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ABSTRACT

The paper presents a hearing aid (HA) system based on a low-
delay cochlear filter bank derived from the discrete cochlear
model. The spectral gain shaping method (SGSM) that in-
cludes dynamic range compression, hearing loss compensa-
tion and noise reduction is applied in perceptually matched
frequency bands. The acoustic feedback cancellation is im-
plemented as an off-the-forward path scheme and does not
introduce an additional delay to the forward path. The cancel-
lation itself is made by adaptive filtering of non-uniform sub-
band signals obtained from an oversampled warped cosine-
modulated filter bank.

Index Terms— Hearing aid, acoustic feedback cancella-
tion

1. INTRODUCTION

Hearing aids (HA) perform frequency dependent amplifica-
tion of the incoming signal to improve speech intelligibility
for hearing impaired people. The main difficulty in HA de-
sign is the low-delay requirement. In [1] has been found that
long forward path delays are not desirable due to the comb
filter effect. It occurs when the processed sound is combined
at the eardrum with the unprocessed sound, which directly
travels through the HA’s vent. It is stated that even delays as
short as 4-8 ms are detectable and reduce perceived sound
quality [2]. In modern HAs signal processing is usually per-
formed in frequency subbands introducing analysis-synthesis
delays in the forward path. Many research efforts have been
focused on this problem [1, 3], however the delays of these
solutions are still high (6-8 ms). Good low-delay filtering
schemes based on peaking filters [4] and side-branch process-
ing [2] has been recently proposed.
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Fig. 1. Low-delay hearing aid system

In the present paper we use a low-delay (less than 4 ms)
filtering based on the cochlear filter bank (FB) [5] that is
implemented as a set of parallel second-order tunable band-
pass filters [6]. The main component of the presented HA
system is a low-delay spectral gain shaping method (SGSM).
The SGSM combines the following procedures: dynamic
range compression (DRC), noise reduction and hearing loss
compensation. Another important component of the HA is
a subband acoustic feedback cancellation (AFC) system that
does not increase the forward path delay. The AFC system
employs oversampled warped cosine-modulated filter banks
(WCMEFB) to decompose the signals into nonuniform sub-
band components [7].

The paper is organized as follows. Section 2 gives a de-
scription of all components of the proposed HA, including the
cochlear filter bank, subband AFC system and SGSM block.
In section 3 computational complexity of the proposed low-
delay HA is discussed. Some additional considerations and
concluding remarks are given in section 4.

2. STRUCTURE OF HEARING AID SYSTEM

2.1. System overview

The block diagram of the proposed low-delay hearing aid (fig-
ure 1) includes the SGSM block and off-the-forward path



subband AFC system. The broadband gain function g, is
used to adjust the output sound level being available to the
user as a volume control. Dynamic range compression, hear-
ing loss compensation and noise reduction constitute spectral
gain shaping block that is implemented as a single computa-
tional framework which will be discussed in section 3. Signal
processing in SGSM block is performed in frequency sub-
bands using the cochlear FB.

2.2. Cochlear filter bank

Cochlear FB is used in the HA system for the following rea-
sons: 1) it decomposes the incoming signal into perceptu-
ally matched subband components; ii) cochlear FB has a low
group delay — an especially important property for HA; iii) it
is computationally efficient since it can be implemented using
fourth-order IIR filters.

In the proposed HA system a 22-channel cochlear filter
bank is used. These filters simulate the cochlea behavior and
are designed on the basis of the 2D nonlinear cochlear model
for discrete space and time:

Yr[n] + b1 kyr[n — 1] + ba gyrn — 2] =
Agao k. (us[n] — us[n —2]),

where by i, ba ., ao, and Ay, — parameters that are determined
on the basis of physical characteristics of the basilar mem-
brane [5]. The model is transformed into a bank of digital
bandpass filters with transfer function

aor(1 — 22)

H =A .
k(z) kl 4+ b1z + bopz—2

The center frequency (wor) and 3 dB bandwidth (Awgy) of
k-th cochlear filter can be obtained as follows

COSWol = 7b1k/(1+b2k)7 Awop, = 2(1 7bgk)/(1+b2k).

Cochlear filters can be efficiently implemented using IIR filter
structure with tunable bandwidth and center frequency pre-
sented in [6]:

1—272
1+ (ag — 1)gz=* + (1 — 2a¢)z=2’

H(z) =ag

where the coefficients ay and g only depend on the bandwidth
Aw and center frequency wq respectively (7" is the sampling
period):

ap = (AWT) /(24 AwT), g =2coswyT.

In order to improve selectivity of the system, the cochlear fil-
ters are represented by a cascade of two identical second order
sections, as described above. The magnitude response of the
22-channel cochlear FB used in the HA system is shown in
figure 2. The group delay of the filter bank does not exceed 4
ms.
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Fig. 2. Magnitude response of cochlear filter bank
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Fig. 3. Straightforward implementation of subband AFC sys-
tem

2.3. Subband acoustic feedback cancellation system

Acoustic feedback occurs when the aid’s speaker produces an
acoustic signal that leaks back to the microphone. The nor-
malized adaptive least-mean-square (NLMS) algorithm is a
popular technique to address this problem. It has been shown
that performance of NLMS can be considerably improved (re-
garding convergence rate and computational complexity) by
subband signal decomposition with a filter bank [8]. However
straightforward incorporation of a filter bank in the feedback
cancellation branch adds an additional analysis/synthesis de-
lay to the forward path (figure 3). In the figure analysis and
synthesis delays are denoted as da and ds respectively.

In order to avoid forward path extension we propose an
alternative scheme — figure 4. The subband AFC system is
divided into two parts: the adaptive filtering branch and the
coefficients estimation branch. The filtered signal Y (z) is

Adaptive
filtering
branch

estimation

. branch
Compensation

delay

Fig. 4. Off-the-forward path subband AFC system



Fig. 5. Subband acoustic feedback cancellation system
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Fig. 6. Convergence of fullband and subband AFC

delayed relatively to the desired signal D(z) by A samples
where A = da + ds. The delay is compensated by prediction
of the feedback signal. It is done by adding the compensation
delay into the coefficients estimation branch. The feedback
signal can be predicted with high accuracy because of its de-
terministic (periodic) nature.

Using the scheme presented above the subband AFC sys-
tem is proposed (figure 5). Subband decomposition is carried
out using 8-channel oversampled WCMFB. The filter bank
is obtained by applying all-pass transform to uniform CMFB
[7]. The magnitude response of the employed filter bank is
given in figure 7.

The WCMFB provides a great flexibility in design. The
bandwidth of filters depends on the single all-pass transfor-
mation parameter. Also the WCMFB has an efficient imple-
mentation based on polyphase representation of the prototype
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Fig. 7. Magnitude response of oversampled WCMFB
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filter and fast DCT-4 algorithm [9]. Using the rule presented
in [7] the following subsampling ratios for the filter bank were
obtained S, = {19,9,6,4,2,1, 1, 1}. The total oversampling
factor O = ZZ:O S% ~ 4.08 that is comparable with the
design presented in [3].

The output signals of fullband and subband AFC systems
are shown in figure 6. It can be seen that subband decompo-
sition increases convergence speed and reduces the level of
residual oscillations.

2.4. Spectral gain shaping method
2.4.1. Noise reduction algorithm

Noise reduction is implemented using the psychoacoustically
motivated spectral weighting rule [10]. The algorithm has
adjustable parameter ¢ = 10~RL/20 that defines the desired
residual noise level RL in dB. Usually power spectral density
(PSD) of noisy speech is estimated using smoothed version
of the squared amplitude spectrum. We perform estimation
of PSD using the cochlear FB outputs and assume that PSD
within each passband of cochlear filters is constant.

In order to estimate PSD of noise R,, a computation-
ally efficient and robust noise estimation algorithm based on
modified version of the Minima Controlled Recursive Aver-
aging (MCRA) is used [10]. PSD is estimated in the sub-
bands by averaging past spectral power values R.(n) and
using smoothing parameters that are adjusted by the signal
presence probability. Weighting factors are updated every 4
ms using the algorithm outlined in table 1.

Table 1. Noise reduction algorithm

Sample processing iterations (forn =1,2...)
R.(n) = [R.(0,n), Re(1,n) ... Re(K — 1,n)]T

E(n) = [e§(n), ef(n) ... ek _1(n)]"
Re(n) =yRe(n — 1) + (1 — 7)E(n)
Block processing iterations (n = R,2R...)

R, (n) = MCRA(R.(n))
Rr(n) = Ra(n) © (H(n) - ¢)?

H'™P(n) = min(y/Rr(n)/Rn(n) + ¢, 1)

H°P*(n) is equal to the Wiener-filter solution

©® denotes element-by-element multiplication
e JND stands for Just Notable Distortion

e R isblock size in samples

2.4.2. Noise reduction performance evaluation

In performance evaluation the AFC and DRC algorithms were
disabled. Four male and female speech signals of duration



Table 2. Performance of the noise reduction system

Before noise reduction

SNR | 20 dB 15 dB 10 dB 5dB 0dB

N 0.73 0.62 0.52 0.47 0.37
After noise reduction (RL = 15)

SNR | 28.5dB 23.1dB 19.0dB 14.1dB 7.9dB

NI 0.74 0.66 0.59 0.51 0.41

25 s were used in the experiment. White noise was added to
create noisy signals with five different signal-to-noise (SNR)
ratios. Speech intelligibility index (SII) measures were ob-
tained for each processed speech segment. SII provides val-
ues between 0.0 and 1.0 that are highly correlated with true
intelligibility of speech [11]. The average values of SII and
SNR are listed in Table 2. The results show that the noise re-
duction scheme provides a significant SNR boost with a slight
increase of intelligibility index.

2.4.3. Hearing loss compensation

The hearing loss threshold is frequency depended and deter-
mined at specified frequencies (250, 500, 1000, 2000, 3000,
4000 and 6000 Hz) using a pure tone audiogram. The shape
of the correspondent insertion gain depends on prescription
method and does not necessarily follow the shape of the hear-
ing loss thresholds. Figure 8 shows how a given insertion
gain matches with the proposed SGSM (the insertion gain is
obtained with the NAL-RP prescription [11]).

— Matched profile
— = — Desired profile

(=]
S
A

o
=)

w N
=] o
o

(<3

Hearing threshold (dB)
N
o
®
1
b
7+
.
®
Insertion gain (dB

a0
Q

10°
Frequency (Hz)

5
10° 10
Frequency (Hz)

Fig. 8. Hearing loss profile and insertion gain matched with
the proposed SGSM

2.4.4. Dynamic range compression

The basic idea of DRC is to automatically control the gain
in each subband based on the current signal level. The main
DRC parameters are the input/output (I/O) function and attack
and release times. The I/O function maps the input signal
level to the output.
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The SGSM block uses the DRC algorithm outlined in ta-
ble 3. The target spectral gains g;, are determined from the
current signal level P(n, k), noise reduction weighting factor
HNP(n, k) and hearing aid insertion gain D (k).

Table 3. Spectral gain shaping method

Sample processing iterations (forn =1,2...)
fork=0,..., K —1do
if P(k,n —1) < ei(n) then
P(k,n) = aP(k,n— 1)+ (1 — a)ei(n);
else
P(k,n) = BP(k,n— 1)+ (1 = B)ei(n);
end if
end for

Block processing iterations (n = R, 2R ...)
fork=0,... K —1do
Poui(k) = TIOFunc(101log, o (P(k,n) H™P (k,n) D(k)));
G(k) = Pour(k) — P(k,n);
g% = 106 (/10
end for

e [OFunc - input/output function of DRC
e D(k) —insertion gains of k-th channel

e «, 3 —smoothing constants of attack and release times

3. COMPUTATIONAL COMPLEXITY

The prototype of the HA hardware is shown in figure 9. The
prototype combines a host processor and reconfigurable part.
The host processor performs the following tasks: adaptive fil-
ters’ coefficients update, noise reduction, DRC and hearing
loss compensation. The reconfigurable part includes the fil-
ter banks (WCMFB and cochlear FB) and can be adjusted to
match target requirements of the HA application (e.g. desired
sampling frequency and number of channels).

Table 4 shows the algorithmic complexity of the pro-
posed HA system in terms of real multiplications per sample.
WCMEB implies the fast DCT-4 algorithm (O(% logy (M) +
M), polyphase implementation of the prototype filter (O(V))

Table 4. HA computational complexity: A — number of
WCMEB channels, N — order of WCMFB prototype filter,
K — number of cochlear FB channels

Algorithm Complexity
WCMFB O(# logy (M) + M +2N)
Cochlear FB O(2rK)

Subband AFC O
NR + DRC 0]

O - (L +2L))
3K + 7 K)
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Fig. 9. Prototype of hearing aid system

and all-pass transformation (O(N)). As has been stated in
section 2.2 in the present HA each cochlear filter is a cascade
of two second order sections. Each section requires two real
multiplications [6]. In general case if 7 sections are used the
complexity of the cochlear FB is O(2rK).

Considering chosen subsampling ratios the subband AFC
system requires O(O(L + 2L)) multiplications to implement
adaptive filtering, where L is the maximum length of acous-
tic feedback path in samples and O is the oversampling fac-
tor of WCMFB. PSD estimation in NR and DRC algorithms
requires O(3K) multiplications. Recalculation of spectral
gains requires approximately 11K multiplications once per
block of R samples. Hence, total complexity for NR and DRC
algorithms equals to O(3K + %K ). Depending on parame-
ters the overall HA complexity grows linearly or loglinearly.

4. CONCLUSION

A low-delay hearing aid system has been presented. The main
component of the system is the spectral gain shaping method
that utilizes a cochlear filter bank. The gain shaping method
includes noise reduction, hearing loss compensation and dy-
namic range compression. Acoustic feedback cancellation is
carried out in nonuniform frequency subbands. Subband de-
composition of the signal is performed by the warped cosine-
modulated filter bank. Due to the specific AFC architecture
the filter bank does not introduce an additional forward path
delay. It has been shown that the proposed HA system has a
low computational complexity.
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