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ABSTRACT"

This paper proposes a speech state-dependent spectral subtraction method to
regulate the blind spectral subtraction for improved enhancement. In the
proposed method, a modified subtraction rule is applied over the speech
selectively contingent to the speech state being voiced or unvoiced, in an effort
to incorporate the acoustic characteristics of phonemes. In particular, the
objective of the proposed method is to remedy the subtraction induced signal
distortion attained by two state-dependent procedures, spectrum sharpening and
minimum spectral bound. In order to remove the residual noise, the proposed
method employs a procedure utilizing the masking effect. Proposed spectral
subtraction including state-dependent subtraction and residual noise reduction
using the masking threshold shows effectiveness in compensation of spectral
distortion in the unvoiced region and residual noise reduction.
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1. INTRODUCTION

In common spectral subtraction, the speech spectrum is estimated by
subtracting the average of spectral components in the non-speech activity
interval from the noisy speech spectrumll]. Such a procedure is equally applied

to the spectral components over the entire speech signal. But it is known that
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noise does not impact on all phonemes equally. Because of each phoneme’s
distinct acoustic property, the degree of influence by noise must be different for
each. Therefore, blindly applying the same enhancement criterion over the entire
speech is ineffective and ends in undesirable results. In this paper, a speech
state-dependent spectral subtraction method is proposed to regulate the blind
spectral subtraction for improved enhancement.

In the proposed method, a modified subtraction rule is applied over the
speech selectively contingent to the speech state being voiced or unvoiced, in an
effort to incorporate the acoustic characteristics of phonemes. Voiced sounds
have dominant spectral components in a specific frequency band, called
resonance frequency, due to its production mechanism. And these resonance
frequency components are typically characterized by high energy levels. Vowels,
for example, have dominant frequency components called formants in their
spectral domain. ‘On the other hand, unvoiced sounds’ spectral distribution looks
very similar to that of white noise. Therefore, in the spectrum of unvoiced
sounds contaminated with noise, the original spectral components are obscured
and subsequent noise subtraction results in severe signal distortions. To remedy
the subtraction induced signal distortion, two types of state-dependent procedure
(spectrum sharpening and minimum spectral bound) are employed into the
spectral subtraction implementation contiguously.

The enhanced speech signal by spectral subtraction still contains the residual
noise, called "musical noise”, which makes a metal-like sound and annoys the
human ear. In order to remove the residual noise, the proposed method employs
a procedure utilizing the masking effect. The masking effect is a principal
property of the human auditory system such that a band tone can be masked
by an other band located close by in the frequency domain.

T his paper is organized as follows. In Section 2, an overview of spectral
subtraction is presented and its problem 1is formulated. The proposed
enhancement schemes and their detailed procedures are described in Section 3.
In Section 4, the representative experimental results are provided. Finally,

Section 5 contains concluding remarks as well as suggestions for future work.
2. PROBLEM FORMULATION

Spectral subtraction is a method for restoration of the power or the

magnitude spectrum of a signal observed in additive noise, through subtraction
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of an estimate of the average noise spectrum from the noisy signal
spectrum{1][2]. Spectral information required to describe the noise spectrum is
obtained from signal measured during non-speech activity.

Assume that a windowed noise signal n(k) has been added to a windowed

speech signal s(k), with their sum denoted by y(k). Then

y(k) = s(k) + n(k) 1)
Taking the Fourier transform gives

Y(e™) = S(e™) + Ne™) (22)
The general spectral subtraction is defined by the following equation

IS(e™)P =] Y(e™)|*— alp(e™)|?,
if Y™ > du(e™)®
= 4 Y(e™)® otherwise (2.3)

where ﬂ(ejw) is average noise value during non-speech activity. Note that

0<@<] and PBis 0 or a very small value.

The estimation by spectral subtraction described above is applied to the
entire speech interval with equal criterion. This is a weakness since it is well
known that noise has non-uniform impact across the phoneme sequence of a
speech utterance. That is, the classicai spectral subtraction fails to fully utilize
the phonemic information carried within the signal for enhancement
processing[3]. The phonemic information includes the acoustic properties which
are originated in the different production process of each phoneme. Therefore,
when the speech signal is contaminated by noise, each phoneme in the speech
can show various degrees of distortion on the time and spectral domains. The
vowels, typical examples of voiced sound, have the resonance frequency
components, called formants, whose energies are relatively high[4]. Therefore
the noise spectrum has less influence on formants than on other frequency
components. On the contrary, unvoiced sounds have spectral distribution similar

to that of white noise. Consequently, unvoiced sounds are contaminated severely
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and estimated signals by spectral subtraction shows severe spectral distortion

compared to voiced sounds.
3. PROPOSED METHODOLOGY

The two-stage speech enhancement method proposed for improved
performance is ;.
1) Noise subtraction dependent on speech state

2) Residual noise reduction using masking effect

3.1 State-Dependent Subtraction
In this section, two types of state~dependent noise subtraction methods are

introduced to avoid the spectral distortion in unvoiced sounds.

3.1.1 Spectrum sharpening processing

As a new approach for reducing spectral obscurity of unvoiced sounds
corrupted by noise, spectrum sharpening is proposed as a kind of preprocessing.
That is, by making high-level energy spectral components higher and low-level
ones lower, the shape of the noisy spectrum can be more pronounced. For
spectrum sharpening, a simple function is introduced and it is expressed as

following.

_05 —L55/2 < ig*LSS/G

1 —Lss/6 < 1 <Lg/6
SS(7) = (3.1)
—-0.5 Lgs/6 < i <Lg/2

0 otherwise

where L gs is sharpening function size.
Spectrum sharpening is accomplished by convoluting the noisy spectrum

Y(?) .with the suggested sharpening function SS(7).

Ys = Y(i)*SS(i) = Z]J Y(3)SS(i—j) (3.2)
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Yo' (i—Lgs/2) if Y'(i—L/2)20
Y(7) otherwise

The function for spectrum SS(7) has the effect that noisy spectral shape
becomes clear to some extent through summing close-adjacent frequency

components and suppressing far-component spectrum

3.1.2 Minimum spectral bound

As described in Section 2, in the general spectral subtraction when a noisy
spectral component is smaller than the average noise spectrum, the noise
subtraction result is set as a small value proportional to noisy spectrum or zero
to avoid becoming minus value. In the case of the unvoiced sound, its spectral
similarity with white noise makes such processing occur frequently. The
spectrum set as that possibly have significant difference from original clean
spectrum, so that restored signal contains serious spectral distortion. As the
SNR decreases, such a situation becomes more pronounced.

In the proposed approach, spectral minimum bound is computed using power
spectrum estimated based on the linear predictive model (all-pole model) from
noise subtracted spectrum. Since estimated power spectrum has a similar
envelope to the original spectrum, it can provide information as spectral bound
mentioned above. The minimum spectral bound is calculated as follows.

1) The time domain signal x is estimated through the inverse FFT of
combination noise-subtracted spectrum and the phase of noisy signal.

2) The excitation gain is calculated using the Parseval’'s theorem.

=1 E.Z =1
—IN— %o ﬁ AANZ Zon(m) B4
= H_ »=lake—17rf/ l2

where a, is linear predictive coefficients attained from samples of x in a frame

and P is linear predictive order.

3) Calculate an estimate of the power spectrum of speech model.
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11— g:lake ~ J2mkIN|2

Pxx(w)= (35)

4) Scaling at each critical band for sufficient value as the minimum bound.

MB(w) = Pxx(w) %5 ’ - : (36)

where bl; is the lower boundary of critical band 7, bh; is the upper boundary

of critical band, Pyy{®) is noisy power spectrum and p(w) is average noise
spectrum.

Computed minimum bound MB(w@) is set as noise subtracted spectrum

when the noisy spectrum is smaller than noise spectrum.

3.2 Residual Noise Reduction based on Masking Effect

The enhanced speech signal by the proposed speétral subtraction still bears
the residual noise, called "musical noise”, which makes a metal-like sound and
annoys the human ear. In order to remove the residual noise, the proposed
method exploits a process based on masking effects. The masking effect is a
principal property of the human auditory system. When tones are produced
simultaneously, masking occurs in which louder tones can completely obscure
softer tones. In other words, the physical presence of sound certainly does not
ensure audibility and conversely can ensure inaudibility of other sound(5}{6][7].

Residual noise is possibly minimized by setting the negative subtracted
spectral components to a masking threshold. The computation of the masking
threshold introduced in [8] is used. It is composed of following steps : 1)
critical band analysis of the signal, 2) applying the spreading function to the
critical band spectrum, 3) calculating the spread masking threshold, 4)

accounting for the absolute threshold, and 5) re-normalization.

3.3 Integrated Enhancement Scheme
The block diagram in Figure 1 presents totally integrated speech

enhancement algorithm including both the state-dependent noise subtraction and
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residual noise reduction using the masking threshold. Detection of speech state,
ie., voiced or unvoiced, is made by means of energy and ZCR (Zero Crossing
Rate). However because reliability of decision by ZCR is dependent  on noise
amount, more study is required to find a more reliable decision rule for the

voiced/unvoiced state.
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Figure 1. Block diagram of proposed spectral subtraction

4. EXPERIMENTAL RESULTS

For the performance of the proposed algorithm, experiments of 4 subtractive
types of algorithm have been conducted as follows.
1) Power spectral subtraction without residual noise reduction (SPSUB)
2) Power spectral subtraction with residual noise reduction proposed by S. F.
Boll (SPSUB+RNR)
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3) State-dependent power spectral subtraction employing spectrum sharpening
processing with residual noise reduction using masking threshold (ST(1)-
SPSUB+MSKRNR)

4) State-dependent power spectral subtraction employing minimum spectral
bound with residual noise reduction using the masking threshold
(ST(2)-SPSUB+MSKRNR)

The original clean speech data is an utterance “computer’ which is recorded
by a twenty five year-old man in an anechoic chamber and sampled at 16
kHz. The noise 1is artificially generated and white Gaussian. In the
implementation of spectral subtraction algorithm, the size of an analysis frame
is 16 msec (256 points) and an overlap lag is 8 msec. At each frame, Hamming
windowed signal is analyzed in 256-point FFT.

Figure 2 (a) shows noisy speech and the region selected as unvoiced state
and Figure 2 (b), and (c) show enhanced speech by ST(1)-SPSUB+MSKRNR
and ST(2)-SPSUB+MSKRNR. Figure 3 (a), (b) and (¢) present the spectrogram
of noisy speech and enhanced speech by two methods respectively. From
figures, we can see the residual noise as well as the background noise are
considerably reduced by the proposed schemes. Listening test also shows an
improvement in intelligibility of the enhanced speech. The performance
comparison in terms of input-output SNR shows that the proposed spectral
subtraction methods are better than SPSUB+RNR by 0.98 dB on the average in
the low SNR (<0 dB), but their results degrade as SNR increases (Table 1). It
is thought that such behavior in performance degradation as SNR increases
occurs since the residual noise is reduced not by subtraction but setting the
values below threshold in ST(1)/ST(2)-SPSUB+MSKRNR.

Table 1. Performance comparison in terms of input-output SNR in the
integrated implementation. :

SNR(dB) -15.71 -9.93 -5.67 0.17 6.25 10.13

SPSUB 2.39 3.09 6.87 11.63 18.76 2354

SPSUB+RNR 251 3.25 715 11.93 19.12 24.03
ST(1)-SPSUB

4.21 4.05 7.53 11.74 18.55 23.02
+MSKRNR

ST(2)-SPSUB
+MSKRNR

2.95 3.38 7.25 1175 18.67 23.18
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Figure 2. (a)Noisy speech (10 dB) and unvoiced decided regions. (b)Enhanced
seech by ST(1)-SPSUB+MSKRNR. (c)Enhanced spech by
ST(2)-SPSUB+MSKRNR.
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Figure 3. (a)Spectrogram of noisy speech (10dB). (b)Spectrogram of enhanced
speech by ST(1)-SPSUB+MSKRNR. (c)Spectrogram of enhanced speech
by ST(2)-SPSUB+MSKRNR
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5. CONCLUSION

This paper proposed a spectral subtraction algorithm based on phonemic
properties and masking effect. That is, an experimental trial for speech
enhancement modeling speech production and perception mechanism of the
human auditory system has heen conducted. The proposed spectral subtraction
indicates a similar performance to those of the classical spectral subtraction
methods in terms of the SNR. However, in the enhanced speech by the
proposed scheme, the unvoiced sound region is shown to display. relatively less
signal distortions. A continuing investigation for further performance
improvement is being pursued in the areas of developing a more reliable state

decision algorithm, utilizing various phonemic classes (stops, silences, etc..).
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