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Abstract: A computationally efficient 11 band non-uniform filter bank addressing low or moderately sloping sensorineural hearing
loss - the most common type of hearing problem- is proposed. This structure is suitable for low cost, small area implementations of
hearing aids. The computational efficiency is achieved by adopting the Frequency Response Masking technique, which uses only
two prototype filters with a total of 19 multipliers at 80 dB stopband attenuation for the design of entire non-uniform filter bank. The
computational complexity analysis shows that the proposed method provides about a 70-90% reduction in computational resources
compared to non-FRM methods and about a 40-80% reduction in computational resources compared to the other FRM methods.
The audiogram matching performance analysis shows that the matching error of the proposed filter bank is negligible even without
optimization. The delay performance of the filter bank is acceptable for both Closed Canal Fittings and Open Canal Fittings.
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Racunsko ucinkovit 11 pasoven neenoten filter za
slusno pomoc pri zmerni senzorno-nevralni izgubi
sluha

Izvlecek: Predlagan je racunsko ucinkovit 11 pasoven neenoten filter za slusno pomoc pri zmerni senzorno-nevralni izgubi sluha.
Uporaben je pri ceneni in majhni implementaciji v slusne pripomocke. Racunska ucinkovitost je dosezena s tehniko maskiranja
frekvencnega odziva, ki uporablja le dva prototipna filtra z 19 mnozilniki pri 80 dB atenuaciji. Analiza je pokazala, d apredlagana
metoda dosega 70 — 90% zmanjsanje racunskih operacij v primerjavi z ne-FRM metodami in 40-80% izboljSanje v primerjavi z ostalimi
FRM metodami. Analiza ucinkovitosti avdiograma kaze zanemarljive napake tudi brez optimizacije. Zakasnitev filtra je sprejemljiva tako
za ujemanje zaprtega kot odprtega kanala.

Klju¢ne besede: filter; maskiranje frekvencnega odziva; interpoliran FIR filter, slusna pomoc
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1 Introduction

The pioneering work by eminent researchers in mul- tion, programmability, reconfigurability, noise suppres-
tirate Digital Signal Processing (DSP), as summarized sion, feedback cancellation, and stability of the system
in [1,2], had a tremendous impact on different fields against ageing are some of the critical advantages of
of digital signal processing applications like Hearing digital HA. The significant concerns of HA design are
Aids (HA). Digital HA, as an assistive listening device, group delay, power consumption, size of the device,
has numerous advantages over its analog counterpart. and design complexity.

Flexibility in frequency-dependent speech amplifica-
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Sensorineural Hearing Loss (SNHL) is the most com-
mon type of hearing loss that account for nearly 90%
of the reported hearing loss. SNHL is an irrecoverable
condition, and HAs are the most common type of treat-
ment suggested for SNHL. Among the SNHL patients,
most of the patients are reported with mild or moder-
ate sloping audiograms representing the hearing loss
towards higher frequencies. An example audiogram
of a patient suffering from moderate sloping SNHL is
shown in Figure 1. An audiogram is a graph used by HA
experts to measure the softest sound a person can hear
at different frequencies. The audiogram is recorded for
both the ears. In figure 1, the X" marks represent the left
ear, and ‘O’ marks represent the right ear.

The fundamental block diagram of a digital HA is shown
in Figure 2. One of the critical parts of a digital HA is
a Filter Bank (FB), which consumes almost half of the
chip area and power compared to the other parts. The
cost of implementing the filter bank with FIR filters that
has a sharp transition width increases linearly with an
increase in the order of the filter. Thus the fundamen-
tal philosophy of digital filter bank realization for au-
dio application is to exploit the properties of FIR filters
that result in efficient implementation. The reduction
in computational resources of an HA has significant
impacts on the overall size of the HAs. The size of HA
is a crucial factor in In the Canal (ITC) and Completely
in the Canal (CIC) HAs. The reduced computational re-
quirement has multifold advantages like low power
consumption, which is essential for battery operated
low power HAs, and low-cost implementation.

An attempt to reduce the arithmetic operations in FIR
filters, compared to direct form and linear phase imple-
mentation, by exploiting the redundancy of the filter
coefficients, has resulted in a new class of filter imple-
mentation known as Interpolated FIR (IFIR) filter [3].
The main idea is to cascade an upsampler with an inter-
polator to create a sharp cut off filter using lower-order
prototype filters. Another technique based on the IFIR
to create sharp transition FIR filters known as Frequen-
cy Response Masking (FRM) is introduced in [4]. It is
shown in [4] that proper ‘masking and recombining’ of
the interpolated filter output, and its complementary
output, can effectively reduce the cost of implementa-
tion of sharp filters at the expense of a specific delay
added to the system. The same authors extended the
work for audio equalization with a tree structure of Fil-
ters [5] to obtain reduced arithmetic operations for the
realization of sub-filters. The advantage of FRM is that
it will create filters with sparse coefficient values, which
reduces the cost of implementation of the digital filter
bank.
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Figure 1: Sample Audiogram for Moderately sloping
SNHL
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Figure 2: Block Diagram of a Digital Hearing Aid

Based on the above-discussed works, an eight-band an
eight band IFIR filter bank for HAs has been proposed
in [6]. The required frequency bands are created using
half band complementary interpolated linear phase FIR
filters. The frequency bands generated out of the struc-
ture was uniform in nature. One disadvantage of this
method is that the delay of various frequency bands
will vary, and it is required to use proper delay adjust-
ments for a suitable group delay.

The idea of non-uniform filter banks is introduced in
the papers [7-8] to match the non-uniform frequency
characteristics of the human auditory system. They are
based on FRM, half-band, and Complementary IFIR filter
techniques. The above filter banks use only 2 Prototype
Filters to realize the non-uniform filter bank. Improved
version of the same idea using a different number of
prototype filters for increased number of frequency
bands are available in [9]. These implementations ad-
dress the problems of hearing loss at high frequencies
by allocating more bands at higher frequencies. A multi-
branch FRM scheme, which is an improved version of [9],
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is introduced in [10]. It has two or more than two Proto-
type filters, and an interpolated version of the same fre-
quency masking filter is used to generate the required
16 bands NUFB. In this work, multiple prototype filters
and multiplier sharing scheme is utilized to reduce the
delay and complexity. However, uniform symmetric fil-
ter banks are used at the lower frequency and higher
frequency region, which do not follow the octave band
splitting scheme. The allocation of more bands at the
higher frequency does not provide any added advan-
tage but increases the complexity of the overall filter
bank structure. Also, the multi prototype approach in-
creases computational resources and the number of
multipliers required to implement the design.

Reconfigurable FRM approaches to design NUFB are
introduced in [11-13]. Combining different sub-band
distribution schemes, these filter banks can provide a
variety of band splitting choices at the expense of in-
creased computational resources and delay. Various in-
novative ideas are presented in [12-13] to reduce the
complexity of the design, which in turn resulted in in-
creased group delay of the Filter Bank Structure. FRM
approaches that can shape the frequency gain accord-
ing to the NAL-NL1 prescription formula, at 1/3 octave
frequencies provided by the ANSI S1.11 standards are
introduced in [14-17]. The stringent constraints by the
above specifications make the design of the filter bank
very complicated. Realizations based on relaxed speci-
fications of the above prescription formula can reduce
the delay as explained in [15-16].

Other classes of Filter banks are Modulated filter banks
and Farrow Structure filter banks [18-20]. They use
various approaches of multirate signal processing and
optimization techniques to obtain improved delay per-
formance and matching error at the expense of com-
plicated filter bank structure and computational re-
sources. The reported results show that these designs
require a vast number of multipliers and adders, which
makes the filter bank structure power-hungry among
all the other hardware components of the HAs.

The major contributions of this paper can be summa-
rized as follows (i) Evolution of Interpolated Filter Bank
for Implementation in HA is thoroughly reviewed (ii) Ma-
jor design constraints for a filter bank in HA are deeply
evaluated (iii) A computationally efficient filter bank
structure for mild and moderately sloping SNHL audio-
grams is proposed (iv) Detailed design considerations of
the proposed filter bank is explored and the same is ex-
plained with a design example (v) Experimental results
of the proposed filter bank with other state-of-the-art
filter bank architectures available in the literature are
compared. The rest of the paper is organized as follows.
In section 2, significant design constraints for digital HA
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is briefly explained. These constraints are set by different
results and conclusions from recent research in the field
of Audiology. The structure and design of the proposed
filter bank are detailed in Section 3. Experimental results
are presented and thoroughly analyzed in section 4. The
results are compared with other works on filter bank de-
sign for HA reported in the literature and are discussed.
The conclusion is drawn in section 5.

2 Design constraints of filter bank
implementation in HAs

This section briefly explains the design constraints to be
considered for a Filter bank used in a digital HA. The pa-
rameters described in this section need to be carefully
analyzed by signal processing engineers and VLSI engi-
neers for the efficient implementation of filter banks.

2.1 Effect of group delay in HAs

The usability of an HA is much dependent on the pro-
cessing delay or group delay of the device. The two
types of HA fittings usually employed in hearing-im-
paired patients are Open Hearing Aid Fitting (OHAF)
and Closed Hearing Aid Fitting (CHAF). Examples of
OHAF are Behind the Ear (BTE), and examples of CHAF
are ITC and CIC type HAs. Research [21] shows that the
delay difference of more than 5-10 ms can cause the
‘Comb-Filtering effect’for the HA user. This effect is due
to the superimposition of direct sound and amplified
sound. The study conducted in [22-24] shows that a
delay difference up to 30 ms is acceptable in the case
of CHAF. The demand for CHAF has diminished in the
past decade due to the ‘Occlusion effect’ usually found
in such devices. Audiologists found that [25] occlu-
sion effect is prominent if the delay is more than 10ms.
Thus the delay difference of 10 ms between the actual
sound and processed sound remained as an unofficial
standard among HA engineers and audiologists. Active
occlusion algorithms [26] can improve the situation in
CHAF and increase the limit of tolerable delay in CHAF.
A recent study in this area [27] shows that hearing-
impaired users have significantly higher delay toler-
ance than ordinary people. Thus up to 20 ms delay is
acceptable for hearing-impaired subjects in the case
of CHAF. However, an increase in a processing delay of
more than 30 ms can cause disruptions in audio-visual
integration [28] and question the usability of the HA.

2.2 Effect of number of frequency bands
Increasing the number of bands for proper frequency

compensation have a direct relationship with the pro-
cessing complexity and delay of an HA. It is evident
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from the findings in [29] that for a moderate slope
audiogram, four bands are adequate to provide flex-
ible frequency shaping. However, audiograms with
steep slope require more number of bands, and the
frequency shaping accuracy increased significantly for
seven bands. An extensive study conducted on 957 au-
diograms in [30] shows that the ideal number of bands
required for HAs varies for an audiogram. However, a
nine-band HA can accommodate the frequency shap-
ing problem of most of the audiograms. According to
the findings in [31], the number of bands required for
steep audiograms lies between 9 to18. It is also shown
in some studies [32] that the frequency shaping perfor-
mance remains constant after eight bands for moder-
ately sloping audiograms.

The filter bank in HA imitates the logarithmic percep-
tion of the basilar membrane in the ear and has narrow
frequency resolution at lower frequencies compared to
higher frequencies. Thus more number of bands need
to be allocated at the lower frequencies. Increasing the
number of bands at high frequencies does not have any
proven advantage; instead, it increases the processing
complexity and delay. These findings are explored in
this work to design the proposed filter bank.

2.3 Effect of Matching error

In HA, hearing loss is compensated by adjusting the
gain of the filter bank. The mismatch between pre-
scribed gain and actual ear gain can cause discomfort
to the HA user. The error mainly depends on the num-
ber of frequency bands and the flexibility of gain ad-
justment. The term ‘matching error’is used to quantify
the difference between the prescribed gain and gain
adjustment curve provided by the filter bank. This is
a measure used to analyze the performance of filter
banks in HA. According to work reported in [33], the
maximum matching error permitted for a filter bank
is £5dB. Since there are chances of human error dur-
ing HA fitting, it is always safe to limit the maximum
permissible matching error as +3dB. The filter bank
research articles explored in the introduction section
[7-8, 12-13, 15-16, 19-20] targets to limit the matching
error of the HA between +3 dB and +5 dB.

2.4 C()mpumtional constraints

A significant factor affecting the customer satisfaction
of HA is battery life. A study conducted in [34] shows
that DSP processing hardware is responsible for about
70% of the energy consumption in a digital HA. Thus
the critical component responsible for the power con-
sumption among other DSP structures in HA is Filter
Bank. Many of the work discussed earlier in this section
[10, 12-16] have explored low power implementation
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strategies suitable for filter banks. Research shows that
[35] HAs are more likely to be accepted if their benefit
per unit of cost to the user is more.

Based on the analysis performed on the past research
on VLSl signal processing [3-20] and audiology [21-37],
the parameters that need to be considered for Filter
Bank Design in Digital HA are summarized in Table 1.

3 Proposed filter bank

The proposed 11 bands filter bank is derived from a ba-
sic version of 12 bands filter bank which meticulously
follows the 1/3 octave frequency splitting. The 11 band
filter bank has a significant delay advantage over 12
bands basic version. In this section, the fundamental
design of the 12 bands filter bank is presented and the
design of the 11 band improved version is discussed.
As shown in Figure 3, the proposed 12 bands filter bank
is designed using a Double Prototype FRM scheme.
This scheme is an advanced version of the IFIR scheme
discussed in [3] and [4]. It has advantages over a multi
prototype scheme [10] in saving the additional compu-
tations to design more number of sharp transition FIR
filters.

So far, in the literature, we can see various filter bank
schemes ranging from 8-17 bands. However, our pro-
posed design can optimize the computational resourc-
es and keep the other parameters like delay and match-
ing error within acceptable limits, making it suitable for
low-cost implementations of HAs. Even the

Table 1: Summary of design constraints for filter bank
design in HAs.

Parameter Requirement

Capability to adjust the Mag-
nitude Response

Non-uniform suitable for the

Audiogram Matching

Frequency Response

Characteristics human ear
4-8 for moderately sloping
Number of frequency |Audiogram
bands 9-18 for steeply sloping
Audiogram

Computational Cost | Less Number of Multipliers

Less than 20 ms for closed

Group Delay fittings and Less than 10ms
for open fittings
P Suitable for Battery operated
ower )
working
A Suitable for ITC and CTC
rea

hearing aid size
Less than +5dB

Matching Error
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Stop Band Attenua-
tion
Phase Response

Greater than 60 dB

Linear Phase
8 kHz for Normal HA

Bandwidth 10-12 kHz for Advanced high
Fidelity HA
Aliasing Inbuilt Cancellation

16 band filter bank designed in [10] can also be de-
signed in this approach. However, our analysis shows
that the additional bands realized in the high-frequen-
cy region do not have much effect on the audiogram
matching; instead, it introduces compuataional over-
head in the overall filter bank structure.

The selection of the sub-bands is made by keeping
three objectives in mind. (i) To match the non-uniform
characteristics of the human ear by providing 1/3 oc-
tave splitting for the frequency region for satisfactory
audiogram matching (ii) Reduce the unnecessary com-
putations in the filter bank, especially in the high-fre-
quencies and (iii) Keep the overall delay of the filter
bank within the acceptable limit. The primary 12 band
structure proposed is suitable for CHAF fittings in which
up to 20ms delay is acceptable. To make the structure
ideal for OHAF, we have proposed the second structure,
which reduces the delay by removing a higher-order
interpolation filter branch at the low-frequency region
of the basic 12 band NUFB.

3.1 Structure of the Proposed filter bank

The structure of the Proposed filter bank is given in
Figure 3 is motivated from 1/3 octave splitting of
frequencies. The cut-off frequencies of the proposed
structure are determined based on different considera-
tions like minimum matching error and computational
resources. From the structure, it can be seen that only
two Prototype Filters H, (), H,(2), and their interpolated
versions are utilized to obtain the required 12 bands.
In this scheme, prototype filters have two roles (i) Band
edge frequency shaping and (ii) Frequency masking.
Hence this approach can be called a double prototype
FRM scheme. In order to achieve high resolution at low
frequencies, a sharp transition filter is required, and
that leads to the use of a maximum interpolation factor
of 12 in the proposed 12 band filter bank. The transfer
functions and cut off frequencies of the 12 sub-filters
used in the proposed structure is given in Table 2.

An exciting finding from the analysis of low or moder-
ately sloping audiograms is that the slope of the audio-
gram is less at low frequencies, and removal of the first
band which uses an interpolation factor of 12 does not
affect the matching error in a more significant manner.
Thus we have also found that removing the first band
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from the structure will result in an 11 band structure,
which can significantly improve the delay performance
while keeping the matching error satisfactory in the
low-frequency region (250Hz-500Hz). The 12 band
structure can be used for audiograms with larger slope
at 250Hz region, and the 11 band structure can be used
for zero slope audiograms at the 250Hz region, respec-
tively.

Generally, a single filter can be used to compensate for
the frequency in the region from 4000Hz to 8000Hz.
However, this can lead to a significantly large matching
error in the high-frequency region. Traditionally IFIR
and FRM schemes adopt a symmetric structure in both
low pass and high pass regions. The symmetric nature
of the frequency bands is because the frequency bands
required for high frequency regions are derived from
the complementary filter approach [7]. However, we
have found that providing four bands with a band-
width of 1000Hz in the region from 4000-8000Hz is
sufficient to provide adequate matching performance
in the high-frequency region. The removal of unneces-
sary symmetrical branches at high frequencies reduced
the number of adders in our implementation contrary
to other implementations. The reduction of the total
number of adders in the filter bank has a slight advan-
tage of reduced computational complexity and signifi-
cant advantage of reducing the adder dependent criti-
cal path delay in the output stage of the filter bank.

The graphical representations of the low pass filter re-
sponses (A -A,) and its corresponding complementary
responses of the selected branches (B,-B,) are shownin
Figure 4. From the figure, it can be seen that the high-
frequency regions require only four complementary
filters with reduced interpolation factor of maximum 4.
By performing suitable subtraction of the branches, we
can obtain the sub-bands (C,-C, and D,-D,), as illus-
trated in Figure 4 (b). The 11 band filter bank will have
the first low pass cut off frequency at 500 Hz instead of
250 Hz in 12 band filter bank, as shown in Figure 4 (c).
Figure 4 (d) represents the formation of Sub bands in
11 band filter bank by suitable addition and subtrac-
tion of the filter responses. The cut-off frequencies of
the Prototype filters H,(2) and H,(z) in both the struc-
tures are 4kHz and 3 kHz, respectively. These prototype
filters can produce interpolated versions of the filter
response with cut off frequencies 2kHz, 1.5kHz, 1kHz,
750Hz, 500Hz, and 250 Hz.

3.2 Design of the Proposed filter bank

The implementation of the proposed filter bank is
based on eight low pass filters denoted as A (2) where
i=1....8and four high passfilters denoted as Bj (z) where
j=1..4.The 12 sub bands are generated by the subtrac-
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tion of the high pass and low pass filters as shown in
equation (1) and (2).
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Figure 3: Structure of the proposed Filter Bank
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A (2), =1

C@= {Ai @A, (2), i2,...8

BJ(Z)_BJ’H(Z): jzl,..,?}

. )
Bj (Z)9 J:4

Dj(Z)_{

Where C(2) represents the sub bands in the frequency
range OHz- 4KHz and D,(2) represents the sub bands in
the frequency range 4KHz-8KHz. A(2) and B,(2) repre-
sents the low pass and high pass filter responses de-
rived from the prototype filters H,(2) and H,(2).
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Similarly, the general expressions to derive the bands
in the 11 sub bands in the optimized filter bank is given
by equation (3) and (4).

A. . (2), i=1
Ci (Z)= 1+1( ) .
A, (2)-A(2), 1=2,...,7

Dj(z)={

The filter responses H, (2 and H,, (z) required to gen-
erate the high pass filter bands as shown in Table 2 is
derived from the equation given in (5) and (6).

3)

B,(2)-B,,(2), j=1,..,3

5 @
Bj (Z)a .]_4

N-1
H(z)=z* -H,(2) ®

H,, (Z) =H,(-2)

It can be seen from the analysis that the delay perfor-
mance of the filter bank directly depends on the sam-
pling frequency of the input signals. Suppose we want
to design a 12 band non-uniform filter bank whose
frequency range is from OHz to 8kHz. The sampling
frequency should be greater than or equal to 16kHz
(2f ) in order to satisfy the Nyquist sampling criteria.
However, modern HAs are using other sampling rates
like 20kHz and 24 kHz also for the high fidelity listening
experience.

(6)

The design parameters that need to be determined
for the required audiogram matching include gains
for each sub-band, transition bandwidth for each pro-
totype filters, and the group delay of the overall filter
bank. The gain of each sub-band depends on the type
of audiogram to be matched. The proposed filter bank
is designed by keeping low or moderately sloping
SNHL audiograms as targetted audiograms. In order to
achieve high resolution in the low-frequency region,
sharp transition width filters are required and which
significantly increases the order of the filter bank. In
our approach, the interpolation and frequency mask-
ing is used to overcome this limitation and to produce
sharp filters. It is a known fact that interpolation factor
M of a filter introduces M replicas of the prototype filter
with sharp transition bandwidth [1-2,5]. It is required
to mask the unwanted replicas due to interpolation,
and that is the reason for using Prototype filter for both
frequnecy band creation and masking.
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Table 2: Cut off frequencies and Transfer functions of
sub bands in the filter bank

Band E;iqguee(r;-% Transfer Function
Al 0-250 H,(z'?)H,(z*)H.(z)H,(2)
A2 0-500 H,(z8)H,(z*)H,(z)H.(2)
A3 0-750 H,(z*)H,(z?) H,(2)

A4 0-1000 H,(z*H,(z) H,(2)

A5 0-1500 H,(z%) Hi(2)

A6 0-2000 H,(z%) H,(2)

A7 0-3000 H.,(2)

A8 0-4000 H:(2)

B1 4000-8000 |H,.(2)

B2 5000-8000 |H.(2)

B3 6000-8000 |H,(z)H,c(2)

B4 7000-8000 |H,(z*)H,(z?) Hic(z)

A.  Gain Adjustment of Sub bands and Calculation of
Matching Error

The gain adjustments for different filters in the filter
bank are performed as given below.
Let

pP= [pl sP25P35-- 5PN ]T (7)

M=[C,.C,, ....C;.D,.....D, ] (8)
Here, P is the sampled audiogram with N data points.
The value of i, sample of P is p. Similary C, is the sam-
pled magnitude response of the filters in the frequency
region between OHz and 4KHz and D, is the sampled
magnitude response of the filters in the frequency re-

gion between 4KHz and 8KHz.

Assume that the gain of each band is givenas g, (i=1,2,
., 12) and C, is the magnitude response of the kth sub
band (k= 1,2, ..., 8) in logarithmic scale. D, is the mag-
nitude response of the 8 + k, sub band (k=1,2, ..., 4)
in logarithmic scale as showin in equation (9) and (10)

T
G:[gl 82> g3a---ag12] ©)
Co =4 15C2:Cis0e - -Cn |, K=1,2,...,8 (10)
D, =[d, ;,d\5, di 5. d 1, k=1,2,...,4 (11)

The matching curve can be obtained by summing the
magnitude response of all the filters in the filter bank
after performing the required gain adjustment suitable
for the audiogram. The matching curve, S is given by,

g 4
Szzcigi +2Dig8+i
il i1

The matching error is obtained by finding the differ-
ence between the audiogram and the matching curve.

(12)
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The matching error, E is given by,
E=P-S
The maximum absolute error in dB is given by

E . =max |P-S|

Different optimization schemes can further optimize
the matching error. In [10] minimax optimization
scheme applied and in [8] minimum least square er-
ror scheme is applied to optimize the matching error.
Since our matching error results fall under an accepted
matching error limit, we have presented our results
without optimization. In all the works reported, on av-
erage, the optimization can reduce the matching error
by about 40-50%. Hence it is evident that optimization
can achieve better matching in the proposed design
also, which makes it suitable for computationally effi-
cient low-cost implementation with a better matching
result.

(13)

(14)

B.  Calculation of Transition Bandwidth of the Filter
Responses

In order to obtain proper passband for each subband,
the stopband edge of A | must be smaller than the pass-
band edge of A (i.e the value of x should be less than
the value of y as shown in the below Figure 5). To satisfy
the above condition, the transition bandwidth of both
the prototype filters is selected to be equal. To deter-
mine the required transition width for the proposed fil-
ter bank structure, the filterbank is designed for different
transition bandwidths varying from 0.3kHz to 1.5kHz
and corresponding matching errors are noted. A table
showing the effect of Transition width on the Maximum
Matching Error (MME) of the Audiogram is given in Table
3. The Transition width and the maximum matching er-
ror without optimization is presented.

From Table 3, it is observed that the minimum match-
ing error is obtained when the transition bandwidth is
1 kHz. The second minimum matching error occurs at
1.2 kHz. Also, it is observed that the matching error de-
creases with the increase in the transition bandwidth
up to 1 kHz. Further increase in transition bandwidth
worsens the matching error due to overlap among dif-
ferent bands, especially in the low frequency where
the sub-bands are narrow. From the analysis, 1KHz is
,h Ai_] A

i

Magnitude

v

X
Figure 5: Method of generating the Sub bands

Frequency
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selected as the best suitable transition width for mini-
mum matching error. However, it can be shown that
the computational resources can be reduced if we
select the transition bandwidth as 1.2 kHz. This is be-
cause, from Table 3, it can be seen that the number of
non-zero coefficients required to implement the two
prototype filters is 19 for transition width 1kHz, and
that is 14 for transition width 1.2kHz.

These 19 non zero coefficients are responsible for the
multiplications in the filter bank, and it also affects the
group delay of the filter bank. However, the transition
width of 0.8kHz increases the computational require-
ments by 50%, and the transition width of 1.2kHz de-
creases the computational requirement by 25%.

C.  Delay Analysis of the Filter Bank

The delay of the proposed filter bank T, can be calcu-
lated using the following equation.
T,=T,+T, (15)

Where T, is the delay of generating multiple bands
by interpolation and T_ is the delay of masking filters,
which is used to separate the required low pass or high
pass version from the multiple bands.

For a linear phase interpolated filter H (zM), its group
delay is given by

o

S
Where, L is the length of the prototype filter, M is the
interpolation factor and fs is the sampling frequency.

(16)

In the proposed 12 band filter bank structure, the maxi-
mum delay is found at the lowermost branch, which is
used for generating the narrow band filter C,(2). Since
the entire branch is derived from a single prototype fil-
ter, the total delay is given as

_[L'l](M1+M2+M3+M4)
tot [ 7 J £

S

(17)

Where M,, M,, M, and M, are the interpolation factors
of H,(z12), H,(z4), H,(z2), and H, (2), respectively, L is the
length of the prototype filter H, (z). By substituting the
values for M, M, M, and M, we get

For 12 Band filter bank,

L-1](12+4+2+1) [L-1]19

ttot = - (1 8)
2] f 1211,

For 11 Band filter bank,
L-1](8+4+2+1) _[L-1]15

ttot = - (1 9)
2] f 1211,

S
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Therefore, the delay of the filter bank for 1kHz transi-

tion bandwidth (L=27) is ﬁ and the delay of the filter

bank for 1.2 kHz transition bandwidth (L=21)is 150.

Table 4 summarizing the delay of the proposed 12
band and 11 band filter banks for different sampling
frequencies and transition widths.

D. Design Example

In our proposed design, we are using only two proto-
type filters. The design of an FRM filter bank with more
number of prototype filters can reduce the processing
delay at the cost of increased computational resources.
A single prototype filter may add a limitation to the de-
sign as it is required to provide frequency band shap-
ing and masking. Hence it is required to select the cut
off frequencies of the filters in such a way that it can
be used as both band shaping filter and masking filter.

Table 3: Effect of Transition width on Maximum Match-
ing Error (MME)

c - g
2o (225

ZE5|858

583|500

i o

0.3 kHz 80 20 38 58 2.0362

0.5 kHz 52 14 24 38 1.7346

0.8 kHz 38 10 18 28 1.3527
1 kHz 26 7 12 19 1.1107

1.2 kHz 20 5 9 14 1.3756

1.5 kHz 13 4 6 10 1.5274

Table 4: Delay of Proposed Filter Banks for different
sampling frequencies.

Delay of 12 Band

Delay of 11 Band
Filter Bank (ms) Filter Bank (ms)

Transition widths
|1kHz  [1.2kHz |1kHz [1.2kHz
9.4

Sampling
Frequency

16 kHz 15.4 11.9 12.9
20 kHz 12.35 9.5 9.75 7.5
24 kHz 10.3 7.9 8.12 6.25

Now, different low pass filter bands are designed us-
ing interpolation of prototype filters. High pass filters
are derived from the complementary approach and
half band approach are used to reduce the coefficients.
Appropriate filter bands are used to mask the filter re-
sponses. The audiogram matching is performed with
different transition widths. A base transition width is
selected which reduces the matching error. Different
optimization techniques can be used to obtain better
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matching results. Commonly used optimization meth-
ods are min-max optimization [10] and minimum least-
square optimization [8]. The optimization process
needs to be incorporated into the HA fitting software,
which makes the overall HA fitting process complex
and costlier. Hence we have presented our results with-
out optimization and are comparable with the results
obtained through various optimization schemes.

Delay of the filter bank is depending on the order of the
prototype filter and the maximum interpolation factor
used in a particular path. Decreasing the order of the fil-
ter can improve the delay, but that worsens the match-
ing performance of the filter bank. The tradeoff between
matching error and delay is analyzed, and the order of
the Prototype filter is fixed. Once the bands of the filter
banks are obtained, it is required to individually adjust
the gain for each band based on the audiogram.

4 Experimental results and discussion

4.1 Selection of audiograms
4.1 Select liog
o

In order to verify the effectiveness of the proposed de-
sign, we have examined the performance of the pro-
posed filter bank against four standard audiograms of
SNHL patients as given in Figure 6. These Audiograms
are taken from Independent Hearing Aid Information,
a public service by Hearing alliance of America [38]. All
the works compared in this work have used the same
audiograms to compare the efficiency of their design.
Out of the eight different audiograms available, four
are considered for evaluation. These four audiograms
are selected based on the criteria of the proposed de-
sign, that is, the proposed filter bank design is for mild
or moderate sloping Audiograms. Out of the four, two
audiograms representing mild sloping and the other
two represent moderate sloping audiograms. Since the
remaining four audiograms available in the database
are notched audiograms with substantial variation in
middle frequencies representing rare cases of hearing
loss, they are not considered for evaluation in this work.
A brief description of the audiograms considered for
evaluation is given below.

The audiogram represented as Type 1 is the most com-
mon type of audiogram found in aged people. This au-
diogram represents typical SNHL Hearing loss. In this
hearing loss, the HA should leave the low-frequency
region untouched and provide mild and moderate am-
plifications to the sound at middle and high frequencies.
The audiogram represented as Type 2 is another com-
mon audiogram but represents mild to moderate hear-
ing loss in the low-frequency region. We can see that the
hearing loss in the high-frequency region is minimal. The

effect of such a hearing loss is the loss of loudness, and
the patient may be unaware of some natural sounds or
sounds in various conversations. Type 3 audiogram is
commonly found in people working in noisy environ-
ments. Like in Type 1, in the low-frequency region, it is
required to perform only very low amplification. Type 4
audiogram represents total hearing loss at high frequen-
cies. People with this class audiograms have moderate
hearing loss at low frequency and high hearing loss at
middle frequency. Since there is a total loss at high fre-
quency, the hearing range of the patient will be minimal.

4.2 Simulation results

The simulation of the proposed filter bank and matching
of the audiograms are performed in the Matlab R2017b
environment. The Low pass and high pass versions of
the sub-band filters are designed, as explained in the
previous section. The individual sub-bands are separat-
ed using masking, and the corresponding 12 band and
11 band filter banks are generated. The transition bands
of the filters are adjusted in such a way that minimum
matching error will be obtained for Type 1 Audiogram.
Once the Filter banks are designed, Gain matching is
performed for each Audiograms from Type 1 to Type 4.

The Low Pass and High pass versions of the Filters for
12 bands and 11 band filter banks are given in Fig-
ure 7(a) and 7(b). These subfilters are subtracted in
the proper order to generate the required filter bank
structure as shown in Figure 7(c) and 7(d)The match-
ing curve is plotted against the audiograms after the
gain adjustment to calculate the matching error. From
the matching Curve, Matching error is plotted to cal-
culate the Maximum Matching Error (MME) for each
audiogram. The Matching Curve and Matching error
corresponding to each audiogram are given in Figure
8. It can be seen from the simulation that the matching
performance of the proposed filter bank is reasonable
for all the audiograms. The audiogram matching is per-
formed and presented without optimization. From the
matching curves, it can be seen that both the 11 band
and 12 band filter banks follow the same matching
curve except at the beginning of the audiogram. We
have also evaluated the performance of 10 band filter
bank, that can be achieved by removing one more low-
frequency band in the region 500Hz - 750 Hz. However,
it does not have any computational or delay improve-
ment; rather, it increases the matching error. Thus we
have obtained the optimum number of bands that can
give better results in this approach as 11 bands.

It can be seen from the matching curve that this ap-
proach flexibly following the audiogram of the hear-
ing impaired person of Type 1 and Type 2 audiogram,
which is the most common type of hearing loss, ac-
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counts for a major portion of hearing loss in the world.
However, the matching error slightly increased for Type
3 and Type 4 audiograms due to the increased slope in
the lower and middle frequencies. The MME is largely
contributed by the low-frequency region and middle-
frequency region, and the high-frequency region fre-
quency region has less impact on the MME. The best
matching is achieved for Type 2 audiogram followed by
Type 1, Type 3, and Type 4.

All the matching error falls under the acceptable limit
of £5dB, which indicates that the proposed filter bank
structure is suitable for sloping audiograms. However,
the proposed scheme is not susceptible to large slope
variation in the middle-frequency region. This is due
to the fact that FRM scheme uses larger bands in the
middle frequency region compared to the lower and
higher frequencies. The matching performance can be
further improved by allocating more number of bands
in the middle frequency region, but it will eventually
result in an increased number of multipliers and in-
creased group delay of the HA.

Frequency in Hz Frequency in Hz

4.3 Performance comparison and discussion

A detailed comparison of the proposed filter banks
with existing filter banks is given in Table 5. The com-
parison is made with both FRM based and non-FRM
based techniques. From Table 5, it is evident that the
proposed filter banks use less computational resources
compared to the other techniques. The MME of the
proposed filter bank is also superior to the other tech-
niques except [15]. However, comparing the computa-
tional resources, the implementation of [15] requires
more number of multipliers and the delay is also com-
paratively high. It is to be noted that the MME of [8]
and [10] given in the table are optimized results. Opti-
mization of the proposed filter bank also can provide
comparable results with [8] and [10]. However, it is not
included in the table as it is not a usual practice in HA
fitting process. All the reported works except [8] pro-
vide acceptable matching performance for all the au-
diograms. However, the matching performance of [8]
for Type 3 and Type 4 audiograms is not acceptable for
real time implementations of HAs.

Frequency in Hz
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Figure 6: (a) Type 1 (b) Type 2 (c) Type 3 (d) Type 4 Audiograms

Table 5: The Comparison of non-uniform Filter Banks designed for Hearing Aids

Maximum Matching Error (MME)
for Different Audiograms (in dB)

Filter bank

Delay (ms)

Computational Re-
source Requirement

Type 1| Type 2 | Type 3| Type 4 | #Multipliers | #Adders |f=16kHz |f=20kHz |f.=24kHz

Cosine Modulated [18] N 249 | 2.19 - - 192 384 - - -
Reconfig. 1 [12] e ; } } 90 190 29 232 1033
Reconfig. 2 [13] vy | - : } } 76 170 121 .68 8.07
Farrow 1 [19] N | 245 | 167 | - } 216 432 11 0.88 073
Farrow 2 [20] N | 260 | 151 | 296 : 138 276 13 104 0.87
QANSI[15] N | - | 01 | 06 } 226 452 15 12 10
QANSI 1 [16] N | 428 | - } } 64 128 | 16.88 135 11.25
QANSI 2 [16] N | 118 | - } } 72 144 | 1881 | 1507 | 1256
FRM 8 band [8] vy | 083 | 211 [ 1413 | 964 18 36 12.8 1024 | 8533
(Optimized)

FRM 16 band [10] Yy | 042 | 027 | 433 | 163 33 64 6 48 4
(Optimized)

Proposed 12 band Y | 111 | 074 | 326 | 2098 19 38 154 12.35 103
Proposed 11 band Y | 101 | 074 | 326 | 323 19 38 12.9 9.75 8.12
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The delay performance of the proposed filter bank is
within the acceptable limit for both OHAF and CHAF.
The delay performance of [10] is superior to the pro-
posed method as it is implemented using 3 Prototype
filters. Implementation of 3 prototype filters requires
more number of multipliers compared to our approach.
The results shown in [10] claims that the matching per-
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formance is achieved using only 33 multipliers, but our
estimation shows that this number is very less for the
reported matching result.

From the comparison table, it is clear that the FRM
based methods [8, 10] have the advantage of reduced
computational complexity but has a higher delay.
Among the various work reported, Cosine Modulated
Filter Bank (CMFB) approach [18] provides the lowest
delay filter bank. This is because CMFB filter banks do
not use the concepts of interpolation and masking ap-
proach.

However, the large number of multipliers and adders
makes it significant in the chip area and consumes hug-
er battery power. Reconfigurable filter banks [12-14] of-
fer flexibility in a different type of audiogram matching,
especially audiograms with notching in the middle fre-
quency region. However, in this kind of filter banks, the
computational complexity is enormous.

Among the filter banks considered for comparison,
QANSI filter provides the best audiogram matching
performance. Even though the QANSI approaches [15-
17] follow the standard prescription formula, the sig-
nificant computational resources, increased delay, and
tedious design process makes it inferior to FRM meth-
ods. Among the FRM methods, the proposed structure
has more computational efficiency with better match-
ing performance. The delay is kept within the accept-
able limits, and the performance of the 11 band filter
bank is promising to be used in low-cost implementa-
tions of HAs used in OHAF and CHAF. The MME of Type
1 audiogram for the proposed filter bank structure is
the lowest among all the reported works. The MME of
Type 2 is superior to all the other works reported ex-
cept [15], Type 3 and Type 4 audiograms also provide
comparable results with other filter banks.

The main attraction of the proposed filter bank struc-
ture is the lowest computational complexity among all
the other works reported. It can be seen from the table
that the proposed method requires only 19 multipliers
to implement 12 bands and 11 bands structures. If we
consider the 11 band filter bank for actual implemen-
tation this is about an average 70-90% reduction in
the number of multipliers and adders required for the
filter bank implementation compared to the non FRM
methods. Among the FRM methods, it can be seen
that using only one extra multiplier, the proposed fil-
ter bank generates three additional frequency bands
in the low-frequency region compared to [8]. These
extra bands have apparent advantages of matching
performance, as seen from the table. The number of
multipliers required per band for [8] is 2.25, and that of
the proposed method is 1.72. Also, the multipliers re-
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quired per band for [10] are 2.06. The results show that filter bank is satisfactory compared to all the reported
the proposed method achieves comparable matching approaches.
performance with [10] using the reduced number of
bands. The adders are also reduced significantly com- The efficiency of the proposed method lies in the fol-
pared to the other FRM methods. This can reduce the lowing aspects
adder dependent delay in the actual implementation.
The delay of the proposed 12 band filter bank is accept- (i) Design of the 11 bands in the filter bank is carried
able but larger compared to the FRM methods. How- out using only 2 Prototype Filters, which is a reasonably
ever, the delay performance of the proposed 11 band low multiplier per band among the FRM methods re-
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ported in the literature. (ii) Only 19 multipliers and 38
adders are required to implement the 11 bands, which
makes the proposed structure the computationally
efficient than other approaches. (iii) Reasonably bet-
ter audiogram matching performance especially for
Type 1 and Type 2 Audiograms without optimization
is achieved. (iv) Acceptable delay performance in all
the sampling frequencies, making it suitable for both
OHAF and CHAF.

Further study on the proposed work may focus on

(i) Reducing the transition width of filter responses us-
ing suitable methods so that sharp prototype filters
can be realized at lower order and the number of mul-
tipliers can be further reduced (ii) Efficient implemen-
tation of the FIR filter structure which uses multiplier
less design approaches, coefficient sharing techniques,
and other suitable delay reduction techniques (iii) Low
power and area efficient VLSI design strategies catering
to the need of filter bank implementations suitable for
HAs. (iv) Analysis of easy optimization strategies that
can be introduced into the software accompanying the
HAs for better audiogram matching.

5 Conclusion

A computationally efficient 11 band non-uniform filter
bank structure suitable for the design of low or mod-
erately sloping SNHL audiograms is proposed. The use
of only two prototype filters to implement the 11 sub-
bands makes it suitable for low-cost implementations
of filter banks. The FRM method is adopted for the de-
sign of the filter bank. In this method, sharp sub-bands
are realized using interpolation and masking strategies,
makes it suitable for real-time implementations. This
technique has a negligible matching error and accept-
able group delay. The frequency band splitting is car-
ried out by considering the non-uniform characteristics
of the human ear, which has high resolution at lower
frequencies. The total number of multipliers required
to implement the entire filter bank is 19. This is around
70-90% multiplier saving compared to non FRM meth-
ods and around 40-80% multiplier saving compared to
FRM methods. Since the filter bank is implemented us-
ing a smaller number of multipliers, it can lead to an
area and power-efficient implementation of the HAs.
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