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A Reconfigurable Sound Wave Decomposition
Filterbank for Hearing Aids Based on

Nonlinear Transformation
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Abstract—Hearing impaired people have their own hearing loss
characteristics and listening preferences. Therefore hearing aid
system should become more natural, humanized and personalized,
which requires the filterbank in hearing aids provides flexible
sound wave decomposition schemes, so that patients are likely to
use the most suitable scheme for their own hearing compensation
strategy. In this paper, a reconfigurable sound wave decompo-
sition filterbank is proposed. The prototype filter is first cosine
modulated to generate uniform subbands. Then by non-linear
transformation the uniform subbands are mapped to nonuniform
subbands. By changing the control parameters, the nonlinear
transformation changes which leads to different subbands al-
locations. It provides four different sound wave decomposition
schemes without changing the structure of the filterbank. The
performance of the proposed reconfigurable filterbank was com-
pared with that of fixed filerbanks, fully customizable filterbanks
and other existing reconfigurable filterbanks. It is shown that the
proposed filterbank provides satisfactory matching performance
as well as low complexity and delay, which make it suitable for
real hearing aid applications.
Index Terms—Filterbank, hearing aids, reconfigurable.

I. INTRODUCTION

T HE main target of hearing aids is to provide proper
hearing compensation for people with hearing loss.

There are two aspects especially important in this process. The
first one is to decompose the inputting sound waves, which
is achieved by a filterbank. The second one is to selectively
amplify the subband signals. The filterbanks used currently
could be divided into two categories, uniform filterbanks and
non-uniform filterbanks. Much work has been done in the
design of uniform filterbanks for hearing aids [1]–[5]. Due to
the non-uniform scaling of human auditory filtering, uniform
filterbanks cannot provide satisfactory sound compensation for
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hearing loss patients. Therefore, much effort was devoted to the
non-uniform filterbank design. In [6], a 3-subband non-uniform
filterbank was proposed combining with frequency response
masking (FRM) technique. The filterbank achieved lower
complexity compared with uniform filterbanks. In [7]–[9], with
the FRM technique, non-uniform filterbanks were realized.
Half-band filters were used as prototype filters, which further
reduced the complexity. In [10] and [11], a 3-subband vari-
able filterbank was proposed. A prototype Chebyshev type-I
low-pass filter was firstly designed, and then the prototype
filter was converted to the low-pass filter, band-stop filter
and high-pass filter respectively, using the analog frequency
transformations along with a modified bilinear transformation.
The maximum matching errors of the audiograms were ex-
tremely small. It should be noted that “variable” here means
the cut-off frequencies of the parallelizing low-pass, band-pass
and high-pass digital filters are variable. The coefficients of
the filterbank will be modified as the three converted filters
changes. A 16-channel critical band-like spaced filter bank was
proposed in [12]. With the common pre-computational unit, a
set of intermediate values could be shared by all the channels to
achieve low power and small area. In [13], the FIR-based de-
sign of the 1/3 octave filter bank was proposed. The multi-rate
architecture saved both the power and chip size of hearing aids.
A 10-ms 18-band Quasi-ANSI S1.11 1/3 octave filter bank was
proposed in [14]. The inter-band interference was reduced by
a prescription-fitting algorithm.
Filterbanks mentioned above only provides one kind of

sound decomposition scheme. However, the features of hearing
loss denoted by audiograms are different from person to person.
It is meaningful to provide various sound decompositions to
meet the demands of different patients, which implies that the
filterbank needs to be reconfigurable. Here “reconfigurable”
means that different subbands distributions could be obtained
according to the control parameters without changing the filter-
bank’s structure. In [15], a low power digital signal processor
for a digital hearing aid chip was proposed, in which a 3-band
filterbank was constituted with three programmable digital FIR
filters. Each FIR filter had seven available pass-frequencies, so
the filterbank had the same flexibility as seven filters. Com-
bining with voice activity detection, the proposed filterbank
achieved low power consumption. An adjustable filterbank,
which could provide 27 different subbands, was proposed in
[16], [17]. The use of FRM technique together with interpola-
tion and decimation made the complexity of filterbank much
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lower. The ability to distribute subbands flexibly made the
reconfigurable filter banks achieved better compensation than
fixed filterbank. However, the throughout delay of these recon-
figurable filterbanks was too large to meet the requirement of
the hearing aids. In [18], a16-band reconfigurable non-uniform
filterbank was realized by using variable bandwidth filters.
Each subband was implemented as a combination of two
arbitrary sample rate converters and a fixed bandwidth FIR
filter. The reconfigurable filterbank had a better matching error
compared with fixed non-uniform filterbank. Two kinds of
reconfigurable filterbanks designed for multi-standard wireless
communication receiver were proposed in [19] and [20]. The
design methods which had a lower complexity could also be
used in hearing aid systems when their delays were not too
large. In this paper, a low delay reconfigurable filterbank was
proposed. Firstly, a uniform filterbank was designed with the
cosine modulation technique. Then, the uniform filterbank was
converted into non-uniform filterbank by the nonlinear transfor-
mation. This can be done through substituting each delay unit
of the FIR filter with the cascade of all-pass IIR filters. Finally,
by adjusting the control parameter, the reconfigurability of the
proposed filterbank was achieved.
The rest of this paper is organized as follows. In Section II,

the fundamentals of the idea are described. In Section III, the
structure, implementation and gains optimization algorithm of
the proposed reconfigurable filterbank are discussed. Design
process is shown in Section IV. In Section V, examples are pre-
sented to test the effectiveness of the proposed filterbank. Fi-
nally, conclusions are drawn in Section VI.

II. FUNDAMENTALS OF THE IDEA

Before the structure of the proposed filterbank is presented,
the design of cosine modulated filterbank and the nonlinear
transformation will be described.

A. Cosine-Modulated Uniform Filterbank

A cosine-modulated filterbank is de-
fined as (1), where is a low-pass FIR prototype filter with
length is the modulation factor and is the index of the
subband. is a magnitude control factor with for

and for . The -transform transfer
function of is expressed in (2), where .

(1)

(2)

The magnitude response of the cosine-modulated filterbank
is shown in Fig. 1, where and are the passband edge and
stopband edge of the low-pass prototype filter, respectively. It
is suggested in the figure that to make the sum of the magnitude
responses of all the subbands equal to unity, (3) should be satis-
fied. The structure of the cosine-modulated filterbank expressed

Fig. 1. The cosine-modulated filterbank.

Fig. 2. The structure of the cosine-modulated filterbank.

Fig. 3. Nonlinear transformation with .

by (2) is shown in Fig. 2, where is the output signal of
passing through . Coefficients of are shared

in this structure. The details about the module of cosine modu-
lation will be discussed in the following section.

(3)

B. The Nonlinear Transformation

In order to transform the uniform filterbank to a non-uniform
filterbank, the original coordinate axis is mapped to a new co-
ordinate axis by a nonlinear transformation, shown in (4).

(4)

where and are the -transform symbols in the original space
and the transformed space, respectively. is the cascade
of two all-pass filters. Assuming that is the frequency point
in the original space and is the mapped frequency point of
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Fig. 4. Passband generation from uniform filterbank.

in the transformed space, where .
Substituting and into (4), we have

(5)

Solving (5), we have

(6)

where

(7)
(8)
(9)

Let us denote in (4) as

(10)

we have

(11)
(12)

Among the four solutions for (6), only two of them satisfy
(5). For the solutions that satisfy (5), we care about the positive
one. Since can be expressed by , we denote the positive
mapping frequency point as .
Let us illustrate the non-linear transformation by an example.

The transformation described by (5) with is shown in
Fig. 3, in which the frequencies are normalized by .We can see
that is mapped to . The frequencies in
the original space are compressed in the areas where the gradient
of mapping line is larger than 1 and are expanded in the areas
where gradient of mapping line is less than 1. For example,

is compressed into where

and the range is expanded into
where . In general is mapped into

and is mapped to .
In this example equals to .
Substituting (4) into yields a new band allocation as

shown in Fig. 4. It should be noted that one original passband
is mapped into two passbands. In order to separate the mapped
subband pairs to get the individual subband, a low-pass filter

and its complementary filter are used as the masking
filters. Its passband edge and stopband edge can be easily
obtained by

(13)
(14)

where is the right stopband edge of the subfilter

(15)

III. PROPOSED RECONFIGURABLE NON-UNIFORM FILTERBANK

A. The Influence of Parameter a on the Band Allocations
The purpose of this work is to provide hearing aid systems a

reconfigurable sound wave decomposition in accordance with
the hearing loss characteristic of patients. “Reconfigurability”
here means the filterbank provides various band allocation
schemes without changing the coefficients and the structure.
The block diagram of this idea is shown in Fig. 5. It consists of
two parts, passbands generation and masking. By changing the
value of parameter , the non-linear transformation introduced
by (4) changes, which results in different band allocation
schemes as defined in Table I. Here the value of is adjusted
in accordance with parameter . In addition, for different ,
different masking filters are needed.
For a certain , the generated scheme is

related to both and . There are three important observations
about parameter ,



490 IEEE TRANSACTIONS ON BIOMEDICAL CIRCUITS AND SYSTEMS, VOL. 10, NO. 2, APRIL 2016

Fig. 5. The diagram of the idea of “Reconfigurability”.

TABLE I
DIFFERENT BAND ALLOCATION SHEMES

Fig. 6. The value of for different .

1) , that means, the frequency re-
sponse of the non-uniform filterbank with the parameter
is the mirror image at with that of the non-uniform fil-
terbank with parameter .

2) When is not equal to zero, schemes 1, 2 and 3 are all
possible. In accordance with (6), there is a threshold
to determine the schemes. If , scheme 1 is
produced. If , scheme 2 is produced.
If , scheme 3 is produced. The
value of for different is plotted in Fig. 6.

3) Especially, when is a pure imaginary number or equal
to zero, frequency response of the proposed filterbank is
symmetric at . If , scheme 3 is
generated. If , scheme 4 is generated.

B. The Structure of the Proposed Filterbank

In order to use the property of symmetry to reduce the com-
plexity of themasking filters, the proposed filterbank is designed
to provide four band allocation schemes shown in Table I in ac-
cordance with the values of in Table II.
Observation (1) together with the (13) and (14) suggests that

the masking filter for scheme 1 is symmetric at with the
masking filter for scheme 2. Therefore the masking filter for
scheme 2 can be produced by changing the sign of the coeffi-
cients of the masking filter for scheme 1 alternatively. They can

TABLE II
VALUES OF FOR DIFFERENT SCHEMES

Fig. 7. The proposed reconfigurable non-uniform filterbank.

share the multipliers used. Observation (3) suggests that when
is a pure imaginary number or equal to zero, the allocation of

subbands is symmetric to . Therefore half-band filters can
be employed for masking, which will reduce the complexity of
the filterbank greatly. In fact, for scheme 3 and 4, they can share
the masking filter with a narrower transition bandwidth among
the two half-band filters. Based on above analysis, it is possible
to use only two prototype masking filters for all the schemes.
The structure of the proposed reconfigurable filterbank is

shown in Fig. 7. Since changing the cascading order does not
change the output of the filterbank, the masking part is put in
front of the passbands generation part.
The nonlinear transformation is done by replacing the delay

element in the cosine modulated filterbank in Fig. 2 with
. is the half-band prototype masking filter for

scheme 3 and 4. The block based on has two output
ports. The mark “ ” denotes the original output of the half-band
filter and the mark “ ” denotes its complement output.

is the prototype masking filter for scheme 1 and 2. To
extract the subbands of scheme 1, and its complement
filter are used. Since the subbands of scheme 2 are symmetric
at with the subbands of scheme 1, the masking filters for
scheme 2 are symmetric at with the masking filters for
scheme 1. Therefore, there are four ports in the masking block
based on . The meaning of the ports “ ”, “ ”, “ ” and
“ ” in Fig. 7 is listed in Table III. Considering the relation-
ships among the outputs, the target filters could be obtained by
sharing the same set of multipliers and part of the delays. The
details of implementation will be discussed in Section C.
The output of the masking stage is determined by a 1-bit con-

trol parameter . When is chosen and half number
of subbands in low frequencies are extracted. When
is chosen and half number of subbands in high frequencies are
extracted. For each which determines the scheme, equals
to 0 and 1 in turn. Therefore, all the subbands can be obtained.
The outputs of ports and for different schemes are shown
in Table IV. It should be noted that the last mapped subband, as
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TABLE III
THE MEANING OF DIFFERENT PORTS

TABLE IV
THE OUTPUT PORTS FOR DIFFERENT SCHEMES

shown in the bottom of Fig. 4, is also separated into two por-
tions. By simple addition of them, a full subband can be easily
obtained. Overall, the total number of subbands, , is equal to

.

C. Implementation

In this part, let us discuss the implementation of the masking
block, the nonlinear transformation and the cosinemod-
ulation. For the masking block, there are original filter, comple-
ment filter, symmetric filter at and complement filter of the
symmetric filter. All these filters can be implemented by sharing

Fig. 8. The implementation of the making block.

the multipliers as shown in Fig. 8. Therefore, the complexity can
be reduced greatly.
For the implementation of the cosine modulation, let us look

at the output of the filterbank first. The output is expressed by
(16), where is the output of the masking block.

(16)

Due to the periodicity of cosine function, is expressed
as follows, where [see (17)–(19) at the bottom of the page.]
Based on these equations, the structure of cosine modulation

with can be illustrated in Fig. 9. It’s similar for
. Moreover, the multiplier in the end of cosine modulation

can be replacedwith adder for the value of is 1 or 2. Therefore,
the number of multipliers in the cosine modulation is equal to

.
Then, let us discuss the realization of the reconfigurability

of the filterbank. If the parameter is selected elaborately, as
shown in Table II, the reconfigurable structure is possible.
For scheme 1, since , based on (11)

and (12), we have

(17)

(18)

(19)
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Fig. 9. The cosine modulation for .

For scheme 2, since , we have

(20)
(21)

For scheme 3, since , we have

(22)
(23)

For scheme 4, since , we have

(24)
(25)

In accordancewith above analysis, the reconfiguability can be
achieved by the structure shown in Fig. 10. The change of value
of is achieved by controlling the switches, which contributes
to the reconfigurability of the filter bank. for the four
schemes can be realized by adjusting the status of the switches

and . The statuses of the switches for the four schemes
are shown in Table V.
Based on the above structure, the total number of multipliers

in the proposed filterbank is expressed by

(26)

where and denote the length of and ,
respectively. The estimation of the length of FIR filter is per-
formed by the method in [21].

Fig. 10. The reconfigurable module of .

TABLE V
STATUS OF THE SWITCHES FOR DIFFERENT SCHEMES

D. Optimization for the Gains in Each Subband
After getting the 2 subbands with the above filterbank,

optimization for the gain of each subband will be performed to
minimize the maximum matching error between the frequency
response of the whole system and a given audiogram. The zero-
phase frequency response of overall system can be written as

(27)

where denotes the zero-phase frequency response of
the th subband, is the gain of the th subband.
For example, an audiogram for fine hearing is shown in

Fig. 11. The two marked curves denote the hearing thresh-
olds of left ear and right ear, respectively, which
are usually measured in decibels (dB) at the frequencies

. The denser points can
be obtained by linear interpolation in dB, where

(28)

Transform the analog frequency to digital frequency by
, where is the sample frequency. To obtain

the gains for each subband, following cost function should
be minimized.

(29)

The problem in (29) is known as a minimax problem which
can be solved with the function fminimax from the optimization
toolbox provided by MathWorks, Inc [22]. It is important to
note that the recruitment-phenomenon [23] is not considered
here. In a real application, the recruitment- phenomenonmust be
taken into consideration. The gain formulas such as NAL-NL2,
DSLv5, and CAM2 should be used.
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Fig. 11. Audiogram for fine hearing.

TABLE VI
THE PARAMETERS OF THE PROPOSED FILTERBANK

IV. DESIGN PROCESS

There are several parameters needed to be calculated in the
design process. These parameters are listed in Table VI.
The proposed reconfigurable filterbank can be designed with

the following steps.
1) Determine the value of . If at least subbands

are needed, .
2) Estimate the total number of multipliers based on pa-

rameters ( and ) for nonlinear
transformation and the band edges of . This
is done by a global search. For a certain set of

can be firstly obtained by (3). Then based on
and , the band edges of

the masking filters and can be calculated
by (13) and (14), respectively. In accordance with these
specifications, the lengths of the subfilters are estimated by
[21]. Then the total number of multipliers, , is obtained
by (26). Fig. 12 is an example with to illustrate the
relationship between the total complexity and parame-
ters and .
There exists optimum values of and resulting in the
estimated lowest complexity of the filterbank for a certain
. The larger the value of is, the larger the total number
of multipliers is. The larger the value of is, the greater the
difference of the bandwidths (non-uniformity) of the sub-
bands is. Considering both the complexity and the non-uni-
formity, it’s recommended to take the value of between 0
and 0.4. Here the interval of is set to be 0.05. Therefore,
eight sets of are available for the following
design.

Fig. 12. No. of multipliers with different values of and .

3) Find the solution. For each set of , perform the
gain optimization algorithm mentioned above and calcu-
late the minimum value of defined in (29) for different
audiograms. Among the various cases of , we
choose the one with which the average matching error is
smallest.

V. DESIGN EXAMPLE

In this section, three typical audiograms are used to design
the proposed filterbank. The audiograms are obtained from
the Independent Hearing Aid Information, a public service by
Hearing Alliance of America. Three different types of audio-
grams, mild hearing loss in high frequencies (audiogram 1),
mild hearing loss in the whole frequencies (audiogram 2) and
moderate hearing loss in low frequencies (audiogram 3), are
shown in Figs. 13(a), 14(a) and 15(a), respectively. Here, the
right ear hearing thresholds (represented by “O”) are chosen to
be the target of matching.
Suppose we want to design a 7-band system, equals to

3. Altogether 28 different subbands can be generated. The max-
imum ripple and stopband attenuation of the subbands are 0.005
and dB, respectively. The filterbank is realized in accor-
dance with the design process described above. The eight sets
of parameters and the corresponding average matching error
(AME) are shown in Table VII. We choose the filterbank with

which has a better matching re-
sult as the solution. The length of subfilters and

are 25,103 and 103, respectively.
The matching results for the audiograms are shown in

Figs. 13 to 15. The performance of the proposed filterbank
and other types of filterbanks for hearing aids are listed in
Table VIII, where MMME means the minimum maximum
matching error. Compared to the fixed non-uniform filterbank
in [8], the AME and the delay of the proposed filterbank are
reduced by 57.8% and 40.2%, respectively, at the same time
the complexity is also reduced by 15.2%. Compared to the
reconfigurable filterbank in [17], the AME and the delay of
the proposed filterbank are reduced by 28.6% and 73.2%,
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Fig. 13. (a) Audiogram 1: for mild hearing loss in the high frequencies.
(b) Matching result and matching error.

respectively. In fact the reconfigurable filterbank in [17] is not
suitable for a real hearing aid application due to its large delay.
On the contrary, the proposed filterbank can be implemented in
practice since the delay is acceptable though it is at a cost of
complexity compared to that of the filterbank in [17]. We also
listed the experiment results in [10]. The performance of the
proposed algorithm does not outperform the algorithm in [10].
In [10], for each audiogram, a three channel filterbank with a
new set of coefficients is used, which leads to an extremely
low AME and group delay. Such full customization is ideal
but too expensive to be widely used in current applications. In
conclusion, it is shown by the experiments that the proposed
filterbank provides satisfactory matching performance as well
as acceptable complexity and delay, which make it suitable for
real hearing aid applications.
The advantage of the proposed filterbank lies in two aspects.

One is its flexibility that comes from the careful design of a
reconfigurable nonlinear transformation. It provides multiple
choices of sound wave decomposition schemes, which makes it
capable of meeting the different requirements of different kinds
of hearing losses. The other one is that compared with other re-
configurable filterbanks, it has smaller delay, which is crucial
for practical applications. However, due to the usage of non-

TABLE VII
THE RESULTS OF THE PROPOSED METHOD

Fig. 14. (a) Audiogram 2: for mild hearing loss in all frequencies. (b) Matching
result and matching error.

linear transformation, the phase response of the whole system is
no longer strictly linear. Fortunately, the requirement of linear
phase in audio filtering is not as high as that in areas such as
image filtering because human is not sensitive to the phase dis-
tortion [10].

VI. CONCLUSION

This paper proposed a reconfigurable non-uniform filterbank
for hearing aid. The reconfigurable filterbank is based on
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TABLE VIII
THE PERFORMANCES FOR VARIOUS FILTERBANKS

Fig. 15. (a) Audiogram 3: for mild to moderate hearing loss in low frequencies.
(b) Matching result and matching error.

cosine-modulated filterbank and non-linear transformation.
By adjusting the control parameters, four different types of
subband allocations with the same structure are available to
supply various sound compensation schemes. Design examples
showed that the proposed fitlerbank has better matching results
and smaller group delay than recent approaches.

APPENDIX

In this Appendix, we present the derivation of (6) as shown
below.

(1)

After rearranging the formula (1), we have

(2)

By using Euler’s formula in (2) and
making the real part and imaginary part equal to zero respec-
tively, equations (3) and (4) are derived.

(3)

(4)

With (3) we obtain

(5)

By plugging (5) into (4), we get

(6)

By solving the quadratic equation, the following solution is
obtained:

(7)

where
(8)
(9)
(10)
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