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Administrative Information

◮ Instructor: Harald Romsdorfer

◮ Meeting Date/Time: to be defined

◮ Mode: Each group of 1-2 students should select one topic.
They should give an in-depth presentation of this topic and
the referenced work therein (for about 1 - 1.5 hours).
Following the presentation, we would like to discuss the
presented topic. Therefore, it is necessary that each
participant reads the presented article.

◮ Grading: Grades are given based on the presentation and the
participation in discussions (50% :: 50%). The presentation
slides must be sent before the presentation to
romsdorfer@tugraz.at.
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Topics

◮ Analysis of Speech Signals (Feature Extraction)
◮ STFT, MFFC, RASTA, PLP, LSF
◮ Cepstral Smoothing
◮ Phone Clustering

◮ Speech Corpus Segmentation
◮ HMM-based Forced Alginment
◮ DTW-based Pattern Matching

[YEH+02, Hos08]

◮ Prosodic Modification of Speech Signals
◮ Source-Filter Models: LPC, Spectral Coeffs (STRAIGHT)
◮ TD-PSOLA
◮ FD-PSOLA

[MC90, KEF01]
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Topics

◮ Prosody Generation
◮ F0 Modeling
◮ Segment Duration Modeling
◮ Intensity Modeling

[BH96, YKK08, Rom09]

◮ Concatenative Speech Synthesis
◮ Diphone Synthesis
◮ Unit Selection Synthesis
◮ Source-Filter Synthesis: LPC, Fourier, MFCC

[BC95, HB96, vS97, Dut08]

◮ Statistical Parametric Speech Synthesis
◮ HMM-based Speech Synthesis: MFCC, LPC

[Yam06, Tay09]
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Topics

◮ Voice Transformation Algorithms
◮ Statistical Parametric Speech Synthesis
◮ Concatenative Speech Synthesis

[KM98, KM01, Yam09]

◮ Language Transformation Algorithms
◮ Statistical Parametric Speech Synthesis
◮ Concatenative Speech Synthesis

[LIF05, LIF06]

◮ Polyglot Speech Synthesis
◮ Foreign Inclusion Detection
◮ Polyglot Speech Synthesis: Concatenation-based, HMM-based

[SO94, BL04, BS06, Rom09, LIF05]
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Books
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Corpus-based speech synthesis.
In J. Benesty, M. Sondhi, and Y. Huang, editors, Handbook of Speech Processing, chapter 23, pages 471–487.
Springer, Berlin Heidelberg, 2008.

P. Taylor.

Text-to-Speech Synthesis.
Cambridge University Press. 2009.
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