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Abstract: Speech signal is widely and effectively used globally for communication purposes in all sectors 
of human eandeavour. Incidentally speech signals suffer from interference by noise components when 
transmission through a communication channel is involved. Such noise components include Additive 
White Gaussian Noise (AWGN), Random Noise, power line noise, high and low frequency noise 
components. Without removing these noise components the speech signal quality will be compromised, 
implying delivery of unreliable message. In this paper a FIR filter is designed with single cosine term 
generalised adjustable window with to filter out high frequency noise components from speech signals. 
The optimal parameters of the filter are sampling frequency of 44100Hz and filter order of 34. A real 
voice statement, “Education is the Key to the Development of any Nation” from the lead author of this 
paper is captured with the in-built microphone of a laptop  system, recorded in windows media audio 
(.wma) format and stored in one of the files of the system as speech. The optimal sampling frequency of 
44100Hz is applicable of the type of format of the speech signal. With “audioread” instruction the stored 
speech is loaded into a matlab edit window. A noise component of 4500Hz and above is generated with 
matlab and added to the speech to imitate real corrupt speech signal. When the corrupt signal is passed 
through the designed filter the noise component was drastically filtered out. 

Keywords: Adjustable Window, single-cosine term, high frequency noise, power spectral density. 

1. Introduction 

Some researchers have used single cosine term generalized adjustable window function to filter out noise from 
speech or voice signals. A generalized adjustable window is a window that assumes the appearance of some 
other defined and non-defined windows as the adjustment parameter is varied. In [1] Rajput and Bhadauria used 
a single cosine term generalised adjustable window function as shown in (1) to design low pass filter for 
filtering speech signals. The authors used four different values of the adjustment parameter α and the 
performance observed. The values for adjustment used are 0.71, 0.78, 0.5(hanning window) and 0.54 (hamming 
window). The sampling frequency is 16000Hz, filter order, 33 and cutoff frequency, 3200Hz. The result shows 
that each of the resulting windows is able to significantly filter out high frequency components above 3200Hz, 
which makes them suitable for use in speech signal filtrations. There is no indication that the researcher or any 
other researcher used this window for filtering of speech of windows media audio (.wma) format, which is an 
audio signal of double column vector and recorded at a sampling frequency of 44100Hz.Therefore in this work, 
a single-cosine term generalised adjustable window will be used to design an FIR filter for filtering of speech 
signal of windows media audio (.wma) format. 

2. Single-Cosine Term GeneralisedAdjustable Window 

A generalised adjustable window as said above is a type of window that can take different forms depending on 
the value of the adjustment parameter.At certain values of the parameter it takes the appearances of known 
windows and at other values it represents windows of no known name or appearance. A single-cosine term 
generalised adjustable window has one cosine term inclusive in the function as shown in (1) [1] below in which 
case the adjustment parameter is α.When α=0.5 the window becomes hanning window[1, 2, 3, 4] which is a 
fixed known window as in (2), and a hamming window[5, 6, 7 8], another fixed known window as shown in (3) 
when α=0.54.At any other value of α,the window takes the appearance of other windows that may or may not be 
known. 
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5. Conclusion 

It can be concluded that single-cosine term generalised adjustable window is an effective window for designing 
FIR filters for removal of noise components from speechsignal. The adjustment parameter determines the 
effectiveness of the filter, and the optimum value is a function of the window length.  For the speech signal, the 
noise type and level in this circumstance, the optimum value of the parameteris 0.5. This value may vary if a 
different type of signal, noise type or window length is under consideration. 
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