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ABSTRACT

Identification ratings were taken from
English monolingual subjects on two different
acoustic continua: a VOT (voice onset time) speech
continuum and a TOT (tone onset time) nonspeech
continuum. Both continua were made by varying
the temporal asynchrony between two component
acoustic events. An improved signal detection
model was employed for fitting the results. The
model could only fit the nonspeech data. Further
analyses suggested that the differences between
speech and nonspeech processing in humans could
lie on the form of the signal densities they evoke.
Nonspeech signal densities seem to be gaussian
whereas speech signal densities do not.

1. INTRODUCTION

In this paper an improved signal detection
model will be used to figure out whether the same
type of constraints operate in the coding of
temporal order in speech and nonspeech signals. In
the literature two different type of restrictions have
been considered.

On the one hand, the so-called auditory
constraints have been contemplated. Under this
view the coding of speech signals (as acoustic
signals that they are) is constrained by the general
computational resources of the auditory system.
That is, speech and nonspeech signals share the
same computational resources in their early
processing [1].

On the other hand, it might be the case that
speech and nonspeech signals could have different
computational resources to accomplish their initial
coding. Under this view there would exist certain
constraints operating only on speech signals [2].
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The focus of this paper is the
voiced/voiceless distinction in initial stops. It is
well known that one acoustic cue capable of
distinguishing the presence of voiced vs. voiceless
segments is the voice onset time (V.O.T.). The
VOT is a temporal acoustic cue. Thus, we could
advance the following hypotheses about how the
voicing feature is coded by the system:

1) The representation of the voicing feature
is derived from the temporal resolution
capabilities of the human auditory system [3].

2) The representation of the voicing feature
is derived from constraints that are only available
when the organism is processing speech signals.
The most rigorous version of this view would
suggest the existence of a speech module, and, as
such, it will be an autonomous computational
system, domain specific and informationally
encapsulated [4].

The experiments presented here were
designed to choose among these two alternatives.
Perceptual performance of subjects on speech and
nonspeech continua was compared. Although these
sort of comparisons have been performed before in
the field, it is well known that it has been difficult
to reach a clear conclusion from them.

In order to palliate this difficulty several
steps were taken. First, and probably most
important, we have used an extension of signal
detection theory for modelling our data [5]. A
Thurstonian model that allows for unequal criterion
variance estimates was employed for fitting the
results. And second, we took the precaution of
keeping the same range in the two acoustic
continua.
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2. FORMAL MODEL

Let’s bring our attention now to the formal
model to be used. It belongs to the so-called "signal
detection theory methods" (SDT). There is, at least,
one important advantage for using this type of
models, to wit, they can differentiate low level
sensorial factors from more central decisional
aspects of perceptual behaviour. This is an
important point in the discussion of
speech/nonspeech differences since it is crucial to
understand, precisely, whether the possible
differences are due to true perceptual processes or
they are originated by biases in response selection
routines.

However SDT-like models have a serious
limitation. Although the models permit unequal
signal variances, they assume uniform and usually
zero criterion variances. This assumption does not
resist careful examination. The model we used
overcome this limitation allowing for estimates of
unequal criterion variances.

The model is identical to that proposed by
Thurstone during the thirties and forties. Its main
features can be summarized as follows:

a) A single presentation of a given stimulus
S; produce a particular impression s; on the decision
axis. Across presentation of S, the sensorial values
vary randomly. It’s assumed that the probability
density associated to the stimulus is Gaussian, so it
is described by its mean and its variance.

b) With n different stimuli we have n such
densities.

c) If subjects are to classify the n stimuli in
m categories, then the subjects will activate m-1
criteria.

d) The position of each boundary or
criterion vary across trials, projecting a gaussian
density on the decision axis. Again, these criteria
are completely described by its means and
variances.

Thurstone Law of Categorical Judgement is
a set of equations relating subjects’ judgments with
means and variances of both signal and criterion
densities.

The basic equation is this:
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This is what has been called by Torgerson
Condition A of the Law of Categorical Judgment,
where z, is the inverse of the unit normal
distribution corresponding to the probability that
stimulus S; was placed in or below category g.

3. METHOD

Two different acoustic continua were used.
One speech continuum and one nonspeech
continuum.

A Ba-Pa continuum was used for speech.
We created it by varying the VOT in 10 ms. steps.
The continuum ranged from -35 ms. to +55 ms. of
VOT.

The nonspeech was represented by a two
tone continuum similar to the one employed by
Pisoni [6]. The two tone continuum was created by
varying the asynchrony between a high tone of
1500 Hz. and a low tone of 500 Hz. The two
continua ranged, again, from -35 ms. (low tone
leading) to +55 ms. (high tone leading) in 10 ms.
steps.

Two British monolingual subjects were used
in these experiments. Subjects had to identify the
stimuli (BA or PA; high tone first or low tone first)
following a rating scale procedure. They first
decided to which category a given stimuli was more
likely to belong to; then they had to evaluate how
well that stimuli fit in the chosen category in a 4
point scale. Each continua consisted of 10 stimuli,
and we collected 150 judgments per stimuli.

4. RESULTS AND CONCLUSIONS

We tried to estimate a set of parameters that
could predict the performance of subjects in both
speech and nonspeech judgments. Although we did
find acceptable solutions to the Thurstonian model
for the nonspeech continuum, we systematically
failed with the speech continuum. One possible
reason for this failure could be related with the
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gaussian assumption of the model. To test the
plausibility of this hypothesis we plotted
standardized psychometric functions for each
subject. The functions turned out to be non-linear.
Even after standardization they showed a clear
sigmoid form. This could only happen in one ore
several of these three cases:

1) stimuli are not equally spaced on the
decision axis.

2) signal densities have different variances.
3) signal densities are not gaussian.

Since the model allows for 1) and 2), the
only explanation left that accounts for the lack of fit
of the nonspeech is 3). Thus, we find a big
difference between speech and nonspeech:
nonspeech densities seem to be gaussian whereas
speech densities do not. Therefore, it seems that
speech and nonspeech signals belong to two
different perceptual categories and hence, the
processes devoted to analyze these signals might
also be quite different too.

Thus, these results are consistent with the
idea that the representation of the voicing feature in
initial stops is derived from processes which are
speech-specific, processes which are not directly
related with the temporal resolution of the auditory
system.
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