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Abstract
A method of alleviating processing distortion caused by spectral
subtraction is presented. It is well known that the spectral sub-
traction introduces annoying artifacts, which are referred to as un-
desirable musical noise, in the enhanced speech. The enhance-
ment quality of the spectral subtraction quite depends on the per-
formance of reducing the musical noise. Our approach exploits an
adaptive filter in order to eliminate such distortion. In the method,
the enhanced speech obtained by the spectral subtraction is used
as a reference signal of the adaptive filter. The proposed method
utilizes the characteristic difference between the musical noise and
speech, i.e., the majority of the frequency components consisting
the musical noise have the duration shorter than those of speech.
Therefore, when the convergence speed of the adaptive filter is
slower than the lifetime of the musical noise but faster than that of
speech, only speech components can be tracked by the filter while
the musical noise components are attenuated. Simulation results
show that the proposed method can efficiently reduce the musical
noise and the enhancement quality is improved in comparison with
the conventional spectral subtraction.

Index Terms: spectral subtraction, musical noise, adaptive filter.

1. Introduction
In the last few decades, various applications based on speech
signals processing, for example, automatic speech recognizers,
hands-free mobile telephony, and hearing aids, have made rapid
progress. Since most applications are developed to give an opti-
mum performance for clean speech, a speech enhancement tech-
nique is necessary in order to provide better utility when we use
such applications in real environments.

Spectral subtraction is one of the methods for such a purpose
in speech signal processing [1, 2, 3, 4]. In the spectral subtrac-
tion, noise reduction is achieved by subtracting a noise spectrum
from a noisy signal in the frequency domain. Since the spectral
subtraction has relatively simple structure and low computational
tasks, this algorithm is widely used. In very low signal-to-noise
ratio (SNR) environments, however, the spectral subtraction intro-
duces annoying artifacts, which are referred to as musical noise,
in the enhanced speech. This self-introduced distortion causes the
significant deteriorations of speech quality such as intelligibility.
Therefore, attenuation of the musical noise is one of the key issues
of giving the better performance [2, 3].

The method presented in this paper exploits an adaptive filter
in order to alleviate the musical noise. In the method, the enhanced
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re 1: A block diagram of the proposed speech enhancement
m.

ch obtained by the spectral subtraction is used as the reference
al of the adaptive filter. Our method utilizes the characteristic
rence between the musical noise and speech, i.e., the majority
e frequency components consisting the musical noise have the
tion shorter than those of speech. Therefore, when the conver-
e speed of the adaptive filter is slower than the lifetime of the
ical noise but faster than that of speech, only speech compo-
s can be tracked adaptively while the musical noise compo-
s are attenuated.

2. Approach
1 illustrates a block diagram of the proposed speech enhance-
t system. In this figure, s(t), n(t), x(t), ŝ(t) and y(t) are
clean speech, noise, noisy speech, enhanced speech obtained
he spectral subtraction, and the final output, respectively. The
osed method consists of two steps. First, the noise compo-
s in x(t) is eliminated by using the conventional spectral sub-
ion and ŝ(t) is obtained. Second, the adaptive filter is utilized
attenuating processing distortion caused by the spectral sub-
ion. As in Fig.1, x(t) and ŝ(t) are respectively used as the
t and reference signals. Finally, y(t) is given as the output of
daptive filter.

Review of spectral subtraction and processing distortion

. Spectral subtraction

spectral subtraction technique is one of the methods of retriev-
a signal of interest observed in additive noise. In the method,
power (or magnitude) spectrum of the original signal is esti-

September 17-21, Pittsburgh, Pennsylvania



x(t)

�
Segmentation and Windowing

xw(t)
�

DFT

�

X(f ; t)

| · |β

�

|X(f ; t)|β

(+)L

�
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Figure 2: A block diagram of spectral subtraction.

mated from the observed noisy signal. Fig.2 summarizes a scheme
of the spectral subtraction. As shown in the figure, the observed
signal is transformed into the frequency domain via the discrete
Fourier transform (DFT), and then the previously estimated noise
spectrum is subtracted. Finally, the reconstructed time-domain sig-
nals is obtained by applying the inverse DFT (IDFT) to estimated
power (or magnitude) spectrum combined with the phase of the ob-
servation. In terms of computational complexity, the spectral sub-
traction is relatively inexpensive. Therefore, this method is widely
used in speech applications.

Let a noisy speech signal x(t) be

x(t) = s(t) + n(t), (1)

where s(t) and n(t) are the clean speech and noise signals, re-
spectively. In the spectral subtraction, the observed noisy speech
signal is buffered and divided into segments of L samples length,
and each segment is windowed. The windowed signal can be ex-
pressed as

xw(t) = sw(t) + nw(t), (2)

In the frequency domain, Eq.(2) is rewritten by

X(f ; t) = S(f ; t) + N(f ; t), (3)

where X(f ; t), S(f ; t) and N(f ; t) are the f -th frequency com-
ponents obtained by applying the DFT to xw(t), sw(t) and nw(t),
respectively.

The spectral subtraction implements noise reduction by using
only the power (or magnitude) spectra, i.e.,

|Ŝ(f ; t)|β = |X(f ; t)|β − α|N̂(f ; t)|β , (4)
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re 3: A spectrogram of enhanced speech obtained by spectral
raction (input SNR=0dB).

re |Ŝ(f ; t)|β is the spectrum of enhanced speech, |N̂(f ; t)|β
e previously estimated noise spectrum, and α denotes the sub-
ion factor. For the power spectrum, the exponent β is set to

2 and for the magnitude spectrum, β = 1. Moreover, α
t to α > 1 for the over-subtraction. The over-subtraction
s more improved results than the full noise subtraction, i.e.,

1. Estimated |Ŝ(f ; t)| is combined with the phase spectrum
(f ; t) as

Ŝ(f ; t) = |Ŝ(f ; t)| × ej\X(f ;t), (5)

re \X(f ; t) is the phase spectrum of X(f ; t). Then, Ŝ(f ; t)
ansformed via the IDFT and the time-domain signal ŝw(t)
btained. Finally, ŝw(t) is connected with the preceding and
eeding segments by the overlap-add operation to form the en-
ed speech ŝ(t).

In general, |N̂(f ; t)|β is estimated by using the signals of non-
ch segments where speech is absent but only noise exists. An
ate of the noise spectrum is obtained as

|N̂(f ; t)|β =
1

M

MX
m=1

|N(f ; tm)|β , (6)

re |N(f ; tm)|β is the spectra of the signals of the m-th non-
ch segment.



2.1.2. Processing distortion caused by spectral subtraction

Since the spectral subtraction is based upon the underlying as-
sumption that the statistics of noise process do not vary rapidly in
time, the signals in the previous non-speech segments are available

for the noise spectrum |N̂(f ; t)|β as in Eq.(6). |Ŝ(f ; t)|β obtained
by Eq.(4), however, contains an estimation error between the esti-

mated noise spectrum |N̂(f ; t)|β and the natural one |N(f ; t)|β .

For instance, when the |N̂(f ; t)|β is greater than |X(f ; t)|β , the
spectrum of the enhanced speech has a negative power (or magni-
tude) spectrum, in other words, the phase is constrainedly inverted.
Especially in low signal-to-noise ratio (SNR) environments where
SNRs are lower than 5dB, the spectral subtraction introduces un-
desirable metallic sounding noise, so-called musical noise. This
distortion causes the significant deteriorations of the enhancement
quality such as intelligibility.

The main cause of the musical noise is some frequency com-
ponents which are randomly isolated, short-lived and narrow-
bandwidth. Figs.3(a) and (b) respectively illustrate the waveform
and the spectrogram of the enhanced speech obtained by apply-
ing the spectral subtraction. In this figure, the additive noise was
assumed to be Gaussian and SNR=0dB. As shown, the isolated fre-
quency components randomly appear at relatively high frequency
region. The annoying musical noise is caused by these isolated
frequency components.

The enhancement quality of the spectral subtraction quite de-
pends on the performance of reducing the musical noise. In order
to alleviate such distortion, the characteristic differences between
musical noise and speech can be utilized. One of the most im-
portant characteristics of musical noise is that the majority of the
frequency components consisting the musical noise have the dura-
tion shorter than about 20msec, whereas the duration of the speech
components is considerably long [2]. However, precise distinction
between musical noise and speech components are still difficult.

2.2. Attenuating musical noise using an adaptive filter

As shown in Fig.1, our approach exploits an adaptive filter in or-
der to attenuate the musical noise. In the method, the noisy speech
and the enhanced speech obtained by the spectral subtraction are
used as the input and reference signals of the adaptive filter, re-
spectively.

Let an input and output signals of an adaptive filter be x(t)
and y(t), respectively. In the time domain, y(t) is given by

y(t) =

KX
k=0

h(k; t)x(t − k)

= h(t) ∗ x(t), (7)

where h(k; t) is the k-th coefficient of the adaptive filter at the
time t and ∗ indicates the convolution operation. In the frequency
domain,

Y (f ; t) = H(f ; t) ∗ X(f ; t), (8)

where Y (f ; t), H(f ; t) and X(f ; t) are respectively the frequency
components of y(t), h(k; t) and x(t). The adaptive filter adjusts
h(k; t) (or H(f ; t)) sample-by-sample so that a certain criterion is
optimized. One of the criteria is to minimize an error between the
reference, say d(t), and output signals of the filter in the statistical
sense. For instance, the normalized least-mean-square (N-LMS)
algorithm is commonly used for the adaptive filter [5]. In the N-
LMS algorithm, the mean of square error is minimized by updating
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oefficients as follows:

(t + 1) = h(t) +
μ

1 + ||x(t)||2 x(t)
`
d(t) − xT h(t)

´
, (9)

re h(t) = [h(0; t), h(1; t), · · · , h(K; t)]T , x(t) = [x(t),
− 1), · · · , x(t − K)]T , || · || and T respectively indicate a

and transpose of a vector, and μ (0 < μ ≤ 1) denotes the
-size parameter which controls the convergence speed of the
r.

When the signals are stationary or those statistics vary slowly,
adaptive filter can track the statistics of the statistics. In the
of speech, if the noise is stationary, X(f ; t) can be regarded as
onary within short time-scale and the statistics of X(f ; t) vary
ly in a long range. Therefore, when the frequency components
(t), say D(f ; t), are stationary or vary slowly, the adaptive
r can tune H(f ; t) so that Y (f ; t) trails D(f ; t). On the other
, the adaptive filter cannot track D(f ; t) whose statistics vary

dly in comparison with the convergence speed of the filter. For
ple, when D(f ; t) has the relatively short duration, Y (f ; t)
not include such a frequency component. This is because
; t) disappears before H(f ; t) converges.

As stated above, the lifetime of the frequency components of
ical noise is considerably shorter than that of speech. There-
, by using the speech containing the musical noise as the refer-
signal and setting the convergence speed of the adaptive filter

s to be faster than the duration of the speech components but
er than that of the musical components, only the musical noise
be filtered out.

3. Simulation
Parameter settings

his simulation, the enhancement quality by the proposed
od were compared with the cases of 1) the normal spectral

raction (SS) and 2) the spectral subtraction with the post-
essing (SS+PP) in which the musical noise is reduced by the
entional method, i.e., the frequency components having the
tion shorter than 20msec are identified the musical noise and
inated.

The speech used in this simulation were uttered by two male
two female speakers. The sampling frequency was 11.025kHz.
additive noise was assumed to be Gaussian and the additive
e level was varied from -5dB to 5dB.

In the spectral subtraction part, the length of analysis frame
set to L = 256, and the Hanning window was used. The sub-
ion factor was set to α = 2. In this simulation, the magnitude
tral subtraction was employed, i.e., β = 1. Determination
e speech presence was achieved by manual inspection of the

n speech signals.

In the proposed method, the N-LMS algorithm was utilized for
daptive filter. The length of the adaptive filter was empirically
o K = 220. To investigate the variation of the performance
e proposed method, the step-size parameter μ is varied to 0.1
posed1), 0.5 (Proposed2), and 0.9 (Proposed3).

Performance measurements

the objective measurement of the enhancement quality, in
s of both SNR [6] and averaged cepstral distance [7] were
idered.
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Figure 4: Performance comparison in terms of SNR.

SNR of the zero mean signal is calculated by

SNR(dB) = 10 log10

0
BB@

X
t

s2(t)

X
t

`
y(t) − s(t)

´2

1
CCA , (10)

where P is the length of signals. On the other hand, the averaged
cepstral distance is defined as

dcep =
1

P

PX
p=1

2QX
q=1

`
cs(q; tp) − cy(q; tp)

´2
, (11)

where P is the number of the frames where speech exists, Q is the
order of the model, and cs(q; tp) and cy(q; tp) are respectively the
cepstral coefficients corresponding to the clean and the enhanced
speech at the p-th speech activity segment. dcep is a non-negative
index of intelligibility. As intelligibility is improved, dcep de-
creases. In this simulation, Q was chosen as Q = 8, and the
speech activity segment, i.e., tp, are decided by manual inspection
as the spectral subtraction part.

3.3. Simulation results

Figs.4 and 5 show the performance comparison in terms of SNR
and averaged cepstral distance, respectively. In these figures, the
performances were averaged over the four speech samples. As
shown, Proposed3, i.e., the case where μ = 0.1, greatly reduces
the cepstral distance whereas SNR rather deteriorates in compar-
ison with the cases of SS and SS+PP. On the other hand, as the
step-size parameter increases, SNR is improved whereas the per-
formance in terms of the averaged cepstral distance somewhat de-
cays as compared with the Proposed3 case. Nevertheless, Pro-
posed1 and Proposed2 give more improved performance in terms
of the averaged cepstral distance than that of SS and SS+PP. Es-
pecially in the case of Proposed2, i.e., μ = 0.5, the averaged cep-
stral distance is efficiently eliminated while SNR is maintained.
Therefore, it can be said that by adjusting the step-size parameter
adequately, the enhancement quality is efficiently improved by the
proposed method.
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re 5: Performance comparison in terms of averaged cepstral
nce.

4. Conclusion
heme for alleviating the effects of the musical noise caused

he spectral subtraction has been proposed. In the method, the
nced speech by the conventional spectral subtraction is used
e reference signal of the adaptive filter. Simulation results
been shown that by exploiting the convergence property of

daptive filter, the musical noise is effectively attenuated. Fu-
works include to investigate the theoretically reasonable step-
parameter.
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