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Abstract

We have developed a multi band digital hearing aid algorithm emphasizing feedback cancellation and a hardware module to evaluate the
performance of our algorithm. The hearing aids should be able to compensate for individual hearing loss characteristics of hearing impaired
person. Thus hearing aids need the function of multi-bands amplification and the capabilities of feedback cancellation that can remove
howling caused by acoustic feedback. In this paper, we proposed a digital hearing aid algorithm which has multi-bands compensation using
modified discrete cosine transform (MDCT) and can efficiently remove acoustic feedbacks. Moreover, we have developed digital hearing
aid hardware module, which can evaluate hearing aid algorithms in real time operation. The developed algorithm and hardware module were
verified through computer simulation and clinical tests. Through operational experiments, good performances in real time operation
environment and an efficient howling cancellationwere also observed. The developed hardware module can operate in stable condition and
it is expected to become a good hardware platform for developing hearing aid algorithms.
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Fig. 1. Block diagram of proposed digital hearing aid algorithm.
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Fig. 2. Flow chart of multi band amplification.
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Fig. 3. Hearing loss characteristic of normal and impaired person.

A ggis SF dneF
e 52 dngEe QYA E HEste W
2 -5 transform part) 7} B o] o] o] x| & A} F-E{(compensation
part) 0 2 1}roi et 113 304 YERIRIRol B4 A=
Furd FEWislyl 32 AT ARl At Faed Y
W 3}7} 27) Wil FuE Hogo] & o] FolAof gt & U
AL 5L F e 2l 94X (threshold)gho] Fo H 2 v -
71 gt} o] & BTV e rlelARFH S0l
18452 Fus U +RE vt vk 989 Fue
93} TDAC(time domain aliasing cancellation)ol] 7133+ ¥1%k
k2 o] MDCT(modified discrete cosine transform) & o] 8-}
Ak MDCTE Azt oA 50% gt vlolel el M A A E
ot i T AZ71 2HB]9]. A(1)2 LrHE ]I MDCTA 0|
3 4)(2)%= IMDCT(inverse MDCT)A] o]t}

fr 2o
o M

i

=
7
E

!
ilo

T

o

X(k)= gx(n )f(n )cos[%(Zn +1+ %)(Zk + 1)}

k=01..,N/2-1 (1)
%(n)=f(n )FZ:_IX(k )cos l’-(zn+1+ﬁ)(2k+1)

B ~ 2N 2 i
n=01.,N~I @)

A1) X(e 43257 MDCTE S8 Fojeso2 Wgh
#2150, z(n) & IMDCTE 53 AIME02 HEole A%

o|t}. N-& glo]e] E-2(data block)2] Zo]o] 1, fin) AFS1 23
ZH(window) 2 4](3)2} 2t}

f(n)= sin(ﬂ-]%) 3)

284 | J. Biomed. Eng. Res.

9le) 21 7|4=A3F 714 F344 oAk Frelo] MFHodd-time
odd-frequency discrete Fourier transform, OZDFT)% o] &3}
HEEH 2)(4)9 2ol Hed

A
93,

—0° N Nyo
X(k)=O°DFT(odd( f(n=—Jx(n="2)) =W @

Wy & e v 2k

W, =R(F,), WN/2+2n =3(P,), Wiei =W, snur)

©)

n

o714, P 2)(6)7 o] )5 e, Al 2w} ol F:8] N/A7AS]
FFTQ2Y3%} pre-DFT, post-DFT B4 FATIo 2% MDCTA

= 2=T Bm
e FE g gl

Ly

pre2 (s sef 302 )

y=0

2

T rk

©)

AT A 09 29 AW Fof vehi
th 914 N7ie) 948 dlolE& 4)(3)9] Fe<(windowing)E &
3 e 2]¥(interleaving)#g & ARtk 1 o5 pre-DFT &
Ade ZA AT 3o 2(6)2] N/4 point FFT 9} post-DFT &
A A st gt o] A& A dENEE 64719
2 TEE D, oA A7) AlE S8 a2l 8749 A
2 A4 dok 8ol FAFIeE 47 250, 500, 1000,
1500, 2000, 3000, 4000, 8000Hzo|T}. Skl A} Fuk o) A
2 A5E 09 29) B4 BERHS AR Ak By R
BoE AY 94 48 Az 2718 F9] A% T 27
(envelope estimation)& AXA =&, 97|14 FHE 259
Ay)d)| wWEtAGC(automatic gain control) & &4 ©tk AGCE=
LA 2 98 257} 50L& 2 §-attack A7, 73A7] Fold A

(<]

A6)l mE AT
=

i

Bop
Ty o
2



AL A, AU D, A, A, o] 3Rl

ulr) | Feedback Path
Az)
o) A e [ Forward Path

Gz

delay A D)

Time (2(n)] decorrelation filter z/n}j:ﬂ l

atry

Adaptive Filter

W)
~

OB 4. S HEAALI2E S8
Fig. 4. Block diagram of adaptive feedback cancellation algorithm.

A &3l o] 52 2Hshe Y& 3tk 4l
o T2 39¢ A2 Tl A2l Azl A71E St
41359 A7ld) wte} SE=E @edl= 7)€% WDRC(wide
dynamic range compression)} 713 Q1e] Ry A~ HAlsE
(loudness compensation function, LCF) ¥ & 433l 1<l
o] Fobdl | gt 5T o] 55 A &5HA Hrt o] 5 B
2 73S AR A 3= IMDCTE E3) ThA] A7 9 o 2 uli 7|
g, F 2L 50% FHAAA Hrdrh &)714 N4 IRY
B¢} 128 I E MDCTE AH6-3 8t FE31e] At vl
i, IIRFE 7| 9ke] Eehyo] 8*(AN+1)9] AMFE 71|
<ol ¥gjA B =EellA AHE-g MDCT7|9ke] o &8 W2
2*%128*10gx(128)9] AlAMEE 7HAL). wlek 5ate] IRYH WIS
AHESI AT (F, N=5), T a3t Al Ee 2ol 10752:
1792 3 =2 MDCT b Alxkafo] oF 1/6 =2 2 €k

0}0‘,

1

I

B. A3 A% A A dddF

A Az AAAY AAE A3 AL, A AR AA S
2l ES 18 4o)x Bxo] A% A A Bo| AHEE = NLMS
(normalized least mean square)& 312 55 o] &3 A-3- He] 9}

2 Aol AR A A B WA EEA Qe 2 PAE A8
B AL A g Qe AS WE)E AR A2 A% FE%
Nz Hig ZoHEE AU T ABAE st A% A5
umo] AR AE dwl W 432) A5 tafe] AR Az
£ A7 Bk NLMS 212)2<) B A% A48 4.8 e
3} 24,

e

w(n+l)=w,(n)+

N A
G0||e(n—A)”2+§e(n)e(n / @

a7)A uE F8(convergence) 1 AKparameter)e] 1 4+ A
1 8l(time varying)-& VEPAT) 429 NLMS A4 78416 o]
A QBN T s(n) <} A A3 wn)2 723 FTBA o 28] A&
g F(z)¢] A8 57 (estimate)dle A2 o5 doltt. o] &
A 23] Asl Fele 18 49 D)o 2 v-duaA 3
B2 AHa9T ol 2 2& iR R W e 747} gk
[10]{11][12]. o] & AN E3} HE(all-pass filter, APF)E ©]
£ Wol QU ofF IRARAE T olch o] WYL |
2 A SHEE 8 3 AlE IAE AHSSE A2 v
3} 2t

2JDWIIST UOIDUNS S0USIBYOD)

©o o o o o o o

w F-N [4,] o ~ o 0
—

o
[N}

0.1}

0 1

0 0.1 02 03 04

05 06 07 08 09 1
Frequency

Y 5. & A5 AntMd AHER,
Fig. 5. Coherence spectra of the input and output signal.
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