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Whorf (1956) claimed that speech Is the greatest show people put on and we are
fathered here as part of our effort {o gain some insights Into a few acts of this great
show, The information-processing approach provides a worthwhile analvtic tool
In the study of language processing. The goal Is te dissect the complex show into its
component parts. With this analysis, we hope t0 understand each of the parts and
how they Interact together in communication. The study of speech perception has
been greatly Influenced by the information processing approach in the last decade,
According to the prototypical Information-processing madel, speech perception
beging with the langauge stimulus and invalves a sequence of internal processing
stages before undersianding occurs, The processing stages are logically successive
although they overlap In timae, Each stage of information processing operates on the
Information that Is available to it and makes this transformed information available
to the next stage of processing,

The speech stimulus consists of changes in the atmospheric pressure at the ear of
the tistener. The listener is able to experience the continuous changes in pressure
as a set of discrete percepts and meanings. Our goal is (o analyze the series of
processing stages that allow this impressive transforrnation to take place. Figure 1
presents the model we have used to describe the temporal course of speech
perception (Massaro, 1975a, 1976b, 1978, 1978, Oden & Massaro, 1978). At each
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FIGURE 1 Schematlc diagram of the general auditory information processing
model,
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stage the system contains structural and functional components. The structural
component represents the Information avatlable at a particular stage of processing.
The functional component specifies the prosedures and processes that operate on
the Informatien held in the corresponding structural component. The model
distinguishes four functional componaents; feature detection, primary recognliiion,
secondary recognition, and rehearsal-recoding. The corresponding structural
components represent the Information avallable to each of these stages of
processing. The present paper will provide a formal development of feature
detection and primary recognition processes within this information-processing
{framawork,

The changes in sound pressure set the eardrums in motion and these mechanical
vibrations are transduced into a sel of neural iImpulses. The neural impulses have a
direct relationship to the changes in mechanical vibrations. We call the trans-
formation from mechanical to neural information, feature detection and evaluation,
The complex signal in the form of continuous changes in vibration pattern ls
transformed Into a relatively small set of acoustic features. Features do not have to
ba reialively primitive such as the amount of energy in a particular frequency band,
but they may include information about the duration of sound or silence, the rate of
intensity change, and the rate of frequency change. It would be possible, for
example, to have a feature delector that responds to the rising first formant
transition that is characteristic of the class of stop consonants.

One traditional concern in speech research has Deen to delermine the acoustic
features that are ulilized in perception. in terms of the model shown in Figure 1,
the feature deteclion process places fealures In a brief temporary storage calied
preperceptual auditory storage, which holds information from the feature detection
process for about 250 msec. The primary recognition process Integrates these
features into a synthesized percept which Is piaced In synthesized auditory mamory.
One critical question s what features are utilized and a second important guestion
Is how are all of the features Integrated together. Does the listener only process the
least ambiguous feature and Ignore all others, or are the features given egual
welght, and so on? Despite the overwhslming amount of research on acoustic
features, very little is known about how the listener puts together the muititude of
acoustic features in the signal in order 1o arrive at a syntheslzed percept.

The Integration of acoustic features has not been extensively studied for iwo
apparent reasons. The first Is that research In this area was highly influenced by
linguistic descriptions of binary all-or-none distinctive features (Jakobson, Fant,
& Halle, 1951), Given the assumpticn of a binary representation of distinctive
fealures the integration of information from two or mare dimensions would be a
trivial problem, Integrating binary features from volcing and place of articulation,
for exarnple, could be carried out by simple foglcal conjunction. if the consonant /b/
were represented as voiced and labial and /p/ were represented as voiceless and
lablal, the identification of voiced lablal sound would be /b/ whereas the
identification of a voiceless lablal sound would be /p/. The simplicity of the logical
conjunclion of binary features may have discouraged psychologists and Hnguists
from the study of the Integration of acoustic featural informatlon, .

A second reason for the neglect of the integration problem is methodologlcal, The
primary method of study involvad experiments in which the speech sound was varied
along a single relevant dimensicn, For example, in a study of voicing all voicing cues
were made neutral except one, such as voice onset time and then this dimension
was varied through the relevant values. Similarly, place of articulation was studied
by neutralizing all cues but one, and then varying the remaining dimension t.hrough
the appropriate values. Very few experiments independently varied both valcing and
place cues within a particular experiment. Those experiments that did (Hoffman,
1958) essentially reduced the data analyses lo those of single dimension
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experiments. Therefore, little Information was avallable about how these cues were
Integrated into a synihesized percept.

More recently, we have initiated a series of experiments that are aimed more
directly at the study of the integration of acoustic features In speech perception
{(Massaro & Cohen, 1976, 1977; Oden & Massaro, 1878). In conirast to the traditional
lingulstic description, we assume thal the acoustic features held in preperceptual
suditory storage are continuous, so that a feature indicates the degree te which the
quallly i3 presant In the speech sound. Rather than assuming that a feature is
present or absent, It |5 necessary to describe a feature as a function of its degree of
presence. This assumption is similar to Chomsky and Halle's {1968} distinction
between the classificatory and phonetic function of distinctive features, The features
are assumed to be binary In thelr classificatory function, but not in their phonetic or
descriptiva functlon. In the latter, features are muitivalued representations that
describe aspects of the speech sounds In the perceptual representation. Simifarly,
Ladefoged (1975) has also distingulshed between the phonetic and phonemic level of
leature description, A feature describing the phonetic quality of a sound has a value
along a continuous scale whereas a feature classifying the phonemic composition I3
alven a discrets value. In our framework, the continuous features in preperceptual
slorage are transformed Into discrete percepts in synthesized memory by the
primary recognition process.

There now appears {0 be some evidence thal listeners ¢an transmit information
abou! the degree to which a given acoustic feature Is present in a speech sound
{Barclay, 1972; Pisoni 8. Tash, 1974). Miller (1977a) asked listeners to monitor ong
ear during a dichotic presentation of a volced stop to the monitored ear and a
volceless stop to the unmonitored ear. The voice onset time (VOT) of the volcaless
stop signtficantly affected the identification of the voiced stop to the monitored ear,
the likelihood of a volceless response Increased systematically with Increases in the
VOT values of the stop presented to the unmonitored ear. In addition, adaplation
with voiceless stops decreased volceless responses as a direct function of the VOT o
the adapting stimuius. Miller (1977a) interpretad these rasuits to Indicate that the
output of the feature detector for VOT s a graded signa! whose magnitude Is a direct
function of VOT. )

Although Mitler's results are conslstent with the idea of continuous or mulll-
valued outputs of fealure detectors, they do not disprove the possibility of all-or-
none outputs.. The findings of a relativeiy continuous identification function as a
function of some stfmulus property does not distinguish between the kinds of feature
outputs, As assumed by the original categorical parception model (Libarman, Harris,
Hoflman, & Griffith, 19573, ldentlfication probability can refiect the proportion of
times the listener heard the stimulus as a glven speech sound, not the degree to
which the stimulus represented that speech sound. Accordingly, Milier's finding
that the Identification of a monitored sound was Influenced by the VOT of the stop
presented to the other ear might simply reflect the likellhood of the VOT detector
firing in an all-or-none manner. Increasing the VOT of the non-monltored ear would
change the probability of firing. Similarly, the effectiveness of an adapting stimulus
as a function of 1ts VOT value can simply reflect the probability that the stop Is heard
as completely voiced or completely voiceless on each successive presentation in the
adapting series.

Asking listeners for continuous rather than discrete Judgments provides a more
direct method of assessing the nature of the output of feature detectors. if a stop
consonant is conslstently rated as being .6 voiced, we would have evidence for the
avaitabllity of information about the degree to which a feature i3 represented In a
sound. Since an average rating of .6 may also result from averaging across discrate
judgments, it Is necessary to evaluate the distribution of rating responses in
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differentiating between the possibilities of binary and continuous featural
information. We have used rating responses to evaluate the nature of the featural
information avaitable to listeners In the perception of stops differing In VOT and
F2-F3 formant transitions and vowels differing in their steady-state formant values
(Massaro & Cohen, in preparation).

In these rating studies, subjects first listened 1o a stop consonant continuum
changing in place (ba to da) or voicing {ba to pa) or a vowel continuurn going from |
tot. The listeners were instructed about the nature of the continuum and were asked
to rate the sounds according to where they fell on the continuum. The rating
response was made by setting a polnter along a 5.5 ¢ scale. The ends of the scale
were labeled with the two alternatives and subjects were told to place the pointer to
the location that they think the sound belongs. The sounds were presented In random
order and each subject rated each of the seven sounds on a given continuum 160
times. Figure 2 shows that the rating responses were a systematic function of the
stimutus values for each of the three continua. The i-\ continuum was discriminated
slightly better than the two stop continua as indexed by the larger range in ratings
and the smaller standard deviations. However, we are confident that the vowel
ratings could be made identical to the stops by either decreasing the stimulus range
for the vowels or increadsing the stimulus range for the stop consonants.
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FIGURE 2 Rating responses for three speech continua.

The raling judgments demonstrate that listeners can transmit continuous
information about acoustic properties of speech sounds. In the model developed by
Oden and Massaro (1978}, each acoustic feature is represented as a fuzzy predicate
which describes the degree of presence or absence of the feature In the speech
sound. The fuzzy predicate speclfies the degree to which it is true that the sound has
the acoustic feature. Truth values are expressed as continuous vatues between zero
and one. For the dimension of VOT,

P {long VOT (Sjj)) = .60, n

would represent the statement that It is .60 true that the sound $jj has a fong VOT.
According to this idea, each unique value of VOT could take on a uniqus truth value,
The rating judgments provide a relatively direct index of these truth vatues.

Once the idea of continuous features Is accepted, the integration of Information
across two or more features becomes an important issue. in traditional all-or-none
classificatory schemes, logical conjunction was suffictent to combing values ecross
dimensions. Pluses and minuses in the feature matrix were sufficient to classity the
speech sound. Many possible classificatory schemes can be developed to reprasent
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the integration of continuous featural information. Tests of models of featural
integration r_equira multifactor experiments rather than the more traditional single
factor experiment. In a multifactor experiment, two or more acoustic dimensions
are independently varied so that all combinations of the values of ona dimension
are palred with all combinations of the values of another property, The factorial
design is optimal because it optimizes the number of data points relative to the
number of parameters needed Lo test the varlous models of classification. Each level
of each dimension requires a free parameter since the psychophysical function
between the acoustic dimension and the truih value representing the feature is not
usually known, However, Oden and Massaro (1978) and Derr and Massaro
(subml_tted) have had sorne success in using an ogival relationship between the
acouslic dimension and the truth values.

The pgnyal relationship predicis a reasonable relationship between changes in the
acoustic dimension and changes in truth value. At extreme stimulus values, changes
In the stimulus should have littie consequence for the truth values. At Intermediate
stimulus values, however, small changes in the stimulus should produce relatively
Lirg&szgznges in the truth values. A quantification of this relationship can be
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axcept that values less than zero are set to zero and values greater than one are set
to one. The form of the ogival function is specified by the three parameters a, b, and
¢. The vglugs aandb al[ow the oglval function to shift along the stimulus dimension
to position it at the optimal place. The exponent ¢ determines the steepness of the
ogwai curve, vaan that the ogival relationship requires 3 free parameters, a
stimulus dimension of seven lavels can be specified by just three rather than seven
free parameters.

In order to {llustrate how the present model Is applled and tested, consider an
experiment carried cut by Massaro and Oden {submitted). Seven levels of volica
onset time (VOT) were crossed with seven lavels of the onsets of the F2-F3
transitions {n stop consonant-vowel syllables, The VOT ranged from a completely
voiced to a completely voicaiess sound. The values were 10, 15, 20, 30, 25, and 40
msec. The seven levels of the F2-F3 onset frequencies ranged from 1345 {o 1796
Hz for F2 and 2397 to 3200 Hz for 3 to give a continuum of sounds golng from a
labial to an alveolar place of articulation. Subjects made repeated identifications of
the 49 unique syllables from the alternatives /ba /, fda /, Ipz ,and fle /.

The four panels of Figure 3 present the parcentage of fba I, Ipa/, Ida /, and
Itz | identifications, respectively, 23 a function of the two Independent varlables.
The levels along the abacissa are not equally spaced but rather hava been adjusted to
be proportionat to the differences between the respective marginal means across the
levels of the F2-F3 transitions. The differences were computed separately for each
of the four response alternatives and then averaged over response types o that all
four of the panels have 1he sarne spacing along the abscissa.
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FIGU‘RE 3 Percentage of iba f, Ipa |, Ida !, and tal identificatlons as a
function of VOT and F2-F3 transitions.

) Evalu;ﬂion of the results is facilitaled by developing the basic model of featural
integration given by Oden and Massaro {1978)., Each of the four response
afternatives is specified as a protolype corresponding to a proposition

Iba {: ({short VOT) and {fow F2-F3 onsets) {4}
[pa/: (long VOT)and (low E2-F3 ongels) {5}
lda /, (short VOT)and {high F2-F3 onsets) (8)
Itel: (long VOT}and {(high F2-F3 onsets) {n

The properties for the prototypes would also include other acoustlc features
characterizing stop consonants and the vowe! / @/, These are not included In the
propositions since thay are present In all of the four aiternatives. These propositions
specily the ideal values of each of the acoustic features for the particular speech
so0und,

Upon presentation of a speech sound, the feature detection process applies a
truth vatue for each acoustic feature. The truth value specifles the degree to which 1
is true that the sound has the relevant acoustic feature. For exampls,

t{short VOT (§;))} = .60 {8)

represents that it is .60 true that the speech sound Sij, from the ith row and Jth
coiumn of the factorial stimulus design, has a short VOT. To simplify the notation,
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let 8Vj and LV correspond to short and long VOTSs, respectively. The subscript |
signifles that the vatues change only with changes in the row variable VOT.
SimHarly, LO} and HOj correspond to low and high F2-F3 onsels, respsctively.
The values change only with changes in the column | variable of the F2-F3 onset
frequencies.

ItIs possible to simplify the descriptions of the prototypes by allowing each feature
to be symmetrical along its acoustic dimension. in this case, a long VOT could be
specifled as the negation of the short VOT

fong VOT = NOT{short VOT) (9}

It is also reasonable to define the truth of the negation of a feature as one minus
the truth vaiue of the feature. In this case, If .6 specifies the truth value of a short
VOT, then 1 - .6 = .4 would specify the truth value of a long VOT. In general, the
vatue LV) = 1 - 8V|. A similar symmetry could be assumed betwean high and tow
F2-F3onsets

low F2-F3 onsets = NOT (high F2-F3 ansets) (10}

Following this logic, the value LO; would be equal to 1 - HOp Within limits, the
assumption of symmetrical features in the prototypes leads to equivalent predictions
as the more complex model given by Equations 4-7. Incorporating the assurnption of
symmetrical fealures in the protolype definitions gives Equations 11-14 in place of
Equations 4-7 '

jba [ {short VOT)and NOT (high F2-F3 onsets} (+1)
Ipa f: NOT (short VOT) and NOT (high F2-F3 onsets) (12)
Ida I (short VOT) and (high F2-F3 cnsets) (13)
{taf: NOT (short VOT)and (high F2-F3 onsets) (14}

At the prototype match stage, the truth values derived from feature detection are
inserted in the protolypes. High truth values in the protolypes would represert a
good match of the speech sound with the prototype alternative whereas low truth
vaiues would represent a poor match. However, a precise index of the degree 1o
which the spsech sound matches each prototype requires the conjunction of truth
values across the acoustic features, Two possible conjunction rules are addition and
multiplication, Given an additive conjunction rule, the degree to which the sound
Sij matches the prototype /b/ is given by the matching function

ba (8ij) = 8V + LOj (15}
The multiplicative rule gives the matching function
be (8))) = 8V} x LOj {16)

Given the matching functions for each of the alternative prototypes, the speech
sound is Identitied on the basis of the refative degree of match. Following the
rationale of Luce's (1959) choice model it is assumed that the probability of
identifying & stimulus to ba a particular syllable is equal to the relative degree to
which that syflable matches the stimulus compared to the degree of match of the
other syltables under consideration. In our example, the person must identify the
speech sound as either /b /, fpa f, [da [, or ltel.

The probabliity of a /ba ! Identification will, therefore, be given by
ba (Si))

P(ba[Sj)) = ba(S)) + pa (S + da (8 +ta (S (a7
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where the varlables In the ratic represent ths matching functions for the four
alternative speech sounds.

Returning to the results of the Massaro and Oden study shown In Figure 3, we
can evaluale them in terms of the simple fuzzy logical model. The results provide a
qualilative test belween additive and multiplicative conjunction rules. An additive
conjunction rule in the present model predicts a series of paralle! lines within each of
the panels, A multiplicatlve combination predicts a fan of diverging lines. For each
response alternative, the pattern of results Is that of a gradually diverging fan of
curved lines, The fact that the lines come together at a point at zero percent and that
the bottorn curves are relatively flat near zero percent indicate that the Information
about the features associated with the two independent variables are combined In a
multiplicative rather than additive or other fashion (see Massarg & Cohen, 1976;
Oden, 1977) for each of the candidate phonemes.

The multiplicative combination rule has an appealing property not given by the
additive rule. In the additive rule, a feature carries the same weight regardless of its
value or the value of other features. The multiplicative rule, on the other hand,
allows the least ambiguous feature to carry more weight with respect to the final
truth value (ses Massaro & Cohen, 1976).
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FIGURE 4 Percentage of voiced identifications (tba | or Ids 1) as a function of
VOT, the level of F2-F3 transgitions Is the curve parameler.

Although the multiplicative combination rule does a better job than the additive
rule, something in addition to a simple multiplication of the acoustic features of
VOT and F2-F3 onsets must be involved. The simple model given by Eguations
16 and 17 predicts straight lines when the abscissa is spaced in the manner of Figure
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3. To beiter evaluate how the results deviate from tha predictions of the simple fuzzy
logical model, the responses can be replotted in terms of the percentage of volced
identitications on the one hand, and the percentage of labial Identifications on the
other.

Figura 4 presents the percantage of times the stimuli were identified to be voiced
phonemes (/bz / or /da /) plotted as a function of VOT; F2-F3 transitions is the
curve parameter. Tha results show that VOT Is a sufficiant cue for voicing; the data
go from completely voiced at a 10 msec VOT to completely voiceless at a 40 msec
VOT. Phoneme identifications were most ambiguous with respect to veicing at the
20 and 25 msec VOTs. Although VOT was a sufficient cue to voicing, Figure 4 shows
that F2-F3 transitions also had a consistent influence on voicing: the percentage of
voiced phoneme identifications increased as the onset frequencies of the F'Z—FS
transitions decreased. This result contrasts with our previous finding of no voicing
boundary shift (Oden & Massaro, 1978) or the findings that the voicing boundary is
at shorter values of VOT for labial stops than it is for alvedlar stops (Lisker &
Abramson, 1970; Mitler, 1977)
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FIGURE 5 Percentage of labial ideniifications {Ipa | or Ibae‘ /) as a function of
F2-F3 transitions; VOT Is the curve parameter.

Figure 5 presents the percentage of times the stimull were Identified to be lablal
phongames (?’baa forilp api) asa f%nctlon of the F2-F3 transitions; VOT is the curve
parameter, Replicating previous findings, phoneme Identification with respect t:o
place changed from lablal to alveolar with Increases in the onset frequancies of the
F2-F3 transitions. Sounds with low F2-F3 onset frequencies were consistently
heard as lablal phonemes whereas those with high frequencies were heard as
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alveolar phonemes. Intermediate frequencies gave more ambiguobus Identlficatlons.
Although the F2-FJ transitions were sufficient eues to placs, VOT aiso had a
relatively large influence on place, especlally at the intermediate levels of the
F2-F3 transitions. Decreasing the VOT decreased the lkelihood of a iabial
identilication. The place boundary was at level 3 of the F2-F3 transitions for & VOT
of 15 msec whareas it was at level 4 for 2 VOT of 35 msec. The decrease in-the
percentage of lablal identifications with decreases in VOT was highly conslstent
except for an Inversion with VOT of 10 msec, This general result agrees with those of
Mitler (1977b) and Repp (1977). Any possible explanations for the reversal at a VOT
of 10 msec Is secondary to the more imporiant issue of the independence of lablal
Identifications on VOT,

When the identitication of a speech dimension such as voicing Is also dependent
on an acoustic feature for another dimension such as place, we called the outcome a
boundary shift. That is to say, the transition from voiced to volceless identifications
as a function of VOT is shifted by the values of the F2-F3 onsets. We have
distinguished three alternative explanations for the boundary shifts that have been
observed. Although we are focusing on a specific result, the experiments have the
promise of illuminating general processes In featural evaluation and integration in
pattern recognition. The thres expfanations are (1} non-independence of feature
evaluation, {2) multiple teatures, and (3) modifiers in long-term memory prototypes.

Feature Nonindependence One possible type of feature nonindependence Is that
there are complex low-level auditory interactions so that, for example, the perceptual
realization of VOT is modified by the F2-F3 transitlon frequencies. Analogously,
the percepiual realization of the F2-F3 transitions could be modified by VOT,
According to this view, VOT and F2-F3 transitions maintain their role as primary
cues for voicing and place respectively, but the value of each acoustic cue is
dependent on the stimulus value of the other. As an example of such an interaction
in nonspeech stimuli, changing the perceived hue of a color from green to blue by
changing the wavelength also changes the perceived brightness since we are less
sensilive to wave-lengths in the biue than In the green part of the visible spectrum.
An experiment in color perception which would be anatogous to the present studies
would independently vary the wavelength and intensity of the color and the resuits
would presumably show that wavelength not only influences the perception of hus
but also the perception of brightness.

Multiple Features Tne second possible explanation for the boundary shifts is that
changes in a single stimulus dimenslion may change more than one acoustic feature.
Since any manipulation of an arbitrarily defined stimulus dimension will also
produce changes along other dimensions, It may be that some of the co-varying
changes ara other acoustic features. When a given acoustic characteristic functions
primarity as an acoustic feature for one distinction but also cues a second distinction;
it Is called & multiple feature. For example, increasing VOT not only increases the
{ime between burst onset and vocal-chord vibration onset but also increases the total
amount of aspiration nolse. The quality of the asplration may function as an

independent acoustic fealure for plece of articulation. 1t s possible that the.

aspiration during the VOT perlod of most synthetic speech without bursts Is more
representative of the burst and aspiration of a voiceless lablal (/p/} than a volcelss
alveolar (/1/). The spectrograms in Figures 6 and 7 show that the aspiration during
the VOT of gur synthetic speech were more representative of the burst and aspiration
of anatyral /p/ than of & natural /1/. If this ware the case, longer VOTs would have
produced more aspiration which would have produced a more labial sound.

In terms of the formal model of Oden and Massaro (1978), both the F2-F3
transitions and the degree of aspiralion during the VOT period contribute to
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parception of the place distinction. in this case, the prototype for /t! would be
defined as:
T:[NOT (aspiration)] and [high F2-F3 onsets] and [NOT(short VOT}] {18}

whare /t/ Is now characterized by not having low-frequency aspiration.
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Prototype Modifiers The third explanation of the boundary shifts is that the
prototypes of the speech sounds in long-term memory include modifiers of the
featural information, Rather than defining 1t/ as

It=/: {long VOT) and (high F2-F3 onsets) {19)
it could be assumed that /tae/ requires relatively extreme values of F2-F3 onsets
ft = I: (long VOT) and quite (high F2-F3 onseats) (20)

where the modifier *'quite’’ expresses the extremity of this feature in the prototype.

The central assumption of this explanation Is that more extreme values of features
are required for some phonemes. One way for this to come about could be through
listener’s experlence with natural speech. For example, Fant (1973, Chapter 11)
points out that, with most vowels, the locus of F2 at the instant of release is higher
for f1/ than it is for /d/. Thus, since a high F2-locus Is a cue to alveolarity, it would
be reasonable for listeners to expect /t/ to be more strongiy alveofar relative to /d/.
It listeners use this information, then for a given leve! of F2-F3 transitions, they
should make fewer /t/ identifications than they would if they did not have this
expectation of higher F2 values for /t/. Producing fewer /t/ responses would mean
that the place boundary would be shifted toward the aiveolar end when the speech
sounds are voiceless, This is exactly the result that was obtained in Figure 5.

Thea model has been developed and utilized to provide a framework for research in
the identification of speech sounds varying on two or more dimensions. The model
can aiso be extended to include other theorelical and empirical issues in speech
perception research. In addition to a treatment of other multifactor experiments in
speech, exlensions of the model allow an account of auditory context effects, higher-
order context effects, and normalization in speech perception. Auditory context
sometimes produces conlrast as in selective adaptation and anchor effects. Higher-
order contex! is effective when Information at a higher (more abstract) level
influences tower-level decisions. Finally, normalization refers to the relative nature
of featural information.

Summary in summary, we believe that the present framework offers a productive
approach to the study of acoustic features in speech perception. Factorial designs
have shown that a simple identification task of sounds differing on just a few
dimensions produces relatively complex resulls. The resufts reject the Idea of all-or-
none binary features and, in addition, show that a single acoustic feature for a given
articulatory distinction is probably not adequale. Furthermore, it seems ikely that
prototypes are defined in a more complex manner than might be expected from the
binary assumption of linguistic features. We have not yet determined whether the
descriptions of prototype speech sounds are relatively flexible and modifiable.
Although other important issues remain unresolved, the present framework appears
to offer a formal theoretical and empirical approach to the study of these issues.




