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This paper describes a method to measure the distortion level of loudspeaker using a
LMS(Least Mean Square) adaptive filter. Conventional technique to measure the distor-
tion level uses a band-pass filter with a sharp cut-off frequency characteristics. Howev-
er. such the band-pass filter has a bad time response characteristics. On the other hand.
the proposed method offers us an easy way to measure the specified harmonic distortion
level with a small hardware. Moreover, our method is not affected by noise which has
no correlation with the test signal. and the measurement can be carried out in a noisy
environment. The effectiveness of the proposed method is confirmed by experiment us-

ing a loudspeaker in a noisy room.
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Fig. 5.(d) The output signal z(¢) of LMS filter
when using fundamental sinusoidal
wave as reference.
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Fig. 8.(a) The output spectrum D(w) of micro-
phone when using 200Hz sine wave
as test signal and using 2-order har-
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Fig. 8.(b) The output spectrum Z{(w) of adap-
tive filter when using 200Hz sine
wave as test signal and using 2-ord-
er harmonic of 400Hz sine wave as
reference signal.
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Fig. 9.(a) The output spectrum D(w) when us-
ing 200Hz sine wave as test signal
and using 3-order harmonic of 600Hz
sine wave as reference signal.
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Table 1. The results of harmonic distortion
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