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ABSTRACT psychoacoustic masking data [5]. Unlike conventional auditory

. . __filterbanks for signal analysis, synthesis filterbanks were

Spectral .subtractlon has been C'.ted most often as a Noisggapjished through an IIR implementation of the gammachirp
suppression methOd fqr speech signals n steady backgr.oun ilter. Moreover, this filterbank guaranteed the small and time-
noise, because it is basically a non-parametric method and Simplg,, o rjant resynthesis error. The main interest of this development
enough to implement for various applications using FFT. It has s " ho\ever, the capability to modify output representations of
also been well known, however, that spectral subtraction ;o analysis filterbank to reproduce sounds with desirable

produces so called “musical noise” in synthetic sounds. Sincegp, acteristics. One of the most important applications is the
such musical noise, even at low levels, can often bother humans, jicq suppression presented here.

in speech perception, spectral subtraction has not been very Section 2 explains noise suppression using the gammachirp
successful in signal processing applications for human 'iSte”erSfiIterbank. Subsection 2.1 shows the definition and the
Tlo Suppress Eo'dsi W'tbhOUt dprodlucmdg musical noise, an .paracteristics of the gammachirp. Subsection 2.2 shows a basic
alternative method has been developed using a time-varying.qg.,ctyre of the noise suppression filterbank. Subsection 2.3
analysis/synthesis gammachirp filterbank; this was initially explains the principle of noise suppression by using this

proposed as an auditory filterbank. The present method achievegiarhank. Subsection 2.4 shows another filterbank structure to

abput the same SNR |mproyement as spectral subtracpon Wheri‘mprove the performance, only by using the same condition as
using the same information on the non-speech interval.

M h heti d | ; dv white-lik spectral subtraction. Section 3 shows an evaluation of noise
oreover, the synthetic sounds only contain steady white-like g, 5reqsion by the gammachirp filterbank method and spectral
noise at reduced levels when the original noise is white. This

; . ; S subtraction.
methodlls, therefore, advantageous in various applications for
human listeners. 2. NOISE SUPPRESSION FILTERBANKS
1. INTRODUCTION 2.1 Gammachirp

Spectral subtraction [1] has been cited most often as a noise . The ga'.“m“h”p was gnalyncally derived as a functlpn
suppression method for speech signals with static background@tisfying minimum uncertainty in a time-scale representation
noise. This may be because it is basically non-parametric inanOI was applied to fit a Ievel-dependent auditory filter shape
terms of speech parameters and simple enough to implement fo?)qo"""mng psychoacoustlc masking o]atq [5]-
various applications using FFT. Non-parametric methods are '€ cclmplex impulse response is givenas
advantageous to parametric methods, e.g., adaptive comb filter 9.()=at’ exp(-2mbERB(f,) t) exp(j2rf.t+ jcint +jg) (1)
methods [2], when the signal to noise ratio (SNR) is small. This wheret is the time,a is the amplituden andb are parameters
is because the estimation of speech parameters, such as thdefining the distributionf, is the asymptotic frequencg,is the
fundamental frequency, becomes harder as the SNR decreases. parameter for the frequency modulatigris the initial phase, Ih

Spectral subtraction, however, has not been very successfuls a natural logarithm of time, and ERB(is the equivalent
in signal processing applications for human listeners, because ofectangular bandwidth of the filter &t [6]. Whenc=0, this
the well-known “musical noise” in synthetic sounds. Such equation represents the complex impulse response of the
musical noise, even at low levels, can often bother humans ingammatone [7] having only a sinusoidal carrier in the same
speech perception. Various methods have been proposed tenvelope.
reduce musical noise [3], but proper evaluation have not been The amplitude spectrum of Eq. (1) is derived as

made at low SNR values nor has musical noise suppression been : [ar (n+ jc)| w0

guaranteed under any conditions. Solution seems distant because Gc(f)l - |2nbERB(f )+ j2m(f - ) e @
musical noise is produced by physical inconsistencies of ' '

subtracted amplitude spectra and unmodified phase. To 6 =arctan{(f - f,)/bERB(f, )} @)

essentially overcome the problem, it is necessary to develop arhe peak frequency of Eq. (2) is obtained analytically as
filtering process to attenuate or enhance spectra without f =f +c[BERB(f)/n. (4)
separating the amplitude and phase components. It is alsorhe first term in Eq. (2) represents the amplitude spectrum of the
necessary to adopt a non-parametric method as advantageous g&mmatone; it is almost symmetric in the linear frequency axis.
spectral subtraction. The second term represents an asymmetric function that
This paper proposes such a noise suppression method baseftroduces asymmetry into the amplitude spectrum of the
on a time-varying, analysis/synthesis gammachirp filterbank [4]. gammachirp. The asymmetry becomes greater as the absolute
This filterbank was originally developed as an auditory filterbank vajue increases. This function can be simulated by an asymmetric
based on a level-dependent gammachirp filter to explain compensation filter designed as a minimum-phase IIR filter [4].



Consequently, a gammachirp filter can be simulated with the ,Z-----. “Gammachip \  poec--=-z<bs

combination of a gammatone filter and an asymmetric
compensation filter.
It has been demonstrated [5] that the gammachirp filter fits

c is associated with the sound pressure level typically as

€=3.38 - 0.10P; (5)
where P is the threshold level (in dB) of a probe sinusoid in
notched noise. Sindg, is usually greater than about 30 dB, the
parameterc is typically negative and produces a shallow slope

below the peak frequency and a steep slope above the peak ‘\--------'

frequency in the amplitude spectrum. When the sound level
increases, the absolutevalue becomes larger, and then, the
shallowness and steepness are enhanced.

In this paper, input sounds are properly normalized in
advance to utilize the effective range of thealue, and as a
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Figure 1. Block diagram of a basic noise suppression
system based on a time-varying analysis/synthesis
gammachirp filterbank

much smaller than the power of the speech inkiki channel

result, the value oP; does not correspond to the absolute sound and little smaller in thé&,-th channel.

pressure level since the main purpose is to demonstrate effective

noise suppression by using the gammachirp filterbank.

2.2 Basic structure

Figure 1 shows the block diagram of a basic noise
suppression filterbank. The left box labeled “Gammachirp
Analysis” is the gammachirp filterbank proposed in [4]. The
gammachirp filterbank consists of a gammatone filterbank and an
asymmetric compensation filterbank controlled by a parameter
controller with sound level estimation. The parameter controller
changes the value of the parameterin the asymmetric
compensation filter in accordance with the estimated sound
pressure level at the output of the filterbank on a sample-by-
sample basis.

When the idea of spectral subtraction is applied in this

situation, the estimated noise level is subtracted from the total
level of each channel. Then, the output of kix¢h channel is
reduced relatively little, whereas the reduction in the output of
thek,-th channel is relatively large. This is equivalent to the state
that the gain of the analysis/synthesis filter is greater irk;ttie
channel than in thk,-th channel. This is one of the conditions to
perform the noise suppression.

Figure 2(d) shows the amplitude spectra ofkhth andk,-

th analysis/synthesis filters, as an example of the above situation.
The next subsection explains the principle of noise suppression in
Fig. 2.

2.3.2 Explanation of a solution

The right box labeled “Noise Suppression Synthesis” is a 1) Figure 2(a) shows an e>.<ample corresponding to .the situation
synthesis mechanism that reproduces sounds with suppressed described above. According to a negative correlation between

noise. The first stage is a channel shift block, which shifts the
output of the gammachirp analysis filters uniformly for a few

channels below to be fed into gammatone synthesis filters of
lower channels. The next block consists of a time-reversal linear
gammatone filterbank and performs weighted summation to
synthesize signals from the shifted gammachirp output. Noise

the signal level and the parametems shown in Eq. (5), the
values of the parameterare assumed to be, say, -3 and —1, in
thek;-th andk,-th channels, respectively. The peak frequencies
of the k;-th andk,-th gammachirp filters (solid lines) become
lower than those of the corresponding gammatone filters, but
the degree of the peak frequency shift is greater irkgté

suppressed sounds are, then, resynthesized from the shifted channel than in thke-th channel as indicated by Eq. (4).
gammachirp output. The principle of noise suppression with this 2) By considering that the output of these gammachirp filters is

mechanism is described in subsection 2.3.

By directly connecting the gammatone analysis filterbank in
the first block of Fig. 1 and the time-reversal gammatone
synthesis filterbank with summation in the last block, the
structure is almost the same as the wavelet transform [9]
commonly used for signal resynthesis. Thus, this system
performs noise suppression by using a level-dependent, time-
varying asymmetric compensation filterbank and a channel shift
operator between these two linear filterbanks.

2.3 Principle of noise suppression

2.3.1 Problem formulation

Let's consider thek;-th and k,-th channels of the
gammachirp analysis filterbank and the gammatone synthesis
filterbanks in Fig. 1, where thk,-th filter does not largely
overlap thek;-th filter. In addition, let's assume the dominant

fed into the gammatone synthesis filters shown in Fig. 2(c), the
total filter gain becomes smaller in tketh channel than in the
k,-th channel. This is because the total gain is calculated from
the spectral multiplication of the analysis and synthesis filters,
and the disparity in the peak frequencies between the analysis
and synthesis filters in thg-th channel is much larger than in
thek,-th channel. This operation results in a noise enhancement
that is against our purpose. Accordingly, some additional
operations are necessary in the system.

3) Consider the analysis filters of tle channel above those

channels wherex is a small positive integer. The estimated
sound pressure levels in thieHa)-th and k,+a)-th channels

are about the same as those in ki#h andk,-th channels,
respectively, because the sound pressure level is estimated with
the average of adjacent channels. Therefore, as illustrated in
Fig. 5(b), thec values and the degrees of the peak frequency

formant frequencies of a steady speech signal are located close to shift in the k,+a)-th and k-+a)-th channels are almost the

the k;-th channel and far from thle,-th channel. We further

same as those in thgth andk,-th channels.

assume that white n.oise at a low level exists as Fhe backgr.oundl) Select thexr value properly so that the peak frequency of the
noise. Then, the estimated sound pressure level is greater in the (k +a)-th analysis filter is close to the peak frequency ofkthe

k,-th channel than in thie-th channel. The power of the noise is



th synthesis filter. Then, the output of thke+@)-th and k,+a)-

th analysis filters are fed into thg-th andk,-th synthesis o @ ;T;:Cfms

filters, respectively. This is the function of the shift block in EOS RIS

Fig. 1. g 1
5) The total amplitude spectra of the analysis and synthesis filters =

are shown in Fig. 2(d). The filter gain is greater in kh¢h 0

channel than in thé,-th channel. This result satisfies the ir

(b) Gammachirp filters ch #k1+a ch #kz+a i

condition of noise suppression described in subsection 2.3.1. of o channel above

2.4 Improvement of noise suppression

In the previous section, it was demonstrated that noise
suppression is possible only by using the relative powers of 0 : ‘
speech and noise. This procedure, however, seems effective only  1f
for high SNR cases with white noise. To improve the
performance, we introduce the same assumption as used in
spectral subtraction, i.e., the non-speech interval can be detectec
prior to the noise suppression procedure[1].

Figure 3 shows a filterbank structure for using this if \ \
assumption. Asymmetric compensation filterbank B (ACFB-B) , | @Toal oh #k,
at the bottom of the analysis part is of the same structure and gets2 characteristics
the same control parameters as the asymmetric compensatior &
filterbank shown in Fig. 1. The only difference is that this A
filterbank does not produce the output for the synthesis 0
filterbank. Figure 2. Schematic i:quﬁ;cyfé)EFBes; laining the principle

Asymmetric compensation filterbank A (ACFB-A) does not 1u ) grap P g P b

of noise suppression. Amplitude spectra of gammachir
have a feedback path to the parameter controller and only 5.4 gammggone filters :Ere pIottFéd as a %unction 0?

receives parameter values to produce the output of the gequency (arbitrary ERB rates). See text for more detail.
gammachirp filterbank for the synthesis filterbank. Thalue to

c=-3 c=-1

Amplitude
o
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T
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a normalization factor to effectively use the full range whlues
allowed in the asymmetric compensation filters.

Since the subtraction is performed in the domain of
parametec and thec value may take either a positive or negative Compensation
value, this procedure does not require half-wave rectification
essentially used in spectral subtraction. The value,gf) is

Filterbank
/ (ACFBB-B)
positive when the noise componentd,,,] is larger thancl,(t)|.

The positivec value moves the peak frequency higher in /

accordance with Eq. (4) and enlarges the disparity between the gigyre 3. Block diagram of a noise suppression system
analysis and synthesis filters. Consequently, it suppresses the saple for information on non-speech intervals
filter gain further. In Fig. 2(b), it is likely the case in tketh

channel because the noise component is relatively large in thiS(GCFB NS) and spectral subtraction. The abscissa is the SNR of
chanlnel.h f noi t subtracti h thi the input speech signal and the ordinate is the SNR of the

n the Sense ot noise component subtraction, NOWEVET, IS, e5ceq speech signal. In the present experiment, two spoken

propedure resembles spgctral subtrgcﬂon since Eq. (6) can als ords (from one male speaker and one female speaker) are used

\?Viérrl]terp;riﬁtedEas ?Sl;un_IC_ECé?e?;rte if'?ga;éi\;iltgoreiazhfg?atr;]ri‘gas speech signals and white noise is used as the background
using £q. ’ ! geou noise. The average SNR values are plotted with solid lines since

g;?/g?odir; fotros e:;r'g smbct(r)e:gtci)c:ﬁtt% imarr;%e‘i;ethgrfgrr;gﬁggresthe results are not so different from each other. GCFB_NS1
P P u P P *  (triangle and solid line) shows the result when using the basic

3. EXPERIMENTAL RESULTS noise suppression filterbank in Fig. 1 explained in subsection 2.2.
This filterbank improves the SNR for about 5 dB when the input

~ The solid lines in Fig. 4 denote experimental results on SNR is high, but does not improve the SNR so much when the
noise suppression when using the gammachirp filterbank methoqnput SNR is low. GCFB_NS2 (circle and solid line) shows the

control thek-th channelg,(t), is formulated as e e .

c " signal ¢ Gammachip " . Noies Suppressed

CAk(t) :{CBk(t) -n mBNk} Enax‘w (6) N . ’;%,Lat . : . Flgir[l;;?,’;k ; B . Signal Output

; I " f i N Time- :
wherecg, () is thec parameter for th&-th channel in ACFB-B, ' Asymmetric N reversal :
. . ' i G |
Cank IS calculated by Eq. (5) from the average noise level at the_p Gammatong Compensation Channel ammatone |,
output of ACFB-B during the non-speech intenealjs the lower B a Weigmed '
limit of the ¢ value £3.5 in the simulation), ang is a constant (hereh sum
to amplify the estimated average for the noise. The first term is | '
the most important part for noise suppression. The second term i parameter
Controller l '
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result when using the filterbank in Fig.3 and the procedure
explained in subsection 2.4. The improvement of the SNR is
slightly better than with spectral subtraction (asterisk and solid
line) when both methods are assumed to have information on the
non-speech interval in advance. Since the results may depend on
the coefficient for the subtraction, both methods can achieve
comparable SNR improvement.

The important difference is that GCFB_NS2 does not produce
any musical noise even at the lowest input SNR, whereas spectral
subtraction clearly produces musical noise even at the highest
input SNR. The most advantageous feature of GCFB_NS is that
white noise is simply resynthesized as steady white-like noise at
a reduced level. It is impressive that the noise is efficiently
suppressed to release speech sounds from loud noise when the
SNR is -2 dB. The speech sounds are slightly distorted and cut
off at a high frequency, but are still clear and intelligible [10].

The dashed lines in Fig. 4 indicate results obtained using a
recent method incorporating adaptive orthogonal comb filters
(square and dashed line, labeled “Adaptive KLT"”) and spectral
subtraction (cross and dashed line) in [11]. It has been reported
that the adaptive KLT does not produce musical noise. However,
it does not show a better SNR improvement than GCFB_NS2,
even though it uses precise information on the fundamental
frequency of the speech at every moment. GCFB_NS2 is more
advantageous than comb filter methods because it only useT1
information on the non-speech interval that is estimated more ]
easily than any speech parameters at low SNR values.

4. SUMMARY (2]

A new method has been proposed to achieve effective noise
suppression without producing any musical noise. The method is
based on a time-varying, analysis/synthesis gammachirp
filterbank that enables spectral enhancement without separatind3]
the amplitude and phase spectra. It is basically non-parametric in
terms of speech parameters and accomplishes almost the same
SNR improvement as spectral subtraction when using the same
information on the non-speech interval. Moreover, it can easily [4]
incorporate many of the techniques developed for spectral
subtraction to improve the performance, because it has a
procedure including subtraction that is similar to the procedure in
the spectral subtraction. It can also combine other speech sign
processing methods since no uncontrollable musical noise is
produced. Even when the SNR is low, say, -2 dB, noise is
efficiently suppressed to release speech sounds from loud noise[ﬁ]
The synthetic noise still sounds like white noise at a reduced
level when the input noise is white.

It has been demonstrated that the gammachirp is an
excellent function for regulating the signal flow, as demonstrated
in ACFB-A in Fig. 3, as well as for characterizing human
auditory filter shapes [5]. Although the absolute sound pressure
level is ignored in the present simulation, more precise control
can be introduced into ACFB-B based on human peripheral [8]
auditory functions. Consequently, this method is advantageous in
various speech processing applications for human listeners. [9]

[10]

SNR (Processed Speech) (dB)

[7]
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