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Abstract 
 

This paper aims to increase the intelligibility of the speech content in the noisy speech signal. The approach presented in this paper tries to 

improve the intelligibility by adaptively re distributing the speech energy with exponential smoothing factor. Experiments were conducted 

on the different types of noises in noisy signal and found that there is a significant increase in intelligibility while preserving the quality of 

it. 

 
Index terms: Speech Enhancement, Intelligibility Improvement. 

1. Introduction 

Speech enhancement or noise reduction is treated as one of the 

attractive research area in speech processing from past few decades. 

An extraneous component when merged with the original signal 

leads to the noisy speech signal with poor quality and intelligibility. 

These distorted components may be additive or multiplicative, 

however in practice the multiplicative noise should be considered   

due to reverberation. The main intention of this work is to increase 

the quality and informative regions of the distorted speech signal 

such that it can be clearly understand at the receiver.  

For the near end listener the speech intelligibility is very poor due 

to the insertion of the noise from the background environment and 

also from the far end reflections. This can be overcome with pre 

processing before play back in order to become more intelligible 

w.r.t background noise. 

In order to increase the informative and intelligibility parts of 

speech the level of speech can be increased but due to the audibility 

limitation of the loudspeakers the play back level cannot be 

increased after a certain point and also creates an unpleasant 

environment. One of the alternate solutions for this is to increase the 

distribution of energy within the speech signal in time or frequency 

transform domains. 

One of the best solutions for near end problem and for improving 

the speech intelligibility is to boost high frequency components at a 

cost of low frequencies. Many solutions were proposed like, 

Griffiths et.al, Hall et. al in  [2],[3] proposed to whiten the speech 

spectrum which is independent of noise type.  

Sauert et.al and Zorila et. al in [4],[5] proposed to restructure the 

spectral components SNR values to be equal in magnitude over a 

band o frequencies. In [6] Taal et.al proposed a strategy to increase 

the intelligibility and improve speech intelligibility index (SII) with 

the use of linear filter.   

In this paper an improvisation to the work done by Taal et.al [1] is 

presented by implementing the exponentially adaptive smoothing 

factor. The main motivation of this work is that the energy 

distributed over a time interval is flexible and this makes it possible 

to use this strategy in the applications where high delay is tolerated. 

This paper is organized as follows, section 1 presents the need and 

necessity of the work with a brief introduction regarding the earlier 

works, section 2 presents the proposed algorithm and its mechanism 

to increase the intelligibility factor. Section 3 presents the 

experimental results that were obtained with the proposed approach  

2. Proposed Processing Algorithm  

Figure 1 shows the basic structure of the distortion measurement, 

let x denote the speech signal,  𝜀 is a far end background noise and  

𝑥 + 𝜀 is noisy version of it. The distortion measure is the factor 

interprets the audibility of the given speech signal, if the measure is 

high then more the audible noise and vice versa.  

The distortion measure factor is evaluated for three important 

factors firstly, this approach considers spectro-auditory model for 

the measurement and also includes the temporal envelope within a 

short interval of time period around 20-40 milli seconds. Secondly, 

this approach of distortion measurement obeys mathematical 

properties which makes it’s more evitable to implement it for 

optimization. Lastly, this measurement correlates to the 

intelligibility of speech content in the signal [1], [4]. 

As shown in the figure1, the speech is decomposed into time 

frequency components and is further segmented into short intervals 

of 32ms each over squared Hanning window. These segmented 

short intervals of speech samples are passed into auditory filter bank 

which is further passed to a low pass filter. These steps of filtering 

process are included to extract the temporal envelope from the 

speech segments. Non-linear systems using controllers[11-20]. 
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Fig. 1: Block diagram of distortion measurement 

 

Let ℎ𝑠 denote the smoothing low pass filter response , then the 

distortion measure for the signal  is given as  

 

𝑑(𝑥𝑚𝑖,𝜀𝑚,𝑖) = ∑
(ℎ𝑠∗|𝜀𝑚𝑗|2)(𝑛)

(ℎ𝑠∗|𝑥𝑚𝑗|2)(𝑛)𝑛                                            (1) 

 

Here ‘n’ denotes the time index within one short time frame. In 

order to increase the speech intelligibility equation (1) has to be 

minimized. This can be achieved by applying time/ frequency 

dependent gain function α.. Every individual speech frame’s energy 

is redistributed by scaling.  

 

                            (2) 

 

In the above equation the second term relates to the power measured 

at the output of auditory filters. The term ‘E’ represents the notation 

for expectation, in [1] Taal has stated 2 reasons for speech energy. 

Firstly,   different algorithms are compared against each other under 

listening text and this is conducted under fixed SNR and optimal 

energy. Secondly, in contrast to loudness the approach is to be 

mathematically tractable despite of complex computations. 

Let ‘λ’ denote a lagrangian multiplier and the cost function can be 

represented as  

 

                      (3) 

 

The solution is given as  

𝛼𝑚,𝑖
2 =

||𝑥𝑚,𝑖||
2

𝛽𝑚,𝑖
2

∑ 𝛽
𝑚′,𝑖′
2

{𝑚,𝑖}𝜖𝐿 ||𝑥𝑚,𝑖||
2                                    (4) 

 

Where 𝛽𝑚,𝑖 = (
𝐸(𝑥𝑚,𝑖 ,𝜀𝑚,𝑖)

||𝑥𝑚,𝑖||
2 )1/4 

An exponential function is applied to 𝛼𝑚,𝑖 for smoothening; this 

results in reduction of sudden variation that may affect the quality 

of the speech. 

 

𝛼𝑚,𝑖 = (1 − 𝛾)𝛼𝑚,𝑖 + 𝛾𝛼𝑚−1,𝑖̂̂                            (5) 

 

It was stated that better results obtained when 𝛾 = 0.9 but this will 

not work for every signal. So in this paper a new approach is defined 

to calculate this gamma function given as 

 

𝛾 =
1

1+exp (−𝑎(𝑆𝑁𝑅−𝑇))
  

Where 𝑎 =
2

1−𝑒−2𝜇𝑆𝑁𝑅 − 1 

 

Here is the step size taken as 0.25 and 3 ≤ 𝑇 < 5  

 

Estimation of noise statistics  

The real valued frequency components in the frequency 

transformed domain are multiplied by the low pass filter 

coefficients. At reconstruction, the signal is reconstructed by adding 

all the tie frequency components under a squared Hanning window. 

Three important points are considered in estimating the properties 

of noise  

(i) The power spectral density is estimated from the previous time 

frames which are further used to calculate the intelligibility.  

(ii) For clean unprocessed speech signals the PSD tracker is not 

applied, however, they are applied to processed speech signals.  

(iii) In order to deal with delays and coloration of the signals the 

transfer function from the microphone to the loud speaker has to be 

known. 

3. Experimental Results 

The proposed approach is tested with different noise speeches and 

compared against the Taal [1] method. Both qualitative and 

subjective analysis is been made, Perceptual evaluation of speech 

quality (PESQ) [8] and short time objective intelligibility (STOI) 

[9] were calculated for comparison. 
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(a) Original Clean speech & its spectrum 

 

         
 

(b) Corrupted Signal with Noise & its Spectrum 

 

            
 

(c) Enhanced Signal & Its Spectrum 

          
Fig. 2: Experimental results obtained for a speech signal 
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4. Conclusion 

The perceptual speech intelligibility measurement factor is 

proposed in this paper, the approach is stable and can able to attain 

considerable results when compared traditional Taal approach. The 

PESQ value is 1.52 for Taal approach on the other hand its 1.95 for 

proposed approach. However, the proposed approach consumes 

more CPU time than the earlier one. 
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