The Journal of the Acoustical Society of Korea Vol.34, No.5 (2015) pISSN : 1225-4428

SH225t515|X| M34R HMSS pp. 377~384 (2015)
http://dx.doi.org/10.7776/ASK.2015.34.5.377 elSSN : 2287-3775

01X WSS AI==00 Heiet 20 S HAHY| J1He

21 8= 8 &S

Secondary Path Estimation Algorithm Based on Residual Music
Canceller for Noise Cancelling Headphone

XIQLt, ol24t, sy

(Youna Ji, Keunsang Lee, and Youngcheol ParkT)

HMlcietn AFEIYESASEE
(Received June 25, 2015; accepted August 18, 2015)

£ 8RS kol X B HEE HASE S Aol YIS AR A AT =) )
filtered-x least mean square algorithm(FxLMS) 7|8} 55 42 A o] 7] S 0]85}0] QEo|A FEZ YH = 59
= A5 Alofaitt. ofuf 7PAA Q1 23} F 2ol RIS thA6F7] ff8l 2|52 0= 22) B =5 Aok %ho] 5of
A|A7] 715ke] 2241 22} A = 24 da1e|5-S o] &3tk AeS Fal 22} A 27} ¥isleh= ol A ARt 55 A
Alo] dare|E 7|E darelEEol Bls) St Al 9] o= glo] P A o= by Qe a3 Alo] s K g

SHARO: 55 A3 Alo], abel 22 AR A, zho] S0 A A 7]

ABSTRACT: An active noise control (ANC) algorithm for noise canceling headphone is proposed. In this study,
the feedback ANC operated with the filtered-x least mean square algorithm (FxLMS) algorithm is used to
attenuate the undesired noise. Also an adaptive residual music canceller (RMC) is proposed for enhancing the
accuracy of the reference signal of the feedback ANC. Simulation results show that a high quality of music sound
can be consistently achieved in a time-varying secondary path situation.

Keywords: Active Noise Control (ANC), On-line secondary path estimation, Residual Music Canceller (RMC)
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Fig. 2. Feedback ANC with on-line secondary path
estimation.
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Fig. 3. Proposed feedback ANC with a residual music
canceller.
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