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Introduction
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Hearing sensitivity of patients with presbycusis

HISTHRLS AT, AER X7 03 e AR )RR -5 52 B AR 1) v
XS RO FR .t T IE R AHXF 800 Hz ~ 5 kHz B R # 4 R fe
SR AR SR 5 B B A v OB, DA I8 e e 21 1 ML A 3% 4
RN HEATA o, AR R T S kHz AYSEBCHEATRL > W 450 58 25 %) 75 5 1Y
R PO AR AR, FLAS ] A W 450 S8 8 76 AN [ A3 Be W 3 e v 1
DUANIR]. SCHRL6 ] X A4F AWT J3 40 R #EAT T P4 BT 5, I&1 1 s o
B GV R E AR AT 3R A URR G B« 1) B P 2 4 P T
JIA R B W ) A i AT B R 5 2 ) e 2 1 S AR P T 4
R RIUA BT M £k 53) AUk sOPR M A SOk AR PR 5K
FI R PI N RERINT 2R 5 4) Bl i S A TR 2, R B RN 92
Wee 2 e AR Y W T 2. H v, I A S0 28 A 1 W 45 2% i 2 4



D718 25 2 2F 2140, (URRIER2010,2(5) 1420425

Journal of Nanjing University of Information Science and Technology : Natural Science Edition,2010,2(5) ;420425 421
0 0
10 10 |
0l O—ION [C)\ 20 L
30 | [c 30 |
= OF o 40 O\[
= =
m 50 E 50
= 60 [ s 60 |:
70 20k
80 30 -
9 o 00
100 L L L L L L 100 1 1 1 1 1 1
250 500 1000 2000 4000 8000 250 500 1000 2000 4000 8000
Hi % /Hz Hi%/Hz
a ST BAREWT TR b. Mz PER AT T34 %
0 0
10 | 10|
20 20 -
30 |- 30 | [C\[
o 40 - o 40 -
= =
2 50 B 50 C\[
s oL Q/O)_[ C\O\O s oL o\[
70 - 70 - CKC)
80 - 80 -
90 - 90
100 1 1 1 1 1 1 100 1 1 1 1 1 1
250 500 1000 2000 4000 8000 250 500 1000 2000 4000 8000
PES JiA Hz
c. MAESERAEENT 1k d. FRR L SR AT 345
B AR i W D R
Fig.1 The auditory feature of patients with presbycusis
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The design of sub-band filter bank based on pres-

bycusis
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Fig.3 The frequency response feature of QMFB
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Fig.6 The frequency response feature of the 4-channel

analysis filter-bank
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The realization of the loudness compensation method

on DSP
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Abstract Loudness compensation is a key function of hearing aids. A new four-channel loudness compensation
method was proposed based on human auditory, especially on presbycusis. The filter-band designed for sub-band
loudness compensation was given by using quadrature mirror filter bank (QMFB) . The signal at senile hearing loss
was simulated using a low-pass filter. A TMS320C5402 chip was utilized to realize loudness compensation in high
bands. Results of simulation by Matlab and experiments on DSP show that, energy loss in high bands of hearing loss
patients is well compensated.

Key words mirror filter;loudness compensation ; DSP ; hearing loss



