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Abstract- In this paper, a reconfigurable digital FIR filter bank which can generate 21 different sub bands is implemented. A 
reconfigurable digital FIR filter bank finds many applications including helping hearing-impaired people to customize 
hearing aids based on their own specific conditions to improve their hearing ability. Furthermore, the complexity is greatly 
decreased by using only three prototype filters for subband generation and same for masking filters bank. This filter bank can 
achieve better matching than fixed filter bank due to its ability to distribute subbands flexibly. 
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I. INTRODUCTION 
 
The main function of a hearing aid is to selectively 
amplify the audio signals such that the processed 
sound matches a normal hearing audiogram. Most of 
the current designs use filter banks with fixed 
subbands due to which enough flexibility for the 
compensation of different hearing impairment cases 
cannot be provided. Another approach is to use 
uniform filterbanks.The  uniform  filter  banks used  
in  hearing  aids  include  DFT  filter  banks[9]. 
Howeverthese kinds of filter banks are not suitable 
for hearing characteristics of human beings. Upon 
considering the nonlinear behavior of the human 
auditory system and to customize a hearing aid for an 
individual for compensation of various hearing 
losses.Here an  efficient   non uniform  reconfigurable 
FIR  filter bank is implemented which is capable  of   
providing bandwidths  of   the subbands and number 
of subbands adjustable with the option of selection of 
various bands according to ones need. To provide 
various band selection methods interpolation, 
decimation and frequency response masking 
techniques are used in the literature. Also an idealized 
hearing aid should include features such as minimum 
processing delay to make it of lip reading, very low 
power consumption for long battery life and linear 
phase property to prevent the audio signal from 
distortion[1].This paper implements a digital FIR 
Non-Uniform Reconfigurable Filter Bank for Hearing 
Impairments [1].Instead of half band filter as a 
prototype filter[1], this paper proposed a low pass 
filter as a prototype filter designed using FDA Tool 
and it is observed that by using this filter the resultant 
filter bank gives better reconstruction compared to 
that of half band filter.  
 
II. OVERVIEW OF HEARING LOSS AND 
AUDIOGRAM 
 
The audiogram is a graph showing the results of 
hearing capability of individual. It illustrates the type, 

degree, and configuration of hearing loss. The 
frequency or pitch of the sound is referred to in Hertz 
(Hz). The intensity or loudness of the sound is 
measured in decibels (dB). The responses are 
recorded on a chart called an audiogram that shows 
intensity levels for each frequency tested. The Y axis 
represents the intensity or response of the ear 
measured in decibels (dB) corresponding to the 
frequency in hertz (Hz) marked on the X axis. An `O' 
often is used to represent the responses for the right 
ear and an `X' is used to represent the responses for 
the left ear. Curves displayed in decibels generally 
describe the individual hearing threshold of a person 
compared to the normal hearing average, which lies 
around 0 dB. Due to individual differences, all 
thresholds up to 20 dB are considered as normal. 
Fig.1 shows the audiogram for the different types of 
losses. The threshold between 21 to 40 dB is 
considered as mild hearing loss, 41 to 55 dB is 
considered as moderate hearing loss, 56 to 70dB as 
moderately severe, 71 to 90dB is considered as severe 
hearing loss and greater than 90dB is considered as 
profound hearing loss. 
 

 
Fig.1 Audiogram Showing Different Hearing Losses 
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Loudness level and frequencies of different speech 
sounds are also presented in audiograms. Vowels are 
low frequency sounds with a higher volume than 
consonants, which are soft high frequency sounds. 
The vowels carry the loudness impression of speech 
whereas consonants carry the meaning. Hearing level 
measurements are done at each octave 
250/500/1k/2k/4k/8k in a standard audiogram, which 
suggests that the uniform filter bank may face 
difficulties in matching the audiogram at all 
frequencies[10]. A typical hearing loss shown in Fig. 
1, caused by aging, occurs at low frequencies. To 
achieve a better compensation, narrower bands with 
gain control need to be allocated at frequencies where 
the slope is steep. Therefore, In this paper, a system 
which can provide filter bank with both the number  
of  the  sub bands  and  the  bandwidths  of  the  sub 
bands adjustable  is  used. 

 
III. RECONFIGURABLE FILTER BANK 
 
The basic idea behind the reconfigurable filter bank is 
the use of Interpolation, Decimation Techniques and 
masking Filter bank. To evaluate the whole process 
the filter bank is divided into mainly two parts,first 
one is multiband generation block to decompose the 
input signal into the multiple sub bands. After getting 
multiple sub bands, we need to separate out each sub 
band, so that we can evaluate the input signal by 
selecting required sub band, for this purpose masking 
filter bank is employed. 
 
A] Multiband Generation Block 
To make the proposed filter bank, non uniform and 
reconfigurable, the decimation (CD-I,CD-II) 
techniques, interpolation technique and masking filter 
banks are used. Furthermore, decimation Technique 
can be used in two ways, i.e. CD-I and CD-II 
techniques. In  CD-I every Nth coefficient of a finite 
impulse response (FIR) filter is kept unchanged and 
other coefficients are made equal to zeros, multiband 
response having  identical pass band width with 
original filter and With changing value of N, different 
number of frequency  response replicas are  produced 
at integers multiples. While in CD-II,  every  Dth 
coefficients of  FIR filter  are  grouped  together  
discarding  the  in  between  coefficients to  obtain  a  
decimated  version  of  original  frequency  response  
whose  passband  width  and  transition band width 
(TBW) are D times that of original filter  [6]. Fig.1(c)  
shows  the  frequency  response  of  filter  obtained  
using  CD-II  from  the  modal  filter in  fig.  1(a).The 
CD-II approach is used to obtain variable bandwidth 
frequency responses. Multiband generation block is 
used to generate the multiple bands as shown in fig 
2.Here three prototype filters are used which are 
basically low pass filters with different 
characteristics.  prototype filters hi(n) (i=1,2,3) are 
firstly decimated using CD-II  by decimation factors 

i.e. N1,N2,N3 and then interpolated by the 
interpolation factors i.e  M1,M2,M3 respectively.  

 
Fig. 2  Structure Of The Multiband-Generation Block 

 
풑풊 (n) indicates the whole process of decimation and 
interpolation and it’s complementary response is 
calculated as  훿[푛]− 푝 [푛].  
After passing through pi[n] and qi[n], we get outputs 
Ai and Bi respectively. These outputs are then fed to 
the masking filter banks to get separate bands.  
 

 
Fig.3 Sub Band Distribution For (A) M1=2 (B)M2 =6 (C)M3=10 
 
B] Design parameters 
For simplicity decimate the filter h1(n) by 1 and then 
interpolate it by using interpolation factor 2 i.e.N1=1 
and M1=2. For these pair of decimation and 
interpolation we get sub bands as shown in fig 3(a). 
 
B.1) Interpolation Factors 
The cutoff frequencies of the new sub bands are 
given as follows 
  

 
As at the corners of the ranges,the cutoff frequencies 
for the different interpolation factor must be same 
thefore we can write the equality equation from the 
above equation as follow[1]. 
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From above we get , 

 
From above equation we can have values of M 
=2,6,10,……. In this situation the common cutoff 
frequencies are   and   so we can divide the total 
frequency i.e. (0 to 휋) in three ranges as follows, 
1) Range I :-       0 −  

2) Range  II : -   −   

3) Range- III :-   −  휋 
 
B.2) Decimation Factors 
Transition bandwidth of sub bands can be given as, 
∆Bsub=∆B. where  ∆B is transition bandwidth of 
prototype filters. If we consider the design for equal 
bandwidth of prototype and sub band filter then we 
have  

 
We have M1=2,M2=6 and M3=10  and suppose N1=1 
then from above equation we haveN2= 3 and N3= 5. 
 
C] Design of prototype filters 
Cutoff frequencies of the prototype filters are can be 
calculate as follows: 

 
Where, fci is cutoff frequency of sub bands. fci values 
can be evaluate from fig.3.as f푐 =  , f푐 = , f푐 = , 
by putting these values in above equation we get 
F푐 ==  , F푐 = , F푐 = . 
Consider, transition bandwidth as 0.06 and order of 
the filter is 62. 
 
D] Design of masking filter bank  
For designing of the masking filter bank there is no 
need of any other filters, same prototype filters are 
used for design of it. In the masking filter bank “o” 
represent the original output of the filter while “c” 
represent the complementary response. Here we 
require many filters to mask, they are generated by 
using both CD-I and CD-II. Filters generated using 
CD-I are H2(z1/3), H3(z1/2), H3(z1/5). Remaining filters 
are designed using CD-II. 
 

 
Fig. 4 Masking Filter Bank -I 

 
Fig.5 Masking Filter Bank-II 

 

 
Fig.6 Masking Filter Bank -III 

 
By using above masking filter banks we get separate 
subbands whichis represented by range and the 
number of sub bands gruouped in that range are given 
by scheme I,scheme II and scheme III as shown in  
Table 1. 

TABLE I 
SUB BAND DIVISION TABLE AFTER 

GROUPING THEM IN SPECIFIED RANGES 

 
 
IV. RESULTS & DISCUSSIONS 
 
A] Implementation of Scheme-I  
Result and implementation of scheme-I are shown in 
fig.7. For this scheme prototype filter h1(n) with 
bandwith and order 62 is designed using MATLAB 
FDA tool,which is taken as low pass filter.Under this 
scheme three subbands of bandwidth 
(0 - π/4),(π/4 - 3π/4), and (3π/4 -π) are obtained using 
mentioned prototype filter h1(n). Signal of bandwidth  
(0 -  π/4)  is obtained by passing  A1 through H1(z) 
,A1 is obtained by passing input signal through  
H1(z1/2). Signal of bandwidth (3π/4 -π) is obtained by 
passing signal through H1c(z),which is 
complementary response of H1(z).Third band of 
bandwidth (π/4 - 3π/4) is obtained by passing input 
signal through (1-H1(z1/2))which is denoted by B1. 
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B] Implementation of Scheme-II 
For this scheme separate low pass prototype filter 
h2(n) is designed which is of order 62 and bandwidth 
of .It is designed by using MATLAB FDA 
tool.Under this scheme 7 subbands are generated as 
mentioned in table 1.First subband is generated by 
passing A2 through H2(z) where A2is obtained by 
passing input signal through H2(z3/6) i.e decimation of 
H2(z) by 3 and then interpolation by 6.Remaining 6 
suubbands are obtained by applying masking filter 
bank-II as shown in fig.5,where we have used 
H2(z),H2(z1/3),H2(z2/4) and their complementary 
filters.Results of reconstruction  of this scheme is 
shown in fig 8. Result shows that input signal is 
properly reconstructed. 

 
C] Implementation of Scheme-III 
11 subbands are generated ,here also low pass  
prototype filter h3(n) of order 62 and bandwidth  is 
designed using MATLAB FDA tool.First subband is 
obtained by passing  signal A3through H3(z),where A3 
is obtained when input signal is passed through 
H3(z5/10)i.e. H3(z) is first decimated by 5 and then 
interpolated by 10. Remaining 10 subbands are 
generated by applying masking filter bank-III whose 
structure is shown in fig. 6.Here wehave used ilters 
H3(z),H3(z1/5) andH3(z1/2) and their complementary 
filters.By observing reconstructed signal in fig. 9, we 
can say that input signal is properly reconstrcted. In 
this way, the schemes I,II and III have been 
implemented successfully. Instead of half band filter 
as a prototype filter[1], this paper proposed a low 
pass filter and it is observed that by using this filter 
the resultant filter bank gives better reconstruction 
compared to using half band filter.  

 
Fig.6  Frequency Response Of The Input Audio Signal 

 

 
Fig 7.Frequency Response When Audio Signal Is Passed 
Through Sub Bands Formed By Masking Filter Bank I 

 
Fig 8.Frequency Response When Audio Signal Is Passed 
Through Sub Bands Formed By Masking Filter Bank II 

 

 
Fig 9.Frequency Response When Audio Signal Is Passed 
Through Sub Bands Formed By Masking Filter Bank III 
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