I ndependent of the relative phases of its

harmonics ,” This statement i~ o li es that the conce~t orjpinated with

Hsl mho l tz,

Schouten (1939) referred to the frequency analyzing a b i l i t y

of the ear as Ohm’s law and further added that “Accord i ng to a rule
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proposed by Hei mho i tz the sound perception will further depend

entirely on the relative intensit y with wh i ch the different

components occur and will be i ndependent of the relative phase of

these components.”

Maths. and Miller (1947) stated the follow i ng in reference

to Helmho l tz’ additions concerning the sensitivity of the ear to

phases

Ohm’s acoustic law states that the ear analyzes a complex
sound into simple tones i ndependent of eat:h other.
He l mholtz as the result of carefully conducted exper i ments ,
amplified this statement with the dec l aration that

the quality of the musica l portion of a compound tone
depends solely on the number and relative strength of its
partIal simple tones, and in no respect on their differences
of phase.”

Craig and Jeffrees (1962) imp lied He l mholt:~’ additions

pertaining to phase by writing that He l mho l tz’ ti-scary did .no t

account for monaural phase effecte and that “he avo i ded the

difficu l ty by deny i ng their existence. ” These aithors cited

Helmho l tz as hav I ng “classifIed an admittedly heard pha se determ i ned

auditory effect (the faint beats produced by a tone and it. mietuned

octave) as only an apparent exception to his phase rule.”

In summary, all relevant journa l articles , checKed for

inc l usiveness by Interna l cross-referencing, indicated unar i mously

that Ohm’s law of acoustic. does pertain to the frequen:y aralyz i ng

abilit y of the ear and that Hel mho l tz later added the .t~ tements

concerning the phase indifference of the ear as a result of his own

exper i mental work,

A careful reading of Ohm and He l mholtz reveals that Ohm aid

not in fact mention the sensitivity of the ear to phase but that
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such statements were later added by He l mho itz as a result of his own

work.

In conc lusion , it appears that the vast major i ty of authors

from the time of He l mholtz to date have held the interpretation of

Ohm’s law summarized Immediate ly above. There appear to be a few

authors, however, who hold different interpretations such as Bekesy,

Ra y leigh , and Stevens and Davis. Whether or not these author s hold

that the phrase “Ohm’s law of acoustics’ inc l udes the origina l

etatemente of Ohm plus later additions by He l mho ltz is not clear.

It is difficult to believe that these authore, in particu l ar, could

make an error of this nature. It seems more likel y that they are

using the phrase “Ohm’s law of acoustics” to mean in a very general

since the combined contr i butions of Ohm and He l mholtz. There is

precedence in such use of terms. For example , Newton’s “un i versal

law of gravity’ ie correct only within certain limits. Later

contributions by Einstein have resulted in a snore correct “un i versal

law of gravity, ” yet the phrase ‘universal law of grav i ty ’ is

applied with equa l correctness to the concepts of Newton, the

concep ts of Einstein , or the concepts of both combined.

It would appear then that In referr i ng to Ohm’s law of

acoustics the i nvestigator is at liberty to app l y the phrase “Ohm’s

law of acoustics ” In a more restricted, generall y used , and correct

eense in reference to the statements of Ohm, or in a looser sense in

reference to the contributions of both Ohm and He l mhoitz. The

•0 I nvestigator will be In good company with either use of the phrase

as this p•psr hes demonstrated , -
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TABLE 1

STATEMENTS OF SELECTED AUTHORS IN REFERENCE TO
OHM’S LAW OF ACOUSTICS

Author Reference Type end Page
1 2 3 4 5 6

Bacus (1969) 99 99
Bekeey (1960) 471 471
Denee (1963) 108 X

- Oittr ich (1963) 32 33
0 Lamb (1910) 2 4

Miller (1916) 62 62
Nordmark (1970) 58 X
Rayleigh (1877) 443 443
R i chardson (1927) 232 233
Sma l l (1970) 

0 X
Stephens and Bates (1950) 7 X
Stevens and Davis (1938) 20 203
Tonedorf (1970) 232 X
Ward (1970) 438 X
Wever (1949) 26 28
Wever and Lawrence (1954) 146
Wh ltfie ld (1967) 143
Wood, A. B. (1930) 366 3S7
Wood, A. (1940) 340 366

1 Statements that Ohm’s law pertains to aura l frequency -

ana l ysis.
2 Statements that Ohm’s law also pertains to the ear’s

insensitivity to phase.
3 Statements that imply that He l mholtz added phase

statements.
4 Statements that He l mholtz added phase statements.
S Statements that Ohm ’s law does not inc l ude any reference

to the sensitivity of the ear to phase.
S No reference to phase in reference to Ohm’s law.



APPENDIX B

AN INTRODUCTION TO DIGITAL COMPUTERS

A d igital computer consists basically of a memoru, a

oroceseina y~jj, and associated Der i oheral devices. The memory

consists of a block of addressable slots, called words, in wh i ch

numbers may be stored or retrieved. The processing unit acts upon

the numbers in memory to perform a logica l or arithmetica l operation

and to return the result back to memory. The action of the

processing unit is controlled by a sequential list of instructions ,

called a aroaram, wh i ch Is also stored in memory. The distinctive

fea ture of a computer that makes it more than a programmed

ca l culator and endows it with its computationa l power is that the

program may modify itself under program control.

The computationa l power of computers is related to the

number or instructions in their repertoire , the speed at wh i ch they

may execute the instruct i ons, and their memory size , Modern

computers are able to execute instructions at rates approaching

one-m illion per second, and have memory sizes in the order of a 
0

quart •r—mill ion words. Memory size is coll oquially specified in

“K ,” where one-K represents 1024 words, e.g., 96 K of memory.

Computers use a binary (base-2) number system to internally 
0

represent numbers because of the ease in which such numbers may be

electronical ly represented , Only two digits are allowed in th.
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binary number syetem , 0 and 1. The digits may be represented , for

example , by the state of a bistable electrical device such as a

Switch. A ten state sw i tch would be requ i red to represent a digi t

in the base—lO number system. Binary digits are colloquially

referred to as ~jfl. In any given computer, each memory word

contains a gi ven number of bits. The greater the number of bite ,

the l arger the number that can be stored.

Computers have a l arge variety of associated per i phera l

dev i ces. Many of the dev i ces are for I nout—outout such as

teletypes , high—speed line printers , osc i I loecor,es,

ana l og—to—digital converters, digital -to-ana l og converters, etc.

Other peri pherals inc l ude magnetic tape and disk mass storage

dev i ces. The data base for a given computer prob l em is typ i ca l ly

greater then what can be stored at one time in memory. The solution

to the problsm is to store the data base on disk , sequential iy read

Into computer memory only as much of the data that can be hand l ed,

process the data , and then sequentially wr i te the data back out to

disk ,

Computer applications appear to be limited only by the

comp l exity of the program which a programmer may devise , i ts speed

and memory s i ze, and the characteristics of its i nput—outpu t system.



APPENDIX C

DATA TABLES

TABLE 2

OISCRIIIINABILITY OF SUBJECTS AK , MF ANO PA BETWEEN AN
IMPULSE AND IMPULSES IN WH ICH A BAND OF FREQUENCY
COMPONENTS ARE DELAYED AS FUNCTIONS OF BANDWIDTH AND

DELAY.

BANDWIDTH DELAY (MILL i SECONDS)
(HERTZ)

0.0625 0.125 0.25 0.5

SUBJECTS AK
100 0.47 0.64 0.63 0.85
200 0.56 0.653 0.67 0.91
400 0.55 0.69 0.84 0.91
800 0.50 0.58 0.82 0.94

SUBJECTs MF 
0

100 0.50 0.49 0.65 0.76
200 0.52 0.71 0.68 0.85
400 0.48 0.53 0.68 0.90
800 0.48 0.61 0.79 0.73

SUBJECTs PA
100 0.53 0.S3 0.60 0.93
200 0.52 0.46 0.69 0.84
400 0.54 0.50 0.54 0.98
800 0.52 052  0.94 0.97
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TABLE 3

DISCRIMINABILITY OF SUBJECTS AK , (IF ANO PA BETWEEN AN IMPULSE AND A
PHASE (IOOIFIED IMPULSE AS A FUNCTION OF INTENSITY. THE PARAMETERS
ARE 500 HERTZ CENTER FREQUENCY, 400 HERTZ BANDWIDTH AND O.2S

MILLISECONDS OELAY.

RELATIVE INTENSITY (OB)
SUBJECT -6 0 6

AK 0.56 0.67 0.87

(IF 0.69 0.68 0.72

PA 0.48 0.49 0.97
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TABLE 4

DISCRIIIINABILITY OF SUBJECT WG BETWEEN AN IMPULSE AND PHASE
MODIFIED IMPULSES AS A FUNCTION OF INTENSITY. PHASE IS MODIFIED

AS FUNCTIONS OF BANDWIDTH AND DELAY.

DELAY (mSec) INTENSITY (dB SL)
68 71 74 77 80 83

8W 100 HERTZ

0.0625 0.550 0.725 0.783
0,125 0.500 0.617 0.700 0.725 0.850
0.25 0.550 0.650 0.817 0.983 0,908 0.983
0.5 0.660 0.917 0.967 1.000

8W - 200 HERTZ

0.O62S 0.467 0.550 0.7S0 0.792
0.125 0.S17 0.567 0.671 0.839 0.922 0.894
0.25 0.567 0.583 0.833 0.992 0.983 1.000
0.5 0.917 0.933 0.983 1.000

BW - 400 HERTZ

0.0625 0.467 0.500 0.517 0.625 0.750 0.833
0.126 0.608 0.489 0.794 0.850 0.972
0.25 0.661 0.817 0.894 0.933 0.961
0.6 O.917~ 1.000 0.992

8W • 800 HERTZ

0.0625 0.467 0.617 0.633 0.783
0.125 0.483 0.550 0.600 0.760 0.867 0.860
0.25 0.467 0.683 0.9S0 0.950 1.000
0.5 1.000 1.000
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TABLE S

DISCRIMINABILITY OF SUBJECT WG TO DISPERSION IN IMPULSES AS A
FUNCTION OF BANOWIOTH AND DELAY FOR A FIXED CENTER FREQUENCY OF 500
HERTZ AND SENSATION LEVEL OF 80 OB USING A CLASSICAL CONSTANT

STIMULI EXPERIMENTAL DESIGN.

DELAY (mSEC) BANDWIDTH (HERTZ)
100 200 400 800

0.0625 0.51 0.55 0.58 0.68

0.125 0.52 0.61 0.79 0.92

0.2S 0.76 0.92 0.95 0.96

0,S 0.89 0,98 1.00 1,00

4



125

TABLE 6

MEAN ANO STANDARD DEVIATION OF THE DISCRIMINABILITY OF SUBJECT 140
BETWEEN AN IMPULSE AND IMPULSES IN WHICH A BAND OF FREQUENCY
COMPONENTS ARE DELAYED AS FUNCTIONS OF CENTER FREQUENCY , BANDWiDTH

AND DELAY.

DELAY BANDWIDTH (HERTZ)
(mSEC) 50 100 200 400 800 1600 3200

FC • 250 HERTZ

0.0625 0.4833 0.4667 0.5500 0.6000
0.0204 0.0540 0.0364 0.0707

0.126 0.5250 0.5417 0.6167 0,7333
0,0354 0.0816 0,1633 0.1080

0.25 0.7833 0.7417 0.8917 0.9500
0.0816 0.1744 0.2041 0.0612

0.5 0.9000 0.9583 0.9683 0.9917
0.0354 0.0204 0.0408 0.0204

FC - 500 HERTZ

0.0625 0.4833 0.6500 0.6600 0.7083 0,6278
0.0204 0.1841 0.1225 0.1124 0.0068

0.125 0.8600 0.7333 0.9222 0.9722 0.9066
0.2121 0.0408 0.0360 0.0136 0,0593

0.25 1.0000 0,9222 0.9722 0,9611 0.9917
0.0000 0.0491 0.0272 0.0758 0.0204

0.6 1.0000 1.0000 1.0000 1.0000 1.0000
0.0000 0.0000 0,0000 0.0000 0.0000

FC - 1000 HERTZ

0.0625 0.5750 0.8417 0.7250 0.8083 0.7750 0.9125
0.0354 0.2131 0.1275 0.1242 0.0364 0.0530

0.125 0.9083 0.8583 0.8750 0.9917 0.9500 0.9875
0.0540 0.1671 0.1061 0.0204 0.0707 0.0177

0.25 1.0000 0.9917 0.9917 1.0000 1.0000 1.0000
0.0000 0.0204 0.0204 0.0000 0.0000 0.0000

0.5 1,0000 1.0000 1.0000 1.0000 1.0000 1.0000
0. 0000 0.0000 0.0000 0.0000 0.0000 0.0000
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TABLE 6 (CONTINUED)

DELAY BANDWIDTH (HERTZ)
(mSEC) 50 100 200 400 800 1600 3200

FC • 2000 HERTZ

0.0625 0.6063 0.7100 0.737S 0.9063 0.8625 0.8813 0.7250
0,1293 0.2706 0.1920 0.1083 0.1031 0.1139 0.1768

0.125 1.0000 0.8563 0.9417 0.9500 0.9667 0.9750 0.9167
0.0000 0.1672 0.0540 0.1458 0.0408 0.0394 0.0408

0.25 1.0000 0.9833 1.0000 1.0000 1.0000 1.0000 1.0000
0.0000 0.0204 0.0000 0.0000 0.0000 0.0000 0.0000

0.5 1.0000 1.0000 1.0000 1.0000 1.0000 1.0000 1.0000
0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000
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TABLE 7

DISCRIMINABIL ITY OF SUBJECT WG BETWEEN A STANDARD NEUTRAL VOWEL
STIMULUS AND PHASE MODIFIED VARIANTS OF THE THE VOWEL IN WHICH A
BAND OF FREQUENCY COMPONENTS ARE DELAYED AS FUNCTIONS OF CENTER

FREQUENCY, BANOWIOTH , AND DELAY.

BANDWIDTH OELAY (MILLISECONDS)
(HERTZ) 2 4 8 16

FC • 250 HERTZ

50 0.000 0.000 0.000 0.000
100 0.000 0.000 0.067 0.333
200 0.000 0.067 0.167 0.833
400 0.000 0.400 0.800 0.933

FC - 500 HERTZ

100 0.000 0,000 0.167 0.200
200 0.033 0.033 0.333 0.600
400 0.000 0.567 0.267 0.700
800 0.200 0.800 0.467 0.533

0 

FC • 1000 HERTZ

100 0.000 0.033 0.067 0.050
200 0.000 0.033 0.300 0.400
400 0.033 0.267 0.333 0.700
800 0.333 0.967 1.000 1.000

FC - 2000 HERTZ

100 0.000 0.033 0.067 0.133
200 0.067 0.033 0.100 0.400
400 0.067 0.167 0.633 0.767
800 0,067 0.467 0.900 0.967

_____ 
~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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TABLE 8

DISCRIMINABILITY OF SUBJECT NC BETWEEN A STANDARD PLOSIVE, /t/, AND
PHASE MODIFIED VARIANTS OF THE PLOSI VE IN WHICH A BAND OF FREQUENCY
COMPONENTS ARE DELAYED AS FUNCTIONS OF CENTER FREQUENCY , BANDWIDTH ,

AND DELAY.

BANDWIDTH DELAY (MILLISECONDS)
(HERTZ) 2 4 8 16

0 

FC - 250 HERTZ

50 0.050 0.000 0.000 0.000
100 0.000 0.000 0.050 0.050
200 0.100 0.500 0.950 1.000
400 0.100 0.500 0.850 1.000

FC • 500 HERTZ

100 0.050 0.150 0.950 1.000
200 0.060 0.100 0,900 1.000
400 0.400 0.800 1.000 1.000
800 0.600 0.900 1.000 1.000

FC - 1000 HERTZ

100 0.100 0.OSO 0.100 0.300
200 0.OSO 0.150 0.250 0.850
400 0.150 0,000 0.400 0.960
800 0.200 0.750 0.900 1.000

FC - 2000 HERTZ

100 0.050 0.067 0.100 0.100
200 0.150 0.133 

- 

0.050 0.050
400 0.OSO 0,067 0.360 0.950
800 0.300 0.600 1.000 1.000



129

TABLE 9

DISCRIMINABILITY OF SUBJECT 140 BETWEEN A STANDARD FRICATIVE , /f/,
AND PHASE MODIFIED VARIANTS OF THE FRICATIVE IN WHICH A BAND OF
FREQUENCY COMPONENTS ARE DELAYED AS FUNCTIONS OF CENTER FREQUENCY,

BANDWIDTH, AND DELAY,

BANDWIDTH DELAY (MILLISECONDS)
(HERTZ) 6 8 16 32

FC • 250 HERTZ

50 0.000 0.000 0.000 0,000
100 0.100 0.150 0.100 0.850
200 0.300 0.100 0.850 1.000
400 0.050 0.200 0.900 1.000

FC • 500 HERTZ

100 0.100 0.000 0.300 1.000
200 0.050 0.050 0.300 1.000
400 0.400 0.250 0.850 1.000
800 0.550 0.650 1.000 1.000

FC - 1000 HERTZ

100 0.000 0.000 0.000 0.600
200 0.033 0.000 0.S50 1.000
400 0.000 0.167 1.000 1.000
800 0.033 0.167 0.950 1.000

FC • 2000 HERTZ

100 0.000 0.000 0.050 0.OSO
200 0.067 0.000 0.150 1.000
400 0.067 0.200 0.750 1.000
800 0.233 0.650 0.850 1.000



APPENDIX 0

SELECTED SOFTWARE DESCRIPTION

GSYS

GSYS is an interactive computer program used to process,

rep l ay, and disp l ay audio signals, and to administer psychophysica l

tests. The program is written in SAIL, an ALGOL—like high— l evel

computer l anguage. The program types a herald on the controlling

termina l to ind i cate its read i ness to accept a command. After

executing any given command, the program again types the herald and

re—enters Its wa i tin g state. A list of the avaIlable commands may

be obtained by typ i ng a question-mark. Typ i ng the first character

of a command results in the automatic typ i ng of the rest of the

command name. The program will  request parameter va l ue i nput if

required by the given command. The program is organ i zed around a

l arge program buffer wh i ch is used to store audIo data for

processing, rep l ay, etc. Th. audio data are organ i zed as audio

f i l es  for man i pulation . Provisions are made for the absolute

accessing of audio data on disk . A description of the aud io f i l e

system follows under the ti tle of FILES. System commands Inc l ude

the followings

AVGOUT Remove any DC bias from the audio data stored in the
program buffer.

CONVOLVE Convo l ve a given source file with a given kernel fiie.~The results are left in the program buffer.
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DRIVE Change the default dr i ve number.

EXPUNGE Delete an audio file stored on disk .

FREOUENCY Set the frequency of the digital-to-ana l og converter.

GET Copy an audio file from disk to the program buffer.

INPUT Copy audio data from disk to the program buffer using
absolute disk addressing.

KERCEN Generate the frequency domain representation of the
idealized filters used in the etudy.

LIST List the disk file directory.

MAKE Generate special audio signals In the program buffer.

NWOROS Spec i fy the number of words of data in the program
buffer in reference to the buffer ’s l ower i ndex to be
used in processing, rep l ay, etc.

ONOFF Window the audio data in the program buffer with a
trapezoi da l window.

PLOT Display the audio data in the program buffer on -the
storage oscilloscope , See the documentation for PLOT in
GMAC .

RMS Type the RMS va l ue of the data in the program buffer.

SAVE Copy the program buffer to a disk file.

TEST Psychophysica l test. See the documentation for IAFCT In
GIAC.

ZERO Clear the program buffer.

1IOX Set the program buff er ’s l ower i ndex.

2IDX Set the program buffer’s upper i ndex.

ST’S Design a filt er using the ST’s method. The KERGEN
command is first called to spec i fy the i dealized filter
characteristics.

$PLAV Play the data in the program buffer through the
digital—to—a na l og converter.



132

GMAC

GMAC is the author’s Assemb l y l anguage subroutine library.

The subroutines are used by GSYS. The follow i ng subroutines are

sel ected for descriptions

SUBROUTINE IAFCT (ORIVE,X,RLST)

IAFCT is an interactive audio file compar i son test subroutine. It
presents a number of audio file-pairs for discr iminat ion testing
through DA16A . The follow i ng commands are prov i deds

BEGIN TEST Start the test program.

DELAY Set the time de l ay between signa l pairs and between
signals of the pair,

INDEX Set the beginning i ndex into the signa l —pair
random i zer.

LIST RESULTS Type a (i,t of the si gna l —pairs presented , the
number of times each pair-type was presented , and
the number of correct di scriminations for each
pa i r—type.

NUMBER Set the number of times that the signa l —pair list is
random i zed and presented.

REF TABLE Input a lis t of signa l -pairs from the termina l to be
presented in the test. Terminate the li e t with —1 .

TTV MOOE TRUE (—1)s Get listener ’s response from the TTY for
each signa l -pair presentation. FALSE (0), Present
the whole test without ITY interaction.

7 Type the command list.

SUBROUTINE APF1 (X ,Y,PWR2,FC,BW,Tfl,SFREQ)

APF1 spec ifies the frequency domain characteristics of an ideal
filter designed to give a constant time de l ay (TO) to a band of
frequency components (8W) centered around a given center frequency
(FC). The magn i tude is returned in X, and the - phase in V.
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SUBROUTINE CONV(X,PWR2,NREC,RPK,RBLK ,I4PK,WBL.K)

CONV performs linear convolution. It assumes that the kerne l
resides in the first N words of array X. where N—2P14R2. The
subroutine types the record number , the i nput disk block , the output
disk block , and the number of pack i ng overflows for each record.

SUBROUTINE PLOT (N,NWOROS.OELTA)

PLOT is an interactive plotting subroutine with the follow i ng
comman ds,

C Gri d comp l ex i ty .

E Expand and plot with one-shot settings of grid coordinates,

H Hori zontal l abel.

I Intensity.

M Compute new V-coord i nates for each plot.

0 Offset V—coord i nates from average.

P Plot.

I Grid type.

U Multiple plot on same grid I mage.

V Vertical label,

V Y—coordinates from the TTY.

7 Type this list.

ccarr i ags return> Subroutine return.

FILES

FILES Is a simple fi l e system desi gned to facilitate the 0
storage and retrieva l of data on pr i vate disk packs. The system
formats a given pack by stor i ng a directory image on the disk pack
beginning at block 200. The first two words of the directory image
serve as the directory header with the follow i ng format:

WORD 0* Left Justified SIXBIT Key-word ~AIJOIO.
M

WORD 1. Left justified SIXBIT pack name. 
0
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Follow i ng the directory header are 1023 2-word file descriptor
blocks with the follow i ng formats

WORD Os LHs User supplied data.
RH: File block location.

WORD 1. BITS 0-12: Date of file creation.
BITS 13-35: Length of file (WORDS).

Data Is stored on disk beg i nn i ng at block 1000. Data may be stored
up to , and inc l uding , block 39999. The files on a given pack are
referred to by a file number rang i ng from 1 to 1023. When a new
file is created the system finds and returns the fIrst free block
number above the file occupy i ng the highest numbered block.

SUBROUTINE SETDIR (ERROR ,DR!VE ,NAME) formats a given disk pack for
the file system and clears the directory .

SUBROUTINE OELF (ERROR,ORIVE ,FILNUM ) deletes a file from the
directory.

SUBROUTINE DIR (ERROR ,ORIVE .MODE) types the directory information on
the TTV.

SUBROUTINE ERR (ERROR) types the error message associated with an
error number on the TTY. ERR is a NO—OP if ERROR-O.

SUBROUTINE OPENR(ERROR,ORIVE ,FILNUM ,BLOCK,NWORDS,OATA ) returns disk
addressing information and data perta ining to a given file number.
Used to read old data from disk.

SUBROUTINE OPENW (ERROR ,DR! VE,FILNUII, BLOCK ,NWOROS. DATA , AGE) returns 
0

disk addressing InformatIon and associated pertinent information for
a g i ven file number. Used to write new data on diek.
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- ithat discri.minability could be measured as functions of cen’er frequency, band-
width and delay. The stimuli used in the tests included an impulse , phonemes ,
words, and a sentence.

Sensitivity to dispersion in impulses was shown to be dependent on inten-
sity, center frequency, bandwidth , and delay . Discrim ination scores half way
between chance and perfect performance were achieved for dispersed impulses with
delayed bands of frequency components centered between 250 and 500 He~t~ and
delayed between 0.0625 and 0.125 milliseconds. Sensation level of t1~~stimulus
pairs was 80 dB. The effect of bandwidth on discriminability appears to reach a
plateau at 100 Hértz,)which is to say .that.bandwidths of interest are less than
100 Hói’?E~ ~~~~ 

-. 

~+ i. e., —— --— — --—--“

“fl~~ neutral vowel , the plosive It! , and the fricative /1/ were used as
stimuli in experiments in which phonemes served as the standard stiiiuli. The
stimulus pairs were presented at levels approximating normal conversational
level speech , i.e., 70, 32 , and 35 dB Sensation Level respectively. Discrimin-
ability was observed to be strongly dependent on bandwidth and delay. A very
slight, if any, decrease in discriminability was observed with increased center
frequency. Rank ordering of the phonemes in decreasing sensitivity to disper-
sion is plosive, vowel, and fricative. For bandwidths of approximately 100 to
400 Hertz, the plosive requires 4 to 8, the vowel 8 to 16, and the fricative 16
to 32 milliseconds of delay. For wider bandwidths, the respective ranges are 2
to 4, 2 to 4, and 4 to 8 milliseconds . More explicitly , for narrower bandwidths~the plosive requires 4 to 8 milliseconds for 100 to 200 Hertz bandwidth, the
vowel 8 to 16 milliseconds for 100 to 400 Hertz bandwidth, and the fricative 16
to 32 milliseconds for 100 to 400 Hertz bandwidth. For wider bandwidths the
plosive requires 2 to 4 milliseconds for 200 to 400 Hertz bandwidth, the vowel
2 to 4 milliseconds for 200 to 800 Hertz bandwidth, and the fricative 4 to 8
milliseconds for 400 to 800 Hertz bandwidth. Less delay is required for greater
bandwidth since discriminability is directly dependent on both independent
variables.

Discriminability scores obtained from tests using words and a sentence as
standard stinuli agree with the scores obtained from tests using phonemes.
Discriminability half way between chance and perfect performance was obtained
for the dispersed sentence in which a 400 Hertz band of components centered at
500 Hertz was delayed between 4 and 8 milliseconds. The score agrees with that
for a vowel which implies that cues to dispersed sound quality in continuous
speech arises from vowel dispersions.

The results of the study indicates that speech processing systems intro-
ducing no more than a few milliseconds of dispersion will cause little detriment
to the speech quality. This conclusion is significant inasmuch as it is
difficul t, if not impossible , to determine the phase of many speech processing
systems.
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