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ABSTRACT

This paper proposes a design of a low delay cosine modu-
lated filter bank and subband amplifier coefficients for digi-
tal audio hearing aids denoising applications. The objective
of the design isto minimize the delay of the filter bank. Speci-
fications on the maximum magnitude of both the real and the
imaginary parts of the transfer function distortion and the
aliasing digtortion of the filter bank are imposed. Also, the
congtraint on the maximum absolute difference between the
desirable magnitude square response and the designed mag-
nitude square response of the prototype filter over both the
passhand and the stopband is considered. The subband am-
plifier coefficients are designed based on a least squares
training approach. The average mean square errors between
the noisy samples and the clean samples is minimized. Com-
puter numerical simulation results show that our proposed
approach could dgnificantly improve the signal-to-noise
ratio of digital audio hearing aids.

1. INTRODUCTION

There is a huge demand and market for digital ahdr-
ing aids. The net audio hearing instrument saleshi
United States in 2004 have surpassed a two millioi
mark [1] in which the sales of digital audio hearinstru-
ments rose to constitute four-fifths (83%) of tharket.

More than 90% of the gross revenues came fromadligit

audio hearing aids.

Cosine modulated filter banks are widely used gitali
audio signal processing because digital signals beamle-
composed into different frequency bands via a pypt®
filter. However, as humans are highly intelligethie perfect
reconstruction of the filter banks is not essentiatead,
humans are more sensitive to the aliasing distwstimf the
filter banks, delays of the signals and noisesH&nce, low
delay filter banks with low maximum aliasing digtons
serving denoising purposes are preferred. Nevethemost

of existing cosine modulated filter bank desigresfzaised on
the perfect reconstruction condition. Only few fesfound
in the literature have addressed the above is&lies [

To tackle these issues, this paper proposes aasig-
sine modulated filter bank with subband amplifiereffi-
cients. The design of the prototype filter of tlesinoe modu-
lated filter bank is formulated as an optimizatiproblem
without considering the subband amplifier coeffitée The
optimization problem is to minimize the delay oe tfilter
bank subject to specifications on the maximum ntadai of
both the real and the imaginary parts of the temiction
distortion and the aliasing distortion of the filleank as well
as on the maximum absolute difference betweendbreatle
magnitude square response and the designed magnitud
square response of the prototype filter. The sutblzanplifi-
ers are designed based on a least squares traipgrgach.
The average mean square errors between the noigylesa
and the clean samples is minimized. Computer nwaleri
simulation results show that our proposed appraazmhid
significantly improve the signal-to-noise ratiodifjital audio
hearing aids.

The outline of this paper is as follows. In Sectiyrihe
design of the prototype filter of a cosine modudafiter
bank is formulated as a nonsmooth functional inbyua
constrained optimization problem. In Section 3, thd-
band amplifier coefficients are designed based deaat
squares training approach. Computer numerical sitioul
results are presented in Section 4. Finally, casichs are
drawn in Section 5.

2. COSINE MODULATED FILTER BANK DESIGN

In this Section, we consider a design of a uniforaxi-
mally decimated cosine modulated finite impulsegosse
filter bank.

Let

x=[p(0) - p(N-2)
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Fo(e) = cosg, (Pl — )+ Pla+ )
+] sinqn(P(w— a)m)— P(w+ a)m))
for m=1--,M . Let c andz(c) be the desirable gain and
the desirable delay of the filter bank. Also, &t and &
be the bounds imposed on the real and the imagjventg

be the vector of the prototype filter coefficientghere the
superscript’, N and p(n) for n=0,---,N -1 denote, re-
spectively, the transposition operator, the lengtid the
impulse response of the prototype filter of theimesnodu-
lated filter bank. The magnitude square responsbeopro-
totype filter can be given as

\P(a))\z =xT (l (T () + 1, (cnT (w))x of the transfer function distortion of the filteark. Simi-
where e e larly, let 5} and J! be the bounds imposed on the real and
. . the imagi ts of the aliasing distortion bé ffilt
d L(@zo sinw - sin(N-1w) balenllr.n'l?rgle?r\yvepﬁ;\feo e aliasing distortion ilter
an

(0=t cosw - cod(N-1)|
denote the frequency response kernels of the prdiiter.

) Hm(w)Fm(@j—ccos(mﬁsaR,

Let B, and B, be the desirable passhand and the desirable

stopband of the prototype filter, respectively. dAldet

D(a;) and g, be the desirable magnitude square response

and the specification on the maximum absolute difiee
between the desirable magnitude square respons¢hand
designed magnitude square response of the protdittgre
over both the passband and the stopband, resgdgcliven,
the magnitude square response of the prototyper fit
constrained to

1ok (@) 1, (@] -

D(w) <8, DaOB,UB,.

Let M be the total number of channels of the cosine modu

lated filter bank. Denote byh (n) and f_(n) for
m=1---,M andn=0,---,N -1 the impulse responses of

the m™ analysis filter and then™ synthesis filter of the
filter bank, respectively. Then, we have
1)m—1 ﬂj
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and

fm(n):zp(n)co{g(m_;j(n_g)_(_

for m=1---,M andn:O -, N-1. Let
w, Eﬂ(m ] for m=1,-
M 2

be the modulated frequency of th&" analysis filter and
the m™ synthesis filter. Also, let

) ”]

4

g, =(cy 7N (1
4 2M 2
and
27T TN 1
E——lmlf—i m-=
#m=~-1) 4 ZM[ 2]
for m=1-..,M be and the phase shift of the™" analysis

filter and them™
H, («) and F (a) for m=1..,M the frequency re-
sponses of then™ analysis filter and then™ synthesis
filter of the filter bank, respectively. Then, wave
H,(«)=cosd, (P(a-a,)+Pla+a,))
+jsing, (P(w-w,) - P(w+ w,))
and

synthesis filter, respectively. Denote by

im{ 2 Hul@lF, (@) | esinlral < 4
( )i
TR )jsaf

oo

for k=1-.-,M -1. Let
HR(w) = cosh, (1, (w-w,) +1
+sing, (1 (w-w,) -1
() = -cos, (1, (w-a,) +1
+sing, (1. (w-w,) 1
Fr(w) = cosg, (1. (w-a,)+
+sing, (1. (w-a,) -1

and

(@)
0+ @)
Lora,)
(o)

1 (w+ @)

Aw+a,))

n(@) = —cosg, (1 (w-w,) + 1 (@+ @,))
+sing, (1. (w-w,) -1 (w+ w,))

for m=1,---,M . Since
P(e) =7 (e)x = jug (e)x.

H |

m

and
Fl

we have
and

for m=1-.-,M . Let

Ag(w)=— ZH()( @) -

e

A= LS HEF @) + 1S HL @)

m=1 m=1

Af(“’)ﬂﬁi S O
SO P (IO

and
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m=1 M
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for k=1,---,M —1. Then, the constraints on both the real

and the imaginary parts of the transfer functistadtion and

the aliasing distortion of the filter bank can be@messed as

follows:
X" A (w)x - ccodrw) < SF
X" Ag(w)x +csin(re) < 5 .
X"Af(w) < T
and

‘XTAL (a))x‘ <9,

for k=1---,M —1. Combining the constraint on the magni-

tude square response of the prototype filter, thsine
modulated filter bank design problem with low detan be
formulated as the following optimization problem:

Problem (P)
mxin J(X) =T
subject to g, (w, x) =|x" A (w)x ~ ccodra) < &F
Dch[— n,n],
9@, %) =|x" A (e)x +csin(re) < J
Da;D[— n,n],
0 (@x) =[x Al ()< o
DeO[-7n,7] andk =1---,M -1,
s (@x) =[x"A (W) < 3]
OwO[-n,n1] andk=1,--,M -1
andg, (@ x) =« (1. (i (@) +1.(hl (@)~ D(e) < 5,
O«O0%8B,U%B,,
where J(x) is the objective function, andy,(x,a) .

gl(X'“) ' g4(X,&J) ' gz,k(x'a’) and gs,k(x7a‘) for

minimum variance unbiased estimation approaches and
Bayesian estimation approaches are not applieddining

the problem. Here, the problem formulation is basada

least squares approach. Lai(n) and y(n) for

g=01,---,K -1 be the unprocessed and clean training sig-

nals as well as the corresponding processed arsy 8-

nals, respectively. Assume tha;t(n) for g=01---,K-1

are finite impulse response signals. Suppose kgateingth

of all the training signals are the same and eigual. Let
qu[uq(o) uq(-r_]')]T for q=02%---,K-1.

Also, letw, for m=1---,M be them™ subband amplifier

coefficient. Let

and
C(T+N-1
ceil

Sz 3 Syl (am -1, (r-am)

for m=1,--,M and q=01---,K -1, where ceil() de-
notes the rounding operator towards plus infiritgfine
T+N—ﬂ_

L=N-1+M ceil(
Then, L is the length ofsmyq(n) for m=1---,M and
q=031--,K-1. Let

Sno =[800(0) s (L1
for m=1---,M andgq=0j3,--,K -1,

SqE[SLq sM'q] for q=01---,K -1
and
¥y, =S,w for g=01--,K-1.
Define
I = [ON'X(N-l) I 0N'><(L—N—N’+1)]’
where 0 is the axb zero matrix and __ is the axa

identity matrix. Thus,fsqw for g=01---,K -1 is the vec-
tor containing the response of tt]éf‘ reconstructed signal.
The total least squares error introduced by théesyde-

k=1.--,M -1 are the nonsmooth functional inequality comes

constraints. This nonsmooth optimization problem ba&
approximated by a smooth optimization problem using
recently proposed method [3] and the global optistli-
tion of the corresponding nonconvex optimizationlpem
can be found using our recently proposed modifidedf
function method [4].

3. OPTIMAL SUBBAND AMPLIFIER
COEFFICIENTSDESIGN

In this Section, subband amplifier coefficients designed
based on the prototype filter obtained in SectionTBe
block diagram of the proposed digital audio heaaits is
shown in Figure 1. Assume that there #rdraining sig-
nals and they are processed by unknown operatdrs@n
rupted by noises with unknown distributions. Instlsase,
conventional maximally likelihood estimation appebas,

~ 2
ISqw—uqH .

K-1

e=)

g=0

The optimal subband amplifier coefficients are

a] $ TITT NS T)T
w'= Z;Sql IS, Z;Sql u, |-
q= q=

4. COMPUTER NUMERICAL SIMULATION
RESULTS

Since humans are very sensitive to the delay offitter
bank, the length of the prototype filter should $feort.
However, a prototype filter with short length catno
achieve good performances of the cosine modulated f

bank, such as low values o} , &%, J', J; andJ, .
Similarly, large value oM can decompose the input signal




into very narrow frequency bands, but the transitiand-
width of the prototype filter will become very naw. In
general, there are tradeoffs between the spedificabnA,
N,M, 3., 3% &, 0F andg!, whereA is defined as

the transition bandwidth of the prototype filter.this paper,
A=01n,
N =16,
M =4,
—-25dB for the stopband,
of =-11dB,
4 =-105dB,
oy =-145dB

o =

and

J. =-1450dB
are chosen because these values are commonly rusiee i
signal processing community [2]. Without the logggen-
erality, the gain of the filter bank is set to omne,,c=1.
Based on the above specifications, the problem dtation
discussed in Section 2 and applying our recenteldped
methods discussed in [3] and [4], a prototype rfilse ob-
tained. Figure 2 shows both the real and the inaagiparts
of the transfer function distortion of the filteariks designed
by our proposed approach and the approach discus$gld
Similarly, Figure 3 shows both the real and thegimary
parts of the aliasing distortion of the filter bardesigned by
our proposed approach and the approach discussgg]. in
Finally, Figure 4 shows the absolute differencevben the
desirable magnitude square response and the ddsigmg-
nitude square response of the prototype filter dah the
passband and the stopband designed by our promgsed
proach and the approach discussed in [5]. Tablotvs the
performances of the cosine modulated filter bardsighed

by our proposed approach and the approach discus§ed

Our proposed Designed dis- | Design Specifi-
design (dB) cussed in [5] (dB) cation (dB)

oF =-110780 oF =-11.0780 o =-

J! =-10.6506 J =-10.1503 J' =-105

OoF =-14.8234 oF =-14.8234 o =-145

J, =-14.7051 0, =-139948 0, =-145

O, =—254137 O, =—254137 d, =-25 for

for the stopband| for the stopband| the stopband

Table 1. Performances of the cosine modulated fildeks
designed by our proposed approach and the appdisch
cussed in [5].

It can be seen from the above that the our propdssin
satisfies the required specifications, while theigie dis-
cussed in [5] does not satisfy the specificatioms tie
imaginary part of both the transfer function dititox and
the aliasing distortion of the filter bank. In geate if the
feasible set of the optimization problem is nonemptr
proposed design can guarantee to find the solstéisfy-
ing all the constraints. Also, the delay of théefilbank de-
signed by our proposed approachl%39726, which is

lower than that by the approach discussed in [BuST our
proposed design has a slightly improvement on #iaydof
the filter bank.

To illustrate how to apply our results to a preaitide-
noising application in digital audio hearing ait& record
12 sets of utterances of English letters which esathof
utterances of English letters contains 4 samplesck|,

K =48.
Since difference utterance samples have differemgths,
we pack zeros at the end of the utterance sampldébas
they have the same length. Each utterance sampleris
malized to the unit energy. An additive white Gaass
noise is added to each sample so that the signadite
ratio is5dB. Figure 5 plots the mean square errors of the
corrupted signals and the signals reconstructeduryde-
signed filter bank. It can be seen from the figtirat the
average mean square errors of the signals recotedriby
our designed filter bank is56dB, while that of the cor-
rupted signals is-53.3105dB. Obviously, our proposed
filter bank can significantly improve the signahioise ratio
of the system.

L H@ [ oM || W [l M ] Fl@
| Hi@ | 1M || W v [ F@ —>
Hwa@ || M [ Waa ] tM b Fua@ |
Figure 1. Block diagram of our proposed digitaliautkar-
ing aids. ‘
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Figure 2. The real and the imaginary parts of ttwasfer
function distortion of the filter banks designedday pro-
posed approach and the approach discussed in [5].
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Figure 3. The real and the imaginary parts of tizsiag
distortion of the filter banks designed by our megd ap-

proach and the approach discussed in [5].
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Figure 4. The absolute difference between the aldsimag-
nitude square response and the designed magnigueees
response of the prototype filter over both the lpasd and
the stopband designed by our proposed approactihand

approach discussed in [5].
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Figure 5. The mean square errors of the corruptgls
and the signals reconstructed by our designed bhek.

5. CONCLUSIONS

This paper proposes a design of a low delay casiogu-
lated filter bank and subband amplifier coefficiefdr digi-
tal audio hearing aids denoising applications. piwotype
filter is designed such that the delay of the fiilbank is
minimized subject to specifications on the maximmagni-
tude of both the real and the imaginary parts efttansfer

function distortion and the aliasing distortion thie filter
bank as well as on the maximum absolute differdetercen
the desirable magnitude square response and tlgneés
magnitude square response of the prototype filtaz. design
problem is a nonsmooth functional inequality caaistrop-
timization problem. The problem is approximated &y
smooth optimization problem using our recently g
method and the global optimal solution of the cgpond-
ing nonconvex optimization problem is found usingr o
recently proposed modified filled function methotihe
subband amplifier coefficients are designed based feast
squares training approach. An analytical formutaddrived.
Computer numerical simulation results show that joua-
posed filter bank can significantly improve the nsijto-
noise ratio of the system and hence it is veryulsef digital
audio hearing aids denoising applications.
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