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 Digital filters are used to successfully decrease the surplus lower or higher order 
frequency components in a verbal communication signal. In this paper the verbal 
communication improvement is executed using Butterworth filter. In this raucous 
surroundings are taken into concern in the type of Gaussian noise. The frequency and 
time domain symbol of the signal spectra’s are executed using Fast Fourier 
Transformation (FFT) algorithm. Keyboard noise and Gaussian noise signals are added 
to the actual verbal communication signal. The Butterworth filter is used to reduce the 
lower frequency components of error signal from the actual verbal communication 
signal. To carry out the simulation results, the latest version of MATLAB in-build 
functions is used.  
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INTRODUCTION 

 
 Verbal communication refers to the use of sounds and language to relay a message. It serves as a 
vehicle for expressing desires, ideas and concepts and is vital to the processes of learning and 
teaching. In combination with nonverbal forms of communication, verbal communication acts as the 
primary tool for expression between two or more people. Interpersonal communication and public 
speaking are the two basic types of verbal communication. Whereas public speaking involves one or 
more people delivering a message to a group, interpersonal communication generally refers to a two-
way exchange that involves both talking and listening.  
 
I. Verbal communication noise: 
 Verbal communication noise reduction system is the system that is used to eliminate the error signal 
from the verbal signals. Verbal communication noise elimination systems are split into two b a s i c  
t e c h n i q u e s .  The f i r s t  t e c h n i q u e  i s  t h e  balancing type which grips squeezing the verbal signal. 
The second technique is the non-complementary or single-ended type which exploits methods to eliminate 
the error level previously occurred in the actual signal (Mohan Rao1, C., 2013) This technique is used by the 
IC LM1894, intended particularly for  t h e  e l iminat ion o f  verbal communication no ise. Noise 
elimination is the method of eliminating noise from a signal. All digital appliances, both analog and digital 
have features which create them vulnerable to noise. Noise can be either white or random noise with or 
without coherence noise initiated by the system mechanism. An Active Noise Reduction (ANR), also known 
as noise cancellation, or Active Noise Control (ANC) is a technique for eliminating surplus and whole verbal 
communication by the accumulation of a second verbal communication particularly intended to remove the 
first (Guoshen  Yu,  Stéphane  Mallat,  2008).  
 A noise elimination amplifier releases a verbal wave with the similar amplitude but with anti phase to the 
actual verbal communication signal. The waves merge to shape a new wave in a progression called interference 
and successfully remove all other out - a result which is called elimination. Through the use of digital signal 
processing or analog circuits, active noise control is commonly realized. Adaptive algorithms are intended to 
scrutinize the waveform of the surroundings no neural noise, after that depends on the particular algorithm 
create a phase shift signal or change the sign of th e  actual signal. This inverted p h a s e  is t h e n  improved 
and a transducer makes a verbal wave directly relative to the amplitude of the actual signal, making critical 
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interference (JaiShankar1, B. and K. Duraiswamy, 2012). This successfully decreases the amount of the noise. 
The transducer releasing the noise elimination signal may be situated at the position where verbal 
transmission loss is required. This needs a very low power level for elimination. 
 
II. Filter Selection: 
 Filters are grouped that process signals in a frequency needy mode. The fundamental conception of a filter 
can be clarified by probing the frequency needy environment of the impedance of inductors and capacitors. 
When t h e  f r e q u e n c y  i s  change, the range of the reactive impedance will be change and the voltage 
divider   ratio is also wil l  change. This mechanism defers the frequency dependent change in the source or 
destination transmits function that is described as the frequency response (Rajeev Aggarwal, 2011). The filters 
have numerous useful applications. Filters are used to split signals, transitory those of curiosity and attenuating 
the surplus frequencies. Here, the Butterworth filter is used to eliminate the noises in verbal communication 
signal. 
 Butterworth filter is an electronic filter design. It is designed to have a frequency response which is as flat 
as mathematically possible in the pass band. The frequency response of the Butterworth filter is maximally flat 
(has no ripples) in the pass band, and rolls off towards zero in the stop band. The Butterworth filter has a slower 
roll-off, and thus will require a higher order to implement a particular stop band specification. 
H(s) = (1+w2)-.5                       (1) 
 
III. Performance Evaluation: 
 The actual verbal communication input signal is uploaded to the system as analog input as shown in figure 1. 
The signal spectrum of the input signal and power spectral density of the verbal communication signals are also 
shown in that figure. The performance of the Butterworth filter was shown in figure 2. It shows how the elimination 
of noise signals from the actual verbal signal. Frequency response and impulse response of the Butterworth filter was 
shown in figure 3 and 4. 
 

 
 
Fig. 1: Uploading verbal communication signal. 
 

 
 
Fig. 2: Performance of Butterworth filter. 
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Fig. 3: Frequency response of Butterworth filter. 
 

 
 
Fig. 3: Impulse response of Butterworth filter. 
 
IV. Conclusion: 
 In this paper, the Butterworth filter was used to eliminate the noise signals from the different frequency signal. 
Simulation results defines that the attenuation of the verbal communication signal was very much reduced by using 
Butterworth filter. In future DWT algorithm can be used to reduce the noise in verbal communication signal, and it 
can be produce various noise ratio and threshold values. 
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