Speech Signal Representations

Berlin Chen 2005

References:
1. X. Huang et. al., Spoken Language Processing, Chapters 5, 6
2. J. R. Deller et. al., Discrete-Time Processing of Speech Signals, Chapters 4-6

3. J. W. Picone, “Signal modeling techniques in speech recognition,” proceedings of the IEEE,
September 1993, pp. 1215-1247



Source-Filter model

* Source-Filter model: decomposition of speech signals

— A source passed through a linear time-varying filter
 But assume that the filter is short-time time-invariant

— Source (excitation): the air flow at the vocal cord (@%fﬁ»)

— Filter: the resonances (41 [f) of the vocal tract (#2:f1) which
change over time

eln] | hin] > x[n]

* Once the filter has been estimated, the source can be
obtained by passing the speech signal through the inverse
filter
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Source-Filter model (cont.)

* Phone classification is mostly dependent on the
characteristics of the filter (vocal tract)

— Speech recognizers estimate the filter characteristics and
ignore the source

- Speech Production Model: Linear Prediction Coding,
Cepstral Analysis
- Speech Perception Model: Mel-frequency Cepstrum

— Speech synthesis techniques use a source-filter model to
allow flexibility in altering the pitch and filter

— Speech coders use a source-filter model to allow a low bit rate

SP - Berlin Chen 3



Characteristics of the Source-Filter Model

 The characteristics of the vocal tract define the current
uttered phoneme

— Such characteristics are evidenced in the frequency domain by the
location of the formants

* |l.e., the peaks given by resonances of the vocal tract
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Main Considerations in Feature Extraction

* Perceptually Meaningful
— Parameters represent salient aspects of the speech signal

— Parameters are analogous to those used by human auditory system
(perceptually meaningful)

« Robust Parameters

— Parameters are more robust to variations in environments such as
channels, speakers and transducers

 Time-Dynamic Parameters

— Parameters can capture spectral dynamics, or changes of
spectrum with time (temporal correlation)

— Contextual information during articulation
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Typical Procedures for Feature Extraction

Spectral Shaping

———————————————————————————————————————————————————————————————————————————————————————————————

Speech /T Conditioned
Signal | Framing . Signal

— | A/D Conversion > Preemphasis > and .
ww JM’ | Windowing ||

Fourier Transform Filter Bank | |
Cepstral ) '
| Processing | or
: Linear Prediction (LP)
Parameters: Measurements

Parametric Transform Spectral Analysis
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Spectral Shaping

« A/D conversion

— Conversion of the signal from a sound pressure wave to a digital
signal

 Digital Filtering (Pre-emphasis)
— Emphasizing important frequency components in the signal

* Framing and Windowing
— Short-term (short-time) processing

Figure 5.2 Analog signal and its corresponding digital signal.
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Spectral Shaping (cont.)

« Sampling Rate/Frequency and Recognition Error Rate

E.g., Microphone Speech
Mandarin Syllable Recognition
Accuracy: 67% (16KHz)

Sampling Rate Relative Error-Rate Reduction Accuracy: 63% (8KHz)
—=Error rate reduction
8 kHz Baseline 4/37=10.8%
11 kHz o +10%
UL 16kHz +10% oo
22 kHz +0%

Table 9.1 Relative error rate reduction with different samplfng rates. The reduction is relative
to that of the preceding row.
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Spectral Shaping (cont.)

* Problems for A/D Converter
— Frequency distortion (50-60-Hz hum) i @

— Nonlinear input-output distortion
« Example: 0

— Frequency response of a typical
telephone grade A/D converter

— The sharp attenuation of low o |
frequency and high frequency
response causes problem for
subsequent parametric spectral -
analysis algorithms

0

| | | | -

» The Most Popular Sampling Frequency = w e om
— Telecommunication: 8KHz
— Non-telecommunication: 10~16KHz

Fig. 3. The frequency response of a typical telephone grade A/D
converier is shown.
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Pre-emphasis

* A high-pass filter is used
— Most often executed by using Finite Impulse Response filters (FIRs)
— Normally an one-coefficient digital filter (called pre-emphasis filter)

IS used
Npre
Hye(2)= ¥ —a, (k)
H ., (z)z 1 - azprez_1 (2)

Speech signal x[n]

e
X(Z)

ln]

Pre-emphasis Filter

H(z)z Y(Z) " g

X (z)

= Y(Z)= X(Z)— az _IX(Z)

Notice thatthe Z transform  of ax [n —1]

n=omw n'=ow {
= > ax [ -1k = > ax lalz &
n=-w n'=-w

n=w '
= 7 e e )
n'=—ow

— y[n]: x[n]— ax [n —1]

Mnl=x[n|=2{n]-axn—1]

H(z)=1-a *z! 0<a<l Q—W@%M—»
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« Implementation and the corresponding effect

Pre-emphasis (cont.)

— Values close to 1.0 that can be efficiently implemented in fixed
point hardware are most common (most common is around 0.95)

— Boost the spectrum about 20 dB per decade
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Pre-emphasis: Why?

« Reason 1: Physiological Characteristics

— The component of the glottal signal can be modeled by a simple
two-real-pole filter whose poles are near z=1

— The lip radiation characteristic, with its zero near z=1, tends to

cancel the spectral effects of one of the glottal pole

==> By introducing a second zero near z=1 (pre-emphasis), we
can eliminate effectively the larynx and lips spectral contributions

— Analysis can be asserted to be seeking the parameters

corresponding to the vocal tract only

e[n}

1 1

] 1-bz" . 1-b,z"

glottal signal/
larynx

H(Z)

vocal tract
1

l—cz

—  X[N]

p
1— Yagz*

k=1

lips
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Pre-emphasis: Why? (cont.)

 Reason 2: Prevent Numerical Instability

— If the speech signal is dominated by low frequencies, it is highly
predictable and a large LP model will result in an ill-conditioned
autocorrelation matrix

« Reason 3 : Physiological Characteristics Again

— Voiced sections of the speech signal naturally have a negative
spectral slope (attenuation) of approximately 20 dB per decade

due to physiological characteristics of the speech production
system

— High frequency formants have small amplitude with respect to
low frequency formants. A pre-emphasis of high frequencies is
therefore require to obtain similar amplitude for all formants
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Pre-emphasis: Why? (cont.)

 Reason4:
— Hearing is more sensitive above the 1 kHz region of the

spectrum

SPL (dB)

Figure 2.3 The sound pressure level (SPL) level in dB of the absolute threshold of hearing as a
function of frequency. Sounds below this level are inaudible. Note that below 100 Hz and
above 10 kHz this level rises very rapidly. Frequency goes from 20 Hz to 20 kHz and is plotted

in a logarithmic scale from Eq. (2.3).
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Framing and Windowing

* Framing: decompose the speech signal into a series of
overlapping frames

— Traditional methods for spectral evaluation are reliable in the case
of a stationary signal (i.e., a signal whose statistical
characteristics are invariant with respect to time)

 Imply that the region is short enough for the behavior
(periodicity or noise-like appearance) of the signal to be
approximately constant

* In sense, the speech region has to be short enough so that it
can reasonably be assumed to be stationary

 stationary in that region: i.e., the signal characteristics
(whether periodicity or noise-like appearance) are uniform in
that region
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Framing and Windowing (cont.)

* Terminology Used in Framing

— Frame Duration (N): the length of time over which a set of
parameters is valid. Frame duration ranges between 10 ~ 25 ms

— Frame Period (L): the length of time between successive
parameter calculations (“Target Rate” used in HTK)

— Frame Rate: the number of frames computed per second

Frame Duratlon N

“Frame Size

M%MM

Frame Period (Target Rate) L

frame m frame m+1 ..... etc.

!

I
Parameter
Vector { E E ....................
Size
N—

" Speech Vectors or Frames
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Framing and Windowing (cont.)

* Windowing : a window, say wj|n], is a real, finite length
sequence used to select a desired frame of the original
signal, say x,[n]

— Most commonly used windows are symmetric about the time (N-1)/2
N is the window duration

~

X, [n]: x[m L+ n], n=01..,N-1, m=0]1,. M1 Framed signal

X, [n] =X, [n]w[n], 0<n<N-1 Multiplied with the
window function

— Frequency response:

m

X (k)=X (k)*w(k), *: convolutim

Frequency Response

— ldeally, w[n]=1 for all n, whose frequency response is just
an impulse

* This is invalid since the speech signal is stationary only within

the short time intervals SP - Berlin Chen 18



Framing and Windowing (cont.)

* Windowing (Cont.)

— Rectangular window (w[n]=1 for
O0<n<N-1):

» Just extract the frame part of
signal without further processing

* Whose frequency response has :
high Side IObeS 0 llO 2IO 3]0 4l0 Sar:l:))le," 61{) 7l0 8I0 9IO 100

— Main lobe: spreads out in a T e a4 ks are”ox e sargtine
wider frequency range in the

ammin

annin

Amplitude

N=101, and for the Kaiser window, f=4.

narrow band power of the signal, s s
and thus reduces the local g o
frequency resolution
— Side lobe: swaps energy from
different and distant frequencies w Twig; as wide as the rectangle windoy

w T

of x[n], which is called leakage 100 :
or spectral leakage R RO

FIGURE 1.4. Magnitude spectra of rectangular and Hamming windows. ;
Wwindow length N=16 is used in each case for clarity. Note that the nominal
“bandwidth” (width of main lobe) is 27/N=n/8 for the rectangular case and
about twice that for the Hamming. The sidelobe attenuation for the
Hamming, however, is 20 dB better outside the passband.
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Framing and Windowing (cont.)
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Framing and Windowing (cont.)
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Figure 5.19 Frequency response (magnitude in dB) of the rectangular window with N = 50,
which is a digital sinc function.
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Figure 5.20 (a) Hanning window and (b) the magnitude of its frequency response in dB; (c)
Hamming window and (d) the magnitude of its frequency response in dB for N = 50.
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Framing and Windowing (cont.)

* For a designed window, we wish that
— A narrow bandwidth main lobe
— Large attenuation in the magnitudes of the sidelobes

However, this is a trade-off!

Notice that: N

1. A narrow main lobe will resolve the sharp details of X (k)
(the frequency response of the framed signal) as the
convolution proceeds in frequency domain

2. The attenuated sidelobes prevents “noise” from other
parts of the spectrum from corrupting the true spectrum
at a given frequency
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Framing and Windowing (cont.)

* The most-used window shape is the Hamming window,
whose impulse response is a raised cosine impulse

0.54—046c0s 27| n=01...N-I
wln]= N1 |
0 otherwise

0 10 20 30 40
time

0 otherwise

Generalized Hamming Window
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Framing and Windowing (cont.)

Male Voiced Speech
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Figure 6.3 Short-time spectrum of male voiced speech (vowel /ah/ with local pitch of 110Hz):
(a) time signal, spectra obtained with (b) 30 ms rectangular window and (c) 15 ms rectangular
window, (d) 30 ms Hamming window, (e) 15 ms Hamming window. The window lobes are
not visible in (e), since the window is shorter than 2 times the pitch period. Note the spectral
leakage present in (b).
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Framing and Windowing (cont.)

 Female Voiced Speech
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Figure 6.4 Short-time spectrum of female voiced speech (vowel /aa/ with local pitch of
200Hz): (a) time signal, spectra obtained with (b) 30 ms rectangular window and (c¢) 15 ms
rectangular window, (d) 30 ms Hamming window, (¢) 15 ms Hamming window. In all cases
the window lobes are visible, since the window is longer than 2 times the pitch period. Note

the spectral leakage present in (b) and (c).
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Framing and Windowing (cont.)

Unvoiced Speech
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Figure 6.5 Short-time spectrum of unvoiced speech: (a) time signal, (b) 30 ms rectangular
window, (¢) 15 ms rectangular window, (d) 30 ms Hamming window, (¢) 15 ms Hamming
window.
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Short-Time Fourier Analysis

* Spectral Analysis
— Notice that the response for each

frequency is not completely uncorrelated

due to the windowing operation

« Spectrogram Representation

— A spectrogram of a time signal
IS a two-dimensional representation

that displays fime in its horizontal axis .

and frequency in its vertical axis

— A gray scale is typically used
to indicate the energy at
each point (t,f)

« “white”: low energy,
“black”. high energy

Figure 2.8 A spectral analysis of the vowel /iy/, showing characteristically uneven distribution
of energy at different frequencies.
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Figure 6.2 (a) Waveform with (b) its corresponding wideband spectrogram. Darker areas mean
higher energy for that time and frequency. Note the vertical lines spaced by pitch periods.
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Mel-Frequency Cepstral Coefficients (MFCC)

Most widely used in the speech recognition

Has generally obtained a better accuracy and a minor
computational complexity

________________________________________________ Sl AIEED
Speech signal X, [n] X [k ] Mel
Ly - : —> — |
S[n] Pre-emphasis 'E[n] DFT || filter banks
e Window | _____:
Spectral Shaping
energy Log( > |-]?)
clnle | e L T —
: ) : IDFT |
) AZ{C;[H]},AZ{&} >«— derivatives L S [n Cosin?ar S [m]
A {Cz [”]}A {ez } | MrEcc | Transformation |
Parametric Transform
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Mel-Frequency Cepstral Coefficients (cont.)

e (Characteristics of MFCC

— Auditory-like frequency
* Mel spectrum
— Filter (critical)-band soothing
« Sum of weighted frequency bins
— Amplitude warping
 Logarithmic representation of filter bank outputs
— Feature decorrelation and dimensionality reduction
* Projection on the cosine basis

. , FEE(H, )
Oval Window  Fluid Basilar Membrane 8000 4000 2000 = 1000 600 400 200

1 J
0 5 10 15 20 25 30 35

5348 B 7 258 (mm)

B

Adopted from Kumar's Ph.D. Thesis
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DFT and Mel-filter-bank Processing

For each frame of signal (N points, e.g., N=512)

— The Discrete Fourier Transform (DFT) is first performed to obtain
its spectrum (N points, for example N=512)

— The spectrum is then processed by a bank of filters according to
Mel scale, and the each filter output is the sum of its filtered
spectral components (M filters, and thus M points, for example

M=18) N
il sumy S[0]
Time domain signal Spectrum R - J
L sl M S THEA sy U
ﬁ‘> Ay I \/{\A\/’\ > > f
#ln] ¥ ]
n=01,...N-1 k=01,.,N-I

—» @n> S[M -1

f SP - Berlin Chen 30
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Filter-bank Processing

* Mel-filter-bank .

1L/ I =
Slm]=slm—1] |
1= Ll v
mLJ k1™ -
m|— flm—1 Energy in
f[ ] f[ ] Each Band
- - MELSPREC
Let’s define f, and f, to be the lowest and highest frequencies of the filterbank in
Hz, F, the sampling frequency in Hz, M the number of filters, and N the size of the FFT. The Mel-Scale Filter Bank
boundary points f{m] are uniformly spaced in the mel-scale:
_[ N - n BUs)~B(f) -
/ [’"]‘(FS]B (B(ff) M+1 i B(f)=1125In(1+ f/700)
‘ ‘ 106 s B
where the mel-scale B is given by Eq. (2.6), and B is its inverse Mznz H l]= 1
B (b) =700 (exp(0/1125)=1) 6143 . A filterbank with M filters

____________________________________________________________________________

or S[m]= 21n(|X (k] H, k]) 0<m<M

HTK use such a conflguratlon
homomorphic transform SP - Berlin Chen 31



Filter-bank Processing (cont.)

B(f)=1125(1+ f/700) B7'(p)=700(exp(h/1125)-1)

Mel frequency

»
>

;)

%B{B(f,)—l—m B(f;/)[—j(ﬁ)j

Linear frequency
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Filter-bank Processing: Why?

« The filter-bank processing simulates human ear
processing

— Center frequency of each filter

* The position of maximum displacement along the basilar
membrane for stimuli such as pure tone is proportional to the
logarithm of the frequency of the tone

— Bandwidth

* Frequencies of a complex sound within a certain bandwidth
of some nominal frequency cannot be individually identified

* When one of the components of this sound falls outside this
bandwidth, it can be individually distinguished

* This bandwidth is referred to as the critical bandwidth

* A critical bandwidth is nominally 10% to 20% of the center
frequency of the sound
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Filter-bank Processing: Why? (cont.)

* For speech recognition purpose :
— Filters are non-uniformly spaced along the frequency axis

— The part of the spectrum below 1kHz is processed by more filter
banks
 This part contains more information on the vocal tract such
as the first formant

— Non-linear frequency analysis is also used to achieve
frequency/time resolution

« Narrow band-pass filters at low frequencies enables
harmonics to be detected

« Longer bandwidth at higher frequencies allows for higher
temporal resolution of bursts (?)
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Filter-bank Processing: Why? (cont.)

« The most-used two warped frequency scale : Bark scale

and Mel scale

Bark Scale Mel Scale \
Cenlber Cenber
Freq. BW . BW
Index (FLz) (H=z) (H=x) (HE)
1 S0 10w 100 100
2 150 100 200 100
3 250 100 300 100
4 350 100 400 100
5 450 110 500 100
6 570 120 600 100 |
7 700 140 700 100
8 240 150 800 100
9 1000 160 Q00 100
10 1170 190 LOO0D 124 |
il 1370 210 1149 150
12 1600 240 1320 184
13 1850 280 1516 211
14 2150 320 1741 2432
15 2500 380 2000 278
16 2900 450 2297 320
i7 3400 550 2639 3£
18 4000 7 3031
19 4800 3482
70 5800 4000
21 TOOO ARG
22 8500
23 LOS00
24 13500
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Homomorphic Transformation
Cepstral Processing

* A homomorphic transform b (-) is a transform that converts
a convolution into a sum

x[n]=eln]*n|n] l;[n]zO for n =L
fc[n]:D(x[n]):é[n]+};[n] é[n]zO for n < L

x(n)=e(n)*h(n) > X(»)=E(on)H(w)
2| X(o)|=|E(0)||H(w)[Flog|X(w)|=log|E(w)|+log|H(w)|

« Cepstrum is regarded as one homomorphic function (filter)
that allow us to separate the source (excitation) from the
filter for speech signal processing

— We can find a value L such that

« The cepstrum of the excitation

Cepstrum is an anagram (¥ < #:%) of spectrum SP - Berlin Chen 36



Homomorphic Transformation
Cepstral Processing (cont.)

S[n]z e[n]* h[n]

s|n x|n x|n 1 [n h[”]
7] [7] L] []#% hn] T
w[n] l”]
1 n| < N
Tl=y
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Source-Filter Separation via Cepstrum

"Slow" variations

|S(w)] (envelope) |E(w)] [B(w)]
"Fast" variations
(a) (pulses) o :
| ] TR .

' s do oY ks T \Locals o I FIGURE 6.3. The motivation behind the RC, and some of the accompanying
for "fast" Spec‘:,al Lol o e vocabulary. (a) In the“ speech mggqjtude spectrum,TS(w)T, two components
variations "11‘"“' can be identified: a “slowly varying” part (envelope) due to the speech

B i el system, [8(w)|, and a “quickly varying” part due to the excitation, |E().
These components are combined by addition. Their time domain

counterparts, 8(n) and e(n), are convolved. (b) Once the logarithm of the
log |S(w)|=C (w) log|E(w)| log|O(w) spectral magnitude is taken, the two convolved signal components, 6(n) and

1
e(n), have additive correlates in the new “signal,” C(w). The former
+ corresponds to a slowly varying (‘low-quefrency”) component of C,(w), and
the latter to a quickly varying (“high-quefrency”) component. (c) When the
T W T | ‘ 7Ir w

IDTFT is taken, the slowly varying part yields a “cepstral” component at low
quefrencies (smaller values on the time axis), and the component with fast

Problem variations results in a “cepstral” component at high quefrencies (larger values
S(‘]’l‘;::r' on the time axis). The low-quefrency part of the cepstrum therefore
odinbliation) represents an approximation to the cepstrum of the vocal system impulse
response, ¢,(n), and the high-quefrency part corresponds to the cepstrum of
c(n) ¢, (n) [approx] co(n) the excitation, ¢,(n).
Low quefrency energy
High quefrency
"Wt L
""p 2P 3P 1 P 2P 3P " i n
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Cepstral Analysis

» |deal case
— Preserve the variance introduced by phonemes

— Suppress the variances introduced by source likes
coarticulation, channel, and speaker

— Reduce the feature dimensionality

SP - Berlin Chen 39



Cepstral Analysis (cont.)

* Project the logarithmic power spectrum (most often
modified by auditory-like processing) on the Cosine basis

— The cosine basis are used to project the feature space on
directions of maximum global (overall) variability

« Rotation and dimensionality reduction
— Also partially decorrelates the log-spectral features

Covariance Matrix of the 18-Mel-filter-bank vectors Covariance Matrix of the 18-cepstral vectors

15 0 20

Calculated using Year-99's 5471 files Calculated using Year-99's 5471 files
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Cepstral Analysis (cont.)

« PCA and LDA also can be used as the basis functions
— PCA can completely decorrelate the log-spectral features

— PCA-derived spectral basis projects the feature space on
directions of maximum global (overall) variability

— LDA-derived spectral basis projects the feature space on
directions of maximum phoneme separability

Covariance Matrix of the 18-PCA-cepstral vectors Covariance Matrix of the 18-LDA-cepstral vectors

o= =1 = ) [X) I 23]
B ! ! ! | ! !

15
§ 0o 20 20

Calculated using Year-99's 5471 files Calculated using Year-99's 5471 files
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Cepstral Analysis (cont.)

Class 2
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Logarithmic Operation and DCT in MFCC

* The final process of MFCC construction: logarithmic
operation and DCT (Discrete Cosine Transform )

Mel-filter output
spectral vector ‘ ‘ ‘ ‘ | ‘ Filter in‘dex
\ Logter) ) |
Log-spectral vector
‘ || ] ‘ ‘ ‘ | ‘ | Filter index

DCT |

~~

L quefrency

MFCC vector
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Log Energy Operation: Why ?

« Using the magnitude (power) only to discard phase
information
— Phase information is useless in speech recognition
 Humans are phase-deaf

* Replacing the phase part of the original speech signal with
continuous random phase won’t be perceived by human
ear

» Using the logarithmic operation to compress the
component amplitudes at every frequency
— The characteristic of the human hearing system

— The dynamic compression makes feature extraction less
sensitive to variations in dynamics

— In order to separate more easily the excitation (source)
produced by the vocal cords and the the filter that represents
the vocal tract

SP - Berlin Chen 44



Discrete Cosine Transform

* Final procedure for MFCC : performing the inverse DFT on
the log-spectral power

* Discrete Cosine Transform (DCT)

— Since the log-power spectrum is real and symmetric, the inverse
DFT reduces to a Discrete Cosine Transform (DCT). The DCT has
the property to produce more highly uncorrelated features

* Partial De-correlation

¢,|n]= JiZS[m]cos{ (m—%ﬂ n=01...,L<M

« When n=0

O] \/ ZSZ [m] (relative to the energy of spectrum/filter bank

outputs) SP - Berlin Chen 45



Discrete Cosine Transform: Why?

« Cepstral coefficients are more compact since they are
sorted in variance order

— Can be truncated to retain the highest energy
coefficients, which represents an implicit liftering
operation with a rectangular window

« Successfully separates the vocal tract and the excitation

— The envelope of the vocal tract changes slowly, and
thus at low quefrencies (lower order cepstrum), while
the periodic excitation are at high quefrencies (higher
order cepstrum)
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Derivatives

« Derivative operation : to obtain the temporal information of
the static feature vector

quefrency(N) ‘

MFCC stream

A

-1

[+1

quefrency(N) ‘

AMFCC stream

Frame index

3 (c,+p [n]— Crp [”])

Ac, [l’l] ==

25 p’
p=I

Frame index

quefrency(N) 4

A2MFCC stream

»

P

Ne,|n]= i p(Ach [n]-Ac,, [”])

2% p’

p=1

Frame index
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Derivatives: Why?

* To capture the dynamic evolution of the speech signal
— Such information carries relevant information for speech
recognition
— The distance (the value of p) should be taken into account

» Too low distance may imply too correlated frames and therefore the
dynamic cannot be caught

« Too high values may imply frames describing too different states

« To cancel the DC part (channel effect) of the MFCC

features
— For example, for clean speech, the MFCC stream is

while for a channel-distorted speech, the MFCC stream is

{ ...... ¢, ,,c,,,c,,c,,.¢C

— the channel effect h is eliminated in the delta (difference) coefficients

{ ...... c, ,+h,c,,+h,c,+h,c, , +hc

[+1 [+2
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MFCC v.s LDA

« Tested on Mandarin broadcast news speech

« Large vocabulary continuous speech recognition (LVCSR)

* For each speech frame

— MFCC uses a set of 13 cepstral coefficients and its first and

second time derivatives as the feature vector (39 dimensions)
— LDA-1 uses a set of 13 cepstral coefficients as the basic vector

— LDA-2 uses a set of 18 filter-bank outputs as the basic vector

(Basic vectors from successive nine frames spliced together to form the
supervector and then transformed to form a reduced vector with 39

dimensions)

Character Error Rate

TC WG
MFCC 26.32 22.71
LDA-1 23.12 20.17
LDA-2 23.11 20.11

The character error rates (%) achieved with respective to

different feature extraction approaches.

SP - Berlin Chen 49




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000500044004600206587686353ef901a8fc7684c976262535370673a548c002000700072006f006f00660065007200208fdb884c9ad88d2891cf62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef653ef5728684c9762537088686a5f548c002000700072006f006f00660065007200204e0a73725f979ad854c18cea7684521753706548679c300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020b370c2a4d06cd0d10020d504b9b0d1300020bc0f0020ad50c815ae30c5d0c11c0020ace0d488c9c8b85c0020c778c1c4d560002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken voor kwaliteitsafdrukken op desktopprinters en proofers. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create Adobe PDF documents for quality printing on desktop printers and proofers.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /NoConversion
      /DestinationProfileName ()
      /DestinationProfileSelector /NA
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure true
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles true
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /NA
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /LeaveUntagged
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


