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OBJECTIVES

- Knowledge on the speech production mechanism and the linguistic categories of the voice
- Knowledge on sound perception
- Sound knowledge on implementation and fundamentals of speech and audio coders, speech recognition, speech
synthesis, speaker recognition and audio classification
- Sound knowledge on coding standards and metadata
- Knowledge on VoIP, dialog systems, voice-guided applications and computer-telephony integrated systems
- Capability to initiate research work in the following fields: speech and audio coding, speech recognition, speech
synthesis, speaker recognition and audio classification

DESCRIPTION OF CONTENTS: PROGRAMME

Unit 0. Introduction to Speech Technologies
Unit 1. The Auditory System and Speech Perception
Unit 2. The Speech Production System and Phonation. Speech and Audio Coding
Unit 3. Automatic Speech Recognition
Unit 4. Fundamentals of Speech Enhancement
Unit 5. Speaker Recognition
Unit 6. Applications

LEARNING ACTIVITIES AND METHODOLOGY

The following learning activities and methodologies are combined:

- Theory classes
- Guided lab assignments
- Research papers' presentations
- Final project

ASSESSMENT SYSTEM

First call:
- Research paper presentation (30%)
- Comprehension tests (30%)
- Final project (40%)

Second call:
- Research paper presentation (30%)
- Comprehension tests (30%)
- Final project (40%)

% end-of-term-examination: 0

% of continuous assessment (assigments, laboratory, practicals…): 100
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