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Abstract: This paper deals with the design of DFT-based 

filter banks for hearing aids, where spectral modifications 

are necessaries to compensate hearing loss. The WOLA 

(Weighted Over-Lap Add) filter bank is considered. It is 

an efficient implementation of the DFT filter bank to 

carry out short-time analysis, which is sometimes 

included as a core in digital signal processors for hearing 

aids. The relation between analysis and synthesis 

windows in order to obtain perfect reconstruction if 

spectral modifications are not necessary, are studied. 

Some length constraints of the filters impulse responses, 

and the number of bands of the filter bank are 

established, in order to avoid time domain aliasing.  

Keywords: Hearing Aids, WOLA, Filter Bank, Time-

domain aliasing. 

1. INTRODUCTION  

Hearing aids are systems designed to help hearing-

impaired people to better understand sounds, and 

specially speech. They are built with the following 

elements: one or more microphones, a device to process 

the sound in order to compensate hearing loss, a miniature 

receiver, and a battery. A digital hearing aid is a hearing 

aid that incorporates a digital signal processor (DSP) to 

process the sound. Unfortunately, the computational 

capability of these DSPs is very reduced because of the 

power consumption constraints imposed by the batteries 

that are used, and the tolerable time to remove them. If we 

consider a battery capable of supplying 1.3 Volts and 

150mAh (milliamp-hour), and a minimum of 16 hours of 

continuous operation during seven days (112 hours), the 

maximum supply of current must be 1.33 mA. The 

relation between power consumption and clock speed in a 

processor should also be considered. It is quadratic, which 

implies that duplicating the clock speed, the power 

consumption will be four times bigger, 

These data make digital hearing processor for hearing 

aids work with a very low clock frequency. For instance, 

the Toccata Plus 
TM

 DSP for hearing aids, manufactured 

with the SignaKlara® technology [1], works at a 

maximum clock frequency of 2.56 MHz. In spite of these 

limitations, research towards implementing new and 

powerful signal processing algorithms is motivated by 

Moore's law, which predicts that in the near future we will 

have new and much more powerful devices. Another 

research topic is related to the optimization of the 

algorithms in order to reduce their computational 

complexity and be able to implement them in the 

available devices. 

Nowadays, fully digital hearing aids include several 

complex algorithms to enhance intelligibility, and to 

reduce undesired effects, such as feedback noise reduction 

[2], speech enhancement using array processing [3], 

acoustic environment classification [4], but the main 

algorithm to be included in a digital hearing aid is spectral 

analysis and multiplicative spectral modifications to 

amplify the sound in a frequency selectivity way. 

Because of this, DSPs for hearing aids usually 

includes a processing core to compute frequency analysis. 

For instance, the Toccata Plus 
TM 

processor includes a 

core, which implements the WOLA (weighted overlap 

add) filter-bank [5][6]. This WOLA unit performs 

windowing, FFT and vector multiplications. The designer 

should select several parameters of the filter bank: 

window length, in order to control group delay of the 

overall system, number of channels, oversampling factor, 

and kind of windows. This paper revisits the main design 

constraints that should be taken into consideration in 

order to design the frequency analysis block in a hearing 

aid that is based on the WOLA coprocessor. 

 

2. REVIEW OF UNIFORM DFT FILTER BANKS 

WHICH IMPLEMENT THE SHORT-TIME 

FOURIER ANALYSIS 

The DFT filter bank is one of the most important 

classes of filter banks. They are widely used in hearing 

aids applications, mainly because of the existence of very 

efficient implementations from the computational 

complexity point of view.  

In hearing aids applications, spectral modifications 

(usually multiplicative modifications) are included 

between the analysis and synthesis stage, as represented 

in Fig. 1. The elements of the DFT filter bank are the 

following: 

 The analysis window h(n), and the synthesis 

window f(n). 

 The decimation/interpolation factor, M. 

 The number of channels is K. 

 Xk(m) represents the output of the k-th band of the 

filter bank, obtained for the m-th block of samples. 

 



x n  and 



ˆ x n  represent the input signal and the 

reconstructed signal, respectively. If the filter bank 

is a perfect reconstruction filter bank, both should 

be equal. Usually, low delays can be tolerable. 
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The analysis filter bank implements the Short-Time 

Fourier Transform. Each block of N samples in the time 

domain gives rise to K samples in the frequency domain, 

where N is less than or equal to K. The different blocks in 

the time domain can overlap, Xk(m) is obtained by 

filtering the modulated version of x[n] with the linear 

filter which impulse response is h[n], and decimating the 

resulting signal: 

 



Xk (m)  x(l)WK
kl  h(l)
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. These subband signals are 

modified in order to obtain the modified signals 



ˆ X k (m) . 

If multiplicative modifications are considered, the 

resulting subband signals can be expressed as follows: 

 



ˆ X k (m) Gk (m)Xk (m) , (3) 

 

The signal reconstructed at the output of the filter 

bank can be expressed as follows: 
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Taking expressions (5), (3), and (2) together, we can 

obtain the following expression: 
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At this point, two different cases can be studied. First, 

the filter bank where spectral modifications are not 

included, and second, the case where multiplicative 

modifications are considered. 

2. DFT FILTER BANK WITHOUT SPECTRAL 

MODIFICATIONS 

If no spectral modifications are considered, or the 

multiplicative modifications are constant in the frequency 

domain, some conditions for perfect reconstruction can be 

established [7][8][9][10]. If Gk(m)=1, independently of 

the values of k and m, expression (7) can be expressed as 

follows: 

 



ˆ x [n] f (n mM )h(mM  n  sK)x(n  sK)

s




m



 , 
(8) 

 

To arrive to expression (8), we must have into 

consideration (9): 
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In expression (9), ((n-r))K indicates the modulo 

operation, which extracts the remainder after division. An 

equivalent expression is (10): 
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Taking into consideration expressions (10) and (7), we 

can obtain expression (8). 

 

3. DFT FILTER BANK WITH MULTIPLICATIVE 

SPECTRAL MODIFICATIONS 

Multiplicative spectral modifications are necessary in 

digital hearing aids in order to compensate hearing loss. 

Multiplicative factors are selected in each frequency band 

in order to maximize intelligibility. These multiplicative 

factors depend on the hearing loss, which varies with 

frequency, and the input signal level. Because of the 

dependence with frequency, these spectral modificatons 

are not constant. Because of the dependence with the 

input signal level, the multiplicative factors vary with 

time. 

We consider that multiplicative factors Gk(m), 

depends on the subband k, and on the frame analyzed, m. 

Gk(m) is the DFT of a finite length time domain signal. 

Taking into consideration the relation between the DFT 

and the Discrete Time Fourier Series, expression (11) is 

obtained: 
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1

K
Gk (m)WK

k(nr)

k 0
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(11) 

 

An equivalent expression is (12), where (n-r) is 

constrained to be between zero and K-1: 
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 , 
(12) 

 

Taking (12) into consideration, expression (7) can 

now be expressed as follows: 
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If we introduce the change of variables, p=n-r+sK, we 

can obtain expression (14): 
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(14) 

 

This analysis was made by Crochiere and Rabiner [6], 

and can be used to establish some interesting conditions 

to the analysis and synthesis filter banks, in hearing aids 

applications. 

 

4. APPLICATION TO DIGITAL HEARING AIDS 

DESIGN 

From the analysis of expression (8), we can obtain 

some conditions for perfect reconstruction for the filter 

bank without spectral modifications:  
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This expression gives rise to the following conditions: 
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(16) 
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Expression (16) is a condition to select the analysis 

and synthesis windows for perfect reconstruction. If only 

two adjacent windows overlap at any point in time, the 

product f(n)h(-n) must be antisymmetric in time about 

n=M/2. Furthermore, expression (17) is satisfied if both, 

the lengths of the analysis and synthesis windows are less 

than or equal to K [6]. Expression (17) is a condition to 

avoid time domain aliasing. 

Following a similar reasoning, the analysis of 

expression (14) gives us two conditions. The first one, is 

the condition to obtain the reconstructed signal by 

convolving x[n] with a linear and time variant filter. It is 

obtained particularizing (14) for s=0: 



ˆ x [n] x(n  p)  ̃g n (p)

p 0
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 , 
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(19) 

 

Expression (19) says that the spectral multiplicative 

modifications should be designed taking into 

consideration that they are going to be modified by the 

analysis and synthesis windows. This study is beyond this 

paper. 

In order to avoid time domain aliasing, the filter bank 

must satisfy the following condition: 

 



gm (p) f (n mM )h(mM  n  p sK)  0

m
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(20) 

 

This condition is similar to (17), and is fulfilled if the 

summation of the lengths of the analysis window, the 

synthesis window, and the time domain version of the 

multiplicative modifications, is less than or equal to 

(2K+1)[6]. 

Another condition that should be considered in the 

filter bank design for hearing aids applications is the 

delay. This condition is not imposed by the filter bank 

characteristics, but by the fact that time delays higher than 

10ms are unpleasant [11]. 

These conditions have been applied to the design of a 

hearing aid. The selected DSP implements the Short-Time 

Fourier Analysis by using the WOLA implementation. 

The sampling frequency in this device is 16kHz. 

Therefore, considering that the delay is mainly imposed 

by the frame length and by overlapping factor, the 

following parameters have been chosen to obtain a good 

sound quality: 

 Lengths of the analysis and synthesis windows: 64 

samples. 

 Decimation and interpolation factor, M=32. 

 Number of samples in the frequency domain, 

K=128. 

These values guaranty that there is not time aliasing. 

Despite condition (16) is fulfilled, frequency domain 

aliasing can appear. To avoid this, the filter bank filters 

should be very selective. To fulfill this condition is not 

easy, taking into consideration the delay constraints, 

which depend on the windows length.  



5. CONCLUSION 

In this paper, the condition that the DFT-based filter 

bank should fulfills in hearing aids, in order to avoid time 

domain aliasing have been established. These conditions 

were previously stated in [6] in the general study of the 

short-time Fourier transform.  

We have considered the case where time varying 

spectral modifications are required to compensate hearing 

loss in digital hearing aids. The application of 

multiplicative modification can give rise to time domain 

aliasing. A more restrictive constraint about the lengths of 

the analysis and synthesis windows is necessary. The 

equivalent length in the time domain of the spectral 

modifications should be as lower as possible to minimize 

the undesired effect of time aliasing, and at the same time, 

to allow the usage of longer windows. Longer windows 

can make the design of more selective filters easier, in 

order to avoid frequency domain aliasing.  
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Fig. 1.- Structure of the DFT-based filter band, with spectral modifications 


