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This paper proposes an objective speech distortion measure as a substitute for human
auditory systems. Simultaneous and temporal masking effects are introduced into this
measure called auditory-oriented Spectral Distortion (ASD). We calculate the ASD using
spectral components over masked thresholds in the same way as the Spectral Distortion
(SD). We confirmed that the ASD is more compatible to subjective mean opinion score
that represents distortions on auditory impression than the SD. We applied the ASD to
optimize a noise reduction algorithm proposed by the authors, and confirmed that this
optimized algorithm reduces noises appearing to the ear. ASD is sure to be an available

guide to design noise reduction algorithms.
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1. INTRODUCTION

The demand of noise reduction technique is
increasing as speech processing techniques become
increasingly practical, especially with regard to
noise reduction for automatic speech recognizers
(ASRs). Although almost all recent ASRs work
perfectly in ideal environments, their performances
tend to decline drastically in noisy environments.”
There is also a demand to decrease distortions on
auditory impressions for hearing aids, cellular
phones and so on. It is very difficult for many
noise reduction methods to reduce non-stationary
noises in daily life. A guide that estimates the
quantity of distortion in daily life is necessary to
design noise reduction algorithms. According to
Kahrs and Brandenburg? there are some objective
distortion measures introduced auditory masking
phenomena. They are almost divided into

Objective distortion measure, Additive noises, Masking effects, Noise reduc-

43. 50. Hg, 43. 66. Dc, 43. 71. Gv

telephone-band coded speech measures (300-3,400
Hz) or wideband high quality audio measures (20-
20,000 Hz). Since we need an objective distortion
measure for hearing aids whose available frequency
ranges are generally from 100 Hz to 6,000 Hz, the
telephone-band coded speech measure is not
sufficient and the high quality audio measure is too
strict. Furthermore, we should evaluate a great
variety of distortions caused by various noises un-
like evaluation of codec speech signal. Aim of this
distortion measure is not to predict the subjective
evaluation itself as a ratio scale, but to evaluate the
abilities of noise reduction algorithms. It is
enough for this measure to be an interval scale.
This paper proposes an objective distortion mea-
sure, called the auditory-oriented Spectral Distor-
tion (ASD),® that takes account of both simulta-
neous and temporal masking effects in the same way
as the above measures. ASD thinks over general
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ideas in our auditory systems such as auditory filters
more exactly than other distortion measures. We
conduct some listening tests to optimize the parame-
ter of the ASD and to examine effectiveness of the
ASD. Experimental results show that the opti-
mized ASD is more compatible to subjective evalua-
tion than the Spectral Distortion (SD).

The authors have proposed a noise reduction
method, and confirmed its effectiveness as a front-
end of ASRs.*® In this paper, we try to apply this
method to various acoustic equipment that requires
reducing noises appearing to the ear such as hearing
aids. We also conduct some experiments to opti-
mize and evaluate this noise reduction algorithm
using two objective distortion measures, the LPC-
SED?* for ASRs and the ASD for hearing aids.

In Section 2, we describe the implementation of
an objective distortion measure (that is the ASD)
based on the human auditory characteristics. In
Section 3, we describe the verification of the ASD.
Then in Section 4, we apply the ASD to optimize
noise reduction algorithm. Finally, conclusions
are drawn in section 5.

2. OBJECTIVE DISTORTION
MEASURE

2.1 System Overview
The auditory-oriented Spectral Distortion (ASD)
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Fig.1 An illustration of calculating a masking
threshold. An A-weighted amplitude spec-
trum is shown by a thin solid line, detected
masker components by circles, masking pat-
terns for each masker by dotted lines, a mask-
ing threshold for temporal masking by a bro-
ken line, and an integrated masking threshold
by a thick solid line.
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is constructed by introducing auditory masking
effects into the Spectral Distortion (SD). Charac-
teristics of both simultaneous and temporal masking
phenomena are included in the ASD. Although
they actually depend on sound pressure levels, fixed
characteristics are introduced into the ASD to sim-
plify its calculation. Figure | illustrates a process
of calculating a masking threshold, as an A-
weighted logarithm amplitude spectrum by a thin
solid line, detected masker components by circles,
masking patterns for each masker by dotted lines, a
masking threshold for temporal masking by a bro-
ken line, and an integrated masking threshold by a
thick solid line. We describe how to calculate them
below.

The ASD is calculated using spectral components
over the masked thresholds in each short term frame
whose length is 21.3 ms and period is 5.3 ms. In
this paper, every signal is sampled by 48 kHz with
16 bit accuracy.

2.2 Implementation of Simultaneous
Effect

Masker candidates are detected from a target sig-
nal, so that the masking pattern for each masker can
be calculated. A target signal x(¢) passes through
the A-characteristic filter adopted in sound level
meters. An A-weighted logarithm amplitude spec-
trum x(@) must be like the human perception in
comparison with an amplitude spectrum itself.
When a spectral component X (k) satisfies all the
conditions in Eq. (1), it is detected as one of masker
candidates.

X(k)>X(k—1),

Masking

X(k)=X(k+1), (1)
X(k)—X(k+7)>3[dB], j=2,3, ..., J,
where k and j are discrete frequencies. The search

range J is an equivalent rectangular bandwidth
(ERB) which equals to the critical band of an
auditory filter. The ERB is defined as follows:

(Hz], (2)

that is the bandwidth of an auditory filter whose
center frequency is fHz.® We reduce the number
of masker candidates detected in Eq. (1) on the
assumption that there is a masker at the most in each
auditory filter. Only the largest masker in the loga-
rithm amplitude scale (circles in Fig. 1) is survived
in each auditory filter.

ERB(/)=24.7(4.37- £/1,000+1)
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A masking pattern for each masker candidate is
calculated as an approximation of the masking
pattern for narrow-band noises measured by Egan
and Hake.” For practical purposes, the masking
pattern is approximated by the three following
points :

A (k, X(k)—18),
B: (k—2-ERB(k), X(k)—43),
C: (k+4.5-ERB(k), X(k)—48),

(3)

where X (k) means the sound pressure level in dB of
a masker candidate in k Hz, and ERB(k). is calcu-
lated by Eq. (2). Each masking pattern (each tri-
angle by dotted lines in Fig. 1) is calculated as the
blacken region in Fig. 2.

2.3 Implementation of Temporal Masking Effect
The temporal masking effects are implemented by
attenuating masking thresholds calculated in the
past frames. For example, a broken line in Fig. |
shows an attenuated masking threshold of the past
frame. We adopt a post-masking curve measured
by Zwicker.®  Figure 3 shows a post-masking curve
that determines the elapsed attenuation level in dB

[dB] Masker
X (k)

A\ @ : Masked Region

%

k+45K

0 k—2K
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Fig.2 A masking pattern as an approximation
of the masking pattern for narrow-band noises
measured by Egan and Hake.
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Fig.3 A post-masking curve for burst tones
measured by Zwicker.

for each masking threshold, for example a thick
solid line in Fig. 1. The effect of backward mask-
ing is disregarded since it is not as influential as the
effect of forward masking.”

2.4 Calculation of the ASD

We can obtain the current masking threshold (a
thick solid line in Fig. 1) by integrating all masking
patterns in both simultaneous masking (dotted lines
in Fig. 1) and temporal masking (a broken line in
Fig. 1) using the Power-law model presented by
Lutfi.'®  Assuming that Y,(w) is a masking pat-
tern for a single masker in simultaneous masking
whose frequency is w;, and Y.(w) is an attenuated
masking threshold in temporal masking where £ is a
frame number related to delay time, the total mask-
ing threshold Yia(w) is calculated as:

vatdl(w):Ffl[gl:F[ sz(w)]+tzi:1F[ Y'l(w)]:ly

F(z)=2*, (4)

where p is a constant, and Y{w), and
Yora{ @) are not logarithmic.

Lutfi has originally confirmed that p—0.33 is the
most desirable as compared with results of percep-
tual experiments when he used only a few narrow-
band noises as masker signals.’” We should recon-
sider the most suitable value of parameter p, since
we use more complicated speech signals as masker
signals. We discuss this problem in Section 3.

Finally, assuming that we cannot perceive distor-
tions if their spectral levels are under the masking
thresholds Yioa( @), the ASD is calculated as fol-

lows.

YCUi( (U) ’

ASD=y MEAN({Siurger(i) — Sacan()F [dB], (5)

where MEAN calculates the arithmetical mean,
Starget(Z) and Sgean(f) are logarithm amplitude spec-
tra of a target speech signal and a clean speech
signal, and / indicates the discrete frequency that
satisfies

Stargei(7) >20 logio Yeotai(7),

100 [Hz] < <6,000 [Hz]. (6)

ASD equals to the SD when the discrete frequency
i in Eq. (5) comes under every discrete frequency in
the range that is from 100 Hz to 6,000 Hz.
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3. VERIFICATION OF THE ASD

3.1 Aim

We examine the verification of the ASD. A
criterion of verification is the linearity between sub-
jective evaluation and objective evaluation. We
can easily estimate how much a speech signal is
distorted when the linearity is well preserved. The
relationship between the mean opinion score (MOS)
as subjective evaluation and the ASD or the SD as
objective evaluation is examined.

3.2 Procedure
A continuous Japanese vowel /ao/ in the ATR

4
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g 0 Lol ‘Clian Speech
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g
220 /WJ\ Mean : 21.5dB in ASD
2, . . . .
0 100 200 300 400 500
Time [s]

Fig.4 A clean speech signal, the most noisy
speech signal, and distortions in SD and ASD
(p=0.6).
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Fig.5 Noisy speech signals prepared for the
verification of objective distortion measures.
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speech database! is prepared and distorted by ad-
ding a random noise (from 2,000 Hz to 3,000 Hz).
A clean speech signal and a noisy speech signal are
drawn in Fig.4. Figure 4 also shows objective
distortions of the noisy speech signal in SD or ASD
(p=0.6). The best suited value of parameter p in
the ASD is 0.6, and it is explained in Section 3.3.
Mean distortion was 16.7 dB in SD, 21.5dB in ASD
(p=0.6), and —2.3dB in SNR. It was obviously
evaluated as very noisy (MOS was distinctly 0 on the
five point scale: 4[clean]-O[noisy]) in pre-listening
tests, so we determined that this signal was a noise
maximum speech signal. Test signals are made by
adjusting at even intervals on each objective distor-
tion measure. For all practical purposes, six noisy
speech signals whose noise levels are 4.2 dB, 8.4 dB,
12.6 dB in SD, and 5.4 dB, 10.8 dB, 16.1 dB in ASD
(p=0.6), are prepared as shown in Fig. 5.

Each signal is randomly presented four times to
each subject through the headphone (STAX
Lambda Nova Signature). Subjects are eight post-
graduate students who have no hearing impair-
ments. The sound pressure levels of a clean speech
signal and a noise maximum speech signal are 66
dB (A) and 75dB(A). Subjects listen to a clean
speech, a noise maximum speech, and a speech to
evaluate in this order, or a noise maximum speech, a
clean speech, and a speech to evaluate in this order,
and give the MOS on the five point scale toward the:
third speech signal.

3.3 Experimental Results
Figure 6 shows the MOSs for all stimuli on the

4 o : stimulus adjusted by the ASD
o stimulus adjusted by the SD {
&

d

|

215 16.1

| —

10.8 5i4 O
ASD [dB]
Fig.6 Relationship between the ASD and the
MOS for all stimuli.
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ASD (p=0.6) scale, and Fig. 7 shows them on the
SD scale. In both Fig. 6 and Fig. 7, circles mean
stimuli adjusted at even intervals on the ASD scale
and squares mean them on the SD scale, and error
bars mean standard deviations of the MOSs that
eight subjects gave.

The standard deviations of the MOSs are small for
stimuli (plotted by circles) adjusted at even intervals
in the ASD scale. On the other hand, they are
comparatively large for stimuli (plotted by squares)
adjusted at even intervals in the SD scale. Then,
stimuli are sparsely arranged on the ASD scale, but
they are closely arranged on the SD scale. In Fig.
7, two stimuli evaluated differently in subjective
listening tests are almost the same on the SD scale,
for example two stimuli when the SD is 12.6 dB are
given distinct different MOSs.

We should also examine the best suited value of
parameter p in the ASD. The relationship between
the ASD and the MOS appears to be an interrelated
curve. Ifthe ASD under a certain condition is well
suited to subjective MOS, the interrelated curve

4 o : stimulus adjusted by the ASD
e : stimulus adjusted by the SD }
o

§: ﬂ

(413 )

167 126 84 a2 0

SD [dB]

Fig.7 Relationship between the SD and the
MOS for all stimuli.
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Fig.8 Correlation coefficients between the
interrelated curve for the ASD on each p and
the BDL.

becomes a straight line, which is called the best
desirable line (BDL). An index to evaluate the
distortion measure is the correlation coefficient
between an interrelated curve and the BDL. Here,
the parameter p in the ASD varies from 0.3 to 0.9 in
0.1 steps. Figure8 shows the correlation coeffi-
cients between the interrelated curve for the ASD in
each p and the BDL. We found that the best suited
value of parameter p was 0.6 (correlation coefficient
was 0.992), whereas the correlation coefficient for
the SD was 0.951.

3.4 Discussion

In Fig. 6, ASD is appropriate as an interval scale
because the MOS increases in proportion as the
ASD decreases as shown. In Fig. 7, although two
stimuli are evaluated equally on the SD, their MOSs
as subjective evaluations are different. This sug-
gests that SD does not reflect the subjective evalua-
tion.

It is desirable that the standard deviation of the
MOS is small. If a distortion measure is compat-
ible to subjective evaluation, MOS shuold be an
integer in this experimental condition. A large
standard deviation means that subjects take great
pain to evaluate a stimulus on the MOS that must be
an integer. Therefore, ASD is superior to the SD as
regards the correspondence to subjective evaluation.

On optimizing the parameter p, this result supports
the assertion by Lutfi er a/. that p should be larger
than 0.33 if the number of maskers increases.'*'®

4. APPLICATION TO OPTIMIZE
NOISE REDUCTION
ALGORITHM

4.1 Outline of the Noise Reduction Algorithm

The authors have proposed a noise reduction
method,*® consisting of three modules: estimation
of signal directions, estimation of the noise spec-
trum, and subtraction of noise spectrum using the
Spectral Subtraction.'” In the third module, we
can obtain an amplitude spectrum §speech(w) of the
noise reduced speech signal using S,yse(w) that is an
amplitude spectrum of the estimated noise signal
and grecewed(a)) that is an amplitude spectrum of the
received noisy signal as follows.

Sreceived(a)) —ar §nolse( (U),
Sreceived(w) >q- §nolse( (U),
ﬂ * Srecelved((l))y

§speech( (1)) =

(7)

otherwise,
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where ¢ is the subtraction coefficient, and £ is the
flooring coefficient that is fixed as 0.001 in this

paper.

4.2 How to Optimize the Noise Reduction Algo-
rithm

The parameter of the noise reduction algorithm is
optimized to bring out the greatest ability in each
purpose. One of the most dominant parameter of
this method is the subtraction coefficient ¢ in Eq.
(7). Weadopt two objective distortion measures as
criteria to optimize it. One is the ASD supposing
hearing aids, and the other is the LPC log Spectrum
Envelope Distortion (LPC-SED), that is a distor-
tion measure for a front-end of ASRs? and calcu-
lates the distortion in the range that is from 100 Hz
to 6,000 Hz. We already confirmed that the LPC-
SED was compatible for speech recognition rates
when @=1.0" However, we did not confirm
whether ¢= 1.0 is valid.

The test signals are the same as those signals
found in Section 3.2, and coordinated to set the
SNR as 10dB. Noises in these signals are reduced
by proposed noise reduction method when the sub-
traction coefficient ¢ varies from 0.0 to 2.0 in 0.1
steps. Note that we do not execute the process of
noise reduction when g=0.

4.3 Experimental Results

In Fig. 9, we can see the relationships between the
parameter ¢ and distortions after noise reduction on
the LPC-SED and the ASD (p=0.6). Itis obvious
that this method can reduce distortions caused by
non-stationary noises on both distortion measures.
The experimental results show that the suitable
value of a should be obviously different in each
purpose.

It is confirmed that former experiment results
were valid, because Fig. 9 (upper panel) shows that
the former parameter setting (¢=1.0) is the most
suitable. In order to improve the auditory impres-
sions, it is desirable to set @ more than 1.0. To
examine this tendency in detail and verify the ASD
again, we conducted additional listening tests for
conversational speech signals extracted from concur-
rent conversational signals. The conversational
signals are from the ATR speech database,'” and a
target speech is “tsuuyakudenwa kokusaikaigi jimu-
kyoku desu” and a disturbance speech is “daimoku
no shimekiri wo oshietekudasai” Eight subjects

4,5)
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Fig.9 Distortions on the LPC-SED (upper
panel) and the ASD (lower panel) of noise-
reduced speech signals for each subtraction
coefficient .
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Fig. 10 The mean MOS for each subject.

randomly listened to each extracted speech signal
four times, and gave the MOS on the five point
scale.

The experimental result for each subject is indi-
vidually shown in Fig. 10. Each panel in Fig. 10
shows the mean MOS for each extracted target
speech signal, and has the maximum value or a local
peak of the MOS in the range l.1<ae<15. A
primary factor for scattering the MOS (0.1 < ¢<0.3)
may be the separation of a disturbance speech in
listening to concurrent conversational signals.
Figure 11 shows mean MOSs for all subjects, and
has the maximum MOS in ¢=1.2. There is no
significant difference between ¢=1.0 and ¢=1.2 in
a statistical test, since the dynamic range of the MOS
is different for each subject. However, almost all
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subjects suggest that it is desirable that @ is larger
than 1.0 as shown in Fig. 10.

4.4 Discussions

It is confirmed that the suitable value of the sub-
traction coefficient ¢ is different in each application
and the ASD works well.

When a parameter ¢ is larger than 1.0, the noise
reduced speech signal barely includes noise, how-
ever, it is shaved to some extent. A human audi-
tory system may be sensitive to noises and may be
insensitive to the lack of spectra in the speech sig-
nals. This over-subtraction equally shaves spectral
peaks and spectral dips, but spectral dips are in-
audible owing to masking effects. In other words,
spectral peaks are dominant and spectral dips are
not influential for speech perception. These knowl-
edges prove that the ASD fits the human auditory
perception more accurately than the SD again, since
the ASD is an objective distortion measure consider-
ing that spectral peaks are important and the SD
equally evaluates distortions in all frequencies.

5. CONCLUSIONS

This paper proposed an objective distortion mea-
sure, called ASD, that takes account of simultaneous
and temporal masking effects. ASD is more com-
patible to subjective evaluation (MOS) than the SD.
The experimental results suggest that the suitable
parameter for the noise reduction algorithm is
different in each application such as a front-end of
ASRs or hearing aids. Unlike the commonplace
setting such as a front-end of ASRs, over-subtraction
of noise spectra should be desirable to decrease

distortions on auditory impressions.
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