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Abstract: The main objective of speech enhancement is to improve quality and intelligibility.  At the same time listener 

fatigue should also be reduced. Short Time Fourier Transform (STFT) is employed in the present work. STFT magnitude and 

phase spectrum of noisy speech are computed. The magnitude spectrum is kept as it is, whereas phase spectrum is modified 

empirically. The modified phase is combined with the unmodified magnitude to get the complex spectrum. The complex 

spectrum is converted into time domain signal through inverse STFT. The resulting time domain signal quality and 

intelligibility are superior compared to the noisy speech signal. The proposed algorithm is evaluated through subjective 

listening tests, objective measures and spectrogram analysis. The results are superior as compared to earlier speech 

enhancement methods. 
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I. INTRODUCTION 

Speech enhancement aims at improving noisy speech quality, intelligib ility and listener fatigue. Earlier speech enhancement 

algorithms were based on Spectral Subtraction [1], Wiener filtering [2], MMSE estimation [3], kalman filtering [4] and 

Signal Subspace method [5]. Most of the earlier methods used STFT (Short Time Fourier Transform), DCT (Discrete Cosine 

Transform), and DWT (Discrete Wavelet Transform) [6, 7] to transform signal from t ime domain to frequency domain.  

In real time speech signal is corrupted by acoustic interferences such as additive noise. Additive noise is typically the 

background and is uncorrelated with the clean speech. The noisy speech signal can be modeled as a sum of clean speech and 

the random noise as  

   ( ) ( ) ( )y n c n r n  ; 0,1,........ 1n N       (1)  

Where n is the discrete time index, y(n) , c(n) and  r(n)  are the n
th 

 sample of the discrete-time signal of noisy speech, clean 

speech and noise respectively [6]. Speech is non- stationary in nature, rather it is quasi stationary. It is analysed frame-wise 

using its magnitude spectrum and retain ing its phase spectrum as it is in the Analysis Modification Synthesis (AMS) 

framework through the short-time Fourier analysis. The discrete short-time Fourier t ransform (DSTFT) of the noisy speech 

signal ( )y n is given by   
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Where k denotes the 
thk  discrete-frequency of uniformly spaced frequencies and ( )w n is an analysis window 

(Hamming) function [6].  In the proposed method the length of the window is 20 msec (160 samples) and with an overlap of 

50%. Frame length of 20 msec gives almost stationary speech frames upon which Fourier transformation can be employed 

[7]. The DSTFT of the time windowed noisy speech, assuming noise is additive, can be written as  

   

        ( , ) ( , ) ( , )Y n k C n k R n k                      (3) 

Where ( , )Y n k , ( , )C n k and ( , )R n k are the DSTFT of noisy speech, clean speech and noise respectively. Each  

of these can be expressed in terms of the DSTFT magnitude spectrum and the DSTFT phase spectrum. For instance, the 

DSTFT of the noisy speech signal can be written in polar form as  

          
( , )( , ) ( , ) i Y n kY n k Y n k e                         (4) 

Where ( , )Y n k is the magnitude spectrum and ( , )Y n k is the phase spectrum of no isy speech signal.  

The AMS-based speech enhancement methods modify only the magnitude spectrum while keeping the phase 

spectrum unchanged for synthesis. We propose a novel approach to speech enhancement, in which the noisy magnitude 
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spectrum is recombined with a modified phase spectrum to produce a modified complex spectrum. Durin g synthesis, low 

energy components of the modified complex spectrum cancel out more than the high energy components, resulting in 

background noise reduction. The values of phase modification factor K are based on listening tests. The proposed algorithm 

is evaluated through subjective listening tests, objective measures and spectrogram analysis. The results are better than the 

earlier conventional spectral subtraction based speech enhancement methods. 

 

II. PROPOS ED METHOD 

The proposed method is based on Analysis Modification Synthesis (AMS) framework. The AMS framework 

consists of three stages they are (1) Analysis (2) Modificat ion and (3) Synthesis. The block diagram of the proposed method 

is as shown in figure 1. 

 

 
Figure1. Block d iagram of the proposed method. 

 

The noisy speech signal is a real valued signal. Hence its Fourier transform obeys conjugate symmetry, g iven by  

( , ) *( , )Y n k Y n N k                          (5) 

The degree of reinforcement of these complex conjugates can be controlled by modifying their phase. For this purpose an 

anti-symmetric function is used. Mathematically it is given by 
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In our approach Phase modification factor k1is determined empherically for a given value of SNR of noisy speech signal.  

The magnitude spectrum of noisy speech is kept as it is, while its  modified phase spectrum is computed from equation (6). 

Modified complex spectrum is obtained by combining the unmodified magnitude with modified phase given by  

'( , )
''( , ) ( , )

j Y n k
Y n k Y n k e


                   (7) 

Here N is assumed to be even and k1   is real valued constant and anti-symmetric with respect to N/2 point.  

The modified complex spectrum is converted back into time domain to have real samples. But conjugate symmetry is 

disturbed by k1 hence samples obtained will be complex. Further, only real part of the complex samples is retained. Finally 

overlap-add operation is performed on the real samples to get enhanced speech .  

 

III. EXPERIMENTATION AND EVALUATION 

A. Speech Database  

 NOIZEUS speech database is used in the experimentation of the proposed algorithm. This database is composed of non -

stationary noisy speech samples at different SNRs. It also contains phonetically balanced clean speech samples of both male 

and female. The sampling frequency being used is 8 kHz [8].  

   

B. Experimentation Procedure 

Five normal hearing subjects and two impaired hearing loss subjects of age group 20-25 years are chosen for the 

listening test. Noisy speech stimuli of d ifferent noise sources such as babble, restaurant, car, exhib ition, AW GN and airport at 

SNR 0, 5, 10, and 15 dB are used for experimentation. Each subject is presented with noisy speech stimuli and enhanced 

speech stimuli and asked to give the opinion rating of both noisy and enhanced speech samples on 1-5 scale without wearing 

any hearing aid. The rating criteria are based on the quality of speech. Further mean opinion score (MOS) of all the subjects  

is computed.   

 

C. Other Evaluation methods  

Other than subjective listening tests described above, objective measures such as increment in segmental SNR, Itakura-Saito 

Distance (ISD) measure, Weighted Likelihood Ratio (W LR) and Log-likelihood Rat io (LLR) are used to evaluate the 

algorithms. These are used to validate the subjective listening tests. Finally spectrogram analysis of enhanced speech samples 

is also carried out. Spectrogram is a time -varying spectral representation that shows how the spectral density of a signal 

varies with time. Also known as spectral waterfalls, sonograms, voiceprints, or voice grams, 

 

IV. RES ULTS  AND DIS CUSSION 

 The proposed method performs best in the case of AWGN noise as compared to Babble, car, restaurant, exh ibition and 

airport noise environments. This fact is evident from subjective listening tests and objective meas ures. In case of AWGN it is 

simple to estimate the noise power as compared to other class of competing noise sources.  

The results of spectrogram analysis are shown in figure 7, 8, 9, 10 and 11.  The enhanced signal for the white noise case does 

not exhibit speech distortion, while the background noise has been attenuated. In the other noises cases, though the 

background noise is suppressed, a small amount of speech signal distortion exists because, the factor k1 being constant for all 

values of frequencies within the frame. 

The mean opin ion score of normal hearing subjective listening tests are presented in table I. The objective    measures: 

Increment in segmental SNR, Itakura Saito distance, weighted likelihood ratio and log likelihood ratio to validate t he 

subjective listening tests is presented in table II, III, IV and V respectively. All these objective measures are highly correlated 

with subjective listening tests.  

 

Table I. Mean opinion score of normal hearing subjects. 

 MEAN OPINION SCORE  

Noise 

Type/SNR 

0 dB 5 dB 10 dB 15 dB 

NS ES NS ES NS ES NS ES 

Babble  1.5 3.51 2.1 3.7 3.4 4.3 4.05 4.51 

Car 1.5 2.8 2.4 3.3 3.1 3.6 3.9 4.3 

Restaurant 1.1 3.2 2.1 3.3 2.9 4 3.8 4.3 

Exhib ition 2.1 3.5 2.7 3.8 3.4 4.2 4.3 4.72 

AWGN 2.5 4 3.1 4.1 3.6 4.3 4 4.5 

Airport 1.4 2.9 2.1 3.5 3.4 4.2 4 4.5 
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Table II. Mean opinion score of two impaired hearing loss subjects 

 

Table III. Increment in segmental SNR of enhanced 

speech with respect to clean speech 

 

 
 

Table IV. Itakura Saito Distance (ISD) of enhanced speech with respect to clean speech 

 

Noise type/SNR 0 dB 5 dB 10 dB 15 dB 

Babble  37.18 41.45 52.94 52.04 

Car 36.17 49.61 48.47 51.46 

Restaurant 34.12 50.19 46.48 49.81 

Exhib ition 29.61 44.63 45.89 49.20 

AWGN 37.35 46.06 50.34 50.94 

Airport 42.35 46.09 50.78 51.32 

 

Table V. Weighted Likelihood Ratio (WLR) of enhanced speech with respect to clean speech 

 

Noise type/SNR 0 dB 5 dB 10 dB 15 dB 

Babble  108.9 110.7 113.3 113.3 

Car 111.4 113.7 112.4 113.3 

Restaurant 104.5 111.7 113.1 113.2 

Exhib ition 108.1 111.8 112.7 113.0 

AWGN 107.6 111.5 112.6 113.0 

Airport 109.6 112.0 112.8 113.2 

 

Table VI. Log Likelihood Ratio (LLR) of enhanced speech with respect to clean speech 

 

Noise type/SNR 0 dB 5 dB 10 dB 15 dB 

Babble  1.93 1.96 2.01 2.01 

Car 1.98 2.01 1.99 2.01 

Restaurant 1.85 1.98 2.01 2.01 

Exhib ition 1.92 1.98 2.01 2.01 

AWGN 1.91 1.97 2.0 2.01 

Airport 1.94 1.99 2.0 2.01 

 

 MEAN OPINION SCORE  

Noise 

Type/SNR 

0 dB 5 dB 10 dB 15 dB 

NS ES NS ES NS ES NS ES 

Babble  1.12 1.81 1.4 2.52 2.4 3.4 2.9 3.94 

Car 1.2 1.8 1.8 2.88 2.6 3.6 3.2 4.1 

AWGN 1.14 2.24 1.5 2.66 2.1 3.6 2.8 3.8 

Airport 1.1 2.9 1.9 3.1 2.8 3.9 3.5 4.3 
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Figure2. Spectrogram of noisy speech and enhanced speech sample (Babble Noise) of SNR 0dB 

 

 
Figure2. Spectrogram of noisy speech and enhanced speech sample (Babble Noise) of SNR 5dB 

 
Figure3. Spectrogram of noisy speech and enhanced speech sample (Car Noise) of SNR 0dB 

 

 
Figure4. Spectrogram of noisy speech and enhanced speech sample (Restaurant Noise) of SNR 5dB  
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 Figure5. Spectrogram of noisy speech and enhanced speech sample (Exhibit ion Noise) of SNR 5dB 

 
Figure6. Spectrogram of noisy speech and enhanced speech sample (AW GN Noise) of SNR 0dB 

 

 
Figure6. Spectrogram of noisy speech and enhanced speech sample (AW GN Noise) of SNR 10dB 

 
Figure7. Spectrogram of noisy speech and enhanced speech sample (A irport Noise) of SNR 0dB  

 
Figure7. Spectrogram of noisy speech and enhanced speech sample (A irport Noise) of SNR 15dB  
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CONCLUS ION 

In this paper a novel speech enhancement algorithm is proposed. Its performance is better than the conventional 

spectral subtraction based class of algorithms. Its novelty is its simplicity and control over the quality of speech. Control  over 

the quality is through k1. This approach of speech enhancement is unique because here phase of Fourier t ransform is 

processed. In this method low energy components (noise) cancels out more as compared to high -energy components 

(speech). When magnitudes of the spectral components are greater than the value of k1, the spectral components remain as it 

is. On the other hand when magnitudes of spectral components are smaller than the value of k1, the spectral components gets 

suppressed further i.e. small spectral components means noise components. This is as per the basic assumptio n where speech 

and noise are additive. 
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