2004 58 MXSEIH=EXN A 4 H SPH N 3 3 231

=& 2004-418P-3-25

F3lg JAox] ZS AAE 9ot 18 AL gAY Py A4

(Design of the fast adaptive digital filter for canceling the noise in the
frequency domain)

ol A} A', & & 3
( Jae-Kyung Lee and Dal-Hwan Yoon )

e o

Fap Gl A MEAE Yo A7) A FBA ol e tﬂﬂ(DFT Discrete Fourier Transform)$: ©}
23 “ﬂ A9 dZdz = 5408 A& AR HSHHRY Fag 49 HE HEr wE2A HSErh B =EdA

B o)t Fao HB(MDFT: modified DFT)E ©] &3l Fa 49 ’5] IHE Aoz Y F£Y £x8 2%
Ju AA A=gg Fbert Zﬂ?ﬁé} FZ¥ MDFTE ol &8t d4E Aagshy, dAd +8& fAsEA £5 ¢
= AHE 8 5 Ux, HA 5 58 9 dE A7) AT F34 MDFT AR A0 gigd A3 AL
2 ¥gte 2 2718 A e 14 33 A3 AAMHANR: high speed adaptive noise reduction) ¢ itg}Fejtk. HANR
A3gH5HS H43 del= DFTHEH S AFE-3 LMSH (non—proposed) 26 30%4 =2 &% 7|xo] ddh

N

I I'E

1r
{

Abstract

This paper presents the high speed noise reduction processing system using the modified discrete fourier
transform(MDFT) on the frequency domain. The proposed filter uses the linear prediction coefficients of the adaptive line
enhance(ALE) method based on the Sign algorithm. The signals with a random noise tracking performance are examined
through computer stmulations. It is confirmed that the fast adaptive digital filter is realized by the high speed adaptive
noise reduction(HANR) algorithm with rapid convergence on the frequency domain(FD).

Keywords . adaptive filter, sign algorithm, convergence speed, modified discrete Fourier transform(MDET).
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