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Abstract

Many techniques concerning processes of verbal audio signal were examined aiming to
eliminate noise, amelioration and analysis. Imitation for Collective Gaussian Noise using a
computer software for different situations of standard deviation of noise (cg =1,2 ....10) and with
zero average. This noise was added collectively to verbal signal components, audio signals impure
with noise were processed by using mean filter and statistical properties of signals resulted from
process in order to determine the quality of signal and filter efficiency. Notably, process leads to
lose some significant features of audio signal. Therefore, filter was ameliorated by adding some
additional conditions to the components under process in order to keep the significant features of
signal. Audio signals impure with noise were processed by using the ameliorated M ean filter and
then examining the statistical properties resulted from process. Ameliorated version of Mean
filter made good results in improving signal impure with noise. Changes on pure signals were
examined through statistical standard i.e. [Mean p, standard deviationc, M ean Square Error M SE]
of impure, pure and ameliorated signals. Great amelioration was noticed in these characteristics
along with keeping significant and distinguishing features of audio signal.

Key word :- Gaussian Noise, Distortion of signals ,M ean filter ,smoothing audio sound

Introduction

Speech is a product of complicated processes. The “verbal message” formed in the brain is
transferred somehow into nervous signal, transmitted to audio system which is responsible for
sound generation which comes out of mouth generating verbal wave. Verbal signal includes
different information about speaker. By means of verbal wave high level of characteristics about
the speaker such as accent, sequence, manner of speaker, emotional state and other
characteristics[1,2,3]. Verbal wave is series of changes in air pressure which the human ear may
pickup as a sound. Usually, digital representation of speech (information included in verbal
signal) requires a large number of n bits [4,5]. In audio systems noise may appear, accompanying
the audio signal, as a random audio signals or undesired sounds. When processing or analyzing
the signal noise is deemed no more the than meaningless data. It is a by-product resulting from
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the effect of other effects, not from actual signal. It is a data enters with signal data causing the
deviation, penetration an change in the content of carried message in the digital signal. Whereas
signal is transmitted from receiver to transmitter, undesired effect may take place which weaken
the signal. These effect is defined as follows [6]:

1. Distortion

2. Interference

3. Noise:

4. Gaussian Noise : Gaussian distribution and given by the following formula [7-8]:

1 N —uy)’
SN = e - (26—")

Whereas N represents the Random parameter which is distributed in natural distribution

(represents noise element).

Uy :- represents the arithmetic mean of random parameters (mean of N parameter)

oy :- represents standard deviation of random parameters around the mean py (standard deviation
of noise)

Consequently, for the puipose of solving this problem, we have examined optimal filters in
order to eliminate noise and then to reduce noise with quantitative standards and new methods.

In 2004, Ahmed Humood Faliyih have examined speaker recognition systems, identifying
engines sound and recognized separated words of fixed text within a closed group starting from
reference database represented by reference layers of sounds [9].

In 2005, Ahmed Kamil conducted a study to eliminate noise form sound using wavelet
transform and other different procedures to eliminate natural noise. He adopted a procedure to
separate vocal syllable non-vocal syllable [10].

In 2007, Noor Ali Hassen conducted a study to reduce noise of audio signal using techniques
applied of digital signal on the basis of wavelet transform. Three types of wavelet transform and
five types of threshold procedures were used. Their efficacy of reducing noise form two types of
audio signal were examined. First type was of high amplitude and other with low one [11].

Sound and Accompanying Noise
Digital Smoothing Filters

Digital smoothing filters is used, primarily, to eliminate the fake effects that may be present in
signal such as noise resulting from signal coding or errors accompanying the recording,
transmission and receiving process.

Traditional filters are one of the most simple techniques in signal smoothing. It may be
applied directly on the impure signal, without any need to have previous knowled ge of statistical
characteristics which controls the intensity in signal regions. Most significant filters are Mean
Filter and M edian Filter. The efficiency of these filters are obvious in suppressing noise effect in
uniform regions of signal [12,13].

Mean Filter

This filter operates using small movable window parallel to the signal length. Smoothing
signal is obtained by taking the mean values of the signal content included slide window and
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replacing the valued central window element with mean. In other word, the ameliorated signal is
obtained through the following formula [12]:

S(t)=

2
S(t
Whereas (t)rep resents the mean value of the element n the window (resulted ameliorated
element)

NOS (t + 1) represents the value of signal element in the window (signal element impure with
noise).

Statistical Characteristics of Audio Signal

Processing the digital audio signal is based, basically, on the information included in the
signal and the way of information distribution. This information, sensed according to the physical
principle, is subject to mathematical modeling and statistical distributions. Therefore, signal
statistics are most significant in the process of analyzing processing the digital signal. Also, these
statistics shows features and attributes of signals nature and how to distribute the information
inside them.

Mean (p): mean of intensity is represented by (u) which is statistical term which denotes to
mean value of signal. It comes from sum of all samples of audio signal, divided by the total
number of samples N and the mean p is calculated from the following relation [13-15]:

whereas /(t) is a general sign
N is total number of signal elements

Standard Deviation (o): is the amount of signal deviation of mean. Standard Deviation (o) is
calculated from the following relation [13-15]:

_ \/;—i(l(f)— 1) e @)

t=0
Mean Square Error (MSE): is accumulative square error between output signal and original

signal. M SE is on of the standards through it the signal quality is identified. It is calculated from
the following relation [13-15]:

N 1
MSEZZ [0 (t) - f(1)]? N (5)

Whereas O () represent original signal data

f(@) represents the processed signal, impure with noise or that M SE required
for it .
Probability Density Function (PDF)
Is explained by the formula p ( I ) which represents probability density distribution of signal
elements I (t ). The function I (t ) takes the range oo <1 (t) <- o. The probability is confined with
the relation 0 < p(I) < 1,the relation between I (t) and p (I) is known as signal Histogram [13-15].
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The following audio signal along with their classifications:

A- Signals free form noise (1)

B- Signals impure with noise NOS (t): are the signals which Gaussian noise n(t) was added to for
different states of standard deviation (cg=1,2,3,4.....,10) according to the following formula:

NOS®t)=O(t) +1n(t )euveeeeeeeeeeeeen, (6)
C- Signals processed by M ean Filter, denoted with S(t), which represents the ameliorated signal.
Algorithm of mean digital filter Operation, Traditional and Enhanced
The traditional smoothing filter was adopted to eliminate the collective Gausian noise from

audio signal. However, this filter mostly causes a smoothing operation at significant parts of
signal which leads to a deformation in audio signal data. Therefore, we directed ourselves in the
work to enhance filter operation through determining additional conditions to improve the
operation of this filter. Let's assume that figure ( 1 ) represents a waveform of audio signal, the
center line is zero of audio signal. The elements over zero line are equal to 128, they represent
still moments, while the elements under zero line are less than 128, they represent sounds with
high amplitude. Form figure ( 1 ) we note that the point (1,6) may be processed using the
traditional modifier filter and it doesn’t cause deformation of audio signal. We may see the
significant difference in values before and after process when applying traditional modifier filter
to process the points 2, 3 and 4, this may change the common characteristics of audio signal and
leads to loss of primary points of audio signal, i.e. points high and low. Hence, the traditional
modifier filter was improved by adding additional conditions of enhancement (showed in filter
algorithms) to avoid such problem, since the conditions may exclude such points from processing
and will process the other points of audio file . Most of algorithms used in the work are as
follows:
algorithm mean filter

Input:

e noisy sound signal NOS(t) t=1,2,3. J

J= total number of elements
e filter block size (w)=1,3,5.7 ............
output:
e smoothed sound signal S(t)

1- drag the audio signal which added noise Gaussian to processing.
2- Take the number integer for the result of dividing the number of elements of a window processing
wl =w/2.
3- select the first element of the audio signal being processed by the following
w2 =wl +1.
4- Selected the last element in the audio signal which is processed using filters according the equation
follow jl=j-wl .
5- Open loop for to scan the elements of the audio signal being processed by the window which is used
as follows
Fork=w2tojl.
6- Select the first and lasg element for the window which is used for processing as follows
tl=t-1,t2=t+l
7- Putvalue initial for sum of the elements used in the Processing window .
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K=0.
8- drag the audio signal which addednoise Gaussian to processing.
9- Take the number integer for the result of dividing the number of elements of a window processing
wl = w/2.
10- select the first element ofthe audio signal being processed by the following
w2 =wl +1.
11- Selected the last element in the audio signal which is processed using filters according the equation
follow jl1=j-wl .
12- Open loop for to scan the elements of the audio signal being processed by the window which is used
as follows
Fork=w2tojl.
13- Select the first and lag element for the window which is used for processing as follows
tl=t-1,2=t+l

14- Put value initial for sum of the elements used in the Processing window .
K=0

15- Open loop for elements window , according to the following equation
Fort3=tltot2

16- Accumulation of elements of the window in S
S(t) =k + N(t3)

17- Calculating average sum elementsofthe window which represents the value of the element central

to processing accordingtothe following Cint=k /w

18- End loop (Next )

19- Save audio signal

20- End the loop for the window processing (Next)

adaptive mean filter algorithm
Input

e noisy sound signal NOS(t) t=1,2,3. J
J =total number of elements

e filter block size W =1,3,57...............
o filter optimization threshold Thl, Th2
output:

e smoothed sound signal S(t)

Procedures

1- Input the noisy audio signal with noise Gaussian.

2- Input thresholds for filter.

3- Select the size of filter window .

4- Calculate value of displacement for window from right and left for signal as follow :
W, =int (W/2).

5- Calculating sequence of the last element in audio signal to being processed j;=j-w;

6- Select sequence of the central element for the window as follow w,=w; +1.

7- open forloop to scan elements of audio signal which beginning from w and ending j as follow
a- determine the beginning of window b — determine the end of window

8- put value initial for sum of elements window
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9- open loop for elements of the window fromt; to t, as follow
fort, =t; tot,

10- Accumulation value the elements for the window s =s + Nos(t;)
11- End the loop in step 9 .

12- Calculating average elements of window according the equation
Av =Round Integer (s/w)

13- Select the central element for the window a; = Nog(t;) .
14- Determine condition modify for the process as follow
o If the value difference between the central element andthe level zero for the audio signal

( level zero =128 ) greater than threshold ( Th;) we apply the condition for adaptive
filter which mean  if |a1 -av |>Th1 then.

o [f the difference between the central element and the average greater than the threshold
(Th2) replacethe average to the central element as following

If |a1—av |>Th2 al =av

e [f the value of the central element of the largest of the value of the element before and
after that we av = a; in other word if a,>Nos(t -1 ) and al >Nos(t+1) then av =al

o If the value of the central element of the smallest ofthe value ofthe element before and
after that we av = a; in other word if a;<Nos(t -1 ) and al <Nos(t+1) then av =al
15- End the if statement in step 14.

16- value of audio signal improved will be as follows :
S(t) =av=a,
17-End loop in step 7 .

Practical Part

Verbal audio signal (sound syllable consisting of two words), illustrated in Figure (2), was
recorded. This signal was impure with Gaussian Noise which was generated in laboratory by
using a computer software with Visual Basic language. Random noise imitating the natural noise
was generated according to mathematical models i.e. “Gaussian Noise”, with a zero average (gu
= 0) and different values of standard deviation (og = 1,2,3,.....,10). Te noise (noise files)
generating the audio signals was added in order to obtain audio signals impure with noise. These
signals impure with noise was processed using traditional M ean Filter and the digital filter which
was added to improve its operation:

The type of audio files dealt with in this study was (wave, 8 bit). Wave file is general file
known by Microsoft Company which is used currently in Widows operating systems. Computer
software was designed to regulate the filter operation and to find statistical characteristics of

audio signals in order to compare between the results of signals impure with noise and those
ameliorated.

Results and Discussion

Gaussian Noise was added to the audio signal for different states of standard deviation (cg =
1,2, 3,4....., 10). The noise was added to 100% of audio signal elements. The same amount of
noise is added to each element of audio signal elements. In processing, the widows (3, 5, 7, 9,)

were adopted for each value of og values of noise added to signal. The filter efficiency and audio
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signal quality resulted from processing can be evaluated through examining the chart of statistical
parameters as shown in figures (3, 4).

Using traditional digital mean filter M leads to obvious amelioration in the verbal audio signal
and this amelioration is accompanied by loosing some significant features of verbal signal. The
mentioned conditions given in algorithms (1, 2) for ameliorated mean filter AM have made better
results for processing in terms of keeping the significant features in signal. The AM filter kept the
significant heights and drops in the audio signal which lead to good percentage of amelioration.
Chart relations were drawn between standard deviation of Gaussian Noise added to the signal og
and the following parameters (spu, os, MSEs) of signals resulted from processing using the
traditional digital and ameliorated filters. The filter efficiency and audio signal quality resulted

from digital processing can be evaluated through examining the charts of these statistical
parameters.

Amelioration Results Using Mean Filter M

The melioration Results for verbal audio signals using M ean Filter M seemed to be good. It is
obvious from examining the statistical parameters of signal from the figure (3) that the filters has,
notably, kept the mean intensity of audio signal puS and for the all of the widows used in the
processing.

Notably, from figure (3) using mean filter in processing has reduced the resulted increase in
standard deviation os for the signal impure with noise. Using the windows (7, 9) has made better
results than using the windows (3, 5). For the M SEs, it is obvious that using the filter has reduced
its resulted increase in the signals impure with noise. Form figure (3) it may be noticed that using
the windows (7, 9) has made better results than using the windows (3, 5). It may be noticed form
figure (4) that using the filter to ameliorate the second verbal audio signal made similar results
similar to those obtained from processing first verbal audio signal.

Amelioration Results Using Ameliorated Mean Filter AM

This filter is deemed better that traditional mean filter. This is obvious from examining all
statistical parameters of audio signal. Form figure (3) it may be noticed that AM filter has kept
the mean intensity of audio signal uS. this means that the audio power of signal was kept.
However, form figure (3) it may be noticed that AM filter has notable reduction the resulted
increase in standard deviation (o) resulting from adding to noise it. Using windows (5, 7, 9) made
better results than using the window 3. this notable for all added noise percentages. Form the
figure (3), using AM filter has reduced the resulted in crease in MSEs. The filter results of

windows (7, 9) were better than those of windows (3, 5). The figure (4) shows that amelioration
of the two verbal signal was the same.

Repetition charts of audio signals

From figures (5, 6), difference in the shape of the repetition chart of both pure and impure
with noise signals may be noticed. It seems to be that the curve width of impure signal is wider
than curve width of pure signal. This results from the increase in the standard deviation o due to
distortion in audio signal because of adding noise to it. When noticing the repetition charts of
ameliorated signals, we may see that repetition chart shape closes to that of the pure signal and
that the two windows (7, 9) gives us high smoothing compared with using (3, 5). This doesn’t
mean that they are the best for that the shape of repetition chart doesn’t give the basic feature in
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smoothing efficiency of signal. It is only a statistical measure of all of the elements of signal
which doesn’t take its sequence and periodic appearance into consideration. This is the most
significant thing in audio signal description. Repetition charts of pure and impure with noise and
ameliorated signals. Standard deviation cg = 5 of Gaussian Noise, it is a mean value of og
values. The symbols in figures (5, 6) are: [W3 = window 3, W5 = window 5, W7 = window 7,
W9 = window 9].

Results of deduction of uniform parts of verbal audio signal

Uniform intensity parts (silent regions) of verbal audio signal were deducted from verbal
audio signal in order to examine the effect of processing with traditional digital and ameliorated
filters in audio signal impure with noise. The parameters (cR, uR, SNRR) for the deducted parts
of pure, impure with noise and ameliorated signal. The results of three signals were compared in
order to know approximation of these parameters of ameliorated signals from original signal
those of original signal.

From the tables (1, 2), notably, that the M and AM filters operated with efficiency. This is
obvious from improvement in ocR and SNRR of ameliorated signals comparing with those of
impure “with noise” signal. Also, is was noticed that uR value of pure, impure and ameliorated
signals was fixed. This doesn’t represent an exact and efficient measure in examining the quality
of filtration process. It may not be used alone to identify the efficiency of filtration process
because since it takes into consideration the uniform parts of signal or regions that represent
silent moments only.

The optimal filter is that filter that make a high smoothing since these regions don’t include
significant information. However, these results show how thwe filters are powerful in eliminating
noise in uniform regions or those that don’t include intensive and more fluctuations in signal

Conclusion

The ameliorated mean filter AM occupied the first rank out of the four digital filters. The
action power of filter appears for both types of audio signals through many standards were
adopted to determine the quality of audio signal. After making the digital processing, mean filter
M showed high efficiency in verbal signals processing. This appears clearly from charts of verbal
signal. This is that the verbal signal include intervals as well as some of the word letters are
audible, with high amplitude while other are not audible, with low amp litude.
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Table (1): Results of deducting uniform regions of first signal
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R1 R1 SIGNAL 130 0.87 149.23 R2 R2 SIGNAL 130 1.24 104.27
2 NOISY 130 1.96 66.20 2 NOISY 130 2.33 55.75
2 3 M 130 1.58 82.48 2 3 M 130 1.88 69.33
2 3 AM 130 1.58 82.48 2 3 AM 130 1.88 69.33
2 5 M 130 1.39 93.90 2 5 M 130 1.71 75.98
2 5 AM 130 1.39 93.90 2 5 AM 130 1.71 75.98
2 5 AMD 130 2.06 63.26 2 5 AMD 130 2.37 54.91
2 7 M 130 1.26 103.46 2 7 M 130 1.61 80.82
2 7 AM 130 1.26 103.46 2 7 AM 130 1.61 80.82
6 NOISY 130 5.78 22.53 6 NOISY 130 6.17 21.09
6 3 M 130 3.93 33.14 6 3 M 130 4.36 29.86
6 3 AM 130 3.93 33.14 6 3 AM 130 4.36 29.86
6 5 M 130 3.33 39.12 6 5 M 130 3.76 34.57
6 5 AM 130 3.33 39.12 6 5 AM 130 3.76 34.57
6 7 M 130 2.99 43.56 6 7 M 130 3.42 37.99
6 7 AM 130 2.99 43.56 6 7 AM 130 3.42 37.99
10 NOISY 129 9.68 13.34 10 NOISY 129 8.88 14.56
10 3 M 129 6.47 19.97 10 3 M 129 6.15 21.04
10 3 AM 129 7.25 17.83 10 3 AM 129 6.61 19.55
10 5 M 129 5.38 24.02 10 5 M 129 5.22 24.76
10 5 AM 129 6.39 20.20 10 5 AM 129 5.82 22.21
10 7 M 129 4.82 26.80 10 7 M 129 4.63 27.97
10 7 AM 129 6.03 21.43 10 7 AM 129 5.30 24.39

Table (1): Results of deducting uniform regions of first signal
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Fig. (1): Represents a waveform of audio signal

First verbal audio signal: (Alhamdu Lillah) Second verbal audio signal: (Arrahman Arraheem)

Fig. (2): Verbal audio signals used in this study
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Fig. (3): Amelioration results of statistical standards adopted in study — first signal
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Fig. (4) Amelioration results of statistical standards adopted in study — second signal
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Fig. (5): First signal repetition chart for pure and impure with noise and ameliorated signal
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Fig. (6): Second signal repetition chart for pure and impure with noise and ameliorated
signal
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R1 R1 SIGNAL 130 2.00 64.92 R2 R2 SIGNAL 130 1.38 94.19
2 NOISY 130 2.82 46.14 2 NOISY 130 2.47 52.77
2 3 M 130 2.43 53.47 2 3 M 130 1.98 65.95
2 3 AM 130 2.43 53.47 2 3 AM 130 1.98 65.95
2 5 M 130 2 56 2 5 M 130 2 72
2 5 AM 130 2.31 56.35 2 5 AM 130 1.81 72.14
2 7 M 130 2.23 58.17 2 7 M 130 1.71 76.06
2 7 AM 130 2.23 58.17 2 7 AM 130 1.71 76.06
2 9 M 130 2.17 59.75 2 9 M 130 1.66 78.69
2 9 AM 130 2.17 59.75 2 9 AM 130 1.66 78.69
6 NOISY 130 6.29 20.67 6 NOISY 131 6.36 20.52
6 3 M 130 4.57 28.46 6 3 M 131 4.50 28.99
6 3 AM 130 4.58 28.39 6 3 AM 131 4.58 28.52
6 5 M 130 3.95 32.90 6 5 M 131 3.87 33.75
6 5 AM 130 3.97 32.75 6 5 AM 131 3.95 33.03
6 7 M 130 3.62 35.92 6 7 M 131 3.49 37.41
6 7 AM 130 3.64 35.73 6 7 AM 131 3.59 36.38
6 9 M 130 3.40 38.26 6 9 M 131 3.25 40.13
6 9 AM 130 3.42 38.02 6 9 AM 131 3.36 38.85
10 NOISY 130 10.18 12.76 10 NOISY 130 9.91 13.15
10 3 M 130 7.30 17.81 10 3 M 130 6.97 18.70
10 3 AMD 131 9.60 13.60 10 3 AMD 131 9.27 14.09
10 5 M 130 6.34 20.49 10 5 M 130 5.94 21.94
10 5 AM 130 7.53 17.27 10 5 AM 130 7.03 18.54
10 7 M 130 5.76 22.56 10 7 M 130 5.34 24.38
10 7 AM 130 7.10 18.31 10 7 AM 130 6.60 19.74
10 9 M 130 5.38 24.17 10 9 M 130 4.93 26.40
10 9 AM 130 6.82 19.06 10 9 AM 130 6.36 20.51

Table (2): Results of deducting uniform regions of second signal




IBN AL- HAITHAM J. FOR PURE & APPL. SCI. VOL.24 (3) 2011

sl 5N e gl o Lia gual) 15l
Crunally (g SIE) Jamal) e pudipall 485 Slaniodly



IBN AL- HAITHAM J. FOR PURE & APPL. SCI. VOL.24 (3) 2011

Slalu ¢lalus daplus

iy Aaaly Dupeal) 408 4y poal) 4y pidall aglal) g3
2010 Jg¥) cusds 6: 8 ) alia)

2011 jsa 13 :,dday) )

ADAY

5l Calee ey Lisnds Lia s limguall A1) impal AedSH) g pemd HLEY) Aalae il (o aall Ly

dalles cagiy SN BLEY) jalinl  res JSE claga) 28 Ciuily (Hia Juas (o =12 ....10)
Al e Aaslill LI Aglan) paibadll Auy 5 cJanall miipe Jlariuly ¢ liagually 4 sial) 43 geal) yLEY)
egall Cilandl Gy o ) (535 Aallaall Adae o) gl dipal) BUS 3asds Aallaall sy BLEY) B35n sl
Glewd o dldladll dinllea o35 ) juaill o Al ) bgydl (e A8l mlyall e 13 ¢ Agigal) 5L
oaibadl dup & ey Guaall Jaedl sl Jlasiuly eliagaly 4 sdal LY dadee Cuds 5L dagall
Aoptall HLAY) Cpnd 8 bam "ladll Al diipay Jaad) mine hels daled) e Aa0W) LN dilan)
Ghat¥) ¢ P daxd] s Aplan) uleall A e Lal @hlayl e abl Al chsall s sl saally
& xS Omad Jaagl 3 cAiuaally ) chLaYly & shal Gl [ MSE (gl Uadd i Jiras 6 (gilnal
4 geall 5L 8hsaally Aagall ilend e dkailadl g Gailiadd) o328

At peal HLEY) apni ¢ Jomall peipe ¢ HLIY) 4gpic Apnus\Sl) o Limgual) — ¢ Agalidall clals



