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RESUMEN 

 
Voice Transformation refers to the various modifications one may apply to the sound produced by a person, 

speaking or singing. In other words, Voice Transformation aims at the control of non-linguistic information of 
speech signals such as voice quality and voice individuality. Voice Transformation covers a wide area of research 
from speech production modeling and understanding to perception of speech, from natural language processing, 
modeling and control of speaking style, to pattern recognition and statistical signal processing. 

 Voice Transformation was considered as a hot, novel and fast-growing topic in 1990s having as potential 
application the concatenated speech synthesis systems where new (virtual or target) voices could be created without 
requiring to pass through the quite expensive process of developing new voices. By that time, it was widely accepted 
that Voice Transformation systems were far from providing the required performance. With the recent developments 
in speech synthesis this need is more pronounced. There is an increasing demand for high quality Voice 
Transformation methods not only for creating target or virtual voices, but also to model various effects (e.g., Lombard 
effect), synthesize emotions, to make more natural the dialog systems which use speech synthesis etc. 

 In this talk I will review the state-of-the-art Voice Transformation methodology showing its limitations in 
producing good speech quality and its current challenges. Addressing quality issues of current voice transformation 
algorithms in conjunction with properties of the speech production and speech perception systems I will try to pave 
the way for more natural Voice Transformation algorithms in the future. Facing the challenges, it will allow Voice 
Transformation systems to be applied in important and versatile areas of speech technology. Besides speech 
synthesis, Voice Transformation has other potential applications in areas like entertainment, film, and music 
industry, toys, chat rooms and games, dialog systems, security and speaker individuality for interpreting telephony, 
high-end hearing aids, vocal pathology and voice restoration. 
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