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 Abstract - The single channel spectral subtraction algorithm 

for speech enhancement eliminates or discards the noise and 

renovates the perceptual characteristics such as intelligibility 

index and mutual information. The non-stationary voiced input 

speech, distorted by speech shaped noise is cancelled using 

spectral subtraction technique by subtracting the magnitude 

spectrum of the noise over input speech signal. Signal and noise 

energy have been estimated by using the Periodogram estimate of 

both signals. The work aims at enhancing the quality of the 

speech signal; thereby reducing the noise using the Reduced 

variance (RV) and the Phase Estimation (PE) filter design based 

spectral subtraction method. Parameters such as intelligibility 

index and mutual information are used in evaluating the quality 

of the noised and denoised speech signal. Simulation on the noise 

distorted speech results in a clean denoised speech by subtracting 

the noise power magnitude over signal power magnitude. 

Simulation result shows that the measured parameters in terms 

of Intelligibility index and Mutual Information give the increased 

quality of the clean speech when compared with the noisy input 

speech. 
 

 Index Terms - Spectral Subtraction, FIR filter, Periodogram 

Estimate, Reduced Variance (RV), Phase Estimation filter (PE), 

Speech Intelligibility Index (SII), Mutual Information (MI). 

 

I.  INTRODUCTION 

 Speech is the communicative way to convey information. 

The speech signal degradations may be attributed to various 

factors such as disorders in sensory organs, different sensors, 

the acoustic non-speech & speech background, channel and 

reverberation effect and disorders in perception. Speech 

enhancement requires detailed study on the characteristics of 

the speech signal. The goal of speech enhancement is to 

enhance quality and intelligibility by removal of additive 

noise, filter design and noise models.  

 

 Speech is the vocalized form of expression for 

communication to convey messages. It is the most natural 

form of human-human communications. Based on the 

character, speech frequency varies from 3 KHz to 4 KHz. 

Noise diminishing algorithm improves the performance of the 

communication system in which signals are corrupted by 

noise. Speech is enhanced based on two approaches one is the 

characteristics of desired signal and the other on noise 

corrupting the signal. Speech enhancement is plays a vital role 

in applications such as hearing aids and mobile phones. Based 

on speech produced, voiced speech is recorded using single 

channel or multi channel microphone models and generated 

and processed when contaminated by noise. Speech shrinking 

algorithm can be applied over voiced speech signals along 

with filtering methods by which the noise corrupting the input 

speech is removed in time- frequency domain. 

 

 The speech enhancement algorithm aims to improve the 

characteristic aspects of speech [2, 9]. Naturalness of Speech 

in terms of quality and  the correlation of input speech with 

clean enhanced speech in terms of  Intelligibility are the 

parameters measured [3,11]. Various methods of speech 

enhancement based on Spectral subtraction [1, 12] and Wiener 

filtering requires spectral density [8, 10] estimates of the noise 

and the clean signal.  

  

 The estimation of noise power present in the voiced 

speech using spectral density value is deluged by generating 

noise covariance matrix using frequency chirp model. 

Modelling of input signal is generated based on chirp 

frequency model [7, 13]. The frequency model allows the 

input data to vary over the time frame interval throughout the 

enhancement process.  

 

 In the chirp model, the noise contaminates voiced speech 

is filtered by Low Variance (LV) and Phase Estimation Filter 

(PES) [4, 6]. The undistorted desired signal is passed over the 

windowed time frame, followed by applying spectral 

subtraction method and the filtering operation by minimizing 

the noise. The frequency model is used in deriving the filters 

and their performance is evaluated based on the quality of the 

speech in terms of the parameters measured and Periodogram 

estimate. 

 

 In Section II, the proposed model of voiced speech is 

introduced. In Section III, Spectral subtraction method is 

implemented .In Section IV, Low Variance and Phase 

estimation filters are designed. In Section V, filter 

performance is estimated using the measured parametric 

values. In section V, input and clean speech in terms of 

measured parameters are analysed, simulated and the results 

are compared.  In Section VII, the proposed work is 

concluded. 

II. PROPOSED MODEL 

 The harmonic model is used in representing the voiced 

part of the speech, due to the nature of describing periodic 

signals. The stationary signals are used in analysis, because of 

the ability they posses in being stable for about 20-30 ms. Due 
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to this reason, the non-stationary speech signals are framed in 

to many segments and enhanced after which they are lumped 

together to form a Non-stationary signal.  

 

 The novelty of this work is the use of chirp model, which 

in particular allows the signal frequency to vary over the time 

interval. Spectral subtraction is used in eliminating the noise 

present in the signal and in improving the quality of the clean 

speech. Speech enhancement is carried based on two 

approaches. One is the noise based model and the other is 

signal based model.  

 

 Noise based model employ the method of adding the 

additive noise to the input signal, whereas signal model 

employ modelling of signal using harmonic model which 

estimates the parameters of the noise corrupted speech. 

Speech enhancement is carried in two domain based on the 

approaches, noise based model is processed in frequency 

domain and signal model in time domain.   

 

 A voiced input data is modelled as a speech signal with a 

time-varying component, consisting of a sampled voice speech 

by a sum of sinusoids with their frequency that are integral 

multiples of fundamental frequency and corrupting speech 

shaped noise signal. Chirp frequency model assumes the time-

varying form of speech, whose frequencies over timeframe is 

varied linearly. The phase values of the voiced date harmonic 

is given as the integer multiple of fundamental frequency.  

 

 The objective of the proposed work is to recover the 

desired input signal by the spectral subtraction methodology. 

The noise spectrum is subtracted from the signal spectrum 

after transformed in to frequency domain using STFT. The 

subtracted signal is then filtered using the reduced variance 

(RV) and phase Estimator filter (PE) to remove the additive 

noise. The clean speech is reconstructed using inverse STFT 

and recovered in time domain. 

A. Diagrammatic Representation 

  

 
 

Fig.1 Block representation of Speech Enhancement technique 
 

III. SPECTRAL SUBTRACTION 

 The spectral subtraction is used to recover the enhanced 

speech by subtracting the spectral factors of the input and 

noisy speech signals. In this method clean speech signal is 

added with an additive noise.  

 

 Spectral subtraction aims to enhance the speech quality by 

subtracting the spectral magnitude of the speech frames from 

the noisy signal frames in turn producing the clean speech 

spectrum. 

 

 Let X[n] is the noisy signal in time domain, S[n] is the 

clean speech signal in time domain and V[n] is the additive 

noise. The spectral subtraction method works under following 

assumptions:  

 

 Assumption 1: The additive speech shaped noise is added 

to the clean speech signal without distorting the signal. 

Relation between S[n], V[n] and X[n] 
 

  𝑋[𝑛]  =  𝑆[𝑛]  +  𝑉[𝑛]     (1) 
   

With application of discrete STFT, Equation (1) is given as  

 

 𝑋 [𝑛, 𝑘]  =  𝑆 [𝑛, 𝑘]  +  𝑉 [𝑛, 𝑘]         (2) 

 

Where X [n, k], S [n, k] and V [n, k] are the STFT coefficients 

of noisy signal, clean speech and noise respectively.  

  

 Assumption 2: The noise added is stationary where the 

noise is stable compared with normal human speech. With this 

assumption, the noise spectrum cannot be estimated. To 

calculate the noise spectrum by using the data recorded from 

the Equation (2), the clean speech spectrum is estimated by:  

 

𝑆 [𝑛, 𝑘] = 𝑋 [𝑛, 𝑘] − 𝐸 [| 𝑣[𝑛, 𝑘] | 𝑘]       (3) 

 

 The value E [| v [n, k] | k] is calculated using the average 

of the noise magnitude given as (4) 

 

𝐸 [| 𝑉 [𝑛, 𝑘] | 𝑘]  =  [𝑘] =  
1

N
 Ʃ V [n, k]    (4) 

Then, Equation (4) becomes:  

 

  |𝑆 [𝑛, 𝑘]|  =  |𝑋 [𝑛, 𝑘] |  −  [𝑘]            (5) 

 

 The signal spectrum estimated S [n, k] is reconstructed by 

combining the estimated magnitude spectrum |S [𝑛, 𝑘] | with 

the phase spectrum of noisy signal as 

 

 𝑆 𝑛, 𝑘 =  𝑆 𝑛, 𝑘  𝑒𝑖𝜃𝑋[𝑛, 𝑘]     (6) 

     

 Assumption 3: The phase difference between the speech 

and the noise is ignored and error in magnitude spectrum is 

estimated as. 

 

𝐸[𝑛, 𝑘] = 𝑆’[𝑛, 𝑘] − 𝑆[𝑛, 𝑘] = 𝑆’[𝑛. 𝑘] − 𝑋[𝑛, 𝑘] + 𝑉[𝑛, 𝑘] 
 =    𝑋  𝑛, 𝑘  − 𝜇  𝑘  𝑒𝑖𝜃 𝑋  𝑛, 𝑘 − 𝑋  𝑛, 𝑘 + 𝑉  𝑛, 𝑘  
       =  [𝑛, 𝑘]  −  𝜇[𝑘]𝑒𝑖𝜃 𝑋 [𝑛, 𝑘]         (7) 
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 From the estimated clean speech spectrum, inverse STFT 

is used to transform the signal to time domain.  

 

IV. FILTERING TECHNIQUES 

 

 The Filters are designed to reduce the incoming noise 

along with the desired signal. The estimates of fundamental 

frequency and the chirp rate are required in designing the 

filters. Filtering method employs different segment size, 

depending on the speed on which the speech frequencies vary 

over time by the use of chirp rate. 

  

 Filtering method is based on signal driven approach, 

where it is constructed in order to minimize the noise and 

output power of the filter. Reduced Variance (RV) and Phase 

Estimation filter (PES) filters designed are based on the 

principle that it passes the desired signal undistorted while the 

noise is reduced as much as possible. The filters are used in 

measuring the signal parameters. The RV and PES based 

filters are derived using the harmonic chirp model .These 

filters are designed to estimate the noise power for the signals 

applied. RV filter is designed to provide better spectral 

resolution and PES filter is designed to give the fundamental 

frequency estimate along with amplitude and phase estimates 

of the speech signal. 

 

 Based on the parameters measured in terms of Speech 

Intelligibility Index (SII) and Mutual Information (MI), the 

performance of the RV and PES filters are compared. The 

signal corrupted by speech shaped noise is applied in 

frequency domain, and noise power is calculated. 

 

A. Reduced Variance (RV) 

 

 Reduced Variance (RV) filter is used in calculating the 

statistical expectation and variance of a desired signal, whose 

value is used in generating the covariance matrix. The matrix 

generation is represented as the expected mean value of a 

desired output vector multiplied with Hermitian matrix of a 

desired value vector component. Based on the variance 

estimate, RV filter is generalized as the solution for noise 

power reduction problem. The chirp based RV filter derived 

over the estimated variance matrix, is given with the zero 

chirp rate of a signal.  

Reduced Variance (RV) filter is expressed as s function of the 

covariance matrix and the expected mean value as 

 

ℎ𝑅𝑉 = 𝑅𝑥
−1𝑉 𝑉𝐻𝑅𝑥

−1𝑉 −1            (8) 

 

 Where,    Rx
−1 is the inverse covariance matrix of the 

observed signal and V is the Fourier sub vectors. 

 

B. Phase Estimation (PES) 

 

 Phase Estimation filter (PES) filter is designed to estimate 

the MSE value of the filtered and the input signal. Noise 

variance matrix is generated by subtracting the desired speech 

signal from the matrix value of the observed speech signal.  

The design expression for PES filter is derived as 

 

             hPES = Qv
−1V VH Qv

−1V −1             (9) 

 

 Where,  Qv
−1 is the inverse covariance matrix of the noise 

signal and V is the set of Fourier sub vectors. 

 

 From the above derived filters, covariance matrix 

generated using RV filter is based on the noiseless speech and 

matrix generated using PES filter is based on noise corrupted 

speech signal. 

 

V. QUALITY PARAMETERS 

 

A. Speech Intelligibility Index (SII) 

 

 Speech Intelligibility Index (SII) is the measures of 

recognizable and understandable amount of speech among the 

input and clean output. The SII should be within the range 0-1.  

 

 SII refers to how well an individual understands speech.  

The SII model basically calculates the average amount of 

speech information available to a listener. For normal-hearing 

listeners, the SII has proven to be closely related to the 

average intelligibility in a given condition where speech is 

masked by a stationary noise masker. Optimization is made 

for every frame.  

 

 The optimization aim is to maximize the SII value of the 

current frame by changing the current signal frame in the 

presence of the current noise frame. The optimization 

parameter for maximizing SII is the signal Spectrum Level. 

The constraints are to keep the signal frame energy 

unchanged, and to have limitations on energy given for each 

band. After the optimization, maxima as function of the signal 

spectrum level are found.  

 

 SII value is estimated by Extended Short-Time Objective 

Intelligibility (ESTOI). ESTOI predictor depends on the input 

signal, noisy signal and signal frequency. Depending on the 

sampling frequency, Short time discrete Fourier Transform 

(STDFT) is applied over each signal sample in every frame. 

STDFT processes the clean signal in the presence of speech 

shaped noise in each time frame to improve its intelligibility.  

 

 Estimation of SII aims in partition of the speech and noise 

signal into small segments. Resampling of input and noise 

signals, removing of silent frames is carried by ESTOI 

predictor in each time frame for particular frame size. 

Spectrum is obtained from STDT over the signals. Extra noise 

from the input signal is removed with filtering technique. 

Average value of correlation among both the signal is 

represented in terms of SII within each frame. 
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B. Mutual Information (MI)    

 

 Mutual Information (MI) is the measure of dependency 

between two random variables X and Y that shows the 

quantity information on one variable X by observing Y. 

Mutual information is calculated based on entropy of the input 

noisy speech and output clean speech, which returns the 

output of the Speech Intelligibility prediction based on Mutual 

Information intelligibility predictor. Mutual Information for 

two variables is given as  

 

M(X : Y) = H (X) – H (X | Y)    (10) 

 

Where H (X | Y) - conditional entropy of a random variable X, 

observing Y. 

 

 Entropy function depends on noise amplitude and signal 

amplitude, with SII value. Mean entropy value of clean 

processed signal value is calculated and compared with input 

speech. Mutual Information ranges between 0 and 1. 

 

VI. RESULTS 

 

 Simulation is carried over the input signal, noise 

corrupted signal and the output signal.  The signals are 

represented in the form of Spectrogram. Pseudo spectral 

values of the signals are estimated using MUSIC algorithm 

and represented in the form of graph.  

 

 
 

Fig.2 Recorded input speech 

 

 
 

Fig.3 Spectrogram representation of an input image 

 

 
 

Fig.4 Periodogram Estimate of the clean speech 
 

 

 
 

Fig.5 Recorded noisy signal 

 

 
 

Fig.6 Noise power value of an input speech 
 

 
 

Fig.7 Representation of estimated clean speech 
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Fig.8 Noise power value of clean output speech 
 

 
 

Fig.9 Spectrogram for a clean output speech 
 

VII. SUMMARY OF THE RESULT 
 

 The input speech, being corrupted by noise is filtered by 

Reduced Variance (RV) and Phase Estimation (PES) filters to 

estimate the power of input and noise of the speech signals 

before and after filtering operations in terms of Speech 

Intelligibility (SII) and Mutual Information (MI) using 

spectral subtraction method. The following table represents 

the comparison of evaluated SII and MI value for input speech 

and output clean speech signals. 

 

 

Table.1 Comparison table for SII and MI values 

 

VIII. CONCLUSION 

  The single channel spectral subtraction algorithm for 

speech enhancement eliminates or discards the noise and 

renovates the perceptual characteristics such as intelligibility 

index and mutual information. By using spectral subtraction 

the enhanced speech is acquired by subtracting the estimated 

spectral factors from the value of the input noisy signal. An 

additive noise is also added to the clean input speech signal, 

where the method mainly aims in subtracting the magnitude 

spectrum of the framed speech form the noisy signal frames 

thereby producing the clean speech spectrum subtraction 

focuses on estimation of noise spectrum. The performance of 

enhancement filters is improved by considering the Non-

stationary form of speech. Noise corrupting the speech signal 

is reduced by Low Variance (LV) and Phase Estimation filters 

(PES). Filter performance is measured in terms of Speech 

Intelligibility Index (SII) and Mutual Information (MI). This 

technique of digital noise reduction can be used in 

applications like hearing aid and mobile phones which reduce 

the background noise. The method aims to enhance the quality 

of the speech signal thereby reducing the noise using RV and 

PES filter designs based spectral subtraction method. 

Parameters such as intelligibility index and mutual 

information are used in evaluating the quality of the noised 

and denoised speech signal. Simulation on the noise distorted 

speech and the filter operation result in a clean denoised 

speech. Simulation result show that the parameters measured 

gives the increased quality of the clean speech when compared 

with the noisy input speech. Increase in speech quality is 

given in terms of intelligibility index and mutual information. 
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