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                                      Abstract 
 Currently hearing aid device have constant sound wave plans , 
hence cannot give enough adaptability to the remuneration of 
various listening to impedance cases. In this paper, a 
reconfigurable   filterbank  that comprises of a multiband-era 
square and a sub band-choice piece is proposed. Diverse 
subbands can be created according to the control parameters 
without changing the structure of the filter bank framework. In 
order to reduce the complexity which enables non uniform filter 
bank and frequency response masking technique. The proposed 
filter bank can finish a better planning than the audiogram and 
has humbler complexity differentiated and the changed filter 
bank.. In this RLS channel is connected in which the execution 
of the channel bank is   improved . Recursive least squares (RLS) 
is a versatile channel which recursively finds the coefficients that 
minimize a weighted straight minimum squares cost capacity 
identifying with the info signs and RLS displays greatly quick 
convergence. The standard RLS calculation performs the 
accompanying operations to overhaul the coefficients of a 
versatile channel. Figures the yield signal y(n) of the versatile 
channel and Calculates the error signal e(n). The utilization of 
two half-band FIR channels as model channels  and the 
combination of frequency-response masking technique lead to 
significant savings in terms of number of multipliers. The 
drawback of the proposed method is that the throughput 
deferment is modestly long (>20 ms), which has to be further 
reduced before it can be used as a part of a real listening device 
application. 
Keywords: Recursive least squares, Frequency response 
masking technique, Reconfigurable filter bank ,Adaptive  filter 
. 

1. Introduction 

A listening device is an electro-acoustic gadget, which is 
intended to open up sound, with the point of making 
discourse more clear .[1] A ton of exertion has been 
committed to the configuration of uniform and non-
uniform channel banks for portable amplifier applications. 
However, in a large portion of the cases, it never manages 
expansive variety of listening to misfortunes at mid 
frequencies. This paper introduces a low complex outline 
of a non-consistently divided computerized limited 
motivation reaction (FIR) channel bank for advanced 

listening device application. FRM method is accomplished 
by falling distinctive blends of model channel and its 
added channels to create subbands. The reenactment 
results demonstrates that, the proposed channel bank gives 
120 dB weakening with 13 multipliers as it were. The 
proposed FRM based channel bank can be adequately 
utilized for the audiogram coordinating with huge variety 
of listening to edge in mid frequencies In[2], The multirate 
and re-testing procedures to understand a low-postpone, 
18-band semi ANSI channel bank for computerized 
listening devices, which not just accomplishes a somewhat 
low calculation unpredictability without a huge increment 
in the dormancy, yet diminishes extraordinarily the 
aggregate calculation intricacy for sub- band signal 
handling took after by the channel bank, for example, 
commotion lessening and wide element range pressure 
(WDRC). Specifically, with the proficient multirate and 
added FIR (IFIR) approaches for a 10-ms, 18-band semi 
ANSI channel bank, roughly 93% of the duplications are 
spared, contrasted that and a direct parallel FIR channels 
engineering. contrast with the state of- the-craftsmanship 
semi ANSI channel bank, around 17.7% of  multiplicative 
multifaceted nature is diminished further and, up to 25% of 
the aggregate calculation multifaceted nature for sub-band 
signal preparing taken after by the channel bank is spared, 
yet with just a slight increment in dormancy, i.e. 13.6 ms. 
[3] We portray a 16-channel basic like dispersed, high  
stop band lessening ( 60 dB, 109th 16-request), micro 
power(247.5 W@1.1 V, 0.96 MHz), little coordinated 
circuit (IC) territory (1.62 mm2@0.35-m CMOS) limited 
motivation reaction channel bank center for force basic 
listening devices. We accomplish the low-control what's 
more, little IC territory characteristics by our proposed 
regular pre-computational unit to produce an arrangement 
of pre-ascertained halfway values that is shared by every 
one of the 16 channels. We likewise take advantage of the 
back to back zeros in the coefficients of the channel 
channels, permitting the multiplexers in that to be 
streamlined. At the point when contrasted with a standard 
outline of the same particulars, our configuration 
disseminates 47% lower power and components 37% littler 
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IC region. Acoustic input is a note worthy issue in the 
amplifiers, restricting the greatest addition accessible to the 
client, and making the listening devices waver at higher 
pick  accordingly irritating sounds of whistling,screeching 
or yelling. [4]In this paper, we propose a novel answer for 
nonstop acoustic criticism balance in the advanced 
listening devices. The proposed technique depends on two 
versatile channels working in pair. The mistake sign of the 
primary versatile channel is utilized as a coveted reaction 
for the second versatile channel being energized by a low-
level (steady) test signal. At first toward the start up, the 
primary versatile channel gives a quick meeting, be that as 
it may, its information and sought reaction are associated 
with each other and it might focalize to a one-sided 
arrangement at the unfaltering state. Then again, the 
second versatile channel, however uniting gradually being 
energized by a low-level test sign, would give a decent 
consistent state appraisal of the acoustic input way.. PC 
recreations exhibit the enhanced execution of the proposed 
technique. [5] This paper extends the existing fast RLS 
recursions originally intended to exponentially   windowed 
problems for general models, to a generalized sliding 
window formulation (GSWRLS). For matrix algebra 
perspective, we show explicitly how the displacement rank 
of the underlying inverse covariance matrix associated to 
any operator is defined as a function of the number of 
window breakpoints and how the fast GSWRLS calculates 
these rank factors in a fast manner. The recursions hold 
regardless of the (first order) data structure induced and 
show that fast fixed order and order recursive RLS 
algorithms can still be obtained for unwindowed data 
matrices exhibiting a fixed arbitrary relation between 
successive regressors. .[6] To help develop ultra-low 
power wireless hearing aid products, we investigate the 
integration of subband audio coding with hearing aid 
applications. Both the audio coding and the hearing aid 
application use subband processing, but their requirements 
for the filterbanks are totally different. A joint filterbank 
structure is proposed in this paper to satisfy these 
contradictive filterbank requirements. With this structure, 
the two filterbanks are combined into a single stereo 
filterbank operation, which can be effciently implemented 
on a filterbank coprocessor. This structure substantially 
reduces the computation complexity, power consumption 
and memory usage. The framework contains  a coprocessor 
for effcient execution of oversampled complex balanced 
filterbanks. Because of clashing filterbank requirements by 
these two sorts of sign handling, a joint filterbank structure 
is displayed in this paper.  Contingent upon the setup of the 
filterbank for the portable hearing assistant application, we 
have likewise proposed a choice of perfect filterbanks for 
the codec that can be fitted into this joint filterbank 
structure.   [7]A computationally effective nonuniform 

computerized FIR channel bank is proposed for portable 
hearing assistant applications. The eight nonuniform 
dispersed sub bands are shaped with the assistance of 
recurrence reaction veiling strategy. Two half-band limited 
drive reaction (FIR) channels are utilized as models 
bringing about huge enhancements in the computational 
productivity. The execution of the channel bank is 
improved by advancing the additions for each subband. A 
FIR channel is constantly steady and has a direct stage 
reaction if its coefficients are symmetric. 

2. Digital hearing aid 

The most well-known tangible unsettling influences on the 
World is Hearing misfortune. Computerized portable 
amplifiers turn into a developed approach to offer listening 
to misfortune some assistance with peopling recapture their 
listening capacity. Advanced portable hearing assistant is 
wanted to simple one since it can offer better listening to 
misfortune pay and simple fitting of the amplifier attributes 
to every patient. To intensify the sound specifically then 
exchange the handled sign is the primary capacity of a 
listening device gadget. Much study has been put into the 
configuration of computerized filter bank for specific 
intensification. One methodology is to utilize uniform 
channel banks late research concentrates on diminishing 
the intricacy of the calculations other than the achievement 
of the disintegration Digital hearing aid have much 
advantages over analog systems because of the advanced 
digital signal processing (DSP) algorithms contained is to 
compensate speech, improved intelligibility in noisy 
environment and echo or feedback cancellation. These 
techniques include RLS filter , non-uniform filter banks 
and frequency response masking .In these techniques the 
frequencies of the audio signal are split into different 
bands and then amplification is provided according to the 
different levels of hearing loss. 
 
2.1  Reconfigurable filterbank 
 
"Reconfigurable" implies that the subbands are movable 
air conditioning according to some control parameters 
without changing the structure of the filterbank. The 
proposed filterbank comprises of two squares. One is the 
multiband-era obstruct whose capacity is to create 
greatness reactions having numerous passbands. The other 
square is the subband-determination obstruct whose 
capacity is to separate the craved subbands. Control data is 
sent to both pieces so that the squares can be reconfigured 
as needs .  
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   2.2 Proposed system 
 
 The Recursive least squares (RLS) is an adaptive 
filter which recursively finds the coefficients that minimize 
a weighted linear least squares cost function relating to the 
input signals. This is in contrast to other algorithms such as 
the least mean squares (LMS) that aim to reduce the mean 
square error. In the derivation of the RLS, the input signals 
are considered deterministic, while for the LMS and 
similar algorithm they are considered stochastic. Compared 
to most of its competitors, the RLS exhibits extremely fast 
convergence. The idea behind RLS filters is to minimize 
a cost function. The execution of RLS-sort calculations as 
far as union rate, following, misadjustment, and soundness 
relies on upon the overlooking variable. According to the 
frequency range input acoustic signal the filter coefficients 
will be updated through RLS adaptive algorithm. 
 
 
  2.3 Lattice recursive least squares filter 
 The Lattice Recursive Least Squares adaptive filter is 
related to the standard RLS except that it requires fewer 
arithmetic operations (order N). It offers additional 
advantages over conventional LMS algorithms such as 
faster convergence rates, modular structure, and 
insensitivity to variations in eigen value spread of the input 
correlation matrix. The LRLS algorithm described is based 
on a posteriori errors and includes the normalized form. 
The derivation is similar to the standard RLS algorithm 
and is based on the definition of d(k) . In the forward 
prediction case, we have d(k)=x(k) with the input signal 
x(k-1) as the most up to date sample. The backward 
prediction case is d(k)=x(k-i-1), where i is the index of the 
sample in the past we want to predict, and the input 
signal x(k) is the most recent sample. 

    2.4  Standard rls 

  The standard RLS algorithm performs the following  
operations to update the coefficients of an adaptive filter. 

1.Calculate the output signal 

2.Calculates the error signal e(n) by using the 
following equation: e(n) = d(n)–y(n). 

3.Updates the filter coefficients. 

Use the AFT Create FIR, RLS  to create an adaptive 
filter with the standard RLS algorithm. 

                    

 

 

 3. Adaptive algorithm 

  The basic adaptive algorithms which widely used for 
performing weight updation of an adaptive filter are: the 
LMS (Least Mean Square), NLMS (Normalized Least 
Mean Square) and the RLS (Recursive Least Square) 
algorithm. Among every single versatile calculation LMS 
has likely turned into the most well known for its strength, 
great following capacities and straightforwardness in 
stationary environment. RLS is best for non-stationary 
environment with high joining speed however at the 
expense of higher unpredictability.The Recursive Least 
Squares (RLS) calculation has built up itself as "a 
definitive" versatile separating calculation as in it is the 
versatile channel showing the best meeting conduct. 

    3.1 Adaptive filter  
 Adaptive filter is a system with a linear filter that has 
a transfer function controlled by variable parameters and a 
means to adjust those parameters according to 
an optimization algorithm. Because of the complexity of 
the optimization algorithms, almost all adaptive filters 
are digital filters.Generally the closed loop adaptive 
process involves the use of a cost function, which is a 
criterion for optimum performance of the filter, to feed an 
algorithm, which determines how to modify filter transfer 
function to minimize the cost on the next iteration. The 
most common cost function is the mean square of the error 
signal.As the power of digital signal processors has 
increased, adaptive filters have become much more 
common and are now routinely used in devices such as 
mobile phones and other communication devices, digital 
cameras, and medical monitoring equipment. 
 
 3.2Frequency response masking (FRM) 
technique 
 The frequency-response masking approach is suitable for 
digital filters with sharp transition bands. Compared to the 
classical single-filter design, this technique offers the 
advantage of lower coefficients’ sensitivity, higher 
computation speed and lower power consumption. the 
application of frequency-response masking approach has 
been extended to filter banks to achieve a sharp band-
separation with reduced computational complexity. FRM 
strategy guarantee the extraordinary decrease in the 
quantity of multipliers and adders in straight stage FIR 
channel. It utilizes two half-band channels as model 
channels, which prompts critical investment funds 
regarding number-crunching operations. Further using so 
as to lessen can be accomplished a concealing channel with 
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least request. From the audiogram coordinating result, it 
can be seen that the presentation of non-consistently 
separated channel bank enhances the audiogram 
coordinating particularly for sharp move in listening to 
misfortunes at low and high frequencies. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

   
 
 
 
 
 
 
 
 
 
 
 
 
 
                           Fig 1:Block diagram 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
3.4 Simulation results 
In this the effect of audio signal is plotted.From the 
audiogram matching result, it can be seen that the 
introduction of non-uniformly spaced filter bank improves 
the audiogram matching especially for sharp transition in 
hearing losses at low and high frequencies. 

 
 
                             Fig-2:Audio signal 
 
 
 
In this figure of RLS filter is plotted  with signal value and 
coefficient value signal value  is plotted in y label. The 
desired,output and error signal is obtained  by applying 
RLS filter.Coefficient value is plotted in y label. Actual 
and estimated value is obtained by applying RLS filter. 
   

                              Fig-3:RLS filter 

                Input speech 

Low pass filter/High pass filter 

                  RLS filter 

     Frequency response masking 

           SNR thresholding 

                    Output 

292 
 

http://www.ijiset.com/


IJISET - International Journal of Innovative Science, Engineering & Technology, Vol. 3 Issue 4, April 2016. 

www.ijiset.com 

ISSN 2348 – 7968 

 

Frequency-response masking technique is used to reduce 
the complexity of the filters. The application of frequency-
response masking approach has been extended to filter 
banks to achieve a sharp band-separation with reduced 
computational complexity. 
 

 
 
                 Fig -4: Frequency response masking 
 
 
4. CONCLUSIONS 
 
 The selected Recursive least square filter is used to find 
the coefficients that minimize a weighted linear least 
squares cost function relating to the input signals. The RLS 
exhibits extremely fast convergence. The use of two half-
band FIR filters as prototype filters and the combination of 
frequency-response masking technique lead to significant 
savings in terms of number of multipliers . The proposed 
FRM based filter bank can be effectively used for the 
audiogram matching with large variation of hearing 
threshold in mid frequencies. Frequency-response masking 
technique is used to reduce the complexity of the filters. 
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