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CHAPTER I 

INTRODUCTION 

V/ith the advance of the integrated technology and the 

digital computer, digital signal processing becomes a very 

important role in the science field. It has been used in 

diverse fields such as radar and sonar [l]-[2], acoustic 

[3]-C4], speech [5]-[6], seimology [7]-[8], biomedical 

engineering [9]-[10], image processing [11] and many others. 

Since the signals were being processed on digital computers, 

there was a natural tendency to experiment with increasingly 

sophisticated signal processing algorithms. Thus, many of 

these algorithms were treated as interesting, but somewhat 

impractical, ideas. Fortunately, the current advanced 

technology makes the processing in real time of signals more 

than an idea. Many basic concepts and theories regarding 

digital signal processing, such as the sampling theory, the 

Z-transform and Fourier analysis are already well developed 

and are expressed clearly by Oppenheim and Schafer [12] and 

Tretter [13]. 



One example of the various applications of digital 

signal processing techniques is related to echo 

interference. Echo interference is common in communication 

systems. -For instance, there are echoes due to reflection 

by buildings or other construction superimposed on the 

transmitted signal. In satellite communication, the echoes 

may be caused by the atmosphere, e.g., the nonuniformness of 

the media. 

When there are multi echoes showing up at a receiving 

station the original signal is masked. Since the knowledge 

of the original signal and its echo is important in some 

fields, the techniques to detect the echo and extract the 

signal are essential. 

In this research, we are working on the investigation 

of echo interference problems occurring in the receiving of 

the Angle Modulated signal. Work is concentrated on the 

demodulation of the Angle Modulated signal and the detection 

of the echoes in the received composite signal. A common 

Angle Modulated signal is usually expressed as 

S(t) = A Cos{a)t+kg(t)} (1) 
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where g(t)=/f(t)dt for Frequency Modulated signal, and 

g(t)=df(t)/dt for Phase Modulated signal, g(t) is the 

original signal that we want to detect, and oi is the carrier 

frequency. A is amplitude, k is modulating constant. We 

use "Narrow-band Angle Modulation" in our research. Assume 

that the maximum phase deviation due to modulation is small. 

That is, assume k|g(t)| << n/6 

Therefore 

S(t) = cos(a3t)-kg(t)sin(a)t) (2) 

neglecting the constant amplitude A. 

An echo with echo amplitude ci and echo delay d can then be 

written as 

S(t-d) = a{cosa)(t-d)-kg(t-d)sinaj(t-d)} ^3) 

Therefore the total composite signal, X(t), which is the sum 

of the basic signal, S(t), and its echoes, S.(t-d.), is 

expressed as: 
• n 

X(t) = {cos(a)t)-kg(t )sin(a)t) }+[a .{cosaj(t-d .) 

-kg(t-d .)sinoo(t-d .)) '̂ 4) 
A, /C 

The signal, X(t), is received with or without noise. To 

find out what the echo delays d. are and what the modulating 

signal g(t) is, a demodulation procedure is applied to 



extract the required waveform, which will be fea into the 

subsequent echo detection process. The required waveform 

actually is the sum of the wanted basic signal, for 

instance, the modulating signal g(t) in this research, and 

its echoes. The outputs of the echo detection process will 

give the information about the echoes and can be used to 

obtain the information about the original modulation signal 

g(t). 

Several techniques for detesting the superimposed echo 

have been developed and proved successful under certain 

circumstances. The more familiar methods include inverse 

filtering [14] and adaptive decomposition filtering [10]. 

Each of these methods, however, has serious limitations. 

Inverse filtering, for example, is appliea successfully when 

the signal is known and the noise is insignificant. 

The methods we used here for the decomposition of the 

composite signal are the cepstrum techniques and a different 

cepstrum technique. Cepstrum technique methods include the 

power cepstrum and complex cepstrum techniques. The power 

cepstrum was first described by Bogert et al. [15] in 1963 



heuristic technique for finding echo arrival times in a 

composite signal. The complex cepstrum is an outgrowth of 

homomorphic system theory developed by Oppenheim [17]. The 

cepstrum techniques make use of the characteristics of 

convolution to separate the desired portion of the signal 

from those to be eliminated. The techniques Jnave been 

applied to seismic data [7]-[8], spee(!;h [5]-[6], image 

processing [11], and EEG analysis [10]. 

The different cepstrum technique is a method we used 

which can avoid the phase discontinuites problems. It v/ill 

be explained later in detail. 

In Chapter II, the basic concepts and theories of both 

the cepstrum technique and the different cepstrum are 

described. Chapter III is devoted to the investigation of 

cepstrum techniques' applications regarding some specific 

waveforms of special interest. Restrictions and problems 

encountered are discussed in detail. In Chapter IV, an 

algorithm of how to find the coefficients of the digital 

filter and the echo detection are presented. Avoidance of 

the aliasing problems has also been mentioned. In Chapter 

V, a conclusion of the total results is presented. 



CHAPTER II 

CEPSTRUM TECHNIQUE AND ITS IMPROVEMENT 

Introduction 

Our work was concentrated on the demodulation of the 

Angle Modulated signal and the detection of the echoes in 

the received composite signal, which is embedded with or 

without noise. S(t) is a basic Angle Modulated signal 

(Narrow-band case) which can be expressed as 

S(t) = cos(cot)-kg(t)sin(a)t) (5) 

g(t) Is the modulating signal and a, is the carrier frequency, 

The total signal X(t) (single echo case) can be 

expressed as 

X(t) = {cos(a)t)-kg(t)sin(ajt)} 

+a{cosu)(t-d)-kg(t-d)sinco(t-d)} '̂  ̂  ̂  

First, using the quadrature demodulation technique to do the 

demodulation, by multiplying equation (6) -sin(ajt), we 

obtain 

-X(t)sin(a)t) =-if{sin(2a)t)+kg(t)[l-2cos(2a)t)]} 
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-isa{[sin(2a)t-ajd)+sin(a)t)] 

+kg(t-d)[cos(u)d)-cos(2a)t-a)d)]} (7) 

Then passing it through a low pass filter (LPF) to get 

X'(t) = i2kg(t)-iiasin(a)d)+i$akg(t-d)cos(a)d) (8) 

Finally, a high pass filter (HPF) to remove the dc term, 

X"(t) = i$kg(t)+i$akg(t-d)cos(a)d) (9) 

Here we assume the mean of g(t) is zero and rearrange it, 

X"(t) = i$k[g(t)+ cos(u)d)g(t-d)] (10) 

The term in the bracket on the right-hand side of the 

equation (10) is processed using cepstrum techniques to 

detect the echo. 

Fundamentally, cepstrum techniques are suited for the 

analysis of data that contain echoes ^wavelets) or 

reverberations of a fundamental wavelet (sometimes called a 

signature) whose shape need not be known a priori. The 

cepstrum technique is very useful for echo detection and 

signal extraction. It consists of the power cepstrum and 

the complex cepstrum methods. The cower cepstrum is ro 

detect the epochs of the echoes and their relative 

amplitudes, while the complex cepstrum is used to determine 

the signal waveform. Besides, we introduce a different 

cepstrum technique which does not have the phase problems. 
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In this chapter, we shall present the definition and 

the basic theories of the cepstrum technique and the 

different one. In addition, several techniques used for 

signal smoothing, such as phase, unwrapping and comb 

filtering, are also discussed. 

The Power Cepstrum 

The power cepstrum of a function is-the power spectrum 

of the natural logarithm of the power spectrum of the 

function, that is 

Power Cepstrum = PSCln[PS(f(t)]) (11) 

where PS is the power spectrum, defined as the squared 

magnitude of the Fourier transform of a function. 

To explain the power spectrum analysis, an example of a 

single additive echo is examined. The formula for the total 

signal can be written as follows: 

X(t) = S(t)+aS(t-d) (12) 

whereas S(t) is the basic signal and S(t-d) is an additive 

echo with echo amplitude a and echo delay d. The power 

spectrum of X(t) can be presented as 

PS[X(t)] = PS[S(t)][l+2acos(ajd)+a2] (13) 



This equation is the product of two terms, the basic signal 

term and the term due to the signal echo. Thus, one is led 

to apply the logarithmic function to the above expression. 

Such an application gives 

ln(PS[X(t)]) = ln(PS[S(t)]) 

+ ln[l+2acos(a)d)+a^] (14) 

We use the log series expansion: 
2 3 

ln(l+x) = X - I + -̂-

where -l<x<_l (15) 

Thus, e q u a t i o n (14) can be expanded as f o l l o w s : 

l n ( P S [ X ( t ) ] ) = l n ( P S [ S ( t ) ] ) + [2acos(ojd)+a^] 
1 2 2 

- - [ 2 a c o s (ajd)+a ] 

+ i [2acos (a )d )+a^]^ ^^^^ 

Rearrange it. Then: 

ln(PS[X(t)]) = ln(PS[S(t)])+A+Bco?(a)d) 

+ Ccos(2a)d)+ ^^^^ 

with A, B, C etc. as constants of the infinite convergent 

series of a. Thus, the logarithm of the power spectrum 

contains cosinusoidal ripples. So the power cepstrum is 

P[X(t)] = P[S(t)]+E5(a)' )+g6(a)'±d) 

+ H5(a)' ±2d)+ (18) 
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where P stands for the power cepstrum and E, G, H are 

constants related to A, B and C, One thing to mention is 

that GO* is a new terminology known as quefrency innovated by 

Bogert e_t al_. From spectral theory we see that there are 

delta functions located at quefrency d and its multiples in 

the power cepstrum. 

For the multiple-echo cases, one example is presented 

here for the purpose of investigation. Consider a composite 

signal consisted of a basic wavelet and two nondistorted 

echoes. 

X(t) = S(t)+aiS(t-di)+a2S(t-d2) (19) 

The logarithmic function of the power spectrum of the signal 

is 

ln(F[X(t)]) = ln(F[S(t)]) + 

ln[l+ai+a2 + 2aiC0s(a)di )+2a2Cos (a)d2 ) 

+ 2aia2costo(di-d2)] ^^^^ 

Series expansion of the second term on the right-hand side 

of (20) leads to a number of cosinusoidal components. The 

power cepstrum of it gives a series of impulses. The 

impulses occur at those points which are the sum and 

difference of the integer multiples of the echo delay time 
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di and d2. The height of the peaks depend on the values of 

the echo amplitudes aj and a2 • 

The power cepstrum process does not involve the phase 

information because of the square magnitude. This might 

reduce the constraints that arise from the limitation of the 

phase components. However, since it loses the phase 

information and is not a one-to-one mapping operation, the 

waveform information is no longer recoverable. 

The Complex Cepstrum 

The complex cepstrum of a function is the inverse Fourier 

transform of the natural logarithm of the Fourier transform 

of that function, defined as 

Complex Cepstrum = F"^in[F(f(t))]} (21) 

Likewise, a simple example of a signal with one echo, as in 

equation (12), will be considered to explain the complex 

cepstrum procedure. First, take the Fourier transform of 

X(t) to obtain 

F[X(t)] = F[S(t)][l+ae"J'^^] (22) 

then taking the natural logarithm, 

ln(F[X(t)]) = ln(F[S(t)])+ln[l+ae"^''^^] (23) 
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Suppose a is smaller than unity, the expansion of the second 

term on the right-hand side of (23) leads to 

ln(F[X(t)]) = ln(F[S(t)])+ae"''̂ '''̂ -Ia2e~J'̂ '̂ ^ 

+^a^e -̂̂  (24) 

Finally, taking the inverse Fourier transform, 

C[X(t)] = C[S(t)]+0L5(t-d)-^a26(t-2d) 

+^a36(t-3d) • (25) 

where C is the symbol used for complex cepstrum. 

The result of the derivation gives the complex cepstrum 

of the basic signal and a train of spikes with decreasing 

amplitudes and alternating signs in positive time. 

For the multiple echoes case, the term due to the sum 

of the echo delay times must be included in the complex 

cepstrum. A two-echo example is used to explain the 

application of the complex cepstrum technique in the 

multiple echoes case. 

The same composite signal as equation (19) used here. 

Applying the Fourier transform leads to 

F[X(t)] = F[S(t)][l+aie-J"'^Ua2e-J"^2] (26) 

Applying the logarithm gives 

ln(F[X(t)]) = ln(F[S(t)]) 
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+ ln[l+aie"«̂ '''̂ i+a2e-'̂ ''"̂ 2] ^^7) 

Then the series expansion leads to 

ln(F[X(t)]) = ln(F[S(t)]) 

+ (aie"«̂ *'̂ î +a2e"<̂ '̂ 2̂) 

-I(aie-'̂ ''̂ î+a2e-J''̂ 2)2 

+ 3(aie"'̂ '̂ î+a2e"'̂ ''̂ 2̂)3 (28) 

The complex cepstrum is then 

C[X(t)] = C[S(t)]+ai6(t-di)+a25(t-d2) 
1 9 

-^af5(t-2di)-aia26[t-(di+d2)] 

-^af6(t-2d2)+ (29) 

Therefore, the complex cepstrum for the multiple echoes 

signal is the complex cepstrum of the original signal plus a 

train of impulses in positive time. 

In contrast with the power cepstrum, the complex 

cepstrum is a form of homomorphic deconvolution technique 

[19]. Since the complex cepstrum retains the phase 

information of the composite data, it can be used not only 

for echo detection but also wavelet recovery. If we can 

find a way to filter out the spikes ocurring at the 

multiples of the delay time and process the data backwara, 

we may obtain the original signal S(t). However, the 
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involvement of the phase information is the cause of the 

restrictions on this technique. The computation of the 

complex cepstrum is complicated by the fact that the complex 

logarithm is multivalued. If the imaginary part of the 

logarithm is computed module 2ir , i.e., evaluated as its 

principal value, then discontinuities appear in the phase 

curve. This is not allowed because it will bring about 

errors. A phase unwrapping technique is utilized in the 

investigation and will be discussed below. 

Phase Unwrapping 

The natural logarithm of a complex number, Aexp(j9), is 

the sum of the logarithm of its amplitude A plus the phase 

information which serves as the imaginary part 

ln[Aexp( j9 )] = In A + je (30) 

In general, the phase will be a discontinous function of ca 

since the phase is evaluated as the principal value. This 

will cause abrupt changes to appear in the phase, which can 

be corrected by "unwrapping" in order to satisfy the 

requirement that it be continuous and odd. The phase must 

be continuous and odd, and the log magnitude must be even, 
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to ensure that the complex cepstrum will be a real quantity 

for a real input signal. Figure 1 shows the phase curve of 

the principal value and the unwrapping phase after the 

correction sequence. 

The phase unwrapping algorithm used in this research is 

quite basic. It relies on the detection of the 

discontinuities, which is done by computing the difference 

between the principal values of the phases at two adjacent 

frequency points. Whenever the difference is greater than 

TT, we say that there is a discontinuity. By adding or 

substracting 2TT, we may obtain the required unwrapped 

phase. This procedure will yield a satisfactory unwrapped 

phase when the sampling is fine enough so that the 

difference between any two adjacent points is always less 

than TT. One important point in phase unwrapping is that 

the value of the phase always starts with zero. The first 

point in the Fourier transform corresponds to the DC term in 

frequency domain. Therefore, the imaginary part of the 

first point is always zero as long as the time function is 

real. If the real part of the first point is negative, 

i.e., its phase is TT , i.e., alter the sign of the whole 
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Fourier transform by multiplying it by negative one so that 

we may have the phase of the first point bear a value of 

zero. The subroutine CANG[l6] of the computer is employed 

to find the principal value (--rr *%. +TT ) of the phase of a 

complex number. 

As mentioned before, the reverse operation of the 

complex cepstrum is used to extract the basic signal S(t). 

The linear filtering method is discussed below. 

It is possible to linear filter the complex log voltage 

spectrum with a kernel designed to remove the periodic 

components introduced by the multiple echoes. This can be 

achieved by convolution in the frequency domain or by 

multiplying the complex cepstrum (time domain) by an 

appropriate function. A filter that has been found useful 

to remove the echo peaks from the complex cepstrum [20] is 

discussed below. 

Comb filter 

Before we process the data backward to obtain the 

original signal, we first have to filter out those spikes 
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caused by the echoes. This is achieved by multiplying the 

signal by an appropriate fixed weighting, i.e. a comb 

filter. 

The cepstrum result is multiplied by a comb filter 

which is unity at all sample points except at those points 

where the spikes due to the echoes occur. At these points, 

the filter takes on the value of zero. A smoothing at these 

zeroed points follows the application of the comb filter. 

It is done by the insertion of the average value of the 

preceding and the subsequent points at these points. Figure 

2 is illustrated to present the comb filter technique. 

The comb filter technique is applied in this 

investigation and it appears in the computer program as a 

combination of filtering and smoothing. 

A Different Cepstrum Technique 

From Tribolet's ideas [22], another different cepstrum 

technique can be developed to detect the echo and reverse 

the original signal back without the problems that the ori

ginal cepstrum techniques have. 



(a) C[X(n)] 

n 2n 3n 

C[X(n)]-h(n) 

(d) C[S(n)] 
4i 

Figure 2 

0 n dn 

Comb filtering for the ccmclex cecstrum. 

(a) Complex cepstrum. 

(b) Comb filter. 
(c) Comb filtered complex cepstrum. 

(d) Smoothed complex cepstrum. 
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The different cepstrum technique of a function is the 

inverse Fourier transform of the derivative with respect to 

CO of the Fourier transform of that function divided by the 

Fourier transform of that function, given by 

Different Cepstrum = F"^[F'(t)/F(t)] ^^^^ 

Where F is the Fourier transform, F' is the Fourier 

transform derivative with respect to oe, and P'̂  is the 

inverse Fourier transform. 

To explain this technique, an example of a single 

additive echo, such as equation (12), is examined. First we 

apply the Fourier transform 

F[X(t)] = F[S(t)][l+ae"'̂ ''''̂ ] (32) 

Then find the derivative with respect to a, of the Fourier 

transform 

F' [X(t)] =dF[X(t)]/da) 

= {F'[S(t)]/da»}[l+ae"'̂ ''̂ ]̂ 

+F[S(t)](-.3da)e"'̂ ''̂  (̂ 3) 

where the prime denotes d/do). Then the derivative, with 

respect to oo of the Fourier transform, is divided by the 

Fourier transform and should be 
-,) (DC 

F'[X(t)] _ F'[S(t)] ^ (-.Ida) 
FLX(t)J " FLS(t)J ^ ̂  ae"''"^ 
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p'[S(t) 1 
^~PLS(t)] " J<^[^<S(t-d)-a26(t-2d)+ —](3i4) 

Next, taking the inverse Fourier transform 

NC[X(t)] = NC[S(t)]-Jd[a6(t-d)-a26(t-2d) 

+a36(t-3d) ] (35) 

NC is the symbol for the different cepstrum technique. 

The above result gives the different cepstrum of the 

original signal, plus a train of spikes with decreasing 

amplitudes and alternating sign in the imaginary part. 

To get the original signal, first smooth the echo 

spikes by using the comb filter, then applying the Fourier 

transform we have: 

F' [S(t)] dF[S(t)]/dGo ^ dlnF[S(t)] 
F[S(t)] F[S(t)] do) 

(36) 

Doing the integration with respect to o) to get lnF[S(t)]. 

Finally, taking the exponential function and performing a 

Fourier transform, we can recover the original signal S(t). 

Cepstrums with noise embedded 

In the previous development, noise is not involved. An 

additive Gaussian noise is added to the composite signal in 
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the following investigation for the purpose of finding the 

effect of the noise on the cepstrum results. 

Suppose we have a single echo composite signal with 

noise embedded, expressed as: 

X(t) = S(t)+aS(t-d)+n(t) (37) 

n(t) represents the Gausian noise whose mean is zero. when 

the Fourier transform is applied we get: 

F[S(t)] = F[S(t)][l+ae"'^"'"^]+F[n(t)] (38) 

F[X(t)], F[S(t)], F[n(t)] are complex quantities, rewritten 

as 

|X(co)|eJ^ = |S(.)|eJ^l+ae-J*^^) 

+ |N(a)) |e"̂ '̂  (39) 

Where F[X( t) ] = | X(u)) | , F[S( t) ] = I S(a)) | , F[n( t) ] = | N(u)) | . Let 

|s(a))| = A, |N(fi))| = B, taking the natural logarithm of the 

equation (39), ̂ ^ have 

ln[ |X(u)) le"̂ *"̂ ] = InA +2ln[ l+2acos (a)d)+a2 

+(5)2 + 2 ( ? ) C O S ( 6 - Y ) 

+ 2(|)acos(6-a)d-Y)] 

-1 sinB +asin(6-wd)+(^)sinY 
+;;tan ^ ii 

1'=°^^ (MO) 
n 

cose +acos(6-ojd) + (T)cosY 
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The power cepstrum can be calculated from the real part of 

the above. 

When the magnitude of the noise is small compared with 

the magnitude of the wavelet i.e., B << A and the amplitude 

of the echo is less than unity, i.e. a << 1, the real part 

of the equation (40) can be reduced to the expression as in 

the noise-free case. That is 

Re[ln|X((o) |e'̂'°'] = In A + acos(a)d) 

-a2cos2(a)d)+ (41) 

When the magnitude of the noise is slightly less than 

that of the wavelet (again assume a << 1), the other terms 

in (40) cannot be ignored. The result is 

Re[ln|X(a)) |e'̂'°'] = ^ln[2ABcos ( B-y ) ] 

+lln[l + (^^^)sec(B-T) 

+ agCos ((jad)sec ( 6-Y ) 

^^cos(B-y-^d)j (42) 
COS(B-Y) 

When the power cepstrum in computed from (42), 

particular attention is given to the terms that contain the 
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quantities a and d, since these parameters yield the desired 

echo information. 

Summary 

By using the power cepstrum, the problem arises that it 

loses its phase information and can not recover the original 

signal. The complex cepstrum's problems are the phase 

discontinuities, and the difficulties in detecting the echo 

spikes. The different cepstrum technique avoids the phase 

problems, but more work still has to be done to make it 

useful. 



CHAPTER III 

EXPERIMENTAL RESULTS OP THE COMPUTER SIMULATION 

Introduction 

This chapter shall show the results of the computer 

simulation of the cepstrum techniques. Attention will be 

given to the detection of the echoes and the recovery of the 

basic signal. The comb filter to extract the basic signal 

will be discussed as well. 

The cepstrum theories discussed earlier are adaptable 

to analog systems only. In order to apply it to digital 

systems the entire process has to be discretized. Sampling 

and quantization techniques [21] are applied for this 

purpose. There is distortion introduced when a discrete 

signal is used to represent a continuous waveform. For a 

discrete signal, the number of signal samples is finite, and 

therefore it corresponds to the continuous wave only in a 

finite time interval. The computation of the Fourier 

?^ 
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transform, which is necessary for finding the cepstrums, is 

done by using the Past Fourier transform technique where the 

number of the total sample points should be a power of 2, 

such as 32, 64, 12ft, 256 etc. In the following development, 

the number of the total samples of a composite signal is 

128. The time delays of the echoes are expressed in terms 

of the numbers of samples. It will -be found that the 

theories of the cepstrum techniques formulated in Chapter II 

are verified to be true. 

Since a symmetric rectangular modulating signal S(t), 

whose mean is zero, in an Angle Modulated signal is of 

special interest, a computer -generated waveform as shown in 

Figure 3 is applied in the following development. This 

composite signal is fed into the cepstrum process to verify 

the cepstrum theories, which we discussed in Chapter II. 

One restriction is the distortion introduced in 

equation(22), which is rewritten in equation (43), due to 

the manipulation of the Fourier transform of a composite 

signal on the computer. 

F[X(t)] = F[S(t)](l+ e'J''"̂ ) (43) 
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Mathematically, the Fourier transform is computed with 

respect to an infinite time interval ( _ » '̂, + « ). From 

equation (43), the contribution of the echo to the total 

Fourier transform is the product of the Fourier transform of 

the basic signal S(t) and an exponential term of echo delay 

d. However, only finite samples, which correspond to finite 

time interval, are involved in the computation of the 

Fourier transform when a computer is employed. Therefore, 

the echo delay d becomes significant to the computing result 

of the Fourier transform of a composite signal. The result 

is distorted such that the contribution of the echo to the 

total Fourier transform will not be exactly in accordance 

with equation (43). In other words, it is not exactly the 

product of the Fourier transform of the basic signal S(t), 

and the specific exponential term of echo delay d. 

Basically, this distortion will be reduced when the ratio of 

the number of total sampling points to that of the echo 

delay points becomes larger. 
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Cepstrum of free-noise single-echo case 

In this section, the plots of both the cepstrum and the 

different cepstrum of various types of composite signals 

will be illustrated. The original rectangular waveform as 

shown in Figure 3(a) is entered into the cepstrum process. 

Its plots of the power cepstrum and the complex cepstrum are 

illustrated in Figure 4 and Figure 5 . They will act as 

references for comparison with those of the composite 

signals with the echoes included. 

Notice that there are spikes inherent in both the power 

cepstrum and the complex cepstrum plots. It will be helpful 

to have some advance knowledge of the basic signal used so 

that we do not confuse signal spikes with echo spikes. 

A typical example as shown in Figure 3(c), with an echo 

amplitude of 0.25 and echo delay equal to 11, is cited here. 

Figures 6 through 8 are respectively the plots of the 

unwrapping phase, the power cepstrum, and the complex 

cepstrum. From Figure 6 we know that the phases are 

smoothed after phase unwrapping. 
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From the comparison of both the cepstrums(Figures 4 and 

5) with those of the basic signal( Figure 3), we can see that 

the power cepstrum detects the echo easily whereas the 

complex cepstrum does not. Nevertheless, we still need the 

complex cepstrum result to recover the original signal. The 

power cepstrum result does not provide this information. We 

can find there are several extra spikes occuring at the 

11th, 22nd points and multiples thereof. These spikes are 

obviously due to the echo in the total signal. Their 

magnitudes are comparable to those of the inherent spikes. 

By using the comb filter to smooth the extra spikes in 

the complex cepstrum, and processing the data backward, we 

are able to extract the original symmetric rectangular 

waveform. The computer simulation outputs have proved as 

much. 

Different cepstrum of noiseless single-echo case 

The original symmetric waveform as shown in Figure 3(a) 

and the composite signal with one echo amplitude of 0.25 and 

echo delay equal to 11 without frequency -cdjiated, as shown 

in Figure 3(c), have been used in the iifferen^ cecs—u-

technique as the prior. 
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Their results are shown in Figure 9 and 10. The spikes 

of the echo are not apparent. 

Similarly, by using a comb filter to smooth the extra 

spikes and processing the data backward, as mentioned in 

Chapter II, we are able to get the symmetric rectangular 

waveform as shown in Figure 3(a). 

Cepstrum of noiseless multi-echo case 

Until now, we have dealt with the composite signals 

including only one echo. Several two-echo cases have also 

been investigated. The echo detection work will be more 

difficult in the multi-echo cases since the spikes will also 

show up at the sum and the difference of the multiples of 

the echo delay times. 

A typical example is presented here. Two plots of both 

the power cepstrum and the complex cepstrum are shown in 

Figure 11 and Figure 12 . 

In this example, the first echo has an echo delay of 11 

data points and the echo amplitude of 0.4. The second echo 

has an echo delay of 25 data points and the echo amplitude 
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of 0.2. If we compare these two plots with those of the 

original signal in Figure 7 and 8, we will find the power 

cepstrum results in extra spikes showing up at the sum and 

difference of multiples of the two delay times in addition 

to those ocurring at the multiples of them, while the 

complex cepstrum result does not. The spikes at the 

multiples of the echo delay times are more obvious than 

those at the sums and differences. As before, we still have 

to use complex cepstrum results to get the original signal 

back, although it can not detect the echoes so obviously as 

the power cepstrum does. Generally, cepstrum techniques 

still work in multi-echo cases. 

Different cepstrum of noiseless multi-echo case 

The same example used for the cepstrum technique will 

be used here again. The result is shown in Figure 13 ; the 

spikes still not too easy to detect. 

Cepstrums with noise embedded case 

In the previous development, noise is not involved. An 

additive Gaussian noise is added to the composite signal in 
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the following investigation for the purpose of finding the 

effect of the noise on the cepstrum results. 

As mentioned in Chapter II, when the magnitude of the 

noise is small compared with the magnitude of the wavelet, 

as shown in Figure 14, it is similar to the noise-free case. 

With the results shown in Figure -15, we can barely 

detect the echo because the noise affects the results. 

Nevertheless, the echo detection algorithm still can detect 

the echoes. 

Another thing to mention is that we cannot detect the 

echoes at all when the standard deviation is over 0.005, as 

shown in Figure 16. Because the noise too widely affects 

the signal. 

Different cepstrum with noise embedded case 

Until now , the different cepstrum technique performs 

only in the noise-free case. An additive Gaussian noise as 

used in cepstrum technique is added to the composite signal 

in the following investigation. 
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As the experimental results show, the noise vastly 

affects the results. Using the same example, as the 

cepstrum technique, it can be rewritten as 

F[X(t)] = F[S(t)](l+ae"'^*''^)+F[n(t)] (44) 

Then, applying the different cepstrum technique, we have 

F'[X(t)] F'[S(t)](l+ae"'̂ ''''̂ )+F[S(t)](-jda)e"J''̂  

F[X(t)] F[S(t)](l+ae-'^'^^)+F[n(t)] 

^ F'[n(t)] 

F[S(t)](l+ae"^''"^)+F[n(t)] 
(45) 

From equation(45), we can see that if F[n(t)] is small 

enough compared with F[S(t)], then, this case is similar to 

the noise-free situation shown in Figure 17 . However, 

F'[n(t)], the dc term, will be added in the result. We can 

delete the dc term by finding the average of the total 

result, and subtract the average one by one. 

In the actual case, after n(t) is applied the Fourier 

transform will not be a small quantity. Therefore, it will 

affect the result easily. In Figures l8 to 21, by 

increasing the standard deviation of the noise gradually, we 
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can see that the signal will be easily affected by noise as 

such. 

Summary 

The power cepstrum and complex cepstrum have proved 

executable in most of the cases. Since only the magnitude 

is Involved in the computation of power cepstrum, the effect 

of the added noise and the variation of echo parameters on 

the power cepstrum is less than that of the complex 

cepstrum. However, the complex cepstrum is required for 

recovering the original signal. The complex cepstrum is 

very sensitive to the phase information. Therefore a proper 

sampling procedure, especially a proper sampling frequency, 

is critical to the implementation of the echo detection and 

signal extraction. 

Different cepstrum technique works in a noise-free 

case, but in a noisy environment, the cepstrum technique 

does better than the different one. 

Several special algorithms used in this research, such 

as echo detection and digital filter, will be discussed in 

Chapter IV. 



CHAPTER IV 

ALGORITHMS POR SIMULATION, DIGITAL FILTER AND ECHO DETECTION 

Introduction 

In Chapter III, we presented the computer simulation 

results of cepstrum techniques with respect to some specific 

waveforms. It was basically devoted to confirming the 

cepstrum theories presented in Chapter II. No detailed 

procedures are Included. In this chapter algorithms 

designed for echo detection and a digital filter are 

discussed. Another important point to note is the relation 

between sampling frequency and carrier frequency, which can 

avoid the aliasing problem. 

Simulation Algorithm 

In the following development it is assumed that the 

carrier frequency of the Angle-Modulated signal is unknown. 

It is therefore, necessary to determine the carrier 

54 
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frequency used in the subsequent demodulation process. 

Actually, as we will find later, the estimation work has 

been simplified by finding the power spectrum of the 

composite signal. 

The Fourier transform of the time functions is done by 

taking advantage of the Fast Fourier transform (PPT) 

subroutine HARM[l6]. Since the number of the sample points 

is required to be a power of 2 by the FPT subroutine, there 

are 128 points sampled in the program we used for 

simulation. The Gaussian noise added to the signal for 

computer simulation is generated by making use of the 

uniform distribution random generator. The mean value and 

standard deviation of the noise are adjustable so that we 

may be able to check how noise affects the simulation 

results. 

The simulation algorithm we used was almost the same as 

G. M. Chiu's [24]. The attached program is shown in 

Appendix. First of all, a composite simulation Angle 

Modulated signal is generated by making sure the sampling 

rate is at least twice as high as the carrier frequency. In 
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the actual case, certainly this step should be replaced by 

the proper sampling techniques. Since the range of the 

carrier frequency of an Angle Modulated signal is somewhat 

limited, there should not be problems in adjusting the 

sampling frequency so that it will meet the Nyquist sampling 

criterion. The signal sample we generate here is the sum of 

the basic Angle Modulated signal plus its echo with 

specified echo delay and amplitude. To find the carrier 

frequency, the power spectrum idea first came to mind. 

Since it is expected that the largest value or highest spike 

will show up where the carrier frequency is, we find the 

frequency by investigating the power spectrum. Then the 

sampling frequency we use must be twice that of the carrier 

frequency we found to avoid the aliasing problem. 

Digital Filter Algorithm 

Following the determination of the carrier frequency of 

Angle Modulated signal, the demodulation process is applied 

to extract the modulating signal which, in our computer 

simulation, is a symmetric rectangular waveform. It takes 

two steps to accomplish the quadrature demodulation 
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procedure. First we multiply the original composite signal 

by the negative sine wave of the same frequency as the 

carrier frequency. Then a low pass filter is applied to 

filter out the high frequency portion. This is where the 

problem happened because of the discrete time simulaton and 

by applying discrete Fourier transform, the distortion 

increases. Thus, it is not easy to find the right digital 

low pass filter. 

An algorithm we used to find the digital low pass 

filter is presented. Equation (7), as rewritten in (46), is 

the signal we want to input to the low pass filter. 

-X(t)sin(a)t) = -J${ sin(2u)t )+kg(t) [ l-2cos (2u)t) ] } 

-kci{ [sin(2u)t-a)d)+sin(a)t)] 

+kg(t-d)[cos(a)d)-cos(2a)t-a)d)] (46) 

Equation (8) as rewritten in (47) is the signal output from 

the low pass filter. 

X'(t) = iikg(t)-i$asin(a)d)+i$akg(t-d)cos(a)d) (47) 

We know the filter algorithm smoothes the original input 

data X(n) by weighting 
N 

y(n) = I b(k)X(n-k) (48) 
k = -N 
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and get the output data y(n). In discrete time form it 

should be 

y(n) = B(l)X(n) + B(2)[X(n+l)+X(n-l)] 

+B(3)[X(n+2)+X(n-2)]+ 

+B(n)[X(n+N-l)+X(n-N+l)] (Z19) 

So in matrix form: 

yd) 

y(2) 

y(n) 

"C(l,l) 0(1,2) C'(l,n) 

C(2,l) 0(2,2) 0(2,n) 

C(n,l) C(n,2) C(n,n) 

let n = N 

B(l) 

B(2) 

B(n) (50) 

where C(n,n) = X(n+n-l) + X(n-n+l) 

y(n) is the output data, C(n,n) is the sum of the input data 

we already known. 

Therefore, we can find the digital filter coefficients 

B(l), B(2), B(n) by solving the inverse matrix. As the 

computer results show up, there are some errors due to the 

finite precision of computer calculation, but the answers 

are still very pleasing. 
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Echo Detection Algorithm 

An echo detection algorithm is designed to detect the 

arrival time of the echo. The technique is based on the 

detection of the spikes in the power cepstrum and different 

cepstrum. When there are spikes occuring at the results, we 

pick out all the points where the spikes are. V/e try to 

find the greatest common factor. If it is a single-echo 

case, then, the greatest common factor is the echo delay 

time we want to find. But in the multi-echo case, the 

spikes could happen at the multiples, or the sum or 

dlfferejnce of the echoes. In such cases, a careful decision 

must be made to decide what the delay times really are. In 

the power cepstrum, there are always nondelay spikes which 

will lead to erroneous decisions. These nondelay spikes 

obviously do not belong to the multiples of the delays. 

Therefore they should not be smoothed. 

The algorithm we used will have problems when the 

spikes are not due to the echoes, but are the multiples, or 

the sum or difference of the echoes. Fortunately, we did 

not have this problem in our research. 



CHAPTER V 

CONCLUSION 

Digital signal processing has been used in various 

fields. Through the advanced technology, the applications 

become more efficient and dedicated. 

Digital signal processing techniques have widely been 

used in communication systems. One serious problem in its 

use is the echo Interference, In the preceding 

investigation, attention was given to the angle modulated 

signal, which interfered with the additive echoes either 

with or without noise included. The cepstrum technique and 

the different cepstrum technique were employed to detect the 

echo delay times and extract the original signal. 

A specific waveform was used to verify the cepstrum 

theories. Results of both the cepstrum and the different 

cepstrum proved that the technique worked very well in most 

of the cases. The power and complex cepstrum have to be 
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used together to offset each other's shortcomings. Although 

the different cepstrum technique does not have the phase 

discontinuities problem, it is not easy to detect the 

echoes. Nevertheless, the noise will affect the different 

cepstrum technique more than the cepstrum technique. 

The cepstrum technique can detect any kind of echoes, 

but the worst problem is the phase. The different cepstrum 

technique without phase problems can help us save a lot of 

time, if some problems can be solved. However, in the noisy 

environment it is not easy to detect the echo. Therefore, a 

general and powerful echo detection algorithm to solve the 

problems in the noise-case by using the different cepstrum 

technique will be the topic of work in the future. 
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APPENDIX 

SIMULATION PROGRAM 

DIMENSION X(384),Y(128).B(130).Z(128,128).C(130).FL(128) 
$.V(130) .DEdSO) .G(130) .H(130) ,F(130) .W( 130) ,INV(32) .3(3) 
DATA (M=7.0,0) 
TYPE INTEGER D.D1.D2.D3.D4.D5tD6.D7,D8,D9.L 
TYPE REAL K,S,AO,DE.REA,V,Y 
TYPE COMPLEX B,G.F,H 
PI=3.14159 

C GENERATE THE COMPOSITE SIGNAL WITH ONE ECHO 

3=3. 
D=11 
A=200. 
A0=0,25 
K=0.01 
L=31 
DO 1 1=1,D 

1 X(I)=A«(C03F(2.«PI«I/S)-.K«1.«SINF(2.«PI«I/S))+A«A0«(C03F 
$(2.«PI«(I-D)/3)-K«0.«SINF(2.«PI«(I-D)/S)) 
D1=D+1 
D2=D1+L 
DO 2 I=D1,D2 

2"X(I)=A«(C0SF(2.«PI«I/S)-K«1.«SINF(2,«PI«I/S))+A«A0«(C0SF 
$(2.«PI«(I-D)/3)-K«1.«SINF(2.«PI«(I-D)/S)) 
D3=D2+1 
D4=D2+D 
DO 3 I=D3.D4 

3 X(I)=A«(C03F(2,«PI«I/3)-K«(-1,)«SINF(2.«PI«I/S))+A«A0«( 
$C03F(2.«PI«(I-D)/3)-K«1.«3INF(2.«PI«(I-D)/S)) 
D5=D4+1 
D6=D4+L 
DO 4 I=D5.D6 

4 X(I)=A«(C0SF(2.«PI«I/S)-K«(-1.)*SINF(2,«PI«I/3))+A«A0«( 
$C0SF(2.«PI«(I-D)/3)-K«(-1.)*SINF(2,«PI*(I-D)/S)) 
D7=D6+1 
D8=D6+D 
DO 5 I=D7,D8 

5 X(I)=A«(C0SF(2.«PI«I/3)-K«0.«3INF(2,«PI*I/S))+A«A0*(C0SF 
$(2.«PI«(I-D)/3)-K«0.«SINF(2,«PI*(I-D)/S)) 
D9=D8+1 
DO 6 I=D9,128 

6 X(I)=AMCOSF(2.«PI*I/S)-K«0,«3INF(2,«PI«I/S))+A«AO«(COSF 
$(2 «PI«(I-D)/S)-K«0.«SINF(2.«PI«(I-D)/S)) 

C««««««««««««««««««««************************* 
C ADD GAUSSIAN NOISE TO THE COMPOSITE SIGNAL 

c«*l.«***«*««**«««««**«************************ 
AM=0. 
ST=0,001 
DO 7 1=1.128 
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CALL GAUS3(AT,3T.GN) 
7 X(I)=X(I)+GN 

C*«««««««««««««««««««««««««««««««««««««««««««««««««««««««« 
C ESTIMATE THE CARRIER FEEQUENCY OF THE COMPOSITE SIGNAL 
C««««««««««««««««««««««««««««««««««««««««««««««««««««««««« 

DO 8 1=1.128 
8 B(I)=X(I) 
CALL HARMCB.M.INV.S.I.IFERR) 
DO 9 1=1.128 

9 C(I)=(CAB3(B(I)))»«2 
CALL OPLOT(C) 

C DEMODULATION PROCESS 
C FL ARRAY ARE FILTER COEFFICIENTS 
C DIGITAL FILTER ALGORITHM 

DO 10 1=1.128 
10 X(I+128)=X(I) 

DO 11 1=1,128 
11 X(I+256)=X(I) 

DO 12 1=1.384 
12 X(I)=X(I)«-3INF(2.«PI«I/S) 

DO 13 I=1,D 
13 Y(I)=A«(K«1.+A0«K«0.«C0SF(2.«PI«D/3)-A0«3INF(2.«PI«D/3))/2. 

DO 14 I=D1.D2 
14 Y(I)=A«(K«1.+A0«K«1.»C0SF(2.«PI«D/3)-A0«3INF(2.«PI«D/3))/2. 

DO 15 I=D3.D4 
15 Y(I)=A«(K«-1.+A0«K«1.«C03F(2.«PI«D/S)-A0«3INF(2.*PI«D/3))/2. 

DO 16 I=D5.D6 
16 Y(I)=A«(K«-1.+A0«K«-1..*C0SF(2.«PI«D/S)-A0«SINF(2,«PI«D/S))/2. 

DO 17 I=D7.D8 
17 Y(I)=A«(K«0.+AO«K«-1.*C03F(2.«PI«D/3)-AO«SINF(2,«PI«D/S))/2. 

DO 18 I=D9.128 
18 Y(I)=A«(K«0.+AO«K«0.«COSF(2.«PI«D/S)-AO«SINF(2.«PI«D/S))/2, 

DO 20 1=1.128 
Z(I.1)=X(I+128) 
DO 19 1=2.128 
Z(I.J)=X(I+J+126)+X(I-J+128) 

19 CONTINUE 
20 CONTINUE 

C««««««««««<«««««««««««****************** 
C SOLVE THE INVERSE MATRIX COEFFICIENTS 
C«««««««««««««««««<«««««««*************** 

M=128 
M1=M-1 
DO 24 1=1,Ml 
11=1+1 
Y(I)=Y(I)/Z(I.I) 
DO 21 J=I1,M 

21 Z(I,J)=Z(I,J)/Z(I,I) 
DO 23 K=I1,M 
Y(K)=Y(K)-Y(I)«Z(K,I) 
DO 22 L=I1,M 
Z(K,L)=Z(K.L)-Z(I,L)«Z(K,I) 
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tliL UUNiiNUt 
23 CONTINUE 
24 CONTINUE 

Y(M)=Y(M)/Z(M.M) 
FL(M)=Y(M) 
M2=M-1 
DO 26 1=1.M2 
I3=M2+1-.I 
3UM=0. 
12=13+1 
DO 25 J=I2.M 

25 3UM=3UM+Z(I3,J)«FL(J) 
26 FL(I3)=Y(I3)-3UM 

DO 28 1=1.128 
TEMP=0. 
DO 27 J=2.128 

27 TEMP=TEMP+FL(J)*(X(I+J+126)+X(I-.J+128)) 
28 Y(I)=FL(1)«X(I+127)+TEMP 

C««««««««««««««««««««« 

C REMOVE THE DC TERM 
C««««««««««««««««««««« 

DO 29 1=1,128 
3UM=0. 

29 3UM=3UM+Y(I) 
AVG=3UM/128. 
DO 30 1=1.128 

30 Y(I)=Y(I)-AVG 
C« «««««««««««««««««««« 
C CEPSTRUM TECHNIQUE 

C 

c«««««««««««««««««««««««««««« 
C COMPUTE FOURIER TRANSFORM 

DO 31 1=1.128 
31 B(I)=Y(I) 

CALL HARM(B,M,INV,3,1,IFERR) 

C FOND LOG OF VOLTAGE SPECTRUM 

DO 32 1=1,128 
32 V(I)=CAB3(B(I)) 

IF(V(I) ,EQ. 0.)34,33 
33 V(I)=LOGF(V(I)) 

GO TO 35 
34 V(I)=-1.0E10 
35 CONTINUE 

C COMPUTE UNWRAPPED PHASE 

N=0 
REA=REAL(B(1)) 
IF(REA .GE, 0.)38,36 

36 DO 37 I=,128 
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37 B(I)=B(I)«(-1.) 
38 C(1)=0. 

OLDPsCd) 
DO 43 1=2,128 
C(I)=CANG(B(I)) 
IF((C(I)-OLDP) .GT. PI)40,39 

39 IF((OLDP-C(I)) .GT. PI)41.42 
40 N=N-1 

GO TO 42 
41 N=N+1 
42 OLDPsCCi) 

C(I)=C(I)+N«PI«2. 
43 CONTINUE 

C« «««««««««««««««««««««««« 
C COMPUTE POWER CEPSTRUM 

DO 44 1=1,128 
44 B(I)=V(I) 

CALL HARM(B,M,INV,S,1,IFERR) 
DO 45 1=1,128 

M5 DE(I)=CABS(B(I)) 
CALL OPLOT(DE) 

C« «««««««««««««««««««««««««« 

C COMPUTE COMPLEX CEPSTRUM 

DO 46 1=1.128 
46 B(I)=V(I)+(0.0.1.0)«C(I) 

CALL HARMCB.M.INV.S.-I.IFERR) 
DO 47 1=1.128 

47 V(I)=B(I) 
CALL OPLOT(V) 

C DIFFERENT CEPSTRUM TECHNIQUE 

c 
Q« «««««««««««««««««««««««« 

C FIND FOURIER TRANSFORM 
(]««««««««««««««««««««««««« 

DO 48 1=1.128 
48 B(I)=Y(I) 

CALL HARM(B.M.INV,3,1,IFERR) 
DO 49 1=1.128 

49 G(I)=B(I) 
C««««««««««««««««««««<«««««««««««««*««****** 
C FIND DERIVATIVE OF THE FOURIER TRANSFORM 

DO 50 1=1,128 
50 B(I)=I«Y(I) 

CALL HARM(B,M,INV,3,1,IFERR) 
DO 51 1=1,128 

51 F(I)=(0.0,-1.0)«B(I) 
DO 52 1=1,128 

52 H(I)=F(I)/G(I) 
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C COMPUTE INVERSE FOURIER TRANSFORM 

DO 53 1=1,128 
53 B(I)=H(I) 

CALL HARM(B,M,INV,3,-1,IFERR) 
DO 54 1=1,128 

54 W(I)=AIMAG(B(I)) 
CALL OPLOT(W) 
END 

SUBROUTINE GAUSSCAMI.3T1,GN1) 

C GENERATE THE GAUSSIAN NOISE 
C AMI IS THE MEAN VALUE 
C ST1 IS THE STANDARD DEVIATION 

A=0. 
CALL RANFGET(R) 
DO 1 1=1,24 
Y1=RANF(-1) 

1 A=A+Y1 
GN1 = ((A-12.0)/1.414)«STUAM1 
RETURN 
END 

SUBROUTINE OPLOT(E) 

C PLOTING SUBROUTINE 

DIMENSION E(130),T(130) 
TYPE REAL E,T 
DO 1 1=1,128 

1 T(I)=I-1 
CALL PLOTS(0.0,0,0,1) 
CALL PLOT(0.0,0.0,-3) 
T(129)=0 
T(130)=24 
CALL SCALECE,5.0,128,1) 
CALL AXIS(0,0,0.0,4HTIME,-4.5.5,0,0,T(129),T(130)) 
CALL AXIS(0.0,0,0,9HMAGNITUDE,+9,5.0.90.O,E(129).E(130)) 
CALL LINE(T,E.128,1,0,0) 
CALL PL0T(6.1,0.0,999) 
RETURN 
END 


