#= C-19
AR EMBEH R RRESE
Rk 2 346 4 1 BEHAE

H¥EERZE= : 18001
MEiER - AR O
FZEEARE - 2008~2010
FEREFES 20500158
MEREL (X)) BEEREEINZAV-ARMESICERGERERBHTE L [ PEEE.
EE~DIGH
T EREL (3EIX) Robust FO estimation based on time-varying complex speech analysis
and its application for IP telephony and musical signal
MERRE

ftA BE— (KEIICHI FUNAKI)

BREKKZ - REFRHMNEL 42— - B0

HEEES : 30315486

WFFERCR O (Fns0) -

BEHO FO HEEITEFFLIICBIT 2 EERBEETH D, FRAKREIL. B ORE LT
BRI T DREEERE F NI L5 HHREZEE SO H M AMDF O B — 7 #ERICE D |
FOHEREAIT D 7 L — X=X 5% | BEICHEEE LT, AWFERREIC I C, RpEE R 4T
THEE LT2 AT LD E—Z Ml G, FO ZHEET 0 7 N_—2 FO #EE T RERE L,
7wy MEERHEEOEEHEEICEM Lz, 612, 7= R L HHEER R
EPOERMEE L, Tha L T RESNEZHENTY L—A_—2 R L 0 AR %
179 2 BeHEE RO ZITV, HEEMEB SN D ERICHERE LM 7252 L 28 L
Too EDIC, AFEPEOBEEICN U T T L— AMEICHEE R 2 331l L. BRSO O3 2 7~ 7
LA, EWEOENT L—ATIEREGHTNENTH D Z & afER L,

WFFERCR OB (3230) -

FO estimation of speech plays an important role on speech processing. One of the authors
has proposed time-varying complex speech analysis for analytic speech signal and has
proposed novel FO estimation based on the time-varying complex speech analysis in which
complex residual is estimated by the speech analysis and FO is estimated by peak-picking
the weighted auto-correlation with a reciprocal of the corresponding AMDF for the residual.
It is called frame-based method. In this study, we propose more accurate and fast FO
estimation algorithm. In the method, pre-selections of FO and F1 are realized by using FO
and F1 contour estimation method based on the time-varying complex analysis. It is called
sample-based method. Final-selection of FO is realized by the frame-based method with
shorten range of FO based on the estimated FO and F1. The shorten range results in more
accurate estimation with smaller computational amount in the two-stage FO estimation.
Furthermore, in order to investigate the efficacy of the time-varying analysis, the
frame-based method is evaluated for each frame that is categorized into 4 modes with
respect to the voiced strength. The experimental results confirm that the time-varying

analysis can perform better for strong voiced frames.
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