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Abstract 
 

 There are many sudden and short period 

noises in natural envrioments. In this paper, 

noise reduction is efficiently performed for 

additive white noise   and an      automatic 

thresholding method for discriminating of noise / 

speech. This modified version of the thresholding 

method updates the threshold in each frame. In 

this proposed method, the selection of the 

threshold value depends on the estimates of the 

standard deviation and gives it as the input to the 

super-soft thresholding algorithm.  Voice activity 

detection methods usually work in time or 

frequency domains.  We propose super soft 

thresholding algorithm based on subband voice 

activity detection. If clean speech data can be 

input, it will help prevent system operations 

errors. These proposed methods are applied in a 

real-time noise reduction. 
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1. Introduction 

 
 Speech is considered one of the most natural 

forms of communications between people. In 

speech communication, the speech signal is 

always accompanied by some noise. The 

background noise of the environment where the 

source of speech lies is the main component of 

noise that adds to the speech signal. Sound that is 

unwanted or disrupts one’s quality of life is 

called as noise. Noise reduction is useful in many 

applications such as voice communication and 

automatic speech recognition where effi cient 

noise reduction techniques are required. In the 

literature, this process is usually known as voice 

activity detection (VAD) and it becomes an 

important problem in many areas of speech 

processing such as real-time noise reduction for 

speech enhancement, speech recognition, digital 

hearing aids, and modern telecommunication 

systems. Noise is a well-known factor which 

degrades the quality and intelligibility of speech 

in many applications’ areas. To reduce the noise 

level without affecting the quality of speech 

signals, a noise reduction algorithm is usually 

employed. Spectral subtraction is a widely used 

approach in practical noise suppression schemes.  

 This scheme usually estimates the noise 

characteristics from the nonspeech intervals of 

the signal. In this context, accuracy and 

reliability of a VAD becomes critical in 

determining the performance of noise reduction 

algorithm. Most papers reporting on noise 

reduction refer to speech pause detection when 

dealing with the problem of noise estimation. 

Speech pause detectors are very sensitive and 

often limiting part of the systems for the 

reduction of noise in speech. [5]  

 The rest of the paper is organized as follows: 

section II will provide the details about the 

theoretical background, section III will depict the 

proposed algorithm for noise-speech 

discrimination in real time, section IV will 

present conclusion and future work. 

 

2. Related Work 

 
 Rajeev Aggarwal , Jai Karan Singh , Sanjay 

Rathore , Mukesh Tiwari  , Dr. Anubhuti Khare   

and Vijay Kumar Gupta describe discrete-

wavelet transform based algorithm are used for 

speech signal denoising. Here both hard and soft 

thresholding are used for denoising.  Analysis is 



done on noisy speech signal corrupted by babble 

Soft thresholding method performs better than 

hard thresholding at all input SNR levels.   

 Dr.Moe Pwint and Farook Sattar presents a 

new method to detect speech/nonspeech 

components of a given noisy signal. Employing 

the combination of binary Walsh basis functions 

and an analysis-synthesis scheme, the original 

noisy speech signal is modifi ed. From the 

modifi ed signals, the speech components are 

distinguished from the nonspeech components by 

using a simple decision scheme. Minimal 

number of Walsh basis functions to be applied is 

determined using singular value decomposition 

(SVD). 

 Wahyu KuSuma and Prince Brave 

Guhyapativ foucus on nalysis of matching 

process to give a command for multipurpose 

machine such as a robot with Linear Predictive 

Coding and HMM. LPC is a method to signals 

by giving characteristics into LPC coefficients. 

In the other hand, HMM is a form of signal 

modeling where voice signals are recognized to 

find maximum probability and recognize words 

given by a new input. 

 

3. Theoretical Background 

  
 The proposed denoising algorithm   computes 

the discrete wavelet transform for noisy speech 

signal. The wavelet transform is good at energy 

compaction. An Initial threshold value is selected 

by using standard deviation and super soft 

thresholding algorithm. And then, estimated 

power is compared with threshold value in each 

subband. Finally, reconstruct to the inverse 

discrete wavelet transform.  

3.1. Wavelet Transformation  
     The theory of the wavelet transform (WT) is 

based on signal processing and developed from 

the Fourier transform basis. The wavelet 

transform is expressed as a series of functions 

which are related with each other by translation 

and simple scaling. The original WT function is 

called mother wavelet and is employed for 

generating all basis functions. A set of functions 

is constructed by scaling and shifting the mother 

wavelet. [1] 

3.1.1. Discrete Wavelet Transform 
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Figure 1. Wavelet decomposition and 

reconstruction 

 

The Discrete Wavelet Transform (DWT) uses 

Multi resolution filter banks and special wavelet 

filters for the analysis and reconstruction of 

signals. DWT has two major phases, 

decomposition and reconstruction. In 

decomposition phase, input signal is decomposed 

into two sub-bands: low frequency and high 

frequency sub-bands. These subbands are 

achieved separately by applying low-pass and 

high-pass decomposition filters to the input 

signal. Low frequency and high frequency sub-

bands are named as approximation and detail 

respectively. [2] 

 

3.1.2. Continuous Noise Estimation in Wavelet  

   

 In wavelet filter-bank, a set of coefficients 

are applied to present each sub-band, while in 

frequency filter-bank, a coefficient is used for 

presenting each sub-band. In continuous noise 

estimation, we use a filter including two steps. In 

the first step, an adaptive filter is applied to noisy 

signal. After that, powers of input noise and 

clean signal are estimated in each subband. In the 

second step, the enhancement filter reduces the 

noise based on powers of estimated noise and 

estimated speech signal.  The advantage of using 

two steps filtering is that estimation and 

reduction filters are separately calculated.  

The power of signal y, in k-th frame, n-th 

subband and m is number of coefficients in this 

subband is calculated as: 

PY(n, k) =  ∑ Y2M
m=1  (m, n, k)              (1) 



 

First, the adaptive filter, H(j,k)  can be computed 

as in equation (2) using the estimated power of 

noise, PN(j,k-1), and the estimated power of 

clean signal, PS(j,k-1). These parameters are 

estimated in the previous frame.  

 H(j, k) =  
PS (j,k−1)

PS(j,k−1)+PN(j,k−1)
           (2) 

 

Estimation of noise power in current frame, 

PN(j,k) is  calculated based on power of noisy 

signal in current frame, X(j,k), and estimated of 

noise power in previous frame in each sub-band.  

N2(j, n) =  X2(j, k). (1 − H(j, k)) 

PN(j,k) = N. PN(j, k − 1) + (1 − N). N2(j, n)(3) 

 

where λ N is the forgetting factor for noise 

estimation (0 < λ N ≤  1). In Equation (4) 

estimated power of clean signal is approximated 

based on power of noisy signal in current frame, 

X(j,k), and power of estimated clean signal in 

previous frame ,PS(f,k-1).   

𝑆1 
2(𝑗, 𝑘) =  𝐻(𝑗, 𝑘) × 𝑋2(j,k)  

Ps(j,k) = s. Ps(j, k − 1) + (1 − s). S2(j, k)     (4) 

 

where λ S  is forgetting factor for  speech 

estimation. In the second step, based on equation 

(5), main noise reduction filter in each sub-band, 

A(j,k), is calculated. In this equation, α  (1-H) is 

used to control the amount of remined 

background noise and speech artefacts. [10] 

      A(j,k) = H(j,k) +  (1-H (j,k))             (5) 

 

3.2. Thresholding  
 

3.2.1. Initial Value of Threshold Selection  
 

     This propose method involves the estimating 

the standard deviation of the noise, σ , for every 

subband and time frame. When σ  is given, we 

will calculate the threshold, λ  , again for each 

subband and time frame. We will start by 

segmenting each i-th subband of decomposed 

coefficients, ci
m, , into frames of length Li 

frm.  

σ i,p   is denoted as the corresponding estimated 

noise level of the  p-th frame in the  i-th subband. 

These are estimated using the segment of 

previous data { ci,p
m,, m =0,…, L

i 
seg-1  } , where Li 

seg-1   Li 
frm  . The noise estimate is then given as  

σ i,p  =  . ∑ 𝑐𝑗
𝑖,𝑝 𝑖𝑛𝑡(𝑞.𝐿𝑠𝑒𝑔

𝑖 )

𝐽=0  𝐿𝑠𝑒𝑔
𝑖            

(6) 

 

where the constant β  is an appropriate scale 

factor.  Nominal values: q = 0.2, β  = 0.38. The 

corresponding time lengths of Lseg and Lfrm are 

512ms and 64ms respectively, and the frame 

shift is 32ms. Finally, the threshold for each 

subband at the  p-th frame,  

 

         i,p   = √2 log(𝐿𝑠𝑒𝑔
𝑖  𝑙𝑜𝑔2 𝐿𝑠𝑒𝑔

𝑖 )   . σ i,p            

(7) 
 

3.2.2. Thresholding Algorithm 

  
 The soft and hard thresholding methods are 

used to estimate the wavelet coefficients in 

wavelet threshold denoising. Hard thresholding 

can be described as the usual process of setting 

to zero the elements whose absolute values are 

lower than the threshold. The hard threshold 

signal is x if x   ≥  thr and is 0 if x   thr, where 

„thr is a threshold value. Soft thresholding is an 

extension of hard thresholding, first setting to 

zero the elements whose absolute values are 

lower than the threshold, and then shrinking the 

nonzero coefficients towards 0. If   x ≥  thr, soft 

threshold signal is (sign (x). (x - thr)) and if x   

thr  ,  soft threshold signal is 0.Donoho and 

Johnstone derived a general optimal universal 

threshold for the Gaussian white noise.  

 Super Soft thresholding algorithm instead of 

setting  some  wavelet  coefficients to  zero,   the  

algorithm attenuates the coefficients depending 

on their distance from the threshold. Super-Soft 

thresholding algorithm avoids forcing the 

wavelet coefficients smaller than the threshold to 

zero but instead replaces them by a fraction of 

their original values. The Super-Soft 

thresholding algorithm is defined as follow: 

 

             (8) 



 

where a is the line slope for the values smaller 

than threshold, so it should be a small value and 
λ   is the threshold value. 

 

3.3. Voice Activity Detection (VAD) 

 
     The VAD detects the presence of speech in a 

noisy signal. So these methods are suitable in 

order to apply to real-time applications. In 

thresholding methods, some parameters such as 

zero-crossing rate and power are compared with 

threshold values. In this paper, we propose a 

subband VAD algorithm based on power of 

estimated speech comparing with estimation 

threshold.  There are two types of VAD: 

Fullband VAD and Subband VAD. 

 

3.3.1. Fullband VAD 

 

Wavelet

Transform

Subband 1 Subband n

Power

Estimation

Total Power Estimation

P (total)

Subband 2

Power

Estimation

Power

Estimation

P(total) <= Threshold

Yes

No

Do not need

update noise

Update noise in

all subband

 

 

Figure 2. Fullband VAD diagram 

 

 In Fullband VAD, powers of speech for all 

sub-bands are accumulated together. This value 

is used as estimation of speech power in current 

frame. If this value is less than a determined 

threshold, current frame is labelled as noise 

frame; otherwise current frame is labelled as 

speech frame. In noise frames, power of 

estimated noise is updated. In speech frames, 

power of estimated noise is not changed.[2] 

 

3.3.2. Subband VAD 

 

In case of Subband VAD, different threshold 

values are computed for each sub-band. If 

estimation of speech power in each sub-band is 

less than these thresholds, then these  subband is 

labelled as noise, otherwise it is labelled as 

signal. If a sub-band is considered as noise, the 

estimation of noise power is updated in the sub-

band; otherwise the estimation of noise power is 

not changed in the sub-band. [2] 
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Figure 3. Subband VAD diagram 

 

4. Proposed Algorithm for Noise-

Speech Discrimination  

 
 In this proposed method, some reference 

signal for recording are created (clean signal). 

The reason for choosing white noise is that white 

noise is one of the most difficult types of noise to 

remove, because it does not have a localized 

structure either in the time domain or in the 

frequency domain. [3] White noise with different 

SNR values is added to reference signals to 



generate noisy signal. Speech segments are 

labelled by Hamming window.  

 Wavelet filter-bank will decompose reference 

signals at first. Number of decomposition levels 

will set and that gives the resolution in the 

approximation. Wavelet Transform is defined for 

sequences with length of some power of 2, and 

for other sizes we need to use signal extension to 

a size that is in the power of 2.After then creating 

reference signals in each sub-band, we will 

calculate Subband VAD classification rate in 

each sub-band. 
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Figure 4. Proposed System 

 

The standard deviation of the noise σ  is 

estimated. When σ  is given, we will calculate 

the threshold,  λ  , again for each subband and 

time frame. We will start by segmenting each i-th 

subband of decomposed coefficients, ci
m, , into 

frames of length Li 
frm. The proposed system uses 

an estimation of the standard deviation for the 

each frame to select the threshold of the current 

frame and gives it as the input to the super-soft 

thresholding algorithm. Different threshold 

values are computed for each sub-band.  
To estimate the power of each subband, the 

adaptive filter calculates the power of noisy 

speech. In the second step, the enhancement 

filter reduces noise based on powers of estimated 

noise and estimated speech signal. If estimation 

of speech power in each sub-band is less than 

these estimate thresholds, then the subband is 

labelled as noise, otherwise it is labelled as 

speech. If a sub-band is considered as noise, the 

estimation of noise power is updated in the sub-

band; otherwise the estimation of noise power is 

not changed in the sub-band.After discrimination 

of noise and speech, subbands are combined. 

Finally, the decomposed components will be 

assembled back into the original signal without 

loss of information. This process is called 

reconstruction, or synthesis. This synthesis is 

called the inverse discrete wavelet transform 

(IDWT).  

 

5. Conclusion and Future Work 

 
 We propose a method to reduce noise in 

recorded signal by using super soft thresholding 

algorithm in subband voice activity detection. 

The proposed system uses an estimation of the 

standard deviation for the each frame to select 

the threshold of the current frame and gives it as 

the input to the super-soft thresholding 

algorithm.  We will calculate the most suitable 

threshold value that will use to remove noise 

from noisy signal, but also recover the original 

signal efficiently. If the threshold value is too 

high, it will also remove the contents of original 

signal and if the threshold value is too low, 

denoising will not work properly. In the future, 

there is still needs some improvement of the 

simulation model in order to provide a more 

resemble compared to the real world and another 

algorithm. 
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