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Context

» Estimation of glottis signal from speech is still an unsolved problem [1]
 |ssue of modelling the wideband characteristics of the glottal flow: variations of glottal formant and spectral tilt

» Demonstration and evaluation of the Glottal Flow Model based Iterative Adaptive Inverse Filtering (GFM-IAIF) method

A spectral glottal flow model IAlF-based algorithm
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