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bstract
Discrete Wavelet Transform (DWT) has been used in the recent years
in signal processing applications, i.e. filtering and compression. In the
case of denoising because the energy of the noise is spread in the entire wavelet coefficients and it has low amplitude, it can be rejected by
thresholding. In this paper, we propose a model to evaluate the influence of the denoising parameters in the quality of the speech signals, by a
blind process. We examine the residual signal to establish an objective
and blind criteria for selecting the following parameters: base, levels of
decomposition, rule, and threshold. This model can be applied in any
type of speech signal, no matter its behavior in time and frequency.
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Resumen
La Transformada Wavelet Discreta se ha utilizado en los últimos años en aplicaciones de
procesamiento de señales, como el filtrado y
la compresión. En el caso específico de eliminación de ruido, la umbralización permite
eliminar el ruido debido a que su energía está
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esparcida en todos los coeficientes Wavelet y
es de baja amplitud. En este trabajo se propone una metodología para evaluar la influencia
de los parámetros de filtrado en la calidad de
la señal de voz, en un proceso ciego. A partir de la señal residuo se establece un criterio objetivo y ciego para la selección de los
parámetros base, niveles de descomposición,
regla y umbral. Esta metodología se puede
aplicar a cualquier tipo de señal de voz, sin
importar su comportamiento en el tiempo y
en la frecuencia.
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ntroduction
In a natural environment, the speech signals
are corrupted by external interference as
background noise and others speech signals.
Because the treatment of any signal depends
strongly of its quality, it is desired to include
a pre-processing module before any kind of
analysis. The denoising module rejects the
external signal and it has been studied by
methods based on time and frequency domain [1].
One of the most effective methods to reduce white noise in non-stationary signals, like
the speech signals, is the Discrete Wavelet
Transform, and it can reject a part of the noise from the noisy speech signal. The basic
steps in the denoising stage with the DWT
are decomposition of the signal, thresholding, and reconstruction [2]. In the decomposition and the reconstruction steps, the
base and the level are the parameters of
selection; while in the thresholding the parameters are the threshold and the rule of
application [3]. Additionally, the DWT can be
used by the wavelet tree or the wavelet packet. First, the decomposition process is performed from the output of the low pass filter; second, the decomposition is performed
both the lowpass and highpass filter. Because most of the energy of the speech signal
is concentrated in the low frequency of the
4 kHz band, we selected the wavelet tree to
conserve the coefficients of the lowest band
and thresholding the coefficients of the upper bands. Others authors have applied the
wavelet packet [4], [5], [6].
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To evaluate the performance of the denoising
module, the objective and subjective criteria
have been proposed. First, the measurement
of the signal to noise ratio (SNR), the percentage of r.m.s. (PRD) and the cross correlation between the noisy signal and the filtered signal; second, the mean opinion score
(MOS) conforming to ITU-T P.835 standard.
In Biomedical signals one of the most used
criteria is the PRD because the quality of the
filtered signal must to be the best to conserve the clinical report [7], while, in the case of
speech signals the criteria should be adapted
according to the Human Auditory System
(HAS); it means to conserve the most relevant information in the audible zones and to
apply the masking property.
Our proposal differ of the others [8] because
it is focused on the residual signal instead of
the filtered signal, because if you don’t have
a prior knowledge of the form and the behavior of the speech signal, it is difficult to
identify the right filtered signal; but, if you
know the behavior of the external signal,
the residual signal must to be like similar. In
the case of white noise as the external signal, the residual signal will have a histogram
like a Gaussian and the spectrum spread in
all the frequencies. This is an important difference in relation to denoising in biomedical signals like electrocardiographic signals,
because although these are not periodic, its
behavior is known in advance

Blind model and the control
parameters
The model presented here is based on
applying a thresholding module in the wavelet domain and comparing the residual signal
to the reference signal. The overall approach
is presented in Figure 1.
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Figure 1. rchitecture of the proposed model.
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(DW ):

The process of transforming the noisy
speech signal to wavelet domain implies two
parameters: the base and the level of decomposition (N). The base defines the impulse
response of the half band filters, while the
level of decomposition defines the resolution in every group of coefficients. In every
level, the bandwidth of the signal is divided
by two and for the case of N = 4 and fs = 16
kHz the sub-bands correspond to Figure 2.
B.

hreshol ing:

This step modifies the low coefficients with
the purpose of eliminating the non-correlated
external signal. It is based on the assumption
that the noise and the speech signal are independent and the noise is added to the speech
signal, according to [9]:
Ns = s + n
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In the above equation ns is the noisy speech
signal, s is the clean speech signal and n is the
additive white noise.
Because the energy of the white noise signal
is by definition spread through the bandwidth,
its amplitude in every coefficient is less than
the amplitude of the speech signal. An adequate threshold (th) can eliminate the low
coefficients; it means to reduce the additive
white noise.
The rule of application defines the output
of the thresholding by a function. The most
popular rules are soft and hard thresholding
[10].
The soft threshold is defined by:

(1)
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Figure 2. ubband
decomposition for
fs = 16 k z.

. nverse Discrete W
( DW ):

velet

r nsform

The modified coefficients are reconstructed
according to the parameters selected in the decomposition. The base and level of the decomposition are the same used in the DWT block.
D. Difference:
The filtered signal is subtracted of the noisy
signal and the residual signal is obtained.
Additionally, the spectrum and the statistics
(first to fourth order) of the residual signal are
calculated.
Where th is the threshold, x is the wavelet co-

.

omp ring to

hite noise:

efficient, sgn(.) is the sign function, and g(x) is
the output. And the hard threshold:

The difference between the soft and hard rules is the output when the input exceeds the
threshold.

Ideally, the white noise is a random signal
which energy is spread in the entire spectrum, but in a real situation the bandwidth is
limited. The behavior of the white noise corresponds to a normal distribution, it means
mean (m) and skewness (sk) equal to zero, the
variance (s2) is non-zero value and the kurtosis (k) equal to 3. The statistics are calculated
according to Table 1.

able 1. tatistics..
Statistics

Definition

Mean (m)

average of a data set

Variance (s2)

spread of a data set

Skewness (sk)

symmetry of a data set

Kurtosis (k)

level of flat of a data set
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Equation
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able 2. core of the residual signal.
Type

Score
3

1

5

Statistics of the residual
signal

m ≠ 0; sk >> 0; k < 2.8
or k > 3.2

m ≠ 0; sk > 5 * 10 ; k <
2.9 or k > 3.1

m @ 0; sk @ 0; 2.9 < k < 3.1

Spectrum of the residual signal

It is concentrated in a specific band

It is non-uniformly spread

It is uniformly spread

Because the white noise can be characterized by its statistics, the residual signal in
Figure 1 should to match to the above values. Additionally, the spectrum should be a
constant. The results are scored according
to Table 2.

xperimental
The speech signals used in the current project have been sampled at fs = 16 kHz, encoded using 16 bits, mono-channel and corrupted by additive Gaussian white noise
according to the procedure for mixing speech
and background noise files contained in the
ITU-T P.835 standard [11]. The records correspond to female speaker. Because the proposed methodology is blind, the value of the

-3

able 3. arameters in the denoising stage.
Base

Levels

Threshold

Rule

Sym 6

2y4

Sqtwolog,
minimaxi

Soft, hard

SNR and the clean signal are unknown in the
analysis. The selection of the parameters is
related to the statistics of the residual signal
and its spectrum. The validation is performed
by the mean opinion score (MOS) of the overall quality rating scale.
The four parameters of the denoising stage
are presented in Table 3. There are 8 combinations, because there are two options by
parameter.

able 4. core of the statistics.
Base

N

Rule
Soft

2
Hard
Sym6
Soft
4
Hard

10

Th
sqtwolog
minimaxi
sqtwolog
minimaxi
sqtwolog
minimaxi
sqtwolog
minimaxi

m
-1.6068 * 10-6
-1.6068 * 10-6
-1.6068 * 10-6
-1.6068 * 10-6
-8.0035 * 10-7
-8.0035 * 10-7
-8.0035 * 10-7
-8.0035*10-7

Statistics
sk
-0.0068
-0.0060
-0.0087
-0.0037
0.0398
0.0298
0.0113
0.0113

k
3.2290
3.0358
3.1488
2.9561
3.3330
3.0701
3.1406
2.9208

Score
1
3
1
5
1
3
3
3
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Figure 3.

( )
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h

esidual signals of the test in time domain.

Every combination has been scored in two
aspects: statistics of the residual signal and
its spectrum. Additionally, the MOS of the
filtered signal has been applied. In Figure
3, the residual signals of the eight combinations are presented.
In table 4, the score according the statistics
is assigned to every combination.
Now, the spectrum of every residual signal
and its score are presented in Figure 4 and
Table 5.
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Finally, the average between the score of the
statistics and the spectrums are presented
in Table 6. Additionally, we have considered
the Mean Opinion Score (MOS) of the filtered signals.
According to Table 6, the highest scores in
average are the same combinations of the
highest scores of MOS; it means the blind
model has a good relationship between the
statistics and the spectrum with the quality
of the filtered speech signal.
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esidual signals of the test in frequency domain.

able 5. core of the spectrums.
Base

N

Rule
Soft

2
Hard
Sym6
Soft
4
Hard
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able 6. Final score.

Th

score

sqtwolog

3

minimaxi

3

sqtwolog

3

minimaxi

3

sqtwolog

1

minimaxi

1

sqtwolog
minimaxi

5
5

Base

N

Rule

Soft
2
Hard
Sym6
Soft
4
Hard

Th

Average MOS

sqtwolog

2

2

minimaxi

3

2

sqtwolog

2

2

minimaxi

4

4

sqtwolog

1

2

minimaxi

2

2

sqtwolog

4

4

minimaxi

4

4
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onclusions
A blind method for speech signal enhancement using statistics and frequency behavior
of the residual signal has been presented.
The scores obtained by the mathematical
results are strongly related with the scores
obtained by the MOS test; it implies that the
blind model proposed can be used for removing white additive noise of speech signals.
In relation to the statistics, the skewness is
the most difficult to satisfy; while the average is the easiest. In the case of the spectrum,
four of the eight have a similar behavior,
while the best spectrum was only reached
by two of them.
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