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Handling Impulsive Disturbances in
Speech Recordings using Filtering
Techniques

S. Selva Nidhyananthan*, M. Pandi Muneeswari** and A.J. Ashmi Grace***

ABSTRACT

This paper presents enhancement techniques of the noisy speech signal by eliminating impulse noise from noisy
speech. Median filter, SDROM (Signal Dependent Rank Order Mean Filter), Adaptivefilter, Wavel et filter, arethe
filters used to remove impulse noise from audio speech. The performance of the filtering techniques is measured
with both subjective and objective measures. Subjective measure involvesMOS (Mean Opinion Score). Objective
measures involve Signal to Noise Ratio (SNR) and Segmental SNR (SNRseg). Experimental result reveals the
supremacy of Rank Order Mean filter over other filters with an SNR of 42dB.

Index Terms: Impulse noise, Filtering techniques(Median, SDROM, Adaptive, wavel et).

1. INTRODUCTION

Most of the speech files from recordings are suffered from impulsive disturbances. Clicks, pops are the
example of impulse noise. They are also generated by electromagnetic interferences, scratcheson arecording
disk. Mostly they have very short duration but they have high peak, they are called as On/Off noise also.
Impulse noise is also harmful for hearing impairment. Speech signal is a measurable physical quantity.

Generally, it is a aperiodic signal but in practical, it is stationary for 20ms.

The most general approach to remove impulse noise is filtering technique. In this project, rea time
impulse noise and also mathematically simulated impulse noise for experimentation.

One of the classier filters is median filter[1]-[5]. It is a well known filter for impulse noise in Image
Processing as well asin Signal Processing. It estimates the noise samples and replace with median value. It
works fine but in case if we use large window size then most of the uncorrupted samples also replace with
median value, so it becomes inefficient one, when the window size is large. This drawback is eliminated
using Rank Order Mean Filtering technique [6].

InWavelet filtering technique [ 7], the speech signal is divided into two sub-bandsusing wavelet transform
having high frequency and low frequency bands. Most of the noiseis present in the high frequency component.
So inreconstruction, selected high frequency sub-bands are not considered, thus impulse noise is removed.
The next approach isAdaptivefilter [8]-[12]; here the noisy speech is passed to the unknown filter and also
the Adaptive filter. Adaptive filter change its coefficients based on the error computed by LMS algorithm.
This paper is organized asfollows. Section Il provides database description. Section |11 provides proposed
method. Section 1V includes preprocessing. Filtering techniques are described in section V. Section VI
includes performance analysis and section VII provides conclusion.
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2. DATABASE DESCRIPTION

One hundred samples of input speech from 50 speakers and 100 samples of impulse noise were recorded.
They are all recorded in Gold Wave Platform with mono, 16 bit, PCM coding. They are all recorded with
sampling frequency of 16000Hz in a noise free glass room environment.

3. SPEECH ENCHANCEMENT METHOD

Speech mixed with impulse noise gives noisy speech. Let the input speech isx(n), the impulse noise is 6(»),
then the noisy speech is given by,

X' (n) =x(n) + 3 (n) (@)

Then the noisy speech is given to the filter section(Median/SDROM/Adaptive/\Wavelet) The filtered

section is evaluated by performance measures. It involves subjective and objective performance measures.
The proposed speech enhancement method is given in Fig. 1.

4. PREPROCESSING
The preprocessing stage in speech is used in order to increase the efficiency of speech quality, and also to
prepare for future processing. Commonly preprocessing includes Pre-emphasis and Signal Segmentation.

Pre-emphasis: In speech processing, the original signal usually has lower frequency energy, so we have
to process the signal to emphasize higher frequency. Pre-emphasis is given by,

y(n) =X'(n) —oX'(n-1) )
Where y(n) is pre-emphasized output, X'(r) is the noisy input speech, a. is the pre-emphasis parameter
whose value is 0.97.

Signal Segmentation: Mostly speech is non-stationary one, but it is stationary for some limited duration,
so that the signal is framed to n-number of frames. The speech signal is then blocked into frames of N
number of samples, with adjacent frames. The second frame begins with N samples after first frame and
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Figure 1: Proposed Speech Enhancement M ethod
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overlaps by previous samples i.e. 50% of the samples are overlapped. In this paper we framed the input
speech signal having 155384 samples into 607 frames; each frame has 256 samples, over that 50% of the
sample will be overlapped for signal smoothing. The pre-emphasized speech signal & the single frame of
the noisy speech is given in Fig. 2 and Fig. 3 respectively.

5. FILTERING
5.1. Median Filter

Median filters are particularly effective in the presence of impulse noise. Consider a diding window size of
five centered at x(n). Sort the values and find the median position value. Replace x(n) with computed
median value & so on. We experimentally have done the median filter with various speeches with impulse
noise in MATLAB. The Result is shown in Fig. 4.

5.2. SDROM (Signal Dependent Rank Order Mean Filter)

SDROM is one of the statistic filters to remove the noise impulses from audio & speech signals. It is a
Detection-estimation approach. Here we used 1-D dliding window of size five centered at x(n). W(n) bethe
vector which excludes centered.

w(n) =[x(n-2), x(n-2), x(n+1), x(n+2)] (©)]
Then, the W(n) are sorted and stored in #(n),
r(n) =[rl(n), r2(n), r3(n), r4(n)] 4)

where the elementsin r(n) are sorted by rank i.e. r1(n)<r2(n)<r3(n)<r4(n). Then compute rank order mean
given by

w(n) =[r2(n)+r3(n)]/ 2 ©®)
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Figure 4: Result of Median filter for real time impulse noise
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The rank order difference is given by
Fori=1,2

d,(n) ={r,(n) —x(n)}
{df(n) ={x(n) ~r,., ()} ©)
The algorithm computes x(n) isnoiseimpulse, if d (n)>T for i = 1, 2where T, are threshold vaue. [0.15,
0.15] are the threshold used for 16-bit PCM. Every detected impulse noise isreplaced by rank order mean
u(n).
The result is shown in Fig 5.

5.3. Wavelet Filter

Discrete Wavelet Transform decomposes the speech signal into mutually orthogonal set of wavelets. Here,
Wavelet transform is done by choosing a wavelet at a decomposition level 2.

For first level, noisy speech(s) is decomposed into two sub-bands (approximation coefficients, detall
coefficients) by choosing Db4 wavelet. For the second level, the approximation coefficients are again split
into two sub-bands followed by decimation by 2. In reconstruction high frequency component in the first
stage of decomposition is eliminated after interpolation by 2. The experimental result of wavelet filter is
shown in Fig 6.

5.4. Adaptive Filter

Adaptive filter change thefilter coefficientsto adapt to changing signal characteristic. It restoresthe desired
speech signal by passing the input noisy speech through a FIR filter whose coefficients are calculated by
minimizing the MSE between the desired and estimated signals.
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Figure 5: Result of SDROM for real time impulse noise.
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Figure 6: Result of Wavelet for real time impulse noise

o

The noisy speech X'(n) is given by

X'(n) = x(n)+v(n) ()
Let w(n) be the weight vector is given by
w(n) =[wy(n), w,(n), eeeeee. w, (n)]" (8)
The filter output is given by
y(n)=w'" (n) X (n) (©)
Adaptive filter adjust w(n) at each instant according to the error e(n) is
e(n)=d(n)—y(n) (10)

The experimental result of adaptive filter is shown in Fig 7.

6. PERFORMANCE ANALYSIS

The performance of the filtering techniques is measured with both subjective and objective measures.
Subjective measure involves MOS (Mean Opinion Score). Objective measures involve Signal to Noise
Ratio (SNR) and Segmental SNR (SNRseg).

Signal to Noise Ratio (SNR):

SNR = 10|0910 (PSIGNAL I P, NOISE) (1)
Y s%(n)
SNR =10log10 2 (12)

D [s(n) —s " ()]
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Figure 7: Result of Adaptivefilter for real time impulse noise

Where s™(n) is the filtered speech,

[s(n)-s"(n)] is the residual noise after filtering.

Segmental SNR (SNRseg):

It can be obtained by measuring SNR over short frames & the result is averaged.

Y s2(n)
N [s(n) —s ™ (n)]? (13)

n

1
SNR = ﬁlolog10

Mean Opinion Score:

Subjective measures are based on the opinion of the listener. Mean Opinion Score (MOS)-is an opinion
rating method used to access the degree of the quality of speech. MOS method rates the speech under the
test on afive point scale where a listener’s subjective impression is assigned a numerical value. The rating
table is given below.

The SNR measure is experimentally found with simulated noise and real time noise.

Tablel
MOSRating table
Rating Speech Quality Level of distortion
5 Excdlent Imperceptible
4 Goaod Not Annoying
3 Fair Sightly Annoying
2 Poor Not objectionable
1 Unsatisfactory Objectionable
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Table2
Per for mance analysis-objective
Filter SNR in dB SNR in dB
(stimulated noise) (real time impulse noise)
Median 33.35 37.38
SDROM 40.47 45.46
Adaptive 34.2 34.73
Wavel et 38.67 42
Table3
Per for mance analysis-subjective
Filter MOS Rating scale
Median 2
SDROM 5
Adaptive 3
Wavel et 4

7. CONCLUSION

By various filtering techniques the impulse noise is eliminated from the noisy speech. Among these filters
Rank Order Mean is the best filter to remove impulse noise & also it improves the quality of speech. The
application is to preserve our heritage by eliminating noise in old recordings and also it prevent from
hearing impairment. It is also used in Telecommunication to remove unwanted sharp sounds.
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