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Abstract

This dissertation covers two distinct areas: l)spread
spectrum communications and, 2)digital encoding of color

video signals using ADM.

In the spread spectrum communications area the the
research done addresses itself to the question of optimal PN
acquisition performance and to the performance of direct
sequence spread spectrum systems in the presence of CW
jammers at the carrier freéuency.

The PN acquisition research has generated a tight bound
to the partial autocorrelation function of a PN sequence.
The application of this bound to several PN acquisition
methods has made it possible to meaningfully evaluate their
performance in terms of the minimum acquisition time
required for a given probability of error. In addition, a
significant improvement in PN acquisition performance is
obtained by applying the concept of recursive estimation.
This allows the acquisition process to proceed much faster,
as it helps to eliminate most false starting vector choices
very rapidly.

The performance of a direct sequence spread spectrum
system is evaluated under CW jamming at the carrier
frequency. The resulting probability of error is shown to
depend on a number of parameters whose effect has not always

been well understood. Among others, the results clearly show

| 2



the effect of the sequence length, L, as well as the effect
of the ratio of the processing gain to the lengthlof the

sequence, K/L, on the degree of jammer rejection

The digital encoding of‘color video signals research
attempts to f£ind the limitations of the ADM algorithm in the
encoding of NTSC type color video. The approaches taken
include composite as well as component coding. The bit rates
considered vary from 54MBPS to as.low as 8MBPS. All of the
above methods and bit rates transmit a good color quality
even though there is an increasing general degradation in

the picture quality with decreasing bit rates.

The last part of the research concerns itself with the
application of ADM to the transmission of packet video. The
research has proven the feasibility of such an approach
which has a beneficial side effect in the much reduced data

set size (2 bits per pixel).
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ACQUISITION OF DIRECT SEQUENCE SPREAD SPECTRUM

SYSTEM SIGNALS

Introduction

Spread spectrum systems are designed to permit communi-
cations under the difficult condition of very low signal to
noise ratios which may be encountered due to high ;nterference
(intentional or unintentional) or low signal levels (trans-
missions with low detectability). The capability of spread
spectrum systems to operate at very low signal to noise ratios
is achieved by transmitting a signal that is different from
all other signals including the interference. Since a signal
which lasts T seconds is characterized by 2WT samples, the
dimensionality of the signal can be increased by increasing
the bandwidth W. Spread spectrum systems take advantage of
this and operate over a bandwidth W which is much wider than
the bandwidth that would be normally needed to communicate
the mqssage signal itself.

Although the bahdwidth of the signal can be increased by
phase, amplitude or frequency modulation, practical systems
favor.the discrete phase modulating approach of the PN systems
or the discrete frequency hopping approach of FH systems.

Figure 1 shows a PN and an FH type system in block diagram.

One of the requirements placed on spread spectrum systems

is that the message be decoded only by knowledge of the



-3pecific PN code used to encode it. Even with this knowledge,
however, the message will not be decoded unless the local PN
code and the transmitted PN code are in synchronism. The
acquisition problem is concerned with just this PN code phase
synchronization. A number of techniques have evolved which
aftempt to synchronize PN codes. They trade off acquisition
performance versus hardware complexity and, in general, operate
in different signal to noise ratio environments. They have

one point in common, however, by using the good autocorrelation
properties of PN sequences to decide when a state of synchron-
ism has been attained. Since most of the acquisition work done
has been based on the properties of PN sequences, it’ is felt
that a brief presentation of these properties prior to the

presentation of the results obtained would be helpful.
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Properties of Pseudo-Noise Sequences

As their name implies, the binary shift register
sequences have elements which take one of two values {0,1}.
To better understand‘the properties of different sequences,
one should consider the fact that ali such sequences are

related to a polynomial of the following form:

_ n n-1
h(x) = hyx" + hlx‘ t+...+th ,x+h (1)

Since this is a 'binary' polynomial the céefficients take the
values {0,1} with the exception of h0 and hn which are always
l. It is convenient, whenever one attempts to describe the
generating polynomial, h(x), only to give the value of the
hi's in an octal form. For example, let h = ho coe hn equal
to 100 110 001, where for this example N = 8. The octal value
of this polynomial is 461 and this is sufficient to describe
it completely. A sequence u is said to be generated by the

polynomial h(x) if the following equation holds true:

h.u. ® h.u. ® ... ® h =0 (2)

073 175-1 nuj-n

Eguation (2) can be rewritten in a more convenient form by

first replacing j by j+n and, second, making use of the fact

that h, = 1. Thus, Eq. (2) becomes

0

Yj4n o hluj+n-l ® ... ®hu, =0 (3)

J



The operator connecting the terms in Egq. (3) is the
addition mod. 2 operator or, as it is also known, the EX-OR

operator. Table 1 shows the truth table for mod. 2 addition:

Table 1

Truth Table for Mod. 2 Addition

X Y X0y
0 0 0
0o 1 1
1 o 1
11 0

This truth table shows that x®y could be 0 or 1. The result
is not determined by the individual values of x or y but
rather by whether x and y are the same or not. If both, x

ahd Y, are 0 or 1 the x8y will be 0, but when x and y are dif-
ferent then x®y will be 1. If x®y are 0 only if x=y, then

Eq. (3) can be written as:

u. = h.u ® h,u

j4n = P1%4n-1 ® BaBun-2 @ --- © hpus (4)

J

where the subscripts of u indicate integer time delays and
the o operation is performed by an EX-OR gate. This suggests
a convenient way‘to generate such sequences. Fig. 2 shows how
by using a shift register with proper feedback we can generate
any given sequence.

In Fig. 3 the sequence generated will correspond to the
pclynomial described by the octal value 461l.

It is easj to generate any binary sequence once its

generating polynomial h(x) is known, as this specifies the



degree N and the feedback connections. However, it is also

possible to find h(x) if a number of elements of .the sequence
u are known together with the degree N. Assuming one can ob-
serve the sequence for 2N-1 different outputs, the following

equations can be set up for every new shift uj+k:

j4+n-1 8 h2uj+n—2 ® ... & uy = 0 (4a)

uj+n & hlu
If the observed output is

ees 1001110111111 ...
and the degree, N, is known to be seven, then the initial
vector is made up of the first seven elements:

1001110 (4b)
which corresponds to uj+7 uj+6 .o uj and the new element,
uj—l' is given by:

h, e h, © h3 ® h, =1 (4c)

7 4

After the next shift, the new wvector becomes
0011101 (4d)
and using Eq. (4a) in a similar fashion one can generate the

equation for the next element:

h5 e h4 @ h3 =1 (4e)

Proceeding in this manner, N-1 equations can be generated
which would specify a unique set of hi's i=1, ..., 7 as its

solution.



1) h,@h, @ hy@ h, =1

2) hy@h; ® hy ® h, =0

3) hy @h, ® h, @ h, =1

4) hy ® h, ® hy + hy @ hy =0 (4£)
5 h,®h, ®h, ©h, =0

6) h, ® h; ® hy ® hy =0

Now, combining 4) and 6) we obtain h6 = 0, while by
combining 3) and 5) we obtain h5 = 0 since h7 = 1. Similarly,
" now we obtain hl =0, h2 = 0 and h3 = h4 = 1, which define
the circuit of Fig. 2.,

The linear binary shift register sequences can have any
period, L, up to L = 2N-1. It is well known that an N-stage
régister can have at most 2N different states. Why, then, are
the binary linear sequences limited to at most 2N—1 different
elements? The reason is made rather obvious by looking at

Fig. 3. The next element u, is generated by EX-OR logic.

Jj+n
The truth table for this operation shows that if the state of
the register were to be all 0s, then gjggz new u, would always
be a 0 énd the resulting sequence would be all zeros. Because
clearly this situation is to be avoided, the maximum period of
u is limited to ZN-l. ‘

If, in fact, the period of u is exactly 2N-1, then the
sequence is called an m, or PN or maximal length sequence
and its generating polynomial is called a primitive polynomial.

The PN sequences have been studied since the early 1950s and

a good amount of information is available on their properties,



some of which are givenrbelow.

1) A PN sequence has a period L = 2N—l. This is obviously
the case from the preceding argument.

2) There exist 2N—1 different non-zero sequences, and
they are all the different phases of u. In other words, the
polynomial h(x) can generate all the different phases of the
sequence u. This is clearly the case since the shift register
can start with any one of 2N-1 iniﬁial vectors (or initial

- states) and continue from there on.

3) If one considers two different phases of u, such as

uj+2 and uj, their modulo 2 addition will generate still an-

o;her phase of u, uj+k

uj_'_k = uj_'_'g’@ uj (7)

This property, known as the shift and add property, is one
of the most important properties of PN sequences. It basically
states that element by element mod. 2 addition of two differ-
. ent phases of the sequence u will result in the same sequence
u with a different phase. This propérty is very useful,
especially in the acquisition process; it guarantees the good
autocorrelation property so useful for this process.

4) The weight of u is equal to 2N-l, where the weight of
u is defined as the number of +1s in the sequence u. But if
such is the casé, and if the period of a’PN sequence is ZN-l,

N-1

then the number of 0s in the sequence is 2N-1 - 2 -1. It

is relatively easy to prove this property. Looking at an



N-stage shift register (for our example let N = 3) we notice

that it can take on any of N different states.

Bx. M =3 00,0,
000
001
010
011
100
101
110
111

But, as mentioned before, the state 000 is not allowed. There-
fore, no matter from which particular output Q the seguence is
taken, the number of ls will be higher by 1 than the number
of 0s due precisely to the deletion of the all 0 state.
It will be seen that it is this good balance between the ones
and zeros which-accounts for the good noise-like properties
of PN sequences.

5) A PN sequence has a two-valued autocorrelation
function:

L =2Y14f 2 =0

R. . (2) =
u,u -1 if 2 20

(8)

To prove this property one should consider that in most com-
munication'syétems it is not desirable to modulate by 1 and
0 but rather by -1 and 1. To obtain the #1 values from a PN

sequence, a transformation is defined as x(1), where"
x(a) = (-1)° (9)

This will replace evéry +1 by a -1 and every 0 by a +1.



10

Now: ' L__ 1
Ru,u‘z)'= E x(u dx(u ) (10)
n=0
Property 3 has shown the EX-OR operation 6f two phases of the
same sequence to result in still a different phase of the

Same sequence.

Table 2 shows that
x(udx(u, o) = x(u,® u ) | (11)

This implies that multiplying two sequences whose individual .
elements have been operated on by the x{+) operator defined
in Eq. (9), element by element and then adding all the results
is equivalent to mod. 2 adding the two sequences element by
element, operating on every resultant element with the y(°)

operator and then summing the results.

Table 2

Equivalence of x(x®y) and x(x)x¥(x)

X ¥ Xy Xy Y Faxey) e Y(x)
0 0 O +1 +1 1 1
0 1 1 +1 -1 -1 -1
1 0 1 -1 +1 -1 -1
1 1 0 -1 -1 1 1

Therefore, using property 3 together with Eg. (11l), the summation



of Eq. (10) is reduced to:

L-1

Ru,u(z) =

n=0
L+l

= E X(uneun+2)

n=0
L-1

Z (un+k)

n=0

Property 4

2N~l

to be while

2N— l-l .

11

Zx (un) (un-HL)

(12)

states that the number of 1ls in PN sequence u
the number of 0s in a PN sequence u to be

The difference is one more element of value +1 which

when transformed by the operator x(°) will result in a value

of ~-1. Thus,
L-1
Ru'u(ﬂ) = x(un)x(un+2) ==1if 2 =20 (13)
n=_0
If 2 = 0 however,
L-1
Ru,u“” = x(un)x(un) =
n=0 (14)
L-1 )
=Y %) =1 if 2 =0
n
n=0

and this proves Eq. (8).

6) All PN sequences have the same run-length statistics.
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A "run" is defined as a number of identical symbols which are
preceded and proceeded by different symbols. For example,

0 111 0 is a run of three ones while 1000001 ié-a run of five
zeros. All PN sequences have the same number of "runs" of
zeros and ones. The relative distribution of these runs is

tabulated in Table 3.

Run Length Symbols No. of Runs

N 1ls 1
N-1 0s 1l
0 1
N-2 20 runs of 1ls 2
2 runs of Os
N-3 Zi runs of 1l1s 22

27 runs of Os

N-j 2?_2 runs of 1s 23-1
23-2 runs of Os

1 M3 runs of 1s N-2
M3 Luns of 0s

Table 3: Run Length Distribution of a
PN Sequence (L = ZN-l)

7) The number of maximal-length sequences which can be
generated by an M-stage shift register, is:

s = %L’ < (15)

where the equal sign applies if L = prime number and ¢ (L) =
Euler's number. As an example, take N = 5. Then L = 2N-1 = 31,
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Since 31 is.a prime number, § = %g = 6. If, however, N = 4,
then L = 24—1 = 15 which is not a prime number. The number

of maximal length sequences which can be generated by a 4-stage
shift register, is then given by S < 14/4 (where the unequal
'sign applies).

Not all of the generatéd PN sequences are useful in a
communications environment. One half of the generated
sequences will be mirror image sequences (i.e. they can be ob-
tained by a "backward" generation of the remaining sequences).
As an example, let N =3 and L = 2N_1 = 7 which is prime.

Then S = Z%i and the two generated sequences are given below.

<~

Sequence 1: ,..111001011100101110010 ...
(16)
Sequence 2: ,...111010011101001110100 ...

>

Listing the sequence on the top in a leftward direction
and the sequence on the bottom in a rightward direction one
obtains the same identical sequence.

In general, to find a polynomial hl(x) which generates
the reverse PN sequences of polynomial ho(x), the following
'procedure can be employed:

If ho(x) is described by h h.h hn the

0172 °°°
hl(x).w111 correspond to hnhn-l ceoe h0'
or, form a new polynomial hl(x) where the coefficients hi are
given by the coefficients hn-i of the original polynomial
h, (x).

8) The power spectral density of a PN sequence is discrete.



This property is rather easily derived from the well known re-
lationship between the autocorrelation function and the power

spectral density function:
G(f) = F[R(T1)] (17)

Since R(t) is periodic G(f) is discrete.

G(f) has a sincz(x) shape with the first zero crossings
occurring at ¢ f, and with a line spacing of fc/L Hz where
fc_is the clock frequency (or 1/Tc). The equation describing

G(f) is:
\ 2
s sin %E £
-1 L+l ; C _: _C
G(f) = Lz6(f)-+ I3 ——Ezf—-ﬁ(f i IJ) (18)
i=-—00 fc

i=0

From Eq. (18) it appears to be possible experimentally
to determine fc and L if the spectrum could be resolved to
CAf = fc/L.

9) The crosscorrelation function of two PN sequences

is defined as:

L-1

o _ 1 . '
R (3) =3 E g3 (K)gp (k+3) (19)
' " k=0
where gi(k) and I (k+j) are two codes of the same length, L.
Let 6 define the summation of the absolute value of the

crosscorrelation function, Rc(j) over all j. Thus
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' L-1
6 = Z IR (3) ] (20)
3=0

The parameter 6 is of prime interest, as it describes the

-

"average" orthogonality of the two codes 94 and e It can
be shown that as L + «
Lim 6= ()% .8/V/L _ (21)
L>>1 ‘ :
A frequency distribution plot for the different values
of R,(j) would show
Lim VARIANCE (|R,(j)|) = .363/L (22)
L>>1
which makes the standard deviation egual to .6/+/i.

Extensive computer simulations have shown that not all
PN sequences are useful for communication applications. What
limits their usefulness is the high crosscorrelation values,
an indication of which is given by the value of 9 as defined
above in Eqg. (20). Furthermore, the computer simulations |
have shown 0 to vary significantly from best case to worst case
in .a group of sequences generated by an N-stage shift register.
Table 4 shows these results.

It has been observed that, in.general, if F is a factor
oflL then ch(T)I will be approximately equal to % for
approximately F values of 1. For example, an 11 stage shift
register generates a number of PN sequences of length

11

L =2"" - 1= 2047. The number 23 divides 2047 exactly and,
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Table 4

Variation of 9 from Best to Worst Pair

N L ) 6

(worst pair) (best pair)
5 31 0.35 0.29
6 63 0.36 -~ 0.24
7 127 0.32 0.13
8 255 0.37 0.12
9 511 0.22 0.06
10 1023 0.37 0.06
11 2047 0.14 0.03
12 4095 0.34 0.03
13 8191 0.09 0.02

therefore, 'IRC(T)I can be expected to have roughly 23 posi-
tions where it will have a value equal to 1/23.

This section has intended to present some of the reasons
for using PN sequences in communication systems, together with
some of the properties of PN sequences. Whenever possible,
it has been attempted to point out problem areas and limiting
factors in the performance of such PN codes. Tﬁese properties
and comments will be used in subsequent sections to devise new
bounds on the operational performance of the communication

systems employing PN codes.
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A Worst Case Pseudo-Noise Sequence

Introduction

The previous sections have described in detail the
principles of operation of a typical spread spectrum system
(DS type). It has been shown that communications may not be-
gin until the acquisition process has ended, where acquisition
referred to the phase synchronization of the received and the
locally generated PN sequences. In order to acquire the
necessary background to the problem to be solved, a relatively
concise but rather complete description of the properties of
maximal length PN sequence has been given. With this prelimi-
nary presentation out of the way, the acquisition problem can
be restated as follows: given a received PN sequence,
ch(t-ch), which may or may not be corrupted by additive, white
gaussian noise of zero mean and power spectral density n/2,
determine whether the locally generated sequence g(t-iTc), is
synchronized to it (i.e. determine whether i=j). If synchron-
ism does in fact exist, begin communicating. If synchronism
does not exist, then change the phase of the local sequence
(i.e. change i to some i') and again determine if synchronism
has been attained. Repeat the above procedure until synchronism
is in fact attained and communications may begin.

In the sections to follow a number of different acquisi-
tion systems will be described in some detail. Even though

there are major differences between them, it will be clear
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that they all must decide at one time or another if, in fact,
synchronism has been attained (iﬁ i = j). All of the systems
described make this decision via a correlation process, where
the operations performed are shown in Fig. 4.

As Fig. 4 clearly shows, the received signal is multi-
plied by the local PN sequenceLand the result is integrated.
At time T the output of the integrator will be:

T

at  V_gl(t-3T ) gl(t-iT ) + Jodt n (t)g(t-iT) (1)

L

'O

The problem faced by the designer is precisely the proper
choice of the integrator(correlation) time T. If T is small,
the acquisition time may be very short but the probability of
an error is large. Figure 5 shows the output of the correlator
vs. time, t, for the case where i = j and i # j.

It is clearly shown that even for the special case where
noise is not present, a decision should not be reached before
t = Tb as the two curves cannot be distinguished. If in fact
a decision is reached before t = Tor then the system might
believe that i = j when in reality i # j. This kind of error
which can, of course, occur at any time 0 < t < » when noise

is present, is called false acquisition. If the system be-

lieves that i # j when in fact i = j, then another type of

error is made. This error is called false dismissal.

The first problem faced was to determine the minimum

time t = T, such that even in the absence of noise no decision
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- should be attempted for t < To. If noise is present, however,
then it is possible that the correlation process.could last
for t = T1 seconds and the system must decide upon examining
v (Tl) whether the signal is Vo(Tl) =V, or Vo(Tl) = Vhs
But this decision cannot be absolutely guaranteed due to the
presence of noise. What the system may do is decide if the
signal Vb(Tl) is larger than a threshold voltage V, (Tl) or
less than the threshold voltage V, (Tl) and on the basis of -
this decision estimate which one of the possible values of
\'/ (Tl) is most likely.

Obviously an error will be made if the noise term, n (Tl),
will be larger than €. But the noise, no(t), at time Tl' is a
random variable whose statistics are relatively easy to
estimate. The designer then may notice that, in general, the
two curves tend to get further apart as the time t increases
and decide that, if he wants to maintain a low probability of
error in estimating the value of So(t), he should just inte-~
grate for a longer time. The user of such a system, however,
may be equally unhappy with a high prebability of error, or
with an excessive acquisition time, Taf The designer will
then be forced to search for an optimal solution, such that a
low probability of error is maintained and the acquisition time
T4 is not excessive. He may decide that, in fact, this may not
be a very hard problem, as the upper curve is known to be de-

scribed by a linear equation, V(t) = V. t. The lower curve,

. however, is very difficult to describe analytically, as it is
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a function of the generating polynomial, h({x), of the particu-
lar phases i1 and j and of the integration time, T. It is the
equation for this lower curve that we attempt to f£ind, in

such a way that it would be universally useful (independent

of i, j, and h(x)).

For the special case where n_(t) = 0 the signal V_(t) is
equal to

T . | . .

Vo (t) =8 (t) =V, Jodt g(t-jT ) g(t-iT ) (2)
Using the shift and adding property of PN sequences this may
be rewritten as:

Vo(t) = So(t) = Vc Jodt g(t-ch) (3)
where ¢ # i # j. If a PN sequence were to be integrated, the
worst phase would be such that it would maximize the time
'1‘o of Fig. 5. But the highest possible To occurs if the
largest possible run of +1ls is integrated. The run length
distribution of PN sequences has indicated this to be N succes-
sive +1s. Therefore the minimum necessary correlation time
Should always be larger than NTc‘ After at most N successive +1s,
however, a -1 will occur which will make the correlator's out-
put decrease for at least a At = Te. If this curve is to ap-
proximate the linear curve, V(t) = Vct as closely as possible,
then the run of -1s will be limited to a length of one and
another run of +l1s will follow. This run, however, can no

longer be made up of N successive +1s, as the run length
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~distribution clearly limits the number of runs of length N to
one. The next longest run is made‘up of N-2 successive +1s
.and it should also be followed by a run of length one of -ls.
Continuing in this manner until all of the runs are exhausted,
the curves of Fig. 6 are obtained.

Since the runs' length distributioh property of PN
sequences has not been altered, but the particular run arrange-
ment has been selected for a worst case example, the curve
V,s(t) obtained in Fig. 6 is a tight, worst case bound to the
partial autocorrelation of a PN sequence. This partial auto-

correlation is described by:
D ) = (1= | |
rp(T YTC) VcTc{(l L) (4)
where y represents the number of chips to be correlated and

L = 2N-l if N represents the number of delays in the generating

shift register (or the degree of generating polynomial).

Application of the Worst Case Pseudo-Noise Sequence

Bit-by-Bit Detection. Assume that, for this example,

the system examines the incoming sequence by integrating bit
by bit. This implies that the first bit of the incoming
sequence is multiplied by the first bit of the local sequence,
the result is kept, the integrator is dumped, and the process
starts again. Then for every bit

T . . (Te .
Vb(Tc)=.V J at g(t-JTC)g(t-ch) + I dt nw(t)g(t-ch)

°©Jo o
(5)

So(Tc) + no(Tc)



24

Assuming the incoming noise to be white, gaussian with power
spectral density n/2 the output noise no(Tc)will be gaussian,
. . 2 =N
zero mean, with variance co(Tc) = 2Tc
If the two sequences are synchronized, then the output

of the integrator will always be VO(TC) = V7T, no(Tc). If,
on the other hand, the sequences are not in synchronism, the
output of the integrator may be Vb(Tc) = -V T, ¢ no(Ib)as well
as Vb(Tc) = VcTc + no(TE)' If we wait for (N+1l) chips and then
add up the integrator's output for every chip, we are guaran-
teed that at least once the integrator's output was equal to

-V‘c‘I‘c and therefore the voltage obtained should be less than

(N+1)VCTC. This can be written as:

N-+1 kT c

v, J gt g(t-3T_)g(E-iT ) < (N+1)V_T_ (6)

k=1 (k-l)Tc

since at least for one k the quantity

ch

v, dt g(t-3T )g(t-iT)) = -V_T_
(k-l)Tc
This reasoning is correct and it holds well for a no noise
environment. If noise is present, however, we have a finite
probability of error. Should this error occur during the
first N chips, then it would actually aid in our decision.
If.it occurs in the (N+1)St chip, however, we would appear to

be synchronized when, in fact, we are not, and an error would



be made. If no noise is to occur again an examination of

at least 2N-~1 chips would be necessary to detect the non-
synchronism condition. Therefore, the designer should be

aware that based on the noise power and the respective prob-
ability of error in chip decoding, the number of chips examined
might have to be considerably larger than N+1l. Figures 7, 8,
9, and 10 plot the worst case number of chips to be examined vs.
the number of expected errors in cﬁip decoding for the artifi-
' cial sequence and typical_PN sequences of different lengths.
The figures show the bound for the worst case noise placement

to be tight.

Block Decoding. It is not a good practice, however, to

decode one cﬁip at a time and then sum the results (hard decision).
A much better method is to correlate a portion of the received

PN sequence with a portion of the local PN sequence and make a
decision at time T = YTC as to their state of synchronism (soft
decision). Knowing that the output noise is a gaussian random
variable with zero mean and variance oé(ch) = gch a decision

can be made if S (t) = VYT, or S_(t) = VcTcy(l-g) (i.e., if the
sequences are synchronized or not) with an almost arbitrarily
small probability of error by correlating for a long enough

time. 1Indeed, at time t =T = YT the distance between the

curves is

= 2¢ = - _Yy = ¥?
d = 2¢ YT chcy(l I') T VT (7)
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and the threshold voltage, VT(T=ch) becomes
Vip (YTC) VYT, - e =V T Y (1 2L) | (8)

The probability of an erroneous decision is given by:

P, = P[no(ch)>€] =
0 n2
) J o : e- 20, (YT,)
Je V27 ob(YTc)
=-% erfc [JEf_E——_-] (9)
co(ch)

E
=31 Y [ ¢
—2erfc [; 4n:l

Eg. (9) shows the argument of the complementary error
function to be increasing as Ya/z for a given signal to noise
ratio Ec/n and this proves that a y can be found for any de-
sired probability of error, Pe'

The bound has been used in extensive computer simulations
which have proved its tightness. Figures 11 and 12 show the
result of those simulations, while Fig. 13 shows a plot of

B
Y Vvs. 1? for different value of the Pe‘

Conclusion

A bound has been developed which upper bounds the partial
autocorrelation of a PN sequence. The tightness of the bound

has been determined via extensive computer simulations. The
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sections following will demonstrate the usefulness of the
results as they are applied to thevthree acquisition schemes
considered: a) the shift register acquisition, b) the
L-correlator acquisition, and c) the sliding-correlator acqui-

sition.
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11 P;obability Aof Acqqlsluon Error.vs. Chip to Nolsg.' Poyci‘ (no jnm_mcr)_
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APPLICATIONS OF THE PARTIAL AUTO-~-CORRELATION

BOUND TO EXISTING ACQUISITION SYSTEMS

Shift Register Acquisition

Introduction

A block diagram of a typical shift register acquisition
circuit is shown in Fig.14. The circuit can be divided into
two parts: 1) The PN generator part and 2) the decision
logic part. The PN generator consists of an N stage shift
register and its associated feedback logic. The next bit to
be shifted into the register, however, can come from one of
two sources: a) The first source is directly from the re-
ceived signal and b) the second source is the feedback logic.

The received signal is (after demodulation) :
Si(t) = ch(t-ch) + nw(t) (1)

where nw(t) is gaussian, white noise, with power spectral
density ﬁ/2. The low pass filter eliminates as much of the
noise as possible, and the output of the filter is loaded into
the shift register bit by bit. After loading all of the N bits
into the shift register, the switch S is changed from posi-
tion 1 to position 2. The initial N bits which have been
loaded from the received signal into the shift register form,
what is called a "starting vector." If they have been loaded

. correctly, then the locally generated sequence will be identical
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to the received sequence (i.e., the two sequences will be
synchronizéd in phase). If such is the case, the multiplier
preceding the integrator will always receive inputs of the
same polarity and will always generate a +V at its output.
The integrator's output, then, will always be increasing and
at time T = YT its output will be above the threshold volt-
age VT. This will indicate that the local sequence has been
synchronized to the received sequence and data decoding can
begin. ‘

It is possible, though, to load at least one of the
initial N bits in error. If such is the case, then the local
sequence and the generated sequence will be out of phase with
each other. In that case, the multiplier will not always
multiply the same signal by a replica of itself, but the two
signals will only be in agreement for roughly one half the
time and in disagreement for roughly the other half of the
time (provided the integration time is long). The integrator's
output, then, will waver up and down, never significantly
departing from a "low" voltage value, and will probably not be
able to exceed the threshold voltage Vp at T = yT,. The com-
parator will sense that at time T = YTC, and the switch will
be changed back to position 1, such that a new N bit starting
vector can be loaded in and the whole procedure repeated un-
til the two sequences are in synchronism (all the initial N

bits will be loaded correctly).
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Shift Register Acquisition Performance in the

Absence of Noise

The performance of the shift register acquisition circuit
depends very heavily on the signal to noise ratio of the re-
ceived signal. As expected, the minimum acquisition time
occurs when there is no noise. 1In this case the acquisition

time can be shown to be:

Ta = (N+l)'1‘c | (2)

where T, = chip duration, and N is the length of the shift

register.

Shift Register Acquisition Performance in the

Presence of Noise

The degree of acceptance of an acquisition system is
heavily dependent on its performance throughout the range of
signal to noise ratios likely to be encountered in actual opera-
tion. It méy well be the case that a system is chosen over
another system because it performs better under low signal to
noise conditions, even though it may have a poorer performance
at better signal to noise ratios. It is intuitively obvious.
that é smaller signal to noise ratio will result in a degra-
dation in the acquisition performance, where the acquisition
performance could be measured as the probable acquisition time,
-T_, for a given probability of false decisions. A falsenv

a
decision can be defined to be a false dismissal or a false
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'acquisition with the two probabilities not necessarily being
equal. The level set for the two probabilities of false
decision will, in turn, affect the acquisition time, T, -

To see how the acquisition times vary with the given
p;obability of false decisions, let the integration time be
~LTc.

Referring back to Fig.14, the signal to the integrator

will be:

Vi(t) [ch,.(t‘ch) + n_(t) ]g(t—ch)

(3)
= ng(t—ch)g(t—ch) + nw(t)g(t-ch)

and the output of the integrator will be the sum of two signals,

So(t) and no(t).

LT, _ - LT, |
vV (T )= Io V_g(t-3T ) g (t-kT_)dt + Jo u_(t)g(t-kT, )dt =
= S (LT_)+ n (LT ) (4)

The first term, Solt), is the signal term, and it is known that
at time t = LTc it can have one of two exact values:

LT, VLT if j = k
s, (t) = J V_g(t-3T ) g (t-kT ) =
o VT, if j =k

The second term, no(ﬂqg is gaussian noise with variance

o? = -g-LTc and zero mean.

o
The acquisition becomes often a decision problem, as

shown in Fig.15.
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In the absence of noise the output of the integrator
can only take one of two values which are given by Eq. (5).
The presence of noise, however, adds the second term of Eq. (4).
The decision as to the state of synchronism of the local PN
sequence to the received PN sequence reduces to correctly
identifying the value of So(t). The shaded areas of Eig.15
are proportional to the two errors which are possible to
make: The first error is known as the false dismiséal and
it occurs when the noise makes the output of the integrator
fall in region I when the signal So(t) = VLT.. The second
type of error occurs when the noise makes the output of the
integrator fall in region II when the signal Sb(t) ='VcT§ and
this type of error is known as false acquisition. Note that
the relative probability of occurrence of the two types of
error changes with the choice of V., the threshold voltage.
If the probability of a false dismissal is to equal the prob-
ability of a false acquisition, then V., will be set in the

T
middle and

=1 = L+l _
Vp = 2[VcLTc + VcTc] =V I, 5 = ¢ (ﬁ)

The probability of an error occurring (where the possible

errors have been described above) is given by -
P, = Pln_(t) > €] : (7a)

- where £ is related to the value the threshold voltage Vi is

set at by
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- e = X '
€ VéTcy(l L) + € (7b)

The output noise, no(LTc), is gaussian, with 0 mean and

2 = N .
oo(LTc) =5 LTc. lTherefore.
co nz
1 T 260Z(LT.)
P = — (o] ¢’ dn 8
e Js /2'" UO(LTC) ( )

. : . _.n . _
Making the substitution, m = 3375 and dn = /EOO(LTc)dm,

~Eq. (8) becomes:

® l -m2 1 € -
P = = == fe[————— (9)
e Je 7 © 2 °F CIfico(LTc)]
/ioo(LTc)

It is more convenient to express the argument of the  comple-
mentary error function as

iy,
2m2 2
VCTC(L+1) _ VcTc(L+l) . ECL (10)

£ =z
- 4 n LT 4n
/20, 2/2 g LT c

To consider a practical example, let Ec/n = =10 dB and
L = 2047. The probability of error is then given by

E L
1 c’ _1 ~20
3 erfc in > erfc V50 < 10 (11)

Pe

The result of Eq. (11) helps to illustrate the fact that for
most cases there is no need to integrate for a whole length; L.
If the integration time is carried over only Y chips the

noise, no(t), will be gaussian with zero mean and variance
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' 2 = E 3 3 .
oo(ch) 5 YT, and the signal S_(t) will be:

Vég(t-ch)g(t-ch)dt = (12)

YT ce x
I e VYT, if j =k
o VcTcrp(y) if 3 =k

Eg. (12) clearly shows that the difficulty lies with the
partial autocorrelation function rp(y) which is not easily
obtainable for the case where 1 = 6. The bound found for
- this function rp(y), however, is very tight and Eaﬁ be success-

fully used in this situation. It bounds rp(y) by:
= -
rp(y) VETcY(l L) (13)

If the decision threshold voltage is set halfway, then ¢

becomes :

=3 - Xy = Y-
&= ZIVCYTC VETcY(l L)] Vele 71 (14)

The probability of error of Eg. (9) becomes now

' E
=1 e? _1 y [ X
Pe =3 erfc 203 =3 erfc i/ (15)

E
Using the same signal to noise ratio, 7?, and the same length L

as before:

P, = % erfc (f%é%) ' , (16)

' -3
If we let P, equal to 2 x 10 then y = 255 chips which
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represents a substantial savings when compared to y = 2047
chips.

. ' E c
Figure 16 shows the relationship between y and —- for

different desired Pe's. !

So far, we have only considered a single trial. If noise
is present, there may not be enough to load the shift register
only once to acguire the PN sequence, as any one of the N chips
could be loaded erroneously. The éuantity of interest then
- becomes Vo! where Vg = the number of trials within which
.acquisition will take place with a given probability, Pj.
Bearing in mind that the probability of acquisition is the

same as the probability of loading all N chips correctly into

the shift register, let the following notation be used:

p = probability of loading one chip correctly
pN = probability of loading N chips correctly
l-pn = probability of making one or more mistakes in

loading the chips.
Thus the probability of having a correct loading of all the
N chips in the vth trial is
v-1
P, = p (1-p) (20)
The probability of loading the register correctly (or
acquiring) within Yo trials is equal to the probability of
acquiring in the first trial + probability of acquiring the
th

second trial + ... + probability of acquiring in the Vo

trial or:
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P(acq./v=1) + P(acq/v=2) + ...

Placg. in Vo trials]
+ Placqg/v=v )
Vo
= Z P(acq/v=vi) (21)
vi=l

But the probability of acquisition in the vth trial is given

by Eq. (20). Therefore:

V
2 N N, Vi~1
Placg. in Vo trials] = Z p (1-p")
vy~ (22) -
Vo
V=1
=p" (1-p) *
V=
Let
1-pd =g (23)
Then
VO vofl
> (1 pN) i __:E: (erN)vl
V=i vi©
vo-l § »
_ E Vi _ 1-a °
= (o = 1-o (24)
V.= .

where o has been defined above. Then, Eq. (22) can be

written as:
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Placg. in “’o trials] = p Z (l-pN) 1

Vo v
4 N (o)
=py1=-1-p) _; _-gY (25)

1 -(1-pY)

Fixing the probability of success (acquisition complete)

to Pa = 0.9, Egq. (25) becomes:

v .
1 -(1-p") ©=0.9 =p, (26)

and
1n(1-P,) :
Vo T TN (27)
1In(1-p")
As shown previously, it is possible to trade-off a.
shorter integration time for a larger probability of error
which has been defined as a false acquisition or a false dis-
missal decision. How this trade-off is made depends very heavily
on the probability of correctly loading a chip, p. If it is
very probable to load N chips correctly, then the integration.
time can be short. Even if a false dismissal will occur
there will probably not be a long wait for the next correct
1oading.' If, on the other hand, it is vefy improbable to
correctly load N chipé, then a false dismissal can be very
costly, as it could lead to a long wait before another correct
loading occurs. It may well be advisable then to be careful
against ;uch an eventuality. The probability of loading a

chip correctly is given by the probability that the noise is



48

Vc:

less than. Vv

P =rpIn(t) < V] =1-Pn(t) > V] (28)

But the noise power at the output of the low pass filter =

2 -1 =
o ) 2fc nfc

and Eq. (28) reduces to:

E
=1 - 1 / _c .
p=1 > erfc n (29)

Even if this probability, p is high, N is usually large

enough for pN<0<l. Then Eq. 20 with P, = .9 becomes

v, = 1n‘1§1’a) = 2.2 -~ (30)
-p P

If on the average each trial has a duration Tq equal to

Tp = NT_ + YT, (31)

then, the acquisition time, Ta’ necessary to acquire 90% of
the time and with a probability of false dismissal or false

acquisition as given by v, will be equal to:

T, = Vo (Y+N)T (32)
. Ec 6
Figure 17 shows a plot of T, VS. 7T-for fc = 10",
= ¢l =2 . =3
P, =10 7,107, 10 ",
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L-Correlator Acquisition

Introduction. A block diagram of an L-correlator

acquisition circuit is shown in Fig. 18 . As the name implies
the circuit consists of L correlators operating in parallel. |
The received PN sequence, ch(t—ch), is sent to L different
multipliers where it is multiplied with every possible phase
shift of itself and the result is then integrated for Y chips.
.At the end of the integration period the decision logic will
select the largest output and so establish the phase of the

incoming PN sequence.

L-Correlator Acquisition Performance in the Absence of

Noise. It has been proven that the minimal number for a syn-
chronism decision is (N+1l) chips. Therefore the smallest

possible acquisition will be:

Ta = (N+1)Tc (1)

L-Correlator Acquisition Performance in the Presence of

Noise. In the absence of noise the acquisition time for the
L-correlator circuit was limited to T, = (N+1)Tc' When

noise is present at the input to the correlators the acquisi-
tion time will have to increase to keep the probability of
making an error (false dismissal or false acquisition) small.
Assume the incoming sequence to be ch(t—ch) and the inte-
gration time T = YToi then the output of any correlator i can

be expressed as:
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YT,
'ViAéfj VEg(t-JTc)g(t-ch)dt (1)
o

O.

YT,
+ J c n (t)g(t-iT_)dt = Soi(t) +n l(t)

o

Where i = 112, s o L-l.

As it has been previously shown:

VYT, if i =3

s (t) =
°i e s o
.VéTcrp(y) if i # 3

when the bound to the partial autocorrelation function is:

r,(v) = y(1- ) | (2)

The noise term, n_ (t), has also been previously shown
i .

to be gaussian, with 0 mean and variance oé(yTé)= ngc.

o

Now, given that the received sequence is of the form
ng(t-ch) an error is said to be made if any output i, where

i=1,2,... L-1 and i = j is larger than the jth output. There-

fore:

Pe = P[Vl > Vj OR V2 > Vj OR ... OR VL > Vj] (3)
If we denote [Vi > Vj],by €;4 then

P, = P[elj U Eg4e--V eﬁ;le\J €j+l, 5 "“!EL,j]

+'P[3L,j] -_P[el'./\ezlj] - P[el,j(\€3,j] - ... (4)

J



Thus:

P, < (L-1)P[vo > vj] (5)

if we neglect all the intersections.
Equation (5) is called the Union Bound and is valid for all
probabilities of error.

Equation 1 describes both, V. and Vj’ with the excep-

tion that
J J+ ) = VEYTc + njo‘t) and
= = -% |
\'4 S +n chcy(l L) + no(t) (6)

where the only difference occurs in the signal terms.

55

An erroneous decision will be made only if the voltage Vb will

be larger then the voltage Vj at time T = YT, or:
' =
Pe P[Vo > Vj]
= P[So + no > Si + nj]

= P[sj -8, <n, - nj] (7)

A new noise term is defined as nA(t) where:

nA(t) =ng - nj ' (8)

The noise n, is gaussian with zero mean and variance equal

to:

cz = E[(no-qj)al = E[n;] + E[n;] - 2E[n°nj] (9)

where:
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YT (10)

E[n;] = E[n;] = c

NV E]

Now: n_ and nj have been defined as:

o
v'YTc .
n, = J nw(t)g(t)dt (11a)
o
TG |
n, = Jo nw(t)g(t-ch)dt (11b)
Therefore:

. YT (YT,
Elngn,] = E J dAJ dt n_(A)n_(t)g(A)g(t-3iT )

i
N
{
-2
=3
Q

dt g(t)g(t—ch) (12)

The result of Eq. (12) is easily obtained upon realizing

that

Eln,(t)n (A)] = 3 §(£-)) (13)

The integral of Eg. (12) is easily bounded and we obtain

= 1N
Elngn,l = 3 v(-fiT, | (14)

Using the result of Eq. (10) and Eq. (14), we can write Eq. (9)
as

2 _ - ~X
Oa nYTc ny (1 L)Tc (
2 15)
TC .
L

' Y ny
= nch[l-(l—L)]=



Once the distribution function for n, is known, the

probability Pé = P[V6 > Vj] can be expressed as:

0 nz
_n2_
P! = Jm%c e 29, dn=%erfc[ € 3 (16)
V20 /2o,
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In Eq. (16) the lower limit, €, has been found by calculating

2

- —3 - - - -x -— X
€ Sj So = Ve¥Te VcY(l L)Tc VeTe 1 (17)

as required by Eq. (7). If OZ

is replaced by the result of
Eq. (15) and € is replaced by the result of Eq. (17), then

the P[Vj < Vé} can be written as
h

P! = P[V. < V.] = % erfc Ecl— (18)
e j Yol T2 2nL
and Pe < (L- l)P[V <V°]
'
YzEc h
< (L-l) — exfc '—nL— (19)
-2 Ec
If we choose Pe = 10" and ol -10 db with a sequence of
length L = 2047 then
.Y = 400

which shows a speedy decision time even at negative Es/n

ratios.

F;gurelg shows Y as a function of E /n for P_ 6a10f2,

8‘10 and 7!10
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Sliding Correlator Acquisition.

Introduction. A block diagram of the sliding correlator
acquisition circuit is shown in Fig.20. The received PN
sequence, VEg(t-ch) is compared to a locally generated sequence,
g(t- iTc). The two sequences multiply each other and the re-
sult is integrated for a time T = YTC. The output of the

integrator is compared to a threshold voltage Vﬁ(t) and, if at

time t =T = YTc the threshold voltage V., is higher in value

T
" then the output of the integrator Vo(t), the locally generated
PN sequence is delayed by T, (changes its phase by one chip).
The correlation process is restarted and it is repeated until
the integrator's output, Vb(t), is higher than Vi(t) at

T = YT,

generator starts with any random phase and finds the proper

(phase synchronism is attained). The local PN sequence

hase by "sliding" through all of the possible phases, hence
p y g

its name, sliding correlator acquisition.

Sliding Correlator Acquisition Performance in the Absence of
Noise. It has been shown that even under no noise conditions
the correlator needs % N chips to make a synchronism/no syn-
chronism decision. Therefore, the minimum decision time,

T, = (N+1)Tc ‘

The phase of the local PN sequence generator, g(t—iTc),
can be as far away as (L-1) from the phase_of the received PN
sequence generator. Therefore, the upper limit on the acqui-

sition time, Ta’ in the absence of noise is



T, = (L-l)NTc (1)
An improvement to this upper limit on Ta‘can be made by
uSing an SW (synch worthiness) type of decision. This would
take advantage of the fact that the phase of the local
sequence can be changed as soon as a disagreement is noticed
between the received PN sequence and the locélly generated

PN sequence. If a one level SW is used (examine only the

first chips), then a significant saving can be achieved.
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This"is a result of the probability of disagreement of the first

bits being equal to nearly 0.5. Assuming that the correlation

will continue for a time T =(N+1)Tc if the first bits of the

received PN sequence and the locally generated PN sequence are

identical, then the upper limit of the acquisition time Ta is
given by
L-1 L-1

. b=l L-l, _ L=d
Ta 5 (N+1)Tc -+ 5 TC 5 (N.+2)Tc (2)

It is possible to take into consideration not only the first
disagreement, but also the second, third, ... , (N—l)St with
a corresponding decrease in the upper limit of T,-

To illustrate this procedure consider the PN seguence
e+21110010... formed from a 3-stage sequence generator. Let
us.assume that.initially the sequences are not synchronized
and appear as in Fig, 2la. Note that after a single chip com-
parison, the integral of the product g(t-ch)g(t—kT) is equal
to -Tc and is less than the negative input to the comparator

(y-—l)'l‘c = 0. The integrator is therefore reset and the PN
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sequence generator is delayed by 1 chip as shown in Fig.21b.
Once again, the first chips are dissimilar so we once more
délay the generator. This procedure continues, as illustrated
in Fig. 91, until, as shown in (g), we observe that after 13T
synchropization is obtained. Note that other initial start-
ing points yield a smaller acquisition time. The average
acquisition time can be readily computed from Fig. and

shown to be ia = 9'I'c for this example.

‘Note that in any case the acquisition time obtained from
this system is greater than for the shift-register or L-correla-
tor'acquisition techniques. However, we shall show that the
sliding-correlator is robust and performs better than the
shift register correlator when the signal-to-noise ratio is

very small and when a jammer is present.

3liding Correlator Acquisition Performance in the
Presence of Noise. The sliding correlator's operation in the
presence of noise is very similar to the operation of the
shift register acquisition circuit's operation, with the ex-
ception that now, in order to synchronize, a new starting
vector is not loaded any longer but the phase of the local PN
sequence generator is changed by Tc. The threshold voltage
V&(T) is again given by

- _1 x?
Vp = VorTe = 3V T 1 (1)

The output of the correlator is equal to
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(YT ' . .
Vo = E%(t-JTc) + nw(ti] g(t—ch)dt
Jo
(YTe . . YT, .
=1 g(t—JTc)g(t-ch)dt + J nw(t)g(t—ch)dt
'46 (o]
= S, (t) + ng(t) (2)
where, again
v YT if 3 =1 .
s (e) =4 ¢ € 3
N VéTcrp(Y) if = 1
and
= .4
rp(Y) Y (1 L) (3)

The noise term, no(t), is gaussian with 0 mean and

variance . Cg(YTc) = % YTC. Since the threshold voltage
V&(T) was set midway between the two signals, the probability
of a false dismissal is the same as the probability of a false

acquisition and the resulting probability of error, Pe’ is

given by
n2
R | T 208 L _ e (T)
Pe = J /zﬁoo e dn = 3 erfc [75&74

=1 erfc (¥ YEE | (5)
2 5L 4n

The integration time, T = YTc, is significantly larger
now than in the absence of noise and therefore the acquisition
time T, is also considerably 1argér. A simple enhancement,

similar to the synch worthiness indicator previously described
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can, however, significantly lower the acquisition time, Ta'
by detecting very early a large number of wrong phases and
going on to a new correlation cycle before the old one is fully
completed..

This elimination of improbable phases leads to a signifi-
~ cant improvement in performance and can also be applied to
other acquisition methods such as the shift register acquisi-

tion.

Conclusion

This section has shown how the bound obtained for the
partial autocorrelation function can be applied to a number of
practical systems. The application of this bound has the
effect of minimizing the acquisition time T, while at the same
time guaranteeing a desired level of performance which is spe-
cified by the probability of error (false dismissal or false
acquisition). Extensive computer simulations have shown the
bound to be very tight and therefore the values for the minimum
acquisition times which have been found in the previous sec-
tions will be very close to the actual optimal values. It is
only after considering the tightness of the bound together with
the ease of applying it to real life acquisition techniquesA
and considering the numerical results obtained that the sig-
nificance of the work done becomes apparent. The spread

spectrum system designer will now be able to optimize any PN



correlation based acqguisition circuit as well as make a
choice of the best system to use for a given range of signal

to noise ratios.
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Spread Spectrum Signal Acquisition Aided

by Recursive Estimation

Introduction

Throughout this work it has been assumed that the acqui-
sition of a spread spectrum signal consists of correctly
estimating the phase of a received PN sequence of arbitrary
length 2N—l, where N refers to the number of delay stages in
the generating shift register or, equivalently, to the degree
of the generating polynomial h(x). The acquisition process
has consisted of repeatedly comparing the received PN sequence,
Vég(t-ch) with a local generated PN sequence, g(t-iTc), until
the phases iTc and ch were found to be equal. At that point
the locally generated PN sequence was said to be synchronized
to the received PN sequence and the acquisition process was
ended. The synchronism/no synchronism decision was based on
an autocorrelation process or, since the correlation did not
have to last for a full period, this decision was based on a
partial autocorrelation process. The partial autocorrelation
function of a PN sequence is not nearly as well behaved as the
autocorrelation function - of PN sequences, it being a func-.
tion of the particular starting phases i and j, the generat-
ing polynomial h(x), and the length of the correlation YT,-

To circumvent all of these difficulties and be able to use
a partial autocorrelation process universally, a bound nas

been found to the partial autocorrelation function, rp(y),
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where

TY
C . . . . !
)Tc_g J dt g(t ch)g(t-ch) if i# j (1)

o

il

rpfy) =y (1

and y is the number of chips being correlated.
As shown previously, the output of the correlator is, in

general,

YT,
V,(t) = ! at[v g(t-jT, ) + n(£)1g(t-iT ) (2)
. o)
which can be said to consist of a signal term So(t) and a noise
term no(t). The noise term has been previously shown to be
gaussian with zero mean and variance cé(ch) = %VTC where %
is the power spectral density of the thermal noise which is

added to the received signal. The signal term, So(t) is:

(YT . .
So(t) = dt ch(t-ch)g(t-ch)

!

r L3 a - »

beTc if i = 3j

(3)

fi
e,

_'x . . . )
kV’cTcy(l L) if i =2 j.

The synchronism/no synchronism decision is now seen only
to involve the choice of which signal term, So(t) is present'
at the correlator's output. Due to the presence of noise
this decision can only be made with a specified accuracy. If,
as shown in Fig. 22, we wait for a time T = Ych before making
a decision, then we can define two voltage regions such that
if the correiator's outbut falls in region I we decide syn- .

chronism is attained and if we fall in region II, we decide
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the two PN sequences are not synchronized. The probability

of an erroneous decision is equal to

P

Yi
o =PIV (v T) > Vp = Vy T </s (£) <V Ty (1-f )] +

(o
+ PIV (y T ) < Vp = Vy T =¢/s (£) = V T y,]

= Pln_(y,T.) > €el. (4)

Note that in Fig. 22 and Eq. (4) the assumption has been
made that the two errors are equally likely and therefore the
decision boundary is located halfway between the two signals

or

-1 _ Y y?2
71VeY1Te VcTch(l—il)] = % VT (5)

1
c’'c L

The probability of error of Eq. (4) becomes then

_ 1 Y.L
Pe = P[n (le ) > E'VETc TT-] =
o n2
- st

= dn 1 e 205 YTC) =

VT Y; /2mo (YT

2L
E

-1 Y [N1%e ~
= 5 erfc TV (6)

This shows that, in principle, the probability of error P

can be made very small by waiting Yy chips, or given a desired
E

Pe' Y, can easily be found as a function of 7?. It is

possible, therefore, to correlate for a time T = YlT then

cl



examine the output voltage of the correlator Vo(t) and make a
synchronism/no synchronism decision based on where Vo(t) falls
with respect to the threshold voltage VT(Ych) where VT(Ych)

has been defined as:

_ 1 _ ;Y1
Vp (Y T) = Vv To = 3T ¢ = YTy [ i (7.

The Early Decision Process. At times it may not be

~necessary to wait the full Y4 chips to make a decision. The
only requirement is that at any time a decision is to be made,
the probability of error, Pe' be kept constant. If we are to
attempt making a decision after, let's say y chips, then the

threshold voltages must be set such that

= 11 = 1 e’
Pe = P[no(’YTc) > eg'] = 3 erfc [m] (8L

Note that Egq. (8) is identical to Eg. (4) with the exception
of the pertinent parameters (i.e. the decision mechanism is
identical). But if the probability of error, Pe, is to be

kept constant, then:

, ] o
Pe = Iedn Pno(Ych)(n) = ’8'dn Pno(YTc)(n)
or
% exfc —= = % erfc | —=8—o (9)
/ioo(vch) /ioo(ch)

This implies that the two arguments of the erfc function

have to be equal, and:

71
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€ = e’
/Zoo(lec) /7oo(ch)

orx

o {yT.) v.T
_ o'V’ _ Ye'c _
- E 0o (v1TS) 2L Y1 YYY (10)

Egq. (10) finds the parameter e' such that at any time
T = yT, a decision can be made. It is of interest to note
that.at any given T = YT, the "distance" between the two
signals So(t) is:

X y?
VYT, = VT y(1-p) = V. T, ¢ (11)

c e
and at time T = Ych this equals precisely 2¢. At any arbitrary
time T = yT_ where y < y however, the voltage corresponding

to 2¢' is given by

Vele Vele
2¢' = 2|=S vy, Ay =S v,y (12)
Since y < Y, we can define % such that

1 - 3
L= 1;-> 1l or Yp = Ly (13)

and Eq. (12) becomes

Vele

L

2! = %y VAYZ (14)

I
<
H

=<
Py
=

Since 2 > 1 it follows that
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. .Y_z ) Y_z
2! = V.T, I LYR > V.T, I , (15)

Based on Eq. (15), Fig. 22 shows the decision regions at any
given y < y,. After examining the decision regions at a

time T = ch < Ych the following can be concluded:

If at time T = YTC the correlator's output voltage equals
Vb the following decisions can be made with a given probability

of error, Pe: 1) Synchronization has been attained (i=j) if

. = ...-I t
Vy > Vg = VT vy (1-1) + ¢

2) Synchronization will not be attained (i#f) if:

- - 1
Vb < Vh Véch €

3) No decision can be made; continue the correlation
if:

Vn<vo<vs

where ¢€'(y) has been defined in Egq. (10) as:

vV.T :
e! = _%_E Y,/¥Y; and V_(y) and Vg(y) become:
. Yi'YYl
Vn = VCYTG - ¢! = VcTc[ Y= s A ] , (16a)
= -1 =
Vg = VI v (1-7) + e
Y Y, YYY, b
= VTo IY(1=p) + —5—] (16b)

If at a time T = YTc no decision can be made, that implies
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either that we are synchronized and ~c' < n < Vg = VYT, or
that we are not synchronized and —[VéTcy(l»%)- Vh]<:n < g',

Figures 23 and 24 show a graphic representation of the
probability of no decision as described by the above
inequalities. |

The noise . signal no(ch) is gaussian with zero mean
which implies its distribution to be symmetric about the zero
axis and therefore the shaded areas of Fig. 23 and Fig.24 are

equal. This can also be seen from Fig. 22 and may be written

V_ -~V YT n2
S ¢ ¢C AElom Yy =
J dn 1 e ZGO(YTC)
—c! /ZWGO.(YTC)
el 1 n2
= = S {vT T
1 dn e 20500T) (17)
_ Y\ v2ro_ (YT )
(VT Y (1-5)=- V) o''“c

The upper and lower limit of the above integrals respectively

are a function of y and for some values of Yy they can be

further simplified as follows: Taking advantage of the fact
. . = -J

that Vs is given by Eq. (16b) to be Vs e' + VcTcy(l L)’

2
.. - = ' _I .. = L I ~ '
EMaL.Vs chTc e' + VcTcy(l L) VcTcY € VcTc I, €

2

if V'C'I'c << g’ (18)

=<

Again, taking advantage of the fact that Vi is given by Eq.
(16a) to be:



= - !
V c'ch £

n
then:
- Xy - = - Yy - -
v T y(1-§) - V] [V Ty (1-%) (VYT g=e')]
Iz . 2
= =[V,T, £ 4e'] = ~e' if V_T_ { << ¢! (19)

The above approximations can be said to hold if

» VT

. . 4
VcTc%. << c231'.. YYYY, (20)

-

or

Yy << .63 (21)

for all y which satisfy Eqg. (20) the probability of not making

a decision becomes:
= - ]
Pg=PIlvy<n<v,] <Pl-e'<n<e] (22)
The inequality holds since

v -V, = [VcTcy(l-%)+a'] - [V YT ~¢']

= 2¢0 - v Y (23)

aﬁd the result is clearly an upper’ bound.

This inequality can also be clearly seen to hold by
examining the graphical representations of Figs. 22, 23 and 24
Due to the fact that the actual probability of no decision,

Pnd' is less than the value specified by the upper bound, the
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résults obtained will be slightly pessimistic and the acqui-
sition system's performance will be as guaranteed or better.

| Now, at any given time T = YTc an erroneous synchronism/
non-synchronism decision will be made if in fact the noise
no(YTc) is larger than €' given that no synchronism exists, or
if the noise no(YTc) is smaller than -€' given that synchronism

exists. Therefore,

= ' i
P P[no(YTc)>€ /no synchronism] +

+ P[no(YTc)<—€'/synchronism]. (24)

But the noise term, no(YTc), is gaussian with zero mean, and
if we let P, = probability of synchronism and P.g = probability
of no synchronism be independent of the noise probability,

then
P.= Pln (YT )>€']l + Pln (YT )<-e']
=1-P[-€'<n, < €'1 =1-Pg4 (25)

Equation (25) shows the simple relation between the probabil-
ity of error, P,/ which is always specified by the designer,
and the upper bound on the probability of no decision, P g’
which is valid only for Y << .63Y11

The probability of a decision having been made in a time
T = YoTc is the probability of a decision having'been made at
time T = NT, oxr T = (N+l)’1‘c or ... or T =Y]T.. This is

equivalent to ]_-[Pnd at T=NTc and Pnd at T=(N+1)Tc and ...
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and Pné at T = YOTC] or:

YN

Pd/T < YoTc = E Pd/T = YTc =
y=1
=1 - Pnd/T =Y,Te

YooN

=1 —Ygl Pnd/T = YT, | | (26)
where YTC are the observation times, and Pnd stands for
probability of no decision. At the first observation time,

T = NTc’ the noise no(ch) will be gaussian with zero mean,
and it will have a value no(NTc) volts. At the second obser-
vation time, T = (N+1)Tc, the noise will again be gaussian

but its mean will now be no(NTc). The probability density

function for the noise signal at time T = (N+1)Tc is
2
2 [n-n_ (NT )]
1l 2 208((N+1)Tc) (27)

P_(n) = e
n /iioo((N+l)Tc)

Fig. 25 shows a graphical representation of this probability

‘density function. It can clearly be seen how the probability

of no decision in this case (the shaded area) is smaller than
the equivalent probability as given by a zero mean gaussian
noisalof the séme variance. This in turn implies that if the
assumption of independence of the measurements taken at times

T = NTC,(N+1)TC, cee YT is made it will serve as an upper
bound, further guaranteeing the predicted result. The prob-

ability of decision at or before time T = YoTc’ Po' is then



given by:
YoN
po = Pd/T < YOTC z_l-g Pnd/T
v=1
YooN
=1-1 (1-p )7
=1
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(28)

Eqg. (28) is derived from Eq. (26) using the assumption

of independence justified above and the result of Eqg. (25).

Rearfénging Eq.

we obtain:

(28) and taking logarithms of both sides,

YooN
In(1-P_) = % ¥ in(1-P )
. o =1 e
(Yo~N) (Y -N+1)
= 5 ln(l—Pe) (29)
Assuming Yo = N >> 1, then
_ ln (1-P )
Yo °© 2 im;-)— + N for YO << .63‘Yl (30)

Figure 26 plots Yo Vversus P, for several different values

of Pe'

Conclusion

It is only through this recursive estimation approach

that the full power of the upper bound to the autocorrelation

function of a PN sequence is applied to the problem of PN
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sequence acquisition. By cofrectly recognizing the existence.'
of three decision regions prior to t = .63711'c it is possible
now to dismiss or acquire the PN signal much earlier. Again,
this technique is independent of any particular acquisition
scheme and it can be applied to any system which employs a
correlation type decision mechanism and uses PN sequences.

It is estimated that at a modest increase in the hardware
"complexity this approach to the acquisition piocess couid
drastically improve the performance of any system, with those
systems which require a large number of sequential correlations

having most to benefit.
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Probability of Error in a Direct Sequence Spread Spectrum

§jsteﬁ with a CW Jammer at the Carrier Frequency

Direct Sequence Spread Spectrum Systeas can operate
reliablé even in the presence of strong interference, which
may be intentional or unintentional. The system operates by
transmitting a digital signal of lower power spectral density
which occupies a wide bandwidth. It has been shown in the
previous sections how the relatively narrow band data is
mult%plied by a PN type sequence which is user specific and
much higher in frequency. It is this operation which encodes
the original data into a new signal which has much lower power
spectral density and a much wider bandwidth than the original
data. The receiver recovers the original data by correlating
this wideband . signal with the original PN code. The correla-
tion has the beneficial side effect of rejecting the received
interference. The interference rejection is very much similar
to the original data encoding process, and it converts the
interfering signal into a wideband, low power spectral density
signal. The advantage is that now very little of the original
power of the interference signal will fall into the data band-
width with the out of band interference being filtered out.
This encoding and decoding process.is shown in Fig. 27 with
the emphasis béing placed on the spectral representation of
the signals involved.

Based on the relative bandwidth of the PN signal with

respect to the data signal which makes the interference at the
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receiver have almost a constant value in the band of interest,
and assuming the length L of.the PN sequence to approach in-
finity such that the noise-like properties of PN codes aie
justified, the probability of error of such a system is assumed
to be closely approximated by that of an identical system

which operates with no interference but in the presence of white,
gaussian noise of power spectral density equal to the value of
the interference in the band of interest. There is no indica-
tion on how adequate this‘assumptiog remains when such para-

meters as Eb/n, Ps/Pj, L and k(= EE) change their values sig-
b

nificantly.

The Effect of CW Jamming at the Carrier Frequency. The data

to be transmitted takes the binary value of #*1 with probability
of 0.5. The PN sequence used for encoding also consists of
binary digi@s of %1 value whose distribution is well known.

In general, a number of code bits, k, are used to encode each
data bit, with the resulting signal modulating a carrier of

frequency Wy radians. The transmitted signal then becomes:
s(t) = d(t) PN (t+ZTc) cos w t (1)

The signal received is corrupted by additive white, gaus-
sian noise of zero mean and power spectral density n/2 and by
additive interference. If the interference is considered to
be of CWtype of the same frequency as the RF carrier and with

an arbitrary phase 6, then the received signal is of the form

S'(t) = Asd(t)PN(t+2Tc)cos wot+A cos(mot+9)+ni(t) (2)

I
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At the receiver the signal is synchronously demodulated
and decoded by a multiplication with Vi(t) = 2PN(t+zTc) cos wot.
The resulting signal is then integrated for the duration of

the data bit at which time a decision is made as to whether

d(t) is a +1 or -1. This process is shown in Fig. 28.

Examining any one specific bit d(t) and assuming d(t) to

equal +1, the voltage Vb can be expressed in terms of the data,

.

the interference and the noise term.

¢ T
— b :
Vb = [AS PN(t+ZTc)cos wotIZPN(t+£Tc)cos Wt dt +
‘o
Th
+ [AI cos(wot+e)2PN(t+£Tc)cos wot dat +
Jo
U £ 5
+ J [ni(t)]ZPN(t+£Tc)cos wot = So + Jo + n, (3)
o

The transmitted data bit d(t) will be estimated as a
+1 £V > 0 or as a -1 if V < 0. An error is said to occur
if 8, + J, t ng < 0 given that d(t) = +1. The probability of

such an error is

Pe = P[So+Jo+no<0J = P[n°> S°+Jo] (4)

The output noise is also gaussian with zero mean, with variance

cg = nT,. The probability of error becomes then

n‘a
- 1 T 20° :
P, = 75%3; e o dn (5)
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~or, changing the variable of integration n tom = 3~ and

taking advantage of the symmetry of a zero mean gaussian:

2.2

) - plo?
. 55 :
=1 _ l ae o
Fe 7 2 I 73w am (6)
o o

Equation (6) shows the strong dependence of the probabil-
ity of error on the parameter a. HoWever, even given a signal

I and phase 6,

the probability of error is not a well defined constant with

the exception of the special case where k, the processing gain,

amplitude As’ and an interference amplitude A

equals L. Because the probability of error, Pe' is a function
of o which is a random variable, it is itself a random variable.
In this section we find the average value of this random
variable, showing how it varies with respect to a number of
relevant parameters which were known to be significant but their
exact significance has not been previously shown. In addition,
an indication of the degree of confidence which can be placed
on this average value is given by the variance of the distri-

bution of the probability of error.

Expected value of the probability of error. The random
variable o has been previously defined as a = So + Jo where

So and Jo are found in Eq. (3).
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0
it

Tb )
. J [ASPN(t+£Tc)COS mot]ZPN(t+£Tc)cos wot dt
(o]

= AsTb (6a)

J = I [AIcos(wot+6)]2PN(t+2Tc)COS wo; dt
o

Th ,
AI CcOoSs .6 J PN(t+2Tc)dt .

[ 4

w ©O
!

[

AT  cos g 950 (6b)

i
o

i
where g, = ith chip of the PN sequence and k is the processing
gain or k = fc/fb' If Eq. (6b) is examined closely, it becomes
apparent that if k is allowed to equal L (with L being the
length of the sequence), then Jo is no longer a random variable
but takes the value of J = -A_T_ cos p. It is for this

O k=1, I c
very special case that the probability of error is not a random

variable. If, however, the value of k is less than L, then

a random variable y can be defined as

k-1
Y= 9it+g ‘ (7
’ i=0

The random variable y has been shown by Gold to have a
hypergeometric distribution with

_ By Iy L -
Po= G /) | (8)
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This hypergeometric distribution, however, does not lend it-
self very easily to analytical manipulation. Fortunately, it
can be very closely approximated by a gaussian distribution

whose mean Hy and variance s$ equal the mean and variance of vy.

Therefore:
k-1 k-1 k
= = = l‘_ g = (9a)
1=0 : i=0 =1
. -1 k=1 L k-1 k-1
1
2 = = = —
Ely2] =E Zgi-HL 9i+42 |7 L Tity 5+
L | £E; k-1 g
_1
=22 2+ D i
2= =0 3=0
iz
k-1 k-1 L
= 1
=k + T/ 9ity Fi+2

Using the shift and add property of PN sequences, the

above becomes:

k (k-1) (éb)

Ely2%] =k - T

Knowing the statistics of the r.v.y we can find the

statistics of a where o is a r.v. with mean y and variance
s®. The mean is given by

_ B | o «
Efa] = AT, + AT cos ¢ Ely] = ATy - AT (cos ey  (10)
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The second moment of a¢ is given by:

Ela?] E{[A_T, +A Tc(cos e)y][AsTb+AITc(cos 8)vyll

s"b I

2ma 2ma 2 2
AT, + 2A_T AT (cos 8)E[y] + AITS(cosB)E[y*] (11)

- asr2 Ky 4 aspe k-1
AsTb + 2ASTbAITC(cos 9) ( L) + AITc(cosz 6)3(1 T )

The variance of a, s? is found by definition from
s® = E[a?] - E?[a]
= A2T? + 2A_T A T (cos e)(-g) + A27%(cos? e)k(l—E:l)
s™b s"b I c L Ic L
- k.2 _
-[AsTb - Ay c(cos ﬂ)il =

k2

2

= pn2m2 2 _k=-1, _ - 2 2 k2 0.1
= AT (cos® ) [k (1-=57) EFJ = AT (cos 6)[ T (1+p)
+ k(1+2)]1 * a2T2(cos? )k (1-5) (12)
L I'c | L

The random variable a therefore has a gaussian distribution

of the form

1 - iﬁ:ﬁ%i
2s
P = —=_ e ' (13)
(@) V212

with u and s* given by Eqg. (10) and Eq. (12) respectively.
If the averaging of the probability of error with respect
to the random variable a is the desired quantity, where the

probability of error is as defined in Eq. (6), then
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Q0
E[Pe] = { <Pe(a)p(a)da '
- 2q? (amy)
+o 1 -na - SOTH)
1. J I 1 se P _1 _ %% amda (149

The powers of the exponential functions can be added and by

complecting the square we obtain:

2
_m*a? _ (a-u) _
* 20% 2s2
2.2
Toa + 1 .
= o - M 1
-7 252 a®- 20 magz *u? mEes T U Esr e
5z *1 o2 t1 z—+1)
o o o
1
- uz 53 =
o
D N P T R L O |

where the symbol A represents the quantity:

a=28% 41 (16)
(o]

The average value of the probability of error as expressed

in Eq. (14) can now be written as

(1 2 A-1 A U
= —=1 - (a-3)
=1 _ 1 283" A 2s2 A
E[P.] = 3 ‘ 3mo S de a e da
n=o0 - o=—w
=3 _ U 2832’ A
z " | oo a3/% dm (17)
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It is often convenient to choose as parameters more use-

ful quantities which are easier to use, such as Eb/n, P etc.
, J
The quantity § can be rewritten as:
(o}
AT - AT (cos 9)]i
¥ = s’b Ic L
o ﬁTB
/ZE P./L2 E i
= '—E-\/J L -2.20082 6 (18)
n PS n
where
=31 a2
Ps = 2 25
=31 a2
Py =2 21
and Eb = PsTb (19)

The power of the exponential can also be written in a

more useful form, such as:
Tl [__A'l] = u?m? = m2
2s? A 2[m252+og]
where
g2 A3T2(cos? a)k(l—%)
-E- = T
00 n b
E P
e Y7 S YO
=3 Ps (1 L)2cos ]

Finally, the average of the

respect to the random variable a

2
L
o

O

2
2(m2 i—z‘ +1)
(¢]

(20)

probability of errxor with

can be written as:
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2E P./L3 Ey
E[P ] = b V/ g ——-200536 X
X 1 B T 3
/aT[14me Cb 23k () K)o og2 5772
| NP L
B 2E 2 E |
m2 ( b _ J/T 2cos2 6)
1 n Ps n
¢ - (21)
2 E, Py/x
x e 1+m?2 7T P (1--)2cosz <]

The average probability of Eq. (21) is not always sig-
nificant for every data bit. The degree of confidence we can
place in it is given by the variance of the probability of

error. As heretofore, the variance is defined as:
= 2 - 23
Var[Pe] E[Pe] E[Pe3 (22)

where the expected value of P, is shown in Egq. (21). The

other significant quantity, E[P;], can be expressed as:

[+

E[Pé] = J P;(oap(a)da

O==~00,
| - X2 - Y*
I R 267 2%
= J I e dx J e dy
d'_-"‘” x___a/fﬁoo /2_'"0'
a
_ lo=-u)
a
1 e 2s da.

v2ns (23)
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The integrals of Eq. (23) can not be solved anaiytically
and numerical methods would not necessarily be very useful
as they would have to consider a large number of parameters
which vary over a wide range. A useful indication of the
approximate value of the E[Pé] can be obtained if an upper

bound of reasonable tightness can be found. It is known that

o . . ©

x2 m2 .
' < 557 = 5 <
o) = 1 e 20, ax = J 721—1re 2am <
% _. V2 o2 _a
X=0 Q . m—o—
o
r _ az ‘
<L e 203 for -;i— >0
o
< . (24)
<1 for - < 0
o)
\

Using the bound of Eg. (24) and integrating Eg. (23) over
two distinct ranges of integration for values of a positive

and negative, the following equation is obtained:

o - (o-u) °
E[P2] = J L e 2% g0 4+
g=wco Y2Ts2
2
- e
+J %-e 05 1 e 2s da | (25)
Vans?

The first part of Eq. (25) is simply 1 - Q(-u/s) = Q(u/s).
Combining the powers of the exponents and complecting the

squares in the second part of Eq. (25), the following is



obtained:
282 -~
® 1 [Zas-f-(oz u)zccz]
J —1l_ e ? 5203 do
a=o 4Y/21s3
” 1 |(e-um) ? + neH(1-H
_[ 1 e 2 s2H
__4Y/2ns?
a=0

where H is defined as

2

% _ 1

2 4 g2 2
2s % l+ 2 5

H =

O~|m

Equation (26) can then be reduced to:
1 202s? + (a—u)zcg

I 1 e 2 szcé
4

3 [fra-m)]
)
< /8, 2 s Q(- p%ﬁ)

Finally, Eq. (25) becomes:

Nt -

E[p2] = 1 - ol-81 + B oy )

Rewriting Eg. (29) in terms of the same parameters as

26

(26)

(27)

(28)

(29)

Eq. (21) which defines E[Pe], and again, making use of Eq. (18)

and Eq. (20), we obtain:



X Q ————— ey e
e 14a Tb ——g—/-li(l-%)cosze
S

W

X

e
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P -
E[P2] =1 -0 [- 55 1 R V4 A
e J/k (cos 8) V1I-k/L 1/1-—k7L
+ 5 1 x
4‘/1-!-4 —_ J/k(l )c053 8
s
X Py 1 1L,

(-

P;/K (cos e)fl-k/L /1 -k/

[ 4

- |¥¥w -/ B 7 2%cos E =
s b J/k
' n

1+4 ——(1-%/L)cos? @
s
-
Ps 1 + 1 X
—e jiA
PJ/k (cos 9) /l-.k/L 4%_.,.4 .ﬁ}l g/k(]_--—) cos? §
| s
f_— 1 . ( PS 1 ) X
B Pi7x P./K (cos®) VI-k/L
4/1+4 W B (1-—) os28 “J
EN P
) - P (30)
1+4 b gk (1-k/L)cos2 6

n Ps
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Conclusion

The average probability of error wvalues given by the
hypergeometric modeling of the subsequence weight distribution
is plotted in Fig. 293 through 29i vs. Eb./” for different
values of the ratio k/L (processing gain/sequence length).

Each average probability of error curve on the plot corre-

P
sponds to some effective signal to jamming ratio R = §§7—.

Thus, the significance of the effective signal to jamming ratio
can be clearly seen.

Figures 30a through30e plot k/L vs. Eb/n for a constant
average probability of error. Again, each curve on the plot
corresponds to some value of R, where R has been defined above.
These curves clearly show the effect of the k/L ratio on the
average probability of error.

These results show the significance of R and k/L on the
average probability of error vs. Eb/”' and can serve as a guide
to the spread spectrum system designer in chosing the process-

ing gain, k, and the sequence length, L, such that he may ob-

tain the maximum CW jammer protection.
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DIGITAL ENCODING OF COLOR VIDEO SIGNALS

Introduction

The Color Video Signal

Oout of the early days of video development .the industry
has inherited the NTSC standard. Devised primarily for black
and white video transmission it called for a frame update
- rate of 30 frames/sec. Each frame is made up of two inter-
laced fields which are displayed at a rate of 1/60th of a
second. The video signal has a bandwidth of 4.5 MHz total.
Qisplay synchronization is provided by non-displayed portions
of the video signal which accomplish vertical (field) and
horizontal (line) synchronization. The introduction of color
video has called for a signal structure such that full compat-
ibility with the black and white T.V. sets is maintained.

This has resulted in a system where the three primary colors
R, G and B are transformed into three other signals, I, Y

and Q, with Y being the luminance and I and Q the chrominance.
Figure 1 shows the spectrum of a typical NTSC video signal.

In terms of the R, G and B signals,

Y=0.3R+ 0.59G+ 0.11 B (1)

I=0.6R~-10.28G -~ 0,32 B (2)
and |

Q=0.21R~-0.52G + 0.31 B (3)

The I and Q signals are also transmitted and it is the
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detection of the presence of these I and Q signals in the
color monitor, in addition to the Y signal, that enables the
decoding of the R, G, and B and the dispiaying of a color
picture.

The I and Q signals are quadrature amplitude modulated
onto a carrier frequency of 3.57 MHz. Thus, the complete

color signal is
V(t) = ¥(t) + I(t) cos u t + Q(t) sin w_t ()

In the color monitor the signal is separated into the lumi-
nance and chrominance signals and the R, G and B colors are

then extracted using a network which, in essence, solved the

matrix
- — — - - -
R 0.96 1 0.62 I
G = -0.27 1 -0.65 . Y (5)
B -1.11 1 1.7 Q
L. 4 L _— I

The three color signals R, é and B are bandlimited to
about 3.3 Mﬁz and the luminance signal has most of its power
in this frequency band. However, the inphase signal I is
bandlimited to ] MHz and the gquadrature signal Q is limited
to 0.5 MHz.

This bandlimiting of the chroma information has the ef-
fect of severely distorting the color content of the small
pictﬁre elements.

However, the psychovisual properties of the eye are such

that the color content of small objects is irrelevant and
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therefore the effect of the distortion ié small.

Other approaches to color video encoding have resulted
in the development of the PAL and SECAM systems. All three .
systems are similar in that they all use a luminance and two
chrominance channels. While the NTSC provides for the chromi-
nance information to be transmitted via QAM modulation of
a color subcarrier,the PAL system alternates the sign of one
of the chroma channels every other line while the SECAM sys-
tem transmits only one of the chroma channels every line.
The net result is that in the PAL system the hue value is
maintained much better under the effect of equipment misalign-
ment at the expense of the saturation information, while in
the SECAM system the vertical resolution of the chroma infor-
mation is decreased with the color video signal being made
simpler by eliminating the QAM of the color subcarrier.

None of the three systems described above have a decisive
technical advantage over the other two, and this is one of

the reasons why no one standard was universally adopted.

Digital Encoding of Video Signals

Introduction. The desire to encode video signals digitally

and then transmit and receive the digital rather than the
analog representation of the video information has generated
two principal methods of digital encoding. This section will
give a brief presentation of the principles underlying the

transform and predictive coding methods.
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Transform Encoding. Transform encoders perform two dis- -

tinct operations: 1) The actual transformation and 2) the
quantization of the coefficients. A transform encoer is
shown in Fig. 2. The transformation from the time domain

to the transform domain involves representing the function

£(t)by:

£(t) =€ A bg

where A, is the ith'transfornlcoeffﬁﬁent;and the ¢i's are the
mutually orthagonal basis‘functions. If the set of functions
¢; is properly chosen then only relatively few coefficients
A will have a substantial magnitude. The quantizer will
encode those few coefficients accurately (using enough bits
to guarantee a small quantization error) and the rest of the
coefficients Ai will be encoded very coarsely (using fewer
bits). It is by this unequal importance assigned to the dif-
ferent coefficients A that the data reduction is achieved

at the expense of negliéible picture degradation.

A complete discussion of the various transform encoding
techniques, together with a discussion of various fast imple-
mentation algorithms and a presentation of their basis func-
tions can be found in reference (23). In general, however,
transform encoders are not very widely used in spite of their
excellent bit rate reduction capabilities. This is due
primarily to enormous computational requirements which are

difficult to perform in real time.
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Predictive Coding. Predictive encoders are, in general,

much simpler to implement and operate than transform encoders.
It is for this reason that they are more widely used. The
most popular encoders in this category are PCM, DPCM and
Delta Modulators. This introduction will give a brief de-
scription of each of the above with a slant towards video

encoding.

Pulse Code Modulation (PCM). A PCM system is shown in
Fig. 3. The input signal vi(t) is low pass filtered, sampled
and quantized. The low pass filter prevents any aliasing
errors which may be due to sampling. The quantizer must have
a minimum of 64 to 256 levels or 6 to 8 bits per sample. Even
though the sampling rate only has to be higher than twice
the maximum frequency (or approx. 8 MHz), it is usually set
at three times the frequency of the color subcarrier or 10.8 MHz.

The PCM bit rate in bits per second is given by:

B=M*N*KZ*F (1)
If M = 512 pixels/line
N = 525 lines/frame
K= 6 to 8 bits/pixel
F = 30 frames/second

then the PCM bit rate required to transmit an NTSC video
signal is higher than 48 to 64 MBPS.

PCM systems can transmit any conceivable television image
because they. do not make use of any pixel correlations. This

is not of much interest because a human observer will only
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find meaningful those images where there is a high dégree
of pixel correlation. Extensive simulations have shown the
typical information content of a video image to be on the
order of 1 bit/pixel. This indicates that an ideal system
would operate well at a bit rate 1/6 to 1/8 of the bit rate
required for PCM.

The.6 to 8 pixels form a word: In the transmission pro-
cess noise is added to the transmitted signal. Because of
" this it is possible to make an error at the receiver. Even
though the errors are random (any bit can be in error), the
significance of the error varies from bit to bit. An error
in the MSB will be over 100 times greater than an error in
the LSB (assuming an 8 bit word). The signal to noise ratio

of a PCM system is given by:

y 92K
(s/N) _ = (2)
o 1 + 22(K+l)P
e
where: K = number of bits/pixel
Pe = probability of error.

Because the human eye does not tolerate this type of error
very well, PCM systems are operated in environments where
the error rate is 10>-6 or less. From (2) it is clear that
very high S/N ratios can be attained if the Pe is negligible.
Because of this.high value of the S/N ratio PCM systems are

widely used in studio environments.



Delta PCM (DPCM). A DPCM system is shown in Fig. 4.
The predictive coder will use the past N samples to generate

an estimate of the next pixel by a weighted summation:
(3)
The estimate is then compared to the incoming pixel and the

difference encoded in a number of pits and transmitted. Be-

cause now we transmit the difference between the estimate

121

and the pixel rather than the pixel itself, we can use a smal-

ler number of bits per pixel and still obtain good gquality
video.

The coefficients Ai are chosen in such a manner as to
minimize the variance of the error signal. Therefore, the
system will perform well only as long as the input signal
will maintain the statistics for which the Ai's have been
calculated. Because the input signal's statistics can‘vary
widely, some adaptive scheme must be considered if a high
quality performance is to be maintained.

DPCM with adaptive predictors. In designing a DPCM sys-
tem one must either use a predictor with variable parameters
such that the parameters would change with the variations
in the signal (always generating a stationary differential

signal) or one can use a fixed predictor with a variable

quantizer to accommodate the resultant nonstationary differen-

tial signal. -
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In a DPCM system with an adaptive linear predictor, the
weightings on the adjacent samples used in predicting an in-
coming sample can change according to variations in the signal
value. One way in which these signal variations can be
accounted for is to include a delay during which the incoming
samples are stored in an input buffer and used to obtain an
estimate of the signal covariance matrix. The measured co-
variance matrix can be used to obtain a set of weightings
for the predictor. These values are then used for processing
the stored signals. The updated values of the predictor co-
efficients need to be periédically transmitted to the receiver.

DPCM systems with adaptive quantizers. A DPCM system
with a fixed predictor will have a nonstationary differential
signal for nonstationary data. Using a fixed quantizer, non-
stationary differential signals would cause an abnormal satura-
tion or a frequent utilization of the smallest level in the
quantizer. To remedy this situation, the threshold and the
reconstruction levels of the quantizer must be made variable
to expand and contract according to signal statistics. Adap-
tation of the quantizer to signal statistics is accomplished
using various approaches. One such approach stores k samples
of the differential signal to obtain an estimate for the local
sténdard deviafion of the signal. Then the stored signal
is normalized by the estimated standard deviation and is quan-
tized using a fixed quantizer. Naturally, the scaling coef-

ficient must be transmitted once for every k samples for
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receiver synchronization. In a similar approach, called Block-
Adaptive DPCM, a block of M samples is stored and is normal-
ized by n possible constants. The totai distortion for all

M samples using each normalizing constant is calculated at

the encoder. The normalizing constant giving the smallest
distortion is used to scale the samples in the block prior

to their quantization and transmission. The system requires
(log2 n/M binary digits per sample overhead information for

" receiver synchronization.

Still another approach could utilize a variable set of
thresholds and reconstruction levels. This is the self-syn-
chronizing approach used in adaptive delta modulators where
fhe step size increases and decreases depending upon the pol-
arity of sequential output levels. 1In a DPCM quantizer, the
set of threshold and reconstruction levels would contract
and expand depending upon the sequential utilization of inner
or outer levels of the quantizer. For instance, a variable
quantizer can be designed where all reconstruction levels
expand by a factor of P (for some optimum value of P) upon
two sequential happenings of the outermost level and would
contract by a factor oﬁ 1/P upon two sequential happenings
of the smallest level. This system would have the advantage
of being completely adaptive and would not require any over-
head information because the receiver would be self-synchron-

izing.
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Delta Modulation (ﬁM). A DM system is shown in Fig. 5.
The input signal vi(t) is low pass filtered and sampled to

obtain the (K+1)st sample my This sample is then compared

+1°
to the internally generated (K+1) estimate, me,q- and the

sign of the difference is then transmitted. Therefore:

€4y = SIn(my, ) - m ;) (4)

The estimate is formed by adding the previous estimate my

to a step size of the proper magnitude and polarity.

Me+1 = ™ ¥ Skn (5)

The step magnitude can be fixed or adaptive. If the step
magnitude is fixed the DM system is said to be linear. If
the magnitude of the step size is adaptive, the DM system
is said to be adaptive.

Linear DM (LDM). 1In a linear DM the estiméte is being
updated by adding or subtracting a fixed voltage, Sqr and

the new estimate is given by:

Myl T Mt Sp8 (6)
where ey determines the sign and is the quantity transmitted

over the channel. A channel error would change the € and

now the maximum error would be:

el T kel T 2Sp (7)

Because the quantization noise depends on the value of Sg
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and in general so’is small, the error is not very significant.
Fig. 6 shows a signal which changes very rapidly from

a low value to a high value. Because the value of S is small

it takes the LDM a number of clock pulses to catéh'up to the

signal. This poor slope tracking characteristic of the LDM

is called slope overload and makes LDM units somewhat unde-

sirable. The maximum slope an LDM can track is given by

= * =
Slope Max sg * £ sofs volts/sec (8)

This poor tracking performance could be improved at the expense
of the quantizing noise by increasing the magnitude of Sgs
but that would result in a greatly increased graininess
level. A DM capable of combining the good slope tracking
capability due to the large value of Sg together with the
good noise figure given by a small value of So is the adaptive
DM. |

Adaptive DM (ADM). Adaptive algorithms are based on
the detection of a number of ek's of the same polarity oc-
curing sequentially. This condition indicates that the signal
is constantly above or below the estimate and the magnitude
of the step, sk is increased thus allowing the DM to track
a faster rate of change in the inpﬁt signal.

When the input e, pattern is alternating 1's and 0's
this indicates the signal to be very close in value to the
estimate and the magnitude of the step Sy s is decreased such

that the granular noise figure is kept at a very low value.
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Applications of ADM to the Encoding of

Color Video Signals

NTSC

Our previous experiments have indicated that good video
éuality can be obtained using ADM encoding of black and white
video signals at bit rates of 8 MBPS to 16 MBPS. At a bit
rate of é MBPS the picture quality was rather poor, suffering
from significant edge busyness. As the sampling rate increased,
the size of the edge busyﬁess decreased, until at a sampling
rate (fs) of 16 MHz the size of the edge busyness was reduced
to approximately pixel size. Even though the edge busyness
continued to decrease with an increasing sampling rate, this
no longer significantly improved the picture quality. A graph
showing subjective picture quality vs. sampling rate is shown
in Fig. 7.. The encouraging results obtained in the encoding
of black and white signals via ADM prompted us to experiment
with the encoding of color video signals.

We first attempted to encode the composite signals while
compensating for the non-linear low pass filtering effect of the
deltg modulator. The experimental set up is shown in block dia-
gram'in Fig. 8. Our best results were obtained at a bit rate
of 24 MBPS (which is identical to the sampling rate) and are
shown in Fig. 9. It is clearly seen how the high bit rate
manages to transmit a very high quality of luminance information,
while éomewhat degrading the ch#ominance inform;tion. Our

attempts to improve the color quality have shown the poor
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performance to be due to improper signal conétruction. Indeed,
while the delta modulator has no difficulty tracking the rela-
tively high amplitude luminance information, it shows a very
poor performance when attempting to track the low amplitude,
high frequency, quadrature AM modulated chrominance informa-
Eion. This has shown no inherent drawback which prohibiﬁs

the delta modulator from encoding color video signals, but

the quality vs. bit rate of the transmitted signal will be
heavily dependent upon choosing the proper format on the sig-

nal to be encoded.

RGB

Any color video signals can be represented by its red (R),
green (G) and blue (B) components. Therefore, if the R, G and
B components are to be sent rather than the composite color
signals no informafion would be lost. This experiment uses
more hardware (three sets of delta modulators instead of
just one) and also operates at a higher bit rate. It is clear
from Fig. 10 that the bit rate through the channel is the sum
of the bit rates of the R, G and B channels. Based on our
black and white experiment results, the similar form of the
three color channels and a black and white signal, we expected
to obtain good results using 16 MBPS per channel data‘rate
(for a total data rate of 48 MBPS).

The results are shown in Fig.ll for different bit rates.
Beéause the three channels operatelindependently, the super-

position of the three edge busynesses has a cancelling effect
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~ which improves the subjective overall quality of the picture.
The bit rate can be reduced to 12 MBPS pef channel wi;h only
minor degradation. It is at this point that the picture

begins to degrade more rapidly until it reaches its lower us-
able limit of 8 MBPS per channel (24 MBPS total data rate).

If is interesting to note that as the picture gquality decreaseé,
it is basically the luminance information which is deteriorat-
ing rather than the color quality. The RGB experiment has
proven the delta modulators to be able to transmit good video
quality provided the signal has a proper format. This, in turn,
suggests that by restructuring the signal to be transmitted,
significant savings in bit rates can be achieved with no loss

of picture quality.

IYO

Introduction. The problem faced consisted of taking

three full frequency channels (R, G and B at ~ 4 MHz band-
width each) and somehow obtaining a different signal set ‘which
preserves most of the information while significantly reducing
the resultant signal's bandwidth. A similar problem has been
solved by the committee which created the NTSC color video
standard.‘ By forming the proper linear combination of the red,
green and blue components they defined a full bandwidth luminance
channel and two zgreatly reduced in bandwidth) chrominance
channels. The lost information defined the exacf color of

”sﬁall" picture elements. This loss was subjectively insig-

nificant due to the psychovisual properties of the human eye.
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The block .diagram of the experimental set-up is shown in

Fig. 12. This is very similar in hardware complexity to the
RGB experiment with the exception of the addition of an RGB

to I¥YQ encoder and an I¥Q to RGB decoder. The resulting
channel bit rate is again equal to the sum of the individual
channel bit rates except that now the I and the Q channels
require a much smaller bit rate. Sampling at a rate of two
samples per pixel, the I channel will require a bit transmis-

' sion rate of 6 MBPS while the Q channel will acquire a bit
transmission rate of 2 MBPS. Furthermore, at this bit rate

the color quality is very good. The ¥ (luminance) channel
responds to delta modulation just like any black and white
video signal. By varying the bit rate of the luminance channel
the luminance (outline) of the picture degrades due to.edge
busyness, but the color quality remains very good. The results
shown in Fig.13 were obtained by allowing 8 MBPS for the chrom-
inance information and keeping this rate fixed while the rate
on the luminance channel is varied from 8 MBPS to 18 MBPS.

This experiment has shown that by proper choice of signals
high quality color video information can be sent at bit rates
which vary from 26 MBPS for the highest quality, to 16‘MBPS for
the lowest quality. This total bit rate is lower than the bit
rate required for the RGB system which‘operates at bit rates
between 24 MBPS énd 48 MBPS while the quality of the trans-

mitted video signal remains approximately the same.
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I¥Q Encoding in the Presence of Channel ErrOrﬁ. The
quality of an IYQ (component) encoded color video signal does
not suffer significantly when exposed to channel errors. The
I and Q channels are very robust to such errors and are sig-
nificantly affected only by error rates on the order of 10—1.
Figure 14 a,b,c shows a color video signal whose I component
is subjected to an error rate of 1071, 1072 ang 1073 respec-
tively, while Fig. 15 a,b,¢ shows the same signal With the
Q channel béing subjected to the same error rates. The Y
channel is less robust to errors, due principally to the
wider bandwidth of this channel as compared to the I and Q
channels. The robustness oflthis channel to errors is the same
as expected for a black and white transmission. The effect of
channel errors on the black and white ADM encoded video signal
has been described in detail by Schilling and Scheinberg
(21), for different bit and error rates. Figure 16a,b,c,d,e
shows the effect of channel errors on ADM encoded color video

signals at a bit rate of 16 MHz and error rates of 10_1, 10_2,

10-3 and 10—4 respectively, when these errors occur in the Y
channel.

These channel error experiments have shown that a color
video signal whose components (IYQ) have been encoded using
ADM algorithms, are robust to channel errors. This qualifies
the ADM as a robust encoder whether the signal to be trans-

mitted is in'black and white or a color video signal.
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Hardware Description: RGB to IYQ Converter. The I, Y

and Q signéls can be obtained from the R, G and B signals by
a linear transformation.
I=a;R+ a,6 + a,B

Y

bR + b,G + b,B

Q =c,R + c,G + c,B
where the proper vélues for the a's, b's and c's have been given
in the NTSC standard description. Because the transformation
is linear, it could have been realized by a resistor weight-
ing matrix. Instead of chosing this approach, an alternate
approach was taken which uses active elements and allows buffer-
ing of the input signal, thus generating no undesirable side
effects such as loading. The first stage buffers the incom-
ing signal via an inverting and noninverting channel obtain-
ing R, #G and *B. This eases the weighted addition process
considerably since it now becomes very simple to add the R, G
and B terms multiplied by a negative constant. As Fig. 17
shows, the inverting and non-inverting buffering are done in
parallel, which avoids delays between the inverted and non-
inverted signal. The second stage acts as an adder stage. By
'chosipg the proper value resistors and passing the proper
polarity signals, the I, Y and Q signals are formed at the
outpyt of the adders. At this point the converter also adds
a fourth signal, the sync, which must be present if the
signals are to be compatible with .the delta modulators, as the

delta modulators use the blanking period to re-initialize all
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of the internal registers. The negative level of the 5ync is
determined by the clipping level of the diodes and the height
of the sync is determined by the DC level adjust on the summers.
The devices can operate with or without a 750 load impedance
resistors and the output signals will be one volt peak-to-peak
under full load. This converter will therefore output a com-
mercial quality IYQ signal with the only difference of the

sync addition which sefves to make.the signals compatible with

" the delta modulator.

IYQ to RGB Converter. The schematic diagram for the IYQ

to RGB converter is shown in Fig.18. As it could be expected,
the operation of the IYQ to RGB converter is very similar to
the operation of the RGB to IYQ converter. The two difficul-
ties encountered in the conversion are due to: 1) The presence
of a sync pulse and 2) The difference of the slope of the sync
information present on the Y channel and that produced on the
I and Q channels which operate at a lower check rate, 3) The
phase delay between the luminance and chrominance channels,
which is due to the different clock rates.

Again, the first stage serves as a buffer and inverter
while the second stage does the actual weighting and addition.
Now, however, we are confronted by spikes generated by sub-
traction of two sync signals of d;fferent slope. To eliminate
these spikes a slightly wider sync pulse is used, which when
used in conjunction with the diode clipping stage manages to

eliminate all such spikes.
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The reconstructed picture will show severe chrominance
misalignment. This effect is due to the much lower sampling
rates on the chroma channels. To compensate for this a shift
register has been built with 36 étages. A four to one multi-
plexer selects different delay taps at the output. Fig. 19
éhows this tapped delay line. The multiplexer's select inputs
are controlled by two switches which are set according to the
frequency of the sampling clock on the luminance channel.

The four settings will give exact alignment for a sampling
frequency of 8, 12, 16, and 20 MBPS. When operating the
system with the delay line, the chroma and luminance informa-
tion will coincide and the displayed picture will have a good
quality. A second order effect which is visible at times, is
the slow color transition of boundaries. This is caused by
the slow sampling rate on the chrominance channels and is not
of much concern, unless the video image consists of color
stripes or other such specialized, stationary inputs;

The IYQ to RGB converter is very similar to commercially
available units except for the special delay and sync cancel-
lation featurés. The amplifiers used on this unit have a
wide gnough bandwidth to allow full frequency video operation.
When showing typical scenes the amount of movement has no ef-

.fect upon the picture quality.

Line Sequential (LS)

Introduction. The'previOQ§ experiments have indicated

that by using three pairs of delta modulators and little outside
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circuitry good quality video can be transmitted provided that
the available channel can accomodate a bit rate of at least
16 MHz (the lowest usable quality for IYQ encoding). However,
for certain applications a user might be able to tolerate a
loss in picture quality, provided the bit rate can be further
reduced. A line sequential system attempts to do just that
by using an encoding scheme which reduces the bit rate re-
guired by the RGB encoding scheme fo one third of its wvalue.

- Figure 20 shows that in order to accomplish this bit reduction
we transmit only one of the three color channels for any given
line. Assuming that we are encoding the odd field (lines 1,
3,5,7...) we encode and transmit only the red information of
iine one, and then encode and transmit only the green infor-
4mation of line three and, similarly, we encode and transmit
only the blue information of line five. At this point the
cycle is completed and the whole color vs. line selection re-
starts on line seven. In general, the encoder will transmit
the red information of line (K-2), the green information of
line K, and the blue information of line (K+2). The receiver
has available two lines of memory which will store the two
previously transmitted colors. To display a video line, the
receiver will combineAthe two stored colors with the presently
arriving color, while simultaneously updating its stored in-
formation. The results obtained with the line sequential sys- .
tem are shown in Fig.21', The color quality is seen to be very

good throughout with the possible exception of the horizontal
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edge transitions. Because we encode eﬁery other line (i.e.,

1, 3, 5, 7, ...) a smearing in the vertical direction occurs
which tends to cause some color blending and flicker over

small horizontal transition areas. Similarly, this vertical
smearing affects small horizontal curvatures and any other
small details in the vertical direction which seem to get
rather washed out. The effect of this encoding method on

A slanted lines is to create staircase patterns which even though
- highly visible do not appear to be very annoying. The color
quality remains constant with variations in the bit rate while
the horizontal smearing increases at the lower bit rates.

Even though a vertical averaging takes place, the amount of
movement in the scene has little effect upon the picture gqual-
ity. This is the result of not opérating a field but rather

a line sequential system which updates fast enough to adequately
represent motion.

This system represents a minimal bit rate color video
system. It shows that provided the user can afford a certain
amount of picture degradation, it is possible to transmit good
color video at low bit rates (larger than or equal to 8 MBPS)

and using hardware of medium complexity.

LS Encoding in ‘the Presence_of Channel Errors. A line
sequential system operates by alternating the color information
which is encoded and transmitted on every scan line. At the
receiver a video signal is formed and displayed by combining

the presently received color channel with the other two
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previously feceived color channels. This transmission of only
one color at a time ensures a "softening" of the effect of the
errors which now can only affect one color component at a

time. This is shown in Fig. 22 a,b,c,d where an LS encoded
video signal is transmitted at a rate of 8 MBPS and the bit
error rates are 107, 1072, 1073, ana 1074, respectively.

This experiment proves that the LS encoding of color video

signals via ADM is a robust, low bit rate video encoding

"method which could be advantageously used provided the basic

system limitations are not an overiding factor.

LS Hardware Description: Control Unit Hardware. The
schematic diagram of the éontrol unit is shown in Fig.23. The
ciock input is buffered by a 7404 inverter. This inverter
drives four other inverters which share the load. This makes
the control unit appear as only one TTL load and, at the same
time, it helps preserve the shape and rise time of the clock
waveform. This is very important in any synchronous system
where a number of operations are occurring concurrently and any
mistriggering would have serious consequences upon the sys-
tem's operation. The two 74164 sexial to parallel converters
form a delay line. The 74193 counter uses its carryout out-
put to load the convefter with a 10 ... 0 pattern. BEvery clock
pulse the high output will shift one position. For example,
after the first occurrence of the clock, the new output will
be 010 ... 0. The Qb through le outputs will therefore speci-

fy sixteen distinct phases, which will be used to direct set and
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reset a 7474 flip flop such that its output Q will have the
proper timing for the memory write enable (WE). signal.

A 7495 binary counter is wired up to form a modulo three
counter. The horizontal drive activates its "count in" input
and its output indicates which line (R, G, or B) is to be
transmitted. Should any power supply noise mistrigger the coun-
ter, the error will not propagate to the next frame because
at the beginning of every frame thé counter is reset by a
'new frame pulse (NFP). The NFP signal is obtained by trans-
fering the horizontal drive (HD) data which is present at the
input of a D type flip flop to its output Q, on the rising edge
of the vertical drive signal (VD) which is present at the
ciock input Q will indicate whether the cdd or the even field
is being transmitted. To create a new frame pulse the field
indicator (Q) triggers a 74123 one shot for a duration of
approximately 400 nanoseconds (ns).

The outputs of the 7495 modulo three counter are first
decoded and then used to enable three ANb gates which will
generate the WE signal for the proper memory bank. Therefore,
one memory will always be updated as the other two memories are
being read. The memory addresses are provided by two 74193
counters, the first one being driven by the 16 megahertz
clock. To insure the proper phase between the data out and
clock signals, a tapped delay line is used which provides
five taps with a delay of five nanoseconds per tap.

The 7495 counter, which operates in a modulo three mode,
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drives the select inputs of a four to one multiplexer. The
multiplexer chooses one of the input channels (R, G, or B) and
outputs it. The output of the multiplexer represents the ac-
tual channel. The whole control units fits on a 5" x 5" card.
and contains all of the logic necessary to generate every
control signal. This, in turn, allows the memory storage units
to be much simpler, which is a definite advantage in the actual

operation of the system.

Memory Unit Hardware. A schematic diagram of the memory

unit is shown in Fig. 24. Each memory receives all of its con-
trol signals and data inputs from the control unit. The memory
data out signal does not go back to the control unit but is
outputted directly. The memory uSes a "memory multiplexing”
scheme. The data in is shifted in the 74164 serial to

parallel converter until the shift register is full (16 bits).
The contents of the shift register are then latched in a

number of 74174 latches. The memory unit, which is organized

as 64 x 16, will write the data from these latches. When

the memory is read, its output is again latched in 74174's

and these latches are connected to a parallel to serial conver-
ter. The data is read into the converter at a rate of one
megahertz and it is shifted out of the converter at a rate of
sixteen megahertz. It is readily apparent how this "memory
multiplexing"” technique allows relatively slow memory units

to operate at much faster apparent rates. In this design the

memory speed multiplication factor is sixteen. The data out
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signal is chosen by a two to one multiplexer from two dif-
ferent data paths. When the memory is being updated, the
video signal is formed by the present signal and the two
previous colors. Therefore, when the R/W signal is in the
write mode, the data out comes from the input serial to
parallel converter. The extra delay is necessary for the
proper alignment of the three channels. While one memory is
being updated, the other two memories are being read. When

. read, the memory's output is latched, converted to serial form,
and shifted out via the multiplexer. The maximum ééeed of.
operation for the memory units is limited to ~ 17 MHz by the
input shift register. Due to their conceptual simplicity

and low chip count, the memory boards have been built with PC
boards which made the task of building and debugging the

memory units feasible.

Conclusion

A number of color video encoding schemes have been
investigated. Even though they all ﬁse delta modulators to
encode the actual signals, their individual advantages and
disadvantagés are quite different. This makes an overall
comparison extremely difficult. Fortunately, the range of
bit rates that the individual systems can operate over are
largely non-overlapping. This makes it possible to say that
given a requirement. for the best possible quality, and given a

channel which can accomodate a rate of 24 MBPS to 48 MBPS, an
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RBG encoding system would be a proper choice. An IY¥YQ system
operates almost as well but requires a substantially lower
bit rate. To operate such a system the channel must be able
to accommodate a bit rate of 28 MBPS to 16 MBPS. If the
channel can only accomodate a bit rate of less than 16 MBPS
but higher than 8 MBPS, and if the vertical degradation seems
tb be unobjectionable, then a line sequential system is the
only remaining choice. | |

We conclude that the above research has accomplished its
goal: all of the above methods are able to transmit a video
signal with a good color quality. The degradation increases
as the available bit rates decrease. 1In all cases the systems
perform better than any PCM system at the same bit rate.
Furthermore, when the bit rate is reduced it is not the color
but the luminance information which degrades. Given the
fact that the ranges of operation are not overlapping, it is
possible to specify the best system to be used for any particu-

lar application.
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APPLICATION OF ADM TO PACKET VIDEO

TRANSMISSION

Introduction

The appearance of inexpensive, powerful computers has
encouraged their widespread application in almost every con-
ceivable domain. One of their most demanding applications in
the communications field is in a traffic supervisory role.
Having linked many centers of human activity, the designers
next attempt to make the resulting communication process as
efficient as possible, As a result, several communication nets
came into being which allow direct computer to computer trans-
missions. For these nets to be effective, new protocols and
transmission philosophies had to be créated. The need for
efficient operation of the net has resulted in computers con-
trolliﬁg the local routing and traffic destination in every
part of the net. The traffic now consists of messages which
are divided into groups of a pre-assigned number of bits,
called packets. The local controller adds a destination address
and then it proceeds to send the packet via the least busy
route.

The largest of these nets is éhe ARPA net, operated in
the U.S. by the Department of Defense.

An investigation was launched to evaluate the kind of
guality one could expect from voice and video transmissions

over such nets. Reference (22) describes the work done by
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Tanaka, Dressler and Chackavarty in the simulation of voice
transmission via computer communication nets. The voice was
digitally encoded via an ADM scheme which resulted in a much
lower bit rate than that corresponding to PCM encoding. Since
the sampling rate involved in voice communications is rela-
tively low, there was no need for much support hardware, as
much of the processing was done in real time. Video rates
prohibit a direct ADM-computer interface, with the speéd of
the computer being the limiting factor. Therefore, two methods
of video acquisition had to be investigated. One would rely
on vertical scanning to generate the pixels. Fig.25 shows
how a vertical scanner samples all of the nth pixels from every
line during a given frame. Every new frame the scanner pro-
ceeds to scan the (n+l)St pixels, until the whole frame has
been transmitted. By using this scanning method the sampling
rate is reduced to less than 16 KHz which is low enough to
be handled by a computer directly. The diﬁficulty lies in the
video reconstruction process at the receiving end. Even though
the receiving computer may have the required memory, it is
doubtful that it could sustain the high data rate required
for a real time video display. Therefore, the receiver had to
have a digital. frame storage which had to be éontrolled by a
custom built controller optimized for this application.

Through careful design the same frame storage can be used.
for both, the transmission and reception of the digital video

frame. Due to the high data rates necessary for the transmission
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of video images, a decision has been made to use an ADM en-
coder because this would minimize the bit rate while maintain-

ing an acceptable quality level.

Hardware Description

Fig. 26 shows the controller bloék diagram. Again, in-
expensive, relatively slow memories are being used at an ap-
parent rate which is much higher than their maximum read/write
frequency. This is accomplished via the memory multiplexing
technique which has been described previously. The data stream
is stored in groups of 16 bits which are first converted to a
parallel format. The maximum data rate is 16 MBPS which cor-
responds to roughly 1K bits/line of video. Therefore, each
line of video requires at most 64 memory locations of 16 bits/
location. The total number of lines in a video frame is 525
and, therefore, the total storage capacity for the frame of
memory is 32K x 16. 32K locations require a 15 bit address.
Because the individual memory chips have a 4Kxl1l internal or-
ganization, the low order 12 bits of the address are being
used to address each individual chip while the three high order
bits are decoded and used to select any one of eight rows of
memory chips. This memory organization of 8 x 16 chips is
shown in Fig.27. Synchronism with respect to the camera
driving signals is achieved by using the NFP and HD signals.

In addition, the chock used with the ADM encoders is syn-

chronized to the HD signal. The read/write command is
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synchronized to the NFP pulse and guarantees reading or writ-
ing an entire frame. Once the memory unit has been completely
filled with one video frame it goes into a read state which
performs the continuous memory refresh and enables the
operator to inspect its contents visually (via an ADM decoder
and a TV monitor) . Provided the stored frame is satisfactory
provisions have been made for a computer interface which has
a random access feature, yet it does not interfere with the
refresh cycle.

A block diagram of the computer interface is shown in
Fig.28. The computer address is loaded into the upper nine
address bits. The remaining six low order bits cannot be jam-
loaded from the computer as this would interfere with the re-
fresh cycle. 1Instead, the low order six address bits are com-
pared to the computer requested address. When a match is made,
the data is loaded into the latch. The computer can then load
it into its memory and format it for transmission. The maximum
waiting time for ﬁhe data and latch to be loaded (the memory
limitation in speed) is given by the maximum time it takes for
the address to cycle through 26 = 64 states. At one microsecond
per state it takes 64 us for a complete cycle through and

64 x 107°

x 32 x 103z 2s for the loading of a complete video
frame (ek's). The computer can then format aﬁd transmit the
video information to any other computer on the net. 1In turn,
it can also receive a video frame and use the same hardware to

display it. Upon receiving a frame of ek's, the host computer
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can, via the interface, load the frame of ek's into its video
memory and the operator can view the video image via an ADM

decoder on a TV monitor.

Conclusion

An inexéensive digital storage has been described which
serves as an interface/buffer between a high speed digital
data stream coming from a video ADM and a computer. The same
device acts as an interface/buffer in the opposite direction,
allowing the computer to lsad it with a frame of ek's and then
displaying the video frame in real time via an ADM decoder and
a TV monitor. The pictures are either black and white or
color, provided that a line sequential technique is being used.
The maximum bit rate is 16 MBPS. The technique used is inde-
pendent of the type of memory used, and a controller could
be built to operate with any video display such that a full
video feature could be added to any terminal provided it has

the required amount of memory (32K x 16).
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