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Abstract—This paper presents speech enhancement technique
based on Spectral Subtraction (SS) method. SS is a renowned
noise reduction technique that works on the principle that
noise spectrum estimate over the entire speech spectrum can
be subtracted from the noisy signal. On the contrary, most of
the noise encountered in the real-world conditions is majorly
colored. Unlike Additive White Gaussian Noise (AWGN), col-
ored noise does not affect the speech signal uniformly over
the entire spectrum. To mitigate effects of colored noise on
the processed signal, we propose a Multi-Band Spectral Sub-
traction (MBSS) method using novel Adaptive-Control Fac-
tor (ACF). The spectrum is divided into frequency sub bands
based on a nonlinear multi-band frame and various signal-
to-noise ratios (SNRs) are considered. The proposed scheme
results in better system performance with quality signal and
unlike the basic SS method. It mitigates the effects of anomaly
known as “musical” tones artifacts in the processed signal that
result in residual noise and speech distortion. The computa-
tional complexity involved is minimal. Furthermore, simula-
tion results show that the proposed algorithm removes more
colored noise without removing the relatively low amplitude
speech signal over the entire speech spectrum. Subjective lis-
tening tests, with clean speech signals and different noise lev-
els, show discernable performance of our proposed method
when compared with the conventional SS approach.

Keywords—Adaptive-Control Factor, MBSS, musical noise, sub-
bands.

1. Introduction

Advances in digital signal processing have improved the
quality of the existing and emerging communication tech-
nology services such as mobile telephony, teleconference
systems, and Voice over Internet Protocol (VoIP). The cor-
ruption of speech signals due to presence of additive back-
ground and channel noise causes severe difficulties in var-
ious communication environments. Noise presence fre-
quently degrades the quality of services and the informa-
tion content of a signal [1]. To improve the quality of the
corrupted signals, noise must be eliminated or suppressed.
Noise suppression techniques are essential for these systems
to operate efficiently [2].
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In [3] Boll proposed Spectral Subtraction method of sup-
pressing the effect of noise acoustically added to the speech
signals. The approach is popular because of its simplicity
and versatility in concept and effectiveness in enhancing
speech degraded by additive noise [4]. The basic principle
of the spectral subtraction method is to subtract the mag-
nitude spectrum of noise from that of the noisy speech.
The approach works under the assumption that noise sig-
nal is uncorrelated and additive to the speech signal [2].
While this power spectral subtraction method substantially
reduces the noise levels in the noisy speech, it can cause
deterioration of the recognition accuracy as well as intro-
duce further distortion — called musical noise — in the
speech signal [5], [6]. Musical noise consists of tonal
remnant noise components that are annoyingly unpleasant
to the ear.

Recent studies have focused on a nonlinear method to the
subtraction process — justified by the variation of SNR
across the enhanced speech spectrum [2], [7]. The spec-
trum of colored noise is not flat like the assumed white
Gaussian noise. Consequently, the noise signal does not
affect the speech signal uniformly over the whole spec-
trum. Certain frequencies are affected more adversely than
others.

To prevent the variation of SNR across the enhanced speech
spectrum and destructive subtraction of the speech while
removing most of the residual noise, it is necessary to de-
velop an appropriate factor that will subtract only the nec-
essary amount of the noise spectrum from each frequency
bin. In [8] criterion to quantify the amount of generated
musical noise was proposed.

In this paper, a multi-band approach to spectral subtraction
method that maintains a high speech quality and mitigates
the stated anomalies using new Adaptive-Control Factor
(ACF) is proposed. The ACF allows for the removal of
less noise during relatively low amplitude speech and more
noise during relatively high amplitude speech. The pro-
posed approach divides the spectrum into frequency sub-
bands based on a nonlinear multiband frame. For each
sub-band, the noise corrupted speech spectrum in preced-
ing and current time frames is compared to statistics of the
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noise spectrum to improve the determination of the speech
activity in a given sub-band.

The mathematical descriptions of the MBSS and the pro-
posed ACF are discussed in Section 2. Section 3 discusses
the implementation of MBSS with ACF. Section 4 contains
experimental results of the research. Conclusions are drawn
in Section 5.

2. Multi-Band Spectral Subtraction

Suppose a clean signal s(n) is corrupted by a stationary
additive noise d(n). The resulting received corrupted signal
can be expressed as

r(n) = s(n)+d(n), M

where n is the discrete time index. The power spectrum
of the received signal, at k instant, can be approximately
estimated from:

|R(k)[?

~[S(k)|* + D). )
The received signal is buffered and divided into segments
of N samples length. Each segment is windowed, using
Hamming window technique, and discretely Fourier trans-
formed to N spectral samples. Windowing alleviates the
effects of discontinuities at the endpoints of each segment
and suppresses glitches. Therefore, it avoids the broadening
of the frequency spectrum caused by the glitches [7], [9].

Following [3], the clean speech spectrum estimate is ob-
tained as:

A

Sk = |R|* - a|Dk)|*, 3)

where « denotes an over-subtraction factor. This factor
is for controlling the amount of noise subtracted from the
noisy signal. For full noise subtraction, & = 1 and for
over-subtraction o > 1.

A novel Adaptive-Control Factor o/(k) is proposed that al-
lows controlling mechanism within each frequency-band k,
giving that noise is colored and has non-uniform spectral
distribution. This ACF is scaled to accommodate for the
multiple-frequency range that may exist in speech spectrum,
expressed as:

where (k) is the normalized value of the noise spectrum
dictated by the level of the signal. The 2f3(k) accommo-
dates for peak-to-peak consideration, and the frequency f is
in kHz. The floor-noise may have approximate frequency as
that of power-line interference and its harmonic component
at about 50 Hz. The inclusion of frequency-components
of f <50 Hz is to accommodate the situation when the
speech is contaminated by disturbances close to the sig-
nal being generated such as extragenoeous low-frequency,
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high-bandwidth components caused by body movement,
and/or nearby processing equipment. Further, the border
of f <2 kHz reflects the limit where extraneous noise be-
comes problematic for normal speech recording range.

3. Implementation

The signal is first windowed using a 20 ms (160 samples)
window and 50% overlap between frames. The magni-
tude spectrum of the windowed signal is estimated using
256 points Fast Fourier Transform (FFT) at 8 kHz sam-
pling frequency. The noisy signal spectrum is divided into
K sub-bands, and average value of the segmental SNR is
calculated over each preceding and succeeding k-th sub-
band. Then, spectral subtraction was implemented inde-
pendently across multiple sub-bands by subtracting the es-
timated noise magnitude spectrum in each k-th sub-band
from the noisy signal spectrum using ACF. This prevents
both over and under subtraction as well as signal distortion.
The estimated noise magnitude spectrum in each k-th sub-
band is subtracted from the noisy signal spectrum. The
processed k-th sub-bands are combined and then the en-
hanced estimate of the signal is obtained by the Inverse
Fast Fourier Transform (IFFT) of the enhanced spectrum
using the phase of the original noisy spectrum. The re-
sulting signal is overlap added to reconstitute the output
enhanced signal sequence. Different noise scenarios were
considered with variable intensity and sub-band variable
frequencies to test the effectiveness of MBSS technique.

4. Experimental Results

4.1. Simulation Results

Firstly, a real-world low-level noise scenario environment
like home or office is considered. In this situation, 4.5-10*
samples of real-world noise are added to the same value of
clean speech signal, as shown in Figs. la-c the composite
noisy signal. The implementation of the proposed MBSS
gives satisfactory enhanced speech, as seen in Fig. 1d.
Furthermore, a real-world medium level noise scenario
like campus environment is considered. In this condition,
4.5-10* samples of medium level noise are added to the
same value of clean speech signal, as shown in Figs. 2a-c
the composite noisy signal. Fig. 2d depicts enhanced speech
obtained with the implementation of MBSS.

Additionally, this paper further examined a high-level noise
environment to experiment effectiveness of the proposed
approach. A real-world high-level noise scenario like man-
ufacturing company is analyzed. In this environment, noise
emanates from different sources like heavy duty generator
and production machines. In this situation, 4.5-10* sam-
ples of real-world noise are added to the same value of
clean speech signal, as shown in Figs. 3a-c the composite
noisy signal. The implementation of MBSS gives satis-
factory enhanced speech, as seen in Fig. 3d. In addition,
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Fig. 1. Plots of (a) clean signal, (b) low level noise signal, (c) noisy si

gnal and (d) restored signal.

(a)l.O-‘.‘.“. (b)

0.8
0.6
04 r
02+

0
02t

Amplitude

04 L
(d)
0.6

-0.8 ¢

-1.0

0 05 1.0 15 20 25 3.0 35 4.0 4.5x104
Sample number

—_

Amplitude
—~ o

05 1.0 1.5 20 25 30 35 40 4.5x104
Sample number

(=)

—

Amplitude
(=)

'
—_

05 1.0 15 20 2.5 30 35 40 45x10"
Sample number

(=]

Amplitude
(=)

'
—_

05 1.0 15 20 25 30 35 40 45x10°
Sample number

S

Fig. 2. Plots of (a) clean signal, (b) low level noise signal, (c) noisy signal and (d) restored signal.
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Fig. 3. Plots of (a) clean signal, (b) low level noise signal, (c) noisy signal and (d) restored signal.

JOURNAL OF TELECOMMUNICATIONS
AND INFORMATION TECHNOLOGY

U013

37



Isiaka A. Alimi and Michael O. Kolawole

the proposed algorithm removes more colored noise with-
out removing the relatively low amplitude speech signal
over the entire speech spectrum.

4.2. Listening Test Results

The human listener does not believe in a simple mathe-
matical error criterion. As such, in order to confirm the
effectiveness of results obtained from simulations for the
proposed method, subjective listening experiments were
carried out with clean speech signals and different noise
levels. The sampling frequency for all recordings was
8 kHz. 12 persons took part in the listening tests carried
out to determine subjective quality and intelligibility of
speech enhanced by our method. Eight of the participants
are radio broadcast professionals who has about 8 years
experience in both analogue and digital speech processing
and are in their early thirties. Furthermore, four students
working on digital speech processing area and in their twen-
ties participated in the test.

Participants were told to choose the signal they preferred
from the ACF-based and conventional SS approaches, as
well as choosing according to how intelligible and qual-
ity the signal is. The results of our test for residual noise
for real-world low-level noise shows that 6 persons pre-
ferred ACF approach, 3 persons preferred conventional SS
approach, while 3 persons are indifferent. In addition, for
residual noise for real-world medium level noise, results
show that 8 persons preferred ACF approach, 3 persons
preferred conventional SS approach, while 1 person is in-
different. Furthermore, test for residual noise for real-world
high-level noise shows that 10 persons preferred ACF ap-
proach and 2 persons preferred conventional SS approach.
Table 1 shows percentage representation of the residual
noise result obtained.

Table 1
The test results for residual noise
Noise ACF based | Conventional SS | Indifferent
type MBSS [%] [%] [%]
Low level 50 25 25
Medium level 67 25 8
High level 83 17
Table 2
The test results for speech distortion
Noise ACF based | Conventional SS | Indifferent
type MBSS [%] [%] [%]
Low level 67 25 8
Medium level 83 17 0
High level 92 8 0

The results of test for speech distortion for real-world low-
level noise show that 8 persons preferred ACF approach,
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3 persons preferred conventional SS approach while 1 per-
son was indifferent. In addition, results of test for speech
distortion for real-world medium level noise shows that
10 persons preferred ACF approach, 2 persons preferred
conventional SS approach. Furthermore, test for speech
distortion for real-world high-level noise shows that 11 per-
sons preferred ACF approach, 1 person preferred conven-
tional SS approach. Table 2 shows percentage representa-
tion of the speech distortion result obtained. These results
show that the proposed ACF based method outperforms the
conventional SS approach.

5. Conclusion

This paper has presented a novel Multi-Band Spectral
Subtraction method for enhancing signal corrupted by
noise. The introduction of ACF prevents both over and
under subtraction as well as signal distortion. In addi-
tion, listening test results show that the proposed method
performs better than the conventional SS approach. Our
approach maintains high signal quality and offers positive
improvement that consistently outperforms the conventional
spectral subtraction approach for all SNRs observed with
no adverse effect on the processed signal. The improve-
ment is because the non-uniform effect of colored noise on
the signal spectrum is taken into consideration. This results
in a comparatively higher SNR.
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