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Feature Extraction:
Why and What

Speech signal analysis:
TD: Short-time energy, Zero-Crossings
FD: STFT, Cepstrum, LPC, LSF

Estimation of Pitch and Vocal tract information:
MFCC, PLP

Cepstral Smoothing:
RASTA

Phone Clustering:
classification methods
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Why and What

» Feature Extraction for a TTS system:

l English input text

Text processing
Document structure detection
Text normalization
Text-markup interpretation
Linguistic analysis

1 Tagged text

Phonetic analysis
Grapheme-to-phoneme conversion
Homograph disambiguation

l Tagged phones

Prosodic analysis
Pitch, duration and amplitude assignment
Stress and pause assignment

Analyse prosody of speech for synthesizing phones from a

Control information
(Sequence of sounds,
durations, pitch)

given input text.

Dictionary, rules

Rules or
machine learning
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Speech signal analysis

» Analysis window:
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[
Shift Analysis-Section

Compromise between non-stationarity and frequency
resolution. Typically 25ms frame length and 10ms overlap.

Window functions used: Hanning or Hamming
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Speech signal analysis

» Speech production model:

Pitch period
|
Vocal tract
Ing[glil}'lse plnl parameters
generator V/U switch - -
Tl_m_e-varymg
— mj—(?—’ digital filter [ 7
andom
noise G
generator | ("]

Pulses are used for voiced sounds, white noise for fricatives
and a post-filter models the vocal tract: s[n| = u[n] x h[n]
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Speech signal analysis
» TD methods:

speech: He took me by surprise speech: He took me by surprise
008
Speech Speech
— Short-Time Energy Average Zero Crossing Rate |
004
0.02
002
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-0.08

Tirne (sec) Time (sec)

E, = [x(m) x w(n —m)|? Zn= Y. |sgn[z(m)] - sgnlz(m — 1)]| xw(n —m)
—MsmsM —M<m<M

Could be used to separate voiced from unvoiced sounds , or as
very simple VAD, but extremely noise sensitive.
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Speech signal analysis
» FD methods:

STFT: _ I

N-1
X[k =Y xjn]e 2K
n=0
N-1
= Z winlx[n+ L] ZT/K
n=0

L ... 10ms
N ... 25ms

Frequency (Hz)
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Speech signal analysis

» Real cepstrum:

|5 [] +‘
log| | I
x[n]l DFT X[k] of Clk], X[k] o —t—i.[”]’
| log {} 1x[n]
. |
D.{}

cln]= % f log ‘X(eiwﬂe”‘)” d

Speech production model:

z[n] = u[n] * h[n]

X (&) = U(e™)H(e™)

X(Cjw) = lOg{U(eJ )} + log{H(ej“’)}
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Speech signal analysis

> liftering;:

a) x[n] = winlsin]

0.5 fr= ol
We can separate the 0
pitch from the vocal -05 !
tract filter by liftering: 0 020030 d0e %0
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a) Short-time log spectra in cepstrum analysis b) Short-time cepstra

Short-time-cepstra e e

evolution of pitch |
and formants: L
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— Matlab demo
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Cepstral smoothing

» Problem:
- Cepstral coefs are sensitive to noise sensitive to noise

- High computational load
> ldea:
- Scale frequencies according to the Mel or Bark scale.

- Average over neighboring frequencies.
- Reduction of e.g. 256 fourier coefs to 24 outputs of a

mel-scaled filter bank.
- Calculation of 24 MFCCs.

" Lukes Pfeifenberger 20.06.2010 page 11/24




TU Graz - Signal Processing and Speech Communication Laboratory

Ty,

Mel scale
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Mel scaled filterbank

Amplitude
0.01]

0.005

0 . . >
0 1000 2000 3000 4000
Frequency (Hz)

L Normalized weighing functions pro-
MEy[r] = — 3 [V, [k Xnlk]?
o A e duce a flat mel-spectrum from a flat
fourier-spectrum.

" Lukes Pfeifenberger 20.06.2010 page 13/24




TU Graz - Signal Processing and Speech Communication Laboratory ﬁl:rla'!-

Mel-Frequency Cepstrum Coefcients

MFCCs for a 25ms patch of the vowel "e"
T
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mfce[n] = Zlog(MFm[ ]) cos {ZR ( r+ é) n}
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delta-MFCCs

1st and 2nd order derivatives are used as additional features.
Usually they are obtained by linear regression:

19 derivative & MFCC—floor

M

dr _ 2 )= f )

dt iiz

10 oo Frames (time) [25ms|
MFCC [
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MFCC summary

Ty

Signal

Feature Vectors
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Perceptual linear prediction

>

more robust against noise than MFCC:

do the STFT — |- |2

spectrum-warping to bark-scale

loudness-preemphasis based upon human hearing
loudess-to-density conversion by taking the cube-root
do the IDFT, this yields the autocorrelation sequence

solve the Yule-Walker equation to get the LP-coefs a;:
L

x(k) = Z apx(k — 1)+ Gu(k)

=1

LP-coefs can be quantized into LSFs for speech coding
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Perceptual linear prediction

» very similar to cepstrum-based methods

» main differences:
- /- instead of log()
- perceptual weighting functions:

1.0

0.0

PERCEPTUAL WEIGHTING FUNCTIONS

1 129
FREQUENCY [ FFT SPECTRAL POINT ]

" Lukes Pfeifenberger 20.06.2010 page 18/24




TU Graz - Signal Processing and Speech Communication Laboratory ﬁl:rla'!-

Relative Spectra (RASTA)-PLP

» Problem:
Unknown convolutional effects: microphone transfer function,
echoes.
Features are degraded by noise.

> ldea:
Filter out any cepstral components varying slower or faster
than the typical range of change of speech.

» IIR-bandpass applied in the cepstral domain:
+z7 =73 -2
1 —0.98z~!

2
H(z)=0.1(z"
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Comparison of spectral smoothing methods

log magnitude

— Short-time Fourier transform

- Homomorphic liftering nco = 50
+ Homomorphic liftering ne, = 13
—— LPC smoothing p =12

—0— Mel cepstrum smoothing

500 1000 1500 2000 2500 3000 3500 4000

Frequency (Hz)
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Phone Clustering

>

Problem:

Speech, and hence phones are strongly speaker dependent.
E.g. TIMIT contains 10 sentences spoken by 630 speakers
from 8 major dialect regions of the US.

Aim:

phonetic classification in featurespace

group phonetic features automatically

methods:
- PCA

- LDA

- K-means
- EM
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Phoneme Clustering

Data projected in 2D-PCA
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First 2 principal components of 100 feature vectors per phoneme,
segmented in the phonetic classes {fd,t,s,z,iy,eh,aog}
— Matlab demo
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