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Towards expressive speech synthesis Spectral envelope modification

* Speech expressivity partly conveyed by glottis-related timbre variations » Existing systems (e.qg., Audapter [3]) modify the
(e.q., effort, tenseness) called voice quality [2] full signal spectral (LP) envelope

* Need for a full control of these variations over time in speech synthesis * Need to disentangle vocal tract and glottis
(e.g., voice substitution applications) spectral envelopes

» Real-time modification of voice quality parameters with the » Real-time implementation of the GFM-IAIF
Glottal Flow Model-based Vocoder (GFM-Voc) glottal inverse filtering method [1]
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 Extraction of vocal tract (VT) and glottis (G) spectral envelopes with GFM-IAIF [1]
* Modification of filter parameters using analogue filters [4]

» Mapping from effort / tenseness to glottis parameters [3] ]
Acoustic correlates Vocal Tract Glotis CO n CI usions
Closing <+ Opening Softer ~ «—»  Louder » Real-time voice quality modification system
Lower Higher Lower Higher » First system with independent modification of vocal
Backwards <—» Forwards Lower Higher tract and glottis parameters (voice quality)
Lower Higher More laxed <+—> More tensed » No loss of information = high-quality modification
Rounding <+ Stretching Lower Higher » Applications to expressive speech synthesis,
Lower Higher Narrower Wider auditory feedback perturbation, and speech therapy
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