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Fig. 1. Block diagram of the LMS-based Fourier ana-
lyzer
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Fig. 2. Frequency characteristics of Fig. 1
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Fig. 3. Amplitude estimation
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Fig. 4. Frequency characteristics to remove interfer-
ence
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Fig. 5. Block diagram of frequency estimation

Table 1. Frequencies of Kagura scale

note no. MIDI note no. frequency [Hz]
0 73 564.658
1 75 632.813
2 r 682.639
3 80 846.389
4 83 991.615
) 85 1061.135
6 87 1237.746
7 89 1364.207
8 92 1666.380
9 95 1968.771
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Fig. 6. Synthesized musical signals
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Fig. 7. Original musical score generated by a synthe-
sizer

Fig. 8. Musical score estimated from synthesized mu-
sical signals
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Fig. 9. Estimated score of a part of Kagura perfor-
mance
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Fig. 10. Power comparison
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