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Abstract. This paper addresses a modified method of extracting acoustic pulse based on the
multi-band spectral subtraction and the frequency band variance. In this method, the acoustic pulse
is detected, the noise spectrum is estimated and subtracted from the acoustic pulse spectrum. By
abandoning the late reverberation and decayed part of acoustic pulse, effective part of signal is
obtained. Using this method, signal-to-noise ratio (SNR) is considerably improved and
cross-correlation between different channels can be well optimized.

Introduction

Acoustic pulse is a very common class of nature signal, and is characterized by high frequency,
short duration and great impulse. Detecting and extracting the effective part of acoustic pulse
accurately can help improve the precision of source position and voiceprint recognition. However,
because of the existence of noise in the testing field, sometimes it’s difficult to detect the signals in
real-time exactly. So distinguishing the acoustic pulse from the background noise is an urgent need.

In this paper, a modified method based on frequency band variance[1] and multi-band spectral
subtraction[2] is proposed to get the effective acoustic pulse signals for further study. Signal
detection is the first step. Frequency band variance of signals collected from microphones in
real-time should be calculated in every frame. In practice, there are two types of signal features as
the indicators of occurrence of acoustic pulse which are time domain and frequency domain features
respectively. Short-time energy and short-time average zero-crossing rate are the most commonly
used time domain features which have the characteristics of less calculation and bad
anti-interference performance. Frequency band variance, as a kind of frequency domain feature, has
less computational complexity and a certain degree of anti-noise performance. These characteristics
make it available to satisfy the need of real-time detection. And the modified frequency band
variance proposed in this paper can further enhance the anti-noise performance through the zoom
spectrum analysis.

The second step is to confirm the endpoints for extracting the effective component of signals by
reducing the influence of noise and reverberation. Spectral subtraction algorithm[3,4,5] is one of the
first algorithms proposed for noise reduction, which is characterized by simplicity. And the spectral
subtraction algorithm is based on two major components: the estimation of noise spectrum and the
estimation of acoustic pulse spectrum. In this paper, multi-band spectral subtraction is chosen as the
performance for reducing the white noise simply and easily. And the multi-band spectral subtraction
algorithm is found that it can perform better than other subtractive-type algorithms in real
environment with highly random noise[2].

This paper is organized as follows. A modification of the frequency band variance is detailed in
Section Il. The conception of multi-band spectral subtraction is presented in Section III.
Experimental results are presented and discussed in Section IV. Finally, the work is concluded in
Section V.
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Modification of Frequency Band Variance

The acoustic pulse signals behave differently from the noise in frequency domain. In general, the
energy of acoustics pulse varies greatly with the change of frequency band, whereas the energy of
noise varies steady relatively. And we found that the frequency of acoustic pulse is mainly
distributed in the interval over than 2 kHz in the experiment. We can use this characteristic to tell
the difference between the acoustic pulse and the noise. So, a modified method based on frequency
band variance[1] is proposed in this section.

Frequency Band Variance
Let x(n) denotes an acoustic pulse signal with background noise, and xi(m) is given as
X(my=w(m)xx(iT+m) 1<m<N (1)
where w(m) is the window function; i1=0,1,2,---; N is the frame length; T is the frame shift length.

Using Discrete-time Fourier Transform (DTFT), spectrum can be got as

N-1
Xi(k):ZXi(m)exp[-jZﬁl\l'(m] 0<k<N-1 ()
m=0
And the mean amplitude of X;(k) is
1 N-1
Ei :WZ|Xi(k)| (3)
k=0
The variance is
1 N2 2
D =—— X. (k) -E
=Nl X (K-E @

where E; and D;j respectively present the mean amplitude and variance of i" frame.

Modified Sub-band Frequency Variance

In this paper, in order to eliminate the disturbance of some additive noise with high energy and
low frequency, we just analyze a certain frequency band where the acoustic pulse frequency exists.
And Chirp Z transform can solve the problem successfully. This kind of transform samples the
spectrum using the helix instead of a unit circle[6]. So the spectrum distribution of signal is focused
on the certain frequency band with higher resolution. Let

z, = AW (5)
Then there is
A= 16
A ©)
W :Woe—lfﬂo

where A denotes the radius length of initial sampling point, and usually is less than 1; Wy
denotes the extensive rate of the helix, when Wy=1, the helix equals to a portion of a circle which
radius is Ao; 6 denotes the phase angle of initial sampling point z,, and ¢, denotes the angle
between adjoining points.

And the formula of Z transform([7] is

X(z,)=> x(n)z,™" (7)
So we can get that -
X (2,)= > x(n)A W™
n=0
:wkjfx(n)A”\Nnjw‘W K
h=0

Define that
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x(n)AW
6(r)=x(n) A o
h(n)=w 2
Thus
X(zk)=W729(n)h(k—n)
I (10)

kZ
=W 2g(k)*h(k) k =0,1---,M -1
This operation can be got by FFT more effectively. And then we can calculate the variance of
Chirp Z transform by (3) and (4). After getting the modified variance, we can obtain the initial
points of the signals using the double threshold method[8]. As for the end points, there are the
problems of attenuation and reverberation involved. The next section will give the interpretation.

Multi-band Spectral Subtraction Algorithm

When an acoustic pulse happened, it will decay rapidly and be confused by the noise and the
reverberation from the room environment. In fact, it is impractical to separate the effective signals
from the reverberation and the noise accurately. But, we can reduce the influence of reverberation
and the noise by analyzing the components of the signals obtained[9,10,11].

Model of the Signals
The signal received by a microphone can be expressed as

x(n)=%X(n)=h(n) (11)
and

h(n)=w(n)e"u(n) (12)
where X(n)represents the real acoustic pulse, h(n) is the room impulse response, w(n)
represents a white zero-mean Gaussian noise, u(n) is the unit step function, and “ *  denotes the
linear convolution operation. And 7 is a constant related to the reverberation time Tgo, as

7 =3In(10)/Ty, (13)

This model can be further decomposed into a direct component h, (n) with background noise

and a few early reflection, and a component h, (n) with late reverberation, so that

0 n<0
h(n)=1h,(n) 0<n<T, (14)
h.(n) n>T,

Target of this work is to remove the noise and late reverberation and get the direct component
hy (n) . Spectral subtraction is taken into count to de-noising and de-reverberation.
Multi-band Spectral Subtraction Algorithm

Multi-band spectral subtraction algorithm is an improvement of spectral subtraction. Simplicity

of calculation is the main advantage fitting for real-time processing. Here, spectral over-subtraction
is chosen because of the ability of eliminating the musical noise. Considering a signal with noise

x(n)=X(n)+d(n) (15)
Providing that acoustic pulse and noise are uncorrelated, so that the de-noising signal can be
obtained by[5]
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2 | Xi(@) |2_ai5i| 6(”) |2 ki <<k,

X, (o) o (16)
ﬁ| D(a))| otherwise

where ¢ is the over-subtraction factor of i"" band; fi is the noise spectral floor; d; is an additional

band; f)(a)) is the estimation of noise spectrum. k; and ki1 are the start and end frequency.

In this paper, different with the usually method using the noise before the acoustic pulse coming,
|5(a)) is computed by the component after endpoint detection using the frequency band variance.

By setting the proper threshold, the end point can be confirmed approximately, which is similar to
the T4 in Section Il. But this is an interval, not a certain point.
Smoothing processing can reduce the error of spectral estimation, thus

1 M
P(k)= X (o 17
(K=o 2, % (@) (17)
when M=1, 3 frames of signal will be averaged. And the over-subtraction factor «; is computed as
5 SNR < -5
a, = 4—%SNR —-5<SNR; <20 (18)
1 SNR. > 20
where SNR; is the signal-to-noise ratio of i frame. And values of 6; are set to
1 f <1KHz
5 =425 1KHz<f <(Fs/2)-2KHz (19)
15 f. > (Fs/2)-2 KHz

where f; is the upper bound frequency of i band and the fs is the sampling frequency.
To summarize, block diagram of this method is showed below

End point detection using .
. Noise spectrum
frequency band variance
x(n) x(m) S
: ) { gnal Spectral
[Frammg il J spectrum | subtraction l
Phase
angle
x(n) x{m)
4——(Synthesis}—( IFFT } {Smoothing processing]

Fig.1. Block diagram of spectral subtraction

Test results

Acoustic Pulse Detection

The signals are sampled at the rate of 50 kHz in a room which size is 4x5x3(m®). When the
signals are detected in real-time, we set length of each frame is N=512, and there is no frame shift.
The original dual-channel signals and the spectrogram are showed in Fig.2. We can see that most of
the frequency components of acoustic pulse signals are over than 2 kHz.
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Fig.2. (a) Original signal of channel 1. (b) Original signal of channel 2. (c) Spectrogram of signal
1. (d) Spectrogram of signal 2.
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Fig.3.(a) Signal with noise which SNR is 2dB. (b) Comparison of different algorithms (Red line
is the modified frequency band variance; Black line is the traditional frequency band variance; Blue
line is the average amplitude of wavelet coefficients).

The signal of channel 1 showed in Fig.2 is added by the white noise at the SNR level of 2 dB. So,
we can see that the acoustic pulse signal is partially masked by noise in Fig.3. And in this paper, we
detect the acoustic pulse using 3 methods, they are traditional frequency band variance, modified
frequency band variance and the average amplitude of wavelet coefficients[13]. The last method is
widely used in many research, but its performance is not good in this work in the Fig.3. Similarly,
using the traditional frequency band variance, we can’t get the explicit sign that the acoustic pulse
has occurred. The low SNR can severely impact the detection results. Whereas, modified frequency
band variance has the sharp curve after the acoustic pulse appeared. This means that the modified
frequency band variance proposed in this paper is workable.

De-noising and Signal Extraction

After detecting the acoustic pulse, we need extract the effective part of signal with less noise and

reverberation by multi-band spectral subtraction and double threshold method[8,12].
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In the test, we calculate the mean value of noise’s frequency band variance in 10 frames. And the
double threshold are respectively set as 2 and 3 times of the mean value. From Fig.4, we can get the
accurate initial interval and the blurry end interval before de-noising and de-reverberation. Then we
cut out 10 frames of the signal from the end interval as the noise for spectral subtraction. Here, we
set the length of frame as 256, and frame shift length is 32. Selecting the less frame shift length can
enhance the effect of this algorithm with the cost of increasing the computation, but this impact can
be ignored.
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Fig.4. (a) Result of endpoint detection. (b) Result of de-noising and dereverberation.
After de-noising and de-reverberation using multi-band spectral subtraction, we can see that the
signal with noise has been considerably improved in the Fig.4. The SNR has been also changed
from 2 dB to 42 dB. Thus far, the effective acoustic pulse can be extracted easily.
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Fig.5. (a) Cross-correlation of dual-channel signals with noise which SNR is 2dB. (b)
Cross-correlation of dual-channel signals after de-noising and dereverberation.

Finally, we calculate the cross-correlation of dual-channel signals using the first 256 points from
the initial interval. We can see that the cross-correlation peak value of effective signals obtained is
more prominent than noisy signals. And pseudo peaks has been removed effectively in Fg.5. This
can be applied to the acoustic source localization based on time delay.
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Conclusion

An improved method for acoustic pulse extraction is proposed in this paper. This method is
based on the modified frequency band variance and multi-band spectral subtraction. Instead of
estimating the spectrum of noise and reverberation by modeling, we find the end interval of signal
and estimate the spectrum of the late noise and reverberation. Using this method, we can
considerably reduce the impact of noise and reverberation and obtain the relatively pure signal with
little distortion. This method can also meet the need of real-time because of its low computation.
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