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ABSTRACT 

Speech processing has been well applied into various areas of technology such as 

telephone banking, voice activation in vehicle, database access service, word recognition, 

speaker verification, emotional detection, assistive technology in emotional disorder 

diagnosis, and identification of vocal-related illnesses. In all practical situations, the received 

speech waveform contains some form of noise component. The noise may be a result of the 

finite precision involved in coding the transmitted waveform (quantization noise), or due to 

the addition of acoustically coupled background noise. Depending on the amount and type of 

noise, the quality of the received waveform can range from being slightly degraded to being 

totally unintelligible. Hence, noise removal in speech signal is required. In this paper, 

removal of high frequency noise for speech enhancement is considered. Frequency response 

masking (FRM) technique can be used for designing low complexity, narrow transition 

bandwidth, linear phase FIR filters. Design of FRM lowpass filter for filtering speech signal 

is implemented. A realtime speech signal is recorded and high frequency noise is added to it. 

Spectrum of noisy signal and filtered speech is examined. Filter is found to improve 

acoustical quality. Platform used is MATLAB.  
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1: INTRODUCTION 

A speech signal consists of variations in air pressure as a function of time, so that it 

basically represents a continuous-time signal x(t). It can be recorded via a microphone that 

translates the local pressure variations into a voltage signal. Speech is a very basic way for 

humans to convey information to one another with a bandwidth of only 4 kHz; speech can 

convey information with the emotion of a human voice. The speech signal has certain 

properties: It is a one-dimensional signal, with time as its independent variable, it is random 

in nature, it is non-stationary, i.e. the frequency spectrum is not constant in time. Although 

human beings have an audible frequency range of 20Hz to 20 kHz, the human speech has 

significant frequency components only up to 4 kHz [1,2]. The most common problem in 

speech processing is the effect of interference noise in speech signals. Interference noise 

masks the speech signal and reduces its intelligibility [2]. The noise may be a result of the 

finite precision involved in coding the transmitted waveform (quantization noise), or due to 

the addition of acoustically coupled background noise. Depending on the amount and type of 

noise, the quality of the received waveform can range from being slightly degraded to being 

totally unintelligible. The design of the filters requires that the signal and the noise be 

stationary and that the statistics of both signals be known a priori. 
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Figure 1. Basic block diagram of speech signal 

Digital filters can be generally classified into two major types regarding the time interval of 

impulse response of filter system, which are Finite Impulse Response (FIR) and Infinite 

Impulse Response (IIR) [1]. FIR filters are more preferred due to linear phase and stability 

property. In this paper, removal of high frequency noise from speech signal is considered. 

Frequency response masking (FRM) technique can be used for designing low complexity, 

narrow transition bandwidth, linear phase FIR filters. Design of FRM lowpass filter for 

filtering speech signal is implemented. A real-time speech signal is recorded and high 

frequency noise is added to it. Spectrum of noisy signal and filtered speech is examined. 

2: FREQUENCY RESPONSE MASKING 

FRM technique reduces number of multipliers by using several subfilters of lower order and 

combining them to get the final filter. The conventional FRM approach concerns the design 

of low pass FIR digital filters in terms of a pair of interpolated band edge shaping and a 

corresponding pair of low pass masking digital sub-filters [4]. 

 

Figure 2. Basic block diagram of the overall FRM filter 

Block diagram of FRM approach starts with a prototype filter Fa(z) of passband edge 

frequency θ, stopband edge frequency ϕ  and with transition width Δ . The narrow transition 

width of FRM results from the interpolated version of the prototype filter Fa(z
M

), derived by 

replacing each delay element of Fa(z) by M delay elements and Fc(z
M

) is its complementary 

version obtained by subtracting the output of Fa(z
M

) from a suitably delayed version of the 

input [4]. 
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Fc(z
M

) = z
-M(Na-1)/2

 - Fa(z
M

)                            (1)                                           

where Na is the filter length of Fa(z). There are two parallel branches each of which is 

composed of an interpolated model filter in cascade with masking filters FMa(z) and FMc(z) 

respectively. Interpolation leads to the imaging of the frequency response along with 

reduction of the passband and transition band by a factor of M. Masking filters are used to 

select the useful part of Fa(z
M

) and Fc(z
M

). Addition of two masked responses gives the 

response of a sharp wideband FIR filter [4]. For an optimal interpolation factor M and given 

passband edge ωp and stopband edge ωs, the initial design of subfilters Fa(z), FMa(z) and 

FMc(z) can be obtained by using the design equations given below. 

Case - A 

For Fa(z) , the passband edge θ and stopband edge ϕ (0 < θ  <  ϕ < π_) are given by 

θ = ωpM -2mπ                                                               (2)                                                        

ϕ = ωsM - 2mπ                                              (3)                                               

𝑚 =  𝜔𝑝𝑀/2                                              (4)                                                        

The passband and stopband edges of FMa(z) are given by (2mπ +θ)/M and (2(m+1) π-ϕ)/M 

respectively and the passband and stopband edges of FMc(z) are given by(2mπ-θ )/ M and 

(2mπ +ϕ )/M respectively. 

Case – B 

For Fa(z) , the passband edge θ and stopband edge ϕ (0 < θ < ϕ < π_) are given by 

θ = 2mπ- ωsM                                                (5)                                                                   

ϕ = 2mπ – ωpM                                             (6)                                                                

m = [ωsM/2π]                                                (7)                                                                      

The passband and stopband edges of FMa(z) are given by (2(m -1) π + ϕ)/M and (2mπ-θ)/M 

respectively and the passband and stopband edges of FMc(z) are given by (2mπ-ϕ)/M and 

(2mπ+θ)/M respectively [4]. If the all subfilters have linear phase responses with Na and Nc 

either both even  or both odd and (N -1)/M even, where N is the order of prototype filter, then 

the FRM filter has linear phase response. 

 

3: IMPLEMENTATION 

 
1) Speech signal and noise signals are recorded separately at sampling frequency 40000 Hz. 

Malayalam version of „India got freedom in 1947‟ was recorded as the speech signal. 

Frequency spectrum of both are analysed. Here, both signal and noise are known. On 

analysis, speech spectrum is found to be more concentrated in region below 2100 Hz.  Hence, 

filter has to be designed so as to remove frequencies above 2100 Hz. 

2) Noisy speech signal is obtained by summing recorded signal and noise and its spectrum is 

analysed. 

3) FRM lowpass filter is designed with the following specifications 

Passband edge frequency=2000; 

Stopband edge frequency=2050; 

Sampling frequency=40000; 

Passband ripple=0.001; 

Stopband ripple=0.001; 

4) The noisy speech signal is filtered using the designed FRM filter and spectrum is analysed.    

 

4: RESULTS 

Spectrum of original speech, noise, noisy speech and filtered speech are obtained. Magnitude 

and phase response of designed filter is plotted. 
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Figure 3. Original speech signal spectrum 

 

Figure 4. Spectrum of noise signal 

 

Figure 5. Spectrum of noisy speech signal 
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Figure 6. Magnitude and Phase response of designed FRM filter 

 

Figure 7. Filtered speech signal spectrum. 

 

5: CONCLUSION 

Frequency response masking technique is used to design linear phase, low complexity, low 

pass FIR filters for filtering high frequency noise in speech signal. Noisy speech signal is 

filtered using the designed FRM based low pass filter. Noise frequencies are removed 

significantly and acoustical quality is found to be improved. 
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