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ABSTRACT 
Main objective of Speech Enhancement is to improve the perceptual aspects of speech such as overall quality, intelligibility 
and degree of listener fatigue. Among the all available methods the spectral subtraction algorithm is the historically one of 
the first algorithm, proposed for background noise reduction. The greatest asset of Spectral Subtraction Algorithm lies in its 
simplicity. This paper present the review of basic spectral subtraction Algorithm, a short coming of basic spectral subtraction 
Algorithm, different modified approaches of Spectral Subtraction Algorithms such as Power Spectral Subtraction, Multiband 
Spectral Subtraction, Inverse Spectral Subtraction methods.As the spectral subtraction produces the Residual noise,Musical 
noise,Linear Predictive Analysis method is used to enhance the Speech. 
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1. INTRODUCTION 
Speech signals from the uncontrolled environment may contain degradation components along with required speech 
components like background noise, speech from other speakers etc [1].The occurrence of background noise in speech 
significantly decreases the intelligibility and the quality of the signal. Reducing or suppressing such background noise 
and improving the perceptual quality and intelligibility of a speech without disturbing the speech signal quality is a 
crucial task[2].The aim of speech enhancement is to improve the quality and intelligibility of degraded speech 
signal[1,2].  

 
Speech enhancement systems can be classified in a number of ways based on the criteria such as number of input 
channels, time domain or frequency domain, adaptive or non adaptive and some additional constraints. During the last 
decades, various approaches such as spectral subtraction method, subspace methods, Hidden Markov Modelling, 
wavelet-based methods etc., have been proposed to solve this problem. Among these, spectral subtraction one of the 
earliest and widely used enhancement methods for all types of noise, has been chosen for its simplicity of 
implementation and low computational load [2]. Base Spectral Subtraction method is simple and efficient method but it 
adds a new noise that is musical noise. To reduce this noise, Multi band spectral subtraction is proposed. The problem 
of correlation arises in multi band spectral subtraction method. To control this problem, Inverse Fourier Transform 
method is used. Auto-correlation method is used in Linear Predictive Coding Analysis which overcomes the problem of 
correlation and noise estimation in an effective manner. 
Section II presents Speech Enhancement. Section III presents Basic Spectral Subtraction Method and its various types, 
Section IV presents Linear Predictive Analysis Method. Section V presents the Experimental Results. 
 
2. SPEECH ENHANCEMENT 
Speech enhancement aims at improving the performance of speech communication systems in noisy environments.The 
quality of the enhanced signal is an subjective measures provides the clarity, distorted nature, and the level of residual 
noise in that signal. The intelligibility of the enhanced signal is an objective measure which provides the percentage of 
words that could be correctly identified by listeners[14].There are various speech enhancement methods for  reduction 
of noise and to improve the quality and intelligibility of noise. The block diagram of speech enhancement is shown in 
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figure 1[3]. The noisy speech signal is first segmented and then windowed by hamming window. Then DFT of the 
segmented and noisy speech signal is taken and given to the estimation block to estimate the noise during speech pause 
and find the noise spectrum. If the noise spectrum is too low, unwanted noise residual will be audible, if the noise 
estimate too high, speech will be distorted. In the figure 1 the speech enhancement block enhance the noisy speech 
spectrum to generate the clean speech spectrum and then we take inverse Fast Fourier Transform (IFFT) to get the 
enhanced speech. 
 
 
 

 
 

         Figure 1: Block Diagram of Speech Enhancement 
 
 
3.   SPECTRAL SUBTRACTION METHOD 
The spectral subtraction algorithm[1,2,3] is historically one of the first algorithms proposed for noise reduction. The 
spectral subtraction method as proposed by Boll [4] is a popular noise reduction technique due to its simple underlying 
concept and its effectiveness in enhancing speech degraded by additive noise.The goal of spectral subtraction is to 
suppress the noise from the degraded signal[2].It is based on the principle that one can estimate and update the noise 
spectrum when speech signal is not present and subtract it from the noisy speech signal to obtain clean speech signal 
spectrum[4].It is assumed that the noise is additive and its spectrum doesn’t change with time.It means noise is 
stationary or slowly varying with time[1].The Block Diagram of Spectral Subtraction Method is shown in figure (2). 
 
 
 

 
                                                  Figure 2: Block Diagram of Spectral Subtraction Subtraction 
 
The enhanced speech is obtained by subtracting the estimated spectral components of  the  noise from the spectrum of 
the input noisy signal.The noise spectrum can be estimated, and updated, during the periods when the signal is absent 
or when only noise is present[5]. These algorithms attempt to be an omnipresent solution for all types of noise 
environments. However, the serious drawback of this method is that the enhanced speech is accompanied by unpleasant 
musical noise artifact which is characterized by tones with random frequencies [2]. The spectrum of real-world noise is 
not flat. Thus, the noise signal does not affect the speech signal uniformly over the whole spectrum. Some frequencies 
are affected more adversely than others [6].To reduce such types of distortions,Multi-Band approach is proposed. 
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3.1.  MULTI BAND SPECTRAL SUBTRACTION 
In Multi-band Spectral Subtraction[3],the speech spectrum divided into N oversampling bands and spectral subtraction 
is performed independently in each band. This method performed in 4 stages. In the first stage, the signal is windowed 
and FFT used to estimate the magnitude spectrum. In the second stage to calculate the over subtraction factor, we 
divide the noise and speech into different frequency band. The third stage includes processing the individual frequency 
bands by subtracting the corresponding noise spectrum from the noisy speech spectrum and in the last stage the 
modified frequency bands are recombined and the time signal is obtained by using the noisy phase information and 
taking the IFFT. Let y(n) is the noisy speech signal,s(n) is the clean speech signal and d(n) is the additive noise 
signal.It can be written in mathematical form as : 
 
                                                          y(n) = s(n) + d(n)                                                                                          (1) 
 
 The estimate of the clean speech spectrum in the 푖푡ℎ band is obtained by equation (2) 
 

                                                         (2)                                       
 
Where 푘 are the discrete frequencies,  are the estimated noise power spectrum during speech absent, 훼푖 is the 
over subtraction factor of the 푖푡ℎ band and 훿푖 is the additional band[3]. This implementation assumes that the noise 
affects the speech spectrum uniformly and the over-subtraction factor α subtracts an over-estimate of the noise over the 
whole spectrum.That is not the case with real-world noise.The segmental SNR is estimated for (linearly-spaced) 
frequency bands of speech corrupted by speech-shaped noise.The segmental SNR of the high frequency band was 
significantly lower than the SNR of the low frequency band,by as much as 15 dB in some cases.The use of the over-
subtraction factor αi provides a degree of control over the noise subtraction level in each band, the use of multiple 
frequency bands and the use of theδi weights provide an additional degree of control within each band. The negative 
values in the enhanced spectrum were floored to the noisy spectrum[6].Multi-Band Spectral Subtraction Method is used 
to reduce the Musical noise that is produced by Base Spectral Subtraction Method[7].The block diagram of Multi-Band 
Spectral Subtraction Method is shown in figure (3).  
 

 
Figure 3: Block Diagram of Multi-band Spectral Subtraction Method 

       
3.2. INVERSE FOURIER SPECTRAL SUBTRACTION METHOD 
In the spectral subtraction method,it is assumed that the noise and the signal are uncorrelated[11]. This condition can 
be met by applying the autocorrelation function to both sides of equation (1). In this method, the estimated clean speech 
signal is calculated according to fig(c) 
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Figure 4: Block diagram of Inverse Fourier Subtraction 

 
The inverse Fourier spectral subtraction method is the same as the spectral subtraction method, but here, the 
subtraction, is applied to the inverse Fourier transform. In this method, the problem of the correlation between the 
signal and noise is solved to some extent.In the inverse Fourier spectral subtraction method[7], subtraction is applied to 
the inverse Fourier transform of the magnitude of the Fourier transform of the corrupted signal and the estimated noise 
signal. It can be evidently said that in the inverse Fourier subtraction method, the subtraction is performed in the time 
domain in which the uncorrelation between the signal and noise has less accuracy.Usually noise is added to the signal 
in the time domain where it's not certainly uncorrelated, but addition in the frequency domain needs uncorrelation[11]. 
 
4.  LINEAR PREDICTIVE CODING (LPC) 
Linear predictive analysis is one of the most powerful and widely used speech analysis techniques. The importance of 
this method lies both in its ability to provide accurate estimates of the speech parameters and in its relative speed of 
computation.Linear predictive coding is a tool used mostly in audio signal processing and speech processing for 
representing the spectral envelope of digital signal of speech in compressed form,using the information of a linear 
predictive model.  It is one of the most useful methods for encoding good quality speech at a low bit rate and provides 
extremely accurate estimates of speech parameters. LPC analyzes the speech signal by estimating the formants, 
removing their effects from the speech signal, and estimating the intensity and frequency of the remaining buzz. The 
process of removing the formants is called inverse filtering, and the remaining signal after the subtraction of the 
filtered modelled signal is called the residue. LPC is used for data reduction applications in speech 
processing[10].Because speech signals vary with time, this process is done on short chunks of the speech signal, which 
are called frames; generally 30 to 50 frames per second give intelligible speech with good compression. 
 
The LPC is one of the strongest tools in speech signal processing. The idea of this analysis is that each sample of the 
speech sign can be expressed as a linear equation of previous inputs and outputs[7,11].The transform function of the 
system can be achieved by applying the Z transform. A all pole model is very good estimation for the transform 
function. The important point in computing the LPC is that these coefficients can be directly driven from the speech 
signal for this reason and because of the dependence of the speech signal on times first, windowing is done the signal 
then the LPC coefficients, are calculated in short frames 
 
                                                                 H(z) =  =                                                                        (3) 

 
 
5.  EXPERIMENTAL RESULTS 
The Spectral Subtraction algorithms are evaluated using both objective measures such as SNR and MSE and then 
subjective listening tests.The intelligibility and speech quality measures reflect the true performance of speech 
enhancement.Results from the literature were mentioned as follows. 
Anuradha R. Fukane et. al. [1] describes that various spectral subtraction method in which the subtraction of noise 
spectrum from the noisy signal spectrum introduce a distortion in signal known as musical noise. The SNR of the noisy 
speech play an important role if SNR is less than 0dB no algorithm performed well. Female speech is less affected by 
noise. So the spectral subtraction algorithms are suitable for hearing aids in different noisy environments.  
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Vimala.C et.al[2] evaluated that at 0 dB the two signals are of equal strength and negative values are associated with 
loss of intelligibility due to masking whereas positive values are usually associated with better intelligibility. It is 
observed from the experiments that these algorithms offer better speech quality but less speech intelligibility since it 
produces negative SNR values.  
Kamath S. et. al. [4] proposed a new approach to reduce the residual noise. In this algorithm the spectrum is divided 
into N overlapping bands spectral subtraction performed independently in each bands. The spectral subtraction method 
is a well-known noise reduction technique for speech enhancement. However, the noise in real world is mostly colored 
and this noise does not affect the speech signal uniformly over the entire spectrum. This method outperforms the 
standard power spectral subtraction method to improve the speech quality and largely reduced musical noise.  
N.Esfandian et.al[5] shows the comparison of LPC based methods with spectral subtraction methods on the basis of 
SNR improvement.The results are shown in Table[1].  
Anuprita P. Pawar et. al. [6] proposes the review of various single channel speech enhancement methods in spectral 
domain. The authors say that the noise can have major impact on quality of the speech signal. If the noise is too low 
then the unwanted noise will be audible if it is too high then the speech will be distorted. It is observed that ESS 
method is suitable for noise reduction because it works in time domain and it is faster than frequency based method. 
The main advantage by using this NSS technique is that it does not require any voiced detection process by which 
performance of the system decreased.  
  
 
 
 
 

Table 1 : Test Results without LPC 
Measurement type : signal to noise ratio (db)  
Clean signal:sampled clean signal from TIMIT database 
Added noise to clean signal : White  Gaussian  Noise 
 
Input SNR 
 5 db 10 db 15 db 
Enhancement Method 
 
 PSS 10.122 12.4210 13.8862 

 
            IFSS 8.3520 13.4906 17.6932 
 
           MBSS 15.6857 15.3443 15.5970 

 
Table 2 : Test Results with LPC 

Measurement type : signal to noise ratio (db) 
Clean signal : sampled clean speech signal from TIMIT database 
Added noise to clean signal : White Gaussian Noise 
 
Input SNR 
 5 db 10 db 15 db 
Enhancement Method 
 
 LPSS 7.6068 12.4734 17.1987 
     
 LPIFSS 9.7938 14.8062 18.7845 
 
                  
 LMBSS 15.7268 15.6472 15.7837 
 
   

 
N. Kang and Fransen [7] evaluated the quality of noise processed by the SS algorithm and then fed to a 2400 bps LPC 
recorder. Here SS algorithm was used as a pre-processor to reduce the input noise level.The Diagnostic Acceptability 
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Measure (DAM) test was used to evaluate the speech quality of ten sets of noisy sentences, recorded actual military 
platforms containing helicopter, tank, and jeep noise results indicated that SS algorithm improved the quality of 
speech.The largest improvement in speech quality was noted for relatively stationary noise sources.The NSS algorithm 
was successfully used in as a pre-processor to enhance the performance of speech recognition systems in noisy 
environment. 
      
6. CONCLUSION 
In this paper,a method for signal speech enhancement is presented based on inverse fourier transform spectral 
subtraction. Spectral subtraction method is the basic method used for enhancing the speech but it has some severe 
drawbacks of introducing residual noise ,musical noise.LPC Analysis is used for speech enhancement, in which filters 
are introduced and by applying noise to it's input, we get speech signal at it output.LPC analysis improves the SNR also 
as compared to other methods. 
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