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Abstract: 

         Signal denoising is an important process and should be implemented 

before any advanced process on the audio signals. This paper proposes a 

two -stage detection method to detect the noisy samples effectively. In the 

first stage, two parallel filters are primarily implemented to determine the 

common noisy samples. In the second stage, intensity difference based 

method is employed in order to determine the truly noisy samples  by 

filtering the common noisy samples. At the end,  one-dimensional non local 

mean filter is deployed for estimating the truly noisy samples rather than 

estimating all the samples in the signal. Extensive simulation results show 

that the proposed method delivers superior results at high and low noise 

rates with respect to the other well-known denoising methods. Moreover, the 

suggested method is fast and consistent against the values of the suggested 

parameters.  

Keywords: Impulse noise, Audio signal, Noise cancellation, Non-

local mean 
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1  Introduction 

Noise removal from the audio signal is very demanded in 

many applications such as; speech compression, signal processing in 

medical devices, mobile communication, speech enhancement, and 

wireless speech recognition. As a result, many algorithms are 

proposed in the literature for denoising the audio signal, some of them 

are median filtering-based approaches as those mentioned in [1-3]. 

The drawback of these filters is that they fail to differentiate between 

the noisy and the original samples, thus, many of the signal details 

will be lost. Spectral subtraction-based methods [4-5] are the most 

widely methods used in speech enhancement. In which, the enhanced 

speech is obtained by subtracting the estimated noise spectrum from 

the noisy speech spectrum. Nevertheless, these methods miscarry to 

provide a good estimation to the spectrum of the noisy signal. Other 

approaches are based on wavelet technique as described in [6-10]. In 

which the signal is decomposed into multi-levels and after then the 

noisy components is discarded. Many others are based on sparse 

representation [11-13] or mean square error [14-15]. In this paper, we 

are trying to remove impulse noise from corrupted audio signals 

efficiently by detecting and then filtering the noisy samples. Impulse 

noise which is one of the important and real noises that causes clicks, 

bursts or scratches in the audio signals [16-17]. This noise takes the 

same range of values between [-1,1] similar to the audio signal. Thus, 

it is difficult to differentiate between the original and the noisy values. 

To this end, two known filters which are the SD-ROM [18] and the 

ACWM [19] are used in the detection process. The principle of SD-

ROM filter is based on calculating the Rank Order Mean, ROM, for 

the samples that surrounds the tested one. Then, the tested sample is 

considered noisy or  not by comparing the ROM value with 

predefined thresholds. The principle of ACWM filter is based on 

calculating the differences between the tested sample and the outputs 

of  center weighted median filters where each of them give different 

weight to the central sample. The SD_ROM is employed first for 

image restoration as described by the work presented in [20]. The 
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ACWM is used basically for image restoration. However, we intend to 

use it in this paper to restore noisy audio signals. 

Two-stage detection filter is proposed, in this research, to detect the 

noisy samples spread in the audio signal. In the first detection stage, 

the SD-ROM and the ACWM filters are applied in parallel to the 

noisy audio samples. Then, the corresponding restored samples, 

attained by these methods, are compared to decide whether they are 

common noisy or original audio samples. If the corresponding 

samples have almost the same values they are considered original 

audio samples otherwise they are considered common noisy samples. 

The second stage is applied to filter the common noisy samples based 

on an intensity-based method. This stage helps deciding if the tested 

common noisy samples are truly noisy or not. Note that intensity-

based approach is applied only on the common noisy samples but not 

all the audio samples. The reason for that is that we are trying to avoid 

any errors that would be produced if the detection process is 

implemented on all the samples in the corrupted sound. Eventually, 

one dimensional non local mean is applied to restore only the truly 

noisy samples not as the 2-D non-local mean stated in [21-23] which 

restore every value in the image. The advantage of this method is that 

several steps are used to detect the noisy samples; besides, a 1-D non-

local mean is implemented to restore the noisy samples only. This in 

turns helps to keep the original sample intact and restore audio 

samples corrupted by noise rates greater than 30%.  

The proposed paper is organized as the following: section 1 explains 

detection and restoration methods, section 2 presents simulation 

results. Finally, section 3 concludes this research. 

2 Algorithm Description 
 

2.1  Two-Stage Detection Process 

        In the two -stage detection process we are trying to determine the 

noisy samples that are spread in the corrupted audio signal for 

restoring them rather than restoring all the audio samples. To this end, 

we run ACWM and CD-ROM filters in parallel then compare their 

restored samples. More specifically, the samples that have almost 
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similar values are considered original audio samples whereas the 

samples with different values are considered noisy and named as 

common noisy samples. Note that, it is preferable to compare between 

the restored samples rather than the detected noisy samples. The 

reason for that is that both filters have errors in detections. Another 

detection process is implemented over the common noisy samples in 

order to separate the samples that are most likely truly noisy. Finally, 

a 1-D non-local mean method is implemented to restore the truly 

noisy samples. For describing the first step in finding the truly noisy 

samples from a given noisy audio signal of length N, let the corrupted 

audio samples are denoted by SCOR, the restored samples obtained by 

ACWM filter are denoted by XACWM and the samples obtained by CD-

ROM filter are denoted by Y CD-ROM as the following: 

                   SCOR = (s1  s2   s3   s4  s5……   sN)                       (1) 

                   XACWMF = (x1  x2   x3   x4  x5……   xN)                (2) 

                  Y CD-ROM =  (y1  y2   y3   y4  y5……   yN)                (3) 

The corresponding samples in Eqs. 1 and 2 with similar values or very 

small intensity difference,  , are considered original otherwise they 

are considered common noisy samples. To this end, we calculate the 

intensity difference di  between each two corresponding samples 

according to: 

                                di = |xi-yi|             i=1,2,3,….N                 (4) 

  if   di ≤   then xi and  yi  considered original samples as  xi =  yi= oi  

otherwise they deemed as common noisy samples xi =  yi= ni. 

Subtract the vectors in Eq, 2 and 3 and sort the attained intensity 

differences di
’
s in ascending order, we will get the following:                   

             

k

k

j

j

i

i iROM,-CDi,ACWMF dd|| yxsum               (5) 

Where  j , kd > , j=1:m-1, and k=m: N. Take the logarithm of the 

inverse of each difference di to  assess  the performance of the 

proposed algorithm as: 
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
k

k10
j

j10
i

i10 )d/1(log)/1(log)d/1(log 

                 

(6) 

Let the outputs of the two filters are equals. Then  

              )/1(log
j

j10    and  0)d/1(log
k

k10 

                  

(7) 

At very low noise rate the output samples mostly have similar values 

and with intensity differences di
’
s less than ɛ. As a result 



k

)
k

d/1(
10

log)

j
j

/1(
10

log   and the performance of the 

proposed method will be clearly high. The reason is that the number 

of the common noisy samples is low and most of the samples are 

considered original. Another important point is that we should search 

about the maximum value of ɛ that would minimize eq. 6 but still 

delivers optimum performance as: 

             


k

k10
j

j10
max

)d/1(log)/1(logMin 
                           

(8) 

Note that if the noise rate increases the noisy samples increases and 

the number of the intensity difference di which is greater than ɛ 

increases as well. In other words, at high noise rates we will get 


k

)kd/1(10log)
j

j/1(10log    and as a result the performance of 

the proposed filter is decreased. At the end, the proposed filter will fail 

to function when                                  

                                                    

            


k

k10 )d/1(log )/1(log
j

j10  

 


k

k10 )d/1(log

         

(9) 

Now, define a new vector Zrest , based on Eq. 4,  to include two 

common noisy samples ni  and ni-2 , as an example, with the other 

original samples as: 

          Zrest=(  o1  o2 …. ni-2  oi-1   ni  oi+1  oi+2   ……   oN)       (01) 

To increase the performance of the proposed algorithm, we implement 

the second detection method. In which, each common noisy sample ni   

is detected one more time by comparing its intensity value with those 
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of its surrounding samples in the vector SCOR. The length of the 

surrounding samples is determined based on the noise rate, in the 

sense that as the noise rate increases the length increases and vice 

versa. Let a noisy sample in the location i has the following 

surrounding samples attained from the vector SCOR as: 

                Si=( si-3   ni-2   si-1  ni  si+1   si+2  si+3  )                    (00) 

if there is another noisy sample as ni-2 exits within the neighboring 

samples, it should be removed. Therefore, the result of the first norm | 

Si-ni| will be as: 

  |Si-ni|  =( | si-3 -ni|  | si-1-ni|  | si+1-ni|  | si+2-ni|  | | si+3-ni|(  (01) 

Now if there is a value in the vector |Si-ni| somewhat small or less 

than a threshold value, then the noisy sample ni is not strange and has 

a similar sample amongst its neighboring ones. In other words, the 

tested noisy sample ni. is not a unique value. Thus, the sample ni. is 

considered with minimum probability as original sample. Also, it is 

clear that as the number of the similar samples increases the 

originality of the tested noisy sample increases. This idea is explained 

by defining a function f(j) as the following: 

             ij,ki:kij
Th

|ns|
1)j(f

1

ij






















 


       
(01) 

2k is the maximum length of the surrounding samples. Divide each 

element in the norm | Si-ni| by a threshold value Th1 and then take the 

round down function. Round down function means that any element 

greater than integer 1 is replaced by 1 and greater than 0 is replaced by 

0. Thus f(j) will take two elements either zero or 1. For example, let 

k=2 and f(j)={0,1,0,0) that means the tested sample has one similar 

value and therefore considered as original sample oi otherwise it will 

be flagged as F in the vector Zrest  as: 

                
























 

elseF

1)j(fifo
ni

i

j

i

                     

(01) 
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The sample that flagged as F will be restored by using a 1-D non-local 

mean method as shown in the following subsection.  

2.2  One-Dimensional Non-Local Mean Filter 

          In this part, we are trying to find the most similar means of the 

surrounding patches with respect to the mean of the tested one. This is 

illustrated as the following. Let us assume that the output from the 

detection process as: 

         Zrest =(  o1 o2  o3 …F8 ….o12 F13 o14 …..oN-1   oN)      (15) 
To restore the sample F8, for example, we should define the search 

area A of a length L to be started at sample a1=8-w1 and ended at 

sample a2= 8+w2. For w1=w2=7, a1=1, a2=15 and L=15 as: :               

         A8=(  o1  o2   …o7  F8  o9   o10…o12 F13  o14  o15)         (16) 

Let the length of the tested patch starts at sample p1=8-wa  and ends at 

sample p2=8+wa , for wa=2, p1=6 and p2=10. Therefore, all the 

acquired patches will be as: tested patch TP =(   x6  x7  F8  x9  x10  ) 

with mean mTp. The other patches in the research areas will be as: 

Tp1=(o1  o2  o3  o4) ,Tp2=(o2  o3  o4  o5),Tp3=(o3  o4  o5 o6), 

Tp4=(o4  o5 o6 o7),Tp5=(o5 o6 o7F8)…TP12=(o12 F13 o14 o15 )    

to estimate the value of the noisy sample F8 , the average of the most 

similar means of the different surrounding patches should be 

calculated. To this end, we calculate the mean of each patch mTpi , 

i=1:12. Note that F8 and F13 are unknown samples and therefore they 

should be removed, and the mean is taking for the rest of the samples 

in the patch. The absolute differences Di
’
s between the mean of the 

tested patch mTp and the other means are attained as: 

                                 Di=|mTp- mTpi |                                  (17) 

. Let mTp1  mTp2… mTpk be the most similar means to  mTp , where  

their relevant difference Di with respect to mTp is within a pre- defined 

threshold value Th2 , i.e., Di ≤ Th2. Finally, the estimated value will 

be as: 

                   oest,8= mean(mTp1  mTp2… mTpk  mTp)                (18) 

then we continue performing the same previous steps for estimating 

the other flagged noisy samples.  
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3    Simulation Results 

       In order to study the performance of the proposed filter, extensive 

experiments are implemented on different audio signals corrupted 

with random valued impulse noise at different noise rates. Many 

factors are used for evaluating the proposed filters performance such 

as;  the a) visual quality of the restored samples compared with the 

original ones, b) Peak Signal to Noise Ratio, PSNR in decibel (dB), c) 

consumed time, d) output results against the values of the suggested 

parameters. In the simulated experiments, the visual quality, either for 

all the restored samples or for part of them, is shown in the following 

figures. But, PSNR is calculated for all the restored samples in the 

audio files. Note that the restoration results are improved gradually 

through the proposed filter; in the first step the common noisy samples 

are specified using ɛ=0.05 and then filtered to determine in more 

accurate way the truly noisy samples by using intensity difference-

based method with threshold Th1=20 and surrounding samples of 

length k=1. 

        

 

 
 
                           a                                                b                                    c                   

              

 
 
 

                              d                                                               e 

Fig.1 Restoration performance for 50 samples corrupted with 05% noise rate taken 

from the FlagRaising.wav sound file.  A) original sound, b) corrupted version, c) 

CD-ROM filter,PSNR= 29.3813,d) ACWM filter ,PSNR= 31.6962,e) proposed 

method, PSNR=  33.6804 , Th2=5  
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Fig.2 Restoration performance for 500 samples corrupted with 5% noise rate taken 

from the rain fall sound file.  A) original sound, b) corrupted version, c) CD-ROM 

filter ,PSNR=33.4628\, d) ACWM filter ,PSNR=37.4474, e) proposed method, 

PSNR=39.27,Th2=5 

 

Finally, a 1-D non-local mean filter is applied on the truly noisy 

samples with tested patch length of wa=2, search area A of length 

L=14, and threshold value Th2 to determine the similar means. All the 

above variables produce almost the same outputs within a specified 

range as will be shown later. Fig 1, shows visibly, in a clear view, how 

the adopted algorithm performs better results than the other known 

algorithms, particularly where the arrow is pointed. It is clear that the 

proposed algorithm detects some errors found in the output of the 

ACWM filter, which in turns improve the final results. Fig.2 shows 

the restoration results for different filters materialized due to the 

restoration of 500 noisy samples taken from the rainfall.wav audio 

file. Low noise rate, 5% , is used in this experiment to illustrate clearly 

the improvement in the restored versions. It is clear that the proposed 

filter delivers the best performance compared to the others in terms of 

the visual quality of the samples amplitudes or in terms of PSNR.   
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Fig.3 Restoration performance for  the rain fall sound file corrupted with 10% noise 

rate.  A) original sound, b) corrupted version, c) CD-ROM filter ,PSNR=31.8688 , 

d) ACWM filter ,PSNR=36.7103  ,e) proposed method, PSNR=38.1625 , Th2=10 
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Fig.4 Restoration performance for 500 samples corrupted with 21% noise rate from 

the Flagraising.wav sound file.  A) original sound, b) corrupted version, c) CD-

ROM filter ,PSNR=27.4761, d) ACWM filter ,PSNR=30.1315  ,e) proposed 

method, PSNR=31. 577, Th2=10   
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higher noise rate of 10% impulse noise. Figure 4 is another example 

used to illustrate the restoration results for 500 samples taken from the 

Flag raising sounds corrupted with noise rate of 20% impulse noise. It 

is notable that the proposed filter still achieves the best results even at 

high noise rates. Figure 5 and 6 demonstrate the results in restoring 

two audio files corrupted with 30% and 40% impulse noise rates. An 

emergency and aircraft audio sounds are shown in fig 5 and fig.6 

respectively. Even at high noise rates the proposed filter still provides 

the best performance. The reason is that two important method is 

implemented in the proposed filter. The first one is used for filtering 

the common noisy samples during the detection process and the 

second one is implementing a 1-D non-local mean in the restoration 

process. 
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Fig.5 Restoration performance for an emergency sound file corrupted with 30% 

noise rate.  A) original sound, b) corrupted version, c) CD-ROM filter 

,PSNR=24.3212, d) ACWM filter ,PSNR=27.4941      ,e) proposed method, 

PSNR=28.3229,Th2=10   
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Fig.6 Restoration performance for  an aircraft_landing.wav sound file corrupted with 

40% noise rate.  A) original sound, b) corrupted version, c) CD-ROM filter 

,PSNR=20.1978    , d) ACWM filter ,PSNR=22.4439    ,e) proposed method, 

PSNR=22.7370  , Th2=20 
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and the parameter k that would give optimum results. Th2 represents 

the maximum intensity difference between the mean of the current 

patch and the means of the similar patches in the searching area A. 

But, the parameter k represents the length of the surrounding samples 

that may have at least one sample similar to the tested common noisy 

sample. It is clear from table 1 that the proposed method is almost 

solid against the suggested parameters. 
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Th2 to determine the number of similar means 

PSNR for Rain fall sound PSNR for Flag raising sound 
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2 39.3 39.4 39.5 39.6 39 38.8 38.6 38.3 

4 39.9 40 40 40.1 38.3 38.1 37.9 37.7 

6 40.8 40.9 40.9 40.9 36.8 36.7 36.6 36.4 

8 40.7 40.7 40.8 40.8 36.6 36.5 36.3 36.1 

 

4   Conclusion 

       Two detection methods are proposed in this paper to detect and 

filter the noisy audio samples. The first one is implemented to detect 

the common noisy samples by differentiating between the outputs of 

two parallel filters. The second method is used to extract the truly 

noisy samples from the common ones. Eventually, one-dimensional 

non-local mean method is deployed for restoring only the noisy 

samples taken from the second detection technique rather than 

restoring all the samples of the corrupted sound. Simulation results 

proved that the proposed method is able to restore audio signals 

corrupted at different noisy rates, and to deliver better results than 

other known methods. Furthermore, the proposed method is fast and 

consistent against the proposed parameters. 

 

 

TABLE 1: The effect of the parameters k and Th2 in restoring different audio signals 

corrupted with impulse noise at 5% noise rate 
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