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1. INTRODUCTION

High levels of reverberation reduce speech intelligibility while at lower
levels intelligibility is little affected even though substantial distortion
of the speech signal is still present [1.2] in amounts that are sufficient to
perturb speech-recognition automata [3]. This suggests that perceptual
mechanisms operate to ameliorate the effects of this type of distortion if it
is not too severe. One type of mechanism that does this is binaural:
listening with two ears in reverberant conditions gives a 3-dB improvement in
signal detection over the monaural condition [4] and speech intelligibility in
reverberation is better binaurally than monaurally [5]. Compensation for
reverberation might also come from monaural mechanisms in which information
about the distortion of earlier sounds is compensated in the processing of
later sounds. Evidence of this general kind of mechanism was found by Haggard
[6] who showed that the identification of distorted words is improved if they
are preceded by acarrier utterance that is distorted in a similar vay.
Bovever, distortion by reverberation was not specifically studied.
Reverberant carriers do enhance the perception of subsequent reverberant
sounds, at least for the purposes of sound localisation. This was shown by
Plenge [7] who found that a brief familiarisation with a room's reverberation
improves sound localisation considerably.

One aspect of reverberation is a distortion of the spectral envelopes of the
sounds that are transmitted [8]. This could impair speech intelligibility as
spectral envelopes are an important determinant of the identity of speech
segments and many other sounds. Spectral—envelope distortion is perceptually
compensated by monauralmechanisms: compensation arising from a preceding
carrier has been shovn to affect a variety of subsequent vowel-distinctions as
well as the consonant distinction between "slow" and "flow" [9]. This
compensation mechanism appears to be central (as opposed to peripheral) and
auditory (as opposed to phonetic) [10].

Another aspect of reverberation is distortion of the amplitude envelope:
reverberation fills in gaps, extends offsets and smooths onsets. acting as a
low~pass filter of the amplitude envelope [11]. The amplitude envelope is
important for consonant distinctions. This is especially true for
distinctions such as that between "slay" and "splay" where other sources of
information about the presence of the /p/. notably the characteristic spectrum
of the short burst that often follows the silent gapl are often weak or absent
in these bilabial stops [12]. This study asks whether reverberation impairs
this distinction. and whether any impairment is compensated when the same
reverberation is also present in a preceding carrier.
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The present experiments extend an earlier study in which reverberation was
introduced by playing sounds from a speaker at one end of a room and recording
from a microphone at the other end [13]. Evidence of compensation was found

but there were some uncertainties about the stimuli due to the idiosyncrasies
of the room, transducer placements, and transducer directionality.

2. GENERAL METHOD

Sounds were played through a computer—simulated room by convolution with the
impulse response that was calculated using the method of images program [14].
These computations were performed with a resolution of 20 kHz using a Sun
Sparcstation computer.

This simulation departs a little from truly natural reverberation:

Transducers are omnidirectional. whereas real talkers and listeners are not;
Low frequency components of echoes (below ZOOH: here) cannot be simulated;
Above 2003: reflections are specular. which is uncommon but not impossible.

Otherwise the method allows simulation of diverse reverberation patterns,

controlled by parameters that specify physical aspects of the listening
conditions. In the present experiments the Sabine energy absorption
coefficient of the room's surfaces. u was varied while the room’s size and the
transducer placements were held constant.

The dimensions of the simulated room in feet were 16 x 32 x 16. The source
and receiver were 19.6 feet apart along the room's long diagonal, equidistant
from the centre. All surfaces were given the same value of a, and the values
used are shown in the table below along with aspects of the reverberation
patterns that these values generated in the room. The value used for the
speed of sound was 1000 feet per second. The reverberation times are the
-60-dB points of energy decay curves that were calculated by reverse
integration [15].

  

Reverberation Direct/Reverberant

 

a Typical Surface at 500 Hz [16] Time, Seconds Ratio. dB

.1 Wood 1.48 -30

.2 Carpet ” 1.20 -24

.3 Coarse concrete block .78 -20

.h 2.5-cm cork, airspace behind .53 -17
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A male speaker (AJH) was recorded saying "next you'll get the word","slay",
and "splay". The phrase was to be used as a carrier. The other recorded
words were spoken so that the phrase was asuitable preceding context.
Recordings were made in an IAC 1201 booth using an Altec 681A microphone.
These signals were amplified (Revox, A77), low pass filtered at 9 kn: with a
AB-dB per octave cutoff slope (Keno VBFE), digitised with 16-bit resolution at
a sampling frequency of 20 kHz (Data Translation DT2823) and stored with the
ILS program RDA [17] running on 3 Victor P6286 computer.

The test sounds differed only in their amplitude envelopes. They were all
derived from the recording of "slay" by amplitude modulation. This was done
with ILS programs as follows:

a) The recordings of "slay" and "splay" were time-aligned at the onset of
voicing.

b) The amplitude envelopes of both words were obtained by playing the
full—wave rectified waveforms through a low-pass filter that had a 50—5:
cutoff. The output was then reversed, filtered again (by the same filter)
and reversed. This zero-phase filtering preserves the time alignment of
the envelopes.

c) Each point in the envelope of "splay" was divided by the temporally
corresponding point in the envelope of "slay" to obtain the envelope ratio.

d) A value of interpolation, k was chosen. Values between 0.0 and 1.0 in
steps of 0.1 were used for a continuum from "slay" to "splay".

e) Each point in the envelope ratio was multiplied by k followed by the
addition of l — k to obtain the modulation function.

f) The original recording of "slay" was multiplied by the modulation function.

Digital waveforms of this test-sound continuum and the carrier were
transferred to the Sun Sparcstation computer, reverberated. and returned.
Test sounds were reverberated in isolation as well as with the carrier
abutted. The reverberant 'tails' at the ends of sounds were preserved. These
tails last for the duration of the room's impulse response which was truncated
at the -72—dB point of the energy decay curve.

Sounds were delivered to subjects on-line under the control of the P0286
computer. Analog signals were generated from the digital waveforms with
16-bit resolution at a conversion rate of 20 kHz (Data Translation DT2823)
using the ILS program LDA. These signals were low pass filtered at 9 kn: with
a 48-dB per octave cutoff slope (Kemp VBPB) and presented to subjects
monaurally with Sennheiser H062A headphones at 53-dB sound-pressure level in
the IAC 1201 booth. On each trial a test sound was presented in isolation
(experiments is and lb) or with a preceding carrier (experiment 2). Subjects
were asked to identify the test sound by pressing one of six response buttons
that were labelled for a "slay" to "splay" rating scale. This was done with
"definitely", "probably" and "maybe" qualifiers on the labels. Visual prompts
to listen or to respond were conveyed by messages on the computer's screen.
The computer waited for the subject's button press before recording the
response and presenting the next trial. A minimum intertrial interval of 4 s
was enforced.
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In experiments 1a and lb each of the 11 continuum steps was presented B_times.
and the continuum was reverberated with 3 different values of a. An
undistorted continuum was also presented giving 11 x 8 x h a 352 trials per
subject. In experiment 2 the two end-points of the continuum were presented
20 times each. They had an undistorted carrier or a carrier that had the same
reverberation (a). 6 values of a were used giving 2 x 20 x 2 x A a 320 trials
per subject. Different random orders of these trials were obtained for each
subject and they were administered in one 45—min session without practice
trials. Experiments la and lb each used 5 subjects. Experiment 2 had a
between—subjects factor and used two groups of 5 subjects.

3. EXPERIMENTS 1A AND 13

TheSe experiments ask whether the_amplitude modulation technique is sufficient
for "slay" and "splay" identification with the present stimuli and whether
this identification is influenced by reverberation. Some combinations of test
sounds and distortion can lead to a shift in the category boundary [9] but
Watkins [13] found that reverberation influenced an amplitude—envelope
continuum ("dish" to "ditch") by flattening the identification function,
leaving the category boundary in more or less the same position.

In experiment 1a three continua had reverberation generated with a a 0.2, 0.3
and 0.4. There was also an undistorted continuum which is effectively
reverberation with a a 1.0. Experiment 1b was similar except that the values

_ of u were 0.1, 0.2 and 0.3.

The mean rating was found for each stimulus and for each subject: A number
was assigned to each response category, 1 for definitely "slay" up to 6 for
definitely "splay". The probability of each category was found bydividing
.the number of responses in the category by B (the number of times each
stimulus was presented). Each category number was multiplied by the
corresponding category probability and these 6 values were added together to
obtain the mean rating.

Hean ratings, averaged across the 5 subjects. are shown as a function of
interpolation and for the different values of a in the adjoining figure. Bars
are one standard error on each side of the mean. Analysis of variance was
performed on the mean ratings for each experiment. This revealed main effects
of interpolation: F(10,A0) = 34.19. p(0.0001 in experiment 1a and F(10,40) =
16.23, p<0.0001 in experiment 1b. This reflects the increase in "splay"
ratings with increasing interpolation. There were also interactions between a
and interpolation: F(30,120) = 4.99, p<0.0001 in experiment la and F(30,120)
a 6.67, p(0.0001 in experiment 1b. This reflects the flattening of these
identification functions as reverberation is increased. The only OKhEr
significant F—ratio is a main effect of a in experiment 1a: F(3,12) = 4.43,
p<0.03. This reflects an inclination towards "slay" ratings as reverberation
increases.
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Results with the undistorted carrier show that amplitude-envelope cues are
sufficient for "slay" and "splay" identification. These averaged
identification functions reach the extreme ratings at the extreme values of
interpolation indicating that all subjects heard good exemplars of these
categories on virtually every presentation of stimuli that were near the ends
of the continuum.

when the sounds contain
experiment 1a experiment 1b reverberation the functions

are flatter indicating that
the extreme stimuli are poorer
exemplars of the categories.
This effect increases as the
reduction in u increases the
amount of reverberation. This
flattening is reminiscent of
that found with natural
reverberation in a previous
study [13] where the
reverberation time was
estimated to be in the region
of 1 s. This would be
generated by values of a
between 0.2 and 0.3 with the
simulation conditions used in
this study, and flattening is
correspondingly apparent here
at these values. The category
boundary, vhich is the
interpolation that corresponds
to a rating of 3.5, is near
the middle of the undistorted
continuum. It changes a
little as as the reverberation
is increased, in a direction
that increases "slay" ratings.
This could be because
reverberation reduces evidence
that the lp/ is present in
sounds towards the "splay" end
of the continuum, and
listeners interpret this as
the presence of "slay".
However. the corresponding
main effect of a is
significant but small in
experiment la, and not
significant in experiment 1b.
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The flattening of the identification functions is statistically robust. It
keeps the category boundary at a fairly central position along the continuum
and therefore preserves a fairly even balance of "slayII and "splay" ratings.
This could be because listeners respond with "splay" ratings on the basis of
weaker evidence of the /p/ when reverberation is also heard. This sort of
criterion shift in the presence of reverberation is consistent with the
increase in "slay" ratings to stimuli near the "splay" end of the continuum as
well as with the attendant increase in "splay" ratings to stimuli near the
"slay" end of the continuum.

In summary. reverberation impairs discrimination of "slay" and "splay" by
weakening evidence of the /p/ in "splay". This is accompanied by a criterion
shift towards "slay" that maintains a noisier. but appropriate separation of
the phonetic categories.

A. EXPERIMENT 2

This experiment asks whether perceptual mechanisms compensate for
reverberation by strengthening evidence of the /p/ in "splay", making it
easier to discriminate from "slay". Compensation for other forms of
distortion is evident when a preceding carrier contains the same distortion as
the test sound [6,9] so reverberant and undistorted carriers were compared.
An attempt was also made to reduce information in the reverberant tail of the
test sound to see if compensation comes from this source as well. The
rationale for this is that some compensation for spectral-envelope distortion
comes from information arriving after the test sound [18].

Discrimination of the end
points of the "slay" to

- "splay" continuum was
reverbermt camer' I measured in reverberation

. with a a 0.1. 0.2, 0.3 and
undistorted comer: . 0.4. A bias-free, non—

parametric discrimination
index, p(A) [19] was
calculated from the 5
response criteria that
partition the 6-category
"slay" to "splay" rating
scale to give a score
between 0.5 (guessing) and
1.0 (perfect). A preceding
carrier that had the same
reverberation as the test
sound was compared with an
undistorted carrier. For
half of the subjects the
reverberant tail of the test

mi
na

ti
on

.
p(

A)
Is

cr
i

"
s
l
a
y
u
_
n
s
p
h
y
u

d

 
1 2 3 4 sound was obscured by adding

' ‘ ‘ ' an undistorted recording of

absorption coefficient. a "sslect'answer" (spoken by
AJ .

no Proc.l.0.A. Vol 14 Pm s (1992)

  



 

Proceedings of the Institute of Acoustics

percenmu. COMPENSATION FOR arvmmnou

Analysis of variance revealed a main effect of c. P(3,24)u14.2, p<0.0001.
reflecting an increase in discrimination score as a is increased. There is
also a main effect of the carrier's reverberant content, F(1;8)-20.89.
p<0.002, reflecting the fact that discrimination is easier when the carrier
has the same reverberation as the test sound. This indicates perceptual
compensation for the effects of reverberation. There were no other
significant P-ratios. The effects of a and the compensation effect are shown
in the adjoining figure where bars are one standard error on each side of the
mean.

The perceptual compensation seen here is reliable and indicates that the
effects of degradation by reverberation are reduced when the test sounds are
preceded by other sounds that have been distorted in the same way. The
difference this makes to the discrimination index might appear small, but the
corresponding change in a, for a between 0.2 and 0.3, indicates perceptual
enhancement of the ratio of direct to reverberant sound by around 3 dB. This
advantage, accrued by amonaural mechanism, is comparable to the advantage of
two ears over one for signal detection in reverberation [4).

This compensation for reverberation is consistent with a mechanism that
strengthens evidence of the /p/ in "splay". It might also be similar to
compensation for spectral-envelope distortion [10] in that it operates at an
auditory level and is not restricted to operate only for speech perception.
It is therefore appropriate to ask whether non—speech carriers are as
effective as speech carriers, whether non—speech distinctions are affected by
speech carriers as well as non-speech carriers, whether compensation for
reverberation only operates among sounds that are heard to have come through
the same transmission channel, and whether peripheral or central mechanisms
are responsible.

Perceptual compensation for reverberation gives a discrimination advantage
with a bias—free index. It is therefore independent of factors that set
systematically different positions for response criteria in different amounts
of reverberation (cf. experiments la and 1b). However, compensation might
not be independent of factors that cause irregular fluctuations in the
positions of criteria: such 'criterion noise' reduces the discrimination
index and is associated with stimulus uncertainty [19]. This might explain
the superiority of the reverberant carrier conditions: Here the subject has
time to select appropriate criteria before the test sound arrives. However,
when the carrier is undistorted there may bemore criterion noise as the
subject is uncertain about the distortion in the test sound until after it
arrives.
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