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(t−1)
d +

[
01×L, μ

(y|X)
m̂t,t,d

]�
(17)

P
(t)
d =

(
I − k

(t)
d wL

)
P

′(t−1)
d (18)

ŷ
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Fig. 1 Frame-by-frame processing in real-time voice conversion (C = 2, L = 2).
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