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This report contains the theoretical work that
has been done in connection with a project, where
the scope is to remote control direction findina
(DF) systems. The content is limited to a

system for calculating the azimuth out of signals
from existing DF eguipment.

Different types of signals that appear, and the
advantages of using freguency analysis to thesec
signals, are discussed. Two methods for realizing
a frequency analysis are described. A system
configuration is also described ag to how a
direction extraction might be achieved. The
function of such a system was simulated. Some

of the results are included and they show that

the chosen system configuration is very promising,
but this can not be verified before a total system
has been built.

THE DIRECTION FINDER

The direction finder (DF) is connected to an antenna system,
and is used for indicating the azimuth of an incoming electro-
magnetic wave, The azimuth will be shown on a CRT-display.
The DF-system covers a wide frequency range with a tuning
capability in smallest steps of 100 Hz. The freguency can

be tuned either manually or by digital remote control.

A simple block diagram of a direction finding system is

shown in figure 1. There are three channels; AB, CD and HA.
The signals in channel AB and CD come from a reducing

goniometer and they determine the azimuth of an incoming
electro-magnetic wave. The principle of this is shown in figure
2. In the goniometer the signals from the antenna system

will be made into two voltages, UAB and UCD’ which give the

y and x coordinate of an incoming wave's direction.
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L 7 2 Blanking

AB-cl l

annel |

X

COr-channel

s

Antenng

[P ——

Figure 1 DF-system

The information in channel AB og CD will give both the
correct and the opposite simultaneously. The signal in

the third-channel (HA) comes from an auxiliary antenna and

is used to blarnk out one half of the trace on the CRT so that
the correct direction may be found, It is also used to

detect information carried by the incoming wave.

To obtain correct DF indications both phase and signal
amplification of channel AB and CD must be equal. This is
secured by automatic balancing at intervals of about 50 sec.

Automatic gein control is used in all channels,

All the signals to the CRT are converted to about 62kHz.
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THEORY ABOUT APPEARING SIGNALS

When an electro-magnetic wave with an arbitrary polarisaticn
is received the directional antenna system will convert
its direction into two signals which give the x and y

coordinates:

Channel CD : X
Channel AB v

Aeccoslecoswt (13

Il

Aesinl-coswt (2)

In addition there is the blanking signal:

Channel HA : z = keBAecoswt (3)
The angle 0 indicate the azimuth and wt gives the frequency
of the x, y and z signal. See figure 1. A is the amplitude

of the incoming wave and k is a factor to compensate for

not equal amplification in the third channel.

When only one wave is present the direction will be indicated

by a straight line.
This can be shown by using eq. 1 and 2:

X _ A-ccosf:coswt _ cosf
vy Aeginb-coswt sind

tanf-x (4)

!
1]

The picture becomes more complicated when several waves are
received simultaneously. It is common to distinguish between
two types of interference; coherent and incoherent.
Coherent interference appears when more than one wave
present and they have egual frecguency. With different

frequencies the interference is incoherent.

Cohexent interference

In the general case a coherent interference will consist of
a sum of signals with the same frequency, but with different
phases. The signals in the three channels will be of the
forn:
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X = %ﬁincoaaigcos(wt+¢i) (5)
3
— TA seinl escoo (1ot
y = %Ai sxndi CO;(WE+¢i) (6)
i
"_"‘Io""*-!—' (
z 'iAl cos (wt ¢l} 7)

The value of k is set to be one. These equations may be

written on the form:

X = AX‘COS(Wt+¢X) (Ax-coswx)'coswt—(AX 51n¢x)-51nwt (8)

L
Il

A eceos(wt+ A ccosd rcoswt- (A _esin csinwt (9)
v (w <I>y) ( g qay, ( » ¢Y) W )

N
il

Az°cos(wt+¢z) = (AZ'COSQZ)‘COSWt*(AZ‘Sln¢Z)'Slnwt (107

The x and y signal (Eg 8 and 2) will generate an ellipse on
the CRT-display. To show this the phase difference, A¢:¢X—¢y,
is inserted and eq 8 and 9 are combined to eliminate the
parameter wt. This result in:

2

(Az)xz-(ZA A ~cqu¢}¢xy+(A2)y2=A‘A
- B Fes =

2 2 .
. ,\ A
- ySlI’l A (315

To find the direction of the ellipse eg 1l can be transformed

into a new coordinate system given by the transformation:

X cos o -sin o

Y sin ¢ cog .0

The new ellipse-equation beccmes:

2
1 2 Z i, 2 o 2
Yy e A A _ccosbhdesinZo+ +
y (Ax cos U+quy coshdesin2o AhSln o)

1 T (- ; S
+X yjfﬂ£51n c+2h_ A_ccosAdrcosu-A. sinlg)+
By <y . y

P RESTRICTED
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1¥,.2 .2 . . o s )
+x7 (AZesin“o-A_A_ r*cosA¢esinZo+A cos o) =
bl X'y

= ?-A?«sin2A¢
Px Y
When the new coordinate system 1i in the ellipse - axis
the xly -term has to disappear, and the ellipse - direction
can be found:
2AX=A ccoshd
tan 20 = Y (13)
A2 ~ A2
X ¥

An other interesting parameter is the ratio between the

ellipse's axis. The equation for this is:

/ — -
4 !
| // an’a’ sin®a
| kg e (Aif; 2y 2
T = F ST = y {14)
‘ /fmﬂAi sin A¢‘
1 A
2
{Ai ¥ AT
y

If ¢ shall be the angle of the great axis then the following

condition of eq 14 must be satisfied : T =3

This leads to

O O 1 O o}
A_ > A : -457<0<45° or 1357<u5<225

ke

(15)

Ay < B 15%¢5<135° or 225°%<g<360°
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The greatest possibility for ccherent interference is

because of reflections. There might be one or more reflections
present. In general it is not possible to determine the
directions of the separate components. An infinitely
combination of vectors may generate the same ellipse. If

the assumption is made that the direct wave is much stronger
than the reflections then the direction of the ellipse will

be a good estimate of the wanted azimuth. The ellipse's
parameters can be evaluated using eq 13 and 14. The direction
gives two alternatives 180° opposite to each othexr. The

phase of the z-signal must then be used to eliminate the

wrong one. This can be done in the following way: The
ellipse has two top-points defined as the points where the
great axis crosses the e¢llipse. From eq 8 and 9 the parameter
wt can be evaluated to give these points. Inserting the
evaluated wt's in eq 10 will give a positive and a negative
value for z. The wt which give the positive wvalue is the
right one. This value is then used to determine which top-

peint the direction shall pass through.

An electro-magnetic wave with one reflection

With the assumption that there is only one reflection the

signals x, y and z can be derived from eqg 5, 6 and7:

= o 1 e 74 A . = Py ’ - A \
x A cos&l cos(mt%¢1)+B coL.e2 cos (wi ,2) (16;
y = A»sinal-ccs(wt+¢l)+B=sin92-cos(wt+¢2} .(l?i
z = kAtcos(wt+¢1)+kB°Cos{wt+¢?) (18)
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amplitude A and an angle 6, with

o
(]
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the x-axis.
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~Figure 3 Egignal with

reflection
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direct wave has

The reflected wave has amplitude B and an angle 02 with

the x-axis.

The constant k

is use

to compensate for the

difference in amplification in the third channel.

The primary thing of interest is to determine the value of 0,

This can bhe doéne

will be discussed in

if the constant k is known.

the following.

The method

The signals that can be extracted from the DF-system are of

the form {eq 8, 9 and

Qecoswt+Peginwt
Secoswt4Resinwt

Mecoswt+Lesinwt

(@]
O
m
o
o
1l

w
i
o
Q
o]
4]
e
pro)
H

M

i
a=d

10):

~A_+sind
X X

=A_cssing.
Y N
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These paramcters can be regarded as known. The relation
between the known parameters and the unknown in eq 16, 17

and 18 is:

Aecoael *COs dl+B°cos Gz-cos ¢2 = Q (22)
A-COSGl esin ¢1+B°cos 02‘Siﬂ ¢2 = =P (23)
A-sinﬁl «COS ¢1+B-sin ez-cos ¢2 =g (24)
A°sinel «sin ¢1+B°sin 02°sin ¢y = -R (25)
kAcos¢l + kB cos¢2 = M (26)
kﬁﬁsin¢l + kB sin¢2 = -L (27)

Solving these equations for 61 and 02 give:

(MP-LQ) sing; + (LS-MR)cOs0q (PS-OR) k (28)

(MP-1.Q)sin8, + (LS-MR)cos® (PS-NR) k {29)

2 2

These two eguations give the same solutions:

i e, |
| palZap? 1262
el g B 2 arctan S (30)
’ F+kG

E = MP-LQ, F = LS-MR, G = PS-0OR

Eq 30 gives two possibilities of which one is the solution

fox Gl and the other for 82.

The following eq can be used to determine which is which:

IS PR .
§2 _ (S.cosOl—Q51nOl) + (R posel Pglig%zmv -

(Qesinf.,~S+=cosd )2 + (Psinf.-R cosl )2
2 2 2 2

With the assumption that the direct wave is stronger than the

reflected the following condition must he satisfied : A > B,
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The solutions for el and 02 must then be chosen to meet this

condition.

Some special conslideration must be taken when the signals
O . : ; o
x, y and z have zero or 180" phase difference. This will

result in:

E=F=GG=20 and
eq 30 is no longer valid. A possible solution would be to

assume that there is no reflection which give:

0. = arctan (%) if R# 0 and P # O (32)

(6. = 6., + 180 if P L < O)

oxr

—_

Gl = arctan.(% if 8 ¥ 0 and Q # O

L
|5}
—

(9l . Bl + 180 if QM < O)

If there is no reflection the following condition nust be
satisfied:
1

") -~ -
02+p2+s?+r” = =, (M2+L,
K

2) (34)

The described method uses both phase and amplitude of the
signal in the third channel. There is some uncertainty
concerning the z-signal because it is not treated egual in
the DF-system relative to the x- and y-signal. It ig Ltheirer

fore uncertain how usable the method is.
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2,2 Incohgggnt interference

The general case of incc! erent interference 1is:

= y ° P -k =
X i Ai COSGi COS(Wit*wl) (35)
y = i Ai-51nOi° cos (wit+¢i) (36)
z = i Ai=cosiwit+¢i) (37)

If each of the waves can be separated in frequency thenthe
different frequencies can be treated separately. 1In the

next chapter methods of doing this will be discussed.

A combination of coherent and incoherent interference may

also occur.
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FREQUENCY ANALYSIS

Frequency domain representation of the signals have several
advantages to our signal processing tasks; separating signal-
components with different frguencies, obtain better signal/

noise ratio, extracting information. To get this represent-

Lo}

ation the signals have to be transformed from the time domain

as illuatrated in figure 4,

]
Time ;
Input m_fﬂilmm domein Gif) s Output
Frequency
___domain

Figure 4 Transformation

In the following two methods will be described as how to

.

obtain a freguency transformation. The main di

el g

fferences in

the two methods are that ¢ne uses digital signals and an
algorithm called the Fast Fourier Transform (FFT), while the
other uses analog signals, discrete in time, and an algorithm
called Chirp Z Transform (CZT). A common feature of both
methods is that they make use of the discrete Fourier Transform

(DFT). The DFT of a sequence {f(rd} is given by:

F(k) = L £(n)-e k = 0,1,+++, N-1 (38}

e

The set of N complex numbers, {%(kQ" is called the discrecte

Fourier transform of the input

wn

equence. The DFT is very
similar to the Fourier integral and Fourier series. Sone

properties of the DFT are:

— The analysed frequency band in a normal situation extends
from zero to the Nyquist freguencv {cne-half of the

sample ifrequency).

~ The input seguence is in general complex.
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~ The resoluticn in freguency is approximately 1/N
of the sample frequency.

- When the input sequence is real the output sequence
will contain redundancy.

- The numbers in the transformed seguence are in

general larger than the numbers in the input sequence.

The FFT - procCessor

The computation of the DFT can be done by using an algorithm
generally known as the Fast Fourier Transform (FFT) .

The main property of FFT is that the number of computations
is drastically reduced compared to a straight forward use

of the DFT.

Although the FFT consists of a whole class of algorithms
only the algorithm called "Radix 2 decimation-in-time"
will be taken into consideration. The algorithm for this

is:
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= : nk;
Pk = Xl(L) -+ Jn Xz(k)
K N
Fk+§ = Xl(k) - WN°X2(k), k=0i1£...,z—1 (39)
WN = exp("jﬂﬁ)
N
-1
X, =%y X(2n) +Wy"
n=o0 3
§~l nk =
X2 =" X(2n+l)'ﬁu n=0;l;...,2—l
n=o0 = S
2
2
WS = WN
2

Figure 5 shows a flow graph pictorial representation ¢f an
8 point FFT. The algorithm is built up of an elementarv

configuration referred to as the butterfly.

B %\\\ Y. Ay
G gEgr(i\»&g

Butierfly

[

Figure 5 Flow graph
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The configuration of this is:

A B+keC

1
A, = B-keC (40)

This suggests that Aland Az should be computed together by
first forming the product k-C then adding and substracting

the result from B.

This must be done N/2 times to perform the whole transfor-
mation.

pint el

Several methods could be used to implement the FFT-
precessor. A relative simple method is to use a multiplier/
accumulator as the arithmetic unit. A suggestion as to

how this can be done is shown in figure 6.

In{fui Output
a2 '
o RAM , | Rowm J
" _":f“'““"_"'""’_'\,“-“‘[
[_X-REG. ] [ Y-Ree. | |
i J J,
!

| MULTIPLICATION _J

= |

| by od
i 28 !

| | R=REG. ] I

! fm e ,

|
LScc'i.iing !

Figure 6  FFT - processor
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The nmultiplier/accumulatcor work with digital numbers.
The wordlength can be either 8, 12 or 16 bits. For a 12
bit unit one multiplication and accumulation can be done
in 175 n sec with a TDC 10033 from TRW.

The input sequence of N numbers are read into the Random
Pccess Memcry (RAM). All the constants that are necessary

are stored in Read Only Memory (ROM)

How it would work (ref to eq 40):

Tl : Fetch C and constant k to x- and y-reg.

T2 : Perform multiplication and store result in R-regq.
Fetch B and constant "1" to x- and y-red.

T, ¢ Perform multiplication and add result to content of
R-reg.

T, ¢ Transfer content of R-reg. to memory. Perform same
multiplication and substract content of R-reg from
result,

T5 . Perform same multiplication and substract content of

R-reg from result.

T6 : Transfer content of R~reg. to memory.

Six steps are necessary to perform a butterfly with real

data. With complex data more steps are needed.

A scaling is indicated in figure 6. This is usually necessary
to prevent overflow due to the fact that the DFT-seguence

in general is larger than the input segquence.

The control unit which is necessary will not be discussed,
but the main property of this would be to handle the daia
flow and control the multiplier/accumulator as efficiently

as possible without becomming to complex.

RESTRICIED
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The CaT-proecessor

A rearranging of eg 38 can be done by replacing the factor

2nk with the equivalent:

2

Sk = poiR? = [hen)®

Egq 38 then bhecomes:

N-1 T é T (k- n} sz
F(k) = L [£(n) exp(sj-5) ~exp(J— e} Jrexp (F i) (M)

N
n=o

There are three operations indicated by eq 41:

1 Multiply each corresponding term of the input d:qcrote—

time series, f£(n), by the complex factor, exp(- y ygm),

and obtain a new seJguence,
2 Perform a discrete ConvoluLion between this new seguence

0(3W@329 )

3 Multiply the resulting output sequence by the final factor

and the seguence

ey'(—;ﬂﬁﬂ)‘

"9 j N

A gystem based on the akove relationships is designated by
the term Chirp Z Transform (CZT). A complete DFT based on

the CZT algorithm is shown in block form in figure 7.

The CZT algorithm alone has no special advantage cver other
FFT metliods for digital implementation, but a Charged
Coupled Device unit (CCD) which performs the convolution
part of the CZT has made it attractive to use. The CCD
contain four 512-tap split-electrode transversal filters,

with two sine chirps and two cosine chirps.

A DFT-processor that use the CCD can be made as figure 8

shows in blockiform.
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N
Cos N
}’ |

2
Cosjzgl—
. Tmé
Sin i
2

Tm

Sin N
Jrm”

Co N

Figure 7 C%T based DF

Some simplification is done compared to figure 7. When

the input is purely real two of the input multipliers may

be deleted. In addition it is shown how the magnitude of

the power spectrum may be obtained without having to multiply

2
LTk

t utput seguence the fact
he output sequence by the factor exp(—wa~).
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2
N
Cos N

e
. TN
4 e
SnN

Figure § CZT-processor
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This is due to the fact that the factor will only effect the

phase of the freguency spectrum and not the amplitude.

Freguency 7Zoom

As described earlier, when using DFT the analycsed fregquency
band in a normal situation extends from zero to the Nyquist
frequency with a resolution of approximately 1/N of the
sample frequency. The signals from the DF-systems to be
analysed have a narrow bandwidth around 62kHiz (with center
frequency of 62kHz). Since there are no frequency components
outside this band it is not necessary to analyse the freguency

band from zero, which would give a bad resolution.

A methoed will now be described as how to use the DFT and

analyse the desired frequency band.

If one has a signal, x(t), with a frequency band as shown
in figure ¢ this can be sampled with a ‘samplings functicn
of the form:

s(t) = £ § (£-nT ) (42)
n

=—I2

The sampled signal will be:

X; (£) = X(t) - S(t)

—
s
L

—

he frequency spectrum of the samplingsfunction 160

2m
S{jw) = T, F 5(w~kmo) (44)
k==—co
and this is shown in figure 10. The frequency spectrum

of the sampled signal can then be evaluated and becomes:

X, (jo) = 1y X (je-jke ) (45)
] . o
(e

RESTRICIED
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This function is periodic with repeatings in a multiple
of the sampling frequency, @ See figure 1l1l. The
figure also shows why the sampling frequency has to be
at least twice as high as the highest frequency in the
signal, X(jo), to avoid aliasing. The sampled signal
can be used to calculate the DFT of the original sig-
nal, x{t). The calculated band will be from.-@b{ t.o
moé{symmetric about zerg , as shown in figure l2. Be-
cause of the symmetry the cnly band of interest is from

zero to w_/2.
o

=~
P

Figure 9 Preguency spectrum

IS (jw)
i
A P A~
| - i ';-,]’
“'2(.,00 mwo 0 We Z(AJC,

Figure 10 gsamlingsfunction
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[xg.(/_j‘w)[
N /\ /\/\
-Zwo -_”wo 0 Wo 2w, -

Figure 11 Erequency spectrum of sanpled signal

W

- S, G. Lo,
2 2

Figure 12 Analvsed fregquency band

l‘f‘(j w}l
N

/I J( . . . N } /(}*_M_JIX______,_.____{;;;

Ea {U-Jg*!' Lﬁ)s)

Ficies 13 prequency spectrum of y(t)
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Fiqure 14 The frequency spectrum of y(t) after sgampling

If there is a signal y(t) instead of x(t) with the fre-

quency spectrum:

4 = -".,‘—' : €05 4
Y (jo) X(jo jmk), o new (46)
this will result in a spectrum as shown in figure 13.

If this signal is sampled with the function in eq 42 the

sampled signal becomes:

Y, (o) =i %  Y(e-ike) (47)
T  k=-
@)
Y. (Jw) = 2 ? X(jw=-Jjw, =-ikw )= - ? X (Jwsi (ntk)w ) (48)
AL A S A o
0 k=-w 0 k=—e=
l oo
Yl(jw) = 7 X(jw—jm-wo) where m=n+k (49)
T m=-co
o

Eq 49 is equal to 45. The spectrum of Yl(ju) is shown
in figure 14. Since the signals x(t) and y(t) give an
equal sampled signal under the given conditions the DFT

of the, two signals can not be distinqguished. The DFT of
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y(t) will therefore be equal to the DFT of x(t).

The effect of the method (Freguency Zoom) is to meove the
frequency band, from some center frequency, down to a

pand around Zero, and do a transform on this low frequency
signal, just by reducing the sampling frequency. There
must be no signals outside the band that is to be ana-

lysed. This would create aliasing-

The way to use the method is to sample the signal with

a frequency that is: . = mk/n, where n is a positiv
integer and O is the frequency at one end of the original
band to be analysed. @) can either be the lower limit,

( ; 3 . 8 >
as show in figure 13, or the upper limit. wo~2-w8.
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DIRECTICN EXTRACTING

From the DF-system three cignals can be extracted. These
signals can be used to calculate the direction of an
incoming electro-magnetic wave. The necessary features
of the system which shall calculate the direction can

be summarized as:

- Fetch the three signals from the DI'-systom.

- Transform these signals into the frequency domain.

- Extract the information from the freguency representation.

- Calculate the direction of an incoming wave.

Simulating
In order to investigate the function of a system as
mentioned above, simulations were done. Two different

types of signals were used in the simulations:

1 Self generated signals.

2 Tape-rccorded signals from a DF-system.

All the frequency transformation and information extracting
was done by using a 5420 HP-frequency analyser. The
parameters of interest were the amplitudes of the three
signals (Ax, K AZ) and the phase-differences between

¥
the z-signal and the two others {OXMOZ, “OZ).

@
X
Calculations were done on a NORD-1l0 computer.

Self generated signals

A special circuity was built to generate the necessary
cignals to simulated a wave with one reflection. All
the parameters could be set scparately for the three
channels so that the directions of the direct and re-
flected wave were known. A block scheme cof the circuity

in shown in fig 15.

RESTRI CTED
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o
o

sin{—}:L

al with reflection.

Figure 15 Circuit for generating sign

The equations for the outputs are:

x:A'cosOlcoswt+B'cose ?'cos(wt+¢)+n1{t) (50)
y=A'sin61coswt+B'sine 2'cos(wt+¢)+n2(t) (51)
z=A'coswt+B‘cos(wt+¢)+n3t (52)

nl[t), n2(t) and n. (t) indicate noise which could be

3
added to each of the three channels so that the signal/

noise ratio could be varizd.

The frequency of the signals was chosen to be 10kHz.
By use of the HP-analyser the parameters of interest
were extracted from the signals. The analyser could

also be used tc do averaging.
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Measurements were done with three different settings
which are shown in table L. The direction,; o, of the
ellipse is also included. The measurements are shown
in table 2 and 3. From the measurements the direction,
81,
o and T, where T is the ratio between the axis. The

is calculated together with the ellipse-parameters,

equations for calculating 81, ¢ and T is described
in 2.1. The measurements in table 3 were done with
much noise which means a signal/noise ratio of about
2dB. Measurements were alsc done with less noise

which gave similar results.

Since all the signals were stable the results should
be independent of time, but measurements showed that
there were introduced some errors in the frequency
transformation, which gave a certain variation on the
results of the same signals from time to time. 1In
spite of this the results show that the estimation of
the ellipse's direction is very good, with little
variation, even when much noise were added. The
direction, 81 is also good, with a little more
variation, but this is due to the fact that in the
calculation of Gl the z-signal is also used, and this

introduces more error sources.
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Setting A cos Gl sin ﬂl B.“cos-;; si;“ggﬁhﬁ;_Whi;m_"'
1 3 {0,87 |0,5 110,17 lo,98 60° | 38,1°
2 3 0,8?—_ 0,5 0lo0,17 1!0,98 _1600 29,9°
3 5 |0,87 0,5 10,71 0,17 -30° | 32,2°
Table 1 Settings
Measure-results \\\Sélculations
Setting GX- OZ ey— 62 AX Ay AZ el 0] L
1 9,9° |-9,8°| 949 | 745 |1251,9(29,3°(37,7%|0,17
2 -0,5° |-0,5° [L012.8].569 [1150,8 29,#5 29,3%]0,0
3 i 0,9° 1-2,4° l1868,1/118852193,8130,5°|32,5% 0,03
Table 2 Signals without noise.
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Jaasure—-results Calculations E
—— e s e i A e e e, el T, R e s < e ey PRSI | e i ...}
Number of ;
Setting javerages |6 _-0 g -0 A A A 0 3] LA
X Z v X Yy z U :
' —_
1 11,2° i-15,4°| 999,4| 836,6]1327,7!24,0°]39,4%]0,23 |
T
1 5 5.6° | -9,8% ©38,7| 773.6{12786.8] 28,07 (39,270, 17 |
10 11,2° | -9,0°| 930,8| 758,3}1259,8|30,2°}38,8° 10,17 !
i 5,6° 5,7°11133,9| 644,6{1158 |29,5°|29,6%[0,00 |
2 5 -0,8° | -2,0°{1012,4{ 566,9[1072,2{27,1°{29,3%10,01 |
]
10 1,6° | -2,6°| 999,5]| 550,-|1103,83%,2°}28,8%{0,02 |
1 -5,2° | -2,3°|1805,8 |1200 |2301,3(30,0°{31,3° 0,02
3 5 ~1,0° | =2,6%|1870,9 {1178,2|2127,1 {31,0° 32,2010,01‘
10 =1;7° —5,4Oi1866,8 1175,7 12116,0130,7°132,2%}0,03
Table 3. Signals with much noise

RESTRICTTD



32 - RESTRICTED

Tape-recorded signals

From a DF-system som signals were recorded using an

instrumental tape-recorder.

The signals had a freguency about 62 kHz. The HP-frequency
analyser that was used had only a frequency range up to

25 kHz. It was therefore necessary to convert the signals
in freguency. This was done by reducing the speed of the
tape-recorder to the fouth, which meant that the frequency
of the signals was reduced from about 62 kHz to about
15,5kHz. An other problem was that only one channel

could be freguency transformed at a time. The signals
were not stable so means had to be taken to ensure that
corresponding data from the signals were taken from the
same starting points on the tape. This was done by using
one track for sync pulses. Some of the results ore shown
in table 4,5 and 6. FEach table give a number of measure-

ments of the same signal.

The reduction in speed of the tape-recorder seemed to
influence the phase of the signals. The frequency trans-
formation also introduced errors as with the simulation
with self generated signals. Some of the variations in the
calculated values have come from the variations in the

signals.

The results are therefore connected with some uncertainty.
With this in mind the calculated values of ¢ are very near
what was expected comparcd to the displayed directions

on the DF-system's CRT. The correct directions of the
incoming wave were not known, only the ellipses’
directions could be seen on the CRT. The values of %

can therefore not be verified.
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Calculations

BX—OZ Oy—Oz AX Ay AZ 81 o 2l

77,9° | -39,2%|78,9 | 538 675,2 193,6° 193,9° 10,13
79,0° |-44,9°(76,5 | 529,5 | 668,5 |93,8° |94,7° 0,12d_§
105,9° | -35° |79,1 |573,7 m;14,8 56,2° ;;,20 0,08
81,0° |-46,9°173,2 |499,7|633,9 |94,2° |o95,2° 0,11f—
117,6° |-51° |75 499,6 | 640,6 | 98° 98,4% 10,03
121,1° [-33° le4 |440,9 |565,3 |97,8° |97,5° |0,06
136,2° (-42,7°|75,8 | 512 656,4 |98,4° |98,4° 0,003
117,9% -45,8°]69,9 | 531,4 | 667,6 9él9° 97,2° {0,04
85,9° 1-47,1°176,6 | 511,4 |647,3 |94,9° |95,9° f0,11 |
111,0° |-32,8°|76.1 | 498,2 | 614,9 {97,3° |97,1° |0,09 )
—;able 4
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Measure-results Calculations
0,70, | 0,70, | A, | B, | A, N o T *
-79,2°| 105,2°|15,8 | 32,5 | 30,2 =65,8% |-64,1° | 0,03
-66,8°] 98,2°]20,2 44,7 ! 36,7 -59,6° | -66,2° 10,10
=87, 2% wm#.3% 929 253,71 13,7 —62,35 -_:61,50 !or01
s [

-64° 98,4°{39,1 | 69,6 | 64,2 -53,4° |-61,3° 10,13
-82,4°] 100° 25,%--;;,1 31,9 -62,4° | ~-60,9° 10,02
-40,3%] 97,2° [39,1168,6 | 47,7 ~-38,1° -64,4° | 0,32
-19,6° | 96,5° ;gls 49,8 | 33,3 -28,9° —:?1,39 0,48
-65,5° _8;Tw; 16,9 ‘;8;4 2;,9 —:;2,40 "_60'90 0,22
-32,2°(104,9° |36 62,9 | 49,8 -43,4° |-64,4° 0,32_
Table 5 —
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68,1 Bof, | By | By | A 8y o I E
-153,3° | -33,2° —;5,; 116,1 Z;l,g_ 93, 7% | 53,97 0}, 12 B
~136,8° | -30,9° | 12,3 125,8/119,5 | 93,6° 91,5° o,g; |
~135,6° | -43,3° | 17,8 132,3/172,1 | 90,8° 90,30. g;13
w193 5% | -44,5° | 179 mﬂ;3,7 149:;"_ 95,9° 97° 0,15
~TB 19" ~46,5;ﬂw-13,4 111 |123,2 | 94,8° 93° 0,11 |
~149,3° | =30° 18,1 | 96,51 147 91,3° 95,4° 0,16
| [ o —
_155,5° | -35,5° | 17,1 | 142,9/156,7 | 94,4° 93,5° 0,10 |
—:;25,50 _:34,20 21,1 ! 136,31 193,5 | 88,3° 90,2° | 0.15 .“j
~169,9° Q41,2° 18,3 | 105,3} 158,7 | 95,2° 96,3° 0,13
mf;;;t;;“nrj;go 14,1 | 108,9] 133,12 95,60 89,6° 0,13
ﬂi75,8° -41,3° | 15,7 {151 |153,6 |86,3° 85,1° 0,06
Table
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4.2 Systems design

j— Reix N [y
SignﬁlS 9.......%....__._...-."-:3-_. F(X ) —_1 f>::? D) e ' | : i
- WL E 2 R0 . 3 REFLEE:
o oo 8 ———— Micro - e 2T
from ———— Raly) Y computery
- 4
. Q__}L_M:-j Fly) [mly) o MUX __nxrj I
A i L{iﬁi_ Og%pgt
P —— o ™
fo e ey Fd
system,e_é____ﬁ—;?(z) Iml(z) .
_imiz) |

Figure 16 DF-extr

P -extractor

Fig 16 shows a system to estimate the directions of
signals from a DF-system. The three signals are fetched
from the DF-system. Usinga CZT~processor for each
channel, the three signals are transformed into the
frequency domain. The outputs are multiplexed,
digitalized and fed into a micrccomputer. In the

computer the information from the frequency representation

is extracted and the direction(s) are calculated,.

The bandwidth of the signals from the DF-system is
approximately 450 Hz (-3dB). When sampling the signal
one must assume some larger bandwidth to be sure there
is no signal outside the frequency band. The minimum
sampling frequency of the C4T-processor is 4 kHz, which
will cover a bandwidth of 2 kHz. This ought to be
sufficient. With a bandwidth of 2 kHz divided between
256 frequency points, this will give a resolution of
approximately 8 Hz. The output signal will consist

-

of a real and imaginary part.
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The A/D-converter will either have 8 bits or 12 bits
resolution. The speed requirement is determined by
the speed of the CzZT-processor and the microcomputer.
The speced of the processor is 4 kHz, which means a
requency component each 250 psec. In 250 usec six
data have to be digitalized, which give 42 usec

pr data. In addition there is the time to fetch the

"data. It is estimated that the A/D-converter must have

a conversion time of approximately 20 psec with 12 bits

resolution. A little slower with 8 bits resolution.

The microcomputer will be built with a 6800 micro-

processor as the CPU.

Direction finding considerations

It has been shown how a system can be built that will
calculate a direction or directions from signals from
a DF-system. For a strong and continous signal the

calculations will be straight forward and the result

will be good.

Experience show that the received signals often are

influenced by several factors:

- Bad signal/noise ratio

- Discontinuity in the incoming waves

- Variations in the signals parameters
These factors will mean that the calculated result wil
differ from calculation to calculation on the came signals

and means must be taken to reduce their influence.

Several noise sources are present in the system. Noise
will come in on the antenna system from the surroundings.
This can be regarded as egually distributed from all
directions and white, which means that it is equally
distributed in freguency. Noise will aiso be generated
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in the DF-system, distribuced in frequency. A frequency
representation will give a spectrum with noise over the
whole frequency range while an incoming wave will be
concentrated to a narrow band, and it is therefore
easier to select out the seeked information and gaining

a better signal/noise ratio.

Several kinds of signals are discontinuously, for instance
morse and telegraphy. To find the direction of such a
signal one must fetch information while the signal is on.
In addition such signals will influence the AGC of the

receiver.

A variation of the signals parameters might occur. For

a wave with a reflection this will give an ellipse which
vary in magnitude and direction. A method to reduce the
influence of these error sources is to take a number of

measurements, select acceptakhle data and calculate . the

direction for each of the datasets. From all those

results a mean-value is calculated.

Time considerations

The time it takes to fetch one set of data is:

3 * 512 = 0,128 sec

When a number of data is to be used to calculate an
average, the time for each dataset will be added to

the total. For instance it will take 1,28 sec to fetch
10 datasets. In addition there is the dataselection and
direction calculation, which might take at least 1 sec,

but this is still to be investigated.
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System operation
A whole DF~gstation will mainly consist of a DF-system,

a direction extractor and a NORD-10 computecr. The DF
station will be remote controlled from a control station.
The communication between the DF station and the ccntrol
station will take place over a datanetwork to which the
NORD-10 is connected. Fig 17 illustrates a total system-

configuration.

o _ _ _ DbFestation _ _ _ _ _ _Control-station
: 1 T — 1 T
| 1] !
Iy ~, \i
D b H i s TR i I =
F- y _|Direction- NORD =~ e NORD= |__siRemote
system [~ —Plextrector [ 10 <1410 © “leontrol
|z )
J < [
bovspeenead  lewsgeeced oo ey o —

Fig 17 Remote control of a DF-station

Description of how it would function:

First the freguency range has to set on the DIFF-system.

n

This is done from the remote control. Two 75 Hz channel
are then opened between the DF station and the control
station, one in each direction. Over one channel the
operator in the control station is able to listen to

what the DF station is tuned to. Two possibilities
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might then be available; automatic tuning of the direction
finder or manually by the operator in order to obtain the
best possible conditions. The manually tuning can be
done over the other 75 Hz channel. When the tuning is
done a commando "calculate +the azimuth" is given, and
when the DI station receives this commandc it starts
execution. The azimuth is calculated together with data
about the goodness of the direction finding. The results
are automatically transmitted back to the operator. If
several azimuths are found the operator must be informed
about this and be able to fetch them all. If the DF
station fails to find any an errcr-message should be

sent.
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CONCLUSLON
The theory show that a transformaticn of the signals
to the frequency domain represent several advantages

to our system:

- Separating signals with different freguencies

~ Finding the signals amplitude and phase

Obtain better signal/noise ratio

The signals are narrow-banded about 62 kHz. A simple
method has been shown as how to obtain freguency zoon
on that band just by a reduced sampling-rate. A CZT-

processor is to be used to do the frequency transformation.

Simulation show that the principle of the system is very
promising, but this remains to verifiy when a whole systucm

has been built.

Two types cf interference was discussed; ccherent and
incoherent. With the frequency representation the
incoherent interference was no problem. For coherent

interference two methods was used to estimate the direction:

- Using the ellipse's direction as the estimate
- Calculating the direction by using all information

from the three channels

The first method is easiest to calculate and control.
If the reflections are small the estimate will be good.
The second method use both amplitude and phase of the
third channel (z-signal). There is scme uncertainty
of this channel relative to the two others. In addition
one must assume that there is only one reflection.
The method is more difficult to control. For a start
it is natural to select the first method, and this will
be done.
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