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Abstract: 

Speech enhancement can be used as a preprocessing technique in any of the speech communication system. 

In this technique, the background noise present in speech signal is to be removed. Main objective of speech 

enhancement is to improve the perceptual aspects of the speech such as overall quality, intelligibility and degree of 

listener fatigue.Basic spectral subtraction method is the reducing the additive background noise in speech signal. 

Musical noise is present in all the above-mentioned techniques. This adaptive noise estimation algorithm 

continuously updates the noise spectrum based onshort-term energy. Due to the adaptive estimation capability of 

noise spectrum, it works well for stationary as well a non-stationary noise. Noise spectrum is continuously updated 

throughout the speech by comparing the short-term energy values of current frame to the average short-term energy 

values of all the preceding frames. 

Index Terms—Error detection, look-ahead technique, recomputing with encoded operands, trellis. 

 

1.Introduction 

Speech is a natural mode of 

communication for people. The relevant skills 

during early childhood are learned, without 

instruction, and continue to rely on speech 

communication through-out lives. It comes so 

naturally that we don’t realize how complex a 

phenomenon speech is? The human vocal tract 

and articulators are biological organs with 

nonlinear properties, whose operation are not just 

under conscious control but also affected by 

factors ranging from gender to upbringing to 

emotional state. As a result, vocalizations can 

vary widely in terms of their accent, 

pronunciation, articulation, roughness, nasality, 

pitch, volume, and speech. Moreover, during 

transmission, our irregular speech patterns can be 

further distorted by background noise and echoes, 

as well as electrical characteristics.  

1.1 Speech processing 

Speech processing is the study of 
speechsignals and the processing methods of these 

signals. The signals are usually processed in a digital 
representation, so speech processing can be regarded 
as a special case of digital signal processing, applied 
to speech signal. Aspects of speech processing 
include the acquisition, manipulation, storage, 
transfer and output of speech signals. 

The simple view of speech production model is 
shown in Fig. the speech organs can be divided into 
three major groups. They are lungs, larynx, and vocal 
tract. Lungs act as power supply and provide airflow 
to the larynx stage of the speech   production 
mechanism. Larynx modulates airflow from the lungs 
and provides either a periodic puff-like or a noisy 
airflow source to the third organ group called vocal 
tract. Vocal tract consists of oral, nasal and pharynx 
cavities giving spectral shaping for the modulated air 
flow[1]. 

 

Fig.1 The simple view of speech production model 
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Enhancement is defined as improvement in 
the value or Quality of something. Speech 
enhancement is typical problem and it is due to two 
reasons[4]:  

 When the speech signal is corrupted by 
noise, then the characteristics of the speech 
can change dramatically in time and 
between applications and it depends on the 
nature and characteristics of the noise 
signals. So, it has become very difficult for 
the researchers to find algorithms that really 
work in different practical environments. 

 The design of algorithm defers application 
to application and so the performance of the 
algorithms can also be different for each 
application.  

However these two criteria play an 
important role in justifying the performance of the 
algorithm with reference to Quality and 
Intelligibility. But it is very hard to satisfy both at the 
same time. During the past few years speech 
enhancement has become a significant area of signal 
processing. The main aim of the research is to 
provide an improvement of intelligibility and/or 
pleasantness of a speech signal. The basic approach is 
to remove the noise by estimating the noise 
characteristics of noisy speech signal and there by 
noise components are been cancelled to provide clean 
speech signal which is known as speech 
enhancement. 

1.2 Overview of speech coding 

Speech is a very special type of signal for 
different reasons. The most preliminary of these is 
the fact that speech is a non-stationary signal. This 
makes the speech signal hard to analyze and model. 
The second reason is that factors like intelligibility, 
coherence and other such characteristics play a vital 
role in the analysis of the speech signals. The third 
reason in communication point of view is that the 
number of discrete values required to describe one 
second of speech signal corresponds to 8000 samples 
(at the minimum). As bandwidth is the parameter 
which affects the cost of processing, speech signals 
are subjected to compression before transmission[5]. 

2. Speech enhancement 
Enhancement is defined as improvement in 

the value or Quality of something. Speech 
enhancement is defined as the improvement in 
intelligibility and/or quality of a degraded speech 
signal and it is achieved using signal processing 
tools. Speech enhancement normally refers not only 

to reduce the noise but also to de- reverberate and 
separate the independent signals. Speech 
enhancement is typical problem and it is due to two 
reasons[5]:  

First, when the speech signal is corrupted by 
noise, then the characteristics of the speech can 
change dramatically in time and between applications 
and it depends on the nature and characteristics of the 
noise signals. So, it has become very difficult for the 
researchers to find algorithms that really work in 
different practical environments. 

Second, the design of algorithm defers 
application to application and so the performance of 
the algorithms can also be different for each 
application.  

However these two criteria play an 
important role in justifying the performance of the 
algorithm with reference to Quality and 
Intelligibility. But it is very hard to satisfy both at the 
same time. During the past few years speech 
enhancement has become a significant area of signal 
processing. The main aim of the research is to 
provide an improvement of intelligibility and/or 
pleasantness of a speech signal. The basic approach is 
to remove the noise by estimating the noise 
characteristics of noisy speech signal and there by 
noise components are been cancelled to provide clean 
speech signal which is known as speech 
enhancement. 

It has been observed that if the approach is 
to remove the noise by estimating the noise 
characteristics, then there is every possibility that 
even some parts of the signal that resemble noise is 
also removed. speech enhancement algorithms have 
even corrupted the speech while attempting to 
remove noise. So the algorithms that are to be 
designed must therefore provide effective level of 
noise removal and level of distortion in the speech 
signal. 

2.1  proposed approach 

Consider any noisy speech signal vector S, 
having dimension (nil) with sampling frequency fess. 
The signal contains some additive noise that has been 
overlapped with clean speech signal Sc. To clean the 
noisy speech signal, noise must be estimated. For 
estimating the noise, the speech signal has been 
divided into number of frames of equal size[6].  
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Fig.2.1  Block diagram of proposed method. 

Each frame has been further categorized 
(either in low noise level or high noise level) on the 
basis of Short-term Energy (STE) value. Based on the 
above categorization, the estimated noise spectrum 
will be updated and spectral subtraction will be 
applied on each frame. During this approach two 
constants (α and) have been used, the value of which 
will depend upon SNR value of input speech signal. 

2.2 short time energy (ste) 

 The energy of a set of samples is 
approximated by the sum of the square samples. The 
short –time Energy equation is shown in Equation 
(2.1). To calculate the Short Time Energy the filtered 
signal is sampled using a window of function ω 
samples, where ω << n, within each window energy e 
is computed as follows[2]. 

 � = ∑ ��
��

���      (2.1) 

2.3 Algorithm 

 The description of the block diagram is 
given by the following steps[2]. 

1. Calculate the mean m of given speech signal 

� =
�

�
× ∑ �(�)�

���   (2.2) 

2. Remove the differential coefficient (DC) 
component as follows 

      � = �(�)− �  Where i=1 to n (2.3) 

Now, the signal S has no DC component. 
3. Calculate the frame size Fs and number of 

frames Fn 

�� =
��

����
× � , where 15msec ≤ t ≤ 

30msec (2.4) 

          �� =
�

��
    

   (2.5) 
If denotes the it frame where 1 ≤ I ≤ Fn. 

4. Calculate the Short term energy value of 
each frame 

�� =  ∑ (��(�))���
���    

Where I= 1 to FN (2.6) 
Eli represents Short term energy of it frame 

and is stored in  
Vector E of size FN x1. 

5. Calculate the average Short term energy 
value of input speech signal 

���� =
�

��
× ∑ �(�)

��
���   (2.7) 

Repeat step 6 and step 7 for I= 1 to Fn. 

6. Estimation of noisy signal 
N=N|| Fi only if Ei≤ α × Eavg 

 (2.8) 
Initially N is a null matrix of size Fs x1. 

����� = |���(�)|   (2.9) 
7. Let �����have the dimension Fs × k at 

present. 

For each row p, ���
�����

=
�

�
× ∑ ���(�)�

���  

  (2.10) 

Where���
�����

 vector of size Fs x 1. 

8. Apply spectral subtraction to clean speech 
���

��� = |���(��)|   (2.11) 

���
�����

= �(���(��))  (2.12) 

���
��� = �(���

���)� − � × (���
�����

)�
�

  

(2.13) 

�� = �����(���
��� × ���

�����
)� (2.14) 

2.4 signal-to-noise ratio (SNR) 

SNR is the most widely used method for 
evaluating the quality of signal. SNR is calculated as 
the ratio of signal power to noise power in decibels. 
We have used NOIZEUS database that contain noisy 
database as well as ground truth clean signal. Noise 
present in the speech signal cleaned by proposed 
approach is calculated as: 

�(�) = ��(�)− �(�)  (2.15) 

and SNR is calculated as: 

��� �� �� = 10 × ���
∑ ��

�(�)�
���

∑ ��(�)�
���

  

 (2.16) 

Clean Speech signal is shown in  Fig. 2.2 and Fig. 2.3 
shows the  one single frame of a clean speech signal. 
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Fig. 2.4  Clean Speech Signal 

 

Fig. 2.5 One single frame of a speech 
signalThe Short-Time Energy is calculated 
for clean speech signal. The plot is shown in 
Fig. 2.6.   

 

Fig.  2.7  “Short-Time Energy” Feature for speech  

 

4. Conclusion 
In this paper an adaptive approach for noise 

estimation in speech signal using Short Time Energy 

is proposed. Estimated noise spectrum is subtracted 

to the actual input speech spectrum on the basis of 

the noise level present in that spectrum. If noise level 

is high, then subtraction amounts taken as high 

otherwise low. On average there is a 3dB 

improvement on all considered noises. Due to this 

method of subtraction musical noise is negligible in 

comparison to the existing spectral subtraction 

method. This method of noise estimation can be used 

for real time applications like video chatting, internet 

telephony where subtraction process cane performed 

in the time domain taking lesser time. 
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