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Organizational 

• Lecture: 2 h/week
• Wednesday, 11.00 - 12.30
• Lecture room: i11

• Office hour: 9 to 5, phone 873 - 4436
• Exam: oral?
• Speech Communication 2 Laboratory

First meeting: Fri., 5.3.04, 9.00 HS i11
Speech signal analysis and synthesis, coding (DSP), 
recognition (HTK)

• Projects %
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Projects

• Informationstechnik Projekt: 441.115 (6 PR)
• Telecom & Mobile Computing Project 441.117 (6 

PR)

Speech synthesis and recognition algorithms
(MATLAB, C/C++, or on DSP)
– Harmonic-plus-noise model
– Glottis closure instant detection
– Real-time pitch modification (Dipl.th.?)
– Oscillator model
– Feature extraction
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Introduction
Speech 
coding
levels:
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Introduction
Dialogue system:
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Introduction
Entwurfsparameter spracherkennender Systeme:

Darbietungsform: isolierte Einzelwörter, kontinuierliche Sätze und Passagen
Kommunikationsmodus: Kommandos, Dialog, Übersetzung, ...
Sprecherabhängigkeit: ein Sprecher, Sprechergruppe, beliebige Sprecher, adaptiv
Sprachsignalqualität: Sprachaufnahmequalität, Bandbreite, Störgeräusche, Raum
Wortschatz: Umfang, Satzgrammatik, ...
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Introduction
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Introduction
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Speech recognition
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Speech recognition

Parametrization
“Feature extraction”:

System overview:
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Feature extraction
Speech is sampled at a rate between 6.6 kHz and 20 kHz
Every 10-20 ms a feature vector is computed (e.g., 39 parameters):

1. Parameter is the energy 
12 Parameters are (often) Mel Frequency Cepstral Coefficients (MFCCs), 
computed from FFT or LP spectrum.
14.-26. Parameter: time derivative of each parameter (delta features)
37.-39. Parameter: time-acceleration of each parameter (delta-delta features)
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Feature extraction
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Feature extraction

Time domain:

Spectral domain:

Cepstral domain:

x[n]

X[k] = FFT(x[n])

plotted: 20 log(|X[k]|)

Xc[q] = IFFT(20 log(|X[k]|))
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Feature extraction
Small number of features
Relevant acoustic information
Robust to acoustic variation (fundamental frequency, pronuciation 
variants, speaker identity)
Robust against noise, etc.
Sensitive to linguistic content

Cepstral features capture the spectral envelope

Nonlinear “warping” of frequency axis ⇔ human auditory 
processing

Delta features ⇔ variation in natural speech: “co-
articulation”
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Acoustic modeling

Pronunciation Dictionary:

Phoneme models:
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Probabilistic model


