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Abstract Fundamental frequency (F0) is related with the perceived pitch of the periodic signal and is one of the
most important parameters for various kinds of speech processing. Modern channel vocoders for high-quality speech
synthesis generally require high-performance estimators in speech parameters including F0. We have proposed a
rapid and reliable F0 estimator for real-time applications. On the other hand, other applications such as statistical
parametric speech synthesis require a robust estimator rather than computational cost. This paper presents a robust
and high-performance F0 estimator named Harvest for high-quality speech synthesis. The proposed estimator con-
sists of three steps: multi-channel band-pass filtering with different center frequencies, calculation of F0 candidates
and connection on the basis of the continuity of the F0 contour. Two evaluations in estimation performance and
noise robustness were carried out compared with other modern estimators. The result showed that the proposed
estimator was superior to others in both estimation performance and noise robustness.
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