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 It is clearly known that a speech signal which is obtained from the real world environment is often 

corrupted by means of noise. This noise effectively reduces the performance of the speech signal and it must 

be removed effectively for further processing of signal. Enhancement means improvement and increase in 

quality of speech that means improvement of quality of degraded speech signal by using different 

enhancement techniques .The two main perceptual criteria for measuring the performance of a speech 

enhancement are Quality of the enhanced signal, measures its clarity and the level of residual noise in that 

signal. The quality is a subjective measure that is indicative of the extent to which the listener is comfortable 

with the enhanced signal. The second criterion measures the intelligibility of the enhanced signal. This is an 

objective measure which provides the percentage of words that could be correctly identified by listeners. To 

reduce the effect of background noise .This paper presents an approach for enhancement of Speech Signal 

using Spectral Subtraction(SS) for English speech patterns of negative (low) SNR in presence of Additive 

White Gaussian Noise. The performance of this method compared in terms of performance measure 

parameters viz. Signal to Noise Ratio (SNR), Peak Signal to Noise Ratio(PSNR),Maximum Absolute Error 

(MAE), Mean Square Error (MSE),Logarithmic Spectral Distance (LSD) and Cepstrum distance (CD). 
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I. INTRODUCTION 

Speech is an effective way of communicating 

ideas from one person to another. When speech 

signal propagates through a highly non-stationary 

noisy medium then it may be severely degraded 

[1-5]. one of the most important area of research, in 

speech processing which can find in many 

applications like speech recognition, coding and 

communication applications is speech 

enhancement[1-5].  

The underlying goal of speech enhancement is to 

improve the quality and intelligibility of the signal, 

as perceived by human listeners. Speech quality 

and/or intelligibility, these two measures are 

uncorrelated and independent of each other. A 

speech signal may beof high quality and low 

intelligibility and vice versa [5-6].Based on the 

number of microphones used for speech data 

acquisition, speech enhancement techniques can 

be classified into single channel, dual channel or 

multi-channel. Because of their simple 

implementation and their effectiveness, single 

channel speech enhancement techniques [1-6,] are 

important areas in research when compared to 

multi-channel speech enhancement techniques. 

Due to cost and size considerations, only a single 

microphone is available in mobile communication, 

so that single channel speech enhancement 

techniques are especially useful in mobile 

communication applications.  
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In literature there are several speech 

enhancement techniques are available. Most of 

them are based on Spectral Subtraction (SS), 

adaptive filtering, Statistical Model based and 

Transform based methods. One of the most 

popular and computationally efficient methods for 

enhancement of single channel speech is Spectral 

Subtraction(SS).Boll S.F (1979) proposed Spectral 

Subtraction (SS) for both Magnitude and Power 

Spectral Subtraction(MSS &PSS) for suppression 

of  acoustic noise which itself introduces synthetic 

noise[1].Berouti (1979) suggested ,a significant 

variation of Spectral Subtraction with over 

subtraction factor and spectral floor parameter 

[2].A simple improvement to Berouti Spectral 

Subtraction with multiple subtraction factors in 

non-ovelapping frequency bands is Multi Band 

Spectral Subtraction (MBSS) proposed by S.D. 

Kamath[3]. An optimal filter which reduces Mean 

Square Error(MSE)traditional Wiener filtering 

proposed by Scalart (1996).Parametric wiener filter 

with Decision Direct approach suggested by Lim 

and oppenhim [5]. Statistical Model based methods 

are Maximum Likelihood approach for speech 

enhancement by McAulay and Malpass 

[6],Minimum Mean Square Error (MMSE) 

Approach suggested by Ephrahim and Malah [7], 

MMSE Log Spectral Amplitude(MMSE LSA) by 

Emphrahim and Malah [8],Maximum Aposteriori 

approach (MAP) [9], subspace algorithms Ephraim 

(1992) [10], Wavelet based speech 

enhancement[18-20]are presented. The objective of 

this paper is to provide noisy speech enhancement 

algorithm using Spectral Subtraction This paper is 

organized as follows; starts with historical account 

on the use of enhancement methods of noisy 

speech. In section II, presents Speech 

enhancement algorithm. Finally, simulation 

results and conclusion of review has been provided 

in section III. 

II. SPECTRAL SUBTRACTION TYPE SPEECH 

ENHANCEMENT ALGORITHM 

In real world conditions, the speech signal is 

generally degraded by additive noise [3,6],both 

speech and noise are uncorrelated. The speech 

signal degraded by back ground noise is named as 

noisy speech. The noisy signal can be modeled as 

the sum of the clean speech signal and the noise 

[1-6] as  

 

𝒚( 𝒏) =𝒔 (𝒏) +𝒅 (𝒏) ,𝒏∈ (𝟎,𝑵−𝟏) (1)  

 

segment is Windowed using hamming window and 

then FFT of windowed signal can be obtained by 

taking Fast Fourier Transform (FFT).The Windowed 

Speech segments are applied to the Speech 

Enhancement algorithm and the Enhanced Speech 

signal is reconstructed in its time domain. Now FFT 

of the windowed signals can be written as 𝑌𝑊 ω 

,𝐷𝑊 ω and𝑆𝑊 ω .FFT of the segmented noise signal 

can be written as 

 
where 𝜔 is the discrete-frequency index of the 

frame and 𝑊 is the window (Hamming 

window).Throughout this paper, it is assumed that 

the signal is segmented into frames first and then 

windowed, hence for simplicity, we drop the use of 

subscript 𝑊 from windowed signals.  

The spectral subtraction method mainly involves 

two stages. In the first stage, an average estimate of 

the noise spectrum is subtracted from the 

instantaneous spectrum of the noisy speech. This 

is named as basic spectral subtraction step. In the 

second stage, several modifications like half-wave 

rectification (HWR)[1,2], remnant noise reduction 

and signal attenuation are done to reduce the 

signal level in the non-speech regions. In the entire 

process, the phase of noisy speech is kept 

unchanged because it is assumed that the phase 

distortion is not perceived by human ear [5]. 

Therefore, the STSM of noisy speech is equal to the 

sum of STSM of clean speech and STSM of noise 

without the information of phase and (2) can be 

expressed as  

 

 

ⱷyy(ɷ) is the phase of the noisy speech. To obtain the 

short-time power spectrum of noisy speech, Yw(ɷ)  

is multiplied by its complex conjugate Y w * (ɷ)  

 

 
Where 𝑆 (ω) 2 and 𝑌(ω) 2is the short-term power 

spectrum of estimated speech and the noisy 

speech, respectively. The 𝐷 (ω) 2is the estimated 

noise power spectrum [1,12-14].  

 

In this method, the spectra obtained after 

subtraction process may contain some negative 
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values due to inaccurate estimation of the noise 

spectrum. Since, the spectrum of estimated speech 

can become negative due to over-estimation of 

noise, but it cannot be negative, therefore a 

half-wave rectification (setting the negative 

portions to zero) or full-wave rectification (absolute 

value) is introduced [1-3]. Commonly Half-wave 

rectification (HWR) isused but it introduces 

annoying noise in the enhanced speech. Full-wave 

rectification (FWR) avoids the creation of annoying 

noise, but it is less effective in suppressing noise. 

Thus, the complete power spectral subtraction 

algorithm is given by(see Equation (9))  

 

 
Clean signal estimate(𝑠 𝑛 ) can be formed with any 

one of the synthesis techniqueslike 

overlap-add(OLA),filter bank summation (FBS)or 

Least Square Error Synthesis(LSE)[1,2,3,12].In 

this paper overlap add technique is used . 

 
Fig1. Spectral Subtraction Method. 

 

III. SIMULATION AND RESULTS DISCUSSION  

i) Simulation conditions:  

This section presents the experimental results and 

performance evaluation of the different 

enhancement algorithms as well as comparison 

with the basic Spectral Subtraction (SS) algorithm, 

Berouti Spectral Subtraction (BSS) algorithm, 

Multi-Band Spectral Subtraction (MBSS) algorithm 

and Discrete Wavelet Transform. MATLAB software 

used for simulation environment. The noisy speech 

samples have been taken from NOIZEUS speech 

corpus [17]. The NOIZEUSis comprised of 30 

phonetically balanced sentences belonging to six 

speakers (three male and three female) and 

degraded by seven different real-world noises at 

different levels of SNRs. The corpus is sampled at 8 

kHz and quantized linearly using 16 bits 

resolution. The noises have different 

time-frequency distributions, and therefore a 

different impact on speech. For Simulation 

computer generated white Gaussian noise has 

been used at different values of input SNR to 

evaluate of the different speech enhancement 

algorithm. 

 
Fig2. Spectral Subtraction Method Matlab Simulation results 

 

ii) Performance parameters  

The performance of the transform domain speech 

enhancement methods are compared on the basis 

of objective measurement in terms of output Signal 

to Noise Ratio (SNR),Peak Signal to Noise Ratio 

(PSNR),Mean Absolute Error (MAE),Mean Square 

Error (MSE), Logarithmic Spectral  

 

Distance(LSD)and Cepstrum distance measure are 

taken for evaluation of enhanced speech signal.  

 

1. Signal to Noise Ratio (SNR):  

It is most widely used and popular parameterto 

measure the quality of speech. It is ratio of signal to 

noise power in decibels .Where 𝜎s2is the mean 

square of speech signal and 𝜎𝑑2is the mean square 

difference between the original and reconstructed 

speech.  

 

 
2. Peak Signal to Noise Ratio (PSNR): 

 
Where N is the length of the reconstructed signal, X 

is the maximum absolute square value of signal „s‟ 

and ||s – s^||2 is the energy of the difference 

between the original and reconstructed signal. 
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3. Mean Absolute Error(MAE):  

It is the average error and it is used to measure how 

close the enhanced and original signal. 

 

 
 

4. Mean Square Error (MSE):  

 
Where N is length of input speech signal, s(n) is 

input speech signal and s^(n) is reconstructed 

speech signals.  

5. Logarithmic Spectral Distance (LSD):  

Calculates the spectral distance between Clean 

speech and noisy signal. 

 
 

6.Cepstrum Distance(CD):  

It is the distance measure between input and 

output speech signal in frequency domain.  
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