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Abstract

This research is mainly concerned with a robust method for an improved performance of a
real-time speech enhancement and noise cancellation in a real reverberant environment.
Therefore, the thesis titled, “A Kepstrum Approach to Real-Time Speech Enhancement”
presents an application technique of a kepstrum method to a speech enhancement method. The
kepstrum approach is based on a fundamental theory of kepstrum analysis, which gives a
mathematical construct to the application of a speech enhancement. Kepstrum analysis is
applied to the system identification application of unknown acoustic transfer functions between
two microphones. This kepstrum method provides a mathematical representation with FFT
based processing and is independent of acoustic path model order. The front-end application of
the kepstrum method to speech enhancement methods provides an improved performance in

speech enhancement and noise cancellation with several favourable effects.

111



Chapter 1
Chapter 2
1
2
2.1
2.2
3
8.1
3.2
33

3.3.1

Table of Contents

Abstract

List of figures

List of tables

List of abbreviations and acronyms
List of symbols

Acknowledgements

Declaration

Introduction

Literature review

Introduction

Microphone technology
Classification by sensitivity polar pattern
Classification by physical material
Main approaches

Adaptive noise cancelling

The concept of adaptive noise cancelling

Wiener solution to statistical noise cancelling problems

Effects of signal components in the reference input

Spectral subtraction

Beamforming techniques

Beamforming operation and spatial filtering

xvi

X vii

xix

xxii

xx iii

11

14

18

19

19



8132
34
34.1
342
343
4
4.1
4.2
4.3
5
5.1
5.2
53
5.3.1
532
5.33
6
Chapter 3
1
2
3
3.
32

Beamforming classification

Cepstrum and kepstrum

Cepstrum analysis

Kepstrum analysis

Analysis of causal kepstrum

Adaptive algorithms

LMS algorithm

NLMS algorithm

RLS algorithm

WOSA, MSC and TDOA estimation algorithm
WOSA estimation algorithm

The MSC estimation

The TDOA estimation

The concept of the cross correlator

The concept of the GCC Method

The classification of prefilter weighting function
Summary

Analysis of approaches and practical applications
Introduction

Single microphone approach

ANC based approach

Application of a longer adaptive filter in alow SNR

Application by physical environmental set-up

24

29

30

38

42

49

49

52

53

56

56

60

61

61

62

64

69

70

70

%2

73

74

75



6

Chapter 4

1

33

34

3.5

3.6

3.7

4.1

4.2

43

4.4

4.5

4.6

4.7

4.8

5.1

§2

5.3

5.3.1

5312

Application of a directional microphone

Application on estimated acoustic transfer function

Small separation between two microphones using a VAD
Application of signal separation algorithm

Application using sub-band method to multiple-microphone ANC
An approach using multiple microphones array

Application using speech directivity function

Application using a signal blocking function

Application using speech beamforming or TDOA function
Application using a direct speech in front of microphones
Application using an intermittent adaptation to beamforming
Application using dereverberation techniques

Application using sub-band method to beamforming

Application using minimum phase and a cascaded adaptive filter

Analysis on sound sources, room reverberation, microphones
array

Analysis on sound sources

Analysis on room reverberation

Analysis on microphones array

Inter-distance between microphones

Analysis on array geometry

Summary

Kepstrum approach to speech enhancement

The research objective

76

77

84

84

87

89

91

94

95

96

97

98

98

98

99

101

104

107

107

Vi



2.1

22

23

24

3.1

3.2

33

Chapter 5

1

2.2.1

222

24.1

242

3.2.1

3.2:2

3.3.1

38.2

333

Kepstrum approach
Kepstrum analysis of spectral factor
Kepstrum method

Kepstrum estimation: system identification of acoustic transfer
function

Kepstrum processing technique

The effect of a robust processing by building blocks
Kepstrum applications

Application to speech enhancement method

Application to speech enhancement method
with adaptive algorithm

The effect of front-end minimum phase kepstrum application
to an adaptive filter

Invertibility

Application of front-end minimum phase kepstrum to all-zero
FIR filter (LMS or NLMS)

The effect of highly reduced cascaded adaptive filter size
The effect of small amount of kepstrum filter size
Application to pole-zero IIR filter (RLS)

Identification of unknown system with white noise input

Identification of unknown non minimum phase system
with white noise input

Identification of unknown non minimum phase system
with white noise input plus additive white noise

Experiments

Real-time processing

111

111

114

114

116

118

119

119

119

121

121

121

121

123

125

125

126

128

130

130

vii



1.1

1.2

1.3

4.1

4.2

6.1

6.2

6.3

6.4

6.5

6.6

6.4.1

6.4.2

6.4.3

Definition of real-time processing

Performance measurement of real-time processing

Real-time application

Experimental set-up

LabVIEW software

Performance evaluations

SNR measure

Segmental SNR measure

VAD

Real-time and simulation test

Comparison of omnidirectional and unidirectional microphones
Comparison of modified application to ANC and beamforming

The effect of front-end kepstrum application in a reverberant
environment

The effect of minimum phase front-end kepstrum application
Invertibility of minimum phase kepstrum application

Front-end application of minimum phase kepstrum to a cascaded
LMS algorithm

Front-end application of minimum phase kepstrum to a cascaded
RLS algorithm

Comparison of kepstrum processing (A) and kepstrum
processing (B)

Kepstrum approach to G-J beamforming with a modified
application

Summary

130

131

134

135

138

142

142

143

144

146

146

147

151

152

152

152

156

160

161

166

viil



Chapter 6

Conclusions

References

Appendix

Conference proceedings I:

Conference proceedings II:

Conference proceedings III:

167

168

II

VII

XIII

X



List of Figures

Chapter 1

Fig.

Fig.

1-1 Research objective

1-2  Kepstrum approach: Modified application from conventional main approaches
and kepstrum method

Chapter 2

Fig.
Fig.

Fig.

Fig.
Fig.

Fig.

Fig.
Fig.
Fig.

Fig.

Fig.

Fig.

2-1 Application solutions
2-2  Structure of microphone

2-3 Sensitivity polar patterns: (A) omnidirectional (B) unidirectional (cardioid)
(C) unidirectional (hypercardioid) (D) bidirectional (Figure-8)

2-4 The concept of ANC
2-5 Single-channel Wiener filter

2-6 Single channel ANC with correlated and uncorrelated noises in the primary and
reference inputs (Widrow et al., 1975)

2-7 ANC with signal components in the reference input (Widrow et al, 1975)
2-8 block diagram of spectral subtraction algorithm
2-9 Typical narrowband beamformer

2-10 Typical broadband beamformer

. 2-11 Illustration of spatial and temporal sampling

. 2-12 The analogy between an equi-spaced omni-directional narrowband line array

and a single-channel FIR filter

. 2-13 A classical broadband beamformer for line arrays

. 2-14 Direct form implementation of linearly constrained adaptive array processing

algorithm
2-15 Block diagram of the GSC

2-16 A historical background of cepstrum, complex cepstrum and kepstrum

10

12

15

18

20

21

22

24

26

27

28

30



Fig. 2-17 Overlapping spectral densities

Fig. 2-18 Example of logarithmic power spectrum (top) and its power spectrum (bottom)
Fig. 2-19 Example of windowing

Fig. 2-20 The generalized linear system

Fig. 2-21 Representation of homormophic system for convolution

Fig. 2-22 Canonic form of system for homomophic deconvolution

Fig. 2-23 Representation of the characteristic system for homomorphic deconvolution

Fig. 2-24 Representation of the inverse of the characteristic system for homomorphic
deconvolution

Fig. 2-25 Block diagram which can be used to process data in a real-time

Fig. 2-26 Causal signal (A) and minimum phase kepstrum signal (B)

Fig. 2-27 Phase zeros reflection into minimum phase

Fig. 2-28 Phase zeros reflection into non minimum phase

Fig. 2-29 Transversal filter

Fig. 2-30 Concept of cross correlator

Fig. 2-31 A block diagram of the generalized cross correlation as time delay estimator
Chapter 3

Fig. 3-1 Some exemplary approaches and application algorithms of a speech signal
and array processing technology

Fig. 3-2 Data generation model with signal leakage

Fig. 3-3 A data generation model without signal leakage and its equivalence
Fig. 3-4 Block diagram of basic noise cancellation method

Fig. 3-5 Theoretical maximum cancellation for ANC as function of MSC

Fig. 3-6 CTRANC method

30

33

34

35

35

36

36

37

43

47

48

49

62

63

71

73

77

78

80

82

Xi



Fig. 3-7 SAD algorithm

Fig. 3-8 Two-microphone representation from two stage beamforming multi-reference
ANC

Fig. 3-9 Two-microphone representation from sub-banded two stage beamforming
multi-reference ANC with sub-banded second stage

Fig. 3-10 Historical background for beamforming technique

Fig. 3-11 Time domain adaptive array processor (Hodgkiss, 1979)

Fig. 3-12 Frequency domain adaptive array processor (Hodgkiss, 1979)

Fig. 3-13 GSC representation of linearly constrained adaptive array processing algorithm

Fig. 3-14 Two-microphone representation from the modified G-J beamformer using
switching multiple adaptive filters

Fig. 3-15 Two-microphone G-J ANC based on switching adaptive filters for the hearing
aids application

Fig. 3-16 Time delay associated with wavefronts emitted by an acoustic source
(Carter, 1987; Carter and Robinson, 1993)

Fig. 3-17 Geometry used to estimate the range and bearing of an acoustic source
(Carter, 1987, Carter and Robinson, 1993)

Fig. 3-18 Block diagram of speech enhancement method: Modified G-J beamformer

Fig. 3-19 Acoustic SPL of speech as a function of distance from the mouth of speaker
and background noise level (Wenger, 2003)

Fig. 3-20 Example of reverberation: reflected sound reaching a directional microphone
(multiple reflections) (Levitt, 2001)

Fig. 3-21 Example of side effect by too long and too short distance between microphones
Fig. 3-22 Example of planar V shape / linear-nonlinear broadside displacement

Fig. 3-23 Example of broadside / endfire displacement

Chapter 4

Fig. 4-1 A block diagram of kepstrum approach

82

&3

&3

84

86

86

87

89

90

91

91

92

93

99

100

101

103

109

X11



Fig. 4-2 Kepstrum representation from power spectrum 113

Fig. 4-3 Kepstrum estimation: system identification of acoustic transfer functions 115
during the noise periods only

Fig. 4-4 Periodogram estimation procedure 115

Fig. 4-5 Block diagram for kepstrum processing procedure. (Window: Hanning, log (& ): 116
log of periodogram, y= Euler constant, 0.577215...)

Fig. 4-6 Kepstrum processing (A): by adding TDOA delay as phase 117
Fig. 4-7 Kepstrum processing (B): by restoring phase from causal kepstrum domain. 118
Fig. 4-8 The application of a periodogram estimate 118
Fig. 4-9 Kepstrum approach to speech enhancement methods (the G-J beamformer) 119
Fig. 4-10 Kepstrum approach to speech enhancement methods 120

(the G-J adaptive beamformer)

Fig. 4-11 Block diagram of (A) normal factorization represented as minimum phase 122
filter H,, (z) and all-pass filter H ,(z) (B) kepstrum method using kepstrum

filter K™ (z) and NLMS algorithm H,(2)

Fig. 4-12 Block diagram of (A) m roots original minimum phase and reflected n roots 123
minimum phase part H,, (z) and all-pass filter H,(z) (B) kepstrum method

using kepstrum filter X*(z) and NLMS algorithm H, (z) showing residual «
non minimum phase roots with all-pass transfer functions

Fig. 4-13 Block diagram of input-output relationship in terms of energy through (A) an 124
all-pass filter (B) a minimum phase filter and an all-pass filter

Fig. 4-14 Identification of unknown system with white noise input 125

Fig. 4-15 Identification of unknown non minimum phase system with white noise input 127

Fig. 4-16 Identification with a white measurement noise 128
Chapter 5

Fig. 5-1 Snapshot of CPU usage on window task manager 132
Fig. 5-2 Room environment: room (A) and room (B) 135

X1



Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

5-3 Test environment (desk A) 136

5-4 Example of front panel in LabVIEW: (A) control panel (B) indicator panel 138
(C) display panel for time domain waveform and frequency domain
power spectra

5-S A simplified block diagram in LabVIEW 140

5-6 Analysis using audio editing tool, cooledit pro 2.0 141

5-7 Example of assumed noise frame found from the VAD: (A) MSC showing 145
average 0.35 and (B) GCC estimates and TDOA showing maximum value at an
interpreted -7 which occurs at sample number 1016.

5-8 Example of VAD based on (A) log energy and (B) variance function 145
showing threshold value and current average output value in frame

5-9 Comparison of (I) omnidirectional and (II) unidirectional microphone 146
based on G-J beamformer (A) and G-J kepstrum beamformer (B) in
stationary computer fan

5-10 Comparison of (I) omnidirectional and (II) unidirectional microphone 147
based on G-J beamformer (A) and G-J kepstrum beamformer (B) in
nonstationary music radio

5-11 Block diagram of (A) ANC based approach (B) G-J based approach-with TDOA 148

(C) G-J based approach-with TDOA and adaptive filter (D) G-J based approach
-with speech beamforming and adaptive filter

5-12 Experimental microphone set-up (left: broadside, center: endfire and right: 148
endfire variant)
5-13 Test waveforms on radio noise and speech (two LMS adaptive filter is switched 150

onin mid sentence).VAD flag is also shown

5-14 Average power spectra on stationary computer fan noise (top line: ambient noise 150
and bottom line: method IV with delay filters)

5-15 Comparison of omnidirectional (top waveform) and unidirectional (bottom) 151
microphone on echo sound
5-16 (I) G-J beamformer (II) G-J adaptive beamformer (III) G-J kepstrum beamformer 151

5.17 (A) Kepstrum and (B) converted impulse response waveform and (C) inverted 152
kepstsrum and (D) its converted impulse response

X1V



Fig.

Fig.

Fig.

Fig.

Fig.
Fig.

Fig.

Fig.
Fig.

Fig.

Fig.

Fig.

5-18 Block diagram for simulation test for kepstrum filter and NLMS filter
positioned in parallel

5-19 Waveforms of impulse responses according to simulation test:
(A): I-1 and (B): I-2in Fig. 5-18

5-20 Block diagram for simulation test for kepstrum filter and NLMS filter
positioned in cascade

5-21 Waveforms of impulse responses according to simulation test:
(A): II-1 and (B): II-2 in Fig. 5-20

5-22 Example of identification of non-minimum phase zeros

5-23 Over parameterization of H ,(z) to order six

5-24 Estimation of the ratio of two acoustic transfer functions according to different
position of speech source

5-25 Pole-zero identification when speech is directly in front of the microphones
5-26 Pole-zero identification when speech is tothe right of the microphones

5-27 (A) Waveforms and (B) average power spectra showing performance of
stationary noise reduction based on (I): kepstrum processing(A) and
(II): kepstrum processing (B).

5-28 Waveforms in speech with nonstationary (radio) noise showing performance of
(top) (A): G-J beamformer, (B): G-J kepstrum beamformer and also
(bottom) (A): G-J adaptive beamformer and (B) G-J kepstrum adaptive
beamformer. VAD flag is shown in speech periods

5-29 (A) Average power spectra of stationary noise showing comparison of
(A): adaptive beamformer with filter size 200 (I) and kepstrum (64) with
adaptive beamformer with filter size 200 (IT) and (B): adaptive beamformer with
filter size 200 (I) and kepstrum (64) with adaptive beamformer with
filter size 10 (II)

154

154

155

155

157

158

159

159

160

161

163

165

XV



Chapter 2
Table 2-1
Chapter 5
Table 5-I:
Table 5-11
Table S-111
Table 5-1V

Table 5-V

Table S-VI

Table 5-VII
Table 5-VIII

Table 5-IX

Table 5-X

Table 5-XI

Table 5-XI1

Table 5-XIII
Table 5-XIV

Table 5-XV

List of Tables

Summary of LMS, NLMS and RLS adaptive algorithm

CPU utilization zones

Comparison of CPU usage in kepstrum and LMS algorithm
Comparison of FLOPS in kepstrum and LMS algorithm

Room dimension and location of sound sources and equipments

Information of wall material and absorption coefficient
according to room environment

Specification for default parameter setting and information for
experimental equipments

Information of simplified block diagram
Specification of microphones

Test results based on stationary (computer fan), nonstationary (radio) noise,
with and without speech

Coefficient arrays showing each estimate output from the simulation test
based on block diagram in Fig. 5-18

Coefficient arrays showing each estimate output from the simulation test
based on block diagram in Fig. 5-20

Test results based on stationary (computer fan) and nonstationary (radio)
noise

Performance comparison in various conditions
Performance comparison in a real reverberant room environment

The performance showing the same effect as the kepstrum approach by
reducing the adaptive filter size in the G-J adaptive beamformer

55

132

133

134

136

137

139

140

146

150

154

155

163

164

164

165

XVi



ANC
BSS
CRLB
CTRANC
DOA
DFT
DS
FFT
FIR
GCC
G-J
GSC
GSD
HT
IDFT
IFFT
IIR

KEPS

List of Abbreviations and Acronyms

Adaptive Noise Canceller

Blind Source Separation
Cramér-Rao Lower Bound
CrossTalk Resistant Adaptive Noise Canceller
Direction of Arrival

Discrete Fourier Transform

Delay and Sum

Fast Fourier Transform

Finite Impulse Response
Generalized Cross Correlation
Griffiths and Jim

Generalized Sidelobe Canceller
Generalized Sidelobe Decorrelator
Hannan Thomson

Inverse Discrete Fourier Transform
Inverse Fast Fourier Transform
Infinite Impulse Response

Kolmogorov Equation Power Series

LabVIEW Laboratory Virtual Instrument Engineering Workbench

LCMV

LMS

MISO

Linearly Constrained Minimum Variance
Least Mean Square

Multiple Input Single Output

X Vil



ME

ML
MMSBA
MMSE
MSC(1)
MSC(2)
MUSIC
MVDR
NLMS
NRN
PHAT
PSD
RLS
SAD
SBAGJ
SCOT
SD
SISO
SNR
SPL
TDOA
VAD

WOSA

Maximum Entropy

Maximum Likelihood
Multi-Microphone Sub-Band Adaptive
Minimum Mean-Square Error
Magnitude Squared Coherence
Multiple Sidelobe Canceller
MUltiple Slgnal Classification
Minimum Variance Distortionless Response
Normalized Least Mean Squares
Normalized Residual Noise

PHAse Transform

Power Spectral Density

Recursive Least Square

Symmetric Adaptive Decorrelation
Sub-Band Adaptive Griffiths and Jim
Smoothed COherence Transform
Signal Distortion

Single Input Single Output
Signal-to-Noise Ratio

Sound Pressure Level

Time Difference Of Arrival

Voice Activity Detector

Weighted Overlapped Segment Averaging

XVviii



List of Symbols

y7i Step-size parameter for LMS
. A modified input dependent step size for NLMS
\ Gradient vector at time n

Instantaneous estimate of the gradient vector at time n

h, Tap weight vector at time n of LMS or NLMS

fl“ Instantaneous estimate of the tap weight vector at time n
J(h) Mean square value of the estimation error

E[-] Expectation operator

R (k) Discrete autocorrelation function of the input signal x,
R, (k) Discrete cross-correlation function between x, and

the desired response d,
D (2) Z-transform auto power spectrum of the input signal x,

D ,(2) Z-transform cross power spectrum between the input signal x,
and a desired response d,

R E[X X ], autocorrelation vector of tap input vector x
n n p p n

P E[X,d], cross-correlation vector between the tap input vector x,
and the desired response d,

X, Transposition input vector X, at time n
X Hermitian transposition input vector x, at time n
SNR,(2) Signal-to-noise density ratio at the primary input

X1X



SNR (z)
SNR, (2)
H(z)
H(z™)
hn
A
10)

v, (f)
RY(2)
Par (f)
e (P
A
tr(R)
H,(2)
H, (2)
H,.(2)
H,(2),H _(2)

HM(Z),HN(Z)

H*(2),H (2)

K*(2).K (2)

Signal-to-noise density ratio at the reference input
Signal-to-noise density ratio at the output

Causal FIR filter, convergent within |z| <1
Uncausal FIR filter, convergent in |z|>1

Impulse response of transfer function H(z)
Array response vector, steering vector or direction vector
Dirac delta function

General frequency weighting function

Generalized cross correlation function between d (1) and x (1)

Coherence estimate between x,(r) and x ()

Magnitude squared coherence function

The largest eigenvalue of the tap input auto correlation matrix R
The trace of the tap input auto correlation matrix R

All-pass filter

NLMS filter

A double sided transfer function

A positive sided and negative sided transfer functions

Minimum phase and nonminimum phase transfer functions

Spectral factors from the double sided z-transform, corresponding to a
minimum phase part and a non-minimum phase part respectively

Kepstrum minimum phase causal part with zeros inside the unit circle

XX



z"H(z™)
Y

B

kn

B BR

hyy (), by (n)
E”:’('l’ ) E;:l(;

H, (2)H}(2)

of the z-plane and its ‘mirror image’ non minimum phase counterpart of
K*(2)

n" order reciprocal polynomial
Euler’s constant (0.577215...)
Forgetting factor

Kepstrum coefficients

Output energy and the input energy to an all-pass filter,
truncated at time n,

Minimum phase and non minimum phase impulse responses
Energies of h,, (n)and h,, (n)

The example of transfer function showing that the superscripts indicate the

number of roots based on the lower subscripts, M and N corresponding to
minimum phase and non minimum phase terms respectively

XXi



Acknowledgements

First of all, I would like to express my sincere gratitude to my supervisor, Dr. Tom J. Moir
for his invaluable guidance in his position as a top class of world researcher in this field. From
beginning to end, he has provided many opportunities for me to develop my research interests as
well as his solid background in research expertise. Secondly, I would also like to give thanks to
the department and institute for providing an excellent research and study environment, and
financial support for the participation in international conferences. Finally, I have to express
many thanks to my beloved wife, Seungsook Jeong for her endurance and sacrifice even in her
severe illness, and also special thanks to my mother-in-law, Jongsil Kim, who has given us a

consistent support with unlimited love in Korea.

XXii



Declaration

I declare that the thesis is based on my own research work under the supervision of Dr. T. J.
Moir during the Ph.D. study in Information Engineering, Institute of Technology and
Engineering, Massey University at Albany.

The research work has produced conference proceedings and presentations during the Ph.D.
study. The contents of this thesis therefore contain theory, procedure, application and
experimental outputs from the research papers published during the research period as listed

below.

1. J. Jeong and T. J. Moir, “A real-time kepstrum approach to speech enhancement and

noise cancellation” Accepted with a minor revision and submitted the final revision for a

special issue of Neurocomputing Journal in 2007 (will be published by Elsevier)

2. T. J. Moir and J. Jeong, “Identification of non-minimum phase transfer function

components™ Proceedings of the IEEE International Symposium on Signal Processing
and Information Technology (ISSPIT), pp 380-384, August 27-30, 2006, Vancouver,

Canada

3. J. Jeong and T. J. Moir, “Two-microphone kepstrum approach to real-time speech

enhancement methods” Proceedings of the IEEE International Conference on

Engineering of Intelligent Systems (ICEIS), pp 392-397, April 22-23, 2006, Islamabad,

Pakistan

4. J. Jeong and T. J. Moir, “Kepstrum approach to real-time speech enhancement methods

using two microphones”, Proceedings of the International Conference on Sensing
Technology (ICST), pp 691-695, November 21-23, 2005, Palmerston North, New
Zealand

XX111



