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Abstract 

In speech processing, enhancement of speech signal can be defend by multiple enhancement techniques. Background noise is one 

of the common problem in speech processing, due to this the quality and accuracy of speech reduces automatically. Previously, 

many of the speech enhancement algorithms works only on short- time magnitude spectrum, while keeping short- time magnitude 

spectrum remains unchanged or else operates only on short- time phase spectrum by keeping short- time magnitude spectrum 

remains the same. There is no such technique was implemented to work on both the spectrums to enhance the quality of the speech 

signal. In this paper, a novel speech enhancement technique is proposed to change the characteristics of both the magnitude and 

phase spectrums to produce a modified complex spectrum with improved speech quality. The test of an objective speech quality 

measure PESQ, and spectrogram analysis had showed that the proposed method can obtain better enhancement performance. 
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1. Introduction 

1.1 Background 

In the field of speech enhancement we are interested in 

enhancing the quality of speech corrupted by additive noise 

distortion. Depending on the number of audio channels 

available, speech enhancement methods can be grouped into 

single-channel and multi-channel approaches. Various single-

channel speech enhancement approaches have been proposed 

in the literature. These can be grouped into spectral 

subtraction, minimum mean-square error (MMSE) estimation, 

Wiener filtering (linear MMSE), Kalman filtering and 

subspace methods. Several of these methods employ the short-

time Fourier analysis modification- synthesis (AMS) 

framework. We focus here on the AMS- based approach to 

speech enhancement. 
 

1.2 AMS framework based speech enhancement the AMS 

framework consists of three stages 
 The analysis stage, where the input speech is processed 

using the short-time Fourier transform (STFT) analysis;  

 The modification stage, where the noisy spectrum 

undergoes some kind of modification; and  

 The synthesis stage, where the inverse STFT is followed 

by the overlap-add synthesis to construct the output signal. 
 

Let us consider an additive noise model 
 

   (1) 

 

where x(n), s(n) and d(n) denote discrete-time signals of noisy 

speech, clean speech and noise, respectively. Since speech can 

be assumed to be quasi-stationary, it is analysed frame-wise 

using the short-time Fourier analysis. The STFT of the 

corrupted speech signal x(n) is given by 
 

  (2) 
 

Where k refers to the index of the discrete frequency, L is the 

length of frequency analysis, and w(n) is an analysis window 

function.2 In speech processing, the Hamming window with 

20–40ms duration is typically employed. Using STFT analysis 

we can represent Eq. (1) as 
 

  (3) 
 

where ,  and  are the STFTs of noisy 

speech, clean speech and noise, respectively. Each of these 

can be expressed in terms of the STFT magnitude spectrum 

and the STFT phase spectrum. For instance, the STFT of the 

noisy speech signal can be written in polar form as 

 

 (4)  

 

1.3 Earlier studies on the usefulness of the short-time 

phase spectrum in speech processing 
Most of the existing speech enhancement algorithms only 

change the magnitude spectrum of the noisy speech. The 

modified magnitude then recombined with the unchanged 

phase spectrum to produce a modified complex spectrum, 

which is the estimated clean speech spectrum. These 

algorithms are called magnitude spectrum based methods. 

Boll proposed the method of spectral subtraction (SSUB) in 

1979. Its basic principle is to subtract the magnitude spectrum 
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of the noise from the noisy speech magnitude spectrum, and 

obtain the estimate of the clean signal magnitude spectrum, 

but the phase spectrum is unchanged [2]. The MMSE 

estimator, which is presented by Ephraim and Malah in 1984. 

Its main idea is to minimize the mean-squared error (MSE) 

between the clean and estimated (magnitude or power) spectra 
[3]. Wiener filter [4] was proposed by Wiener. Hansen and 

Jensen first presented the Wiener method in the single channel 

case enhancement [5]. Doclo and Moonen further extended the 

Wiener method in the multi-channel case [6]. Ephraim and Van 

Trees proposed the linear predictive factors to estimate the 

pure speech signal [7]. The reason for ignoring the phase 

impact is that the phase spectrum has been found to have less 

perceptual effect at significantly higher signal to noise ratio 

(SNR) levels [8]. But recently, it is found that the phase 

spectrum may be useful in speech processing applications [9]. 

Kamil Wójcicki et al. Proposed the speech enhancement 

method of phase spectrum compensation (PSC) in 2008 [10, 11]. 

 

1.4 Aims of the paper and its organization 
In this paper, a new approach to speech enhancement is 

developed, where not only the short time magnitude is noise 

compensated but also the short time phase spectrum is altered 

to handle the noise causing unwanted distortion in the 

enhanced speech. Based on the fact that noisy speech 

spectrum in low frequency region is equivalent to the noisy 

spectrum in that region, a noise estimation approach is 

introduced with the conditional spectral subtraction method in 

order to track the time variation of non-stationary noise. 

Unlike the conventional speech enhancement methods that 

help the short time phase spectrum unchanged, we proposed to 

incorporate the estimate noise spectrum in a procedure of 

noise compensation in the phase spectrum. The new complex 

spectrum obtained by exploiting the modified magnitude and 

phase spectra is found effective is producing enhanced speech 

with improved quality with minimal distortion as compared to 

some of the existing speech enhancement methods. 

 

2. Literature Review 
There are several techniques used for the speech enhancement. 

Ching-Ta Lu et al. [12] proposed a single channel speech 

enhancement method with the use of perceptual decision 

directed (TSDD) approach. The two-step decision-directed 

approach is used to improve the accuracy of approximated 

speech spectra. This method can also be used to enhance the 

performance of TSDD approach. Experimental results show 

that this method enhance the capability of perceptual method 

in removing the residual noise and also improve the speech 

quality. V. Ramakrishnan et al. [13] introduced a two-stage 

method to solve the speech enhancement problem in real noisy 

world. This method comprises of general spectral subtraction 

method followed by a series of perceptually motivated post 

processing algorithms. Subtraction step removes the additive 

noise but adds some spectral artifacts which are removed by 

post-processing step. Test results show that performance is 

effective at SNR greater than 0 db. A. Narayanan et al. [14] 

introduced a SNR estimation system which is based on 

computational auditory scene analysis (CASA). It is a binary 

masking scheme. This method cannot be used for short-time 

SNR estimation. This method involves autocorrelation 

computation and envelope extraction at each T-F unit. Results 

of different experiments show that the proposed method works 

better than other long-term SNR estimation algorithms. 

N. Yousefian et al. [15] proposed a coherence-based dual 

microphone method for estimation of SNR. This technique 

can be used for hearing aids and cochlear implant devices. 

Different experiments have been conducted in different 

conditions. The results show that the proposed method gives 

significant performance in anechoic and mildly reverberant 

conditions. N. Madhu et al. [16] attempted to define a so called 

binary mask as the objective of binary mask estimation. Here, 

it is shown that methods using binary masks are able to 

improve the intelligibility at low SNR values. For relevant 

results, a low spectral resolution, modeled using the Bark-

spectrum scale is to be used. The performance of IBM and 

IWF has compared. Intelligibility test shows the higher 

intelligibility values of IWF than IBM. J. B. Crespo et al. [17] 

presented a method for speech reinforcement in a case where 

there are many play back regions. In such a case, signals from 

one region go to other resulting in degradation of speech 

intelligibility. A smooth distortion is used to improve the 

quality or intelligibility. Results show the advantages of 

multizone processing over the iterated application of single 

zone algorithm. J. Jensen et al. [18] proposed a method based 

on mutual information for estimation of average intelligibility 

of noisy and processed speech signal. This method estimates 

the mutual information by comparing the critical-band 

amplitude envelopes of noisy or processed speech signal 

because mmse can be considered as an indicator for the 

intelligibility of noisy speech. Simulation results show that the 

proposed method can predict the intelligibility of speech 

distorted by both stationary and non-stationary noises. 
 

3. Proposed Method 
In our proposed method a noisy speech signal is transformed 

into magnitude and phase spectrum to produce a modified 

complex spectrum to obtain better intelligibility and high 

speech quality as shown in Fig.1. The magnitude spectrum of 

clean speech is defined as 
 

(5) 
 

Where and represents the modified Bessel functions of zero 

and first order, respectively.  can be defined as 
 

    (6) 
 

where  and  can de defined as 
 

    (7) 
 

Now the phase spectrum compensation function can be 

defined as 
 

    (8) 



National Journal of Multidisciplinary Research and Development 

20 

Where  represents real-valued empirically determined 

constant, let the constant value of  be 3.74.  denotes as 

antisymmetry function, and it is given by     (9) 

 

 
 

Fig 1: Block diagram of proposed speech enhancement method. 

 

Here, the speech signal consists of both real and conjugate 

vectors. Zero weighting is applied to the values of non 

conjugate vectors of DSTF transform (i.e,  and 

 for  ).The next step is to generate a phase 

spectrum compensation to reduce the noise of the speech 

signal and to generate a complex spectrum. 

 

    (10) 

 

Now the phase spectrum compensation function is obtained by 

 

    (11) 

 

ARG=complex angle function 

The above equation is giving the information about magnitude 

estimation and compensated phase spectrum. After this we can 

get the remould equation as complex spectrum which is given 

below. 

 

     (12) 

 

To convert the frequency domain representation to the time 

domain representation we are using the IDSTFT of  . The 

output of this may be complex because it is in time 

representation. So in PSC mthod the imaginary part is 

removed. And the final result i.e enhanced time domain signal 

is obtained by applying overlap-Add method procedure,  

 

4. Simulation Results 
 

 
 

Fig 2: Spectrogram analysis of (a) Clean speech, (b) Noisy speech 

and (c) Enhanced speech. 
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Analysis 

Spectrogram analysis of an original speech signal 2(a) is 

transmitted to a channel. At the receiver section, the 

clean or the original speech signal is corrupted by noise. 

The noisy speech signal spectrogram is shown in fig.2 

(b). The enhanced spectrogram of a speech signal of the 

proposed method is shown in fig.2 (c). 

 

 
 

Fig 3: Spectrogram analysis of (a) Clean speech, (b) Noisy speech 

and (c) Enhanced speech. 

 

Analysis 

Spectrum analysis of a clean speech signal is plotted in fig. 

3(a) and the noisy speech signal is shown in fig. 3(b) and the 

enhanced speech signal of the proposed method is shown in 

fig. 3(c). 

 

Table 1: Mean PESQ scores of the white noise case for the 

MMSE, PSC, SSUB, and proposed method 
 

 
 

5. Conclusion 
In this paper, a novel speech enhancement technique is 

proposed to change the characteristics of both the magnitude 

and phase spectrums to produce a modified complex spectrum 

with improved speech quality. The test of an objective speech 

quality measure PESQ and spectrogram analysis had showed 

that the proposed method can obtain better enhancement 

performance. 
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