ON ZERO—CROSSING ANALYSIS AND DESIGN OF
SIGNAL PROCESSING HARDWARE

A Thesis
submitted in_ parhal fulfilment of the
requiremenis for the_ de gree_ of
DOCTOR CTF PHILOSOPHETY

By
Suresh V., EKElbe

EEE GROUFP
BIRLA INSTITUTE OF TECHNOLOGY AND SCIENCE

PILANI (Rajasthan)
JUNE, 1979



e
MY PARENTS,
SARALA AND RATNAPRABHA



CERTIFICATE

This thesis is being submitted under
Regulation 16.4 of the Academic Regulations for
doctoral programmes which allows a faculty member
of the Institute to do Ph.D research without the

benefit of & supervisor.

I hereby certify that the thesis entitled
'On Zero-crossing Analysis and Design of Signal
Processing Hardware' which 1 have submitted for
award of Ph.D degree of the Institute embodies

my original work.

S TN '_;

Name in Block Letters: SURESH Vv KT RRE
ID. No. T2E88006

Signature in full:

Designation: Formerly, Lecturer
in EEE Group.




ACENOWLEDGEMENTS

Most of the ideas presented in this thesis have
grown out of my lecturers presented to the final year
B.E students of the Birla Institute of Technology and

Science, Pilani while I taught them a course on
'Communication Systems'. I found teaching at BITS

a beneficial experience technically.

I wish to record my deep sense of gratitude to
Prof.V.S.Rathore and Frof.M.M.Mukerji with whom I had
many fruitful discussions. 1 greatly benefitted by
my discussions with Dr.XK.V.Ramakrishna, Scientist
CRERT Pilani on hardware aspects of speech bandwidth

compression systems.

I wish to thank Dr,.K.V,Ramakrishna and
Dr.S.S.Agarwal of the Audio and Acoustics Division of
CEERI Pilani for providing recordings of standard ma”

utterances along with their sound spectrogravhs D

wish to record my appreciation for the co-operation
I received from Prof.S.C.Rastogi, Group Leader, BEER
2
and the Electronics Laboratory staff of BITS, Pilani
¥

in all phases of my laboratory work. Mr.$.S.Sharma

and Mr.J.P.Sharma helped me in fabricating the circui+

Thanks are due %o Prof.J.P.Singh, Programme Director
4

INSAT, for allowing me time to complete this work

Lastly, I wish to express my heartfelt thanks to

the Academic Community at BITS, which allowed me t
Q

undertake the task of working for g doctorate de
gree



LIL

without the benefit of a Supervisor - a gstupendous

yet very rewarding experience.

Mr.Sadasivan and Mr.Chain Singh of ISRO HQ

did a splendid job of typing and artwork for this

thesis,

Suresh V. Xibe



v

ALSTRACT

In this thesis Stuumper's basic of 'Zero-crossing
PM Detection' has been extended so that noise im FM
has been looked upon as the change in the position of
the zero-crossings of an FM wave in the presence of
Narrow-Band Gaussian noise or any interfering signal.
The physical insight gained using this approach is
exploited to derive the known formulae for calculation
of Noise power due to spikes in the presence of
additive Narrow-Band Gaussian noise using simple
mathematics, Thus, this is an alternative approach
to Rice's 'eclicks' analysis and offers better physical
insight into FM Threshold and Capture. It helps
one to look at an FM demnodulator as a system whose
output is proportional to the axis-crossing rate of
the input signal. To prove this, the important blocks

of an IC PLL have bcen analysed.

In short, any application where the number of
axis—crossings per second of a signal is used to
determine the instantaneous frequency the FM

demodulator could be used with advantage, This

idea has been used to design a Formant Vocoder



which uses IC PLLs for recl time Formant extraction
from prefiltered iipeech signal. The hardware is

simple.

An important spin-off of this study is that
it helps one to visualize the use of digital building
blocks not only in FM but other CW communication
systems since the zero-crossing FM demodulator is

essentially a simple digital system.
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CHAPTER - 1 : INTRODUCTION

Zero-crossing analysis as envisaged in this thesis

deals with the estimation of the instantaneous frequency

of a band limited signal by finding the number of axis

crossings per second of that signal, within a certain

time period.

There have been independent attempts to use

the zero-crossing analysis in various problems. Examples:

(1) Stumpers [1] as early as in 1948 demonstrated

that all the information in a Frequency
Modulated (FM) signal is contained in the
points at which the FM signal crosses the

origin, the so-called 'Zero-crossings',

(2) One of the earliest attempts at automatic
tracking of Fermant freguencies in human

speech signal was an average 2Zero—-crossing
count [2].

(3) Dubnowski et.al. [3] have used an algorithm
which uses centre clipping [level-crossing

detection] and infinite peak clipping for

a real-time Digital hardware pitch detector.

Pollock and Licklider [4] have shown that
Infinite peak clipping has no appreciable
effect on the Intelligibility of speech,

(4) Recently, Zero-crossing analysis Techniques
have been applied to Automatic Speech
Recognition [5].

(5) Zero-crossing analysis studies have been used
in many other areas e.g., fatigue studies in
structures and loads, environmental and
reliability testing, and analysis of flight
test data and guidance systems [6].



This thesis attempts to analyze a class of systems
in Communications and Speech Processing in an integrated
manner, It is seen that with this approach it is possible
to see similarities in these various attempts and exploeit

them to understand these systems better.

In general, the calculation of the number of zeros
per second and the variation of the distance between
consecutive zeros is a difficult mathematical problem
when randam signals are involved [7]. However, in
narrow—band processes and signals both the instantaneous
frequency and amplitude variations are small within an
interval which is governed by the bandwidth and hence
definite guidelines in the design of systems used to
demodulate such signals are possible. The zZero-crossing
analysis is particularly helpful in giving better rhysical
insight than is possible with the vectorial representation

in explaining Noise in I'P. systems,

The choice of the 'zero' level for analysis is
natural since most waverforms after removal of the s PR I
component have zeroc average value. All the same, it has
been shown that under certain conditions a level crossing
detector might prove more useful. Incidently, in the
detection of binary signals in additive Gaussian Noise,
where the '1l's and 'O's are equally likely,

the optimum
decision threshold is taken to be the zero level



In this thesis, systems used to process a class of
signals whose instantaneous frequency varies over a
definite range as a function of time have been analysed
using the zero-crossing analysis approach. Chapter 2
deals essentially with explaining the phenomenon of FN
Threshold, It is seen that this approach gives a wmuch
better insight into the phenomenon of FM Threshold than
is possible with Rice's 'clicks' analysis and hence can
be used to design Threshcld Extension Systems better,

In chapter 3 a class of hardware used in Speech Analysis
and Synthesis systems has been analysed using the zero-
crossing approach and it has been shown that Formant
Tracking is possible using a PLL. To prove this, it has
been shown that the IC PLL essentially is & device whose
output is proportional to the axis crossing rate of the
input signal. In chapter 4, a Formant Vocoder has been

designed based on the analysis carried out in chapter

2 and 3-

An important spin-off of this study is that it helps
one to visualize the use of zero-crossing detector a
simple digital IC, not only in FM demodulation but other
analog systems. With the cost of a digital IC going down
simple and economic systems can be conceived using this

approach.

It is believed that the zero-crossing analysis of
FM Threshold and the consequent design of a Formant

Vocoder using a PLL presented here is a new approach



This approach needs to be further substantiated by
both theoretical as well as practical work to cover

all aspects of noise in M systenms,



CHAPTER 2: ZERO-CROSSING ANALYSI: OF FM THRESHOLD

In this chapter the phenomenon of FM Threshold has
been analysed using the zero-crossing approach. Stumpers'
basic idea of 'Zero-crossing FM Detection' has been
extended so that noise in Fh has been loocked upon as the
change in the position of the zero-crossings of an FM
wave in the presence of Narrow-Band Guassian noise or
any interfering signal. The physical insight gained
using this approach is exploited to derive know formulae
for calculation of Noise power due to spikes in the
presence of additive Narrow-Band Gaussian noise using
simple mathematics. Thus, this is an alternative approach
to Rice's 'clicks' analysis [8] and offers better physical
insight into FM Threshold and Capture. Simple explanations
have been offered to the observed experimental results in
PM receivers under threshold such as:

1. Occurence of positive and negative spikes at

the output of the FM Receiver.

2. Increase in the number of negative spikes at
the positive extreme of modulation (highest
instantaneous frequency) and vice-versa.

3. Occurence of threshold at higher values of

input SNR for higher deviation systems,

4. Enhanced increase in the number of spikes
near and below threshold when the carrier

is sinusoidally modulated than when it

is
unmodulated,



The positive spike has been likened to 'Extra'
and the negative spike to 'Missing' pair of zeros in
FM signal in the presence of Narrow Band Gaussian noise,
This approach offers a clue to the time duration,
frequency and the nature of the spike which are helpful

in the design of Threshold Extension Devices (TEDS)

In the analysis presented only instantaneous values
have been considered. No effort is made to justify the

input SNR at which threshold Sets-in.

2.1, REVIEW OF PREVIOUS WORK

Stumpers has shown that there is a direct relationship
between the instantaneous frequency and the number of
zero-crossings of an FM signal [see appendix A].

Leentvaar and Flint [9] have done an extensive analysis
of FMi capture. Some relevant part of their analysis ig

reproduced here.

Consider two signals at the input of the limit
4 er

of an FM receiver

vl(JG) = A, cos ¢,(t)=Re [Ale j¢l(t)] .. (2.1.1)

vo(t) = A5 co8 o (t)=me £ ¢ ng(t>
2 2 Palt)=he (40 ] os [ Budady

Where  ¢,(t) - ¢ (t) = o(t)

A/A = A
21 e 2e1.3)
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The amplitude of the resulting signal R from Fig.l

is given by

R =Yz o a2 & '
Ay ¥ A + 2A.A, COS @ is (2383 )

The phase angle of the resultant is given by

A sin ¢
q' = 9y * arctan ——

1+A cos @ .o (2.1.6)

The instantaneous frequency ©or the limiter output

is given by

dg 2
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pig.2(a) shows the variation of the function X with the
{nstantaneous phase difference ¢ and Fig.2(b) shows the
variation of the instantaneous frequency of the resultant.

Tt has been shown by Leentvaar and Flint that for

A>1l UUr EhE T LU2 and for A<1 W

r mean IIJ1

ool 261.8)

Figures 2(a) and (b) convey the following important

information.

(1) The mean freguency of the output of the
limiter 1is equal to the frequency of the
stronger signal. A zero~crossing count of
the output signal will yield the instantaneous

frequency of the stronger signal (Capture).

(2) There is a sudden change in the function
x and hence in the instantaneous frequency

of the resultant when the instantaneous phase
difference between the two signals is m.

These sudden changes (peaks) occur with a

frequency ]UUZ—UUl\the beat frequency.
The function X changes sign at A = 1.

(3) The peaks always 'point away' from the
frequency oi the weaker signal,

(4) The peaks are snaller when the frequency

difference between_UJl and UJ2 is small,

However, it is difficult to visualize an infinite
frequency Jjump when A=1l, What does it correspond to
physically?. This question is answered in the next section
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S.0.Rice in his monumental work on noise in
FM Receivers used the vectorial approach and explained
the phenomenon of FM Threshold using the famous heuristic
'elicks' analysis. Rice's conjecture of FM Threshold
is shown in Fig.3. In Fig.3 R(t) is the resultant
vector. For simplicity, the carrier is assumed to be

unmodulated and is given by

v(t) = A, cos W ¢t vl 24 Ea9)

Narrow-Band noise n(t) is represented by

n(t) = x(%) cos W & - y(t) sin W o - (2.1, 38)

r(t) cos (UUCt + @n) ¢ 5 & V20000

() = Vyea(g) 4 4 (o

J

y(t)

x(t)

an = arctan --(2.1,12)

x(%) and y(t) are gaussian random variable with zerq
mean and deviation 1nB where n is spectual density of
white noise and B is the bandwidth of the IF filter,
Schilling [10]gafter an involved caleculation [see
appendix B] has shown that the total number of spikes
occuring per second in the presence of carrier alope

(no modulation) is given by

N =N+N, = 2N = 2N " )fM %,
C" - +H e +: — el"fc —_— e
2Y3 J B N,

fo I S B
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where NM = nﬁM, 5. =

2
‘A‘S
4 >

— input Signal POWETr

£ - cut-off frequency of the base band filter

I
at the output.

Schilling has also shown that in the presence
of modulation, the average nunber of spikes per second

increases by a factor given by

o S,
M / b \
2At _'( } x| "“".A _— 2 A
SN = e B / \L‘M/ ( 4)

T
where & f = maximum frequency deviation of the carrier.

Near and below threshold 5N >> N, therefore the total
average number of spikes is N ¥ 3N . Equation(2.1.14)
is used to account for the noise due to Spike in

FM Receivers.

In this analysic some questions remains unanswered.
What is the bound on the time interval A% in which a
spike occurs? What is tne physical equivalent ot a
positive and negative spike? It is assumed that to
ensure a spike output 1t is not actually necessary to
observe a complete rotation of R(t), but it is adequate
that there be gusranteed & rotation of at least 7
radians. Why? All of these questions are answered

in the next section.



2.2. ZERO-CROSSING ANALYSIS OF FM THRESHOLD

It is instructive to look at the phenomenon of
Narrow-Band noise from the zero-crossings point of view.
Consider the response of a Narrow-Band filter (ideally a
notch-filter) to noise, It is found that the output has
the appearance shown in Fig.4. If the filter were an
ideal notch~filter the cutput would have been a sinusoid.
Then, the distance between the zero-crossings would be
fixed. As the band-width of the filter is increased
slightly, one notices a fluctuation both in the amplitude
of the envelope and also the distance between the zero-
crossings. The output n(t) is represented by equation
(2.1.11) where r(t) is Rayleigh distributed with the
probability density function given by

—-r%/2nB T2 0
re

fr(r) =1—
0 r< 0
S (202.1)
and ¢n(t) is uniformly distributed with the Probability

density function

1
o 1< 04k
fg (0) ~ o E r - {22, 8%

freqguency of the fi 3 .
If the centre freg y filter is fc the distance

between two consecutive Ze€ro-crossings is

1
when B = 0

ZfC

and within

whern R Sa 05«4 4.
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Any particular value of the envelope holds only
for 2/B seconds. In other words, the envelope can be
assumed to have 2 particular value for 2/B saconds
[Ref.1l and Art.10.7 of Ref.7]. As the bandwidth is
further relaxed the distance between zero-crossings
becomes more varied and the envelope fluctuates more
+til1l when there is no filter the separation between
zero-crossings ranges between O and< and the amplitude
fluctuates randomly. Thus, Narrow-Band noise if viewed
within an interval of 2/B seconds looks more or less
like a2 sinusoid., This representation of Narrow—Bang
noise has been used 1in ¥ig.5 which gives a heuristic
model for FM Threshold based on the zero-crossing
approach, Fig.5 gives the following information,

(1) When r < A, and tn? hoise fregquency is greater
or less than the signal frequency there is no

change in uhe number ox zero-crossings of the
resultant signal.

(2) When r > A Lo U%)ﬁﬁéthe resultant signal
has an extra pair of zeros and for UUﬁ(UJS
a pair of zeros is missing.

(3) When r = L, the resultant signal in both
the cases juet touches the zero amplitude
axis thus giving rise to 2 rair of zeros
infinitesimally close to one another which

correSponds to the infinite frequency case

when A=]l in Fig,2,
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It may be noted that only the case when the signal
end noise have a phese difference of %= has been considered
as frequency Jjumps are encountered only then. It is
instructive to study the position of the zero-crossings
for phase differences other than n, Fig.6(a) depicts
one such case when the phase difference is m/2. For
simplicity, the two frequencies are taken equal. It ecan
be seen in Fig.6(a) that the position of the zero-
crossings of the resultant is more close to the rosition
of the zero-crossings of the stronger signal but there
is no change in the number of zero-crossings. When the
amplitudes of the two signals are equal the poSition
of the zero-crossings of the resultant is mid-way between
those of the noise and signal. It is only when the
relative amplitude of the strong signal is very high

that the zero-crossings of the resultant move c¢lgse to

its gzero-crossings meaning that there is a very gragdual
shift in the position of the zero-crossings when the
phase differences are not n., This fact is depicteg
in the very slow variation of the function x with A

for phase differences other than m in Pig,2(a),

Thus, when r > Aj (this condition corresponds to
an input SNR of 10 to 11 dB normally) and when the
instantaneous phase difference between signal ang

noise is n a pair of zeros is either misseq ( —ve spike)

or an extra pair of zeros (+ve spike) ig generated

This is the onset of threshold. It ig casy to visualise



~w
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that there are FOUR ways in which a spike (+ve or -ve)
can occur. TWO are shown in Fig.5 (corresponding to

T> A cese) and two others are the duals of these.

A missing pair of zeros corresponds to a phase
change of -2n. An extra pair of zeros corresponds to
a +27 phase change. The area under the spike is therefore

always 2m.

Having noted the condition under which a spike occurs
it is easy to find the number of sSpikes per second. Since
the noise envelope r(t) is Rayleigh distributed probability

that it is greater than A (r> 4.)

o o
= & m
ﬂﬂ Si
- 3 X HTTTI
= e
Foe S
byl i
E '('H)X(N'}} eo £2,2.8)
A2

Where O, = -gg is the input Signal Power.

Since the phase ¢ (t) of noise is uniformly distributed

the probability that the phase of the noise waveform is

1

just right to cause a spike is T -

Therefore, the joint probability P that the condition
for a spike is satisfied is

1, S,
'{T}X(m',‘) .. (2.2.5)

¥

-
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Now, there are four different ways in which this e¢an
occur hence, the probability Ps that either a +ve or

-ve spike is encountered is

AN

o - (E) - (220
P = @ X e——e %
L

@ 27

Equation (2.2.6) is the probablility of & spike in any
2/B seconds, the time for which the amplitude of the

noise envelope remains quasi constant.

Probability of occurence of a spike per

unit time is

4 x —
2n
2/B
T By
-8, e‘(*ﬁ')"(:’ﬂ-‘l—) e 0B

Now B, the r.f. bandwidth of a sinusoidally modulated
e

FM signal is given by

B=2(pnf + fm)> 2Af for large Af (2,2,8)

B :
A7 Deximum freq deviation

fm -
frequency of the nodulation signal
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From (2.2.7) and (2.2.8) we have probability of

occurence of a spike per unit time ON as

e oAT -fgr—l)x(;i—\) .. (2.2.9)

The average time between Spikes is then

1 il
T — ew T e— LI (2.2-10)
& N oW

It may be noted that in Fig.5 the noise waveform
shown

has been/only for half-wavelengths and where the peaks
of the noise and signal are opposite in phase. It can
be easily shown that at other insténts there is only a
change in the position of the zero-crossings but a pair
of zeros is neither missed nor an extra pair of zeros
sdded. [see Fig.6]. It is seen in Fig.6(b) that the
zero—crossings of the resultant are close to those of

the noise waveform. Since the frequency of the noise

waveform is less than that of the signal the number of

zero—erossings would also be less. Hence, the number of

zero-erossings of the resultant are also less than

those of the signal and this transition takes place
when the phase difference between the signal and noise

is m. Thus, at that point a pair of zeros is missed.

Equation (2.2.9) for the number of spikes

per second is the same as that obtained by Schilling
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The zero-crossing analysis offers the following

simple explanations for other observed facts as well.

(i) Earlier onset of Threshold for large deviation systems

As the deviation of the system is increased, the
r.f. bandwidth following Carson's rule increases
correspondingly. Thus, the demodulation r.f, bandwidth
increases accordingly. AS a result of the increased
bandwidth of the IF filter the noise envelope has
larger fluctuations and hence the condition of Spike
(ry»Ag) is reached at higher values of input signal.

(ii) -ve spikes a2t +ve extreme of modulation ang
vice versa

It is clear from Fig.5(a) and (b) that g .ve spike

(missing pair of zeros) occurs when H%né uk; and a +ve

spike occurs (extra pair of zZeros) when UUn:>UU

Thus at the +ve extreme of modulation, the frequency

cf noise U%l will always be less than the instantaneouS
frequency of the signal hence only ~ve Spikes will
occur. The opposite will be the case at the ~Ve
extreme of modulation.

(iii) Enhanced increase in the number of spik
under modulation =_EDilXes

It has been shown in Fig.2(a) and (b) that the
instantansous Ifrequency of the resultant eXperiences g

sudden jump when ¢ = m and that the frequency of

occurence of such spikes is the absolute difference
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in the instantaneous frequencies of signal and noise.
When the signal frecuency occupies the centre of the
band (unmodulated cerrier) the absolute difference in
the frequencies of signal and nocise is the least.
Under modulation, the instantaneous frequency of the
signal shifts to +ve and -ve extremes increasing the
absolute difference in the frequencies of signal ang
noise. Thus, under any modulation, the frequency of

spikes will increase,

2.3. APPLICATIONS

It is clear from the analysis presented in the

earlier Section that the zero~crossing analysis gives
a definite clue to the time duration ofthe Spike. It

is clear from figures 5 and 6 that the duration of the

spike is roughly ?%— vhere f is the instantaneous
n

frequency of the noise or interfering signal. A closer
look at Fig.6 reveals that when the instantaneous phase
difference is exactly mn, & pair of zeros is missed ang
hence there is no zero-crossing in an interval ZiL_“
) n
The longest such interval clearly is the one which

corresponds to the lowest frequency of the noise waveforn

or

25 - 31 - (2230
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gimilarly, it can be shown that when the condition
for positive spike 1S satisfied the shortest interval

in which an extra pair of zeros is encountered is given by

1
vr k2.3.2)

——
2[fc + ?J

The amount of freguency Jjump depends upon the instantaneous

frequency difference and the amplitude ratio of signal

and noise. This information is of vital importance in

the design of Threshold Extension Devices (TEDs)

(cf, Ref e)] pp 348-351 for detailed discussions).

A zero-crossing Ui demodulator with threshold
extension capability would therefore be an acecurate
zero-crossing counter which is capable of ignoring
sudden changes in the zero-crossing count in the
interval given by eqn. (2.3.1) [see Fig.7]. & closer
Took at Figures 6(b) 2nd 6(c) reveals that the
detection of Missing or Extra pair of zeros is possible
since during spike formation definite patterns of the
resultant waveform are observed in the two conditions.
an appropriate level detector (where the decision level
is dependent on the Amplitude ratios) in conjunction
with the zero-crossing detector can be used to identify
the patterns. It is seen that 10U positive- level

crossings are seen in Fig.6(b) while only TWO are present

at that level in Fig.6(c). It can be shown that such

patterns would be observed on the negative side when
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the condition for a spike is fulfilled on the negative
peaks of the noise waveform. Any FM demodulator may be
looked upon as a device whose output is proportional

to the variation of the zero-crossing distance. The
zero—-crossing detector is essentially a device which

can be made into a digital IC.

The 'Zero-crossing' approach is particularly useful
for same or adjacent channel interference since the
concepts of instantaneous frequency difference ang
amplitude ratios of the signal and the interfering signal
(noise) are involved in the analysis. Once the condition
for the onset of threshold is met, interference from g
signal whose instantaneous frequency is farthest (apg
yet within the I.F, bandwidth) from the instantane oyus
frequency of the signal could be more harmful ag the

frequency of spikes in that case will be higher,

LUSIQONS:
2.4 CONC It is seen that the Zero~crossing Analysig

of Fli threshold has the following advantages,

(1) The analysis is simple,

(2) It offers a physical insight intg the
of spike formetion.

(3) It offers definite clue to the dur

which 18 essential 4o {phe design o
extension deviceg,

(4) This analysis p

Phenomenon

f thresholg

Ay be cXtendad to

. stme of
adjacent channe] Interferen

ce Calculations.



HAD 3 ING ANALYSIS OF SOME
; ~CROSSING ANALYSIE OF
CHAPTER 2+ %?ggAL PROCBSSING BARDWAKRE

It has been shown in Chapter 2 that there is é

direct relationshiv between the average zero-crossing

l + and the instantaneous frequency of an FM wave
Counthat a convincing explanation based on the zero-
and sing approach is possible for various other observed
Crois ii Fli systems. In this chapter the phase detector
- in some commercial IC PLLs has been analysed.
;ieia:nbeen shown that the IC PLL can be used as a

device which essentially uses the zero-crossing
information of the input signal. 4 class of hardware
sed for measurement of short-time Spectrum of human
: h has been analysed using the 4ero-crossing approaci

Pez:s then been shown that real-time estimatiop of
;Zrmant frequencies of human speech is possible using
the IC PLLs, as zero-crossing informetion ig of vital
importance in Formant extraction,

Definite guidelines
i the design of a Formant Vocoder using an IC PLI
orY e

have been evolved,

3.1. LBERO-CROLSING ANALYEEE_EELQQEEQEWEEAEE DETECTORS

Consider the Amplityde Modulateq (4M) signal

PLL) [12] shown
The PLL is used for carrier recov
may be noted tha

demodulation using a phase 3gok loop (

in Fig.8. ery. It

t in an ARl slgnal with moduwlation index

m<L]l the Zero-crossings

correspond tg those of the
Carrier,

It is cleap from Fig.8 that the PLL uses the
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zero-crossing information for carrier extraction. %n
fact, all linear phase detectors use the zero-crossSing
information. TFig.9(a) and (b) show the block schematic |

f a linear phase detector, with lincar characteristics.
;i 9{¢) is the timing diagram for Fig.9(b). The phase
d iéctor shown in Fig.9(a) is the femiliar phase detector
wiich is linear only for small values of © (since sin 0=0€
for O small). Fig.9(b) shows a digital linear phase
detector [13] which 18 equivalent to the one shown in

: (a) It is easy to prove from the timing diagram
Z;i;: in.Fig.9(C) that the transfer characteristics of
this phase detector will be linear. In fact, most

alogue phase detectors which are used in linear ICs
i:e the same basic principle as that of the digital ph&gg
detector of Fig.9(b). It is clear from the timing diagram
(Fig.9(c)) that these phase detectors use the zero-
crossing inrformation O the two input waveforms,

Mogst
PLL ICs use the phase detector shown in Fig.lo(b) [14]

hich is an improved version of the basic cireuit shown
wnlic

in Fig.10(a). It is clear frow Fig.10(a) that I_ flows
only when V, is positive und 14 flows only when v, is
positive and V, is negative - an enclusive Og operation.

gimilarly, in the Full-Wave coincidence detector I

e1 flows
only when V, 18 positive

i Ie2 when Vl is negative,
I6 flows only when V2 1s positive and Ul is negative,
I, thus flows only aftter V2 Crosses zero with g Positive
slope and goes to zero when Vl Crosses zero with =
potitive slope. I contains informatiop about the
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negative rero-Ccrossings of Vl and VZ. Under the condition
of no phase jitter in either V, or Vs, the width of the
current pulses 15 and 16 corresponds to the distance
between the negative and positive zero-crossings of Vl

and V, respectively. Also,

Fa Yo (3.1.1)
Vohrlay = 21 ° ¥ L L

where, 10 is the pulse peak current and ¢ 1is the phase
difference in radians. This therefore is a linear phase
detector which involves the zero-crossing information of
the inputs Vi and V,. In practice, however, it is notl
possible to get an accurate zero-crossing detector i.e.,

the transistors Q4-Q7 and QE-Q3 show a definite threshold

above which they Show switching behavior. In Signetics

1¢ PLL 565 the phase detector constant Kd (see Appendix D

for the definition of Kd) reaches a constant value of 0.6

when the input 18 above 50 mVrms. This means that the

phase detector of IC 565 behaves like a zero-crossing

linear phase detector when the input voltage is above

50 mV YmS.

» ZERO-CROSSING INTERPRETATION OF THE SHORT-
9% SSTITUDE SPECTRUM ANALYSIS HARDWARE HORT-T TMR

Fig.ll shows a block schematic of the system used fc¢

estimating the short-time Amplitude Spectrum in the

well-known sound spectrograph and in most filter-bank

spectrum analyzers. Consider that the bandwidth of the

input filter of Fig.ll were very narrow (ideally, a notc

FiTtewr) el .t o N A

-
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frequency at which the Amplitude Spectrum is to b: .
timated., The output of such a filter would be .

e% id and the peak rectifier would give the amplitude

S;:Ezosinusoid at any given instant of time. Thus Tn

?deal notch filter would give the desired | F (UJ',t)| for

l 1 time. As the bandwidth of the filter is increaseg the

- litude as obtained at the output of the Rectifier Filter

- esponds to the frequency obtained by finding the average

o ssing count in that 2/B second interval where B is

zero;:szidth ofthe input filter. Thus it is necessary

o bandwidth of the input filter be 88 narrow as

e that the interval over which the measurements

possible so

long and accurate measurement 1s possible,
id is lo
are valid

ORMANT TRACKING USING PHASE-LOCK LoOp
3.3 EORK

' ia f the human
functional block gi gram o
Fig.1l2 shows &
© ducing mechanism. This modej Consists of o
Speech produci

function followed by a Vgeay Tract Trensfer
vocal Source

this systenm being SPEECH, In the
; tput of
Function, the ou

the parametepg of both the vocal

Production of speech,

cal tract are modifieq gg Tunctions of time,
vo
Source and

{53,

For the Productig
d #@peech the vocay So

of frictionally €Xcite urce function



is modelled as a noise generator S,(t) band limited from
SOHZ to about lOOOOHZ. The Spectral properties of thiS

noise source are flat in the mid audio range [15]

The vocal tract transfer function indicated as H(f,t)
in Fig.12 modifies the output from the vocal source function
to result in speech. This transfer function depends on the
position of the articulators (tongue, lips, lower jaw and
velum) as well as on overall physical dimensions of the
vocal apparatus, and so for normal speech is a function of

both frequency and time.

For voiced speech sounds the frequency response of th
e
transfer function will have an approximate characteristi
ig
shape shown in Fig.1l3. The frequency of .
. ¥ the first peak Fl'
is called the first vocal reasonance or firgt formant
n
frequency. The frequency at the secongd peak labe]
ed I
is called the second formant frequency g ’
¥ and the frequency of

the Shind. pealk labeles By 28 ealled YHE Shind Fopmays

frequency. Although there &are higher forpgnt freq
uencien
French and Stienberg [16] have shown that voiced g
Peech

can be reliably synthesized from g knowledge of i
only the

first three formant frequencies,

A basic problem in Speech a .
nalysis is tp
€ accurate

determination of the formant irequencies a p ]
) rocess commonly
y

called formant ¥rucking. FRorpapt tracking is usefy]
Seful ip

speech analysis, n i

B ¥ » Butomztie recognition of Speech b

and bandwidt ; - Y machine
h compression of speech withp S ]

vocoders, PPlication of
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Characteristics of Formants

The following are some of the characteristics of the
first three formants for non-nasal voiced sounds uttered

by an average male speaker.

1. Forumant Frequency Hanges:

Fl: 300 Hz ~ 1000 Hgz

sz 500 Hz - 2500 Hg

F321700 Hz - 3000 Bz

5. Formant Bandwidth:
The first two formants have an average bandwidth of
about 80 Hz. The higher the formant number the higher

is the formant bandwidth [17]. The third forment hes

an everage bandwidth of about 120 Hz,

3, The second formant frequency changes with an average
slope of 40 Hz/ms. [18]. The highest slopes are
encountered only for the second formant. The curves

depicting the variation of the formant frequencies are

pand limited to 1 Hz [see Fig.14].

many methods have been suggested for formant
tracking. Approximation to the first and second formen+
frequencies of speech have been obtained by first
filtering the speech into pass-bands corresponding
roughly to the first two formant frequency ranges ang
taking average 2Xis crossing density measurement - an
approach based on the reasoning that Formants are the

most prominent spectral components ang consequently
are
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expected to have the strongest influence upon the axis-
crossing rate.

Recent methods have been based on the method of
moment calculations [19], on cepstrum techniques [20]
zero-crossing wave analysis [21] and spectrum scanning
and peak picking methods [22]. These recent methods
are quite accurate but require elaborate digital Processing
of the speech signal. It should be noted that some
special purpose extremely fast processors have been built
which are capable of estimating speech parameters in
real-time but generally these processors are either
expensive or are not commercially available. Neiderjohn
[23] has determined the distribution of axis crossing
intervals of a prefiltered version of speech signal
within each 20 msec speech seguent using a computer and
uses this information to determine the formant frequency,
The method used to determine the Tormant frequencies and

amplitudes in a typical formant vocoder is shown in
Fig.l5- [24]'

It is seen that bandwidth of the input Filtersg is
chosen to accomodate the full Formant frequency range.
By the analysis presented earlier it is clear that with
such large bandwidths of the input filters the corres—
ponding time window is very narrow. Consequently, the
Fregquency and Amplitude information obtained frop the
output of such filfers would have large fluctuations
and would need larger bandwidth filters for further

smoothing. Also, there is a POSsSibility of .. Portiint
-0 Formants
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falling within the bandwidth of 2 particular filter,
thus fouling thc entire nmeasurcement. It is therefore
necessary to have narrow input filters whose centre
frequency could be varied over the entire Formant
frequency range. Fig.l6 shows the block schematic or
the Formant Vocoder based on the approach followed in
this thesis. Imagine thet the bandwidth of the input
filters 1,2 and 3 is narrow and that the centre frequencicsz
at any instant are close to the Forment frequencies at
thet instant respectively. The Formant frequency would
have the greatest influence on the zero-crossings angd
the PLL would track any changes in the instantaneous
frequency (the number of zero~crossings per second) and
hence changes in the Formant frequency. The control

signal to the VCO of the PLL could also be used to vary

the centre frequency of the input BPF. Thus the

centre frequency of the input BPF would very in accordance
with any change in the Formant fregquency and the PLL

would give an output which would indicate the variation

of the Formant frequency with time. The amplitude of
the PLL output &t any instant would correspond to the
amount of frequency difference of the Formant frequency

from the free running frequency of the Oorresponding PLL

as also the quiescent centre frequency of the input BPF,

It is seen that the block schematic of the

synthesizer resembles the actual human speech producing

mechanism more closely than the synthesizer given in Pig. g
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The following 2are some guidelines for the design of a

Formant

Fig. 16'

L 39

Vocoder whirk uses the philosophy shown in

T+ should be possible to vary the centre
frequency of the input BPFs over the entire
Formapt range.

The bondwidth of the filters should equal the
pandwidth of the particular Formant and should
renain constant &s the centre frequency is varied,
phis is guided by the fact that a wvery narrow
bandwidth of the input filter would be impractical
since the initial acquisition on the Formant
pvpnuencv would be difficult, Also, when the

ne athy En e Sbf]l‘lsﬁheq“:lizez:r' Orezgsc’er Nepds bepdwiddh. 4

human speech producing mechanism and output from
the BPF would be sufficiently large.

The lock range of the PLL should be larger than
the Formént range in question.

The PLL shoul 1 be able tocccommodetathe highest

sweep rates. Maximun Sweep rates are encountered
in the second Formart rormally.

Tthe centre frequency ¢f the BPF must follow the

frequency of the VCO closely. TFor that it is

ecssential that the gains of the VCO and that
of the BPF centre frequency be the same

The input to the PLL should be above that level
where the phase detector grin is a constant ang
the PLL essentially uses the zero-crossing
informetion of the input signal.
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3.4 CONCLUSIONS:

The
(1)

(2)

(3)

above analysis shows that

Every linear phase detector uses the
zero-crossing information of the inputs.

Since Formant Tracking is possible by
utilising the axis-crossing information
of prefiltered speech & PLL with a linear
phase detector can be used for Formant

Extraction.

Use of narrower input filters in a Formant
Vocoder avoids Formant overlap, facilities
frequency measurement and the Synthesizer
resembles the human speech producing mechanism

more closely.

In the next chapter, these guidelines have been

used to design the three channels of a Formant Vocoder

Advantages and shortcomings of this approach have also

been pointed out.



CHAPTER 4: DELIGN OF THE ORMANT CHANNELS Ox A
EOdMAmT VOCODER

Following the approcch described in chapter 3 &
design of the three Forment channels of & Formant Vocoder
has been worked ocut ond implemented., Signetics IC PLl 565
has been used as a device whose output is proportional to
the axis crossing rate and hence the instantaneous
frequency of prefiltered speech, It must be pointed ou*
that the implementation of the design described in this
chapter is only one typical scheme and many other schemes
for satisfying the basic design goals set forth in the
previous chapter are possible. Advantages and shortcomings

of the hardware used have been mentioned.

The phase locked loops used to estimate the frequency
must have the following characteristics.

1. Centre frequency 650 Hz - First channel,
1500 Hz Second chanrel 2500 Hz — Third channel.
These frequencies are approximately in the centre
of the Formant ronges.

2. Lock range: + 350 HZ norinal - First channel
+1000 Hz - Second channel +1000 Hz - Third chennel.
The capture range should also be about the same
as the lock range. This point has been explained
later.

%. Lock up time: Less than 2.5 msec.
This time is 10 percent of
since B = 80 Hgz.

seconds (25 msec)

&% RAS]

4. The PLL must be able to track changes in the
frequency of the order of 40 Hz/msec or the
maximum sweep rate that the PLL can accomodate
must be 40 Xlz/sec.
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The input bend pass {ilters must have the following

cheracteristics.,
1. The centre frcquencies of the filters
corresponding to channel 1: 650 Hg,
channel 2: 1500 Hz, channel 3: 2500 Hz.

The 3-dB bondwidth of these filters is 80 Fz
since the average bandwidth of the lst and

2nd Forment is 80 HZ for a male specker and

about 120 Hz for the third formant. This
bandwidth should not change with change in
the centre frequency. For simplicity all
bandwidths were kept 80 Hg.

The variation of the centre frequencies with the

0/P voltage must be similar to the variations of

the VCO frequency.
The gein of the input BPFs at the centre
about 10. This is
input to the PLL is
the output from the

frequencies should be
necessary so that the

above 50 mVrns when
tepe-recorder 1S about 20 mVrms,

4.1. DESIGN Os THE INPUT BAWD PASS FILTERS

Fig.1l7(2) shows the circuit diagram of a BPF,
The transfer function of this filter is [25],[3i]

v, (s) 5/R, Cy

v, (8) - 1455 ]
L 52 +m S
57172 It R30102

where R' = R, ! IRy ..(4.1,1)
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comparing with the standard cxpression for an active BPF

(W /Q) 4_s
4,(s) = —— 2 : wa (4.1.2)
s -+(UUO/Q) SHMO
where Ao = mid bznd gain
w
— = fo = centre frequency
fo ]
Q = —3~= Quality factor .. (4.1.3)
we get
R c — .(‘:__._‘ s a (4.1.
g7 e |LO :4.0 4)
C,C
172 Q
- _ arn: (it D)
3* T[¥C, LA
1
R' RBClCQ = = o (4.2.8)
C

It is clear from cans (4.1.4) to (4.1.6) that

if R2 alone is varied the centre freguency of the BPF

will changc while the
This can be achieved-in practice by

bandwidth and the mid band gain

will remain same,
the arrangement shown in Fig.17(b) where the FET Drain
to source resistance 1s varied by & control voltage which

varies the bias on the FET Gate. The quiescent value of

the FET drain to sourcce voltage and hence the centre
frequency of the filter can be adjusted by adjusting the

values of resistors Ry and R’B. However, this filter

needs a compensated control voltage if linecr variation



50

of the centre frequency is desired. This is so becouse
el

of the non-linearity of the FET characteristic when it is

used as a varizbhle resistance. The compensated BPF is
shown in Fig.18.

The requirements are

f
A =10, B = -2 = 80 Hz

o -

Let 2, = 10 K, then from eqn (4.1.4)

Cl = 0.0198 p F

Let ¢, = 0.015 p F

Let C, 0.015 p ¥

Then from eqn. (4.1.5) H5 = 274 K

Let R, = 270 K
/
The values of R and R' are adjusted to get

~
v

suitable value of R, for obtaining the desired centre

freq. It wes practically found that A = 10.8 and
B = 80 Hz were obtained with the following component

values.

C1 = Q@15 pdly

C, = 0.01 pF, Ry = 10 K, Ry = 270 K

The final circuit and the transfer characteristics

are given in Fig.1l9. Similar BPFs were fabricated for

the synthesizer.
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4.2 SHOOTHING iILTERS

The smoothing filters for the Amplitude and

m -~ - - -
Formant Frequency variation signals should have z cut
(&9

off frequency of less than 40 Hz since the bandwidth

of the input filter is 80 Hz, From Fig,1% it is cl
¢ e

that & 16 Hz smoothing filter has negligible effect on

the paramcter variations.

Thus, the Smoothing Filters are simple R.C low-pass

Filters with
R = 4.7k and C=2 pF

4.3 DESIGN OF THE PORMANT TRACKING PLL

The signetics IC PLL 565 was used to track the

Formant freguency changesS. The design equations for

565 PLL [26,27] are given below [see Fig.20].

AS S T2
Centre frequency I, = —Eﬁzﬁz— o5 (243:T)

8f
Lock raenge f = + —WE—- oo 1B Se2)
L - -CC. ‘
o e
- 1 [ 2nf
Capture range G e ot d %
s K 4.5:3)

where T = (3.6 X 10°) x 02

KoKd
Natural frequency UJn = — .. (4.3.4)

ou
Damping factor fz = ?_'—KBKZI_ an (a5l
0
(oW )F .. (4.3.6)

Lock up time Tp = ;yi(mJ
n
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Hlaximum sweep rate that the loop can

."1 !'I_T'

and A J.'.“. <\ 0'5
n

where

5 8.0 WU

KO=_ 0

Total supply voltage

by = 0.6 for Vi> 50 nV rms

KO and 1.d

respectively.

55

accept.= AUT

The requirements for a Formant Vocoder are given on

page 46.
Let Rl = B2 &
for S 650 Hz C, = 0.056 uF
fo = 1500 Fz Cy = 0.024 uF
fo = 2500 Hz Cl = Q0146 u¥
1st channel
For
v = 8V and C, = 0.0 1 pF
fole =
; - 8x2n X 650 2042
hlﬁ = 1'_)
= 0.6
Kd
_ 5,85 x 107 rad
w, =5 .
? - 2-3P
0.04 msec.é<2.5 msec
Tb = v
e = + 650 Ez
L . )
_ 4 1.696 KHz

are the gains of the VCO and the phase detceoso
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Notice that in the calculation of‘T%, AUU is taken to

be 2n x 1 «HZ since the PLL may be required to acquire
lock over a renge of + 1 KHz,

laximum sweep rate Alﬁf< 0.5 W _2
n
< 16.99 MHZ/sec

Thus this loop c&n safely accomodote sweep rotes

of 40 kHz/sec. It can be eesily shown that oll the

requirements for higher number channels can 2lso be

sctisfied with 02 = 0,01 p¥, Thus, the circuit shown

in Fig.22 may be used with appropriate vealues of Cl
Similarly, the amplitude

for

the second and third channel.

signal, which is obtained by passing the output of the

rectifier filter which uses o 16 Hz filter.

o~

BPF through &
The complete circuit diagram of the Formant Analyser is

shown in Fig.2l1 and that of the synthesizer in Fig,22.

4.4 RESULTS AND DISCUSSIQONS
All the subsystems were tested separdtely and rounc to

work satisfactorily. However, when the complete systerr

wes tested for synthetic speech using the laboratory s-

shown in Fig.23 bat it did not function as desired.
f Standard w2le utterances with known Spectrogzranihs

9]

Echoes ©
The output synthetic

were played from the tape-recorder.
+ intelligible. The possible reasons for

speech was no

this are
It is difficult to match the wltage to frequency

L.
sransfer characteristics of the BPFs and the
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internal VCOs of 565 for the three channels over

the entire operational frequency range., 4 o
LeY

look at the voltage vs frequency characteristicg
of the filters reveals that though the overzl]
characteristics appear linetr the change in frequency
with voltage mey not be linecr Tfor small voltage

changes. The best linearity is observed between

the frequency range 1000 Hz to 2000 Fz since

Lol
(>3

better control on the value of Drain to source

resistance is possible. The linearity is poorer

forthe first and third filter. Fig.i9(c) shows

that for -ve voltages the centre frequency increases

much faster since as the Drain to source resistonce

becomes smaller the voltage to frequency charac-—

teristics become much softer and a tight control

on the value of the resistence is difficult. This

seems to be the chief reason for the failure. 4lso,

it was not possible to push the centire frequency
of the third filter beyond 2100HZ.

It may be noted that the gein of the VCO of IC PLL 565
is 2042HZ/volt even forthe first channel. Since the
bandwidth of the input filter is only 80HZ, linearity
down to & few millivolts is essential. This also brings

into focus the need for the gains of the VCO and the

filter to be exactly matched - a difficult task using
In Fig.21, the feedback from the

discrete components.
output of the PLL to the BPF is given after smoothing
to maintain similarity between the Analyser and Synthe-
was &lso tried.

sizer. Feedback prior to smoothing
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The slope of the voltage vs frequency plot can be easily

varied cryineei a & !
byveryineeither R,, R and Ry or Rp and R g (see
But Hay and R'B &lso decide the quiescent

tig.18),
The

frequency and hence should not be disturbed.

compensating network, Rf and R'f should also not be
varried indiscretely otherwise the linearity suffers.
can be varied to adjust the slope and make it

Hence, Ri
In Pig.l19, R_i is

equal to that of the particular VCO,

taken to be 6 K 8 so that the voltage VS frequency plot
With smaller

can be obtained easily in the laboratory.

accurate power supply with millivolts

values of R+ an
Ri has been shown 'Variable!

available.

range should be
can be adjusted in the laboratory.

in Fig.21 &s it
The circuit suffers Trom initialisation i.e. it is

2.
likely that the Formcnt frequency lies outside the

pass—band of the input rilters initially. This

would result in the loss of data only till the
Formant frequency is within the pass-band of the
filter because once under lock the loop has the

capability to track any chonges of the Pormant
Frequency over the entire range. This can be

alienated only by making a gquick guess of the
formant freguencies initially (or after every

major break) by some technigque ée.g. the peak-
peaking technique and a suitable control voltage
requency of the

generated to change the centre 33
The PLL can be designed

BPL to the desired yva lues.
y to lock on to any frequency

have a capabilit
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within which the Formant is likely to lie.

It is for this reason that the capture range
has been taken to be + 1 KHz.

The values of the biasing resistances of IC 5596

were adjusted to make it work as an ideal multiplier,

the values of the resistances Ry ( shown

Similarly,
variable in Figs. 21 and 22) were adjusted in the

laboratory.
In this degign it has been assumed tacitly that

the SNR at the output of a tape recorder when the
Then,

recording is done professionally is very high.
the loop SNR for the phase lock-loop can be shown to

be high enough for the linear analysis to remain

valid /727,30 /.
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CHAPTER 5. CONCLUDING REHARKS

It is believed that the analysis of Fii Threshold

pre.centea in this thesis is the FIRLT satisfactory

cxplanation of the phenomcnon of Fii Threshold using tie

zcro-crossing approach. The cclculation of Noise effcr

in M detection using this technique was considered

r e
[ 3

tedious and the physiccl insight into the phenomenc
place particularly these leading to FM Threshold tendcg

become obscure in the mathematical menipulations. It h.

simple explanction to the phenomena of

-

been shown that &
FM Threshold is possible and the mathexatics is not
complicated. Simple explanations have been offered to

Thus, this

other observed facts in FM detection as well,
thesis places the zero-crossing approach to colcuvlation

of noise in Fli systems on & very firm ground.
Pl

The physical explanation of the phenomenocon of
threshold comes &s an extension of Il capture. In focth,

very close analogies can be drawn between the phenomeron

of M capture and Threshold and fiu Threshold can be

termed as capture due to Noisec if the condition [or spike

formetion is satisfied.

It is seen thet the working of the short-time

Amplitude spectrum hardware for speech Analysis can be
und definite design guidelines can be

easily understood
The hardware described

generated using this approach.
ps one to use the phase lock loop as

in this thesis hel
crossing informotion for

device which uses the zZero-
ntaneous frequency.

o

estimating the inste
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5.1 SCOPE FOK FURTHER WORK

l.

¥Dl-Fiz is & recognised modulotion scheme for

[

Satellite Communicotion [28]. Methods of

calculating the Wanted to Interfcring Corrier

Raetio in Geostotionary Sotellite Networks hov.

(29

been given in CCIR study group report 455-1

The specific effects on system service will e .

on many additional factors such as (1) type of

service, e.g., telephony, television, data, etc.,
(2) type of lhodulation (3) Modulction parameters
and {4) desired carrier-to-system thermol noisc

raotio. This is a subject of continuing investi-

gation. Since the analysis presented in this

thesis is in terms of differences in instantoneous
frequencies and amplitude ratios, this study ceon

be very well extended for calculation of Inter -

ference effects on board the satellite as well as
on Ground Stations in any specific Network when

FDi.-¥ is used.

[al
(9

The zero-crossing model of Fl Threshold gives
deeper insight into the formation and nature of
spikes due to additive Goussian noise. The
durction of spike and the amount of Frequency
jump encountered for a given bignal to Noise
rotio and difference in instantaneous frequencies
of signel and Noise can be estimated using this

on is of vital importance

model. This informatl
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in the Design of Threshold Extension Devices

(TEDs). [c.f. Ref.10. pp.348-351 for detoiled

discussion].
Using the approach and design guidelines set
forth in this thesis it is possible to think of

e dedictoted digital system based azround & micro-

processor for real time tracking of Formants in
humén speech. An important spin-off of this
study is that 1t helps one to visualize the use

of all digitel systems in Fh and other analog

communicction systems.
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APPENDIX-A

Releztionship between the instantaneous frequency cnd
the wverage zero-crossing count of an Fi wave.

Fl: detection is possible by counting the number of
& stipulcted tinme

times the IH waveform crosses origin in a

intervel.

Consider cn PN signcl given by

_t
v(t) = 4 cos [W_t + , () dt] .. (4-1)
e
= A cos [0 (%))
where
mlc
fc = e - 1is the frequency of the carrier ond

f(t) is the modulating signcl.

The modulating signal usually chonges much more

slowly than the carrier and hence may be 2ssumed to be

constant between two consccutive zero-crossings of the

¥h signal. Let tl & zero~crossing ¢s shown in
+4t the next zero-crossing. Th.:n,

s t2

Fig.A-1 with ‘b2 = t_L

8(t,) - 0(ty) =n = W, (ty-t9) + K f(t) dt.

- [w, + k(e )] (5 = ) (4-2)

From eqn. (A-2) we have

T
3

= £ ] &g
w; = Wk £ = ey



{Dots indicate
Toroe :'nscmgsl

i
A

F1G. A-1.ZERD-CROSSING DE TERMINATION

1.L0CUS OF R (1) AND 8 (1} TO CAUSE A NEGATIVE

F1G.B-
SPIKE BETWEEN 2 AND t2 +A!
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"¢ . ]
£2(t1) = g o (4-3)

where W . 1 1
e v o - oo : s { '
f; = 57— = instantcneous frequency = T T [o(t) ]

1
% (A=)

The desired output mty thus be found by measuring the

spacing between zcro-crossings. If positive going zero-

crossings only cre considered, we get

L e [ He5D

+
..

f. = -
1 “s

Tl
A simple woy of measuring the spacing between zero-
crossings is to actually count the number of zero-

crossings in & given time interval.

Thus, considering & counting interval, T., long
enough so that it counts & significant number of zero-
crossings, yet short enough compared with + So that
still does not change too-much in this time interval

.. (A-6)

£(t)
1 )

fL S

c L 13

Let n_, be the number of positive zero-crossings in T_

seconds. Then,

‘e
n — o a (A.—?)
C 52"51
f - nc - » (A_S)
: T
uency f., ne hence the modulating
1

The instantoneous freq

hus be directly found in terms of the

signel f£(t) can t

measured count nc,
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£PPENDIX-B

Calculation ¢r feen Time Ebciween Spikes by Rice':
Anolysis

B.1l Propertics of Narrow-Band Gaussian noise.
Narrow-Band noise, n(t) is represented by

n(t) = x(t) cos W, t - y(t) sin W, t sio €B1)

Probability densities of x(t) and y(t) are given by

1 —X2/2nB
f(x) = ———— ¢

y2n n B

1 - y2/2nB
fly) = —— € .. (B-2)

V2n nB

The probability densities of the time derivitives of

x(t) and y(t) are given by

~% 2

exp ——————
(2%2/3)Tﬁ3

%) =

Viond/3) nB°

2
exp | ——pi——

(2n‘)3)nB3 .. (B=3)
3

£(y) =

Vi2n’/3) nB
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Rice's Conjecture of Spike Formation

Fig.B-1 shows Rice's conjecture of a negative spike.

A spike results ot the discriwminctor output when ©(t)

rotates 2n rad. If the rotation was counter clock-wice

so that 9(t) increased by 27n the spike was positive 2nd

if the rotation was cliockwise so that 6(t) decreased by

2n the spike was negative. It is assumed that if the

end point of R(t) has crossed the horizontal axis so

that ©(t) passes through n rad, then 0(t) will continue

to increase (or decrease) givimg rise to & positive

(or negative) spike. Thus, it is assumed that to ensure

a spike output, it is not actually necessary to observe

a complete rotation of R(t) but it is adequate that

there be guaranteed a rotation of at least 7 rad. It

then at an instant of time t = t2.

y(t2) =: 0
and  y(t,) > 0 ..(B-4)

a negative

o

then O(t) has decreased through © rad, and
spike will result.
The probability P_ of & negative spike occuring

in the time interval t is the probability that the

of @an (B-4) are satisfied at some instant

condition
val tT.

Theny ) |
+ — t‘ oy \7 "ﬁl 4
p = B [wlhl& =4 y(ts) !tZ (R-5)
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The joint probability density of x,y and & is given by

, e—x2/2nB ~¥°/2nB ¥/ (272 /3) a8
2%, Y ¥) = p— X e————e——— x
S V2w 0B V(2n’/3) g3’
s B=8)
Therefore,
—A . Fgpe .
Po=J ax ,Cf dy _fy/2 dy f(x,y,7) cee(B-7)

After an involved calculation it has besn shown

(see Raf.11) that

S

( 1
W a5 (m)|

v
-—

In one second there are 5 intervals in which a spike

might occur. Since P_ is the probability of occurence

of a negative spik= within any such individual interval

the expected number of spikes in a second, N is

P—
N et
- At
T, 3, ,
= 41]?-3‘61'1‘0 \J/—BHX 1—1' ...l.%—ﬁ‘
n“\.

It may be shown that if the frequency of the carrier is
offset by BFf the number of spikes increases by an

TH given by
S | )

“(' [ T

ariount
coelP=3)

J— e

= O

il
PR



jf 8Ff =ATf cos 2% fmt

where Af is the frequency deviation and fm:

of the modulation signal.

Zr = 2/;\f
and L., S
N

N
>
H

72

(B-10)

frequency
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APPENDIX-C

Short-time Iregucncy Analysis of Specech

The shert-tice transform® of the speech signal (%)

is defined by

$ L —UUA
W t) = | £(A) a(t-A) e aA
4 -co
or
. —swt JLA
r(W yt) = e d ff(‘b—)\ ) h(A) & AN

0
. » § 0=1)

where the weighting function h(t) is the impulse
response of physically realizoble linear system and is

shown in Fig.C-1.

Eqn. (C-1) may be rewritten as

ijt’_‘(fﬂ ’,'.U

W, t)=e 3 £(t-A ) h(\) cosWA d)+ éf(tﬂk)h@)sinaﬁ 5
LO o

= [2' (W, %) + jb' (W, )] e_jujt ..(C=2)

F(W,t) is the short-time power spectrum.

The measurement of F(UU,t) can therefore be iuplerented

by the operation shown in Fig.C-2,

It may be shown that the quantity F(W, t) is
essentially the time envelope of either a' (W, t) or

b (UU, ) [or either a(W, t) or b(W, %) ] provided the

spectrun of h(t), does not overlap UU. The envelope
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can be approximated electrically by developing the
¢nvelope of either filter branch of Fig.C-2. This is
conventionally done by lincar rccetification and low pacs
filtering 28 shown in Iig.(C-3.

It has been shown that the irpulse response of

the filter of Fig.C-3 whose frequency domain response b

i ~1J U &
= s r4 & _
P(W) = 1 ~(W +U )L WL (W, wl)
= Q0 elsewhere
is given by
2UIl /Sin WLt \
Pty = ( = ) 00T ;. cos W 4%

= h{t) cos Ut

Thus, the time window of this filter is the il;l.i{ envelope

of the inpulse response. The tine between initial zcros
of the envelope is teken as the c¢ffective duration, D,
of the tire window. If the bandwidth of the filter

2

is 50 Hz, D = 40 nseec = 5 -
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Seccond Order Phase Lock Loop Analysis

76

The block schenatic of a second order PLL is

shown in Fig.D-1.

Prom Fig.D-1 we have,

5 (s) K Ko H(s)g?(s)
w - 3

i?(S)
*‘ K K H(s)

_ |
or ¥ (s)- -[1 ]

=73 (s)

-
(=g

} . s
) s+ﬂdﬂo i s)

where T = RC

Equation (D-2) becones

Y(s) . __ 8%+ a/n
S,

Comparing the Denominator of eqn (D-4) with

82+2§ IUn s+UUn2 we have,

o (D=1)

ou L D)

ee {D-3)

o TId)

.. (I-5)
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j,,_ i .. (D-6)

21’_dR 0 T

I+ has been shown [30] that the lock-up time

T for & second order PLL is given by,

(auu)®

Lp - 2—}0033_ - e (D'—7)

where AW is the initial frequency offset. An

absolute maximun allowable sweep rate is,

AWL W 2 o» (D=8)

Forf) 1, the allowable sweep rate for probebility of

lock P = 1 is given by

AL

a8 J

|_[|n2 .. (D_g)
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