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ABSTRACT 

 
The paper presents speech enhancement scheme for suppression of  different background noises. The objective 

of speech enhancement is to improve the quality of the processed speech. This paper also investigate the use of 

two different transforms for speech enhancement. Speech enhancement using wiener filtering approach is 

presented using transforms DFT and DCT. The type of transform shows different amount of quality 

improvement using same type of filtering i.e, Hybrid Wiener Filtering.  
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I. INTRODUCTION  

 
Speech enhancement system aims to improve the quality of speech for various different applications. In many 

practical situations, people may be speaking in a noisy environment, such as in a car or in an airport, during 

which signals  are   corrupted by  various    types   of   background   noises and this actually results in listener 

fatigue and lowers intelligibility.  Hence,    there   is a strong    need   to develop   speech enhancement 

algorithms. Traditionally, many speech algorithms operate in the frequency domain or some other transform 

domains. The Speech enhancement system aims to improve the quality of speech for various different 

applications. Performance gain in speech enhancement using basic transform domain has reached saturation 

point. Many researchers have tried to exploit the correlation among adjacent time frames. Boll in [1] proposes 

use of time averaging or taking minimum of the coefficients of the present and it’s neighbouring frames. A 

weigthed average of several frames is also adapted in [2]. Neighbouring frames are also exploited in [3] which 

uses one dimensional interpolation and in [4] utilizes one dimensional interpolation and two dimensional 

smoothing scheme. Hence the correlation existing between frames can be utilized to achieve further gain in 

performance. One to exploit this is use two dimensional transform. Hence multiple time frames are arranged 

into a block and windowed before transformation. Two dimensional transform enables the use of two 

dimensional filtering techniques. The arrangement of speech data in 2D form and its appropriate windowing 

such that 2D transform can be applied. Various filtering techniques applicable in 2D Fourier transform domain. 

The better scheme is 2D wiener filter. The best scheme is combination of 1D and 2D wiener filter.  

Use of the two-dimensional (2-D) Fourier transform for speech enhancement presented [5]. Also, include 

magnitude spectral subtraction, 2-D Wiener filtering as well as a hybrid filter which effectively combines the 

one-dimensional (1-D) Wiener filter with the 2-D Wiener filter. This  is  apparent  in  many  recent  works  

which  view  speech  as  a  2D  time–frequency  signal,  especially in the form of a spectrogram. The transform 
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domain plays vital role in clarity of spectrogram. [6]. The effect of transform domain on quality of speech 

recovered using wiener filtering is shown in [7].Enhancement in speech quality can be determined using 

different objective measures such as signal to noise ratio (SNR), segmental signal to noise ratio (segSNR), 

frequency weigthed segmental SNR (fwsegSNR) and Perceptual Evaluation of Speech Quality (PESQ) as 

suggested in [8]. 

 

II. METHODOLOGY 

 
2.1 Overview  

 

Hybrid filtering means combination of one dimensional (1D) filtering and two dimensional (2D) filtering gives 

better speech quality than individual methods. In this paper an attempt is made to see the effect of change of 

transform on the quality of enhanced speech. The detailed block diagram of the proposed work is shown in fig. 

1. Two transforms effect is studied with 4 different types of noises with different SNRs on the single speech 

sentence uttered by male speaker. The transforms investigated are Discrete Fourier Transform (DFT) and 

Discrete Cosine Transform (DCT). The noisy speech is formed into frames of 256 and applied 1D wiener 

filtering and overlapped and added. The same noisy speech is applied with framing, blocking for 2D speech 

block and then applied 2D wiener filtering. After overlap and add of this 2D filtered speech it is compared with 

1D filtered speech. And minimum of two is considered in the enhanced speech. With this the noise reduction of 

in the speech and better speech enhancement is achieved compared to individual filtering techniques. This is 

called Hybrid fitering which is combination of 1D and 2D filtering. This Hybrid filtering is also applied using 

two transforms DFT filtered (DFTF) and DCT filtered (DCTF). 

 

 

The Noisy speech is the speech signal corrupted by different types of background noises as fan noise, car 

noise, aeroplane noise, train noise.The additive noise model is described by the following equation, 

 

 
 

Where,  

 is the observed noisy speech,  

             is the clean speech  

             is the additive background noise. 

 

The noisy speech is divided into overlapping frames of length of 256 samples in each frame 

and 75% overlapping is used. The n
th 

frame, can be represented by a column vector described by the 

following equation 

 

 

 

 
 

This signal is windowed using Hamming window. Then the transform can be applied onto the speech 

block. 

A speech block can be obtained by arranging a number of frames together to form a matrix .Suitable 

numbers of frames are found experimentally to be 8,16and32.In this paper, the number of frames used is 

16 throughout. Similarly each block overlaps its neighboring block by50%. Then the speech block can be 

represented as 

  

 
 



International Journal of Advanced Technology in Engineering and Science                  www.ijates.com  

Volume No.02, Issue No. 07, July 2014                                                       ISSN (online): 2348 – 7550 

 

53 | P a g e  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 1 : Block diagram of Hybrid speech Enhancement System 

 

 

 

2.2 Transform 

It is easier to remove noise from the noisy speech in frequency domain. Hence, covert time domain speech 

signal to frequency domain using transform. Generally used and the most popular transform used is Discrete 

Fourier Transform (DFT). But this paper experiments the use of Discrete Cosine Transform (DCT) and shows 

the effect of change of transform on the speech quality. 
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2.3 Wiener Filtering  

 

The wiener filter produces the highest noise attenuation. 

  

 
 

 Where,  

 = Estimated signal after Filtering 

 = impulse response of Wiener Filter  

 

 And the difference between clean speech & estimated signal indicates amount of error. This is given as, 

 

 
 

Where,  

= error signal 

 

The prime focus in this paper is to reduce error in turn background noise in speech signal. This is done by 

wiener filtering i.e, 1D wiener and 2D wiener filtering and combination of both i.e, hybrid wiener filtering. Two 

transforms are used DFT filtered wiener (DFTF) and DCT filtered wiener (DCTF). The results for speech sp01 

corrupted by train noise are shown in figs. 2 to 5. The speech sample sp01 is obtained from noiseus database. 

 

 

III. RESULTS & DISCUSSIONS  

 
The noise reduction for sp01sentencefrom noiseus database  in different noise conditions with different SNRs 

for two transforms   is investigated. The experiment is carried out for exhibition, restaurant, station, street, train 

noise. But here the results are presented graphically for sp01 corrupted by train noise. Also Table I shows results 

obtained by exhibition and street noise. 

From the Figs. 2 to 5 shows clean speech and enhanced speech along with corresponding spectrograms of 1D, 

2D and hybrid filtered speech for DFTF and DCTF. These figures shows that hybrid filtering gives good quality 

of speech than 1D filtering and 2D filtering alone. Figures 6 to 9 shows improvement in quality by DFTF than 

DCTF by plot of SNR, segSNR, fwsegSNR and PESQ. 

The plots indicate that speech quality improvement is more using DFTF than DCTF. Also from the results 

shown in Table I we can observe that noise reduction is good in case of DFTF than DCTF the values for SNR, 

segSNR, fwsegSNR and PESQ are shown in Table I for two noise conditions. 
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                           Table 1 : Objective measures for sp01 speech enhancement using hybrid filtering 

 

Type of Noise Noisy 

speech 

SNR 

Transfo

rm 

 

SNR segSNR fwsegSNR PESQ 

exhibition 0 dB DFTF 6.18 0.26 4.72 1.4 

DCTF 6.26 -0.06 4.23 1.24 

5 dB DFTF 6.20 1.53 6.11 1.69 

DCTF 5.86 0.88 5.86 1.59 

10 dB DFTF 12.61 3.75 6.93 2.25 

DCTF 11.92 2.60 6.27 2.06 

15 dB DFTF 15.25 6.13 8.77 2.53 

DCTF 14.05 4.70 7.75 2.43 

street 0 dB DFTF 6.52 -0.16 4.52 1.51 

DCTF 6.29 -0.66 4.42 1.47 

5 dB DFTF 7.12 1.17 6.63 2.04 

DCTF 6.38 0.44 6.65 1.98 

10 dB DFTF 9.91 3.71 7.21 2.13 

DCTF 9.30 3.04 6.88 2.15 

15 dB DFTF 15.45 6.08 9.70 2.69 

DCTF 14.19 4.76 8.72 2.58 
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IV. CONCLUSION 

 

It can be concluded from fig. 2 to 5 that hybrid filtering gives best results than 1D filtering and 2D filtering. The 

speech quality obtained is best of hybrid filtered speech. Along with filtering transform domain plays role in 

improvement in speech quality. By observation of the values of SNR, segSNR, fwsegSNR and PESQ shown in 

Table 1 we can conclude that DFTF gives better enhanced speech quality than DCTF. Thus the best quality of 

speech can be obtained by hybrid wiener filtering using DFT transform. The effect DWT filtering is under 

investigation. 
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