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A Novel Multi-Channel Hearing Aid Algorithm
with SMR(signal-to-masking ratio) Improvement
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In this paper, we propose a novel hearing aid algorithm for sensorinural hearing loss restoration with multi-channel(band)
dynamic vange compression and psychoacoustics. In this way, we can present a normal perception condition to the impaired
listener. The proposed algorithm make loudness scaling function achieve proper loudness level, and analysis masking
property for the signa) will be perceived to impaired listener, and then, restore normal spectral contrast using SMR(signal-to-
masking ratio) defined by distance between the level of each frequency and masking threshoid.

Key words: ensorinural hearing loss, Hearing aid algorithm, Psychoacoustics, Perceptual signal analysis, Multichannel
dynamic range compression, Loudness restorarion
Subject classification: Musical acoustics and psychoacoustics (8.7)

LA 8 band) compression hearing instruraents)t WA A4S &

+ AYE (audio profile)o] ®E T4 e of

224734 33 (sensorineural hearing loss)8] 74 g #S-=EUA BEQS BAAA FozM 7Y
53 Fgol thE sensitivity changed FE b Y &HARC ¥4 o Agd 2y §2& 24

Qe A7 FaT YR mat EALEA A4 FEHE AFTEHN2B]. 2 o) el
7t PAAZY FEe BE4E Jelde Ay & B2 w9 MY e dgy FRE L3t AlA
AE RA A1 Fojopnt st g (ohF W 99 A¢, Agd () £ Wl mat 24 W
=y 53 &% ¢&3¥ By A (multi-channel B kst 545 Jeldie, Zkze] o of
Aol sl T35 A7) @3t (frequency intensity

NYA 2k PHAZ (hjkim@engineer.soongsil.ac.kr) variation)el] UZSHA w3 StRR FIhs ofp] 7

156-743 M2 A| F2AF AEE 1.1 £AYET J2}FE 4 {spectral contrast reduction) & A7} H233HA = o

(A3} 826-9063; B 820-0711) BAe FIE selectivityE ZAAA 23818 A



mailto:hjkim@engineer.soongsil.ac.kr

VE of eka7 B ANE $8 ohild B3 s

ol o)l s F& FHAE HVT2ME]. A
S F3 Fag JEEed A kA 2H2 A
Fa4 HEY (frequency rtesolving capacity)el 8o}
A Ao, dFEY B AR JRo| nFI
AEE vtAaE 4 TAFTS)6). ol ddS
W3 ggo] EAY A$ o A JERdH3L
olgigt FAFE B3] Hd 4 AIE A
Y (critical bandyBE Fe]3te] FF Aol thyo}
AZTo2N AZAZA FAoA vir?) &g &
o]ZvHe), E-+EuA £ FH (loudness scaling
procedure) F-ol AFo GG dfaf) |5 & EF
Avh, B2 HYE Ze 1FEH J99) o5 F
ZH71E 2nEEE ALINTE. E Fus o
v Za FAE s 98, FaA5 FF404
Az Hdgs FUATIR HARE F2RAIE
wHoR Fula ofy] (spectral contrastyS AL
FE JRAoV4), 2 T3 FA 2L AN
NS3¢ 24 (psychoacoustical parameters)SS
o] &% gmelFe shgdo] &7 HY Rt

£ =EdAE olgd dHAT =ate 4A
AZ (perceived signal)ell tidt A3 Y47 30
g nkA7 4 24L& 7|NeE SMR (signal-to-
masking ratioy® ©}-&3l 24 ¥ F5 duE F
A¥ozn Feoyr BAY A7 dPA A
333 Zo] AAHJALE 3= ¢nAFE &
ek

I ciig 8 8

o= TR E
“damplensated outputy

YEES

13

21 Y S8 S ¢4x 2159 §F

tild 3 3% 4F duEFS MY dAA
S (threshold  elevation), TFEUL =3 F
(loudness scaling function), =H¢EH A B3 3
(loudness discomfort levelsy5& 2zt ¥2ld oy
S T8 HLE = glomz AsRYY HE &4
Aro Y o A& RAE AFY F AX,
e £9 APg FFFo2H Y EE= dd
9 2% 42y 2y QuEH go)] AL F£9
Ade A4 AF & A2 UM 73 4G9
A 93ste] LYY F A FAAA 2FHE FH
23 5 9o # F& 4 JHES AFTUL
T3 &2 dduel V%2 FR Fug JRolY
e AEES FHAA F glo], ¥ sNH|E Z#
= ddge 29 A% JED EAE 9 olFo R
d R gk o] HUlY A3 HEES AA F
EPog, HE dge J{E By g #
Ax AWA7E 2 Fs AEE 3 AF HARE
o] mpAZEe] WEE RE AT ¢ AA =Hol,
okt S8 B70A FAAH] ANE L F A
ot a2y ojgl Zo] BE 9 AEE FAE AL
o] A% Fae digel dA Fas A7) @)
(frequency intensity variation)®l] NEA W3R,
Fop5 ohe] A EAZL LA Ho) B F
B selectivitys AAAA 238 FA oldxEE
Zangle Z23g ZAsHA BU)2AN7.

dB8
A UCL 7
3 Impaired Listener /
Qo /
33
§'5 DPSD ,
S @ Normal Listener
s 3
w 7/
3{_ MHTl /
O
- o
=
ag /
o T /
as
¥ MHT, dB
PSD
|Nmin INmax

J8 L F3 M 99 13 ¥

Fig. 1. Dynamic range scaling function.
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Fig. 2. A block diagram of the proposed loudness restoration algorithm.
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Fig. 3. Impaired listener's audio profile and perceived signal energy.
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Signal and Global Masking Threshold.
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Fig. 6. Masking threshold comparison with the SMR compensated signal and the original signal.
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Fig. 7. SMR difference comparison with the original signal's SMR for the SMR compensated signal and the loudness scaled signal.
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Table 1. The applied impaired listenet’s audio profile and frequency
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Table 2. A word lis1 for the speech discrimination test.
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Table 3. The speech discrimination test result.
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