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V. Homomorphic Signal Processing

@ 5-A Homomorphism

Homomorphism is a way of “carrying over” operations from one algebra
system into another.

Ex. convulution > multiplication o > addition

Fourier

PAFRRGEEY o R AP LR H iF Y
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@ 5-B Cepstrum

X(Z)‘Z:eiZﬁF = log X(Z)‘Z:eiZﬂF = log‘X(Z)‘ZzeizﬂF + jarg[ X ()]

For the system D.[ - ]

convolution product addition addition
. X + + A
x[n] ——— FTI - » Lo » FT! X|n
U Py L gt LA
x{n]*h[n] X(F)xH(F) X(F)+A(F) x[n]+ h[n]

FT: discrete-time Fourier transform
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ynl=x[n]*hln]  E[n]+hln] *[n] Xn]
D] P S Linear Filter [ DL ]I —
z[n]{fc[n] + /%[n]} = %[n]
For the system D[ - ]
X(F) X(F) )
x[nle—-_ TFT | exp |4 FT  fe——0 X[n]
PR Mli‘n
X[n] cepstrum SO
n quefrency ‘ ‘ ‘ ‘ ‘ ‘
n] lifter 1)



@ 5-C Complex Cepstrum and Real Cepstrum

e Complex Cepstrum

*[n] = j_lﬁz X(F)e*™ dF rinverse F.T

where X (F) = log‘X(F)‘ + jarg[ X (F)]

ambiguity for phase

Problems: (1)
(2)

Actually, the COMPLEX Cepstrum i1s REAL for real input

165



e Real Cepstrum 166

Cln] =" log|x (e dF

U
REAL —valued

(but some problem of is not solved)
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@ 5-D Methods for Computing the Cepstrum

e Method 1: Compute the inverse discrete time Fourier transform:
A _ V2 & i2rnkF
g[n]=] X(F)e*™ dF

Problem: x(F) may be infinite
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cepstrume =

e Method 2 (From Poles and Zeros of the Z Transform)

/ time delay
m m

i

AX 1—a,Z" 1-b,7
XIIJ( a, ) 4];:41_( k ) where
X(2)= d d b d| < 1
[]a-c.z7™) (1-d,Z) ‘ak | Pk 0| Gk | o k‘ =
k=l | =1
Poles & zeros Poles & zeros
inside unite circle | outside unite circle

m; my
L X(Z)=log X(Z)=log A+r-log Z+ ) log(1-a,Z"")+) log(1-b,Z)
k=1 k=1

5 10
> log(1-¢,Z27")-> log(1-d, Z)
k=1 k=1
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~X(Z)=log X(Z)=1log A+r-log Z+leog (l—akZ_1)+Zlog (1-5,2)
k=1 k=1

0 o
—Zlog (l—ckZ_l)—Zlog (1-d.2)
k=1 k=1

Taylor series
Z-l
(inverse Z transform) = F(t) "
! F0=r()+ 3 W)

? n=l1
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Taylor series expansion z! (Suppose that r = 0)
(
log (A) =0
m; n B n
fc[ n] —J _Z D + €k n>0 Poles & zeros inside unit
k=t M g 7 circle, right-sided sequence
m, —n E —n
- bk . - dk <0 . .
2L Poles & zeros outside unit
L k=1 7 k=1 N

circle, left-sided sequence

Note:

(1) % complex cepstrum domain
Minimum phase # maximum phase 2. }J?% Wn=0 5% k7R
(2) For FIR case, ¢, =0,d, =0
(3) The complex cepstrum is unique and of infinite duration for both positive
& negative n, even though x[#] is causal & of finite durations

x[n] is always IIR
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® Method 3
Z-X(2) zz.@
X(Z)

LZX'(2)=ZX (Z)-X(2)

Sox[n] = i E)%[k]x[n — k| forn+0
n
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Suppose that x[n] is causal and has minimum phase, 1.e. x[n] = X[n] =0, n <0

x[n]= i Efc[k]x[n —k] forn+0
k=0 N
= x[n]= n Efc[k]x[n —k] forn>0  (causal sequence)
k=0 1
x[n]= X[n]x[0]+ 3 Efc[k]x[n —k]
k=0 N

For a minimum phase sequence x[#7]

(0 ,n<0
A n—1 k A . k
xX[n] =1+ M - > (—)x[k] xn = k] ,n>0 recursive method
x[0] = m x[0]
log A4 ,n=0



For anti-causal and maximum phase sequence, x[n] =

n]:ZO: E ,n <0
k=n n
= X[n]x[0] + ZO: Efc[k]x[n—k]
n

For maximum phase sequence,

0 ,n>0
x[n]=1 log 4 ,n=0

k=n+1 [ ]

——Z() A=kl o

x| n]

=0,n>0
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@ 5-E Properties

P.1) The complex cepstrum decays at least as fast as 1
n

n

(04

‘fc[n]‘<c —00 < 1 < 0

n
a :max(akabka Cka dk)

P.2 ) If X(Z) has no poles and zeros outside the unit circle, 1.e. x[n] is
minimum phase, then

%[n]=0 foralln<0
because of no b,, d,

P.3) If X(Z) has no poles and zeros inside the unit circle, i.e. x[n] 1s
maximum phase, then
%[n]=0 forall n>0

because of no a,, ¢,

174
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P.4) If x[n] 1s of finite duration, then

X[7n] has infinite duration
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@ 5-F Application of Homomorphic Deconvolution

(1) Equalization for Echo

x[n]=s[n]+a s[n—-N ] s[n] \/ x[n]

Let p[n] be p[n] =d[n] +ad[n-N,] delay N,
x{n] =s[n] +asn-N,] =s[n] * pln]

P(Z)=1+aZ "

P(Z)=log(1+az ") = Z( 1)"“0; N
L 7-1 o & i 4
A c k+1a 2 ? _a_
plnl=> (-1 " O(=kN,) | ‘ |4
k=1
||I L1l LIl IR AN AN NN




Filtering out the echo by the following “lifter”:

A

p p p
!

Signal

(2) Representation of acoustic engineering

x[n] = s[n] * hn]

Synthesiz MUSiC  pyjlding effect : e.g. & * ¥ o
ed music impulse response

177



(3) Speech analysis 178

sln] = gln] * vin] * pln]

Speech  Global vyjca] tract

wave wave impulse Pitch
shape

They can be separated by filtering in the complex Cepstrum Domain

(4) Seismic Signals

(5) Multiple-path problem analysis
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* cepstrum #- multipath=g2 583 &
From 3 /[ """ » “BFF M d2” > 2 &40k S A FEYME o
e of BT

AN

Magnitude(dB)

T,
WWW%F’L—-—I—«%#&
1 1 1 1 L1
0 /3 2m/3 T 0 52— 100
Radian frequency(m) C}ueI ency(n)

7-5 JLES4HEEZEAFISHEEE

_________



From 3 /] " » “SFEMEJIL” » 2 EDR > LS4 A RI4E o

m—
B et

Magnitude(dB)

0 0.25w 0.5m 0.75n T
Radian frequency(o)

B 7-6 HBEIERS{FIEEIENEE
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® 5-G Problems of Cepstrum °

(1) [ log(X(2))

(2) Phase

(3) Delay Z+

(4) Only suitable for the multiple-path-like problem



182

® 5-H Differential Cepstrum

L X2 ‘ V2 XU(F) joer
X,(n)=2 [Tz)] £ ] jl/z X(F)
inverse Z transform
Cdgpd _X@)
Note: 17 X(2) 7 log(X(2)) X(2)

If x(n)=xn)*x,(n)
X(Z2)=X(2)-X,(2)
X (Z)=X,(Z) X,(2)+ X\(2)- X, (Z)
X(Z) X (Z) X,z
X((Z)) e ((Z)) Ty, ((Z)) X () =5 (m)+ 35 (n)

Advantages: no phase ambiguity

able to deal with the delay problem



e Properties of Differential Cepstrum

(1) The differential Cepstrum is shift & scaling invariant
7 ¥ ig * 3% multi-path-like problem
» 3k * T pattern recognition

If y[n]=A4X[n-r]
y,(n)= x,(n) , n#l

-r+x,1) , n=1
(Proof): ¥ (z)=Az"X(z)
Y'(2)=A4z"X'(z)-rdz""' X (2)
Y'(z) X'(z

_X'()_
)

—

=

O

Jal
Ny

183
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(2) The complex cepstrum C [1] is closely related to its differential
cepstrum £, [n] and the signal original sequence x[n]

n#0 diff cepstrum

and —(n—1)x(n—-1)= Z X,(n)x(n—k) recursive formula

k=—0

Complex cepstrum # {8 3] 5% §, differential cepstrum ~ #% ] |
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(3) Ifx[n] 1s minimum phase (no poles & zeros outside the unit circle), then

%;,[n] =0forn<0

(4) If x[n] 1s maximum phase (no poles & zeros inside the unit circle) , then

%,[n]=0forn>2

delay
max phase / min phase

//////////l
/////////

Aaaaaas
0 1 2
(5) If x(n) is of finite duration, X,[n] has infinite duration

Complex cepstrum decay rate 1

n

1

Differential Cepstrum decay rate % 7, -- 3 (n+D)=n-é(n)cn-—=1

n



® 5-1 Mel-Frequency Cepstrum (3 # #f & g7 3¥)

Take log in the frequency mask
gain mask of Mel-frequency cepstrum

186

ﬂ 9](2 ,](3 ...... s f‘—f LL @’*ﬁiiﬁg .

frequency

JorSm Tt Twiz S
B, [k]=0 for f<f,_y and f> £,
B [K=(k~fu ) fo—for)  TOWmmt <SS Lo
B, [k]=(forrs =k)/ (S = f.)  TOTSn <SS
f=k*./N
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Process of the Mel-Cepstrum :
summation of the effect

inside the mth mask

() xn] —Loxih)
(2) Y[m]:log{ fz X[k]’ B, [k]}

k=fm-1
-1/2
® cln]=L ZY[m (””(’”M )j

Q: What are the difference between the Mel-cepstrum and the original cepstrum?

Advantages :

Mel-frequency cepstrum § #iT A B 3% 5 0 B |4
e [1], 2], 3], oo e [13] T Bt g 38 4 it
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M 1B AR R i (AR (by Matlab)

A F B4 %

© ReY o REREFOES A wav (03] i

e &P~ ! wavread
X 1 20155 A& 12 {4 e Matlab » wavread #-:T 5 audioread

5] ¢ [x, fs] =wavread('C:\WINDOWS\Media\ringin.wav');
¥ U E-ringinwav M EF » & x K T IR o fs: sampling frequency
T o3+ % ¢ osize(x) =9981 1 fs =11025

o« LT BRI S <2

B BETHT 50



~N.
-

L o R !

time = [0:length(x)-1]/fs;

plot(time, x)

%X ®&_a . * wavread 73§ !

0.8

0.6
0.4

0.2

(@)

02

-04
-0.6 -
-0.8-

B B HY % A

—_

[ ]
o

| | | |
0.1 02 03 04 05
*wav th e AT Bl o |

F

i

| |
0.6 0.7 0.8
R —1 o+l 2 FF

0.9

r /2

X Rlics

E
B

190
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- BES AR x> AL T URFEBT I EL
[X, fs]=wavread('C:\WINDOWS\Media\ringin.wav', [4001 5000]);
% 3 P~ % 40012 50002
[x, fs, nbits] = wavread('C:\WINDOWS\Media\ringin.wav');
nbits: x(n) =bit #Hc
% - @bit: * f 50 % = Bbit:27' > % = Bbit: 272> ...

% n Fbit: 270, A x 3 b nbis-l g i R

1L Beib) 3 o nbits=8 0t x 3k 128 F_ 1 Ak
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o7 L B A g (Stereo) HA i (FHZME)

5] ¢+ [x, fs]=wavread('C:\WINDOWS\Media\notify.wav');
size(x) = 29823 2 fs =22050

\ \ \ \
X( : ,1) notify.wav E/\j%gg‘%ﬁ

02 | | | |
0 0.2 04 0.6 0.8 1 1.2 t

— e L Y ‘

I I I
x(:.2) notify.wav Y25 B iE

0 0.2 0.4 06 08 1 12t
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B. 3 I E G5 )

X = fft(x); plot(abs(X))
400
abs(X[m])
350 - e . ! _
PR |
300 - i _
250 _
200 i —~
150 - .
100 - |
50 - | .
0 JLMLWM | W bl Wi er I i\ it MmO A bW it W " \me b M
0 1000 2000 3000 4000 5000 6000 7000 8000 9000 10000

m

fft 4 #h &35 0 2
(1) Using normalized frequency F:  F=m/N.

(2) Using frequency f, f=F xf.=m x (f,/ N).
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400 \ \
abs(XIF) R
2 B B MG
300+ -
200 -
100+ -
O WMM ‘L”"” | ‘WAV‘ WWN\MMM ittt ot ] i b Mwﬂﬁ Wt et sl
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 04 045 fF 05
400 w
abs (X[f) i
iidic O
300+~ -
200+ -
100~ -
OMMWWWM"” ‘ et s s s ottt . ! Wittt st ]

0 1000 2000 3000 4000 5000 f
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C. B3 s

(1) wavplay(x): #-x 12 11025Hz 79 5 43«
(FF FF R I = 1/11025=9.07 x 1075 #5)

(2) sound(x):  #-x 1 8192Hz HHf 5 4%
(3) wavplay(x, fs) & sound(x, fs): #-x 2 fs Hz a#p & 3§ c

Note: (1)~(3) * x % Z &1 Bcolumn (2% columns) » ¥ x (e &3z 1
=14+l 2 /&

(4) soundsc(x, fs): p # 4 x PiEH I] -1 fr+1 2 & £ 4f7%



D. * Matlab % i* *.wav }} : wavwrite

wavwrite(X, fs, waveFile)

Z_f

196
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E. * Matlab &3 3 &

Brizw o BABTRHRE SR 0 P RET NG 5 oot

($% & e notebooks # F K F s b TF &3 )

= b4z 3
Sec = 3;
Fs = 8000;

recorder = audiorecorder(Fs, 16, 1);
recordblocking(recorder, Sec);

audioarray = getaudiodata(recorder);

H T e s TV ERE o
&5 PR 5 = 4 0 sampling frequency & 8000 Hz

&4 %% %5 audioarray > ¥ - B column vector (4v % F_gF &g o B A
% % column vectors)
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¥l (§)

wavplay(audioarray, Fs); %Y &g %

t = [0:length(audioarray)-1]./Fs;

plot (t, audioarray®); % #bk5 St Bl 4k
xlabel('sec','FontSize',16);

wavwrite(audioarray, Fs, ‘testwav’) % #4k4 h % 3 = *wav 4§
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i & P

recorder = audiorecorder(Fs, nb, nch); (3% &4%FF 40 M e % 80)

Fs: sampling frequency,
nb: using nb bits to record each data

nch: number of channels (1 or 2)

recordblocking(recorder, Sec); (&5 hdp £)
recorder: the parameters obtained by the command “audiorecorder”
Sec: the time length for recording
audioarray = getaudiodata(recorder);
(B-d5 chi % > % = audioarray i # column vector > 4r % &_

BF#s¢ > P| audioarray #_- # column vectors)

Mz B L 0 BER 5 AT s
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F ~ MP3 #4340 8

B LI T BRET g“ mp3read.m, mp3write.m =7£% 3\

http://www.mathworks.com/matlabcentral/fileexchange/13852-mp3read-

and-mp3write
#23% £ : Dan Ellis

mp3read.m : if B> mp3 f

mp3writem : BT mp3 %

7 Fe 3t Fowav i (AR 558 - Fh) 0 *.mp3 F_5 1 MPEG-2 Audio
Layer I En$L /R 4518 E-E A
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s

i B
%% Write an MP3 file by Matlab

fs=8000; % sampling frequency

t=1[1:£s*3]/3;

filename = ‘test’;

Nbit=32; % number of bits per sample

x= 0.2*cos(2*p1*(500*t+300%*(t-1.5).73));

mp3write(X, fs, Nbit, filename); % make an MP3 file test.mp3

%% Read an MP3 file by Matlab

[x1, fs1]=mp3read('phase33.mp3');
x2=x1(577:end); % delete the head
sound(x2, fs1)
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F o et

Image #% 3% B~: imread
Image 7% % -7 : imshow, image, imagesc

Image #% % i¥: imwrite
ERAPEA A Fe ikt Matlab 5 ¢ § - BaErd
B ':ﬁl; v 7?,\_:_ IB’.%KE. A \'QJ Y Z:l:\' Red,
*bmp: 2GS E PR AEAIT R,
*jpg: 7 518 JPEG B B4

Video #¥3% P~: aviread



% - (28 B 203
im=1mread('C:\Program Files\MATLAB\pic\Pepper.bmp');

(A& > 4% Pepperbmp Z_B % FE B > im B4 - BAE'L)

size(im) (* size & Bdp 4 kg im e BEL ]
ans =
256 256 50 |
image(im); 100 e
colormap(gray(256)) 190
200

£ 2, —_ ° ‘f,j E/ 2 - — .. :h
o= (R SO 100 150 200 250

im2=imread('C:\Program Files\MATLAB\pic\Pepper512c.bmp");

size(im2) GLE i N BRALEBI S o Hr im2 #-d

ans = - BAELAE & @ =)
512 512

imshow(im);



AL RHPGLEE P R A ¥ A double 5

TRIR M€ FERB S integer e > RARUFERE LR E A 4 AL

21

p4e 0 B & 18 ki 2D Discrete Fourier transform

im=1mread('C:\Program Files\MATLAB\pic\Pepper.bmp');
im=double(im);

Imf=fft2(1m);
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