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ABSTRACT

This paper proposes a computational model of co-
modulation masking release (CMR). It consists of two
models, our auditory segregation model (model A) and
the power spectrum model of masking (model B), and a
selection process that selects one of their results. Mod-
el A extracts a sinusoidal signal using the outputs of
multiple auditory filters and model B extracts a sinu-
soidal signal using the output of a single auditory filter.
The selection process selects the sinusoidal signal with
the lowest signal threshold from the two extracted sig-
nals. For both models, simulations similar to Hall et
al.’s demonstrations were carried out. Simulation stim-
uli consisted of two types of noise masker, bandpassed
random noise and AM bandpassed random noise. As a
result, the signal threshold of the pure tone extracted
using the proposed model shows the similar properties
to Hall et al.’s demonstrations. The maximum amount
of CMR in the proposed model is about 8 dB.

1. INTRODUCTION

In investigations for frequency selectivity of the audi-
tory system, the power spectrum model of masking [1]
is widely accepted to explain the phenomenon of mask-
ing. In this model, it is assumed that when a listen-
er tries to detect a sinusoidal signal with a particular
center frequency amid background noise, he makes use
of the output of a single auditory filter having a cen-
ter frequency close to the signal frequency and hav-
ing the highest signal-to-masker ratio. In addition, it
is assumed that the stimuli are represented by long-
term power spectra, and that the masking threshold
for the sinusoidal signal is determined by the amoun-
t of noise passing through the auditory filter. With
these assumptions, the power spectrum model can ex-
plain masking phenomena such as simultaneous mask-
ing. However, this model cannot explain all masking
phenomena because the relative phases of the compo-
nents and the short-term fluctuations in the masker are
ignored.

In 1984, Hall et al. have demonstrated that across-
filter comparisons could enhance the detection of a
sinusoidal signal in a fluctuating noise masker [2].
The crucial feature for achieving this enhancement
was that the fluctuations should be coherent or cor-
related across different frequency bands. They called

this across-frequency coherence in their demonstrations
“co-modulation.” Therefore, the enhancement in signal
detection obtained using coherent fluctuation, i.e., this
phenomenon of reduced masking threshold, was called
“Co-modulation Masking Release (CMR)”. Many psy-
choacoustical experiments were carried out [3-5] and
the same phenomenon was demonstrated repeatedly.
The condition when CMR can occur was revealed, but
a less computational model using this condition was
proposed.

On the other hand, we have been tackling the prob-
lem of segregating the desired signal from noisy sig-
nal based on auditory scene analysis (ASA) [6]. We
stress the need to consider not only the amplitude spec-
trum but also the phase spectrum when attempting to
completely extract the signal from a noise-added sig-
nal which both exist in the same frequency region [7];
based on this stance, we seek to solve the problem of
segregating two acoustic sources  the basic problem
of acoustic source segregation using regularities (ii) and
(iv) of the following regularities: (i) common onset and
offset; (ii) gradualness of change; (iii) harmonicity; and
(iv) changes occurring in an acoustic event [6].

This paper proposes a computational model of CMR.
that consists of two models, our auditory segregation
model and the power spectrum model of masking pro-
posed by Patterson et al., and a selection process.

2. COMPUTATIONAL MODEL OF CMR

Our computational model of CMR is shown in Fig. 1.
This model consists of two models (A and B) and a se-
lection process. In this model, it is assumed that fi(¢)
is a sinusoidal signal and f>(¢) is two types of noise
masker (bandpassed random noise and AM bandpassed
random noise) whose center frequency is the same as
the signal frequency. It is also assumed that the local-
ized fi(t) is added to fa(t). Since the proposed model
can observe only mixed signal f(t), it can extract a si-
nusoidal signal fi(t) using two models (A and B). Mod-
el A is the auditory segregation model we proposed [7].
Model B is the power spectrum model of masking [1].
We consider that in the computational model of CMR
these two models work in parallel and extract a sinu-

soidal signal from the masked signal. Here, let fl, A(t)

and fip(t) be the sinusoidal signals extracted using
models A and B, respectively. The fundamental idea
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Figure 2: Model A: an auditory segregation model.

arises from the fact that the masking threshold increas-
es as the masker bandwidth increases up to the band-
width of the signal auditory filter (1 ERB) and then it
either remains constant or decreases depending on the
coherency of fluctuations. In other words, model B can
explain part of CMR by using the output of a single
auditory filter for the case that the masker bandwidth
increases up to 1 ERB, and Model A can explain part
of CMR by using the outputs of multiple auditory filter
for the case that the masker bandwidth exceeds over 1
ERB.

3. MODEL A: AUDITORY SEGREGATION
MODEL

The auditory segregation model, shown in Fig. 2,
consists of three parts: (a) an auditory filterbank, (b)
separation block, and (c¢) grouping block. The audito-
ry filterbank is constructed using a gammatone filter
as an “analyzing wavelet.” The separation block uses
physical constraints related to heuristic regularities (ii)
and (iv) proposed by Bregman [6]. The grouping block
synthesizes each separated parameter and then recon-
structs the extracted signal using the inverse wavelet
transform.

3.1. Auditory filterbank

An auditory filterbank is constructed using the wavelet
transform, where the basic function (t) is the impulse
response of the gammatone filter [8] which is represent-
ed using the Hilbert transform.

Qb(t) — AthlejQ‘/rfot727'rbft7 (l)

where ERB(fy) = 24.7(4.37f,/1000 + 1) and by =
1.019ERB(fo). This is a constant Q filterbank whose a
center frequency fy is 1 kHz, a bandpassed region from
100 Hz to 10 kHz, and number of channel of 128; the
bandwidth of the auditory filter is 1 ERB. In addition,
we compensate for the group delay by adjusting the
peak in the envelopes of Eq. (1) for all scale param-
eters, which is called “alinement processing,” because
the group delay occurs for each scale.

3.2. Separation and Grouping

First, we can observe only the signal f(t), where f(t) =
fi(t) + f2(t), fi(t) is the desired signal and fa(¢) is a
noise masker. The observed signal f(t) is decomposed
into its frequency components by an auditory filter-
bank. Second, outputs of the k-th channel, which cor-
respond to f1(t) and fa(t), are assumed to be

f1(t) « Ag(t) sin(wgt + 01 (¢)) (2)

and

f2(t) : Bg(t) sin(wgt + 025 (1)). (3)
Here, wy, is the center frequency of the auditory filter
and 601 (t) and 635 (t) are the input phases of f1(t) and
f2(t), respectively. Since the output of the k-th channel
X (t) is the sum of Egs. (2) and (3),

X (t) = Sk(t) sin(wgt + ¢p(t)). (4)

Therefore, the amplitude envelopes of the two signals
A (t) and By(t) can be determined by

Ag(t) = Si(t) sin(Oay (t) — or(t))/sin bk (t)  (5)
and
Bi(t) = Sk(t) sin(dr(t) — 01k (t))/sin Ok (),  (6)

where 0 (t) = O25(t) — 01 (t) and 0y (t) # nm,n € Z. S-
ince the amplitude envelope S (t) and the output phase
¢ (t) are observable, then if 61 (t) and 0z (t) are deter-
mined, Ag(t) and B (t) can be determined by the above
equations. Finally, all the components are synthesized
from Eqgs. (2) and (3) in the grouping block. Then f; (¢)
and f2(t) can be reconstructed by the grouping block
using the inverse wavelet transform. Here, f1 4 (¢) and

f2,8(t) are the reconstructed fi(t) and fa(t), respec-
tively.

In this paper, we assume that the center frequency of
the auditory filter corresponds to the signal frequency.
Therefore, we consider the problem of segregating fi (t)
from f(t) when 01 (t) = 0 and 0 (t) = 021 (¢).

3.3. Calculation of the four physical parameters

The amplitude envelope S (t) and phase ¢ (t) of X} (t)
are determined using the amplitude and phase spec-
tra. Since 01;(t) = 0, we must find the input phase
O21(t). Tt can be determined by applying three physi-
cal constraints, derived from regularities (ii) and (iv),
as shown below [7].



1. Gradualness of change (slowness)

Regularity (ii) means that “a single sound tends to
change its properties smoothly and slowly (grad-
ualness of change)” [6]. First constraint, consid-
ered as “slowness”, is dAg(t)/dt = Ck r(t), where
Cr,r(t) is an R-th-order differentiable polynomial.
By applying it to Eq. (5), and solving the resulting
linear differential equation, we obtain

Sk (t) sin ¢y, (t)
S (8 cos o (®) + Ck(t)> - (0

where Cy(t) = — [ C,r(t)dt + Cro. Here, we as-
sume that, in small segment At, Cy r(t) = Ck .

021 (t) = arctan (

2. Gradualness of change (smoothness)

Second constraint, considered as “smoothness”, is
that, in the bound (¢ = T,) between pre-segment
(T, — At <t < T,) and post-segment (7, < t <
T, + At),

|A(T, +0) — Ag(T, —0)] < AA  (8)
|Bi(T, +0) — By(T, —0)] < AB (9
1021, (T, + 0) — O (T, — 0)] < A (10)

From the above relationships, we can interpret this
constraint in order to determine C} o ., which is
restricted within C o < Ck o < Cf 3, where Cj, o
and Cj g are the upper-limited and lower-limited
C0 in the bound between the two segments.

3. Changes taken in an acoustic event

Regularity (iv) means that “many changes take
place in an acoustic event that affect all the com-
ponents of the resulting sound in the same way
and at the same time” [6]. Third constraint, con-
sidered as this regularity, is

By(t) Bie(t)
1Be@) || Brte(®)II’
Here, a masker envelope By (t) is a function of Cy, o

from Egs. (6) and (7). We consider this constraint
to select an optimal coefficient Cj, o using

(=1,2,--- L (11)

||N

By, B
max | DeBu g
Crn SCu0ZCus || By || By

where By(t) is the masker envelope given by any
Cr0, and
L A
2 1 Bre(t
Bilt) = 5 Biere® g
(=—L,0#£0 ||Bk+€(t)H

Hence, the above computational process can be sum-
marized as follows: (a) a general solution of 6y (¢) is de-
termined using physical constraint 1; (b) candidates of
Cl,0 that can uniquely determine 69 (¢), is determined
using physical constraint 2; (c¢) an optimal Cj ¢ is de-
termined using physical constraint 3; and (d) 62 (t) can
be uniquely determined by the optimal C} .
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Figure 3: Model B: a power spectrum model of mask-
ing.
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Figure 4: Results of CMR (Hall et al., 1984). The
points labeled 'R’ are thresholds for 1 kHz signal cen-
tered in a band of random noise, plotted as a function
of the bandwidth of the noise. The points labeled "M’
are the thresholds obtained when the noise was ampli-
tude modulated at an irregular, low rate.

4. MODEL B: THE POWER SPECTRUM
MODEL OF MASKING

In the power spectrum model [1], it is assumed that
when a listener is trying to detect a sinusoidal sig-
nal with a particular center frequency in a background
noise, he uses of the output of a single auditory filter
whose center frequency is close to the signal frequen-
cy, and which has the highest signal-to-masker ratio.
Therefore, it can be considered that the component
passed through the single auditory filter only affects
masking. In particular the masking threshold for a s-
inusoidal signal is determined by the amount of noise
passing through the auditory filter.

The power spectrum model consists of Model B as
shown in Fig. 3. The output of the auditory filter
X (t) is one of the outputs of the auditory filterbank.
This filter consists of the gammatone filter whose center
frequency is 1 kHz and bandwidth is 1 ERB. In this
model, the sinusoidal signal f1 g(t) extracted from the
masked signal f(t) is the output of the single auditory
filter Xp (t)

5. SIMULATIONS

5.1. Co-Modulation Masking Release

Hall et al. measured the masking threshold for a si-
nusoidal signal in one of their experiments, in which the
center frequency was 1 kHz and the duration was 400



ms, as a function of the bandwidth of a continuous noise
masker, keeping the spectrum level constant [2]. They
used two types of masker, a random noise masker and
an amplitude modulated random noise masker, which
were both centered at 1 kHz, as follows: The former
had irregular fluctuations in amplitude, and the fluctu-
ations in different frequency regions were independent.
The later was a random noise that was modulated in
amplitude at an irregular, show rate; a noise lowpass
filtered at 50 Hz was used as a modulator. Therefore,
fluctuations in the amplitude of the noise in different
spectral regions were the same.

Fig. 4 shows the results of that experiment. For the
random noise (denoted by R), the signal threshold in-
creased as the masker bandwidth increased up to about
100-200 Hz, and then remained constant. This is ex-
actly as expected from the traditional model of mask-
ing. The auditory filter at this center frequency had
a bandwidth of about 130 Hz. Hence, for noise band-
widths up to about 130 Hz, increasing the bandwidth
the filter increased the noise passing through the filter,
so the signal threshold increased. In contrast, increas-
ing the bandwidth beyond 130 Hz did not increase the
noise passing through the filter, so the threshold did
not increase. The pattern for the modulated noise (de-
noted by M) was quite different. For noise bandwidths
greater than 100 Hz, the signal threshold decreased as
the bandwidth increased. This indicates that subjects
could compare the outputs of different auditory filters
to enhance signal detection. The fact that the decrease
in threshold with increasing bandwidth only occurred
with modulated noise indicates that fluctuations in the
masker are critical and that the fluctuations need to
be correlated across frequency bands. Hence, this phe-
nomenon has been called “co-modulation masking re-
lease (CMR).” The amount of CMR in that experi-
ment, defined as the difference in thresholds for ran-
dom noise and modulated noise, was at most about 10
dB [2].

5.2. Simulations for Model A
5.2.1. Stimuli and procedure

To consider conditions equivalent to the experimen-
tal ones used by Hall et al., in this simulation we as-
sume that fi(¢) was a sinusoidal signal , where a cen-
ter frequency was 1 kHz, duration was 400 ms and
the amplitude envelope was constant, and that fx(t)
was two types of bandpassed noise masker having cen-
ter frequency close to the signal frequency. In addi-
tion, we adjust the bandwidths of the auditory filter-
s, which is equivalent to the masker bandwidth, in
stead of the two maskers made by fixing the masker
bandwidth to 1 kHz. One was a bandpassed random
noise f21(t) and other was an AM bandpassed ran-
dom noise fa2(t). This masker was amplitude modu-
lated f21(t), where the modulation frequency was 50
Hz and the modulation rate was 100%. Here, the
power of the noise masker f3(t) was adjusted so that
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Figure 5: Stimuli: a sinusoidal signal fi(t) (left-top),
a bandpassed random noise f21(¢) (left-middle), and
an AM bandpassed noise faa(t) (left-bottom). Mixed
signals fr(¢) (right-top) and fas(t) (right-bottom).

f21(t)2/ f22(t)2 = 1. Moreover the power ratio be-
tween f1(t) and fa(t), i.e., the SNR (signal-to-noise ra-
tio), was —6.6 dB.

In this simulation, the mixed signals were fr(t) =
fi@t) + f21(t) and far(t) = f1(t) + faa(t), correspond-
ing to the stimuli labeled R and M, respectively. Sim-
ulation stimuli consisting of 10 sinusoidal signals were
formed by varying the onset and 30 maskers of two
types were formed by varying random seeds. Thus, the
total number of stimuli was 300. As an example, one
of the two types of mixed signals is shown in Fig. 5.
Here, a sinusoidal signal f1(¢) is masked visually in the
all-mixed signal, but we can hear the sinusoidal signal
from far(t) because of the CMR; however, we cannot
hear the sinusoidal signal from fgr(t) because of the
masking.

In this paper, we set the parameters for At = 3/(fo -
aF =), AA = |Ap(T, — At) — AR(T, — 2At)|, AB =
0.01Smax, and Af = /20, where Spax is the maximum
of S (t)

In their demonstration of CMR, Hall et al. mea-
sured the masking threshold as a function of the masker
bandwidth. Our simulation conditions can be consid-
ered to be the same as the experimental ones used by
Hall et al. since we measured the SNR of the extracted
sinusoidal signal fi 4(¢) as a function of the number
of adjacent auditory filters L, which is equivalent to
the masker bandwidth, where the masker bandwidth
is fixed. Therefore, 625 (¢) is uniquely determined by

the amplitude envelope By(t) as a function of L from
Egs. (7), (12), and (13). The bandwidths related to
L =135 7.9 11 are 207, 352, 499, 648, 801, 958
Hz, respectively.
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Figure 6: Relationship between the bandwidth related
to the number of adjacent auditory filters and the SNR

for the extracted signal fl, At).

5.2.2. Results and discussion

Simulations were carried out according the condi-
tions mentioned above. The results are shown in Fig.
6, where the vertical and horizontal axes show the im-
proved SNR of the extracted sinusoidal signal fi 4(¢)
and the bandwidth related to L, respectively. More-
over, the real line and the error bar show the mean and
standard deviation of the SNR of the signal f1 a(t) ex-
tracted from 300 mixed signals, respectively. It was
found that for the mixed signal fas(¢), a sinusoidal sig-

nal fi 4(t) became detectable as the number of the ad-
jacent auditory filters L increased, but for the mixed
signal fr(t), f1,4(t) was not detectable as L increased.
Therefore, the results show that a sinusoidal signal is
more detectable when the components of the masker
have the same amplitude modulation pattern in differ-
ent frequency regions or when the fluctuations in the
masker envelopes are coherent. Hence, model A simu-
lates the phenomenon of reduction from masking using
the outputs of multiple auditory filters.

5.3. Simulations for Model B
5.8.1. Stimuli and procedure

These simulations assumed that f;(¢t) was the same 10
sinusoidal signals as those used as the stimuli in mod-
el A and that f(t) was 45 bandpassed random noise
maskers of two types formed by varying random seeds
(five types) and by varying the bandwidth (nine types).
Thus, the total number of stimuli was 450. The masker
bandwidths were 33, 67, 133, 207, 352, 499, 648, 801,
and 958 Hz. Three of these bandwidths were related to
1/4,1/2, and 1 ERB, respectively. The remainder were
the same bandwidths related to simulations for model
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Figure 7: Relationship between the masker bandwidth
and the SNR for the extracted signal fi g(t).

A.

In model B, in order to measure the masking thresh-
old as a function of the masker bandwidth, we mea-
sure the SNR of the sinusoidal signal f1 5(t) extracted

for the masking threshold as a function of the masker
bandwidth.

5.8.2. Results and discussion

Simulations were carried out according to the above
mentioned conditions. The results are shown in Fig.
7, where the vertical and horizontal axes show the im-
proved SNR of the extracted sinusoidal signal f1 g(t)
and the masker bandwidth, respectively. Moreover,
the real line and the error bar show mean and stan-
dard deviation of the SNR, respectively. It was found
that the SNR for the extracted sinusoidal signal fy p(t)
increased as the masker bandwidth increased, indepen-
dent on the type of masker. In particular, as the masker
bandwidth increased up to 1 ERB the masking thresh-
old (SNR) increased as a function and then remained
constant. Hence, model B simulates the phenomenon
of simultaneous masking, using the output of a single
auditory filter.

5.4. Considerations for Computational model
of CMR

The results of simulations for the two models show
that model A simulates the phenomenon of CM-
R/simultaneous masking by coherence/incoherence be-
tween the fluctuations of amplitude envelope of a
masker when the masker bandwidth increases above 1
ERB. Moreover, model B simulates the phenomenon of
simultaneous masking in which the threshold increases
as a function of the masker bandwidth as the masker
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and the SNR for the extracted signal. This character-

istic was obtained by the result of the selection process

from Figs. 10 and 11.

bandwidth increases up to 1 ERB and then the thresh-
old remains constant. The selection process therefore
selects the lowest of these masking thresholds. In other
words, it selects the highest SNR of the signal extracted
from f1 4(t) and f1,5(t), and let fi(¢) be the extracted
signal with the highest SNR. Thus, from Figs. 6 and 7
the proposed model has the characteristics of the mask-
ing threshold shown in Fig. 8. In the selection process,
the extracted signal with the lowest threshold is se-
lected from the signals extracted using the two mod-
els. These characteristics show that the phenomenon
of CMR is similar to Hall et. al.’s results. Hence, it
can be interpreted that the proposed model is a com-
putational model of CMR. The maximum amount of
CMR in Hall et al.’s demonstrations was about 10 d-
B. In contrast, the maximum amount of CMR in our
model was about 8 dB.

6. CONCLUSIONS

In this paper, we proposed a computational model of
CMR. This model consists of two models, our auditory
segregation model (model A) and the power spectrum
model of masking (model B), and a selection process
that selects one of their results. The mechanisms for ex-
tracting a sinusoidal signal from a masked signal work
as follows: model A uses the outputs of multiple au-
ditory filters and model B uses the output of a single
auditory filter. Simulations of the two models were
carried out using two types of noise masker, the same
as Hall et al.’s demonstration conditions, bandpassed
random noise and AM bandpassed random noise. In
model A, the signal threshold decreased depending on
the type of masker and the masker bandwidth. In the

case of bandpassed random noise, the signal threshold
did not vary as the masker bandwidth increased. In
contrast, for AM bandpassed noise, the signal thresh-
old decreased as the masker bandwidth increased. In
model B, the signal threshold increased as the masker
bandwidth increased up to 1 ERB and then remained
constant for both noise maskers. The selection pro-
cess then selected the highest SNR from the sinusoidal
signals extracted from the results of the two models.
As a result, the characteristics of the proposed model
show that the phenomenon of CMR is similar to Hall
et al.’s results. The maximum amount of CMR in the
proposed model was about 8 dB.

Hence, the proposed model can be interpreted as a
computational model of CMR. It was also shown that
regularity (iv) is one clue to CMR.
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