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A NEW APPROACH TO EFFECTIVE DIGITAL FILTER DESIGN
By P. H. DUNCAN
Summary!_ -In this paper the effect of modifying digital filter weights
derived on a least squares error basis through multiplication by certain
It is shown that this approach a
weighting functions is investigated.
mounts to adopting frequency resolution as a filter performance crite-

rion， in a口lanner analogous to resolution in spectral estimates along
"
_
the lines of Blackman a;d Tukey. 2 Weight formulation using the meth
od is very simple，

and working transfer functions are easily estimated

without computation.

Simple，

effective designs are presented for low，

high and band-pass (or band-stop) filters of the "cosine" or in-phase

type， for cosine "low low-pass" and "sa口lpling" filters， and for "sine'"

or quadrature "sampling" filters， as well as differentiators.
Introduction!_

- The operation of a linear filter on continuous data in

the time domain is given by the convolution of the unfiltered time func

tion f(t) by the filter impulse response h(t); that 峙， the filtered function
g(t) is given by:
。e

f

主(1) =

h

(的f(1刊)dx

The least squares)� digital filter is the sa口lpled data equivalent of this
integral with finite (equal) time limits.

!2，(t) =

f

This integral may be written.

。(1)

0川

=

1;

1I1 � T

= 0; 111> T

-00

Where T is a constant.
The tqmsfer function of the resulting filter is a convolution of the
"desired"lilter H(f) (the Fourier transform of h(t) ) by the_ Fourier
transform of D(t).

， has
The trans(orm of D(t)， of the sin x/x type
'
For sampled data， D(t) is eplaced by

large recurrent i'side lobes. ，，2

;

a finite sequence of delta functions or "spikes，" a nd the nonperiodic
sin x/x type frequency '''window'' is replaced by a periodic window of
the type sin mx/sin x (where m is a constant).

Unfortunately，

large recurrent side lobes persist in the periodic window.

the

Therefore，

postulating a fHter H(f) with sharp cutoff results in a digital fi1ter with
large oscillations about the desired filter throughout the frequency

range of interest.

To reduce these oscillations， other investigators

By contrast， the
approach adopted here consists of multiplying the "time gate" D(t) by

have proposed filters with less than sharp cutoff.
certain weighting functions

φI (1).0 (1)

然(1)

chosen so that the transform

of

， or the "modified frequency window" has greatly reduced

K The sampled data equivalent of this oper ation prOvide s a transfer

function which conforms best to the proposed transíer function (i. e. ，

the inverse transform of h(t) ) in the least squares sense over the
frequency range

Ifl三九月

where

f. is sampling rate.

1 and the appendix to this paper. )

(See reference

Mr. Duncon is with the DOU91os Aircroft Compony， Missiles ond Spoce Systems Division， Sonto Monico. Colif.

This approach is exactly ana1ogous to the shaping of spec

side 1obes.

tra1 wiI'!.dows in spectra1 estimates a10ng the 1ines of B1ackman
Tukey.ι

and

The purpose of this paper is to eva1uate the efficacy of this approach
A discussion of the app1ication of digita1 filters

to digita1 filter design.

to smoothing， frequency ana1ysis， �tc� ， has been omitted since such in_
The paper is divided int。
formation �áy be found e1se�her�.3， 4; 5
In the first part， re1evant background materia1 is col1ected

five parts.

for convenience.

The next section contains a discussion of the effects

of weight functions upon practica1 digita1 filter transfer functions.
This section， emphasizing the analogy between continuous and discrete
1inear filters， contains the basic theory of the approach.

In the practi

ca1， step-by-step design discussion of part three， two �eight functions
se1ected fro口1 those considered by B1ackman and Tukeyl: are used to
provide designs for all of the common1y used "centra1" digital filter s.
Many transfer function plots are presented in this section.

Filter de-

signs are evaluated in terms of stop band rejection， pass band fidelity，
and width of transition between pass and stop bands.

Part four is de

voted to a discussion of an alternative method for choosing weight func
The fina1 section contains a very brief discussion of the appli
cation of the approach to filter designs not considered here.

tions.

l.

Digital Filter Definition� -Performing the operation of digita1

filtering on a set of equi-spaced data samples is to produce a filtered

output samp1e 1(1，

+

m61) at time 1， + m61 (where 61 is the time between

samp1es， and m is any specified constant) given by:
H2

2:

1(1， + m6 1) =

k
Where

f(I，

+

k61)

=

(1 )

B，. f川的

N，

is an unfiltered data samp1e at time

and H] are specified integer s，

1，仆訓

，

M，

and the B，. are the digita1 filter "weights."
To filter a set of data sa訂lp1es， t， is increased， for each consecu

tive fi1tered samp1e， by

61.

The scope of this paper will be limited to "centra1" fi1ters，

filters for which H]

=

i. e.，

-N， = N and the filter output app1ies to the time of

the centra1 weight (k=O).

Hence m=O and equation (1) becomes:
"
--、
‘

) B，. f (1，

10 (t，) =
k

=

+

k 61)

-H

It may be shown， by adopting the delta function approach to samp1ed
data ana1ysis，

the samp1es of

tion"

Ho (1)

•

that the periodic frequency functions corresponding to
10 (1) and f(t) are re1ated by a periodic "transfer func

This re1ationship is:

Go (1)
where

Ho (1)

•

F (1)

Go (1) and F(r) are the frequency functions corresponding to the
go(l) and f(t)， respective1y， and r is norma1ize失frequency

samp1es of
1 = f/f.

=

j where 九= 1161 is sampling rate.

.)
It is easi1y shown
that the

transfer function
H，，(r) ， in genera1 a complex function of the real vari
ab1e r， is given by:

(la)

•
R
•
W
，
• 筍
..
亂叫“H
一
寸心ιun
N
nυ
un

(2)

1.1 ldeal Digital Filter: -An ideal digital filter is a filter whose
transfer function is exactly a specified one for 1I1三.5. Depending upon
the choice of desired transfer function， such a filter can require an in
finite number of weights， so that the filtering operation becomes:

UH

•
m
•
w
，
• 舟
..
•
隧B
曲
YA一
"
-MR

The transfer function of which is:

AU
tuR
+

ιumn

此 曲
寸心 一


nu。

。。

(3)

In this paper. H(r) (or H(f) ) will be defined as a nonper iodic
function which， although represented by equation (3) in the interval
This is
-. 5 to . 5 (or -九12 to Is/2)， vanishes outside this interval.
not the desired digital filter transfer function which must be periodic，
but rather the ideal transfer function definitìon restricted to 1I1 �.5.
The right hand side of equation (3) is just the complex.Fourier series
expansion of H(r) in the interval -.5 to . 5 . Therefore if H(r) satisfies
the Dirichlet conditions， equation (3) is satisfied with the Bs. given by:

BK=

f

J

M咐'd 1

(4)

The digital filter design problem is that of approximating a desired
transfer function with a finite set of weights. If the weights Bk of equa
tions (la) and (2) are obtained from equation (4) where H(r) is the 缸，
sired transfer function， then Ho (1) is， for the given N， �he best approximation to H(r) on 1I1三.5 in the least squares sense.1 However，
as noted in the introduction， "best" conformity in the least squares
sense can leave much to be desired.
1.2 Superposition For Digital Filter�. -From equation (2)， the filter
with weights:
Bk

= Blk + B2k + . • . +丸k + . . . + Bpk

has the transfer function:
H 0 (1) = Hl (1) + H 2 (r) +﹒.. +刊的(1) +﹒.

• + Hp (1)

Hn (r) is the transfer function of the filter with weights 8n".
where
This principle， a special case of the superposition theorem， will be
referred to as the "superposition principle for digital filters. "

"Complement" Filters._

-Suppose the weights Bk provide a low

AU
+
nu
u肉
寸土
"

l. 3

pass effect.

Then the operati on :

，

provides a high - pass effect. 5

Similarly

to provide a band-pass effect，

this operation woulçi provide a band-stop

filter.

For this reason，

if the weights

Bk were chosen

this report will be limited to a discussion of

low and band-pass filters only.
Z.

The Effect of A Weight Function.

-The purpose of this section

is to evaluate the effect of the introduction of certain weig hting func

tions φIk

into equation (la).

The new filtering operation becomes:

叫11) =三ω(11
(4).

To study the effects of weight functions

，

C1k =φIk Bk

The corresponding comple

AU

口ìent filter is:

kAT);

PU
MH
一
寸心
N

where the Bk are defined by equation

+

(lb)

閉

it is expedient to redefine cer

tain of the preceding equations using the Dirac delta function approach

The unfiltered sampled data becomes in this

A

8
個
咱
寸土
-

to samFled data analysis.
approach:

(5)

The following formulation of the Four ier tr ansform will be used in the
ensuing discussion:

F們J
f

吋

f(t)e叫，

F川內f

To s:.mplify some of the expressions to follow， the symbol * will be
used to denote convolution，

A

(z�

i. e. ，

*

B (z)

。。
f

A川

1n much of the following materi訓，

frequency functions are expressed

in terms of the normalized frequency variable r.

These functions are
easily obtailled from frequency functions expressed in terms of f by

the simple substitution

f rf. ﹒
1n the appendix to this paper， it is shown that the digital filtering

operation defined by equation (la) is equivalent to performing a con
volution of the sampled data defined in equation

(5)

by the finite sum

of delta functions:

h川三件q 1)
L\

(6)

where h(t) is the impulse response (Fourier transform) of the proposed
(nonperiodic) transfer function H(r).
That is:

&0叫:別1 -…刊的 矛[1

-川

The effect of the digital filter of equation (la) in the frequency do
main is therefore a multiplication of the familiar periodic sampled data
frequency spectrum corresponding to the time function of expression

(5)

by the Fourier transform of the time fundion of expression

The Fourier transform of equation
fili;er transfer function

Ho (1).

(6)

(6).

is therefore the periodic digital

The result of this multiplication is the

periodic sampled data spectrum corresponding to the filtered samples，
i. e.， corresponding to the time function of equation (7).
If the peri﹒
odic spectrum of the unfiltered samples contains aliased frequency
components，

these components will be rejected if they appear in the

stop band of the digital filter and，

of cour棍， retained in the spectrum

of the filtered sa口lples if they appear in the digital filter pass band.
Now expression

(6)

is the product of h(t) and a finite sum of delta

functions with constant coefficients ð!. - The Fourier transform of
expression

(6)，

or the digital filter transfer function， is therefore a

convolution of the transform of h(t) by the periodic transform
of the finite sum of delta functions.

That is:

Ho (1) - H (1)勞Qo(f)

a
eN

℃/缸
A

N

Au

。。

eO
M間
YL
a
FJ
J
nuy

where:

"

Qo (1)

，

Qo (1)

that is

Qo (1)

defined for the normalized fr equency var iable r，

is readily found to be:

Qo (1)
Qo (1)

=

Qo (n:t 1)

1)作『
+
1..sinITI

sin (2N
=

where n is any integer， positive，

恥的is shown in Figure 1.

negative，

A

or zero.

Visuali�ing convolution as a weighted
integration with a moving weight function， L it is easily seen that the con

plot of

volution of H(f) by

Q.

(1)

for H(f) of the sharp cutoff type produces

Ho (1)

with large oscillations; hence the necessi句， in the least squares ap-

proach， for postulating less than sharp H(f).

In the Blackman énld Tukey approach to power spectral work， the

large recurrent "side lobes" of

Q. (1)
of the width of the "major lobe， " by :
1.

are attenuated， at the expense

Modifying the "finite Dirac co缸中" to pr ovide half size

delta functions at the ends， i. e.，

的i門也+ 2>�川心hE主QJ
The transfor口ì of this "modified Dirac comb" is，

in

terms of the normalized frequency våriable r:

Q� (1) =
2.

-Cos IT 1 sin 21T NI
1. sin ITI

Further modifying this "Dirac comb" by multiplication.

by certain weighting functions，
by

"" (1)

which we shall designate

•

Digital filtering then becomes a convolution of the sampled data
by:

州州!只且也+ 三δ川的) +失控1-]
The corresponding periodic digital filter transfer function Hi

(1)

is therefore:

Hi
Where

FI (')

(1) = QI (1)

*

H (1)

is the transform of

Qi (1) = FI (1)

*

Qo (1)

(8 )

</> 1(1) .

Two particularly simple weight functions will be used in the design

examples to follow.

Arbitrarily letting i=l and

2

for these functions，

we have:

州的= .54 +川s

1
(于 )

(The use of this function in power spectral work is called "Hamming.

"2)

φ2小的+川s

( fh t 卜

。8ωs

( j于i 1 )

(This function was proposed by R. B. Blackman.2)
The corresponding frequency functions are:

= .54δ(1)+ .23 [8(1 - 1./2N)
F2 (1) = .42 Ô (1) + .251 ô[ - 1.I2(N
F1

(1)

8(1 + 1.I2N))

+

1

+

1)) +δ[1 + 1.12 (N + I)JI
+ .04 1M 1 - I./(N+ 1)) +δ[I.+ I./(N+ 1)]1

From equation (8)， using the shifting theorem2 for convolution by
delta functions':' (after redefining in terms of r):

Ql (r)

= .54 Q 0 (r)+ .23 [Q ó (r -1/2 N ) + Q ó (r + 1/2 N))
Q2 (r) = .42 Q (r)+ .251 Q [r -112 (N + 1)) + Q [r 1/2 (N .+1) 11
0

0

0

�

+ .041 Qo(r -1/(N+ 1)) + Qo[r+ 1/(N + 1))1
Plots of these functions are given in Figures 2 and 3.
The db plots
for various real f(r) of this paper were obtained from the equation
; negative excursions of f(r) are not specially noted.
The particular weight functions rPl (1) and 向(1) were chosen for the

20 LOll0 1I (r)1

design exa口lples of the next section because they are si口lple and easily
computed， they provide effective designs， and they represent the contrasting requirements of: (a) narrow "main lobe"乙with fairly small
"side lobes 刊， and (b) wider "main lobe" with extremely small "side
lobes."
The weighting functions for díscrete data， i.e.， the φí. of equa
tion (lb)， are related to the continuous weight functions φ'的 by:

φ11. =φi (-kÓI) ; Ikl < N
and，

accountíng for the half síze delta functions at the ends:

φ 11. =φI ( -kÓI)12 ; Ikl

=N

""HH
=
J、
l
iwn1
a-n
|
、、‘'，'，
州
一
"
，，s1、
'、e
au
'EM
FhH.
a.-v
+
aaaaau
Ed
2
&-R=
T
AV

(The mínus sign is obtained by replacíng h (kÓI) by φi (kÓI). h (kÓI) in the
appendix; then BI< becomes CII< provided， of course， that H(r) ís de
fíned so as to produce this result.) The partícular weight functions
φ11< and rP2k become:

K

Since 向(1)= 0

for 1=士(N

+

1) 的 ， the Dirac "comb" ís defíned with the

end "spikes" at 1 = 士 (N + 1) ÓI ， whích vanish (i. e.， the integral of the
end spikes is zero) after multiplication by cþ，. (1) . Therefore， the
transform of the result is equivalent tb the transform of the product

of <Þ2(約 5 nd the Dirac comb before ;modificatión; hence
月
in equation (8) for i=2.
places Qo�(f)

恥的

re-

O2，，

=

.42

+

.
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Filter Design Using Weight Functions!. -Digital filter designs

3.

discussed here will be restricted to "cosine" (in-phase) and."sine"

(qúadraJ:u;:e) filter s. Since these types of filters are discussed else.. here， 3， 5 definitions are only bri�ily restated here for co口lp1eteness

�;

and continuity.
3.1

Cosine or In-Phase Filters._ -If the weights

做

of equations

(2) and (3) satisfy the condition:

B_"
then

Ho (r) (and H(r) ) are rea1
(9) we readi1y obtain:

numbers for any r.

俑，'‘
+
nu
nD

hu
un

Because of (10)，

(9)
From equations (2)

UR
n
-'，ι
-a
aU
FEw
--R
no
"寸心h

and

= s..

(9)

a filter satisfying

(10)

is ca11ed a cosine filter.

he:e， ��en if �he s.. s�tis�y eq�atio� (?).' Cjk.=
， is:
.
transfer function of which
is a1so a cosine fi1ter， the

φl←k)=φjk

叭(r)

Hj(r)
Hj (1)

=ν2

positive， and

((1) �

TT

Since
and

Hj (r)

2: 川S川

lHj(r)lexp[i((I))

may be written in the form

C1(_k)

for negative

Hj (1)

•

(11)

where

((r)=0

Since however，

for
we

are usually interested on1y in magnitude in the stop bands， where neg
ative excursions of

Hj

(1)

occur，

phase

shifts of

TT

radians are not

indicated in the illustrations.

From preceding considerations， the design problem for cosine

filters reduces to a study of the effects of the convolution of the rea1，

even (nonperiodic)日的by the re前，

even， periodic

examples be10w wil1 make this process clear.

Qj (1)

•

Specific

Designs are offered

for cosine 1ow-pass， band-pa 凹， "samp1ing" (or "minimum band-pass")，

and "1ow low-pass" filters.
3.2

Low-Pass Cosine Filters. -Consider the idea1 sharp cutoff

low-pass filter given by:
1 ;

1I1三a

話。，

III > a

H(I).

From equation

(4)

; 0<

a<

the unmodified weights are:

sin 2TTa
k
一
..一
..::.
.
TT '‘

Bo

= 2a

.5

Arbitrarily choosing the weight function 4>21.. for this first examp1e
and rewriting by use of the cosine doub1e ang1e formu1a， we obtain for
the modified weights C2k of equation (lb):
C川
To estimate the expected

H2 (r)

， we note from equation (8) that，

with i=2:
H 2 (1)

=

H (1)

*

Q2 (1)

with H(f) defined as above， for the variab1e f.
A graphical interpretation of convo1ution as a weighted integration
with a moving weight function， where Qi (1) is arbitrarily chosen as
the moving function， is given in the illustration be1ow. The estimaQ2 (1)
tion of H2 (1) in particu1ar is easily visualized this way， with QI (1)
It remains on1y to specify more precise1y the transition region width
and stop band rejection. Transition region width will be defined here
to be the normalized frequency difference between the - 1 db point and
the point on the transition curve where the attenuation equa1s the mini
口lU口1 stop band attenuation. Fr 0口1 Figure 4， the transition width is
about 1. 9(N.
Stop band attenuation， for this "first" design， is actua11y
computed using equation (11)，
The resulting transfer function is shown
in Figure 4 for a = .1 ; the downward cusps on this plot correspond to
(The remarks of section 3.1 re
the zeros of the transfer fWlction.
garding transfer function plots shou1d be recalled in studying this and
other figures of this paper.) Minimum stop band attenuation is not a
very sensitive function of N so long as the width of the major 10be of
Q2 (r) is 1ess than: (a) twice the proposed fi1ter band-width and (b)
=

twice the width of the stop band. Therefore， designs for other a
values 口lay be estimated using this mini口lU口1 stop band attenuation
figure(-75 db�
GRAPHICAL INTERPRETATlON OF Y (1). Qi (1) FOR A LOW-PASS FILTER
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Fi1ter design and weight formulation are thus very si口lp1e. First， a
weight function is chosen， usua11y On the basis of stop band attenua
tion. Next， the value of N which yields the desired transition region
width is determined.
The expression for the weights is then very
si口lp1y obtained by substituting the desired va1ue of a into the above
"standard" expression for 缸 ， and then multip1ying these weights by
the chosen φik which is determined once N is known.

3.3 Band Pass Cosine Filters._ -An ideal sharp cutoff barid-pass
filter is given by:
H(r) =

=

1
0

where:

; a三Irl三β
; Irl Irl
<α.

>β

ß>α，α> O. Iβ< .5



自
、“
e

t
UR
a
d
w
舟
，
'‘
nn
j
e
a
自
-E
Lan
-w
u
l

w
舟
，
ι
m
H
M
!

2
RnD
•
•

From equation (4)， the unmodified weights are:
; 80

Arbitrary choosing the weight function 4>11.
。btain for the CII.
of equation (lb):
ClI，

=

[.54
c 04
.

�

.46

c 2 (β-a)

for this example， we

叫才)] � ; Ikl<N
; Ik 1 = N

Bk

Proceeding as in the preceding example， 圳的 is easily estimated..
The width of the transition regions， in terms of r， is about 1. 23/N.
From a trial computation with a =.2 and β= .3， shown in Figure 5， the
口linimum stop band attenuation is about -52 db.
These 口leasures hold
with good approximation for other a and βso long as the "major lobe"
of Q!-(r) is narrower than: (a) the width of the proposed filter， (b)
twice the width of either of the stop bands. The design of band pass
filters with lower band edge near dc is based upon the use of the low
low-pass filter discussed in section 3.5. Hence， the discussion of
band-pass designs with small a is deferred to section 3.6.
The design considerations of transition region width and stop band
attenuation with a given weight function are interchangeable between
the above low and band-pass designs.
Thus， a band-pass design with
φ21c would have transition region widths of about 1. 9 /N， and a mini
mum stop band attenuation of -75 db. Similar 句， a low-pass design
usingφIIc yields a minimum stop band attenuation of 52 db and a
transition region width of roughly 1. 23/N.

-

3.4 Cosine Sampling肘"Minimum Band Pass" Filters. -An ideal
cosine sampling type filter may be defined as a filter which eliminates
all frequencies except f..:!: af. •
The gain at士a fs口1USt therefore con
sist of delta functions since otherwise the energy passed by the (zer。
band-width) filter would be zer o. This leads to:
H (1) = 8 (f

-a

f. )

+δ(I+af.)

The use of this idealization， as will be shown below， leads to prac
tical narrow band-width designs. Thus， calculating the unmodifìed
weights from equation (4) yields:
81.
L

= 2 cos 2ITka
f.

For the practical finite band-width approximation of the sa口lpling
filter， we desire that the gain at :!:afs be unity. To effect this， we
divide the modified weights Gik =φik Bk by the gain at αf. yielding

These wei ghts
to replace the Cik of equation (lb).
new weights C;�
. _ i in
. zed for all
are: (φio =1 for i=l and 2; this ret"äi:ionship is generali
section 4)
φik Bk
φik COS 2州。
九=

C

N

州+ 2

N

I 川叫

Estimation of the transfer function for a given
，

Since norma1izing assures unit gain at廿九

is very simp1e.

<Pik

日(f) may be considered

to consist of delta functions with coefficients adjusted so that the finite
band-width approximation provides unit gain at :tal.

.

Thus， using

the shifting theorem and writing the result in the r domain:
H i (r)

�

Qi (r - a)

�

Qi (r+刊)

Qi (0). Qi (2a)

Exa口llnmg this equation in the region of positive r， it 口lay be seen that

for

(l

not too small， the terms

Qi (r+α) and Qi (2a)

are aìmost negligi-

b峙， so that this filter 峙， with good approximation， just the corre 

sponding norma1ized spectra1 window

Qi (r)/Qi (0)

Therefore， we shou1d expect that in general:

shifted from dc to

1 =

a.

(a) stop band attenuation

is about the same as

Qi (1) ， and (b) fi1ter band-width is the same as
Qi (r) including negative frequencies. This 3 db
band-width is about . 65/N usingφ以 ， and roughly . 78/N with φ2k
and <P2k with
Typica1 minimum band-pass transfer functions (10r <P1k

the band-width of

N=50) are shown in Figure 6.

Comparing the band-pass design approach of section 3.3 with that

of this section，

it is apparent that the "sampling" or "minimum band

pass" design of this section wou1d be chosen when a band-pass effect

with small N is desired， or when an extremely narrow filter is sought
The filter of the pre

and a 1arge number of weights is per口1issab1e.

ceding section is usefu1 when a wider pass band with 1ess "error，" is

desired， and greater stop band attenuation is required.
3.5

3J Filterh -An idea1 10w 10w- pass filter
Cosine Low Low- Pass.:

is si口lp1y a sa口lp1ing filter with 扭= O .
H (1)

=

Therefore:

8 (1)

From equation (4)， the weights are found to be:

Bk=l!I.
As in the preceding section， we obtain unit gain at f=O by dividing

the modified weights

C;k

Cik = Bk<Pik

by the gain at f=O yielding new weights

for the filter of equation (lb) given by:

φik

Ci k =
軌。Bo

+

2

玄 川州0)

1

+

2

2: <Pik

Since convolution of any function by a delta function at the origin
gives just the function itself， and normalizing assures unit gain at 此，

we obtain for the transfer function in the r domain:

Qi (r) / Qi (0)

Hi (r)

The transfer function of a low low-pass filter usiI1g a given weight
function is therefore just the normalized spectral window correspondThe 3 db band
ing to the weight function， as shown in Figures 2 and 3.
width is as expected， about half that of the corresponding minimum
band-pass designs.
c。口1paring the low-pass effects of this section with those of section
3.2， we see that the low low-pass filter would be used when either: (a)
a low-pass effect with small N is desired， or (b) a very low cutoff fre
quency low-pass is required， and a large number of weights may be
used.
The designs of section 3.2 are used when wider band-width
_
with less pass band "error11 and greater stop band attenuation is called
for.
Band-Pass Cosine Filter�_\llTith Lower Band-Edge Near DCj
Band-Pass Weight Constraints=- -From the superpositio'n principle

3.6

for digital filters of section 1. 2， it is apparent that any band pass de
sign could be obtained by subtracting the weights for one low-pass
filter fromt e weights for another， an approach that has been used
�
elsewhere. J ， ::J Although nothing was to be gained in simplicity in the
discussion of the band-pass filters of section 3.2. b， this approach is
a
useful here.
Thus， a band-pass effect with upper band edge at
and a low frequency lower band edge may be <?btained by usρ of equa
tion (lb) with
r eplaced by the weights
C午
where:

þ

r

=

CiI.

C，� C'k - (H， (r) 1， O)C，'k
CiI，
=

In this expression，

=

the
are the weights of a low-pass filter with
transfer function H， (r) and cutoff frequency a ， and the C
are the
Fr om digital filter
weights of a normalized low low-pass filter.
superposition， the transfer function of this band-pas s filter is:

以

";(f}詔"自(r)

(H， (r) 1， 0) H " (r)

-

=

'

where H1 (!) is the transfer function of the low low-pass filter with
The quantity HI (0) was chosen so as to provide ex
weights C一
.
This is， of course， a desirable property of
actly zero gain at dc.
Thus， whenever the dc gain Hi (0) of a band
any band-pas s filter.
pass filter

圳的

is of a magnitude considered determintal in a par

ticular application， this method of correction may be used.
In this
case， the C1k
would become the unadjusted weights_for the bandwould become
pass filter with transfer function 叭例 ， and the
the cor.rected weights.

C;i.

3.7 Weight Constraining for Low-Pass Cosine Filters. -A low
pass digital filter with weights CiI， which satisfies the conditions:
N

三Cik

N
:

1

•

三k

Cil.

:

0

po1yn。口üa1 functions of ti口1e exact1y at the sa口1preserves first degree
p1e points. 4 When the first of these conditions is satisfied， the dc com
ponent or 口1ean of a set of data is preserved. For the cosine fi1ters，
the second of these conditions is autoIτ1atically satisfied.
The first constraint cou1d be satisfied in different ways. For examp1e， one cou1d divide the weights by the unadjusted gain at dc. This
operation， however， results in the division of the entire transfer func
tion by this quantity， usuallY undesirab1e. A method which 1ocali.zes
the effect of bias adjustment a1most entire1y to the region near dc is
easily obtained fro口1 the superposition princip1e for digita1 fi1ters.
Thus， we may simp1y aßd the transfer function for a 10w. 1ow-pass de
sign (mu1tiplied by the proper correction factor) to the �nadjusted fi1ter transfer function.
The adjusted transfer function H1 (r) is g�ven by:

H1#(1)

Hi

-

H 1 (r)

+

(1

-

H 1 (r) I戶。)叭((1)

Where
(r) is the unadjusted transfer function， and 叭'(r) is the trans
fer function of the low low-pass filter used. Expressing HI (0) in terms
of filter weights， the corresponding expression for the adjusted weights
_
to be used in equation (1b) becomes:

Ci-k

心

Cik

+

[卜心22圳C九

Where CII， are the unadjusted weights and C已 are the norma1ized 10w
s weights.
1ow - pas
by 1/(2N+O the least squares bias adjustment1 is
By rep1acing
obtained.
The transfer function of the (1ow 1ow-pass type) filter with
weights 1/(2N+l) may easily be shown to be given in figure 1.
Usually
the magnitude of the bias adjustment is small and the 1east squares
method is preferab1e because of its simplicity. However， it may
sometimes be desirab1e to effect a relative ly 1arge adjustment while
1oca1izing the effect of this adjustment to dc; the more comp1icated
10w 1ow-pass weights wou1d be preferred in such a case.

Cik

3.8 Sine or "Quadrature" Filters!. -lf the weights 恥
(2) and (3) satisfy the conditions:
B_"

�

-B" ; Bo

=

of equations

0

then
"0的(and H(r) ) are pure imaginary number s for any r.
equations(2) and (12) we obtain:

Ho (1) 2 i 2
�

B"

s川kr

�

2 ei"12

2恥in 仙

(12)
From

(13)

Because of (13)， a fi1ter satisfying (12) is called a sine filter. Since，
as noted previous1y， φ- i� :φik here， then from equation (1b)， if the
conditions (12) are.satisfied，
(1) is a1so a sine type filter， the trans
fer function of which is:

Hi

iURH
作
舟，'‘

eo
-K
PL

Hi (r) = HGi (r) exp (i"l2)

A1gebraic gain is. from equation

function of r.. Simi1ar句.
we obtain for

N Y/勾
Lb

句，ι

un

m祉y be written in the form

Hi (r)

is the a1gebraic gain.

(14 )

wr i ting H(r) in the form

HGi (r)

an odd

(14).

H (r) = HG (r) exp (i "12)

Hi (1) :
i "/2
"/2
τei
H i (1) = H Gi (1) e
(H G (1)

The design prob1em for sine filters.

then.

*

Qi (1) 1

reduces to an ana1ysis

of the effects of the convo1ution of the rea1. odd
where the phase shift is under stood to be

Qi (1)

where

Thus we seek the real. odd a1gebraic gain

HG (f) by the rea1. even
"12 radians or 900 •

HGi(I) where:

(15 )

HGi (1) � H G (1)部Qi (1)

Particu1arly simp1e and effective designs are offered for different卜

ators.

which are a1so filters of the sine type.

Since app1ications for

quadrature band-pass designs are generally of the narrow-band type.
on1y the "minimum" band-pass design is given here.

3.9

Differentiators with Weight Constraints.

tion of an idea1 differentiator is given by:4

H (r)口i2"lsr

Ir15.5

“o
From equation

(4).

the

Bk

-The transfer func

; Ir I

>

.5

of equation (1b) are readily computed as:

k

� 一一一-一- fs

Estimation of the amp1itude of the transfer function for the modified

weights

C

ik �. 治ik Bk

of equation (1b) proceeds according to equation (15)

as indicated iI1 th"， illustration be1ow.

Fro訂1 this figure. it is seen that

t�('> differentiator is effective forlfl < .5 - W where W is about .

'Þl k

• and rough1y 1.

2/N

for

φ2k

O
cr eases montonically to zero at

I，� 1.12.

IDEA L 一
""\

GAIN

。

83/N

for

; thereafter the transfer function de

DIFFERENTIATOR
GAIN

。ACTUAL

\
\

1.12 - w

DIFFERENTIATOR
GAIN

f.12

Since the error of the differentiator is virtually invisible on a plot

。f the resulting transfer function， it is desirable to isolate，

and study the error alone.

magnify，

The relative error defined below provides

a 口leasure of the per cent departure of the achieved fro口1 the desired
differentiator gain at any frequency:

per cent relative error
Where

=

I H G ;的- 2" 1. r I
I _. _ _
IxlOO
I
2" 1. r
I

HGi(的is the gain of the differentiator with the weights

defined above.

Cik

Several plots of per cent relative error using the
weight functions φ11< and φ21. for various N are given in Figure 7.

(The weights for these plots have been constrained as noted below. )
The output of a differentiator which satisfies the conditions:

三Ci1.

=

0

;三kCi1. =

.5

matches the derivative of first degree polynomial functions of time
_
exactly at the sa口lple points. 4 The first �ondition is automatically

satisfied by (sine filter type) central differentiators.

The second con

A method which has been

dition may be satisfied in different ways.

found to �e effective for the differentiators here was developed by

Ormsby.5

Using Ormsby.s method，

be used in equation (lb) become:

C

the constrained weights

C;'1.

t。

i
k
三kCi1.
H k+iN(N+:;2N+1)l jE卜

Additional constraints are discussed by Ormsby.
3.11

The Quadrature Minimum Band-Pass Filter� -The ideal quad

rature sampling or mini口lum band-pass filter is， by extension of the

corresponding definition for in-phase filters:

H(I)= i8(I-al.) - iδ(1

From equation

(4)

+

a 1.)

the unmodified weights are:

B1.

=

2 sin一-一一
..::.
...::.:; 2"ka
'.

The 口lagnitude of the gain of this filter using a weight function is

normalized to unity at

sampling filters.
by the gain at

given by:

1 =士al.

Thus，

αIs

by the same technique as for the cosine

the modified weights

yielding new weights

φ;1. B 1.
22φì1.B1. sin 2"ka

Ci 1.

Ci1. = B1.φ;1.

φi1. sin 2"ka
"

are divided

for use in equation (lb)

22φ ik的"ka

Estimation of amplitude characteristics proceeds in about the same

口ìanner as for the cosine minimum band-pass filter.

App1ication re

marks co口ìparing this filter with that of the preceding section are essentially the dua1 of the corresponding cosine fi1ter co口ìparison at the

conclusion of section 3.4.

Adjustment of the weights to provide zero

gain at dc is unnecessary for any sine filter since， from equation (14)，
the gain at dc is a1ways zero.
4.

An A1ternative Method for Obtaining Weight Functions•

-The

weights for a norma1ized 10w 10w-pass filter are of the form:

E?I
EUR
-An
k -T
'
的
η-mm
nu
pb
Therefore， if the transfer function of a 10w 10w-pass fi1ter (designed

by means other than those of this paper) has desirab1e properties when
regarded as a normalized spectra1 window， we may obtain from it a
(discrete) weight function

of this report.

φ11.

which may be used in any of the designs

To determine the constant，

we note that the on1y fi1ter

of the type of equation (1) which does not alter the origina1 data points
is one which has weights Bk = 1 for k=O ，

and

Bk = 0 for k � o.

If we

require that this property be preserved after a1ter，ing these weights

Cik = 1 for k=O ， and
for k=O. It may be shown without too much difficu1ty
thereforeφik = 1
that this amounts to requiring that the (constant) area of Qi (f) between

with a weighting function. then it follows that

any f and

1

+

1. be equal to the corresponding area of Qo (1). ThereCik ， the corresponding φi k

fore. given the 10w low司pass weights
are:

Ck

l
- -，
一ik 一
Y'
Ci。
An alternative equiva1ent approach to digita1 filter design by the

present method cou1d be to require that we first obtain one or more

good 10w 10wιpass filter designs， for many va1ues of N， by any
� means
whatsoever.
(Martin' s4 min-max approach wou1d usually be best. )

Then， using this re1ation between Cik and φ巾 ， the simple trans
formation equations of this paper cou1d be used to carry the 10w 10w

pass filter into the various other filters of this report.
5.

On the Use of the Weight'Function Design Method With Other

Frequency Functions:

-Filter design by the present approach has

shown to be equivalent to convo1ution of proposed filters by "spectra1

windows" of various "re.so1ution."

Therefore，

we should expect the

method to be of va1ue whenever we desire a transfer functioFl of any
type whose behavior at one frequency is es sentially independent of

transfer function characteristics at frequencies removed by so位le口ìÌn

imum distance a10ng the frequency axis.
Conc1usion:

-From the numerous examp1es considered in this paper，

it is apparent that the weight function approach to digital filter design
offer s certain desirab1e features.
1.

These features include:

Ease of filter weight ca1cu1ation. Formu1ae for the generation of weights are so simple that hand ca1culation . m ay so口ìe
times be preferable.

2.

Predictability of filter designs.

Working transfer functions

are quickly and easily estimated.

This should be contrasted

with the口lore or less trial and error e口lpirical nature of
other methods.

3.

Very good or excellent pass band fidelity and stop band re
jection.
This feature is independent of the number of weights

used， provided this number exceeds a certain (relatively
small) minimum.

4.

Automatic minimization of the number of weights (consistent
with given stop band and transition region characteristìcs).

Fro口1 the preceding， it is apparent that these designs will be useful

when filters of predictable performance with flexible band-width， cut
off frequency， transition region width， and easily calculated weights
are desired.

The advantages of the method are best served when stop

band rejection requirements may be satisfied by One Qr a very few a
vailable values.

An extensive comparison of present designs with other methods

would require many detailed evaluations of other designs.

For this

reason， comparison remarks will be limited to published performance

figures for other de � ig s， specificully， for the extended range differ
�
3 ，-4 Co�paring th� present differentiato-;' designs
e�
l Üators of Martin.

using the weight functionφtk to the designs of reference 3， it may be
N> 3) the present designs have greater frequency range

seen that (for

and less relative error than Martin's designs with the sa
' me number

of weights.

Conversely， performance equivalent to

the designs of

reference 3 with N � 5 may be obtained with fewer weights by the pre
sent method.

shows that (for N >

95%

and
φ21.
relaÜve error r' specti;-ely，

A comparison of present designs usingφtk

with min-max4 desig�s for

3)

1%

a�d

0.1%

�

although present designs provide on1y

80%

to

of the range of the min-max designs with the same number of

weights， the present differentiators have
In conclusion，

10%

to

48%

less error.

it should be emphasized that the two particular

weight functions used in this paper by no means constitute a complete

list.

In addition to the low low-pass approach to the generation of

other (discrete) weight functions， simple analytical functions are a

vailable， e. g.， the function whose use is called "hanning. "2
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Appendi� -Using the delta function sampling mode1， equation (la)

becomes:

Now equation

(A.2)

(7)

may be w�itten:

We wish to demonstrate the equivalence of the right hand sides of
equations (A. 1) and (A.2).
First we note that， from the definition of h(t):
_

h(k�t)ål =

土
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l

J

戶 .5

1.12
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2ITf kåldl
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2州'dr = B -k

J - .5

12

Replacing h (kål)ål by
- B_k in equation (A_. 2) and applying the shifting
theor �m for -con vo lution by clelta f�nctions， 2 the right hand side of
equation (A. 2) becomes:
N
r
1
00

2l f(1廿 jål) 2B_k 8(1-川ål+ kå 1)) I

(A.2.a)

j = -�個

'

k= - N

To simplify the ensuing expressions， we wiU fin d only the terms of
Letting Q 0 in
equation (A.2. a) which are coefficients of δ(1- 11)
equation ( A :l ) ， these terms should be given by:
•

=

N

吋ψψ約悄)恰δ (川) 莒吋叫8糾州(1川1卜叫-斗斗11吃1
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k= - N

Examining equation (A. 2. a)， it may be seen that terms containing
Since-N三k主N， then a1so-N三j三N. These

0(1- Ij) occur on1y for j::::-k.
ter口1.S are:

) = -N = -k

f(ll-Nål)B_N 8(1 - 1，)
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Factoring 8(1- 1，) from these terms gives:

S川)2 Bs f (11 + sål)
Which is equation (A.3).
demonstration.
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THE OPERATIONAL PRE-D FOR THE ATLANTIC
MISSILE RANGE
G. SHOLLENBERGER
Senior Engineer
Systems Department
Defense Electronics, Inc.

Summary This newly-developed receiving and predetection recording system
currently being integrated into the Atlantic Missile Range should prove of considerable
interest to the telemetry systems engineer. The system, designated TRKI-12, will become
part of the familiar “Range Rehabilitation Program.” The TRKI-12 is capable of
handling up to twelve simultaneous telemetry signals of any known or projected
telemetry format.
Frequency-translation methods used enable recording and reproduction of high bit-rate
PCM and other wide-bandwidth signals with minimum distortion. A wideband FM
recording method gives true DC to 500-kc bandwidth recordings.
The system incorporates a diversity reception and combining concept enabling optimum
combination of telemetry data from diversity antenna systems without undesirable byproducts or need for special phase-correction.
The description herein, which includes design constraints and limitations for a system of
this type, should yield information of concern to the range user and should be especially
useful in establishing efficient and economical range interfaces.
Introduction Figure 1 shows a typical ground data system with services available from
most test ranges today. The elements of these data systems have remained relatively
unchanged over the years, changing only to increase capability, modernize or standardize
when justifiable. As seen, the Receiving and Recording function is the center of the
ground data system and therefore commands significant attention. Although the
receiving and recording system as an element of the ground data system has undergone
very few changes throughout the years significant differences and major technological
milestones have been incorporated into the TRKI-12 receiving and recording system.
In the past the primary objective of the receiving and recording system was only to
permanently record the message sent by the transmitter. Today’s sophisticated and

energetic space programs are further puting this system to test in closed loop data
systems where the message is not only received and recorded but also further processed
to yield return messages to the sender for information or automatic control. Space and
weight limitations in the airborne vehicle have also expanded the job of the ground
telemetry system to include many other communication requirements between the air and
ground systems. Because of this expansion one can reasonably be sure that the telemetry
ground data system and hence its receiving and recording element will be continuously
modified to meet changing requirements at the sending end.
With sufficient foresight and planning by government and private industry, the TRKI-12
system represents the best estimate of projected range and range user requirements far in
the future. Through years of planning and development it has evolved into the first truly
operational receiving and recording system using advanced receiving and high frequency
tape recording techniques backed by modern integrated peripheral support equipment.
Four significant features: (1) dual channel receiving, (2) predetection recording, (3)
diversity combining and (4) wideband FM record/ playback capabilities are included and
represent the major technological advances in applying these techniques to operational
systems. It should be noted that this system is classified “operational” and as a result of
this classification its hardware and software design is human engineered and militarized
in much the same way as are operational weapons released to the Armed Forces.
The TRKI-12 Receiving and Recording Elements The TRKI-12 system can be
separated into four major sections. They are: (1) receiving, (2) storage, (3) distribution
and (4) support.
The receiving section consists of six cabinets of equipment each cabinet being identical
from an electronic component standpoint. Each receiver cabinet houses two receivers, a
dual trace spectrum display unit, a dual down translator, a diversity combiner and a
receiver local patching facility.
Four cabinets house the equipment constituting the storage section. Two of these
cabinets contain transport mechanisms and electronics for two 1/2 inch-7 track or 1 inch14 track tape recorders. The other two cabinets contain the wideband FM
record/playback electronics, predetection recording monitoring equipment, and tape
recorder setup and support equipment.
One cabinet contains the system central patching and signal distribution facility. This
facility is used to connect signals within the four major sections either to themselves, to
each other, or to other points outside of the TRKI-12 system. Integrated within this
facility are twenty DC coupled video distribution amplifiers each having one input and
four isolated outputs.

Four cabinets housing support equipment such as oscilloscopes, signal generators,
spectrum analyzers, counters, direct write recorders, etc., complete the TRKI-12
complex.
A typical system set-up for receiving and recording is shown in Figure 2.
Receiving Section The receiver used is the Defense Electronics, Inc. Model TR-101.
This receiver is a modular, multiple band, AM-FM-PM receiver having dual (termed
main and auxiliary) IF and demodulator capability (a simplified receiver block diagram
is shown in Figure 3). Dual heterodyning provides a 1st IF of 30 me and a 2nd IF of 10
me. 1st IF outputs at 30 me are furnished for spectral analysis and for noise figure and
frequency measurements. The 2nd IF at 10 me is internally divided for the dual IF and
demodulator operation and eventually becomes the source for the predetection down
translator.
Plug-in tuning heads give the receiver front end RF carrier capability of 105-140 mc,
215-260 mc, 285-410 mc and 920-965 mc. The bandwidths for these tuning heads are
1 mc, 2 mc, 3.3 mc and 1 mc respectively. Signals above 965 mc in the 1435-1535 mc
and 2200-2300 mc bands are received using an accessory translator. These signals are
translated to the 285-410 mc tuning head which includes frequency scales for these
bands.
The receiver main and auxiliary channel IF and demodulator sections provide the
operator with a means of IF and demodulator selection. IF amplifiers with bandwidths
ranging from 10 kc to 3.3 mc are provided. Each IF amplifier contains an integral AM
detector with response to one-half the IF bandwidth.
Three FM demodulators are designed for use in this receiver spanning deviations from
1.5 kc to 1.5 mc and response to 1 mc. A PM demodulator incorporating phase-lock
techniques in either a “long-loop” or “short-loop” mode provide phase demodulation
with response to 50 kc. Loop bandwidth in both modes is adjustable from 20 to 500 cps.
Integral to this demodulator is a coherent AM detector with response to 250 kc. In the
“long-loop” mode the loop is closed through the receiver first local oscillator. The
“short-loop” is the conventional phase-lock (IF tracking) and is used primarily on
playback of recorded pre-d signals.
The video portion of the receiver selects either the main or auxiliary channel
demodulated information. This video unit has adjustable output controls which allow the
receiver detection constant to be varied by the operator’s mission requirements.
Switchable video filtering is included to optimize the receiver signal-to-noise ratio.. The
upper response of this video filtering ranges from 6.25 kc to 750 kc with a direct
position having 1 mc response and a special position for custom filtering. All video

filters are designed for optimum transient characteristics giving best reproduction of
pulsed or quasi-pulsed (PCM) waveforms. FM video capability from DC to 1 mc is
provided directly from the FM demodulator through an integral fixed gain buffer
amplifier.
General receiver features include AFC and AGC circuitry. Selectable AFC response
optimizes the AFC detectors to high or low bit rate PCM signals as well as the
conventional FM/FM multiplex. Of particular importance to the wideband predetection
recording system is the AGC characteristics prior to recording. In order to obtain
adequate signal-to-noise ratios in the low frequency portion of the recorded band, the
input signal level to the tape recorder is set to record very near tape saturation. This
signal input level to the recorder is maintained relatively constant by the receiver AGC.
This AGC has selectable responses of 1,100 and 1000 milliseconds to further optimize
the telemetry link.
Further enhancement of the telemetry link is obtained through use of a video combiner
installed in each receiver cabinet. Space, frequency or polarization diversity is
accomplished by a Defense Electronics, Inc. Model TDC-1B Post-detection Video
Combiner. The combining technique offers an improvement in the received video signalto-noise ratio of greater than 2.5 db for equal video ratios. Combining control is derived
from the receiver AGC which is a logarithmic function of the received signal level hence
a linear function of the video signal-to-noise ratio in db.
Signal-to-noise improvement capabilities of the combiner are however only of secondary
importance in the TRKI-12 system. More important is its capability to select and pass on
to its output the best of two video signals present at its input based on AGC information.
Optimum combining using AGC as the control function is best achieved when both
receiver AGC characteristics are nearly matched. Like AGC characteristics are obtained
in the TRKI-12 receivers by using AGC control on most all of the amplifier stages within
the receiver. Large variances in individual components across receivers therefore will
have minimum effect on overall receiver gain.
In passing those applications where possible modulation by the transmission path exists
(as is the case when FM or PM signals pass through booster exhaust gas plasmas), the
AGC may not be truly representative of the video signal-to-noise ratio. The TRKI-12 is
so configured to allow parallel recording of the direct video and the combined video
simultaneously.
The dual down translator, a Defense Electronics Model PD-101, completes the
equipment comprising the receiver section. This device operates directly on the receiver
2nd IF signal (centered at 10 mc) by translating it to a video carrier signal centered at

near midband in the tape recorder bandwidth. Translation to any one of five video carrier
frequencies are selected by the operator using front panel switches. These carrier
frequencies are 112.5 kc, 225 kc, 450 kc, 900 kc and 800 kc. The first four of these are
harmonically related to allow for time base expansion on playback of recorded data. The
800 kc carrier allows use of all the available tape recorder bandwidth (100 kc to 1.5 mc)
at 120 inches per second.
Storage Section The storage medium in the TRKI-12 system is magnetic tape. The
tape recorder is a DEI Model SE-11-96218-1 developed by Ampex Corporation to meet
specific requirements of the TRKI-12 system. This machine is designed to operate at tape
speeds of 15, 30, 60 and 120 IPS and includes four speed 8witchable electronics. The
respective frequency responses at each speed are 12.5 kc-187.5 kc, 25 kc-375 kc, 50 kc750 kc, and 100 kc-1.5 mc. Signal-to-noise ratios exceed 25 db.
The head response on the high end at 120 IPS exhibits normal head roll off at about 500
kc. This response is corrected both in amplitude and phase above and below this point.
The phase correction is in fact a design feature imposed on the recorder manufacturer by
system requirements, The phase correction produces in the tape recorder an envelope
delay performance of less than ±100 nanoseconds throughout the 100 kc-1.5 mc band.
Special filters (all pass variety) are used to perform the phase correction. Adjustments
are provided in them to correct for variances in head manufacture or when replacing
heads in the field. Because of the time dynamics of the tape transport conventional phase
measuring equipment is not used for determining this characteristic. The phase
performance was evaluated using the Wandel and Golterman DL-1 test set. This test set
indicates the phase characteristic in envelope delay directly which is more meaningful to
modulated signals which the pre-d tape recorder normally processes.
Low frequency speed control for maintaining a relatively constant speed on record and
playback across recorders is accomplished in the conventional manner in that a reference
tone is recorded and used for speed control servoing at the playback site. Since the low
frequency end of the recorder response is much higher than on standard recorders the
conventional 17 kc reference signal cannot be used. In its place a reference tone of 100
kc is used at 120 IPS with reference tones at other speeds proportional. This reference
tone is derived from a Defense Electronics Model RFT-1 precision crystal oscillator.
Wideband FM electronics give the TRKI-12 system post detection recording capability.
These units (Defense Electronics Model FM-501) have response from DC to 500 kc for a
recording speed of 120 IPS. Four speed switchable electronics in this wideband unit give
a response directly proportional to tape speed at 60, 30 and 15 IPS.
The output center frequencies are 112.5 kc, 225 kc, 450 kc and 900 kc which are
identical to the video carrier from the down translator. A recorded pre-d FM signal from

the down translator and a recorded signal from the FM electronics therefore differ only
in the sideband structure. This carrier compatibility allows playback of post-detected
data with either FM playback electronics or through up-translators into the receiver
demodulator.
The FM playback electronics (part of the FM-501) is in fact designed to up-translate the
recorded signal and discriminate at 10 mc rather than direct demodulate at the video
carrier frequency. This insures proper rejection of the undesired FM video carrier with
adequate control of the phase response throughout the data bandwidth.
Front panel controls and indicators on the FM record electronics set the video carrier
deviation to 200 kc peak for 120 IPS mode. A single 500 kc signal therefore has only
two significant side components (as indicated in a table of Bessel functions of argument
0.4). For strong signals the signal-to-noise performance of an FM detector is given (1)
as:

As can be seen for B = 1/%3(.0.6) the post detected recorder data S/N is controlled by
the recording process, since the carrier signal-to-noise on the tape recorder as previously
mentioned is about 25 db.
Predetection playback monitoring equipment form part of the support equipment for the
recording process. The main chassis houses four receiver IF amplifiers, two
demodulators and one up-translator. This unit is used to give the tape operator a “real
time” evaluation of the pre-d recording process. The operator can select any two
recorded video carriers which have been down translated from 10 mc for recording and
compare them with the source 10 mc receiver IF signal. When doing this he can select
any one of the aforementioned IF amplifiers and any one of the demodulators to make
specific evaluations.
Tape recorder alignment is simplified by incorporating a sweeping oscillator (Kay Model
K131-B) for amplitude, equalization. This unit sweeps the tape recorder bandwidth. The
swept output is applied to the input terminals at the recorder. With the recorder output
displayed on the oscilloscope the relative response can be determined and adjusted with
ease. Markers within the swept signal (produced by blanking the swept signal as it passes

through the selected marker frequency) give the operator points of significance for visual
identification.
Distribution Section Signal distribution and component interconnecting is
accomplished at the “central patching facility”. This facility is illuminated and recessed.
Once the patching program is fixed a transparent door with locking features is closed to
protect this program against inadvertent disconnection.
Low VSWR patching equipment is used throughout the system. Only two types of patch
cords are used in the system. They are at the 50 and 75 ohm coaxial variety and are color
coded. Jacks in the patching facility are color coded to match the patch cords so that the
operator uses the correct type of patch cord to maintain matched transmission line
conditions.
Source resistances and load resistances of all equipment including test equipment is
either 50 or 75 ohms. RF and IF transmission uses 50 ohm lines; video carriers and
baseband video distribution uses 75 ohm lines. Signal level of the latter two signal types
is also standardized at 4 volts peak-to-peak. The above simplifies to a great extent the
setup and calibration of a system of this type as well as eliminating human errors which
often result in mission failure.
Enhancing the signal distribution are video distribution amplifiers. Twenty of these units
are installed integral to the patching facility. Each unit has one 75 ohm input and four
isolated 75 ohm outputs. Gain is adjustable from zero to approximately 8 db. Highly
stable DC response is inherent in the design with upper end response of 1.5 mc
minimum.
Support Section This section is comprised of support equipment required to set-up,
operate and maintain the TRKI-12 complex. The equipment includes oscilloscopes,
counters, spectrum analyzers, true RMS voltmeters, square wave and sine wave
oscillators, audio units, data insertion units, switchable discriminator and direct write
paper recorders. The paper recorder (Brush Mark 200) is operational in that during the
receiving phase the “real time” receiver AGC signals are recorded from each receiver
being used. These recordings give the operator trends or conditions of the received
signals.
The data insertion unit (a Defense Electronics Model DIC-1A) is a ground FM
multiplexer used to multiplex ground generated data for tape recording. It houses 20
modules which can be standard IRIG voltage controlled oscillators, FSK type oscillators
or direct input modules. The latter is used as an impedance matching device for signals
being applied directly to the summing point. Timing, voice, receiver AGC data represent
some of the types of information which the data insertion unit will be multiplexing. The

modules and base unit are configured such that any module output can be switched into
any one or all of three summing amplifiers. The three composite outputs then can differ
in content. This has advantages in range operations, since not all of ground generated
data is of interest to the range user. The composite signals are recorded using the
aforementioned wideband FM electronics.
General Discussion and Conclusion The description and data given on the previous
pages represents only a small portion of that data which exists and is in no way intended
to be design documentation. I would like to summarize some facets of Pre-D systems
which I consider important to the new user.
The logical first question is “Why Pre-D”? Many papers have been written and published
on this subject and there appear to be several very distinct advantages when using Pre-D.
(The terminology “Pre-D” as I use it here refers to Pre-D tape recording only and not
Pre-D in general. Pre-D combining is another particular process which could fall into the
general “Pre-D” terminology).
The most obvious advantage in Pre-D recording is, of course, the fact that the channel
bandwidth--hence channel signal-to-noise ratio--is not fixed until playback of the
recorded Pre-D signal. Figure 4 shows the spectral location of signals in the Pre-D path.
As seen, with maximum record bandwidth the playback bandwidth is adjusted in width
to accommodate the instantaneous desired data bandwidth. The system is therefore
adaptive to pre-programmed or changing information rates at the sending end.
It is incorrect to assume that the record bandwidth is of little importance in the Pre-D
system. Inherent in any translation process, where the translated spectrum is located near
zero frequency, is the folding of noise components lying above the translating oscillator
back up into the data spectrum. This fact must be considered and protected against when
operating the Pre-D system.
Another advantage of the System is the capability of recorded video response down to
dc. Low frequency response to dc is impossible with direct recording. In fact, the low
end response of 1.5 mc recorders with reasonable signal-to-noise ratios is several
thousand cycles.
The last major advantage is the efficient use of all the available tape recorder bandwidth.
(2) (It should be noted that the maximum video capability of 700 kc in the TRKI-12
system is limited by the tape recorder bandwidth). Presumably wideband FM electronics
could be designed to handle 700 kc which would occupy all the recorder bandwidth;
however, the filter requirements for direct demodulators would be difficult to achieve.

In closing, it might be well to mention that new generation systems of this type contain
new and sophisticated electronic equipment, which, if correctly used, produce results far
superior to the systems they are replacing. Increased human engineering must of course
be applied in its original design to minimize any misuse due to this sophistication. There
is no excuse for lack of thorough understanding of the Pre-D system prior to its
specification or use. I emphasize this final point as a result of my experience in helping
develop this system.
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TABLE 1-1
SIGNIFICANT SPECIFICATIONS
of the TRE:1-12
RF
RF Input Frequency
(Selectable by module)

First IF
Receiver First IF
Receiver First IF
Bandwidths
Second IF
Number of Channels
Receiver Second IF Center Frequency
Receiver Second IF Bandwidth
(selectable by module)
Second IF Output Impedance
(Pre-D Source)

105-140 mc
216-260 mc
285-410 mc
920-965 mc
1435-1535 mc*
2200-2300 mc*.
30 mc.
4 mc (95 percent points).
2 per receiver (main and aux. channels).
10 Mc.
10 kc, 30 kc, 50 kc, 100 kc, 300 kc,
500 kc, 750 kc, 1 mc, 1.5 mc , and 3.3 mc.
50 ohms.

Demodulation
Number of Channels

2 per receiver (main and aux. channels).

Types

FM:
1. wideband frequency demodulator;
response: 1 mc maximum.
IF bandwidths: 500 kc, 750 kc, 1 mc,
1.5 mc, and 3.3 mc.
2. intermediate band frequency
demodulator; response: 250 kc
maximum.
IF bandwidths: 50 kc, 100 kc, 300 kc,
500 kc, and 750 kc.
3. narrow band frequency demodulator;
response: 15 kc maximum.
IF bandwidths: 10 kc, 30 kc, and
50 kc.
PM:
1. deviation: ±1 radian minimum.
2. response: 50 kc maximum (low end
adjustable from 20 to 500 cps).
3. special features;
long loop-carrier tracking (phaselocked loop closed through first local
oscillator).
short loop-carrier tracking (phaselocked loop with 10-mc VCO locked
to 10-mc IF carrier of translated
signal).

AM:
1. synchronous AM detection with video
response of 10 cps to250kc.
2. normal AM with video response of
one-half the selected 2nd IF
bandwidth.
Video
Video Bandwidth (selectable)

Video Output Impedance
Down Translator
Input:
Center Frequency
Impedance
Output:
Center Frequency (selectable)
112.5 kc
225 kc
450 kc
900 kc
800 kc
Impedance

5 cps to 6.25 kc
5 cps to 12. 5 kc
5 cps to 25 kc
5 cps to 50 kc
5 cps to 100 kc
5 cps to 250 kc
5 cps to 400 kc
5 cps to 750 kc
Special; for custom video filter.
Direct; 5 cps to 1 mc.
75 ohms.

10 mc.
50 ohms.
data bandwidth
150 kc
300 kc
600 kc
1.2 mc
1.4 mc
75 ohms.

Up Translator
Input:
Center Frequency (selectable)
112.5 kc
225 kc
450 kc
900 kc
800 kc
Impedance
Output:
Center Frequency
Impedance
Video Combining
Video Response
Improvement
Tape Recording
Number of Tracks
Tape Response and Speed

data bandwidth
150 kc
300 kc
600 kc
1.2 mc
1.4 mc
75 ohms.
10 Mc.
50 ohms.
5 cps to 1.5 mc.
greater than 2.5 db. for inputs of equal
S/N ratio.
14 per recorder maximum.
100 kc to 1.5 mc for 120 ips
50 kc to 750 kc for 60 ips
25 kc to 375 kc for 30 ips
12.5 kc to 185 kc for 15 ips.

Input Impedance

75 ohms.

Special Features

servo speed control, tape transfer and
maximally linear phase response (±100
nanosecond envelope delay).

Recording Accessories
Wideband FM Record Electronics
Input Response
(for mod. index of 0.4)

Input Impedance

0 to 500 kc for 120 ips
0 to 250 kc for 60 ips
to 125 kc for 30 ips
0 to 62.5 kc for 15 ips.
75 ohms.

Output Center
Frequencies

Wideband FM Playback
Electronics
Output Response

Output Impedance
Input Center Frequencies

Special Features of
Record/Playback
Electronics
Paper Recorder
Number of Channels

112.5 kc for 15 ips
225 kc for 30 ips
450 kc for 60 ips
900 kc for 120 ips.

0 to 500 kc for 120 ips
0 to 250 kc for 60 ips
0 to 125 kc for 30 ips
0 to 62.5 kc for 15 ips.
75 ohms.
112.5 kc for 15 ips
225 kc for 30 ips
450 kc for 60 ips
900 kc for 120 ips.

3. maximally linear phase response
(±100 nanosecond envelope delay).
8 per recorder plus 2 event channels.

Frequency Response

0 to 100 cps.

Paper Speeds

.002 ips, .004 ips, .008 ips, .020 ips, .040
ips, .080 ips, .2 ips, .4 ips, .8 ips, 2 ips, 4
ips, and 8 ips.

Ground Data Insertion
Number of Channels
Modular Plug-ins

20 FM multiplexed (modular plug-in).
23 VCO modules for IRIG channels 1
through 18 and A through E.
two FSK modules for IRIG channels 15
and 17.
two direct input modules for voice or
flutter reference signals.

Special Features

any channel selectable on any one or all of
three mixer outputs.

(*with accessory translator)

Fig. 1-Ground Data System

Fig. 2-Pre-D or Post-D Record Configuration - 120 Ips

Fig. 3-Simplified Diagram - Dual Channel Receiver

Fig. 4-Spectural Location of Signals in Pre-D Path 120 Ips - Max. Video

Fig. 5-TRKI-12 System

Fig. 6-Receiving Section

Fig. 7-Storage Section

Fig. 8-Distribution Section

Fig. 9-Support Section

A SOLID-STATE MICROWAVE RELAY SYSTEM
C. J. BEANLAND, A.M.I.E.E., A.M.I.E.R.E., A.F.R.Ae.S.
Solid-State Circuits Division
Microwave Associates Inc.
Burlington, Massachusetts

Summary The paper outlines the design parameters and system performance of a
solid-state microwave relay equipment. The design is suitable for the transmission of
television signals, multichannel telephony and wideband data information.
Circuit techniques are described and illustrative numbers quoted for an equipment
operating in the 2 KMc/s microwave relay band.
1. Introduction The design concept of a very light-weight, compact, all-solid-state
wideband microwave relay system became a reality, when a power transistor capable of
several watts output in the U.H.F. range was developed. The ability to generate and
amplify R.F. energy in the frequency range 500 Mc/s to 600 Mc/s, when coupled with
the varactor multiplier techniques already developed provided the solid-state
replacement for the classical klystron microwave source in a microwave transmitter. A
similar, but much lower power, unmodulated system was already available to provide the
microwave local oscillator signal in the companion all-solid-state receiver.
Transistorized versions of the I.F. amplifiers, wideband video amplifiers and all other
circuits required in the microwave relay system had already been developed.
Thus, at last, we have a practical, all-solid-state wideband microwave relay system
suitable for the transmission of television signals, both monochrome and colour,
multichannel telephony and wideband data information.
2. System Design and Performance
2.1 Design Objectives
The system design was based upon the following objectives and operating requirements.
a)
b)

Operating frequency in the microwave frequency spectrum.
All-solid-state design for both the receiver and the transmitter circuits.

c)
d)
e)

f)
g)
h)
i)
j)

Transmitter output power not less than 1 watt.\
Receiver noise figure not greater than 10 db.
Video frequency response, 30 c/s to 6 Mc/s, capable of transmitting either
television signals, multichannel telephony or wideband (high capacity) data
signals.
When used for relaying broadcast television programmes, the accompanying
sound programme shall be transmitted simultaneously.
The equipment shall be designed for use in permanent microwave relay stations
and portable system applications, the latter to include airborne operation.
The equipment shall be of minimum volume and weight, rugged construction
and capable of operating over a wide range of environmental conditions.
The total primary input power shall be a minimum and the equipment shall be
capable of operating from low voltage battery supplies.
The equipment shall have a minimum of operating (tuning) controls, ideally
there shall be single knob tuning on both the receiver and transmitter.

2.2 Performance Comparison, Solid-State and Klystrons
The all-solid-state designs of both the receiver and the transmitter meet the objectives
quoted above.
The equipment operates in the 2,000 Mc/s band and uses frequency modulation. The
system conforms with the requirements of the C.C.I.R. and I.R.I.G. recommendations for
wideband, high capacity systems. When relaying a broadcast television programme, the
accompanying sound programme is carried on a subcarrier inserted above the maximum
programme video frequency.
Some of the obvious advantages of solid-state microwave relay equipment when
compared to tube type (klystron) equipments are shown in Table I.
Klystron

Solid-State

Primary Power

700 - 800 W

50 - 60 W

Weight

200 - 300 Lbs.

30 - 40 Lbs.

TABLE I

These are very important factors when portable operation is required. There are,
however, other important advantages of the solidstate equipment.
a)
b)

c)

The theoretical life of semiconductor devices is infinite whereas the klystron has
a finite life due to the finite life of the cathode.
Most transistor circuits operate at very low voltage (12 to 30 volts) compared to
the very high voltage necessary for vacuum tubes, especially klystrons. The
reduced voltages, power and heat dissipated within the equipment tends to
increase the life and reliability of all components in the solid-state equipment.
With good system and circuit design, it is possible to eliminate in solid-state
equipment, most of the time consuming and critical operating adjustments
necessary in klystron equipments. This applies particularly to frequency control
and other tuning adjustments. To minimize these problems, klystron equipments
usually employ some form of automatic servo system (e.g. the automatic
frequency control circuits). However, these additional circuits usually need
“putting on” by a human operator, or some additional automatic sensing circuits!
Thus the klystron equipment tends to become extremely complex and possibly
expensive. There is also a reduction in the overall reliability due to the extra
circuits.

3. Description of the Solid-State Microwave Relay System
The solid-state microwave relay receiver and transmitter described below are the
products of the various solid-state and microwave technologies at Microwave
Associates, Inc. The result of combining the individual products into a working system is
demonstrated by the excellent performance of the system.
The illustrative numbers are quoted for the MA 8507 and MA 8508 equipments
operating in the 1,990 Mc/s to 2,110 Mc/s broadcast television relay (S.T.L.) band.
However, the system is capable of similar performance in the other adjacent bands, e.g.
the 2,200 Mc/s to 2,300 Mc/s telemetry band.
3.1. The Receiver
A block diagram of the receiver is shown in Fig. 1. The receiver is a conventional
superheterodyne type, with an auxiliary output channel, the sub-carrier channel, for the
audio programme.
The microwave local oscillator provides a stable crystal controlled signal to the signal
balanced mixer. Here the incoming signals in the band 1,990 Mc/s to 2,110 Mc/s are
translated, channel by channel, to the 70 Mc/s I.F. band. Channel switching is done by
switching to the required crystal controlling the master oscillator frequency. The crystals

operate in the frequency range 114 Mc/s to 120 Mc/s approximately. After amplification,
the crystal controlled L.O. signal is multiplied by a factor of 18 to provide the correct
injection frequency, 70 Mc/s above the received signal channel center frequency. This
operation of switching the crystal is the only “tuning” control in the receiver. Thus the
L. O. frequency is instantly always at the correct setting.
In this receiver there is no A.F.C. loop controlling the local oscillator. Thus.if a signal is
not present, or if it fades below threshold, the L.O. is always at the correct frequency
waiting for the signal to appear. The penalty for this extremely valuable feature is the
extra bandwidth necessary in the I.F. circuits. This degrades the I.F. signal/noise ratio
(S/N) and thus reduces the I.F. threshold. However, the video output signal/noise ratio
(S/N) is not in general degraded because the receiver will usually be operating well
above I.F. threshold in high quality wideband systems.
The R.F. filter passes signals in all 7 channels (1,990 Mc/s to 2,110 Mc/s) and
suppresses the image noise band and other unwanted signals. The overall receiver noise
figure is 10 db maximum.
Improved R.F. selectivity may be obtained by fitting a narrow band “channel” filter in
series with the aerial input when it is necessary to reduce adjacent channel interference.
In this latter case, it will now be necessary to change the channel filter when changing
frequency to another channel in the band.
Additional sensitivity and threshold may be obtained with a tunnel-diode low noise
preamplifier fitted ahead of the R.F. filter. The overall noise figure of this modified
receiver arrangement is approximately 4.5 db.
The output of the balanced mixer is amplified in the wideband low noise I.F.
preamplifier and then applied to the I.F. filter. This passive filter defines the overall I.F.
selectivity characteristic. Ideally, all the R.F. and other I.F. filters in the system are very
broadband compared to the I.F. filter. Thus the latter, an interchangeable module, like all
the other circuit blocks, defines the overall response and can be easily changed for
another filter of different characteristic.
Following the I.F. filter is the main I.F. amplifier, which provides the major gain in the
system. An A.G.C. loop is closed around this amplifier to keep the output signal
approximately constant amplitude (within the design range of signal levels). Thus the
following limiter and discriminator are also working at approximately constant signal
level. This minimizes the effects of AM to FM conversion in the limiter stages. The
“linear” bandwidth of the discriminator is approximately 25 Mc/s.

The video output of the discriminator is amplified and passed through the de-emphasis
and low pass filter networks. A gain control is fitted to the second video amplifier. This
can be adjusted to provide 1 volt peak to peak output, into 75 S, for 8 Mc/s peak to peak
deviation (T.V. composite video modulation).
The sub-carrier system is similar in principle to the main I.F. system. The output audio
signal amplitude can be adjusted by the audio gain control. The audio channel low pass
filter, like the one in the video channel, defines the noise bandwidth of the channel.
The D.C. to D.C. converter produces stabilized regulated outputs for all circuits. The
input power requirements are 28 ±4 V.D.C. at 0.8 amps. For operation from 12 V.D.C.
systems) an interchangeable module is available. Operation from 115 V.A.C. is by the
use of a 115 V. A.C. to 28 V.D.C. converter, external to the receiver.
3.2 The Transmitter
A block diagram of the transmitter is shown in Fig. 2. The R.F. signal is generated in the
500 Mc/s F.M. oscillator. The mean frequency of the oscillator, the carrier frequency, is
determined by the D.C. voltage applied to a varactor diode connected across the
frequency determining tuned circuit. Frequency modulation is obtained by
superimposing the video voltage waveform onto the mean D.C. voltage, and thus to the
“tuning” diode.
After several low level class “A” buffer amplifier stages, the R.F. signal is applied to the
power amplifier stages. The output of the final transistor amplifier is approximately 3
watts over the band 495 Mc/s to 525 Mc/s.
This is applied to 2 cascaded frequency doubler stages and then, via an isolator, to the
output terminal. The output power is greater than one watt at all frequencies in the output
band, 1,990 Mc/S to 2,110 Mc/S.
With the exception of the oscillator, all tuned circuits are broadband tuned to cover the
entire R.F. bandwidth; i.e., the instantaneous bandwidth of the transmitter is greater than
120 Mc/s, referred to the output frequency. No tuning is required of any transmitter
circuit,, except selecting the oscillator frequency.
The isolator, in series with the output, attenuates any reflected power due to a mismatch
at the aerial, and thus prevents reflections from detuning the output multiplier circuits.
The multiplication to the output frequency is done in 2 doubler stages in order to obtain
the very wide instantaneous bandwidth with the required gain and phase slope linearity.
The original design conception was a single quadruplet stage but difficulties were

encountered, during development, in obtaining the required bandwidth and phase slope
linearity. The use of 2 doubler circuits removed the requirement of an “idler” circuit, the
troublesome feature of the quadruplet. The multiplier circuits are identical except for the
addition of the idler circuit in the quadruplet, Fig. 3. (The same circuit technique is used
at much lower power levels in the receiver L.O.)
The basic voltage tuned oscillator circuit is shown in Fig. 4. Here we see the frequency
determining resonant circuit, in the region of 500 Mc/s, to consist of a back biased
varactor diode connected to the L.C. network. The transistor circuit is tapped well down
the resonant network to minimize transistor parameter variations changing the oscillator
frequency.
A zener diode defines a stabilized voltage to the switch potentiometer network. The 7
switch positions select voltages to set the capacity of the varactor diode, connected
across the tuned circuit, to the correct value corresponding to the required R.F. channel
frequency. To allow for component ageing and production tolerances, a “fine tune”
facility is incorporated. This provides a small variation, of the available reference
voltage, and thus a small frequency variation of the oscillator. This is the only “tuning”
control in the transmitter.
The oscillator control voltage transfer characteristic is shown in Fig. 5, and the
temperature characteristic in Fig. 6. The differential gain is less than 0.5 db while the
frequency change over the temperature range -10EC to +60E C is within ±600 Kc/s
referred to the output frequency. This latter figure can easily be reduced by placing the
complete oscillator and buffer amplifier sub-assembly in a temperature controlled oven.
Under these conditions, a temperature coefficient of less than 1 in 104 is easily achieved.
The video and audio sub-carrier system is shown in Fig. 7. All the filter networks, work
at a 75 S impedance level and are separated from each other by the amplifiers. The latter
are basically identical and are used as “operational amplifiers”, with individual feedback
defining the effective gain of the unit. The video amplifier is D.C. coupled from input to
output and the overall frequency response is defined by the passive filter networks. With
this video system design, it is very simple to change the transfer characteristic by
changing the particular filter network.
The video input signal is first amplified by the gain controlled stage. The first filter is a
reject notch, resonant at the sub-carrier frequency. This removes video signals and any
noise present in the position of the spectrum where the sub-carrier will be inserted, and
thus prevents possible degradation of the sub-carrier system. A fixed gain amplifier
follows and then the pre-emphasis network. At this point, the sub-carrier signal is added
to the main video signal and the composite spectrum amplified. This amplifier has a
present gain control to allow for production tolerances of the 500 Mc/s oscillator control

slope. The final filter network is a low pass filter which defines the overall video
spectrum bandwidth. The final video amplifier raises the signal voltage to the level
required to modulate the 500 Mc/s oscillator.
The audio amplifier system uses identical amplifier units to the video network. The first
amplifier is working at fixed gain, the second is gain controlled while the third has a preset gain control to compensate for tolerances of the sub-carrier oscillator sensitivity.
There is also a pre-set control on the sub-carrier output to set the oscillator output to the
correct amplitude for adding into the main video system.
When the system is in use for television relay applications, the audio and video transfer
functions comply with the relevant C.C.I.R. recommendations. (Nos. 402, 403, and 405.)
4. Conclusions A television multiburst test signal, after passing through the SolidState Microwave relay system, is shown in Fig. 8. The frequency response of the system
is shown to be excellent. The frequencies of the signal bursts are: 500 Kc/s, 1 Mc/s,
1.5 Mc/s, 2.5 Mc/s, 3.58 Mc/s, and 4.3 Mc/s. The differential gain of this system was
0.2 db and the differential phase less than 1E at 3.58 Mc/s.
5. Acknowledgement The author wishes to acknowledge the contributions of the
many colleagues who have contributed to the success of this project, and to thank
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Fig. 1-Block Diagram Of Microwave Relay Receiver

Fig. 2-Block Diagram of Microwave Relay Transmitter

Fig. 3-Basic Varactor Multiplier Circuit

Fig. 4-Basic Oscillator Circuit Showing Voltage Tuning and Modulation

Fig. 5 -Oscillator Transfer Characteristic

Fig. 6-Frequency/Temperature Characteristic of 500 Mc/s Oscillator

Fig. 7-Audio and Video System Block Diagram

Fig. 8-Television Multiburst Test Signal

COMMUNICATIONS AND COMMAND FOR A LUNAR
NUCLEAR POWER PLANT
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Summary Extensive lunar exploration will require the establishment of relatively
long-term lunar bases. The power demands and the high fuel transportation costs to
support these bases will necessitate the utilization of nuclear power plants. In the
following paper, the lunar exploration base is briefly described. The economics of
electrical power production on the Moon are discussed and the need for a nuclear power
plant is established. A power plant configuration is shown. Communications and
command requirements are presented and the communications and command system is
described.
Introduction The Office of the Chief of Engineers (O. C. E.) Corps of Engineers, has
directed the Westinghouse Electric Corporation in a study* of a lunar surface nuclear
power plant in support of the National Aeronautics and Space Administration, Lunar
Exploration System-Apollo (LESA) Program. The conceptual design for a lunar nuclear
power plant communications and command system herein described was developed in
conjunction with the O. C. E. directed study. The Apollo mission will accomplish the
initial lunar exploration, but extensive lunar exploration will require the establishment of
more nearly permanent lunar surface bases. The Westinghouse concept of an essentially
fully developed lunar base is shown in Figure 1.
Description of Base The transport vehicle assumed for all of the payloads shown in
Figure 1 is the Saturn V, which would carry about 25,000 pounds of unmanned payload.
The nuclear power supply (1) would produce about 100 kilowatts of electric power from
a turbine generator powered by a nuclear reactor. The entire plant would be contained in
a single Saturn V payload section, which measures about 20 feet in diameter by 30 feet
in height. The nuclear unit provides power for life support, fuel and oxygen regeneration,
and operation of communication equipment. A regeneration unit (2) processes the
chemical fuels of secondary power supplies. For example, water produced by the fuel
*

Engineering Study of a Nuclear power Plant for Lunar Exploration System for Apollo (U.S.
Army Corps of Engineers Contract DA-49-129-ENG(NASA)-1

cells of the roving vehicle is broken down by electrolysis into oxygen and hydrogen,
which are then liquefied, stored cryogenically, and reused. Personnel shelters (3)
accommodate six men each, or even up to twelve each in an emergency. They have
complete life-support systems and use power from either the nuclear supply or from a
backup fuel-cell supply in the shelter. Each shelter has a parabolic antenna for video and
data transmission and communication with the Earth. A tall mast on each supports VHF
antennas for communication with men outside the shelters and with the two-man lunar
roving vehicle (4) when in line-of-sight range. Lunar excursion modules (LEM) (5) are
vehicles in which men arrive on the Moon and return to a lunar orbit. In lunar orbit, the
ascent module rendezvous with an Apollo spacecraft for the return to Earth. Expended
lunar excursion module descent stages (6) are left on the lunar surface when the ascent
stages depart. A 500-foot mast supports the ground-wave propagation antenna (7) used
for over-the-horizon lunar surface communications. Small two-wheel resupply trailers
transport materials, equipment, and food among units of the base. Logistics vehicles (8)
transport the roving vehicle, resupply trailers, and resupply payloads from Earth to the
lunar base.
The initial NASA LESA study considered four levels of lunar base development:
(1)
(2)
(3)
(4)

Three-man crew, three months duration
Six-man crew, six months duration
Twelve-man crew, twelve months or longer duration
Eighteen-man crew, twenty-four months duration, or longer.

The energy requirement or each of the bases was estimated. Bases 1 and 2 require
relatively little energy and, considering all problems, fuel cells supplemented by solar
cells for shelter power during the lunar day, will most economically supply the required
power. For Bases 3 and 4, it quickly became apparent that a nuclear power plant is
essential. Hydrogen, oxygen fuel cells require nearly one pound of reactants for each
kilowatt hour of output. Transportation cost to the lunar surface is estimated at $5000 per
pound. Based upon this estimate, the energy cost using fuel cells for Bases 3 and 4
would be millions of dollars a day and a nuclear power plant would become an economic
necessity.
Power Plant Description Figure 2, “Functional Diagram of Lunar Nuclear Power
Plant”, illustrates the operation of the plant. The primary fluid, liquid potassium is
circulated through the reactor and to the boiler where heat is transferred to the secondary
mercury loop which operates in a Rankine cycle. In the Rankine cycle, the fluid is
vaporized, drives a turbine, is condensed, pumped up to boiler pressure, and returned to
the boiler. One of the unusual features of this plant is the manner in which heat is
removed from the condenser in the secondary loop. On the Moon, heat must be rejected
by radiation, and since meteoroids may puncture the radiator with resultant loss of fluid,

it is not feasible to have the secondary fluid go through the radiator. To remove the heat,
there are about 200 independent reflux condensing tubes. By having a large number of
independent radiator loops, several meteoroid punctures can occur with only a small
effect on the complete system. As can be seen from the block diagram, there are
duplicate secondary loops , pumps, etc. Reliability requirements dictate this redundancy;
however, where these components ire in parallel, only one operates at a time. The design
capacity of the power plant shown is 100 kw electrical.
Power Plant Control and Operation Power plant control is automatic. Base
personnel have initiation and intervention capabilities. In view of the communication lag
time, the possibility of temporary Earth-Moon communication outages, and the
requirements of safety, extensive reliance cannot be placed upon Earth systems or
personnel for control purposes (although they have the same intervention and initiation
capability as lunar personnel), but large savings in operational labor can be effected by
allowing the Earth system to assume the burdensome plant monitoring and data
accumulation function. During normal operation lunar base personnel have the option of
activating a reactor SCRAM (rapid shutdown) on high gamma levels at the base, or when
an incipient unsafe condition exists during a period of interruption in Earth-Moon
communications. A recorder positioned at the base will be activated to record plant data
for transmission to Earth at a later time, should such an interruption accur. Large changes
in load, which for economic reasons should not be accommodated by the ballast load,
can also be made by lunar personnel. A similar option is available to Earth personnel.
The plant would be automatically shut down (SCRAMMED) under unsafe conditions.
No manual action is required to base personnel except to initiate restart of the plant,
which could also include remotely controlled draining of a failed secondary loop and
filling the alternate secondary loop. The plant startup time is about 20 to 25 minutes, not
including diagnosis which, in the case of a SCRAM, would be performed by Earth
personnel. The switchover to redundant valves and pumps in the secondary loop can be
accomplished automatically with little effect on the plant electrical load.
Communications and Command System A nuclear power plant operating on the
lunar surface in support of a lunar exploration system presents an unprecedented
communications and command problem. Though the challenge is great, techniques and
hardware presently in use and under development, when properly applied, can meet the
requirements. The design presented herein is based upon the best currently available
information with regard to lunar nuclear power plant design and existing and planned
Earth-Moon communications networks. Since this background information is
preliminary, a definitive design of the communications and command system is not
possible at this time. The purpose of this effort is to contribute to the definition of both
the nuclear power plant system design and the lunar exploration system communication
and command system design.

General Approach In considering the nuclear power plant communications and
command subsystem, certain broad design philosophies have been developed; they are:
(1) Maximization of reliability is the most important requirement,
(2) Wherever practical, failure analysis capability should be included.
(3) The communications and command subsystem is not the pacing item in a lunar
nuclear power plant development program. Hardware and techniques not
presently foreseen will become available well before the production design must
be fixed. These new techniques and hardware can be incorporated into
reiterations of the design.
(4) In order to develop the overall subsystem design, it is necessary to make
assumptions in many areas because the detailed information required to justify
comprehensive engineering analyses is not available. An example of one of these
assumptions is that the data words will be eight binary bits in length. In the final
design, longer data words or data words of several different lengths may be used.
(5) The techniques indicated in the functional block diagrams are in all cases
conventional. More sophisticated telemetry techniques, such as on-site editing,
or adaptive schemes using variable data formats w e r e considered. The
advantages of these techniques are reduced bandwidth and, as a consequence,
reduced power requirements. The primary disadvantage is additional complexity,
generally resulting in reduced reliability. To evaluate the applicability of
adaptive telemetry or other bandwidth reducing schemes, the system
requirements must be well-defined.
(6) The communications and command hardware will make maximum use of
molecular electronic, integrated circuitry techniques. These techniques will be
state-of-the-art well before the 1971- 75 period. Molecular electronics offe r
minimum weight, volume, and power consumption and maximum reliability.
Redundancy, where required, becomes quite practical due to very small weight,
volume, and power consumption.
Requirements Estimates of monitoring requirements, in the form of signal lists were
prepared by those engineers responsible for the design of the nuclear power plant.
Approximately 1300 points must be monitored during the operational phase. The
required number is somewhat less during the standby phase. (Due to limited Saturn V
launch capability all lunar base payloads maybe required to survive an unattended
standby period of six months to one year before the base becomes operational). The
major difference in monitoring requirements is that only intermittent sampling, perhaps
once every 100 hours, is required during standby. The self-monitoring requirements of
the communications and control system must be added to the nuclear plant requirement.
These, and a spares allowance, are estimated to total an additional 100 points.
Requirements for time multiplexed data during operation are approximately 600 points
each sampled once every ten seconds. An examination of the monitoring requirements

for standby and operation has shown that independent monitoring systems are not
justified. Sampling rates will be changed for the two phases.
Implementation During standby on the lunar surface, an S-Band (approximately
2300 mc) command receiving system will operate continuously. Every 100 hours, upon
command from Earth, the system will transmit a status check directly to Earth. Three
scans of the data will require approximately one hour. This system will use an omnidirectional (hemispherical coverage) antenna and is independent of all other lunar
payloads. The data will be demultiplexed and automatically compared in the available
Earth station computers to identify those points which are outside established limits. The
data will be stored and displayed on Earth as desired. When the system is about to
become operational, the sampling system will be commanded into continuous operation
and the sampling rate increased by a factor of ten. One master frame containing every
data point will be transmitted every 100 seconds. Six hundred points will be sampled
every second. During startup, continuous monitoring of the rate of change of reactor
power will be conducted.
All of this data will be transmitted from the power plant to the lunar control station in the
shelter using a VHF link. The data will then be frequency multiplexed with data from the
shelter and other payloads and sent to Earth on an S-Band link. The shelter will be
capable of limited monitoring and control and data storage (magnetic tape recording)
will be available at the shelter. Normally, all commands to the nuclear payload will be
sent directly from Earth. Limited emergency command from the shelter will also be
possible. The data received at the Earth station will be continuously monitored and when
out of tolerance data is detected, alarms will be initiated. All received data will be
recorded. Selected data will be retransmitted to the central terrestrial station, using the
Earth network.
Communications and Command System Functional Diagram The telemetry,
communications, and command equipment which is located in the nuclear power plant is
shown in Figure 3, “Lunar Nuclear Power Plant Telemetry and Communications
System”. This equipment, in conjunction with the communications equipment in the
shelter provides the capability for the remote monitoring of the power plant status and
integrity during the standby phase (prior to base habitation), the command and
monitoring of the power plant status and integrity following a shutdown. The system
provides the capability for remote monitoring and command both from the Earth and the
lunar shelter except during the lunar standby phase, prior to base habitation, in which
case, monitoring and command can be accomplished only from Earth.

Telemetry System The telemetry system in the nuclear power plant payload is capable
of operating in three different modes with each mode corresponding to a distinct
operational phase of power plant activity. The three phases of power plant activity are:
(1) Standby, prior to base habitation and following a plant shutdown
(2) Power plant start-up and shutdown
(3) Power plant normal operation.
The operating modes and the capability of the telemetry system corresponding to these
phases of power plant activity are:
(1) Standby
592 quantities--each sampled once every 10 seconds
800 quantities--each sampled once every 1000 seconds
Data Rate--480 bits/sec
(2) Start-up and Shutdown
592 quantities--each sampled once every second
800 quantities--each sampled once every 100 seconds
Data Rate--4800 bits/sec
3 quantities continuously monitored--100 cps each
(3) Normal Operation
Same as Start-up and Shutdown except the continuously monitored signals are
not required.
Common pulse code modulation (PCM) telemetry equipment will be utilized for all three
operating modes. The sampling rates will be changed between standby and start-up. This
is accomplished by providing the programmer with the capability of generating two sets
of timing signals. The PCM telemetry equipment shown accepts both high level (0-5v)
and low level (0-40mv) conditioned analog inputs and digital inputs. The outputs of
these high level and low level analog multiplexers are serial pulse amplitude modulated
(PAM) signals. The output of the low level analog multiplexer is amplified to the 0 to 5v
level in the low level amplifier. The master multiplexer accepts the serial PAM output of
the high level multiplexer and the amplified serial PAM output of the low level analog
multiplexer and combines them into a single serial PAM output. The serial PAM output
of the master multiplexer is converted into a pulse PCM signal in the analog to digital
converter. The analog-to-digital converter digitizes the analog input to an 8-bit binary
code; each 8-bit binary word is read out in parallel. The digital multiplexer combines the
parallel digital inputs from the analog to digital converter, the digital inputs from the dig
al sensors, and the proper synchronization signals from the programmer into a single
serial PCM output. The output bit rate is 480 bits/sec during the standby phase and 4800
bits/sec during the start-up and normal operation and shutdown phases.

Standby During the standby phase, prior to base habitation, only the S-Band receiver
operates continuously. On command from Earth, the monitoring system is placed in
operation, the PCM output of the digital multiplexer phase modulates the S-Band
transmitter, and the phase modulated signal is fed to the omni-directional antenna
through the duplexer for transmission to Earth. The output of the S-Band transmitter is
nominally 1 watt. This value of transmitter power is based on the use of coherent phase
shift keying (PSK) modulation and on achieving an error probability of 10-3 (one error in
1000 bits) for the Moon-to-Earth transmission bit rate of 480 bits/ sec.**
Start-up and Operate During the normal operation phase and the standby phase
following a plant shutdown, the PCM output of the digital multiplexer passes through the
summing network and frequency modulates the 100 mw VHF transmitter. It is then fed
through the VHF duplexer to the whip antenna on top of a 100-foot extendible
(DeHavilland STEM) antenna mast for transmission to the shelter and relay to the Earth
through the shelter S-Band communications system. During start-up the PCM output of
the digital multiplexer is fed to the FM summing network. The FM summing network
combines this signal with the frequency modulated outputs of the subcarrier oscillators
containing the high frequency analog signals (reactor period, etc.). The frequency
multiplexed output of the FM summing network then frequency modulates the 100-mw
VHF transmitter. The transmitter output is fed through the VHF duplexer to the whip
antenna for the transmission to the shelter and relay to the Earth through the shelter SBand communications system.
Command System Alternate control of the nuclear power plant payload will be from
the Earth through the S-Band command system. Control capability is also provided from
the shelter through the VHF command system. The VHF command system is used both
for reception of commands originating at the shelter and reception of commands
originating at the Earth and relayed through the shelter. This second function of the VHF
command system provides a back-up capability should the primary S-Band command
system in the power plant payload fail. Both the S-Band and VHF command systems will
be digital systems. The command equipment in the power plant payload for the two
systems will be identical except for the receivers. During the standby phase, prior to base
habitation, the S-Band command system is used exclusively. Its primary function is to
initiate periodic status checks of the power plant payload and to command control point
resets following a status check. The reactor will be prepared for the start-up manually or
automatically by remote command. In either case, received commands will initiate
command routines stored in the programmer. The programmer will be capable of
executing upon command two hundred sets of sequential command routines, each
routine consisting of an average of five separate commands. After full scale operation is
**
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automatically achieved, the commands to change power levels, shift to the other
secondary loop, etc., can be transmitted from Earth or from the shelter. The programmer
will accept these commands and initiate the desired control sequence. The programmer
will also execute control of the communications and command systems, shifting to
redundant equipment automatically and by command from Earth when required.
Weight and Power Requirements Based upon the use of microelectronic integrated
circuitry, the weight of the electronic equipment shown in Figure 3 is estimated to be
approximately 13 pounds. The S-Band antenna weight is approximately 2 pounds and
the VHF antenna and100-foot extendable mast total 10 pounds. The weight of
transducers and wiring are not included. Wiring capable of withstanding high
temperatures would add appreciably to the overall weight. Power consumption estimates
are:
Standby, Continuous
Transmit Standby Status Check
(duty cycle approximately 1%)
Operate, Continuous

0.1 W
8.6 W
6.9 W

Lunar Surface Communication Center The communications center on the lunar
surface will be located at the manned shelter and will relay to Earth all data from the
numerous LESA payloads, including the nuclear power supply. Limited monitoring of
the relayed data will be possible at the central station. Magnetic tape recording will be
included to permit scheduled and emergency storage of data should contact with the
Earth be lost. The capability for limited emergency commands to other lunar payloads
will be provided. The central communication center will also include the required
monitoring, control and data transmission, including video, for the shelter and crewmen.
The lunar surface communications center, acting as a relay point between the various
payloads and Earth offers a number of advantages:
(1) The use of the VHF transmission system from the remote payload to the center,
reduces the effective radiated transmitter power (product of r-f power radiated
and antenna gain)required at each payload.
(2) It is not necessary to use independent S-Band carriers for each payload, since all
data will be frequency multiplexed at the central station and transmitted to Earth
on a single carrier.
(3) The central station will employ a high gain S-Band antenna, thus minimizing the
number of high power S-Band transmitters used in the lunar base.
(4) The tracking antennas and higher power transmitters are at the manned site and
available for maintenance and replacement.

Reliability The communication and command system of a lunar base could be
substantially implemented today using available hardware. Weight, power consumption,
and volume would be large when compared to 1972 equipment. The nuclear power plant
communication and command subsystem presents a very different reliability problem in
the communications and control area. Not only must the long t e r m I u n a r surface
storage requirement be met, but also, unlike the other lunar surface units, the react o r
radiation hazard necessitates unattended operation of the reactor communication and
control equipment even when the base is manned. In addition, the cost of shutdown of
the nuclear power plant is measured in millions of dollars per day. The reliability
demands of space programs in communications and other areas are well known and
much of this country’s technologycal effort is presently devoted to the problem. The
solution, in the final designs will be to employ the least demanding approach, the most
reliable hardware and intelligent use of redundancy.

Figure 1. Westinghouse Lunar Base

Figure 2. Functional Diagram of Lunar Nuclear Power Plant

Figure 3. Nuclear Power Plant Telemetry and Communications System Functional Block Diagram

A METEOR BURST TELEMETRY SYSTEM FOR
OCEANOGRAPHIC DATA ACQUISITION
B. F. SWISHER and R. E. JOHNSON
Command & Control Systems Department
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Summary The meteor burst telemetry system to be described was conceived, designed,
and developed as an Engineering Model. The telemetry system will be used to telemeter
oceanographic data from an experimental instrumented ocean buoy to be moored at
continental shelf depths on Cobb Seamount to shore facilities at Seattle, Washington.
Cobb Seamount is located in the Pacific Ocean approximately 300 miles off the coast of
the State of Washington.
A general description of the telemetry system and its operational characteristics, which
are dictated by the statistical characteristics of the meteor burst mode of propagation, is
presented. This is followed by a more detailed description of equipment elements of the
system. The developmental status, the results of a propagation path field test, and plans
for additional tests are discussed. Development results to date are sufficiently
encouraging to generate confidence in the utility of a meteor burst telemetry system for
oceanographic data acquisition.
Introduction The meteor burst telemetry system to be described was conceived and
developed as a result of three major factors. They were: 1) A desire to apply the
knowledge gained from independent research and development to the development of a
practical data transmission system; 2) the pursuit of knowledge about the ocean creates a
need for unmanned platforms with telemetry systems capable of operating beyond lineof-sight ranges, and 3) an opportunity existed to cooperate in the development of an
oceanographic acquisition platform which required a telemetry system.
Millions of meteorites enter the Earth’s atmosphere daily leaving ionized trails or
“bursts”. During the latter part of World War II, it was recognized that back scatter from
these ionized meteor trails were the cause of “False Targets” displayed on Radar
Indicator Screens. The natural desire to learn more about this phenomena has since
spawned many research and experimental programs by Government and Industry,
nationally and internationally. To date, hundreds of articles have been published
describing the results of these programs. Boeing entered into a company-funded meteor
scatter research and development program in 1958. In 1959, a 600 mile experimental

Very High Frequency (VHF) link was established between Seattle, Washington and
Montana State College at Bozeman, Montana. Subsequent to link parameter verification
tests, original experiments were conducted exploring the phase stability of the link.(1)
These experimental results were encouraging. The experiments continued and
demonstrated, for example, that precision long-range automatic time synchronization
could be accomplished.(2) Applications studies were made. One of these, the suitability of
the meteor scatter mode of propagation to telemetry of oceanographic data occurred in
1963. This study favorably concluded that: (1) Real time transmissions are not usually
mandatory; (2) available primary power endurance capabilities dictate extremely careful
power management; (3) the power endurance limitation implies a master-slave
relationship inherent to meteor burst communication links (4) beyond line-of-sight
coverage is required; (5) data reliability is at least as important as data volume; (6)
efficient channeling of data for centralized computer data processing is necessary; (7) an
alternative to existing High Frequency (HF) telemetry systems for beyond line-of-sight
coverage would be desirable.
The ocean is technically a “hostile” environment and not as physically and economically
accessible as the atmosphere for observation and study. Consequently there is emphasis
on development of unmanned instrument platforms, such as buoys, and telemetry
systems to serve them. (3) From an unmanned instrument platform, by means of suitable
instruments, both sub-surface and surface ocean environmental phenomena may be
observed and recorded. These observations should be made several times a day over a
period of many days in order to obtain a general view or synopsis of the daily and
seasonal variations. Several such platforms or stations may be required to study a very
small area of the ocean.
The University of Washington, Department of Oceanography, Developmental
Laboratory had conceived and was proceeding with the development, sponsored by the
National Science Foundation, of a submerged buoy suitable for use as an instrument
platform at Continental Shelf depths. A cooperative effort was established whereby
Boeing would participate in the program and develop and demonstrate an Engineering
Model of a “Meteor Burst” telemetry system.
Development of the telemetry system has progressed to the laboratory system integration
test stage. The system and its operational characteristics are described. Some technical
details of the equipment comprising the master and slave stations are presented. The
results of a propagation path test are discussed. The test was conducted between Cobb
Seamount and Seattle. Cobb Seamount is the site of the proposed buoy plant and is
located in the Pacific Ocean off the Washington Coast.
System Description The system has been designed to exploit fully the master/slave
and meteor burst characteristics. The master station or master control terminal (MCT)

normally probes at regular intervals with a fixed length interrogation message. The slave
station or Instrumented Ocean Buoy (IOB) is normally silent. When a suitably oriented
meteor trail enables the IOB to receive the probe, the IOB transmitter is automatically
turned on. The stored data is then formatted into a fixed length message and transmitted
to the MCT. The MCT stores and records the data.
The message structure was designed, taking into consideration both the information
necessary to be transferred and the burst duration distribution. The messages, both
interrogation and reply, are illustrated in Figure 1. The interrogation message and the
beginning of the reply message have the same format. The basic word length is eight (8)
bits. The first three words of the fixed length interrogation or probe message are for the
purpose of bit synchronization. The fourth word is for the purpose of establishing frame,
or word, synchronization. The fifth word is divided into two sub-words, message block
starting point address, and command code. The reply pre-message consists of six words.
The first five are identical to the probe with a sixth word which is subdivided. Seven bits
are used for elapsed time and one for an emergency flag. The complete fixed length reply
message consists of the pre-message and 64 data words. At a 3,500 bit/second rate an
interrogation and reply over a 1000 mile link can be accomplished in approximately 185
milliseconds. Slightly more than 11 milliseconds is required for the interrogation probe;
12 milliseconds is allowed for two-way propagation time; one (1) millisecond is allowed
for switching from receive to transmit at the slave station; and the reply message requires
slightly more than 160 milliseconds.
The 64 data words are digitized, 0 to full scale, samples representing one full scan, or
synoptic scan, of the sensor group. Four of the synoptic scans are stored in the core
memory resulting in a total storage of 256 words. The data words are arranged in blocks
of eight words for a total of 32 blocks. With the message block starting point address
feature in the message, the smallest receivable quantity of data is an eight word message
block. The MCT continuously indexes the data words as they are received and
transferred into memory. If a meteor burst dropout occurs prior to receipt of the complete
reply message, the MCT programmer automatically inserts into the interrogation
message assembly register, the correct starting point address for the next probe. This
message block starting point address will correspond to the block immediately following
the last block completely received by the MCT. There are only two of eight possible
command codes presently programmed. They are threshold fill and memory fill. The
threshold fill command will result in IOB data processing equipment accomplishing a
sensor scan when an itern of specific interest, such as wave heighth, exceeds a pre-set
value. The memory fill command will result in a sensor scan being accomplished
subsequent to the reply requested. This procedure is due to the fact that the sensor group
requires three minutes for both sensor stabilization and time averaging prior to the start
of sampling and storage of the data. The elapsed time word represents the time elapsed
since the last memory fill and the report being transmitted. The emergency flag bit is

provided as an emergency warning signal which may be actuated by any one of several
possible integrity monitoring devices installed on the buoy.
Requirements for the receiving and transmitting elements of the system were developed
by a system power budget analysis. The message structure response requirements and the
necessity for conserving primary power defined a need for a solid state transmitter for
the IOB. The RF power budget analysis used the frequency (approximately 47
megacycles) of the experimental VHF link for calculating propagation losses in order to
use available test data. The results of the analysis, considering a propagation path of
1000 miles, indicated the need for a transmitter of 600 watts power output at the IOB.
Low gain antennas, on the order of 6 db or less, are desirable at the IOB so that
orientation restrictions can be held to a minimum. Differential phase shift keying (PSK)
modulation will be used. The experimental evidence of the phase stability of meteor
burst links, better spectrum utilization and a nominal 3 db margin over frequency shifted
keyed (FSK) system (4) all contributed to the selection of PSK for a modulation scheme.
The operation of the system is largely controlled from interrogation and recording
control panels at the MCT. Figures 2 and 3 are photographs of the interrogation control
panel and the MCT data processing and recording groups. Synoptic scanning is initiated
at scheduled times at the IOB. Unscheduled operations are manually controlled at the
MCT. Thus, automatic and manual interrogation modes have been provided.
In the automatic interrogation mode internal timing and logic circuits initiate and control
the frequency of the interrogations or probes. There are controls by which types of
reports, full memory or 1/4 memory, may be chosen. When both the interrogation and
recording automatic modes are selected, probes are initiated every 33 milliseconds at the
scheduled synoptic scan time. When a reply is received, further probes are inhibited until
either the reply message has been received or a burst dropout occurred. Probes and
replies continue until the complete report selected has been received and stored.
Recording of the report is automatically initiated when the complete report is in storage.
Indicating lights are provided on both the interrogation and recording control panels for
monitoring the status of the information receipt and storage.
The manual interrogation mode enables an operator to obtain data of particular interest
which could not normally be obtained by the synoptic scanning method. This is
accomplished by providing controls for selecting message block starting points and
command codes. The interrogation is initiated by a manually controlled switch.
Recording is normally controlled by manual means in this mode. Interrogations are
automatically continued until the report requested has been received and stored. The
commands, threshold fill and memory fill, are executed after the report requested has
been completed. An interrogation may be made any time after the command has been

executed to extract the new data from the IOB memory. Appropriate indicating lights are
provided on both the interrogation and recording control panels for status monitoring.
Slave Station - Instrumented Ocean Buoy (IOB) The Instrumented Ocean Buoy
portion of the Meteor Burst Telemetry System consists of four main groups of
equipment. Figure 4 illustrates, by means of a block diagram, the relationship of the
sensor, data processing, power and receive/transmit groups.
Sensor Group - The sensor group may consist of a variety of sensors depending upon the
type of environmental investigation desired or planned. Thus, provisions were
incorporated for accommodating high and low level analog sensors as well as digital
sensors. Since sensor technology is a subject by itself, no detailed discussion of the
sensors will be made. Figure 5 is a measurement list planned to be used on the first buoy
plant. The measurement list shows about an equal representation between buoy
performance and oceanographic sensors. Excitation, and primary power is regulated and
sequenced by the data processing group.
Data Processing Group - For descriptive purposes, the data processing group is divided
into three main categories, the multiplexer, programmer, and memory. The multiplexer
and programmer will be packaged together in one water-tight container. The memory
unit, because of its form factor, requires a separate water-tight container.
The multiplexer consists of a solid-state time division switching device, applicable
power regulators, signal conditioning circuitry, an analog-to-digital (A/D) converter, and
a low-level differential amplifier. There are 64 sampling time slots which provide a 64
channel capability. It is presently connected to provide 7 active low-level and 13 active
high-level channels. A differential amplifier packaged with the A/D converter raises the
low-level Pulse Amplitude Modulated (PAM) train to high level. After amplification, ‘it
is gated through a high-level channel, inserted in the high-level PAM train and routed to
the A/D converter. The five digital channels occupy five sampling time slots.
The programmer block diagrammed on Figure 6, is sectionalized by function and for the
purpose of primary power consumption management. There are essentially five chassis
which make up the programmer. One of the chassis contains the power sequencer and
two clocks; a six hour and a three minute clock. The power sequencer performs the
function of switching the power in a functional sequence to other elements of the
telemetry system. The other four chassis are generally referred to as Micrologic Sections
because these sections are made up of micrologic elements. A photograph of a
representative chassis section and circuit cards is presented in Figure 7. Micrologic was
chosen for two primary reasons; low power consumption, and to obtain an easier form
factor for packaging. Micrologic Section I requires continuous power and performs the
primary programming functions. Micrologic Section II is switched on for 210 seconds

for each memory fill. This section accumulates, time averages, and temporarily stores the
digital sensor data. This section also contains the Memory Address Register (MAR). The
MAR is switched on for approximately 30 seconds during each memory fill and
approximately 160 milliseconds for each reply to interrogation. The MAR provides the
logic control for memory addressing for both the memory fill and the reply. Micrologic
Section III is switched on for approximately 160 milliseconds for each reply to
interrogation. The function of this section is to assemble the reply message and
accomplish the format conversion for transmission. Micrologic Section IV is switched on
for approximately 30 seconds during each memory fill. Its function is to provide logic
control for accomplishing the sensor scan and inserting the resulting scan into the
memory unit.
The memory unit is an off-the-shelf core memory unit modified to meet the needs of the
system. The modification makes provision for power and timing to be applied from an
external source and accommodates differences in logic levels. The unit has a storage
capacity of 512 eight-bit words though only half of the storage capacity is used in the
present system. Power is applied to the memory unit and its auxiliary circuits for
approximately 30 seconds during memory fill and approximately 160 milliseconds
during reply to interrogation.
Power Group - Several power systems were investigated. Initial deployment will use
conventional battery power, regulated as required. The power system is considered the
major endurance limiting factor in an unmanned oceanographic data acquisition system.
The planned battery system, using conventional lead-acid batteries, has an expected
endurance of 45 to 50 days. Most of the system elements have demonstrated lower power
consumption than initial estimates. This might indicate a higher expected endurance but
the endurance will primarily depend upon the number of unscheduled or unprogrammed
requests for memory fills and replies.
Receiver/Transmit Group - The receive/transmit group consists of a receiver, transmitter,
duplexer and antenna. The receiver and duplexer are to be packaged in one water-tight
container. The transmitter will be packaged in an individual water-tight container. The
antenna will be located atop the mast on the buoy.
The receiver is a double-conversion system with the output of the 2nd IF amplifier
driving the demodulator and a signal presence detector. The demodulator consists of a
local oscillator, controlled in frequency and phase by the input signal via a dual mode,
phase-locked-loop filter. The local oscillator output, after division and filtering, is
multiplied with the input signal in a phase sensitivie detector. The detector output is then
filtered and amplified to give the final output signal. The heart of the demodulator unit is
the dual mode, phase-locked-loop filter. It is outlined by dashed lines in the block
diagram of the receiver on Figure 8. The demodulator as designed achieves a lock-up

time of 3 milliseconds for a ten kilocycle offset frequency. Error rates were within 2 db
of the theoretical 8 db signal to noise ratio (SNR) for PSK. Figure 9 is a photograph of
the receiver. The signal presence detector generates a positive voltage level signal which
is provided to the programmer section of the data processing equipment. The signal
presence detector, as its name implies, indicates when a transmitted probe, or reply,
exceeds a specific SNR threshold. Since the SNR is primarily affected by sources
external to the receiver, an automatic level adjusting circuit was designed and
incorporated in the receiver.
Considerable development activity is being applied to the transmitter. It was necessary to
design the transmitter to use solid state devices for their inherent primary power
utilization efficiency. For example, no warm-up is required; negligible power, only a few
milliwatts is consumed during “standby” operation; overall efficiencies of better than
501/o have been achieved. The solid lines of the block diagram, Figure 10, show the
configuration of a transmitter breadboard model, a photograph of which is shown in
Figure 11, that is capable of an output of over 300 watts. A configuration, adding a
fourth parallel amplifier as depicted by the dashed lines, has produced over 400 watts.
Addition of a fifth parallel element, as shown by the dotted lines, did not successfully
obtain higher power outputs. This was due mainly to an unwieldy laboratory set-up.
These units used 20 watt transistors. With 35 and 50 watt transistors now available,
further development will be concentrated on configurations with either two or three
parallel final amplifiers. The exciter consists of an oscillator, a buffer/amplifier,
modulator, and two amplifiers. Control of a single power source, -12 volts DC, enables
turn-off of the exciter and consequently the complete transmitter. The pre-driver, drivers,
and final amplifiers use transistor amplifier stages which are identical in design. In each
of the final amplifiers are six transistor amplifiers in parallel. Power splatters and adders
are used in the parallel operation. The power adders and splatters are exactly alike in
design and shape. Several different adder/splitters were constructed and used
successfully.
A duplexer is required when the same antenna is used for transmission and reception. A
duplexer switch was designed and constructed. In addition to impedance matching, the
switch provides greater than 70 db of protection to the receiver during transmission. The
switching time is less than 0.1 millisecond.
A three-element Yagi-Uda antenna array will be used. The antenna transmission line has
a nominal impedance of 50 ohms. Vertical and horizontal radiation patterns are
nominally 70E and 40E respectively, horizontally polarized.

Master Station - Master Control Terminal (MCT) The Master Control Terminal
consists of three groups of equipment. The transmitting/receiving group, the data
processing group, and a data recording group. The overall block diagram of the MCT is
shown on Figure 12.
Transmitting/Receiving Group - The transmitting/receiving group, consists of antennas,
a transmitter, and a receiver. Since the MCT is planned as a shore station, separate
antennas are used for transmitting and receiving. A duplexer and a single antenna may be
used if desired. The antenna are of the Yagi type to send and receive horizontally
polarized signals. The transmitter uses an exciter, similar to the slave station exciter,
driving vacuum tube drivers and power amplifier. The transmitter has been, and is still
being used to support experiments on the Experimental Meteor Scatter link between
Seattle, Washington and Montana State College in Bozeman, Montana. The receiver and
demodulator is a duplicate of the slave station unit. The transmitter and receiver are
assembled on one rack.
Data Processing Group - The data processing group, assembled on one rack, consists of
three main sections. They are: (1) receiving, (2) recording, and (3) transmitting.
The receiving section, shown in block diagram form in Figure 13 is concerned with the
reception of signal presence indication and non-return to zero mark (NRZM) data from
the receiver, converting the data to non-return to zero level (NRZL) format, decoding the
pre-message words, and storing the data words in core memory. Bit synchronization is
derived from the NRZM bit train. This time extracted signal provides the basic clock for
the decoding and temporary storage of the reply message.
The NRZM bit train from the receiver is routed to both the bit sync unit and the NRZM
to NRZL converter. Bit sync is accomplished during receipt of the sync words. The time
extracted clock pulses, are used in the NRZM to NRZL conversion and in shifting the
NRZL data into the input register. When the frame sync word is detected, a frame sync
signal is generated. The frame sync signal enables decoding of the remainder of the
message and inhibits initiation of probe messages during receipt of the reply message. If
the reply address is correct, transfer of the data words to memory is enabled. If it is not
correct, an error signal is generated which energizes a control panel error light. The error
light must be manually reset though data word transfer into memory may be enabled by a
subsequent correctly addressed mess-age. The recording section is concerned with the
transfer of data words out of core memory, data conversion, and recording control logic.
A realtime generator is included in this section.
The transmitting section is concerned with the sensing of the start interrogation signal
(whether automatic or manual), probe message assembly, and the transfer of the probe

message to the transmitter. A block diagram of the transmitting section is shown in
Figure 14.
Portions of the transmitting section are programmed automatically regardless of whether
interrogation mode is automatic or manual. The required clocking signals are generated
by the programmer. When the start interrogation signal is sensed, either automatic or
manual, the assembly and transmission of the interrogation proceeds, unless inhibited by
the signal presence circuit. The three bit sync words are generated and assembled as is
the frame sync word. The address and command code words are also assembled. The
differences in content of the Address and Command code words are determined by the
automatic and manual modes. Likewise, the sequence of interrogation probes. The NRZL
to NRZM conversion and modulation of the transmitter occurs in sequence with the
message assembly.
Recording Group - The recording group consists of an electric typewriter and paper tape
punch. The unit now being used is a Friden Flexowriter. The print-out mode is
determined by the display panel Printout Mode Switch. When in automatic print-out
mode, the flexowriter control sense line senses -the report completion signal and initiates
the recording of data at 571 characters per minute. When in “Select” printout mode, the
recording sequence is manually initiated by the “print” button on the display panel. Printout will begin, unless inhibited by receipt of a reply. Once print-out begins, unless a stop
print-out signal is generated, it will continue until the entire memory contents have been
recorded. Two timing words are included in every data recording. These two words are
(1) the reply elapsed time word; and (2) the real-time reception of the reply final message
block. When so desired, the data may be recorded on paper tape at the same time it is
being typed. An example of the typewriter print-out format is shown in Figure 15. The
total print-out time is slightly more than 3 minutes.
Developmental Status and Test Results With the exception of the solid state
transmitter, all of the equipment items have completed design and fabrication.
Preliminary system integration tests have given encouraging results in the laboratory.
The transmitter development will proceed based upon newer higher power transistors
which have only recently become available.
A field test of the proposed propagation path, Cobb Seamount to Seattle, was conducted
during the last week in July 1964. The MGT transmitter and a 6 db gain antenna was
installed on the University of Washington Research Vessel (R. V. ) Brown Bear. The
primary objective of the R. V. Brown Bear’s cruise was to survey the Cobb Seamount for
a suitable anchoring area for the Buoy. Cobb Seamount is located approximately 270
nautical miles west of Grays Harbor, Washington. It is approximately 400 miles distance
from Seattle and approximately 900 miles distance from Bozeman, Montana. The
transmitter was operated approximately 6 hours per day for five days while the vessel

was anchored on the Seamount. The modulation used was differential PSK at 3500 bits
per second. The transmissions were received in Seattle using a 6 db gain antenna and the
MCT receiver adjusted to an 8 db SNR threshold. The transmitter power was 500 watts.
The power was reduced to 300 and 1.50 watts for one-half hour periods during the last
two days of the test. The transmissions were monitored at Bozeman, Montana during one
of these days. However, severe lightning activity in the Bozeman area obscured much of
their data. This and the limited time of operations at reduced power reduced considerably
the quantitative significance of the low power data. The following table lists the duty
cycles obtained during the same monitoring period for equivalent intervals of time.
Power Level
500 watts
300 watts
150 watts

Duty Cycle - Seattle
1.87%
1.48%
0.55%

Duty Cycle - Bozeman
1. 3 %
1.16 %
No bursts observed

The average duty cycle for the weeks operations at 500 watts power level was 1.87%.
The duty cycle was enhanced by two factors. They were (1) the annual northern delta
aquaride meteor shower, and (2) transmissions were made in the early morning hours on
a non-interference basis with survey activities. The most significant result of the test was
that representative duty cycles were obtained while transmitting from a platform whose
motion was influenced by the sea state. Rotational motions (rolls) of 20 to 30E were
common. Antenna orientation was manually controlled to within approximately 10
degress of the proper azimuth. This indicates that the telemetry system will not be a
limiting factor on the stability requirements of the instrument platform.
Field testing of the telemetry system is planned for Spring 1965 on another cruise of the
R. V. Brown Bear. The tests will exercise the telemetry system from the sensors through
the computer reduction of the data.
Conclusions The laboratory integration testing coupled with the propagation path test
results continue to demonstrate the validity of the feasibility study conclusions. A
telemetry system employing the VHF meteor burst propagation mode is a good candidate
for the acquisition of oceanographic data. Telemetry of oceanographic data is becoming
more and more an essential tool of the ocean scientist. The meteor burst telemetry system
is another tool in the kit from which the ocean scientist may choose. It will fit many of
his needs in the search for knowledge about the oceans.
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OPTIMIZATION OF POTENTIOMETRIC TYPE PRESSURE
TRANSDUCERS
LUTHER WELSH & EUGENE A. MARKS
Engineering Dept.
Instrument Div.
Bourns, Inc.

Abstract Potentiometric pressure transducer designs can be optimized to allow
application of a given model or family to a very wide range of pressures with
consistently low static error band. Analytical and imperical design relationships are
developed and correlated to suggest specific otimization techniques.
Introduction Transducer design has developed over the years with as much art as
science. It was shortly after World War II, or the beginning of the missile and telemetry
age, that need arose for instrument transducers to supplant the more conventional direct
visual gages. Various types of measurements such as pressure, motion, force, flow, and
temperature required remote readouts for telemetry and control. Demand quickly
developed for new families of instruments. Potentiometric, strain, and piezoelectric type
transducer elements appeared early, followed by others such as capacitive, inductive,
reluctive, photoresistive and piezoresistive.
Early transducer design concentrated on function and accuracy with little attention to
environmental requirements. Most of the more recent types of transduction elements
were developed in attempts to overcome the disadvantages of the earlier types.
Concurrently, however, the early types have been consistently improved to meet the
more stringent modern requirements.
This paper discusses the design philosophy, past and present, of one type of pressure
transducer -- the potentiometric type. While it was one of the early types, the
potentiometric type pressure transducer has undergone a series of improvements, and, as
a result, it is still widely used in aerospace applications. Recent changes in accuracy
specification and design philosophy appear to enhance the applicability of this type of
transducer for many applications still to come in the future.
Past Design Philosophy Pressure measurement must be accurately accomplished over
an extremely wide range of pressures, from vacuum to tens of thousands of pounds per
square inch. It is axiomatic that no one particular sensor has been developed to cover the

entire pressure spectrum with equal accuracy. Consequently, it has been customary to
satisfy specific portions of the pressure range spectrum with various designs which are
most applicable in particular range regions. In the extreme, each pressure range would
require a new design in order to optimize performance. As a practical matter it has been
desirable to provide basic design families of instruments which lend themselves to
optimization at particular specific ranges by means of one or two easily changed
variables.
As the aerospace industry developed, many transducer families were derived empirically
to meet the various needs. Users found their shelves and systems filled with a
bewildering variety of instruments to perform a seemingly similar function.
It is the intent of this paper to make certain observations which lead to optimization
techniques. These techniques may be used to replace the multiplicity of empirical
designs with a few basic designs theoretically selected for applicability over a wide
range of pressures.
Change In Error Specification Initially, product designers concentrated on achieving
a design which performed its function with a minimum of error. Due to the philosophy
applied at that time, interest was directed to many individual performance parameters,
and the individual error associated with each parameter. Such parameters as linearity,
hysteresis, resolution, repeatability and friction were dealt with on an individual basis, in
order to provide products which customers would buy because the errors (each in turn)
were small or acceptable.
Several years ago, the concept of “Error Band” arose (1, 2). Use of this concept
simplified the specification, testing for conformance, and application of transducers, but
resulted in a relook at the design approaches being used. It was found that a basic design
or product could now be looked upon as a family of instruments instead of a long list of
instruments which differed in many ways as the many parameters seemed to indicate. It
thus became possible to assign one accuracy number to each instrument range and,
further, to plot these numbers vs. range. In effect, a family could be represented by oneline on one chart. Figure 1, Static Error Band (SEB) vs. Range for a high pressure
transducer of potentiometric type employing a bourdon tube sensor, presents such a
family. In essence, the SEB line is the error of performing the transducing function for
all of the family, and includes the many errors of linearity, hysteresis, resolution,
repeatability and friction without consideration as to how much each contributes to the
total. While one family is presented, the relationship shown is typical or representative. It
is of interest to note that the SEB increases at both extremities of the range applicability
of the family.

Although the concept of Error Band gained wider usage, it was still frequently necessary
to discuss the contribution of the individual errors with persons of “the old school”.
From a design philosophy standpoint, this led to interest in defining the band makeup,
even though it was irrelevant to the new type of error specification. As stated previously,
these observations lead to optimization and ultimately to better designs.
Optimization Possibilities A general approach to optimization requires understanding
and analysis of the basic components comprising the total error contribution.
Figure 2 presents a breakdown of Figure 1 into the individual errors which comprise
Static Error Band (SEB). While Figure 2 has been plotted as a result of several years
empirical data analysis and is admittedly approximate, it is the intention of this
discussion to relate this empirical data to theoretical considerations and, thus, develop
techniques of optimization.
The prime components of Static Error Band, as presented, are Linearity, Resolution,
Hysteresis and Friction. Other commonly referred to errors such as repeatability and
uncertainty are excluded because they result from one or more of the prime components.
As shown in Figure 2, Linearity Error and Resolution Error do not vary with range, while
Friction and Hysteresis do. It will be of further interest from Figure 2 that the previous
observation of Static Error Band increases at both range extremities is evident. This is a
result of excessive Friction at the low end and excessive Hysteresis at the high end.
Thus, a specific low range member of the family (A of Figure 2) has considerable
Friction Error and negligible Hysteresis Error while a high range member of the family
(B of Figure 2) has negligible Friction Error and considerable Hysteresis Error.
Without discussing the sources of Friction Error and Hysteresis Error, it can be observed
that it would be of value to error reduction if an inverse relationship existed between
these two types of errors. For instance, if it were possible to halve Friction Error of the
low range unit at the expense of doubling Hysteresis Error, the sum of the two would be
less than previously existed. Such a relationship allows optimization on the lower end
and likewise on the high end of the family.
It is further observed from Region C of Figure 2 that when Friction Error is greater than
Resolution, the Friction Error will hide the Resolution, and when Friction Error is less
than Resolution it will be hidden by the Resolution. Thus, for a certain portion of the
family, the low Friction characteristics do not contribute to error reduction. Such
knowledge can be used to optimize Friction and Resolution.
The above two observations on optimization lead to a new design philosophy.

Present Design Philosophy It has become apparent that the old philosophy of
minimizing individual errors is inadequate. While it is still necessary, it is not sufficient
to do that alone. If interrelationships exist as observations indicate, then optimized
designs can be produced. These optimized designs can only come about if a design
philosophy is adopted which is consistent with all parameters.
Currently, a Design Philosophy is being applied to the potentiometric type pressure
transducer which is consistent with the observations made and since established on a
firm theoretical base. It is of significance that the philosophy results in greater
applicability of any one design. Fewer design families are required. Let us now look at
the Design Principles involved.
New Design Principles To apply the knowledge gained from the above observations,
it is necessary to relate it to typical mechanisms. Figure 3 shows several types of sensor
designs with potentiometric transduction elements.
Several features are common to all of the designs, and it is these which we will try to
relate.
First, let us repeat one observation which is applicable to all of the designs shown. If we
were to apply the old individual error reduction philosophy to any one of the designs
shown, we would produce several families, each of which would have limited range
applicability with error (SEB) increasing at either extremity of application.
Overall, there are three basic components to the designs shown. They are:
1.
2.
3.

Pressure Sensor - Pressure to Force or Displacement
Mechanical Linkage - Displacement to Electrical
Electrical “pick-off” or Potentiometer

It is not the intention of this paper to discuss these items. If the reader is interested, he
can refer to References #3 and #4. What is of interest is that the parameters of the three
components are common to all of the designs shown in Figure 3, not to mention many
other variations.
The parameters we are interested in are those related to errors of Hysteresis, Friction and
Resolution. Let us look at parameters of Friction Error.

In general, percent error due to Friction is:
Equation 1:

For a pressure transducer, potentiometric type, with both wiper friction and bearing
friction:
Equation 2:

And for a pressure transducer, potentiometric type, with no friction other than the wiper:
Equation 3:

Let us now show that the above theoretical relationships of the variables involved
correlate with the observations of Figure 2. Equation 3 says that friction error is
inversely proportional to the,pressure range. Thus, to prevent excessive SEB at low
ranges of a family, one or more of the other variables in the equation must be varied
appropriately to prevent increase in error contribution by friction as range decreases.
From Equation 3, there are four such variables. One (1) is a sensor parameter (Aeff), one
(1) is a linkage parameter (M), and two (2) are potentiometric parameters ( &N).
Since we are interested in optimization as well as error reduction, we must delay a closer
look at these variables until we review Hysteresis error. The parameters of Hysteresis
Error adequate for our purposes are essentially those associated with sensor stress.

Equation 4:

For a pressure transducer, sensor stress is a function of range pressure, sensor size and
deflection, as well as configuration:
Equation 5:

And for a pressure transducer, potentiometric type, where sensor deflection (d) alone is
not adequate and multiplication linkage is required to provide adequate motion along the
potentiometer element:
Equation 6:

To establish the function f ( ), we must select a sensor configuration. Of the many types,
such as sylphon, corrugated diaphragm, flat diaphragm and bourdon tube, let us select
the flat diaphragm for simplicity:
From flat diaphragm theory (Ref. 5)
Equation 7:

Equation 8:

Combining equations 7 and 8, eliminating t
Equation 9:

This is the form we are interested in relative to optimization of Hysteresis error with
Friction Error.
Recalling Equation 3 for Friction Error and putting in general form similar to Equation 9,
we can compare the two equations readily as shown below:

The inverse relationship of M to P in both equations and the inverse relationship of M to
M2/3 between equations satisfies the observation made about Figure 2.
While equations 7, 8 and 9 apply specifically to flat diaphragm sensors the general
relationship applies to all sensors of Figure 3.
Optimization is possible between hysteresis and friction error by appropriate choice of
multiplication ratio M. Applying this in transducer design achieves the objective of
wider applicability for a given family, as shown in Figure 4.
In terms of transducer mechanism design, the solution is simply stated:
For members of a family with low pressure range input, it is best from an overall
accuracy standpoint (SEB) to increase the sensor stress (Ss) and sensor deflection (d),
reduce the linkage multiplication (M), and hold potentiometer wiper travel (D)
minimum. For members of the same family with a high range input and the same wiper
travel, it is best to reduce the sensor travel (d and Ss) and increase the linkage
multiplication (M).
It thus becomes apparent that a given transducer design can be used with minimum error
over a wide range of pressure by judicious selection of sensor material (thickness) and
linkage multiplication ratio.
Further opportunity for optimization of potentiometric transducer Static Error Band is
available by careful selection of the potentiometer and wiper. Because of the mutual
masking effects of Friction Error and Resolution (as discussed in Section IV), low
friction forces should be sought for low range transducers even at the expense of
relatively poor resolution. For the higher pressure range transducers, however, high
resolution potentiometers with their typically higher friction forces should be considered.
Utilization of the above principles in transducer designs at Bourns, Inc., has led to some
rather significant departures from conventional design. Test results have borne out the

theory that optimization can result in a family of transducers with very wide range
capability and consistently low error band.
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SUBMINIATURE INDUCTIVE TRANSDUCERS USED WITH HIGH
CARRIER FRENQUENCIES
H. STRAUCH
R&D Group of Associated Engineering Limited
Warwickshire, England.

Summary This paper describes the development and construction of subminiature
inductive transducers which can be operated with carrier frequencies up to 400 Kcs. Two
types have been developed for operation at 150EC which are able to withstand an
acceleration of 2000g, and a high-temperature (600EC) transducer is now in the final
stage of development. The body of the low-temperature transducer is made of hightemperature epoxy resin, and that of the high-temperature transducer of ceramic material.
Iron wire is used as core material to reduce eddy current losses. The dimensions of the
transducers are 0.25 inch diameter and 0.5 inch long, and 0.125 inch diameter and 0.25
inch long, including terminations.
A linear displacement of the armature material can be measured at distances up to 0.01
inch, and because of the high carrier frequency, the vibration of this armature can be up
to 30 Kcs. Both ferrous and non-ferrous armature material can be used for displacement
measurement.
The inductive transducers have been used to measure piston movement at right angles to
the cylinder axis in an internal combustion engine, in conjunction with a lead-out system.
Tests using a telemetry system (radio link) are now being carried out.
Details of the construction and performance are described and future development
discussed.
The use of the inductive transducer as a pressure transducer is also mentioned.
Introduction The inductive transducers to be described were developed to replace the
capacitive transducer in an FM telemetry system. 1 The capacitive transducer was built
into the piston skirt to measure the piston movement at right angles to the cylinder axis
in an internal combustion engine.

However, owing to the change of oil film thickness in the air gap of the capacitive
transducer (and therefore, change in the dielectric constant), the interpretation of the true
distance measurements was difficult.
Therefore, investigations were started to produce an inductive transducer with the
following requirements:
1.
2.
3.
4.
5.
6.

small and light in weight.
easy mounting and machining of active face to any curvature.
ability to withstand temperature changes up to 150E C and accelerations up to
2000g without appreciable change in sensitivity.
contactless measurements up to 0.01 inch with a resolution of 0.0001 inch and
good linearity.
armature frequency measurements up to 15 Kcs using both ferrous and nonferrous materials.
measurements not affected by the presence of gases or fluids in the air gap.

Construction The electrical and magnetic characteristics must first be considered. The
carrier frequency should be at least 5 to 6 times higher than the expected armature
frequency. This eliminates solid core materials with low permeability and high eddy
current losses. The Curie point of the core material must be well above the working
temperature.
The self-resonance frequency of the transducer must be above the highest carrier
frequency used to allow for resonance shift due to the capacitance of the connecting
cable. Wire with insulation capable of withstanding 180E C is used for the transducer
coil.
Pure iron wire 0.01 inch diameter is used as core material to reduce eddy current losses,
and in an annealing process in air, the relative permeability is increased and the oxide
layer formed acts as an insulation. The Curie point of this material is 770E C.
Figure 1 shows the production stages. High-temperature epoxy resin is used as
transducer body throughout. Depending on the size of the transducer, a number of iron
wires is cut and fed through two sleeves of different lengths. The coil is wound round the
iron wires between the two sleeves and soldered onto the wire termination or printed
circuit. The iron wires projecting through the small end sleeve are bent backwards to lie
equally distributed around the circumference of the two sleeves. This assembly is then
plotted with epoxy resin in a mould. The air gap of the transducer is fixed by the wall
thickness of the sleeves, but the ratio air gap to core length can be altered by machining
the face of the transducer.

Transducer Characteristics In Figure 2, two types of inductive transducers are
shown. The transducers can be fixed in the required position by the use of a resin or, as
shown in Figure 2, by means of an adaptor sleeving. The smaller transducer was
successfully used for the detection of piston ring movements, but its length was reduced
to 0.160 inch.
Transducer dimensions, weights, and limiting parameters are given in Table I.
Figure 3 shows the variation in transducer inductance with carrier frequency, with open
air gap, and steel and aluminum as armature material. Magnetic materials will increase
inductance, whereas nonmagnetic materials will decrease the inductance, depending on
the eddy current losses introduced and taking air as reference. The curves were obtained
with a lead and stray capacitance of 50 pF, which limits the carrier frequency to 300 Kcs
because of resonance shift.
Figure 4 shows the variation in transducer inductance with armature spacing from 0 to
0.01 inch using mild steel and aluminum as armature materials, and a frequency of
150 Kcs. The maximum working temperature is 150E C. This limit is set by the epoxy
resin used.
If the active face of the transducer is machined to a desired curvature, a recalibration is
necessary due to change in the air gap.
Table I
Transducer Type
length
diameter
weight
Limiting parameters
Max. carrier frequency with
50 pF parallel capacitance
Max. modulating frequency
Max. ambient working temperature
Max. acceleration
Max. carrier voltage across
transducer
Max. AC current through
transducer
Self-resonance frequency

P/40/150
0. 4601"
0. 250"
0.6g

P/16/150
0.430"
0.160"
0.4g

300 Kcs
50 Kcs
150E C
2000g

300 Kcs
50 Kcs
150E C
2000g

30V pk-to-pk

30V pk-to-pk

10mA
1 Mcs

10mA
1.3 Mcs

Inductance with open air gap
at 100 Kcs
DC resistance
Q factor

4.5 mH
66 ohms
2.8

0.75 mH
33 ohms
2.8

Application and Results
Associated Circuitry For AC conditions, such as vibration or dynamic displacements,
a simple detecting and demodulating circuit can be used, as shown in Figure 5. Care
must be taken to keep the parallel capacitance of the transducer leads and stray
capacitance as low as possible, if carrier frequencies near the maximum are to be used.
The filter must attenuate the carrier frequency satisfactorily and should have negligible
phase-shift. 2 The matched load inductor in series with the transducer can be replaced by
a resistor of suitable impedance for the carrier frequency used.
For measurements of static displacements, a bridge circuit should be used with matched
transducers to eliminate DC drift with temperature variations.
Lead-out System Figure 6 shows a lead-out system for a 1500cc, 4 cylinder internal
combustion engine. This system, which is also used in conjunction with thermistors and
strain gauges, will be described with results by the Group Research and Development
unit of Associated Engineering Limited.
It has been found that the capacitance effect of the flexing springs can be ignored up to a
carrier frequency of 120 Kcs. This would permit a modulation frequency of 25 Kcs,
which is adequate for this application.
The active faces of the transducers were machined to the curvature of the piston skirt.
The transducers were statically calibrated by closing the air gap with an armature piece
of the same material and curvature as the liner, fitted to a micrometer. The calibration
was carried out from 0 to 0.012 inch. Using a carrier frequency of 80 Kcs and 30V peakto-peak across the transducer, a sensitivity of 30mV per 0.001 inch was obtained. The
results were not affected by oil in the air gap, nor by rise in temperature up to 150E C.
The DC drift was not considered in this application.
Some piston movement records from this linkage system are shown in Figure 7. Four
inductive transducers were fitted to the piston, two of which can be seen in Figure 6.
Traces 1 and 3 are from the transducers at the botton and top of the piston skirt
respectively, on the thrust side of the major axis. Traces 2 and 4 are from the transducers

at the bottom and top of the skirt respectively, on the non-thrust side. Transducers 2 and
4 have opposite polarity to transducers 1 and 3.
A, B, C, and D film traces show the piston movements at different engine speeds and
loads. Traces 1 and 2 show troughs and peaks respectively, at bottom dead centre (BDC).
These are due to the low positioning of transducers 1 and 2 at the bottom of the skirt. At
BDC, these two transducers partly emerge out of the liner and therefore have large air
gaps. It can be seen that the piston movement at right angles to the cylinder axis is much
greater at the top of the skirt than at the bottom. Traces 3 and 4 in A show a slow lateral
movement of the piston after TDC firing, whereas in trace B, there is a fast movement. C
and D show similar effects at higher engine speeds.
FM Telemetry System with Inductive Transducer Figure 8 shows the layout and
block diagram of the system to measure piston movement in an internal combustion
engine. The difficulty was to produce a signal connecting linkage between the transducer
fixed at any desired position on the piston skirt and the connecting rod, on which the
multivibrator (transducer carrier frequency) with demodulator and transmitter with
modulator are fixed. However, the signal connecting linkage from piston to connecting
rod has now been adapted from the successfully tested lead-out system (Figure 6). Tests
using the complete system in a running engine are now being carried out.
High-Temperature Transducer P/40/600 This type of transducer has the same
dimensions as the P/40/150, but high-temperature ceramic and glazing are used as body
materials. At the moment there is still difficulty in avoiding absorption of the oxide layer
of the iron wire by the glazing during heat treatment. The coil of the transducer is wound
with resistance wire having as insulation a high-temperature resistant oxidised surface
and is welded to the connecting termination. The DC resistance is about 2000 ohms. In
Figure 9, the inner core and outer ring of the iron wire ends can be seen because of
machining to determine the penetration of glaze. In its final form, the transducer face is
also glazed, but is machined flat so that the thickness of the glazing on the face is not
more than 0.002 inch. Glazing of the face is necessary to avoid oxidation of the exposed
iron wire ends at high temperatures.
The transducer will operate up to 600EC because the iron wire used has a Curie point of
770EC, the resistance wire used for coil has a resistance change of only ±2 per cent at
700EC, and the high-temperature ceramic sleeves and Hazing material are stable up to
1000EC.
It would therefore present a useful research tool in cases where the temperature is well
above 150EC - - e.g. , for measurements of piston movement at the top land near the
piston crown and in ring grooves. Full investigations for the final production of this
transducer are now in progress.

Conclusions The transducers described have been successfully tested in the internal
combustion engine, and results show that after 20 hours’ running test, no change in
electrical parameters or physical deterioration has occurred. Gases or fluids in the air gap
do not change the true distance measurement. These subminiature transducers will have
many more applications as sensing devices combined with miniature telemetry systems.
Investigations will be carried out to use this transducer to sense pressure. Modified as a
pressure transducer, it should have a fast response to pressure changes, and therefore,
will be a useful instrument for the investigation of measuring pressure changes in the
cylinder of an internal combustion engine.
Interest has been shown by the medical profession in the development of these
transducers as low pressure transducers for internal pressure measurements in human
beings.
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A CLASS OF DIGITAL TRANSDUCERS UTILIZING MAGNETIC
RECORDING
CHARLES B. PEAR
Radiation Systems Division
Radiation Incorporated
Melbourne, Fla.

Summary The need for direct digital transducers has been recognized for some time
but remains largely unsatisfied. Magnetic recording could be applied for many
applications. In this paper the techniques, capabilities and limitations of magnetic
recording for measurement purposes are discussed including resolution and flux
responsive readout methods. Some of the classes of variables which might be measured
are outlined.
Introduction Nearly all data obtained in aerospace test programs is processed in
digital form. Nearly all of it however is measured by transducers with an analog
electrical output. Therefore, an electrical analog-to-digital converter must be provided
somewhere. This is a complex and costly component so that a time-sharing switch or
multiplexer is provided enabling the outputs from a large number of transducers to be
coded by a single converter. There would be obvious advantages if the transducer output
were in electrical digital form. (1)(2)
A few digital transducers have already appeared in the market. Perhaps the best known
of these are the angle or shaft position encoders. These are generally “absolute” encoders
in which a complete unique digital word is sensed for each increment of angle that can
be resolved. A digital representation of angul6r position can also be obtained from an
“incremental” coder. These are simpler than the “absolute” encoders in that only one
track is required. The digital output word is obtained by counting the number of marks
that have been passed in moving from one reading to a reference point. This is less
desirable because it is necessary to pass a reference to obtain a reading whereas an
“absolute” encoder can be read at any time. Angle encoders have been made using
electrical contact brushes in conjunction with a conducting code wheel, by means of
optically sensing clear and opaque spaces on the wheel or by magnetically sensing spots
of permanently magnetized material. Angle encoders can and have been coupled to other
sensors to form a complete digital transducer. Another class of transducers sometimes
called quasi-digital are those which produce a frequency related to the value of a

measured variable. A count of the number of cycles in a fixed period gives a digital
representation of the measured value.(3)
This paper will describe how conventional magnetic recording techniques can be used to
build an absolute type of digital transducer.
Selection of Method First the reasons for choosing magnetic recording should be
considered.
For this purpose, a rather thorough search was made to discover how a digital transducer
could be built at the present state of the technology. (4) The ideal digital transducer would
be one which utilized a physical effect wherein the variable to be measured directly
produces a coded output. No really suitable effect is known to exist. Freezing points,
Curie Temperature, Barkhausen jumps and such properties of material offer only a few
readily recognizable limiting values. Most of the physical effects useful for measurement
are found to produce either a mechanical displacement or an electrical current. Therefore
a means for encoding displacement preferably small displacements would thus be most
generally useful as the basic element in a class of digital transducers for a number of
different measured variables.
Description of Method The essential elements of a displacement transducer are shown
in figure 1. This is seen to be identical to the situation in a multi-track magnetic tape
recorder with the exception that the tape is replaced by a plated magnetic coating to give
the dimensional stability required for precise measurement. Also, the heads must be
capable of reading while stationary since many transducer applications would involve
conditions where there would be little or no relative motion between medium and head.
Operation calls for an initial calibration procedure in which the medium is moved past
the head group. Suitable currents are fed to each winding to write a unique code at each
increment of displacement when it is reached. Then during a measurement these code
words can be read to identify the displacement location or any other measured variable
that it may represent. Thus, the recording medium becomes a stored look-up table for the
transducer calibration.
Ordinarily the same head structure would be used for writing and for reading, thereby
avoiding gap scatter and azimuth alignment problems. The general advantages and
problems of the method may be summarized as follows:

Advantages
1. Absolute Coder Coding can be made absolute by providing a separate recording
track for each bit in a word. Thus each increment of the coded measurement is positively
identified whenever read. An incremental type could also be built by using only one or
two tracks that could satisfy some requirements.
2. In-Place Calibration The calibration can be written for a completed instrument and
so would include all internal errors and non-linearities. The transducer calibration could
thus include linearizing, scaling and zero-shifting functions since the recorded code
words could be in terms of any desired engineering units. A recalibration could be
readily made.
3. Versatile and Adaptable The code as written, can be tailored to fit special
missions. For example, certain parts of the range might be identified by a special code
for all increments indicating no interest, while others would be coded for high resolution
to precisely locate a transition. These special designations can be shifted or changed
when desired by recalibration.
4. Editing and Control Possible Extra tracks might be added to allow special control
or editing functions and the levels at which these occur could be changed at will.
5. Fast Read-out-Low Power Read-out can be made by short pulses so that power
requirements can be kept small. This also permits adequate sampling of rapidly changing
phenomena.
6. High Resolution Resolution capability is high so that in most cases a motion
amplifying linkage to couple to a sensor should not be necessary.
7. Small Moving Mass The moving parts can be small and light so that reasonably
good dynamic response is possible.
8. Small Package The essential parts need not be large, so that a small transducer is
possible.
9. Simple Mechanism Writing and reading with the some device removes need for
difficult adjustments of alignment for optimum operation and resolution.

Problems
1. Friction and Wear High resolution requires intimate contact between head and
medium which implies a frictional force. This contributes to the hysteresis in a
transducer and to wear which would limit its life. These effects can be minimized by
design as will be discussed more fully.
2. Flux-Responsive Readout The fact that it is necessary to obtain a valid reading
when there is no relative motion between head and medium requires a static reading or
flux-responsive reading head. This is slightly more complex than conventional heads
which read only a changing flux. It is necessary that the head output remain stable with
time, temperature or any other variable other than recorded flux which might influence it.
3. Precise Construction Since high resolution does require intimate contact of the
head and medium both must be rigid, both must also be extremely smooth and flat. Also,
the guides and bearings controlling the motion of the medium must maintain contact and
insure precisely repeatable movement so that track-to-track errors called “skew” in
conventional recording cannot occur.
4. Shielding The ability to read from a stationary recording medium means that the
head is also sensitive to other weak magnetic fields over a wide range of frequencies
from zero or DC on up. A good overall magnetic shield must be provided to avoid
sensitivity to orientation relative to the earth’s field or to the location of magnetic objects
in the vicinity. Stray fields from electrical devices near to the transducer must also be
protected against.
5. Low Level Output Head output levels, when recording with high resolution are
small so that amplification is required to reach logic levels.
Transducer Design This section will describe the design details of a digital
displacement transducer and its component elements utilizing the magnetic recording
technique.
Coding The specific code system to be used in a transducer would be influenced
strongly by the functions that it would be designed to perform as indicated in Items 3 and
4 of the list of advantages in Section entitled, “Description of Method”. However, for
general applications where there is a progression of equal or nearly equal increments to
‘De coded a “unit-distance” code or specifically the Gray code is especially well suited.
This would be used with a non-return-to-zero (NRZ) recording technique wherein flux of
one polarity represents a “1” while the other polarity
represents a “0”.

The desirable properties of the Gray code are that only one bit of a word changes at a
time, that it effectively doubles the resolution, and that it is readily converted to the
straight binary code which has been found most generally useful.
Some of these properties are illustrated in figure 2 which represents the idealized readout flux that would be sensed by the heads on each of five tracks on which a Gray code
had been written for the initial 26 increments of displacement. The solid lines indicate
how the flux changes from one polarity to the other and the arrows indicate the locations
and currents for the write head when this magnetization pattern was recorded. The
properties of resolution doubling and single bit uncertainty are apparent in this
representation.
Resolution Limit The limit of resolution is reached when the output change in moving
from a “1” to a “0” is too smal I to be differentiated from the combined changes due to
noise and instability. In the practical case the output from the head on the highest density
track as a function of displacement would be more nearly sinusoidal than shown in the
rectangular idealized diagram of figure 2 and its output would be:

where x is displacement and Xm is the length of the coded increment of displacement as
shown in figure 3. Here “) e” indicates an error offsetting the output function and
resulting in an error “) x” in the value of “x” at which the output indication changes
from a “0” to a “1”. A maximum permitted error of Xm/4 would keep all errors less than
Xm. Then

Recording Principles The magnetic principles which operate to control the value of
ep have been studied by analysis and experiment to determine the optimum conditions.
These are enumerated below:
1. Gap length should be about equal to or a little less than the minimum bit spacing.
This, of course, refers to the actual effective gap length which is often 40 or more
microinches greater than the “mechanical” or constructed gap length.
2. Medium thickness should be of the order of one half the gap length.

3. Medium should have as square a hysteresis loop as possible and coercivity should be
high to reduce demagnetization.
4. Medium remanence should be as high as possible so that a large amount of flux can
be obtained from a thin layer.
5. Separation between head and medium must be a very small fraction of the gap length.
This requires that the head and medium surfaces be flat and smooth.
6. Recording current should be about 3/4 of that required to just saturate the layer of
medium furthest back from the gap.
Recording Media A number of materials have been considered for the recording
medium. The choice is limited by requirements for dimensional stability and surface
flatness to metallic alloys generally plated onto a flat rigid base. The base should be as
light as possible because its mass is the most important factor in the dynamic
performance of the transducers. The base must also have excellent dimensional stability
to play its important role as a part of a measuring instrument and to retain the flatness
necessary for low head-medium separation. Quartz, silicon and glass would meet some
of these requirements, but better wearing properties of the coating have been obtained
with magnesium. Potential coating materials would include alloys such as Vical loy,
Cunife and the various nickel-cobalt platings commonly employed with magnetic drums
and disks. Best results here have been obtained with a plating similar to that on the metal
tape made by Remington-Rand (Univac) for its early Uniservo recorders. Its important
characteristics are listed below:
1 . Thickness
2. Coercivity-Hc
3. Remanence-BR
4. BR/BM

50-70 microinches
500 oersted
4500 gauss
.79

Flux-Responsive Heads The previous discussions have dealt with recording in terms
of flux available to a reading head. The function of the head is to convert this flux
efficiently to an output voltage. Since the heads must read while stationary, input energy
or excitation is required to supply the output power. Flux responsive heads have not been
widely used in conventional magnetic recording but many different forms have been
devised. (5) The requirements of the heads for this application may be summarized as
follows:
1. Flux responsive type - preferably operate with pulse excitation so that power input is
minimized, reading time can be short and logic circuitry can be simplified.

2. Gap length to be determined by the desired resolution to be actually and effectively
slightly less than equal to one recorded bit interval.
3. Track width - A practical compromise among various factors such as overall size,
surface flatness and finish requirements and the fact that a wider track does collect more
total flux. Azimuth misalignment considerations are less important because the same
head is used for writing and reading.
4. Output - The available power should be as large as possible with relation to the
available flux. The connected electronic circuitry must be matched to the output
impedance.
5. Output stability - (a) The output at zero flux must be zero either as an inherent
characteristic or as a result of external balancing circuits. Once established, this balance
must be maintained over any specified ranges of time or environment. The failure to
maintain such a balance is one of the most important factors in establishing the limiting
resolution as defined in Section 2.2 entitled, “Resolution Limit”; (b) Sensitivity stability
is also important since it would also influence the ratio to output shift which fixes the
resolution capability.
6. Number of tracks - One for each bit of the digitized word used to identify the
displacement location plus extras as desired for control or editing functions.
7. Environment - Materials and methods of construction must be such that gap length
does not change significantly with specified environment. Location of gap with respect
to a mounting surface should move in a uniform and reproducible fashion with changes
in temperature, so that “temperature skew” is small with respect to the smallest coded
increment.
8. Inter-track shielding - Inter-track coupling should be no greater than a small fraction
of the total drift and error-producing output. However, since it is a DC field effect, a
rather simple inter-track shield should be adequate.
9. Size - As small as possible for the specified number of tracks and track width.
Two methods of converting an unvarying flux to a voltage are being used in flux
responsive heads.
In one, a Hall generator is included in the magnetic circuit, as shown in figure 4. A
control current which may be DC, AC or a pulse is applied to one pair of orthogonal
terminals (lc1, lc2) and output obtained from the other pair (EH1, EH2). The important
characteristics of this type of head are:

1. Its output voltage is low but its impedance is also small so that step-up transformers
can be used. Output can also be increased by as much as a factor of 10 by increasing the
control current when pulsed for short periods.
2. The output with zero flux input is unstable with temperature and with the very low
flux levels which must be sensed for high resolution; this constitutes a serious problem.
Over a limited range of temperatures, thermistor compensation circuits can be used but
must be individually fitted to each Hall element. In lower resolution applications, the
output could be sufficient to avoid the need for temperature compensation.
The other type of head includes a magnetic modulator or gate in its flux path. Output is
taken from windings like those in a conventional head. The general construction of this
type head is shown in figure 5. Heads of this type may be operated in two ways. Most
often, a sinusoidal excitation current is applied which causes a part of the magnetic
circuit to saturate as indicated on the first line of (b) of figure 5. Thus, the reluctance “R”
in the path of flux “Nc” due to the recording is changed twice during each excitation
cycle as indicated by the second line. Nc then rises and falls as shown in the next line
causing a voltage to be induced in the output winding. This output has a considerable
component at the second harmonic of the excitation frequency. Because of stray coupling
between the windings and non-linearity in the excitation current, there is a large
fundamental and odd harmonic content of the excitation frequency also present at the
output so that a band-pass amplifier is necessary to separate the desired component.
The other mode of operation might be termed pulse-interrogation. The stray coupling
between excitation and output windings is minimized by coil and lead placement and a
relatively fast-rising excitation pulse applied to change the head reluctance. By carefully
minimizing coupling and providing a mutual coupling of opposite polarity to balance
that which cannot be avoided, it is possible to obtain useful output pulses at quite high
recording density. The characteristics of this type of head may be summarized as:
1. Output voltage is larger than from a Hall generator - but from a reactive source which
can be controlled within limits by the number of turns in its output winding.
2. Output is proportional to frequency or rise-time of excitation up to point where output
coil self-resonance is reached. At lower frequencies, output can also be increased by
adding capacity to resonate the winding inductance.
3. Zero-flux output at the second harmonic is zero when all sources of flux are removed
from the head and even harmonic distortion from the excitation. Then the change with
temperature is also zero. With pulse excitation where zero output at zero flux depends on

rather precise balancing of stray fluxes, mechanical and magnetic changes with
temperature can upset the balance, and so must be carefully controlled.
4. Output does not increase with increased excitation amplitude beyond the point where
all of the saturable section is fully saturated. Increasing frequency or decreasing
temperature increases the required excitation current so that its amplitude should be
established in these “worst case” conditions.
Electronic Circuitry A great many variations in the associated electronic circuitry are
possible, depending on the specific application and the system in which a transducer is to
be used.
A generalized configuration suitable for a number of possibilities is shown in figure 6.
This assumes that a programmer somewhere in the system would provide a series of “N”
pulses whenever a reading from this particular transducer was desired. All of the heads
would be read simultaneously and the resultant code word stored in a shift register. This
would then be read out by the “N” interrogation pulses as a serial Gray code which a
flip-flop would convert to a serial binary code. The transducer would thus require one
individual input line from the programmer and would also be connected to power lines
and an output line all of which could be common to a large number of transducers.
By slightly increasing the complexity, the individual line from the programmer could be
replaced by several common lines and interrogation code recognition circuits, which
might include the power supply so that this would only be called for when needed.
The actual circuits occupying the drive and amplifier blocks would be varied to suit the
type of heads and mode of operation to be used.
It has been estimated that all of the components required for a 10-bit transducer could be
packaged in micro-circuit form within a volume of one cubic inch.
Friction and Wear Tests have been made of the friction and wear characteristics of a
number of materials that would be magnetically applicable as recording media or head
pole tips. A number of lubricants which could be used over a wide temperature range
(-40 to +100EC) have also been tested. These were also chosen to be ones that would not
produce a thick enough film to reduce the recording resolution.
Friction coefficients vary from about .07 to .15 with the lowest values applying to
lubricated conditions.
The nickel-cobalt plating is hard and wears well when processed so that it adheres well
to its base. The longest wearing head material has been hard dense ferrite. A combination

of ferrite with a smooth nickel-cobalt plating well bonded to a copper layer on a
magnesium base seems capable of well over 106 cycles. Metal head pole materials such
as Mumetal, Alfenol, and Sendust wear more rapidly with a tendency to gall, but a I ife
of the order of 106 cycles seems possible with these when operated with a lubricant such
as MIL-H-5606. Wear of ferrite materials has been too slight to determine any
improvement when a lubricant is used. Abrasive dirt particles must of course be carefully
avoided and can scratch even the hard ferrite head material.
Practical Transducer Characteristics One feasibility model was built sometime
ago(6) which is shown in figure 7 as mounted in its test stand. This used commercial Hal
I-type heads with gap lengths of approximately 0.5 mil. The recording density was 2500
bits per inch so that the operating resolution was 5,000 bits per inch or 0.2 mil per
increment.
Two more advanced models are being built now that are believed to represent a practical
approach to present state-of-the-art capability. These are much smaller as shown in
figure 8. They are being designed to operate in a temperature range from -40 to +100EC
and in the presence of accelerations of 10G. Both will use heads having 0.1 mil effective
gap length so that the operating resolution is expected to be 20,000 bits per inch or 50
microinches per coded increment. Thus, the total range for a measurement resolution of
0.1% or 10 bits will be 0.05 inches.
One of these models will use modulator type heads of all ferrite construction. The other
will have specially constructed Hall-type heads with thermistor compensation to
operate without adjustment over a part of the total temperature range.
The mass of the moving parts will be approximately 3 grams and for the conditions
stated, a frictional force of about 7 grams is estimated.
The electronic circuits for these models are being built on circuit boards for
demonstration and testing. The circuits are however designed so that they can be revised
readily in micro-circuit units to fit in a space roughly equal to that required for the
displacement sensing parts.
Measurement Applications The basic displacement transducer can be used alone or
coupled to various sensors to provide for different measurements.
Displacement Briefly, the transducer per se codes and reads displacement directly. The
ranges permitting 0.1% resolution could be anything greater than .050 inch. Very long
ranges would require special design considerations but could be handled with maximum
resolution. Incremental methods would greatly simplify the measurement of large

displacements by reducing the number of tracks required and the need to record long
sections of like polarity.
Simple recording functions might also be added so that if a certain value or range of
values were reached a recording on extra tracks could be made to show this or even the
time of occurrence or value of some other variable of interest. The magnetized condition
of the recording heads would show that a recording had been made, and it would be
necessary to demagnetize them before readout. This is a simple procedure but does
require moving the heads a few mils away from the medium or to a part of the range
where the recording is not important.
Force A force transducer can be formed by adding a spring with a suitably stable
deflection characteristic.
Acceleration Acceleration can be measured by reading the displacement of a springmass combination with appropriate damping.
Temperature Temperature may be sensed by the differential expansion between
metals and a gas or liquid.
a. Linear Expansion The simplest adjunct to the displacement transducer to form a
temperature transducer would be a rod of one metal with a low expansion coefficient; for
example, Invar within another having larger change such as aluminum.
b. Bimetal Thermometer Bimetallic elements in various forms can also be used to
produce a displacement. The disc shape seems well suited to producing the relatively
small deflection and large force required in this case.
c. Pressure Devices for Temperature Temperatures are also measured by expansion
of liquids or gases which produce a pressure and this is sensed at a short distance by a
bellows or diaphragm identical to those used for pressure measurements.
Pressure A difference between pressures on two sides of a piston or membrane can be
balanced by the deflection of a spring and the deflection is then a measure of the pressure
difference. In diaphragms and capsules the spring and membrane functions may be
combined in the same element.
A complete pressure transducer including the necessary electronic circuitry to provide
serial digital output is shown in figure 9.

Other Variables The foregoing summarizes applications in the fields of measurement,
which are basic. Other variables may also be measured, sometimes derived from these.
For example, level can be represented by displacement of a float, flow is measured as a
pressure difference, and others can be expected to materialize.
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Introduction With the advent of large space vehicles such as SATURN, requirements
for large quantities of measurements have resulted. Many of these measurements are low
frequency and may be multiplexed into a single R-F carrier. This has created a need for a
flexible multiplexing System which may handle up to 900 channels. Also, due to the size
of large vehicles, routing large numbers of signal carrying leads to a centrally located
multiplexer has become difficult, especially with low level data. To eliminate the above
problems, a Flexible Commutation System was designed which had the following major
characteristics.
1. Individual 30-channel commutators were designed which could be placed in
locations near the data sources throughout the booster.
2. A special Master Control Unit was developed which could synchronize 1 to 30 of
the remotely located commutators and generate a single serial output with
programmable sampling sequences and formats.
3. Individual commutators may be either high level or low level at the option of the
user.
I. System Description The 30-channel multi-mode pulse amplitude modulated (PAM)
commutator system is a solid state system consisting of a master control unit, high level
commutator units, and low level commutator units. The output of the system is a 50
percent duty cycle pulse train (pedestal synchronization optional) with a sampling rate of
3600 pulses per second (pps) and amplitude from zero to five volts, making it suitable
for modulating a 70 kilocycle (±30%) subcarrier oscillator in a frequency modulated
telemetry system. The master control unit opens its gates (1 through 30) sequentially and
receives a sampling of 30 channels from one commutator at each operation. The system
may be operated in either of the following modes:
1. Commutators operating serially under the control of internally synchronized
master control unit,

2. Commutators operating serially under the control of the externally synchronized
master control unit, or
3. More than one master control unit may be synchronized by an external source such
as pulse code modulated (PCM) programmer.
The commutators used in the system may also be used independently of the master
control unit in the following modes:
1. Each commutator sampling at its own internal clock frequency (free-running), or
2. Each commutator operating under the control of an external clock other than the
master control unit.
The master control unit has 30 gates which sample at the rate of four samples per gate
per second, while the high and low level commutators have 30 channels, each sampling
at the rate of 120 samples per channel per channel per second, making it possible to
transmit as many as 900 channels. The master control unit is bassically a 30-gate, twopole, 100 percent duty cycle, sequencer switch that scans the high and low level
commutator outputs four times each second. The system has a maximum capability of
810 information channels; the remaining 90 channels being used for servo reference and
frame identification.
In the system, a frame is referred to as one complete scanning of the inputs of a single
commutator. A master frame is one complete scanning of the 30 gates of the master
control unit, and a master sub-frame is the scanning of gates 1 through 10, 11 through
20, or 21 through 30 of the master control unit.
A. Toaster Control Unit Each gate of the master control unit has two poles one of
which scans the commutator outputs with pedestals (for PAM applications); the other
pole scans the commutator outputs without pedestals (for PCM applications).
Master frame synchronization is achieved as follows; When gate 30 of the master control
unit is sampling, a pulse (from the master control unit) is applied to all commutators..
This causes a five-volt pulse for 100 percent duty cycle to appear on the outputs of
channel 28 of all commutators. Channels 28, 29, and the first 50 percent of channel 30
now appear as one continuous pulse of five volts amplitude in the output wave train.
Master sub-frames are identified by a five-volt pulse for 50 percent duty cycle which
appears on channel 28 of each commutator when gate 10 of the master control unit is
sampling, and again when gate 20 is sampling. This pulse is the result of a signal from
the master control unit which is applied to the commutators.

Each commutator produces its own frame identification consisting of a five-volt pulse on
channels 29 and 30. The duration of this pulse is 100 percent of channel 29and 50
percent of channel 30 (one and one half channels).
The output of the master control unit, then, bears the following identification; Every
frame (30 channels) ends with a five-volt pulse one and one half channels in duration.
The 10th and 20th frames (master subframes) end with a five volt pulse one half channel
in duration followed by another five-volt pulse one and one half channels in duration.
Every 30th frame (master frame) ends with a five-volt pulse two and one half channels in
duration. For this reason, channels 28, 29, and 30 cannot be used for data transmission.
This leaves 27 channels per commutator, or 810 channels from the master control unit
available for data transmission.
B. High and Low Level Commutator Units The high and low level commutators
each sample 27 data channels. They contain an internal clock, or they may be
synchronized from an external source such as the master control unit. The commutator
units may be operated individually or in conjunction with the master control unit, and
may be procured with or without pedestals which are internally generated pulses of onevolt amplitude. Low level commutators are designed to accept signal inputs from zero to
10 or 50 millivolts. High level commutators are designed to accept signal inputs from
zero to five volts.
C. Operation The system is extremely flexible in its application and may be
programmed in a great variety of different sampling rates and numbers of channels.
Since sampling rate requirements vary with the nature of the information being sampled,
the fact that the system provides sampling rates from four frames per second to 120
frames per second makes it unique in telemetry applications. Different sampling rates are
obtained by programming (applying the same commutator output to more than one gate
of the master control unit). However, this reduces the number of channels available for
data transmission.
Listed below are three examples of ways in which the system may be programmed. If
telemetered data is to be meaningful, it is necessary that it be sampled symmetrically.
The following method of establishing a program is presented to aid in obtaining
symmetry and the proper proportion between sampling rates and number channels.
The table illustrated in Figure 1 may be used to set up a program quickly. To use the
table, first establish the required sampling rates and the number of channels to be
sampled at each rate; the sampling rate must be a multiple of four and the number of
channels must be a multiple of 30.

Next, enter the table with one of the sample rates and the number of channels to be
sampled at this rate. The number appearing where the two columns intersect should be
recorded as a reference number. Repeat the process for each combination of sampling
rate and number of channels required.
Next., add all the reference numbers and assure that the sum equals 30. Multiply each
sampling rate by its corresponding number of channels and add the porducts. The sum
should equal 3600. If these conditions are not metP the number of channels or the
sampling rates must be altered.

Figure 2 shows how the ten commutators would be programmed to achieve this results.

Figure 3 shows how the ten commutators would be programmed to achieve this result.

Figure 4 shows how the eight commutators would be programmed to achieve this result.
II. System Design The system described above presented a unique challenge in terms
of system reliability. It was recognized that a failure in the Master Control Unit could
conceivably result in the complete loss of data from up to 810 data channels. In order to
reduce the probability of such an occurrence, a special system of triple redundancy was
developed to insure that a single component failure in the Master Control Unit could
result in loss of data from a maximum of one commutator.
A. Master Control Unit A block diagram, of the Master Control Unit is shown in
Figure 5. To obtain the required redundancy, three complete independent systems were

designed and outputs gated together to yield the required logical selection pulse for
selecting each commutator at the appropriate time.
If any two of the three systems are operating normally, the Master Control Unit will
perform its function. The three outputs of the three separate logic systems operate the
isolation gates shown in Figure 6 through “majority logic” gating (i.e., if any two
counters are operating in synchronism, the isolation gate logic will be selected on this
basis).
Three power supplies, three clocks, and three complete counters are used as illustrated in
Figure 5. Clock X, Clock Y, and Clock Z are synchronized to each other through
appropriate synchronizing circuits. The three clock outputs are fed to all commutators
through the aforementioned “majority logic” to produce a sample rate signal that
sequentially advances the channels of the commutator that has been selected by the
Master Control Unit. Two clock outputs are operated in this manner, thereby providing
clock redundancy to the commutators.
The Master Control Unit and all commutators connected thereto are automatically reset 1
second maximum after the power is applied to the system. Should the system fail to go
into synchronism, the automatic reset checks the system again and will cause a second
attempt at reset to occur after another 1 second maximum delay.
Each commutator output is gated to a common line through a 2 pole isolation gate
assigned to it as shown in Figure 6. There is a pole for each of the two commutator
outputs (PAM output and auxiliary output without pedestal). Each 2 pole isolation gate is
selected by the application of two out of three appropriate Z counts to the “majority
logic” gate. The isolation gate is designed with dual series elements to guard against the
possibility of any commutator interrupting the pulse train due to a component failure in
the isolation gates. Such a failure would result in loss of data from only one commutator.
B. High Level Multi-Mode Commutator The Multi-Mode Commutator is shown in
block form in Figure 7. The Multi-Mode Commutator is all-silicon solid-state and
features DC coupled transistor switches with high input impedance and low output
impedance. Channel 28 is isolated for use during calibration.
The transistor data gates used are illustrated in Figure 8. Referring to this figure, channel
selection is achieved by coincidence of negative going X and Y levels. When X or Y or
both levels are positive, the gate is non-conducting. When X and Y simultaneously are
negative, the diodes Dx and Dy are reverse biased and the diodes are, therefore,
disconnected. A current drive of approximately 50 microamperes flows from constant
current generator #1 through the collector and the base to the transistor gate being turned
“on” to constant current generator #2. The net unbalance between current generators #1

and #2 represents backcurrent which is nominally zero. The input impedance of the
switch is determined by the output impedance of the two constant current sources and the
input impedance of the “Buffer”.
The outputs of 27 channels are connected to a single buffer.
Frame pulse is inserted into the PAM pulse train during 100% of Channel 29 and 50% of
Channel 30. A special insertion is made on Channel 28 upon receipt of Z10, Z20, or Z30
selection pulses from the Master Control Unit. The PAM output has 50% Duty Cycle
with a 1 volt positive pedestal. As the input signal varies from 0 to 5 volts full scale, the
output signal varies from 1 volt to 5 volts full scale.
The auxiliary output (output #2) is 100% Duty Cycle and has offset of less than 2.5
millivolts under all conditions. This includes offset of through the isolation gate when
the commutator is used in conjunction with theses gates.
C. Low Level Multi-Mode Commutator A Multi-Mode Low Level Commutator
which is directly interchangeable with the high level unit described has also been
developed. The Low Level Commutator has all the features of the High Level
Commutator.
The Multi-Mode Low Level Multicoder consists of 28 differential channel switchs and a
low level amplifier, and associated logic circuitry. The basic differential data switch is
shown in Figure 9. Referring to this figure, Qa1 and Qb1 are two input gate transistors for
differential channel number 1. Qa2 and Qb2 are two input gate transistors for differential
channel number 2. The outputs of the 28 gate transistors are connected to a common bus
and fed into an emitter follower at each side. When X, Y, and B inputs for any channel
are negative, the diode, D, is reverse biased and the current pulled by Constant Current
Source X divides equally between bases of the two input gate transistors Qal and Qbl.
This current pulled from the bases of Qa1 and Qb1 is supplied by Constant Current
Sources Ya and Yb respectively. The current levels of Y Constant Current Sources are
adjusted to be equal to one-half of the X Constant Current Sources, therefore, the net
current through the collector of the gate transistor, and thus through the signal, is zero
when the channel is turned “on”.
During this “on” period, the gate transistor of the channel selected are completely
saturated and the input signal is applied directly to the emitter follower.
The outputs of all channels are connected together and applied to an emitter follower and
differential amplifiers as shown.

The channel “on” duration is 50% of channel time. During the “off” time, the input gate
transistors are turned “off” by means of positive going B while B̄ goes negative and turns
“on” clamp transistors Qca and Qcb, connecting the two sides of the input to the
differential emitter follower to ground to achieve emitter follower and Common
Amplifier offset stabilization.
The amplifier, as well as the low level gates, has no memory element such as a
transformer. The transistors used exhibit very high insulation impedance when turned
“off”. Crosstalk under extreme conditions will be extremely small.
The Differential Pulse Amplifiers required for the commutators is designed to provide
proper common-mode rejection and a signal gain as required. The pulse amplifier is
direct-coupled and contains no capacitors. Recovery from overloads, therefore, is almost
instantaneous. A high degree of gain stability is achieved through a sufficient amount of
current feedback.
A more advanced version of this low level commutator is also developed using field
effect transistor as switches, to handle input signal levels as low as 5 MV full scale.
III. Advantages of the System The most outstanding features of the multi-mode
commutator system are its increased data handling capabilities and its great flexibility.
Some of the features that contribute to this flexibility and increased capability are:
1. Any number of 30-channel commutators, fron two to 30 may be used.
2. Sampling rates of commutated data can be varied from four to 120 samples per
channel per second depending on the number of times sampled the master control
unit.
3. Programming of commutator outputs to the master control unit gates provides
many combinations of sampling rates and numbers of channels.
4. Triple redundancy in the master control unit and mixi-n-l- circuits assures ultrareliability of the system.
5. High level and low level commutators are directly interchangeable because their
output characteristics are the same; thus, only two basic types of commutator units
can handle all types of computation requirements.
6. Commutators may be operated independently of the master control unit.
7. The master control unit and the commutator may be synchronized either internally
or with an external clock, and the system may be operated in any of five modes.
8. Missile wiring is greatly simplified and weight reduced because small commutator
units can be placed close to their signal sources, thus eliminating large bundles of
long wires leading to the commutator assembly. This in turn helps to reduce
system noise and weight.
9. The system, eliminates unused data channels.

Figure 1 - Programming Table

Figure 2 - Programming Diagram for Example #1

Figure 3 - Programming Diagram for Example #2

Figure 4 - Programming Diagram f or Example #3

Figure 5 - Master Control Unit

Figure 6 - Master Control Unit (Isolation Gates)

Figure 7 - Multi-Mode Commutator

Figure 8 - High Level Data Switches

Figure 9 - Low Level Commutator Data Switches
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Introduction The goal of this paper is to present the means of convenient generation
and quantitative evaluation of two classes of codes: fixed number of ‘ones’ per sequence
codes and saturated binary codes with uniformly generated redundancy sets. Each of
these two classes of codes is dealt with as a means of securely conveying informationsymbols in the form of individually-protected sequences which are individually
subjected to error detection, and, if possible, error correction.
In generating the two subject classes of codes, use will be made of binary cyclic codes,
either to provide the whole code sequence or to provide the redundancy-sets of the
generated codes.
Codes are evaluated in terms of their intrinsic security properties, their bandwidth
requirements, and their intrinsic efficiencies. A code’s intrinsic security properties are
derived from the code’s distance-properties. It’s bandwidth properties are based on it’s
auto-correlation functions. It’s efficiency or economy is determined by the relationship
which links its error detection or error correction capabilities to its bit-length. Both a
code’s intrinsic security properties and its bandwidth requirements are factors in the
evaluation of its optimality.
Saturated binary codes with uniformly generated redundancy-sets are codes in which:
i.

all or nearly all of the discrete binary combinations of (m) message-bits are used to
develop the code’s information-sets

and,
ii

(R) redundancy-bits are appended to each information-set according to uniform
logical and/or mathematical rules of generation.

Codes with fixed numbers of ‘ones’ per sequence, called “n-out-of-nB” codes in this
paper, are codes in which the only restriction on permitted formats is that they contain
(n) ‘ones’ out-of-nB bits per sequence. Binary cyclic codes are those codes in which all
sequences are developed by a ring-type recirculation of a “generating sequence.”
Several conclusions may be drawn from these definitions They are as follows:
i.

a saturated binary code with uniformly-generated redundancy-sets may or may not
be a code with a constant number of ‘ones’ per sequence

ii.

if (Cs) denotes the maximum number of symbols which can be encoded by a code
system, then (Cs) for a “saturated binary code” is defined by
Cs = 2 mm ;

(1)

for “n-out of-nB” codes is defined by
(2)
and for binary cyclic codes is defined by
Cs = nB

(3)

Except in those cases in which an “n-out-of-nB” code or a saturated binary code happens
also to be a binary cyclic code, it is a further conclusion from the above that for any
given code period, an optimally-designed binary cyclic code will offer the least densely
packed code-space.
The Intrinsic Security Parameters of a Code The error detection and error correction
capabilities of a code are dictated by the code’s intrinsic security properties, The intrinsic
security parameters of a code are its minimum distance property (nd), its radius of
detection (rd), its radius of correction (rc), and its radius of non-spurious correction (rs).
The (nd) property of a code is the minimum number of bit-positions by which any two
sequences in the same code system are distinguished. The code’s rd -property is the
maximum number of bit-errors per sequence it can sustain without sacrificing certainty
of error detection. A code’s rc-property denotes the maximum number of errored bits per
sequence for which it provides infallible correction capability. The code’s rs-property is
the upper bound of bit errors per sequence at which correction is safely pursued. In some
codes, the code’s rs-property may equal its rc-property; and, insome the code’s rs-property
is greater than the code’s rc-property. In all codes, it will be true that rc #, rs < rd. In those

cases in which rs > rc, a guard-zone exists in which the correction process will yield
detectable ambiguity in the place of spurious correction.
For all codes, (nd) and (rd) are related through
n d = rd + 1

(4)

For those codes in which rc > 1 bit, (rs), (rd) and (rc) are related through
r s = rd - r c

(5)

rs $ rc

(6)

rd $ 2rc

(7)

The Bandwidth Property of Codes When a code sequence answering to some
mathematical structure is translated to the forms required for transmission across a
communications link, the sequence takes the form of voltage and current waveforms
which can be represented in terms of their Fourier power spectra. For any voltage
waveform v(t), there exists an autocorrelation function R(J) which is defined by the
relationship
(8)

where (J) is a time interval between two successive waveform voltage amplitudes v(t)
and v(t + J).
By the Wiener-Khintchine Theorem, if
G(T) =

the two-sided Fourier power spectrum
associated with the waveform v(t)

and,
T = any sideband associated with v(t),
(9)
It follows, therefore, that if (Tc) were the center frequency of a symmetrically distributed
passband of width 2)T, and if f(T) were to characterize the attenuation curve within the
pass region, the in-band signal power (Es2) would be given by

(10)
When Equation (8) is applied to a 1-0 binary digital sequence, two equally useful
definitions of R(J) are possible. These are
(11)

and
(12)

where

of a generalized sequence ~. Equation (11) states the total of identically-placed “1”-bits
in any two compared sequences. Equation (12), on the other hand, gives the difference
between all identity and all “distance” bit-positions. Indeed, if (i) were to denote the
number of bit-positions in which two compared sequences have identity and (d) were to
denote the number of bit-positions in which the sequences differ, clearly
i - d = Ra (J)

(13)

By Equation (9), a code which exhibits (nR) unique autocorrelation levels is also
characterized by (nR) unique power spectra. Accordingly, regardless of the specific form
of the f(T) in Equation (10), Equation (10) states that for a code which exhibits (nR)
autocorrelation levels, there will exist (nR) distinct values of inband received signal
power.
Some Theorems on the Autocorrelation and Distance Properties of Codes To
arrive at guides for the generation and evaluation of the two subject classes of codes, we
pass to the derivation of a number of basic concepts. The first goals are those
relationships which relate:

i.

Ra (J) t o (nB)

ii

(d) and (nd) to (nB) and Ra (J)

and,

Towards these purposes, if Equation (12) is expanded and combined with Equation (11),
we arrive at :
(14)
where (ki) is the number of “1” -bits in the ~i sequence and (kj) is the number of “1”-bits
in the ~j sequence.
Equation (14) is applicable to all codes. The specific form of the equation suits
application to codes containing a varying number of ‘ones’ per sequence. For the cases
of “n-out-of-nB” and binary cyclic codes, Equation (14) takes the more convenient form
(15)
where k = the number of “1”-bits in a sequence.
In codes in which the number of ‘ones’ per sequence varies, Equation (14) leads to the
conclusion
Ra(J) / nB mod 2

(16)

while Equation (15) leads by the same reasoning to
Ra(J) / nB mod 4
for the case of codes with a fixed number of ‘ones’ per sequence.

(17)

Realizing that nB = i + d, Equations (14) and (13) may be combined to yield
(18)
and similarly, Equations (13) and 15 may be combined to obtain
(19)
Equations (18) and (19) indicate that the (nd)-property of a code of any given length is
determined by the maximum value of Ra(J). Thus, where [Ra(J)]M designates this
maximum value of Ra(J),

(20)
To arrive at the maximum bounding value of (nd), that is possible for any value of (nB) in
any code, we take advantage of the known minimum packing-densities of binary cyclic
code spaces to determine those bounds.
Noting that [Ra(J)] M in Equation (20), for the case of a binary cyclic code, is the
maximum value of Ra(J) for 1 # J # nB - 1, it can be proved that:

(21)

Combining Equation (21) with Equations (3) through (5), one concludes that for all
codes, the upper bounds of (nd), (rd) and (rc) as functions of (nB) are stated by:
for codes of bit-length n -_ 0 mod 4;

(22)

for codes of bit-length nB / 0 mod 4;

(23)

for codes of bit-length nB / 1 mod 4;

(24)

for codes of bit-length nB / 2 mod 4; and

(25)

for codes of bit-length nB / 3 mod 4.
The Generation of Saturated Binary Codes. Three methods are proposed for the
generation of saturated binary codes with uniformly generated redundancy sets. These
are: “set -by-set” addition method; the “linear modulo-2” adaptation method; and, the
“linear mod-2” truncation method.
The “set-by-set” addition method views the constituent information-sets of saturated
binary codes as consisting of “prime” sets and “non-prime” sets. In terms of a
generalized definition, the 11prime” sets of an (m) message-bit saturated binary code are
those in which (m-1) bits are in the “0”-mode and only one bit is in “1” -status; while,
the “non-prime” information-sets are those in which two or more of the; (m) messagebits are in “1”-status.
If (R) redundancy-bits were to satisfy the specified distance property of the generated
code, let it be that the set consisting of (m) “0”s is assigned a redundancy-set consisting
of (R) “0”s.
Realizing that all prime sets already enjoy a 2-bit distance from one another, it is the
function of the (R) redundancy-bits to contribute an (nd-2) additional distance to the
overall sequence. Since the prime message-bits contain one “1”, the R-bit redundancy-set
should also contain (nd-1) “1”s to give them their (nd) distance from the sequence

containing (m + R) “0”s. These conditions can be most conveniently met by making the
R-bit redundancy-set the binary cyclic code which most economically satisfies the
“distance” and “1”s-content requirements. It is, of course, an added requirement of the
selected cyclic code that it furnish (m) unique redundancy-sets.
Having selected the binary cyclic code which is to furnish the R-bit redundancy-set,
(m)cyclic permutations of the code are assigned arbitrarily to the (m) “prime” messagesets. All other sequences in the saturated binary code are then developed by a sequenceby-sequence addition with no inter-bit carrying.
Illustratively in Figure 1, where the specified nd-property of 5 dictates a “1”-content of 4
and an inter-redundancy set distance of 3 at a minimum, the requirement is met with
maximum economy by a 7-bit Legendre Sequence. Here, the redundancy-set for the
symbol 1 is the generating sequence 1110100, for the symbol 2 is the cyclic permutation
1101001 for the symbol 4 is the suceeding permutation 1010011, and for the symbol 8 is
the 7-bit sequence 1111111. Noteworthy in this connection is the fact that the resulting
11-bit saturated binary code is the best possible solution to Equations (22) through (25).
The use of an R-bit sequence of ‘ones’ for one of the “prime” message-sets where such a
sequence fulfills the minimum inter-(R) bit distance requirements is frequently a
conveniece to the minimizing of (R).
Other illustrations of the “set-by-set” addition method are the following:
If an rc-property of 4 bits were required for a 4-bit bcd code, the required number
of ‘ones’ (kr) in the R-bit redundancy-set would be arrived at by the following
reasoning. By Equations (4) and (7), the required (nd) is:
nd $ 2rc + 1 = 9 bits
leading to
k r $ 9 - 1 = 8 bits
The inter-redundancy set distance requirement for the prime sets would then be:
nd - 2 $ 7 bits = (nd)R
Application of Equations (22) through (25) indicate an ambiguity which is best resolved
through the use of a 15-bit redundancy set. The cyclic permutations of a 15-bit Jacobi
Sequence of the form: 0 0 0 1 0 0 1 1 0 1 0 1 1 1 1, is indicated as the R-bit redundancysets for the prime information-sets. The resulting code would be a 19-bit saturated binary
code. As evaluated by Equation (25), which is applicable to 19 / 3 mod 4, the
theoretically best code length for rc = 4, would be 19 bits, and hence the generated code
would be the best possible for the stated security conditions. Similarly, were a 3-bit

correction radius required of an alphanumeric code consisting of 5 message-bits, it
would be required of the entire code sequence that
nd = 2(3) + 1 = 7 bits
leading to
kr = 7 - 1 = 6 bits
(nd )R = 7 - 2 = 5 bits
Application of Equations (22) through (25) leads to the conclusion that an eleven-bit
Legendre Sequence of the form: 11011100010, would satisfy the requirements. The
resulting 16-bit sequence indicates by Equation (22), which is applicable to 16 / 2 mod
4, that the theoretically best code period for rc = 3 has been approximated.
The virtues of the “set-by-set” addition method of generating saturated binary codes
consist of the ease with which codes can be designed to suit any demands and the
accommodations of the method to truncated methods of error correction. The ability to
“clock” all (2m) redundancy-sets in (m2m-1) clocking-cycles for the purposes of correction
logic establishes a minimal logic clocking-rate. All of the advantages of a “table lookup” type of correction without a large memory requirement are afforded.
Another method of arriving at a saturated binary code with uniformly generated
redundancy sets is that of adaptation of a linear mod-2 binary cyclic sequence. Given a
requirement for an m-bit message saturated binary code, one may achieve this purpose
with the linear modulo-2 sequence of period
nB = 2m-1 - 1

(26)

nB = 2m -1

(27)

or

In using a code, according to Equation (26) the adaptation method consists of:
a.
b.
c.

employing all of the (2m-1 - 1) sequences afforded by the direct generating
sequence
adding the sequences which are the binary complements to the sequences provided
in Item (a)
arbitrarily adding an all “0”s sequence and an all “1”s sequence.

Illustratively in Figure 2, a four-bit message saturated binary code is formed from the
linear modulo-2 binary cyclic sequence conforming to nB = 23 - 1. In this case, the codes
for symbols 1 through 7 are the cyclic permutations of the generating sequence 1110100,
while the codes for symbols 8 through 14 are the cyclic permutations of the
complementary generating sequence 0001011. The code for the symbol 0 has been

omitted in Figure 2, but the code for the symbol 15 is the arbitrarily-added 1 1 1 1 1 1 1.
When this method of adaptation is used to generate saturated binary codes, the exhibited
intrinsic security properties will conform to:

(28)

Saturated binary codes formed by these rules exhibit a minimum of four autocorrelation
levels, and possibly as many as six.
In the generation of a saturated m-bit message set binary code from a linear modulo-2
sequence of period nB = 2m - 1, no adaptation is required since the first m-bits of the full
binary cyclic code of such a period describes all (2m - 1) formats of (m) bits. In this case,
the resulting saturated binary code is a 2-level autocorrelation code; and since the
generating sequence is a pseudonoise sequence of period nB / 3 mod 4, Equation (25)
gives its intrinsic security parameters.
For some applications, the saturated binary codes which are obtained from the adaptation
of linear modulo-2 binary cyclic sequences may be excessive in character code length.
Where this is the case, and lesser security parameters can be tolerated, the resulting
binary codes can be adapted by truncation of the redundancy-sets of such codes.
Truncation is applied to the extreme right-hand vertical periods in the redundancy-set.
To calculate the security parameters which exist after (t) vertical periods have been
eliminated, we take advantage of the known imbalance parameter of the full linear mod-2
sequence. For the case of a saturated binary code which is formed from a linear mod-2
sequence of period nB = 2m-1 - 1, the following will apply. If any one character of the
binary code is selected as “reference” and any other character is compared to it for
distance, the probability that the distance would be altered by (y)-bits in the removal of
(t) terminal vertical periods is stated by:
(29)
In Equation (29), (Py) designates the probability of a y-bits distance loss, and 0.5
represents the factor for a “success” or a “failure” in altering-distance when the vertical
imbalance parameter is B=0. Applied to a population of 2nB characters, an expectancy
(Ey) of

(30)
is encountered for a y-bits distance loss. Since the specified loss will occur if Ey $ 1, we
may then write that when
(31)
the truncated code will exhibit an nd-property according to:
nd = 2m-2 - 1 - y
(rd) and (rc) properties for such truncated codes of

(32)

and

(33)

can also be expected.
In those cases in which truncation is applied to saturated binary codes formed from linear
mod-2 sequences of period nB = 2m - 1, Equation (31) is also applicable. Truncated codes
in this case which undergo a loss of y-bits of distance will conform to:

(34)
and,

In general, we note the connection between the above-propose methods of generation of
saturated binary codes andthe Hamming Rule. The Hamming Rule for saturated binary
codes of ndproperty nd = 3 and rc = 1 sets down the requirement that for an m-bit
message set, the required R-bit redundancy set is such that
2R - 1 $ m + R
(35)
Any of the several methods proposed here is a means of generating codes with intrinsic
properties equal to or greater than the Hamming limits.
The Generation of “n-out-of-nB” Codes Binary cyclic codes are also applicable to the
generation and evaluation of “n-out-of-nB” codes. In the simplest case, any binary cyclic
code is straightforwardly an “n-out-of-nB” code, and may be used for the purposes of an
“n-out-of-nB” code. Other methods of generating “n-out-ofnB” codes are: (1) the

cascading of binary cyclic sequences; and, (2) the formation of constant imbalance codes
through “set-by-set” addition rules.
To construct an “n-out-of-nB” code system by the “cascading principle”, note is taken of
the number of sysmbols which must be encoded and of the imbalance which the intended
code involves. The imbalance of an “n-out-of-nB” code system is
(36)
while the symbol encoding capability (CS)max is given by
(37)
The code may then be constructed from the cyclical permuations of

binary cyclic sequences having the same (B)-parameter but (N) different generating
sequences. A typical instance of such a construction is offered in Figure 3 where the first
five sequences are the cyclical permutations of 11100, and the second five, by Equation
(37), are the cyclical variants of 11010. The (nR)-value for cascaded binary cyclic
sequences is determined by the (nR)-value within each of the cascaded sequences, and by
the cross-correlations between the generating sequences. When the cross-correlations of
the generating sequences with respect to any selected generating sequences are identical
to one of the aperiodic levels of the comparison sequence, the (nR) for the cascade is
minimized.
“Set-by-set” addition codes with constant “n-out-of-nB” characteristics are possible for
codes with information-set bit lengths up to and including four bits. A “set-by-set”
addition code with constant “n-out-of-nB” characteristics is illustrated in Figure 4. In the
generation of such codes, each prime information-set is assigned a redundancy-set
consisting of a cyclic permutation of the sequence 1110 . All non-prime sequences are
then formed according to set addition rules. “Set-by-set” addition codes formed in this
fashion will exhibit a two-level autocorrelation according to
(39)
rc = 1, rd = 3 and nd = 4.

Fig. l-“Binary Code” Formed by “Set-by-Set” Additional Rules

Fig. 2a-The 7 Message Sets, 3 Recurrence Equations,
and State Diagram for A 23 - 1 = nB
Linear Modulo-2 Sequence

Fig. 2b-A Four-Bit Message Set Code with Uniformly
Developed Redundancy Sets

Fig. 3-A 10-Character “3-Out-of-5" Code Generated from
Two 5-Bit Recirculation Sequences

Fig. 4-“Set-by-Set” Addition Code With Constant
“n-out-of-nB” Characteristics
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Abstract An electronic commutator is described which employs only two types of
modules and is expandable one channel at a time. Either high or low level commutators
can be constructed. Data input circuits are completely isolated from gating voltages.
Power per channel is 10 milliwatts; volume, 0.4 cubic inch. Commutator modules are
suitable for air/spacecraft environments,
Introduction In commutator applications it is sometimes necessary to increase the
number of channels by one or more beyond the capacity of the purchased commutator. In
other instances it may be desirable to increase or decrease the number of channels
without changing the relative sampling rate of existing data inputs. For example, in field
use, late measurement lists may require the addition or deletion of measurements with no
change in relative sampling rate of measurements already programmed. Also, no part of a
data frame should be idle.
Generally, existing airborne commutators cannot be increased in channel capacity
(except through use of subcommutators) and ground-based only in groups of channels or
via subcommutators. Also, deletion or addition of channels results in idle frame time or
change in relative sampling rate of existing data inputs.
The following sections describe an electronic commutator which, in its most basic form,
employs only two types of modules and is expandable or contractable one channel at a
time. The number of channels selected need not bear an integral relationship with any
other number. Change in channel capacity does not change the relative sampling rate of
the existing channels nor does it cause idle frame time.
The commutator has been designed around two basic commutator modules: a gate-switch
module (one used for each commutator channel desired) and a start-reset module. Power
consumption is low and builds up linearly with the number of modules inserted. Total
volume of this composite commutator is competitive with standard single-package
electronic commutators containing a fixed number of channels. The modules are plugged
into a base plate having a capacity equal to the maximum anticipated number of channels
required and is suitable for air/spacecraft environment.

Gate Generator In most electronic commutators, the gate voltages necessary to
sequentially turn the transistor or diode switches on is derived from a counter (driven by
a clock) and associated diode matrices. The counter usually consists of a single binary
counter feeding a diode matrix, two ring counters using four layer devices or two binary
counters with diode matrices to generate gating voltages equivalent to that produced by
two ring counters.
In order for a commutator to be expandable one channel at a time by adding modules, it
is convenient to use a ring counter to provide the sequential gate voltages. However, it
was felt that a ring counter employing four layer devices would not be sufficiently
reliable for 45 or more stages operating up to 100EC. Also, the parts count becomes
prohibitive when using the best ring counter circuit. For this reason a special gate
generator was designed using a transistor and three passive elements per stage. It will
operate reliably with either a very small or very large number of stages over a
temperature range of -40EC to 100EC (lower temperatures, if required).
FIGURE 1 is a schematic diagram of an N-Stage gate generator. Briefly, it consists of a
group of RC coupled stages (denoted as “gate circuits”) fed by a re-settable multivibrator
(denoted as “start-reset” or “SR” module). Operation of the gate generator is as follows:
When not connected to the start-reset (SR) circuit, (at points A and D) the gate circuits
are quiescent and each stage is saturated and conducting a fraction of a milliampere of
collector current. Under this condition the SR runs with a period of T1 as indicated in the
upper two waveforms of FIGURE 2. If the connection between C1 of the gate circuits
and point A of the SR circuit is made, the rectangular waveform produced at point A is
supplied to the base of Q1 via capacitor C1 and holds that transistor off for period
determined by the time constant of C1R1 and the adjustable voltage, -VF. The waveform
produced at the collector of Q1 , point Y1 , is shown in FIGURE 2. During the period that
Q1 is nonconducting, capacitor C2 charges through resistor R11 to potential -V1 .
Following this period, Q1 becomes conducting and the potential of y1 suddenly rises to
potential +V2 and this step voltage is applied to the base of Q2 via capacitor C2, thereby
cutting off Q2 for a period of time determined by the time constant C2R2 . In this manner
all transistors in the string of Q1 through Qn are sequentially turned off for a period
determined by their respective base circuit time constants and -VF. If the time constants
associated with all the stages are equal, the negative gating pulses appearing at the
collectors are equal in duration. Time constant CARA of the SR circuit is approximately
twice as large as C1R1 , C2R2, etc. Time constant CBRB is chosen so that T1 (FIGURE 2) is
larger than the longest anticipated frame period. With the lead between point Yn and
capacitor CR open, the gate circuits once again assume a quiescence condition until a
succeeding positive pulse is generated at point A of the start-reset circuit. However, if
point Yn is connected to CR, the SR is reset by the trailing edge of the negative gate
voltage generated at Yn. Simultaneously, a positive gate voltage is produced at point A of
the SR, a negative pulse is generated at Y1 and the frame is repeated.

It is seen that the function block denoted as start-reset or SR module is a resettable
multivibrator which serves to start and sustain the operation of the gate circuits. It has a
natural period that is longer than the longest anticipated frame period but can be reset
any time following the second channel period. It is this factor which makes it possible
for the gate circuits to function with an extremely large range of stages.
Frame sync pulses are available from point A of the SR circuit and clock pulses are taken
from point C. Both waveforms are shown in FIGURE 2.
Floating Transistorized Switch As a companion to the gate circuit stage, a
transistorized switch was sought which would provide complete isolation between the
gating source and the signal source during the sampling interval and yet have a
capability for handling a very large range of gating pulse widths. The transistorized
switch shown in FIGURE 3 was designed to meet this requirement. It functions well for
gating intervals ranging from 10 microseconds to 1 second. Operation is as follows:
During the “OFF” time point A is held at a positive potential, V2, which is somewhat
more positive than the most positive excursion of the input signal. Under this condition
capacitor C1 is charged to its maximum potential via diodes CR3 and CR2. At the same
time the bases of Q1 and Q2 are held positive with respect to the input signal by current
flowing through diodes CR1 and CR4 to point A. When a negative gate voltage, -V1, is
applied to point A diodes CR1, CR2, CR3 and CR4 are reverse biased and capacitor C1
proceeds to discharge through base resistors R1, R3 and the base collector junctions of Q1
and 2,1 thereby turning on the transistor switches.
The most negative signal excursion that can be handled relative to potential levels +V2
and -V1 is approximately -V1 +Vd. The most positive is approximately V2-Vx-2Vd, so that
the maximum peak to peak signal excursion is Es (P. P. max.) = V2+V1-Vx-3Vd, where Vx
is the voltage decrease of capacitor C1 during a channel period, and Vd is the
forwarddrop across a diode.
The floating transistorized switch described has a maximum back (reverse) current of a
few nanoamperes during both the “ON” and “OFF” periods and this current is
independent of the base current chosen. Direct-coupled switch configurations are simpler
but have “ON” time back currents ranging from a fraction of a microampere to several
microamperes, depending upon the base current chosen and the preciseness of
component values and voltage levels.
Gate-Switch Modules FIGURE 4 combines the floating transistorized switch shown
in FIGURE 3 with one gate circuit stage of the Gate Generator shown in FIGURE 1 to
form a high level gateswitch module. These modules are cascaded as needed to yield the
required channel capacity.

FIGURE 5 combines a gate circuit stage with two floating transistorized switches to
form a module which has a differential, low level switching capability. As with the high
level unit, complete isolation is obtained between the signal circuits and the gating
circuits. Also, the two poles are completely isolated from each other. The common mode
voltage range is determined by -V1 and V2 as discussed in the preceding section.
The gating circuit shown in FIGURES 4 and 5 is also suitable for gating field-effect
transistor switches on and off. FIGURE 6 shows one FET circuit configuration in which
the gate source potential is held at approximately zero during the “ON” time. The gate
resistor R is bootstrapped by being connected to one stage of the buffer amplifier (shown
functionally in FIGURE 7).
Other Modules Although the basic commutator requires only a start-reset module and
gate-switch modules, three other modules are available: (1) PAM Buffer and A/B Gating
unit (2) PDM Keyer, and (3) Power Supply.
Assembled System FIGURE 7 is a functional block diagram showing the interconnection of the modules. As shown, 2 DC supply voltages are required. Total power
required for each of the plug-in modules is as follows:
Start-Reset
Gate-Switch
PAM Buffer
PDM Keyer

10 MW.
10 MW.
30 MW.
70 MW.

If required, a +28V DC power supply is available as a plug-in module. System accuracy
in a composite commutator like this is no different from one contained in a single
package. Transistor offset is dependent upon choice of transistor and degree of matching
(except for the FET which is essentially zero). Reverse current flowing into the signal
sources is very low and is entirely composed of reverse-biased diode type of leakages
and is in the nanoampere region except when connected to a Buffer amplifier or PDM
Keyer. Either of the latter contribute a maximum of 0.1 microampere at +25EC and 0.25
microampere over the range of -20EC to +85EC. Over-all accuracy of the PAM Buffer
and PDM Keyer is 0.1% and 0.25%, respectively, over the same temperature range.

Fig. 1-Gate Generator

Fig. 2-Gate Generator Waveforms

Fig. 3-Floating Transistorized Switch

Fig. 4-High Level Gate-Switch Module

Fig. 5-Low Level Gate-Switch Module

Fig. 6-Gate-Switch Using Field Effect Transistor

Fig. 7-Functional Block Diagram Showing Connection of Modules

AN OPERATIONAL TEST INSTRUMENT FOR PCM BIT
SYNCHRONIZERS/SIGNAL CONDITIONERS
R. G. CUMINGS and R. A. DAVIES
DEFENSE ELECTRONICS, INC.

Summary The application for a device which will effectively test a PCM bit
synchronizer/signal conditioner is described. The general requirements for a bit
synchronizer analyzer are listed and some of the problems in implementing these
requirements are discussed, including some problems relating to PCM signal
conditioners. A description of an instrument capable of performing the required
measurements is given.
Introduction For the past few years the use of PCM in telemetry has increased in
popularity. It is well known that all gains in signal recovery are made in the bit
synchronizer/signal conditioner front end of ground stations, for past that point all data is
digital in form and in theory can be processed with minimum error. Yet with this fact
known it has not been until recently that the need for a piece of test equipment to
evaluate or periodically check this crucial subsystem has been recognized. Formerly,
ground station personnel could measure the performance of the bit synchronizer/signal
conditioner by collecting numerous pieces of test equipment, connecting them with
cables and laboriously set up a test procedure. This was cumbersome to say the least,
slow, and not particularly meaningful as the compatibility between the pieces of
equipment was not always ideal especially at high bit rates where capacitive loading
creates problems. Therefore, it became obvious that a piece of test equipment that was
relatively easy to set up, quick in operation, and would make reliable repeatable
measurements would be very useful, particularly where a mission might be marginal in
signal strength and it would be necessary to verify the proper operation of the bit
synchronizer just prior to usage.
The following is a description of an instrument not only capable of making pre-flight
test, but also as an instrument for detailed evaluation of a signal conditioner.
Requirements for a Bit Synchronizer Analyzer The operation of a bit
synchronizer/signal conditioner is affected by many parameters, which are in general
well known. It is only the number of variables and lack of precise measurement
standards which complicate the problem of testing. The design of a bit synchronizer
analyzer does not imply the generation of measurement standards, but simply allows the

test under accepted conventions, or conditions more closely resembling actual
operational use.
What then should the capabilities of such a test instrument conceivably known as a “Bit
Synchronizer Analyzer” be? It would seem logical that the instrument should simulate all
or nearly all the variable parameters confronting the bit synchronizer such as
1.
2.
3.
4.
5.
6.
7.
8.

Variable signal to noise ratio
Known or random bit pattern
Different code forms such as NRZ, RZ, Split-Phase, etc.
Various signal and noise bandwidths
Variations in input amplitudes
Clock drift and jitter
Signal offsets
Data dropouts

In order to measure the performance of the bit synchronizer under test it would, in
addition, have to perform these functions.
(1) Provide a means for compensating for delays in the synchronizer and
subsequently synchronizing the operation of the two units.
(2) Detect and accumulate data bit errors for a known period of time.
(3) Provide a meaningful display of the result of the measurement.
(4) Provide the operational features necessary to make quick, convenient, reliable,
accurate measurements without excessive setup time.
A general block diagram of a bit synchronizer analyzer is shown in figure 1. The general
operation with a typical bit synchronizer is described as follows.
The clock generator is a stable, calibrated source of timing pulses for the entire system.
The bit rate is adjustable throughout the standard IRIG frequencies. The data pattern
generator is in reality a simple PCM simulator with NRZ output to a code converter. The
code converter transforms the NRZ signal into RZ, NRZ, Split phase, etc., forms and
drives a noise mixer. A noise source with bandwidth and spectral density compatible
with the selected bit rate also drives the noise mixer. The noise mixer also contains
provision for a low pass filter if required to duplicate a known pre-transmission filter in a
simulated system. The output amplifier provides a low impedance output to the bit
synchronizer under test and to a signal/noise monitoring and control circuit.
The analyzer output is connected to the bit synchronizer under test and the bit
synchronizer output connected into the data error detector of the analyzer. The simulator
signal is delayed before it is compared with the output of the synchronizer. The errors

resulting from the bit by bit comparison are accumulated over a proper time base selected
according to the SIN ratio and displayed on a digital display or externally recorded if
desired.
With such a setup, any of the parameters may be preset or varied to statically or
dynamically evaluate the performance of a bit synchronizer by observing the change in
bit error rate. In the case of a pre-flight check, the analyzer may be set to resemble an
input signal condition just prior to or during acquisition. The latter check is a particularly
valuable one in that the errors produced in bit synchronizer may not be as a result of the
incoming S/N ratio but as a result of R. F. I. or other undefinable perturbations. No
matter what the source is, the analyzer will read the true error rate which may or may not
be acceptable for a particular operation. If not acceptable and the bit synchronizer is
known to perform satisfactorily in another environment, then the analyzer can be used as
an interference indicator to troubleshoot the system.
General Considerations of Measurement There are a number of factors to consider
in setting up measurement parameters for evaluating error performance. Probably the
most difficult parameter to define and measure is the signal to noise ratio. The generally
accepted definition of signal to noise ratio in PCM is

In a practical situation the operator may measure one of these factors with sufficient
precision to relax the requirement on the other factor which may be more difficult to
define. If, however, conventional meters are to be employed it is difficult to have a
readable accuracy of better than 2% even with mirror scales, hence, it may be said that
for .5 db accuracy measurements for both signal and noise should be in the order of ±3%.
If 1 db accuracy is required then measurements can be relaxed to ±5%.

A serious factor to be taken into consideration is the wave form of the signal. For square
sided signals a peak signal can be measured simply by using d. c. transfer techniques.
However, in some systems a Gaussian or the linear phase filter is employed to reduce
bandwidth requirements. A typical filter response is shown in figure 2. It can be seen that
the fundamental frequency of the bit period (f) is down between 2 and 3 db from the low
frequency response, therefore, the peak amplitude that exists at any instant is variable
depending on the bit pattern.
Figure 3 illustrates the difference in amplitudes existing for a single bit and a group of
consecutive bits in the filtered case. 1
Dr. J. H. Crow has pointed one approach to this problem1. In essence, with a prior
knowledge of the bit pattern and synchronizer parameters one can compensate for the
pattern related amplitude distortion by computing a correction factor for each portion of
the wave train and then computing the resulting overall effective signal to noise ratio. If
the same simple pattern is repetitive then this approach is simplified. A chart can be
constructed for several common pattern formats showing the effective S/N ratio. This is
probably the simplest overall answer.
It has been assumed in the previous discussion that the noise voltage within the
bandwidth was generated in the proper form and measured with a fair degree of
accuracy. It must be pointed out that in practice this has not always been the case. The
meter used to measure the noise should be a true RMS meter with the accuracy required
over a sufficient bandwidth.
This implies a meter bandwidth in the order of 10 mc for 1 mc data bits with 100 usec
rise and fall times. If the noise conforms to the Gaussian distribution curve, figure 4,
then an average measuring meter may be employed with a correction factor to read rms.
With reference to the Gaussian response above, another factor should be noted. The
standard deviation F defines a probability that a noise peak will exceed the rms value of
the noise; 2 F defining the corresponding probability of a peak existing that exceeds 2
times the rms value, etc. It should be noted that those noise pulses causing errors are only
those equalling or exceeding the peak signal (for a perfect detector) hence any restriction
in the distribution probability of large amplitude noise pulses will limit the measurement
of errors at high signal to noise ratios. For example:
if Es (peak) = 10 v
En (rms) = 1 v
then S/N (db) = 20

For an error to exist then a noise pulse of 10 v is required implying a deviation of at least
10 F .

factor of 5, in general, will limit the measurement of errors due to noise insertion with
the signal to S/N ratios of about 14 db. This may not be to important, however, in a
practical sense, because error measurements at high signal/noise ratios generally take
considerable time, sometimes hours, to detect an error and one must consider the
possibility of other factors such as R. F. I. , line surges, and other perturbations being the
main contributory factor to errors.
Figure 5 illustrates a typical bit error probability curve showing the range of general
practical interest.
It may be noted that most error rate comparisons to the theoretical curve assume perfect
bit synchronization. In actual practice, though synchronizers maintain average bit
synchronization, overall performance is somewhat degraded.
Bit Pattern Factors Another parameter to consider is the bit patter Factors of the bit
pattern are transition density, pattern symmetry, code form and bit rate.
The transition density is a factor often used in measuring sync acquisition time. The
practical limit generally accepted is one transition in 64. For higher densities such as 4 in
64, pattern symmetry becomes an other factor. The four transitions could be sequential or
equally spaced throughout the 64 bit periods. The sync acquisition or reacquisition time
of some types of bit synchronizers is dependent upon pattern symmetry a well as density.
The code form (RZ, NRZ, Split Phase, etc. ) also needs to be defined. Split phase
(Manchester or bi-phase) code has at least one transition per bit period, hence, implies a
different sync acquisition characteristics than NRZ code where low transition densities
readily exist.
System Delays System delays are another parameter to be considered. Usually one bit
delay can be expected in the bit decision circuitry. To compare this bit decision with
input data, a means must be supplied to delay the input signal a corresponding amount
before entering the bit comparator. Other incidental delays can contribute fractions of a
bit period delay, hence it is desirable to provide, in addition to integral bit delay periods,
fractional bit period delays in the order of one quarter bit period. The proper use of

strobing techniques in the bit per bit comparator preclude the necessity for incremental
delays less than one quarter bit period.
Miscellaneous Factors The D. C. off set of the input signal is a variable factor
requiring definition as synchronizers must effectively reestablish the optimum
quantization level in order to perform close to the theoretical maximum, and generally
are limited in the range of offset they will tolerate.
Input clock offset from pre-set frequency, synchronizer clock drift, rate of drift and pulse
jitter are all variables to be considered when a precise evaluation is required.
Sync Acquisition Time Another important parameter is the measurement of
acquisition and reacquisition time. Measurement of these characteristics is largely
dependent on the definition of the term “effective synchronization”. While this may often
be measured in terms of a particular signal in a particular synchronizer, there appears to
be no universally applicable definition which is completely satisfactory. As mentioned
previously, the transition density of the bit pattern affects this measurement. The bit
synchronizer VCO displacement from the bit rate of the incoming PCM signal is also a
factor. To measure acquisition time several approaches can be considered. One approach
is to compare clock trains and accumulate errors generated on a bit by bit basis. The
determination of when the bit synchronizer is in sync is that point at which the clock bit
errors have reduced below some predetermined number.
Another more practical system is the measurement of data error rate. Synchronization is
said to occur when the data error rate reduces from some large number to a
predetermined number.
Description of a Practial Bit Synchronizer Analyzer The Defense Electronics, Bit
Synchronizer Analyzer, Model BA-101, is an instrument which provides the necessary
functions for evaluation and operational testing of a Bit Synchronizer/Signal
Conditioner. Although the unit does not represent a state of the art breakthrough in terms
of new circuit designs, etc., it now permits tests to be reliably performed which were
previously not practical. As with most designs, especially in view of the considerations
previously discussed, certain inevitable compromises must be made. In the following
description, it is apparent that these compromises with theoretical requirements generally
enhance operational usefulness and do not materially degrade the validity of the
measurements.
As previously discussed, any analyzer must contain at a minimum a source of signal,
suitable interface and delay, a means of comparing the simulated and reconstructed data
and a display. There are, however, additional requirements, pertaining to the equipment

design. First, the unit is required to be completely self-contained. This implies that the
power supply, measuring devices, etc. all are included in the basic unit. Further, since it
is an operational instrument, attention must be paid to human engineering aspects. While
it is desirable to make the device infallible due to operator error, this would severly
restrict the flexibility, therefore, additional care is required in layout, range of
simulation, measurement, etc. The front panel and ‘block diagram of the DEI Bit
Synchronizer Analyzer are shown in figures 6 and 7.
Basic to the generation of a PCM wave train is the bit rate oscillator or clock. The
frequency range of the clock is 1 bit per second to 1, 000, 000 bits per second. A
calibrated dial is provided in addition to the normal tuning which deviates the clock
frequency ±10%, or ±20%. Inputs for slow drift of the bit rate or low frequency FM and
jitter or high frequency FM are provided. External clock inputs are also provided on the
plug-in clock assembly.
There are four types of data patterns which provide the data type most useful in the
testing of a signal conditioner. One is Variable Transition Density. In this simulation
mode, one transition is generated every 2, 4, 8, 16, 32 or 64 bit periods regardless of
output code form. These transitions are selected to be either symmetrically distributed
over a 64 bit “frame” or occur in consecutive bit positions with no transitions in the
remaining bit positions for the rest of the frame. Another simulation mode generates a
pattern which is effectively random, yet predictable. A third mode generates a truly
random pattern whose bit density is adjustable. Finally, a number of coding switches are
provided to allow the simulation of patterns of special interest. These patterns satisfy the
requirement that they be useful for evaluation using accepted conventions and resemble
typical operating conditions. The necessary gating for data interrupt is also provided. In
order to minimize inconsistencies in acquisition and reacquisition time due to random
data return in low transition density outputs, the return of data may be selected as
random or phase locked to a point in the data frame.
The digital pattern is one component of the composite signal. The amplitude of the signal
is first adjusted and the rectangular signal is zero centered in a manner that does not
permit normal capacitive discharge decay over a long period of time. The signal is then
linearly combined with noise. The noise is of a Gaussian distribution to greater than five
sigma, and has a sufficiently uniform spectral density. The amplitudes of both signal and
noise are adjustable to allow maximum flexibility. As is shown in the front panel picture,
three preset (screwdriver adjustable) signal amplitudes are provided to facilitate rapid
repetition of measurements. Normally, these would be set to correspond to specific
points of interest. The signal plus noise is then passed through the filter section where
one of three switch selectables plug-in filters or no filter is inserted in the signal plus
noise path. The filter normally supplied is a 6 pole Bessel Polynomial type with a -3 db

point at the frequency of interest. Of course, provisions are made for other types on
special interest.
Following the filter, an amplifier adds an off set voltage to the output signal and provides
a low impedance output to the synchronizer under test and the composite signal
monitoring circuit. The monitoring circuit allows the convenient measurement of peak
signal amplitude, within limitations, rms noise amplitude and signal plus noise. The
importance of the proper interface between the bit synchronizer analyzer and the
synchronizer cannot be overemphasized, since no degradation of any of the composite
characteristics may be tolerated. This is particularly true where there is a relatively long
cable run between the two equipments.
The bit synchronizer analyzer receives reconstructed NRZ data and clock from the signal
conditioner. Since interface levels are seldom compatible, the appropriate level shifters
are included. NRZ data from the internal simulator is suitably delayed and compared to
the reconstructed data in a strobed exclusive OR.
Care must be exercised in the choice of the strobe and delay, since it must allow a large
amount of transition displacement due to high frequency FM of the clock without
creating extraneous errors. By providing appropriate controls and procedure, it is not
difficult to select the delay and adjust the strobe without external equipment. The output
of the data comparator is a data error and is routed to the input of the display
accumulator. In this area, bit decision errors are accumulated over a period of time. The
sample period, measured in bits, allows easy comparison of signal conditioner
performance to theoretical maximums. It also is an indication of percent bit errors for
relation to some acceptable level for a particular mission. A display overrange indicator,
used in conjunction with the anticipated performance allows setting of the sample period
without external equipment. The display itself is a three digit projection decimal display.
Three display modes are provided. The normal mode accumulates errors over a period of
time. The accumulate and hold makes a measurement and stores the result until manually
reset. The accumulate mode is most useful when accumulating over a long period of time
at low bit rates. Although measurements can be made without external devices, a printer
is often desirable for long term measurements. The required interface is provided in the
unit so that once the test is set up, a printer may be connected and the device left
unattended.
The reconstructed and internal clock are compared to indicate a loss of sync in the period
of one frame. Such a loss of sync indicates that the synchronizer is operating in an area
of unreliable bit synchronization and that the bit decision errors are due at least in part to
unreliable synchronization.

As previously discussed, the measurement of time to acquire and reacquire is desirable.
However, it is not practical to attempt direct measurement of a parameter which is so
nebulously defined. Inevitable, the acquisition characteristics are reflected in the number
of bit decision errors during the period since it is virtually impossible to make correct
decisions without bit synchronization. Therefore, a workable method which indirectly
measures acquisition or reacquisition time in bits is to measure the number of bit
decision errors over a period much greater than the anticipated acquisition time. By
assuming that 50% errors exist during acquisition, twice the difference of bit decision
errors is the time in bit periods to acquire. Repeated measurements under the same
conditions especially when the return of data is phase locked, will allow a high
confidence in the measurement.
From the descriptions above it is apparent that the necessary measurements can be made
without external equipment for an operational check. However, the design of the unit
does not preclude the use of external equipment for more specialized tests, such as a
PCM simulator capable of generating a larger format.
The Bit Synchronizer Analyzer is packaged for mounting in a standard rack. High
reliability silicon logic modules are used throughout. A tilting front panel allows easy
access to the test points on the logic modules and front panel. The power supply is a
modular unit mounted on the rear of the card frame.
Conclusions A device to effectively test Bit Synchronizer/Signal Conditioners has
been developed. The bit decision errors are of primary importance in the signal
conditioner and effective measurements can be made in these terms.
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Summary An IBM 1620 computer was programmed to evaluate the effects which the
variation of propagation velocity and attenuation in coaxial cables has on a frequency
modulated carrier. For a nine mile length of RG-8A/U the distortion of 70kc modulation
on a 1 mc carrier was severe, while for a 10 mc carrier the distortion was negligible. A
typical system using 4, 6, and 9 mc carriers on a single cable was evaluated.
Introduction Frequently in the discussion of transmitting frequency modulated
telemetry signals over moderately long coaxial cables, the question of phase distortion
arises. It is generally accepted that the propagation velocity and attenuation of coaxial
cables vary with frequency, but the extent of the variation is generally unknown and
even less is understood of its effect on frequency modulated waveforms. For this reason
the “bigger hammer” approach is generally used and the most expensive cable which can
be justified is purchased, or an r.f. relay is chosen.
Equations which quite accurately express the effects of velocity and attenuation have
been written, but they are quite difficult to interpret for a signal with a spectrum as
complex as frequency modulated telemetry. However, even a small digital computer can
quickly evaluate these equations, so that the output can be plotted.
Transfer Functions For A Transmission Line The transfer function of a low-loss,
infinitely long transmission is (ref. 1) :

Equation (1) applies to finite transmission lines only if the terminating impedance
matches the line impedance (ref. 1):

Since there is no lumped component which has a response of %T, perfect match is
impossible. However, for frequencies above 1 mc and lilies over 1 mile long, reflected
waves are negligible.
The extent to which equation (1) describes the actual transfer function of a cable can be
seen by solving for a step input,

The inverse transform of V(s)H(x,s) is
(3)
giving the error function rise time observed for coaxial cables.
This equation can be used to evaluate experimentally the skin effect coefficient 0, by
measuring the 0 to 50% rise time t of a cable and solving the equation tr of a cable and
solving the equation

for 0. For several common coaxial cables, tr can be found on page 181 of Tektronix
Catalog 22 (ref. 2).
Application Of Transfer Function To Frequency Modulated Carriers The equation
for a frequency modulation carrier is:

(4)

In the frequency domain, the transfer function of a transmission line becomes:
(5)
The equation for the modulated carrier in the frequency domain is:

(6)
where * is the Dirac delta.
The real part of the inverse Fourier transform of H(jT)Vs (jT) is:

(7)

The Computer Program Equation (7) is difficult to interpret; however, it is easily
solved by a computer for incremental values of J, so that the plot of the modulated
carrier can be made. A Fortran program for an IBM 1620 computer was written to solve
Equation (7) for incremental values of J. Since in most cases of interest, line amplifiers
will be required to keep the signal-to-noise ratio at a usable level, provisions were made
to include the gain and phase shift characteristics of amplifiers in the solution.
In most cases, the distortion of the modulation rather than the carrier is of primary
interest. Therefore, the program also includes a sub-routine to locate the negative going
axis crossings of the carrier by successive approximation using smaller and smaller
increments of J. The period To is determined by calculating the distance between

crossings, so that the average modulation voltage for a cycle can be calculated from the
equation:
(8)
where Tc is the period of the unmodulated carrier. This gives one point of the modulating
waveform for each carrier cycle.
Additional programs were written for estimating the r.m.s. error of a cycle of modulation,
and for calculating the gain and phase characteristics of ideal tuned amplifiers (ref. 3).,
A Typical Coaxial Cable Transmission Problem The computer program was used to
determine suitable carrier frequencies and cable types for transmitting telemetry data
over a nine mile link. RG-8A/U was the lowest priced cable for which rise time and
attenuation characteristics were readily available, so its characteristics were used in the
calculation. The skin effect coefficient, 0, was found to be about 125 for RG-8A/U.
The distortion was measured for various carrier frequencies, modulated by a 70kc cosine
wave at a modulation index of Mf =1.5. A ten megacycle carrier was selected first. The
modulation recovered at the end of the nine miles of cable was an almost perfect cosine
wave, with an estimated r.m.s. error of 0.25%.
Since there was so little distortion with a 10 mc carrier, a 1 mc carrier was selected next,
since no intermediate line amplifiers would be required for a 1 mc carrier. The plot of a
cycle of modulation is shown in (fig. 1). No measurement of the r.m.s. error was made,
but the modulation is obviously badly distorted. The carrier, plotted in (fig. 2), shows a
high degree of distortion in the form of amplitude modulation. The corresponding phase
shifts, which cause the distortion of the modulation, are not so apparent.
Next an attempt was made to decide on a set of three carrier frequencies which could be
used on the cable simultaneously, so that 6 channels could be transmitted on two cables.
The selected carrier frequencies were 4, 6, and 9 mc. These are obviously free from
interference due to harmonics and second order intermodulation products. They are also
free from interference due to third and fifth order intermodulation products (ref. 4).
To make the solution as realistic as possible, the characteristics of line amplifiers were
also included. Since experimentally determined phase delay characterisitics of tuned
amplifiers were not available, phase and gain characteristics for a five stage, double
tuned amplifier were calculated. The characteristics of a 500kc bandwidth amplifier are
plotted in (fig. 3). Experimental gain characteristics for a similar amplifier are indicated
by the x’s.

In order to maintain a satisfactory signal-to-noise ratio for the 9 mc carrier, the length of
cable between line amplifiers was limited to 3 miles. The amplifiers were assumed to
have an output power of 10 watts, an equivalent noise input resistance of 950S, and a
bandwidth of 1 mc. For signals into the line with a signal-to-noise ratio of 40db, the
output 9, 6, and 4 mc carriers had signal-to-noise ratios of 32db, 39db, and 40db
respectively.
A cycle of modulation for each carrier is shown in (fig. 4). The r.m.s. error of the
modulation is 1.5% for the 9 mc carrier, 1.8% for the 6 mc carrier, and 2.1% for the 4 mc
carrier. A large amount of error was evidently introduced by the amplifiers, as can be
seen by comparing the 0.25% error for the 10 mc carrier with flat amplifier
characteristics with the 1.5% error for the 9 mc carrier using three amplifiers with a
bandwidth of I mc.
Conclusions A nine mile length of RG-8A/U can be used to relay three channels of
FM/FM telemetry data using carrier frequencies of 4, 6, and 9 mc without causing
excessive distortion of 70kc subcarrier. The distortion could be reduced to a somewhat
lower level by using line amplifiers with a wider bandwidth than the I mc amplifier
which was chosen. However, this would be done at the expense of an increase in noise,
and cable distortion would then be the limiting factor.
A small digital computer can be used to analyze the distortion of frequency modulated
waveforms. The three carrier relay analysis required about 15 hours of 1620 computer
time, at a cost well below that of an experimental analysis. This technique can be easily
extended to the analysis of distortion of PDM/FM and PAM/FM waveforms by use of
the proper Fourier components.
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Figure 1: 1 Cycle of Modulation
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Figure 2: Modulated 1 M. C. Carrier

Figure 3: Tuned Amplifier Characteristics
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Summary The advantages of the DSB-AM subcarrier for wideband telemetry
requirements have been discussed in previous papers.1,2,3 The purpose of this paper is to
consider the specific performance of an FM telemetry r-f link when modulated by a
frequency multiplex of DSB subcarriers.
The performance is evaluated by constructing an appropriate model of the subcarrier
multiplex based on a predicted noise power spectrum at the r-f demodulator output. The
model is used to specify the individual subcarrier amplitude values that constitute the
baseband signal, which will modulate the FM transmitter.
The carrier power required to produce a useful signal-to-noise ratio at the outputs of the
individual subcarrier demodulators is considered in general. The relationship between
the degree of transmitter deviation, receiver bandwidth and the carrier power is derived.
The carrier power required for operation over typical test range distances is determined
in terms of the appropriate variables.
The performance of two specific examples is calculated to illustrate the use of the several
formulae that are derived. The examples also serve to relate and compare the
performance of the DSB system configurations to the more traditional applications.
Finally, the advantage of using increased r-f bandwidth is discussed.
Operation of a DSB Frequency Multiplex System with FM Carrier
The Baseband Signal Proper operation of a multichannel subcarrier telemetry system
with FM carrier requires that the baseband signal be composed in such a manner to
provide uniform noise performance at the outputs of the individual subcarrier
demodulators. In addition to the consideration of thermal noise, allowance must be made
for intermodulation products that result due to the nonlinearity of elements in the carrier,
channel. Specifically, the nonlinearity is produced by a non-uniform phase characteristic
in the receiver r-f section and by the nonlinear transformation characteristics of the r-f

modulator and demodulator. It is not intended to critically specify these elements for the
system being considered. The analysis will therefore, be predicated on the use of
telemetry r-f components that are commercially available and adequately specified for
the customary applications.
Consider the composition of a baseband signal consisting of K independent subcarriers.
The value of each subcarrier will be specified to conform to the anticipated noise power
density at the input of each subcarrier demodulator. In order to consider this, a profile of
the noise power density at the output of the r-f demodulator is assumed. A generalized
curve of the function in given if Figure 1. The curve in the region specified by
is derived by using the well known result, valid at high signal-to-noise ratio, for FM
demodulation in thermal noise,
(1)
where
No = baseband noise power density in per second units
no = carrier channel noise power density in watt-seconds (uniform)
A = carrier power in watts.
The curve in the region specified by
is obtained by considering a reduction
in the thermal noise spectral density with decreasing frequency to be predominated by
intermodulation noise that produces a uniform spectral density. This approximation has
been justified by experiment with several multichannel systems using FM carrier and
typical r-f components.4 The use of highly linear r-f elements would produce a nominal
reduction in the frequency of predominant intermodulation (cross talk) noise. Appendix
A shows that, for a uniform threshold condition at the input of each subcarrier
demodulator, the subcarrier levels should be programmed according to the following
formulae:

(2)

and

(3)

where
ai = the rms value of the subcarrier, when the modulation is unity, in radians per
second.

baseband signal in radians per second.
)Ti = the bandwidth occupied by the subcarrier in radians per second.
Tm = the maximum baseband frequency in radians per second.
In applying (2) and (3) to a particular system, the ratio of the individual
subcarrier signal to the total baseband signal is determined for each subcarrier. As the
formulae are in terms of subcarrier predetection bandwidth, the value of each subcarrier
will vary accordingly. When different types of subcarrier modulation are used in the
same baseband, an appropriate factor should be applied to eadi ai to provide uniform
noise performance for all channels.
Noise Performance Versus Transmitter Deviation Ratio The general composition of
a baseband signal suitable for modulating an FM carrier was considered in the preceding
section. In this section, the degree of transmitter modulation by this signal will be
considered. The appropriate degree of transmitter modulation depends principally on the
following:
a)
b)
c)
d)

The allowed carrier channel bandwidth.
The highest subcarrier frequency to be transmitted.
The desired signal-to-noise ratio in the demodulated subcarrier output.
The received carrier power to noise power density ratio.

The carrier power to noise power density ratio for the ith subcarrier is
(4)
As the subcarrier signals have already been properly adjusted to provide uniform noise
performance upon demodulation, the performance of one subcarrier will suffice to
measure the performance of all others. For convenience, the highest subcarrier is chosen.
For the highest subcarrier,

(5)
where the subscript K indicates the highest subcarrier frequency.
The deviation ratio of the transmitter is defined as
(6)
where *p is the statistical peak, or (3F) transmitter deviation given by
(7)

where
Fi = the rms value of the modulation.
the signals are assumed Gaussian and independent. The formula for detection of the AM
subcarrier is
(8)

where
The signal-to noise power ratio in the bandwidth Si the post
detection bandwidth of the ith subcarrier. Combining (5), (6), (7) and (8) gives the carrier
channel power to noise power density ratio required for the Kth subcarrier as
(9)

This result gives the received carrier power requirements for permissible operating
conditions of the r-f link. The deviation ratio D can be increased, with a resultant saving
of carrier power, until the threshold point of the r-f carrier demodulator is reached.
Threshold points for conventional demodulation and feedback demodulation are given
below. The conventional discriminator threshold point is given approximately by5

(10)

The feedback demodulation threshold point (FMFB and PLL) is given approximately by6
(11)
Bandwidth Requirement The required carrier channel bandwidth for an FM system is
a nonlinear function of the deviation ratio. It is customary to define the bandwidth
requirement in terms of the percentage of the total signal power included within the
nominal passband. The degree to which signal power is excluded is a principle cause of
the distortion discussed in the section on bandwidth signal. The usual constraint applied
is to avoid exclusion of greater than 1% of the signal power. An analytical determination
of the signal power distribution is quite difficult for all but the simplest of modulating
signals, and will not be attempted. However, it has been demonstrated experimentally 7
that, for deviation ratios D a bandwidth allocation of
(12)
is sufficient to limit distortion to the degree provided for in the section on bandwidth
signal. For D < 1, distortion increases rapidly if the bandwidth is constrained as in
equation (12), and a provision for additional r-f bandwidth over equation (12) is required
to produce a satisfactory system. Since it is not generally good practice to operate an FM
system with D <1 a thorough experimental determination, with the actual r-f elements to
be used, should be undertaken for these systems.
In considering an application, the choice of bandwidth is usually restricted by the
availability of receivers and/or channel allocation considerations. Telemetry receivers
with selectable bandwidths of 100, 300, 500, 750, 1000, 1500, 2400 and 3300 kilocycles
are available at some missile test activities.8 Once the choice of bandwidth for a
particular baseband multiplex is made, the consequent deviation ratio can be determined
from equation (12) . The received power to noise power density ratio requirement is then
given by equation (9) . From the standpoint of transmitter power conservation, it is seen
to be advantageous to use as wide a bandwidth as practicable. Power requirements for
several systems are discussed in the next section.
Transmitted Power Requirements for Systems Using DSB Subcarriers
The Received Signal Power The received signal power is given as,
(13)

where
Pt
Gt
Gr
L

= transmitted power in watts
= transmitting antenna gain
= receiving antenna gain
= loss factor to account for polarization, cable losses, and equipment
degradation.
C = 1.619x105 n.m./sec
R = range in nautical miles
f = carrier frequency in cps
Range Versus Transmitted Power To calculate
taken as

, the noise power density is

(14)
where
Tr = 290 K (standard receiver temperature)
K = 1.38x10-23 watt-sec/ K (Boltzmans constant)
F = 2.5 (receiver noise factor of 4 db)
A table of range versus 10 log
is constructed using

for a 1-watt transmitter is given in Table 1. The table

Gr = 21 and 30 db
Gt = 0 db
f = 200x106 cps
With the range specified and
determined from equation (9), the required transmitter
power relative to 1-watt can be determined from Table 1.
Application Examples (Figure 2)
Performance of 8 DSB Subcarriers with 3 kc Data Bandwidth The performance of
8 DSB 3 kc data bandwidth channels will be evaluated for an r-f link occupying 500 kc
bandwidth. The 500 kc bandwidth is customary for VHF telemetry links and is
recommended for use, whenever possible, by the current IRIG standards.
Table 2 lists the appropriate subcarrier frequencies and their normalized full modulation
values in accordance with equations (2) and (3) of the section on bandwidth signals. The
values for calculation of
are

The required

is determined using equation (9) with,

From Table 2

The value required is

The peak FM carrier deviation is 135 kc which is compatible with most standard VHF
telemetry transmitters. In setting the transmitter deviation a true rms voltmeter reading
corresponding to 45 kc should be obtained with all subcarriers modulated to full scale.
Using the results of Table 1 for Gr = 30 db, a 1-watt transmitter will produce the
specified operation at ranges of up to 400 n.m.
A 16-channel system with DSB subcarriers of 1.2 kc data bandwidth will yield
approximately the same performance.
Performance of a Hybrid PCM-DSB System Another configuration, compatible with
an r-f bandwidth of 500 kc, provides the advantages of a moderately high bit rate PCM
format in conjunction with 8 DSB subcarriers. This system, with frequency allocation
shown in Table 3, operates with an NRZ-PCM rate of 40 K bits per second. Eight
standard DSB subcarriers, with 4 providing 1.2 kc data bandwidth and 4 providing 3 kc
data bandwidth, are used. The principle advantage of the configuration is that the usual
narrowband data requirements that are well suited to PCM techniques can be combined
with the wideband data requirements on the same r-f link. This results in a considerable
reduction in complexity and equipment cost.

The baseband composition is given in Table 3. For the PCM, only the first order spectral
components are transmitted. Using a bit error rate of Pe = 10-5, the required energy per bit
to one-sided noise power density ratio is determined from reference sources. 9 For the
case where the PCM signal spectrum is limited to the bit rate,
(15)
where

E = the energy per bit
No = the baseband noise power density
Obtaining

= 13 db from the reference curves,

In constructing Table 3, the procedure is the same as the preceding case. The PCM is
treated as an analog channel with )T1 adjusted to provide for the lower signal-to-noise
ratio requirement of the PCM signal. An additional 3 db is allowed over the value
calculated for the PCM, because of the critical dependence of the PCM error rate on
channel signal-to-noise ratio. The adjusted PCM bandwidth is taken as
)T1 = 1600
With the example constants remaining approximately the same as the previous case, the
power performance remains the same. In this example, a system employing 12 DSB
subcarriers with 1.2 kc data bandwidth would yield nearly equal performance.
Cases Using Wider Bandwidth Referring again to equation (9), note that a substantial
improvement in power performance is obtained by using an increased deviation ratio. If
D is increased to 2.6 in the two examples given, the power requirement is reduced by 6
db, or, alternately, the range is doubled. The r-f bandwidth requirement to obtain this
improvement is 750 kc.
The maximum deviation ratio that can be used is given by equations (10) and (11) . The
improvement attainable by approaching the conventional discriminator threshold point
can be estimated easily by noting that the right-hand side of equation (10) is 4 times the

bandwidth allowance of equation (12) . Thus a deviation ratio of 4 times 1.3, or 5.2,
would still be above threshold. This would yield a 12 db reduction in required transmitter
power over the example, or alternately, 4 times the range. An r-f bandwidth of 1.3
megacycles would be required.
Conclusions The principle conclusion is drawn from the two examples. In the first
example, it is determined that under conservative conditions, 8 channels of 3 kc
wideband data or 15 channels of 1.2 kc wideband data can be efficiently transmitted
using a standard IRIG, 500 kc bandwidth, r-f link. This is approximately 4.5 times the
data bandwidth encompassed by an extended (channels 1-19) IRIG FM/FM multiplex
with a comparable baseband bandwidth.
In the second example, it is shown that 8 wideband DSB channels can be combined with
a moderate bit rate PCM format and still be contained within a 500 kc r-f bandwidth. The
advantage of using a hybrid system of this type is that it provides a means of effectively
handling both narrowband and wideband data requirements on the same r-f link. A
requirement situation of this type is frequent in rocket telemetry.
It can be generally concluded that less transmitter power is required when the DSB/FM
system is operated at a higher deviation ratio than that used in the examples. The
performance using a 750, kc bandwidth is indicated in the section that deals with cases
using wider bandwidths. A practical limit for conventional discriminator r-f
demodulationis also given; resulting in a carrier power reduction of 12 db for the
example cases.
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TABLE 1

TABLE 2

TABLE 3

APPENDIX A
Subcarrier Amplitude Values Consider the rms value of the sum of K independent
fully modulated subcarriers

where
S = the rms value of the sum
ai = the rms value of the ith subcarrier
It is desired to adjust the value of each subcarrier to produce a uniform output signal-tonoise ratio with the noise power density that each will encounter in reception. The noise
power density will be considered in 2 regions of the baseband as follows:

This corresponds to a uniform noise power density in the region 0 to
and a square
2
law relationship in the region
to Tm . The total signal S will be considered as two
partial sums,

and

where,
)Ti = the predetection bandwidth of the ith subcarrier.
As each amplitude depends on Noi and )Ti

therefore,

and,

Forming the ratio of

to S2 produces the normalized result:

FREQUENCY MODULATION ERROR CALCULATION
D. L. NYRE
Douglas Aircraft Company
Missiles & Space Systems Division
Santa Monica, California

Summary In a frequency modulation process, small amplitude sidebands near the
deviation limits are sometimes distorted or lost. The problems and expense of preserving
these lessor sidebands are often great, and spectrum space must be reserved for them. To
date there appears to have been no clear statement of their importance in terms of data
accuracy.
This paper presents a numerical calculation of the errors accrued in a demodulated signal
after truncation of the FM spectrum obtained with sinusoidal modulation. It is shown
that the error increases for decreasing bandwidth. Error is evaluated for several
bandwidths, and relationships to power outside the band are noted. Applications include
specification of bandwidth for a given error in demodulated signal. The use of a limiter is
assumed.
Introduction The purpose of this paper is to describe the procedure and results of a
study that reveals the error in sharply bandpass-limited FM. The procedure consists of
simulating each step in an FM process by means of frequency analysis and comparing
the demodulated output with the input. The RMS error has been plotted for various sigamplitudes, frequencies, modulation indicies, and bandpass filters. The method
developed is general in nature and can be used with any set of data.
Figure 1 shows a block diagram of an FM system. Each block in this system is simulated
as follows.
Cosine Oscillator and Voltage-Controlled Oscillator The modulated signal is taken
to be a cosine wave as follows:
(1)

The commonly accepted model for a sine wave carrier which in turn is frequency
modulated by a cosine wave is: (1)

(2)
where:
e
Ec
Fm
Fc
t
Em
em
) Fc

=
=
=
=
=
=
=
=

instantaneous value of the modulated carrier
peak value of the carrier
modulating frequency
carrier frequency
time
peak value of modulating signal (O to 1. 0)
instantaneous value of modulating signal
peak carrier deviation

FIGURE 1

The modulated carrier can be expanded into an infinite sum of sine waves as follows:

where:

The spectrum of the modulated carrier then, is simply a sum of sine waves, and its
waveform can be simulated at any time, t , by adding up the products of individual sine
wave values times the proper Bessel coefficients. The Bessel values can be computed bV
the methods of Holt, 2 or they can be obtained from published table’3 provided the
initial conditions of the problem are selected to fit the tables.
Bandpass Filter An ideal bandpass filter is simulated by using only those sine waves
which lie within the passband. At this point, the as yet unknown amount of data
distortion is introduced by cutting off an arbitrary and known amount of sideband power.
For the Gaussian bandpass case, in addition to truncating the spectrum at some arbitrary
sideband number, n, those sidebands which get through are modified in amplitude by the
gain of a bandpass Gaussian filter whose transfer function is:
(4)
Amplitude Limiter The amplitude limiter clamps the amplitude of the modulated
wave and preserves only the axis crossings. It destroys all characteristics of the carrier
waveform except polarity and time of occurrence of polarity changes. In order to
simulate the amplitude limiter it is necessary to find the axis crossings, and this is done
in the following manner:

At some time t, calculate e, and observe its polarity. Then make additional trial
calculations with additional search steps and note that whenever a root is crossed the
polarity changes. When a root is crossed, cut the search step in half and reverse the
direction of the search.
This procedure is portrayed in Figure 2, and it is expedited by high speed computing.

FIGURE 2
Reducing the search step to one half its previous value each time the root is crossed,
gives a sort of “binary convergence.” Each additional trial calculation doubles the
accuracy to which the location of the root is known. This procedure may be called the
“Mortar Shell Method” after artillery practices.
Digital Discrimination Upon finding the roots of the modulated wave, the output of
the limiter has been essentially simulated, and it is necessary to show that the modulating
cosine wave can be extracted from this information.
Returning briefly to the FM wave before limiting, we remember that the equation for it
is:
(5)

An ideal discriminator would be one which continuously found the arcsine of e/Ec, and
solved for the modulating signal as follows:
(6)
Knowing that the instantaneous carrier angle is the angle swept out at the constant carrier
rate plus a term proportional to the integral of the modulating function we see that:
(7)
and differentiating to expose em, the modulating signal is found as follows:
(8)
However, since the only things known about an FM wave after limiting are its axis
crossings and polarity, it is necessary to find em in terms of this. Referring to Figure 3,
the modulated carrier, e, passes through zero at odd multiples of )t measured from time
ti .

FIGURE 3
Writing the argument of the modulated wave at axis crossings to the right and left of ti ,
(9)

(10)

The difference between root crossing is LB radians. Subtracting the 2nd of the previous
two equations, from the first:
(11)
and using the trigonometric sum and difference formula:
(12)
write:
(13)

(14)
This is recognized as a possible demodulation scaling equation from which the
modulating signal can be calculated in terms of the times between axis crossings, TL, and
system constants L, )Fc, and Fc where:

The aperture term is a sort of frequency varying quasi-linear operator which reduces the
amplitude of the output. This is a built-in characteristic of limited FM systems regardless
of the amount of bandwidth allowed or the type of discriminator used. 4 It varies slightly
with signal amplitude, which gives rise also to a small apparent dc shift. The error
becomes negligible for large carrier to modulating frequency ratios and small L. It
amounts to about 0.1 per cent for a frequency ratio of 13 and a L of 1.
Linear Interpolation Data samples recovered from the digital discriminator occur at a
rate set by the instantaneous frequency of the carrier, which in turn is a function of the
modulating signal amplitude. With a L of 1 and Em = 1 , for example, across one cycle of
the modulating signal, the sample rate varies from twice the carrier frequency, up to

twice upper bandedge frequency, back to twice center, down to twice lower bandedge,
and back to twice center. As distortion occurs, the instantaneous variations may be
somewhat different but the general pattern remains.
The non-constant sample rate is made constant by interpolating data values between
points as follows:
(15)
where the Fortran symbols used for this program are:
AD
AM
AMM
TR
TB
TBB
TS

=
=
=
=
=
=
=

the interpolated value at time TS
last calculated modulation value
previous calculated modulation value
last root of modulated carrier found
next previous root found before TR
next previous root found before TB
ideal sample time for equi-spaced samples (normally twice the
unmodulated carrier frequency)

FIGURE 4

Lopass Filter A cascaded running average digital filter is used to get rid of harmonics
and any other above-band distortion in the discriminator output. It is simple and effective
for this application because it has zero gain at some fractional values of the sampling
rates. By placing these zeros at or near the expected harmonic frequencies, a distorted
sine wave can be quite thoroughly cleaned up. Such is the procedure followed here.
The transfer function for a running average filter can be derived by referring to Figure 5,
and writing the smoothed value of a sampled sine wave as a sum.

(16)
where:
Es
m
tn
k
)t
Fs
N
s
F
E

=
=
=
=
=
=
=
=
=
=

smoothed value
number of samples averaged in a row
sample time now
index of summing over m values
sampling interval
sampling rate = 1/)t
initial phase angle of sine wave
(m-1)= number of samples averaged minus one
frequency
peak value

FIGURE 5

Rearranging this summation, writing in closed form, and separating the non-time varying
phase and gain terms from the time varying part, write:5,6

(17)

(18)

The phase in this type of filter is linear, and the gain goes to zero at:
(19)

By cascading several running averages, and placing the zeros of transmission at the
harmonic frequencies of the modulating sine wave, the distorted discriminator output is
reduced to the sine wave that it was at the input to the voltage controlled oscillator. Only
the amplitude is different, and this is the error.
The amplitude of the sine wave out is subtracted from the amplitude of the sine wave in,
to give the error term caused by band-limiting the sideband spectrum.
Reporting the Error The input sine wave has a peak value of EM. It is allowed to
vary, for different runs, between 0 and 1.0 The instantaneous input, em , varies between
+ Em and - Em since it is a sine wave. The output of the simulator is also a sine wave, and
by proper choice of modulating frequency and lopass filter cutoff, the harmonics
introduced into the data by the sideband distortion are removed. This makes reporting
the error simple, although there still remains several ways to go about it.
It is not the purpose here to discuss the relative merits of various definitions of error, but
rather to select one method, describe it carefully, and follow it consistently. It is always
possible to translate the error term later into any of many possible forms. The
relationships are usually simple factors such as: 2, square root of 2, . 636, 20 log ratio, 10
log ratio, error squared, etc.

Referring to Figure 6, column 1, the input is a sine wave whose peak amplitude is
allowed to vary in the range of 0 to 1.0. The system full scale, then, is 2.0. That is the dc
full scale too. It corresponds to the familiar 5 volt scale range of telemetry oscillators
into which a 2.5 volt sine wave could be fed, a 5.0 peak-to-peak sine wave, or a 1.75 volt
RMS sine wave.

FIGURE 6
The outputs corresponding to these inputs are shown in column 2. The difference
between the input and the output is the error. It too is a sine wave with peak value ,.
Since the error is a sine wave, it is convenient to consider its RMS value. This is
obtained by multiplying , by 0.7071. Then to convert RMS error to per cent of full scale,
divide by full scale and multiply his takes the form:
(20)

Variable Em , Constant Fm,Beta = 1.0 In Figure 7 the RMS error is plotted versus Em
for two bandwidths, 2 )Fc , and 2 ) Fc + 2 Fm . Als o, Fm = ) Fc , which might justify
calling Figure 7 a “Beta = 1.0 system. The error varies from 0 to 3 per cent for the
narrow bandpass and 0 to 0.2 per cent for the wide bandpass. Since the error is caused by
loss in sideband power, it is interesting to compare the two for possible cause and effect

relationship. Sideband power lost versus EM is shown in the insert in Figure 7. It is
defined as 1.0 minus the sum of the squares of all sidebands (including the Jo(B) term)
passed through the bandpass filter. The power lost amounts to about 3 per cent for the
narrow bandpass and 0.04 per cent for the wide bandpass.
The wide bandpass 2 ) Fc + 2 Fm , causes considerably less error than the narrow band
filter, but the price paid requires doubling the spectrum occupancy for the Beta = 1
system.

FIGURE 7

FIGURE 8

FIGURE 9
Variable Em , Constant Fm , Beta = 5.0 The Beta = 5.0 case is plotted in Figure 8,
with )Fc = 5 Fm. RMS error varies from 0 to 0.42 per cent as Em goes from 0 to 1.0. The
maximum sideband power lost is 4 per cent.
Variable Fm , Constant Em , Beta = 5.0 The signal amplitude, Em is held constant at
full scale while modulating frequency is varied from maximum channel response (Beta =
5.0) down to dc (Beta approaches infinity. ) Error is plotted versus frequency in Figure 9

for (1) an ideal filter of bandwidth 2 ) Fc, and (2) a Gaussian bandpass filter with upper
and lower cutoff s (Gain 0.7) placed at Fc + )Fc , and Fc -)Fc respectively.
Note the step changes in error as the additional sidebands come within range of the ideal
filter. The steps do not exist with the Gaussian filter.
The effect, then, of introducing non-perfectly square filters into the bandpass can be
generalized. Referring to Figure 9, note that the error changes abruptly at the point where
an extra sideband gets lost or picked up. Any filter that is less than ideal will have the
effe-ct of roundin off the corners of the error discontinuities as the Gaussian 9
filter clearly demonstrates. Figure 10 shows qualitatively the relationship’s
between gain slopes and error slopes.

FIGURE 10
The true bandwidth of the Gaussian filter is somewhat greater than 2)Fc depending on
one’s definition of “significant sideband.” The Gaussian filter might be considered a
spectrum window which forces convergence of the Bessel coefficients more gradually
thanthe abrupt ideal filter.
Conclusions Error has been calculated under conditions which it is believed are
severe. There may be worse cases, but it is felt that the systems used for transmission of
actual data operate under conditions that are less severe. It is unlikely that the
modulating signal would be a continuous single sine wave of near maximum system
frequency and occupying the full scale range. Usually the modulating signal will be more
complex, and it can be described by a sum of sine waves.
Calculations of FM spectra due to multi-tone modulation have shown that the bandwidth
does not increase and usually becomes narrower as the number of modulating

components (whether commensurable or incommensurable) increases, the algebraic sum
of all sine waves being held constant.
The maximum error found in this study was about 3 per cent at a bandwidth of 2)Fc and
Beta of 1. Such narrow bandwidths could be used for those cases where that much error
can be tolerated.
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EVALUATION OF AN EXPANDED FM/FM BASEBAND
STRUCTURE
E. B. CAMPBELL and W. R. HERBERT
Electro-Mechanical Research, Inc.
Sarasota, Florida

Summary An experimental evaluation program was undertaken to investigate the
feasibility of expanding the IRIG (Inter-Range Instrumentation Group) FM/FM
baseband. The results of the evaluation indicate that with typical field equipment, three
higher-frequency proportional-bandwidth channels can be added to the baseband while
maintaining adequate system performance.
Introduction The White Sands Missile Range (WSMR) recognized the need to expand
the FM/FM baseband structure described in IRIG Document No. 106-60, June 1962
revision, to include a larger number of channels, choice of constant- or proportionalbandwidth subcarrier channels, and greater flexibility in operating parameters. This
paper describes the progress to date of a program sponsored by the IRIG Telemetry
Working Group (TWG) and funded by the Electronic Systems Division of the USAF and
WSMR. The program was undertaken by Electro-Mechanical Research, Inc. on 17 June
1964 under contract DA-29-040-AMC-746(R) to investigate the expansion of the
FM/FM baseband. In essence, the program consists of an evaluation of equipment, a
study to determine a feasible baseband expansion, and an experimental evaluation
program to verify the expansion and provide recommendations for its application.
Telemetry equipment representative of that widely used in the field was obtained and
evaluated to determine those parameters which contribute to total system error.
Parameters such as receiver IF-envelope delay variation, transmitter dynamic linearity,
tape-recorder harmonic distortion, etc., were measured. Where possible, similar units
from different manufacturers were evaluated.
In order to determine the feasibility of an expanded baseband, an IRIG-baseband
telemeter was experimentally evaluated and compared with the expanded-baseband
telemeter. In addition to the use of the IRIG-baseband telemeter as a reference system, its
operation at deviation ratios of 2 and 1 was evaluated.
Evaluation of Equipment One of the objects of this baseband evaluation program is
to determine if typical field equipment performance characteristics will prevent

expansion of the standard baseband and maintenance of suitable overall accuracy. To
this end, an equipment evaluation was undertaken to ascertain those characteristics
which would contribute significant errors to system operation with an expanded
baseband. Where possible, similar units were obtained from different manufacturers.
Tele-Dynamics Model 1270A, Vector Model TS-41, and EMR Model 307A VoltageControlled Oscillators were evaluated for modulation feed-through, linearity, harmonic
distortion, and crosstalk. It was determined that no significant characteristics of any of
these units would prevent their use in an expanded-baseband system, and all were used
in the experimental evaluation.
The intermodulation and frequency response of the Sonex Model TEX-3210 Mixer
Amplifier were evaluated and found to present no limitation to expansion of the
baseband.
EMR Model 121D and Leach Model FM-200 Telemetry Transmitters were evaluated for
total harmonic distortion and deviation sensitivity. Harmonic distortion of both units was
checked at peak deviations from ±25 kc to ±200 kc and at modulating frequencies from
3 kc to 225 kc. The Leach transmitter exhibited less than 0.5% total harmonic distortion
(THD) at ±25-kc peak deviation, increasing linearly with deviation to less than 2.5%
THD at ±200-kc peak deviation; its THD was found to be independent of modulation
frequency over the complete range tested. For modulation frequencies up to 70 kc, the
EMR Model 121D was found to exhibit THD equivalent or superior to the Leach unit,
but its performance deteriorated at higher modulation frequencies. As a result, the Leach
Model FM-200 was selected for use in the evaluation system. Note: The deviation
sensitivity of both transmitters decreased similarly for modulation frequencies above
70 kc, an effect which must be compensated for when setting preemphasis in the
expanded-baseband channels.
DEI Model TMR-ZA and Vitro (Nems-Clarke) Model 1455A Telemetry Receivers with
500-kc IF amplifiers were selected for equipment evaluation. Their IF amplitude
response, IF time-delay variation, total harmonic distortion, intermodulation distortion,
and output-noise spectral density were measured. No characteristics which would limit
the use of either receiver for expanded-baseband operation were detected. The Vitro unit
was selected for use in the system evaluation because of its earlier availability.
EMR Model 210 Discriminators were used in the system evaluation program without
separate testing since extensive in-house data and experience with the unit left no doubt
of its capability to operate with the expanded-baseband channels.
Mincom Model G-107 and Ampex Model FR-1400 Tape Recorders were evaluated for
use with the expanded baseband. Frequency response, intermodulation, and signal-to-

noise performance were tested at a speed of 60 inches per second. The characteristics of
both machines make feasible their use with the expanded baseband, but the Mincom unit
was used in the experimental system because of its availability for a longer period.
System Description The laboratory telemeter used for the evaluation of each baseband
is shown in Figure 1. Each VCO is normally deviated full bandwidth with a sine wave at
a frequency equal to the nominal channel cutoff for a deviation ratio of 5. For
preemphasis adjustments, the output level control of each affected VCO is used; the gain
control on the mixer amplifier is used for adjustment of the total multiplex level. The
variable attenuator at the transmitter output allows the carrier to be adjusted to the
desired carrier-to-noise ratio. The receiver is operated with a 500-kc IF and a 1200-kc
video filter. During signal-to-noise measurements, the receiver AGC is externally held at
a constant voltage.
The channel allocations for the four basebands evaluated are shown in Table 1. The
center frequencies of the new high-frequency channels are determined in a manner
similar to those of the IRIG-baseband (1.33 times the previous upper channel). The
number of channels to be added to the IRIG-baseband was based on the criteria that the
receiver and the subcarrier discriminators should threshold at approximately the same
carrier-to-noise ratio while otherwise maintaining adequate performance.
For system operation with postdetection recording, the receiver output was
deemphasized and a reference tone from the EMR Model 226A Reference Oscillator was
added to the multiplex. The reference discriminator and the delay line were used for
tape-speed compensation.
A number of configurations for adding wideband channels to the baseband are possible;
however, only the configuration with a wideband channel in the highest frequency
position was evaluated.
Preemphasis For each baseband considered, the preemphasis was optimized to
provide each channel in the multiplex with equal signal-to-noise performance when the
receiver was operated at threshold. In addition, the multiplex levels were adjusted to
deviate the transmitter such that the radiated spectrum did not exceed a specified limit.
In optimizing the preemphasis, the receiver was operated at an IF carrier-to-noise ratio of
9 db, which is approximately the receiver threshold. Next, the individual unmodulated
VCO outputs were adjusted to produce identical subcarrier-to-noise ratios as measured at
the output of the band-pass input filter of the subcarrier discriminator. Ideally, when
optimizing a preemphasis schedule the signal-to-noise ratio is measured at the
discriminator output; however, this measurement is difficult to make, expecially on the
low-frequency channels when the system is operating near threshold. Therefore, it is

assumed that if all the subcarrier discriminators have identical input signal-to-noise
ratios, their output signal-to-noise ratios will be identical.
Although transmitter incidental FM was not a problem under the laboratory conditions of
this evaluation, a minimum peak transmitter deviation of approximately 3 kc for each
channel was nevertheless used. This minimum allowable deviation of the lowerfrequency channels provides an increased subcarrier-to-noise ratio to minimize the effect
of incidental FM or other low-frequency noise present. Increased low-frequency channel
deviation costs very little for- a typically preemphasized multiplex since the rms
transmitter deviation is essentially determined by the four or five highest-frequency
channels, which are operated at high amplitude.
The experimental preemphasis for the IRIG-standard 18-channel baseband and the
expanded 21 -channel baseband as well as the individual channel signal-to-noise ratios
are shown in Figures 2 and 3, respectively. A significant characteristic of the
preemphasis schedules is the absence of the theoretical 3/2-power taper (9 db per
octave). The observed tapers are approximately linear, (6 db per octave) to 70 kc;
however, for the higher frequency channels in the expanded baseband, the reduction in
transmitter deviation sensitivity plus increased noise density cause the slope to approach
the 3/2-power taper. Above threshold the receiver output-noise density is triangular; as
the receiver approaches threshold, the noise density loses its triangular shape until it
becomes approximately flat with the carrier entirely removed. (1) Figure 4 shows the
receiver noise density as a function of carrier-to-noise ratio.
The optimum preemphasis schedule for the two basebands, with the highest-frequency
channel in each operating wideband (±15%), requires that the level of the wideband
VCO be increased approximately 3 db. In order to maintain the required rms multiplex
level, the total preemphasis --including that of those channels operating with minimum
allowable transmitter deviation--must be readjusted.
The technique described thus far for setting system preemphasis has only established the
relative levels of the individual channels. The absolute level (i.e., the actual transmitter
deviation allotted to each channel) depends upon the total allowable transmitter
deviation.
In the past, the total transmitter deviation has been limited to ±125-kc peak deviation;
however, for this evaluation the transmitter radiated spectrum was fixed at a specified
level. Limiting the radiated spectrum has the effect of limiting the total rms multiplex
level and thereby establishes the allowable transmitter deviation allotted to each channel.
Further discussion of the radiated spectrum is contained in the next section, The total
optimization procedure is thus one of adjusting individual VCO levels while maintaining
a constant total rms multiplex level. Fortunately, the four or five highest-frequency

channels dominate the total rms level, and the optimization procedure converges fairly
rapidly.
Radiated Spectrum The transmitter output spectrum for each baseband multiplex was
measured and the total multiplex level adjusted to provide a power spectral density, as
measured in a 1000-cps bandwidth, that was less than -50 db relative to the unmodulated
carrier level outside a ±294-kc bandwidth. This limit allows the transmitter to be
deviated 75 kc rms for the IRIG 18-channel multiplex and 56 kc rms for the expanded
21-channel multiplex.
During the course of the evaluation program, the radiated-spectrum specification has
undergone an evolutionary change because o pro ems of clarity, measuring technique,
and unanticipated results. The initial specification was:
The 40-db bandwidth of the modulated carrier, referenced to the
unmodulated carrier, shall not exceed ±320 kc. Carrier components
appearing outside a ±500-kc bandwidth shall not exceed -25 dbm.
Initially, a Polarad spectrum analyzer was used to measure the radiated spectrum to the
above specification, with allowance included for 0. 01% transmitter drift. Since the
spectrum was found to be continuous with no discrete lines, a quantitative measurement
using the analyzer was impossible. Major difficulties with this type of device were:
uncalibrated bandwidth, uncalibrated sweep rates, nonlinear amplitude display, and the
necessity for averaging the continuous random spectra by eye.
A spectrum-translation technique was devised to overcome the shortcomings of the
spectrum analyzer and to make possible quantitative spectral measurements: By
heterodyning the transmitter output with a local oscillator operating 1 Mc above or
below the unmodulated transmitter frequency, the radiated spectrum can be measured
with a frequency selective voltmeter such as the Hewlett-Packard Model 310A Wave
Analyzer. This instrument’s narrow, calibrated bandwidth allows the average value of
the energy to be measured accurately and the power spectral density of the transmitter to
be plotted. Figure 5 shows the measured power spectral density for the IRIG-standard
18-channel baseband with a total rms transmitter deviation of 75 kc. The shape of the
spectrum was found to fit the Gaussian (normal probability) density within ±2 db out to
five standard deviation, 5F. This shape has been theoretically predicted by Abramson,(2)
who relates the rms modulating wave directly to the rms bandwidth (standard deviation)
of the output spectra. The correlation is extremely close. As measured, the ±3.5F
bandwidth was 560 kc, giving a standard deviation or rms bandwidth of 80 kc.

The results of the radiated-spectrum test on the IRIG-standard 18-channel baseband led
to a revision of the radiated-spectrum specification. A more meaningful specification
which specified the rms bandwidth seemed warranted, so the radiated-spectrum
specification was changed to specify the 3. 5u- bandwidth at ±320 kc; the “-25 dbm”
specification (±500 kc) was not changed. This revised specification places 99.93% of the
transmitter energy within the assigned bandwidth of ±320 kc.
With expansion of the baseband to include channels at 93, 124, and 165 kc, the orderly
Gaussian spectrum was deteriorated by peaks rising in the continuous spectrum at the
frequencies of the first and second sidebands of the new channels. Apparently the
modulation index for the expanded baseband is insufficient for the Gaussian
approximation to be valid. These peaks on the measured radiated spectrum, as shown in
Figure 5, are not discrete lines but are actually continuous spectra. In the second group of
peaks, the peak at ±290 kc from the carrier is the sum frequency of 165 kc and 124 kc.
The relative levels among the peaks correspond closely to the relative levels that would
occur with single-tone modulation at the same modulation index.
The revised radiated-spectrum specification is not precisely applicable to the transmitter
spectrum with the expanded-baseband multiplex. A more thorough study of transmitter
radiated spectra is needed in order to determine radiated-spectrum specification adequate
to include the expanded-baseband case. The program, however, was continued by
applying the same specification to the expanded-baseband spectrum as had been used
with the Gaussian spectrum of the IRIG baseband. With the Gaussian spectrum, the
specified 3.5F bandwidth of ±294 kc, allowing for 0.01% transmitter drift, occurred at
-50.5 db referenced to the unmodulated carrier level. The application of these same
criteria, -50.5 db and ±294 kc, to the spectrum for the expanded baseband necessitated a
reduction in the transmitter drive level and produced 56-kc rms deviation instead of the
75-kc rms deviation used with the IRIG multiplex.
Similar measurements were made on the two basebands with the highest-frequency
channel in each operating wideband (±15%). The results indicate a maximum deviation
of 75 kc rms for the IRIG baseband and 47 kc rms for the expanded baseband. Thus, in
an IRIG-baseband multiplex, the effect of operating the highest channel wideband is
negligible but if the expanded baseband is operated in this manner, the total multiplex
level must be reduced to meet the requirements of the radiated-spectrum specification.
Intermodulation No significant differences in the subcarrier-discriminator output
noise due to intermodulation products were observed between system operation with the
18-channel IRIG system and the 21-channel expanded system. Each baseband was
changed to include a wideband (±15%) channel in the highest frequency position, and a
decrease in output noise due to intermodulation was observed. Changing the operation of

the IRIG system from deviation ratio of 5 operation to operation at deviation ratios of 2
and 1, however, caused a marked increase in intermodulation noise. Table 2 is a
summary of the results obtained.
Output noise due to intermodulation products was measured on each system with all
channels except the channel under investigation (search channel) deviating full
bandwidth at a rate either one-tenth their respective deviation ratio of 5 nominal cutoff
frequency or 5 cps, whichever is larger.
The search channel VCO was deviated slowly from bandedge to bandedge while the
peak-to-peak intermodulation noise level at the subcarrier-discriminator output was
measured by photographing an oscilloscope display. To ensure synchronization of the
discriminator output and calibration accuracy, the horizontal sweep voltage of the
oscilloscope was used to deviate the search channel VCO. The sweep speed used was
5 sec/cm, or 40 seconds for full-bandwidth deviation.
Signal-To-Noise Signal-to-noise results obtained for the IRIG baseband are presented
in Figure 6. With the radiated spectrum specification and the 500 kc receiver IF
bandwidth applicable for the evaluation program, performance of the IRIG baseband was
exceptionally high. A generally used, conservative criteria for acceptable telemetry
system performance requires that the receiver and the subcarrier discriminator threshold
at the same carrier-to-noise ratio. With reference to Figure 6, at a carrier-to-noise ratio of
9 db, receiver threshold, the IRIG baseband output signal-to-noise ratio is 40 db, 12 db
above the discriminator threshold level. The carrier-to-noise ratio must be decreased to
below 4 db before the discriminators threshold. The additional 12 db of channel
performance at and above receiver threshold is considered unnecessary for most
applications and is due directly to the larger transmitter deviation and higher VCO levels
allowed by the radiated spectrum specification used in the evaluation program. Identical
results were obtained with a wideband ±15% channel in the highest frequency position
of the IRIG multiplex.
With expansion of the IRIG baseband to include three additional channels, the radiated
spectrum specification required a reduction in the rms transmitter deviation. The receiver
and the subcarrier discriminator now threshold at the same carrier-to-noise ratio, 9 db.
This system’s output signal-to-noise ratio at threshold is 28 db in the preemphasized
channels and higher in the low frequency channels where the 3.0 kc minimum peak
deviation criteria (discussed in the section on preemphasis) applies.
Additional reduction in transmitter rms deviation with the addition of the wideband
(±15%) channel in the highest frequency position of the expanded baseband caused the
preemphasized channels to suffer a 3 db performance degradation. Because of the 3.0 kc
minimum peak deviation previously mentioned, those channels below 22.0 kc are

unaffected and exhibit output signal-to-noise performance of approximately 35 db at
receiver threshold.
In summary, due to the radiated spectrum specification and IF bandwidth used, the IRIG
baseband allows exceptional performance even with one wideband channel included.
The expanded 21 -channel baseband provides receiver and the subcarrier discriminator
threshold at the same carrier-to-noise ratio with a small performance degradation upon
addition of a wideband channel.
System Error The total system error with either of the basebands was found to be
equal to or less than 2% of full bandwidth for system operation at a carrier-to-noise ratio
of 39 db. Operating the system with a wideband (±15%) channel in the highest frequency
position in each baseband also gave similar results. Reducing the deviation ratio on the
IRIG baseband to 2 and 1 produced system errors equal to or less than 2% and 5% of full
bandwidth, respectively. The major contribution to system error was found to be
amplitude rolloff caused by filters within the system.
In essence, the system error test measures the difference between the system input and
output using a null technique. For each of the basebands the 3.0-kc channel and the
highest frequency channel were tested for system error. The test was conducted at a
carrier-to-noise ratio of 39 db with all channels except the channel under test deviated
full bandwith at their maximum rate. The search channel’s input and output were
compared at three positions in the data channel: 0.3, 0.5, and 1.0 times the nominal
cutoff frequency of the channel. In each case, the maximum error was found at cutoff
frequency and is attributed to amplitude rolloff in the subcarrier discriminator low-pass
output filter. In all cases this output filter is a constant-amplitude, 18 db per octave type.
If an amplitude correction is allowed, the system error reduces to less than 0.5% of full
bandwidth for the basebands operated with a deviation ratio of 5. For the IRIG baseband
operated at deviation ratios of 2 and 1, the error reduces to less than 0.7% and 1.8% of
full bandwidth, respectively, with the amplitude correction.
By deleting all channels except the channel under test from the multiplex, the
contribution of intermodulation products to system error was removed. On the highfrequency channels the intermodulation was found to be neglibible; however, on the low
channels approximately half the system error was found to be due to intermodulation
when the error due to amplitude error is also removed. For the case of deviation ratios
less than 5, the system error with amplitude error removed was found to be
predominately due to intermodulation.
Tape Recorder The effect of postdetection tape recording on system output noise was
determined for each of the baseband configurations. In each case, the inclusion of a tape
recorder was found to increase the average system noise by approximately 5 db for each

of the basebands. Since a tape-speed-compensated high-quality recorder was used, the
amount of wow and flutter found was comparatively small. The improvement due to
tape-speed compensation was found to be 10 to 12 db in the low-frequency channels and
as little as 3 db in the high-frequency channels. The effect of the tape recorder was also
determined for the IRIG-baseband multiplex operating at deviation ratios of I and Z, in
which case the normal output noise was much greater than the noise caused by the tape
recorder.
For the tape recorder tests, a reference tone was added to the deemphasized receiver
output and the composite signal was recorded at normal record level. A 100-kc reference
tone was used for the IRIG-baseband test and a 250-kc tone for the expanded-baseband
test. The level of the reference tone was two times the level of the highest channel in the
multiplex.
On playback, the subcarrier discriminator output noise on several channels was
compared with the output noise observed when the tape recorder was bypassed. In each
case, the difference in output noise was measured with the discriminator at center
frequency and at bandedge. The other channels in the multiplex were deviated full
bandwidth at their maximum rate.
Pulse Modulation To determine the system fidelity for pulse-type transmission, each
of the basebands containing a wideband (±15%) channel in the highest frequency
position was evaluated using PAM, PDM and PCM signals. The IRIG baseband 70 kc
±15% channel was modulated with 900 samples per second for PAM and PDM and with
21,000 bits per second for PCM. The expanded baseband 165 kc ±15% channel was
modulated with 2100 samples per second for PAM and PDM with 49,500 bits per second
for PCM. Both channels exhibited errors of less than 1% of full scale on PAM and less
than 0.5% of full scale on PDM. The PCM bit error probability for each baseband was
measured and is shown in Figure 7.
In the PAM case, the test determined how accurately the individual pulses reached their
full scale value for 40%, 50%, and 70% duty cycles; in the PDM case, the test measured
changes in pulse duration through the system. For both the PAM and PDM tests the
receiver carrier-tonoise ratio was 39 db and all the channels in the multiplex were
deviated full bandwidth at their maximum rate. The subcarrier discriminator output filter
in each case was a constant-delay 18 db per octave type. The cutoff frequency for the
PAM test was 2100 cps in the 70 kc channel and 4950 cps in the 165 kc channel; for the
PDM test it was five times the repetition rate. The zero and full scale pulse durations
were 100 and 700 microseconds, respectively, for the IRIG baseband and 50 and 300
microseconds for the expanded baseband.

For the PCM/FM/FM test, the bit rate was set equal to the bandwidth of the channel and
the channel was deviated 70% of full bandwidth. This modulation condition has been
shown to the opirnum for pCM/FM(3,4); however, further study, beyond the scope of
this program, is needed to ascertain that the condition is optimum for PCM/FM/FM.
An EMR Model 219 PCM Signal Conditioner was used to reconstruct the PCM output
of the wideband subcarrier discriminator. The discriminator low-pass output filter
(LPOF) was bypassed and the PCM output signal fed directly into the signal conditioner.
(Normally the LPOF should be operated at several times the bit rate; however, one was
not immediately available. ) The signal conditioner was operated in the filter sample
mode, i.e., a constant-delay type input filter followed by an instantaneous sampling
detector. The reconstructed PCM waveform from the signal conditioner and the input
PCM wave train are then compared in a bit error detector. The bit errors are accumulated
in a digital counter and the bit error probability calculated.
The effect of pulse modulation on intermodulation products in the adjacent channel was
measured and no significant differences between basebands were found. The increase in
adjacent channel intermodulation due to zero scale PDM modulation was found to be
less than 0. 4% of full bandwidth for ±7.5% deviation and less than 0.9% of full
bandwidth for ±15% deviation. The effect of the PCM on the adjacent channel
intermodulation products was measured and found to be negligible for the IRIG
baseband; however, for the expanded baseband, the output noise of the adjacent channel
increased from 1% to 1.5% of full bandwidth.
Conclusion Experimental evaluation of a typical telemeter has demonstrated the
feasibility of adding three proportional bandwidth channels to the standard IRIG
baseband at center frequencies of 93 kc, 124 kc, and 165 kc. With the exception of
signal-to-noise performance, no significant degradation of system accuracy was found
when the expanded baseband was used. Although the expanded baseband signal-to-noise
performance is reduced 12 db compared with that of the standard baseband, the reduced
performance should not be considered a penalty; rather, the superior performance of the
IRIG baseband should be considered a luxury. A conservative design criteria requires
transmitter deviation sufficient only to cause the receiver and the subcarrier
discriminators to threshold at the same carrier-to-noise ratio. The system parameters used
in the evaluation are generous for the IRIG baseband and allow the subcarrier
discriminators to threshold at a carrier-to-noise ratio 5 db below the receiver threshold
level, whereas the system operating with the expanded baseband provides receiver and
subcarrier threshold at the same carrierto-noise ratio.
The revised transmitter radiated-spectrum specification used in this program as applied
to the IRIG baseband provides both a precise constraint on transmitter power within the
assigned bandwidth and a simple straightforward means of determining the maximum

rms multiplex level to be used. Applying the specification to the expanded baseband
does not provide this same precise constraint because of the nonmonotonic nature of the
transmitter spectrum. Further investigation beyond the scope of this program is
recommended in this area.
Since operation of the IRIG baseband with a deviation ratio of 1 suffers from extreme
intermodulation noise, this mode of operation is not recommended. Operation with a
deviation ratio of 2 appears to be adequate for applications requiring accuracies no
greater than 5% of full bandwidth.
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TWO WAY TELEMETRY FOR HOSPITAL USE
DR. E. B. JOHNSTON
BioTechnology Department
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San Fernando, California

Summary A radio telemetry system for transmitting physiological data from a patient
is used in a receiver complex to locate the patient. Methods of stimulating the patient for
research or remedial control are discussed.
Introduction The advances in electronics in medicine are of two general types. One is
in instrumentation for aiding in laboratory diagnosis, while the other concerns the patient
and remedial medicine. Electronics performs a third service for the researcher in
physiology, psychology, and human behavior for it aids in gathering, displays, and
processing data. Much of this research is performed under instrumentative conditions
which severely curtail the subject’s activity. Telemetry offers much to alleviate this by
releasing the subject from instrument wires.
This project was undertaken to develop two way radio telemetry techniques for
stimulation and control as well as acquiring the evoked response and certain other
physiological data from an unencumbered subject. This project is purely investigative
and does not embrace the arguments of altered function, permanent damage, or clinical
efficacy. It is to develop equipment and utility techniques rather than a remedial
procedure.
The various equipments were constructed from modules of standard function and design.
Most modules are available in microminiature or monolithic form. Modules can be
repaired, substituted, or replaced. Different configurations and approaches can be tried
by re -arranging the various modules. Obsolescence is reduced since new modules can be
added for updating the system, and modular design allows portions of a system to be
used in various ways for different system concepts, or for more expanded research.
Since hospitals notoriously generate high ambient noise levels FM is used. The system
uses PDM of approximately 100 KC frequency excursion in the standard 88 - 108 MC
band.

Purpose The purpose of these investigations was threefold. The first objective was to
locate a subject within the hospital. The second was to determine if a two way system
could be of value in energizing or regulating physiological functions such as the
externally pulsed cardiopacemakers developed by the City of Hope Medical Center and
others. The third was to determine the utility of a two way system in altering
neuropsychotic states by methods similar to those described by Lippold in relieving
depression with a series of electric pulses.
Patient Localization For the patient localizer the EKG and peripheral pulse were
transmitted from each patient. Each transmitter was tuned to a different frequency.
The localizer uses an antenna and receiver at each end of a corridor, thus 3 are required
to cover two corridors meeting at a right angle. A separate antenna receiver combination
is required for each recreational room, coffee shop, etc. covered.
Receivers The receivers were made from standard FM Tuners. The front end is
disconnected from the IF amplifier. A series of transistorized heterodyne circuits are
tuned to the individual patient frequencies. They remain functional at all times as will be
explained later. Each tuned circuit is sequentially switched to the IF amplifier. The
output of the IF is taken ahead of the normal de-emphasizing network.
Patient Indicator and Alarms Two types of Malfunction Indicators are used in the
experiments. These are the results of the System Philosophy for Multiple Patient
Monitoring Equipment. Any malfunction in the equipment is indicated by the Equipment
Light. This indicator is normally green indicating proper function. In the event there is
an equipment failure it changes to a steady amber color and at the same time locks out
the patient alarm.
The Equipment Light is kept in the green lighted-proper function state by the output of
the heterodyne tuned circuits. The signals of each particular tuned circuit is amplified
and combined by a resistor-diode OR gate. The OR gate input holds a transistor switch to
cutoff. If no carrier signal is received (indicating a malfunction in the patient’s
transmitter) the transistor switch energizes the Light Driver which turns “ON” the Amber
lights in the Equipment Light.
The patient alarm is in the Patient Light. This indicator is lighted green by the sequencer
to indicate which patient is being monitored. In the event no pulses indicative of heart
action are received within 1.5 seconds after that particular patient is selected for
monitoring, his particular Patient Light changes to a Flashing Red Light. Coincident with
the flashes a chime sounds.

There is another way the Alarms may be activated. One of the design criteria was to
provide a means by which a patient experiencing a catastrophic emergency could break
the sequence and activate the alarms. This design requirement was not achieved,
however, the outputs of the individual heterodyne tuners are differentiated by an RC
network. This results in a series of pulses which keep a Resettable Single-Shot in the
reset state. If there are only positive pulses which would occur if there were no biosignal
inputs at the transmitter the Resettable Single-Shot goes to the “ON” state. This activates
the Light Driver which turns that particular Patient Light to a steady Red. The monitor
personnel then presses the Patient Light which switches the monitor facility to that
patient. Thus the Patient Light serves as the Command Monitor Switch.
When and if such an emergency occurs the alarm circuitry activates the patient location
logic. The block diagram for the Location Logic is shown in Figure 1.
Figure 2 shows the logic format when a stricken patient is nearer one antenna than
another. Figure 3 typifies the logic format for that rare instance when the patient is
equidistant to two antenna.
In these experiments only three receivers were used. However, the Location Logic
developed applies to as many receivers as a given system installation requires.
The logic format is shown in pulse form. Actually, the logic is handled in amplitude
analog form. Conversion to pulses takes place in the adjustable threshold logic. These
are Resettable Single Shots which remain “ON” so long as a threshold signal is applied.
This action is somewhat like a Schmitt-Trigger except the RSS will remain “ON” after
the last stimulus for a period of time determined by an RC circuit in the feedback loop.
Developed for another biomedical application it was found necessary here since persons
walking between the stricken patient and the receiver antenna caused jitter in the logic
by varying the received signal strength.
The AGC voltage of each receiver is amplified and compared in pairs with every other
receiver. The outputs of these paired comparators are again compared with the amplified
AGC voltages. This establishes which antenna is receiving the strongest signal and
which antenna is receiving the next strongest signal.
The outputs of these comparators fan out to an OR gate and paired AND gates. The
output of the OR gates is applied directly to the adjustable threshold Resettable Single
Shot. This Resettable Single Shot converts the analog signals to a pulse. The pulse
remains “ON” so long as there is a threshold level input. This pulse turns on one set of
lights through the Light Driver in the Location Indicator nearest the patient.

The paired AND gates produce an output for both the receiver having the strongest
signal and the next strongest signal. These outputs are converted to a square wave pulse
by another set of adjustable threshold Resettable Single Shots. The outputs of these also
turn on lights in the appropriate Location Indicators through Light Drivers.
The lights now turned “ON” in the Location Indicators are such that 2 sets of lights are
“ON” in one indicator. One set of lights is “ON” in another Location Indicator. All the
rest are “OFF”. The patient is in the corridor defined by the two lighted Location
Indicators and nearer the one which is brightest, ie: has 2 sets of lights “ON”.
The function of the logic for that rare instance when a patient is equidistant from any two
antenna is such as to turn these defining Locations Indicators “ON” bright. The AGC
voltages of the two receivers nearer the patient are approximately equal and greater than
that of all other receivers.
The AGC voltage of each receiver is amplified and compared in pairs with every other
receiver. The outputs of each pair of AGC voltages is again compared with each
individual AGC voltage. This establishes which two antenna are nearer the patient.
The outputs of these comparators fan out to an OR gate and an AND gate. The output of
the OR gates is applied directly to the adjustable threshold Resettable Single Shot. The
RSS remains “ON” so long as there is a threshold level input. This turns on one set of
lights through Light Drivers in the two Location Indicators equidistant from the patient.
Paired AND gates produce an output for both receivers having the stronger signals.
These outputs are passed to adjustable threshold RSS which turn on the other set of
lights in the Location Indicators through Light Drivers.
This results in two Location Indicators “ON” bright again defining the approximate
location of the patient. However, in this instance the patient is approximately midway
between the two locations indicated.
The threshold adjustments are set empirically and no values can be established for the
settings prior to the installation. This is because the logic used is analog. Threshold
levels could be preset if digital logic were used. However, it would have to be three level
logic if the same logic format were used. Such logic is more complex and possibly more
reliable. It was not tried because of the cost.
Any patient can be selectively monitored by pushing his Name (Number) Patient Light.
This switches his challenge signal “ON”. It breaks the sequence which is re-established
after 5 seconds with the patient next in the sequence.

Two-Way System Once the telemetry system for monitoring and locating a stricken
patient was functioning, methods of controlling the patient were investigated. No human
patients were treated in the manner described, however, Heath, Olds, Redfearn and
others have used stimulators wired directly to patients in developing the clinical
techniques.
These experiments were to investigate methods of coupling signals to and from
chronically implanted brain electrodes and the external environment. This data transfer
was to be accomplished by some means other than direct wiring. Available integrated
circuits are not sufficiently developed to allow reasonable success of two way multiple
channel telemetry implants. Any welded module micro -circuits were considered too
cumbersome for the experiments. Each of these would require a rechargeable battery
power source which would presumably be implanted in the abdominal cavity. This
would require a double surgical procedure; one for the power supply, the other for the
brain implant. Therefore, a different approach was to be used. Part of the circuitry was to
be chronically implanted. The remaining circuitry was to be attached to the outside of the
skin.
The system radiates a continuous EEG waveform. This EEG is the output of an electrical
disturbance center, such as an epileptogenic focii from within the brain. A probe
electrode is surgically implanted into or near the focus. The lead protrudes through a
small trephine in the skull bone overlying the lesion/probe site. This lead attaches to an
encapsulated inductor. The dura and skin close over the implant.
Signals resulting from the brain activity vary the inductors magnetic pattern. These
variations are picked up by an external inductor taped to the skin. A telemetry
transmission of the signals to a Central Monitor Facility for recovery and processing
completes the reception of the EEG waveform.
For this experiment stimulation was initiated by the operator and not on an automatic
basis. Stimulation was of one-half second bursts of 50 usec 8 to 10 cps pulses. These
were transmitted with sufficient power to be received, inductively coupled to the
implant, and result in a 1 to 5 microvolt pulse in the lesion/probe site. Limiting of the
signal was determined empirically by using the two encapsulated inductors separated by
a human skin fold. An appropriate gain set control regulates the receiver voltage applied
to the external or driver inductor.
Each inductor consists of approximately 65 turns of enameled copper wire woundinto a
1/2 inch ferrite cup core. Two such inductors are required for each unit.
The implantable inductor is encapsulated in RTV S5392 Silicone Rubber. A hole was
drilled axially through the rubber. One of the inductor leads terminated in a tantalum

wire wound into a spiral and placed along one surface of the encapsulation. This served
as the implant indifferent or ground electrode.
At implant the skull was barred. The upper table of bone was curretted leaving a pocket
the size of the encapsulation. A trephine was made in the center of this pocket. The
electrode to be implanted was introduced through this hole into the proper site in the
brain substance. Once it was determined that the electrode was in the proper position the
implantable inductor was threaded over the electrode lead wire like a donut. This lead
wire was soldered to the other inductor wire and the joint inverted into the hole. RTV
Silicone Rubber S5392 was used to plug the hole and cover any exposed wire so that the
implant was completely encapsulated. Normal dura and skin closure completed the
implantation. Figure 4 diagrams the implant and the implantable core.
Patient Unit The patient unit consists of an external inductor, signal amplifier,
transmitter, receiver, and a rechargeable battery pack. These units are of standard
modules. The amplifiers are identical except for the inputs and outputs. The gain is
approximately 40 db for a battery drain of about 6 milliamps at 6 volts.
The transmitter is a base current modulated 88 to 108 MC FM unit. It radiates sufficient
power from the tank circuit for successful operation up to a few hundred feet. No
antenna is used.
The inductor is encapsulated in Silicone Rubber for mechanical protection. However,
other encapsulating resins would offer better protection.
The core is taped directly over the implanted core. The rest of the patient unit is held in a
harness elsewhere on the body. No particular problems result from this method of
monitoring so long as the inductors remain in place.
Central Monitor Facility The Central Monitor Facility was designed for experiments
in determining clinical use of radio telemetry. As such it has features which axe not
essential to this experiment. It contains a receiver, signal processors, data display,
transmitter, and a battery charger. The receiver is a standard FM tuner. The signal
processor amplifies the EEG signal and serves as a preamplifier for the display. This
display is a- large screen oscilloscope which has a P7 long persistent phosphor. A strip
chart recorder is provided for use when a permanent EEG copy is desired.
The transmitter is in all respects standard. It transmits an AM signal of sufficient power
to assure operation of the stimulators at ranges up to 300 feet. For this experiment the
CB Band was used. Therefore, the power was limited to 5 watts.

Comments These equipments, other implantable equipments, and small size, light
weight biotelemetry units in general open a new avenue of physiological and behavior
research. The greatest advantage is the freedom of the research animal (human) in his
environment. A concomitant advantage to the researcher is the absence of cables or
wires. Telemetry almost completely avoids the risk of limiting the animal’s activity.
Thus long term research into many physiological and psychological functions become a
reality. It is even conceivable that migratory studies could be carried out by a network of
co-operative Amateur Radio Operators.
The ability to monitor and stimulate remotely opens other avenues of interest. As
technical proficiency in implanting increases the sites of implants may involve the spinal
cord, segmental nerves as in paralysis from cord damage, various organs, and other
anatomical structures. The remote monitor and stimulation avoids the introjection of the
researcher into the environment. These often cause psychological or auto-stimulations
which conceivably alter the results. All things considered the ability of remote
stimulation by this or other means of direct implant offers the research another tool with
which to investigate the nature of natural phenomena.
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Figure 1. System Block Diagram
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Summary Employing a team composed of physicians, electrical engineers, and
specialists in physical education, significant dynamic physiological data has been
gathered by means of radiotelemetry from athletes undergoing strenuous effort,
participating in team sports, and from spectators viewing football games. Using a
transistorized A.M.-F.M. transmitter carried in a padded compartment strapped
comfortably onto the low back and weighing 30 oz. complete, ECG, pulse, temperature
and respiration signals have been transmitted for distances up to 500 yards. The multiple
technical problems surrounding distance telemetering of physiological information
during active and vigorous muscular effort are discussed. Somatic muscle interference,
the most troublesome artefact in dynamic electrocardiography, has been successfully
circumvented by instantaneous recording of data frm the momentarily inactive subject.
Application of computer techniques to the analysis of exercise electrocardiograms must
await procedural improvement and standardization and collection of adequate data on
which to base valid programming.
Introduction The acquisition of dynamic physiologic data from active subjects
imposes demands upon technique and instrumentation not usually encountered in static
studies. Thus, accumulation of meaningful information is frequently fraught with
problems which are unique to each area of study. Holter1 expressed the problem very
clearly when he suggested three variables which influence the type of equipment needed
for any given study. These were (a) duration of observation period, (b) activity of
physiological subject and (c) data storage requirements. By permuting these variables he
came up with eight possible combinations of data acquisition and storage systems. The
possible variables, however, can be extended almost infinitely. For instance a fourth can
be suggested concerning the location of the test subject, be he or it beneath or in the sea,
on the land, in atmospheric space or in stellar space. A specific example is the limitation
placed on direct Mars to Earth telemetry by Martian atmospheric argon. The limitation
demands a dual system, Mars to orbiting Martian satellite and satellite to Earth.
In our own specific area, dynamic physiologic studies in swimmers has been limited by
the milieu in which they perform, although attempts are being made to circumvent this

environmental factor. Even more important to us is the degree of physical activity
involved. Holter has listed two sub-variables, active and inactive. Yet activity of a
subject performing a Master’s 2-step electrocardiogram is significantly different from
that of a 440 yard sprinter running a 48-second race. Therefore, activity itself must be
subdivided, and the method used to obtain significant data must be modified to meet the
demand. Thus, variables vary by degree, “and so on into infinity”.
For four years we at the University of Nebraska have been applying radiotelemetering
techniques to the study of various problems in athletics.2 How this technique is being
applied to an investigation of pulse, temperature, respiration and electrocardiographic
changes in male and female athletes and in spectators is the subject of this paper.
Particular attention is directed toward problems in Methods and instrumentation,
especially at the transducer level, dictated by the demands imposed by a vigorously
active, moving, distant, muscular, perspiring subject.
Material and Methods Spencer et al,3 discussing the impact of electronics on
medicine, listed the components of electronic diagnostic instrumentation. Fig. 1,
extracted from their paper, suggests three domains in any physiological study, that of the
patient, that of instrumentation and that of the physician. In actual practice, however,
domains interlock and responsibilities converge. A closely oriented multidiscipline staff
is important in any research project but particularly where disciplines, by their very
nature, are so widely divergent in training, nomenclature and interest, as those involved
in the application of medical electronics to a study of athletic physiology. We have
rediscovered this by bard experience. Our present staff consists of a physician as
principal investigator; a physician who is both a cardiologist and an electronics expert as
co-principal investigator; a biophysical engineer for equipment support; an instrument
maker; a track coach, a chairman of the Department of Physical Education for men; an
assistant professor of physical education for women; graduate and undergraduate
assistants in physical education as research assistants; and ancillary medical laboratory
and x-ray technologists. Frequent interdisciplinary meetings help to solve the numerous
technical problems related to gathering of significant data.
Figure 2 is a block diagram of the equipment complex employed in these studies. The
transmitter will be discussed later. Signals are picked up on a simple multi-directional
antenna, although for routine short-distance use it has been found that a small strip of
300 ohm TV lead wire suffices for distances up to 300 yards. Two Citation Model III
F.M. tuners are used, both mounted firmly on a metal rack and grounded through the
central ground. One is tuned to 102.2 mc and the other to 104.2 mc. The 2000, 2800 and
5200 cps band pass filters are custom built.* Signals are passed through an RCA program
*

Division of Biophysics and Biomedical Instrumentation, Eugene C. Eppley Institute for
Research in Cancer and Allied Disease, Omaha, Nebraska.

amplifier and fed to Sanborn Twin-Viso electrocardiograph amplifiers where they are
passed to the direct writer for real time recording or through the appropriate Jack to a
Tektronix Type 502 Dual Beam oscilloscope for monitoring. Tape storage is not a part of
our present program for reasons which will be discussed later.
Figure 3 shows the instrument complex mounted for transport. The forward wheels are
caster-mounted, the rear wheels are stationary mounted. With the antenna pole slung
beneath the cart, the equipment is moved about the campus from building to building and
athletic fields with ease. Removable wheels render it easily transportable from city to
city by land or air. In Fig. 4 the antenna pole is mounted. It is extended to its maximum
of 20 feet during cross-country experiments where intervening land masses may interfer
with signal reception. A rear view (Fig. 5) shows, from left to right, the central ac input
and ground box, pre-amplifier, band-pass filter bank and the F.M. receivers.
The dynamic physiology evaluation modules (Dypem) are shown in Figure 6. They also
are custom built and the basic specifications have been described by Dunn & Beenken4
in the published literature. From left to right “A” is a twin-channel A.M.-F.M.
transmitter shown mounted to transmit two bipolar electrocardiographic leads. The
signal amplitude-modulated sub carriers at 2800 and 5200 cps frequency-modulate the
RF broadcasting at 102.2 mc. Any of the other transducers shown (C, D and E) may be
“piggyback” mounted to permit ECG-peripheral pulse, ECG-respiration or ECG-oral
temperature transmission respectively. “B” is the single channel 2000 cps module
capable of transmitting one bipolar lead only. RF is adjustable from 100 to 105 mc. Each
transmitter has a patient-standardization switch and a 1 mv standardization button. The
range is 500 yards over open terrain. The weight of the instrument mounted, including
elastic belt, electrodes, lead wires and batteries is two pounds. (Fig. 7) It is comfortably
carried in the hollow of the sacrum and has been used in races as long as five miles.
The peripheral pulse module (Figs. 8, 6C) is a custom built photoelectric cell transducer.
It can be used successfully only when the subject is not swinging his aims. This
limitation is circumvented by signalling the subject to hold his arm steady when a
recording is desired. At rest no problems are encountered. An ear lobe transducer of
similar design, if lighter weight, would be more acceptable.
The respiration sensor (Figs. 9, 6D) is simply a thermistor bead held in a thin plastic
shell, and records only respiratory rate. Attempts have been made by others5 to monitor
respiratory volumes in athletes by use of B.M.R.-type equipment containing a thermistor
bead, but this method defies accurate calibration, especially in the running athlete whose
breathing amplitude is often times quite erratic. The traditional method of measuring
oxygen consumption and carbon dioxide output is applicable to treadmill experiments
but impossible in active sports studies, thus we have been satisfied with the measurement

of rate only. An excellent tracing can be obtained even on a mouth-breathing subject,
sufficient nasal flow of air occurring to activate the thermistor.
The oral temperature sensor weighs less than 10 grams and consists of a U-shaped
tubular wire with a disc-imbedded thermistor so placed that it fits snugly against the
buccal mucosa when inserted. (Figs. 10, 6E). It is accurately standardized from 37E to
40E c. Mouth breathing results in no air temperature artefacts. The “piggyback” module
has a graduated switch for instant calibration. A rectal probe (not shown) can be used for
measurement of internal body temperatures. We have encountered oral temperatures up
to 43E C. during running, suggesting that our original standardization range was
unrealistic.
Electrodes and Electrode Placement The subject to electrode interface is by far the
most important but troublesome link in the telemetering chain for it is here that the
artefacts occur. Even the most sophisticated laboratory-tested transmitting, receiving and
recording equipment is of little value if the signal is lost or distorted at the electrode
interface. It is here that most workers founder. Therefore, I would like to spend a little
time discussing this most important area.
(a) Electrode Placement Blackburn and co-workers6 tested 22 known heart patients,
with typical ST depression somewhere in their standard ECG, against 15 electrode
placements reported in the world literature as being used in exercise electrocardiographic
studies. The leads were compared in regard to optimal sensitivity to display of ST
depression, signal to noise ratios, and base-line shift with exercise, all important
considerations in exercise electrocardiography.
CM5&6 (reference electrode at the manubrium sterni and exploring electrode at the left
5th or 6th rib interspace at the anterior axillary line) rated superior to all the rest. CR5C5
(reference and exploring electrodes at right and left 5th interspace at the anterior axillary
line) rated next in overall efficiency. For maximum significant S-T depression sensitivity
the exploring electrode must be at C5 or 6. At C4 (over the cardiac apex) much of the ST
depression noted was of the “J” or junctional type, the significance of which is in
question. Exploring leads over the sternum are of little value in obtaining significant or
ischemic-type segment shifts. This is important since the “distorted” central lead sternal
applications are being used in physiological studies and are being highly recommended
for their freedom from motion artefact. I use this example in order to caution you that
ultimate purpose can be lost in the compulsion for technical excellence.
After 4 years of experience we have settled on the CR5-C5, or biaxillarly, bipolar lead
application as the one most suited to our needs. Figure 11 shows that the area selected, at
the anterior axillary line, is below the origin of the pectoralis major muscle, anterior to
the insertion of the serratus anterior muscle, and at the level of the maximum left

ventricular mass. It is in a region low in, but not free from, somatic muscle mass. How
we circumvent the ever-present somatic muscle artefact problem will be discussed under
technique.
(b) Electrode Types Inevitably, every worker in the field of radio-telecardiography
spends much if not most of his time testing various electrodes to determine the one best
suited to his use. Five of the six we have tested are shown in Figs. 12 and 13 along with
tracings taken of a subject during a sprint race. The electroencephlographic needle
electrode has negligible mass and bypasses the skin interface. It is electrode artefact-free
but has two very real drawbacks. It must be inserted hypodermically, and it is difficult to
keep in place during extensive effort. Volunteer subjects just prefer not to have needles
inserted in their skin. We have concluded, therefore, along with Blackburn6 and Master
and Rosenfeld7 that the bandaid type patch, when properly applied, is the best currently
available electrode. We may modify our conclusion after testing some of the newer silver
electrodes currently on the market.
Technique Each individual test requires from 1 1/2 to 2 hours, thus accumulation of
data is slow. The subject is first instrumented by the application of biaxillary electrodes.
The skin is cleansed with a non-polar solvent, usually 95% alcohol or ether. A 1 cm.
square is marked at the 5th interspace bilaterally at the anterior axillary line. The skin is
prepared by gentle abrasion with emery paper followed by excoriation with electrode
jelly. Currently we are using Telectrode paste and find it satisfactory. The peripheral
areas are painted with Ace adherent, a necessary precaution in our active subjects to
assure continued electrode adhesion. A small amount of jelly is added to the electrode
mesh and it is applied with a sliding motion. The edges are taped down and the lead wire
clips applied. With the subject standing, a resting tracing is recorded. All of the
equipment is then disconnected with the exception of the electrodes, and the athlete
allowed to go through his usual stretching and warm up exercises. The instrument is then
mounted in its sponge-rubber padded belt and reconnected to the electrodes and other
sensing devices.
After a post warm-up record is made the subject undergoes the prearranged test. Somatic
muscle artefact makes recording of a clinical quality ECG impossible during vigorous
running. However, should the subject sense anything unusual he slows immediately and
an instantaneous recording is obtained. As the runner slows at the termination of his
race, the record is started, and 15 seconds of record is obtained every minute for 10
minutes and then every 2 minutes for an additional ten minutes. (Fig. 14) Subjects
participating in team sports are watched closely and short bursts of tracing are taken at
intervals of relative inactivity (Fig. 15). Spectators at football games are monitored from
the field house overlooking the playing field so that ECG recordings can be correlated
with game activity (Fig. 16). Note the sustained excitement tachycardia in this physically
inactive football spectator.

The necessity for recording heart rates of the order of 180 to 220 beats a minute has
dictated that the usual paper speed of 25 M/sec. be modified. Ten seconds of slow
tracing (19 mu/sec) are recorded for electrical pulse rate and 5 seconds of fast tracing
(350 mm/sec) are recorded for wave shape and amplitude analysis and for interval
measurements. An example of these tracings, along with associated respiration and oral
temperature records are shown in Fig. 17.
Data Analysis Analysis of results is still accomplished by what might be termed
antequated methods in this day of computers and data analysis, e.g. direct observation
and measurement. Respiratory excursion in the heavily breathing subject may produce a
significant axis shift such that measurement of peak heights in a single complex can give
rise to misleading results. (Fig. 14) We measure, therefore, 10 complexes in each tracing
to circumvent this error, accepting the average as a reflexion of the true peak heights.
Interval measurements, not being affected by axis shift, require analysis of only a single
complex. An average of 18 tracings are taken in a normal sprint test while as many as 70
may be made during a team sport or spectator experiment. This means from 970 to 3700
individual measurements must be made to analyze completely any one record. This is
tedious labor and one my wonder why we have not resorted to taping and data analysis.
Eliminating cost as one obvious reason, there are other technical reasons which can be
advanced to support the standard method of analysis. Maximum benefit is derived from
taped records when analog data thus recorded can be fed to an analog-digital converter
and thence to a digital computer for analysis. This pre-supposes (a) a continous, smooth
record, and (b) a valid computer program. I will consider these two individually.
(a) The Record. At the present state of our proficiency we cannot produce a tracing
adequately free from artefact and base-line shift to make it amenable to computer use.
Average transient computing, or ATC analysis, would seem to offer a solution.
Rautaharju and Blackburn8 have spent 3 years studying the application of ATC to
smoothing of the exercise electrocardiogram. Problems encountered with “smoothing
error” brought about by the usual use of ordinary amplitude triggering, with “blurring
error” produced by inconstant dc amplitude of the signal over the sampling interval, and
with non-random noise prompted them to caution that the “cleaned up” ECG is in itself a
limited statistic. They suggest the resulting analog signal can only “serve as a starting
point for more detailed quantitative analysis of information contained in the exercise
electrocardiogram.” In essence, ATC analysis of the exercise electrocardiogram
eliminates too much valuable information to make it useful in our specific project.
(b) The Computer Program Sound computer programming presupposes the
availability of valid normals. Tables of normal values do exist for standard
electrocardiographic leads, although even here there is some divergence of opinion.

Unfortunately, no standard values are known for the bipolar leads customarily used in
dynamic electrocardiography. Although all who interpret dynamic tracings use criteria
evolved from standard lead static studies, “there is no proof that criteria for the postexercise tracing necessarily apply to the monitored (telemetered) record... A different
lead, faster heai-t rates, upright position, etc. may all require new criteria.”7
Within a few years these data may become available. At the present time, however, there
is no universal agreement on lead positioning, type or application technique. There has
been no attempt at standardization of the available transmitters, although Dunn and
Beenken,4 whose transmitter is used in these studies, have followed closely the
specifications on band width, frequency response, time constant, etc. suggested by the
Committee on Electrocardiography of the American Heart Association.9 Interpretation of
data significance awaits collection of adequate information on normals and abnormals
which in turn awaits the above. Valid computer programming awaits them all. We have
chosen, therefore, to continue our analysis by less esoteric methods for the present.
*This investigation was supported in whole by Public Health Service Grant HE-06402
from the National Heart Institute.
The author wishes to give credit to Doctors F. Lowell Dunn and S. I. Fuenning and
Messrs Ronald Loch, Donald Bohlsen, Frank Sevigne, Roger Long, Donald Tuch, Gary
Bargen and Dennis Bargen and Miss Norma Griffin for professional and technical
assistance in carrying out this research project.
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Fig. 1 - Components of electronic diagnostic instrumentation.
(From Spencer, et a13).

Fig. 2 - Block diagram of telemetering system.

Fig. 3 - Instrument complex mounted for transport.

Fig. 4 - Instrument complex with antenna mounted for use.

Fig. 5 - Rear view of instrument cart (see text).

Fig. 6 - Dynamic physiology evaluation modules (Dypem).
A. Twin-channel ECG transmitter.
B. Single channel ECG transmitter.
C. Peripheral pulse transducer.
D. Respiration transducer.
E. Oral temperature transducer.

Fig. 9 - Transmitter,
subject-mounted

Fig. 8 - Pulse transducer,
subject-mounted.

Fig, 9 - Respiration
transducer, subject-mounted

Fig, 10 - Oral temperature
transducer, subject-mounted.

Fig. 11 - Relation of biaxillary electrode placement to major muscle groups.
(Reprinted by permission of S. H. Camp and Company and Tom Jones, artist.)

Fig. 12 - Types of electrodes, plastic shell and bandaid patch. (see text)

Fig. 13 - Types of electrodes, elastic patch and EEG needle. (see text)

Fig. 14 - Serial ECG tracings from distance runner.

Fig. 15 - Serial ECG tracings from female hockey player.

Fig. 16 - Serial ECG tracings from football spectator.

Fig. 17 - Respiration-ECG (slow speed) and ECG-temperature
(fast speed) tracings on mile runners

A SIX CHANNEL PHYSIOLOGICAL TELEMETERING SYSTEM
R. B. ROBROCK II and W. H. KO
Engineering Design Center
Case Institute of Technology
Cleveland, Ohio

Summary A six channel FM/FM physiological telemetering system was designed to
measure two surface temperatures, an internal temperature, the respiration rate, and
position and muscle spasm of a paralyzed patient. Tunnel diode subcarrier oscillators
operating from a constant-current source provided excellent temperature and long term
stability while permitting a complete transmission package with size 0.6" x 2.5" x 2.5"
and weight 15 gm. A compatible transistorized receiving system was also constructed.
Introduction A six channel FM/FM physiological telemetry system was designed and
constructed at the Solid State Laboratory of Case Institute of Technology for use at
Highland View Hospital in Cleveland, Ohio. Physiological measurements were to be
made continuously over periods of thirty hours with a transmitter mounted on the patient
and a receiver located in an adjoining room. The system was to be designed with space,
weight, and power consumption of the transmitter and overall system reliability as major
considerations. The system was specified with an accuracy of 5 per cent of bandwidth
throughout the life of the transmitting battery and with a transmitter temperature ranging
from 20EC to 40EC. A metered 100-0-100 mv differential output was desired at the
receiving end.
Resistive transducers were selected for all measurements and included three thermistors,
a potentiometer accelerometer, and a strain gauge. An additional channel was made
available as a battery monitor with the possibility of modification for use in other
measurements. The six subcarrier frequencies were selected from the IRIG bands subject
to system specifications and limitation in the construction of subcarrier oscillators. Those
chosen were 5.4 KC, 7.35 KC, 14.5 KC, 22.0 KC, 30.0 KC, and 70.0 KC. The carrier
frequency was selected in the range between 110 MC and 130 MC.
Subcarrier Oscillators Considerations of size, weight, and power consumption placed
immediate restrictions on the selection of a suitable subcarrier oscillator. Standard RC,
LC, or multivibrator configurations were found unable to meet desired size constraints
and stability requirements. The solution to the problem was the use of a single tunnel
diode as a voltage controlled relaxation oscillator. The basic design of the oscillator is

illustrated in Fig. 1A. If the supply voltage Es and the series resistance Rs are chosen so
that the load line intersects the tunnel diode characteristic in the negative resistance
region, Fig. 1 B, operation in an astable mode is obtained. When power is applied to the
circuit, the current rises exponentially (162) until it reaches the peak current. At this
point the tunnel diode switches (263) at a constant-current controlled by the series
inductance, after which the current exponentially decreases (364) to the valley current.
After the tunnel diode switches at constant current (461), the process may again be
repeated. A typical output voltage waveform is illustrated in Fig. 1 C.
A mathematical analysis of the relaxation circuit, accomplished through the use of a
piecewise-linear approximation to thq tunnel diode characteristic shown in Fig. ID,
results in the following:1
(1)

(2)

(3)
where times (263) and (364) were neglected due to the extreme fast switching speeds of
the tunnel diode. Experimentally determined curves of t1 , t2 , and f as functions of the
supply voltage Es are illustrated in Fig. 1E. The frequency plot indicates a relatively
linear region which permits voltage controlled frequency modulation. The center of this
region was therefore chosen as the nominal bias voltage for the subcarrier tunnel diode
oscillators.
An analysis of the output waveform of the oscillator showed that the fundamental and
first several harmonics had nearly equal amplitudes. It was therefore necessary to design
low pass filters for the elimination of these harmonics before mixing the six subcarrier
channels to minimize the generation of cross-modulation frequencies. The filter was
limited to a passive RC network by the original constraints of size, weight, and power
consumption. Although it would have been desirable to cascade notch filters set at the
harmonic frequencies, the number of components would soon become prohibitive. In
addition, since the harmonic frequencies vary as the subcarrier is modulated, it would be
necessary to obtain a steep but yet broad notch. With these considerations a four-section
RC Butterworth filter was utilized with the input impedance of each section being three

times that of the previous section. The two highest subcarrier channels used three section
filters since less attenuation of the fundamental was desirable.
The tunnel diode oscillators were converted to resistance modulated subcarriers through
the replacement of the bias supply with a constant-current feed to a bypassed resistive
transducer Rt. This arrangement permitted frequency modulation of the oscillator y
means of a variable sensor resistance. A schematic of this configuration with an AC
coupled low pass filter is shown in Fig. 1F. The value of Rs was made variable to allow
calibration of the subcarrier. A 1 -ma silicon tunnel diode (Hoffman IN 2929) was
selected for its stability and temperature behavior as well as its high Vfp , providing an
800 mv output signal. The necessary inductances for the subcarriers were obtained in the
form of miniature symmetrical torroids and the series resistances Rs, as single turn
trimpots in a TO-5 package.
Constant-Current Source The necessary subcarrier transducer current was supplied
fr(om a two terminal network equivalent to the constant-current diode.2 A schematic of
the two transistor circuit is given in Fig. 2A. Comparison of the base-emitter voltage of
the amplifier Q1 with the drop across the resistance in series with Q2 provides a measure
of the current in the latter transistor. The use of negative feedback then permits control
of the current in Q2. The addition of Q1 base resistance Rb then provides a cancellation
component to yield a constant-current characteristic for the circuit. High gain npn silicon
transistors (T1418) were used in the circuit and a germanium stabistor (S320G) included
to help compensate for Vbe variation of Q1 with temperature. The voltage-current
characteristic of the circuit is illustrated in Fig. 2B. The current variation was less than
0.3% of a nominal 1.8 ma over the range of 2.8 to 3.5 volts.
The five resistive transducers were therefore connected in series and supplied with
current from the constant-current network. It was found that temperature compensation
of all the subcarrier oscillators, due to their similar configurations and identical tunnel
diodes, could be accomplished merely through proper compensation of the constantcurrent source. This was achieved through the use of a negative T. C. thermistor network
in series with Q2.
Transmitter The sine wave outputs of the six subcarrier oscillators were linearly
mixed in the voltage summing network of Fig. 3A. The values of R1 through R6 were
made much larger than R to provide maximum isolation between subcarrier oscillators,
preventing interaction and the resulting generation of cross-modulation terms.
For an FM/FM system it is known that the signal/noise improvement threshold increases
as the subcarrier frequency is increased. In principle equal thresholds are obtained if the
RF carrier deviation equals a conversion factor multiplied by the subcarrier frequency to
the three-halves power. 3 It has been found in practice, however, that a linear taper is

usually acceptable. In this system linear pre-emphasis was employed, setting the carrier
deviation for the 70 KC subcarrier five times that of the 5.4 KC subcarrier through
adjustment of the isolation resistors in the linear mixer.
The composite signal received from the linear mixer was applied to a commercial varicap
diode across the tank circuit of a tunnel diode, series-parallel, sine wave oscillator. The
use of a varicap diode permitted frequency modulation of the oscillator through voltagedependent capacitance appearing across the inductor. A 1-ma germanium tunnel diode
(GE 1N3713) was chosen for the oscillator and a stable bias source obtained through the
use of a unitunnel diode (Hoffman HU10). The output of the oscillator was fed to a
common base power amplifier with a radiating tank in the collector circuit. A schematic
of the carrier oscillator and amplifier is illustrated in Fig. 3B. The tunnel diode tank
circuit was shielded to prevent regeneration and possible detuning from body
capacitance.
Battery Supply, Pre-Regulator, and Battery Monitor A relatively stable preregulator was developed to supply voltage to the transmitter and the constant-current
diode. The schematic of the unit is given in Fig, 4A. A microdot zener (TMD01) was
selected for its low dynamic impedance (15S at 5 ma) and small size, while a high gain
npn silicon (TI418) was used as a series regulator. On the basis of the preregulator
voltage characteristic, a battery potential of 9.6 volts was selected. The battery voltage in
dropping to 8.0 volts during its life (70 hours) creates only a 35 mv change in the preregulator output.
The 22 KC subcarrier channel was devoted to monitoring the battery potential. This was
accomplished by biasing a tunnel diode oscillator with a resistive divider from the
battery, as illustrated in Fig. 4B. Temperature compensation of the channel was
introduced through the insertion of a thermistor network in series with the feed resistor
from the battery.
Telemeter Receiver A Sherwood Model S-3000 III FM tuner was selected for use as a
telemetry receiver. The front end coils were replaced to allow tracking from 110 MC to
130 MC and automatic frequency control was incorporated. Circuitry was also included
to provide the necessary de-emphasis of the subcarrier frequencies
Subcarrier Demodulators The output of the FM receiver is a composite signal
consisting of linearly mixed subcarrier frequencies. Separation of these subcarriers was
accomplished by bandpass filters, the outputs being duplicates of the subcarrier oscillator
signals with the addition of certain fluctuation noise resulting from cross-modulation.

Demodulation of the subcarriers was achieved with pulse-averaging discriminators.
Circuit operation proceeds as follows: The sine wave output of a bandpass filter is
amplified, clipped, and differentiated to generate zero-crossing pulses whenever the
signal crosses the axis with a positive slope. These pulses trigger a clamped monostable
multivibrator which produces an output pulse of fixed amplitude E and width TD. These
pulses are then averaged in an integrating circuit to produce a DC level Eo .The time
between triggering pulses is 1 /f. Thus
Eo = ETDf

(4)

From this equation it is apparent that the integrator output Eo is directly proportional to
the frequency. Therefore, if the product ETD remains constant, the system possesses
inherent stability and linearity.
Completely transistorized circuitry was used for the subcarrier demodulators. The
schematic of a typical channel is illustrated in Fig. 5. A test point was provided after the
bandpass filter to allow observation of the subcarrier signal before discrimination, while
permitting an external signal to be injected at this point for calibration of the entire
demodulation system. After the clamped monostable multivibrator and integrator, a
metered differential output was supplied with switching included to permit grounding
the output. Temperature compensation of the circuit to hold the product ETD constant
was accomplished through the insertion of a positive coefficient, wire-wound resistor in
series with the base resistor of the monostable transistor. 4 The complete circuitry was
constructed on two printed circuit boards for each of the six channels.
Packaging The five resistance modulated subcarriers, constant-current diode, preregulator, battery monitoring subcarrier, mixer, and transmitter were assembled in the
package shown in Fig. 6. The complete circuit of the transmission system is illustrated in
Fig. 7. The low pass filters, mixer, and carrier oscillator were electrostatically shielded in
a gold-plated box to prevent noise pickup. An easily removable plexiglass cover and
gold-plated bottom plate were built to allow maintainance or future modifications. A
single turn trimpot was included in the constant-current diode to permit adjustment of the
current level. The five externally modulated channels were likewise equipped with
trimpots for system alignment. These adjustments were made readily accessible without
removal of the transmitter cover. The carrier oscillator and power amplifier coils were
slug tuned, thus permitting future alteration of the transmitter frequency. A Cannon plug
was provided for connection to the five resistive transducers and the external battery.
The modified Sherwood receiver, six subcarrier demodulators, and power supply were
assembled in a desk panel cabinet rack. The Sherwood receiver, equipped with channel
center and signal strength indicators, was mounted on the front panel. The subcarrier
demodulators were constructed on twelve printed circuit boards and mounted on a

vertical chassis. In a similar fashion the demodulator power supply was assembled on a
vertical chassis as an independent unit. The demodulator output signals were made
differential by balancing the outputs against resistive dividers situated between the
monostable zener references and ground. These outputs were delivered to six 100-0-100
mv meters mounted on the front panel and six Cannon jacks on the rear panel. A
potentiometer in series with the metered output allowed a sensitivity control and another
included in the resistive divider provided zero center. These controls were placed on the
front panel. The channel monitoring meters were constructed from 20-0-20 Fa
movements. The coils were wound with a minimum number of turns and heavy damping
was provided to minimize the generation of EMF from mechanical shock and vibration.
Double stabistor protection was included to prevent meter burn out and thermistors were
used in conjunction with series resistance to achieve temperature compensation. Front
and rear photographs of the completed cabinet rack are given in Fig. 8 and 9
respectively.
Characteristics of Transmission System
Size
0.6" x 2.5" x 2.5"
Weight (without power pack)
15 gm
Power Consumption
7 ma nominal at 8.8 volts.
Transducer Impedance
200 ohms typical (may be increased with signal conditioner).
Input Sensitivity
± 10 ohms typical for ±7.5 per cent subcarrier frequency deviation (system noise
referred to input is 0.1 ohm.
Linearity of Resistance Modulated Subcarriers,
Deviation f rom be st straight line is less than ± 2.0 per cent.
Time Drift (after 1/2 hour warm-up)
Less than 0.5 per cent narrow band DBW for 24 hours at 25EC with fixed DC
supply-

Thermal Stability
From 20EC to 40E C subcarrier center frequency stable within ±1.0 per cent
narrow band DBW; carrier frequency stable within ±0.2 per cent.
Stability with Supply Voltage
For a 1.0 volt drop in battery potential, subcarrier frequency stable within ±0.2 per
cent narrow band DBW.
Characteristics of Receiving System
Output
±100 mv for ±7.5 per cent frequency deviation.
Output Noise
Less than 1 mv.
Linearity of subcarrier discriminators
Deviation from best straight line less than ±1.0 per cent.
Time Drift
Center frequency drift for 24 hours less than 0.25 per cent of narrow band DBW.
Thermal Stability
Center frequency stable to 0.5 per cent of narrow band DBW from 20EC to 40EC.
Stability with Supply Voltage
Fluctuations in line voltage between 105 and 130 volts cause center frequency
variation of less than ±0. 5 per cent of narrow band DBW.
Conclusion The above performance characteristics of the transmission system speak
well for the use of a tunnel diode relaxation oscillator as a frequency modulated
subcarrier. Since the tunnel diode is a low voltage device, it was necessary to use a
constant-current rather than constant-voltage supply to obtain the desired temperature
stability. The use of this constant-current source proved extremely valuable in reducing
power consumption. That is, all the subcarriers with this system consume the identical
current that a single channel would consume if bias were obtained with a constant
voltage supply. In addition, the two transistor “constant-current diode” resulted in almost
complete independence of the subcarrier frequency from battery potential and permitted
total temperature compensation of all the channels simultaneously with a single
thermistor. Use of this circuitry allowed a relatively small and light transmitter to be
constructed. Further reduction could be achieved by the elimination of the subcarrier

trimpots, development of a smaller inductor, and a decrease in the tunnel diode package
size.
One restriction of the system is the requirement of the tunnel diode subcarriers for low
impedance resistive transducers. This drawback, however, may be eliminated through the
use of readily constructed signal conditioners giving input impedances in the range of a
megohm.
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RESEARCH AND DEVELOPMENT WORK ON PERSONAL
TELEMETRY SYSTEMS
ADOLF R. MARKO
Project Engineer
Biophysics Laboratory
Wright-Patterson Air Force Base, Ohio

Introduction The term “personal telemetry system” has been applied to small
size,self-contained, short range telemetry units, which are employed to obtain
physiological measurements from an unencumbered human or animal subject. Main
applications of such systems are medical research and medical monitoring to provide
maximum safety for astronauts and test pilots. The technical requirements as stated by
life scientists are presenting a wide range of engineering problems with some of them not
solved by the present state-of-the-art. Research and development work in industry and
Government laboratories has produced a number of practical solutions, but is still
continuing in order to improve performance and extend the range of applications.
Investigations on different multiplexing methods for use in personal telemetry have been
started in the Aerospace Medical Research Laboratories (AMRL) at Wright-Patterson
Air Force Base in the year 1959 and are continuing. The most important results and
conclusions of this work are the subject of this communication.
Research Planning Considerations Aerospace medical research is mainly concerned
with monitoring basically healthy subjects in flight vehicles or under simulated flight
conditions. The monitored subject has to perform some missions requiring physical and
mental activity which is in opposition to most hospital measurements where the patient
remains preferably in a relaxed passive state. The statements above determine the
following engineering aspects for a personal telemetry system in aerospace medicine.
1. Transmitting Range: A reliable transmitting range of approximately 100 to 200 feet
is sufficient. Low power transmitters (below 100 MW input) already developed to a high
degree of perfection are available which fulfill easily the transmitting range requirement
even without a special antenna. No time and effort has been spent for the transmitter
configuration itself, but a simple oscillator circuit with the tank coil as the radiating
element has been employed in the laboratory models. Frequency modulation as well as
the broadcast FM band (88-108 Mc) was used for the convenience of using readily
available FM receivers. Recording of the signals may be performed on-board of a flight

vehicle of the information can be retransmitted to a ground station using the standard
telemetry system of the airplane or spacecraft.
2. Frequency Response: The frequency content of physiological signals extends from
DC to about 10, 000 cps. However, a number of biological signals which are most
valuable for medical research as well as for safety monitoring, do not contain significant
information above 70 cps. An active subject produces muscle potentials which interfere
with electrocardiogram or other low level signals. Filters are used to reduce muscle
potential interference, but are also limiting the useful bandwidth for the signal. Since the
medical diagnosis is well established with standard laboratory methods, the personal
telemetry monitoring system shall indicate variations of measurements caused by stress
or unknown factors. A number of comparison experiments revealed a bandwidth from
DC to 40 cps as the optimum compromise for monitoring the following signals on an
active health subject: Electrocardiogram, Electroencephalogram, Electrooculogram,
Galvanic skin response, Temperature.
3. Additional Factors: Low power consumption, small size, light weight, maximum
stability, and reliability are additional important factors in aerospace applications.
Multiplexing Methods Personal telemetry systems using frequency modulated
subcarrier oscillators have been developed to a satisfactory level of performance. Center
frequency stability problems which plagued the miniature systems several years ago have
been solved with special circuit design and the use of new semiconductor components.
An analysis of the factors outlined previously indicated promising aspects for the
investigation of other multiplexing methods -- especially pulse position and pulse
duration modulation. A number of three-channel and seven-channel pulse position and
pulse duration modulated laboratory models have been investigated and are published in
technical reports. The circuit design of a further improved seven-channel pulse duration
modulated system was then used as a basis for development and construction of three
miniaturized transmitting units on Air Force contract.
The circuit diagram, Figure 1, shows a unijunction transistor clock pulse generator which
produces 1600 pulses per second, triggering a binary counter (3 flip-flops for sevenchannel system) and a saw tooth generator. The seven physiological signals are
processed to voltage amplitudes of one volt and connected sequentially by the counter
operated diode gates to the level sensing amplifier. The level sensing circuit receives
also the linear ramp function voltage from the saw tooth generator and produces
therefore a sequence of rectangular pulses, which are modulated in pulse width by the
seven physiological signals. One diode gate (Channel 8) connects a positive bias to the
level sensor and produces a gap after a train of seven pulses. This gap is used in the
decoder to establish frame synchronization. It may be emphasized that there are only two
circuits which affect the stability and accuracy of the whole system -- the saw tooth

generator, and the level sensing circuit. However, any deviation of either circuit affects
all channels in the same manner, and may therefore easily be detected by using one
channel for a calibration signal. The degree of microminiaturization without excessive
cost may also be deduced from the circuit diagram. Flip-flops, diode gates, comparators
(level sensors) are already mass produced and available as microelectronic building
blocks with excellent performance specifications at reasonable cost.
The saw tooth generator and the clock generator may be assembled from standard small
components. A count of components and a comparison with the number of components
in a typical miniature FM personal telemetry unit reveals that the pulse duration system
uses less than half as many components than the FM unit. The advantages of this
multiplexer circuit for use in personal telemetry may be resumed in the following points:
1. Extreme low power consumption (30 MW typically for seven-channel).
2. High baseline and gain stability (±0.3 per cent under normal laboratory conditions).
3. Simple calibration of all channels.
4. Microminiaturization to a high degree already available with shelf item
microelectronic circuits.
5. Low number of components, smaller size, weight.
6. Lower costs (cost of components for the described seven-channel unit is in the order
of $400).
7. High reliability - a mean time between failure in excess of 2000 hours has been
calculated.
The specifications of the miniaturized personal telemetry units are:
1. Number of channels: Seven (two electrocardiogram channels, one
electroencephalogram or electrooculogram, impedance pneumograph, basal galvanic
skin resistance, specific galvanic skin response, body or skin temperature.
2. Size and weight: 4 1/4" x 2 1/4" x 3/4", 11 ounces complete with battery for 30 hours
operation.
3. Power consumption: 8 volts 10 MA
4. Transmitting range: 200 feet.
5. Baseline and amplitude stability: ±0.3 per cent for an 8-hour period under laboratory
conditions (temperature 74EF ±3E) 0.8 per cent variation with temperature change from
32EF to 76EF.
6. Transmitter: Input power approximately 24 MW DC. Frequency range: 88 to 108 Mc
tunable. Stability: 0.5 per cent for a temperature range from 32EF to 100EF.
7. Frame repetition rate: 200 frames per second.
A boxcar detector circuit in the decoder instead of a simple low pass filter will reproduce
frequency components up to 100 cps with this frame repetition rate, according to the

sampling theorem. For practical comparison with other systems, however, the usable
bandwidth may be considered 0 to 50 cps.
Summary Investigations of pulse duration multiplexing resulted in the development of
a seven-channel personal telemetry unit. Theoretical analysis and field tests revealed
advantages of the pulse duration approach, depending upon the acceptability of the
limited frequency response. For a number of selected physiological measurements under
the specified conditions, the described system is considered superior in terms of
performance, and more economic because of fewer components compared to the FM
system.
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Fig. 1-Circuit Diagram

FIVE BASIC METHODS FOR THE GENERATlON OF BINARY CYCLlC CODES
By A. BROTHMAN; E. H. BROTHMAN; S. J. HALPERN; L. M. HOROWITZ; A. H. MILLER
Introduction. -The purpose of this paper is to provide generic
and convenient methods of generating binary cyclic code sequences
Five basic methods are discussed，

on all character periods.
demonstrated and analyzed;

and，

for each method，

formulae are

provided for calculating the autocorrelation functions of the genera
ted sequences.

The methods which are logically and mathematically

connected are:

the generation of Legendre Sequences;

the generation

of Jacobi Sequences; the generation of unrestricted Term-By-Term
Product Sequences;
Sequences;

and，

the generation of Kronecker-Boole Product

the generation

of Composite Sequences.

In evaluating the merits and applicability of each of the fi ve
generation methods，

the criteria are the Hamming "minimum dis

tance" properties of the produced codes and the bandwidth
ties of the codes.

By these twin considerations，

proper

a binary cyclic

code achieves ideality when it exhibits minimax盟主optimal proper 
.
A binary cyclic sequence is a minimax sequence if its
A

ties.

Hamming "minimum distance"
for the code I s period.

parameter is the maximum attainable

A binary cyclic sequence is optimal if the

spacing between its minimum and maximum aperiodic autocorrela 
tion levels is the minimum possible for the period.
of binary cyclic sequences indicates a minimizing
bandwidth requirements.

Finally，

The optimality

of the code I s

when the criteria of code

ideality are no longer confined to the best possible properties for
the period，

and when the criterion becomes the best possible simul

taneous satisfaction of "distance"

and autocorrelation properties，

pseudonoise sequences are encountered.

Pseudonoise binary cyclic

sequences exhibit a constant aperiodic distance property，

and the

maximum possible ratio of "minimum distance" -to-period for any
period.

Pseudonoise codes are，

of course，

minimax and optimal.

codes.
With these standards in mind，
five

methods，

generating

it will be shown that the array of

which is dealt with here，

sequences for 豆豆芷period，

provides the means of

and that for all practical

code periods at least one of these methods will provide a code
which is either minimax only or minimax-and-optimal.
Basìc Definitions and Perspectives�-The methods of coding
eration are reducible to the methods of generation of primiti ve
sequences and product sequences from primitive and relatively
primitive factor sequences.

Taken in this frame of reference:
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Legendre Sequences are instances of primitive
sequences;
Jacobi Sequences are instances of re1ative1y
pn口utlve sequences;

and，
i i i.

Term-By-Term Product， Kronecker-Boo1e Product
and Composite Sequences are instances of codes
which are generated from factor sequences.

Re1ative to the goa1 of providing the means of generating sequences
for主主y period:
a.

Legendre Sequences exist on all prime periods
equa1 to or greater than three;

b.

Jacobi Sequences exist on all periods which are
factorab1e to two unequa1 prime nu mbers ;

c.

Composite Sequences exist on even number periods;

while，
d.

Term-By-Term Product and/or Kronecker-Boo1e
Product

Sequences exist on all non-prime periods.

The sequences according to Items (b) thr ough (d) will frequent1y be
alternatives to one another， and therefore the criterion of se1ection
of the one type of sequence over another will often reduce to
which， if any， are minimax or minimax-and-optimal.
Because the -1， 1 binary format is a convenience in ca1cu1ating
autocorre1ation functions and in forming product sequences， much
of the materia1 in this paper uses the -1， 1 format interchangeab1y
with 1， 0 format.
In such interchanges， the mapping ru1e used is:
2呵

n

-

1

=

0<:

(1)

n

where:
and

。唱L = the mh bitd a L
n
。〈吶 = the !:_th bit of the
.. sequence (oC).

In

corresponding

-1， 1 binary
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the 1， 0 forms of all sequences discussed in this paper，
yie1ds the mapping ru1es:
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Equation
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Wita binary
h Equations
and (2) in mind，are stated
the autocorrelation
functions of
cyclic (1)sequence
by:
凡的=芸JKnknWJ
where: 1= the number of cyclic displacements applied
to the sequence
n
of the sequence
and B == thethe period
functiononassociated
the autocorrelation
.0_ cyclic permutati
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Itfunction
is readily
that thecyclicmaximum
of a established
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andIntroduction，
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tions of the gen已rating sequence.
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L，egendre Sequences -Legendre Sequences are applicable to all
prime periods nB � 3. Legendre Se到梅lces are always balanced，
and are always minimax-and-optimal. �\;:J Where (阿�)n represents
the n!!!，_ term of the generating sequence of a Legendre Sequence，
the sequence is deve10ped according to:

( ø丸) n

n三o

1，

for

1，

where y2

mod nB

== n

(a)

mod nB is so1vab1e (b)

for yZ三:: n mod nB not so1vab1e

(c)
(d)

(6)
in
its
Part (b) of Equat，i p
simp1est
application，
dictates
that
(6)，
p
�1 c...
( oCι)n
1 for n1/2
an integer. Part (d) of Equation (6) states
the reciprocity or intrinsic mu1tiplicativé property of the
Legendre Symbol.
The autocorre1ations of Legendre Sequences are:
(ñB' 1， and -3， for nB == 1 mod 4
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Therefore， Legendre Sequences are a1ways minimax-and-optimal.
A convenient graphica1 method for the generation of Legendre
Sequences exploits the term-by-term relationships between the gen
erating sequence (。已) and the diagonal sequence of the code set.
The diagonal sequence， i11ustrated in Figure 1， consists of the
ascending even-numbered members of the sequence fo11owed by the
ascending odd-numbered members. Arraying the members of the
generating sequence above the members of the diagona1 sequence
so that they form (nB) vertica1 sets， the term-by-term sum (VS)
modu1o 2 for all vertica1 sets other than the zeroth vertical set
is stated by:3
n -1
，..
1/2
1/2
o
when (2X-1)
are both
and
X)
mtegers.
V =-<
- [ 1， otherwise
B -1
where 1 � x �

_

尸，

( 一于一+

n

一一τ一一

(8)

(8)

We illustrate the graphica1 use of Equation
by the generation
of the Legendre Sequence on period nB= 11. Using Equation (6)
one obtains the partial sequences:
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1 還是X� 5theforsum
Since
forb的nT'>�2x_î)
is no. X+ in1) 1/2the interva1
are
int咿rsl
which
setentered
other ithan
theunfzeroth
must thenof bethe1.ver
S) in each"O"svertica1
Therefore
may
be
n
the
i
lled
positions
tica1 sets in which "l"s were pl'evious1y entered. According1y， one
7 8 1 100 -generating sequence
11 3 5 70 1 -diagonal sequence
Entering
a11 of thesequence
now-knownand members
of theand generating
sequence
into
t
h
e
diagona1
vice
versa，
f
u
rther
exp1
0iting
Equation1 (8)2， we3 arrive
at:
11 01 01 01 401 501 01 071 081 10 10
2 4 8 10 1 3 5 7
We nowSequence
app1y Equations
and (8)17 toto i11ustrate
the generation
of the
Legendre
on
period
n
the
generation
B
= 0， in thecombination
the fact thatand Sextending
method
when
S::; O. ofsingEquation
with
the
requirements
knownthe
members
of
both
sequences
by
the
cross-entry
process
and
continued use of Equation (8)， we arrive at:
3 4 5 7 8 10 11 12 13 14 15 1
l
- sequence
generating
l
1
-diagona1
4 8 10 12 14 3 5 7 11 13 15 sequence
= 0 byresu1t
HeEquation
re， as(8)in， allthecases
in
which
the
requirements
of
S
of
numb
e
"1"s
which
f
r
om
the
exhaustive
f
use of the ru1es is iui:':B-:' l.'- l... Rea1izing that Legendre Sequences are
a1waysforba1anced，
nB the remaining bit-positions are "O"s and， there
fore
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Jacobi Sequences
. -Jacobi
Sequences
areto certain
formed constraints.
from LegendreThe
Sequences
of
unequa1
periods
according
has a periodIf equa1 isto thea Legendre
product Sequence
of the periods
resulting
ofperiod
the tnwBosequence
factor
sequences.
of
and
is
a
Lengendre
Sequence
of
a
1esser
period
， the 寸，by:1 Jacobi_ Sequence (O(.j) generated from and
isNBdefined
for n三omod nBNB (a)
(b)
(4j ) n =
(9)
for n言Omod NB (c)
J..L • n， otherwise (d)
where: (o(''-) n = sequence
the nth termrepeated
of the(NB) timesgenerating
( f3L) n = sequence
the nth termrepeated
of the(n(B) timesgenerating
for(9)the， theconstraints
imposedisbya parts
(a) throughproduct
(c) ofof
Except
Equation
Jacobi
Sequence
term-by-term
theThetwo autocorre1ation
Legendre Sequences.
funct
ns
of
i
.Q
demonstrated， are given by a Jacobi Sequence， it can be
nBNB， for γs 0 mod nBNB _0 mod n白，日 or
2 f (nBNB) (γ nBNB) - 1， for i O mod Nn一 (10)
nB -NB - 3， forγ三o mod NB
1，
f
o
r
0
mod
n
N
n
B
B
B
where:
B - -N_' B mod 4
(11)
f (nBNB)
nB = l"B 2 口lod 4
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We illustrate the use of Equation (9) in generating a 1， 0
Jacobi Sequence by the generation of a 15-bit Jacobi Sequence
5 and NB
Factoring nBNB
15 to nB
3， we arrive at:
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We now {orm the table shown below， and by the application of
Equation (9) we arrive at:
2.
0
0
1

3

4

5

1
0

1
1

。

0

1

o l l

1
1
1
1

8o o l

0
.ι- 1
β‘- 1
有- 1

11
1
o
o

12.
0
1
0

13
o
1
o

14
1
0
0

Mindfu1 of Equation ( 1) in the application of Equation (9):
i.

ii.

iii.
whi1e

iv.

the "1" in the zeroth position of oC.i is an
application of part (a) of Equat ion (9)
the "O"s in the 3rd， 6th， 9th and 12.th bit﹒
positions of O<:j are an application of part (c)
of Equation (9)
the "1"s in the 5th and 10th bit-positions of øCi
are an application of part (b) of Equation (9)
a11 of the ba1ance of the bit-positions of
an app1ication of part (d) of Equation (9)，
to the provisions of Equation (2.).

øζi

are
subject

lt wi.ll be observed by application of Equation ( 10) to the case in
which :
a) 1L
n，...，
No
B - "
B + 2.， 1eads to:

=

I

R.....

(，)

=

V

.L.V � 1
I .=:
LJ.lVU Jn，...，
.L. B.I.N
1
' B
'CB ' for
三o mod
BJ.No，
J(nu. n
i
l:)， for 1 �γ�nBN B - 1，

(12. )

by which a 1 1 such sequences would be pseudonoise sequences;
b)

n

B

=

N，...，
B + 4，

leads to

n N ，
B B

R.c

己

(，)

1，

，

for

for γ:;; 0 mod 可NB

海o

mod n
and
B

冷o

mod N
B
(13 )

forγ=0 mod N
B
forγaO mod n '
B

by which all such sequences wou1d be minimax-and-optimal
is a1ways congruent to 1 mod 4;
since n N
B B

and
c) n - N
B
B

� 6 ， 1eads to the conclusion that because
Roe ( 0 mod NB)今3
RO(. ( 0 mod nB) �-5

，

(14)

such sequences are never optimal or minimax.
nB N
:;:: (NB) (NB + 2) will
Jacobi Sequences conforming to
B
be recognized as instances of Hadamard -Twin-Prime codes.
Term-Bγ-Term Product Codes . -Term-By-Term Product
Sequences exist on all periods which are factorable to two unequal
numbers equal to or greater than two.
Unlike the Jacobi Sequence，
Term-By-Term Product Sequences i口lpose no conditions on the
factor sequences other than they be of unequal length.
Given a factor sequence (oC ) of period (n ) and a second fac
B
tor sequence denoted by (β) of period (N )， a Term-By-Term
B
Product Sequence of period (nBN ) is formed according to the
B
mapping rule:
(15)
(ø(rr) n :;::
ø(，n Pn
where:

(o(TT)"， = the nth bit-position of the Term-By-Term
Product Sequence

。cn

:;:: the n虫bit-position of the factor sequence
( øC) repeated (NB) times

Þn

:;:: the nth bit-position of the factor sequence
(戶) repeated (nB ) times

It can be proved that the autocorrelations of 磊
、 Ter口l-By-Term
Product Sequence ( R.cr
(γ))
are
obtained
姐J
by
... ..
r.

=

oc

Ree，.，..{ 'r) R
(?-)
.
R，.. (r )
(16)
where RO('rr ('r) has ' all values indicated by the mu1tiplication of
each of the va1ues of R
(γ) by all of the va1ues of R 13
(γ).
Thus， if the sequence (“) exhibits (i) autocorre1ation 1eve1s and
the sequence (β) exhibits (j) autocorrelation leve1s， the sequence
1evels.
。(Tγ will exhibit at max.imum i x.

oe

j

To illustrate
the begeneration
ofpseudonoise
a Term-By-Term
Product
Sequence，
let
the
3-bit
sequence
1 1 0 andshown
be
the
2-bit
sequence
10.
The
resulting
6-bit
sequence，
below， is produced by application of Equations (1)， (2) and (15):
。l l1 。 31 4 5。 repeated NB=2 times
l 。 。 l 。 repeated nB = 3 times
。 。 。 l l
The
autocorrelations
of being 3 andfunctions
-1， andof those ofare 6， 2，
being
2
and
-2，
the
autocorrelations
-2 Theand meritwhichof thedescribes
ay-Term
four-levelProductminimax
sequence.method in
B
Termgeneration
given
by
producing
minimax
or
minimax-and-optimal
sequences
is
(16)the: following four corollaries which are applications of Equation
sequence
isa two-1evel
pseudonoisesequence
and if of
Corollary #1: Ifsequen
is
ce
the sequence i口lal sequence.
will
period
NB = thenminimax-and-opt
be a three-level
4 1 I n_ l == I :n0 B I
(17)
]
t�
[:)
-4
and will bearea pseudonoise，
Corollary #2: Ifthenboththesequences
product
sequence
minimax sequence according to: four-level
nBNB
(18)
-nB =
-nBN
sequencesequenceisofaperiod
two-levelnB今2
minimax-and
Corollary #3: lfoptima1
not congruent
t
o
0
mod
4，
and
i
f
sequence
(β)
has a
N
2，
the
resu1ting
even
period
period
=
B
product
four-leve1(16)minimax
sequencesequence
accordingis toa Equation
by which:
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is either
1 mod orlevels，2 modand
Corollary lfandsequence
has
or
more
autocorrelation
NB? 2，sequence
then the
has a bperiod
isequence
f sequence(o(rT)主主旦旦旦
e a minimax
2nB
2q
B = 2p
(20)
-2p
[� J f::]
-2q
--2nB
slnce p 1 and q -2.
Kroneckerexist-Booleon allProduct
. -Kronecker
-Bnumbers.
oole ProductIn
Sequences
Sequences
periods
which
are
not
prime
the generation
of such sequences，
one of 口mltiplication
the factor sequences
is
as
the
multiplicand
of
a
Kronecker
and
the
used
used as(nB)a口lultiplier.
Givensequence
a口lultiplicand ofsequence
period
((NotherB)， ofisa Kroneckerand
a
multiplier
period
B
oole
Sequence
(
OC
)
of
period
n
BNB can
be formed according to the generation rule:KB
n NB - 1 (21)
( o('KB) n﹒屯+m = 《n n
where 。cm =the mEIL bit-position of the multiplicand sequence
of the multiplier sequence
and ( OCK，βB) nn=.ntheB +n些bit-position
bit-poSequence
��e (n . nB-_B+oolem) Product
m = Kronecker
_sition of the
ItProduct
can beSequence
shown thatarethegivenautocoby�...;_r elation functions exhibited by the
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otherwise (b)
In part of Equation (22):
i. and ( ) are functions of and the ratio /nB)
ii.
is a special1 cross-correlation defined by:
= 主 三三 l� 7�...;: nB (23)
where O〈=e〈
A okl Mz. . -ocn -I Uo of1 . .“n 1
B
and 。已n = the binary complement toøC'n
(24)
The
values
of 2.. andThe valufoesr typical
multiplier
sequencesmultiare
i
n
Figure
of
given
typical
for
sequenceswith are given(γ)inisFigure
3.initionAn important
defSequence.
inition
plicand
B
inA Bconnection
t
h
e
def
of
a
arker
arker Sequence is one for which
0， for 1忌γ石勻
Barker
Sequencesthearegeneration
noted in Figure
3 by asterisks.
K
We
illustrate
of
roneckeroole Product
Sequences for the case in which n'Q N� 14， Bwhere
= Barker -bit Sequence = 1 1 1 0 0 0
= 10
ln this case by Equations (1)， (2) and (2.1):
10。 I。I 12 13。
。 1 Z 。3 。4 l 。
l l。。。 。。 。 。
。已KB= l 1 。 。 。 。 。 。 l 。
Inwe computing
the autocorrelation
note that from
Figure 3: functions for this 14-bit sequence，
RØ(I(之(γ) = 1， 心， 1， 仆， 1， -1， (22)
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�= 1， 2， 3，
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卜0， for O��
、 nB ..<2
、
e = 2， for 0 �土� 2， from Figure 2.
nB
and therefore by Equation (22)
們14
R�KB
I -2
l-14

( γ) 吋 Z

thus indicating a minimax property for the generated sequence.
Ana1ysis of Figures 2 and 3 in the light of Equation (22) 1eads
to the following conclusions concerning thc ability of Kronecker
Boole sequences to enjoy minimax or minimax-and-optima1 propertles:
a. Conclus ion #1:
lf (0<:) is a equence of period
nB == 0 mod 4， a minimax
Kronecker -Boo1e Product Sequence
will be formed on1y if (�) is
minimax. if
R"， (γ) + RI()'I� (/)石o for
1 � l' � nB， and if (戶) is
either the 2 - bit sequence 10 or a
pseudonoise seq uence.

5

b.

Conclusion #2:

If (-C) is a sequence of period
nB::l mod 4， a minimax
Kronecker-Boole Product Sequence
will be formed only f (øC) is
minimax， if R呵，c� (7)五1 for
1 �-r.還吟， and if J3 = 2

i

c.

Conclusion #3:

lf (列) is a sequence 01 period
nB三2 mod 4， a minimax Kro
necker-B oole Product Sequence
will be formed only if (呵) is
mini max，
R吼(γ) + Rø(x�(""') 丘吉
for 1� "T.還nB ' and if f3
3.

if

d.

Conclusion #4:

=

Z

lf (0( ) is a sequence of period
nB三3 mod 4 a minimax Kro
necker -Boole Product Sequence
will be formed if:

i) (c()

is a pseudonoise B arker
Sequence of period nu � 3
and (戶) ::; 2

ii) noiseandsequencesareontheperiod
pseudo
nduct
pro
B 3. is th This
B Nsequence
minimax
and optimal. )
B
arker
iii) Sequence
is a pseudonoise
and
)
of
n
豆�
of
isperiods
a pseudonoise'O. orsequence
11
Compositeperiods
Sequences
._ -Composite
Sequences
exist
on a11highereven2
(P)
，
numbered
p�間
，
and
can
exist
on
even-numbered
Composite
Sequences
of perito nodB 2nB
aregeneration
formedrulefromperiods.
dissimilar
sequences
of
periods
equal
by a
which is
"/i勻吋
where cyclicandpermutations
are the ofdissimilar
factornorsequences，
and areof
neither
one
another
the
complements
oneor minimax-and-optimal
another. For valuesComposite
of 2nn upSequences
to and including
minimaxif:
wi11 be時，formed
a. such consists
run ofand"O"s
thatthe k�number
'-of a， runofwhere"0"ofsk"l"sthefollowed
numberbyofa "l"s
andb.ií is a minimax-and-optimal sequence with戶。= 1
andc ií the cross-correlation ) is such that
(�)

=

(β)

=

(NOTE:
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5，

(f3

7

(C)

叫“1、 -

(26)

..afn

B 吋戶(> 131 ;.吧.

(戶)

(crc::)

=

L=

(戶)



三

4.
-d
o
m
nu
B
n
勻，M
r
o
gza

R(“"P

2至
2R
(27)
2 mod
andd.ií， the autocorrelation RC (1) for thefor 2nB:::'
sequence
(C)s period
is less
than
or
equal
to
the
minimax
value
f
o
r
(C)
'
ande.ií， the imbalance of the sequence (C) is such that
仙M + [句- m - Ù - B2 -2nB
yields an integer value for (m)， where:
Ik B
(0(. x戶) =

4

(B)

(RM

-L/ =

4) =

(28)

and RM = the minimax value of RC for {C)'s period.
Example
Sequences， along with their autocorrelation
values， areof Composite
given as follows:
RC { )
COMPOSITE SEQUENCE
(γ)

γ

111 01 000

8， 0，

-4

111 001 1 01 0

10，

1111 001 0 1 00 1

12， 0， -4

11111 001 1 01 001

14， 2，

1 111 0000 1 01 0011 0
111111 000，

] 10

2，

1 0011 0

-2

-2

16，

0，

-4

18，

2，

-2
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2， See Appendix for proofs.
4. See Appendix Il for proofs.
See Appendix III for proofs.
See Appendix for proofs.
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APPENDIX
Theorem #1: All Legendre 5equences exhibit minimum imbalance.
Proof: We define imba1ance (B) by:
B = \k-LI
(a)
ι=
where:numberk = ofthe"O"s.numberForof nB"1"=s prime
in the sequence，
and3， minimum
theimba1
numbers
B
of
) equa1sin1. termsIf partsof the(b)Legendre
thr∞gh (d)5ymbo1
a
nce
(
min. written
Equation
are
(n nB)， we obtain:
( n nB ) - 1 ) X
(b)
assumesof oddEquation
and even integer
towherethe (X)conditions
5ince va1ues according
n mod nB
(c)
integers
andic(ngroup，
and since，the'isetf (b)(n)iswilla setbe ofa fpositive
B) is
prime，
i
nite
fiel
d
and
cyc1
a pri口litive
it thensuchfollows
that in such
aBgroup
tl哼'\ rewillexistsdescribe
5
.!
已
n
that
for
all
(n)
It
i
s
then
demonstrab1e
that
t
h
e
integers
other
tha
n
=
O.
(X) of(a)Equation
(b). With
(5)theseof facts
εV_!l = inn aremind，the(Bintegers
)
of
Equation
is
described，
according to Equation n� by:-1
B= 1
= 1 = 1 (d)
n =all Legendre 5equences exhibit
whereby
it
is
proved
that
minimum imbalance.
Theorem #2: Allsequences.
Legendre 5equences are minimal-and-optimal
Proof: By Equation (3)， we may write:
ClCL = 室n主
= ( 汽 )n (�) n
(a)
=
去
. n - nT. 一r
=
1
n
日，term，in Equation (a)， we exclude n nB -γfrom the summation
�

(6)

I

I

= (

(6).

三言 b

{ε)

1，

，�

ε�

(6)，

+

電老一一

c:

(-1)

+ 0

1

R

(γ)

v

+γ

(0.;.)0 (吭ly+

( 見)

=

(D(.)

n.-/

丕例"仇川
RO(..(γj=川(代)，

By

+川γ(你ZW心?圳
" 司長n.-γ

Part (a) of Equation (6)， Equation (b) may also be

na-/

L (c(')n 仇μ
ιl_.，.
Roc，• (ì)= (.κιν(t>(
... ，
，
.� I n=1
+-

，，� h.﹒?

Turning to the summation term of Equation
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now to the changed conditions imposed by Equation {x} so
that for each va1ue of {c}， (j) will enjoy a unique va1ue in
the range
1 :!已j .:!已NB- 1
(z)
Remembering the imbalance properties of Legendre Sequences，
it follows directly from Equation {z} that for the conditions of
Equation{x}
N，..， -1
[( [.ë nB 叫 nBNB) + (lS nB 刃 ' n山 j) = 0 {aa}
L:
c = 1-

B
B
l
叭
n
，d
o
o
md
m
然仰自4tMH』
-ET
γ
+
n
n

that byof
to the 1ast term ofbetween
Equationthe(y)pertinent
Re1ative
， we noteterms
taking
cross﹒corre1ations
Equation (u)， we are 1ed to:
n�N�-1 {n En + nBNB) =叫-1)
r
n= 1
叫

(山)

Combining
proved thatRCI(Equations (y)，nB(aa)- NBand-3， (bb)，for we havemodtherefore
NB (cc)
J
Finally， for the cases in which
(dd)
one proceeds direct1y to: mod nB
凡Jm=計NJZtaNMInaNs)
主川叫
(γ)

:;

?"三o

'1'=0

仙7)季C

I1It>J n.

""J"但

(ee)
sub
we restate
Equations
(h)that， (i)forandeach(j)， va1ue
towillthe enjoy
condition
imposed
by
(dd)
jInofect(c)thisnow， (b)connection，
a unique va1ue in the range
1 b 1
(ff)
Equation
(ff)，withimposed
on Equations
(h) andof(i)Legendre
and taken in
combination
the
imba1
a
nce
properties
Sequences，n...， 1eads to
no
N
n
c
)
N
B B + 主 rcNB nBNB) 0
主(1 [ B
(gg)
under
the
conditions
of
(dd).
Next1y，
if
cross-corre1ations
arefind taken
that between the pertinent terms of Equation (u)， we
:$

-1

I己 :;

叫

�

nB -

-1

C一:; 1

(

叫

:;

h
h

c=1

(n

= ﹒(nB -1)
En叫叭)

B
n
d
o
m

z

p4U
4字
?
+

n_ N_ - 1

JB
kp
d
o
m

?'三o mod nB
Gathering up Equations (ee)，
that
NB - nB

=
R句(γ) =

R-tJ(γ)

That

is self-evident.

(gg) and (hh)， 'we then prove

+

1，

for

γ三o mod nB

nBNB， for7言o mod nBNB

(ii)

APPENDIX III
of period
and is
(nT")} sequence
Theorem: a sequenceis aofsequence
period
(NB)
，
and
if
of period (�NB) is formed according to
then theby autocorrelation functions of are
stated
If (<< )

(ClCrr)

(戶)

ã

(ø(.Tr}n =﹒。(n f3n

(c延T')

krr(γ)= Ret(γ)

n

Pro()i_:__ By uatio
O〈TT(7，) =
Eq

R

-

(3)，

nR t恆-1
Z二 。 (c(T T }n(o(rr}n +γ

n

主irl佇n代+.，j lPn f3 Vy]

n

n.N.-I

三;已

.

and thatnRNB-l
ø<.n代1
and that
之一

OC:n+γ�n+γ

主立了1 氓n P

-

Noting that

Rp (1")

+γ=

n.N，-/

nB B

N
nB

(a)

n.A色4

5何佇立

(c)
(d)

二fb(叮
follows that
n
N
B
BB
一
RCI('
(
?')
•
(1"]
N
Tr
nB于拉
N
=
.
(e)
and， therefore， the theorem is proved.
EJflpn 見+�

it

�- _( γ ) = 一.

R

_

R﹒(

(1'"")

R{J (7")

P

APPENDIX 1 V
(戶)

sequence(NBof)， period
(ne主chp，) andterm of ais a
Theorem: Ifsequence) isofa period
and
if
bymula
( ø已mulKB)plicati
of period
(nwhicIBNBi ) isw )formed
Ksequence
in
o
n
ronecker
i
s
the
tiplicand and is the multiplier， then
mod nBNB
_，0<........， ( '1 ) _= fi一BNB， for
(1
where:
i. (γ/nB)and are functions of and the ratio
ii.
) is a special cross-correlation defined by:
(c(

fi

(0(

(戶)

R

(

…

(百)

'Y三o

n

'l-- \

RO( (γ) + e R耐心 (γ)

(戶)

(佇)

的
〈包、
γ
A
K
n
J俱
nU
-A
=
B
T
n
n
γ
代dR
VAV
RY
(?"

+

一
d一

111.

B
n

�>'�

A

) is defined by:
-.0
and， ) is= the binary complement
to
B
Proof: SWe:_quence
observeconsithats tstheof (Nresultant
Kroneckeroole
subsets
of
andproduct
)
)
B
Also，
as
cyclic
permutations
of
the
﹒
sequence
are
developed，
we
note
that
the
aut
o
correlations
of the sequence
result
of correlations
between:(O(KB) will be the
and an subset combination，
1. deansignatedsubset
by
. subset and an
subset combination，
11. andesignated
by
. subset combination，
111. andesigna)tedsubset
and
an
(0(0()
by 村�(γ)
1V. designated
an subset
by and an subset combination，
0(

^

O(ð
。 C(，已.....
I ..: ..K-". _， K K
.'， Kι ..... K"�-I

Ø(.

lV.

(0< ).

(ø<

(0(

(0<).

(見)

(ø(

)

(p(

(&>(

)

Ro(.

('γ)

RÓ( (γ)

(0(列)
(Þ(. p{)

屯

(ø( D(.

�。作“氓
﹒ (γí)

)

v.

vi.

Vll.
and
viii.

an (0( ) subset and an (ø(D() subset combination，
designated by
( 1" )

I\-)CC(�

an (0( ) subset

designated by R:.:

and an (c>(t:() subset combination，

﹒ (，.. )
倒X呵呵

an (e>( ) subset and an (I(ø() subset combination，
designated by

﹒( l' )
R;; ﹒
Ò(J(.(<<.:

an (ø( ) subset and an (“反) subset combination，
，
designated by

R.()(CI(It(γ)

The types of correlation involved in each
all for 1這γ� n "Q '
consecutive ( n B) permutations of the product sequence as
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By Equation (a)， four principal types of correlations are
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autocorrelations associated with identity-to
identity transitions of the multiplier sequence
cross- correlations associated with distance-to
distance transitions of the multiplier sequence
cross-correlations associated with identity-to
distance transitions of the multiplier sequence

O.

cross-corre1ations associated with distance-to
identity transitions of the multip1ier sequence.

By Equation (b)，
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FM CAPTURE PERFORMANCE: CHARACTERIZATION AND
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Abstract The effects of interference and capture in FM reception are reviewed for the
purpose of determining the basis for characterizing and measuring the capture
performance of FM receivers. Capture performance criteria and performance
measurement techniques are proposed for application to FM telemetry receiver
evaluation.
1.0 Introduction An important performance characteristic of FM receivers is their
ability to discriminate between two signals occupying the same, or adjacent, frequency,
bands. In command, telemetry and other communications applications in which the
receiver may be expected to operate in a multisignal or multipath environment, the
ability to discriminate between signals is of critical importance in the evaluation of
system performance.
Envelope, phase and frequency demodulators exhibit a stronger-signal capture
phenomenon which enables one signal to suppress another relatively weaker signal in
the, same or different frequency bands. Techniques have been devised for reversing this
effect under certain conditions, and for accentuating it, or improving the ability of a
receiver for discriminating against the interference. , Significant results have been
achieved, in particular, in the design of FM receivers for suppressing the undesired of
two co-channel or adjacent channel signals and for suppressing disturbances from a
small number of secondary transmission paths. These developments have aroused
considerable interest in applying the results to the improvement of the reliability of FM
telemetry reception. The purpose of this paper is to consider this application and present
methods for FM telemetry receiver capture performance testing and evaluation.
In Section 2.0, a review is made of the properties of the resultant of two signals in order
to bring out the stronger-signal capture effect, the basis for capture improvement and
reversal, and the nature of the baseband disturbances caused by interference. The
practical significance of capture and capture improvement in FM telemetry reception is
discussed in Section 3.0.

In Sections 4.0 and 5.0, the characterization and measurement of capture performance in
FM reception are discussed. Measures of capture performance are considered and
associated measurement techniques are presented.
2.0 Review of Interference and Capture Effects 1-4 Consider the situation in which
the interference is caused by one signal, whose frequency and intensity are such that it
could not be attenuated sufficiently by the IF filter. Let the desired signal at the output of
the IF amplifier be represented by

and let the interference be

Thus, the resultant of signal and interference at the IF amplifier output is
(1)
The instantaneous phase of this resultant can be expressed in two equivalent ways. First,
if Es > V(t) for all t, it is analytically convenient to express the instantaneous phase of
eif(t) as
(2)

in which the instantaneous phase of the signal is taken as the reference, and the inversetangent term represents the phase disturbance caused by the interference. If, however,
V(t) > Es for all t, then it is more convenient to express the instantaneous phase of eif(t)
as
(3)

in which the instantaneous phase of the interference is taken as the reference, and the
inverse-tangent term represents the phase perturbation caused by the presence of the
signal.
Two extreme situations are of special interest. In the first, Es >>V(t) and the
instantaneous phase of eif(t) is closely approximated by
(4)
In the second situation, V(t) >> Es and the instantaneous phase of eif(t) is closely
approximated by

(5)
From Eq. (4) it is clear that when the signal is much stronger than the interference, the
effect of the interference is to add an instantaneous phase perturbation having a peak
value equal to a small fraction of a radian. At the output of the (assumed conventional)
carrier demodulator, prior to any subchannel filtering, a voltage will be present that is
proportional to

If *Ts - Tn * falls well outside the nominal passband of a post-demodulator low-pass or
subchannel filter, the disturbance term in Eq. (6) will be negligible in the response of
such a filter. However, if *Ts - Tn *falls within the nominal passband of the postdemodulator filter, the filter output will contain disturbance components that may not be
negligible.
In a similar fashion, Eq. (5) shows that when the interference is much stronger than the
signal, the output of the conventional FM demodulator is directly proportional to the
instantaneous frequency fluctuations of the interference, plus the terms

may be extracted from Eq. (7). Other nonlinear distortion products of the signal are
present in Eq. (7). The level at which components from Eq. (7) will appear in the output

of a particular subchannel filter will, of course, depend upon the location of these
components in frequency relative to the passband of the filter.
Thus, when a conventional FM receiver is excited by the sum of two sinusoids, the
output, after appropriate baseband filtering, will vary with time essentially in accordance
with the frequency modulation of the stronger of the two input signals.1 The effect of the
weaker signal, if at all perceivable in the output, amounts to a greatly reduced
disturbance on the, stronger signal modulation. The receiver capture performance is
often judged on the basis of a performance index called the “capture ratio.” The capture
ratio of an FM receiver whose demodulator is ideally modeled by a “conventional FM
demodulator”* (as contrasted with other types of demodulators) may be defined as the
highest value of weaker-to-stronger signal amplitude ratio for which the FM
demodulator output is essentially dependent (on the average) only upon the frequency
modulation of the stronger of the two input signals. Stated differently, the capture ratio is
a measure of how closely the weaker signal could approach the stronger one in amplitude
and, still remain suppressible - it is a measure of the smallest amplitude difference that a
given FM demodulator is able to resolve in suppressing the weaker signal under the
prescribed interference conditions.
Accordingly, for values of V(t)/Es that fall in the range
1/10 <V(t)/Es # 10
the output of the conventional FM demodulator will be expressible by
(2) if *V(t)/Es * < capture ratio of the demodulator
(3) if *Es /V(t) * < capture ratio of the demodulator
and by the sum of reduced forms of signal and interference modulations plus severe
capture transition distortion and interaction terms of both signal and interference
modulations, in the remaining range of V(t)/Es values on both sides of unity.
Recent developments in interference suppression techniques have resulted from an
emphasis on predetection (as opposed to postdetection) suppression of signals that
cannot be eliminated by conventional IF filtering. The amplitude limiter, among a few
other nonlinear devices, has been found to be an extremely effective tool for this
purpose. We shall review briefly th e basis for the amplitude-limiter techniques.

*

By definition, a conventional FM demodulator is an amplitude-insensitive device whose output
is directly proportional to the instantaneous frequency of the resultant excitation (sum of all
signals and disturbances present) at its input.

(9)

For simplicity, we consider two carriers with amplitudes Es and aEs a < 1, and
frequencies lingering momentarily near p and p + r rad/sec, r << p. Thus, the signals are
assumed to be unmodulated in amplitude and frequency, or, at worst, to have
modulations that are so slow relative to the frequency difference r that the signal
frequencies or amplitudes are not appreciably changed during several cycles of the
variations that recur at the beat frequency. From Eq. (6) we observe that the severity of
the interference increases as the frequency difference r is increased and is greatest,
therefore, when r assumes values that exceed the highest frequency of importance in the
message -spectrum.
The resultant signal at the output of the IF amplifier can be expressed as
(10)

The amplitude limiter is, by definition, a device that will operate upon e(t) of Eq. (10)
and deliver an output signal given by
(11)
where k is a constant, and

A Fourier analysis leads to
(12)
In the present discussion, the most important components in the spectrum of eR(t) are
those whose frequencies correspond to the frequencies of the two input sinusoids. The
amplitude of the spectral component that has the frequency of the stronger of the two
input signals is kAo (a). The component with amplitude kA-1 (a) has the frequency of the
weaker signal. The functions Ao(a) and A-1(a) can be approximated by

(13)
then, R(a) – 1/2 for all a < 1/2, and R(a) 6 1 only as a 6 1. This signifies that the
amplitude-limiting operation reduces the weaker-to-stronger signal amplitude ratio by a

factor R(a) that is essentially 1/2 for small a. This effect has been utilized in various
ways to achieve some very interesting results. Of principal importance are the techniques
of cascading narrowband limiters, of applying feedback or feedforward across the
limiters and dynamic (either variable or static) trapping.
It is instructive to examine the nature of the baseband disturbances caused by
interference. For this purpose, we consider interference from one extraneous signal and
interference in two-path reception. Interesting illustrative examples have been analyzed
by Corrington5,6. We shall consider here two specific illustrations: In the first, the signal
carrier is modulated by a single sine wave and the interference is a constant-amplitude
and constant-frequency sinusoid; in the second, the signal and interference both are of
constant amplitude and have single-tone frequency modulations. The important case in
which the interfering signal is a delayed replica of the desired signal arriving via a
secondary transmission path is analyzed in a companion paper. 7
Thus, consider first the case in which

Here, if the signal is the stronger of the two and a < (the capture ratio of the
demodulator), it tan be shown that the output of the conventional FM demodulator, prior
to baseband subchannel filtering, will be proportional to

(14)
This output shows components at frequencies derived from sums and differences of
harmonics of the desired modulation frequency Tm rad/sec, and of the difference,
r rad/sec, between the interference and signal-carrier frequencies.
Consider next the situation in which

Again, if a < (capture ratio of the demodulator), then corresponding to Eq. (14) we obtain

(15)
This output shows components derived from sums and differences of harmonic s of Tm,s,
Tm,n and r.
In either Eq. (14) or (15) a distortion component at Tm,s rad/sec will always be present if
Ts -Tn = r = 0. However, if r … 0, such a component will be present only if Tm,s, Tm,n and r
are such that a set of the allowable integers in the sums exists for which

The treatment of interference from wide-pulsed RF signals follows the discussion at the
beginning of this section with a proper interpretation of V(t). Therefore, no further
discussion is necessary here beyond the observation that attack and trailing transient
effects will also be present in the baseband corresponding to the leading and trailing
edges of V(t).
3.0 Significance of Capture in Telemetry Aerospace telemetry channels are subject
to interference from extraneous signals and from multipath. Extraneous signals may be
encountered as a result of spectral crowding, nonlinear effects in receiver front ends,
deficient design of mixers and other frequency-translation circuits, or deliberate
jamming. Multipath transmission may be expected particularly at low receiving antenna
elevation angles, and in air-to-air links wherein telemetry signals are received by aircraft
at altitudes of more than a few hundred feet.
The practical significance of simple, practicable methods for improving or reversing
capture in telemetry reception rests upon the following observations:
Improvements in the stronger-signal capture ability of the receiver result in a narrowing
of the capture transition range, or the range of values of the amplitude difference
between two competing signals in which the receiver is unable to deliver the message of
either signal without harmful disturbance from the other. Thus, under conditions of twopath interference, information can be retrieved which would otherwise be indiscernible
or lost in a receiver of lower capture ratio.

The ability to receive a desired signal even in the presence of a much stronger cochannel or neighboring-channel interference has interesting implications in efficient
utilization of assigned frequency channels both at the RF and the subcarrier levels.
Furthermore, an FM receiver can be constructed with two outputs to provide the
simultaneous recording of the .modulations on each of two signals that are passed
simultaneously by the IF amplifier. This can be taken advantage of for minimizing loss
of data in telemetering under multipath conditions, particularly when frequent capture
transitions from one path to another are encountered. A continuous record of the data
from each path can thus be obtained by matching directly the records from the two
outputs and exchanging between these two output records those sections of the recorded
data that were switched from one output to the other by a capture transition. Such
switched sections can be identified because they start and end with bursts of capture
transition distortion, and the time reference or base for the data from one path will differ
from that for the data from the other. Moreover, almost all of the data lost on each of
these two records because of the bursts of capture transition distortion can be regained
by taking advantage of the difference in time references of the two paths: the bursts of
capture transition distortion will usually mask a segment on one of the records that has
already been reproduced (or is about to be reproduced) on the other record. Note that in
the case of a jammed telemetering system, the availability of recordings from two
receiver outputs, as just described, is presently the only practicable way of reconstructing
the telemetered information.
4.0 Capture Ratio: Concept and Measurement The concept of capture ratio
originally evolved in the context of the stronger-signal capture capability of a
conventional FM demodulator, and can, with appropriate modification, be extended to
the capture of the weaker of two signals. Considerable interest and uncertainty have for
some time surrounded this concept. Underlying the strong interest has been the fact that
capture ratio is a single number that should on theoretical grounds be sufficient for
characterizing the stronger-signal capture performance of a receiver. Underlying the
uncertainty has been the fact that it is not sufficiently clear what the basic concept means
and how it should be measured in the laboratory.
At the heart of the problem of what constitutes “capture ratio” in the laboratory lies the
fact that (because of unavoidable ripple and dependencies upon instantaneous excitation
levels in the IF filter characteristics, and because of imperfection in the demodulator
circuit performance) the transition in capture from one signal to the other is a gradual
function of the ratio of signal amplitudes. The problem is also complicated by the fact
that the value of the input amplitude ratio at which the desired signal message fidelity
criterion is no longer met depends upon the average difference between the
instantaneous frequencies of the two input FM signals and upon the per cent-of-time
distribution of the instantaneous frequency difference. These characteristics of the
instantaneous frequency difference depend, of course, upon the individual modulations

of the input signals as well as upon the difference between the unmodulated carrier
frequencies. Further complications are added by the fact that different amounts of
capture degradation can be tolerated in different circumstances and with different types
of baseband messages. Finally, the “capture ratio” concept is too restrictively centered
around the capability of capturing the stronger of two signals.
We shall find, later on, that for a complete characterization of the capture performance of
a given FM receiver it is necessary to devise a general presentation of performance in
which a meaningful and objective measurable index of the quality of the recovery of the
desired baseband message is plotted as a function of the amplitude ratio of the input
signals. A suitable parameter to bring out the dependence of the performance upon the
average value of the instantaneous frequency difference would be the frequency
separation between the input signal carriers. Standardization of the measurements would
be greatly simplified if sinusoidal modulations of distinct frequencies were used. The
index of quality of reception could then be chosen to consist of two components
presented simultaneously: - a measure of the power of the desired component in the
output and the same measure of the power in the total attendant distortion components.
Plots should be included for the weaker as well as the stronger-signal capture modes of
the receiver.
In the balance of this section we shall concentrate on the problem of characterizing the
stronger-signal capture performance of an FM receiver in terms of one number only (that
may be called the capture ratio of the receiver). W-e-shall start with the determination of
such a number first from no more than two measurements. We shall also show how
capture ratio can be defined on the basis of a much more informative and complete
presentation of performance indicated above.
ñ
The measurement of a single number to characterize the stronger siganl capture threshold
of an FM receiver presupposes, of course, that the criterion of capture used in the
experiments conforms to what the theory of capture assumes and demands within
acceptable tolerances. Theoretically, the stronger of two carriers is considered to have
captured the output of the receiver if the average (over one cycle of the frequency
difference between the two carriers) of the detected voltage appearing across the output
terminals of the discriminator is equal to the voltage level dictated by the frequency of
the stronger signal. When the two signals are farthest apart in frequency within a flat IF
passband with sharp cutoffs, the condition of capture of the stronger carrier will be
maintained for all values of the weaker-to-stronger carrier amplitude ratio, from zero up
to and including the value nominally quoted as the value of the capture ratio. If we
denote the value of the capture ratio D , and the ratio of weaker-to-stronger signal
amplitude a, then capture of the stronger signal will be maintained under the most
adverse condition (i.e., frequency difference equal to the IF bandwidth) of the co-channel

interference for all 0 # a #D . Stated in other words, if the amplitude of the stronger
signal is denoted Es, the limiting condition of co-channel stronger-signal capture will
prevail when the value of the frequency difference, r, is one (BW)if and the amplitude of
the weaker signal is given by D Es. If we now let a increase beyond D , the reception
deteriorates because the average value oi the detected voltage at the discriminator output
is no longer dictated solely by the frequency of the stronger signal. Therefore, in a
practical measurement, we may consider the capture condition to be the marginal
condition for which a = D, if as a is increased slightly beyond D, a noticeable
deterioration is observed in the reception (as monitored on a sufficiently sensitive and
appropriate measuring instrument). If a is varied by varying the amplitude of the weaker
signal, then a measurement of this amplitude at its limiting value of E1 = D Es may be
taken for later reference.
Suppose, next, that after measuring the value E1, the amplitude of the weaker signal, aEs,
is increased beyond both E1 and Es, making a greater than unity by a sufficient amount so
that this signal (which is now the stronger) captures the receiver output. Another limiting
condition of capture therefore prevails when the amplitude of the originally weaker
signal becomes greater than Es and is given by E2 = Es /D because, by hypothesis, the
capture ratio of the receiver is D . If this second limiting capture condition is also
considered to be defined by the threshold of observable deterioration, then a
measurement of E2 is in order. The capture ratio of the receiver may now be computed
from the readings E1 and E2 taken on
the same RF attenuator dial, since

The critical decisions in the above approach concern the question of when to take the
readings E1 and E2. These decisions are obviously subject to the details of the
measurement procedure, especially those pertaining to the character of the signals used
and the way in which the observations are mad. In a practical situation, the measurement
may be carried out by means of either of two sets of test signals. In the first set, two
unmodulated carriers are used with a frequency separation of one IF bandwidth; in the
second set, one unmodulated carrier is located above or below the center frequency of
the IF amplifier by (BW)if/2 and a second carrier is used with a slow sinusoidal
modulation that deviates its frequency ± (BW)if/2 about the center frequency of the IF
amplifier. With the first set of test signals, the most troublesome interference condition is
maintained at every instant throughout the measurements, and reasonable visual
indications of the condition of capture at the output of the discriminator (and before

baseband filtering) may be made by displaying the detected spike pattern on an
oscilloscope screen. The spikes will point upward or downward depending upon which
signal is captured. A good visual estimate of where either of the two limiting capture
conditions lies is possible from a study of the way in which these spikes are affected by
variations in a.
On the other hand, the second set of test signals, in which one of the two signals is
sinusoidally modulated and the other is unmodulated, offers other possibilities. This
choice of signals does meet the requirement stipulated in the definition of the capture
ratio concerning measurements under the most adverse interference condition. For, if the
modulation index of the sinusoidally modulated wave is sufficiently high, then in the
neighborhood of the peak swing away from the unmodulated signal, the condition of
most troublesome interference will be maintained for several cycles of the peak
frequency difference of one IF bandwidth between the two signals. Observations made
on the filtered output of the discriminator by means of an audio voltmeter offer a greater
degree of objectivity and consistency in deciding when to take the readings on the RF
attenuator dial. However, the audio voltmeter will be helpful only when the signal with
the sinusoidal modulation is captured. Therefore, only one of the two necessary readings
may be taken on the basis of the start of a change in a meter indication, namely, the
reading marking the limiting condition for the capture of the sinusoidally modulated
signal. For purposes of standardization, this reading may be taken when the level of the
observed output baseband tone drops a certain fraction of a db (e.g., 0.5 db). Denote this
reading E1, and let the audio voltmeter indication be Vm. When it comes to the second
reading E2, which corresponds to the limiting condition of capture of the unmodulated
signal, no clear-cut basis for decision is apparent. For under the present condition, any
sinusoidal modulation coming through constitutes disturbance. On the other hand, it does
not seem advisable to interchange modulation and lack of it between the two signals in
midstream because of the danger of introducing unpredictable departures from the
reliability which results from taking a ratio of two readings on the same attenuator dial
under identical operating conditions for the signal generator supplying the signal whose
amplitude is varied in the measurement. The question therefore becomes: How far below
Vm , in db, should one see the audio voltmeter indication dip before deeming it
appropriate to take the E2 reading on the radio-frequency attenuator dial of the signal
generator ?
A detailed study of this question has been made through a series of repeated
measurements using laboratory receivers with various degrees of sophistication of
design. Briefly, the technique involved making a series of repeated capture ratio
measurements, first using two unmodulated signals and deciding from visual observation
of the detected spike trains when to take readings, and second, using one sinusoidally
modulated signal and one unmodulated signal with criteria for the suppression of the
sinusoidal signal at the output ranging between 15 and 30 db and, in each case, closely

observing the behavior of the detected spike pattern under the conditions of the
measurements. The results indicated a striking consistency between results obtained by
the first method (which clearly purports to attach to the measured D its theoretical
significance) and results obtained by the second method using a criterion of 19 to 20 db
suppression of the sine wave at the output. We have observed that the behavior of the
spike patterns under conditions of the first type of measurement that correspond to a dip
of the output voltmeter indicator by more than 20 db below Vm , corresponds rather well
to their expected behavior when a is decreased below D. Under conditions corresponding
to a dip of less than 20 db, tell-tale distortion of the observed spike patterns has been
observed to set in. Thus, 20 db suppression of a detected sine wave modulation below its
capture level seems to correspond rather closely to the condition of proper turning over
of the spikes in the manner demanded by the theory for the establishment of the capture
of the unmodulated signal used in the measurement.
The preceding methods of measuring capture ratio, while they may be satisfactory for
some situations, in general, suffer from several drawbacks. In either method, the criteria
for taking the E1 and E2 readings leave much to the discretion of the individual
performing the measurements and have no apparent relationship to performance with any
specific class of messages. In the first method, a generally biased individual decides on
the basis of visual observation on an oscilloscope of somewhat ill-defined
characteristics, when a spike pattern is about to turn over. Moreover, the turning over of
the spike pattern as observed in the laboratory may bear no known or defined
relationship to the ultimate performance criterion, which may, for example, be in terms
of an error probability for certain special types of messages. In the second method, the
criteria for taking the E1 and E2 readings again are too arbitrary, and must in the final
analysis be based on a performance index that may bear no simple relationship to the
observed quantities. The thresholds defined by a dip of 1/2 db for E1 and 20 db for E2
cannot in general be considered to define the threshold of satisfactory capture in any
application.
In general, measurement of capture performance directly in terms of the performance
index (e.g., the probability of error) most suited to the desired application is an unwieldly
and often unfeasible operation. It is therefore desirable to perform the measurements in
terms of some standard and easily identifiable, separable and measurable modulation
waveforms (such as single tones). The measured characteristic of the desired modulation
should then be portrayed along with a corresponding measure of the attendant distortion,
both as functions of the signal amplitude ratio. The resulting quantities could then be
related, by means of a separate and independent computation or measurement, to error
probability or some other performance index that is appropriate to a specific application.
In this way, the receiver capture performance measurements can be standardized for all
possible applications. Only the interpretation of the results in specific circumstances

remains, and this is legitimately left to the discretion of the user, not the salesman or the
manufacturer. The user may then abstract the capture performance of the receiver by a
single number - the capture ratio - which he determines from the standard capture
performance curves on the basis of a criterion of capture threshold that is most suitable
to the specific intended application.
5.0 Measurement of General Capture Characteristics A complete description of
the capture performance oi an FM receiver from the viewpoint of a specified application
requires the presentation of either
a)

b)

a plot of the variation of a suitable measure of the desired baseband signal
component plus a plot of a correspondingly appropriate measure of the
disturbance introduced in the desired baseband by the interference, both as
functions of the interference ratio or
a plot of the ratio of the proper measures of baseband signal and disturbance
as a function of the input interference ratio.

The interference used in the test could be derived from an independent source or it could
represent a simulated secondary-path replica of the desired signal. We consider first
capture performance measurements with two independent FM signal generators, each
sinusoidally modulated with distinct tone frequencies as shown in Fig. 1. The frequency
deviation of the desired signal, presumably the stronger, as well as the (weaker)
interfering signal, are adjusted to correspond to 100% modulation of the RF carrier. The
carriers of the two signals are adjusted to be identical with both tuned to the precise
center frequency of the receiver (in particular, the discriminator). The requirements on
the carrier frequency adjustment of the two signals are dictated by the dependence of
capture performance .measurements upon the average difference between the
instantaneous frequencies of the two input FM signals and upon the percent-of-time
distribution of the instantaneous frequency difference. These characteristics of the
instantaneous frequency depend upon the difference between the nominal carriers of the
FM signals as well as the individual modulations of the input signals.
An important initial step in the capture performance test procedure is to decide on a
convenient input signal level. Two considerations enter into a choice of a signal level. It
should be recalled that the instantaneous amplitude of the resultant of two CW signals
varies from a minimum of Es(1-a) to a maximum of Es(1+a), where Es is the amplitude of
the stronger signal and a is the interference ratio (or ratio of weaker-to-stronger signal
amplitude). The maximum permissible value of Es is determined by the requirement that
a signal amplitude of 2Es (which will be encountered when a = 1) not drive the linear
receiver stages into saturation.

The second preliminary step is to equalize the carrier frequencies of the two input FM
signals and to center them in the receiver passband. This may be achieved with a
frequency counter or by centering one unmodulated signal generator carrier at the center
frequency of the discriminator and adjusting the frequency of the other unmodulated
signal generator for a zero beat as observed by the detected spike pattern in the output of
the discriminator. A sketch of a typical spike pattern is illustrated in Fig. 2. It is
important during the capture performance tests that the relative carrier frequency drift be
held to a small fraction of the lowpass bandwidth in the output of the discriminator. This
usually forces a requirement of no more than 1 kc relative drift between the FM signals
during the test.
In performing the capture tests, it is necessary to monitor accurately the level of both
signals at the receiver front end. The amplitude of one signal will be varied relative to
the other in incremental steps of 0.1 db in order to provide a detailed investigation of the
capture transition region. This region typically covers a range of relative signal levels of
3-10 db depending upon the particular receiver design. An initial equalization of
amplitude is therefore required with an accurately calibrated power meter or, more
precisely, by observing the spike pattern in the output of the discriminator during the
“zero beat” frequency equalization operation. The amplitude of one unmodulated carrier
input is adjusted so that the observed discriminator spike pattern reverses polarity. At the
setting of the relative amplitude for which this polarity reversal occurs the two
generators are equalized in amplitude. The frequency of the interfering generator is then
adjusted by “zero beating” the observed frequency spike pattern since it usually is
necessary to offset carrier frequencies slightly to facilitate detection of an abrupt polarity
reversal. After the amplitudes have been equalized, a step attenuator can be varied to
adjust the amplitudes of the FM signals to the desired interference ratio.
The capture performance measurements proceed after the two signal generators have
been calibrated in amplitude and frequency. Each generator is sinusoidally modulated by
a different audio frequency with equal frequency deviations corresponding to the
maximum deviation of the desired signal modulation. The output of the discriminator is
applied to two wave analyzers and two distortion analyzers. The observed strength of
each output tone corresponding to the sinusoidal stronger and weaker signal modulation
is plotted in per cent of its undisturbed would-be value in the absence of the signal
carrying the other tone. The total attendant distortion accompanying each tone is also
plotted against the corresponding values of the input signal amplitude ratio, a (marked on
a logarithmic horizontal scale). The so-called “total attendant distortion” includes the
tone of the other signal.
The capture curves obtained by this procedure should portray symmetry about the line
a = 1. Furthermore, the crossover point in the capture transition region should occur at
a = 1. Crossovers occurring for a different value of a indicate an error in equalizing the

signal generator levels in the preliminary calibration test. A misalignment in signal
generator frequency, however, will affect the width of the capture transition region and
the output distortion level.
Typical stronger-signal and weaker-signal capture characteristics (excluding the “total
attendant distortion” curves to avoid crowding) are shown in Fig. 3. A medium-quality
FM receiver, operating in the presence of co-channel interference, is likely to have the
capture characteristics marked A and A'. The plot of “total attendant distortion”
associated with A would rise to noticeable values as A begins to show a drop and would
continue to rise toward a saturation value given by the level of the pure tone of the
interfering signal as a is made considerably greater than unity. The amplitude ratio acap is
arbitrarily designated the capture ratio of the receiver and it is a function of the receiver
design as well as the type of interference (co-channel or otherwise) for which it is
measured, and the maximum tolerable level of disturbance in the intended application. If
a stronger-signal enhancement circuit (for example, one or more narrow-band limiters, or
a feedforward circuit, etc.) is switched into the signal path in the receiver, the A curves
are transformed into curves such as the B curves. The A and B curves, of course,
continue at the 100 per cent level outside the region shown, although they are stopped in
the figure below a = acap. The introduction of a weaker-signal capture circuit leads to
characteristics such as C and C'. The C and C' curves usually merge into curves such as
the A or B curves around a = 1.
It is clear from Fig. 3 that improvements in the stronger-signal capture ability of the
receiver result in a narrowing of the capture transition range (acap < a< 1/acap ), or the
range of values of the amplitude difference between two computing signals in which the
receiver is unable to deliver the message of either signal without harmful disturbance
from the other.
5.1 Two-Path Capture Tests for FDM/FM In FDM/FM telemetry reception, the
capture performance against a secondary-path replica of the desired signal is of special
interest. Thus, in place of an independent RF interfering signal, the capture test on the
FDM/ FM receiver is conducted using an interfering signal which is an attenuated and
delayed replica of the desired signal. Both the amplitude ratio and delay difference
between the two replicas of the desired signal become capture test parameters. The test is
simplified by considering only the largest expected delay difference, Jd, since for values
of Jd up to a few tens of microseconds, the baseband disturbances rise monotonically
with Jd.
In order to characterize capture performance in the manner most immediately applicable
to the needs of the telemetry user it is necessary to choose baseband test signals that are
representative of telemetry subchannel signals. For slowly varying data channels,

unmodulated subcarriers closely approximate the actual modulated subcarriers. For the
more rapidly varying data channels, such as vibration data, particularly where SSB is
used, the subchannels, bands of noise in the test subchannels, may provide a more
appropriate model.
The detected baseband signal appearing in the output of the demodulator must also be
evaluated in a manner which conclusively demonstrates telemetry system performance.
In particular, capture transition distortion accompanying the detected baseband signal
must be measured and characterized by methods which best demonstrate the overall
effect upon baseband detection of the multichannel telemetry signal. In FDM/FM
systems, baseband intermodulation distortion is the principal index of performance.
A typical setup for performing capture tests on an FDM/FM telemetry receiver is
illustrated in Fig. 4. The desired FDM/FM telemetry signal is derived from a telemetry
transmitter which matches the characteristics of the receiver under test. The choice of a
baseband test signal used in the transmitter and the method of evaluation will be
discussed in greater detail later on. The output of the transmitter is adjusted for some
convenient power level, say one watt. The simulated multipath interference signal is
derived by passing the RF signal through two separate channels between the transmitter
and the receiver. One channel, identified as the desired signal, is essentially a direct path.
The other channel, identified as the secondary-path signal channel, contains both a
variable attenuator and a variable delay line. A fixed delay line is also incorporated in
the direct channel to facilitate delay control if it is desirable to study the effects of
relative delay between the two channels for both small and large values of delay. It is
important in all of these connections that cable lengths be short and that properly
matched transmission line connections and terminations be provided in order to ensure
that reflections are kept to a negligible level. In splitting the signal into two mutually
independent channels, hybrid junctions (or hybrid wave-guide rings) are used both to
achieve a signal split and to recombine the two signal paths.
The variable phase shifter must have a linear phase shift versus frequency characteristic.
Typical of such a device is a calibrated coaxial line stretcher. Used as a delay line in this
manner, these transmission line devices cover a wide range of operating frequencies
from VHF well into S-band. For precise delay measurements, however, it is necessary to
have an accurate indication of line length.
The difference signal is monitored in the output of the hybrid junction. The signal levels
are first equalized by adjusting the attenuation in one of the signal paths for a null as
indicated by the power meter. The variable attenuator in the “multipath” channel is then
adjusted to achieve the desired relative signal amplitude. Because of identical carrier
frequencies, it is permissible to adjust the amplitudes at the input to the receiver in this
manner without being concerned about ripple in the receiver filters which upsets

accurate amplitude calibration between the two signals. It should be recalled that an
accurate amplitude balance of the signals prior to demodulation was an essential
operation in the previous capture tests on the FM demodulator. Balancing in the output
of the hybrid junction is sufficient for the multipath capture tests described here.
The important sources of baseband disturbance in FDM/FM telemetry systems can be
classified into three groups:
a)
b)
c)

additive noise at the receiver input,
intermodulation distortion noise, and
interchannel crosstalk.

In the capture tests, the signal levels must be adjusted so that the input signal strength is
well above the random-noise threshold of the receiver.
Intermodulation distortion noise is caused by nonlinearities in the system. By
nonlinearity we mean here any operation which creates spectral components in the
output that were absent at the input. The following sources of intermodulation
(distortion) noise may occur in an FM system:
a)
b)
c)
d)
e)
f)
g)

amplitude nonlinearities in baseband and multiplex circuits,
FM modulator nonlinearity,
RF and IF filtering at the receiver or transmitter,
antenna feeder mismatch at the transmitter or receiver,
multipath and scatter effects in the propagation medium (e.g., frequency
selective fading),
FM demodulator nonlinearity, and
FM demodulator operation below its noise threshold.

The intermodulation noise in a subchannel is verymuch dependent (in a complicated
way) on the signals in all the other subchannels and will essentially vanish if all other
subchannels are empty.
Interchannel crosstalk is not caused by nonlinear effects, but by insufficient channel
filtering in the multiplexer and demultiplexer circuits. It consists mainly of components
from the two adjacent subchannels whichare not sufficiently attenuated by the filter of
the observed subchannel. Thus, as with intermodulation noise, the interchannel crosstalk
is absent when all subchannels are empty. The interchannel crosstalk is easily separated
from intermodulation noise by placing the multiplexer back to back with the
demultiplexer and only loading the two subchannels adjacent to the observed
subchannel. Under that condition the intermodulation noise is negligible. By using

sufficiently sharp subchannel filters it is possible to reduce the interchannel crosstalk to a
negligible level.
A conclusive measurement of residual intermodulation noise in an FDM/FM system may
be made by connecting the output of the transmitter via an attenuator to the input of the
receiver. This measurement does not take into account the distortion caused by the
antenna feeders or the propagation medium. All but one of the subchannels are then fed
with appropriate signals and the output power of the empty channel is measured. Since
the output from the empty channel is due only to intermodulation (assuming interchannel
crosstalk absent), one can compute an intermodulation noiseto-signal power ratio (I/S
ratio) for the particular subchannel by dividing by the signal power which is measured
when the particular subchannel is fully loaded. From the measurements of the I/S ratio
for each subchannel a curve can be produced showing the I/S ratio versus the baseband
frequency of the frequency multiplexed subchannels.
A simple measurement of intermodulation noise can bemade with the baseband signal at
the input to the FM modulator simulated by a gaussian noise source covering the entire
telemetry baseband bandwidth. It can be shown that a complex multichannel (FDM)
baseband signal has statistical properties that are nearly gaussian. Thus, it is meaningful
to simulate the resultant baseband signal in an FDM/FM system by a gaussian noise
signal. However, when this so-called noise loading technique is used, it is necessary to
shape the power density spectrum of the applied noise signal with a filter so that the
resulting signal has approximately the same power density spectrum as the actual
baseband signal. The same is true in the noise loading capture tests.
In measuring the intermodulation noise at the demodulator, an “empty channel” is
simulated in the input spectrum by disconnecting the particular channel under test from
the noise source. The power measured in the corresponding subchannel in the output of
the demodulator constitutes the intermodulation noise power. The signal power in the
test subchannel output filter can be measured by connecting only that subchannel to the
noise source. If this measurement is performed for different baseband frequencies, a
curve of I/S ratio versus baseband frequency can be constructed.
After the residual baseband distortion products have been measured, the capture test may
proceed. The test baseband signal may be chosen to be a number of tones corresponding
to slowly modulated subcarriers at various frequency positions within assigned channel
frequency spaces. If one such tone if used, then the level of one of its harmonics in the
output may be taken as a measure of the capture transition distortion as the amplitude
ratio of the simulated paths assumes values near unity. More than two tones would allow
intermodulation products to be used as measures of capture transition distortion.

For some applications, noise loading of a number of assigned channels is a more
appropriate test signal. By properly shaping the noise spectral density, the baseband test
signal would approximate very closely a typical wideband-data telemetry multiplex input
signal. The level of this baseband test signal may be adjusted to produce the same rms
deviation of the FM carrier as produced by the telemetry signal. This baseband noise
signal is applied to all but one of the multiplexer input circuits and intermodulation noise
power is measured in the output of the vacant channel in the demultiplexer following the
FM demodulator. Measurements of output intermodulation distortion are plotted as a
function of the multipath interference ratio a, the differential delay, Jd, and the baseband
center frequency of the test subchannel. Since the main interest is in characterization of
capture performance, it is sufficient to measure intermodulation distortion in only one
telemetry channel as a function of the amplitude interference ratio a and the simulated
multipath differential delay, Jd. It is usually sufficient to characterize the capture
performance for only one setting of the multipath delay factor, choosing a delay which
represents a worst case condition with regard to the level of intermodulation distortion.
In another form of the test, a noise signal is applied to one particular test subchannel.
The frequency deviation of the RF carrier would be adjusted to the deviation normally
allowed for the particular subcarrier signal. Noise power in the output of the subchannel
filters at the demultiplexer would be measured as a function of the interference ratio a.
Power in the frequency range from zero to twice the test subchannel bandwidth could
also be used as a measure of capture intermodulation distortion. This follows from the
fact that the spectral effects of nonlinear processing of the test subchannel can be
accounted for by convolutions of the assumed test channel spectral density with itself,
which produces low frequency components that can be used as a measure of capture
performance.
The “capture ratio” of the telemetry receiver may be determined from the curves once a
tolerable level of distortion has been established from system user requirements or,
equivalently, when the amplitude of the desired signal dips to some critical lower level.
The value of a for which this occurs can then be identified as the capture ratio. However,
it should be emphasized that such a performance index is subject to several
qualifications:
a)
b)
c)

specification must be made for a given delay differential;
specification must be made with regard to a particular performance criterion
such as tolerable level of distortion as determined by user requirements; and
specification must be made in terms of standard tests with reference to the
same multiplex subchannel.
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Fig. 1 -Equipment Setup for Standardized Measurement of Capture Performance.

Fig. 2-FM Disturbance Pattern Caused by Two-Carrier Interference,
Plotted for a = 0.8 and a= 1/0.8.
p = frequency of stronger signal.
p + r = frequency of weaker signal.

Fig. 3-Typical Capture Characteristics for an FM Receiver.
A and A' Describe Likely Stronger-Signal Capture Performance.
B and B' Describe Performance of Same Receiver with a StrongerSignal-Capture-Improvement Operation Added to its Circuit.
C and C' Result from Addition of a Weaker-Signal Capture Device.

Fig. 4-Block Diagram of Multipath Capture Test on FDM/FM Telemetry Receiver.

FRENQENCY SPECTRUM OF A FMjFM SIGNAL

By J.

C. HOLT

Summary. -Several authors have atte口lpted to derive a mathematica!
model that will describe the frequency s ectrum of a FM/FM signa1.1•2
However， to this author I s k.nowledge， none of the mathematical models
that have been published is valid when the carrier is modulated by more
than one subcarrier.
this paper an expression for a FM/FM signal
is derived that is valid when
specifications are applied. Then this
expression is 口lanipulated into a for口1 that wiU yield the frequency spec
trum when the carrier is modulated by any number of subcarriers. Then
an illustration of a two sub carrier frequency spectru口1 is presented.

p

In IRIG

Introduction!_ -FM/FM modulation systems with large numbers of
subcarriers are used extensively today in the field of telemetry. In the
design of these systems it is sometimes necessary to determine the
amplitude and frequency of significant sidebands in order to predict
bandwidth， calculate distortion， or otherwise measure and assess the
i口lportance of the products of modulation. The calculation of these side
bands does not follow the simple rules of linear superposition.
this paper an expression for a FM/FM signal， subjected to certain
restrictions， is derived and manipulated into a form that will yield the
amplitude and phase of the individual frequency components of the signal.
Then an illustration of a two subcarrier frequency spectru口1 is presented
and discussed. This mathematical model is useful since it provides a
basis for a realistic and revealing description of frequency modulation.
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Mathematical Analysis� -The general expression for a frequency
modulated wave is:

carr ier voltage
carrier frequency
proportionality constant
modulating signa�

Since the purpose of this paper is to discuss a FM/FM signal， we
shall let 1(1) be an ensemble of sinusoidal subcarriers， i. e. ，
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A diagram of such a system is shown in Figure 1.
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In the following paragraphs we shall proceed to integrate 1(1) in
order to obtain an expression for the 口lodulating signa1. We shall let:
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or the modu1ating signa1
and thus we have our expression for J (1)
which can be submitted into expression (1) to obtain the expres sion for
wave， i. e. ，
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This simp1y means that we have a sine wave m odu1ated by
waves which are in turneach modulated bya sine wave. In otherwords，
we have a doub1e FM signal. Now in order to obtain the frequency spec
trum we must manipu1a，te expression (2) in such a manner that the re
sult will be of the form:
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Now since the Bessel functions口lay be viewed as a訂單litude fac

tors and since the argument of the sine function is expressed as a

linear combination of angular frequencies， our expression is in the

form necessary to yield the frequency spectrum.

An Illustration!. -Now that the desired expression has been derived，

an illustration of the manner in which this expression may be used

shall be presented.

As an example let us consider a

with two subcarriers.
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The following chart illustrates how these and other sidebands could

be formed.
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Now all that need be done in order to form a sideband is have some
method of approximating the Besse1 functions. These functions could
be approximated by summing the series:
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For a given argument， these ser ies need be evaluated for only two
orders since the recursive relationship，
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can be used to obtain the Bessel functions for higher orders.
R eferences

�� !:

1.

�
? in， Paul B.， "A Note on the Frequency Distribution of an
F心1/FM Signal， " 1RE Trans TRC-�， May
pages 13-16

2.

shepele v， Yu. v.， HFrequency spectrum of A DOLlble Frequency
Modulation (FM/FM) Signal， 11 T elecommunications and Radio
Engineering! January 1964， pages 61-67

1957，

3， McLachlin， N. W.， Besse1 Functions for En民ineer s

MATCHED-FILTER SYSTEMS IN RISING NOISE SPECTRUMS

By P. HALPERN

口lO

Sum口lary. -It is com n knowledge that the matched filters for sig
nals in white noise have impulse responses whose time duration is exactly as long as that of the input signal. Nothing can be gained by extend
ing the response of the matched filters to longer than one bit unless (l)
the signal source is coded， or {2} the noise spectrum is rising or at least
is other than white-Gaussian-ergodic.
This paper discusses means of improving bit error rates without cod
ing the source.
There are essentially two ways of extending the integration time of
the matched filters， each of which offers an improvement in signal-to
noise ratio. The first way is to extend the response directly to more
than one bit but constrain the filter to give zero or some small pre﹒
assigned intersymbol crosstalk. The second way is to build matched
filters for multiple bits. Both techniques can be used simultaneously;
i. e.， matched filters can be constructed for bit patterns， and the re
sponses can be extended to longer than the baud to which the filters are
matched. Once again this extension is done under the constraint of zero
or little crosstalk.
In this paper， the matched filters for several examples are expanded
in a rapidly converging series， each term of which is identifiable with a
known network. For the cases where the shape of the noise is not known
analytically， an experimental technique is given for determinin suffi
cient statistics of the noise so that the optimum matched filters can be
designed.

g

Z

Matched Filters in fL.. Noise.-The impulse response of the filter can
be expanded in a co口lpactly carried Fourier series.
k t
= 品L、 Ak sin τ「
when叩門
and = when <t <∞or t<O.
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If h{t) can be expanded in the above series， then the "weighting
function， " w{t)， or time-reversed impulse response， can be expanded
in a similar series.
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= 平 Ak
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The synthesis of networks for such finite-duration sine pulses is
fairly well known; however， since it is such an integral part of the
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matched-filter design， we shall describe it in the appendix.
The input signal can be expanded in a similar series.
As our reference case we will use the matched filter in f'- noise for
PCM signals where the impulse response of the matched filter is of the
same time duration， T， as the PCM pulse.
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Here we have used Plancer心theorem
(t) dt
H (jω)
and the fact that multiplication by jωcorresp ónds to differentt'ation in
ti口1e. This noise energy， because of the orthogonality of the Fourier
ser1es， lS:
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Maximizing peak signal under the constraint of holding noise constant
corresponds to maximizing
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where
is any positive constant of prσportionality.
Examining the peak signal to rms noise for the matched case:
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which converges much faster than the Fourier series from the signal. If
the Fourier approximation to the matched filter is truncated， the S/N ra
tio is truncated at the same ter口1.
For a unit-amplitude square pulse，
S/N
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的一
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I
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From the form of equation (8)， one can see that any matched filter
system which allows one to use a lower harmonic or lower frequencies
would help the S/N ratio considerably.

Consider the matched filter with a response which lasts for three
bits: The decision will be delayed one b仗， and the impulse response of
the filter will be constrained to give zero crosstalk from both of the ex
traneous bits. A sketch of such a response is shown in Figure 1.
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Crosstalk from the first and third bits is:
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where S(t)， S I (t)， and S3(t) are the input signals occurring during the mid
dle bit， the first， and the third bit， respectively.
For the case where S(t) is symmetrical， we have X1 = X3
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One can compute the resulting S/N:
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Ií S(t) is square， this corresponds to about aιdb improvement over
the S/N oí our reíerence case.
As another example， consider the case oí a double bit decision sys
tem.
First recall that the matched íilter íor distìnguishing between any
two signals is the diííerence oí the matched íilters íor each separately.
The same must be used in equatìons (7) and (19).
This íact implies thaf in any multip1e-decision system a matched íil
ter can be constructed íor each signal separately， and the output which
is largest is the most likely signal to have been transmitted.
For the doub1e bit decision we have íour possible signals
k 'IT t
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where (1 1) is +S(t)
(0 0) is -S，1 t(1 0)
and (0 1) is -S_，(t)
The matche司 íiltersare constructed according to equation (7) and
yield about 3 db improvement over the reíerence.
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To compute the resulting bit error rates， note that the cost of calling
(1 1) a (1 0) is less than the cost of calling (1 1 ) a (0 0); similarly， cal卜
ing (1 0) a (0 1 ) costs two bits of error. Note a1so that every decision
processes two bits.
Assuming that each message is equally likely to be transmitted and
that the confusions are mutually exclusive， and taking into account the
sy口1口1etry， we have:
Pe = Bit E…Rate = 1/2 [2P(SI/已) + P(-S/SI) + P(-S2/也)J (24)
where P(Sa/Sb) = the probability of deciding Sa was sent given Sb actu了
ally was sent. This is symmetrical for the matched case; i. e.， P(Sa/
Sb) P(S h /S ;.:)﹒
The a50ve system gives slightly better than a 3-db improvement for
all reasonable S/N ratio at the input.
But we can improve on this system by extending the matched filter
responses to include a bit on each side of the doub1e bit baud and again
constraining the matched filters to have zero responses from the addi
tional bits.
These filters are also designed by solving the simp1e calculus of
variations prob1em: maximize the peak signal under the constraints
of zero or small crossta1k and fixed noise energy.
This corresponds to maximizing the quantity J
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This yields the same type of formula as equation (19) except note the
filter matched to the (1 0) signal contains harmonics 2， 6， 10...， only，
可且也也己
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If S(t) is square and the crosstalk is held to zero we obtain an im 
provement in signal-to-noise as compared to our reference case as
shown in the vector diagra口1.
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This again is about a 5-db or slightly better improvement over the

2

reference case and

db bettcr than the simplc double-bit decisions.

In

the above exa口1ples the different signals were orthogonal; this， however，
is not a necessary condition.
Similar syste口lS can be worked out for more than two-bit decisions
for filtered
other than f

If

_PCM，
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for split phase， and for

noise backgrounds.

RZ

signals，

and finally for

we anticipate expanding our matched filters in the same Fourier

series，

we can handle a variety of noise backgrounds and signals.

First the noise energy at the output of each harmonic filter can be
measured ( e ach harmonic is the output of n-port network， see appendix)，
_
Note
and a cost n which is weighted by its coefficient can be assigned.

k

that the noise outputs of these harmonics are independent random variables for noise inputs which are not pathological.
tion of the signal can be measured，

Secondly，

the projec

as well as the crosstalk.

The re

sulting calculus of variations problem is easily formulated
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We obtain the design equation
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as before by multiplying by Xk and summing over k
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Conclusions.-We have shownhow to im o ve bit rro
ety of PC M
in the prese ce of nonwhite noise. The techniques
imply slightly more complicated detection schemes than are n o m all
encountered， but resutt in a superior system. We have also shown how
the pertinent filters can be built using a pair
passive networks and
summing amplifiers.
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Appendix. -The impulse responses of our matched filters were all
behooves us to describe methods
expanded in a
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methods are described in Guillemin's book， "Synthesis of Passive Net
works， " John Wiley
Sons， pp 708-726. We shall give here a method
of approximating even and odd half-period harmonics.
Note that the Laplace transform of an odd harmonic can be written:
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These both can be written in a form wh e e the network approximation
becomes ev ident
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Each can be synthesized within again consttaint and any degree of ac
curacy desired as a voltage transfer function with two networks as shown
below.
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The outputs of these networks can be summed to give any matched
filter.

RECEIVER NOISE FACTOR*
ERNEST G. HILDNER
National Bureau of Standards
Boulder, Colorado

Summary The Institute of Radio Engineers definition of receiver noise factor is
reviewed and adopted for this paper. The definition’s implications are explored. CWand dispersed-signal source measurement techniques are discussed and the mathematical
base for each method is displayed. The quantities which must be measured in each
method are pointed out with the respective advantages and disadvantages. It is concluded
that the dispersed-signal source measurement technique is simpler than the CW-signal
source techniques considered in this paper.
Introduction
Definition of Receiver Noise Factor In order to assess the performance of receiving
system components, the engineer needs some figures of merit for each. For the receiver
itself, the noise factor is often taken as an appropriate figure of merit. It will be pointed
out that the noise factor is not always appropriate to completely assess the performance
of a receiver which is only one component of a larger receiving system.
The noise factor referred to in this paper will be the average noise factor as defined by
the IRE [ 1962]:
The average noise factor is defined as the ratio of 1) the total noise power
delivered into the output termination by the transducer when the noise
temperature of the input termination is standard (290EK) at all frequencies,
to 2) that portion of 1) engendered by the input termination.
Note that for a receiver whose output power is a linear function of the input power, the
IRE-defined noise factor corresponds to the more familiar definition - input signal-tonoise power ratio divided by output signal-to-noise power ratio - if the input signal is at
the frequency of maximum response and the input noise is due to an input termination
temperature of 290EK. It should also be noted that the definition of noise factor specifies
the power delivered by the receiver to its load, necessitating that receiver gain be defined
as the ratio of signal power delivered by the receiver at a given frequency due to the
*

This work is sponsored by the U. S. Navy, Bureau of Naval Weapons, Contract 19-63-8008.

available input signal power at the corresponding input frequency. Thus, the gain of the
receiver depends on the mismatches at the input and output. However, since the noise
factor is a ratio of delivered powers, the noise factor does not depend upon the output
impedance mismatch but does depend on the input mismatch. Therefore, the source
impedances should be given when a measured noise factor is quoted.
The noise factor definition, in itself, does not require receiver linearity. It is in the
measurement of noise factor that it becomes necessary to consider only linear receivers.
Output power levels or ratios for at least two different input conditions are required data
in all techniques for measuring noise factor; a linear relation between output power level
and input power level must be assumed to exist in order that the gain of the receiver may
be calculated or eliminated between the two or more equations describing the different
output level readings. Hence, receiver AGG (automatic gain control) must be nonexistent or must be disabled. In the latter case, the measured noise factor is no longer
applicable to the receiver when its AGG is made operative.
It is seen from the definition that F, the noise factor, is

(1)

where kTo is the noise power in watts cps available from an input termination at the
standard temperature (To =290EK, k=Boltzmann’s constant), G(f) is the gain at input
frequency f as defined above, and Ne is the noise power in watts/cps generated in the
receiver referred to the Input terminals.
The integrals in equation (1) and in the following discussion are to be taken only over
the principal response band of the receiver. The principal response band of the receiver is
a range of frequencies containing the frequency of maximum receiver gain and extending
toward higher and lower frequencies sufficiently that, at the limits of the band, the gains
are negligibile compared to the maximum gain, and no gain in the interior of the band is
lower than the gains at the limits. All of the integrals in this paper are then definite
integrals over this principal response band. Another convention adopted in the paper is
that symbols denote the numerical value, not the db value, of the indicated quantity. In
order to avoid the difficulties associated with multiple responses we consider that signal
power entering the receiver at a single frequency appears in the receiver output at a
single frequency. A conjugate match between measuring system components is not

assumed in this paper, so that the power transferred from one component to another is
made uncertain by mismatch power losses [Carlin, 1963 ].
In low noise systems it is sometimes easier to visualize receiver performance in terms of
an effective noise temperature Te , Te is defined as:
(2)

and must be independent of input power level to be meaningful for a practical system. It
is easy to see from equation (1) that [IRE, 1963 ]
(3)
There will be occasion to call on this equation later.
Limitations of Noise Factor In order to illustrate that noise factor alone is insufficient
to completely specify the performance of a receiver as one component of a receiving
system, consider two receivers, RI and RII. Suppose the noise factors of the two receivers
are equal, FI = FII, the receivers have ideal bandwidths (ideal in the sense that gain is
constant over a certain bandwidth and zero outside this bandwidth), and the maximum
receiver gains are equal. It is clear that if the bandwidth BII of RII is twice the bandwidth
BI of RI , then the output signal-to-noise ratio of RII will be just one-half the output
signal-to-noise ratio of RI if the input signal is entirely contained within the bandwidth
BI. If, on the other hand, the input signal occupies all of BII = 2BI with uniform power
density, then the output signal-to-noise ratio will be the same whether RI or RII is used.
However, in this case half of the available information is lost if RI is used in the
receiving system.
From considerations of the kind used in the examples above, it is apparent that the most
effective receiver for the receiving system is that one with a bandwidth just sufficient to
encompass the signal. If the receiver acceptance bandwidth is narrower than the signal
bandwidth, information is lost. If the receiver bandwidth is greater than the signal
bandwidth, then the output signal-to-noise ratio is lower than it could be made by
appropriate optimization of the two bandwidths. In the latter case, the receiver output
signal-to-noise ratio seen by the input of the component following the receiver may be
improved by adding, prior to any non-linear circuitry, a bandpass filter of bandwidth
equal to the signal bandwidth, or the same effect can be obtained if the acceptance band
of the following component is just equal to the output signal bandwidth.

As expressed by the IRE Standards Subcommittee 7. 9 on Noise [ IRE, 1962], “Thus the
pertinent attributes that should be measured and quoted by the designer of the receiver
are:
1)
2)
3)

The gain at each of the responses,
The bandwidth,
The effective input noise temperature [ Te].”

In addition, the source impedances used in determining Te should be quoted, as
mentioned above.
Measurement Techniques and Errors
CW Source Techniques In the CW method of measuring noise factor, the equipment
is set up as shown in figure 1. Notice that the power sensed by the power meter is tapped
off the receiver at the last point in the receiver where the power flowing through the
receiver is treated linearly. This point is in front of any limiters, demodulators, detectors,
etc. and will probably be behind the IF amplifier in a superheterodyne receiver.
In order to take into account the possibility that the equivalent noise temperature of the
receiver input termination is T1 … To , it is necessary to use the relation
(4)
to calculate noise factor.
Since the CW generator provides a monochromatic signal, it will be necessary to make a
number of spot measurements across the receiver bandpass and evaluate the denominator
of the first term of equation (4) by converting it to a sum. Some error is incurred in this
conversion, but in principle this error can be made as small as desired by taking n in
equation (5) sufficiently large. Equation (4) becomes
(5)

where (kT1 + Ne) is the effective noise density available at the receiver input at frequency
f, G(fj) is the gain relating the input signal power at frequency fj to the signal power
appearing at the corresponding output frequency , and )fj = fj+1 - fj , fj+1 > fj .

First CW Method In equation (5), k and To are known, but the other quantities must
be measured. T1 can be measured by thermometric means and )fj either by calibrating
the signal generator or by connecting a frequency counter to the generator output. It is
possible to evaluate the G(fj) by measuring the difference in output power for two known
levels of input power at frequencies fj , but this method requires that the quantity
(6)
i.e., the power delivered by the receiver with the signal generator connected but turned
off, be measured absolutely.
Second CW Method A more accurate way to evaluate the first term of equation (5) is
to let the power meter shown in figure I be composed of a precision attenuator followed
by a power level indicator. This allows for the precise and accurate determination of the
ratio of two receiver output power levels, limited by the accuracy of the attenuator and
the resettability of the level indicator.
If the signal generator has a known available power Pi at a single input frequency fj , then
the total power out of the receiver, Po(fj), is
(7)
So
(8)

and if Pi is a constant for all input frequencies,

(9)

If the attenuator in the power meter is used as a ratio indicator to find Aj , where
(10)
then equation (9) becomes
(11)

So F, from equation (5), is
(12)

The quantities to be measured in equation (12) are thermometric (T1), frequency counting
()fj ), attenuation at IF frequency (Aj), and only one absolute power measurement (Pi),
which can be accurately calibrated ahead of time. Thus this method is more accurate than
the one mentioned above which required absolute determination of a number of power
levels since attenuation can be measured more accurately than can absolute power levels.
Dispersed Source Technique Due primarily to the uncertainty in the absolute
measurement of the available power from the signal generator and the cumulative
uncertainty in the frequency and attenuation measurements, the accuracy of the CW
method can be improved upon by using a dispersed-signal-source technique for
measuring receiver noise factor. For a dispersed-signal-source measurement, the
equipment is arranged as shown in figure 2.
In order to utilize the Y -factor method [ Mumford, 1949 ] most accurately, let the power
meter shown in figure 2 consist of a calibrated precision attenuator followed by a powerlevel indicator as in the more accurate of the two CW methods of measurement
mentioned above.
If the receiver input is connected to the source at temperature T1, the noise power
delivered by the receiver is
(6)
Similarly, for a source temperature T2
(13)
Set
(14)

and call this ratio the Y-factor. The ratio Y is measured as the attenuation change
required to give the same indicated power level when first one power level (No, P2 ) and
then the other (P2 , No) is applied to the meter. Switching from the T1 source to the T2

source and vice versa is conveniently accomplished at frequencies above 400 MHz if the
T1 source is a suitably terminated unfired gas discharge noise tube. Then the source
temperature T2 is produced by maintaining a gas discharge in the tube. Using a discharge
tube as the signal source obviates the necessity to make or break transmission line
connections, but for most tubes there are mismatch conditions in either the fired or
unfired state or both.
The noise factor can be calculated from the measured Y-factor and a knowledge of the
temperatures of the sources by the relation [ Mumford,
1949; IRE, 1962]
(15)
In the following, it will be assumed that the dispersed signal sources at temperatures T1
and T2 are produced by a single gas discharge tube, unfired and fired, respectively. A gas
discharge tube allows a large separation of T1 and T2 and the unfired temperature of the
tube can be measured thermometrically. The lack of calibration services available from
NBS for gas discharge noise tubes of frequencies other than those in the 8.2-12.4 GHz
band is regrettable. Lack of calibration means that the fired temperature, T2 , of noise
tubes is highly uncertain, in fact, uncertain by many hundreds of degrees. For instances,
see the paper by Mukaihata, Walsh, Bottjer, and Roberts [ 1962].
Despite the difficulties in knowing T2, the Y-factor method is still more accurate than the
two CW methods considered above.
Determination of Bandwidth As was pointed out above, the bandwidth of a receiver
must be known to determine the merit of that receiver in a particular receiving system.
CW Method

The noise bandwidth B of a receiver is defined as Mumford, 1949]

(16)

where Go is the gain at the frequency of maximum response.

Expressing Go as was discussed above for the G(fj)
(17)
(18)
Substituting equations (11) and (18) into equation (16) yields

(19)

Observe that in the measurement of noise factor by the method of the section on the
Second CW Method all the quantities in the right side of equation (19) are determined,
taking
(20)
Dispersed Source Technique After measuring the noise factor as outlined in the
section on Dispersed Source Technique, the noise bandwidth of the receiver can be
obtained by the following procedure [Disney, 1965].
Apply to the input of the receiver a monochromatic CW signal of known available power
Si at the frequency of maximum response. With this signal applied, measure the total
output power of the receiver in units of No, and call this output YoNo.
Then the gain of the receiver at maximum response Go is
(21)

By suitably combining the equations (6), (3), (10), and (18), in that order, the following
relation for B results:
(22)

The quantities Y, T2, and T1 were measured to determine receiver noise factor by the
method of the section on Dispersed Source Technique, so the only additional
measurements required are those to determine Si and Yo.

The dispersed-signal source techniques suggested above require that six measurements
be made in order to determine both noise factor and bandwidth. The more accurate CW
method for measuring noise factor, suggested above, combined with the CW method for
measuring bandwidth requires 2(n + 2) measurements, where n is the number of
frequency intervals taken, to determine both noise factor and bandwidth.
It is clear that for n >1, the dispersed source technique requires that fewer quantities be
measured, many fewer in practical cases. Since the noise factor and bandwidth are at
least as accurately determined by the dispersed-source methods as by the CW methods
suggested in this paper, as can be shown by an error analysis of specific examples, the
dispersed source method is preferable.
Caution In conclusion it should be emphasized again that the noise factor of a
receiver is not, and should not be taken to be, a parameter which completely describes
the performance of a receiver operating in a system. An extensive, general analysis of the
operating sensitivity of the linear portion of any receiving system, considering the
receiver as only one component of the system, has been prepared as a draft document by
an International Working Party of the CCIR (International Radio Consultative
Committee) [ CCIR]. This CCIR draft report considers the power levels which are
necessary at the input of the receiving system in order to obtain the desired signal-tonoise ratio at the output of the linear portion of the system.
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Figure 1 - CW Measurement Set-up.

Figure 2 - Dispersed Signal Source Set-up.

DESIGN AND PERFORMANCE OF A NEW S-BAND TRANSMITTER
RICHARD H. SWARTLEY
Senior Project Engineer
Aerospace Electronic Products Group
Eitel-McCullough Inc.

Summary This paper describes a telemetry transmitter designed for the 2.2-2.3 Gc
band. Design philosophy followed to achieve minimum size, wide deviation capability,
high reliability and high efficiency are discussed in detail. The paper presents extensive
measured data to indicate achievement of design goals set by IRIG 106-60 and
ARTC-34. Construction details of the transmitter are illustrated.
Introduction The Eimac EM4527 S-Band transmitter was designed to satisfy the
following requirements:
1.
2.
3.
4.
5.
6.

3 Mc deviation and flat response to 1.2 Mc modulation rates.
Achievement of all electrical and environmental requirements of IRIG 106-60
and the Aerospace Industries Association Report ARTC-34.
Size of 50 cubic inches and an overall efficiency greater than 10%.
Suitability for large volume manufacturing.
Tuning and service in the field.
High reliability performance.

The electrical and environmental requirements can be met by a number of technical
approaches. However, when the requirements of simplicity, serviceability, reliability, and
cost are added, the possibilities are greatly reduced. A. complex transmitter may meet the
technical requirements but will be too expensive for large volume use and too difficult to
align and service in the field. From the viewpoint of the manufacturer and the user,
complexity is not measured by the number of circuit elements but rather by the labor
required to assemble, adjust and maintain those elements. From the viewpoint of
reliability one must not only analyze the active components but also the adjustments and
interconnections of a system. Experience of users indicates that transmitter failures most
commonly occur in the adjustments and interconnections, rather than in the components.
Our design philosophy has been to reduce the number of circuits that require special lead
dress in assembly, r.f. interconnections, adjustable temperature compensators, and
alignment necessitating special test equipment and skilled personnel. This significantly
improves reliability of the complete transmitter.

Many users require ±. 00176 frequency stability over -40E C to +85E C and an incidental
frequency modulation of less than 3. 5kc rms under 15 G vibration. It is anticipated that
frequency stability and accuracy of ±0.001% will be mandatory at all major test ranges,
to eliminate adjacent channel interference. No present S-Band microwave tube, whether
it be a klystron, voltage tunable magnetron, or a traveling wave tube, has this stability
along with the required deviation band width. Also, no single solid state device in an
appropriate circuit can meet these requirements. In order to achieve stability, one is
therefore forced to use a large number of circuit elements to link a microwave output
device to a low frequency crystal.
There are two basic alternatives open to the designer: (1) one can develop a stable
modulated carrier at a frequency in the 10 to 100 Mc range and multiply it to S-Band; or
(2) one can generate a modulated carrier at the output frequency and stabilize it with a
crystal referenced servo system. Because of the guide lines set down above we have
chosen to servo-stabilize a single stage S-Band power source. Servo circuitry, in contrast
to rf circuitry, is adaptable to economical high quantity assembly techniques. It can
utilize non-selected parts, is virtually free of adjustments and can be made extremely
compact.
In the EM4527 (Figure 1) the modulated carrier is compared to a crystal reference by an
ultra stable and linear wide band fm discriminator. The correction signal thus derived is
applied to the varactor modulator along with the modulation. This is a standard
technique for stable microwave systems. However, the EM4527 has some unusual
features: (1) the servo system (excepting the crystal oscillator) does not contain any
tuned circuits, thus eliminating adjustments; (2) the S-Band source is never swept in
order to bring it into capture range of the servo system, thus eliminating complicated
search and lock circuits, preventing adjacent channel interference; (3) spurious
modulation components up to 10 kc arising from vibration are degenerated; (4),during
alignment, the servo system serves as a receiver for setting deviation and frequency, thus
eliminating complicated external check out equipment; (5) adjustable temperature
compensation is not used in the rf or servo circuitry.
Figure 2 shows the power oscillator. It was specifically designed to facilitate field
tuning. It has only three adjustments. These adjustments, plus one on the crystal
oscillator, are sufficient to set the transmitter to crystal accuracy anywhere in the 2.2 to
2.3 Gc band. By the use of one additional adjustment in the servo system, the crystal
calibration error can be cancelled if desired. The oscillator is integrated with a
terminated circulator, a signal sampler and a fixed low pass filter to make a complete rf
assembly module. Since only one rf stage is required, reliability is greatly improved. By
itself, the oscillator has an efficiency of 25% minimum over the 100 Mc band, a
deviation linearity of 2% over its 20 Mc peak to peak capability, and an FM to AM
conversion of less than 1% per 3 Mc peak to peak deviation. Since the rf is generated

only at the output frequency, spurious radiation is limited to harmonics which are
adequately reduced by a non-tunable low pass filter. In contrast, frequency multiplier
chains, if used in the rf source, produce spurious radiation over a wide spectrum. Such
widespread spurious radiation can be eliminated only by a narrow band pass filter which
has high loss and must be returned for each change of channel.
Figure 3 shows one of the six plug-in, encapsulated servo modules. This packaging
approach allows easy field replacement of modules, for repair or modification. The
crystal oscillator, multiplier and mixer assembly is shown in Figure 4. The arrangement
of all the modules is shown in Figure 5. The overall transmitter, including power supply,
shown here and in Figure 6, has a displaced volume of 48 cubic inches and weighs 4 1/2
pounds. This transmitter has now been delivered to several customers. The ability of the
servo system to degenerate vibration-induced frequency modulation is illustrated by
Figure 7. Figure 8 shows the ability of the servo system to limit temperature-induced
frequency drift. Modulation response up to 2 Mc is shown in Figure 9, and modulation
linearity is shown in Figure 10. Figure 11 illustrates spurious amplitude modulation
caused by carrier deviation up to 8 Mc.
Figure 12 shows the capability of the DC-DC converter to provide regulated power
which maintains high stability of frequency and rf power output over a 2/1 swing in
primary voltage. Low AM produced by primary power fluctuation is illustrated by Figure
13, and spurious fm by Figure 14. Figure 15 shows suppression of conducted
interference. Figure 16 is a signature of frequency at the antenna terminal.
Last, characteristics of the EM4527 transmitter are summarized in the table, Figure 17.
Conclusion An S-Band transmitter suitable for economical large-scale production has
been produced and delivered to customers. The transmitter is field tunable by semiskilled personnel with only standard simple test equipment. This transmitter achieved the
goals of IRIG 10660 and ARTC-34 in a compact, rugged, highly reliable package. The
design philosophy subsequently has been extended to 4 watt (Model EM4575) and 10
watt (Model EM4567) S-Band transmitters, and a 3 watt (Model EM4534) L-Band
transmitter. All use a single varactor modulated triode oscillator at the output frequency,
and all models have been delivered to customers. In addition, deviation up to 15 Mc peak
to peak at S-Band has been obtained, making this approach useable for television and
other wide band transmissions.

Fig. 1 -Simplified Block Diagram of Transmitter

Fig. 2-Rf Power Oscillator

Fig. 3-Typical AFC Servo Module

Fig. 4-Crystal Oscillator-Multiplier-Mixer Module

Fig. 5-Model EM4527 S Band 2 Watt Transmitter

Fig. 6-Model EM4527 Transmitter Outline Dimensions

Fig. 7-Incidental Frequency Modulation under Vibration

Fig. 8-Frequency Variation as a Function of Temperature Change

Fig. 9-Modulation Bandwidth

Fig. 10-Modulation Linearity

Fig. 11 -Spurious AM due to Deviation of the Carrier

Fig. 12-Power and Frequency As a Function of Input Voltage Variation

Fig. 13-AM Caused by Power Source Fluctuations

Fig. 14-Spurious FM Caused by Power Source Fluctuations

Fig. 15-Narrow Band (CW) Conducted Leakage on Power Input Leads

Fig. 16-Frequency Signature

CHARACTERISTICS, MODEL EM4527

A MICROWAVE TELEMETRY AUTOMATIC TRACKING
ANTENNA
EDUARDO BEJARANO
Electronic Engineer
White Sands Missile Range
New Mexico

Introduction An S-band (2200-2300 Mc) automatic tracking telemetry conical scanner
antenna was developed using the tracking mount and servo system of a T-9 radar tracker.
The T-9 radar tracker is part of Fire Control System T-38, “Skysweeper,” 75mm antiaircraft gun.
The development objectives were:
1.
2.
3.
4.

To develop a light and highly mobile system.
To develop a conical scanner and feed assembly which would adapt easily to the
existing tracking mount.
To obtain high angular tracking rates.
To develop a system for the purpose of conducting microwave telemetry
propagation studies during the interim period 1964 through 1970. The VHF
telemetry band (215-265 Mc) is to be vacated by 1970.

The modification of the T-9 servo and the mechanical adaptation of the conical scanner
antenna to the tracking mount were performed in-house. Temec, Inc of San Diego,
California, a subsidiary of the Cubic Corporation, designed and constructed the conical
scanner.
Theory of Operation In the broad classification of electronic tracking systems, the
T-9 tracker may be classified as a passive system employing conical scanning for target
acquisition. It is a passive system in that it uses the received RF telemetry signal to
derive angular position error signals which the servo system uses to drive the tracker
mount so as to keep the antenna pointed toward the source of the telemetry signal. The
operating frequency band is from 2200-2300 Mc.
The conical scan antenna pattern provides the basis for the derivation of angular position
errors. Figure 1 shows a typical conical scan antenna pattern.

The angle between the reflector axis and the beam axis is called the squint angle.
Consider a source of telemetry signals located on the target axis (Figure 1). The received
signal will be amplitude modulated at a frequency equal to the rotation frequency of the
antenna beam. The amplitude of the received signal modulation depends on:
1.
2.
3.

The shape of the beam pattern.
The squint angle.
The angle between the target line of sight and the reflector axis.

The phase of the modulation depends on the direction of the angle between the target and
the reflector axis. The conical scan modulation is extracted from the received telemetry
signal and applied to the T-9 servo control system which continually positions the
antenna on the target. Two separate servo channels are required because the tracking
problem is two dimensional. When the antenna is on target (Figure 1, when the target
axis coincides with the reflector axis), the conical scan modulation is zero, thus no
tracking error is produced.
The T-9 antenna is a parabolic reflector with an offset feed which is rotated about the
axis of the reflector. The feed is mechanically rotated by a synchronous motor at 1800
RPM. The same motor that provides the conical scan rotation of the antenna beam also
drives a two-phase generator with two outputs 90E apart in phase. These two outputs
serve as a reference to extract the elevation and azimuth errors.
The 2200-2300 Mc UHF spectrum is amplified by a low noise preamplifier and is downconverted to the VHF telemetry band 215-260 Mc. The specific UHF signal is converted
to a desired VHF frequency by tuning a variable local oscillator in the down-converter,
and by tuning the standard VHF telemetry receiver which follows the down-converter to
the chosen VHF frequency. The telemetry data is obtained from either the VHF receiver
output video or predetected output. The conical scan modulation on the telemetry signal
remains unchanged throughout the down conversion process. The 30 Mc first IF output
of the VHF telemetry receiver is fed to an external high gain 30 Mc IF amplifier, or
tracking receiver, where the conical modulation is extracted. The conical scan
modulation is passed through a low pass filter to remove the telemetry data and
harmonics of the conical scan frequency.
The conical scan modulation is then fed to the T-9 servo system input, where it is
compared with the elevation and azimuth reference signals in the angle-error detectors
which are phase-sensitive detectors. The output of the phase-sensitive detectors is a DC
voltage which reverses polarity as the phase of the input signal changes through 180E.
The magnitude of the DC output from the angle-error detector is proportional to the error
magnitude, and the sign (polarity) is an indication of the direction of the error. The

angle-error detector outputs are amplified and drive the antenna elevation and azimuth
servo motors. When the antenna is directly on target, the error signal is zero.
Basic Considerations There are several basic considerations upon which the design of
a telemetry automatic tracker are based. These considerations are associated with the
functions that the tracker per forms:
.
.

It maintains the highly-directive beam aligned with the vehicle carrying the
telemetry transmitter.
It provides a high antenna gain for telemetry communication with the vehicle.

An additional function is that it may provide vehicle direction readout. Basic
considerations in the design of a conical scanner telemetry antenna may include the
following:
1. Crossover loss: Because one of the functions of the telemetry tracker is
communication with a vehicle, it must provide the highest antenna gain possible at
boresight. The crossover level of a conical scanner is a direct relation to the degree of
feed offset. The telemetry conical scanner antenna is necessarily a compromise between
the required tracking performance and the telemetry system sensitivity. Basically, the
greater the offset, the higher the servo loop tracking gain will be, since the amplitude
modulation introduced as a function of the angle off boresight is higher for greater feed
offsets. The relation between the modulation factor m and the point error , (for small
values of , ) may be expressed mathematically as:
(1)

where: g(N) is the antenna voltage gain function.
N is the angle measured from the direction of maximum gain.
No is the crossover angle or half the apex angle of the cone described by the
line of maximum gain as a result of conical scan.
g(No ) is thus the antenna voltage gain evaluated at zero angle or boresight.
G' (No ) is the derivative of the gain pattern on boresight.
Pelchat1 has approximated the main lobe pattern of a conical scan antenna to a secondorder Lambda function of argument 4 N /BW*
*

An antenna voltage pattern that approximates this function is obtained by assuming a circular
aperture with parabolic aperture distribution. Variations of the antenna pattern are obtained by
different aperture distributions. For a general discussion on antenna aperture distributions, see
Reference Note 4.

where:

N remains as defined above, and
BW is the 3 db antenna beamwidth

The pattern function (g No ) and its derivative (g'No ) is plotted in Figure 2. This figure
illustrates the necessity for a telemetry conical scanner to be a compromise between
sensitivity and tracking performance. For convenience, the crossover angle is plotted as a
fraction of the antenna beamwidth. The figure illustrates that with increasing No /BW
ratio, the antenna voltage pattern drops off smoothly. In other words, as the crossover
null-depth increases, the antenna boresight gain decreases. Inversely, as the crossover
depth increases, the derivative of the antenna voltage pattern evaluated at zero, g' ( No ),
increases rapidly until it levels off at a value of No /BW = 0.675. A good compromise for
a telemetry conical scqnner antenna might be chosen at the intersection of the
two curves at (No / BW = 0.375.
2. Error Modulation: Although the maximum modulation is set once the ratio No /BW
is defined, it is necessary to ascertain that a conical scanner antenna does not modulate
the incoming signal so much that it degrades the telemetry data. Figure 3 is a plot of
equation (1). The pointing error, , , is used as a fraction of the beamwidth. Also plotted
on the curve is a plot of the crossover loss in db versus the No /BW ratio. This curve is
obtained from the g(No ) curve in Figure 2, and provides easy entry into the chart when
the crossover loss is known. A telemetry antenna with No /BW = 0.375 and crossover
loss of 1.5 db yields 50 per cent modulation when the pointing error is as large as ha of
the beamwidth.
3. Physical Size: A second compromise in the development of a telemetry tracker is
that of antenna size. The dish size is governed mainly by the following functions:
required system gain; the necessary focus-to-diameter ratio required for proper feed
offset design and reflector illumination characteristics; and the desired pedestal velocity
and acceleration capabilities.
The required antenna gain for the T-9 tracker was calculated from the following
assumptions:
a.
b.
c.
d.
e.
f.
g.

Radiated signal power level:
Free space range:
Transmitting source:
Carrier to noise ratio:
Receiver bandwidth:
Fade Margin:
Frequency:

2 watts (+33 dbm)
100 miles (-144 db)
isotropic
13 db
750 Kc
10 db
2250 Mc

The signal power level arriving at the antenna under line of sight range condition is:
=
=

(transmitted power level) - (free space loss) - (fade margin)
+33 - 144 - 10 = -121 dbm

The noise level at the antenna (KTB) where
K = 1. 38 x 10-23 watts/cycle/degree K
T = 290E Kelvin
B = Receiver bandwidth in cps is:

The level to which the antenna must raise the signal and still satisfy the required signal
to noise ratio:
NP + S/N = 115 + 13 = -102 dbm
The required antenna gain is therefore:
A = -102 dbm - (-121 dbm) = 19 db
This figure represents the absolute gain of the antenna and will be degraded by such
system losses as rotary joint loss, cable loss, preamplifier noise figure, preselector
insertion loss, and antenna pattern crossover. Realistic values for these system losses are:
Rotary joint loss:
Cable loss:
Preselector insertion loss:
Antenna crossover loss:
Preamplifier noise figure:

0.5 db
0.3 db
0.5 db
1.5 db
4.5 db

Total Loss:

7.3 db

The required antenna gain should be increased to overcome these losses. The required
gain, then, should be in the order of 26.5 db. A six foot parabolic reflector theoretically
yields this gain. The T-9 antenna uses a six foot dish with a focus-to-diameter ratio (F/D)
of 0.375. This F/D ratio allows considerable feed tilt with respect to bearnwidth without
gain degradation. 2, 3
Particular attention should be given to the side lobe level of a conical scanner since poor
side lobe characteristics can result in unstable tracking at low elevation angles and also

in ambiguous lock. Dickstein2 has further references on the design criteria for the T-9
conical scan antenna.
T-9 Tracker Characteristics
1. Conical Scanner Antenna The T-9 conical scanner antenna has the following
characteristics:
Antenna gain
Beamwidth
Crossover loss
Polarization
Side lobe level
Operating frequency band
VSWR
Scan rate
Reference generator

28 db
4.5E
1 db
Right hand circular
-26 db down
2.2 - 2.3 Gc
1.4: 1 maximum
1800 RPM
2 phase @ 90E

2. RF System:
Telemetry System Threshold: The system threshold is defined as

where:
PN = system input noise power (KTB)
NFS = system noise figure
So /No = output (predetected S/N ratio)
Since the expression for system threshold includes the system noise figure, NFS, this
will be calculated first. NFS includes the overall receiver noise figure (NFREC, Figure 4),
the effect of antenna-to-preamplifier cable loss, and the antenna noise temperature.
The tunnel diode preamplifier exhibits a noise figure of 4. 5 db and a gain of 17 db. The
mixer has a noise figure of approximately 12 db with a conversion loss of 12 db. The
telemetry receiver has a noise figure of 8 db, approximately.

The effect of the antenna to prearnplifier cable and rotary joint losses (assumed to be 1.3
db) on the receiver noise figure is:

The cable and rotary joint are considered to be passive, dissipative, elements whose
internal temperature is assumed to be at 290E K such that the loss noise factor is equal to
the loss itself.
The equivalent noise temperature is:
TREC + loss = (NF -1) (290) = 5.47 (290) = 1587EK
The antenna noise Temperature, TA, is assumed to be about 250EK. The resulting system
equivalent noise temperature, TE, is:
TE =TA +TREC = 250 + 1587 = 1837EK
The system noise figure is:

The system threshold may be calculated knowing that the receiver bandwidth is 500 Kc.
A 10 db predetected signal-to-noise ratio is also assumed.
STM = -117 dbm + 8.66 + 10
STM = -98.3
This figure indicates that the system will provide predetected telemetry data which is 10
db above the noise when the input level is -98.3 dbm.
Table I shows the system threshold for various receiver bandwidths. Figure 5 shows the
telemetry threshold characteristic tracker in terms of range versus receiver bandwidth.
The output predetected signal to noise ratio is assumed to be 10 db and the transmitting
source is assumed to be isotropic.
3. T-9 Tracking Sensitivity: The tracking sensitivity of the T-9 tracker is much lower
than for telemetry data because the tracking bandwidth is narrower. The post-detected
tracking bandwidth is computed to be 10 Kc. If a conservative post-detected tracking
signal-to-noise ratio of 10 db (although it is possible to track with a lower S/N ratio) is
assumed as the threshold for reliable tracking, then the tracking sensitivity becomes:

ST = (KTB) (S/N) (NF) = -134 + 10 + 8.66 = -115.4 dbm
4. Tracking Rates: The measured angular tracking rates are shown in Table II.
Description of Components
1. RF Components:
a. Antenna: The antenna is a Temec Model 215 2200-2300 Mc conical scanner antenna.
It consists of a six foot expanded aluminum parabolic reflector and an offset circular
wave guide feed, terminated by a splash plate at the reflector focus. The output signal is
coupled through a right hand circular polarizer section, a high speed noncontacting
rotary joint, and a wave guide-to-coaxial transition piece to a 50 ohm N type connector.
The antenna exhibits a gain of 28 db with side lobes which are 26 db down from the
main lobe, and a gain crossover of approximately one db. The scan rate of 1800 RPM is
accomplished by driving the feed assembly with a one-half horsepower synchronous
motor through a Gilmer drive belt. A two-phase reference generator is mounted on the
same motor shaft.
b. Preamplifier: The preamplifier is an International Microwave Corporation Tunnel
Diode Amplifier, Model ACR 2250-15. It exhibits a gain of 17 db with a noise figure of
4.5 db. Its center frequency is 2250 Mc with a bandwidth of 100 Mc.
c. Converter: The converter consists of an Empire BCM-321 BI (AS) balanced crystal
mixer, with an approximate noise figure of 12 db. Its conversion loss is about 12 db. The
local oscillator is an FXR L772 tunable klystron oscillator which operates from 950 Mc
to about 2100 Mc. To eliminate local oscillator long term drift, a Dymec 2650A Klystron
synchronizer is used with the FXR oscillator.
d. Telemetry Receiver: The telemetry receiver is a Defense Electronics receiver, Model
TMR 2A. It is a double conversion receiver with a tuning head operating from 215 to
265 Mc. It has plug-in second (2nd) IF amplifiers with the following bandwidths:
(1)
(2)
(3)
(4)

100 Kc
300 Kc
500 Kc
1.0 Mc

The receiver exhibits a noise figure of eight db.

2. Tracking Components:
a. Tracking Receiver: The tracking receiver consists of a RSE Electronics 30 Mc
amplifiers. It has a gain of 110 db, a bandwidth of two Mc and a noise figure of 1.5 db.
The AGC circuitry on the amplifier was extended to all of the IF stages for extended
AGC response. The AGC amplifier and AGC passband filter were constructed in-house.
b. Error Filter: The error filter, which includes the error output amplifier was built in
house. The passband of the error filter is centered on 30 cycles and has a bandwidth of
approximately 30 cycles. The output stage provides individual errors for azimuth and
elevation with controls for adjusting the tracking sensitivity for each channel.
c. Servo Control System: The output of the error filter feeds the servo system. Since the
servo system has two identical channels, azimuth and elevation, only one channel will be
described.
Figure 5 shows a block diagram of the T-9 servo control system. The antenna system has
three modes of operation: automatic track, manual, and slave.
In the automatic track mode, the angle-error detector compares the conical scan
modulation and the reference generator signals. In the manual mode and slave mode, the
error signal is derived from manually controlled selsyn generators and the reference is
the power line frequency. , Thus, the error for automatic track is 30 cycles per second,
and in manual (or slave), the error is 60 cycles per second.
The output of the angle-error detector is fed to a servo amplifier which in turn supplies
the field current to a DC generator which is driven at constant speed. The armature of
this generator feeds the armature of the servo drive motor, the field of which is excited
separately. The torque produced by the servo drive motor then positions the antenna
mount in coincidence with the input error.
Two stabilization loops are provided in the servo system. The innermost loop (see
Figure 6) provides torque feedback to the servo amplifier to limit the torque produced by
the drive motor. This feature is particularly important during the manual mode where the
input error can become excessive, The second-inner loop comprises a tachometer
feedback stabilization loop, which reduces servo hunt. The third inner loop is a
potentiometer feedback network that varies the gain of the azimuth servo amplifier as a
function of the cosecant of the scanner elevation angle. This loop desensitizes the
azimuth channel when the scanner is pointing at low elevation angles.

Conclusions The T-9 tracker met all the design objectives stated in the introduction to
this report.
1. The system is light and easily transportable. The tracker can be towed at speeds up to
30 MPH over paved roads.
2. The conical scanner antenna exhibits a good gain, fair efficiency, and excellent side
lobe characteristics. The mechanical dynamic balance of the antenna and tracker mount
is satisfactory.
3. The resultant angular tracking rates are better than were expected. The angular
velocities obtained are 150E per second in azimuth and 50E per second in elevation. With
proper site selection, these tracking rates should meet the majority of tracking
requirements at WSMR.
4. The system threshold allows tracking beyond the design objectives.
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MINIATURE TELEMETRY TRANSMITTER
W. BUSCH, A. GAYNOR, L. LANGAN, and J. WILEY
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MCD, General Electric Co.

Summary The increased use of L and S-Band for telemetry services in conjunction
with the need for miniaturized equipment, points up the desirability for compact
transmitter units. This report describes a miniature S-Band transmitter and its associated
power supply. The design goals are presented together with a discussion of the technical
approach used to meet the severe requirements. Illustrations and performance data are
included for completeness.
1.0 Introduction This paper is a report on the General Electric Company
development of miniature UHF transmitters that is intended to fulfill many of the
telemetry and vehicle instrumentation requirements which exist now, as well as those
that will exist in the near future, due to increased usage of the L and S-Band telemetry.
The development began at General Electric in 1960 and was made possible by the
availability of silicon VHF power transistors capable of several watts of RF power
output and varactor diodes of sufficient breakdown voltage and cutoff frequency to
permit efficient multiplication of VHF power into the UHF spectrum.
By 1963 smaller more efficient components had become available as a result of the
industry’s movement toward micro-miniaturization. It became evident at that time that
the components and techniques required to develop a two watt S-Band transmitter in the
range of ten to twenty cubic inches were available. Early in 1964 the requirement for a
telemetry transmitter with six cubic inches allotted for the RF and power supply sections
respectively became known. This size requirement and the accompanying technical
performance objectives were established by the Naval Ordnance Laboratory at Corona,
California and are part of an overall Navy objective of developing a miniature general
purpose missile instrumentation system. The principal challenges of the program were to
package all of the components required to produce a high quality two watt FM
transmitter within a total volume of 12 cubic inches, and meet essentially the same
performance specifications as were previously met by larger units in a comprehensive
range of missile environments, such as temperature, vibration, shock, and
electromagnetic compatibility.

Upon completing the design of the preliminary model of the S-Band transmitter, it was
seen that with little modification of the S-Band design, an L-Band transmitter for the
1435 to 1535 Mc telemetry band could also be produced. The performance goals for the
L-Band unit were the same as for S-Band, however the longer resonators required for the
L-Band varactor multiplier made it necessary to increase the length of the cavity section
by one inch. The power supply and VHF circuitry of both units are identical, and they
differ mainly in the frequency and ratios in the final varactor multiplier stages.
The discussion is principally directed at the S-Band development, however, it is equally
applicable to the L-Band version except for these minor differences. Figure 1 shows the
transmitter and power supply units.
2.0 Technical Description The S-Band FM telemetry transmitter is an all solid-state
transmitter capable of two watts of RIP power output and tunable from 2200 to 2290 Mc.
State-of-the-art techniques have been used in the design of the equipment, which fulfill
severe requirements on size, frequency stability, and dissipation over a temperature range
from -54EC to +95EC.
The power supply uses a high efficiency switching technique to convert and regulate
from a DC supply of 27 volts. The package consists of several potted modules using
miniature components in a cordwood arrangement. All power connections are on one
side of the package.
The transmitter package is fabricated from a solid block with the cavities machined in
one end and the remainder containing an encapsulated VCXO module, a circuit board
with miniature components, several UHF power transistor stages, and a varactor
multiplier stage. Point-to-point wiring is used except for the module. All external
connections are made to one surface of the package. The tuning adjustments are external
to the package to allow the unit to be easily retuned to a new frequency once the VCXO
module has been changed.
2.1 Transmitter A block diagram of the transmitter is shown in Figure 2. The diagram
shows the semiconductor types for each stage, typical operating frequencies, nominal
power gains, and power levels.
2.1.1 VCXO The oscillator-modulator function of the transmitter is performed by a
voltage-controlled crystal oscillator. The oscillator has a frequency range of 22.9 to 23.9
Mc depending upon the operating frequency. This range when multiplied by 96 will give
the required output frequency range of 2200 to 2290 Mc. The modulation sensitivity is
such that when multiplied by 96 it will give a 125 kc peak deviation for a 1.0 volt rms
modulating signal.

2.1.2 Power Stages Power at +4 dbm in the range of 45.8 to 47.7 Mc is supplied by
the VCXO module to drive a 2N2368 cascode doubler to 15 mw at 91.4 to 95.6 Mc. A
second doubler using a 2N2368 multiplies the frequency to the range of 183 to 191 Mc
and to a power level of about 75 mw. The output of this doubler drives a 2N3375 power
amplifier to an RF output power of nominally 500 mw.
A 2N3375 transistor doubler increases the power level to 1.5 watts and the frequency to
the 366 to 382 Mc range. The 2N3375 is operated as a doubler instead of an amplifier
followed by a varactor doubler in order to conserve space. The final power amplifier uses
two 2N3375's in parallel to obtain the required dissipation. The output of this stage
provides 6. 0 watts at 366 to 382 Mc to drive a varactor multiplier.
2.1.3 Varactor Multipliers The tripler is of the shunt type with series-tuned input and
output. The second harmonic is tuned for low conversion loss, while a trimmer capacitor
tunes the cavity input loop at the third harmonic. A stud-mounted varactor was selected
for high dissipation and mounting convenience.
The cavity doubler is coaxial with a foreshortened quarter-wave resonator and a variable
piston capacitor which tune with the varactor dynamic capacitance to cover the range
between 1100 and 1145 Mc. The output resonators tune the range of 2200 to 2290 Mc by
adjustment of piston capacitors.
2.2 Power Supply The power supply consists of a DC to DC converter, which accepts
primary power and converts it to the regulated levels required to operate the transmitter.
The converter operates from a 27 volt ± 10 percent source. It provides three output
voltages with a total power of 18.5 watts. This requires a conversion efficiency equal to,
or greater than, 75 percent to remain within the 25 watts of available power. Normally,
this efficiency requirement would be easily attained. However, the six cubic inch volume
requirement necessitates a high switching frequency to keep the transformer and choke
sizes down to an acceptable size. The converter therefore operates at 30kcps. The main
losses in the converter are switching losses in the power switching transistors and core
losses. These losses are frequency dependent and are slightly higher than in the usual
converter.
3.0 Technical Objectives
Electrical:
Frequency Range
Frequency Stability
Power Supply

2200-2290 Mc crystal controlled
± 0.001%
27 volts DC ± 10%, 25 watts

Minimum Power Output
Spurious Modulation
FM Deviation
Modulation
Input Impedance
Sensitivity
Response

2.0 watts into 50 ohms
Less than ± 5 kc under all conditions
Linear within 1% for ± 125 kc
FM/FM to IRIG 106-60
10 K shunted by 20 pf
± 125 kc for 1.0 volt rms
Flat within 1 db from 100 cycles to 100 kc

Spurious and
Harmonic Emissions:
Antenna Conducted
Other

At least 60 db down with transmitter power
output of 2.0 watts
MIL-I-6181D

Minimum Efficiency:
Overall (transmitter
+ power supply)
Transmitter only
Power Supply only

8%
10.7%
75%

Mechanical:
(S-Band Unit)
Volume
Dimensions
(L-Band Unit)
Volume
Dimensions
Weight
Cooling
Temperature

6 cu. in. each for transmitter and power
supply
1 in. x 1 in. x 6 in. each for transmitter and
power supply
7 cu. in. for transmitter
1 in. x 1 in. x 7 in.
Approximately 1 pound each for transmitter
and power supply
Conduction
-54EC to +95EC

Vibration

20 G’s, 20-2000 cps sinusoidal and random
in all axes

Shock

15 G’s, 11 ms duration in all axes

4.0 Design Approach This section discusses the techniques used to achieve the
required technical objectives of the program.
4.1 VCXO Circuit To maintain a frequency stability of ±.001 percent requires that the
crystal be very precise. Crystals can be cut with stabilities of ±.0025 percent for this
temperature range; therefore temperature compensation must be used in the oscillator.
Temperature compensation of an oscillator using an AT cut quartz crystal is not
straightforward since the temperature characteristic of such a crystal has an S-shaped
curve. The compensating circuit is a resistor-thermistor network designed to give an
output voltage having an S-curve shape with temperature. This voltage provides the
static bias for the varicaps which corrects the frequency. The actual frequency stability
depends upon how closely the curves are matched.
Automatic gain control is used in the oscillator in order to give good frequency stability
over the range of modulation voltages and environmental conditions. By using automatic
gain control, the drive level is maintained at a low level under all conditions. Gain
control is provided by a transistor biasing network. This network causes the base bias
voltage to controlled by the collector current.
One of the most important crystal parameters is suppression of spurious modes. In an
oscillator of this type, the spurious crystal modes can be excited by the modulation
frequency. This phenomenon can become quite complex depending upon the modulation
index, but the predominant excitation occurs when a modulation frequency is applied to
the oscillator which is equal to the frequency difference between the fundamental
frequency of the oscillator and the frequency of the spurious mode. Whenever one of
these spurious modes is excited, there is a discontinuity in the modulation response of
the oscillator. The frequency response characteristics of this oscillator must be flat within
1 db from 100 cps to 100 kc. Therefore, any spurious modes within 100 kc of the
fundamental mode must be deeply suppressed. Such a crystal requirement is feasible in
the 20-30 Mc frequency range.
4.1.1 Modulation Network The modulation network of this VCXO is comprised of a
capacitive-resistive input circuit and two voltage variable capacitors connected in series
as shown in Figure 3. This arrangement provides the required modulation sensitivity
with a linearity of 1%.
Frequency modulation of the oscillator is accomplished by pertubing the resonant
frequency of the quartz crystal by changing its load capacitance. The frequency
modulation of the crystal is performed by the voltage variable capacitors.

Two varicaps connected back to back are used in preference to a single varicap to realize
a more linear net capacitance versus voltage characteristic, therefore improving the
linearity of the low-level modulator. When both varicaps have approximately equal
capacitance values, the signal voltage will be divided equally across each diode, which
reduces the amount of distortion. Further reduction in the distortion or non-linearities is
obtained because of the compensating effect of the diodes. When the capacitance of one
diode is increasing due to signal voltage, the other is decreasing, thus giving a more
constant capacitance for the series combination. Connecting the varactors back to back
allows lower bias voltages to be used than with a single diode thereby increasing the
useful tuning range of the circuit.
4.1.2 Temperature Compensating Network The temperature compensating network
is designed to maintain an oscillator frequency stability of ± 0.001 percent over the
specified temperature environment. The network is basically a voltage divider circuit in
which the output voltage varies with temperature. This output voltage is used to bias the
varicaps in the feedback loop of the oscillator. Thus as the temperature changes, the
varicap bias voltage also changes, which in turn corrects the oscillator output frequency.
The basic problem in designing the voltage divider circuit is that the output voltage
versus temperature curve should be a “mirror image” of the S-curve of the AT quartz
crystal with the voltage peaks limited so that the oscillator is not over compensated.
Figure 4 shows the temperature characteristic of an AT cut crystal.
The voltage civider circuit is shown in Figure 5. The input voltage to the divider circuit
has to remain constant over the temperature range, so a zener diode is used to supply this
voltage. The temperature coefficient of the zener diode was selected to be ± .001
percent/EC to decrease effects of the input voltage varying with temperature changes.
Since the supply voltage to the oscillator is ±15 Vdc, a zener voltage somewhat lower
than this value was needed. A diode with an 8.4 volt zener voltage at 10 ma was chosen.
The voltage deviation over the temperature range due to the zener diode is approximately
± 13 mv. The high zener current was chosen in order to keep the effect of the change in
current drawn by the compensating network small.
Referring now to the compensating network shown in Figure 5, and using the data
obtained experimentally, it is now possible to calculate all values of the components
used in the network. The value of the thermistor RT1 is chosen so that its minimum
value will not cause the network to draw more than 5 percent of the zener current. Also,
its value cannot be too high because of the leakage current of the varicaps. Therefore, a
GE type ID053 was selected with these considerations in mind. Its nominal values are
10 K at 25EC, 680 ohms at +95EC, and 950 K at -55EC. Shown in Figure 6, is a sketch of
the voltage characteristic of the compensating network as compared to the AT cut crystal
temperature versus frequency characteristic. Since at the end points, the curve of the
oscillator characteristic peaks and changes direction while the voltage divider network

characteristic levels off asymptotically, it was decided to under-compensate the oscillator
slightly.
4.1.3 Oscillator Circuit The oscillator portion of the VCXO circuit is shown in
Figure 7. The circuit is a variation of the Colpitts type crystal oscillator. The amplifier
section of the oscillator is operating class A in a common-emitter circuit. The feedback
loop of the oscillator is a low-impedance, series-tuned circuit driven from a low
impedance point provided by the capacitive voltage divider C4 and C5 which also sets
the amount of feedback voltage. The loop consists of a fundamental mode seriesresonant quartz crystal, two voltage variable capacitors connected in series, a variable
inductor, and a variable transformer across the crystal. Capacitor C1 serves as a DC
blocking path. Capacitor C6 is used to couple power from the oscillator to the multiplier
stage. Its value is selected to keep the power output obtained from the oscillator low in
order to maintain good long term stability.
The crystal used in this oscillator is a micromodule unit. This type is used because it is
the smallest crystal available at the present time in which the necessary characteristics
could be obtained.
4.1.4 Frequency Doubler The circuit of the X2 frequency multiplier is shown in
Figure 8. The common base configuration is used because it has been found to achieve
the best performance, and it provides better isolation of the oscillator stage from the
other stages of the transmitter, thus minimizing the effect on the frequency stability of
the oscillator due to load variations.
4.2 Power Amplifiers Power Amplifiers are used in two stages of the transmitter, at
182 to 191 Mc and 366 to 382 Mc. The driver amplifier, 182 to 191 Mc, is operated
Class A to achieve high gain and temperature stability. The common emitter
configuration is used because it provides the most stable amplifier, and advantage may
be taken of negative T. C. thermistors to compensate the beta temperature sensitivity.
The final power amplifier is operated at 366 to 382 Mc, which is considered close to the
highest practical limit for state-of-the art transistors of several watts RF output
capability. On the other hand, the advantages of operating at the highest practical
frequency are:
1.
2.
3.

Fewer varactor stages needed.
Overall efficiency improvement.
Easier impedance matching.

4.2.1 Design Analysis In the design of power amplifiers, several circuit conditions are
usually given. For instance, the collector voltage, the RF output power, the required
power gain, and the operating frequency, are generally specified by the choice of system
parameters. Once these are given, the transistors for each stage may be selected. other
considerations such as amplifier configuration and maximum operating temperature will
affect the choice to some extent.
For the design under consideration, the RCA 2N3375 transistor was chosen for its
superior performance at UHF frequencies. The vendor specifications give VCBO and VCEV
as 65 V minimum. Since under saturated conditions the AC collector voltage can swing
to 2 VCC, a choice of 1/2 VCEV for VCC is a practical limit. In this case 30 volts was chosen
to give collector breakdown margin. Once VCC is chosen, the transistor output
capacitance, impedances, and collector efficiency can usually be determined from the
device data sheet.
4.2.2 Driver Amplifier According to the previous selected system parameters, the
operating conditions for the driver are as follows:
1. Operating frequency
2. RF Output Power
3. Power Gain

-

190 Mc nominal
.5 watts
8 db

The common emitter circuit was chosen for stability and temperature compensation
reasons. The stage is operated Class A for maximum gain.
4.2.3 Bias Circuit The transistor bias circuit is shown in Figure 9. Some assumptions
must be made in order to establish the collector current and emitter resistance. These
assumptions are: That the collect efficiency is in the range from 25 to 35 percent for
Class A, that the emitter resistor voltage VR3, is five times the base-emitter drop VBE,
and that VBE = .8V. The actual collector efficiency assumed here is 33 percent. Vendor
data shows that the gain of this device is 11 db typical at this power level, assuming
matched conditions. This verifies that at least 8 db gain should be obtainable while
allowing some mis-match in the interest of stability.
4.2.4 Thermistor Compensation The performance of the driver amplifier is shown in
a subsequent section. However, the amplifier gain over the required temperature range,
-54E to +95EC, changed an unacceptable amount. This was due to a change in DC beta,
HFE. The transistor bias resistor R2 was therefore replaced with a thermistor and a fixed
resistor. The value of the thermistor and fixed resistor had to be determined empirically
since no Vendor data was available showing the DC beta temperature characteristic.

4.2.5 Final Amplifier The final power amplifier must produce a nominal output of six
watts. The operating frequency is 366 to 382 Mc. The vendor’s data shows that
approximately 6 db power gain is typical in this frequency range with 28 V applied to the
collector. The common base arrangement is used here since the available gain is higher
than for the common emitter configuration at this frequency. The lower common-emitter
gain is caused by degeneration due to the emitter lead inductance.
Vendor’s data also shows a minimum Class C efficiency of 40 percent at 400 Mc with
three watts RF output power. Based on experimental lab results, the power stage
collector efficiency is approximately 50 percent.
The total dissipation then is:
PD = PDC +P1 - Po = 12 + 1.5 - 6.0 = 7.5 watts
Where P1 = stage RF input power and PDC is the DC input power.
The device capability is 11.6 watts at 25EC case temperature. Using the Maximum
environmental temperature, 95EC, the dissipation per transistor PT, is

where Tm is maximum junction and TH is maximum case temperature. Thus the final
stage requires two transistors if margin is allowed for operation at the maximum
environmental temperature. This stage was compensated by the use of sensistors (i.e.
positive temperature coefficient thermistors), in the emitter circuit.
4.3 Multipliers The multipliers used in the transmitter utilize both transistors and
varactors. As stated before the multiplications are limited to X2 and X3 for circuit
simplicity and space saving reasons. The low frequency multipliers use transistors
entirely since gain may be achieved by their use and fewer components are needed. Any
efficiency improvement provided by transistor amplifier-varactor multiplier
combinations is more than offset by their increased circuit complexity.
The use of the varactor at the higher frequencies and power levels is necessary however,
if appreciable power must be generated at S-Band with solid-state devices.
4.3.1 Transistor Multipliers There are four transistor multipliers used in the
transmitter; all are doublers. Two follow the VCXO module, one from 47.5 to 95, and
another from 95 to 190 Mc. The fourth is used to drive the final amplifier and doubles
the frequency from 190 to 380 Mc.

The input doubler is forward biased to give additional gain while the following doublers
are driven into Class C operation by the signal. Collector compensation must be used in
multipliers rather than in the base or emitter, since the conduction angle is quite critical.
4.3.2 Varactor Multipliers The important considerations in the design of narrow
band varactor multipliers are:
1. Conversion efficiency
2. Spurious Suppression
3. Bandpass stability
An additional prime consideration here is volume requirement. Several circuit conditions
are usually specified in the design, operating frequencies, power levels, required
efficiency, and spurious suppression.
The transmitter uses two varactor multipliers, a tripler from 380 Mc to 1140 Mc, and a
coaxial cavity doubler from 1140 Mc to 2280 Mc nominal. Both multipliers are of the
shunt type with series tuned input and output. Fixed bias is used in each multiplier for
tuning and temperature stability.
4.3.3 Tripler Multiplier The requirements for the tripler are:
1. Input operating frequency
2. RF output power
3. Conversion efficiency

-

380 Mc nominal
3. 7 watts
62 percent

The basic circuit of the tripler is shown in Figure 10. First the varactor parameters must
be determined based on the system requirements. The important varactor parameters are:
Capacitance at breakdown Cm, breakdown voltage VB, and cutoff frequency fc. The
impedance levels are dependent on Cm and fc, but their choice is somewhat arbitrary.
However, some restriction should be placed on output impedance levels chosen since the
matching losses are increased if this impedance is too low.
4.3.4 Coaxial Cavity Doubler The final multiplier is of the shunt type with
foreshortened quarter wave coaxial cavities at input and output. The original concept is
shown in Figure 11. The only necessary modifications were a reduction in the amount of
rexo1ite supporting material, and adjustment of the coupling loops. The piston capacitors
were larger than necessary when first constructed. This allowed an overall reduction in
cavity length of .225 inches which was needed in the UHF circuitry compartment.

4.4 Power Supply The power supply is a DC-DC converter which accepts unregulated
battery voltage and efficiently converts it to the regulated voltages required to operate
the transmitter.
4.4.1 Technical Goals The DC-DC converter has a maximum volume of 6 cubic
inches, with a 1 in. x 1 in. x 6 in. configuration. It must consume less than 25 watts from
a voltage source of 27 volts ± 10 percent. Operation is required from -54EC to +95EC,
with a demonstrated-starting capability over the temperature range. The outputs required
by the transmitter are:
+30 V
+15 V
-50 V

@
@
@

600 ma
33 ma
2 ma

Or
Or
Or
Total

18.0 watts
0.5 watts
0.1 watts
18.6 watts

Based on the required output power and the maximum available input power, the
conversion efficiency is required to be equal to, or greater than, 74.5 percent. Allowable
weight of the converter is 2.0 pounds maximum.
4.4.2 General Approach There were several factors which entered into the selection
of the method of conversion. The factor given prime importance was volume. The 1 in. x
1 in. x 6 in. package was to be attained regardless of other tradeoffs. The efficiency
requirement necessitated a variable pulse width type converter with its inherent high
efficiency. The package form factor required that the output transformer, the largest
single component, fit within the 1 in. x 1 in. package cross section. This required a
transformer no greater than 0.85 inches in diameter. The only was to attain this small OD
was to operate the converter at a relatively high frequency, which introduced a
significant tradeoff. Since size was of first importance, the high frequency was chosen.
However, the major losses in this type converter, assuming relatively high output voltage
and good rectification efficiency, are transformer losses and switching losses in the
power transistors. These losses increase with frequency.
The particular technique used will be explained with reference to Figure 12, which is a
block diagram of the DC-DC converter. Primary power is applied to alternate sides of the
output transformer primary by means of the power switches, which are transistors
operated either in the saturated or cutoff region. These s switches are in turn driven by
the pulse width switches.
When rectified and passed through a lowpass filter, the resultant DC voltage is Vpt/T. If
the numerator, or area under the pulse, is constant and the period between pulses, T, and
constant, the result will be a regulated output voltage. This discussion uses Vp, or

transformer primary voltage. However, it applies equally well to any winding on the
transformer if the result is modified by the transformation ratio of that particular winding
to the primary. The remainder of the blocks in the diagram function in such a manner as
to assure that the relationship between the three basic variables, Vp, t, and T, is such that
the DC output remains constant.
The square wave oscillator establishes the frequency at which the converter operates and
alternately drives the pulse width switches. The quantity T corresponds to half the period
of the square wave oscillator. During this time, the oscillator provides drive to one of the
pulse width control switches which remains on until turned off by the pulse width
control element. The pulse width control element is a square loop core which senses
input voltage and is driven to saturation in opposite directions. Saturation of this core
terminates drive from the pulse width switch to the power switch. The volt-second
capability of the core is thus used to maintain the Vpt product constant. Therefore, if the
volt-second capacity of the core and the sqifare wave oscillator frequency are constant,
the desired result of a regulated output voltage is attained. However, the saturation flux
density of the core changes with temperature and will vary the Vpt product. Therefore, to
compensate for temperature effects and provide initial adjustment an output is compared
to a reference and any error used to vary the square wave oscillator frequency to
maintain the output at a constant level.
Figure 13 is a photograph of the breadboard of the final circuit. The two TO-5 cans in
the center of the breadboard were later incorporated into a single TO-5 package utilizing
the same semiconductor device.
Figure 14 illustrates the transformer waveshapes.
5.0 Present Package Design As a result of the thermal design studies, the following
techniques are used in the package design:
5.1 Transmitter The single vertical wall of this chassis is 0.125 inches thick, while
the base is 0.060 thick. Most of the heat producing units are mounted on the thicker wall
which provides a good thermal path to the heat sink.
The 2N3375 power transistors are mounted directly on the chassis wall without
insulating shims. The smaller transistors are bonded to alumina oxide cups which are
attached to the wall. The encapsulated VCXO module is mounted directly to the chassis
wall for good heat conduction. The chassis is machined from a solid block to eliminate
thermal resistance at joints.

5.2 Power Supply The base of this chassis is 0.100 inches thick and the walls are
0.050 inches thick. These dimensions are increased in certain areas to provide more
volume for good heat conduction.
The two encapsulated modules are mounted directly to the chassis base with flat head
screws. The power transformer encapsulated module is provided with a metal base plate
and center stud. This not only aids in the construction of the module but provides an
efficient means of cooling the transformer by heat conduction from the metal base plate
to the chassis base. A center wall is provided immediately adjacent to the power
transformer for strength and heat dissipation.
The power supply is dip brazed aluminum, gold plated, and the transmitter is solid
aluminum, gold plated.
6.0 EMC Considerations The EMC-RFI design objective for this equipment is MIL1-26600 and MIL-1-6181D. These two specifications are essentially identical.
6.1 Power Supply Preliminary investigation of the breadboard power supply showed
the highest level to be 123 db on the unfiltered +27 vdc: primary power line at about
12 Mc. Filtering for this line was developed to obtain 90 db attenuation at this frequency.
The secondary DC power output lines required less attenuation than the primary power
input since the interconnecting lines from the power supply to the transmitter will be
short compared to a wave length at the frequencies being generated in the power supply.
Thus filters with attenuations of 50 db to 60 db at the low frequencies were required.
The power supply chassis has been designed with a single seam. The main chassis is a
brazed unit and the cover has a right angle step constructed to be a press fit into the
chassis. This type of construction gives at least 80 db of shielding to the power supply
frequencies.
The audio frequency susceptibility requirement of the power supply is met by the
feedback loop and the lowpass output filters.
6.2 Transmitter The transmitter EMC design required high frequency filtering and
shielding. The lowest frequency associated with the transmitter was 20 Mc. The highest
frequency was 2290 Mc, and the strongest signal power level was six watts at 380 Mc.
This required that the transmitter case attenuation be a minimum of 65 db. Screw spacing
of 3/8 inch with a 30 mil step in the cover, to decrease the possibility of straight through

holes in the seam, was the design chosen. The step in the cover was held to close
tolerances so that it is almost a press fit into the main chassis.
The power line filters for the transmitter are pi-section with a small distributed LC
feedthru in the chassis wall as the final element.
The transmitter spurious output was specified separately in the equipment specification
to be 60 db down from 2.0 watts. This requirement necessitates the use of dual cavities in
the final multipliers and traps in the low-level multipliers stages for suppression of the
low order sidebands.
7.0 Conclusion Although the tests of the packaged prototype models are incomplete,
the testing of the breadboarded circuits is sufficient to prove the basic potential and
feasibility of the design. On a breadboard basis, all the design goals for the VCXO
circuit were met. The overall output power and efficiency for the transmitter were met.
The spurious suppression was marginal, however, improvement in this respect is
expected. The power supply goals were met or exceeded.
The authors wish to acknowledge with appreciation the contributions of Mr. T. B.
Jackson of the Naval Ordnance Laboratory during the progress of this development.
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Appendix - Figures 15 through 22 contain a sample of data which shows the current
status of development of the program.
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TABLE I

PERFORMANCE-TO-DATE

Measurement

Specification

Data

Frequency

2200 - 2290 Mc

2280 Mc

Stability

± .001%

± .0007%

Output Power

2.0 W/50 ohms

2.2 watts

FM Deviation

± 1% / ± 125 kc

± 0.92%

Sensitivity

± 125 kc / Vrms

± 131 kc /V rms

Response

± 1 db / 100~ - 100 kc

90~ - 100 kc

Output VSWR

1-5:1 max. / 50 ohms

1-3:1

Transmitter Eff.

10.7% min.

12.2% R.T.

A SINGLE-TRANSISTOR, L-BAND TELEMETERING
TRANSMITTER
C. D’ELIO and J. POOLE
Microwave Tube Operations Department
RCA Electronic Components and Devices
Harrison, N.J.

The exceptional high-frequency capabilities of the new RCA overlay transistors, together
with the variable-reactance characteristics of the collector-to-base p-n junction in these
transistors, have made possible the development of a novel, efficient microwave power
source called the transistor oscillator-multiplier. In this type of power source, a single
overlay transistor is used as the active component for both an rf oscillator and an output
frequency multiplier to develop microwave signals at frequencies well beyond those
considered in the normal range of transistor capability. This paper describes a
developmental transistor oscillator-multiplier type of microwave power source, RCA
Dev. No. S-131, intended for use as an L-band telemetering transmitter. Fig. I shows a
photograph of the basic S-131 unit and a variant of this unit, the S-131VI.

Fig.1- The S-131 L-Band Power Source, a transistor
oscillator-multiplier intended for use as a
telemetering transmitter.

The S-131 L-band power source is a compact, lightweight device capab I e of delivering
more than 250 milliwatts of output power at an efficiency of 12 per cent when operated
at a center frequency of 1680 megacycles. The power source can be easily adapted for
either frequency or pulse modulation, and its center frequency can be readily changed
over a 2-per-cent tuning range by a single screw adjustment. These characteristics,
together with the inherent reliability and simplicity of the solid-state circuit, make
possible the use of the S-131 as a highly dependable L-band telemetering transmitter
capable of excellent performance in a wide range of applications.
PRINCIPLES OF OPERATION
The operation of the transistor oscillator-multiplier (TOM) is essentially the same as that
of an rf power source which consists of a transistor oscillator in cascade with a separate
varactor-diode frequency multiplier, except that in the TOM a single transistor provides
both the amplification for the oscillator and the nonlinear reactance (voltage-variable
reactance) for the multiplier. In the S-131 L-band unit, these dual functions are provided
by the RCA-2N3553 overlay transistor. This transistor can simultaneously fulfill the
active-component requirements of both the oscillator and the multiplier because of the
voltage-variable characteristics of its collector-to-base junction capacitance. This
capacitance varies with the voltage across the junction in much the same way as that of a
varactor diode so that, in effect, a varactor diode is built into the transistor.
Varactor Characteristics of Collector-to-Base-Junction
A varactor (variable-reactance) diode is a semiconductor junction in which the junction
capacitance varies nonlinearly as a function of the voltage across the junction. The
capacitance-voltage characteristics of the device may be expressed by the following
equation:

where VBD is the breakdown voltage, V is the voltage applied across the junction, N is
the contact potential, Cmin is the value of C(V) at VBD and n is a constant, the value of
which is determined by the type of junction (e.g. abrupt or graded). The value of n is
typically between 2.0 and 3.0.
The variation in the collector-to-base junction capacitance of the 2N3553 transistor as a
function of the collector-to-base voltage is shown in Fig. 2. It is apparent from the curve
in this figure that the junction

Fig.2 -Collector-to-base junction capacitance of the
RG4-210553 overlay transistor as a function of the
voltage applied across the junction.
capacitance is also nonlinearly dependent upon the junction voltage. It was further
determined that for an n of 2.5, a value well within the typical range for a varactor diode,
this curve is essentially defined by Eq.(D. Thus, the collector-to-base junction of the
2N3553 transistor exhibits the same characteristics as those of a varactor diode and may
be considered as such in the design of a transistor-oscillator-multiplier.
The Oscillator Circuit
Fig. 3 shows a schematic of the S-131 circuit. The dotted line encloses the oscillator
portion of the circuit; the remainder of the circuit together with the collector-to-base
junction capacitance of the 2N3553 transistor forms the multiplier. As shown in the
figure, a conventional grounded-base configuration was employed for the transistor
oscillator. The grounded-base arrangement assures that the collector-to-base (varactor)
terminals are the oscillator output terminals and thus the multiplier input terminals.

Fig. 3 - Schematic of the S-131 L-band TOM power source.

An equivalent circuit of the oscillator is shown in Fig. 4. The diagram on the left shows
that the oscillator feedback loop is formed by the impedances Z2 and Z3; in the diagram
on the right, it is shown that Z2 represents the collector-to-emitter capacitance Cce and
that Z3 represents the variable capacitor Cfb, shown in Fig. 2. These capacitances form a
voltage divider which permits the amount of feedback voltage to be controlled by the
adjustment of capacitor Cfb. The oscillator output impedance, Z1, includes the lumped
components L1 and C1 in parallel with the

Fig. 4 - AC equivalent circuits of the oscillator
section of the TOM.
collector-to-base (varactor) capacitance, Ccb, of the transistor. This combination
formstheoutput resonant circuit which essentially establishes the fundamental frequency
of the oscillator. The variable capacitor CI is used to adjust the fundamental oscillator
frequency and thereby to control the output frequency of the TOM.
The operating point of the oscillator is established by the dcbiasing resistors Rb1, Rb2, and
Re, shown in Fig. 3. The optimum values for these resistors were determined empirically.
Operating at a frequency of 420 megacycles, the oscillator has an efficiency of about 35
to 40 per cent and provides 0.75 watt of output power.
The Multiplier Circuit
The equivalent circuit of the over-all TOM is shown in Fig. 5. In this circuit, the
transistor is shown as a power source which operates at the fundamental oscillator
frequency, f1. Each of the impedances Z2 and Z4, the idler and output resonant circuits of
the multiplier, respectively, consists of a shorted section of microstrip transmission line
in series with a variable capacitor. The oscillator and multiplier sections are joined
together by the capacitance of the collector-to-base junction of the transistor. Because of

the voltage-variable capacitance characteristics of this junction, this capacitance, Ccb, is
represented by a varactor diode.

Fig.5 -Equivalent circuit of the TOM.
It is well known that the nonlinear, voltage-variable capacitance characteristics of a
semiconductor junction (varactor diode) provide the basis for an efficient frequencymultiplier process.1 The principles of operation of a varactor-diode frequency multiplier
have been described in detail by Penfield and Rafuse2. These principles are equally
applicable to the multiplier circuit in the S-131. Briefly, this multiplier allows all the
fundamental, 420-megacycle current developed by the oscillator to flow through the
varactor junction of the transistor so that the nonlinear capacitance of the junction (Ccb
Fig. 5) can generate harmonics of the fundamental frequency. For efficient operation, the
quadruplet requires an idler, which is a circuit that is resonant to twice the fundamental
oscillator frequency, 2f1. In the equivalent circuit shown in Fig. 5, this idler circuit is
represented by the varactor and the impedance Z2.
The idler allows all the second-harmonic (2f1) current to be circulated through the
varactor; this action, in turn, produces the second harmonic of the circulating current,
4f1, which increases the total available output power from the quadruplet. The output
impedance of the multiplier, Z4, should be resonant with the varactor at the harmonic
desired as the output.
DESIGN APPROACH
In the design of the S-131 L-band power source, the oscillator and multiplier sections
were considered as two distinct circuits Joined together by the collector-to-base unction
of the 2N3553 overlay transistor. Important considerations included the use of this

variable-reactance junction as both the load impedance for the oscillator and the source
for the multiplier, and the selection of the optimum type of impedance for the idler and
output circuits of the multiplier.
In most conventional oscillators, the power developed is usually delivered to an external
load impedance. In a TOM, however, the main element of the oscillator load impedance
is the varactor junction, which I’S also the source for the multiplier.
In the multiplier section of the TM, the idler impedance and the output impedance
(shown as Z2 and Z4 on the TDM equivalent-circuit schematic given in Fig. 5) are
required to be resonant with the varactor-junction capacitance of the transistor at the
second and fourth harmonics, respectively, of the fundamental oscillator frequency. For
an oscillator frequency of 420 megacycles, the resonant frequency of the idler circuit
should be 840 megacycles, and that of the output circuit should be 1680 megacycles. At
these frequencies, it is extremely difficult to construct a coil type of inductor having the
high unloaded Q required. Moreover, the limitations imposed on the size and weight of
the TOM precluded the use of waveguides or coaxial lines for the resonant circuits. For
these reasons, a shorted length of microstrip transmission line in series with a variable
capacitor was used for the idler and output resonant circuits. The lengths of microstrip
required for these circuits can be determined from either Smith Chart impedance plots or
the impedance equations for transmission lines. The calculations are relatively simple
and straightforward, although the loading effect of the collector-to-base capacitance may
present a slight problem because the average value of the dynamic capacitance can only
be approximated.
PERFORMANCE
In a typical TOM (RCA S-131) the output frequency is nominally 1680 megacycles with
a power output of 250 milliwatts and an efficiency of 12 per cent. Because the collectorto-base capacitance is a part of the oscillator tuned circuit and its values are a function of
voltage, the output frequency can be tuned electronically by varying the supply voltage.
Fig. 6 is a plot of power output, efficiency, and frequency as functions of the dc supply
voltage. It can be seen from the curves that the modulation sensitivity of the collector is
approximately 2.5 megacycles per volt. The frequency change with voltage dictates the
use of a regulated supply if frequency stability is desired. The performance with a
voltage regulator as a part of the unit is illustrated in Fig. 7. The regulator is simply
constructed, using a transistor with a zener diode as the reference. The addition ofthis
regulator reduces the over-all efficiency to approximately 8 per cent.

Fig.6- Power output, frequency, an efficiency of the TOM
as a function of the supply voltage without regulation.

Fig 7 - Power output, frequency, and efficiency of the
TOM as a function of the dc supply voltage
with a voltage regulator.

The performance of the TOM is also affected by changes in the ambient temperature.
Sensitivity of the unit to temperature is demonstrated by the plots of the variation in
frequency, efficiency, and power output with temperature shown in Fig. 8 (without
voltage regulator). To obtain a minimum variation of power output and frequency over
the temperature range, two different types of compensation were required. A positivetemperature coefficient resistor was used in the base-bias circuit in place of Rb1 (Fig. 3)
to maintain a constant bias current which effectively reduced the variation inoutput
power. In addition, a negative-temperature-coefficient capacitor was placed in parallel
with the variable capacitor from emitter to ground to control the frequency. The
performance of a power source which employed these two types of compensation (with
voltage regulator) is shown in Fig. 9. The variation in frequency from -50EC to 75EC
was only 1 megacycle, while the power output changes a total of approximately 3 db
over this range.

Fig.8 -Power output, frequency, andefficiency of the
TOM as afunction of ambient temperature for a unit
operatedwithout temperature compensation and
from an unregulated dc power supply.

Fig. 9 -Power output, frequency, and efficiency of the
TOM as afunction of ambient temperature for a temperature-compensated unit operated with a
voltage regulator.
The unit can also be easily adapted for frequency modulation. This modulation is
implemented by applying the modulating voltage through a series resistor to the base.
The modulation sensitivity of the base depends upon the value of the series resistor. With
a modulating frequency of 50 kilocycles, sensitivities of 0.5 to 1 megacycle per volt
(rms) are typical.
The oscillator frequency is primarily determined by the combination of L1 and C1
(Fig. 3). By adjusting C1, it is possible to vary the output frequency without tuning any
other variable. Fig. 10 shows a curve of power output as a function of frequency for the
single-screw tuning.

Fig.10 -Power output as a function of frequency using
mechanical single-screw tuning.
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Summary The dual polarized high-power synthetic conical scan tracking system was
designed for operation over the frequency range from 1700 to 2400 mc. This feed was
developed for an existing 33' parabolic reflector which is presently located at the Floyd
Test Site in Rome, New York. The feed network is located at the focal point of a
parabolic dish and is fabricated in WR-430 waveguide. The system provides a
horizontally polarized on-axis beam for transmission. It also provides two conically
scanning receiving beams at a frequency different from the transmit frequency. One of
the receiving beams is vertically polarized; the other is designed to receive the
orthogonal horizontal polarization. The conical scan is synthetically generated and
individual channel control is provided to allow the two receiving beams to be aligned.
The feed system may be converted to provide monopulse outputs by simply removing the
synthetic conical scanning mechanism.
Introduction The feed system to be discussed in this paper was developed to
implement one terminal of a two-way long range communications link. The
communications link is best described by reference to the sketch of Figure 1. It consists
of a 33' parabolic system located at the Floyd Test Site in Rome, New York and an 85'
parabolic system located in Trinidad. The Trinidad terminal transmits at a frequency of
2.27 gc. This energy is scattered from the Echo satellite and is received at the Rome,
New York terminal. In a like manner, the Rome terminal transmits its information at
1.84 gc, via the satellite, to the Trinidad terminal. The purpose of this paper will be to
discuss only the feed system for the Rome terminal. The feed system must be capable of
tracking the 2.27 gc energy scattered from the satellite in order to assure that the 1.84 gc
transmit beam is always positioned on the satellite. The nature of the scattered energy
from the satellite is such that dual orthogonally polarized reception is necessary at the
Rome terminal.

The feed system allows the transmission of 10 kw of average power at a frequency of
1.84 gc. It simultaneously illuminates the dish in such a manner that the Echo satellite
can be tracked at a frequency of 2.27 gc for both horizontal and vertical polarizations. A
conical scan tracking technique was selected with the added design feature that the
cross-over level could be varied.
The communications link was the responsibility of Page Communications Engineers,
Inc. and was implemented under an Air Force contract. The feed system was developed
by Radiation Systems, Inc. under subcontract to Page Communications Engineers.
Attention will first be directed to the basic concept which allowed the synthetic
generation of the dual polarized conical scanning beams. It will be shown that the
conical scanning system is a modification of an RSi conceived two-channel monopulse
technique1) and that the system can easily be converted into a monopulse tracker. The
latter half of the paper will describe the actual feed system used in the link.
The Basic Concept The primary problem presented by the system requirements was
the need for simultaneously generating two orthogonally polarized conical scan tracking
beams and one on-axis transmit beam. An RSi conceived two-channel monopulse
technique was utilized to generate an axially-symmetric sum beam and an axiallysymmetric complex difference pattern. A variable phase shifter is added to the sum
branch and the resultant sum terminal is combined with a difference terminal to generate
an offset beam. A 360E variation in the sum branch phase shifter causes the offset beam
to rotate 360E about the boresight axis of the parabolic dish. The conical scanning beam
cross-over and the resultant beam offset are controlled by the power division at the
terminals of the combiner. The theory of the two-channel monopulse technique will be
described since the conical scanning beams are derived from this scheme. No attempt
will be made to detail the rigorous theory of the monopulse technique. Two-channel
monopulse systems have been the subject of four years of extensive research at Radiation
Systems, Incorporated, and a complete description of these studies would be impossible
within the scope of the present paper. The interested reader is referred to references I
through 4 for a more complete description of the monopulse technique.
The far-field pattern characteristics which typify the two-channel monopulse technique
are illustrated in the amplitude and phase plots of Figure 2. The sum pattern, in both
amplitude and phase, is identical to that of a three-channel monopulse system. The
amplitude characteristics of the difference pattern resemble those of the azimuth or
elevation plane difference patterns of the three-channel monopulse technique. However,
there is one distinct difference: the amplitude pattern for the difference port of the twochannel monopulse scheme is symmetric about its boresight axis. Specifically, the twochannel system has a point null as opposed to the planar type nulls characteristic of the
three-channel system. An additional difference is the fact that the phase of this pattern

varies linearly through 360E about the boresight axis, relative to the phase of the sum
pattern. It is these complex amplitude and phase characteristics of the difference pattern
which allow for the elimination of the third channel needed in a conventional monopulse
system. The difference in the signal intensity between the sum and difference channel
defines the angular off set from the boresight position. The phase difference between the
sum and difference pattern defines the position of the target relative to a vertical or
horizontal reference axis. These two coordinates are all that is necessary to define the
direction of an incoming signal. The manner in which these sum and difference patterns
are processed to yield azimuth and elevation error signals, is described in the literature2.
The aperture configurations and relative phase excitations for three classes of twochannel monopulse antennas are shown in the sketches of Figure 3a and 3b. The first
type is a spiral radiator, the simplest version of which has four excitation ports1. More
ports may be added to yield higher order acquisition modes3. The sum beam radiates
from an equivalent circumference of one wavelength and the difference beam radiates
from an equivalent circumference of two wavelengths. The fact that the difference
aperture is twice that of the sum aperture allows the edge illumination for both modes to
be equated. This is a particular advantage for parabolic systems. The spiral radiator
provides a circularly polarized signal, the sense of which is defined by the sense of the
spiral windings. One sense may be achieved by exciting the structure at its center; an
opposite sense may simultaneously be achieved by exciting the spiral at its periphery. A
second technique is the dipole array arrangement shown in Figure 3a. This structure will
provide simultaneous polarizations of both left and right hand senses for both the sum
and difference modes. A third type of aperture is the simple four-horn cluster. This
device will radiate any polarization generated by the individual apertures. This is the
configuration used for the present system. The sum and difference relative phase
excitations needed for each general type of aperture configuration are listed in Figure 3b.
In all instances the individual arms (or apertures) of the radiators are excited with equal
amplitudes.
The general two-channel monopulse network is shown in Figure 3c. It consists simply of
the radiating elements and a monopulse comparator which provides desired excitations.
If a phase shifter is now added to the sum branch and the resultant terminal combined
with the difference branch, a conical scanning beam is formed. The beam moves about
the boresight axis as the phase, $ , of the variable phase shifter changes from 0 to 2 B
radians. The beam offset and conical scan cross-over are controlled by the variable
power divider.
The system characteristics may be generalized somewhat more rigorously by using a sum
pattern of the simple format

(1)
and a difference pattern expressed by

The normalized voltage pattern for the sum and difference channels may be computed
using standard aperture theory. When the sum and difference channels are combined
through the phase shifter and the variable power divider, the following equation results:
(2)
Note that the above expression is a maximum in the N plane when $ = N and a minimum
when $ = -N. The maximum amplitude in the 2- planes is a function of the voltage
division at the variable combiner terminals. Since the amplitude of the difference pattern
is zero on-axis, then it is a simple matter to show that the signal level at boresight is
defined as
(3)
Note that the signal level at cross-over is equal to the gain of the sum channel less the
energy supplied to the difference channel. The modulation ratio of the conical scanning
beam is defined by the expression
(4)

Examination of the above expression will indicate that the modulation ratio is a function
of the power division at the combiner terminals and the offset angle 2. Attention will
now be directed to the specific case of the antenna feed which was developed to satisfy
the earlier described system requirements.
Feed System Design The requirement for operation with an input transmit power level
of 10 kw, coupled with the added requirement for minimum system losses, resulted in the
choice of waveguide as the system propagation medium. The block diagram of the

waveguide version of the high-power dual polarized synthetic conical scan generator is
shown in the sketch of Figure 4.
The sketch shows a four-port feed with the phase centers of each port aligned on the
diagonals of a square. All the interconnecting transmission lines are formed in WR-430
waveguide. Each of the feed channels has two output ports; a rear port for horizontally
polarized signals and a side port for the vertically polarized signals. These output ports
are isolated from each other by a minimum of 30 db. The feed network thus provides
four separate outputs for the horizontally polarized network and four outputs for the
vertically polarized network. Since both of the polarization networks are electrically
identical, the remainder of the discussion will be confined to the horizontally polarized
network.
When a signal is introduced into the hybrid Tee, at point B on the sketch, the power
divides evenly between the magic Tee hybrids at points A and A'. The two waveguide
lines from the Tee are connected to the sum terminals with equal lengths of line. Thus
the two pairs of hybrid outputs are equal in both phase and amplitude. These outputs are
in turn connected, with equal lengths of line, to the four waveguide feed ports to
establish a sum (G) mode for on-axis transmission.
When a signal is introduced into the hybrid Tee at point C, one of the outputs connects to
the difference port of the hybrid at A'. The two outputs of this hybrid are now equal in
amplitude but opposite in phase. The second output of the hybrid Tee connects to the
difference port of the hybrid at A. The line length is equal to that connecting the Tee to
hybrid A'. However, a broadband 90-degree phase shifter is added thus establishing
hybrid outputs with relative phases of 90 degrees and 270 degrees.
The desired two feed modes have now been established with the following excitation
characteristics:

The manner in which the sum and difference ports are combined may be illustrated by
referring back to Figure 4. The output of the difference port at C connects directly to the
input of a variable Fox5) phase shifter. The output at B is passed through a triple stub
tuner and duplexer to one side of a variable waveguide power divider. The opposite side
of the power divider connects to the output port of the variable phase shifter. The triple
stub tuner allows for fine impedance matching of the transmit arm. The transmit power is
inserted into the duplexer which serves to isolate the received signals at 2270 mc from
the transmit signals at 1840 mc.

The output of the variable power divider passes through a triple stub tuner and receiving
filter to the receiver input. The tuner is used to match the power divider output to the
receiver input. The filter provides isolation between the transmit power which couples
through the hybrids. The receiver filter is necessary because the 35 db isolation between
the sum and difference ports of the hybrids is not sufficient to shield the receiver.
A common reference generator is utilized for both receiving channels. One output
provides a sin N signal and the other a cos N output. These outputs represent the azimuth
and elevation errors respectively, provided the scanning beams are aligned so that they
are in their uppermost position when N = 0 degrees. The two outputs are in the form of a
28.75 cps modulation on a 400 cps carrier.
All of the components from the waveguide Tee (points B and C) to the feed aperture are
located at the feed vertex. A photograph of this portion of the feed system is shown in
Figure 5. The remainder of the components, including the tuners, the variable phase
shifters, and the combiners, are contained in an equipment shack located immediately
behind the 33' parabolic dish.
Feed Component Description The major components of interest are the cluster of
four dual polarized feed channels, the matched waveguide magic Tees, the 90' fixed
phase shifters, and the variable phase shifter. The double miter waveguide bends, the
tuning sections, and the variable power dividers, were patterned after the techniques
initially suggested by Ragan6), and are of conventional design. The diplexers and filters
were supplied by Page Communications and hence will not be discussed.
The four-channel waveguide radiator is shown in the photograph of Figure 6. It was
necessary to reduce the individual waveguide apertures to less than one-half-guide
wavelength at the lowest Operating frequency of 1700 mc in order to achieve proper
illumination of the 33' parabolic dish. To accomplish this, the apertures were ridge
loaded with a gradual transition from the aperture plane to a square waveguide section
having a side dimension equal to that of the broad dimension of WR-430 waveguide.
Each channel was connected to a dual mode transducer patterned after the design
initially suggested by Tompkins7. The minimum isolation between the vertically and
horizontally polarized inputs to the transducer was in excess of 35 db. The input
mismatch at either port of any of the four waveguide channels, was less than 1.35 from
1800 to 2400 mc. The input VSWR reached a maximum value of 1.55 at 1700 mc.
The waveguide magic Tees were of conventional form except for the modifications
needed to accommodate the frequency range from 1.7 to 2.4 gc. Precision matching
techniques were utilized to obtain an input VSWR of less than 1.35 over the full
frequency range for both the sum and difference terminals of the magic Tee. The

minimum isolation between the sum and difference ports was in excess of 35 db over the
full frequency range.
The configuration of the fixed waveguide phase shifters is illustrated in Figure 7a. It
should be noted that the technique described in the Figure allows as many correction
points as there are sections. 8 The performance of the differential fixed phase shifter is
shown in Figure 7b.
The two-channel variable phase shifter is shown in the photograph of Figure 8. The
phase shifters were patterned after the design suggested by Fox5. This phase shifter was
developed prior to 1947 as a means of adjusting phase, independent of frequency, over a
360E range. The advantage of this type of phase shifter is that the phase change is
directly proportional to the rotation of the center section. The theory of operation for this
device is well known and no attempt will be made to reiterate its complete description in
this paper. The phase shifter consists of a rotating half-wave section sandwiched between
two-quarter-wave sections. The phase shift, $ , is exactly equal to twice the mechanical
rotation of the center half-wave section. Although Fox’s original design used thin
dielectric plates to achieve a differential phase shift between two orthogonal
polarizations, the actual phase shifter utilized metallic irises oriented at 45E to the input
E-vector. These metallic irises are not only more durable but can be designed to a high
degree of accuracy. It was shown by Chadwick9 that a two-section quarter-wave
component has a theoretical axial ratio of less than 0.5 db over a 32 percent band. The
resultant data obtained with the actual phase shifter was in good agreement with this
prediction. The drive motor, reference generator, and 400 cycle modulator for the
reference generator, are packaged in the phase shifter container. The location of these
components is defined in the photograph of Figure 8. The input mismatch of the phase
shifters was less than 1.22 over the full frequency range and the amplitude WOW did not
exceed 0.25 db. The insertion loss of the component was less than 0.2 db at any point in
the frequency band.
Feed System Performance The computed far-field patterns of the 33' parabolic dish,
illuminated by the waveguide feed, are shown in the plots of Figure 9. These sum
patterns were computed by utilizing the actual feed patterns to determine the illumination
at the aperture of the 33' parabolic dish. Classic numerical integration techniques were
then used to predict the far-field pattern. It should be noted that the computations do not
take into account the aperture blocking of the feed and struts. This blockage will tend to
increase the sidelobes. A computed difference pattern and a computed conical scan
pattern for a I db crossover are shown in the plots of Figure 10. The same numerical
integration techniques were utilized to compute these far-field patterns. Figure 11 is a
plot of the cross-over level as a function of the power division at the terminals of the
variable power divider. Examination of this plot will indicate that the cross-over level

varies from a mean of approximately -3 db when the power division is equal, to a mean
of approximately -1 db when the energy in the difference channel is 7 db below that in
the sum channel.
The entire feed system package may be tuned to have input VSWR of less than 1.2 at any
frequency over the range from 1.7 gc to 2.4 gc. The minimum isolation between the
vertically and horizontally polarized conical scan channels was greater than 25 db over
the full frequency range. The cross-over level of the conical scanning beam was variable
from less than -0.2 db to greater than -10 db. The gain at cross-over, and at a frequency
of 2.27 gc, was measured as 43.8 db. This gain figure is within 0.2 db of the predicted
value listed in Figure 10. The sum terminal was able to transmit 10 kw of average power
with no noticeable heating effects.
The photograph of Figure 12 describes the configuration of the entire 33' parabolic
system at the Floyd Test Site in Rome, New York. The receivers were manufactured by
the Airborne Instruments Laboratory of Long Island, New York. These parametric
receivers were liquid nitrogen cooled to achieve a maximum receiver noise temperature
of 125E K for the horizontally polarized channel and 130E K for the vertically polarized
channel.
Figure 13a is a plot of the antenna system temperature as a function of elevation angle.
Examination of this data will indicate that the noise temperature of the system is quite
good for elevation angles of 3E or more above the horizon. It should be noted that the
noise temperatures shown include the noise contributions of the receivers and feed line
losses. Tracking accuracy measurements were performed at the Floyd Test Site by
passively tracking the sun on solar noise and comparing the instantaneous pointing angle
at one second intervals with interpolated solar ephemeris data. The results were
considered to be representative of performance of the Echo satellite since; (a) the signal
levels are comparable, and (b) although the solar tracking rate is lower, the Echo tracking
rate is still sufficiently low as to introduce no appreciable velocity error. Figure 13b is a
plot of the observed tracking errors at the conical scan frequency of 2.27 gc. The median
tracking error is 0.04E while an error of 0.08E is exceeded 10 percent of the time.
Conclusions The synthetic conical scanning system described in the preceding
discussion has a number of significant advantages. It requires no moving parts at the
exposed focal point position and further allows an on-axis sum beam to be achieved
while simultaneously generating dual polarized conical scan beams. The technique
allows high quality far-field patterns to be achieved with a simple four-element cluster of
waveguide horns. The described technique further allows the cross-over level to be
varied to match the needs of a particular tracking terminal. Finally, the feed system may
be converted to a monopulse system by removing the dual channel variable phase shifter.
It should be noted that the conical scanning technique is considerably simpler for

receiving applications where high power is not a problem. For example, the dual mode
spiral technique suggested in Figure 3 requires an absolute minimum of hardware to
achieve the same results at low power levels.
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Figure 1. Rome, New York to Trinidad Communications Link.

Figure 2. R-F Characteristics of the Two-Channel System.

Figure 3. Aperture Configurations, Excitations, and a General
Two-Channel Monopulse Network.

Figure 4. Feed System Schematic.

Figure 5. High Power Waveguide Feed System.

Figure 6. The Four-Channel Waveguide Feed Package.

Figure 7. Configuration and Performance of the 90E
E Fixed
Differential Phase Shifter.

Figure 8. The Two-Channel Variable N Shifter

Figure 9. a) Computed Sum Pattern at 1840 mc; b) Computed Sum Pattern at 2270 mc.

Figure 10. a) Computed Difference Pattern at 2270 mc; b) Computed H-Plane Offset Beam at 2270 mc.

Figure 11. Cross-over Versus Power Division Ratio.

Figure 12. 33' Parabolic Dish Tacking System.

Figure 13. A) Floyd Site Antenna Temperature Versus Elevation Angle; b)
Distribution of 2270 mc Tracking Errors.

TELTRAC®, A TELEMETRY TRACKING ACQUISITION
AID SYSTEM
O. H. KNOWLTON, JR.
Manager, Special Projects Department
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Chatsworth, Calif.

Summary TELTRAC, A Telemetry Tracking Acquisition Aid System (Fig. 1), was
manufactured by Canoga Electronics Corporation for the National Aeronautics and
Space Administration to augment and update the Project Mercury systems for Project
Gemini. In addition, many of the components of the TELTRAC System have been
supplied to retrofit and upgrade the original Project Mercury systems. The features of the
TELTRAC System that are new in comparison to previously existing Telemetry Trackers
are the TELAR II Antenna and the Model 3403 Receiver, which employs both crosscorrelation and phase-lock techniques. The TELTRAC System design criteria and a
system error analysis, with particular emphasis on multipath errors, are discussed in this
article. The detailed design of the TELTRAC System, as well as its subsystems, is also
presented.
Introduction and System Description The first TELTRAC System scheduled for
delivery to the NASA was assembled and operating at Canoga’s facilities during the
twenty-two orbit Mercury mission of Major Gordon Cooper in Faith 7. A number of the
orbits were successfully acquired and automatically tracked even though accurate timing
and acquisition pointing angles were not available in updated form. Automatic track was
achieved at the horizon and was maintained until the Faith 7 signal disappeared over the
opposite horizon. The outstanding performance of the TELTRAC System during these
tests can be ascribed to the improved features of the TELAR II Antenna design. Other
telemetry tracking systems employing different antennas were attempting to track Faith 7
in the same locality and could not fully automatically track until the capsule elevation
angle was above 10 degrees. The maximum single orbit tracking time was 7.5 minutes,
and the total time of track for all orbits was about 30 minutes. Subsequent to this, the
TELTRAC Systems have been installed on-site and a number of vehicles successfully
tracked with the same outstanding results.
The TELTRAC System is a phase-sensitive, simultaneous-lobing tracking system. A
block diagram of the Gemini (TELTRAC) Acquisition Aid System is shown in Fig. 2.
For simplicity the receiver is shown in the cross-correlation detection mode only;

although circuits have been included for phase-lock loop detection as well. A summary
of the system characteristics is shown in Table 1. The system operates as follows: The
receiver is set to the proper radio frequency for the mission and the antenna is pointed
toward the expected target direction. The operator fine tunes the voltage-controlled
oscillator until the received signal is somewhat centered in the IF bandwidth by use of
the Panadaptor and/or audio signal and/or maximizing the signals observed on the error
meters. The receiver is set to the track condition at which time the receiver acquires the
input signal and produces the dc error output signals for the servo amplifier. Once
acquired, the operator sets the system track switches and the angular error loops are
closed. The error signals cause the antenna to be positioned in such a fashion as to cause
the errors to approach zero. The system is then angle tracking. Type II servos have been
included to minimize servo lag errors, thus minimizing the overall system angular errors.
Both synchro and digital data outputs are provided for use by other systems. A wideband voice channel output is provided for simultaneous reception of voice
communication. Eight wideband data outputs are provided for reception of telemetry
data on as many as eight radio frequencies in the band.
The features of the TELTRAC System that are new in comparison to previously existing
Telemetry Trackers are the TELAR II Antenna and the Model 3403 Receiver. The
TELAR II Antenna is an 18-element crossed-dipole array featuring selectable
polarization, difference channel side-lobes which are down over 18 db, and a gain of
approximately 20 db. The hybrid used with this array is a new 180-degree design, which
is broader band and more accurate than earlier versions, and its use virtually eliminates
boresight shifts with frequency due to the hybrids.
The Model 3403 Simultaneous Lobing Tracking Receiver incorporates both crosscorrelation and phase-lock techniques. With the exception of the preamplifiers, the
receiver is completely solid state. This results in high reliability, long life, small size, and
low power consumption. The receiver allows semiautomatic signal acquisition and can
be modified for full automatic acquisition. Instantaneous switching between any two
preselected radio frequencies is provided. The system will track all known types of IRIG
telemetry modulation in addition to optimum tracking of CW signals with phase-lock
techniques. For example, both broadband FM noise-modulated input signals and
nonreturn-to-zero PCM signals have been successfully acquired and pointing errors
derived with this receiver in the cross-correlation detection mode.
Angle Tracking Errors The elements of the antenna are interconnected in such a way
as to produce four centers of radiation, one at each of the four quadrants of the antenna.
These four quadrants are the phase centers of the antenna and these centers produce the
azimuth and elevation errors which cause the system to track. Referring to Fig. 3, which
is a simplified view looking down on the antenna, the error functions are derived as
follows: For this example, assume the phase centers are numbered 1, 2, 3 and 4 by

TABLE I
System Characteristics

starting from the upper right quadrant and proceeding clockwise. (It is also assumed that
the transmitter is at infinity so that the arriving wave front is a straight line.) If the
received signal, A cos (wt + 2), arrives at the angle N, the signals at phase centers 3 and
4 will be received before the signals at phase centers 1 and 2. The difference in the time
of arrival is related to the distance, D, the angle, N, and the signal wavelength, 8. The
distance, d, is D sin N, which in wavelengths is D/8 sin N. For small angles off boresight
(N # 0.1 rad), d is D N/8 wavelengths or 2BD N/8 radians. This is the lag of the signals
received at phase centers 1 and 2. If the four signals are now combined as shown below,
the result is a measure of the angular error in azimuth.

The reference, or sum, signal is the sum of each of the four signals.

By similarity it is easy to see that the angular error in elevation for this condition will be:

These three signals are then applied to the receiver for amplification, bandwidth limiting
and detection. The input to the error detectors are the error signals while the sum signal,
shifted by 90 degrees, is used as the reference. The output of the azimuth error detector
is:

Neglecting all but the DC term, the azimuth error is:

The output elevation error is similar to the above when the antenna boresight is off in
elevation. It can thus be seen that the angular error outputs are proportional to the sign
and the magnitude of the angle N . The servo amplifiers use these error signals to
reposition the antenna system so as to reduce the angle N to zero, which is the null or
boresight angle of the antenna.
Several important considerations are apparent from the preceeding examination if
accurate angle tracking is to be achieved. First, it is important that the antenna boresight
angle be kept constant over the frequency range and for the various polarizations.
Second, the antenna is the only element that can discriminate between the true signal and
those signals which look like the true signal but which in fact are reflections of the true
signal. The latter are well known multipath signals which occur at every frequency, but,
due to antenna size limitations, are more prominent at the lower radio frequencies. Third,
the phase and amplitude functions of the three channels of the tracking receiver must be
nearly identical over a wide dynamic range in order to maintain a constant angular
sensitivity. This results in a maximum gain, but highly stable, closed loop tracking
system, which, of course, leads to a minimum error. Fourth, since the system tracks in the
null of the antenna pattern, the servo must be versatile enough to be matched to the
dynamics of the vehicle to be tracked so as to eliminate the maximum noise from the
system. The TELTRAC system incorporates the latest technology in each of the above
areas to yield an angular error capability better than that of any comparable system now
in use. Each of these areas is briefly discussed below.
The TELAR antenna utilizes crossed dipole elements which with suitable RF
components, can be connected to receive either vertical or horizontal linear polarization,
or right-hand or left-hand circular polarization. (Remote acting coaxial switches can be
provided to switch polarization remotely if desired. ) These elements are connected so as
to produce, through power distribution, very low side lobe levels for an antenna in this
frequency range. To reduce the possibility of boresight shifts with either frequency or
polarization each crossed dipole is precision produced, each RF component is carefully
matched to its counterpart in the other antenna quadrants, each coaxial line is rigidly
connected to the ground screen to prevent phase changes with antenna movement, and a
new, almost frequency insensitive, monopulse hybrid unit is employed. The result of this
care is a maximum boresight shift of ±0.25 degrees for any combination of polarization
or frequency over the range from 225 to 260 Mc. The azimuth and elevation sum and
difference patterns are shown in Figs. 4, 5, 6 and 7 at the mid band frequency of 240 Mc.

It was mentioned above that the side lobe levels of the antenna were quite low. In the
sum channel the maximum side lobe level is 16 db below the peak of the main beam. In
the azimuth and elevation difference channels the side lobe maximums are maintained at
least 18 db and 20 db, respectively, below the peak of the difference beams. Not only are
low side lobes important in discriminating against multipath signals, but also the
beamwidth in the elevation plane is important. This is the reason the antenna is elongated
in the vertical plane. The elevation beamwidth is a nominal 14 degrees while the azimuth
bearnwidth is a nominal 22 degrees. The result of these two features is to allow accurate
tracking at a lower elevation angle than other comparably sized systems, and to almost
completely discriminate against multipath signals at elevation angles above about 15
degrees.
Based upon the patterns of the new TELAR Antenna, graphs have been prepared to
illustrate the errors which could result from multipath. In preparing these curves it has
been. assumed that only one reflecting path exists; whereas in practice a very large
number of paths exist. Large discrepancies could thus be observed between these curves
and actual performance depending upon the local terrain, wind condition, moisture
content, etc. Figure 8 illustrates the geometry of the true and multipath signals being
received by the antenna.
Figure 9 shows the measured elevation difference patterns of both the 18 element
TELAR Antenna and a typical Quad Helix Antenna at a frequency of 240 Mc. The
differences in beamwidth and side lobe level are immediately apparent. Graphs of the
locus of maximum boresight errors which result from each type of antenna are shown for
two cases. Figure 10 illustrates the case in which the amplitudes of the true signal and
the multipath signal are equal, while Fig. 11 is for the case in which the amplitude of the
multipath signal is 10 db below the true signal. Several observations can be made from
the results shown on these graphs.
1. Above an elevation angle of 15 degrees the maximum boresight error of the TELAR
Antenna is about 0.5 degrees, and is unmeasurably small between 18 and 25 degrees and
above 35 degrees.
2. The maximum boresight error of the Quad Helix is in all cases larger than that of the
TELAR at all elevation angles.
3. The larger beamwidth of the Quad Helix causes larger errors at elevation angles up to
20 degrees, and the larger side lobe levels of the Quad Helix cause errors up to 2 degrees
for elevation angles above 20 degrees.
4. For any antenna, increased performance will result if the multipath signal can be
attenuated with respect to the true signal. (Certain polarizations will accomplish this if

the mission will allow this selection. If the terrain and locality will allow, plowing of dry
earth and, in some cases, planting trees will help. )
Although the graphs are based upon certain assumptions known to be incorrect, they
nevertheless illustrate the superior performance of the 18 element TELAR Antenna.
Moreover, preliminary quantitative measurements on two different antenna systems
similar to the above tend to confirm the general trends computed above. As further
evidence, the 18 element TELAR Antenna did automatically track the Faith 7 capsule
down to an elevation angle of 0 degrees; whereas, other antennas having wider
beamwidth and higher side lobes could not.
The two major units of the receiver are the RF base of the antenna pedestal and the IF
amplifier control cabinet . The signals from the antenna are RF converter where they are
frequency translated ate frequency. The low noise amplifiers are wide RF without the
necessity for adjustment of any remote equipment. The main local oscillator is located in
the control cabinet and consists of two parallel crystal controlled oscillators to provide
for selection between any two radio frequencies in the band. Low noise ceramic triodes
are used in the RF converter preamp: The remainder of the receiver is solid state. The
AGC for the receiver is derived from the sum signal and provides a dynamic range of
70 db provided the maximum input signal strength of -50 dbm is not exceeded.
Since the three signals are reduced to an intermediate frequency almost immediately, the
amount of differential phase shift between the three channels is held to an absolute
minimum. An AFC circuit maintains the spectrum centroid in the center of the IF
bandwidth, and the AGC is accomplished without bandpass tilt or differential gain
changes between channels. By these means the relative gain and phase shift in each
channel is maintained nearly constant with the result that maximum closed loop gain can
be achieved with stability.
A Type II servo system is employed to reduce the position and velocity servo lag errors
to zero. Three steps of smoothing are incorporated to match the dynamics of the servo to
those of the vehicle being tracked. Secant correction is employed to increase the azimuth
loop gain with increases in elevation angle. This allows accurate tracking to an elevation
angle of nearly 80 degrees. A very high servo torque gradient is employed to keep static
servo errors minimized. Static errors in the gear trains are reduced through the use of
double planetary assemblies with adjustable backlash. The resulting servo amplifier and
drive system has a maximum static angular error of ±0.1 degree and an acceleration
constant of about 4 per sec per sec. For satellite tracking the maximum angular
acceleration will be about 0.4 degrees per sec per sec. The maximum dynamic servo lag
will thus be 0.1 degree rms. Use of the Type II servo also reduces errors resulting from
signal fading and provides rate memory during periods of momentary signal loss.

Another source of angular error arises from the mounting of RF components on the
antenna. Flexure of the coaxial cables will introduce phase shifts which will unbalance
the null of the difference channels. To minimize these errors these RF components have
been rigidly mounted on the antenna.
Wind error, Ew, is given by the ratio of the wind torque and system torque gradient, Tg.
Knowledge of the peak torque available is necessary to ensure that runaway will not
occur. The torque gradient is a constant independent of velocity. Therefore, the 50 mph
wind error is

where,
Tw = wind torque, and
Tg = torque gradient.
For the worst case the following values have been calculated:
Tw = 1930 foot pounds
Tg = 823,000 pounds foot per degree
Ew = 1930/823,000 = 0.00234 degree
In addition, the peak torque capability is in excess of that required to prevent slipping or
deflection of the antenna when operating in a 50-mph wind at 20 degrees per second.
In summary, the static angular error of the TELTRAC System over the frequency range
is about 0.25 degrees rms while the dynamic error is between 0.3 and 0.5 degrees rms
depending upon the angular acceleration.
The above statement presumes that the view angle to the target is unobstructed, the
elevation angle is between 15 and 75 degrees and the signal strength is within the
dynamic range of the receiver.
It should be pointed out in passing that evaluation tests of systems of this type with
aircraft frequently result in measured errors exceeding the above. Two factors contribute
to this: Glint errors and excessive servo lag errors. Glint errors are proportional to the
ratio of the target span to the target range. Compared to targets in space, an aircraft can
cause a considerable glint error since the span is greater and the range smaller. Errors of
as much as 0.5 degree can be observed with aircraft, whereas with space targets the glint
error is considerably less than 0.1 degree. The angular acceleration of a target relative to
a tracking system is proportional to a power of the ratio of target velocity to target range.

In certain aircraft tracking tests this ratio may be higher than that observed for a space
target. In these cases a larger angular acceleration occurs, which, of course, results in a
larger servo lag error. These factors are pointed out to illustrate that care must be
exercised during tests of systems of this type in order to fairly evaluate their performance
for their intended use which, in general, is tracking of space vehicles. For example, in
actual measurements, errors of as much as 2 degrees rms were observed when tracking
aircraft; whereas in a typical case of space vehicle tracking the measured errors were 5
milliradians (.0.3 deg) rms.
Acquisition and Tracking Considerations Due to accuracy limitations in the
telemetry transmitter and to unknown doppler shifts, a certain amount of fine tuning
must be provided in the receiver to optimize the position of the receiver bandwidth with
respect to the input signal spectrum. The following calculation derives the necessary fine
tuning range.
Neglecting second order effects, the frequency tuning range, fr, is composed of three
elements: the error in the transmitter frequency, )ft; the error in the receiver local
oscillator frequency,
; and the maximum doppler frequency, fd. These are
described by the following equations:

NOTE
The factor of 2 arises due to plus and minus
variations.

where

Using these values, the following result is obtained:

The frequency tuning range of the Model 3403 Receiver is at least 80 kc, well above the
required value.
The next item to be examined is the maximum acquisition range as it is limited by the
radio horizon. It is assumed that satellites, in addition to reentry capsules, will be the
targets. In order to achieve maximum acquisition range, the target must be above the
radio horizon. These factors are related by the equation

where
R = range in nautical miles, and
H = radio horizon altitude in nautical miles. (The equation employs a 4/3
correction factor to the radius of the earth. )
As an example, assume H = 100 nautical miles; R will then be 1028 nautical miles. If
H = 500 nautical miles, R will be 2300 nautical miles. In the event that the system
acquisition range exceeds the horizon limited range, the system will acquire the target at
the radio horizon.

It has been assumed that angular searching would not be necessary and that the full gain
of the receiving antenna would be realized. This will probably not be the case, although
it will be shown that the gain reduction is not large.
For small angles, the radius of a circle through which that target must pass is given by
r = R2
where
2 = angle between received signal and antenna maximum gain point in radians.
To reduce the antenna gain loss, it is necessary to make 2 at least 1/10 of the 3-db
beamwidth of the antenna. For a beamwidth of 15 degrees, 2 must be 1.5 degrees.
Assuming R = 1500 nautical miles yields

Thus, if the satellite passes through a circle of 78.4-nautical miles in diameter, the
antenna gain will be within 0.5 db of the maximum gain. Allowing a 3-db antenna gain
reduction increases the diameter of the circle to 392-nautical miles. The satellite will
undoubtedly pass in this circle and will probably pass within a much smaller circle. It is
estimated that a gain reduction of 1 to 2 db will be the typical case and is not a
significant loss.
Once a signal has been acquired, the system must track the signal in angle. Examination
of this requirement follows.
The 3-db bandwidth of the angle tracking circuits will be approximately 0.5 cps,
depending upon the smoothing position. Assuming a noise bandwidth of three times this
value and a noise figure of 5.0 db yields an error channel sensitivity of -166 dbm.
However, the sensitivity of the crosscorrelation detectors will be slightly worse - perhaps
-163 dbm (due to the cross-correlation of noise). When the antenna is aligned on the
target, the difference channel signals are down approximately 30 db with respect to the
sum channel signal. Thus, the equivalent sum channel signal is -133 dbm. If minimum
allowance, an assumed 6 db, is made for the error channel signal-to-noise ratio (to reduce
servo noise to an acceptable level), this value becomes -127 dbm. This value represents
the sum signal necessary to obtain the required tracking accuracy. For the case of an IF
bandwidth of 100 kc, the signal will be acquired when the level is greater than -113 dbm.
Tracking at the full accuracy capability should, therefore, be possible immediately after
acquisition. In the phase-lock loop mode of operation, acquisition may take place at
signal levels below -130 dbm; hence, full accuracy tracking will not be possible under

these conditions. Automatic tracking will be possible, however, with reduced angular
accuracy.
The dynamics of the target must now be examined and compared to the frequency
tracking capability of the phase-lock loop. As previously computed, the maximum
doppler frequency is about 7000 cps. The most difficult situation which can easily be
computed is shown in Fig. 12. Derived in Fig. 12 is the equation which relates rate of
change of doppler to doppler, missile velocity and closest approach. In a phase-lock loop
mode, the phase tracking error is given by the equation

where

Satisfactory tracking performance will be achieved when 2 is 1 degree or less. When Bn
is 250 cps,

The closest approach of the missile may now be computed for these two cases.

These values show that sufficient system capability is provided by the two bandwidths
chosen.

In regard to system operation, the tracking performance of the system at large elevation
angles needs to be clarified. Referring to Fig. 13, the azimuth rate, 2 , for a target moving
on the path shown is given by the indicated equation.
Thus, for a given R and V̄ the azimuth rate depends on the secant of the elevation angle.
For an overhead pass, 2 is zero until zenith is approached, at which time the antenna
must rotate 180 degrees instantaneously unless the antenna will plunge, i.e., 180 degrees
elevation angle capability. The phase of the error signal must, however, be reversed at
zenith in order to continue tracking.
Upon close examination, it is seen that the pointing vector of the antenna is indeed on
the target for an overhead pass, yet the situation will arise where the indicated azimuth
angle output will be in error by 180 degrees. For a path near to zenith, the same situation
is true; large angle error readout obtained, yet the antenna is still tracking and on the
target to within a few degrees of boresight.
In addition, as the antenna elevation angle increases, the geometry of the situation
reduces the effective antenna gain in the azimuth axis. This effect can best be understood
by projecting the antenna pattern on the azimuth plane (see Fig. 14). As the elevation
angle increases, the projection on the azimuth plane becomes broader and shorter. Thus,
the scale factor for the azimuth servo is reduced by the same factor as the azimuth rate
increases.
Secant correction can be applied to the azimuth servo system by a potentiometer
mounted on,the elevation axis. Secant correction acts to increase the azimuth servo
system scale factor of gain with the elevation angle. There is a practical limit to the
amount of correction that can be added, however, in that the secant approaches infinity
as the angle approaches 90 degrees. With secant correction, the limit is nominally 75 to
80 degrees. Beyond this, the azimuth error will begin to exceed the specified value.
In view of the foregoing, the angular accuracy, depending upon the effects of multipath,
cannot be guaranteed below elevation angles of 15 degrees and above elevation angles of
75 degrees. The inclusion of secant correction allows the accuracy requirement to be
satisfied between these angles while maintaining a stable servo system.
The range equation for systems of this type is

where
R
8
Pc
Gr
L

= range,
= wavelength = 1.15 meters (minimum),
= radiated power = 0.1 watt (assumed),
= receiving antenna gain = 20 db = 100,
= losses from all sources (cables, hybrids, atmosphere, etc.
= 10 db = 10 (assumed),
F
= noise figure = 5 db = 3. 16,
k
= Boltzmann’s constant = 1.38 x 10-23 watts/deg/cps,
T
= temperature = 290EK,
Bn
= noise bandwidth cps, and
(S/N)a = acquisition signal-to-noise ratio.
With the above assumptions the acquisition range for a bandwidth of 100,000 cps and an
acquisition signal-to-noise ratio of 6 db is 695 nautical miles. The range for other
assumed values can be readily determined from this value.
Subsystem Description.
TELAR II Antenna Subsystem The TELAR II antenna subsystem consists of an
antenna array, RF hybrids, and miscellaneous cables and connectors. The antenna is
based on the use of a multipolarized element used in a Dolph Tschebyscheff Array. The
array consists of eighteen of these elements arranged on a 12- by 18-foot reflector to give
a gain of about 20 db and difference pattern side-lobes that are over 18 db down. The
gain is obtained over the frequency band of 225 Mc to 260 Mc and the, antenna will
operate to 300 Mc without serious degradation. The RF hybrids interconnect the element
outputs in such a way as to yield a sum signal and an azimuth and elevation error signal.
The error signals are the result of a phase-sensitive monopulse receiving technique and
may be obtained in either the circular or linear polarization modes. The polarization can
be changed by changing the coaxial connections to the elements of the array. In the event
that frequent changes in polarization are to be made, the antenna can be provided with
coaxial switches for remote control of the polarization.
Circular polarization is obtained by feed the vertical and horizontal elements 90
electrical degrees out of phase with one either leading or lagging the other, depending
upon the sense of circular polarization desired. Linear polarization is obtained by feeding
either the vertical or the horizontal elements, depending on which polarization is
required. Polarization changes are accomplished by disconnecting the cables and
rearranging them as shown in Fig. 15.

The hybrid assembly is mounted, in a housing in the rear of the antenna (see Fig. 16). By
mounting this housing as close to the elevation axis as possible, the need for additional
counterbalancing weights is eliminated. All cabling from the antenna elements to the
hybrid assembly is securely clamped in place to eliminate excess vibration due to wind
loading and antenna motion.
Pedestal and Servo Drive Subsystem The basic antenna pedestal system is a high
performance, utility device, which can accommodate any type of directional antenna of
up to 1000 pounds gross weight and up to a 12-foot reflector diameter with a standard
five-foot riser base and larger antennas with special riser bases.
The significant features of the Canoga pedestal are: the use of compact double-planetary
interchangeable drive gear boxes having an eccentric backlash adjustment; modular data
packages and a balanced elevation yoke which eliminates eccentric loading of the
azimuth bearing, thus yielding high elevation angle accuracy. A stowing lock is provided
for this system, which performs the dual function of locking both the elevation and
azimuth axes while simultaneously disabling the servo amplifiers through the use of an
interlocking mechanism. The pedestal has a slim silhouette and the two identical antenna
counterweights, straddling the pedestal to permit plunging, are placed close to the
pedestal axes providing reduced polar rnoments-of-inertia.
All components of the pedestal system have been designed to operate under severe
environmental conditions including tropical, shipboard, or desert conditions. The quality
of the finish surpasses military specification.
The main structural parts of the pedestal are the elevation assembly, the azimuth
assembly, and the pedestal adapter (riser base). These parts support the antenna, house
the components that position the antenna, and furnish information in the form of synchro
data as to the direction in which the antenna is pointing. The pedestal is illustrated in
Fig. 17.
The elevation assembly is that part of the pedestal secured directly to the antenna and
consists of the elevation support, elevation drive assembly and elevation data synchro
package. The elevation support is a U-shaped alloy steel casting to which is bolted the
antenna support platform. It is supported through opposed, preloaded, tapered roller
bearings. The elevation synchro assembly and the elevation drive assembly are mounted
on one side of the support. The other side has a cover plate which provides access to the
elevation support shaft and bearing. Two counterweights, one on either side of the
elevation support, provide elevation balance to within ±25 foot pounds of torque in any
attitude. The elevation drive assembly consists of a one-horsepower, dc servo motor and
associated planetary gear drive. The motor is mounted on the gear housing and has a
maximum speed of 8000 rpm. The drive assembly output pinion is meshed with a

stationary drive, which is part of the elevation shaft and is bolted to the azimuth drive
shaft. When powered, the drive unit moves around the stationary drive gear, positioning
the elevation support assembly. Mechanical limit stops are provided as part of the
elevation drive assembly. The electrical stops are provided in the elevation data package.
The azimuth assembly is the lower part of the pedestal, which supports the elevation
assembly. The azimuth assembly consists of an azimuth drive shaft and base, the azimuth
drive assembly, and the azimuth data synchro package. The azimuth drive shaft consists
of a hollow alloy steel cylinder, geared to the azimuth drive assembly at the lower end.
The upper end of the shaft supports the elevation assembly. The RF lines and elevation
data and power cables pass through the hollow shaft and out through the side of the
elevation support to the elevation synchros, elevation drive motor and antenna. The shaft
is supported within the stationary pedestal base by two copposed preloaded, tapered
roller bearings. The standard azimuth drive assembly consists of a one-horsepower, dc
servo motor and associated planetary gear drive. The vertically mounted drive motor has
a maximum speed of 8000 rpm. The azimuth shaft extends below the motor mounting
plate allowing slip rings and rotary joints to be mounted in the pedestal adapter, if
necessary.
The pedestal adapter (riser base) is a cylindrical weldment assembly, which is used to
mount the pedestal to a foundation ring having a 43-1/2 inch diameter bolt circle. The
adapter for the TELTRAC system is eight feet high. A terminal panel in the adapter is
used to house all control and data wiring termination. An opening is provided in the side
of the adapter for access to the azimuth drive motor, azimuth data package and various
electronic units.
The electronic units of this subsystem are shown in Fig. 18.
The Type II servo amplifier and amplidyne drive system are employed. The
characteristics of the PS2W-1 Pedestal and Servo System in this application are
presented below:
Synchro data output:
Servo type:
Tracking rate:
Slew rate:
Acceleration capability:
Azimuth travel:
Elevation travel:
Elevation limit stop:

1 speed synchro
Amplidyne system with Type II servo and
smoothing
20 degrees per second, either axis
30 degrees per second
5 degrees per second per second
±450 degrees free travel
±470 degrees limit stop
200 degrees free travel
-15 to +195 degrees

Ka:
Servo bandwidth:

2 to 4 sec-2
0.5 cps (approx)

The control console houses the servo amplifier, pointing sensor, handwheels, azimuth
and elevation synchro indicators, mode and power switches, and suitable protective
fusing and/or circuit breaking devices, and other electronic units of the system. A dual
bay cabinet with 19-inch panels that is 24 inches deep and 72-inches high is used.
The amplidynes for the PS2W-l system are remotely located.
The control-indicator and servo amplifier chassis includes at least the following:
a. Azimuth and elevation indicators (Antenna and Ordered Positions)
b. Cable wrap indicators
c. Individual drive system on-off switches
d. Handwheels
e. Safety switch
f. Mode switches
g. Input power switch
h. Smoothing switch
i. Four meters to indicate amplidyne field current.
Three modes of operation are possible with this system:
a. Manual, in which an operator can control the movement of the antenna in azimuth and
elevation by means of handwheels.
b. Slave, in which the movement is controlled by a remote source via one-speed synchro
signals.
c. Auto-track, in which the antenna is controlled by error signals derived from the
Monopulse Tracking Receiver.
The various modes are described in detail in following paragraphs. Since elevation and
azimuth are identical only one channel is considered in the following discussions.
When the LOCAL switch is depressed to the on position, the following events take place
(see Fig. 19):
a. Magnetic clutches E101 and E102 are energized, completing the mechanical link
between the handwheels and the one-speed synchro torque receivers (which in this mode
is used as a transmitter) on the Control Indicator.

b. The stator leads of the torque receiver are connected to the stator leads of synchro
control transformer B4 in the associated pedestal data package. Rotation of the
handwheel causes a proportional rotation of the torque receiver (transmitter) rotor. The
angular displacement between the transmitter shaft and the shaft of the control
transformer in the pedestal causes a voltage to appear across the rotor of the control
transformer. The amplitude and phase of this voltage is a function of the amount and
direction of shaft displacement. This error voltage is applied through contacts of the
deenergized AUTO and SLAVE switches to the Servo Amplifier, which controls the
voltage to the antenna drive motor. The motor is always driven in the direction which
causes the two synchro shafts to become aligned. The antenna position is indicated in
degrees and tenths of a degree by synchro-driven dial indicators on the Control Indicator.
Another synchro-driven dial indicator indicates the position of the remote slaving
pedestal when the system is in the local or auto-track mode of operation.
The operator, when using the handwheel control can acquire a target and manually align
the antenna(s) to the target by observing the meters on the receivers.
When the SLAVE switch is depressed to the on position, the stator leads of control
transformer B4 in the pedestal are connected to a remote source of one-speed synchro
data. The error voltage from the control transformer is used to position the antenna in the
same manner as in the manual mode. Both magnetic clutches are deenergized,
disengaging the handwheels. The handwheel torque receiver is connected to torque
transmitter B1 in the pedestal, providing a follow-up action which allows switching
modes of operation without violent slewing of the antenna. The antenna position is
indicated in degrees and tenths of a degree by synchro-driven dial indicators on the
Control Indicator.
When in acquisition, the LOCAL switch is depressed to the on position and the operator
searches the applicable area in space by rotation of the handwheels, and tunes the
receiver. When a target is acquired, indicated by the error signal meters and acquisition
indicator, the operator then places the system in auto-track.
When the AUTO switch is depressed to the on position and a signal is present, the
tracking relay is energized and the following operations happen:
a. Magnetic clutches E101 and E102 are deenergized.
b. The receiver error signal is applied to a chopper, an auto-track amplifier, and through
contacts of the AUTO switch to the Servo Amplifier. A secant correction factor is
applied to the azimuth error signal before it is applied to the Servo Amplifier.

The Servo Amplifier receives the error signals and drives the antenna so that this error
remains at a null. The torque receiver is connected as in the slave mode, providing
follow-up. Antenna position indications are the same as in the manual mode of
operation.
Since the servo system is Type II, rate memory is automatically provided by circuits in
the Servo Amplifier. Should the system lose track, the error voltages are disconnected
from the servo system inputs. The integrating Type II servo system will remember the
last known rate and continue to move until ordered to stop.
The servo characteristics are usually chosen assuming no noise in the input to the servo
system. Noise can be anything from receiver noise to multipath. Under these conditions,
the minimum error will be obtained normally at a reduced bandwidth from that chosen
for the ideal case. Servo bandwidth reduction has been done with care so that no loss in
other desirable servo characteristics (such as torque gradient) occur. Three steps, from no
smoothing to full smoothing, are provided. Corresponding servo bandwidths of about
3/4, 1/3 and 1/10 cps are obtained.
The following are the important mechanical characteristics of the pedestal system when
operating with the TELAR II Antenna. These characteristics are determined by
calculations which, where possible, were verified by tests.
Wind torque:
1930 ft lb at 50 mph
4000 ft lb at 120 mph
Bearing load:
17,200 lb at 120 mph
89,000 lb rated
Load inertia:
550 slug ft2
Acceleration torque:
50 ft lb at 5 deg/sec2
Torque delivered:
2000 ft lb continuous
4200 ft lb peak
Drive gear stress:
70,000 lb/in2 operating
140,000 lb/in2 rated
Rotational energy:
150 lb ft operating
Limit stop energy rating:
400 lb ft
Overturning moment:
50,000 ft lb at 120 mph
Locked rotor resonance:
4 cps
Torque gradient:
823,000 ft lb/degree
Pedestal backlash:
±0.04 degree (max)
Data gearing accuracy:
±0.05 degree (max)
A Bode plot, which describes the attenuation-frequency characteristics of the servo
system, is shown in Fig. 20. The following equation was derived to describe the
equivalent simplified transfer function of the system.

where
Tn . locked rotor mechanical natural frequency
. 25 radian/sec
* . 0.1
The several time constants, Tn, are adjusted to obtain a system frequency response as
shown in Fig. 20.
Extension of the initial 40-db per decade line, which represents the 1/S2 term in the
previous equation, to zero db shows an acceleration gain constant of 3. The cross-over
frequency of 2-1/2 radians per second indicates a maximum servo bandwidth of
approximately 0.8 cps. The time constants T1 and T2 are separated sufficiently to permit a
phase margin of about 48 degrees at cross over. Moreover, the gain margin at cross over
is approximately 17 db.
Receiver Subsystem. - The Model 3430 Monopulse Receiver subsystem consists of a
preamplifier, multicoupler, converter, line drivers, and receiver proper. The dc error
outputs from the receiver mark the interface between the receiver subsystem and servo
subsystem. The following paragraphs describe the makeup and performance
characteristics of the receiver subsystem.
A block diagram of the receiver is included as Fig. 21. The components ahead of the
dotted line are mounted in the pedestal riser base; the remainder of the receiver, referred
to as the receiver proper, is mounted in the cabinet.
The pedestal mounted- components consist of the prearnplifiers, converters, and line
drivers. The receiver system signal is obtained from the hybrid, or RF bridge summing
network, output. The signal is first amplified 20 db in the tube prearnplifiers. The surnchannel signal is then further amplified in an active multicoupler (two outputs) and
divided. One output drives up to 250 feet of coaxial cable to a remotely located
multicoupler, and the other output is made available to the converter section. The three
signals, sum, azimuth difference and elevation difference, are then reduced in frequency
to the region of 50 Mc by the converter section. The outputs from the converter are fed to
line drivers which provide an impedance match to 50-ohm lines. After up to 250 feet of
cable run, the signals arrive at the receiver mounted in the control console. The signals

are first amplified in a broadband intermediate-frequency amplifier and then mixed with
the voltage-controlled oscillator output to produce a second IF signal. The signals are
further amplified in the second IF, and converted to the third IF where the receiver
bandwidth is selected.
The bandwidth is set at the desired value by switching appropriate IF filters in this stage.
The amplifier error signals are applied to the error phase detectors. The reference input
to the phase detectors is the limited sum signal in the correlation mode and is a reference
oscillator signal in the phase-lock mode. The pointing error voltages, )az and )el, are
then set to the correct scale factor for the servo system by the )az and )el dc to ac
synchronous modulator amplifiers. The sum signal is also detected to determine the
presence of a signal for AGC of the receiver. Signal tracking is accomplished by either
the phase-lock loop or the AFC circuit, depending on the mode of operation.
The prearnplifiers and mixers are broadband devices covering the complete frequency
range of Z25 to 260 Mc. The outputs of the mixer - line driver combination is, however,
restricted in bandwidth to approximately 5 Mc to aid in image rejection and to keep
spurious response to a minimum. The noise figure of the tube prearnplifiers is about 5.0
db. The complete set of receiver equipment mounted in the pedestal is suitable for
exterior environments.
The local oscillator is physically located at the control console and supplied to the mixer
converter unit in the remote pedestal unit via a cable run. Additional gain and drivers for
mixer injection are provided in the remote pedestal unit to correct for any cable loss. A
low frequency crystal oscillator and multiplier chain is utilized. Two crystals may be
supplied to provide operation at either of two selected radio frequencies. Frequency
selection may be accomplished instantaneously by a front panel selector switch.
Crystals for the 45 IRIG telemetry channels are provided in a separate storage drawer.
Frequency changeover to any new channel can be accomplished in a manner of minutes.
The necessary stability of the local oscillator is determined through consideration of the
maximum amount of doppler shift, expected transmitter drift and the fine tuning range of
the oscillator. Previous sections have established that a stability of ±0.005% is
acceptable.
Automatic gain control in the receiver must maintain the error voltage scale factor
constant over the useful dynamic range of the receiver. If the scale factor changes
seriously in terms of volts per degree, either the tracking loop will no longer track to the
required accuracy or the servo system will begin to oscillate.

The receiver has a dynamic range of at least 70 db for a 2-db figure of merit, i.e., a 2-db
change in the output voltage for a given angular error.
The dynamic range of 70 db is accomplished without center-frequency shift, band-pass
tilt, phase change of other deleterious effects in the receiver. The basic receiver
bandwidth is quite large with respect to the operating bandwidth determined by the
passive IF filter. A change in center frequency due to AGC control is not seen in the
overall receiver response.
The remote pedestal-mounted unit has no AGC control. Since 50 db of gain is provided
to overcome line losses and maintain system noise figure, there is an upper limit to the
input signal level beyond which saturation or overloading will occur in the front end of
the receiver. Assuming the line driver will saturate at an output level of 1/2-volt rms or 5
milliwatts, the input cannot exceed a level of -43 dbm. Measurements indicate that the
maximum input cannot exceed -50 dbm.
The AGC loop bandwidth is maintained at a value consistent with the operating RF
bandwidth and servo system bandwidth and is 30 cps. The loop bandwidth must be high
to accommodate rapid changes in input signal level, fading, signal drop out and
tumbling, among others.
When in phase-lock operation, the AGC is derived from a linear detector whose inputs
are the reference oscillator and the phase-shifted sum-channel signal. When in crosscorrelation detection, the AGC is derived from a standard diode detector operation from
the sum-channel signal. The circuit switching is shown in Fig. 21.
The phase-lock loop and AFC cross-correlation circuits are straightforward designproven circuits. The loop bandwidth for the phase-lock circuit is determined by
switching between simple low-pass filters. The filters are kept as simple as possible to
avoid time constant problems in the loop. Time constants and higher order effects result
in overshoot with large signal changes, resulting in loss of track or poor track. The
voltage-controlled oscillator (VCO) is solid state as is the VCO multiplier chain.
The AFC circuit is used in conjunction with cross-correlation detection. The switching
circuit is illustrated in Fig. 21. When in AFC, the limited output of the sum channel is
applied to a discriminator. The derived DC error voltage is then amplified and filtered
and used to control the otherwise idle VCO. Sufficient gain is provided to maintain the
carrier within a few kilocycles of the band-pass center to the limits of the VCO control
range.
The receiver and its features have been discussed sufficiently to allow consideration of
the subsystem performance. It was shown that full accuracy angle tracking will occur

immediately after acquisition when the sensitivity is at least -127 dbm. Acquisition
sensitivity is also a function of relative antenna temperatures; however, it is expected
that most acquisition situations will involve radio horizon or very low elevation angles.
The probability of greatly increasing the acquisition range due to low antenna
temperatures is somewhat remote.
The acquisition signal level with a 100-kc IF bandwidth (for example), in the crosscorrelation mode, and a 500 cps phase-lock loop bandwidth (for example), using a noise
figure of 5 db, is:

Allowing a minimum acquisition signal-to-noise ratio of 6 db results inan acquisition
sensitivity of -113 dbm and -136 dbm for -the two cases. (Calculations for the other
required bandwidths are appropriately scaled.
The overall tracking system has a null-depth capability of over 35 db in the antenna
difference pattern. When the system is aligned and tracking a target, the azimuth and
elevation difference signals, can be down as much as 35 db with respect to the sum
signal. The error channel signals can, therefore, be very close to the noise level of the
receiver for a portion of a tracking mission. For this reason, the, absolute magnitude of
the noise output in the error channels is restricted under all conditions. In addition,
before automatic tracking is initiated, the error outputs are grounded, preventing control
of the pedestal and servo system by noise. The aforementioned noise voltage output, in
conjunction-with the width of the difference pattern null and the servo bandwidth, allows
full tracking accuracy to be achieved at signal levels greater than -127 dbm.
Conclusion The foregoing has described the Canoga TELTRAC System manufactured
for NASA for the GEMINI Program. It has also explained some of the basic design
philosophy and the specific technical features arising out of that philosophy. The
importance of the antenna characteristics has also been illustrated, and, for its size, the
18 element TELAR Antenna has been shown to possess outstanding characteristics for
applications in TELTRAC Systems.
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A RADIATION HARDENED L-BAND TELEMETRY TRANSMITTER
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Summary The advent of requirements for nuclear radiation hardened telemetering
components is accompanied by numerous technological problems. Future vehicles may
impose severe environmental problems on a telemetering transmitter, as well as the need
for relatively high r. f. power output. This paper describes the development of a nuclear
radiation hardened telemetry transmitter, designed for operation in the 1435-1535 MC/S
band at a nominal 100 W average R.F. power. The development phases covered in the
paper consist of (1) design and radiation test of three low power transmitter exciters, (2)
design and test of three transmitters, including the 100 W power amplifier and circuit
modifications as dictated by radiation test, and (3) change in selection of the final R. F.
tube. The paper includes a description of the resultant developmental transmitter, some
comments on the major radiation effects problems, and some of the considerations in the
radiation test of the transmitter. The author concludes with current status remarks.
Introduction The advent of requirements for nuclear radiation hardened telemetering
components is accompanied by numerous technological problems. To meet this
challenge Ling-Temco-Vought, Inc., under the sponsorship of the Aeronautical Systems
Division (ASD), Air Force Systems Command, United States Air Force, undertook early
in 1963 to initiate development of certain critical nuclear hardened equipments,
including a telemetry transmitter for operation in the 1435-1535 MC/S UHF telemetry
band. The initial development consideration was the tailoring of a basic transmitter
exciter design to meet severe radiation environmental problems. Development
consideration was subsequently given to the need for relatively high r.f. power output.
The transmitter configuration chosen was based on an existing hybrid design which
employed a combination of vacuum tubes and solid state devices. The problem was one
of adapting the circuitry and system philosophy so that, where possible, only components
which had been previously tested in the nuclear radiation environments were used.
A thorough radiation test of three developed transmitters proved that operation in the
nuclear radiation environment was possible and resulted in the development of a second

generation transmitter with nuclear hardening modifications included along with the
capability for 100 watt average power output.
The Model 2441 Transmitter The model 2441 L-band transmitter shown in Figure 1
employs an advanced method of generating, stabilizing and modulating the r. f. carrier
frequency. The method is to frequency lock a crystal oscillator to a self excited oscillator
which operates directly at the output frequency. This is accomplished through the use of
an Automatic Frequency Stabilizing (AFS) System which has been thoroughly proven in
a number of operational equipments. Operation of the system may be shown by reference
to Figure 2.
A sample of the self excited oscillator frequency is mixed with the output of a crystal
oscillator to derive a frequency which is the difference between the 15th harmonic of a
crystal oscillator and the output frequency. This difference frequency is then amplified in
an IF strip, limited, and applied to a frequency discriminator. The DC output from the
discriminator is then applied to a reactance tube modulator (RTM) which is connected
across an oscillator tuned circuit. The action is such that as the oscillator frequency tends
to drift, a DC correction signal is generated and applied in the proper phase to the grid of
the RTM. By having sufficient system gain around the loop the instabilities inherent in
the self excited oscillator, for all practical purposes, are completely degenerated, and the
overall stability is determined solely by the crystal oscillator.
A unique locker search circuit with appropriate logic circuitry is included in the AFS
unit to insure immediate frequency lock.
The oscillator RTM employs a dual cavity in which one Z2869 ceramic tube serves as
the oscillator and another serves as a Reactance-Tube-Modulator (RTM). It is possible
by appropriate adjustment of the circuits to obtain a sensitivity of 5 mc/volt.
The inherent frequency stability of the oscillator-RTM without stabilization is in the
neighborhood of .1% which corresponds to approximately 1.5 mc/s. This means that the
error signal changes applied to the RTM grid will swing no more than 1 volt.
It is pointed out that the modulation voltage as well as the error signal voltage is applied
to the RTM grid. For a deviation of 250 KC only 100 mv of RTM grid voltage is
required, and for this small voltage change, extremely good linearity is possible. This
was borne out by actual measurement of linearity which was better than 1%.
The unit when first turned on is 6 to 8 mc/s high in frequency. This is far less than the
total pull range of the system and frequency lock is readily achieved. RF tuning
adjustments provide for operation of the oscillator-RTM over the 1435-1535 mc/s tuning
range.

The lo-level amplifier accepts the Osc-RTM output signal and raises it to approximately
I watt. This amplifier was also required in the second generation transmitter
configuration to drive the driver amplifier which in turn drives the final power amplifier.
The lo-level amplifier uses a ceramic General Electric Z 2869 tube in a grounded grid
cavity circuit. Bias is obtained through the use of a self-biasing resistor in series with
cathode circuit. Exceptionally good performance is obtained in this unit. For example, a
power gain of 10/1 is achieved with a plate efficiency of 40%.
The crystal oscillator package is comprised of a basic colpits oscillator and a buffer
amplifier and mixer. The crystal is not temperature controlled or compensated for
ambient temperature variations but was selected for its proven nuclear radiation
tolerance. It was felt that temperature and possibly radiation compensation should be
deferred to a later development stage.
The mixer is included as an integral part of the crystal oscillator package and utilizes a
General Electric high frequency ceramic 7841 diode. The mixer is a broadband untuned
circuit. The action of the mixer is to generate harmonics of the crystal frequency and to
mix the 15th harmonic with the high frequency RF to derive a 1 mc/s difference
frequency.
This design of the model 2441 transmitter was theoretically radiation hardened for
testing to radiation levels of 1.8 x 1010 ergs/gm-C for gamma and 1 x 1016 n/cm2
(E>.3MEV) for fast neutrons. The parts and materials problems associated with the
design involved (1) the conversion from transistorized circuitry to Nuvistor vacuum
tubes in the AFS, (2) the development of a 1500 mc/s self-excited oscillator without the
use of a varactor diode for modulation purposes, (3) the use of irradiated poly-ethylene
and other radiation acceptable dielectrics in lieu of Teflon, (4) the use of specially cut,
mounted, and housed crystals, and (5) the use of a specially built radiation hard delay
line in the AFS unit.
Radiation Testing Design effectiveness was put to the test in October 1963 when
three model 2441 transmitters were fully instrumented and radiation tested at the Nuclear
Aerospace Research Facility (NARF), General Dynamics, Fort Worth. These units were
exposed to a maximum exposure rate at 3 Mw of 1.2 x 109 ergs/gm-(C)-hr and 4.6 x 1015
n/cm2 -hr (E > .3Mev) for an integrated exposure of 1 x 1011 ergs/gm-(C) and 4 x 1016
n/cm2 (E>. 3Mev). A plot of exposure versus time should be referenced in Figure 3. Data
were taken at 3 to 10 hour intervals throughout the test.
The major considerations in the radiation testing involved (1) the necessity of using 125
ft. signal and power cables because of the remote reactor location and (2) the need for

reliable acquisition of usable data to sufficiently define transmitter performance during
the test.
During the radiation test the following parameters were recorded at intervals appropriate
to the anticipated dose level: Output power, output frequency, frequency stability,
frequency response, linearity, and test point outputs.
It is pointed out that in Figure 4, crystal oscillator changes vs. time, the frequency
changes shown on the curve have been multiplied by 15. This relates it directly to the
change in final output frequency.
Special note should be taken of the fact that the crystal oscillator frequency changes for
units No. 1 and 3 were out of frequency tolerance by a significant amount. These
changes were greater than anticipated for the type crystal used based on previous LTV
experiences. It should be further noted that the changes experienced in unit No. 2 were
within the bounds of previous test work, conducted by LTV.
In Figure 5, which is a curve of AFS error voltage, it can be seen that all of the units
were experiencing a gradual detuning, and in serial Nos. 2 and 3 there was an actual loss
of frequency lock. Serial No. 2 lost lock after approximately 101 hours (3.8 x 1016 n/cm2
(E>.3Mev) and 9.5 x 1010ergs/gm-(C)) and Serial No. 3 after approximately 70 hours
(2.5 x 1016 n/cm2 (E>. 3Mev) and 6.3 x 109 ergs/gm-(C)). Serial No. 1 maintained
frequency lock but was reaching a critical value. Figure 6, which shows the behavior of
power output, also reflects the effects of apparent detuning.
Thus, operational data taken during the test left several questions to be answered by
post-irradiation testing. Such tests were performed after nuclear radiation activation
levels had decayed to a safe working level.
The loss of frequency was found to be a result of nuclear induced deposition which had
taken place inside of the Osc-RTM cavity.
This had caused a shift in frequency which exceeded the pull range of the system. It was
possible to restore normal operation by retuning the oscillator frequency.
The deposition was attributed to the use of G10 fiberglass epoxy insulation material in
the cavity construction. This supposition was verified by comparison with the amplifier
cavity which was totally unaffected by such deposition. The amplifier employed identical
materials as those used in the Osc-RTM with the exception of the G10. It is suspected
that the G10 gave off a gas in the radiation environment which was subsequently trapped
and deposited on the internal surface on the cavity.

By substituting the irradiated crystal into an unirradiated crystal oscillator circuit it was
determined that the test measured changes were due to changes in the Bliley crystal.
Tests were made which showed that the circuit could not cause frequency changes: of the
magnitude which were experienced.
In general, the overall transmitter appeared to have withstood the nuclear radiation
design exposure of 1.8 x 1010 ergs/grn-(C) and 1 x 1016 n/cm2- (E >. 3Mev) without
severe deterioration of materials or components. Also it was proved that operation in the
nuclear radiation environment was possible.
The only significant problem that was found to exist was in connection with the
frequency control crystal oscillators which changed in frequency by approximately
0.05%. Many factors can affect the performance of a frequency control crystal including
exactness of cut, type of cut, polish of crystal, type of electrodes, contact materials and
envelope type. In order to determine the exact cause of change a number of tests in
which the above listed parameters are investigated must be performed. Pre-irradiation of
the crystal should also be investigated since only small changes are observed between 1
and 3 x 1016 n/cm2 (E>. 3Mev) with most of the frequency shift noted before this level is
reached. Any solution to this problem will be dependent on testing and evaluation of
various crystals.
The problem of loss in frequency lock is easily correctable, by a simple elimination of
the G10 fiberglass epoxy board that was used in the initial units.
The Model 2441A Transmitter Second generation transmitter development logically
followed the radiation testing of the model 2441 transmitters and resulted in the
demonstration of a 100 watt average power output capability and the achievement of
certain circuit refinements in the entire transmitter, especially in the Automatic
Frequency Stabilization (AFS) circuits. The model 2441 transmitter, as improved, now
carries the designation of model 2441A transmitter. Three of these units were obtained
for test and evaluation. Mounted together, they are shown in Figure 7.
The three transmitters operate in the 1435-1535 mc/s UHF telemetry band, and employ
the same advanced method of generating, stabilizing, and modulating the RF carrier
frequency. Power amplifier stages have been added so that three stages of RF signal
amplification are required to raise the final output power to the nominal 100 watt level.
The first stage is the same as that used in the model 2441 and again a minimum of 1 watt
of RF power is produced. Two more 10 to 1 amplifier stages complete the RF amplifier.
All three RF amplifier cavities are designed for heat conduction to appropriate mounting
surfaces and the use of overall forced air cooling. The unique final amplifier construction
requires no liquid cooling.

The overall developmental transmitters are 17" x 18" x 3-3/4" and of rugged construction
employing nuvistor implementation in the AFS, crystal oscillator, and mixer circuits and
UHF type ceramic tubes in the Osc-RTM and RF amplifier sections. Typical frequency
response and linearity data on the model 2441A transmitter are shown in Figures 8 and 9
respectively. Overall transmitter efficiency was 25%, which does not include any
allowance for power conversion units.
During final development of the 100 watt RE amplifier stage, it was discovered that the
tetrode (a Z5267) selected for this application was no longer in production. Difficulty in
controlling tube parameters had caused manufacturing costs to become prohibitive.
Replacement tube possibilities were discussed, including the X843D triode, however, in
view of the extent of existing cavity development tailored to the Z5267, it was decided to
retain the Z5267 in the developmental model 2441A transmitters. It was anticipated that
future 100 watt cavity designs could incorporate new final tube types, still retaining most
of the design advancements achieved with the Z5267 cavity.
Conclusions The feasibility and capability of a high power L-band telemetry
transmitter suitable for operation in a severe nuclear environment has been proven. No
claim is made that the resultant hardware is in the prototype stage. However, it is felt that
the developments achieved will have a bearing on many applications involving a nuclear
environment.

Fig. 1 - Model 2441 Telemetry Transmitters

Fig. 2 - Overall Transmitter Block Diagram

Fig. 3 - Nuclear Radiation Exposure of the Model 2441 Transmitters

Fig. 4 - Crystal Oscillator Frequency Change During Irradiation

Fig. 5 - Error Voltage

Fig. 6 - Power Output of the Model 2441 Transmitter During Irradiation

Fig. 7 - Three Model 2441A Transmitters

Fig. 8 - Serial No. 5 Frequency Response

Fig. 9 - Serial No. Linearity
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Abstract A discussion is provided of the propagation phenomena, and their associated
disturbances, that have been observed to cause significant degradation of the
performance of space instrumentation and communication links.
1.0 Introduction An adequate characterization of the space transmission medium is
an essential requirement in the design of all space instrumentation and information
transfer systems. The ultimate objective of such a characterization is to provide the
system designer and analyst with a description of the transmission disturbances in terms
of measurable or predictable parameters, so that a quantitative evaluation can be made of
the degradation in information transfer and the measurement errors caused by adverse
conditions between receiving and transmitting antennas. Unfortunately, our current
understanding of several important phenomena affecting signal propagation to and from
space vehicles is far from the level required for a reasonably close quantitative
estimation of the necessary parameters.
The unavoidable transmission disturbances maybe classified into additive and
propagation disturbances. In this paper, we are principally concerned with the
propagation disturbances. For this reason, the discussion of additive disturbances is
restricted to a brief description to distinguish them from the propagation disturbances.
In the discussion of the propagation disturbances, attention is directed to space links with
one terminal on the earth’s surface. The transmission channel between the terminals is
categorized on the basis of phases of a complete mission in which the geometry of
transmission paths and composition of the intervening medium show distinctive
characteristics. In some of these phases, the characteristics of the channel change quite
rapidly, in others they remain fairly regular over extended time intervals. Emphasis in the
present discussion is placed on the gross characteristics of multipath and plasmas. The
discussion relating to plasmas is necessarily restricted to the results of gross
experimental observations, inasmuch as the analysis of plasmas in all but the most
academic and totally inapplicable cases continues to be completely intractable, and only
recently has a drive for a systematic and comprehensive program of experimentation
been organized.

2.0 Additive Disturbances Additive disturbances are those that are added to the
desired signal from unwanted sources as original radiations that are (except for certain
types of deliberate jamming) causally independent of the desired signal. With the
exception of certain types of deliberate jamming, the presence or absence of an additive
disturbance in the receiver passband is independent of the desired signal.
Additive disturbances may be subdivided into:
a)

Random-fluctuation noise, including receiver front-end. noise, earth-noise pickup
by vehicle antenna and ground-antenna minor lobes, noise associated with all
atmospheric absorption mechanisms, and galactic and inter-galactic noise. Solar,
lunar and planetary noise are important when very narrow ground-antenna beams
are used, but because their effect is momentary, they are not considered serious
unless they can cause interruption of synchronized operation.

b)

CW-type interference from extraneous sources, including ground links in almost all
frequency ranges, or from spurious products of front-end loading or mixing or from
insufficient suppression of local RFI in the spacecraft, or in the ground station.

c)

Pulsed or impulsive disturbances mainly from othe requipment, such as radars.

This classification is based upon the fact that these three categories cause distinctly
different interference effects, are most conveniently represented and analyzed by
distinctly different analytical tools$ and usually are best handled by peculiar suppression
techniques.
The total effective random-fluctuation noise power at the receiver is usually expressed in
terms of an operating thermal noise temperature. It is important to emphasize that
although the operating thermal noise temperature of the receiving system is always an
important system design consideration, the difficulties of maintaining performance
reliability are often traceable to the presence of other signals or mixing by-products that
disturb the receiver operations and corrupt the spectral region of the desired signal.
3.0 Propagation Disturbances Propagation disturbances are the effects upon the
signal properties in time, introduced by the time -variant physical properties and
geometry of the traversed medium. These effects may be perceived as modulation of the
signal amplitude, of the phase (or frequency), of the polarization, and of the direction of
arrival.
Propagation disturbances include variable attenuation due to absorption and scattering in
the atmosphere (mainly the troposphere) and to geometrical divergence of power
radiated. to or from a moving vehicle, optical distortions due to the intervening earth’s

atmosphere and magnetic field, variable doppler due to relative motion, multipath caused
by mainbeam and sidelobe pickup of reflected rays and by pressure shock waves in the
atmosphere, and ionization and plasma attenuation and disturbances caused by rocket
exhausts and by intense heating on exit or re-entry into the atmosphere.
Propagation through the earth’s atmosphere subjects signals to refraction effects due to
the variation of propagation phase velocity in the different layers of the earth’s
atmosphere. Irregular and randomly variant refraction results in two effects that are
sometimes considered separately:
a)

a bending of the ray, amounting to a lengthening of the path of propagation, and

b)

a reduction in the group velocity resulting in an added extraneous time delay.

These propagation effects contribute significantly only to tracking errors. The total phase
shifts are strongly dependent on the angle of elevation of the vehicle, because a smaller
angle of elevation implies a longer distance to be traversed by the radio wave through the
atmosphere. Phase shifts due to refraction can be appreciable but are quite stable in
general. These phase shifts change slowly as the vehicle changes its elevation with
respect to the ground station, and vary with diurnal changes in the propagation velocity
in the various layers of the atmosphere. They are also dependent on the frequency of the
radiated waves.
Ionospheric dispersion results from variations of the index of refraction of the ionized
layers with frequency and may affect very wideband signals. This frequency dependence
causes a variable time delay with frequency, which may not even be linear in the secondorder effects, and may also be time -variant because it depends upon variable ionospheric
conditions and upon the changing thickness of penetrated ionosphere.
For frequencies above 100 Mc, the most troublesome propagation effects and hence the
ones of major interest in this paper - are those caused by plasmas and by multipath.
Atmospheric refractive effects are of serious concern in precision tracking, but will not
be emphasized here because of the considerable existing knowledge in that area and the
progress under way in the methods for correcting or compensating for them.
4.0 Types of Space Channels Space channels are characterized by the great and rapid
changes that can be expected in the geometry and the constitution of the medium linking
an earth-bound terminal with a space vehicle. It is therefore convenient to categorize
space channels on the basis of the dominant geometrical and dynamic features of
segments of the vehicle trajectory traversed relative to the earth-bound station. On this
basis we distinguish the following types of space channels:

The launch-phase channel
The near-earth orbital channel
The near-earth maneuvers channel
The earth-to-lunar transfer channel
The lunar-anchored channel
The interplanetary (or deep-space) channel
The atmospheric re-entry channel
The earth terminal-impact channel
Various disturbances dominate during the various phases of a space mission. However,
the additive disturbances may be expected to be common to all phases of the mission,
although disturbances intercepted by the spacecraft from earth-based equipment not
directly beamed at it may be expected to become negligible as the distance from the
earth’s surface increases. The earth’s atmospheric effects are present in all cases and
depend in each case on the length and orientation of the path traversed in the atmosphere
between ground station and spacecraft. Earth environment additive noises are also
common to all in their effect upon the ground terminal, and can only be reduced by
proper earth terminal siting and planning.
The above types of transmission channels will now be considered separately in order to
bring out their peculiar disturbances.
The Launch-Phase Channel During the launch phase the following propagation
disturbances may affect signal transmission significantly:
Booster, ullage and retro-exhaust plasmas introduce severe attenuation,
depolarization and phase disturbances by turbulent absorption, refraction and
reflection of the desired signal. The booster flame attenuation and attendant severe
fluctuations depend upon the aft aspect angle of the rocket.
In the Saturn test series,1,2 measurements of signal strength on various links in the
200-Mc and 2000-Mc frequency regions show consistently a dependence of flame
attenuation upon aft aspect angle as illustrated in Fig. 1. For aft aspect angles of
about 18E or less, the signal strength falls rapidly to a peak attenuation in excess of
20 db at an angle of about 14E, and then builds up again. (Because of prior engine
cutoff, no readings on attenuation have been made for aspect angles down to 0E.)
Ullage and retro-rocket effects, however, appear to be independent of aspect angle
because the plasma tends to engulf the vehicle. Signal strength recordings
illustrating the attenuation caused by the rocket exhausts are shown in Figs. 2 to 4.
It is important to observe that the maximum measured attenuation in Fig. 4 is
limited in each case by the available signal strength above the receiver noise.

Spectral analysis 2 of the fluctuations (with receiver AGC disabled and proper
provisions made for avoiding saturation) reveals a nearly uniform spectral density at
frequencies below 1 kc, with a rapid cutoff to negligible levels above 3 kc.
Antenna ionization effects have also been observed as the missile traverses altitudes
between 40 miles and 60 miles (containing the E layer of the ionosphere) which
may account for the fluctuations between 190 and 250 sec in Fig. 2. The antenna RF
glow discharge through the ionized layer causes a sharp decrease in signal strength
simultaneously at all receiving stations regardless of aspect angle. The attenuation
also lifts off simultaneously at all stations as the rocket rises above approximately
60 miles. The effects of ionization discharge include not only a reduction in
transmitted power, but also major changes in antenna pattern, impedance and
matching characteristics. Evidently, ionization effects can be reduced by reducing
the RF power output of the vehicle-borne transmitter. Pressure shock waves at
speeds above Mach 1 can also cause signal strength reduction due to fluctuating
cancellation of the direct wave by a reflected wave from the surface of the pressure
shock wave. 3 The effects upon the signal have been observed. to cause the ground
antenna pointing servos to be disturbed sufficiently to steer the antenna beam off the
target.
Multipath effects may also be expected during this early phase of the mission,
especially when the vehicle is tracked to elevation angles below 10E. Multipath will
be considered in some detail in the sec tion on Multipath Effects.
Atmospheric absorption and refraction phenomena will also be present with effects
that depend upon the thickness of atmosphere penetrated. Ray bending and changes
of phase velocity, principally in the troposphere, affect principally the tracking
accuracy.
The launch phase is also characterized by high dynamic range of signal strength and
by non-negligible ground-environment additive disturbances at the vehicle.
The Near-Earth Orbital Channel The near-earth orbital channel is characterized by
periods of high dynamics in which severe requirements are imposed on acquisition
circuits and on techniques for accomplishing handover as the vehicle sets at one station
and rises at another. Transmission to and from the spacecraft will be subject to severe
multipath at elevation angles below about 5E, and to the effects of absorption and
refraction in the atmosphere. The earth environment additive noise may also be
occasionally non-negligible at the spacecraft.
The Near-Earth Maneuvers Channel Between the earth parking orbit phase and
earth-to-outer space insertion, a number of critical operations and maneuvers may be

necessary. In the Apollo mission, these maneuvers will include CSM/LEM transposition.
There are several rocket firings that can cause exhaust plasma effects similar to those
described above for ullage and retros.
The Earth-to-Lunar Transfer Channel While the spacecraft is traversing the
trajectory leading to or from the vicinity of the moon, the transmission characteristics are
expected to portray the gross features of the deep space channel. Normally, it is assumed
that the deep space channel is characterized by single-path transmission to the spacecraft,
and the changing attenuation with distance is the principal propagation effect (together
with the atmospheric absorption and refraction effects, of course). However, the
possibility of multipath cannot in general be ruled out, as we shall point out in the
section on the Interplanetary (or Deep Space) Channel, below.
The Lunar-Anchored Channel In addition to the expected rocket firings near the
moon, transmission to the vicinity of the moon will feature components of signal
reflected and scattered off the jagged surface of the moon.
The Interplanetary (or Deep Space) Channel In links between the earth and a
spacecraft hundreds of thousands of miles away, at least one terminal (the earth terminal)
must use a very high-gain antenna (with a current practical limit on gain of between 60
and 70 db). The beamwidths of such antennas are in moderate to small fractions of
degrees. Consequently, small fluctuations in the angle between the axis of the main beam
and the direction of arrival of an incident wave can cause either terminal in the receive
mode to experience considerable fluctuations in signal level. The angular fluctuations
can result from mechanical causes, such as wind pressures and vibrations, or from
variable refractive effects in the intervening medium between the two terminals.
Experimental evidence indicates that outer space, especially within the inner regions of
the solar system, is far from truly “free space.” The sun’s corona extends at least as far as
the earth’s orbit, and considerable ion densities exist in non-uniform distributions. The
inherent dispersion in this medium is not considered of practical concern because
estimates of the coherence bandwidth are in the hundreds of megacycles for operating
frequencies in the 1 to 10Gc range. But the possibility of multipath resulting from
deflection at the surfaces of ion blobs of very large dimensions cannot be ruled out, and
such multipath has reportedly been experienced already. 4 The differential time delay )J
between a direct path and a secondary path, with a small difference 2 in angle of arrival
from a transmitter a distance R away, may be about R22/2c for deflection at very small
grazing angles near midpath, where c is the velocity of light. If 2 = 10-3 rad, )J will be in
microseconds for values of R in millions of kilometers.

The Atmospheric Re-entry Channel Re-entry into the earth’s atmosphere is
distinguished by high dynamics and by the formation of an intense plasma sheath
enveloping the re-entering spacecraft. Total blackout is an almost certain occurrence for
the duration of the plasma sheath. In addition, the trailing plasma as well as the large
volume of the enveloping plasma will have a strong effect on target acquisition and
definition by skin-tracking radars.
The Earth Terminal-Impact Channel Prior to terminal impact, reception from the
spacecraft by ground stations and by aircraft may experience significant multipath
effects.
Plasma Effects There are several critical intervals in the life of a space mission when
rockets are fired giving rise to exhaust plasma clouds. The times of these firings are
times when a command may be desired to trigger some critical operation, and continued
reliable telemetry transmission is essential for later diagnosis of possible malfunctions.
For example, in the earlier phases of a Saturn V lunar shot, out to 25,000 miles, there is
the large booster rocket on takeoff. Later, retros are fired to separate S-IC from the rest
of the rocket system. This is preceded by ullage rockets for compressing the fuel by a
gravitational-type pressure in order to aid the fuel pumps in igniting the S-II stage. The
same is repeatedwhen separating S-II from S-IVB and igniting S-IVB, when separating
S-IVB from the spacecraft, and in later maneuver operations to direct the spacecraft out
toward the moon.
Vehicles moving at hypersonic speeds through the atmosphere also be come engulfed in
a plasma caused by the intense heat of friction.
The plasmas that form in the trailing rocket exhaust region during powered phases of
flight and rocket-powered maneuvers, and around a vehicle in hypersonic motion during
atmospheric exit and re-entry are in general highly turbulent. Signals impinging on such
dense, nonuniform and highly turbulent plasmas experience nonlinear randomly timevariant effects.
In response to an applied electromagnetic field, the vibrating electrons in the plasma act
as parasitic radiators alternately absorbing and re-radiating energy. Collisions introduce
a randomizing effect that keeps the excited plasma from re -radiating coherently with the
applied field. The net effect of this turbulent randomization is to cause a signal
attenuation, signal frequency spread, spurious modulations, loss of phase coherence
between signals, and a change of polarization. Plasmas also strongly affect antenna
matching characteristics, radiation patterns, and power handling capability, and reduce
the field strength necessary for breakdown in the aperture region. Breakdown is a
condition in which the air surrounding the antenna aperture becomes a strongly

conducting medium that will not support wave propagation. Antenna breakdown is a
very common cause of telemetry, command. and communication dropout. The absorption
of energy by the plasma from the radio waves also provides a nonlinear response that
causes cross -modulation and frequency mixing among two or more strong signals
present.
Unfortunately, no data are available at present that would enable us to estimate the signal
distorting characteristics of the plasma “filter.” It is known, however, that at frequencies
exceeding the plasma frequency, where the plasma behaves essentially as a dielectric, a
nonturbulent plasma propagates a signal with negligible attenuation and) although it
shifts the signal phase, it does not affect noticeably the mutual coherence properties of
the signal components. But records of signal envelope behavior gathered on test firings
indicate that signals in the 200-500 Mc range undergo severe attenuation, characteristic
of operation below the plasma frequency. Attenuation ranging between 10 and 30 db is
observed in the ascent phase of the flight. Blackouts extending up to 6 sec accompany
retrofirings with observed attenuation of up to 60 db. Exhaust plasmas of solid-fuel
engines (such as the retro-rockets in the Saturn tests) introduce more severe effects than
those of liquid-fuel engines. Moreover, the rapidly fluctuating noise-like appearance of
recorded envelopes caused by the plasma indicates a high degree of turbulence and
suggests that considerable intermodulation and phase randomization effects would
emerge among the components of a signal. Experimental studies of the fluctuations in
signal strength caused by exhaust plasmas of the Saturn vehicle thus far show a power
spectral density that is uniform for frequencies below I kc, and cuts off rapidly to
negligible levels beyond 3 kc.
Quantitative predictions of the exhaust plasma effects require specification of the carrier
frequency, T. the length x of the traversed path, the electron density profile, N(x) , along
the traversed path, and the collision frequency L as a function of x. The transmission loss
can then be expressed as
(1)

where K is a constant and A(h) is, in general, a function of altitude, h.
For a mission requiring a variable thrust, all of the above parameters will change rapidly,
in a way that, in principle at least, can be predicted if the following are known: thrust
profile, propellant, nozzle material and configuration, nozzle pressure and temperature,
ambient conditions, and contaminants. Similar information will be required for the
prediction of any other effects. To predict, for instance, the nonlinear mixing of two
signals, one needs, in addition, to know the near-zone field strength, the local electron

temperature and the collision parameters peculiar to the chemical compounds present.
The complexity of relating the required basic information to the gross effects upon the
signal and the difficulty in obtaining the basic information even in well specified cases
makes reasonably close quantitative predictions of plasma effects nearly impossible at
the present time.
Some general statements can however be made of a rather qualitative nature. For
example, it is reasonable to expect that unless the transmission is blacked out because of
antenna breakdown or total opacity, the signal emerging through the plasma may be
modeled by a pure scatter component with the properties of a complex gaussian process
superimposed on a “specular” component of comparable or larger mean-square value.
This may be justified by heuristic reasoning in terms of the mechanism of interaction of
the incident signal and the turbulent plasma below the plasma frequency, and in terms of
the Central Limit Theorem.
Three gross parameters of the transmission are usually of special interest to the system
designer. The first, called the coherence bandwidth, defines the maximum range of
frequencies over which all frequency components would fluctuate essentially in step, or
the fading is essentially frequency-flat. The second, usually called the fading bandwidth,
defines the nominal width of the dispersion in frequency suffered by each individual
frequency component; or, equivalently, is defined by the nominal rate at which the
fluctuations in the channel occur. The third, which we call the diversity bandwidth, or
the decorrelation bandwidth, is the minimum frequency separation between two input
carriers that will result in a correlation coefficient of 1/e or less between the
corresponding output envelopes. For propagation through a plasma, these parameters
depend on the path length, the conditions of the intervening plasma and the mechanism
of multipath transmission in the presence of the plasma. The time variability of the
geometry of the propagation paths in the link and the turbulence of the plasma account
for the fluctuations in the multipath conditions that degrade system performance. Thus,
the above parameters are themselves random variables that, strictly speaking, can only be
specified in statistical terms.
Generally speaking, one can only state broad guidelines for design estimation of the
above parameters at the present time. Thus, the definition of coherence bandwidth must
be based on a criterion of performance degradation that is suitable for the intended
application. Computations based on reasonable engineering criteria of noticeable
degradation in probability of error of binary signal reception and intermodulation
distortion of FDM/FM signals, show that the coherence bandwidth should be taken as
roughly one tenth or less of the reciprocal of the difference between the times of arrival
of the earliest and the latest significant paths. The diversity bandwidth is about 10 to 50
times the coherence bandwidth. The fading bandwidth experienced to date in the Saturn
test series is between 1 and 2 kc.

Illustrations of multipath mechanisms associated with an exhaust plasma are shown in
Fig. 5. In Fig. 5(a) the spatial selectivity of the ground transmitting and receiving
antenna, as defined by a beamwidth "GA , limits the angular spread of the main-beam
receivable paths at the ground antenna. In Fig. 5(b) the dimensions of the trailing exhaust
region limit the maximum angular spread of the main-beam receivable paths. In each
case, all but a direct unobstructed path can be expected to portray a fine structure caused
by the turbulence of the plasma. Estimates of the delay spread. of the paths can be made
in each case for estimating coherence bandwidths.
Thus, for the configuration of Fig. 5(a), the maximum differential path delay is
approximately
(2)
where a is the distance, along the direct path, from the vehicle antenna to the
perpendicular from the reflection point. Thus
(3)
For a 1E beamwidth,

For the situation illustrated in Fig. 5(b) the width of the delay spread is approximately
(4)
where D is the maximum diameter of the plume and a is defined for the extreme
secondary ray as in Eq. (2), the reflection point being taken at the final deflection that
directs the ray to the ground antenna. The corresponding Bcoh is estimated to be
(5)
Thus, for D = 300 m, and h >> a,

An estimate of coherence bandwidth may also be given for forward scattering through a
plasma. Such estimates depend upon the dimensions of the irregularities, blobs, or
turbulent eddies in the plasma. In forward scattering, only the irregularities of the largest

scale (2BL/8 > 1) are of importance. 5 For a weak scattering case (multiple reflections
neglected) it can be shown6 that the fractional correlation bandwidth is, approximately,
(6)
where h is the distance of the irregularities from the receiver and c is the velocity of
light. By definition, the correlation bandwidth in this formula is the frequency separation
Bcorr between two incident carriers at which the cross -correlation function between the
envelopes of the responses to these carriers falls to one-half. The coherence bandwidth
should be taken as about one-tenth or less of the correlation bandwidth. Accordingly, we
write
(7)
As an illustration, if L = 30 m and h = 5 x 104 m, then

It is interesting to point out that the presence of the plasma near to or engulfing the
receiving antenna contributes to the operating noise temperature of the receiving system.
It has been shown7 that for an isotropic plasma around a hyper-velocity vehicle, the
excess noise temperature results mainly from
a)

the vehicle surface temperature for radio frequencies below the plasma frequency
(the vehicle surface contributing about 500EK, the plasma 100-200EK);

b)

external sources for radio frequencies well above the plasma frequency (e. g. ,
300EK by the earth’s surface, plus a rapidly decreasing contribution of less than
100EK from the plasma); and

c)

direct emission by the plasma for radio frequencies about the plasma frequency
(with a pronounced peak of about 2000EK from the plasma alone just above the
plasma frequency).

6.0 Multipath Effects A variety of propagation mechanisms gives rise to secondarypath signals. It is convenient to distinguish between
a)

deflection mechanisms including scattering, path splitting, ducting and critical
reflections at boundaries of regions with nonuniform and rapidly changing
refractive properties in the intervening atmosphere and outer space; and

b)

reflections at earth (land or water) and lunar surfaces and intervening massive
obstacles.

Secondary paths, ranging between specular and diffuse, depending upon the secondary
transmission medium, are received because of insufficient trans mitting and/or receiving
antenna directivity and because of minor lobes. Multipath of type (a) may dominate
principally in links with highly directive antennas oriented at elevation angles greater
than one-half the bearnwidth above potential reflecting surfaces or obstacles. Reflected
secondary paths may always be received through minor lobes, but dominate in major
lobe reception at low elevation angles when the antenna beam intercepts ground surfaces
and obstacles.
The two-path case may in general occur more frequently than the case of more than two
paths. The relative path strengths and differential delays are critical parameters. Let fg(2h,
2v ) define the ground antenna pattern (relative to the direction of maximum transmission
2h = 0, 2v = 0), and fs (2p, 2c) define the vehicle antenna pattern (2p denotes angle in the
radial plane through the central axis of the missile, 2c angle in the plane perpendicular to
the missile axis). The relative amplitude of the reflected wave at the receiver, as
compared with the direct wave, will be the reflection coefficient multiplied by the excess
path loss and by

in which the subscripts 1 and 2 represent the direct and the reflected
paths respectively.
The worst reflections are usually from a large body of water. For re flection from a body
of water, the surface roughness will not generally be sufficient to result in a reduction of
the reflection coefficient to a low level, except perhaps in rough weather with
exceptionally high winds. The reflection is therefore often essentially specular and very
bad fades can always be expected, especially with horizontally polarized waves. But with
vertically polarized waves the reflection coefficient, though very nearly equal to unity
for very small grazing angles, drops to about 0.7 for grazing angles near 1E , which may
lead to significantly shallower fades (especially at the lower microwave frequencies)
than is experienced with horizontally polarized waves.
The amplitude ratio of reflected to direct path is thus a function of polarization, the
characteristics of the reflecting surface, the various orientation angles indicated in the
above expression for ( , the grazing angle, etc. (For grazing angles below 1E, the
reflection coefficient of reflecting surfaces is almost independent of the conductivity and

dielectric properties of the surface, the polarization of the wave, and the grazing angle.
The principal controlling factor is then the surface roughness. ) It is therefore difficult to
give numerical examples without being too specific. But some general observations can
be made:
Amplitude ratios close to unity are likely, and differential path delays of up to a few
milliseconds may be encountered. But high amplitude ratios will most frequently be
associated with differential path delays of a few microseconds or less. Under most other
practical conditions in the AMR area, one may expect amplitude ratios near unity to be
associated with delay differences of less than 1 :sec, and delay differences of the order
of 10 :sec or more to be associated with amplitude ratios of a few tenths or less. In airto-air links, where telemetry signals are received in an aircraft at altitudes of several
miles and reflection occurs at a water surface, delay differences of 10 :sec or more may
be encountered with amplitude ratios between 0.5 and 1.
Envelope fluctuations of about 10 db have been observed within the first few minutes
after take-off, indicating amplitude ratios of over 0.8 and delay differences of less than 1
:sec .
For purposes of system-function characterization of the channel, we recognize the
following facts:
i)

The most common case of multipath is one in which two replicas of the desired
signal are received.

ii)

More than two replicas of the desired signal are sometimes encountered, and not too
infrequently.

iii) At elevation angles near zero degrees somewhat localized, frequency-selective deep
fades may be brought about by the interaction of a few components, perhaps four to
six. Among these components, those with relatively long delays usually are
appreciably smaller in magnitude than those with shorter delays. The relatively
weak and longer delayed components are important in determining the shape of the
path-loss versus frequency curve near the maxima of loss. Deep fades resulting from
multipath on links with adequate path clearance are always frequency selective with
near-Rayleigh fading statistics. A steady relatively non-selective component of loss
of about 10 db usually accompanies frequency-selective deep fades.
iv) The various received replicas have different angles of arrival in the vertical plane,
usually fractions of a degree above the line-of-sight for atmospheric multipath,
fractions of a degree below the line-of-sight for ground and water surface reflections

and sometimes for atmospheric rnultipath as, for example, under substandard
atmospheric conditions causing upward bending of the rays.
v)

The atmospheric multipath propagation characteristics appear to be independent of
polarization.

If we assume truly specular paths, the resultant signal y(t) at the receiving end, in
response to x(t) at the transmitting end may, in general, be expressed as

(8)
where J d, n is the transmission delay of the nth path, and an is the associated attenuation
factor. If the an’s are properly defined, this expression holds independently of whether or
not each path results in distortionless transmission of x(t) (i.e., whether or not the
individual paths provide uniform attenuation and linear phase shift across the frequency
band occupied by x(t) ). If x(t) is of sufficiently short duration, then the an’s and J d, n’s
will be relatively time -invariant over the duration of x(t) , and we can write
(9)

The system function of the line-of-sight transmission medium may therefore be
expressed in the form
(10)
in which the dependence of an and J d, n upon time is explicitly brought out . This
representation holds as long as the channel fluctuations are slow relative to the databearing fluctuations in the signal parameters.
For purposes of illustration, consider the likely case in which only two paths are
important. Here
(11)
The channel is then modeled as in Fig. 6. A phasor construction of H (jT, t) is shown in
Fig. 7. This resultant phasor operates on the transmitted signal. Zeros of transmission
will occur if

Figure 8 gives a plot of *H (jT, t)* of Eq. (11) as a function of T for fixed t, and for
different values of a /a2/a1 . With changes in time delays and additional paths, one
obtains the classical selective fading effects.
Effect of Two-Path Propagation on FDM/EM Reception The type of signal
employed most frequently in space instrumentation and communication links consists of
a number of frequency-division multiplexed subchannels that frequency- or phasemodulate the radio-frequency carrier. For convenience, we shall refer to this class of
signals as FDM/EM signals, EM denoting exponent modulation (FM or PM) of the RF
carrier. It is instructive to explore the effects of two-path reception of FDM/EM signals.
Let the FDM/EM signal arriving via the direct path be represented at the output of the
receiver IF by
(13)
in which

(14)

and

As stated in the previous section, the most likely case of multipath disturbance is one in
which only a second path is received of amplitude aEs (a <1) and delay difference Jd
(ranging up to a few tens of microseconds), with a and Jd substantially constant over
hundreds of cycles of the lowest-frequency subcarrier. Thus, under this condition of
multipath transmission, the resultant signal at the output of the receiver IF amplifier is

(15)
where
(16)

(17)
and
(18)
In order to bring out the nature and level of distortion contained in 2(t) we shall consider
first modulation by a single unmodulated subcarrier, and second modulation by a sum of
sinewaves. For this purpose, it is convenient to express 2(t) in the form

(19)
The analysis will be aimed at illustrating the nature and level of the base band harmonic
and intermodulation distortion products - of importance in telemetry and other FDM
instrumentation - , and the phase shifts acquired by the subchannel tones - of principal
importance in sidetone ranging systems.
Carrier Modulation by One Sinewave
subcarrier expressed as

Consider first carrier modulation by a single
(20)

This special case has been studied theoretically by Corrington7 , and experimentally by
Becker8. Our analysis here provides additional insight and bounds on important effects.
Substitution from Eg. (20) into (18) yields

(21)

where
(22)
and
(23)
Substitution into Eq. (19) followed by use of the identity

where Jk(x) is the Bessel function of the first kind, kth order and argument x, lead s to

If an ideal frequency demodulator is assumed, the output prior to filtering by any
baseband subchannel filters is proportional to

where

Equations (24) and (25) clearly show that the presence of the second path gives rise to
phase or frequency modulation distortion terms at the frequency of the modulating
subcarrier and at all harmonics of it. Of particular interest here is the distortion term that
coincides in frequency with the desired subcarrier. This term is given by
(28)
where
(29)
This fundamental distortion term is seen to differ in phase from the desired subcarrier
term by Nd - B = - (TmJd + B )/2. The resultant subcarrier component will therefore have
a phase error given by
(30)

where
(31)

The infinite series in Eq. (31) as well as those for the evaluation of the harmonic
distortion components in Eqs. (26) and (27) converge rather slowly for values of a
nearing unity. However, since we are mainly interested in order-of-magnitude estimates,
it is interesting to observe that

(the value of Ak, n for the kth harmonic may be similarly bounded) so that
(32)

Therefore, from Eq. (30) we have
(33)

In view of the fact that negative and positive quantities are summed in the expression for
(1 and only the magnitudes of these quantities are considered in Eq. (32), the upper
bounds in Eqs. (32) and (33) are not expected to be sufficiently tight to make them useful

in obtaining realistic estimates of *(1*max and of the maximum phase error. But for values
of the parameters involved that yield small values for the bounds, it is useful to know
that even the most pessimistic estimates of *(1* max and of the phase error would be that
small.
Carrier Modulated by Sum of Several Sinewaves In most applications, the
subchannel signals can be modeled by single sinewaves for preliminary assessment of
disturbances. Thus we set
(34)
in which we may consider the various Tsc,R components to represent different
unmodulated subcarriers or to be bunched into subgroups that occupy relatively small
bands near nominal subcarrier frequencies, each subgroup representing a particular
subchannel signal. We define
(35)

Substitution of

(36)
into Eq. (18) yields

(37)
where
(38)
and
(39)

Therefore, in the present case

Consequently, the output of an ideal frequency demodulator prior to any baseband
subchannel filtering will be proportional to

This awesome expression brings out the important fact that the presence of the second
path introduces nonlinear interactions among the multiplexed baseband subchannels.
Thus there will be interaction terms at all frequencies that result from the linear
combination
(41)
in which kR , for each integer R from 1 to N, ranges over all integers from -4 to +4.
The result expressed in Eq. (40) may actually be interpreted in at least two important
ways for the present application. First, with the frequencies, Tsc,R , considered as
representative of multiplexed subcarriers, Eq. (37) brings out the cross -modulation byproducts among the subcarriers. Some of these may fall within frequency spaces allotted
for the various subcarriers and will then cause interference with those subcarriers.
Second, if the various Tsc,R frequencies are grouped into a few subgroups, and each of the
subgroups is considered to represent a subchannel signal, it becomes clear that beats
among the components of each subchannel and their harmonics will occur. Since the
components of each individual subchannel signal will be of nearly equal frequencies,
beats among them and among their harmonics will have frequencies down in the vicinity
of zero frequency. Since every subchannel signal will contribute such beats, a “pile up”
of distortion products may be expected down in the region near zero frequency and

extending from 0 cps at least over a small multiple of the nominal bandwidth of a typical
subchannel. These distortion products should be carefully evaluated in the design of
subchannel signals for occupying that region of the spectrum.
Special Case of Small a The above results may be greatly simplified in the special
case in which the amplitude ratio a is less than about 0.1. First we observe that

(42)
From Eq. (42) we have
(43)

Under these conditions, an ideal carrier frequency demodulator would deliver an output,
prior to subchannel filtering, proportional to
(44)
For modulation by a single subcarrier, N(t) is given by Eq. (21). By direct substitution
and expansion of Eq. (44), or direct use of Eqs. (26) and (27) with n restricted only to
unity, as per approximation (43), we have, for a # 1/10,

(45)

(46)
Moreover, in Eq. (28) for the phase error in the resultant fundamental term,
(47)
Further simplifications may be made for the situations in which TmJd is low. For
example, for TmJd # 1.54 rad,
(48)

Also, cos (TmJd/2) . 1 for (TmJd # 0.88. Consequently, the expression for the phase error
of the fundamental term may be approximated by

(49)
If we add the condition * $ 0.528, we can drop the second term in the denominator in
Eq. (49). Indeed,

(50)
Under the restrictions indicated with the approximation in Eq. (50)
(51)
From Eq. (46) we also have for the
amplitude of the second harmonic
(52)
which for TmJd # 1.54 may be approximated by

The amplitude of the second harmonic is bounded by 2aTm as long as a # 1/10.
In a similar fashion, some approximations can also be made when a # 1/ 10 for the case
in which the carrier frequency is modulated by the sum of several tones. Unfortunately,
the permissible approximations do not simplify the appearance of the expressions a great
deal. For example, with a # 1/10 , the summation over n in Eq. (40) is restricted to n =1.
For N = 2 (i.e., only two subcarriers present) and a # 1/10

Thus, the distortion terms having the frequencies

are given by

(54)
The amplitudes of these terms are bounded by
(55)
The second harmonic of the Tsc, 1 subcarrier is given by
(56)
The amplitude of this component is bounded by 2aTsc, 1 , a # 1 /10 .
The above results are of special interest in FDM/FM telemetry and in range and range
rate tracking employing sidetones. More realistic model of subcarriers using noise
loading to simulate voice channels and relativel wideband telemetry signals may also be
used and the analysis retraced. The analysis is then greatly facilitated by using the fact
that powers of time functions lead to spectra obtainable by repeated convolutions of
assumed spectral density functions.
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COMMUNICATIONS FROM A MARS ENTRY PROBE*
LESTER TURNER
Staff Engr.
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Summary A low risk experiment to determine the principal properties (density,
pressure, temperature) of the Maritian atmosphere has been studied. A. slender conical
capsule is ejected from the Mars fly-by or orbiting spacecraft and enters the planet’s
atmosphere. Theoretical and experimental data support the concept of continuous
communication between the sharp cone capsule entering the Martian atmosphere and the
spacecraft. The communications system basically consists of a 25 watt transmitter phase
modulating a 100 mc carrier on the entry capsule and a wideband receiver on the
spacecraft. Transmitting power and spacecraft data storage considerations resulted in a
data transmission rate of 147 bits per second in a pulse code modulated format.
Introduction In order to effectively plan a manned mission to Mars, a great deal of
information on the properties of the Martian atmosphere and surface must be available.
The basic design of a Mars landing vehicle depends on knowledge of the atmospheric
properties. The present state of ignorance of the Martian atmosphere precludes the
development of a highly sophisticated, costly, unmanned lander as the risk element is too
great. Thus, a low cost, low risk, unmanned atmospheric penetration vehicle, which is
not expected to survive surface impact, appears to be a logical first step in the
exploration of Mars. In addition, sterilization requirements for the conical capsule seem
to be much less than that for a blunt body.
As we know little about the Martian atmosphere, the atmospheric penetration vehicle
should be able to operate in a wide spectrum of aerodynamic and thermodynamic
environments. A configuration with a very high ballistic coefficient can be designed to
be virtually independent of atmospheric properties. The sharp conical vehicle meets this
objective and has a form that is relatively easy to treat analytically. Since the sharp
conical capsule will not be appreciably slowed down by the atmosphere, good altitude
versus time correlation can be obtained. In addition, a very compact vehicle can be
realized, minimizing space and weight requirements on the spacecraft.

*

Most of the work presented in this paper was accomplished while the author was with the
Aeronutronic Division of the Philco Corp., Newport Beach, California.

Figure 1 depicts the events that occur during the spacecraft’s encounter with Mars. The
entry capsule is in its sterilization container aboard the spacecraft. A. few hours prior to
planetary encounter, after the spacecraft/Mars encounter geometry has been determined
on Earth, the capsule launch angles from the spacecraft are checked and corrected.
Subsequently, all capsule subsystems are monitored by internal and spacecraft telemetry
for launch readiness. After capsule checkout, and at a predetermined time before
planetary encounter, the capsule is ejected from the spacecraft and starts spinning. When
there is sufficient distance between the capsule and spacecraft, the capsule injection
motor is ignited to provide a fixed velocity increment for atmospheric entry. The capsule
then has a course which leads the spacecraft trajectory in order to assure uninterrupted
line-of-sight communications from the capsule to the spacecraft.
When a drag deceleration of 0.01 earth g is sensed by the capsule accelerometer, it is
despun and the attitude control system, sensors, telemeter and transmitter are activated.
The attitude control system reduces the capsule angle of attack to a negligible value. All
capsule data is transmitted in real time and is received and stored in the spacecraft. The
stored data on the spacecraft is transmitted to earth upon receipt of a radio command.
Capsule Configuration The inboard profile of the capsule and container conceived for
entry into the Martian atmosphere is shown in Figure 2. The basic capsule configuration
is a cone flare body with a ballistic coefficient of 500 lb/ft2 made of ATJ graphite
insulated with microballoon loaded phenolic/absestos. The graphite has good electrical
characteristics even at high ablating temperatures (3500EF). The heat shield is comprised
of two sections which are separated by a quartz insulating ring. The two sections then
form two elements of a dipole antenna. The anticipated thermal and aerodynamic stresses
to be experienced by the heat shield during re-entry are well below the allowable stresses
for graphite, leaving a considerable margin for unexpected effects. The temperature rise
on the back of the phenolic/asbestos insulator is expected to be less than 100EF from
atmospheric encounter to surface impact.
The interior of the capsule contains the attitude control system, the sensors, the power
supply, the sequencer, the telemetry and signal conditioning equipment, and the
transmitter. The despin system and injection motor are attached to the rear of the capsule
and are jetisoned prior to atmospheric entry for aerodynamic reasons. At entry, the
capsule weighs approximately 18 pounds. The rocket motor and despin mechanism
weigh about six and a quarter pounds. The launch and ejection system and electronics on
the spacecraft will weigh less than twenty-eight pounds. Thus, the total Mars
atmospheric entry experiment weight would be about fifty-two pounds.
Measurements and Data Analyses Selection of individual measurements for the Mars
entry experiment involved many factors, including usefulness of acquired data,
minimization of equipment, reasonable information transmission rates, minimization of

data storage requirements on the spacecraft, system sequencing, capsule time in the
atmosphere and failure analysis capability. As a result, a small number of relatively
uncomplicated measurements were selected to obtain the desired atmospheric data. More
sophisticated measurements, such as stagnation pressure and temperature, are of interest,
but are difficult to implement and to obtain accurate data. Atmospheric composition
measuring instruments are either too large or too slow for the experiment. In addition,
feasibility of performing a life detection experiment with the capsule was investigated.
All of the life detection experiments must be postponed until the landing survival of a
vehicle can be assured. Landing survival requires knowledge of the atmosphere which
can be obtained with the sharp body capsule design.
The atmospheric parameters are measured indirectly by recording the axial deceleration,
cone pressure, and surface temperature. Three accelerometers are used having maximum
ranges of 1, 5 and 60 earth g. The I g maximum range accelerometer, oriented normal to
the vehicle axis, is used during the injection phase and for activating the despin and
Attitude control system (at 0.01 g) and the data transmission link to the spacecraft (at
0.05 g). The 5 and 60 g range accelerometers are oriented along the vehicle axis with the
lower level deceleration being sensed down through the region of peak loading for a low
ballistic coefficient capsule and automatically switched to the higher level accelerometer
before the first saturates. Thus, a continuous deceleration history is made available so
that velocity and altitude can be derived by integration from the time of impact. The
entry angle will be determined from analysis of the closest fly-by measurements made by
the spacecraft. Atmospheric density (P) at any point along the trajectory can be
determined from knowledge of the vehicle velocity (V), axial deceleration (VA), angle of
attack (") and drag coefficient (CD). The first three of these factors are measured to a
high degree of accuracy and the last is estimated. A second method for determining
density is based on cone pressure (PC) measurement and is dependent on a reasonable
knowledge of pressure coefficient (Cp), gas constant (R), specific heat ratio (() and freestream temperature (T4 ).
The method that will be used to determine the surface pressure (PO) involves integration
of derived velocity and density data, making use 6f the measured impact time (t), Mars
gravity (gM) and entry angle (2E). The parameter accuracy resulting from derivations of
gM and 2E by spacecraft closest fly-by measurements and the accuracy of the derived
density and velocity data lead to reasonably low errors in this evaluation of the freestream pressure. The use of a high ballistic coefficient vehicle improves the evaluation
accuracy since deviation from a straight-line trajectory is relatively small. This is
particularly true for the nearly vertical descents which are expected to be within ±20E of
vertical.

A similar integration technique can be used for calculating the altitude as a function of
time by back-integrating capsule velocity (V) from the time of impact.
It is possible to obtain an approximate free-stream temperature profile from the derived
density and pressure data using the perfect gas relationship and the gas constant
estimated from heating characteristics. The heat flux will be measured by a calorimeter
(although it serves mainly to give a total heating) and can be correlated with paVb type
trends now known reasonably well for both convective and radiative heating.
An analysis of the errors in parameter values from capsule data has been performed. The
error budgets attributed to the measurements and estimates are listed in Table 1. For the
postulated atmosphere resulting in the largest error, density, pressure and temperature
errors are conservatively determined to be 5%, 5% and 10%, respectively. Thus, the
important atmospheric properties can be obtained to a relatively high degree of accuracy
utilizing the data from sharp cone capsule.
Data Requirements Data transmission rates and data storage limitations on the
spacecraft (for the relay link) serve to limit the quantity of collected information. A.s a
result of a series of trade-offs between transmitter power output, measurement sampling
rates, data storage unit size, and minimization of system complexity, a data transmission
rate of 147 bits per second was selected as shown in Table 2. There will be four
measurement channels having a one sample per second rate, six channels sampled at a
two per second rate, and one channel with a sampling rate of four per second. In
addition, the events generated by the capsule sequence will be monitored and seven bits
per second will be required for data frame synchronization. The first three items listed in
Table 2 are primarily engineering measurements. However, since these measurements are
also very useful during entry, and have low sampling rates, it was decided to switch all
the measurements on and off during each active period. Therefore, no channel switching
is required except for substituting the high range axial accelerometer for the low range
unit when the deceleration value is more than 5 g’s.
The trajectory analyses produced information on expected periods in the atmosphere for
various atmospheric models and entry angles. These times are:
“Turn On”
Very Longest
Very Shortest
Time of Entry
Time of Entry
Deceleration Value
0. 05 g
0. 01 g

43 sec.
53 sec.

7 sec.
8.5 sec.

Therefore, a maximum entry transmission time of 60 seconds was assumed. Additional
transmission periods would occur during pre-separation checkout (3 seconds) and
capsule injection (15 seconds). Since there will be inactive periods of considerable

length between each of these transmission times, the communication system will be
turned off between the active periods to conserve power and data storage space. As the
total transmission time is about 80 seconds, the storage unit on the spacecraft will have
to store a maximum of 12,000 bits of data. In the event the spacecraft is able to transmit
the data obtained during the preseparation checkout, separation and injection periods
before the capsule starts atmosphere entry, as is likely, then the size of the data memory
can be reduced by one-third.
Because a variety of sensors will be utilized on the capsule, each sensor will incorporate
the necessary signal conditioning equipment to ensure signal compatibility with the
communications system. This approach eliminates the need for low signal level
commutation and provides a clean interface between measurements and communications
systems.
Communications Analysis A preliminary analysis was performed on a direct capsule
to earth transmission link. Using the PCM/PSK/PM scheme and with negligible capsule
antenna gain, the transmitter power required to meet the data requirements of 147 bits
per second approximated 3000 watts. A transmitter of this size cannot be accommodated
by the capsule under any circumstance.
Attention was then directed to the capsule to spacecraft to earth transmission link. One
possible method of retransmission is to repeat the received signal without detection and
remodulation. The other possibility is demodulation of the received signal, detection and
reconstruction of the data train, and reformatting the data for modulation and
transmission by the spacecraft communications system. This method was chosen
inasmuch as additional spacecraft and ground station equipment is minimized. The data
will be received at a relatively high rate, demodulated and stored, and retransmitted by
the spacecraft communications system at a conveniently low data rate. Because of the
very short transmission time at capsule entry, signal acquisition by a receiver
synchronous detector would be unlikely without significant data loss. Therefore, the
receiver predetection bandwidth is made large enough to accommodate crystal frequency
drift, doppler shift, and data bandwidth. The detector is a simple, wideband frequency
discriminator. Although this method requires considerably more power than a coherent
detector, the simplicity and reliabilitylof the system outweighs the power penalty.
The primary considerations in selecting a signal modulation method are measurement
sampling rates and desired accuracy. Other important factors are ease of data handling
and reduction, available mechanizations, and relative communications efficiency, Since
the measurement sampling rates are relatively low and respectable accuracy is desired,
the data will be pulse code modulated (PCM) to generate a digital signal. The PCM data
from the capsule are compatible with the spacecraft data format. A word length of seven
bits per sample was chosen to yield a better than 1% measurement accuracy and is the

same as that utilized by the spacecraft communications system. Since there will be no
attempt to track the capsule, either from earth or the spacecraft, the carrier can be
completely suppressed and no subcarriers are needed. Thus, approximately 3 db is
gained in signal power by eliminating subcarriers. Phase modulation was chosen since
the mechanization of transmitter and receiver is somewhat simpler than the FM
counterpart. A study of carrier frequencies from 100 to 1000 mc was performed to
determine the optimum frequency. Although antenna efficiency increases somewhat as
the frequency increases and the plasma attenuation is slightly less at higher frequencies,
the free space loss and doppler shift increase at a much greater rate at higher frequencies
(as compared to 100 mc) and overwhelm the effects of the first two phenomena. The
above considerations have led to the selection of a carrier frequency of 100 mc and a
modulation choice of PCM-PM.
Since there is no subcarrier for PCM synchronization, the sync pulses must be
incorporated in the data train. Frame sync is a unique seven bit data word (Barker code)
and bit sync is generated from transitions in the data train. A return-to-zero (RZ) code
was chosen to simplify bit sync detection. Although twice the data bandwidth is required
to RZ as compared to non-return-to-zero coding, the noise bandwidth required to
accommodate receiver oscillator drift and doppler shift is large enough so that less than
0.5 db loss is produced by doubling the data bandwidth. The amount of RF bandwidth
available is not a limiting factor in the design.
As the capsule penetrates the Martian atmosphere, it can heat the gases sufficiently to
generate an ionization region. Since the sharp conical entry capsule is stabilized, the
angle of attack is controlled to be a very small value. Therefore, significant ionization is
confined to a thin boundary layer surrounding the capsule heat shield. With a worse case
atmosphere, the peak boundary layer electron density (at zero altitude) is sufficient to
cause a transmission loss of 2.5 lb. This transmission loss is greatest at zero altitude and
diminishes at higher altitudes. In the event of attitude control system failure, the angle of
attack will increase considerably. However, it appears that the angle of attack would
have to become unreasonably large at low altitudes before there are deleterious effects
upon transmission from the capsule. For angles of attack less than 10E at 100,000 feet
altitude, there would be no appreciable effect on capsule transmission capability.
As the atmosphere becomes ionized and conductive, the antenna tends to arc or break
down. The antenna voltage breakdown problem was analyzed using the work of
Scharfman and Morita(1). Breakdown power versus air pressure is a U-shaped function,
yielding a critical pressure (or altitude) at which the power required for breakdown is a
minimum. This critical pre s sure is given by: P = T / 5.3 x 109 mm Hg, where T is the
signal angular frequency. For 100 megacycle link, the critical pressure is 0.118 mm Hg.
In air, the breakdown power is about 40 watts, and should be greater in the Mars
atmosphere because of higher dissociation and ionization potentials. At altitudes above

and below the critical altitude, more power can be radiated. Thus, the capsule transmitter
design power of 25 watts is well below the value needed for antenna breakdown in the
absence of a surrounding plasma. When a plasma is present, the power required for
antenna breakdown may decreased by an order of magnitude. However, the capsule will
be well beneath the critical breakdown altitudes before plasma formation becomes
significant. Therefore, it is expected that antenna breakdown effects are not of
importance in the design of the communications link.
These results are summarized in Table 3 which presents a detailed link analysis of the
proposed capsule-to-spacecraft relay data link. The analysis indicates that the desired bit
rate (147 bits/second) can be achieved by utilizing a standard PM receiver and a capsule
transmitter power of 25 watts. The net worse case performance margin is +2.75 db.
Communications System Equipment The communication system design philosophy
is based on maximum simplicity and reliability. Standard digital modulation and
demodulation techniques are utilized. Since the noise bandwidth is a small fraction of the
carrier bandwidth, no attempt was made to try to conserve RF bandwidth. In several
instances, it was decided to increase the transmitter power requirements to obtain the
most reliable equipment. Another design goal was to minimize capsule and associated
equipment interfaces with the spacecraft. Capsule volume limitations will require the use
of microcircuitry.
In the capsule, all sensors incorporate sufficient signal conditioning equipment to
produce a 0 to 5 volt dc output. These high level analog signals are then routed to the
telemetry subsystem. Figure 3 is a functional block diagram of the capsule
communications system. A high level electronic commutor samples each data channel
and furnishes a pulse amplitude modulated (PAM) analog signal to the analog to digital
converter. The analog to digital converter digitizes each analog sample to yield seven
bits for each data word. These data, which are in returnto-zero (RZ), parallel format, are
combined with the sequencer event markers and frame sync words by the buffer register
to obtain a serial, RZ, data train. A digital programmer, which includes a digital clockand
bit and word counters, sequences the commutator, frame sync generator, event register
and buffer register, and supplies clock pulses to the capsule sequencer. The serial PCM
data train then enters the transmitter where it phase modulates the 100 mc rf carrier. The
PCM/PM signal is amplified to a 25 watt level and then radiated via the foreshortened
dipole antenna consisting of the graphite heatshield. Capsule communication equipment
will weigh less than three pounds and consume 43 watts of prime electrical power.
Checkout of this equipment is accomplished by having the system operate and analyzing
the received data for frequency response, distortion, bit errors and overloading.
Additional performance information is provided by directly monitoring the transmitter
output power via the telemeter. The transmitter provides a 0 to 5 vdc signal for this
purpose.

The signal transmitted from the capsule is received by a deployable planar array antenna
on the spacecraft. The PCM/PM signal is fed into a wideband receiver which utilizes a
simple discriminator to remove the carrier. A post detection filter increases the effective
signal-to-noise ratio. The PCM data train simultaneously enters the sync detector and the
sampling detector. The sync detector processes the data to obtain clock pulses and bit
sync information to gate the sampling detector and the data storage unit. The sampling
detector produces clean N-R-Z digital data for entry into the data storage unit. The data
storage unit is a 30,000 bit magnetic core memory which is programmed by the
spacecraft data processor which treats it as another storage buffer. The data format is
compatible with the spacecraft data handling and telecommunications systems.
Commands from the spacecraft sequencer deploy the antenna and turn the transformerrectifier on and off. Prelaunch and preseparation checkout of the auxiliary
communication system is accomplished by sequencing the equipment and analyzing the
telemetry data for poor performance. Figure 4 is a functional block diagram of the
auxiliary communication system.
Conclusions The analysis and predesign of a low risk, low cost experiment to explore
the Martian atmosphere has been accomplished. The principal atmospheric parameters
can be determined with sufficient accuracy to enable the intelligent design of Mars
surface landers and manned exploration vehicles. With the sharp conical entry capsule,
continuous communications can be maintained between capsule and fly-by or orbiting
spacecraft. A. PCM/PM signal is transmitted from the capsule to the spacecraft where it
is received by a simple wideband receiver and stored for retransmission to earth. A data
rate of 147 bits per second will require about 12,000 bits of storage for the longest entry
trajectory. However, storage unit size and weight increases slowly with growth in
capacity. Due to the capsule con-figuration, plasma sheath formation is minimized and
very little R. F. signal attenuation is expected. Since the capsule system will weigh so
little, two capsules could probably be accommodated by the spacecraft. Thus experiment
results and reliability can be increased by having capsule redundancy.
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Summary The geometry of the cylindrical array has always been appealing to system
designers because of its ability to provide 360E of coverage. A technique will be
discussed which allows a cylindrical array to provide high-resolution coverage over 360E
of azimuth angle. When used as a scanning array, a beam may be swept through 360E by
using any of the numerous techniques available for scanning a linear array. When used to
provide multiple beams, an array of N elements is excited by N isolated inputs. Each
input corresponds to a beam in a selected direction; all of the N beams being disposed
uniformly over 360E of azimuth angle. In both the instance of the scanning array and the
multiple-beam array, the resolution achieved is comparable to that available from a
planar aperture of the same height and with a length equal to that of the cylinder
diameter. The theory of operation for the cylindrical array is discussed in abridged form.
Data are also presented for experimental four-, eight-, and sixteen-element cylindrical
arrays.
Introduction An RSi conceived technique will be discussed which reduces the
problem of processing antenna elements of cylindrical arrays to one analogous to the
element processing used in linear arrays. This equating of the array processes allows all
of the techniques developed for linear arrays to be directly applied to cylindrical arrays.
A partial listing of these processing techniques would include the synthesis of any
desired far-field radiation patterns commensurate with aperture size, the scanning of the
synthesized patterns, or the multiple beaming of the synthesized patterns. Hence, the
cylindrical array may be used to provide steerable or multiple beams over 360E of
azimuth angle.
In the conventional linear array, each element is controlled in amplitude and phase to
achieve a given result. In the cylindrical array, the outputs of each element of an array,
having N elements, are processed by a network having N inputs. Each input excites all of
the N-array elements with equal amplitudes, but with differing phase excitations. These
phase excitations are progressive. The increments of phase progression increase from
one processing port to the next. The resulting far-field patterns for each of these modes
are nearly omnidirectional for the instance where the phase progression between the

elements is not large. As the interelement phase progression increases with increasing
mode number, the omnidirectivity of the mode deteriorates considerably. When the
highest order mode is used, the phase progression between elements is 180E. This type of
phase excitation generates an N-lobed amplitude pattern which, because of its special
nature, is only useful for multiple-beam applications. The far-field phase pattern of the
remaining modes is not uniform with azimuth angle but will vary from zero to ±(N 2)0//2 degrees (where 0/ is the azimuth angle), depending on which input port is excited.
The mathematical form of the pseudo omnidirectional patterns, generated by these
remaining (N - 1) input ports, differs from the mathematical form of the individual
elements of a linear array only in the definition of the argument. Since the patterns
generated by the inputs of the circular array processing network are of the same form as
those used for a linear array, it follows that they may, in turn, be processed by any of the
myriad techniques used to process a linear array.
It is important to distinguish between the individual terms used in both cases. In the
linear array, the elemental terms represent the contribution of a single radiator in the
array. In the cylindrical array the equivalent elemental terms each represent the
equiamplitude progressive phase excitation of all N elements. The distinction between
the cylindrical array terms, or modes, is simply the incremental phase difference between
each of the N elements.
It should be noted that this paper represents an abridged version of the theoretical and
experimental work which has been conducted on the cylindrical array technique. A
number of technical reports, prepared by the authors, are available1,2,3) which completely
detail the theory of operation of the cylindrical array technique and experiments
performed to verify the technique.
The Basic Concept Figure 1 is a sketch depicting N radiating elements arranged to
form a ring in the horizon plane. The spacial orientation of the array, and the physical
array parameters denoted in this figure will be used throughout the remainder of the
discussion. The radiation patterns realizable from this type of array may be represented
in complex Fourier form as
(1)
or more simply in the summation form,
(2)

In the earlier applications, most investigators were only interested in exciting the Ao term
to achieve an equiphase, equiamplitude distribution of radiated energy in the 0/ plane.

The imperfections in these patterns, both in phase and amplitude were generally
minimized. These imperfections, represented by the remainder of the Fourier terms,
generally increased with frequency, thereby limiting the range of frequencies over which
a given maximum level of imperfection could be achieved. Later efforts were concerned
with the generation of single-lobed patterns. These patterns were indirectly realized by
the judicious control of the coefficients An- It should be noted, however, that the design
procedure was not generally synthesized directly from the Fourier series of equation (1).
Early beam-forming methods modified the element phases with line length devices to
form a plane wave front and then the element excitation was varied to achieve a given
beam shape. Nonetheless it can be shown that equivalent results could have been
achieved by controlling the amplitude coefficients of equation (1).
The idea of synthesizing any beam from a circular array that could be synthesized from a
linear array first germinated when the similarity of their basic format was recognized.
The general expression for a linear array of N elements may be written directly as
(3)

If the comparison between (1) and (3) is limited to one plane, it becomes apparent that
the only significant distinction between the two equations is the form of the argument.
In the instance of the ring array, the argument is simply 0/, the azimuth angle. However,
in the case of the linear array, the argument is u ( = k S cos 0/). Except for limits then, it
follows that the same degree of freedom exists in both cases for synthesizing patterns.
The basic problem heretofore with the circular array has been the absence of a technique
which would allow separable excitation of the individual terms of equation (1). In the
linear array this separable excitation is a simple matter since each term represents the
contribution of a single element. In the circular array, the complex spacial arrangement
does not allow the individual elements to represent the individual terms of equation (1).
However, if a method were generated for separately and independently exciting each of
the terms of (1), it would follow that the problem of synthesizing beams from a circular
array would be no more difficult than synthesizing beams from a linear array.
It will be shown later that the individual terms, or expressions of equation (1). may be
separably excited. However, in the general case, no term can be excited without some
content of the remaining terms existing. To examine the degree of imperfection in any

given mode, it is necessary to theoretically analyze the phase and amplitude
characteristics of a given mode.
The Fourier synthesis of patterns from circular arrays has been the object of considerable
study during the course of the last few years. A synthesis technique utilized by Taylor 4)
traced the steps from the required pattern to the element coefficients, and an intermediate
expression for the pattern involving a complex Fourier series was formulated. Although
Taylor did not directly state that there was a limit on the allowable phase progression, he
did indicate that the array size very sharply limits the highest order term that can be
realized in the Fourier Series. The result is that the progressive phase excitation radiates
the desired terms predominantly with higher order terms entering as unwanted
perturbations. The magnitude of these perturbations can be evaluated by the method of
TaShing 5) for in-phase arrays. When this expression is modified to take into account the
progressive phase of the excitation, the following equation is obtained for the pth term:

(4)
Ep (0/, 0) is the relative pattern of the pth mode
Jp
is a bessel function of order p
Z
= (2B r/8) sin 2
N
= number of elements
n
is an integer
The prime on the summation indicates that the term x = 0 is excluded. The element
pattern, which has been integrated into the above expression, is expressed as a Fourier
series of the form,

where:

(5)

where the amplitude coefficient An is a function of elevation angle.
The first bracketed expression of equation (4) is the desired far-field
characteristic. The second part of the equation represents the unwanted residuals which
cause undesired amplitude and phase distortion of the desired mode. The first section has
an amplitude which is independent of azimuth angle, and has a phase characteristic
which increases linearly with increasing azimuth angles. A significant factor is the
relative phase of the expression as a function of p, the mode number. The j term is raised
to the (p-n) power, so that for any two given modes, a fixed-phase differential will occur.

Thus, in order to correlate the modes properly, a fixed-phase correction will have to be
inserted in each port. The magnitude of this fixed-phase difference will be a function of
the element patterns and spacings. If the element patterns remain reasonably constant
with frequency, the fixed-phase shift will, in turn, vary little with frequency; thereby
allowing for the possibility of broadband operation.
It is interesting to note that the maximum value of p is N/2 which corresponds to a 180degree phase shift from element to element. For this value of p, it is impossible to excite
an ej(N/2)0/ term without also exciting a complementary residual of e-j(N/2)0/. The sum of these
two terms is equal to cos N/2 0/ (ignoring higher order residuals), indicating that the farfield pattern has nulls and maxima equal in number to the value of N. Another factor of
interest is that the pattern mode with the next highest residual content is E(N/2)-1 (0/), which
has an associated perturbation of order -(N/2 + 1). It is here that the cutoff effect can be
seen in terms of the Bessel function of argument z. With an increase in the order of p,
Jp (z) increases and, since Bessel functions decay rapidly for values of the argument less
than the order, z must have a larger value to avoid cutoff. It is also easy to see why the
Eo(0/) pattern (in-phase array) has the optimum omnidirectivity because its first residual
term has the highest order ------±N.
The mode characteristics, as represented by equation (4), were tabulated on an IBM 7090
computer for arrays of 8, 16, 32, and 48 elements. These mode characteristics were
tabulated for theoretical element patterns of the form
E(0/) = cosr (0/)

(6)

where r was made to range from 0 to 16. Computed data were also tabulated for
experimentally measured element patterns in the instance of both the 8 and 16 element
arrays. In all of the above instances, an element spacing range from 0.25 to 0.758 was
investigated. These tabulations are much too extensive for this paper, but may be found
in references 1 through 3. The computed data of Figure 2 is exemplary of the curves
obtained from the expression of equation (4). The curves represent the tabulated data for
the instance where r = 16 and where N, the number of elements, is also equal to 16. The
graph of Figure 2(a) represents the minimum-to-maximum voltage ratio (D) in the
azimuth plane as a function of mode number. The curve of Figure 2(b) represents the
phase deviation from the desired phase progression, as a function of mode number. The
mode number is of the form 0m or m0, where m represents the number of 2B phase
progressions about the array periphery. In the former instance, the notation indicates that
the progression is clockwise, as viewed from the top of the array; in the latter instance,
the notation indicates that the phase progression is counterclockwise. It should be noted
that, while the curves of Figure 2 are shown as continuum, in actual fact they are only
valid for integral values of p. Generally, all of the data computed from equation (4) had

the same format as that of Figure 2, differing only in detail. In all instances, the
amplitude and phase deviations increase with increasing mode number, increasing
element spacing, and increasing element beamwidth.
A typical set of voltage amplitude patterns is plotted in Figure 3 for the conditions
assumed in Figure 2, and for the case where the spacing is equal to 0.58. The plot is
shown over the range from 0/ = 0 to 0/ = 1.6 radians. The full range of 0/ is not included,
since the functions are periodic over increments of B/8.
The definition of the individual mode patterns represents an intermediate step for the
computation of the eventual far-field patterns which will be formed by judiciously
combining the modes. While the data of Figures 2 and 3, and the expression from which
the data were evolved is rigorous, it does not allow for simple programming even by
computer processing standards. Since the rigorous expression represents an unwarranted
amount of programming, it is desirable to seek an expression which would approximate
the computed mode patterns, but which would be more amenable to simple
programming. The general expression for this approximation could then be summed for
eventual synthesis by further processing networks. This be written as:
(6)
where:

*p is the base reference phase for each mode
yp is the phase parameter which defines the position
of the first amplitude minimum relative to element
number 1 (n = 1)
kp is the amplitude of the perturbing higher order mode

The value of kp may be defined or derived from the simple relationship:
(7)
where D is the ordinate of Figure 2. The position of the first pattern minima for each
mode, relative to element number 1, may be taken directly from the earlier described
computed data. The use of this latter parameter now insures that the amplitude deviations
are not only correct, but are also properly oriented. In reference 3 a number of test cases
utilizing an expression similar to equation 8 were analyzed. In all instances the
deviations between the patterns predicted by the computer, using the approximate
expression, agreed within 1.5 per cent of the data obtained using the rigorous expression
of equation (4).
The approximating expression of equation (6) may now be utilized to examine the mode
outputs and compare them with the output of a single element in a conventional linear

array. If the value of D in expression (7) approaches 0, then the equation simplifies to:
(8)
This expression is reasonably valid for the lower order mode numbers and for close
element spacings. The striking resemblance between the mode pattern of equation (8)
and the element contributions in a linear array may be observed by comparison with
equation (3). A comparison of equation (3) and equation (8) will indicate that the only
significant difference between the two, outside of the element factor, is the argument. In
the instance of the circular array, the argument contains only the parameter 0/. In the
instance of the linear array, the argument involves the element spacing and sin 0/. Hence,
while the circular array expression is not a function of frequency, the linear array term is.
In actual fact, of course, the cylindrical array term is not frequency insensitive. The
fundamental, although it does not contain a frequency component, has a perturbing
higher-order mode which increases in magnitude with increasing frequency. The
question now arises as to the effect of the perturbing terms particularly for the higherorder modes. The number of elements, or equivalent elements, for the circular array
could be viewed as being equal to twice the number of the mode terminals. Half of the
outputs would consist of the fundamental terms, and the remaining half would consist of
the higher-order terms. However, these higher-order terms are inseparable from the
fundamental terms, and whatever excitation applies to the fundamental of a given mode
will also apply to the higher-order term. Fortunately, these higher-order terms for most of
the modes are highly attenuated and rather random in phase and amplitude. Experience
with the synthesis of modes containing perturbing terms has proved that the higher-order
terms tend to average, having only a secondary effect on the characteristics of the
synthesized beam. The general effect is to slightly distort the main beam with a general
improvement in the expected sidelobe level. For example, in reference 3, a synthesis
program was established which combined the mode terminals with a Tchebysheff
distribution for -25 db sidelobe levels. The performance of the array was theoretically
examined over a 50 per cent bandwidth. It was found that the sidelobes were less than
-26 db, but that the beam tended to have shoulders which caused a variation in the
beamwidth.
Some method of exciting all the terms of equation (1) separately and simultaneously is
fundamental to the concept of the cylindrical array. The feeding network must excite all
of the array elements with equal amplitude for all N input ports. However, the phase
progression must vary from one input to another. An N port multiple-beam matrix has
this capability. The manner in which this matrix functions has been described in the
literature 6, 7,8. 9), and hence will not be repeated here.

General Block Diagram Configurations Figure 4 contains the generalized block
diagrams for a scanning cylindrical array and for a multiplebeam cylindrical array. In
both instances, the radiating structure is a ring of N elements of arbitrary elevation
configuration. The outputs of these N element arrays are processed by an N input - N
output matrix. It is these outputs which have the format that is closely related to the
format of the expression for a single element in a linear array. The mathematical
expression for each of these outputs is given rigorously by equation (4) or by the
approximate expression of equation (8). The base phasors are necessary to adjust all
outputs to the same phase reference. This base phase correction may be derived from the
rigorous expression of equation (4).
When the cylindrical array technique is utilized to form a scanning beam, a conventional
matched power divider may be utilized, with in-line phase shifters providing the needed
scan parameter. The amplitude coefficients for each of the mode inputs may be
controlled to synthesize any desired pattern, by simply controlling the power distribution
at the output of the combiner. Note, that in the instance of the scanning array the last
term, which generates the N-lobed mode pattern, is not used.
The block diagram of the multiple-beam cylindrical array is similar to that of the
scanning array, except that the combiner and the scan control phase shifters have been
replaced by a multiple-beam matrix of the same format as the mode-forming matrix. In
this latter instance, the last mode can be utilized if the beams are made to lie in the
directions of the elements. The outputs of the multiple-beam matrix are equal in number
to the number of elements in the array. The multiple-beam technique generates sidelobes
which are theoretically 13 db below the main beam amplitudes. Amplitude tapering
techniques presently used in linear arrays for modifying the multiple-beam uniform
distribution, can be applied directly to the cylindrical array 1).
A detailed analysis of the far-field patterns of the scanning and multiplebeam circular
arrays is contained in reference 1, but is beyond the scope of this discussion. However, it
should be noted that if the element spacing is equal to 0.58 , the resolution obtainable
with the circular array is equivalent to that of a linear array having the same element
spacing and with a length equal to the diameter of the cylindrical array. The following
paragraphs will now detail some of the experimental data obtained With arrays of
varying numbers of elements.
An Experimental Four-element Multiple-beam Cylindrical Array Figure 5 is a
photograph of an experimental four-element cylindrical array. In this instance, monopole
elements were utilized as a matter of convenience. The two strip transmission line
matrices, shown below the array, represent the mode-forming and the beam-forming
matrices. The mode patterns obtained for each of the four modes of the array are shown

in the upper half of Figure 6. The sketch in the lower half of Figure 6 depicts the far-field
pattern data obtained at each of the output ports of the final multiple-beam matrix. Note
that the pattern format and beam crossovers are closely related to those obtainable from a
linear array with the exception that the range of azimuth angle is now 360E.
An Experimental 4 x 8-Element Circular Array Figure 7 is a photograph of a 4 x 8
element circular array. This array provides eight beams in azimuth at each of four
elevation stations, for a total of 32 beams. The total elevation coverage is approximately
±45E. Figure 8 represents the patterns obtained at two elevation stations for this array.
Note that the sidelobe level deteriorates somewhat for the upper elevation station. This
eterioration in the sidelobe levels is theoretically predictable and can be reduced by
proper selection of the element pattern characteristics.
An Experimental Sixteen-element Circular Array Figure 9 is a photograph of an
experimental 16-element circular array. In this instance, a total of 16 beams are formed,
the characteristics of which are shown in the pattern of Figure 10.
Conclusions The preceding discussion has outlined a technique for processing a
cylindrical in such a manner that passive techniques may be utilized to provide
reciprocal coverage over 360E of azimuth. The cornerstone of the technique is a modeforming matrix which translates the outputs of the cylindrical array into a format which
is analogous to the mathematical format of a single-element contribution in a linear
array. The theory of operation of the technique was presented in abridged form. It was
shown that the characteristics of the individual modes can be predicted and that an
approximating expression can be generated which is valid for each of these modes. The
desired far-field patterns can be synthesized by controlling the amplitude and phase
coefficients of these mode outputs in the same manner that the amplitude and phase
coefficients are controlled in a linear array. Experimental data was shown to verify the
technique for the instance where multiple beams were desired. Additional experimental
data is available in references 1 through 3. These experimental efforts describe the
characteristics of a 16-element scanning array designed to provide 18 db sidelobes. A
16-element octave bandwidth array is also described in this reference.
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Figure 1. Basic geometry and coordinate system of the cylindrical array.

Figure 2. Mode purity in terms of amplitude and phase 16 deviation
for an element pattern of the form cos16 0/.

Figure 3. Voltage patterns vs. azimuth angle for element function of Figure 2.

Figure 4.

a) Generalized block diagram of an antenna system with a scanning
azimuth beam; b) Generalized block diagram of an N-element
multiple-beam circular array.

Figure 5. An experimental four-element multiple-beam array.

Figure 6.

a) Mode patterns of the monopole array fed by a fourport matrix; b)
Beam patterns of the four-element multiple-beam circular array.

Figure 7. An experimental 4 x 8 multiple-beam cylindrical array.

Figure 8. Azimuth plane patterns of the 4 X 8 multiple-beam
array at two elevation stations.

Figure 9. An experimental sixteen-element multiple-beam
cylindrical array.

Figure 10. Multiple-beam patterns of the sixteen-element cylindrical array.

HIGH “G” UHF TELEMETRY FOR GUN LAUNCHED
SOUNDING PROBES
WILLIAM J. CRUICKSHANK
Ballistic Research Laboratories
Aberdeen Proving Ground, Maryland

Summary The development of a UHF telemetry system that will withstand the high
shock (50,000 g) of gun launched vertical sounding probes is described. The associated
development of a ground based automatic angle and range tracking and receiving system
using a modified AN/GMD-1A Rawin set is also presented.
Introduction Several years ago it was envisioned that a gun could be used as a
launcher for vertical sounding probes. It was calculated that altitudes above that
attainable by balloons could he reached with gun launched probes carrying nominal
payloads of 1 to 5 pounds. A number of soundings have been made to date, but most of
the payloads have contained passive devices such as radar chaff, inflatable metal spheres,
and also various pyrotechnic devices. Electronic payloads, especially those suited for
making meteorological measurements, were desired since a gun launched probe could
provide a carrier vehicle inexpensive compared to a rocket system and the impact
dispersion of the probe would be very low, permitting firings in relatively congested
areas. Since the AN/GMD-1 Rawin set was being used as the standard meteorological
tracker, it was deemed desirable to design the airborne system so that it would be
compatible with this ground tracker. Figure 1 depicts the gun launch system and the
ground tracker. It was also envisioned that if the 5-inch gun probe system proved
feasible, larger guns with increased payload capabilities would be possible. At present
there are plans for using a gunrocket system to launch nominal payloads of 50 pounds
into a trajectory of several hundred miles altitude (with orbital capabilities) at a very low
cost compared to a full rocket system.
Discussion of Problem and Objectives The initial task assigned was to develop a
complete telemeter for the 5-inch gun projectile. Later design objectives were the
addition of a ranging system that could be used in larger projectiles. A block diagram of
the complete telemetry, tracking and ranging system is shown in Figure 2. The telemeter
consists of a transmitter, sub-carrier oscillator (SCO), commutator, batteries, acceleration
switch, antenna, and temperature gages. The electronics are contained in a space 1.8
inches in diameter and 6 1/2 inches long. The greatest problem in the design and
development of the telemeter was the shock associated with launching the gun probes. In

the 5-inch gun system, the equipment had to survive a peak launch acceleration of
50,000 g’s and an average acceleration of 25,000 g’s for 3 milliseconds. The total time in
the gun barrel was 12 milliseconds.
Compatibility with the AN/GMD Rawin set restricted the use of RF frequencies to
between 1650 and 1750 mc/s. The extreme launching shock dictated the use of all solid
state components and complete potting of every void space. Various solid state subcarrier oscillators and commutators have been designed and tested at the high g levels
involved and have not presented too much of a problem. Batteries and acceleration
switches are available and some configurations have been successfully tested. The most
difficult task was the development of a small solid state transmitter capable of delivering
approximately 200 milliwatts of RF power at 1750 mc/s. A high g system that closely
simulated gun launch acceleration magnitude was also developed for testing individual
components and flight payloads.
Airborne Instrumentation In order to insure the success of any gun probe telemeter
fired, it was found necessary to test all components and systems under the same
environmental conditions as in the gun. Individual components such as resistors,
transistors, capacitors and diodes, that made up the transmitter, SCO, and commutator
were tested. The test procedure consisted of potting the various components into a
projectile as shown in Figure 3. This projectile was then fired from a 5-inch gun at point
blank range (20 feet) into a series of cast lead blocks. Figure 4 depicts this setup with the
lead blocks shown on the smaller concrete pier at the left of the photograph. The
projectile was fired at low velocity (1000 fps), and the sudden deceleration it
encountered provided peak acceleration conditions that simulated the active gun
launching. Various nose shapes on the test projectile, shown in Figure 5, provided
different peak decelerations and transit times within the lead blocks. This test assured
100% recovery of all projectiles for post firing examination and testing. The maximum
deceleration times were 2-3 millisecond compared to 10-12 milliseconds for an actual
gun launching. A test projectile and lead blocks after firing are shown in Figure 6.
The requirements for the transmitter were that it be small, preferably solid state, and
capable of an output power between 150 and 200 milliwatts at a frequency of 1750 mc/s.
This frequency was selected for test purposes so as not to interfere with current
operations in the 16601700 mc/s meteorological band.
It was realized that a transmitter using the conventional technique of a low frequency
oscillator with transistor and varactor multiplier stages would result in a system that was
large and contain too many parts that were subject to failure. It was envisioned that a
simple transmitter would be necessary. At that time, the Radio Corporation of America
(RCA) in Princeton was developing a tunnel diode oscillator for the Signal Agency at
Fort Monmouth, and this device was investigated. Several units were fabricated for

testing but the power output was limited to approximately 30 milliwatts and the device
had low efficiency, requiring a regulated source of 0.5 volts at 1.5 amperes. One
oscillator-TM modulator unit survived a test firing of 50,000 g’s, but because of the
limited power output, low efficiency and poor frequency stability, work on the tunnel
diode transmitter was discontinued.
A new device, called the “Solistron”, developed by the Western Microwave Laboratory,
was then being put on the market which looked like an ideal answer to the transmitter
problem. The initial device available had a 20 milliwatt output at 1400 mc/s and was
contained in a 2 inch cube. A contract was let to WML to develop a higher power, higher
frequency device that would withstand the extreme gun environment. Two prototype
units have been developed and are shown in Figure 7. The original prototype shown in
the photograph is the larger unit which is 1.8 inches in diameter, 0.75 inches long and
capable of delivering 175 mw of power at 1750 mc/s. The smaller unit is a modification
of the original and is 1.1 inches in diameter, 1 inch long and capable of delivering 100
mw of power Both units are capable of being frequency modulated at a deviation of ±5.0
mc/s.
When the tunnel diode work at RCA was stopped, the effort was re oriented to the
development of a high power transistor oscillator coupled with a single varactor diode
multiplier. A technique for eliminating the varactor diode was evolved and a transmitter
is being developed in which oscillation and multiplication is accomplished in a single
transistor chip. This unit has a 200 mw capability, with higher power levels possible by
the use of proper heat sinks.
A sub-carrier oscillator (SCO) and commutator unit has been designed and fabricated
using conventional but selected components that have been test fired as previously
explained. An SCO frequency of 10.5 kc/s with a deviation of ±7.5% of center frequency
has been selected to operate with a 5 channel, 5 frame Per second commutator. Figure 8
shows this unit before and after potting. One channel of the commutator is double width
for identification purposes. Three temperature sensors and two calibration voltages were
selected for monitoring by the commutator.
Various battery types have been investigated. Mercury batteries have been fired
successfully in the past but they do not have the current capacity needed for the
payloads. Yardney silver-cells in plastic cases performed satisfactorily when potted as
individual cells. In some tests the cell cases cracked, which did not alter the cell
performance, but when a number of cells were mounted together and fired, the cracked
cases allowed electrolyte to seep between cells and cause serious internal shorts. The
Gulton VO-250 nickel-cadmium button cells have successfully survived 40 Kg tests and
were used on the two initial 5-inch flights. A single cell and a potted battery pack are
shown in Figure 9.

An acceleration switch was used as a turn on device for all electronics. This switch with
the battery pack is shown in Figure 10 and is an Aerodyne Co. Model No. 496-5-000.
A three turn helix antenna imbedded in a fiberglas nose tip was used on the 5-inch probe.
This design was fabricated by making an undersized tip of laminated fiberglass grooving
a spiral around the tip, and then placing the antenna wire within this groove. Figure 11
shows the antenna wire before it was covered, and Figure 12 shows the complete payload
assembly with the antenna imbedded under the wrapped1fiberglas, This laminating and
wrapping of the nose tip provided a strong non-metallic tip that withstood the gun launch
environment
Figures 13, 14 and 15 show the 5-inch, 7-inch and 16-inch gun projectiles respectively.
The 5-inch and the 16-inch projectiles have been fired successfully, and the 7-inch is
currently going through initial flight tests.
At present the 415 mc/s ranging receiver in the system shown in Figure 2 is under
development and will be used on later flights of the 7inch and 16-inch probes. A
prototype unit 2 inches in diameter and 2 3/4 inches long has been designed and is
undergoing system checks. The design goal for this receiver is one that has a sensitivity
of -85 dbm, a local oscillator that will not shift frequency with a 30 Kg shock, and a
phase shift less than 3-degrees on the 22 Kc/s modulation over a 60 db dynamic input
range.
Ground Instrumentation The ground station for the high altitude gun probe system
consists of a complete telemetry receiving, tracking, demodulating and recording system
housed in a 10 x 20 foot mobile van. Figure 16 and Figure 17 are photographs of the
outside and inside of the van. Figure 18 shows a block diagram of the system in the van.
Conventional FM/FM telemetry techniques were used throughout the system.
A modified AN/GMD-1 Rawin set is used for automatic tracking of the gun probe and is
shown in Figure 19, The modification consisted of discarding the normal GMD receiving
system and using an improved receiver and preamplifier. The preamplifier was a
Microstate tunnel diode unit having a noise figure of 3.8 db with a gain of 18 db and was
mounted in the receiver drawer. A directional coupler was placed between the
preamplifier input and antenna to facilitate pre-flight calibration of the receiving AGC
system. A standard Defense Electronics type TMR-5A telemetry receiver was used with
the GMD but was placed inside the van instead of on the tracker. Type RG-17/U cable
was used between the preamplifier and receiver to minimize signal loss and noise figure
degradation. The tracking error signal for conical scan was obtained from the receiver
AM detector and fed back to the tracking mount.

The ranging system that will he used on future 7-inch and 16-inch firings is an
adaptation of the Sandia AME/DME system. This ranging technique consists of
transmitting two tones, nominally 22 and 24 kc/s, to the probe where they are received,
demodulated and then re-transmitted back to the ground station. These tones are then
compared in phase with the original tones. The resulting phase difference is proportional
to slant range. The two tones used were 24,589 and 22,131 cps where the higher of the
two gives a distance of 20,000 feet per cycle, and the difference gives a distance of
200,000 feet per cycle.
At present, plans are being made to fire vertical probes in three types of artillery pieces.
Figure 20 shows a pair of 5-inch guns now in use at Wallops Island. Figure 21 shows the
7-inch gun which has recently been developed. The 16-inch gun at Barbados is shown in
Figure 22 and has fired many successful Martlet payloads. The 5-inch gun has an altitude
capability of 200,000 feet with a 2 lb payload, and the 7-inch gun will place 10 lbs up to
325,000 feet. The 16-inch gun capability is 50 lbs to an altitude of 400,000 feet.
Firing Test Results Two 5-inch probe payloads were fired at Wallops Island, Virginia
on 13 October 1964. Figure 23 shows the telemetry components in the projectile.
Payload No. 1 was fired at a muzzle velocity of 4700 fps resulting in a launching shock
of 40,000 g’s. Payload No. 2 was fired at a muzzle velocity of 4900 fps resulting in a
launching shock of 45,000 g1s. Both payloads were fired at a gun elevation of 80E on a
true azimuth of 130E. All electronic components of both payloads survived the gun
launch shock and functioned normally. Aerodynamic heating of the projectile body
caused the Solistron transmitter frequency to decrease rapidly. Therefore, reception was
terminated early during both flights because of the limited tuning range of the ground
receiver.
Intelligible telemetry data were received during the periods of 2-17 and 44-65 seconds
from the first payload and during the period of 3-26 seconds from the second payload.
The temperature vs time plot from the first payload is shown in Figure 24.
Conclusions Aerodynamic heating was the most serious problem that was encountered
on the two flights. The corrective measures that will be used on future flights will be the
use of the smaller diameter Solistron with additional insulation between the transmitter
and the projectile body, and temperature compensating capacitors within the transmitter
to offset frequency drift. A 20 db margin between received signal level and receiver
threshold was measured at peak altitude. The transmitter power will be reduced by 3-5
db on future flights. This will reduce some of the internal heating which is also a major
factor causing frequency shift.
The helix antenna pattern was degraded seriously by the fiberglas covering and the
radiation off the tail was contained in quite a narrow lobe, A modified dipole or “Bow

Tie” antenna will be used on future flights. Due to the linear polarization obtained from
the Bow Tie antenna, the ground receiving antenna feed will be converted from a dipole
to a circularly polarized antenna.
Future work on the 5-inch probes will be directed toward smaller payloads and the use of
integrated circuits where practical. This will provide more space for upper air
experiments and ultimately a parachute system. The final system with a parachute will
probably be more useful for obtaining meteorological data.
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Meteorological Satellites have proven to be useful ever since the first launch of Tiros in
April 1960, by delivery of large quantities of television pictures and infrared maps, To
the system designer they present a challenging problem because of the variety of sensors
they carry and the large data source they represent. Flexibility in their design must be
accomplished to meet the demand for rapid incorporation of research results into
operational systems. These satellites have further achieved the distinction of useful
system performance for all launches performed, that is, Tiros I - IX and Nimbus I.
Usefulness of Meteorological Satellites is not limited to measurement of reflected solar
radiation as in TV and of emitted IR radiation -- the availability of an orbiting spacecraft
designed specifically for weather data can serve for efficient collection and dispersion of
data gathered on ground or within the atmosphere.
Choice of telemetry techniques and components for implementations have undergone
profound changes since 1958, the year when the design of Tiros I was well advanced.
The trend has shifted from analog modulation, specifically FM-FM, to digital telemetry
such as PCM and it has been stimulated by the availability of reliable logic modules built
as integrated solid state circuits. Consistant and predictable reliability will eventually be
achieved because of the inherently higher reliability of these components and the
agreement between theoretical analysis and actual performance.
Three types of spacecraft systems are in use in the Meteorological Satellite program; i.e.,
the Spin Stabilized Tiros, the three axis stabilized, earth oriented Nimbus and the
cartwheeling Tiros operational system’s,(TOS). Fig. 1 illustrates Tiros and TOS in
orbital flights and the significance with regard to television operation. The Spin
Stabilized Tiros launched in orbital inclinations of approximately 50E has TV cameras
mounted so that the optical axis is parallel to the spin axis and pictorial coverage of the
earth is restricted. The Tiros Operational Spacecraft is oriented so that the spin axis is
normal to the orbital plane and controlled to remain within a small error angle by
magnetic torquing. Magnetic torquing is a proven technique on the regular Tiros and

other spacecraft and singly uses a coil wound around the circumference of the Tiros
structure. Since the spacecraft rolls along the orbit like a wheel, a camera mounted
looking radially outward will point at the earth once per spin revolution. If the camera
shutter is simply synchronized to a suitable multiple integer of satellite revolutions, a
continuous strip of TV frames can be recorded. The use of two cameras mounted
inclined to the plane of rotation enhances coverage and resolution greatly.
The choice of a sun synchronous, retrograde orbit for TOS as was flown in Nimbus I
adds further advantages. Fig. 2 illustrates the Nimbus orbit and its significance to
television. When Nimbus is launched in a southwesterly direction in an inclination which
is altitude dependent, the orbital plane will process due to equatorial bulging of the earth
in the same direction as the earth moves around the sun. Proper choice of inclination
permits selection of a mean rate of approximately 1E per day so that constant sun attitude
is maintained, i.e., synchronism is achieved. This results for TOS and Nimbus in
constant illumination conditions from orbit to orbit and constant solar power input into
the power system. The Nimbus spacecraft is earth oriented so that cameras are pointing
toward the earth continuously. Solar power collectors perform one rotation per orbit so
as to face the sun at normal incidence. A tri-metrigon camera array provides complete
daytime coverage at resolutions rom 1-3 m while an IR scanner provides nighttime
coverage at 10 km resolution. An additional camera transmits continuously at reduced
resolutions and without complete earth coverage, i.e., between 30E North and South
latitudes there are uncovered gaps between adjacent orbits.
The 300 lbs. Tiros with an average continuous power capability of 20 watts, day and
night, provides telemetry for two (redundant) television cameras, for telemetry of sun
angle and horizon sensor signals, and for general engineering performance analysis.
Their characteristic design has been discussed extensively and it may suffice to state
their general features.
Fig. 3 shows a diagram of the redundant TV cameras and recorders. 32 pictures can be
taken by each camera at programmed starting time. The 500 line, 62.5 Kc video
bandwidth picture modulates an 85 Kc FM subcarrier ± 15 Kc on one type recorder
track. A second track records a 10 Kc amplitude modulated subcarrier which carries a
coded signal generated from solar cells mounted on the periphery of the structure. Upon
command from the ground, the recorder plays back the two multiplexed signals over a
235 Mc-2 watt transmitter. High gain antennas at Wallop Island, Va., San Nicolas Island,
Calif. or Fairbanks, Alaska, can receive the signal where films are prepared for picture
analysis. An example of a picture taken by Tiros VII after 1-3/4 years continuous
operation in orbit is shown in Fig. 4.
The satellite carries two 50 m watt, 136 Mc beacons for tracking and telemetry of either
horizon sensor signals or engineering telemetry. Locking radially outward, a 1E field of

view horizon sensor scans the earth and generates a signal which modulates a 1300 cps
voltage controlled oscillator. The VCO amplitude modulates the beacon. These horizon
signals can be used for spin attitude determination as can the pictures themselves, if
horizons are visible. When within command range of a ground station, a 40 point
electromechanical commutator can sample once suitable test points which modulate the
VCO and beacon in the fashion just described so that a PAM-FM-FM message is
received.
Some of the Tiros satellites carried a five channel radiometer to measure reflected solar
and terrestrial thermal radiation. The spin of the satellite and its forward motion in orbit
was used to generate a line scan. In each channel a 45 cps chopped optical signal is
amplified and regenerated in a synchronous detector in the conventional fashion. The 0-4
cps video signals modulate five VCO’s which are summed and recorded on an endless
loop recorder for playback at 30:1 speed ratio. In this fashion, information from one orbit
can be received in less than four minutes. An FM-FM signal is received over 238 Mc
links at the same ground stations mentioned before when the subcarrier composite goes
on intermediate storage. A centrally located processor demultiplexes the information and
converts all channels to a compatible digital tape. For timing reference and flutter and
wow compensation a 550 cps tuning fork generated subcarrier is recorded in the satellite
which serves as the clock from which the word rate is derived and fed through a
discriminator -- offers a flutter and wow compensation signal to the five channel outputs.
A radiation map measured in the 12F window by Tiros III, produced photographically
based on computer calculations is included in Figure 5.
FM analog modulation for television and IR telemetry has been the work horse of
Meteorological Satellites to date and performed well as is indicated by Table I. A more
recent result from the Nimbus I high resolution infrared scanner is shown in Figure 6.
This picture was scanned near midnight from the Arctic North-Canada to the South
Pacific and Antarctica. 60E North and 291E East of Greenwich lies approximately at
Hudson Strait with the dark pattern showing a compressed view of Hudson Bay.
Hurricane Dora stood over Florida on the 9 Sept. 1964 when the picture was taken with
its eye clearly visible. The white area underneath the 70E South and 80E South circles in
the lower part of the picture are clouds over Antarctica with a coast line barely visible.
The advantages of digital telemetry such as PCM have been well known for many years
but their introduction to space telemetry systems was slow. This had its reasons in a
number of influencing factors. Although low power transmitters having relatively poor
efficiency can be used, the power saving resulting from the advantages of PCM over FM
is only a minor item in the total spacecraft d. c. power budget. Prior to availability of
integrated circuit logic modules weight and volume of PCM systems was not competitive
with VCO’s and the added complexity hard to justify. On the other hand, only an
ultimate data accuracy of 4-5% on the 5 channel IR data could be achieved primarily due

to tape recorder properties. Conversion to binary form prior to recording, offers the only
convenient means for accuracy improvement. Engineering Telemetry in Nimbus I and
telemetry for five medium resolution IR channels in the Second Nimbus profits by the
use of PCM. The former, still uses conventional logic modules while the medium
resolution IR (MRIR) PCM telemetry system makes use of integrated circuits to the
largest possible extent. A system description of the Nimbus I PCM telemetry has been
published elsewhere and its performance during the Nimbus I flight enabled complete
spacecraft analysis primarily of the power and controls subsystems at all times. The
rather versatile use of a computer for ground handling made possible “out of limit”
checks display of means and extremes and complete subsystem sheckout within minutes
after reception at the ground receiving site. A total of over 500 test points was recorded
every 16 seconds and 30 points at a 1 second word rate. Recording in the spacecraft the
PCM wave train continuously yields in the order of 200,000 data points, to be checked
each orbit so that use of a computer for information handling is mandatory. The capacity
of the system is limited by the storage capability of the recorder. The development of a
miniature recorder using the transverse limit recording method of computer tape
memories made possible PCM telemetry of MRIR data.
The scanner output consists of five 16 cps bandwidth channels to measure reflected and
emitted radiation similarly as in Tiros, except that higher video bandwidth is needed to
achieve the same ground resolution for the higher Nimbus altitude. A sampling rate of
33-1/3 words/second thus suffices and amplitude definition of a seven bit code is
compatible with basic radiometer accuracy. Conversion in 320 u sec. makes inclusion of
a “sample and hold” circuit unnecessary, so that a conventional electronic commutator
and hybrid microelectronic A /D converter provides a seven bit parallel output to seven
record amplifiers and heads in the recorder. The recorder is of the endless loop type
recording at 0.45 ips, 254 ft. of tape so that 113 min record time of new data is available
which compares favorably with the 107 min orbital period of Nimbus. The conventional
transverse saturation recording of an NRZ signal is used on seven tracks. One of the two
center tracks (four or five) records a clock signal 90E delayed with respect to the data
limits. This clock signal is used for trigger which, of course, makes it necessary to
provide an eighth recorder track. Following a synchronization word consisting of all
“ones” are the five IR channel measurements, as special code word, another five
measurements and repetition of the sequence with a frame sync. The special code word is
derived for timing purposes. The satellite carries a one year unambiguous clock which
generates the standard missile range code. It may be noted that this consists of four bits,
“binary coded decimals”, of units and tens of seconds, minutes, hours, and days plus four
bits for hundreds of days. T his total code group changes every second, thus almost 17
frames are available to record 100 timing bits (nine groups of four plus 6 filler bits and a
tenth group of ten for timing). A six bit counter sequences the data samples and
alternates between frame sync and timing for the frame sync 6th word. During the 60m
sec. frame, 6 timing bits are stored. In their turn they are recorded with a zero added to

complete the seven bit word. Correlation of time with data is of prime importance
because it constitutes the only correlation between a given data point and its
geographical position, assuming knowledge of satellite position vs. time. Computer
analysis is greatly aided by insertion of an unambiguous time code which is thus
achieved. The phasing uncertainty between the measured sample and the recorded time
code which is practically an absolute reference, is eliminated by a marker on the tape
recorded at the time of playback command. The recorder uses a packing density of 450
bits per linear inch so that a total of more than 10 x 7 bit storage is achieved. Extensive
tests have shown that errors occur on the outside tracks predominantly due to curl of tape
and are less than 0.001% per orbit. Tape dropout neglecting tape path imperfections
appear to be in the order of 10-7 per orbit.
Bit synchronization can best be achieved if the transmitted bit rate is constant making it
desirable to compensate for speed variations of the recorder. This is accomplished by
choosing a slightly higher readout rate, than mean when the pulses are converted serially
from the tape. A stable clock signal of 66-2/3 Kc is chosen which completes one word
readout sooner than the next word can follow on the tape at the highest speed tolerance.
A one for word synchronization precedes the word it then suffices to generate zeros
when the tape readout register is empty. Logic must exclude readout and register shifting
to coincide. The ground system must be designed to accept a variable word length of
9-15 bits per word. Figs. 7 and 8 show photographs of the tape recorder and the
assembled electronics.
Special purpose or general purpose PCM ground stations can be employed. For limited
operation such as spacecraft checkout during tests, equipment has been designed and is
produced by Roebach, Inc. of Pennsylvania. A general station such as produced by
Telemetrics is well suited for continuous routine operation. A bit rate up to 1 M bit/sec.
can be accepted in a shift register and read out into an arithmetic unit as desired. The
small arithmetic unit can be programmed to decommutate the IR channel words, identify
sync and recompose the time code. Formatting of the data for large computer handling is
achieved in separate standard equipment which drives conventional tape memories.
Analog outputs are also available.
Telemetry for communication of large quantities of data gathered by the satellite suggest
the possibility to augment the system through other sensors and use the satellite as an
efficient relay. Meteorology suffers from a lack of data many times and from insufficient
geographical coverage. Presently, the vertical temperature distribution of the atmosphere
on a global scale is anticipated to be measurable from a satellite. However, pressure and
wind distribution data are best gathered by in Situ measurements. Restriction to local
temperature, pressure, and wind is unnecessary, indeed any message that can be encoded
compatible with a flyable system is suited for transmission, storage, and distri bution.
Value to meteorology is most apparent and potential savings could be significant, but

applications to other scientific disciplines can be seen immediately. Oceanography,
tracking of icebergs to reduce shipping hazards and even pure scientific endeavors like
animal migration studies are being discussed.
A system has been developed which can readily fill most requirements of these
applications and can be extended to include balloon borne sensory platforms with minor
advances in technology to be strived for. As designed, it can establish the location of an
earth platform such as buoys or balloons by ranging and triangulation, receive and store
the data in the satellite and transmit all accumulated data to a central interrogation station
like Fairbanks, Alaska, for processing and data dispersion to users. This interrogation
recording and location system -- IRLS -- is planned for flight on the third Nimbus in
1967.
The ground platforms transmit to the satellite, when interrogated so that the receiver
must be in operation continuously. When the satellite transmits a 16 bit address code
redundant by three bits, it will be received by all platforms within receiving range,
decoded and compared against its assigned address. When found correct, data
transmission starts using the same subcarrier modulation as is Used for transmission of
addresses to be stated below. A total of 2048 addresses can be assigned so that wide
flexibility in operations results. The sequence of operations starts by instructing the
satellite via the Fairbanks station which addresses are to be interrogated on the upcoming
orbit and these codes are stored in a local address memory. It is further necessary to store
times when the address is to be transmitted, the initiation of which is established by
comparison with the satellite clock. Because ranging will be performed each time, two
transmissions, each lasting approximately 3 seconds to each platform allow triangulation.
It is readily apparent that general knowledge, as to the platform location; that is, within a
6000 Km circle must be available. It is assumed that Nimbus is at 1000 Km altitude in a
circular orbit. This is no serious restriction since movement over such a distance even
within a 24-hour period in virtually impossible. For the range code and data transmission
refer to Fig. 9. A code word consists of a fixed pattern -10101100- and a four bit binary
number counting from 1 to 16 when the pattern is then repeated. The bit rate of 12500
Kb/sec. and the count of 16 guarantees that this period is longer than the time delay
encountered even in, the longest distance to be ranged since one 12 bit word corresponds
to a 150 km increment as long as orbits lower than 1500 km are considered. For higher
orbits, ambiguity can still be resolved logically. This bit stream is used as a coherent
digital subcarrier by choosing the fixed portion of the range word as “0” or its
complement as “1” illustrated in the figure. The continuously changing four bit group is
not modulated. In this fashion, address words can be transmitted from the satellite and
data words from the ground at a 1041 bit/sec. rate. The choice of the split word enables
convenient correlation detection for word synchronization once bit synchronization is
established by a conventional phase locked oscillator. Ranging can be accomplished in
three steps: The algebraic difference between four bit groups of the transmitted and

received signals gives the range in 150 km increments. Note that the group delay of the
receivers must be known and constant to enable elimination from the propagation delay.
To refine the measurement in a vernier, the phase of the signal to the nearest bit is
measured and can be because synchronization is established. Ranging is thus
accomplished to the nearest 125 km increment. In order to achieve ranging resolution to
.3 km a 1F sec. increment in the 80F second bit duration must be measured. Digital
gating at a countrate of 1.6 M bits /sec. is readily achievable at a cost in power
consumption. A phase discriminator and conversion of the analog output to digital form
needs less power and yields the acceptable resolution of ± 0.5 km. Given a certain range
resolution, the location accuracy depends on the distance from the suborbital ground
track. Fig. 10 shows this function and indicates that ± 2 km will be achieved for cases
where the platform is at least 200 km from the satellite ground track.
While the data transmission requirements influence the choice of carrier frequencies and
needed bandwidth very little, required ranging accuracy which depends on the pulse
shape and S/N ratio points to preferred ranges of carrier frequencies. Naturally, the
power requirements shall be minimized and the state of the art in low noise, space
qualified receivers, efficiencies of solid state and hybrid transmitters as well as
achievable antenna gains vs. carrier frequency enter into the consideration. A parametric
analysis reveals that the 400 Mc region is well suited for the purpose and near optimum.
A further advantage is offered by the fact that 401 Mc are assigned for Meteorological
use and 465 Mc has been suggested for Meteorologic satellite use. Since a diplexer with
high isolation must be used to allow a common antenna for reception and transmission
the 65 Mc spacing is desirable. The choice of antenna pattern, thus achievable gain, is
governed by the orbital geometry and physical stability of a floating platform. For a
Nimbus satellite in its lowest orbit of 1 000 km the antenna must radiate into a 120E cone
so that only 6 db gain can be achieved at the Center. For the ground antenna a broad
pattern is also desired to minimize the influence of ocean wave or wind disturbance on a
rocking antenna pattern. These considerations lead to the choice of a reflector backed
turn stile and further to a 25 watt tube-hybrid transmitter. A tolerance analysis of the
communication system was performed and its conclusions confirmed by measurement as
given in Fig. 11.
A surface station may it be ground based or a floating balloon contains a receiver and
address decoder; further a transmitter, telemetry electronics and sensors. It is only
necessary to keep the receiver and decoder on while the rest can be turned off until
interrogated. The frame format is illustrated in the lower part of Fig. 12. The 16 bit
address word is retransmitted for positive identification. A maximum of 28 - 7 bit data
words is arranged as shown so that in the column of zeros, the range word determined in
the spacecraft can be inserted and stored in a core memory with the data. Horizontal and
vertical parity is computed for error correction. By choosing a quasi random sequence of
even and odd parity criteria, both horizontally and vertically, it can be and is used for

frame synchronization. Satellite memory logic and capacity is designed so that each
station can transmit up to a maximum of six frames.
Telemetry from Meteorological satellites has performed consistently with high
dependability and its design has not met major limitations. The magnitude of the data
source and the requirement to process it in real time, present some of the most
challenging tasks in future developments. The glaring discrepancy between the
information content in total bits of a television picture and its content in form of a cloud
analysis points to exploration of data compression techniques on one hand and pattern
recognition on the other. The meteorological data content can be expressed as a small
number of bits and the benefit of these satellites and their efficiency in design and use
will increase greatly when practical solutions to these problems can be found.
TABLE I

* As of January 1965

Table I-Tiros Television Performance

Fig. 1-Tiros and Tiros Operational System Concepts

Fig. 2-Nimbus TV Coverage

Fig. 3a-Tiros TV System, Satellite

Fig. 3b-Tiros TV System, Ground Station

Fig. 4-Northeastern United States and Canad Taken by Tiros VII
After 1-3/4 Years Orbital Life

Fig. 5-Tiros III 12F IR World Map

Fig. 6-Nimbus I High Resolution IR Picture Taken in the 3.4F Window.
The Numbers are Geographical Latitude and Longitude.

Fig. 7-Digital Tape Recorder for Transverse PCM Recording

Fig. 8-PCM Electronics Assembly

Fig. 9-Ranging Code and Information Modulation

Fig. 10-Location Uncertainty

Fig. 11-Probability of Error

Fig. 12-Surface Station

METEOROLOGICAL ROCKET TELEMETRY IN THE 1680
MEGACYCLE BAND
WILLIAM A. DREWS and W. T. WALTON

Abstract A summary of the present state of design and a review of hardware currently
in use and under development for meteorological rocket payloads is given. Important
design parameters are discussed and the constraints imposed by existing ground support
equipment are described.
Introduction It is important to mention at the outset that progress in meteorological
rocket telemetry in the 1680 megacycle band has been directed and restricted by two
major constraints: first, by the fact that the performance specifications must be tailored to
features of existing ground support equipment which is standard for upper atmosphere
measurements; and, second, by a low-cost requirement which exists because of the
expendable nature of the instrument. The existing ground support equipments. are Rawin
Set AN/GMD-1 and Rawin Set AN/GMD-2. A comparable equipment Radiotheodolite
WBRT-57 to the best of the author’s knowledge, is not being used for sounding rocket
support.
Important features of the Rawin sets which dictate telemetry design criteria are:
Antenna beamwidth
Antenna gain
Receiver noise figure
Antenna tracking rate
Data encoding form
Data channels

7 degrees
29 db
18 db
6 degrees/second
Pulse rate (0-200 pps)
Single

Cost considerations, which limit the employment of sophisticated assemblies that are
highly reliable, stem from several views: recovery of the instrument is economically and
operationally impractical; hundreds, and in ensuing years, thousands, of upper
atmosphere soundings with these expendable instruments will be made annually; and, the
instrument cost should preferably be comparable to vehicle costs. Since current vehicles
range in price from about $400 to $1,200 one considers an allowable current payload
price to be in the range of $150 to $400, depending upon its complexity. As consumed
quantities increase, current price ranges can be expected to decrease markedly.
Fortunately, for the class of rocket systems considered here, prudent trade-off can be

made between system reliability and system cost, for the decision at stake does not
directly involve considerations of the safety of humans or the successor a military
mission but only the gathering of scientific data.
Telemetry Design Considerations
A. Influence of Ground Support Equipment
With reference to the importance of the ground support equipment stated earlier, a brief
explanation of the nature of the influence of certain performance parameters is in order.
Figure 1 provides an over-all concept of a typical meteorological rocket sounding
operation.
From this, the importance of the relatively narrow beamwidth of the tracking antenna
and the relatively slow angular tracking rate may be judged. Moreover, the impact of
telemetry antenna radiation pattern design becomes evident when one considers the two
tracking situations; i.e., first, a relatively high speed ascending vehicle phase wherein
antenna pattern in the tail aspect is of concern and is influenced by the presence of the
rocket motor; and, second, a low velocity descending phase accompanied by an
oscillating motion of the parachute and instrument wherein the antenna pattern is no
longer influenced by the presence of the rocket motor.
Current meteorological rocket systems are designed to reach an altitude and deploy a
payload in the vicinity of 200,000 feet. From figure 1 and considering the displacement
of the descent system by winds, distances between ground receivers and telemetering
transmitters may easily reach 150 miles and vertical angles of the tracking antenna may
vary from 90 degrees to near zero. Again antenna pattern design is influenced but, more
importantly, the gain and noise figure of the ground receiving system establishes the
required performance of the telemetry transmitter in terms of the radiated power.
Data format of the telemetering instrument is restricted to that for which the Rawin set
and the recording system are designed. The latter are designed to detect and record
modulation wherein the intelligence is encoded as a varying pulse rate whose limiting
values are between approximately 10 and 200 pulses per second.
Finally, the ability of the Rawin sets to accept only one information channel restricts
modulation in the telemetering instrument to a single channel with serial sampling being
employed when multiple data sources are installed.
All current meteorological rocket instruments generally contain the same functional
modules. These are transmitter, data encoder of the blocking oscillator type, commutator

or timer, and power supply. For transponding instruments, a receiver of the super
regenerative type is added to the functional modules.
B. Gross Weight
Since payload weight reflects directly into rocket performance and cost, other things
being equal, minimization of weight becomes an important consideration at the outset of
any design. As a general rule of thumb, at least for one rocket which has encountered
extensive use, a loss of 10,000 feet in apogee altitude occurs for each added pound of
payload weight. Because a large portion of the weight of a meteorological rocket
telemetry payload will be incurred by structural parts and power supplies, these two must
receive early consideration in any design.
C. Space and Geometry
Circular cross sections of small diameter and of streamlined shape are highly desirable
because of a need, from the rocket performance standpoint, to reduce drag on the vehicle.
The resulting preferred geometry is that of a slim body of revolution which gradually
tapers to a point. Typical of present payload enclosures are the bodies shown in figure 2.
These shapes tend to present packaging problems because a serious loss in diameter
utilization occurs for a large fraction of the available length.
D. Cross-Talk, Interference, and Noise
Because of the requirement for relatively high packing density, undesirable signals and
other effects on circuits can easily occur and consideration of these possibilities becomes
an early criteria for layout work. Since adequate shielding adds space and weight, careful
location and arrangement of parts and subassemblies should substitute for shielding,
where possible, as a means of reducing internal interference problems.
E. 1680 Megacycle Transmitters
Historical development and quantity production, with resulting low cost, of weather
balloon telemetering instruments in the meteorological band between 1660 and 1700
megacycles has established the selection of RF sources for meteorological rocket
transmitters. Integral-cavity oscillators which employ pencil triodes have been used for
the purpose to date. Types 5794A, 6562, 7533, and 4048V3 are the type numbers
generally in use. The choice is a natural one for a number of reasons: they are a complete
integral source; their RF power output (600 milliwatts) is adequate for the purpose; they
are small and of a desired cylindrical shape (1 inch diameter and 2 inches long); their
power requirement of 120 volts at 34 milliamperes for the plate and 6 volts at 160
milliamperes for the filament results in a simple power pack; and, most importantly, their

cost is low ($6.00) because of the quantity production for weather balloons. Experience
has shown that these devices are sufficiently rugged to withstand the rigors of shock,
vibration, and acceleration imposed by meteorological sounding rockets. While this type
of source will obviously suffer instability and drift in frequency, this has not been a
problem of serious concern because of the wide frequency band allotted to the
meteorological community.
Research effort is in progress by at least one leading manufacturer to develop a solid
state RF source for use in meteorological instruments. This product would again be an
integral package and, in comparable quantity production, will probably compete with the
present cost of triode types. At least one advantage of the solid state source would be the
solution of some power supply problems for meteorological rocket payloads. The general
approach being used to date for solid state sources of this type is the employment of a
relatively low frequency transistor oscillator followed by multipliers which employ
varactor diodes as active elements. Achievable RF power is, of course, currently limited
by the state of the art in solid state components. One difficulty with these devices is the
generation of spurious radiations at harmonic frequencies of the basic oscillator. One
manufacturer advertises a device capable of delivering 250 milliwatts of power at 1680
megacycles when supplied from a 16 volt energy source.
F. Antennas
One of the most difficult problems facing the telemetry designer for meteorological
rockets is the choice of optimum antennas. Constraining factors in this connection are:
avoidance of vehicle drag during rocket ascent; achievement of small size; avoidance of
bulky and expensive impedance matching devices;.attainment of acceptable radiation
patterns; and, maintenance of low cost.
As mentioned earlier, drag forces induced by extending surfaces become a serious
detriment to the realization of optimum vehicle performance. Hence antenna
configurations which impose such drawbacks should be avoided. Fortunately, at the
transmitter frequency of interest, designs can be achieved which realize the desirable
features of small size, efficient coupling, zero drag force, and acceptable cost. Radiation
patterns of desirable characteristics are somewhat more of a problem, however. This
stems from the general system in current use for obtaining meteorological data by
sounding rocket techniques as shown in figure 1. Measurements of the atmospheric
parameters of interest in this system are made from rocket apogee downward; that is,
under descending conditions.
The telemetry antenna radiation pattern should exhibit very broad angle coverage under
these conditions to allow for a rather severe oscillatory motion of the Parachute which
normally occurs for a long period following its ejection from the rocket. The

instrument’s motion, when suspended from the parachute, is complex and includes
residual roll resulting from the rocket motion prior to ejection. Complicating this
situation is the fact that Rawin set antennas are linearly polarized in the vertical plane.
Thus oscillatory motion of a parachute supported instrument, whose antenna pattern is
directional, can lead to severe loss of data. A further complication stems from the desire
to maintain track of the instrument during its ascent on the rocket. Maintaining track
during ascent is preferred because current Rawin sets have narrow beam widths and do
not possess automatic area scan features. If track is lost during ascent, much valuable
data is lost during the early part of the descent phase while the Rawin set is being
manually manipulated to acquire the telemetry signal.
In summary of the forementioned problems, it becomes evident that omnidirectional
radiation of a circularly polarized wave offers the optimum solution. Practically, of
course, compromises must be made. Typical of some antenna designs which have been
made for the purpose are linearly polarized slotted cylinders, quarter-wavelength stubs,
dipoles, and circularly polarized slotted cylinders. Figure 3 illustrates several existing
designs.
In general, the radiation patterns achieved by all types leaves something to be desired.
The rocket tail aspect pattern appears to offer no serious problem insofar as allowing the
Rawin sets to maintain track during ascent is concerned. However, during descent of the
instrument., frequent dropout of signal occurs with a resultant loss of data. Experience
has shown that parachutes do not damp quickly at high altitude and severe oscillation
will continue from say, an initial altitude of 200,000 feet down to the region of 150,000
feet. A better than average record of telemetered data which illustrates the problem is
shown in figure 4. It is seen here that useful and reliable data was not consistently
recorded until about two and one-half minutes following payload ejection. During this
particular flight, a peak altitude of 2203,000 was reached by the payload but consistent
data was not obtained above 180,000 feet.
G. Transponding Instruments
The foregoing design considerations, except for weight and geometry aspects, have dealt
only with transmitting type telemetering instruments. An alternate instrument, which is
sometimes used, is a transponding type wherein the ground equipment, Rawin Set
AN/GMD-2, transmits a modulated carrier in the 400-406 megacycle band to the rocket
payload. In this case, the instrumented payload must be able to receive the ground based
signal, detect the modulation, and repeat the modulation back to the Rawin set. The
modulation is a range measuring signal of fixed frequency at 81.94 kilocycles. Phase
comparison of outgoing and received modulation of a fixed frequency is used as a
ranging method by the Rawin set.

The employment of a receiver in the instrument, of course, adds to the problem of space
and weight conservation and to the problem of antenna selection. Added power
requirements also complicate the design. The design approach used to date for
transponding instruments has been to employ a receiver of the super regenerative
detector type.
H. Ascending Telemetering Instruments
One technique used in the acquisition of meteorological data is the “Pitot-tube method.”
In this method, the impact pressure existing at the leading surface of a high speed vehicle
is measured and, from this data, atmospheric density is deduced. In this application,
contrary to instruments mentioned earlier, the telemetering requirement is to obtain data
during ascent of the vehicle rather than during descent of a parachute. Transponding type
instrument designs have been employed to date for these payloads. The transmitter and
receiver sections are functionally identical to those employed for descending payloads.
The treatment of antennas and the package configuration in these applications are the
basic differences.
The problem here is to provide good antenna pattern distribution when viewed from the
tail aspect of the ascending vehicle. In this respect, the designer must allow for rocket
motions of pitch, yaw, and roll, and additionally for the change in the flight angle as the
vehicle ascends on a ballistic trajectory. Flight angle is defined as the angle between the
earth vertical and the longitudinal axis of the rocket. Some knowledge of the vehicle
behavior in these respects is therefore a prerequisite of the antenna designer. In the
systems under consideration here, solutions to date have been the employment of sweptback turnstile configurations for both transmitting and receiving. Antennas are stowed
within the payload body during early portions of a flight where drag would be a problem
and later are erected to provide an optimum pattern and gain. Fortunately, distances
between ground equipment and payload are small enough, during the stowed phase, that
track can be maintained and data reception can be obtained.
I. Power Supplies
From a weight, geometry, and cost standpoint, power packs for telemetry operation have
been a troublesome problem. Low cost water-activated types, as are used in weather
balloon instruments, have been found to be unacceptable. This is because of their
relatively large size and because of self-heating. For applications wherein only
transmitters are used in the instrument, solutions have been found to the problem by
employing a package of dry batteries of the zinc-manganese-dioxide type and mercury
cells for low current drain circuits. A useful operating life of at least three hours is
usually obtained from these packs provided the batteries have been properly stored. Shelf
life characteristics of the dry type battery are the most serious drawback. Experience

indicates, however, that good performance can be obtained if batteries are stored at subfreezing temperature. The rather long desired operating life of three hours, compared
with a usual data collection time of only about one hour, stems from frequent launch
delays which occur after the instrument is loaded into the rocket and energized. The
nominal energy sources required for such instruments are:
120 volts at 34 milliamperes
6.3 volts at 160 milliamperes
1.5 volts at 15 microamperes
The nominal 1.5 volt source can be derived from a mercury cell and is often employed as
a source for a blocking type oscillator. Its relatively stable voltage, at very low drain and
over wide temperature range, makes the mercury cell particularly attractive for this
purpose.
For transponding instruments, the practice has been to employ silverzinc cells to provide
a nominal 6.0 volt pack. The battery is used to directly supply all filaments and a DC to
DC solid-state converter which provides at its output the required plate supply voltage
for both receiver and transmitter, nominally 120 volts. As with dry type battery packs,
cell size is selected to provide about three hours of operating life. A design problem with
this type of power supply is transients, generated by the DC to DC converter. These tend
to permeate the entire electronic circuitry and become particularly troublesome in
blocking type oscillators. The latter serve to encode the measured data in the instrument
as a variable pulse rate and their output pulses represent the data value. The difficulty
stems from a tendency for the pulse rate to synchronize with the converter switching
transients and results in false data being transmitted. The employment of a separate
battery for exciting the blocking oscillators has been found to be the most economical
solution to at least some of the transient problem; by-pass filtering and shielding solves
the remainder.
Rechargeable batteries of the silver-zinc and nickel-cadmium types have been employed
by some designers for meteorological rocket payload s. In general, however, the
expendable dry types and the primary type wet cells have been found to be more
economical, both from the size and the cost standpoints.
Current Models of Instruments
In figures 5 through 12 are shown photographs of meteorological rocket telemetering
instruments for use in the 1680 megacycle band. The instrument depicted in figure 5 was
developed by the U. S. Army Signal Corps and is of the transponding type. Figure 6 is
also a transponding type and was developed by the U. S. Air Force Cambridge Research
Laboratories. Figure 1 depicts an instrument of the transmitter only type and was

developed at the White Sands Missile Range. Figures 8 and 9 represent transmitting only
and transponding type instruments, respectively, and are the product of Atlantic
Research Corporation. Figures 10 and 11 depict a transponding type instrument which is
designed for data collection during rocket ascent. Development of this device was
sponsored by the U. S . Navy Pacific Missile Range. Figure 12 illustrates a telemetering
instrument developed by Metro Physics Incorporated for a booster-dart meteorological
rocket.

FIGURE 1. TYPICAL METEOROLOGICAL ROCKET SOUNDING
OPERATIONS.

FIGURE 2. CURRENT METEOROLOGICAL ROCKET SYSTEMS.

FIGURE 3. EXAMPLES OF CURRENT 1680 Mc
METEOROLOGICAL ROCKET ANTENNA.

FIGURE 4. RECORDED METEOROLOGICAL ROCKET DATA
COURTESY US ARMY
WHITE SANDS MISSILE RANGE.

FIGURE 5. RADIOSONDE SET AN/DMQ-6
COURTESY ATLANTIC RESEARCH CORP.
CONTRACT DA-36-039-SC-84542.

FIGURE 7. DELTA MODEL METEOROLOGICAL
ROCKET TELEMETRY
US ARMY PHOTOGRAPH
WHITE SANDS MISSILE RANGE.

FIGURE 6. AN/DMQ-9 COURTESY ATLANTIC
RESEARCH CORPORATION

FIGURE 8. ARCASONDE 1A COURTESY ATLANTIC
RESEARCH CORPORATION.

FIGURE 9. ARCASONDE 2A COURTESY ATLANTIC
RESEARCH CORPORATION.

FIGURE 11. DENPRO PAYLOAD
COURTESY ATLANTIC RESEARCH CORP.
CONTRACT N123(61756)-32883A (PMR).

FIGURE 10. DENPRO TELEMETRY PACKAGE
COURTESY ATLANTIC RESEARCH CORP.
CONTRACT N123(61756)-32883A (PMR).

FIG. 12 METROSONDE BOOSTER - DART TELEMETRY
COURTESY METRO PHYSICS INCORPORATED.

A NOVEL PMCM SYSTEM FOR GEOPHYSICAL RESEARCH
P. A. Toney and J. M. Walter, Jr.
Dynatronics Inc.
Orlando, Florida

Summary The concepts leading to development of an inexpensive digital data
acquisition system employing novel Pulse-Morse Code Modulation and providing
accuracy comparable to that of PCM are discussed. The several system-level and circuitlevel considerations permitting the complete elimination of separate signal conditioning
equipment and receiving-site synchronization, recording and processing equipment are
presented. Finally, there is a brief commentary on future applications of the device and
suggestions for related work.
Introduction Although PCM telemetry is a relatively young field of endeavor, it has
grown rapidly and become well-established, especially among aircraft and missile
instrumentation users, for the well-known reasons of accuracy, performance in the
presence of noise, and data handling ease. A great variety of sensing, signal
conditioning, modulation, encoding, detection, and data processing equipment has been
developed to handle the vast amount of data required. Because of his much more modest
budget, the natural scientist, who has historically been a pacesetter as far as precision
and quantity of data gathered was concerned, has paradoxically been placed at a
disadvantage. It is hoped that this development effort will enable the geophysicist (who
up to now could employ only direct measurement or analog telemetry techniques) to
utilize digital techniques for scientific data collection.
The work described herein is a continuation of efforts by the Research Instrumentation
Laboratory of the Air Force Cambridge Research Laboratories to adapt PCM telemetry
technology to high-altitude geophysical research. The equipment developed for AFCRL
is significant in that it can be used in much oceanographic and meteorological, as well as
geophysical data gathering. Most important, it realizes the accuracy, reliability, and
environmental capabilities of sophisticated missile-borne PCM systems at a cost of
perhaps one-quarter that of PCM for the remote telemeter itself, and at an overall system
cost of several-fold less.
The design resulting from Air Force Contract AF18(628)-4224 features the use of
integrated circuitry in all logic functions, an overall accuracy (peak-to-peak, exclusive of
quantizing error) of ±0.3% over a -30EC to +55EC temperature range, and an operating

temperature range of -45EC to +85EC. Like PCM instrumentation, it also provides a high
degree of accuracy under environmental stresses and noisy radio link conditions.
System Considerations The original data system concepts defined by AFCRL
determined the overall PMCM system transfer characteristic: a linear resistance-tobinary (Morse) characteristic, which eliminates the need for signal conditioning
equipment since all parameters are measured by means of resistive sensing elements. The
output is in binary Morse code form so that transmitted data may be easily and accurately
hand-copied by Morse code operators without use of the elaborate ground equipment
required by PCM systems. The important feature is that this approach provides the
accuracy potential of 9-bit PCM but at greatly reduced overall cost, owing to the signal
conditioning and ground equipment savings. AFCRL established these concepts and has
employed the technique successfully for several years. (A transistorized “encoder” was
developed for AFCRL by Dynatronics, Inc. in 19601 and has been used steadily since
that time.) The completely new development described herein, which represents
substantial improvements in the areas of accuracy, environmental performance, and
reliability over the previous device, attests to the soundness of the original data system
approach.
A large amount of low-frequency data is available from resistive transducers – the
following are examples:
Parameter

Transducer

Temperature

Calibrated thermistors; resistance thermometers

Displacement

Potentiometers; strain gages

Pressure (altitude or depth)

Bellows, bourdon tubes, and diaphragms with
potentiometer pickoff; hypsometers with
thermistor output

Attitude

Potentiometer-pickoff gyros

Humidity

Resistance-path sensing cells

Light level

Photo-resistive cells

Because of the variety of such transducers available, the system could be designed to
accept these sensors directly, without the use of bridge or potentiometric techniques. An
obvious advantage is the increase in possible accuracy, since the voltage or current
excitation sources normally required introduce noise and drift of their own in other data
systems. Also, the lack of remote signal conditioners reduces the per-channel cost.

In this simplified digital telemetry system the data acquisition system itself is the
significant cost item. Therefore, one of the principal design considerations was that of
cost, and value analysis was employed at every step of the development effort. The
anticipated manufacturing cost was considered in every design decision, from circuit
configuration and component choice to logic configuration and minimization. Although
low cost was of great importance, it could not be obtained at the expense of reduced
accuracy, reliability, or environmental capability. For this reason, circuit and system
simplification was relied upon to minimize cost. The specific design approaches
followed to achieve the maximum possible accuracy, reliability, and environmental
capability the art would allow, while at the same time minimizing cost, are treated in the
discussion on Design Approach.
“PMCM” has been coined (by the authors) as an abbreviation pseudonym similar to
PCM because it also employs analog-to-digital conversion and transmitter keying
techniques which establish a binary data train, and provides an overall data link similar
to that of PCM. The technique imposes an obvious data bandwidth limitation on the
system because the transmission rate is limited by the facility of the Morse operator. This
limitation is of little consequence in much geophysical work, however, since
temperature, pressure, displacement, and many other measurements are slowchanging
physical phenomena.
The output data wave train contains DASHES which represent binary ONES and DOTS
which represent binary ZEROS (see Figure 1) . A ONE (DASH) bit length is three times
that of a ZERO (DOT) bit. Bits are separated by a space one DOT in length. Each word
consists of three 3-bit characters (letters) , which are separated by three DOT lengths,
and complete words are separated by nine DOT lengths. Finaly, end-of-frame (message)
is identified by a space of 18 DOT lengths. Obviously PMCM word length is not
constant due to the 3:1 timing relationship between ONES and ZEROS. For example, all
ZEROS words are transmitted at 20 words per minute and all ONES words are sent at
12.5 wpm, while the average word rate is standard International Morse code - 15 wpm.
Design Goals A tabulation of the design goals established at the outset of the
development effort is an appropriate introduction to this subject and will establish a
frame of reference to which the reader may refer in the remainder of the paper.
Inputs:
Signal source
Number of channels
Excitation applied to source
Peak sensor power dissipation

Floating resistive source, 0-128k ohms
11 to 33
40 Famps constant current, .003% duty cycle
200Fwatts

Average sensor power dissipation
Peak sensor energy level
External commands
Power

.01 Fwatts
0.2 Fwatts-sec
Separate contact closures for read-out of a single
frame, for continuous readout, and for system start
12 ± 1.2v dc, 6 watts average

Outputs:
Format
Bit length
Bit spacing
Character length
Character spacing
Word length
Word spacing
Frame spacing

9-bit serial Morse code words
Dash (ONE): 300 ms;
Dot (ZERO): 100 ms
100 Ms
3 bits
300 ms
4 seconds, average
900 ms
1.8 seconds

Operating Characteristics:
Accuracy
Functional temperature range

±0.3% ±1/2 bit (9 bits),
-30EC to +55EC
-30EC to +55EC

The input was to accept floating resistive sources in the range of zero to 128k ohms
because this range represented the best compromise between resolution and dynamic
range for the group of sensors employed. The source excitation levels were established to
minimize the self-heating tendency in tiny bead thermistors used for temperature
measurement and to avoid damage to these or to other more sensitive sensors. A
provision for three types of external commands was made: 1) one contact closure should
cause the system to scan and readout all data channels continuously; 2) another closure
would cause only one frame of channels to be read out after which the system would
stop; and 3) still another would develop a start command to start the system following
power turn-on or readout of a single frame. The single-frame and restart provisions were
made so that system power could be conserved by sampling data channels only
periodically and switching off power between samples. A system power requirement of
only 6 watts would allow long periods of operation from the battery supply anticipated.
The output characteristics specified enable a Morse code operator with average ability to
copy the three 3-letter code groups comprising each 9bit binary word with ease. The
word spacing provided distinguishes in dividual words and frame spacing identifies the
completion of a complete frame of data, both of which are analogous, roughly, to

synchronization techniques as employed in PCM. The accuracy goal specified is that
desired over the temperature environment encountered in AFCRL high altitude balloon
flights. The figure of ± 0.3% (exclusive of quantizing) was thought to represent a
reasonable but difficult goal in view of the high full scale source resistance (128k ohms).
This was understood to be a peak accuracy specification (not rms) which would be a
worst case combination of errors from all sources, such as noise, temperature drifts, and
non-linearities. This is a specification which can be determined by actual measurement.
Design Approach Now that the specific requirements imposed by the particular
application have been considered, the various means drawn upon to achieve these design
goals can be discussed.
Figure 2 illustrates the PMCM system divided into five principal sections. A commutator
is required in any time-division sampled-data system and a double-ended commutator is
shown. The classic approach to the problem of measuring a resistive sensor is constant
voltage or current excitation followed by a voltage-operated system “front-end”. A
disadvantage of constant-voltage excitation applied to the unknown resistive sensor in a
voltage-divider connection (as is usual) is the non-linear resistance-tovoltage transfer
characteristic that is obtained. Constant-current excitation overcomes this problem and a
modified form of constant-current excitation has been employed here (represented by the
“amplifier” shown in Figure 2) .
A simple but accurate analog-to-digital converter had already been developed by
Dynatronics for satellite applications and this voltage-input device became the second
element on the signal flow diagram. Finally, the parallel binary output of the a-d
converter must be converted to serial International Morse code; this was to be
accomplished by a variety of logic elements in a binary-to-Morse converter section of the
equipment.
Commutator Cost and technical data on numerous gating devices which could form
the basic commutator building block was collected and considered (field-effect
transistors, junction transistor “Bright” circuit configurations, opto-electronic devices,
reed relays, stepping switches, etc.). The device chosen must have an extremely high
OFF impedance (because of full-scale source resistance of 128k ohms), an ON
impedance of less than approximately 100 ohms, and must be well isolated from its
driving source. It must also be inexpensive. Field-effect transistors having an rds of less
than 100 ohms are quite expensive, and their necessarily large-chip geometry produces
relatively large leakages which would give rise to some channel crosstalk. The wellknown “Bright” switches are marginal in “ON” resistance, have leakage currents only
two orders of magnitude below the excitation current, and are expensive compared to
some of the other devices considered.

Still another solid-state device appeared attractive-a photo-resistive chopper having a
nominal “ON” resistance of 100 ohms and driven by an isolated miniature incandescent
bulb. However, when several of these devices were evaluated, they were found to have
“OFF” resistances of as low as 200 megohms. This is intolerable since a ganged 11channel commutator places 10 other gates in parallel with the one being sampled. (For
example, 10 parallel channels having an “OFF” resistance of 200 megohms each results
in a 20 megohm load across the sampled source, and this produces a loading error of
more than 0.5% on a 128k ohm source.) Also, since each such gate would require a
separate power driver, the per-channel cost using opto-electronic devices was
unattractive.
Operating speed is not a limitation of electromechanical switches in this application,
although at first -their operating life appeared to be unacceptable. Switch contact (ON)
resistance is very low, and their “OFF” resistance is initially higher and does not worsen
with temperature when compared to opto-electronic devices or field-effect transistors.
Reed relays, having no moving parts, would appear to have a reliability advantage over
stepping switches. However, such is not the case - primarily because contact failure is
defined by an abrupt increase in contact resistance, and reed relays do not benefit as do
stepping switches from a contact cleaning effect (due to the “ wiping” action of stepping
switch contacts) . The enormous commercial usage of stepping switches has refined the
mechanism so that standard oil-filled units have an operating life of over 2 x 108 steps.
On the other hand, among the best reed relays considered were newly-developed highreliability units attaining only about 5 x 106 operations and which were not well suited to
“dry” service because they depended on contact arcing current for self-cleaning. Another
advantage of stepping switches was that only one power driver was required, whereas
one for each channel would be needed for separate reed relays ( a reed-relay magneticscanner requiring only one driver could be used, however).
Operating at the average word rate, the commutating stepping switch would have an
operating life of roughly 25 years in continuous, uninterrupted service! Detailed cost
comparisons indicated a clear-cut advantage for the stepping switch. This consideration
completed the elimination of the other commutating approaches considered. The
stepping switches’ disadvantages were size and weight, and these were not of great
significance considering the preponderance of advantages over the solid-state devices.
Amplifier One can employ a constant-current source to excite an unknown resistance
and thereby develop a linear resistance-to-voltage transfer characteristic across the
terminals of the unknown. Since in this case the source resistance could be as high as
128k ohms, an amplifier would be required to reduce the impedance level at the a-d
converter input, and this would be an additional error source. Also, both the constantcurrent source and the amplifier would have to be commutated.

Another simpler scheme was devised by a colleague of the authors - namely, use of an
ordinary inverting operational amplifier as both a precision constant-current source and
an impedance-buffering device. Figure 3 shows such an amplifier. It is easy to develop
the transfer function for this amplifier, making the following assumptions: Vi and Ri are
constant; (-A) is very large; ie = 0. Then the regulating action of the amplifier makes
Ve = 0 volts (“virtual ground”) .

From this and the knowledge that Vi and Ri are constant, one readily sees that Vo and Rf
are linearly related. Also, since ie and Ve = 0, and ii and Vi are constant, if must be
constant, and this is the source of constant current excitation applied to Rf, the sensor.
It should be noted also that Vo is taken between the operational amplifier output terminal
and ground (not across Rf) , which because of the load regulating action of the amplifier
presents an effective output impedance of only a few ohms. Thus a single amplifier
provides the constant-current excitation and impedance buffering required, and it was
largely these findings that lead to the equipment development approach.
Analog-to-Digital Converter The a-d converter employed in the PMCM system is a
subsystem (Model DMC-17) developed recently by Dynatronics, Inc. for satellite and
missile PCM systems. It features extreme simplicity (therefore, low cost), excellent
accuracy, and low power consumption, all of whichwere important reasons for its choice.
As in any analog-digital data system, the a-d converter is an important element. Because
the design itself is not new, however, it will be discussed only in terms of its capabilities.
The a-d converter is a relatively high speed unit capable of completing 9-bit conversions
in 530 Fsecs. This is only an instant in time compared to the commutator dwell time in
each channel (3 to 4.8 seconds, depending on the value of the PMCM word generated) .
Therefore, sensor excitation and dissipation may be limited to a very short time
compared to commutator dwell time. An additional .5 ms delay is provided for amplifier
and sensor settling prior to the .5 ms encoding interval, and these together require an
excitation interval of I ms. It follows that the excitation interval can be reduced from a
minimum of 3 seconds, the commutator dwell time to I ms, or a 3,000: 1 reduction in
sensor dissipation. The removal of sensor excitation is achieved by adding a clamping
transistor to the operational amplifier in such a way as to reduce the sensor current to
zero except during encoding. The very low average dissipation levels needed were
achieved largely by this method, and this justifies use of high speed a-d converters.

Binary-to-Morse Converter The two main functions the binary-to-Morse converter
must accomplish are serialization and conversion of the parallel binary code produced by
the a-d converter into a properly-spaced serial PMCM wavetrain. Serialization may be
accomplished by use of a shift register or by means of sequential bit-by-bit readout from
a parallel storage register. The latter, more reliable method has been employed here.
The several timing pulses needed (bit, character, word, frame spacing, dot-dash
generation, and system timing) and accommodation of several external commands
required a broad array of logic building blocks (NAND, NOR, counter, flip-flop, oneshot, inverter). Because of the emphasis on low system manufactured cost, recently
introduced, low cost, computer-type integrated circuitry demanded consideration. It was
found the system could be configured around these integrated devices for about $500
less than by use of discrete-component logic elements, with no sacrifice in performance
and with an unquestioned improvement in reliability. One question remained
unanswered: “Since the input serializing commutator could be most inexpensively
implemented by means of a stepping switch, should not the same be true of the
serializing function of the binary-to-Morse converter?” A complete system design and
cost comparison both ways answered this question affirmatively, in spite of the low cost
of the integrated logic elements the stepping switch would replace.
Since the output-serializing stepping switch must operate 10 times as rapidly as the
commutator (9-position stepping switches are not available) , it becomes the new
limiting factor on system operating life, reducing the overall operating life to roughtly
2-1/2 years of continuous operation. This is more than an order of magnitude greater
than the mission life defined by AFCRL, however. Stepping switch failure would be a
“wear-out” type failure that is strictly cumulative, and the electronic portions of the
system would likely be “worn out” from handling long before stepping switch failure
occurred under normal intermittent operation. For this reason, the two stepping switches
are hard-wired directly into the system wiring harness and should never require
replacement.
The serializing stepping switch is used to develop a serial binary data train, to program
each word for bit, character, and word spacing, and to originate most system timing
pulses, essentially the same functions a more expensive electronic sequencer would
perform. It operates in conjunction with integrated logic elements supplying various
delay, storage, and gating functions to develop the PMCM data train.
Another area of cost reduction and standardization was accomplished after it was
determined that only two of the many types of integrated circuits evaluated would be
required to implement all logic functions. This degree of standardization was made
possible through utilization of a limited number of external passive components in
conjunction with a dual, 2-input gate. This basic building block furnishes NAND, NOR,

and inverter functions without change. Addition of the very few external components
allowed one-shot multivibrators and set-reset flip-flbps (both with transistor-buffered
inputs) , to be designed. Only the counter-register needed by the a-d converter could not
be economically fabricated from this device, and an integrated J-K flip-flop element was
utilized here.
Special Considerations Two additional areas of endeavor contributing significantly
to overall system accuracy should be briefly discussed. Figure 4 illustrates that the
PMCM system has been fully isolated from the extensive primary power ground by use
of a high-reliability reed relay and a dc-dc converter transformer. The advantage in this
arrangement is that an essentially single-ended system can achieve a large degree of
noise rejection of which it would otherwise be incapable. This is easily understood by
assuming the generalized noise generator en has a low internal impedance and injects a
noise voltage into the system at its input terminals. Knowing that the impedance level at
low frequencies between the point of injection and system ground is low (in this case a
few ohms) and assuming the isolating mechanisms provide a very high isolating
impedance (100 megohms, say), it follows that practically all of en is developed across
this isolating impedance. The effect of en on system accuracy is therefore not seen, or is
minute. Excellent behavior of the system in a high-noise environment has been observed,
and this performance is due in large measure to the isolation employed. (Many precision
laboratory instruments using single-ended amplification employ this technique to obtain
the effect of common mode rejection which is normally provided by a differential
instrument.)
A significant problem encountered during the development was that of operational
amplifier input error current drift. Referring again to Figure 3, but neglecting none of the
error currents or voltages, one can derive an expression exactly describing the problem
as follows:

In expression (3) the second term is the normal expression for the output voltage of the
amplifier. The first term is an error term which may be “adjusted out” at any given
temperature, but which is temperature dependent because of the temperature drift of ie,
the amplifier input bias current. Now, if ie changes only 0.1 Fa over the temperature
range, an output error of 12.8 mv ( ~ 0.25%) is developed for 128k sources! An ie drift as
small as 0.1 Fa is difficult to achieve, but an effect of this magnitude cannot be tolerated
when an overall system analog accuracy of ± 0. 3% must be met.
This effect was eliminated by careful redesign of the operational amplifier front end to
reduce ie to on the order of 10 na, while maintaining an equivalent input drift of about
10 F v per degree C, -30EC to +55EC. This was perhaps one of the more important
technical “breakthroughs” since, so far as could be determined, no amplifier having these
characteristics was available in the desired size and cost range.
Equipment Description The resulting PMCM system meets or exceeds all of the
design goals outlined earlier. In addition to accepting up to. 11 channels, provision has
been made to accommodate a 33-channel commutator with only minor mechanical
changes. Temperature tests on the engineering model have yielded accuracy data
considerably betterthan required (± .2%). The functional temperature range of the unit
was expanded 45EC (-45EC to +85EC) , principally to assure that production units would
function reliably over the required range of -30EC to +55EC. Pre-production units were
also individually tested -45EC to +85EC, however, in order to further verify the design.
The system has been designed to meet other environmental parameters not specifically
adopted as design goals:
Altitude
Shock
Vibration
Humidity

Sea level to 1 millibar (this was a design goal)
MIL-STD-810, Method 516, procedure I I
MIL-STD-810, Method 514, Figure 514-1, Curve A
95 ± 5% relative humidity

The system’s physical characteristics are as follows:
Case
Weight
Construction

12-1/2" x 10-1/2" x 4" drawn aluminum alloy
16 pounds nominal
Silicon and integrated circuitry mounted on ten 1.9" x
3.2: printed circuit cards

Considering the PMCM system’s capabilities outlined above, perhaps the most
gratifying result of the development effort is that an adequately low production cost
figure has been achieved.
Conclusions and Recommendations AFCRL utilizes the PMCM system with Class
Al (CW emission), an acronym for which might be “ PMCM/AM.” Other forms of
modulation such as PMCM/FM are conceivable, and an interesting subject for future
study might involve a comparison of PMCM/AM or /PM with PCM/FM as to efficiency
and accuracy under equivalent s/n ratios. An interesting difference one immediately
notices between PMCM/ AM and PCM/FM, although the former is also relatively
insensitive to amplitude disturbances, is that PMCM/AM information is primarily in the
time domain while PCM/FM information is primarily in the frequency domain.
These questions may remain unanswered because power conservation and low s/n ratio
performance are likely less important to the geophysicist than to the missile or satellite
instrumentation engineer. On the other hand, a theoretical justification of PMCM/AM or
/FM is really not needed since the practical features of the approach, elimination of
signal conditioning and ground processing equipment while providing the accuracy
potential of a coded-binary output, are sufficient justification for its use. For this reason
alone, the approach should be given serious consideration by those gathering data on
natural phenomena or from other slow-changing data sources, especially those having
limited equipment budgets.
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FLUTTER AND TIME ERRORS IN MAGNETIC DATA RECORDERS
DR. S. C. CHAO
Ampex Corporation
Redwood City, California

Summary Flutter and time errors are critical factors in all instrumentation recording.
They become even more so in many current and future applications, especially in the
data recovery and reduction processes of various telemetering systems.
This paper presents analytically the relationship between flutter, time base error, and
time base error difference (sometimes called jitter), plus the effects of these errors on
direct and FM recording. Methods of measuring these quantities are discussed and
experimental examples are given. Spectral and probability density analyses and
measurements have indicated that these variables are basically random in nature, and as
such, they should be specified in terms of a levels, rather than in conventional peak-topeak figures. Finally, a measurement method for the typical values of interchannel time
error is presented, and some trends of correlation among all channels are discussed.
Introduction Flutter studies started way back with audio recorders, and numerous
papers dealing with this subject have been written. The flutter problem becomes even
more pronounced with instrumentation recorders being developed for wider bandwidths
and shorter recorded wavelengths. Flutter causes time base distortion which, though it is
not generally realized, sets a limit on the usable data bandwidth of a recorder.
This paper attempts to present a unified picture of flutter and time errors in a multichannel longitudinal instrumentation recorder. Analytical results are verified by typical
experiments. Some techniques are suggested for flutter and time error measurements. A
statistical approach for measuring and specifying flutter and time errors is strongly
recommended; although, this is probably not the first such suggestion.
It is hoped this material will be helpful from the users’ standpoint to provide a better
understanding of the performance of a recorder for certain applications. Also, by adding
to the already massive collection of flutter and time error data, this material may serve to
remind the recording industry that a meaningful and concise standard should be
established in this area.

Definitions and Assumptions
Flutter - Variation of tape speed excluding any dc component. For random flutter the
distribution is assumed to have a zero
mean.
Time Base Error (TBE) - Total time error caused by speed variations measured from a
reference point. TBE equals the time integral of flutter.
Time Base Error Difference (TBED) - Time error incurred over successive sample time
intervals. TBED is the increment of TBE at two adjacent sample points.
Interchannel Time Base Error (ITBE) - Relative time error between two channels in a
multi-channel recorder, including static and dynamic skew.
Some existing terms should be mentioned here for the purpose of comparison and
clarification: Time Displacement Error (TDE) has been used for TBE1 and TBED2, and
Jitter is often used in place of TBED. Intrachannel and interchannel TDE are used to
distinguish time errors incurred in a single channel or between channels3,4. The recording
industry should adopt a set of unified terms to avoid needless confusion.
For small variations in tape speed, it is quite adequate to assume that the interaction is
negligible between record and reproduce flutter, and that the record and reproduce
processes are essentially linear. Under this condition, an equivalent flutter may be
considered which is the algebraic sum of record and reproduce flutter corrected for any
speed ratio other than unity. Separate calculations may have to be made if the flutter
characteristics are quite different between the record and the reproduce processes,
especially when operated at different nominal tape speeds, but the linear assumption
should still be quite adequate. In our analysis, therefore, a single set of flutter
components is used for the combined record-reproduce process to simplify the analytical
expressions and yet not lose any generality.
Time Base Error (TBE). -Let
(1)

represent the Fourier components of the flutter where the an’s are expressed as a
fraction of nominal velocity. By definition, the TBE is

(2)
Equation (2) indicates that the contribution to TBE is inversely proportional to the flutter
rate (Tn). A tape transport with a certain amount of high frequency flutter is actually
better than another one with the same amount of low frequency flutter as far as TBE is
concerned. In the latter case, the magnitude of TBE may become very large (typically
several hundred microseconds over a time interval of a few seconds, and even more if
the transport were running without position and speed control mechanism). For
transports with a reasonably fast position servo, the TBE is generally small, typically a
few microseconds or less, because the low frequency flutter components are largely
corrected by the servo action. In this case the residual flutter is nearly random in nature,
and it has a rather uniform distribution of power density.
The mean square flutter can be calculated from Equation (1),

(3)
For uniform power density, P(f) = Po,
(4)

(5)

For P(f) = Po
(6)

A direct phase comparison between a reference time marker and a pilot signal
reproduced from the tape yields the sampled TBE, which can be converted into a box-car
-type function by using a holding circuit. If the position servo is capable of locking-in at
such a high rate, the rate of comparison should be several times higher than the flutter
rates in order to detect all possible speed variations. Otherwise, a lower frequency must
be used (or one must count down from a higher frequency reference) and the TBE
contributed by the high frequency flutter components cannot be detected properly.
Figure 1 is a simplified block diagram for TBE measurement, and Figure 2 is the timing
diagram. Figure 3 shows some typical TBE signals obtained by this method. Typical
spectral distributions of flutter and TBE are illustrated in Figure 4. At the low frequency
end of the spectrum, the position servo is effective to its cut-off frequency f1,
approximately between 50 and 100 cps; hence the flutter and TBE diminish quite rapidly
below f1, although occasionally some ripples show up at frequencies corresponding to
the fundamentals and harmonics of mechanical disturbances such as once-around motion
of the capstan or bearings.
Starting from f1, the flutter distribution shows a practically uniform spectrum without
any pronounced peak. It may be concluded that these flutter components are mostly
caused by tape disturbances. Some factors affecting the characteristics of the tape
disturbances are the tension, speed, guiding and physical properties of the tape,
smoothness of contact surfaces, and tape span (unsupported length of tape). The TBE
falls off with increasing frequency starting rather slowly at a poing about 2f1 to 3f1 and
finally approaching a 6 db per octave rate at the high frequency end.
The flutter spectrum may be approximated by a rectangular model as indicated in
Equation (4) (See Figure 4). If the upper end of the flutter spectrum, f2, extends to 10 kc
or more, and hence f2>>f1, an extension of bandwidth of the position servo would not
improve the flutter figure appreciably because the mean square flutter is essentially
proportional to f2. For instance, increasing the servo bandwidth from 100 cps to 1000 cps
may improve the flutter by only about 10 percent assuming f2 = 10 kc.
The power density spectrum of TBE may be approximated by a trapezoid with the flat
top region extending from f1 to 2f1 or 3f1, and a fall-off rate at the high frequency end
about 6 db per octave, while the fall-off rate at the low frequency end is about 10 or 12
db per octave depending upon the characteristic of the position servo. The mean square
TBE is represented by the area under the trapezoid, which can be evaluated quite readily.

In contrast to flutter, TBE can be reduced very effectively by extending the bandwidth of
the position servo (f1). Many of the current high performance recorders are designed for
low TBE, and hence one of the Tlesign objectives is to arrive at an optimum performance
of the position servo.
Time Base Error Difference (TBED) By definition, TBED is the time error incurred
over successive sample time intervals. Let T = sample interval and g(t) = TBED, then
from the flutter expression given in Equation (1), we have
(7)

where m indicates the sequence of successive sample intervals. If a holding
circuit is used at the output, and letting mT = t, we obtain

(8)

where gp(t) is the TBED as a fraction of T.
1. When TnT << 1, the sample rate is much higher than the flutter rates,
(9)

Equation (9) shows another way of measuring flutter, and it also provides an important
relation between flutter and TBED for short time intervals.
2. When TnT>1, the sample rate is comparable to or slower than some flutter rates; then
the sin x/x term in Equation (8) diminishes and becomes less than unity. Hence, *gp(t)* is
smaller than the flutter because of partial cancellation between sample points. In general,
gp(t) resembles the flutter function at the low frequency end, while the high frequency
components may be attenuated at a varying degree. The location of the transition point
depends upon the sample rate. In practice, the sample rate is chosen several times higher
than the highest expected flutter rate so that TnT<< 1.
3. If only a few flutter components are predominant, it is possible that TnT = 2kB (k is
an integer) and, hence, gp(t) = 0, or is very small. Here, positive and negative error
neutralize each other over the sample period T. Although this situation rarely occurs in
practice, it does illustrate a pitfall which deserves some attention.

For random functions, the mean square TBED can be derived as follows:

(10)
For P(f) = Po = constant (rectangular power density spectrum for the flutter), and
assuming f1 = 0 and f2 becomes the flutter bandwidth, Equation (10) becomes
(11)

where Si(x) is the sine integral, which is tabulated. A plot of Equation (11) is shown in
Figure 5; point A, where Tf2 = 0.5, may be considered as a dividing point. For Tf2 < 0. 5,
(12)
Equation (12) indicates that the rms TBED is directly proportional to T, and this checks
out with Equation (9) for the case of coherent flutter. For Tf2 > 0.5,
(13)
Here the rms TBED is proportional to the square root of T because of partial cancellation
of time error within each sample period T.
TBED measurement can be implemented by using the arrangement shown in Figure 6.
Referring to the timing diagram shown in Figure 7, a pilot pulse initiates the period gate,
which is pre-set at a fixed duration and embraces a specific number of pilot pulses. The
trailing edge of the period gate starts a ramp function which in turn is sampled by the
next pilot pulse. The sample voltage is stored in a capacitor. The cycle is repeated for the
next group of pilot pulses.
A staircase function is obtained which represents the TBED, as shown in Figure 8. Again
the pilot frequency may be scaled down to a lower value if necessary.
As mentioned earlier, gp(t) is essentially the flutter, F(t), if the sample period T is much
smaller than the flutter periods. This was verified experimentally by comparing the
spectral distribution of F(t) and gp(t), as shown in Figure 9 where the two curves
practically coincide with each other, and the minor differences are quite negligible.
TBE and TBED are equally important from a practical standpoint, and one can be
derived from the other. TBE can be measured when a transport is equipped with an
adequate position servo as this implies that the low frequency flutter components are

already compensated for and the TBE is bounded in a small range. TBED can be
measured on any tape transport to determine the amount of jitter for many critical
applications.
Effect of TBE on Direct Recording Direct recording is defined as the normal
baseband recording where high frequency bias is applied for the purpose of improving
linearity and sensitivity of the record process.
When a signal es (t) is passed through a magnetic recorder, the output, affected by timeaxis distortion, may be expressed as

Consider a single tone input, es(t) = E sin Ts t, and a single flutter component, af cos Tft,
then h(t) = (af /Tf) sin Tft (neglecting any integration constant which introduces a
constant delay but no frequency distortion). From FM theory, the modulating index m =
Tsaf/Tf = affs/ff = flutter magnitude (as a fraction) times the ratio of signal to flutter
frequency; the value of m could vary widely depending upon the transport and signal
parameters.
For instance, assuming a transport with a 10-cps flutter component which has a peak
value of 0.05 percent, then m = fsx 5 x 10-4 . Figure 10(a) and (b) illustrate the
distribution of sidebands for fs = 2 kc and 100 kc respectively. Notice that the ‘frequency
smearing’ effect becomes more pronounced at higher signal frequencies and the band
spread is close to 2(affs + ff), which increases linearly with the signal frequency.
By investigating various combinations of signal frequency, and flutter amplitude and
rate, some general conclusions may be drawn as follows:
1. The modulating index is directly proportional to signal frequency. For a given
transport, higher frequency signals would tend to spread out more than lower frequency
signals; although in terms of percentage of the carrier the spread is about the same.
2. m is proportional to af/ff which is 2B times the TBE. Therefore, large TBE is
objectionable. As mentioned earlier, low rate flutter components generally contribute
large TBE and are primarily responsible for the frequency smearing effect; high
frequency flutter components, unless excessively large, would normally cause no
frequency smearing, although they do generate some small sidebands.

3. For multi-tone flutter there are various terms of sum and difference frequencies in
addition to the various sidebands associated with each flutter component. Nevertheless,
the effective frequency spreading is not appreciably different from that of the single tone
cases.
4. A conventional flutter specification such as cumulative peak value over a given
bandwidth offers very little information about the effect of various flutter components on
a recorded signal. A flutter analysis is necessary to understand the distortion of various
signal frequencies more thoroughly.
When the TBE (or flutter) is a random function, the sideband spectrum is no longer
composed of discrete lines; instead, it becomes continuous. This can be demonstrated for
a single sinewave of frequency fs; the resultant power density spectrum due to random
TBE is of the form as shown in Figure 11, where part of the signal power is converted
into random noise in the frequency domain.
The ratio of the net signal power to the total random noise power may be used as a
criterion for measuring TBE (or flutter). For TBE with a Gaussian amplitude distribution
this ratio is
(14)

(15)

When fs = 500 kc, (S/N)p = 1, which means that 50 percent of the signal power is
converted into incoherent sidebands. This illustrates how critically a wideband recorder
is affected by random flutter.

It should be mentioned here that the noise term is defined in the frequency domain; in the
time domain, the signal primarily exhibits jittering of zero-crossover points and perhaps
some amplitude fluctuation. This frequency distortion caused by flutter (or TBE) may
completely jeopardize the high frequency performance of a wideband recorder.
Effect of TBE on FM Recording Consider an FM signal being recorded on tape,

where Tc = 2Bfc = carrier frequency, fs = signal frequency, )fc = frequency deviation,
and m = modulating index = )fc/fs. Due to TBE introduced in the record-reproduce
process, the output becomes

The first term in Equation (17) represents the desired output, which has suffered the
same type of time base distortion as in direct recording, and the second term is generally
referred to as the flutter noise in FM recording because dh/dt = F(t), which is the flutter.
The exact expression of the demodulated signal may vary depending upon the degree of
approximation being made2. However, it is felt that Equation (17) is quite adequate for
our investigation.
The signal-to-noise ratio of an FM system can be calculated from the last equation. For
wideband FM, )fc /fc may be as high as 0.4, and the noise term has a maximum value of
1.4 times the flutter. Assuming a typical flutter of 0.1 percent (peak value) the signal-tonoise ratio is about 49 db. For narrowband FM, where )fc /fc = 0.075 approximately,
signal-to-noise ratio is about 37 db and deteriorates rather fast.
Methods for flutter noise compensation in FM recording are well known. The
instantaneous flutter is recovered by demodulating a pilot signal which has been
recorded and reproduced in synchronism with the data. This flutter signal may be
subtracted from the data to render a better signal-to-noise ratio. Or, in case a pulse
averaging type of demodulator is used, the flutter signal is used to control the pulse
width before averaging.

It should be emphasized that this type of flutter compensation in FM recording tends to
correct only the additive noise which is the second term in Equation (17); it does not
solve the TBE problem, which is still involved in the first term of the equation.
Depending upon the signal bandwidth and system requirement, this time base distortion
may or may not be serious.
Interchannel Time Base Error (ITBE) By definition, ITBE is the time error between
a reference data channel and another channel of a multi-channel recorder. The measuring
technique is very similar to that of TBE except for the difference in choosing the
reference signal.
A typical spectral distribution of the variable ITBE (dynamic skew) is shown in
Figure 12; static skew merely represents a constant delay which can be compensated
quite readily. Dynamic skew is primarily random in nature, except at the low frequency
end where some once-around components exist. The spectral envelop appears to follow a
6-db-per-octave slope, and the high frequency end terminates at a few hundred cps.
The major cause of dynamic skew appears to be the shearing force across the width of
the tape which causes the two channels to move in opposite directions in terms of timing
error. The amount of ITBE is almost directly proportional to the separation between the
two channels (assumed to be on the same head stack). To verify this statement, some
experimental measurements were made according to the block diagram shown in Figure
13. The center channel B was used as reference and the ITBE of channel A and C, one on
each side, was observed as shown in Figure 14. Notice that A/B and C/B are practically
opposite in phase, and the sum of these time errors is almost zero. This situation holds
true for 1/2-inch tape and it is still a good approximation for 1-inch tape. Therefore, one
may conclude that the ITBE is largely correlated among all channels, although the
amplitudes may vary randomly.
ITBE is important in certain applications such as correlation analyses, diversity
combining, and redundant recording. For a given amount of ITBE and a maximum
tolerable phase error between two channels, the highest usable frequency (upper limit of
the signal bandwidth) can be calculated quite easily; or, for a known signal bandwidth,
the process may be reversed to determine the maximum allowable ITBE.
Statistical Evaluation of Flutter and Time Errors The residual flutter and TBE of an
instrumentation recorder with a reasonably good servo system are largely random in
nature because the coherent periodic components are practically eliminated. Therefore, it
becomes rather inadequate to specify the magnitude of time function with a randomly
fluctuating amplitude, such as flutter or TBE, by single number. A peak-to-peak value
would definitely involve a certain amount of arbitrary decision on the part of an

observer. Alternately, specifying the rms value alone would not determine the peak
(crest) factor without some knowledge of the probability distribution.
Gaussian distribution is generally used to approximate that of a random variable
containing many uncorrelated sinusoidal components. To substantiate this assumption, a
probability density analyzer was used to analyze the flutter and TBE; results are shown
in Figures 15 and 16. In general, these probability density distributions closely follow
the Gaussian model in the region of concern; hence, the latter may be used with fairly
good accuracy for specifying random flutter and TBE. For instance, the 3-F level may be
used in place of a peak-to-peak value, and the probability of this being correct is well
over 99.5 percent; while the 2-F level would yield a probability of about 95 percent.
The value of a can be calculated f rom the spectral distribution; however, it can be
measured directly by using an rms meter with a high crest factor. The ± 3-F level simply
means six times the rms reading. This has been confirmed experimentally by observing
the waveform of a random function and estimating the probability, which came very
close to that of the Gaussian model, at the 3-F level. Hence, this procedure should be
good enough for all practical purposes, and it is not only simple but more meaningful
than the conventional peak-to-peak value.
Generally speaking, once the random nature of flutter and TBE is verified and accepted,
it becomes quite obvious that all the standard tools of statistics and probability can be
applied to a tape recorder in dealing with problems associated with tape dynamics and
signal distortion.
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ENVELOPE DELAY IN A TAPE RECORDER SYSTEM
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Introduction Envelope delay is a term first used by Nyquist and Brand of Bell
Telephone Laboratories in 1930. It indicates the degree of phase linearity in a
transmission network, and is the first derivative of the phase shift with respect to
frequency.
The phase response of a transmission network such as a magnetic tape recorder/
reproducer system has become more significant with the increased use of more complex
modulation schemes and wider bandwidth predetection recording.
This paper develops the definition of envelope delay and related terms and describes
several methods of measuring it. A method of envelope correction is also described
which reduces total variation in envelope delay to less than 200 nanoseconds over the
frequency range of 100 Kc to 1.5 Mc.
I. Envelope Delay The electrical performance characteristics most generally described
in a tape recorder/reproducer system are frequency response, harmonic and
intermodulation distortion, signal to noise ratio and dynamic range. The definition and
measurement techniques of these parameters are well known and no elaboration is
necessary.
Phase linearity, delay distortion, phase distortion, transmission delay, phase delay,
envelope delay and group delay are all related terms which are derived from the phase
shift versus frequency transfer function of a network. These parameters have an effect on
the ability of a recorder to accurately store and reproduce complex data, but are generally
not specified. Amplitude distortion can be corrected and controlled quite readily but
phase distortion involves more complex measurement devices and compensation
networks.

In practice, the phase shift vs frequency curve or a complex network is not generally
linear nor will it intercept the origin. Let us consider a periodic complex signal which
can be represented as a summation of Fourier frequency components. This signal if
passed through such a non-linear network will have unequal transmission times for each
discrete frequency. The distortion caused by these unequal delay times is called phase
distortion. A simple example of this distortion is shown in Figure 1, where it can be seen
that the phase delays of T1 T2 T3 and T4 are not equal.
The reconstructed output signal will contain distortion introduced as a function of
transmission time since the components of the complex waveform (T1 - T4) will be
displaced in time relative to each other. Phase distortion may be represented numerically
as 1/2 the difference in transmission time between the minimum and maximum delays
existing between any two frequencies in the passband of interest (1/2 the relative phase
delay or .17 unit time in the example of Figure 1).
The second form of phase description, and the form most significant for a magnetic tape
recorder, is envelope or group delay. It is defined as the first derivative of phase shift, 0/,
with respect to frequency, w, and is therefore the slope of the phase curve at the
frequency of interest.

The term envelope delay is used since the transmission time of the modulation equency
(the envelope of an amplitude modulated signal) is equal to the slope of e phase shift
curve at the carrier frequency. 1,2,3
Group delay is used synonymously with envelope delay but is a more significant rm.
when related to frequency modulation since no modulation envelope is produced in the
case of FM.

Referring again to Figure 1, the region between T2 and T3 will have constant envelope
delay but not constant phase delay while T1 and T4 will have equal phase delays.
Constant phase or time delay is therefore a special case of constant envelope delay where
the phase plot intersects the origin.
The absolute value of phase delay is generally of little importance other than in the
evaluation of the insertion delay of a network. A more significant parameter relative
phase delay where the delay at any frequency is compared to the delay at selected
reference frequency. The same can be said of envelope delay in a tape
recorder/reproducer system. Commercial equipment is available which will onl measure
relative envelope delay not absolute delay. (4)
Envelope delay distortion is defined as that form of distortion which occurs when the
rate of change of phase shift with frequency of a network is not constant over the
passband under consideration.
There are three major reasons for specifying and using envelope delay parameters as
opposed to phase delay in a tape system.
1. The direct measurement of phase shift is highly inaccurate since real time
measurements cannot easily be made. The effects of flutter, jitter and other nor mal tape
system dynamics as well as the path length between record and reproduce head prevent a
simple phase shift measurement.

Envelope delay measurements are possible where the input and output terminals of a
network are not available at one location. Phase shift measurements cannot be made
under these conditions.
2. Relative or differential envelope delay is a conveniently obtained parameter with
commercially available test equipment. Relative phase delay measurements are not
possible.
3. Envelope delay in a predetection recording system is a more meaningful parameter
since the information recorded is a modulated signal. Phase delay information would
apply to the various components of the modulated signal but it ma not necessarily be
equal to the envelope delay at any given frequency.
II Measurement of Envelope Delay The measurement of envelope delay consists of
determining the slope of the phase shift curve at the frequency of interest. Two basic
types of measurement techniques may be used, an open loop and a closed loop system. A
closed loop system requires that the input and output terminals of the network be
available at one location and that no time translation occurs.
The dynamics of the tape transport prevent the direct measurement of phase shift through
a tape recorder/reproducer system. The open loop technique is used where the reference
signal is combined with the data and both are transmitted together. This multiplexing of
reference and data reduces the effects of minute tape speed changes and variations in
tape tension or dimension. The open loop system developed for the evaluation of long
transmission lines is ideally suited for a tape recorder system. Two types of open loop
systems will be described; one where the reference signal is frequency multiplexed with
the data and one where the reference signal is time multiplexed with the data.
A. Closed Loop Measurement
1. Phase shift reading, Figure 3. Since envelope delay is the first derivative of the phase
shift curve, we can measure the phase angle 0/1 and 0/2 at two different but closely spaced
frequencies, T1 and T2. The envelope delay can be expressed as the slope of a straight
line between two frequencies.

This graphical method is accurate between any two closely spaced points but is laborious
and slow.

2. Nyquist Method 1, Figure 4. It is possible to measure envelope delay directly by using
the method of Nyquist where an amplitude modulated signal is passed through a network
and a phase meter is used to measure the phase difference between the modulating
frequency directly and the demodulated modulating frequency transmitted through the
network. As the carrier frequency is varied through the passband of the network, the
envelope delay at each frequency can be

The phase meter can be calibrated directly in time (Envelope delay). For good resolution
Tc must be high compared to Tm. This measurement gives the absolute value of envelope
delay at any frequency. If the reference could be placed in the passband, relative
envelope delay could be obtained, which is more meaningful. The obvious inaccuracies
which evolve from the subtraction of two large numbers lead us to find a measurement
system which will measure relative envelope delay directly.
B. Open Loop Measurements of Envelope Delay
1. Frequency multiplexed reference, Figure 5. In order to obtain phase shift data through
a tape recorder, it is necessary to transmit the reference information concurrently with
the data information. This multiplexing of data tends to nullify the frequency translation
effects of flutter, jitter and other tape dynamics.
Where the bandwidth permits, the reference carrier can be mixed with the modulated
data and both transmitted together through the network. Figure 5 represents a typical
example of an open loop, frequency multiplexed delay measuring system as applied to a
tape recorder. In the recorder under test, the data passband is 100 kc to 1.5 mc, the
reference modulation frequency is 10 kc and the phase meter operates at 20 kc.
A complete signal consisting of a low frequency reference, Tm, plus a carrier, Tc,
modulated by Tm, is passed through one channel of the recorder. At the output, the signal
is separated, the modulated carrier demodulated and the modulation signal compared in
phase with the original low frequency signal carried through as a reference. As the
carrier w, is raised from 100 kc to 1. 5 mc, the relative phase shift is observed.
The balanced modulator is used for best S/N ratio in preference to straight AM with a
carrier. The output of the balanced modulator is a double sideband suppressed carrier signal.

The upper branch in Figure 5 rejects 10 kc from the composite signal, detects the
composite signal, passes it through a 20 kc bandpass filter and becomes one data input to
the phase meter. The lower branch filters and passes only the 10 kc reference frequency,
full wave rectifies and doubles to 20 kc, passes it through an identical 20 kc bandpass
filter and then to the phase meter.
Both 20 kc filters are to be identical in phase vs frequency for approximately ±200 cps
about 20 kc, so that the effects of flutter affect both channels equally. Flutter therefore
introduces no relative phase shift.
A serious problem exists with this method in that the passband of the system must extend
approximately one decade below the lower data frequency. In this example, to measure
from 100 kc to 1.5 me, the passband must extend to 10 kc to handle the reference
modulation frequency.
2. Time Multiplex Reference. If the measuring system could time multiplex the
reference signal with the data, the full passband of the system could be used for
measurement.
The system used by Wandel & Goltermann in their LD-1 test set4 uses the open loop,
time multiplexed reference, covers a range of 100 kc to 14 mc, and has an envelope delay
resolution approaching 2 nanoseconds as a function of system noise. They achieve this
resolution by measuring through narrow bandwidths and sweeping across the desired
frequency band. The system operates as follows: Figures 6 and 7.
Two RIP carriers f1, f2 are generated and become the reference and data frequency
respectively. The reference frequency is held constant and the data frequency is varied
throughout the frequency band. The system measures the relative attenuation and
envelope delay of the data frequency compared to the reference frequency rather than the
absolute value of attenuation or envelope delay.
The two carriers are alternately switched at a rate of approximately 600 cps, (f4) and then
coherently amplitude modulated with a 20 kc “split” frequency (f3) so that the envelope
of the modulated signal shows no surge or discontinuity at the switching points. (The
switch frequency of 600 cps is above the dominant flutter frequency of the recorder.)
The multiplexed signal is then fed into the recorder input. Since the channel presents
different delay and attenuation characteristics to the two carrier frequencies f1 and f2, a
phase surge is produced in the modulation envelope of the signal received for each
switching point. This surge or discontinuity is reflected after demodulation in
corresponding phase shifts of the received split frequency input (20 kc). The
demodulated 20 kc signal is thus a square wave modulated in phase by the switching

frequency f4, the phase shift being proportional to the delay difference in the
measurements of output between the reference frequency f1 and the test frequency f2.
After demodulation in the receiver, the split frequency voltage is filtered out, limited and
applied to a circuit that translates phase variations into amplitude variations. The output
signal of this phase shift detector circuit is a square wave voltage of the switching
frequency (f4) having an amplitude corresponding to the delay difference. The reference
frequency is additionally “tinted” by an identification frequency f5 so that the receiver
can identify the carrier representing the reference frequency.
The output signal is further processed to have information with the correct sign i.e.,
positive or negative, depending on whether the test or reference frequency is more
delayed. The information is presented on a meter or oscilloscope for observation.
III. Envelope Delay Correction With accurate measurement of relative envelope
delay available it is now possible to correct for it in a tape recorder system. The
particular tape recorder/reproducer system under discussion is a high performance
wideband unit, especially designed for use in a predetection recording system as
specified by the Eastern Test Range. The unit has capability for 4-speed operation with
either 7 or 14 channels of data. At the highest speed, 120 ips, it has a specified frequency
response of 100 kc to 1.5 mc and a maximum permissible envelope delay variation
within this passband of 200 nanoseconds. The theory and technique of envelope delay
correction as applied to this recorder are described in this section. The unit is in standard
production and being delivered to the customer at this time.
The front elevation view of the unit is shown at the beginning of the article. A system
block diagram of the signal electronics is shown in Figure 8. The record amplifier, head
driver and reproduce pre-amplifier are linear with frequency, containing no amplitude
equalization. The frequency response of these elements extends sufficiently beyond the
desired passband so that phase distortion within the passband is minimized (3 db
amplitude points are 120 cps and 2. 7 mc).
The reproduce output signal. of a playback head is proportional to the rate of change of
flux through the coils intercepting the flux changes:

Theoretically, for a given value of recorded flux density, doubling the rate of change of
flux by either doubling the frequency or tape speed will double the output voltage. This
characteristic causes a voltage increase at a rate of 6 db/octave. In practice, however, this
characteristic is modified in the high frequency region as the recorded wavelength
becomes short compared to the head gap width, by high frequency core losses, head to
tape spacing, and effects of bias erasure and record demagnetization.

Figure 9 shows the area of interest for correction, the region between 100 kc and 1.5 mc.
The voltage rises at the 6 db/octave slope and peaks at approximately 250 kc.
Theoretically the maximum occurs where the reproduce head magnetic gap length equals
one half the recorded wavelength.

Note that this equation shows that a null would occur when the gap length equals the
recorded wavelength.
The various high frequency losses that occur during the recording and reproducing mode
and modify the 6 db/octave slope are tabulated below. The losses will be mentioned only
briefly since they are well described in the literature by Stewart.5

A. Amplitude Equalizations The unprocessed signal from the reproduce head
contains large amplitude variations (15-20 db) with frequency and would not be usable
in a data recording system. In order to obtain data with a uniform frequency reponse, the
reproduce amplifier must have its frequency response modified by a curve which is the
complement of the unequalized head output curve.
In the region from 100 kc to approximately 500 kc and the region from 500 kc to 1.5 mc,
corrections for amplitude and phase characteristics must be treated differently.

In general, an LRC network which introduces a non-linear amplitude response contains
accompanying frequency dependent phase shifts. Another LRC network which is used as
an equalization network to restore a linear frequency response will in general contain
complementary frequency dependent phase shifts which will tend to make the overall
amplitude and phase response linear with frequency.
The tape system in the frequency area below the region of gap effect (500 kc) exhibits a
reasonably uniform 901 phase shift and a 6 db/octave amplitude slope such as would be
expected from a pure differentiating network. In this region an excellent equivalent
circuit can be used. As the frequency increases to the region where the various losses
alter the amplitude response curve directly, the amplitude/phase response radically
departs from a passive LRC network and the equivalent circuit becomes quite complex.
Here a non-uniform frequency response is not accompanied by the normally expected
frequency dependent phase shifts since the dominant high frequency losses result from
an aperture or gap effect as opposed to that of an LRC network.
In this region conventional amplitude equalization networks can easily restore a uniform
frequency response but the phase distortion or envelope delay introduced by this network
must be negated by another passive network, a phase correction filter. Here an all-pass
network with a uniform frequency response has an envelope delay characteristic which is
the complement of the resulting delay introduced by the high frequency equalization
network.
Figure 10 shows the group delay and amplitude response of the recorder system through
a completely linear amplifier, i.e., no amplitude or phase correction networks.
The region from 100 kc to approximately 500 kc reflects the transition region of the
6 db/octave rise and the introduction of losses due to spacing, gap, and other effects. The
envelope delay excursion below 500 kc reflect frequency dependent phase shifts which
can be compensated for by using an integration network with an appropriate corner
frequency to restore uniform frequency response. An amplifier with low end equalization
would have uniform phase shift and minimum differential envelope delay with frequency
over the passband as long as no other equalization was used.
The region from 500 kc to 1.5 me exhibits a large (.15 db) drop in amplitude but a
minimum of delay excursion. The coil and core losses of the reproduce head cause the
small delay variations at the upper end of the passband.
Figure 11 shows a block diagram of a reproduce amplifier.
It is necessary to amplitude equalize the high frequency region to restore flat frequency
response. This is done with a tuned circuit in the feedback loop of the reproduce

amplifier in Figure 12. The LCR circuit is tuned to approximately 1.6 mc and its Q
adjusted to give the proper amplitude response.
Figure 13 shows the amplitude and phase response of an amplitude equalized amplifier
with no phase correction filter. The amplitude response is acceptable out to 1.5 me but
the severe phase distortion is not tolerable.
Certain filter networks having uniform frequency response and specific phase response
(all-pass networks) can be used as phase correction networks. These filters can be of
many forms, active or passive, balanced or unbalanced, and of various orders. The
particular type used in this recorder is fundamentally a constant resistance unbalanced
all-pass network of second order. The basic second order filter has a form shown in
Figure 14. The envelope delay characteristics of this network are designed to
complement the delay curve of the high end equalizer and maintain a linear amplitude
response. The required number of all-pass sections are cascaded together to develop the
desired delay. By inserting this network in series with the reproduce amplifier, see
Figure 11, it is possible to obtain a linear phase response without altering the already
equalized amplitude response.
Figure 13 (dashed lines) shows the resultant amplitude and envelope delay curves of a
fully compensated channel. The specification of 6 db amplitude excursion and 200
nanosecond delay excursion is easily accomplished. Figure 15 shows a module
containing all the components of the delay correction network for insertion in a printed
wiring board.
Figure 16 is a photograph of the reproduce amplifier containing two boards, one the
active and switching component and the second showing the 4 sets of delay and
amplitude equalizers. The unit is a four speed amplifier where the proper amplitude and
phase correction filters are automatically relay activated correlating the electronics with
the transport speed.
IV. Production The development of a single filter to precisely cancel undesired phase
distortion is not a difficult problem, but when the machine becomes a high production
item, additional complications occur.
Normal production tolerances of the record head, reproduce head, reproduce amplifier
and delay filter must be accounted for in the design and adjustment range of the
equalizers in order to maintain a satisfactory production yield. The solution to this design
problem lies in a statistical evaluation of all production tolerances and determination of
usable variations.

Figure 17 shows the envelope delay characteristic of various components in the
reproduce system. Figure 17a is the envelope delay vs frequency plot of the reproduce
head output with no equalization; Figure 17b shows the envelope delay plot of the
equalized amplifier. Note that the region below 500 kc is self-compensating (both in
amplitude and phase). An adequate range of adjustment is provided in the mid-frequency
region to accommodate production tolerances. The largest remaining delay variation
exists in the area of high frequency amplitude equalization (1.0 to 1.5 mc).
The largest amplitude variation from unit to unit lies in the high frequency roll-off
characteristics of the reproduce head. Normal acceptable head manufacturing tolerances
of its peak output at 200 kc: to 1.5 mc response can range from 14 to 20 db. The high
frequency amplitude equalizer must encompass this range for proper equalization and is
actually designed to cover 12 to 24 db.
Unfortunately the extent of high frequency equalization determines the over-all envelope
delay, i.e., as the circuit Q is increased, the phase changes more rapidly through
resonance and the envelope delay increases. This increase consequently requires more
correction in the all-pass network.
Figure 17c shows the three ranges of delay introduced by the all-pass network to use as
required by the particular channel. The desired over-all delay is selected by strapping of
the proper terminals at the top of the filter (Figure 15).
Examination of Figures 17a, 17b and 17c shows a sufficient number of adjustments to
enable the recorder system to meet the imposed frequency response and envelope delay
specification with reasonable production costs.
V. Conclusion A system with an envelope delay specification of 200 nanosecond total
variation indicates that the phase shift vs frequency plot will exhibit a certain departure
from a straight line. Since this line in general will not intersect the zero or 2BN radians
phase shift axis it does not necessarily imply 200 nanoseconds variation in relative phase
or transmission delay.
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STANDARDS RE-EVALUATION FOR WIDEBAND MAGNETIC
TAPE RECORDING
V. A. RATNER
Dir., Advanced Planning
Defense Electronics, Inc.
Rockville, Md

EVOLUTION
With the expanding utilization of predetection techniques and serial PCM recording,
there has become an acute need for standardization of wideband (1 mc and up) tape
recorder specifications and parameters.
Recorder manufacturers have attempted to extrapolate methods for specification and
testing from the existing terminology of standard magnetic recorders. Unfortunately,
these standards were previously extrapolated from the audio recorder industry and were
already stretched to the limit of their meaningfulness when applied to instrumentation
recording. Generic Audio terms such as “flutter” no longer have a place in the
sophisticated realm of wideband recording. The methods of measurement of such
parameters offer no real basis for comparison of recorders, and newly encountered
unspecified parameters may have more profound effects on system performance.
Existing test techniques are hopelessly inadequate for testing and comparing wideband
machines. The industry should no longer rely solely on recorder manufacturers to
recognize these problems since they are often far removed from the end use and usually
have a strong proprietary interest which may distort the emphasis on critical systems
requirements. Relief must therefore come from the systems designers who can see the
whole problem objectively, and from the using agencies who can visualize the effects of
forthcoming requirements.
In reviewing the traditional methods of recorder performance specification, one can trace
the origin of nearly all currently used specification terms and test techniques back to
early audio recording ... a natural type of evolution wherein methods used to define
professional audio tape recorders have simply been extended and found their way into
the instrumentation field. This natural application of existing terminology was not
unreasonable when professional audio recorders were extended in frequency response to
accommodate early frequency-multiplexed telemetry systems. They were somewhat

stretched to cover the next generation of instrumentation recorders which consisted
largely of those using one-half inch seven track or one-inch fourteen track formats. At
this point, the IRIG standards and recommendations did much to improve the situation.
However, the recent explosive increase of predetection recording and serial recording of
PCM signals using recorders with responses in excess of I mc and speeds of 120 IPS,
makes these traditional terms and test procedures inadequate to permit the systems
engineer to evaluate his system performance in relationship to available recorder
specifications.
MEASUREMENT PROBLEMS
The measurement of specified parameters using existing IRIG techniques is not
completely indicative of recorder quality. For example, IRIG standards call for flutter
components to be measured to 10 kc. An evaluation of the spectral distribution of flutter
in machines running at 120 IPS indicates that there may be appreciable velocity variation
caused by “scrape” components and “violin string” effect above 10 kc which quite
seriously effect the performance of the recorder in predection recording systems (Fig. 1).
Additionally, there are specifications for signal-to-noise ratio which, when applied over
the full bandpass of the recorder, may not be at all indicative of the excellence of that
recorder’s performance. No reference is made in the standards to the spectral distribution
of noise to be measured. It has been found in wideband instrumentation recorders using
constant current recording techniques that the noise spectrum rises sharply at the high
end of the recorder response (Fig. 2). This is due to partial erasure of short wavelengths
and the resulting equalization curves necessary to yield flat frequency response. The
shape of the noise spectrum is of great concern to the system designer in establishing FM
center frequencies and determining bandwidth utilization.
There are also certain recorder specifications where optimization can be accomplished to
favor the most important characteristics at the expense of other less important
specifications. For example, the following parameters are related and interdependent:
Record Level
Bias Level and Frequency
Harmonic Distortion
Intermodulation Distortion
Signal-to-Noise Ratio
Frequency Response
Phase Response
When increasing the record current and decreasing bias to maintain a flat frequency
response, harmonic distortion, intermodulation distortion and signal-to-noise ratio all
increase. The relationship is complex and certain trade offs can be made to improve the
performance in some areas at the expense of the others. It is difficult to completely

specify a magnetic tape recorder in this performance area. Further, definitions of terms
and methods of measurement vary considerably among manufacturers.
At present there are no universal standards for measuring these parameters in the
magnetic recording industry. Each manufacturer measures and defines these parameters
differently. It is most difficult to assess relative competitive merit solely on the basis of
quoted specifications. The effects of slight differences in specifications are subtle and
difficult to evaluate. As discussed above, one parameter which has a significant and
easily identifiable effect is the non-uniform distribution of noise. System performance is
often optimized by simply adjusting the various parameters for minimum noise and
distortion over the region of interest. This then indicates that the systems’ operating
procedure may call for other-than-normal adjustment of record level, bias, equalization,
etc. Some specifications therefore assume a greatly magnified importance in relation to
others. A few, in fact, can even contribute to severe degradation of data.
The situation is further complicated by measurement methods. Signal-to-noise ratio may
appear to be worse in a wideband measurement when the actual region of interest in
reality exhibits less noise.
“Flutter”, more accurately termed “velocity error”, has a spectrum which in any welldesigned transport is more or less of a random nature. There can be, however, strong
components which exceed 10 kc and are not measured by obsolete “standard” methods.
If, for example, a frequency of 225 kc is used to make this measurement, then the
velocity error can be measured over a wider frequency range. This is due to the fact that
the noise spectrum of the recorder electronics is such that 225 kc represents a region of
exceptionally high signal-to-noise ratio. Signal-to-noise ratio is usually a limiting factor
in flutter measurement. However, by using a record level near saturation and a midband
frequency such as 225 kc, its effects are minimized. The standard” IRIG method calls for
this measurement to be made at 52.5 kc over a 10 kc BW at 60 IPS only. In some cases,
52.5 kc is completely out of the recorder passband.
It is no longer feasible for the Systems Engineer to specify recorder performance at a
single reference point (Fig. 3). Enough points must be specified to define the curve of
each important characteristic; i.e., harmonic distortion varies over the passband due to
tape, head, and electronic equalization characteristics and should be defined and
measured at at least 3 key points in the passband of the recorder.
SYSTEMS REQUIREMENTS
One outgrowth of old audio techniques is the establishment of 1% third harmonic
distortion as normal record level. This particular figure has no relation to the
requirements of instrumentation recording systems; yet in attempting to maintain this

specification, other more important specifications must, of course, be compromised. This
is not a very serious problem if one assumes that the various recorder parameters listed
above are adjustable to the extent that any one can be optimized at the expense of others.
However, there is a certain amount of variation in specifications brought about through
production tolerances in the recorder heads and circuit configurations which cannot be
easily changed. Unfortunately, the study work necessary to establish optimum recording
parameters is not often provided for in system planning, and it can only be assumed that
the recorder configuration which is specified will be close to optimum.
Another parameter which assumes a magnified importance with use of wideband
recorders is bias frequency. Ordinarily a bias frequency of approximately five times the
highest frequency to be recorded is chosen, and this is also the case with wideband
recorders. In most previous systems, the exact frequency has not been important.
However, when bias frequency is in the area of 7 or 8 mc, it then becomes a source for
serious consideration insofar as RFI is concerned. The bias oscillator necessarily is a
rather high powered device and difficult to contain at HF frequencies. Much more
extensive precautions need be taken in wideband recorders to suppress the radiation of
bias signals. The system designer is aware of the fact that telemetry receiver, IF
frequencies, are usually 5 or 10 mc. Should the bias frequency for a wideband recorder
fall within the passband of receiver IF, it could create a very difficult system integration
problem. Fortunately, 7 mc bias falls nearly half way between the standard IF
frequencies of 5 and 10 mc for telemetry receivers. This may not always be the case and
therefore, allocation of bias frequencies and some special techniques for suppressing RFI
need be considered when setting up performance specifications of magnetic recorders to
be used for predetection telemetry purposes.
Probably the worst problem facing the system designer is one of making a good
comparative evaluation Of advertised specifications (see Table). In some cases it has
been a practice to quote a set of specifications for a magnetic recorder based on
individual measurements optimizing such factors as equalization, record level, distortion,
etc., independently, and it has been found that the recorders themselves are not capable
of maintaining all published specifications simultaneously. Every manufacturer should
be compelled to specify any instrumentation recorder in such a manner that all
specifications can be achieved with a single setting of all controls and adjustments.
Input and output impedances are yet another problem area. In the field of telemetry, it
has been common practice to use bridging techniques -- that is, most devices had been
designed with high input impedances and low output impedances to enable driving a
reasonable amount of cable capacity while maintaining good frequency response.
However, when working with frequencies up to 1.5 mc, this is no longer feasible. It has
become necessary in predetection systems and high bit rate PCM systems to use
terminated lines. It therefore becomes important to standardize the input/output

impedances of wideband magnetic recorders. Although all recorder manufacturers have
recognized the need for lowering input impedance, no two have standardized on any
given value.
R&D NEEDED
The effects of “flutter” can contribute as much as 2% inaccuracy in certain types of
predetection recordings such as FM/FM data. It is, of course, desirable to remove all
identifiable sources of error from the recording process. Fluxuations in the velocity of
the recording medium result in time-base modulation of the recorded signal. This process
manifests itself as simultaneous frequency, phase, amplitude, and time displacement
errors in the recording and the only known method for compensating all effects is
through an inverse time-base modulation of the reproduced signal.
The type of compensation normally associated with early telemetry systems reduces only
the frequency modulation effects which are the predominant effects of post-detection
recording of FM/FM signals. In predetection recording of the same signals, however,
there are primary and secondary order effects which contribute to inaccuracies. It has
been shown that FM of the individual subcarriers is a significant effect and that
compensation using the standard discriminator subtraction technique will somewhat
improve the accuracy of an FM/FM signal. Manifestation of jitter on pulse type signals is
a result of time-base modulation, however, and cannot be compensated using the
discriminator technique. Several methods have been proposed for inverse time-base
modulation of the reproduced data using electrical, mechanical, or ultrasonic variable
delay devices. At first glance, this appears to be an adequate solution until a quantitative
design analysis is attempted. It then becomes impractical to implement these approaches
due to the fact that delay variations of several hundred microseconds are required at rates
exceeding 10 kc. Mechanical devices are immediately ruled out due to the fact that
physical displacements of inches are required at high rates. Ultrasonic devices fall into
the same category and have the additional problems of achieving 1.5 me bandpass. It is
theoretically possible to construct an electronic delay line with active isolation between
sections. The number of sections required to realize several hundred microsecond
variation makes this device also impractical.
One method that has considerable merit involves actual physical movement of the
recorder reproduce heads through servo control. Once again, the rate of change is too
great. The necessary time displacement may be reduced by the incorporation of a tape
speed control servo with frequency response exceeding that normally supplied with the
recorders which have response to only a few cycles/second. If this could be extended to
several hundred cycles per second through use of a low-mass capstan arrangement, then
the range of delay required for the variable delay line could be considerably reduced and
some of the approaches discussed above could be more readily implemented. A variable

delay utilizing cathode-ray technique which can theoretically meet all of the
requirements for true flutter compensation is also under evaluation.
There are always some practical and economic factors to consider in that each track of
the recorder must be individually compensated, and therefore requires its own reference
discriminator and variable delay line. Even so, the overall improvement possible through
total flutter compensation would not, in fact, be very significant due to other sources of
system error which approach or exceed flutter effects in magnitude. Recorder noise alone
can contribute as much as 5% error in wideband signals, while incidental FM in receiver
and translator oscillators can contribute errors of the same magnitude for very narrow
band signals. Translator spurious at -30db can contribute 3% error when they fall in the
passband of a subcarrier channel.
Further difficulties are encountered in attempting to mix a reference signal with the
predetection signal. When using the full (1.4 mc) available of recorder bandwidth, there
is no convenient place in the recorded spectrum to place the reference tone, unless
system bandpass is restricted by using a narrower recording IF amplifier.
Another area of considerable misunderstanding throughout the industry is that of
envelope delay measurement. Since all recorders have a fixed time delay between the
record and reproduce heads, the actual envelope delay variation cannot be measured with
conventional test instrumentation and each recorder manufacturer has a different
recommended method for measuring this parameter. In general, none of the
recommended methods are very satisfactory due to the complicating effects of a fixed
delay which is a great many times longer than the delay which is to be measured, and
instantaneous velocity variations (flutter) which are of the same magnitude as those
delay variations we are attempting to measure. No equipment exists for making this
measurement over the full bandwidth.
ACTION
It should therefore be evident that a great deal of standardization, evaluation, and
investigation needs to be accomplished in the wideband longitudinal recorder field. The
systems engineer has probably had more experience in the use of wideband recorders as
applied to predetection recording of telemetry signals than the original manufacturer, and
hence, is in the best position to recognize and compensate for the limitations imposed by
the recorder characteristics on system performance.
A committee must be formed to make recommendations for formulating an approach to
the specification and test of wideband instrumentation. This committee should include
not only IRIG members and recorder manufacturers, but most importantly, cognizant
engineering representatives of major system houses where integration problems are

known and competitive prejudices minimized. Areas requiring intensive investigation
are:
1.

Redefine performance specifications to apply to full scope of WB recorder
capabilities and to accurately describe true performance.

2.

Standardize test methods to enable uniform comparison of competing instruments.

3.

Establish descriptive specifications and test techniques for unprecedented
performance characteristics such as phase response.

4.

Establish standards for Reference Frequencies, Servo Carriers, FM Carriers,
Predetection Frequencies, Bandwidths, Bias Frequency and Input/Output
Impedances.

5.

Develop the necessary specialized instrumentation to accurately measure each
specified parameter.

6.

Establish uniform time displacement error specification and test methods for lowmass capstan recorders.

The state-of-the-magnetic-recording art could then progress with direction, based on a
solid foundation of measurement standards available to all researchers, manufacturers,
and systems designers.
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HIGH DATA CAPACITY/HIGH ENVIRONMENT RECORDER
R. S. THOMPSON and L. E. HEAD
Custom Products Engineering Department
Data Recorders Division
Consolidated Electrodynamics Corporation

Summary This paper describes an airborne digital magnetic tape recorder developed
for use in high performance military aircraft.
The main design efforts required to obtain a high data capacity under extreme
environmental conditions while using a minimum of space are discussed, along with the
results of the major environmental qualification tests Introduction Airborne data acquisition systems today continue to require ever greater
increases in the storage capability of their tape recorders. Together with these higher
storage capability requirements, the high performance military aircraft used to carry such
data systems limit available space and invoke extreme environmental conditions under
which equipment must function. An airborne high data capacity tape recorder, therefore,
is an extremely specialized machine with conflicting requirements. When these
conflicting specifications are to be resolved in a single airborne recorder, an interesting
and challenging project results.
This paper describes such an airborne system which has been built and qualified for
operation in a military system. See Figure 1. The primary objective of the program was
to supply a tape recorder which would function at a high data capacity in an extreme
environment with minimum size and high dependability.
The requirements were such that the system had to be compatible with any ground
reproducer of the appropriate class. Thus, selective methods of obtaining high data
packing densities (e.g., head alignment) could not be used.
The airborne recorder described in this paper accepts the output of an analog-to-digital
converter in the form of a 16 bit data word which is recorded in parallel form on 1-inch
wide magnetic tape. Maximum data rate input is 30,000 words per second. The inputs to
the data channels are received in a “return-to-zero” (RZ) format, while the “clock”
(timing) signal is in a “non-return-to-zero” (NRZ) format. All of the bits making up a
parallel word are recorded simultaneously in a line across the width of the tape using

non-return-to-zero (NRZ) digital recording, with Channel 9 used to record the clock
signal.
The basic requirements of the recorder were to record for 112 minutes at 15, 000 words
per second (or 56 minutes at 30, 000 words per second) while operating under difficult
environmental conditions of temperature (-65 to +257EF), vibration (see Figure 2), shock
(11 g, 37 ms), sound pressure level, humidity, etc. The airborne recorder was to have a
minimum operating life of 2000 hours, with minimum operating time of 200 hours
between scheduled bench servicings.
Design Concepts In the development of this recorder, certain design considerations
had to be given much greater emphasis than would be required for standard tape systems.
Major areas include high data capacity, size, and operating environment.
High Data Capacity The required data capacity (data rate vs record time) required the
selection of an optimum combination of tape length and data packing density. The
machine under discussion has a tape capacity of 8400 feet, using a 1.43 mil total
thickness tape. This allows a record time of 112 minutes at a tape speed of 15 ips, at a
data rate of 15,000 words per second. The data packing density for this combination is
1000 bits per track per inch.
Theoretically, the maximum packing density is governed by total skew, composed of
dynamic skew (tape guidance) and static skew (head gap scatter and tilt). In an ideal
system, all the bits of a parallel word would be recorded in line across the tape so they
could be read out simultaneously as the tape is passed over the reproduce head. Due to
skew, this condition does not exist. The error or time difference between bits of a given
parallel word is formally called Interchannel Time Displacement Error (ITDE); ITDE is
caused by skew.
If the ITDE is controlled to within one frame time (parallel word time period), a
correction may be made by a simple deskew register in the data reproduce electronics.
The total ITDE figure has to take into account the possibility of the reproducing machine
introducing an equal amount of error. In the case of the machine under discussion, a
1000 bpi packing density could allow a total ITDE of:

Unless the reproducer’s contribution to total ITDE is given, one would assume a
maximum recording error of 500 Finch. In actual fact, the recorder under discussion was
given a specified recording error of 750 Finch, indicating that the ground station was
capable of reproducing to within an ITDE of 250 Finches. The systems produced to date

on this program provide a recording error of less than 225 Finches under laboratory
conditions.
Head Design The head stack chosen for this project was a 16 track in-line PCM unit.
A special precision mount was used to control the contribution made to the skew figure
by head-stack tilt (tilting of the plane through head gaps off perpendicular with respect to
the base).
The precision mount concept allows the mounting of the head upon the transport with no
adjustments required. This concept was necessary for field-maintenance replacement of
the head stack. To date, the error introduced by the head stack tilt has been insignificant.
Gap scatter in the head stack is a fixed value and, therefore, has to be kept to a minimum.
In the head stack designed for this recorder, the gap scatter was held to less than 100
Finches between the 16 heads (1 inch spacing).
Tape Guidance With a 100 Finch gap scatter error, the allowable recorded skew
contributed by other sources was 750 - 100 = 650 Finches for all conditions (i.e., side
movement of tape). The tape guidance used in this transport is considered one of the
main reasons for its ability to record at a high packing density. Instead of the
conventional guidance, a “chute” method was used. This chute has no moving guide
members and uses a maximum length of guiding surface (see Figure 3).
The recording head is mounted at the center of the chute as an integral part of the
assembly which, in turn, is attached to the base plate at only two points along its length.
This helps to maintain proper head-to-tape alignment, even though the main base casting
should flex under vibration.
The precision guide chute is 18" long, 1.000 + 0.001, - 0.000 inches wide. This length
allows control of tape motion caused by the edge-wave defect of tape which is caused by
the sideways motion of the tape-slitting knife, and has a frequency proportional to the
knife diameter.
With the head located in the center of the chute, maximum control of tape side
movement across the head can be obtained. This is shown by Figure 4. Tape slitting
tolerances are given as 1.000 + 0.000, - 0.004". In the worst case, using the precision
guide described above, there could be room for a 0.005" sideways movement of the tape.
If the tape is excited into a sideways movement (skew) by some cause such as vibration
or misaligned pinch roller, a time displacement error (ITDE) could be introduced at the
head, with the outer edge tracks being the worst case. This error could be:

Tape Tension Constant tape tension is required to maintain good tape-to-head contact,
which is a major requirement for high packing density. In the system being described,
tape tension was maintained by two open-loop servos (see System Diagram, Figure 5),
one for the supply reel and one for the takeup reel.
The supply reel hold-back torque is supplied by a d-c hysteresis brake whose voltage
(and thus, torque) is varied in proportion to the reel diameter. A constant torque a-c
motor is used on the takeup side with a magnetic amplifier, controlled from a follower
arm, for varying the voltage in proportion to the tape reel diameter.
Size The size of the tape recorder used in the high performance aircraft is limited by
available space. At the same time, the data capacity of any given recorder is limited by
the amount of tape, or tape capacity. In the tape transport being discussed, a unique space
saving approach is used for tape reeling. This method utilizes flangeless reels of tape
where precision reeling is made possible by a very accurate follower arm which guides
the tape at its point of tangency to the takeup reel. See Figure 6.
The use of the flangeless reels allows a reduction in size of the tape transport. On this
particular unit, 14" diameter reels, 1” wide, using I mil thick Mylar base tape are utilized.
A flangeless reel is obtained through precise guidance of the tape throughout its entire
length and through the squeegeeing action of the takeup follower arm guide, thus
providing a firm, compact reel of tape which is easy and safe to handle. At the same
time, about 17% more tape is contained in the same diameter by the more compact
winding (8400 compared to 7200 feet). This is obtained with a moderate tape tension of
only 8 to 12 ounces. These flangeless reels of tape are rigid enough to be handled and
operated under the extreme vibration and other environments without damage to the tape
or malfunction due to the reel itself.
The savings in size can be seen by referring to Figure 7. It can be noticed that the centerto-center distance between the hubs may be reduced from that which would be required
for 14" diameter flanged reels to the spacing required for 10 1/2" diameter flanged reels.
This permits a smaller tape transport without sacrifice of magnetic tape capacity.
Design Concepts for Environment Although this recording system is specified to
operate at all environments that are found in a high performance aircraft, this paper will
discuss in detail only the two major ones, namely temperature extremes and vibration.

In the area of temperature extremes, it was necessary to maintain within the transport
temperatures in which the magnetic tape could operate despite the fact that the unit itself
was subjected to ambient temperatures of -65 to +257EF.
Under the vibration requirement, the task was to control the tape transport motion to
enable proper movement of the tape across the heads. Figure I shows the vibration
conditions under which this unit had to operate.
Temperature The recorder system is made up of two boxes - a tape transport and a
record electronics, both of which require cooling air for proper operation. The tape
transport has in its base casting structural ribs which form ducts for directing the cooling
air past all major heat producing elements. (See Figure 8 for bottom view of the tape
recorder. This results in efficient cooling and excellent mechanical rigidity while
maintaining the overall weight at a minimum. By using this approach to cooling, it is
also possible to seal the tape area and nearly all of the control components against any
dirt contained in the cooling air, thus eliminating the need for air filters which would
decrease efficiency of cooling.
The cooling air flow rate available for the recorder system was minimal to say the least
and, therefore, maximum efficiency from the cooling air had to be obtained. A
thermoanalysis was conducted to determine the distribution of the available air between
the electronics and the tape transport. This analysis indicated that the 1.71 lbs per minute
air flow available to the tape system could be divided 35% for electronics and 65% for
transport.
Our concern in cooling the transport was in how to maintain the temperature of the tape
area itself to within manufacturer’s specification. The maximum temperature limit for
safe use was given at 240'F. To provide a margin of safety, this limit was reduced to 180'
for the ambient air around the tape.
The high ambient temperature around the recorder required a means of controlling the
amount of heat transferred from the outside into the tape deck area. Insulation was
considered and dismissed due to its bulkiness in relation to the limited size requirement
placed on the transport itself. As the high temperature (257EF ambient) would be
experienced at high altitudes, possible ways were investigated in trying to cut down on
the radiated heat transfer into the system. A further thermoanalysis indicated the best
surface to give this protection would be polished metal, or chrome plating. Under actual
conditions, this type of surface would be impractical for the handling requirements and
for general usage.
Further investigation revealed the existence of a white epoxy paint which was
specifically designed for high thermal reflectivity on missiles and high performance

aircraft. This particular type of paint would hold to an integrated average reflectivity of
80% in the 1-25 micron wavelength area. The paint itself is durable and smooth and
meets all the requirements of the other environmental conditions. This surface gave the
unit the necessary protection and margin of safety from excessive heat transfer at the
ambient temperature.
As the tape deck is isolated from the direct cooling air path itself, it was necessary to
provide some additional means of transferring heat out of the tape deck area into the
cooling air path. This was accomplished by designing a heat exchanger and locating it in
the cooling air path (see Figure 8). Through this exchanger, by the use of a fan, the air
from the tape deck was circulated. This method functioned very well in transferring the
heat from the tape deck into the direct cooling air path of the lower ducts. The heat
exchanger area was entirely sealed from the actual cooling air, thus preventing the
impurities of the cooling air itself from getting into the tape area.
With the incorporation of the heat exchanger and the reflective painted surface, the
temperature within the tape compartment was maintained to within a 5 degree
temperature rise when exposed to the 257E temperature for over 45 minutes, and a 9
degree temperature rise at a 195E outside ambient temperature for over 4 hours. The tape
compartment never exceeded 160EF during any operational high temperature tests.
The tape itself is not only sensitive to high temperature, but also has a low temperature
limit. This limit is specified by the manufacturer as -40EF. As the unit had to operate at
-65EF after a given warmup period, means had to be provided to heat the tape
compartment. This again was accomplished by two methods.
The first was the incorporation of strip heaters upon the casting in the tape deck area.
The strip heaters were controlled by a thermostat located on the tape guide near the head.
This area was chosen as it was a high mass above the casting and essentially maintains a
good control of the temperature of the tape itself. The thermostat will turn the heaters on
whenever the temperature goes below -25EF. The heaters will raise the temperature of
the tape compartment to above -40EF from -65EF within a 30 minute warmup period.
The same extreme heat criteria applied to the record electronics box, although there was
not as large a limiting factor for it as the tape was for the transport. Design of the
electronics box included record amplifier and power supply modules which are formed
as ducts for the cooling air as well as for component packaging (see Figures 9 and 10).
The air enters at the bottom of the box, is directed into the first, or front module (record
amplifier) and through successive amplifier modules in an up and down path. Final exit
of the air is through the power supply module, which is also the largest heat source in the
electronics.

To obtain the most efficient use of the cooling air, two basic design principles were used.
The first was the use of the reflective epoxy painted surface previously discussed. This
helped in limiting the heat transfer into the box at the high (+257EF) temperature. The
second design to be used was a box which allowed minimum air leakage, thus obtaining
maximum use of the cooling air available. A casting with a singlepiece, tight-fitting
cover satisfied this requirement.
In case of loss of cooling air or other abnormal situation, a thermal switch was located on
a power transistor heat sink in the power supply module. This would switch off the input
power if the temperature exceeded a safe limit.
The “cooling” air supply was sufficient for proper operation at the low temperature
condition.
Vibration and Shock Requirements The main concern in designing a tape transport
for operation under a vibration environment is the possibility of data dropouts caused by
the tape lifting from the head stack and/ or by excessive tape skew. This could be caused
by a number of conditions aggravated by vibration, including mechanical movement of
parts such as tape guides and reel mounts or hubs, or any other mechanical interference
with the movement of the tape itself.
The vibration requirements (as shown in Figure 2) were stringent enough to necessitate
the incorporation of a vibration isolator mount for use with the transport. The vibration
isolator not only had to provide good isolation from the environment, but was limited to
the space available for mounting in the aircraft. The design of the isolator mount
incorporates the use of a tray which is permanently mounted in the aircraft. See Figure 6.
Upon this tray are provided rear block pins and front hold-down hooks which are used to
fasten the recorder upon the tray. This enables the transport to be easily removed from its
mount within the aircraft as required for servicing and other operations.
The results and observations of the functioning of this isolator mount will be given in a
later paragraph.
The design and packaging of the record amplifier modules located within the electronics
box were such as to allow this unit to be hard-mounted (see Figure 9). This hardmounted unit functioned satisfactorily when operating to Procedure XII as outlined in
MIL-E-5272 and the modified vibration curve as previously discussed.
The other environmental qualification requirements of humidity, salt spray, RFI, sound
intensity, etc., were all taken into consideration during the progress of this project. They,
along with the vibration and temperature extreme considerations designed into this

recorder system, provided an exceptionally reliable unit which will operate under the
extreme environments of a high performance aircraft.
Environmental Qualification Testing Environmental qualification of this unit is now
in process. The qualification project has been an interesting undertaking with chances
both to improve some and to justify others of the design concepts used. The following
paragraphs will briefly discuss the qualification test results and, where particularly
interesting points were observed, a more detailed discussion will be made.
Altitude/Temperature Test The altitude/temperature test was considered to be one of
the more critical and, therefore, is worth discussing in some detail. Essentially, this test
was made to duplicate an actual worst case flight condition under which the recorder
might be used.
Briefly, this particular test involved in part a cold soak at -80EF and a heat soak at
+185EF, together with operation of the recorder at temperatures from -65E to 257EF at
different altitudes for given periods of time.
Magnetic Tape Limitations As was surmised at the beginning of this program, the
magnetic tape proved to be the limiting factor in the temperature/altitude test. Basically,
Mylar tape is temperature limited at both high and low values. The upper limit is also a
function of humidity in conjunction with the temperature.
Two factors are considered when operating tape at low temperatures. The first is that at
such temperatures, the tape becomes stiff, causing mistracking through the guides and
across the heads. Also, it is quite possible that in this state the tape may flake, or lose
pieces of its oxide.
The second consideration is that Mylar has a negative temperature co-efficient: that is, it
expands at lower temperatures and contracts at higher temperatures.
As flangeless reels are used in this equipment, it was possible that while the tape was at
the low temperatures and, thus expanded or loosened on the reel, any motion of the tape
might cause it to drop from the controlled center of the reel hub. This dropping of the
tape may cause it to go into the guides and chute in a misaligned fashion, allowing
damage to the tape edges.
A low temperature malfunction or tape damaging condition was not witnessed during the
altitude/temperature qualification test. This indicated that the means used to maintain a
proper temperature within the tape compartment was satisfactory.

The condition that may exist during exposure of tape to high temperature is as follows:
The tape, being tightly wound on the reels at room temperature could contract or tighten
more at the high temperatures, creating pressures between layers. This pressure between
layers, together with the high temperature (and humidity) will cause what is known as
“blocking”. The blocking effect consists of deterioration of the oxide binder so that it
can no longer bind the oxide to the base material. This results in the oxide being peeled
off or transferred to adjacent layers of tape. Such blocking conditions will produce an
abundance of dropouts as the recording medium (oxide) is missing.
The magnetic tape used for the altitude/temperature test was a high resolution, heavy
duty instrumentation type. Temperature limitation of this tape was listed by the
manufacturer as being above 200EF. Yet, with the tape compartment temperature
maintained at a temperature below 180EF, the tape, during the altitude/temperature test,
exhibited the above described phenomenon of blocking.
This tape failure led to an investigation into tape types and their limitations as far as
upper temperature operation. This investigation was conducted in conjunction with tape
vendors, and the results are tabulated in Figure 11. The types of tape used for this
investigation were a standard instrumentation tape and a recently developed high
environment tape. The new tape was supposed to operate at much higher ambient
temperatures than the previously used standard tape because of a special high
temperature binder.
This investigation indicated that standard instrumentation tape could not be used at
temperatures above 150EF with any safety margin, whereas the new high temperature
binder tape could be operated at temperatures above 185EF without exhibiting the
blocking phenomenon.
The altitude/temperature qualification test was successfully passed when a high
temperature magnetic tape was used.
Vibration The vibration requirement is essentially based upon MIL-E-5272, Procedure
II, except the amplitude and frequencies of vibration are in accordance with Figure 2.
The isolator mount, which was designed within the limited space available, was
developed to protect the tape trans port primarily in the higher g, higher frequency levels.
This it accomplished very well.
One area of concern was noticed during the vibration test. This was at the 50 cycle
vibration frequency. At this frequency, a noticeable resonance of the tape stack presented
a problem. This problem basically originated from the fact that the isolator mount had a
transmissibility of greater than two at this frequency. This amplification of the input
level, together with the tape stack resonance, caused the tape to strike some of the

limiting rollers of the transport. This introduced speed variation of the tape across the
head, thus causing jitter, excess skew and lifting of the tape from the head. This
particular failure led to an engineering evaluation which indicated that the isolator selfresonance frequency could be moved away from the problem frequency and, thus,
eliminate the problem.
For the higher frequencies and all other areas of vibration, the unit passed the desired
specification. It should be brought out at this time that the transport experienced no
material fatigue or component failures. In fact, under the most stringent vibration levels
during the engineering evaluation of this particular vibration failure, observation of the
rotating and fixed mechanical parts of the transport indicated complete stability.
Other Environment Tests The following further environmental tests were passed in a
more or less routine manner:
Explosion Proof -- per MIL-E-5272
Shock -- 11 g’s for 37 ms
RFI -- to MIL-I-6181
Sound Intensity -- force of 145 db
Conclusions This program has resulted in the development of a high-environment/
high-data-capacity airborne recorder which gives a high level of confidence in its
operation and the performance of the mission for which it was specified.
One of the main items of interest that came to light in the qualification test portion of this
program was that data dropout, or loss of data, was not due to the mechanical transport
itself, but due to the condition of the tape which was used with the transport at any
particular time. This was especially true under the extreme environments.
Comparative sampling of dropout rates from reel to reel of tape under the same
conditions and the same time span on the same machine indicated that the tape itself was
the limiting factor. Any tape recorder exists for the purpose of moving the recording
medium (magnetic tape) across the head in a controlled fashion and, wherever possible,
for counteracting, overcoming, or minimizing the deficiencies of the tape itself through
proper guidance, correctness of tape handling and maintenance of a suitable environment
for the tape. The transport discussed in this paper accomplishes this with outstanding
excellence.
The unit produced under this program is the latest generation in a family of high data
capacity airborne recorders. This particular system is now in service with many
successful missions behind it. The application required the high data capacity or packing
density characteristics of the previous members of the family, tied in with the high

environmental conditions stated for this particular application. The capability of
recording at 1000 parallel words per inch in a conventional NRZ manner is a tribute to
the success of this type of equipment. This allowed the use of a conventional or
uncomplicated ground reproducer system which meant minimum cost and complexity of
the equipment used in recovering the data from the tapes recorded on the airborne units.
For the future, data packing densities of better than 2000 parallel words to the inch are
possible while operating under the same rigid environment as those in the program just
covered.
One advancement made on a similar type unit is in the method of guidance of tape. This
unit is now undergoing tests at CEC with promising results.
Another advancement which is also feasible would be the reducing of the recording
system size by incorporating the record electronics into the tape transport, thus
eliminating the electronics box now required. This is possible through advancements in
integrated circuitry.
Still higher data capacities may be obtained, using the basic transport presented in this
paper, by going to other than the standard conventional recording methods. These are,
for example, the phase modulated or individual bit coded type recording. These would
require paying the price of substantially increased complexity in the ground reproducer;
however, with each track individually clocked, the packing density could be increased to
the order of 4000 bits to the inch per track, which would double the suggested
conventional-method data capacity.
These suggestions, as well as many other possibilities, are under consideration for future
recorder improvements. Meanwhile, other actual projects are being carried out in
airborne recording as well as many other branches of magnetic tape technology. All of
these considerations and projects are integral parts of the continual, successful effort by
CEC to serve government and industry by maintaining a steady advance in the state of
the data recording art.
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A LOW LEVEL COMMUTATOR-WITH FIELD EFFECT
TRANSISTOR SIGNAL GATES
WILLIAM ELY
General Devices, Inc.
Princeton, New Jersey

Summary A low level differential input commutator is described which uses field
effect transistors for the signal gates. The commutator was built for airborne applications
so that size, weight, and reliability were major considerations as well as electrical
performance. Results are compared with commutators using other types of signal gates.
Introduction Within the last two years, there has been a major increase in the number
of field effect transistors available for low level signal switching. These devices have
drain-to-source nonresistance of less than 100 ohms with capacitances of less than 10
picofarads. By comparison, transistors with “on” resistances of less than 10 ohmshave
easily been obtainable. In addition, newer production techniques used by the device
manufacturers have brought leakage below 1 nanoampere (@ 25E C) to make them
comparable with transistor gates. In the wake of these improvements, many claims have
been made for field effect transistors which should be carefully examined before the
circuit designer modifies all his signal gate designs to use field effect transistors.
Major advantages often claimed are:
1.
2.
3.
4.

Lower leakage currents.
Elimination of offset voltage.
Resistance to nuclear radiation.
Transformerless drive.

In careful evaluation of various leakage currents of gate transistors, and by speaking to
the engineers who actually design the field effect transistors, it is obvious that lower
leakages can be obtained with good standard transistors. Transistors can presently be
obtained (3N87) with specified maximum leakage of 0.1 nanoampere at 100EC.
Careful consideration must also be given to the argument of offset when used in
commutators. The normal ranges of low level inputs for airborne commutators fall
between 0 to 10 millivolts and 0 to 100 millivolts. The normal requirement for offset is
such that 50 microvolts meet most requirements. In the past, this has meant that

telemetry companies had to set up elaborate test fixtures to match and age gate
transistors. This has been a costly and time consuming procedure. With the advent of
newer fabrication techniques, the necessity for aging is not so great, but matching still
has to be done. However, discrete transistors are now easily matched by transistor
manufacturers to very low differential offsets. Recently, transistors were purchased with
offsets matched to 25 microvolts at room temperature and 35 microvolts from -55EC to
+100EC, with only a normal surcharge for the service. Of course, 4-lead integrated
choppers are commercially available to these specifications, but the cost is substantially
higher. On special order, integrated chopper transistors have been supplied with offsets
matched to 10 microvolts to customers in the telemetry business.
For the low range of 0-10 millivolts, this offset would constitute only a .1% error.
Important to remember is that these matched integrated choppers are still lower in price
than most of the better field effect transistors specifically intended for gate applications
(with low on resistance). Although the feature of no offset voltage is very attractive for
many applications (such as certain precision chopper amplifiers), the question of
importance is whether offsets lower than 10 microvolts are really required in present day
commutator applications. Up until now, their answer has been definitely no.
Resistance to nuclear radiation has been claimed as an important advantage. Several
points concerning this must be considered. The first is that resistance of field effect
transistors to nuclear radiation varies between types and manufacturers of these devices.
Also, definitive tests have yet to be run which clearly state exactly how much radiation
different types with withstand, over how long a period, with an acceptable level of
deterioration. Most important to the telemetry equipment designer is the fact that because
some of the components in a commutator are radiation resistant does not make the
commutator any more radiation resistant. To attain a radiation resistant commutator, all
components must be resistant to a minimum level. Such items as diodes and electrolytic
capacitors can cause trouble as well as any standard transistors that are used in sections
of the commutator other than signal gates.
Finally, the advantage of greatly simplified drive requirements must be considered. This
is the complete elimination of transformer drive requirements. The transformer can
appear in several positions in the standard transistor gating circuitry, but becomes
involved eventually to isolate gating currents from signal currents. The necessity for
isolation has resulted in a number of complex and elaborate gating circuits to provide the
proper bias for the signal gate transistors. This is perhaps the major breakthrough in
commutator design as far as field effect transistors are concerned. The breakthrough has
been made possible only within the last year by an equally significant breakthrough in
field effect transistor fabrication technology. This is the ability for a FET to have low
“on” resistance (less than 100 ohms) with zero volts bias applied at the gate terminal of
the device. Previously, FET Is had to be greatly forward biased just to get the “on”

resistance down to below 100 ohms. Now they are available with excellent signal gate
characteristics with as low as 35 ohms “on” resistance with zero gate bias. This makes it
possible, with the proper circuitry, to have greatly improved signal gate circuitry.
Figure 1 shows a basic field effect transistor signal gate. The unity gain buffer amplifier
provides isolation between signal currents and gate driving voltage. When the FET is
“on” the 3 terminals of the device are at nearly the same voltage. What makes this
configuration work is the fact that the gate terminal can go slightly positive or negative
without appreciably affecting the “on” resistance of the FET or the isolation between the
gate terminal of the FET and other terminals. Typical values are given below for gate
terminal leakage current:
0.1 volt reverse bias - 0.1 nanoampere
0.1 volt forward bias - 0.6 nanoampere
If the gate terminal becomes forward biased by more than a few tenths of a volt, the
device starts to draw appreciable bias current, destroying the isolation of bias voltage
and signal current. If the gate terminal becomes reverse biased by more than a large
voltage, the FET st s to turn “off”. If the “on” resistance at zero volts bias is designated
by r dso, then r ds under slightly reverse biased conditions is computed from

Thus, if pinch off voltage is 5 volts and reverse bias is 0.1 volt, then r ds is 2 per cent
larger than with zero bias.
It is seen that the buffer amplifier has two functions:
1.
2

To keep on resistance fairly constant.
To maintain isolation of the gate terminal from the other terminals of the
device.

Using this technique, an entire commutator can be constructed, as in Figure 2. The gate
drive when applied through the diodes, back biases the FET’s and keeps them off. The
“on” channel has that diode back-biased and the output of the buffer amplifier is applied.
This circuitry is greatly simplified over previous standard transistor signal gate circuitry
with reductions in parts count, size, weight, and power consumption. Reliability is
increased due to these factors as well as the fact that very complex and critical circuitry
has been replaced with a very simple one.
One last problem that FET Is do not solve here is shown in Figure 3. This is the large
effective capacitance appearing across the input of the differential amplifier (at the

output of the signal gates). To obtain low “on” resistance in FET’s, manufacturers of
these devices have had to make the geometry of the device itself rather large. This has
resulted in capacitances between source and drain of the order of 10 picofarads. This
means that for a standard 90 channel commutator, the capacitance of 89 off FET’s
appears at the input of the differential amplifier (mentioned in Figure 2). This is 89 x 10
or 890 picofarads. This causes a great deal of trouble when making common mode
rejection measurements. With this amount of capacitance and no external source
resistance unbalance, but just a mismatch in “on” resistance between Q and QB of 20
ohms due to device mismatch, (due to temperature variations or inherent differences in
the device), an upper limit is placed on 1000 cycle common mode rejection of less than
80 db. Approaches can be made to reduce this effect, but the circuitry becomes more
complex and the commutator simplicity shown in Figure 2 disappears.

Fig. 1 - Basic FET Signal Gate with Buffer Amplifier

Fig. 2 - Basic Diagram of FET Low-Level Commutator

Fig. 3 - FET Signal Gate Showing Effect of “Off” Gate Capacitance

A WIDEBAND UHF TRANSMITTER FOR SPACE APPLICATIONS
J. J. DIGIOVANNI and R. T. MURPHY
Lockheed Missiles and Space Co.
Sunnyvale, California

Summary This paper describes the design and performance of a frequency-modulated
10watt S-band transmitter. Analogue frequency response is in excess of 7 Mc and digital
signals at rates up to 10 megabits per second are transmitted satisfactorily. This extra
wideband transmitter, ruggedized for space applications, utilizes a solid state exciter for
signal generation, a traveling wave tube amplifier for power amplification, and a solid
state traveling wave tube power supply that will withstand critical atmospheric pressures.
A detailed analysis of rf bandwidth requirements and the state of the semiconductor art at
the time of transmitter design resulted in the exciter taking the form of a 70 Mc voltage
controlled oscillator whose output is amplified and converted to the S-band output
frequency by means of broadband varactor harmonic generators. Production versions of
this transmitter have consistently demonstrated satisfactory orbital operation. Laboratory
data has indicated a minimum rf power output of 10 watts at base-plate temperatures
ranging from -35E to +75E Centigrade. Baseband response is from 10 cycles to more
than 7 Mc at ±6 Mc frequency deviation.
Introduction This paper describes the design and performance of a wideband UHF
transmitter. The transmitter (Type VIII Transmitter) is one of a series of UHF telemetry
and data transmitters designed, developed, and manufactured by Lockheed Missiles and
Space Company. The Type VIII Transmitter is a versatile unit used for applications
requiring extra wide bandwidth capabilities and can be frequency modulated by analog
baseband information up to 7 Mc or by digital signals with information rates up to ten
million bits per second.
The equipment provides an output power of 10 watts in the S-band frequency range. The
operating potentials for its TWT (traveling wave tube) power amplifier are provided by a
self-contained DC-DC converter.
This unit has been fully qualified for space applications and has proven its reliability by
repeated successful orbital operations.
Design Considerations In developing the concept and functional design of the Type
VIII Transmitter, careful consideration was given to the various facets comprising a

good transmitter design. This included investigations on life, reliability, design margins,
and a detailed analysis of the bandwidth requirements. The results of this study were
combined with a survey of the state of the semiconductor art to arrive at the basic
scheme for the transmitter design. As a result, it was decided that the transmitter would
take the form of solid-state exciter driving a TWT power amplifier. The DC power for
the TWT would be provided by a solid state DC-DC converter.
As is shown in detail under Appendix A, Spectral Analysis and Bandwidth
Requirements, the required rf bandwidth at S-band is approximately 30 Mc, while the
bandwidth required at one-fourth of the output frequency is only 20 Mc. At lower rf
frequencies where the modulation index is much less than one, the required rf bandwidth
does not decrease appreciably from the 20 Mc figure. This is a result of the fact that the
circuits must pass at least the first and usually the second pair of modulation sidebands to
maintain good fidelity of the frequency modulated signal. As a compromise between
percentage bandwidth required and basic oscillator stability, an oscillator center
frequency of approximately 70 Mc (1/ 32 of the output frequency) was chosen. Within
limits in these frequency ranges, the lower the center frequency of the voltage controlled
oscillator (VCO), the greater the inherent stability, because higher capacitance to
inductance ratios can be used to make the circuit less sensitive to variations in
semiconductor capacitance. With the choice of 70 Mc as the center frequency of the
VCO, the required stability of ±. 03% for this system could be achieved while requiring
only a 25% to 30% bandwidth of the power amplifiers and input stages of the frequency
multipliers.
The operation of the Type VIII Transmitter is best understood by referring to figure 1.
The heart of the transmitter is the rf oscillator operating at 70 Mc. This unit is an
oscillator of the Hartley configuration which is frequency modulated by a voltage
variable capacitance (varactor diode) in the resonant tank circuit. The oscillator is
operated at a relatively low power level to enhance frequency stability. Temperature
compensation is used in the resonant tank circuit since the high modulation rates
precluded the use of a quartz crystal for frequency stabilization. Modulation is applied to
the varactor diode via the modulation amplifier and premodulation filter. The
premodulation filter is a linear phase three section design with a 3 db cutoff frequency of
approximately 7.5 Mc.
The rf signal from the oscillator-buffer combination is amplified to a level slightly in
excess of 1 watt by the rf power amplifiers. These units are non-tuned broadband
amplifiers utilizing wideband toroidal transformers for the inter-stage coupling networks,
and have a 3 db bandwidth in excess of 20 Mc. Circuits designed using this type of
interstage coupling network have demonstrated bandwidths restricted only by the
transistor parameters and decoupling resonances. Once designed, these circuits have
excellent reproducibility characteristics and tuning requirements are essentially nil.

Multiplication of the power amplifier output signal to the UHF output frequency is
accomplished by two varactor multiplier sections. The first of these is synthesized in
lumped constant circuitry and consists of three doubler circuits operated in cascade. As
the percentage bandwidth required in the two lower frequency doublers is quite high,
symmetrical multiplier circuits are used in this application. This design, employing two
varactors in a 11PUSh7PUsh11 configuration, provides inherent rejection of odd
harmonics, thus relaxing filtering requirements and allowing the use of wideband
circuitry.
The second multiplier section is a quadruplet operating at an input frequency of
approximately 560 Mc. In this design, a “pill” varactor diode is imbedded in a distributed
element circuit. A coaxial filter structure resonant at the input frequency provides
frequency selectivity at the input as well as providing return paths for the intermediate
frequency components generated in the x4 process. The output signal is selected by a
multisection S-band cavity which also provides return paths for the idler currents.
Matching of the varactor to input and output circuits is provided by stripline circuitry.
The performance characteristics of the TWT amplifier require that the excitation power
be maintained within relatively narrow limits to ensure saturated operation of the TWT.
This was accomplished by incorporating an automatic gain control (AGC) loop around
the lumped circuit section of the exciter. The AGC circuit uses a detector diode to
sample the rf level at the input to the x4 multiplier section. The x4 multiplier was found
to be sufficiently insensitive to its environment and was therefore excluded from the
control loop. This enabled the design to be simplified by utilizing the rf power at the
input to the last x4 multiplier instead of at the lower exciter output power. Any rf power
level deviations are detected by the detector diode and the resultant error signal is
amplified and applied to the power amplifier section as a correction signal. This
correction signal changes the gain of the rf amplifier so that the output power of the
exciter is maintained at a relatively constant level under various environmental
conditions.
The exciter output is amplified to the 10 watt level by a ruggedized TWT. It then passes
to the antenna through a ferrite isolator, provided for protection of the TWT, and a
lowpass filter which suppresses harmonic outputs of the tube.
The relatively high operating voltages required by the TWT (approximately 1500 volts)
were provided by an all solid-state power supply. This design, employing a magamp
boost regulator developed at LMSC, furnishes the necessary output potentials regulated
to within 1%. A 200 second high-voltage delay was incorporated to permit TWT heater
warm-up.

High voltage corona was a matter of particular concern in the power supply design since
expected ambient pressures ranged from atmospheric pressure at sea level to 10-6 mm of
mercury. Complete pressure sealing of the equipment was undesirable from a logistics
interchangeability viewpoint and because of the difficulty of attaining a sufficiently low
leak rate for long-term missions. As a result, all the high voltage circuits were packaged
compactly into one area of the equipment and this module completely encapsulated.
Thus, the convenience of encapsulation was provided without incurring the excessive
weight of a totally encapsulated unit.
Performance Results The performance of the Type VIII Transmitter has been
evaluated by careful laboratory testing and by observation of operational characteristics
during orbital missions. The transmitter has consistently demonstrated its ability to
maintain a pow r output of at least 10 watts and a frequency stability of better than 6
parts in 104 over a temperature range of -35E to +75E Centigrade. Production transmitters
are capable of surviving satellite launch environment and will operate at any altitude.
The transmitter frequency response is shown in figure 2(a); and the oscillograph of
figure 2(b) shows the transmitter response to a 10 megabit pseudo-random digital
sequence. A 525 line television signal as processed by this equipment is presented in
2(c). Finally, a photograph of the unit is shown in figure 3.
Appendix - Spectral Analysis and Bandwidth Requirements The transmitter
design was guided by an analysis of the FM spectra resulting from the anticipated
modulation formats. The two basic formats shown in figure Al were selected as
representative of the expected types of modulation.
The 1010 format of the 10 megabit PCM signal was considered the most difficult digital
sequence to process, while the 500 ns. non-recurrent pulse was included as a possible
modulation type in connection with the primary application of the transmitter.
a. 1010 PCM Format The video spectrum of the 1010 format (5 Mc square wave) is
obtained by Fourier Analysis and consists of odd harmonics of the fundamental square
wave frequency. The digital information is processed through a linear-phase
premodulation filter which introduces 20 db of attenuation at 25 Mc; thus only the 5 Mc
and the 15 Mc components of the square wave are considered.
An FM spectral distribution equation for 2 tone modulation has been developed by
Corrington.

In this expression $1 is the modulation index associated with tone 1 and $2 the index
associated with tone 2. Similarly, :1 and :2, are the frequencies of tones 1 and 2. When
the first 2 components of the 5 Arc square wave are introduced into eqn (1) and all
components less than 1% of the unmodulated carrier are neglected, the FM spectra of
figure A2 are produced.
b. 500 ns Nonrecurrent Pulse

This waveform can be expressed mathematically as
(2)

Introducing this time function into the FM equation gives
(3)

The frequency domain relationship is obtained by application of the Fourier Integral.
(4)

(5)

Performing the indicated integration results in the spectral distribution of eqn (6). The
spectral plot of figure A3 indicates that a bandwidth of 20 Mc at the transmitter output
should be adequate for transmission of the pulse.
(6)

Figure 1. Transmitter Block Diagram

Figure 2. Transmitter Performance (a) Frequency Response, (b) Megabit Digital
Signal, (c) 525 Line Television Signal

Figure 3. UHF Transmitter Type VIII

Figure A1. Basic Modulation Formats

Figure A2. Two-Tone FM Spectra at Various Stages of the Transmitter

Figure A3. FM Spectrum of 500 ns. Non-Recurrent Pulse

TELEMETRY FOR 250,000-G GUN ENVIRONMENT
DANIEL W. FINGER
Harry Diamond Laboratories
Washington, D.C.

Summary Techniques for packaging telemetry components and systems to withstand
gun launch accelerations up to 250,000-g are discussed, and the necessary and sufficient
conditions for survival are established. The principal requirements are that all voids be
eliminated from the package and that encapsulating resins be adequately contained. The
ultra-high-g projectiles used in hypervelocity research for which these telemeters were
designed are briefly described. In addition, a brief description is given of high-g
telemetry systems used in the gun-fired rockets and projectiles of project HARP.
Introduction In recent years aerodynamic research has progressed to the point where
wind tunnels cannot provide air flows of sufficiently high velocities and pressures.
Therefore, test vehicles must be flown through a free flight range and the desired data,
such as temperature measurements, electron density determination, and infrared
attenuation must be telemetered. To obtain the required velocities, accelerations as high
as 250,000-g may be required. Under sponsorship of the Ballistic Research Laboratories
at Aberdeen Proving Ground, the Harry Diamond Laboratories, a segment of Army
Materiel Command, has developed several onboard telemetry systems to transmit the
required data from such hypersonic projectiles during flight.
Some of the projectiles involved are small. Figure 1 shows a model reentry vehicle, the
GE type 3.1 design, which is a high-drag shape. This round is launched from a 105-mm
smooth bore gun with discarding sabot at muzzle velocities up to 8000 fps, with peak
launch acceleration of 250,000-g. A thin-film platinum resistance thermometer is
mounted in the nose to measure heat transfer into the surface of the structure from the
stagnation region. It is of incidental interest that these rounds have been fired through a
horizontal test range several hundred feet long and recovered from a flat, grassy impact
field. Due to high drag with consequent low impact velocity, some of the projectiles have
been recovered and fired again, with electronics still operable.
Figure 2 shows an RVX shape, which is also fired horizontally to obtain basic
aerodynamic research data. An accelerometer is mounted transversely in the aft section
of this model to measure in-flight pitch and yaw. This cone-cylinder-flare configuration
has been fired successfully from a 240-176-76-mm light gas gun with propellant powder

in the 240-mm section, a plastic piston for driving helium in the 176-mm section, and the
projectile with sabot in the 76-mm section. This gun produces muzzle velocities of
12,000 fps with setback acceleration of 250,000-g for a longer period than the ordinary
powder gun. In addition, higher time derivatives of distance, such as jerk, are present to a
greater degree.
In addition to telemeters for these range-fired projectiles, the Harry Diamond
Laboratories has designed telemetry systems for vehicles fired vertically for the High
Altitude Research Probe Project (HARP). One of these is a dart fired from a 5-in. gun by
chemical propellant. Figure 3 shows this low-drag shape which travels to 250,000-ft
altitude. Muzzle velocity is about 5000 fps with setback acceleration in the gun of
around 60,000-g.
Figure 4 shows a larger vehicle fired vertically with discarding sabot from a 16-in.
smooth bore gun. In addition to these projectiles, telemetry has been installed in several
types of gun launched rockets. These were single-stage rockets fired from a 16-in. gun at
a muzzle velocity of about 4000 fps. These rockets and projectiles reach altitudes up to
400,000 ft. Figure 5 illustrates an early version of this type vehicle.
The total number of these various rounds fired is small, but operation of the telemeters to
date has been quite satisfactory. The small reentry shape described previously has been
fired 24 times. Data were received from all of the 20 rounds that successfully traversed
the range. The round with the accelerometer has been fired only twice with telemeter on
board, and some information was received both times. A total of seven of the 5-in. gun
rounds has been fired; data were recovered from six. Of eleven 16-in. gun vehicles
successfully launched, data were received from eight. It should be emphasized that little
or no flight testing of the telemeter was possible prior to final fabrication.
Techniques Experience with radio-type proximity fuzes has shown that it is possible
to fire electronic assemblies from a gun and have them operate afterward. However, the
techniques employed previously are not suitable for the more severe environmental
conditions encountered in these high-velocity aerodynamic research vehicles.
The problem of electronic system survival under these conditions can be divided into
two somewhat related parts. First, the individual component must withstand the forces
encountered; and second, the component must be supported so that its inherent
ruggedness is not compromised. Previous experience had shown that vacuum tubes
would not survive the expected shocks; therefore, transistors, being solid, were the only
hope for an oscillator for this environment. Previous tests had indicated, however, that
transistors, as a class, are marginal even for conventional gun setback forces, with
survival reliability being questionable at 20,000-g. Therefore increasing the inherent
ruggedness of transistors is required for a 250,000-g environment. At this point let us

digress a bit and consider what we know or can postulate about the fundamental aspects
in the ruggedization of electronics.
First, let us think of all solids as being springs. Second, since breakage of things requires
separation of molecules, we recognize that things cannot break in compression.
Compressive forces can cause things to break in tension or shear, but pure isostatic
compression cannot rupture a solid object. Although an object cannot be broken by
isostatic compression it can be affected. For example, the phase of a material could
change, such as, ice to water; a spring can compress and become smaller, which affects
its performance; the resistance of an ordinary carbon composition resistor decreases
when subjected to an isostatic compressive force; the capacitance of ceramic and glass
dielectric capacitors increase when made smaller by a compressive force uniformly
surrounding the component envelope.
Now let us consider what the structure of a ruggedized electronic package should be like.
From our discussion above, we can conclude that tensile strength of the various
components such as capacitors and resistors is much less than their ultimate compressive
strength. Therefore, our structure should support the components to minimize tensile
forces, both direct and indirect. Examples of indirect tensile forces are those developed
radially when a right circular cylinder has a force applied to each end. The tensile
strength required may be minimized by providing adequate hoop strength to contain it
radially. Similarly, an electronic assembly may be potted with a material that contains
each component in all directions. Then if we form this potting material in a solid cylinder
and provide sufficient hoop strength to prevent radial stress in the cylinder from
exceeding its elastic limit, then the electronic assembly should be satisfactorily
contained. Most practical projectiles are more than two calibers in length; therefore, the
shape we expect to have for the electronics is a long cylindrical cavity. Furthermore,
structural requirements on the shell itself to prevent collapse in the gun tube are likely to
provide adequate hoop strength and rigidity to prevent fracture of the potting material.
One exception to this configuration is the one first mentioned, the GE 3.1 high-drag
reentry shape. The length of this projectile is about the same as its diameter, and there is
no steel shell surrounding it. In this case the shell is composed entirely of the potting
material with a steel windscreen to prevent burning in flight. The mechanical hoop
strength of this projectile is provided by the gun barrel itself, with forces being
transmitted and distributed by a plastic launching sabot.
It is believed that there are three first-order effects due to high-g acceleration of a potted
electronic assembly. One of these is the hydrostatic pressure generated during
acceleration by elastic flow of the potting material. This pressure probably cannot be
avoided. It can be reduced somewhat by using low-density casting resin, such as those
incorporating glass microballoon fillers but the density can not be reduced very far
without unacceptable loss of shear strength due to the hollow filler balls. Another

possibility for reducing this load is shortening column length by introducing steel
bulkheads across the axis to support several short columns instead of one long one. This
method has the obvious disadvantages of taking a lot of space.
A second effect is compression waves generated by the fast rise time of the pressure
pulse driving the projectile. This effect is particularly large for guns that rupture a
diaphragm and permit a heavy shock wave to impact the projectile. These compression
waves are transient; and should not affect data transmission unless in-barrel telemetry is
required. Moreover, they should cause no permanent damage. However, tension waves
develop at discontinuities, which reflect a portion of the compression wave energy, and
these can cause permanent damage. To minimize damage from these tension waves, the
shock waves must be attenuated or discontinuities eliminated.
A third adverse effect develops when acceleration is acting, due to density difference
between component and potting material. If the component is heavier, the force tending
to make it sink through the potting material is proportional to acceleration times density
difference. This force can be reduced by using a potting material of greater density, since
electronic parts are usually more dense than casting resins. The need for heavy potting
material here is contradictory to our previous desire for low-density medium but it is felt,
without direct corroborating data, that heavy potting material is usually better than a
low-density material, if adequate container hoop strength is provided.
At this point let us summarize the requirements of the potting materials. In the first place,
the potting material prior to curing must be a low-viscosity liquid in order to flow into
cracks and crevices. Furthermore, this liquid must have high wetting ability, and must
creep into fissures, pushing air out as it goes in. Molten waxes meet these criteria, but are
unsuitable because of high shrinkage. When the circuit is potted in the containing
cylinder, this high shrinkage often causes the hardening material to pull away from the
walls of the container instead of reducing the level of the potting material. Such voids
would permit development of high radial tensile forces and are thus unacceptable. We
therefore can add high adhesive force to the list of requirements for our potting resin, the
idea being that good adhesion helps prevent shrinkage voids. These requirements bring
the epoxy and polyester polymers to mind, both of which are usable without high
temperature curing. The polyesters exhibit less shrinkage than epoxy, and, in addition,
are lower in cost and release less heat while curing. Their adhesive and wetting
properties are poor compared with those of epoxy, however, and the epoxies are
therefore considered superior. One other feature that is required is ease of use. A
projectile telemeter of the kind used here may be fabricated in steps that require potting
to be done in several stages from individual component through subassembly to final
assembly. A potting material such as NBS casting resin, which requires a number of
chemical steps for completion, is highly undesirable since electronic engineers and
technicians must be able to handle the necessary chemical steps without difficulty.

Another significant factor for some applications is dielectric constant and loss factor for
high-frequency current. NBS casting resin is superior in these respects but even so) the
difficulties involved in its use makes one willing to accept the higher loss factor of more
conveniently used material.
Considering these factors, it appears that epoxy resins are most nearly suited for these
applications. Even so, they exhibit several undesirable characteristics such as
considerable heat release during curing, large loss tangent, and brittle fracture at
relatively low stresses. By addition of appropriate modifiers and additives, however, this
class of resin works quite well for ruggedizing electronic assemblies for a quarter million
g. A modifier to increase impact strength was necessary to obtain intact launch of the
small high-drag shape mentioned previously. A 60:40 mixture of epoxy and polysulfide
rubber resins was found to be satisfactory. This mixture has an impact strength a factor
of ten larger than that of the epoxy. The polysulfide rubber modifier copolomerizes with
the epoxy to produce a tough, slightly flexible resin, which has other significant
advantages. The exothermic reaction is reduced so that larger sections can be potted.
More important, the residual internal stresses, as disclosed by polariscopic examination
are essentially eliminated, whereas epoxy resins generate severe internal stresses while
curing.
Use of another additive has significantly alleviated other shortcomings inherent in the
straight epoxy resins. For casting large sections, a silica filler is added, but not in the
usual manner; 20-30 mesh Ottawa silica is used, in a quantity of four parts by weight of
silica to one part of resin. The desired mixture is a resin completely saturated with the
silica or expressed differently, a potting material composed of sand with the interstices
between grains filled with resin. Mixing is accomplished in two ways, one, by pouring
resin into the cavity, then sprinkling with sand which sinks to the bottom. With the full
amount of sand added, the level is raised by a factor of about three. The second way is to
pour the cavity full of sand, then pour resin over the sand. If the bottom is vented so that
air can escape, by a small hole or by a tube extending to the atmosphere, air pressure of
15 psig will force the resin down through about 20 in. of sand before it thickens too
much for further wetting. The net result is a concrete with density about 2.1 gm/cc,
which has a coefficient of thermal expansion more nearly matching that of the embedded
parts, lower loss tangent for high frequencies, and greatly reduced exothermic reaction so
that large castings can be cured rapidly at room temperature without reaching excessive
temperatures. In addition, the residual stresses due to curing are substantially reduced.
This capability for casting large volumes is quite desirable in cases like the rocket shown
in Figure 5, which contains over a gallon of potting material.
A third additive has been used for yet another property. The RVX shape shown in Figure
2 is also composed mostly of potting material. This being the case, the epoxy modified
with polysulfide rubber was not strong enough to withstand launch. Therefore, the resin

body was reinforced with an outer shell made of fiberglass-reinforced resin. These were
launched successfully demonstrating the very high strength of this composite material.
Shells reinforced with roving, tape, and mat were all satisfactory.
Electronic Components Several years ago, provision of sufficiently rugged transistors
was the most pressing problem. High-frequency devices were available only in
germanium, and since none of these were potted by the manufacturers, it was necessary
to develop techniques to internally pot available transistors. One basic technique of value
is to adjust the coefficient of thermal expansion of the potting material to more nearly
match that of the wafer material. A mixture of fine-mesh silica and epoxy may be used
for this purpose. Another technique that worked very well on the 2N502 was to precoat
the inside surfaces with a thin film of silicone oil. This helped prevent contamination of
the germanium by the amine catalyst. This coating does not cause the wafer to break at
250,000-g, and, in fact, it is felt that it improves the ruggedization of potted components.
The situation today is much better, since all silicon devices seem to be largely
undamaged by the direct application of epoxy resins. Such potted transistors may not
survive extensive temperature cycling, but have proved adequate for these applications.
In addition, there are at least two commercially available transistors that are potted as
supplied. Further, there is a high-frequency high-power transistor that has survived
50,000-g impact tests as supplied. It is not potted but is reported to have aluminum lead
wires inside instead of the usual gold, which has a much lower strength-to-weight ratio.
Carbon composition resistors of various ratings have been successfully used, ranging
from 1/10 to I watt. Limited data have shown a 2-percent shift in value for a 250,000-g
launch acceleration. To date only solid resistors have been used’. but recent laboratory
tests show that the resistor formed on a glass tube with molded case has about 1/3 as
much shift in resistance due to hydrostatic load. Film resistors and potentiometers have
not been evaluated. Laboratory tests show about 21 percent change in resistance for the
solid composition resistor for 10,000 psi isostatic load, and about 7 percent change for
the glass-tube composition resistor.
A variety of ceramic and glass dielectric capacitors have been used successfully. In fact,
no failures due to capacitors or resistors have occurred to date. Failures have been
reported due to wet-type tantalum capacitors. We have successfully flown the dry slugtype tantalum with vacuum applied conformal case, without gross failure. There seems to
be some question remaining about their stability under conditions of heavy g-loading.
One electronic component likely to be ignored is connecting wires. For example, a piece
of copper wire 1/2 in. long supported axially by one end would develop breaking stress
at 250,000 g without support from the potting resin. For this reason, all spaghetti is
avoided and only magnet wire or bare copper is used for this g level. If a long axial run is
necessary, the wire is spiraled or bent back and forth ladder fashion so the resin can
provide adequate support without relying too heavily on its adhesive Properties. Coaxial

cable should not be used for long axial runs since the adhesion between center conductor
and insulator is usually poor. Connectors of course are not used, but circuit boards with
either printed wiring or terminal construction have been used. It is believed that
orientation of components or type of layout is not critical.
Several sizes of mercury cells have been used as power supplies, without known failures,
except for usual shelf-life or temperature extreme problems. There is some slight
evolution of gas from these, however, which may crack or craze the resin after some
months on the shelf. Nicad button cells have been used for 20,000-g applications and
have been tested satisfactorily at 50,000-g. We plan to use small cells of this type for
250,600-g applications.
Antennae are a problem that must be solved within the boundary conditions imposed by
the individual vehicle configuration, which is predetermined by aerodynamic and
mechanical requirements. The antenna for the projectile in Figure 1 is a helix, which
occupies the aft end and radiates through the potting resin. This particular resin is quite
lossy, but the transmitting range is only a few feet, so the loss can be easily tolerated.
The RVX vehicle also required only a short transmission distance and uses a similar
antenna. An early version of the 5-in. gun dart used an insulated nose with loading coil
to complete a dipole antenna, but was very inefficient due to the large capacitance across
the antenna. Later versions use a loaded quarter-wave stub imbedded in a plastic nose.
The 250-Mc carrier frequency matches this antenna and good efficiency is achieved,
which permits reception over the 50-mile or greater range required. The 16-in. gun
projectile also uses a quarter-wave stub antenna, except no loading coil was included,
and the length was 14 instead of 8 in. The rocket shown in Figure 5 used a quadraloop
antenna, with feed-point near the ground connection.
Conclusion Our experience has shown that it is practicable to ruggedize certain
electronic circuits used for telemetering in-flight information from shells launched with
setback accelerations up to a quarter million g. The necessary and sufficient conditions
are removal of all voids from transistors and other individual components as well as the
complete assembly, with replacement by appropriate potting material, and avoidance of
components containing liquids. The potted assembly must in turn be supported by a
surrounding container of adequate hoop strength.

Fig. 1. Model re-entry vehicle before and after potting.

Fig. 2. RVX vehicle

Fig. 3. Five-inch gun dart.

Fig. 4. TMA payload and telemetry unit.

Fig. 5. Rocket vehicle with magnetometer payload and telemetry.

Fig. 6. Missile-sabot separation (smear camera record), launch
of temperature telemeter by BRL.
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Introduction The total evaluation system of any missile, or other weapon system, must
be considered as a whole for the purpose of its establishment and control. A total
evaluation system must be applicable to all situations in a missile’s life from its
preliminary testing to its final operational launching and attack. Typical modes of
operation include: research and development, exercise or training, fleet evaluation, and
two types of tactical activity, namely -- immediate evaluation including kill probability
and damage assessment on the one hand, and on tile other, post-firing analysis. The latter
includes: jamming detection, missile system failure (either catastrophic or out-of tolerance conditions of identified components, or sub-systems) due to unreliability,
personnel error, or enemy action.
This approach to a total evaluation system has not been the case until recently, when the
Department of Defense, through the Navy, established such a program at the Naval
Ordnance Laboratory, Corona, with the Fleet Analysis and Evaluation Division. Initially,
the project has been concerned with the development of telemetering systems to utilize
the new RF band of 2200 -2300 Mc s, mandatory after I January, 1970. It is intended that
the other armed services shall keep au fait with the NOL/Corona program, and tailor
their telemetering systems to be compatible.
Summary This paragraph on the total evaluation systems is only being included in
order that the position of the telemetering and miss-distance indicating systems may be
seen in context. It is not the intention of the author to pre-empt the legitimate concern of
other technical groups by describing such system elements as radars, launchers, and
weapons control facilities. With this understanding then, the total evaluation system
might include:
1.
Tracking radars
2.
Illumination radars
3.
Beam-riding radars
4.
Missile weapons direction and NTDS
5.
Missile weapons control
6.
Missile launcher control
7.
Missileborne radar receivers

8.
9.
10.
11.
12.

Missileborne guidance system
Missileborne homing radar system
Missileborne telemetering and MDI (one unit)
Shipboard telemetering and MDI station (one unit)
Other missile checkout equipment and systems

An Advanced Integral Telemetering and MDI System Having set the stage and the
context for the telemetering and IFNI sub-system of the total evaluation system, the
remainder of this paper will be devoted to the advanced integral telemetering and MDI
system, with the total requirements kept in mind.
The Existing Telemetering and MDI Systems Since the existing telemetering and
MDI sub-systems were developed quite independently, and have been treated separately
in the past, a brief evaluation of the telemeter will be made first, and an evaluation of the
existing MDI will follow.
Necessarily, since these two sub-systems form part of an active weapon system, full
details of their performance and effect on the effectiveness of the weapon system cannot
be disclosed. It can, however, be stated that, bearing in rn-And the fact that the
telemetering system as installed must be simple and reliable enough to accommodate all
degrees of performance, there are instances recorded where the system has broken down.
Easier operating and maintenance requirements appear a necessity, unless the
documentation and training can be improved very considerably. The introduction of a
newer shipboard station, the SKQ-1, to replace the UKR-10, has effected some
improvement.
Present plans to modify the shipboard station for the new higher radio frequency are to
retain the existing RF receiver in the SKQ-1, and to insert a preamplifier unit, to operate
at the new frequency between the antenna and the SKQ-1. This still leaves the lossy
lead-in from the above-deck to below-deck installation carrying radio frequency signals.
The case against the miss-distance measuring system is similar, but stronger. The system,
involving the reduction of rather noisy telemetering records, does not give consistent
results. It requires three RF heads, and all are operating in the old frequency bands for
airborne radio signals. Moreover, since the MDI is not considered a true telemetering
system, the use of the 2200-2300 Mc s band is denied to this system. Once again, the
performance of certain ships is markedly superior to that of others, which may indicate
that documentation and training is inadequate for all levels of competence. The system
requires a target beacon, which necessarily bars the use of the existing MDI technique
from operational wartime activities. Further, the beacon is too heavy and bulky to be
installed in a tactical guided missile without serious loss of weapon system performance.

In summary for both systems, it can be stated that the use of the FM/FM system for the
telemetered links, and the absence of the features of modern packaging, (extreme
reliability, low cost in mass production, and greatly reduced size and weight) together
with the reliance on the lower RF band, makes a new approach long overdue.
An Advanced Integral Telemetering and Miss-Distance Indicating System
1. Purpose The proposed advanced integral telemetering and miss-distance indicating
system is intended to achieve, among others, the following objectives:
a. To restore the missile telemetering from “the-state-of-the-ark” to “the-state-ofthe-art”.
b. To provide a tactical system for missile performance evaluation from launch to
near intercept (T-1 millisecond approximate).
c. To provide all-weather tactical miss-distance and (possible) burst observations.
d. To eliminate requirement for target instrumentation.
e. To eliminate requirement for target/ship radio link.
f. To utilize the shift from the RF band of 215-260 Mcs to the new 2200-2300
Mcs RF band as effectively as possible.
g. To provide a single combined telemetering/miss-distance indicating link using
only one RF shipboard receiver head (replacing existing four RF heads). For
“true Doppler” operation, two heads will be necessary.
h. To reduce missile-borne systems in complexity, weight, size, and power
requirements, while increasing their reliability and reducing their cost.
i. To obtain minimum warmup time (1-2 seconds maximum) for airborne
systems.
j. To reduce to a minimum the shipboard receiving station equipment, and to
eliminate the lossy RF lead-in.
k. To (possibly) augment or replace existing homing guidance systems over all -or at least the final portion of -- the missile’s flight path.
l. To accommodate more than one missile in flight simultaneously.
2. System Details.
a.

Missile Transmission System - Telemetering
(1) Telemetered data points
(2) Clock and gating matrix
(3) Electronic commutator
(4) Analog oscillator
(5) RF transmitter
(a) Modulator
(b) Master oscillator
(c) Amplifier

(d) Frequency multiplication chain
(e) Final power amplifier and cavity
(f) Antenna and feeder
b. Shipboard Receiving System - Telemetering
(1) Antenna and feeder
(2) Close-mounted receiver
(a) RF head for 4 links
(b) 4 RF amplifiers
(c) 4 Mixers and 1st RF
(d) 4 mixers and 2nd RF
(e) 4 PH/LL PH demodulators
(f) 4 comb filter banks
(g) Demultiplexers
(3) Below Decks equipment
(a) Predetection recording
(b) Multiple recording
(c) Multiple display
c. The Miss-Distance Indication Problem In the life cycle of a guided missile, there are
a number of flight possibilities whichrequire total evaluation as described in the
Introduction. Training, exercise, and fleet evaluation programs require some form of
MDI. In a tactical situation, there are two considerations in connection with the use of an
MDI system.
(1) Immediate operational information must be made available to the firing ship
and to other ships of the fleet.
(2) Information of use in operations research type evaluation and analysis after the
event includes evidence of enemy jamming and missile malfunctioning due to:
(a) long or short term unreliability,
(b) friendly interference,
(c) unusual weather conditions, and
(d) other indeterminate influences.
Both of these types of information would be available from the advanced integral
telemetering system, operating as the major link, and possibly the only link, between the
missile/target combination and the ship or ships concerned.
d. Alternative Solutions, including Alternative Guidance Systems. The present MDI
system uses a beacon in the target and two airborne-to-ship links -- one the link from
missile-to-ship using a telemetering transmitter and receiver, and the other the target-toship employing a special frequency band. Obviously, in a tactical situation, the use of a
beacon in the target is prohibited. Therefore, two solutions for an immediate tactical

MDI system are presented, and a third solution is suggested for other than tactical
operation.
(1) Infra-Red TV Scan MDI. -Measurement of miss-distance under tactical conditions
can be accomplished b mounting an infra-red TV scan system in the missile. One inch
vidicon elements having a 60 degree scan angle and 23 micron maximum sensitivity are
available for this purpose. The cameras can be oriented for the required full coverage of
the forward-looking direction as the missile approaches the target. The video signal
resulting from the continuous scan could be introduced directly to the telemetering
transmitter modulator. However, bandwidth requirements are minimized in the missileto-ship telemetry link if data redundancy is removed. The shipboard receiving equipment
would utilize part of the advanced integral telemetering equipment, and in comparison
with the present system, would require only one RF receiver head in place of the three
now required. The infra-red TV system would, of course, eliminate all the ship-based
units indicated in Figure 3, with the possible exception of the circuitry used to calculate
and present miss-distance values. The vidicon installation also has the potential to supply
adequate homing signals to replace the present radar homing guidance. In this instance, it
would also then be possible to dispense with the illuminating radar. Target damage
assessment, if required, can be achieved by utilizing a very small sub-rocket, ejected
from the missile just prior to warhead detonation. This sub-rocket, instrumented with an
infra-red sensitive mosaic, will record and pinpoint each warhead hit on the target by
virtue of the infra-red flash developed at each impact. It is necessary to hold the rocket a
safe distance from the warhead to avoid damage by the concussion. The sub-rocket also
requires a transmitter for sending the mosaic patterns to the ship. This would require an
additional radio frequency head and other ship-based equipment. These infra-red
techniques for hit detection have been proven in actual flight operation for micrometeorite impact on a satellite by NASA. The infra-red offset rocket technique has also
been demonstrated satisfactorily.
(2) Advanced Radio Doppler MDI. -An alternative to the TV system employs a very
stable oscillator (one part in 107 stability) to phase modulate a second RF transmitter,
which could be an additional final stage to the integral transmitter. This transmitter
would excite an antenna lens to direct a signal at the target, where it would be reflected
to the ship-board or ground-based station. Since it is undesirable for a radiation to be
beamed at the target until the last few seconds of the attack, the actual excitation of the
lens must be attenuated until the final stages of homing raise the power of the antenna to
the required level. There is always some backward scatter from any lens or antenna. The
integral telemetering transmitter antenna is no exception. Therefore, if the tactical
telemetering program is adopted, the telemetering radiation would occur during the
entire missile flight from launch to warhead detonation. The MD1 telemetering
transmitter previously described, excited by the stable oscillator, could be used to
provide a canceling signal radiation of this backward scatter. Sudden raising of the NMI

power level would overcome the balanced condition of the two radiations and illuminate
the target as required. Figure 2 indicates the target beacon arrangement for the advanced
radio doppler MDI version. Figure 3 indicates some of the possibilities for the airborne
systems, as well as alternative ship-board stations to accommodate the above MDI
techniques.
(3) Present MDI System. -For normal training and evaluation MDI usage, the present
system as described above can be used. However, the packaging can be updated to the
state-of-the-art as described in the telemetering section.
3. Packaging Techniques - Telemetering The entire missile-borne telemetering
transmission system with the exception of parts of the RF transmitter could be fabricated,
utilizing microelectronics. Advantages to be gained through the use of microelectronics
include:
a. Reliability - approaching 100 per cent.
b. Low cost of mass production (72 audio-amplifiers on a single substrate are
available at an approximate cost of 20 cents per amplifier.
c. Extreme miniaturization, and weight and power reduction.
d. Improved wiring power handling capability by use of microstrip consolidated
cables.
The entire airborne packaged unit can be divided into sub-units or it can be
manufactured as a whole. In either case, the smallest visible parts would be “throwaway” units, by virtue of their very low cost. This should reduce very considerably the
time and cost for maintenance and training for maintenance.
It appears feasible to install the entire telemetering (and miss-distance) shipboard
receiving package at the location of the broad-band receiving antenna. This package
would terminate with output line s to the various recorders, display units, and inputs to
the fire control computers, all situated below deck. Thus, all signals other than audiosignals would be eliminated from the antenna feed through link, and greatly reduce
interference and other signal losses. Frequency selection in the 2.2 to 2.3 Gc s band can
be accommodated by remote control. The pro posed advanced telemetering receiver
could achieve the frequency changes by either switching crystals or by mechanically
controlled continuously changing frequency techniques. Similarly, the comb filters could
be switched since their characteristic frequency band is determined by a single capacitor
in the VCO of the servo loop for each filter element.
Component Details of System - Telemetering A pulse amplitude modulated/phase
modulated (PAM/PM) telemetering system is proposed which utilizes modern integrated
circuits. The 50-channel, solid-state, electronic switching, matrix commutator operates at
a 50 or 100 samples per second rate. A single analog oscillator phase modulates an RF

transmitter operating in either 220 or 2200 Mc band. The transmitter drives a reardirectional antenna.
To mask forward scatter, a second RF transmitter, at a second frequency, can utilize the
same lens to interfere with scatter, and to provide subtle jamming as “garbled”
telemetering intelligence.
The shipboard receiver station proposed utilizes a phaselock PAM/ PM receiver covering
either the 216-260 Mc or the 2200-2290 Mc band. A comb filter is incorporated to
improve data accuracy. Demodulation and display facilities provide for the display of
each data channel as a varying waveform or by an indicator light. All telemetered
functions are recorded for post-test analysis and use. Real-time control of weapons
systems can be derived from the telemetered functions, if required.
An additional capability can be provided to transmit the video Doppler, either
continuously as a true modulation of the RF transmitter, or at a high sampling rate. This
involves modification to th@ comb filter unit to cover the additional frequency
spectrum.
Advantages of the Proposed Telemetering & MDI System The proposed system
offers increased reliability, reduced weightand size, and advanced low-cost packaging
techniques. The total missile-borne system is suitable for tactical use.
The proposed system will be designed to operate in the new RF band of 2.2 to 2.3 Gcs,
which is obligatory as of 1 January 1970. Although 1970 is five years away, at least three
years will be required in the writer’s opinion, after successful development and
production of the new frequency units are achieved, to indoctrinate the operating
personnel in the use of radically different techniques for installation/check-out
operations and maintenance necessitated bythehigherfrequencycomponents.
The present system is inadmissible for use in military operations because of the
excessive warm-up time required. The proposed system components with warm-up times
of one to two seconds are believed satisfactory for all foreseeable situations.
The physical separation of the present telemetering shipboard antenna and the receiving
station results in excessive signal-to-noise problems, and renders the system liable to
many types of interference. The proposed system, which is considered to be sufficiently
compact to allow for its mounting(down to the demultiplexers) on the antenna location,
on the other hand, will not be subject to the above limitations. Moreover, the virtually
continuous metallic path on one basis substrate of the RF receiver, IF’s, demodulators,
comb filter banks, and dernultiplexers will produce standards of reliability, of lack of

interference, and of low production cost, which have hitherto not been attempted in these
programs.
In conformity with the philosophy of total evaluation systems, the telemetering and missdistance indicating systems just described in this paper utilize common elements in many
instances. This commonality minimizes the problem of training, the effort for
documentation, and the logistics of supply and maintenance.
The provision of a truly tactical “flight-test” style capability significantly alters the
degree of effectiveness, and in consequence, the level of protection, which the missile
system can afford the fleet. This becomes even more important as the size of the
weapons is increased, and hence, the number which a given ship can carry is
correspondingly reduced.

Figure 1. -Advanced Telemetering and TV/MDI Tactical Systems Block Diagram

Figure 2. -Advanced Radio Doppler MDI - Target Beacon with
Target/Ship MDI Link

RECENT DEVELOPMENTS PERTAINING TO SOLID STATE
S-BAND TRANSMITTERS
SAM SLONE and NORMAN B. FJELDSTED

Summary This paper discusses the performance of some recent R. F. power transistors
as frequency multipliers and relates this information to their use in solid state V. H. F.
and U. H. F. Telemetry Transmitters. The step-recovery diode is - similarly discussed.
Both devices are shown to have great promise for ultimately lowering the complexity,
size, and price of Solid State S Band and L Band Telemetry Transmitters.
Introduction Galloping solid state technological advances have hastened the
development of the S Band Telemetry Transmitter to where it is becoming increasingly
competitive with present V. H. F. Transmitters.
Improvements in two areas have been of great significance:
(1)
(2)

The Transistor Frequency Multiplier;
The P-N Junction Charge Storage Diode;

these two phenomena will be shown to be somewhat related.
Transistor Frequency Multipliers With the arrival of the “overlay” transistor the
transistor frequency multiplier may be considered to have come of age.
This device is an epitaxial silicon n-p-n planar transistor employing what the
manufacturer terms as the overlay concept in emitter-electrode design. The emitter
electrode consists of over a hundred microscopic areas connected together through the
use of a diffused grid structure and an overlay of metal which is applied to the silicon die
by a photo etching technique. The object of this technique is to obtain a very high emitter
periphery to emitter area ratio, in order to obtain high efficiency at high frequency at
comparatively high power level. We are speaking of power levels on the order of one to
20 watts.
As important as the excellent performance of this transistor may be, a side effect of this
construction is of great significance.
This transistor functions as an extremely efficient frequency multiplier, even at high
power levels. As an example, as a frequency multiplier from 125 to 250 MC, the 2N3375

demonstrates a collector efficiency of 50% and a power gain of over 8 db with a power
output of 5 watts. This circuit is being used as a standard VHF doubler at Monitor
Electronics Company. The 2N3632, containing two devices in parallel, may be picked to
furnish 10 watts at 400 MC at 4 db power gain. This transistor used as a tripler may be
expected to yield several watts at L Band. This same transistor will furnish over 12 watts
at 280 MC at reasonable power gain. Used as a quadruplet approximately 3 watts may be
expected at 1120 MC. A single varactor doubler will then yield approximately 1.5 watts
at 2240 MC.
The transmitter shown in Figure 1 could be housed in a volume of approximately 30
cubic inches and the price would be moderate.
It is also possible to use the 2N3375 directly as a quadruplet and obtain a very significant
power output at 2.25 GC.
Overlay transistors capable of furnishing 20 watts at 400 MC will be released shortly; in
fact, two manufacturers are expected to release two similar but not identical devices with
the above capability, both of which should open interesting possibilities of obtaining
considerable power outputs at L Band and at S Band by means of transistor
multiplication.
Mr. Slone is Chief Engineer of Monitor Electronics Company.
Within a year it is expected that transistor devices will be available which will
produce from 2 watts to 5 watts at S band. One of these will employ a transistor similar
to the overlay type but with a built-in multiplying mode. Another employs a transistor
deposited in and integral with cavity.
As to the mechanism by which the overlay transistor is so superior as frequency
multiplier, it is almost certainly due to two effects, and we must speculate as to the
relative role of each. These are:
(1) Variation of collector-base capacity (COB) with collector to base voltage (VCB).
This results in a “conventional” varactor. See Figure 2
(2) The resistivity profile of the collector-base diode is such as to also provide
significant charge storage, resulting in a steprecovery effect. This will be
discussed in more detail presently.
In addition to these affects, the effective series resistance of the collectorbase diode is
comparatively low resulting in a high diode quality factor, necessary for efficient high

power frequency multiplication. Typically, the efficiency of the transistor frequency
multiplier may be appreciated from the data given in Figures 3 and 4.
From this data, the transistor as a power amplifier and frequency doubler is 70% as
efficient as a transistor power amplifier combined with varactor frequency doubler.
Figure 5 is a r-f schematic of the diagram in Figure 4. Figure 6 illustrates a VHF
transmitter employing a Transistor Doubler at the output. Efficiency of conversion from
D. C. to R. F. approaches 40%.
Figure 7 illustrates a solid state S-Band transmitter employing transistor frequency
multiplication.
Step Recovery Multipliers The next generation of transmitters may well employ the
P-N junction change storage diode, otherwise known as the step recovery diode. Selected
devices are now available that can yield one to two watts of R. F. power at S band with
multiplication ratios of 5 to 10. Circuitry employing this device has two notable
advantages over current techniques. First, reduction in circuit complexity with attendant
simplification of component requirements, second, improvement in efficiency. It is
possible at this time to achieve efficiencies of the order of 25 to 30 percent with
multiplication ratios greater than 5 at 2.2 GC output. The derivative of designs using this
device in high ratio multipliers would be ultimate cost and size reduction. It is
anticipated that within the next year transmitters will be produced with a total volume of
15 to 20 cubic inches with 1 to 2 watts output at S Band.
These advances in telemetry transmitter design are possible because of the unique
characteristics of step recovery diodes. This device is capable of more efficient
production of high order harmonics than conventional varactor diodes. The conversion
efficiency of the varactor diode is found to fall off at the rate of 1/N2 where N is the
harmonic number of the output. Because of this relationship it is advantageous to use a
varactor diode in doubler or tripler circuits and cascade as many stages as possible. In
the case of the step-recovery diode efficiency is proportional to 1/N. Efficiencies have
been demonstrated to follow this relationship in practice for multiplication ratios of
5 to 10.
The step recovery diode is a class of nominally silicon epitaxial diffused passivated
devices which have been optimized for controlled storage with a very abrupt transition
from reverse storage cutoff. Tens to hundreds of milliampres can be switched in a
nanosecond or less with this device. The optimum device useful to an S Band
Transmitter should have a transistion time small compared to 450 ns.
tt < 1/2T or tt < 1/2 450 ns. Where T is the period of the output frequency.

The lower the value of the transition time, the higher the efficiency; manufacturers are
delivering selected devices with 150 to 250 ns transition times which yield acceptable
efficiencies. A second requirement for efficient operation is that the minority carrier
lifetime must exceed the period of input frequency. A recommended ratio of minority
carrier lifetime to input periods is a factor of 10.
T$ 10TIN Where T in is the input period.
Again his value will be a compromise by selection. Fifteen to 25 microseconds is an
available range at this date and will provide acceptable efficiencies for multiplication
ratios of 5 or greater with output at S Band. Assuming the above relationships can be met
as well as proper matching to a cavity load the efficiency expected for the X 10 muliplier
can be expressed by the following equation:

The efficiency therefore expected for a X 10 multiplier would be in the order of 30
percent.
Figure 8 shows a schematic and approximate physical drawing of a practical X10
multiplier. A similar device has been constructed and yields efficiencies of 25 to 30
percent.

Fig 1 Transmitter Block Diagram

Fig 2 Varactor Curve

Fig 3 Transmitter Output Stages

Fig 4 Power Amplifier

Fig 5 Frequency Doubler

Fig 6 VHF 3 Watt Transmitter With Transistor Doubler

Fig 7 S-Band 2 Watt Transmitter With Transistor Doubler

Fig 8 Multiplier

DESIGN CONSIDERATIONS IN PRE-D RECEIVING AND
RECORDING EQUIPMENT
E. E. SWANSON
Technical Advisor to the President
Defense Electronics, Inc.

Summary Design factors to be considered in wide band Pre-D recording and playback
equipment for usage in a versatile Pre-D system are presented. These design factors are
introduced in a discussion of both the down-translator and up-translator. The
mechanisms which produce spurious outputs from the up-translator and the effects
caused by these spurious outputs are treated in detail. The extension of Pre-D techniques
to FM Electronics equipment is covered.
Introduction Predetection recording (Pre-D) provides a convenient and universal
means to store telemetered data with a minimum number of operational adjustments
needed to assure a proper recording. Since the receiving system up to the point of
recording is completely linear, no system threshold is established at the point of data
recording. Successive playbacks using different IF bandwidths and demodulator types
provide a means to optimize marginal data.
Modern telemetry data receivers are double superheterodyne with a second IF center
frequency of 10 mc. Plug-in modules provide a wide range of IF bandwidths. The Pre-D
Record Module down-translates the second IF signal and its associated sidebands to a
Video Carrier frequency (with the same sidebands) suitable for direct recording on
magnetic tape. The Pre-D Playback Module up-translates the played-back tape recording
to restore the original IF signal and sidebands. The Pre-D Playback Module output is fed
through the second IF channel of the receiver thus utilizing the second IF amplifier, FM
demodulator, and video amplifier circuitry of the playback receiver.
Versatility is provided by a choice of Video Carrier frequencies and associated Data
Bandwidths compatible with tape recorder speeds and direct record frequency response.
Since IF filtering is always provided before recording and after playback, the Pre-D
modules need not contain bandwidth restricting circuitry. Consequently the Pre-D
equipment can provide a flat amplitude response for all ranges without the need for
switching any bandwidth determining circuitry.

Choice of Video Carrier Frequencies Four Video Carrier frequencies are provided to
accommodate the four standard tape speeds. These frequencies are directly related to
tape speed to provide for time-base expansion by a factor of 8 to 1. A fifth Video Carrier
frequency is provided to realize maximum possible Data Bandwidth with the fastest (120
ips) tape speed. Table I presents the Video Carrier frequency, Data Bandwidth, and
frequency range to be recorded for each tape speed when using the DEI Model PD-101
Predetection Record/Playback Unit, shown in figure 1.
Data Bandwidth The maximum possible Data Bandwidth is realized by the use of a
Video Carrier frequency which is the arithmetic mean of the direct record frequency
response of the tape recorder for the speed being considered. The PD-101 utilizes 86% of
this maximum on the four Video Carrier frequencies normally used with the four tape
speeds. More than 1 1/2 octaves are dropped from the low frequency end of the range of
frequencies associated with each Video Carrier by this slight reduction in Data
Bandwidth which considerably eases the requirements for the phasing networks
associated with the up-translation process.

Table 1. Video Carrier frequency, Data Bandwidth, and frequency
components to be recorded for each tape speed.
A tape-speed servo-control signal can be recorded along with the Pre-D data if necessary
by choosing a frequency near the low limit of tape recorder direct frequency response
since this now falls outside the range of frequencies associated with the Pre-D data. Both
signals can be extracted (before up-translation) by suitable filtering.
Overall amplitude response of the Model P-101-R Record Module is held constant
within 1 db (total variation) over the full Data Bandwidth for all Video Carrier
frequencies. This is verified by measuring the Record Module output while varying the
IF frequency over the range associated with each selection of Video Carrier frequency.
Overall amplitude response of the P-101-P Playback Module is held constant within 2 db
(total variation) over the full Data Bandwidth for all Video Carrier frequencies. This is

verified by measuring the Playback Module output while varying the Video Carrier input
frequency over the range associated with each selection of Video Carrier frequency.
Record Level The signal-to-noise ratio of a wideband tape recorder is typically about
25 db. Tape recorders have an abrupt overload point (with accompanying high
distortion) at tape saturation. Since the S/N ratio of the tape recorder becomes the
maximum carrier-to-noise ratio of the played back signal it is desirable to record just
below tape saturation. Distortion is also an important consideration since it represents a
component of signal present on playback that was not present in the IF signal to be
recorded. Distortion effects will be considered presently.
The nominal level of a 10 mc IF input available to the Record Module and the variations
in this level will depend upon receiver design. Typical variation with RF input level over
the dynamic range of a telemetry receiver is about 3 db for receivers using amplified
AGC and about 12 db for those which do not. A variation in the nominal level of IF
output from one receiver design to another can be expected and a few db variation may
occur when IF bandwidth or RF Tuning Units are changed. This indicates the need for a
“local” AGC loop within the Record Module. AGC loop gain in the DEI P-101-R Record
Module is such that a 20 db variation of input level (30-300 mv) is reduced to less than a
3 db variation in Video Carrier output level. The mixer design in the Record Module is
such that there is a negligible change in output level when the Video Carrier frequency is
switched. The need for operational adjustment of the Pre-D Record Module except for
selection of the desired Video Carrier frequency is thereby eliminated. Furthermore, the
tape recorder can be operated within a db or so of tape saturation utilizing the full SIN
ratio capability of the recorder without danger of overload and possible loss of data.
Sufficient isolation must be provided in the 10 mc circuitry of the Record Module to
prevent a signal from the translating oscillator from being introduced via the input lead
to the IF channel of the receiver. Such a signal will produce a spurious video output from
the receivers demodulator with possible disasterous effect on the real time post-detection
data from the receiver. Figure 2 is a block diagram of the Record Module.
Equipment Interfacing IF signal patching is normally done at a 50 ohm impedance
level and therefore the Record Module input and Playback Module output should be at
50 ohms. Since the source impedance of the IF output from all receivers may not be 50
ohms the Record Module input should provide a good 50 ohm termination. Likewise the
Pre-D playback output impedance should be a good 50 ohm source. The Pre-D playback
input of the receiver should be (and normally is) arranged such that AGC action is
obtained for the playback IF. The playback signal level in the IF channel is not
particularly critical but should be high enough to reduce the IF gain to the point where
there is no carrier-to-noise ratio degradation by IF noise but well below any overload

point. IF output level from the Playback Module of approximately 80 mv has been found
to be a more than adequate available signal level.
The most modern telemetry equipment is designed for video signal distribution and
patching at a 75 ohm impedance and a level of about 4 volts p-to-p. Therefore, the Video
Carrier output from the Record Module should provide this level. The input sensitivity of
the Tape Recorder is generally less than this which allows the use of inexpensive power
splitters for parallel connections. Likewise the Playback Module should have an input
sensitivity of about 1 volt p-to-p but be able to accommodate input levels up to at least 4
volts p-to-p.
Pre-D signals must be treated as linear signals in the record and playback processing and
as such it is important to maintain proper video carrier level at all points. Distortion must
be kept low to achieve peak performance. The elimination of operational adjustments on
the Record Module means that the possibility of operator error (during the one chance to
record) is greatly reduced. The set-up procedure for Pre-D recording can be
accomplished very easily by feeding a CW signal into the receiver at the highest RF
input level and simply adjusting the Tape Recorder input level control for optimum
record level.
Up-Translation Figure 3 is a block diagram of the DEI P-101-P Playback Module.
The input Video Carrier signal is amplified and applied to a phase shift network. The
phasing network provides two outputs equal in amplitude and 90E apart in phase over the
range of frequencies associated with the selected video carrier and associated sidebands.
Each of these signals are then fed to individual balanced modulators through wideband
video transformers which apply push-pull signals to the deflection electrodes of RCA
type 7360 Beam Deflection tubes. The heterodyning crystal oscillator is fed to an RF
phase shift network to provide two outputs which are equal in amplitude and 90E apart in
phase. These outputs are fed to grid number one of the beam deflection tubes.
Present at the output plates of each balanced modulator and applied to the combining
transformer is a push-pull signal at the difference frequency and at the sum frequency of
the oscillator signal and the video carrier signal. Also present at each plate is the
oscillator signal.
The combining transformer has a balanced primary and an unbalanced secondary and
operates as a transitionally-coupled double-tuned circuit with a flat-top response
approximately 1.4 mc wide centered at 10 mc. The phase relationships existing between
the video carrier signals and the oscillator signals coupled with the characteristics of the
combining transformer provides addition of the desired “difference frequency” voltages
and subtraction of the undesired “sum frequency” voltages. The oscillator output
voltages from each balanced modulator are in phase and are adjusted, by the associated

oscillator balance control, to be of equal amplitude. Consequently there is no current
through the primary of the combining transformer due to oscillator signal and therefore
no voltage at the oscillator frequency present across the transformer secondary. The 10
mc (difference frequency) output is amplified by a bandpass amplifier with the output
circuit arranged to provide a 50 ohm source impedance.
Self-contained metering circuits permit translating-oscillator balance and input-levei
adjustment to be performed without the need for additional test equipment.
Spurious Outputs There are spurious signal outputs associated with all widebandheterodyning type up-converters. These spurious outputs warrant extra design care due
to their proximity to the desired signal bandwidth. Their effects can be reduced to a
tolerable amount by the rejection obtainable within the up-translator and the rejection
obtained from the skirt selectivity of the IF amplifier used for playback.
Figure 4 presents in graphical form the IF output frequency range (desired output) and
the important spurious signals over the range of video carrier components covered by the
data bandwidth associated with the 450 kc Video Carrier. Superimposed on this graph is
the selectivity curve of a typical 750 kc: bandwidth IF amplifier.
The spurious outputs from the up-translation process are symmetrical about the
translating oscillator frequency. The desired output and the image output represent the
(fundamental) difference and sum of the instantaneous video carrier frequency and that
of the translating oscillator. The second harmonic difference and sum are caused by
second harmonic distortion of the instantaneous video carrier frequency and the third
harmonic difference and sum are caused by third harmonic distortion. As can be seen on
figure 4 there is additional attenuation provided by the playback IF amplifier to all
undesired components except second and third harmonic difference which fall within the
IF passband over part of the range of instantaneous video carrier frequencies.
Harmonic distortion occurring in the mixer or video amplifier of the Record Module, the
tape recorder, or the video amplifiers in the Playback Module should be held to less than
1% or 2% for frequencies below the nominal video carrier center frequency.
The mixer in the down-translator is a source of video distortion since the second
harmonic of the IF signal at the mixer and the second harmonic of the translating
oscillator produce the second harmonic of the desired video difference.
Spurious signal rejection at the output of the Playback Module is generally specified as
40 db minimum for the translating oscillator, 25 db minimum for the (primary) image,
and 30 db minimum for all other components. In a carefully designed up-translator the
oscillator rejection, the image rejection, and rejection of the other spurious output signals

are to a first approximation independent. The oscillator rejection is primarily controlled
by the degree of perfection obtained in the combining transformer and symmetry in the
balanced modulators. The image band rejection is primarily controlled by the constancy
of the 90E phase difference and the amplitude equality in the video carrier circuitry. The
other spurious output signals are primarily related to distortion.
Image rejection varies considerably over the image band due to slight variations in
amplitude or phase of the video carrier input signals applied to the balanced modulators.
It is not uncommon to have nearly 40 db image rejection over most of the image band.
Second and third harmonic difference and sum components are generated in the mixing
process and are primarily controlled by design parameters such as signal levels and
operating points in the balanced modulators. Distortion in the video carrier amplifier
circuitry produces only difference components (the sum components being eliminated as
an image) and these are normally small compared to the distortion products generated in
the mixing process.
Measurement of Spurious Outputs Measurement of spurious outputs from a
Playback Module is best accomplished on a quasi-steady state basis using a visual
indication.
A Display Unit (such as the DEI Model SA-101 Spectrum Analyzer) or a spectrum
analyzer having a 10 mc center frequency and a 3 mc to 4 mc sweep width is connected
to the Playback Module Output. A Test Oscillator is used as a source of video carrier
input. The Playback Module is set up for operation in the normal manner with an input
frequency equal to one of the nominal Video Carrier frequencies and the gain of the
Signal Analyzer is adjusted to produce a reference output level for the desired 10 mc
output signal. The gain of the Signal Analyzer is then increased (by a known amount)
and the rejection of each spurious component is evaluated by observing its output level
as the frequency of the Test Oscillator is varied over the range of input frequencies
associated with the Video Carrier frequency under evaluation.
The Effect of Spurious Outputs The effect of spurious output signals generated in the
up-translation process is to produce extraneous components in the video output of the
playback receiver. It is well known that an interfering signal present at the input to the
limiters will produce an output from the demodulator. When the ratio of the weaker
(interfering) signal to the stronger (desired) signal is quite small, as is the case here, the
resulting output from the demodulator is sinusoidal in appearance and follows the
relation )f=ar where “all is the amplitude ratio of the interfering to the desired signal, “r”
is the frequency separation, and “)f” is the equivalent (peak) deviation.

Figure 5 presents in graphical form the extraneous output frequencies that will appear at
the demodulator output of the playback receiver for all values of video carrier frequency
when using a Pre-D Video Carrier of 450 kc. Fortunately, most of these video output
components lie at frequencies much higher than the baseband video range* of interest
and are relatively unimportant. It is interesting to note that the frequency of each
extraneous video output is exactly equal to a multiple of the instantaneous video carrier
frequency at the input to the Playback Module. Furthermore, there are two mechanisms
by which the same video disturbance is produced.
To evaluate the magnitude of each video disturbance at the output of the demodulator it
is necessary to know the relative amplitude of the undesired signals and the desired
signal at the input to the limiter.
The desired signal is the 10 mc ±300 kc signal representing the original IF signal that
was recorded. The undesired signal is one of the spurious outputs from the Playback
Module. The relative effect of each spurious output can be examined on a quasi-steady
state basis for both frequency and amplitude (equivalent deviation) of the resulting video
disturbance by taking into account the level of each spurious at the Playback Module
output and any additional attenuation that may be provided in the playback IF amplifier.
Figure 6 is a graph comparing the relative effect of oscillator rejection with the second
harmonic difference output and image rejection with third harmonic difference output.
The effects of distortion are worse than those due to oscillator and image rejection which
demonstrate that adequate oscillator and image rejection have been achieved.
The effect of the output video disturbances are to produce noise** on the positive peak of
the video output from the playback receiver. The positive peak of the output signal
corresponds to the minimum video carrier frequency and this corresponds to the lowest
frequency video disturbances. The relative amplitude of the noise depends upon the
deviation and modulating frequency which is used. A determination of the video output
disturbances under dynamic conditions with complex modulation would be extremely
difficult and is beyond the scope of this paper.
Extension to Other Video Carrier Frequencies The foregoing analysis can be
extended to the other Video Carrier frequencies by taking into account the fact that the
data bandwidths are related and the base band frequency responses are related. For
example, the 900 kc video carrier would use a 1.5 mc playback IF bandwidth and the
frequency and amplitude scale factors for the video disturbances would double. Of

*

The video frequency range encompassed by the demodulated intelligence on the received signal.

**

Extraneous undesired signals as opposed to thermal noise or tape noise.

course baseband video frequency response and probable deviation of the signal to be
processed would also double.
Consideration of AGC Time Constant Receiver AGC time constant is of importance
when the RF input level to the receiver is varying at rates greater than a few cycles per
second particularly if there are large fluctuations. A sudden decrease in received signal
level causes corresponding decreases in the IF output level from the receiver and the
Video Carrier output level from the Record Module. Normal output levels are
reestablished as the AGC time constant of the receiver allows the receiver gain to build
up. The time constant of the local AGC in the Record Module may also be involved but
this’ depends upon the relationship between receiver and Record Module AGC time
constants and the tightness of the AGC loop in the receiver. Reduced record level will
reduce carrier-to-noise ratio on playback since tape noise level is fixed. The video output
from the playback receiver will be noisy for a period of time even though the received
signal may still be quite strong.
The effect of a sudden increase in received signal level is to increase record level for a
period of time. During this time saturation of the tape with attendant distortion will cause
greater than normal spurious signal output levels from the Playback Module which in
turn will increase the severity of the video disturbances at the video output of the
playback receiver.
Fast AGC in the receiver used for recording and relatively long AGC time constants in
the Record Module and playback receiver will minimize the time duration of data
degradation.
Use of Limited IF Output for Pre-D Recording Some telemetry receivers provide an
IF output before limiting (linear) and an IF output after limiting (non-linear) for use in
Pre-D recording. At first glance it would appear that the use of the limited output is the
ideal thing, however, there are other factors to consider besides quasi-steady state
constancy of output. As stated earlier, the Pre-D record and playback process is basically
a linear process and the use of limited output inserts a non-linear process in the data
stream prior to the actual demodulation. If interfering signals are present there are
components at the output of a limiter that were not present at the input. The presence of
such signal components can well disrupt the Pre-D process since these components can
occur at frequencies outside the desired bandwidth as set by the IF amplifier in the
receiver used for Pre-D recording. Once such components have been produced they
cannot, in all likelihood, be removed.
Telemetry data receivers generally use two limiter stages where the stage driving the
discriminator is the second limiter. Overall limiting characteristics usually provide a
30 db or so limiter overdrive to protect the real-time demodulator from data dropout due

to signal fading and to achieve good AM rejection. A substantial part of the limiter
overdrive is usually the first limiter overdriving the second limiter. Pre-D limited output
taken from only one limiter may be rather inadequate for optimum
operation.
The possibility of providing optimum limiting characteristics for Pre-D recording has
been considered . (1) The use of an auxiliary module to pre-process the non-limited IF
output of a telemetry receiver could be used when the presence of interfering signals
(such as multipath) was anticipated.
Selection of Record and Playback IF Bandwidths The 2nd IF bandwidth used in a
telemetry receiver is generally chosen to accommodate the “real time” data to be
received. However, there is an advantage to be gained in Pre-D by recording with the
widest IF bandwidth (compatible with the data bandwidth of the Pre-D for a chosen tape
speed) and playing back using an IF bandwidth that will just accommodate the recorded
data. (2) Some receiver designs provide two second IF channels in which optimum
bandwidth for “real time” and maximum bandwidth for Pre-D recording can be used
simultaneously.
Typical receiver IF bandwidths are 100 kc, 500 kc, 750 kc, 1 mc, and 1.5 mc which
represent the users choice for “real time” receiver bandwidth. Usually the selection of
bandwidth for Pre-D record and playback is made on the basis of the best fit from what is
readily available. While t his may provide satisfactory Pre-D operation the bandwidths
are not necessarily optimum.
Typical receiver IF amplifiers have a I db bandwidth equal to about 70 or 80% of the 3
db bandwidth. Typical skirt selectivity provides a 60 db to 6 db bandwidth ratio of
approximately 2.5.
As shown in figure 4, a 750 kc bandwidth fits nicely as a maximum playback IF
bandwidth for the 450 kc video carrier (60 ips tape speed). Maximum playback
bandwidths for the related Video Carrier frequencies can be scaled and are shown in
table 2. Use of the minimum playback IF bandwidth that will accommodate the data is
recommended.
Selection of maximum record IF bandwidth must consider image foldover. The desired
Video Carrier output frequency from the Record Module is the instantaneous difference
between the translating oscillator frequency and the signal in the IF channel with the
translating oscillator being high beat. IF signal components at frequencies above that of
the translating oscillator will also produce a video carrier output (difference) with the
translating oscillator being low beat. Video carrier components so generated will be uptranslated, but to a different IF frequency. For example: A component at 10.3 mc (against

Table 2. Recommended maximum second IF amplifier bandwidths for Pre-D
recording and playback using typical data receiver IF modules.
10.45 mc) will be down-translated to 150 kc and up-translated to 10.3 mc. A component
at 10.75 mc will also be down-translated to 150 kc but will be up-translated to 10.3 mc.
Bandwidth and skirt selectivity of the second IF amplifier used for Pre-D recording must
be such that substantial attenuation is provided in the record image band. A maximum IF
bandwidth equal to the Pre-D data bandwidth will provide adequate protection against
image foldover for most Pre-D applications. See figure 7.
Application of Pre-D Techniques to FM Electronics The DEI Model FM-501 FM
Record/Playback Equipment shown in figure 8 provides a means for recording post
detection video signals or other video data. Frequency response from DC to 62.5 kc, 125
kc, 250 kc, or 500 kc is provided with tape speeds of 15 ips, 30 ips, 60 ips, or 120 ips.
The FM Record Electronics consists of a 10 mc VCO driving a downtranslator and the
FM Playback Electronics consists of an up-translator driving a limiter discriminator and
video amplifier. Video Carrier frequencies of 112.5 kc, 225 kc, 450 kc, and 900 kc are
used. The carrier deviation used with each range is such that a modulation index of 0.4
occurs at the highest modulating (video) frequency. This requires a data bandwidth equal
to twice the (baseband) video bandwidth. Phase compensated sharp cut-off post
detection video filters are used to remove the effects of spurious outputs from the uptranslator.
Since the same video carrier frequencies are used for FM Electronics and for Pre-D, an
FM Electronics tape can be played back through Pre-D equipment and a receiver. A 10
mc (up-translator) output is also provided from the FM Playback Electronics to allow
playback through a receiver if desired.

DEI Pre-D and FM Electronics tapes are essentially identical. The Pre-D intelligence to
be processed is the signal present in the second IF channel of a data receiver with
baseband video, and deviation being variables. The FM Electronics intelligence to be
processed is a locally generated signal from the VCO in the record module. Baseband
video is a variable but deviation is fixed.
The FM Electronics Record module is provided with self-contained metering circuits to
set the VCO frequency exactly to 10 mc with zero dc input and to set the desired carrier
deviation for different amplitudes of baseband video input. The FM Electronics Playback
module is provided with self-contained metering circuits to permit translating oscillator
balance, input (video carrier) level adjustment, and to set zero volts dc output with an uptranslated signal of exactly 10 mc. These provisions eliminate the need for additional test
equipment or special calibration units.
The main chassis contains the necessary power supplies and interconnecting wiring.
Design is such that two record modules, two playback modules, or one of each module
can be accommodated.

(1)

“High Ratio Capture Discriminators, Design Considerations and Experimental
Results”, E. E. Swanson, DEI Development Engineering Report (unpublished).

(2)

“IF Magnetic Recording Technique Simplifies Telemetry Ground Stations”, V. A.
Ratner, Microwave Journal, January 1965.

Figure 1. DEI PD-101 Predetection Record/Playback Equipment Accommodates Two Plug-in Record Modules, Two Plug-in
Playback Modules or a Pair of Modules

Figure 2. Pre-D Record Module, Block Diagram

Figure 3. Pre-D Playback Module, Block Diagram

Figure 4. Graphical Representation of Output Signal Components of UpTranslator Using 450 kc Video Carrier with Response
1 of 750 kc BW IF Amplifier Superimposed

Figure 5. Spurious Output Frequencies at the Demodulator of
the Playback Receiver vs Instantaneous
Video Carrier Frequency

Figure 6. Effect of Spurious Up-Translator Outputs at the
Demodulator of the Playback Receiver

Figure 7. Pre-D Record Image Band Rejection for
Typical Receiver IF Bandwidths

Figure 8. DEI FM-501 FM Record/Playback Unit Based on Pre-D
Techniques Does Not Require Additional Equipment for Set-up or Calibration
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Summary Because of the limitations of hardwired telemetry systems, existing
spacecraft are denied the capability of revising their sampling structure, their sampling
rates, or the experiments and/or test points to be sampled. A centralized system to
provide these capabilities is described in this paper. This system is called the Flexible
Automatic Computer Telemetry System (FACTS). As initially conceived, the FACTS,
through the use of a stored program, will be able to sample a large number of channels
with great flexibility in sampling rates, sampling structure and the selection of
experiments and/or test points.
This paper outlines the basic spacecraft and ground station system and illustrates the
flexibility which can be achieved with it. Selected diagrams are given along with a
description of the operation of the various units in the system.
Introduction As the current generation of satellites and their missions increase in
complexity, the limitations imposed by fixed data-handling systems become more severe.
The restrictions of these hardwired systems are numerous and have constrained
spacecraft engineers to design data-handling systems to meet specific requirements. This
has resulted in units which cannot adapt to or be modified readily to meet either
changing orbital conditions or varying data requirements necessitated by more
sophisticated mission objectives. This design limitation has been reflected into the
operational aspects of the spacecraft. The data analyst and experimenter can receive data
only from preselected points, without the option of changing the sampling rates or
sequence, or of adjusting the data-handling system for changes in spacecraft conditions
and/or experimenters’ requirements.
Hardwired sampling shows further limitations in light of the current tendency toward a
“family” of spacecraft built with the same basic configuration but accommodating a
variety of experiments. With many current satellites it is necessary to modify the datahandling system for each new experiment to be carried. A data-handling system which
could be adapted, with only minor changes, to a family of spacecraft would be a versatile

design tool. In addition, it would be most desirable to have a single system which could
handle both experiment and housekeeping telemetry data. This would reduce the amount
of equipment normally required to handle spacecraft data, and correspondingly decrease
the size, weight, power, and design time required.
This paper presents the design of an adaptable new1 spacecraft system which will
provide the flexibility now lacking in hardwired data-handling devices. Through the use
of a small special-purpose control computer and various computer programs, this unit
will serve as a central control and collection point for the data and telemetry channels on
the satellite. Therefore, it will allow the sampling of many of the lower rate experiments
and the basic spacecraft information, plus all of the housekeeping telemetry, to be
controlled by a single system. Furthermore, this system would provide a means for
varying the sampling rate of any point or experiment channel and/or changing the
sampling sequence, thereby allowing new points to be sampled, old points eliminated, or
the sampling sequence itself changed.
This system, called FACTS (Flexible Automatic Computer Telemetry System) is
designed to replace present fixed-point telemetry systems plus certain associated
hardware for the satellite experiments. This paper presents the design of the system,
including an explanation of the operation of the overall spacecraft portion of FACTS
along with a detailed description of the control computer section. A brief discussion of
the proposed ground station is also included.
Basic Concept The basic concept and advantages of this system can be illustrated by
comparing it with an existing hardwired telemetry system such as that used in Nimbus.2

1

Several approaches have been made to the problem of designing an adaptable spacecraft
telemetry system. The major operational differences between these systems and FACTS is in the
amount of ground control available and the degree of hardwire used in the system. In the design
of FACTS the effort has been concentrated on a system with maximum flexibility, and to a
certain extent the number of routines of which FACTS is capable is limited only by the ground
station operator’s ingenuity.
2

Nimbus is an earth-oriented meteorological satellite which contains several types of sensors.
Among these are: an Advanced Vidicon Camera System (AVCS) to provide TV pictures of cloud
cover. A High Resolution Infrared Radiometer (HRIR) for nighttime cloud cover pictures, an
Automatic Picture Transmission (APT) System, to provide direct video readout to low cost
ground stations, and a Medium Resolution Infrared Radiometer (MRIR) for continuous IR cloud
coverage. For more details see NASA Technical Note D-1422, ‘The Nimbus Spacecraft and Its
Communications System as of September 1961" by Dr. R. A. Stampfl.
There are no definite plans to use FACTS on Nimbus, however, Nimbus is used as an
example since the authors are familiar with this spacecraft.

Figure 1 shows the PCM/TM system now in use on the family of Nimbus spacecraft. By
comparing this with Figure 2 it can readily be seen that the spacecraft equipment can be
simplified while retaining and expanding the present capabilities. In addition to retaining
these capabilities, FACTS is adaptable to changing conditions not achievable in hardwire
systems. Several typical examples and advantages of FACTS are given below:
1.

Sampling Rates: Within the basic frame rate constraint, the sampling rates of the
different experiments can be increased or decreased in order to provide various
degrees of resolution. At present, rates up to 5 KC (without a basic design change)
are believed to be achievable. However, for illustration, the example given in this
paper employs a sampling rate of 1.024KC, as might be employed in the Nimbus
spacecraft.

2.

Sampling Points: The sampling of any particular telemetry point or points may be
increased during certain critical phases of satellite operational life and/or testing
phases (e.g. , power balance and attitude control gas consumption during initial
orbits) . This permits intensive observation of specific points during these phases
with a return to normal sampling as the period of interest passes. Thus a problem
is eliminated that is inherent in hardwired systems: whether to sample
continuously more points than necessary, with a resulting increase in system
complexity, size, weight, power, etc., or use a lower sampling rate with a
corresponding reduction in the amount of information obtained during these
critical periods.

3.

Sampling Sequence: In accordance with 1 and 2 above, the system provides the
ability to select new points to be sampled, to eliminate old points, and to change
the sampling sequence. This provides an optimum system to obtain the telemetry
and/or experimental data required.

4.

Reprogramming: The system can be reprogrammed to utilize the portions of the
telemetry frame which may become available through experiment failure.

5.

Program Control: The aforementioned reprogramming can be done either through
external ground control or internal spacecraft control.

6.

Memory Capacity: The system contains a memory of sufficient capacity to store
up to three separate and distinct operational programs.

7.

Tape Recorder: A method of employing a variable speed tape recorder will
provide either 1 or 4-orbit storage capability and yet retain the same sampling
rates of essential information.

8.

Equipment Reduction: Certain equipment, such as the experiment tape recorders
and associated electronics, is eliminated. These would be replaced by the FACTS
variable speed tape recorder.

9.

Versatility: The system provides sufficient versatility to be used as a basic datahandling system for a variety of telemetry and experiment inputs.

Spacecraft System Description In its operation as a centralized telemetry system,
FACTS incorporates a digital computer to control the various functions of the data
system. Before the actual operation of the system can be described, it will be necessary
to define the following terms.3 A frame will be used in the conventional telemetry sense.
A minor frame consists of 128 9-bit words. The minor frame rate is 8 per second which
gives a sampling rate of 1024 points per second. A major frame will occur once every 16
seconds, or after all “housekeeping” points have been sampled. Therefore, one major
frame equals 128 minor frames. The term program is also used in the conventional
computer sense in that a group of stored commands will be used to generate a frame.
The heart of FACTS is a special-purpose digital computer. Figure 3 gives a simplified
block diagram of the overall system. This diagram can be broken into three parts: The
Control Computer, the Output Register and the Gating Unit.
The control computer, through its internal stored program, will supply a word in the
output register for each particular channel or value4 required within a frame. This word is
transferred from the output register to the gating unit. The gating unit, upon receipt of
this word, will open a gate to allow the proper channel to be read into the frame
structure. It will also be possible to read a value directly from computer memory into the
frame structure. The external inputs allow the temporary storage of experiment or
telemetry data in memory. New programs from the ground station will also be entered
through this unit.
There are three different word structures used in the system.
1.

INSTRUCTION WORD (9 Bits): This instruction or command word is typical of
those used in computer programs. It will contain both operation and address fields.
The control computer executes the program to produce control words in the output
register.

3

These terms are given for purposes of illustration. Suitable changes can be made to adapt
FACTS for the particular spacecraft on which it is to be used.
4

These values are used for sync, frame identification, program identification, etc.

2.

CONTROL WORD (9 Bits): These words control the operation of the gating unit,
and cause it to insert into the frame structure either a word from memory or a
reading from an experiment or TM channel. These words are defined to be of two
types:
A.
Data Control Words (9 Bits) control the output of analog or digital data.
B.
Value Control Words (8 Bits) are a direct readout of computer memory into
the frame structure of such constants as program identification,
synchronization words, etc.

3.

DATA WORDS: These are words which make up the final telemetry stream: sync
words, identification words, sensory information words, system performance
monitor words, etc.

Operation of the entire FACTS spacecraft system is shown in Figure 4. Programs and
commands for program selection will be entered into the control computer section (C)
through the command system (A). An additional program. selection capability will be
made through an experiment status input (B) .
The ability to command FACTS either through ground control or experiment status adds
significantly to the flexibility of the system. Ground control is, of course, simply
commanding the system “manually” during an acquisition pass. Experiment status
control will allow the system to adapt automatically to changing conditions (e.g.,
spacecraft day or night operation) by selecting the optimum operational program. A
periodic check of the external input will inspect the experiment status to see if the
program should be changed.
After the programs have been stored in the control computer section and the proper
routine selected, either by ground or experiment status command, the computer will
commence cycling through the program. Each partic ular instruction sequence within the
program will read a word into the minor frame structure through the analog and digital
gate section (D). These words will be of the types previously defined. An A/D convertor
(E) is included as part of the gating section to digitize analog signals.
Information from the gating system will be both transmitted in a real time mode via the
Beacon transmitter, and stored on a variable speed digital tape recorder.
The real time transmission system (F) will enable data to be received continuously
(during playback of stored information). It will also allow TM (and small portions of
data) to be received in case of failure o the primary system. The serial bit stream from the
Gating Unit will be multiplexed with time code and then transmitted by a PCM-AM 350mw Beacon transmitter.

The primary system (G) will employ the 750 KC bandwidth S-band transmitter. The data
will be stored on a variable speed tape recorder with a normal recording speed of 2 ips.
This will provide one orbit storage. A four to one speed reduction capability is planned
to give the recorder a four orbit storage capacity. If full resolution of some selected
channels must be maintained, FACTS may be reprogrammed to achieve this within the
new 1024/4=256 samples/sec.
The recorder is played back at 60 ips and fed into the multiplexer where it is combined
with the AVCS video information. The total transmission bandwidth required by FACTS
at the 1.024 KC sampling rate will be approximately 300 KC. The transmission time of
four minutes is well within average spacecraft acquisition times.
Control Computer Description The major subsystem of FACTS is a small, special
purpose, single address, fixed word length computer. This computer operates on the
words within a stored program to generate the necessary outputs for a specific mode of
operation. Up to three operational programs, plus those routines which are necessary for
the control of the computer, can be stored in the memory.
Word Formats in the Computer According to their use and purpose, the words in the
computer have various formats. All words are nine bits in length, although some of these
bits may not be used. The formats used in the computer are:

A program, as stored in the computer memory, is composed of a list of Type A and Type
B instruction words. Two types of instruction words are used to limit the total word
length required by the computer. The additional space provided by the two different

formats allows for future expansion of the instruction list (Appendix I). In the Type A
format, the c field specifies the instruction to be executed and the m field specifies a
location in the Scratch Pad portion of the memory. In the Type B format, the first three
bits are used to designate that a Type B Instruction is to be executed and the other six
bits define the actual instruction. The functions of the Data Control and Value Control
Words have been previously defined.
Computer Memory The 1024 word computer memory is composed of two 512 word
sections where each section consists of one or more functional segments (Figure 5). A
memory of this size requires an address of ten bits to specify a single memory location.
Since the computer uses words having only nine bits, an extra bit must be supplied.
Thus, the memory is divided into Sections A and B where an auxiliary tenth bit (supplied
by the Bit Register) will specify a section. Therefore, to address a location in the 1024
word memory, the Bit Register specifies which 512 word section is to be used and the
other nine bits define a location within that section.
A further division of the memory into functional segments is done to facilitate normal
operation and to limit errors during the read/write cycle of the computer. Three different
types of functional segments are used the RO, the NDRO and the Scratch Pad. The RO
(Read Only) segment contains those programs which can never be changed and,
therefore, require a read only capability. The NDRO (Non Destructive Read Out)
segment is used to limit errors during normal operation of the computer and will be
modified only when new programs (or program alterations) are sent to FACTS by
Ground Command. The write cycle in this segment is permitted only upon Ground
Command. The final segment, called the Scratch Pad, will have full read/write
capabilities. The Scratch Pad is the working memory of the computer and is used for
temporary storage by the operational programs.
Registers and Gating In order to accomplish the various instructions, the computer is
composed of a number of registers and gating networks, as illustrated in Figure 6. The
following is a description of each of these units:
1.
2.
3.
4.

5.

The Address Register (AR) contains the location (address) of the operand(s) of the
current instruction.
The Instruction Counter (IC) contains the address of tile next instruction in the
program. This counter keeps track of where the computer is in the program.
The Instruction Register (IR) contains the code for the instruction being executed.
The Input-Output Register (I-O) is a buffer register through which a word must
pass when being written into or read out of the memory. It also provides temporary
storage during the execution of certain instructions.
The T Register (T) is used for temporary storage of operands while the computer is
executing an instruction.

6.

7.

8.

9.
10.

The Output Register (O) is a temporary storage register and will store the Data
Control Word or the Value Control Word generated on the program step. This
output is either inserted directly into a minor frame or used as a control for the
Gating Unit.
The Bit Register (B) is an auxiliary register which specifies the External Input to
be used, supplies the tenth bit which defines the section in memory to be
addressed, and specifies the sampling rate.
The External Inputs (EI) are a network of gates through which experiment status,
ground command status, reprogramming information and digitized outputs may
enter the computer. The specific input is selected by the contents of the Bit
Register.
The Comparison Network (CN) compares the contents of the T Register with the
contents of the Input-Output Register for equality.
The Control Unit (CU) decodes the contents of the Instruction Register and
supplies the necessary pulses and/or levels to the various register and gating
networks so that the instruction defined by the contents of the Instruction Register
may be performed.

Central Gating Bus In order to facilitate the transfer of information from one register
to another, the computer contains a Central Gating Bus which can transfer the contents
of any register into any other register (or back into the original register) . In addition,
through the use of this gating bus, a +1 may be added to the contents of any register
during transfer. For simplicity of the diagram, this unit has not been illustrated.
However, it may be visualized as connecting all registers and gating networks.
Programs Stored in the computer memory are the necessary control routines and a
number of operational programs used to generate the Data Control Words and the Value
Control Words. Some of these programs are:
1.
2.
3.
4.
5.
6.
7.
8.

Operational Program Type 1.
Operational Program Type 2.
Operational Program Type 3.
Program Selection Routine.
Reprogramming Routine.
Memory Contents Read-out Routine (check).
Ci Subroutine.
Di Subroutine.

The functions of most of the programs and routines listed above are self-evident from
their names. Operational Program Types 1 , 2, and 3 will generate three different minor
frame structures. The Program Selection Routine determines which program is to be
executed from information supplied by experiment status and/or ground command status.

The Reprogramming Routine directs the reprogramming of the memory with new
routines supplied from the ground. The Memory Contents Read-Out Routine provides a
direct readout of the memory into a minor frame structure for ground station verification
purposes. The Ci Subroutine and the Di Subroutine employed for subcommutated
channels are more complex and are explained in the following paragraphs.
Ci and Di Subroutines The majority of the Data Control Words generated by the
computer are for sampling the high rate experiment channels However, a necessity exists
for generating low sampling rate control words used in the housekeeping telemetry
information. The purpose of the Ci and Di Subroutines is to generate these low rate Data
Control Words with the use of relatively few memory locations.
For purposes of illustration, the requirements of the Nimbus spacecraft telemetry system
have been used. Two types of sampling rates are required for Nimbus: 64 channels
repeated twice every second and 512 channels repeated once every sixteen seconds. To
implement this, two types of “ill sequences are used - the Ci and the Di . The C Sequence
executes 32 cycles per major frame (128 minor frames) generating 64 Data Control
Words per cycle. The Di Sequence executes 1 cycle per major frame and generates 512
Data Control Words per cycle. Each of these sequences requires a different subroutine.
The generation of the Data Control Words for each “i” sequence requirestwolocations in
the Scratch Pad Memory. The first location contains the current word to be generated.
The second location contains a limit value which is tested for equality with the contents
of the first location during each cycle of the subroutine. If the two codes are not equal,
the computer proceeds to output the current Control Word, increment the current Control
Word by 1, and then jump back to the main program at the point where it exited. If they
are equal, the computer outputs the current Control Word but then proceeds to a third
location in the Scratch Pad Memory where the address of the next series of Data Control
Words to be generated is located. The computer loads the Scratch Pad Memory with the
new “data” for the next series in the sequence and then jumps back to the main program.
Each cycle of an “i” sequence subroutine generates one DataControl Word and a
subroutine is called for only on command from the main program. Thus, each call for an
“i” sequence subroutine by an operational program produces one Data Control Word. In
this manner, large numbers of Data Control Words are generated using only a limited
number of memory locations. An example of the data necessary to generate the Data
Control Words is illustrated in Figure 7.
Program Execution In operation, the computer first executes the Program Selection
Routine. This determines which of the various programs is to be executed. If the
Reprogramming Routine is to be performed, the computer jumps to this routine. From
the ground station, the computer then receives both the new “data” and the addresses)
where the new “data” is to be placed. The computer converts this data from serial to

parallel form and loads it into the memory. When all of the new “data” has been loaded
into the memory, the computer jumps back to the Program Selection Routine.
The Program Selection Routine then determines the next program to be executed.
Provided that an operational program is to be executed, the proper program is then
initiated. The operational program generates the Data Control Words and the Value
Control Words for the desired minor frame format. Each execution of an operational
program will generate one minor frame. The computer will recycle through this program
until one major frame (128 minor frames) has been generated. At this time, the computer
will jump back to the Program Selection Routine to determine the next program to be
executed (either the same operational program or another program).
Sampling Rate, Execution Time, Sampling Rate Limitations Prior to any discussion
of sampling rate, some assumptions must be made concerning memory cycle time and
propagation delay time. For the logic envisioned, these times are roughly 12 Fsec per
memory cycle, and 100 nsec delay per stage. This leads to a maximum sampling rate of
approximately 1.6 KC, which is more than adequate for a great majority of spacecraft
systems. The sampling rate of the Nimbus example, for instance, is only 1.024 KC. For a
nominal increase in size, weight and power, the maximum sampling rate can be increased
to approximately 5.0 KG by double-ranking the output register; this would increase the
sampling rate by averaging several long and short instruction sequences over several
sampling periods. Another method of increasing the sampling rate is shown in the
section entitled “Video Option.” Any further increase in the sampling rate will
necessitate a substantial increase in hardware and power and a major redesign of the
system since the execution time of an instruction is limited by the number of memory
cycles involved. With the present system the average instruction execution time is 2
memory cycles (24 Fsec) and the maximum execution time is 5 memory cycles (60
Fsec). However, since a number of instructions are needed at times to generate a Data
Control Word or a Value Control Word, the maximum number of instructions necessary
to be performed in sequence limits the sampling rate. For the programs that have been
written thus far, this maximum is 22 instructions.
An important requirement of the experiments and test points is that they be sampled at an
even rate. However, the generation of a control word by the computer may consume
short or long periods of time. It is for this reason that the “WAIT” feature has been
incorporated into the computer. After a control word is generated, the computer goes into
an idle mode of operation and holds the current control word as an output until sampling
has been completed by the Gating Unit. This is accomplished by having the Bit Register
control a digital oscillator to generate tile various sampling rates required by the
different modes of operation. Thus, even-sampling is accomplished although control
words are not generated at an even rate.

Video Option Modifications can be implemented in FACTS to provide video rate data
capability. For example, a proposed Nimbus APT Video System, generating 3200 fourbit characters per second, is used. The modification would group these into two
characters per output word so that the effective sampling rate of the video data would be
1600 words per second. In order to control the sampling, the basic sampling rate within a
frame must be increased to 3200 words per second thereby producing a frame in which
every other word would be video data. Alternate words would contain both the other data
to be sampled and the various control words (frame sync, frame identification words, ID
counters, etc.). An example of the resulting frame is shown below:

This modification is primarily concerned with the output unit of the computer (Figure 6).
Where the basic FACTS uses only one output register the video rate option employs a
more complex subsystem with additional registers, counters, and logic networks. This
modification will load the output register with one of two alternatives: either the video
gate selection code or the gate selection code generated by the computer. The video gate
selection code is stored in a separate register. Thus, although the sampling rate has been
increased, the speed of the computer has not been increased.
It should be emphasized that although video data has been used in the example, this
option is not restricted to handling video data. It would be advantageous to use this
modification with any high rate data channel that consumes a major portion of the
telemetry frame.
The Gating Unit Although the computer section of FACTS controls sampling, it is the
Gating Unit which does the sampling. This subsystem consists of a large gating network
which allows one of many inputs to be selected. Since the longest word that the
computer may generate is 9 bits, selection of any one of 512 distinct inputs is possible.
These 512 possible inputs can be divided into two classes: digital and analog. For
compatibility, all outputs of the Gating are in a digital serial bit stream form. Thus, an
Analog to Digital Converter must be a part of the Gating Unit.
For the digital inputs, both parallel bit structures and serial bit structures are handled by
the Gating Unit. However, since a serial output is required, parallel inputs are converted
to serial form. Serial inputs are simply selected and gated to the Tape Recorder Buffer
and the Telemetry Link.
A special case arises in the selection of the input for the sync words, frame ID words,
etc. These words are generated by the computer and only one gate structure is used in

common by all of these words. A “tenth bit” is added to the output unit to designate this
type of word and to select the proper gate.
Similarly, the analog gating can be divided into two types. The first is used where the
signal to be measured is referenced to ground whereas the second type is used for signals
referenced to some voltage other than a ground potential. In both cases, the analog signal
is converted into a digital bit stream which is gated into the Tape Recorder Buffer and
the Telemetry Link.
To facilitate wiring and to limit wiring lengths, a distributed gating network may be
employed. Gating will be grouped into two, three, or four packages; each gating package
will be located near those experiments or test points that it serves. In addition, some of
the control Logic for the gating unit will be included in each package. Thus,
interconnection wiring will be kept to a minimum.
Size, Weight, and Power An estimate of size, weight, and power requirements for the
FACTS is given below:
Size
1500 cu. in.

Weight
40 lbs.

Power
11.0 w.

A slight disadvantage of the system may be in the modest increase in size and weight
over conventional TM systems. This increase must be weighed quite carefully against the
savings which can be achieved through the elimination of tape recorders, transmitters,
etc. , now required by the various experiments. It should also be noted that additional
penalties are incurred (e.g., wider bandwith) for systems which require high sampling
rates .
Reliability Because of the “building block approach” which has been taken in the
design of FACTS, the high reliability necessary in centralized systems can be achieved.
The approach to increase reliability will be one of subsystem duplication, rather than
internal redundancy (Figure 8).
Ground Station The ground station must be capable of processing the received RF
signal into a usable form. To accomplish this, a system such as shown in Figure 9 would
be employed. RF data received from the spacecraft will be demultiplexed and both stored
on a magnetic tape, and processed in real time.
Real time processing (which is also applicable to the stored data) will be performed as
follows. After bit and frame sync have been detected, the serial bit stream will be
reconverted into a parallel word format. These words will be assembled in a 2 (minor)

frame buffer in the decommutation and control computer. This computer, under control
of a program that is essentially an inverse of the spacecraft program, will operate on the
data to decommutate it into the various channels.
Several output devices will be controlled by this computer. A D/A converter and
appropriate recording devices are provided for that data on which direct analog
representation is required. A buffered output is also provided for the storage of selected
data channels on magnetic tape. The third output of the control computer will be to a
telemetry housekeeping computer. The housekeeping computer will operate upon the
telemetry to convert it into a format suitable for spacecraft performance analysis.
Additional outputs are provided for the storage of processed telemetry data, either for
future spacecraft analysis, or for utilization in the processing and calibration of
experiment data.
The implementation of such a ground system is relatively straightforward, and
commercial equipment is available to provide the outputs in the formats required.
Conclusion The system design presented embodies existing techniques into a new
approach for integrating many spacecraft functions into a package. The flexibility of
FACTS allows the spacecraft designer greater freedom in the design of spacecraft. In
addition, the analysis of data and “troubleshooting” of spacecraft problems will be
facilitated, since the data analyst and/or experimenter is no longer restricted to a limited
number of hardwired sensory points.
FACTS, as shown, is most applicable to the more complex satellites such as Nimbus.
However, with suitable alterations FACTS can be employed on virtually any spacecraft.
Appendix I The command repertoire of the computer subsystem is similar to those
used in other computers. There is a restriction in that the computer has the ability to add
only +1 to the contents of any register. The command list includes conventional
commands such as: transfering the contents of one register into another register,
incrementing (adding +1 to) the contents of a register, masking the contents of a register,
clearing a register, and a Conditional Jump-On Equal. In addition to these commands,
the command list includes the following Special Commands. (In these commands, the
address m is the address of a location in the Scratch Pad portion of memory and the
address k is the address of the instruction currently being executed.)

Name

Mnemonic Comments

Gate
Out

GO

Contents of Memory Location m to
Output Register as a Data Control
Word. WAIT for System Sampling.

Value
Out

VO

Contents of Memory Location m to
Output Register as a Value Control
Word. WAIT for System Sampling.

NDRO to
Scratch Pad

TRS

Transfers the Contents of Memory
Location whose Address is located
in Memory Location k +1 to Memory
Location m.

Unconditional
Jump and Set
Up Return

JMSR

Transfer k + 1 into Memory Location
m as Return Address. Jump to Address contained in Location m + 1.

Shift T
Register to
Left

SHFT

Shift Contents of T Register One Bit
Position to Left. A shift is accomplished each time this command is
given.

Fig. 1 -Present Nimbus Spacecraft.

Fig. 2-Possible Nimbus Configuration Employing FACTS.

Fig. 3-FACTS Unit.

Fig. 4-Spacecraft Portion of the Flexible Automatic computer Telemetry System.

Fig. 5-Symbolic Representation of the Computer Memory.

Fig. 6-Data Flow in the FACTS Computer.

Fig. 7-Example of the “i” Sequence.

Fig. 8-Redundancy Configuration.

Fig. 9-Ground Station Portion of the Flexible Automatic
Computer Telemetry System.

CONDITIONING AND RECOVERY OF AIRCRAFT POSITION
SIGNALS THROUGH AN EXISTING DATA LINK
A. KASHAR
Kearfott Division
General Precision Aerospace
Little Falls, New Jersey

Summary A Signal Data Converter system records aircraft present po t on and altitude
data on film and also displays this data in a ground shelter, allowing for real time
surveillance by a ground observer. This is accomplished by adapting a unique digital
data transmission system to an existing infrared video data link.
Introduction The Signal Data Converter system described herein allows for real time
surveillance by a ground based observer. The system records aircraft present position
and altitude data on film and displays this data in a ground shelter. This is accomplished
by adapting a unique digital data transmission system to an existing infrared video data
link, By means of this new system the aircraft’s present position and altitude are
recorded, telemetered and displayed on the ground. Thus target coordinates can be
immediately acted upon or the filmed data can be analyzed some time later by
intelligence personnel.
This paper will concentrate on the designs that were necessary in converting the analog
input signals into digital form and setting up a time codification and sequence to allow
the use of the existing telemetry link. The only available transmission time was to be
restricted to every other blanking pulse interval. After signal conditioning in both form
and format the information is fed to the existing telemetry transmitter.
The signal recovery circuitry will also be described in detail. This signal recovery is
achieved without any additional timing commands since the system is selfsynchronizing. The ground based equipment reconverts the transmitted information into
the analog form necessary for decimal display.
Signal Data Converter System, (see figure 1) The Signal Data Converter system
receives north-south (N-S) and east-west (E-W) present position input signals from the
navigational computer, and an altitude input signal from the radar altimeter. These input
signals represent the distance of the aircraft from some known point (in kilometers) in
both the N-S and E-W directions, and the altitude of the aircraft in feet. These signals

drive N-S, E-W, and altitude counters in the airborne camera, and are converted to serialdigital form for telemetry to the ground. On the ground, this data is converted back to
parallel-analog form, and is used to drive N-S, E-W, and altitude counters in both the
ground camera and in the display panel.
Airborne Signal Data Converter (see figure 2)
(1) N-S & E-W Present Position Indicator - The N-S and E-W Present Position indicator
receives input signals from two 2speed synchro control transmitters (CX’s) in the
navigational computer. The N-S and E-W signals are fed to 2-speed synchro
transformers (CT’s). The two CT outputs are then fed to a cross-over network. When the
servo is far away from null, the output from the coarse CT is fed to the servo amplifier.
When the servo approaches null, the cross-over network switches from the coarse CT to
the fine CT. The output from the fine CT is then applied to the servo amplifier until the
servo reaches null. The output from the servo amplifiers is fed to servo motors, which in
turn drive the N-S and the E-W counters. These counters display the present position of
the aircraft in kilometers.
(2) N-S and E-W Digitizers - The present position signals from the navigational
computer are also fed to the N-S and E-W Digitizers. These digitizers contain analog
servos similar to those in the N-S & E-W Present Position Indicator, except that the
servo motors drive digital encoders instead of counters. These encoders are rotary
devices which convert an analog (shaft position) input into a digital output. The encoder
generates a 13-bit binary work which represents the shaft position of the encoder in
digital form.
(3) Altitude Converter - The CX signal from the altimeter is non-linear with respect to
altitude. Before it can be used, it must first be linearized by the Altitude Converter. The
non-linear altitude CX signal from the altimeter is fed to an analog servo in the Altitude
Converter. This analog servo drives a function potentiometer. The electrical output from
the wiper of this function pot is non-linear with respect to the rotation of its shaft. The
function of the output is the inverse of the function of the altitude signal. Thus, when the
non-linear altitude signal drives the function pot, its output is linear with respect to
altitude.
(4) Altitude Digitizer - The output from the function pot in the Altitude Converter is fed
back-to-back to a function pot in the Altitude Digitizer, which in turn produces an error
signal if the two pots are in different positions. This error signal is fed to an analog servo
which drives both a digital encoder and a CX, The digital encoder is the same as those in
the N-S and E-W Digitizers.

(5) Altitude Indicator - The altitude CX signal from the Altitude Digitizer drives an
analog servo in the Altitude Indicator. The servo positions the altitude counter, which
displays the altitude of the aircraft in feet.
(6) Servo Scanner and Transmitter (Logic Circuitry) (see figure 3) - The airborne logic
circuitry scans the three 13-bit words from the N-S, E-W, and altitude digital encoders
and converts them from the parallel-bit, serial-word form to the serial-bit, serial-word
form for telemetering to the ground. This is done as follows: The airborne logic circuitry
(figure 3) receives external 5-microsecond data timing (T) pulses every 5.5 milliseconds.
(Figure 4 illustrates all the pulses referred to in this discussion.) The data timing pulse is
fed to a one-shot multivibrator. The 25-microsecond command pulse from this one-shot
multivibrator synchronizes to the data timing pulse, resulting in a system-start pulseo
The system-start pulse has the same period as the command pulse, but is synchronized to
the internal 50-KC oscillator instead of the external data timing pulse, The system-start
pulse qualifies the count-by-14 network. This sends 14 Co pulses to the output gates for
every command pulse. The first Co pulse is a clock pulse to the output gates, the second
qualifies the 20 data bit from the parallel to serial register, the third pulse is again a clock
pulse, the fourth pulse qualifies the 21 data bit, and so forth. This sequence continues
until 7 clock pulses and 7 data bits are transmitted, This comprises the first half of a
binary word. The next data timing pulse starts the same sequence for transmission of the
remaining 6 bits of the 13-bit binary word. Besides triggering a command pulse, the
external data timing pulse drives a count-by-7 network and a scan counter. The count-by7 network’s first two one-shot multivibrators produce one 200microsecond pulse and one
I-millisecond pulse for every 7 data timing pulses. The 200-microsecond frame-start
pulse signifies the beginning of each frame of data. The 1-millisecond blanking pulse
prevents any clock or data pulses from being transmitted along with the frame-start
pulse. The data timing pulses are fed to a count-by-2 network in the scan counter. The
scan counter receives these output (X) pulses from this network and makes 4 counts in
sequence. This count of 4 comprises one frame of output. The output of the scan counter
drives a scan matrix, which selects the proper encoder to be read. The scanning sequence
is continuous and takes the following format:
W Pulse

Y Pulse

0
0
1
1

0
1
0
1

Transmit
Frame-start pulse
N-S data
E-W data
Altitude data

When an encoder is read, a positive voltage is applied to the common brush for the
scanning period of 11 milliseconds. During the scanning period, all brush outputs are fed
to the brush selection logic, which performs V-scan selection and generates a 13-bit non-

ambiguous binary word. The binary word is fed to the parallel to serial register, and then
to the output gate. The airborne logic circuitry is continuous in operation, and
synchronizes to the external data timing pulses in 30 microseconds or less.
Ground Signal Data Converter (see figure 5)
(1) Servo Selection and Controller (Logic Circuitry) (see figure 6) - The function of the
logic circuitry in the Servo Selection and Controller is to compare the N-S, E-W and
Altitude input data telemetered from the airborne encoders with the feedback data from
the ground encoders and drive the bang-bang servos until the input and feedback data are
the same. This is done as follows: The serial input data telemetered from the Airborne
Signal Data Converter is fed to a data sensor and to a pulse width detector. The data
sensor separates the clock pulses from the data pulses. The pulse width detector gives
one output pulse for every input 200-microsecond frame-start pulse. This output pulse
resets the count-by-14 network, the word counter, and the time sharing network after
each frame of data. The time sharing network receives input clock pulses from the data
sensor, and pulses from the 50KC multivibrator. The time sharing network allows the
count-by14 network to count 14 input clock pulses from the data sensor, and then 14
pulses from the 50KC multivibrator. Every output pulse from the count-by-14 network
signifies one word of data. The clock pulses from the time sharing network are fed to a
one-shot multivibrator, which in turn shifts the serial input data from the data sensor into
the input register. This converts the input data from serial-bit form to parallel-bit form.
(See figure 7 for sequence of operations.) At the same time that the input data is shifted
into the input register, the decoding matrix scans the proper feedback encoder. When all
13 bits of input data are shifted into the input register, the output from the feedback
encoder is fed to the brush selection network, and then to the feedback register. Since the
data from the feedback encoders is in parallel-bit form, it does not require shifting to be
fed into the register. After the feedback data is in the feedback register, the time sharing
network sends 14 50KC pulses to a one-shot multivibrator which in turn shifts both the
input data and the feedback data into the serial adder. The serial adder finds the
difference between the input and feedback data by adding the complement of the
feedback data to the input data. The difference is then fed back into the input register.
Thus, as the input data is leaving the input register, the difference is delayed slightly and
fed right in behind. When all the difference data is in the input register, it is then fed to
the servo drive network. The servo drive network decides which way the servo has to be
driven, and whether it should be driven at normal speed or slew speed. The output from
the servo drive network is fed to the servo control networks, which specify which servo
is to be driven. The AC control signal from the servo control network is fed to the bangbang servo, which drives the servo to null. When the servo reaches null, the input and
feedback data are the same, and no control signal is fed to the servo. The input data is
sampled every 38.5 milliseconds, and the entire sequence is repeated.

(2) N-S, E-W, and Altitude Digital to Analog Servos - These servos are commonly
called “bang-bang” servos. This is due to the fact that the input AC control signal to
these servos is either on or off. When the control signal is on, it is at either one of two
levels. The servo, when it is running, can either run in one direction (servo drive up), or
the other (servo drive down), at either speed. When the servo is sufficiently far away
from null, it is driven at high speed. When it approaches null, control is switched to low
speed. The following table shows the various inputs and the corresponding servo
response.

Except for the type of input, these “bang-bang” servos work the same way as an ordinary
analog servo. Each bang-bang servo drives an encoder and a 2-speed CX. The encoders
work the same as those in the Airborne Signal Data Converter. The 2speed CX provides
analog signals to drive the analog servos in the N-S and E-W Present Position Indicators,
and in the Altitude Indicators,

Figure 1 - Block Diagram of Signal Data Converter System

Figure 2 - Block Diagram of Airborne Signal Data Converter

Figure 3 - Airborne Logic Circuitry

Figure 4 - Timing Diagram of Airborne System

Figure 5 - Block Diagram of Ground Signal Data Converter

Figure 6 - Ground Logic Circuitry

Figure 7 - Sequence of Operations, Ground System

APPLICATION OF A DIGITAL COMPUTER TO REAL TIME
TELEMETRY SYSTEMS
GERALD O. REINEN and FRED B. COX

Introduction The majority of the real-time telemetry decommutation systems currently
in use fall into one of three categories. Each of these have advantages and disadvantages.
The first approach is illustrated in Figure Aa. For a PCM, PAM, or PDM input, the
approach consists of a primary (bit) synchronizer (signal conditioner), a frame
synchronizer, and a stored-program decommutator. A stored-program decommutator may
use either a core memory or a patchboard for the program storage. The stored-program
decommutator may be programmed by means of switches, patchboards or, more recently,
core memories. This concept was introduced when most of the data outputs were
recorded on strip-chart recorders. It has the advantage of being reasonably simple,
flexible, and fast. Today, when most of the data output is put in a digital format for
further processing by some computer, it has the disadvantage of not being able to
directly generate output tape in a gapped-computer format.
The second approach, illustrated in Figure Ab, is to replace the stored program
decommutator with a general purpose computer, This approach usually sacrifices some
of the speed of the special purpose decommutator but increases the flexibility and
application of the total station. With this approach, it is possible to produce completely
reduced data as an output. Two obvious drawbacks to this second approach are the large
investment of money and the overall complexity of the hardware and programming
system. A third operational drawback to this approach is the difficulty of determining
where the trouble lies if the reduced data output is unintelligible.
The third approach, Figure Ac, is identical to the second approach except for the addition
of a stored-program decommutator in front of the general purpose computer. This
provides the ability to reduce a few channels of data for quick-look purposes without
tying up the large computer. However, it costs even more money than the other two
approaches.
The purpose of this paper is to explore a fourth approach which appears to solve some of
the problems of the other three approaches. The solution is to use a medium size
telemetry processor to perform secondary (group) synchronizong strategy,

decommutation, and limited reduction functions without requiring the large investment
necessary for a large general purpose computer.
The Beckman 8420 Telemetry System is used as an example. The functions performed
by the “heart” of the system, the 420 Telemetry Processor is covered in detail.
General The system to be discussed in this paper was designed to take advantage of
the power and flexibility of the modern digital computer --in this case, the Beckman
Model 420 Telemetry Processor. In its fully expanded form, this system has the
capability of decommutating and processing PCM, PAM, PDM, and FM type data.
The hardware and the Processor programs are organized in a modular fashion, so that it
is possible to delete any portions not required for a particular system requirement or to
easily expand a basic system at some later time.
The main advantage realized in using a high speed computer, as the central portion of a
system of this type, is that the system operation isunder the control of the computer
program. By doing this, changes in system organization to accommodate different
formats, processes, rates, sync codes, and word length, can be accomplished by changing
the programming logic rather than having to change the system hardware wiring.
System Organization The system is organized to operate in one of six different input
modes of operation. These are as follows: ,
1.

2.

3.
4.

5.

6.

PCM. -The system accepts a PCM-bit stream (1 to 1,000,000 per second), converts
the data to a word-serial stream (4, to 12 bits per word), determines frame and
subframe syncs, and performs a decommutation operation. The data is then
normally recorded on a computer-format digital tape.
PAM. -The system accepts an analog PAM signal (10 to 100, 000 channels per
second), determines pulse and frame sync, digitizes each channel (II bits plus
sign), and decommutates the input. Normally, the data is then recorde on output
tape.
PDM. -Same as PAM except that the input is PDM.
FM. -The incoming data is normally in a frequency multiplexed form. It is
demodulated, through discriminators, and commutated to a single ADC --for
conversion to a digital format (Up to 40, 000 conversion per second). The
digitized data is then entered into the processor for decommutation and recording
on output tapes.
Merge (PAM and FM). -PAM and FM data is converted to a digital format and
merged on a single output tape. The conversion of the FM data to a digital format
is controlled by timing derived from the input PAM signal.
Merge (PDM and FM). -Same as above except for the incoming data being PDM.

The above six modes define the types of data inputs. While in any of these modes, or
while data is being played back from previously generated computer tapes, a number of
processing operations can be performed. These include:
1.
2.
3.
4.
5.

Edit. -Incoming data is inhibited, on a selective basis, from entering the Telemetry
Processor.
Sort. -Data is automatically sorted, on a per channel basis, and routed to several
areas of the processor memory.
Data Compression. -Selected channels are checked against limits, static or
dynamic, and the system output is controlled.
Quick-Look. -Selected channels are stripped out for display on decimal displays,
analog recorders, or printer.
Arithmetic Operations. -The arithmetic capability of the Telemetry Processor is
used to perform operations such as scale and offset, linearizing, etc.

Hardware Organization The general hardware organization of the system is shown in
Figure B. A specific Configuration consists of a Telemetry Processor (Model 420) and
only those peripheral subsystems necessary to perform those functions required of a
system configuration.
The 420 Telemetry Processor operates like a standard computer. It consists of a central
processor section, an I/O section, and a core memory. The memory can be of any size
from 4096 words to 32,768 words. It can be furnished with any number from one to eight
input/output channels and one to eight interrupts.
The PCM Subsystem consists of a primary (bit) synchronizer and a secondary (group)
synchronizer. The input to this system is a serial bit stream. At the interface between the
subsystem and the Telemetry Processor, the data has been converted to a word-serial
format. If the PCM input has a fixed word length, this is- established during the system
setup. If the format is such that the word length varies from word to word, a list
containing the word length definition is stored in the Telemetry
Processor memory, and a list word is extracted for each PCM input word. This list word
controls the shift register in the secondary synchronizer and determines the word length
going into the Telemetry Processor.
The FM Subsystem consists of high-level commutators and an analogto-digital
converter. The commutators accept analog voltages from the Discriminator Subsystem
and time multiplexes these into a single analogto-digital converter. The output of the
digital converter, in a word-serial format, is then transferred into the Telemetry
Processor. To provide flexibility in the sequence of digitizing the discriminator outputs,
a list containing the commutator addresses is stored in the Telemetry Processor. For

every conversion of the FM input a list word is extracted that determines which
discriminator output is to be sampled. By doing this, it is possible to establish any pattern
of commutation, super-commutation, and subcommutation required for various
frequency contents of the incoming FM data.
The PAM/PDM Subsystem basically contains a PAM synchronizer and digitizer. In the
PDM mode, a PDM-to-PAM converter is included to convert the incoming PDM data to
PAM data. This subsystem accepts the incoming telemetry data in a channel-serial
format, determines frame sync, and controls the conversion of the incoming data to a lZbit digital word, The word-serial stream from the ADC is then transferred into the
Telemetry Processor.
The Time Subsystem receives a serial-time code, either from the Analog Tape Subsystem
or in real time, and converts it to a parallel time code for entry into the Telemetry
Processor. The function of searching the time code, contained on the input tape, to
determine processing start and stop times is performed in the Telemetry Processor.
During this period, when the input tape is being searched for the start time, the processor
is relatively unloaded and, therefore, is available for sophisticated tape search routines.
These routines include such things as predicting when a start time will occur and
switching the analog tape from high-speed search to normal playback speed, thus
eliminating the reversing operation encountered in normal tape search approaches.
The Simulator Subsystem consists of a stored program simulator which can be loaded
and controlled from the Telemetry Processor. This simulator has the capability of
simulating PCM, PAM, PDM, and analog inputs.
The Analog Tape Subsystem consists of an analog tape transport that can be set up and
controlled from the Telemetry Processor.
Contained in the Discriminator Subsystems, are manual or rernotecontrolled
discriminators which can be patched, by means of the video patch bay, for different input
requirements.
The digital tape transports, for recording computer formatted data, are contained in the
Output Tape Subsystem. In most applications, only a single tape transport is required.
However, it is possible to store programs and tables on these output tapes (which
function in the same fashion as normal computer peripheral tapes). In this case, more
than one tape transport is required.
The Quick-Look Output Subsystem contains the necessary interface and conversion
equipment to provide quick-look data during reduction. This subsystem normally
contains a digital display, several digital-to-analog converters for driving strip chart

recorders or oscillographs, and, in some cases, a tape printer for checkout and quick-look
purposes.
The system set up and control, as derived from the 8421 Processor program, is
accomplished by means of the Set Up and Control Subsystem. All mode “set ups” and
remote control registers are contained in this subsystem.
Since the Telemetry Processor operates similar to a normal digital computer, it is
possible to attach other computer peripheral equipment to the telemetry system. Quite
often, it is desirable to be able to load set up and operation programs by means of
Punched cards from a standard card reader. Other peripheral equipments available
include high-speed line printers, card punches, and barg raph displays.
Program Organization The power and flexibility of a telemetry system incorporating
a processor is available because of the ability to change the system by rewriting system
programs. It is not enough to just put a digital computer into the system to realize all of
this flexibility. The programming organization and philosophy must be considered at the
initial inception of the system concept; something that is too often ignored until the
hardware organization is complete.
In the system described in this paper, the programming design was accomplished in
parallel with the hardware design. Functions that are performed once per telemetry
frame, or less often, are implemented in software, and those functions which have to be
performed more often are accomplished in hardware. For example, with a, PGM input,
the bit synchronization and frame synchronization correlation are accomplished in the
PCM Subsystem. The strategy for determining whether the system is frame synchronized
with the incoming data is implemented in the Telemetry Processor program. Since this is
done only once per frame, it is possible to incorporate very sophisticated frame
synchronization strategy without using an excessive amount of the Telemetry
Processor’s available capacity. This PCM secondary sync strategy is discussed late r.
The overall program organization is shown in Figure C. It is modular designed with each
module under control of a Telemetry Executive program, (TELEX). With this approach,
it is possible to delete routines not required in a particular operating mode. The routines
called upon by TELEX are divided into three categories: on-line (critical timing); on-line
(non-critical timing): and off-line operations.
The executive routine (TELEX) performs the function of determining whether a
particular function is to be performed and when. It is comprised of simple routing
instructions.

On-line routines involving critical timing include those required for processing of PCM,
PAM, PDM, FM, and time inputs. The routine necessary for controlling the output of
data to magnetic tapes and quick-look devices is also included. A typical on-line
processor is the PCM Processor. This includes frame and subframe sync strategy control,
decommutation, and the ability to define and call up routines to be performed on the
data. These routines might include data compression, formatting of data for output to
displays, and formatting of the data for recording on output tapes.
The on-line routines involving non-critical timing include the Set Up and Evaluate
routine (SEAL), the Tape Search, Processor, and the Process Summary.
SEAL controls the set up of hdrdware subsystems and evaluates the resulting
configuration for correctness. In the case where some of the subsystem functions are
manually set up, SEAL controls the recording of these settings.
The Tape Search Processor controls the searching of the input data for a predetermined
start time of the processing operation. The selection of the input tape speed is under
control of this processor, After a particular period of input data processing, the process
summary generates an end-of-process tabulation of such parameters as suspect-of -badframes, number of frames processed, areas of signal dropout, etc.
To aid the system user in setting up the programs for his particular process, a series of
off-line programs have been developed. A major program in this group is FORGE.
FORGE is a problem-oriented assembler that accepts input statements describing the
data format and the specific processing operations to be performed. These are
automatically translated into an operating program for TELEX. This function is
comparable to the use of an assembler to permit symbolic rather than binary machine
language programming of the general purpose digital computer.
The Executive Loader (EXEL) is also included in the off-line group of programs. EXEL
loads FORGE program tapes and other parameters into the operating program, during the
set up for a particular processing operation.
The Telemetry Simulator Translator (TEST) generates programs for the stored program
simulator. This simulator is used to rapidly checkout the operational condition of the
telemetry system and is also used during troubleshooting operations.
The final package in the off-line programs is the processor and System diagnostics
(SYSTEST). SYSTEST is a maintenance and troubleshooting aid which allows a rapid
determination of the portion of the system that is not operating correctly.

System Capability Because of the flexibility that is inherent in a system built around a
digital computer, it is difficult to fully specify the total capability of the system.
Therefore, this paper will define several applications that have been analyzed to illustrate
typical capabilities.
The first problem, sorting PCM data, is presented in detail to show the method of system
operation, and the method required to analyze the system loading. The other three
applications are presented in summary form.
APPLICATION NUMBER ONE ON-LINE SORT OF PCM DATA
General This application is basically an on-line sort of PCM data recorded on an
analog magnetic tape recorder. The sort is to be performed at an input word rate of
25,600 eight-bit words per second. Data is to be sorted into eight output buffer areas,
each buffer area connected to a digital magnetic tape for recording the data in a gapped
format.
While the data is being sorted, other functions to be performed include: tape search, data
editing, quick-look, data compression, and merging of time and fixed data. Figure I
illustrates the overall data flow.
Inputs The inputs consist of PCM data recorded on an analog tape and a time code
recorded on the same tape. The format of the PCM data is illustrated in Figure 2. It
consists of one major frame consisting of 50 minor frames. The major frame repeats once
every second and contains 25,600 eight-bit words. Each minor frame consists of 512
eight-bit words and repeats once each 20 milliseconds.
The time word consists of a standard IRIG format with 27 bits per time word. The time
words have a resolution of 1 millisecond.
Outputs The primary output consists of up to eight magnetic tapes each containing
gapped, computer-formatted digital data. Each tape contains data with record lengths of
from 1000 to 2000 characters. The output tapes contain data that has been sorted into up
to eight groups. The data may have been sorted by sample rate, transducer type,
subsystem, or any other programmed function. Figure 3 illustrates the output tape format.
Other outputs consist of a single channel display which may be operator controlled to
display any of the incoming data channels and eight Digital-to-Analog Converters for
recording selected channels of data on strip chart recorders.

System Configuration Required The system configuration used is shown in Figure 4.
The controlling portion is the Telemetry Processor. Peripheral equipments to the
processor consist of a PCM bit and frame Synchronizer, a Time-Code Translator, a DAG
and Display Subsystem, .eight Digital Tape Transports, and one Analog Tape Transport.
The Telemetry Processor required for this configuration has four standard I/O channels,
one direct memory access channel, four interrupts, and 16,384 words of memory.
The PCM Subsystem consists of a Bit Synchronizer and Frame Synchronizer.
The Time-Code Translator accepts the serial-time code from the analog tape transport
and converts it to a parallel-time code for transfer to the 4ZO. The translator has the
capability of representing time-of-year in milliseconds as an output.
The DAG and Display Subsystem consists of a DAC and Display Interface, one 3-digit
BCD digital display, and eight digital-to-analog converters.
The eight Digital Tape Transports record output data at 800 bpi or at a character rate of
120,000 characters per second (60,000 data words per second.)
The Analog Tape Transport is capable of being remotely controlled from the processor.
This includes the capability of remotely selecting the speeds.
Approach-General Figure 5 illustrates the sort operation. A list containing externally
specified buffer (ESB) addresses is stored in the processor memory. This list is
synchronized with the incoming telemetry minor frames. As each PCM word is
transferred into the processor , memory, an associated ESB address is extracted from the
list and is used to specify a set of buffer control words. Eight sets of these words are in
memory and control the storage of incoming data in the eight output buffer areas.
As each output buffer area is filled, (individual area lengths are independent of the other
output areas), the output tape associated with that particular buffer area is started. For
simplicity of organization, each output tape record contains a multiple of words
contained in the minor frames and is started only at the conclusion of a minor frame.
The functions of inputting PCM data through a normal I/O channel, outputting the ESB
address list through the direct memory access channel, and outputting data to the
magnetic tape transports consume 57.2% of the memory time on an average basis. The
remaining 42.8% of machine time is available to perform the other functions of edit, time
merge, quick-look output, sync maintenance, and data compression.

Editing of the input data consists of deleting words from the incoming PCM data. This is
accomplished with an op-code contained in the ESB address list. As each list word is
extracted to be used in controlling the routing of input PCM words, it is inspected for the
edit op-code. If this op-code exists, that word transfer to the processor is inhibited. In
this manner, an on-line editing function is accomplished an only those data words
required for further processing are entered into the processor memory.
The Time Merge consists of placing a time word from the incoming time code with each
output record. This time word can be programmed to represent the first word in the
output record or alternately can be programmed to represent the last time word in the
output record.
The Quick-Look Output consists of stripping one channel of data and presenting it to the
system operator in a decimal format. In addition, eight channels are stripped out for
conversion to an analog voltage for driving strip chart recorders.
Sync Maintenance consists of looking at the minor frame sync once per minor frame, and
determining if the PCM Subsystem is still synchronized. In the cases where
synchronization is lost, a flag is inserted in the header of all records being assembled for
recording on the output tapes. Each record is then filled out with zeros and recorded on
the output tapes. When synchronization is re-attained, a flag is inserted in all of the
record headers, signifying that this is the first record after re-synchronization, and the
normal process continues. By this, the processor guarantees that all records on the output
tapes are of the same length.
Sync Maintenance also includes the maintenance of the major frame sync. This is
accomplished by the processor program once per minor frame. At that time, the sync
word is examined, and it is determined whether the major frame is still in sync. If it is out
of sync, appropriate flags are inserted in the output records, and a similar process to the
above sync loss process is repeated.
The types of data compression include:
1.
2.
3.

High/low limit check, with data flagging for data exceeding limits.
High/low limit check, with only those data exceeding limits being recorded.
Resettable limit check, I with only those data reaching the limits being recorded.

Figure 6 illustrates this latter form of data compression. Limits are set up around a
reference point established by the data value at to. If a given period of time, in this case
represented by t0 to t1, is exceeded, the time and data are recorded, the reference is
reestablished, and a new set of limits are calculated. If the data reaches either the high- or
low-limit prior to the expiration of the pre-determined period of time, this data and time

are recorded, and the limits are re-established. This approach allows the maintenance of a
data reference, where the data is varying slowly, and more frequent recording of data is
needed during transient periods.
Approach-Programming The operation of the System is under control of programs
stored in the Telemetry Processor. The basic controlling program is the telemetry
executive program (TELEX) illustrated in Figure 7.
The first two functions performed under control of TELEX are off-line functions and are
not time critical. These consist of the set up and evaluation (SEAL) of the total system
and the start-up routines which initialize all input-output channels and connect
appropriate peripheral devices.
The next function called up by the TELEX is that of tape search. This program searches
the input analog tape at a high speed until a start time, set in by the operator during set
up, is reached. At that time, the tape speed is changed to normal playback speed. During
set up the operator has the ability to enter as many sets of start and stop times as he
wishes. When the data defined by the first set of start/stop times is processed, the next set
is used until all sets have been utilized.
After the tape search, TELEX waits for the next minor frame interrupt. At this time, the
minor frame routine is entered. This routine is illustrated in Figures 8 through 14.
After the last frame (determined by the stop time) has been processed, TELEX then goes
to the stop processor. The stop processor determines why the process was ended and
generates a process summary for the operator. This summary may include suchthings as
bit-error rates, suspect or bad frames, number of frames processed, areas of signal
dropout, etc. The stop processor also controls the operating during the period when sync
has been lost.
After the stop processor has completed its operation, TELEX then determines if there is a
new set of stop/start times for further processing. If so, TELEX branches back to the tape
search routine and repeats the above process. If not, the processing operation is stopped.
System Loading Analysis -Timing
1.

PCM Input The PCM input word rate is 25,600 words per second. Each word
takes 9.6 microseconds. The percent of available time used for PCM input is:
9. 6 x 10-6 sec/word x 25,600 words/sec 0.24486 sec/sec 24.5

2.

Time Input One complete time word (two computer words) are entered every
minor frame or once per, 20 milliseconds. This is 100 words per second.
Required capacity:
9. 6 x 10-6 sec/word x 100 words/sec = 0.00096 sec/sec – 0.1%

3.

List Output One list word (containing ESB address) is associated with every
PCM input word. Each list word (through DMA) takes 3.2 microseconds.
Required capacity:
3.2 x 10-6 sec/word x 25,600 words/sec = 0.08192 sec/sec – 8.2%

4.

Magnetic Tape Output The total output rate is approximately 52,000 char/sec,
or 26,000 words per second since there are two characters per word.
Required capacity:
9.6 x 10-6 sec/word x 26,000 words/sec = 0.2496 sec/sec – 25%

5.

Quick-Look Output In the worst case, one digital display and eight DAG are
updated every 20 milliseconds. This is a word rate of 450 words/sec.
Required capacity:
9.6 x 10-6 sec /word x 450 words /sec 0.004325 sec /sec – 0.4%

6.

Processor Operations (Performed once every 20 milliseconds)
a)

Time Processor. -This routine causes a set of time words to be entered and
checks against pre-set stop time.
Required capacity worst case :

b)

Sync Maintenance. -This routine determines if the minor frame and major
frame are still in sync.
Required capacity :

c)

Output Control. -This routine starts the output tapes if required during a
minor frame interrupt routine. Worst case is starting two outputs per frame.
Required capacity:

d)

List Update. -The list contents (ESB address) vary from minor frame to
minor frame due to subcommutation. In this problem, the average number of
ESB addresses that must be updated, is limited to 50 per minor frame.
Required capability :

e)

Data Compression. -In most tests the data being checked . against limits
falls within the limits. This requires 72. 0 microseconds per check. When
the data falls outside limits, it takes 183. 6 microseconds to re -establish
limits and prepare data for output. A reasonable average time is 83
microseconds per-channel-per-frame. For two channels per frame the
required capacity is:

f)

Quick-Look Processor. -Every minor frame it is possible to process one
channel for digital display (binary-to-BCD) and eight channels for the DAC
outputs.
Required capacity :

Summary of Timing Analysis The total loading is tabulated below:

This leaves 30% of the processing time available for other on-line functions.
System Loading Analysis -Memory Requirements
1.

Output Buffers Each output tape requires a double buffer area so that data can
be unloaded from one area while being loaded into the other area. The average
buffer length is 400 words (800 tape characters).
Required memory:
8 tapes x 2 x 400 words = 6400 words.

2.

List The list is twice the length of a minor frame.
Required memory:
2 x 512 = 1024 words.

3.

List Update The memory required to update the list is (64+words/ frame
updated) x 50 frames.
Required memory:
114 x 50 = 5700 words.

4.

Program It is estimated that the program plus associated registers are contained
in 1000 words of memory.

Summary of Memory Requirements

APPLICATION NUMBER TWO PAM (PDM) CONVERSION
General This application requires the conversion of PAM (or PDM) data to a digital
format and stripping 500/c of the input channels for recording on a computer tape. At the
same time, time and fixed data are merged with the data and two channels are displayed
on a decimal display. Figure 1 5 illustrates the part of the 8420 used for this application.
Inputs
1. PAM (or PDM)
2. Time Code
3. Fixed Inputs
Outputs
1. Tape

2. Displays
Timing Summary

40, 000 chans/sec.
100 channels per frame.
IRIG A, B, or G entered
once per frame.
Entered before process starts.

Computer-format tape containing
50 chan per input frame
(See Figure 16)
Two, three-digit decimal displays
(Updated once per second)

APPLICATION NUMBER THREE FM CONVERSION
General The input consists of forty channels of FM data, each of which is sampled and
digitized 1000 times per second. This defines a throughput rate of 40,000 words per
second. The data is to be put on computer tape in a gapped format with time and fixed
data. Two channels are stripped out, converted to BCD, and displayed. Tape search and
control are also performed. Figure 17 illustrates the part of the 8420 used for this
application.
Inputs
1. FM Data
2. Time Code
3. Fixed Data

40, 000 samples/second
IRIG A, B, or C.
(Entered every other millisecond)
Entered prior to processing

Outputs
1. Tape
2. Displays
Timing Analysis Summary

Gapped computer format
(See Figure 18)
Two, three-digit decimal displays
(Updated once per second)

APPLICATION NUMBER FOUR MERGE FM AND PDM
General The input data consists of 7200 channels per second of PDM data and 28, 800
samples per second of FM data. This is merged into a single output tape with time And
fixed data. Two channels are stripped for display on a decimal display. Figure 19
illustrates the part of the 8420 used for this application.
Inputs
1. PDM

7200 Channels per second
45 Channels per frame
2. FM
28, 800 Channels per second
3. Time
IRG A, B, or C
(Entered once per PDM frame)
4. Fixed Data Entered prior to processing
Outputs
1. Tape
2. Displays

Gapped Computer format
(See Figure 20)
Two, three-digit decimal displays
(Updated once per second)

Timing Summary

Conclusion The use of a medium size digital computer for telemetry systems offers a
good balance between capacity And investment. Data rates up to about 40,000 words per
second can easily be accommodated. Data rates up to 100,000 words per second can be
handled under certain conditions. These rates are fast enough to handle most of the
requirements now and for the next several years.
In addition, the system is extremely flexible for known requirements and is easily
modified to meet future requirements.
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ROCKET TRAJECTORY ANALYSIS FROM TELEMETERED
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Summary Double integration of the longitudinal acceleration of a sounding rocket is
useful as a simple means of determining its trajectory. Reasonably accurate altitude
calculations can be made by this method except when surface winds alter the launch
angle of the rocket. Surface wind velocity corrections can be introduced to correct
velocity and position information in the horizontal direction, but accurate wind
correction data is difficult to obtain for all rockets. A special solar aspect sensor was
designed to be used with a commercially available magnetic aspect sensor for rocket
attitude determination. This attitude data allows the longitudinal acceleration to be
broken more accurately into three vector components. A feasibility study of the aspect
system was made using three Aerobee-150 rockets. A digital computer trajectory
program was written to utilize aspect and acceleration data for trajectory analysis. It is
evident that rocket attitude data is a useful supplement to the longitudinal acceleration
data for trajectory determination. More accurate magnetic aspect data is necessary,
however, to refine the longitudinal acceleration technique.
Introduction During the past several years an unusually large amount of upper
atmospheric research has been done by means of sounding rockets, long range probes
and earth satellites. A wide variety of experiments are being performed including
measurements of the earth’s magnetic field, measurements of electron and ion density,
electron temperature, various types of spectrum analysis of radiation from the sun,
atmospheric ionization experiments and many others. Most of the upper atmosphere
experiments are borne by relatively low altitude sounding rockets such as the Aerobee,
Nike-Cajun, Astrobee-200, and Nike-Apache.
When a scientist is performing a research experiment in the upper atmosphere by means
of a sounding rocket, it is of interest to him, when reducing data, to know the altitude of
the rocket at all times during the period of the rocket flight. In some instances, especially
1
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when there are external measuring probes on the rocket, it is also important to the
experimenter to know the attitude of the rocket in its trajectory. There are many methods
for obtaining trajectory information for practically all rockets that are launched today.
Most rocket launching ranges are well equipped with various types of auxiliary
equipment, such as radar, for trajectory determination. Most of this equipment is rather
complex.
In recent years, the Research Foundation of Oklahoma State University has made
calculations of rocket trajectories that involve the time variation of rocket acceleration,
velocity, and position. These calculations have been based primarily on data obtained
from longitudinal accelerometers mounted within the rocket payload. The acceleration
information is transmitted to ground-based recording stations by means of radio
telemetry. Past efforts in rocket trajectory analysis have been limited in accuracy by the
design and calibration of the longitudinal accelerometers and the quality of the telemetry
records available for use in extracting data. Recently, a digital computer program has
been developed for calculating trajectories of multistage rockets. This computer
program, which is applicable primarily to the IBM 1410 computer, has greater versatility
than the desk calculator methods used in the past for trajectory calculations.
Historical Background Several methods have been utilized in determining the
trajectory of a sounding rocket. The most common of these is radar which is sometimes
supplemented with a beacon transponder for reinforcing the echo signal. Modern radar
equipment can skin track a rocket to ranges of 150 miles or more. The trajectory
information from radar is available immediately after the rocket flight from the plotting
board and computing equipment operated in conjunction with the radar.
Radar triangulation has been used to some extent in the past for trajectory work. This
system includes an airborne transponder which, after being interrogated from a main
interrogation transmitter, responds with a pulsed signal which is received by several
widely spaced ground receiving stations. These stations, in turn, retransmit the delayed
transponder signal back to the main interrogation station where a computer and
associated plotting boards are ready to present the rocket position da ta.
The interferometer principle is used with the airborne telemetry radio frequency signal
for trajectory analysis in some instances. Systems using this principle have two or more
ground receiving stations which are accurately surveyed with respect to each other. The
range of the rockets from the groups of receiving stations may be obtained by measuring
the phase difference of the signal at the receivers.
The Doppler principle with radio signals is used with some tracking equipment for
obtaining rocket velocity. The rocket velocity can be integrated to obtain rocket position
at any instant of time. One such system is a Doppler Velocity and Position System,
DOVAP, which uses a ground based transmitter and an airborne transponder. The

Doppler frequency shift is a function of the rocket velocity. The ground transmitting
equipment is usually located almost directly below the rocket as it progresses on the
upward leg of its trajectory.
A somewhat simple means for obtaining a rocket trajectory is by simple “free-fall” or
“vacuum” calculations during the upper portion of the trajectory where atmospheric
retardation is not appreciable. If two points, one on the up-leg and one on the down4eg
of the trajectory at the same altitude, can be determined, the remainder of the altitudetime trajectory can be calculated (11). Locating these two points is usually a difficult
problem and no method has been devised which will define accurately these points.
Some of the methods which have been used in the past are the use of ionization type
pressure measuring equipment which is capable of making measurements of minute
pressures and the use of Lyman-Alpha spectrum indications which are prominent at
discrete altitudes. Cosmic ray intensity measuring devices are also useful for defining
two equi-altitude trajectory points called the Pfotzer maxima (5).
Another simple means of obtaining trajectory information is by integrating the
acceleration data obtained from a longitudinal accelerometer mounted on a sounding
rocket. Work with accelerometers of this type for calculating rocket trajectories has been
done by Oklahoma State University for many rockets which have been launched in
recent years. A digital computer program has been written and utilized quite extensively
for trajectory calculations using acceleration data. This work has been done in
connection with a phase of a project for the United States Air Force whereby the
trajectory of a rocket can be obtained by means of the telemetry system and without the
aid of auxiliary trajectory equipment such as some of those mentioned earlier (2, 3, 4).
Most of the systems mentioned are elaborate and require the use of many personnel for
field operations and final data analysis of the rocket trajectory. They have the advantage,
however, of being quite accurate and in most cases are quite rapid in providing trajectory
information following the launching of the rocket. At an established launch site the more
elaborate equipment is always available. However, at remote launch sites an expedient
such as the “vacuum” or parabolic trajectory or the integrated accelerometer trajectory is
advantageous even though extremely accurate results are not provided.
Some of the reasons for exploiting the use of the longitudinal accelerometer method for
trajectory determination are that the equipment is light in weight, can be utilized with the
existing telemetry system, requires no auxiliary trajectory apparatus during flight, and is
reasonably accurate.
Methods For Calculating Accelerometer Trajectories From the laws of mechanics,
it is known that the time-rate of change of distance is velocity, and the time-rate of
change of velocity is acceleration. Conversely, if a variation of acceleration versus time

is integrated between time limits, velocity is obtained, and by integrating the velocity
information between the same time limits, position is obtained. This technique is utilized
by numerical methods to obtain the velocity and position of the rocket when
acceleration-time data are available. The area enclosed by an acceleration curve bounded
by two time limits gives a value of g-seconds which is equivalent to velocity at the upper
time limit. To obtain the total velocity of the rocket one must add the new velocity to the
velocity at the beginning of the period which is being integrated. A second integration
will provide a change of distance. This distance added to the value at the beginning of
the integration period gives cumulative distance for the vehicle. Because the acceleration
curves may not be expressed as continuous mathematical functions, it is not practical to
do mathematical integration using indefinite integrals. Therefore it is necessary to
integrate the area under acceleration curves by numerical techniques. Some of the earlier
methods used for integration, when making trajectory calculations with desk calculators,
have utilized the Trapezoidal rule and Simpson’s One-Third rule. When using these
integration methods with a desk calculator, it is necessary to divide the time scale over
the period being integrated into equal increments.
One of the simplest methods of numerical integration for this particular problem is the
Trapezoidal rule. Its use is based upon the fact that the area under the acceleration curve
being integrated is divided into equal increments of time. The area of a series of small
trapezoids is accumulated over a long period of time to obtain the total g-second area.
Figure 1 illustrates the development of the equations used for acceleration integration by
means of the Trapezoidal rule. It may be seen in the figure that the areas of each of the
increments include the area of the rectangle as well as the area of the small triangle
above the rectangle, both of which form the incremental trapezoid. The segment of area
is the area between to and tn which involves discrete acceleration figures between ao and
an.
A total area for the segment may be expressed as the sum of the areas of successive
trapezoids and is expressed as:
(1)
Where “a” is given in terms of g, acceleration due to gravity, and )t is the time
increment in seconds.
Simpson’s one-third rule is a more accurate process for obtaining the g-second area
under an acceleration curve. Simpson’s rule is based upon the assumption that successive
values of acceleration data lie on segments of parabolic curves while the trapezoidal rule
is based on the assumption that each data point is connected to adjacent ones by straight
lines. Simpson’s One-Third rule, as in the Trapezoidal rule, requires an equal division of

time for the segments of area being calculated. This means that the time increments, )t,
must be the same and also that an even number of acceleration values must be available
for each segment of area. The expression for Simpson’s One-Third rule is:
(2)
When acceleration information is integrated by means of these methods, the acceleration
curve is usually broken into segments which are readily identifiable by prominent
features of the curve as when using the trapezoidal rule.
Desk calculator techniques are not considered to be inaccurate as far as acceleration
integration and the determination of rocket trajectories are concerned except that human
error may be eminent in making calculations. The technique is laborious however, and
for this reason the Digital Computer trajectory routine was written as a replacement for
the earlier desk calculator methods. The computer technique allows calculation
refinements such as g re-evaluation with altitude, and the use of spherical angular
coordinates at launch rather than a vertical launch.
The trajectory program is written for the IBM 1410 Computer in FORTRAN so that it is
compatible with other types of computers. The computer program utilizes acceleration
data obtained from telemetry records. It will make trajectory calculations of acceleration,
velocity, and position in three orthogonal directions utilizing a preselected increment of
time for the atmospheric portion of the rocket flight. This portion includes all of the
thrust and the drag periods of the up-leg flight. A different increment of time, usually
larger than the first, is used for velocity and position calculations following the
atmospheric portion.
The integration method for the acceleration data does not use the Trapezoidal rule nor
Simpson’s rule as illustrated earlier but considers the accelerometer curve as a series of
small rectangles as shown in Figure 2. The acceleration is assumed to be constant from
one value of elapsed time to the next. As can be seen in the figure, the area under a rising
accelerometer curve is somewhat greater than the true area depending upon the time
increments being used while the area under the falling portion of the curve is somewhat
smaller than the true area. Thus the errors partially cancel. The program will
accommodate any number of thrust or drag periods making it useful for multi-stage
rockets.
The computer program will introduce the effects of winds as forces operating at any
given altitude and considers the winds as occupying de-finite altitude strata. The winds
have the effect of changing the elevation and azimuth angles of a rocket as measured at
the instantaneous position of the rocket in its trajectory. These wind corrections of the

elevation and azimuth angles are included when calculating the vector components of
velocity such as when rocket attitude are not available.
A least-squares-curve-fit data smoothing feature was originally included in the trajectory
program. This curve fit routine utilizes five adjacent acceleration points for calculating a
smooth curve. The mid point of this curve is the value of acceleration used in making
trajectory calculations. It was found, however, that in most cases the curve fit routine
was unnecessary because the data was smoothed at the time it was read from the
telemetry records and no improvement could be made by smoothing the data for the
computer calculations.
The computer program is also designed to re-evaluate the gravitational attraction
constant of the earth, g, as an inverse square function of the altitude of the rocket. This
re-evaluation is done with each incremental calculation of the altitude of the rocket and
each new g value introduced into the subsequent calculations (12).
There are some features to be desired in the longitudinal accelerometer technique of
determining a rocket trajectory. Even though fairly good accuracy may be obtained by
integrating the acceleration when the effective launch angle of a rocket is known, there
are no accurate means available for determining the corrections that should be made as a
result of the ground winds that change the course of the rocket immediately following
launch. When a rocket is being launched, the launcher is given an azimuth and elevation
attitude which will cause the rocket to impact at a previously determined point,
considering the effects of winds. The accelerometer trajectory technique will indicate
that the impact point is directly in alignment with the azimuth of the launcher unless
wind correction or attitude data have been introduced. Until the present time there has
been no definite scheme for providing good attitude correction that will conform to the
ground wind data. The latest method utilizes a direct alteration of the transverse velocity
components of the rocket, considering that the rocket will weather-vane into the winds
with a velocity which is a function of the winds, but the wind corrections have not been
accurate enough to indicate that the rocket trajectory will conform to the radar as far as
altitude is concerned. If one can measure the attitude of the rocket at all times during the
thrust portion of the rocket trajectory, the trajectory can be corrected so that the zenith
altitude will be more nearly correct, and the impact point will also be corrected to the
proper azimuth, which in most cases is not the same as the azimuth setting of the
launcher.
Trajectory Calculations With Digital Computer The accelerometers used for
obtaining acceleration data for the upper atmosphere sounding rockets are of the swept
resistance type in which a spring-loaded mass actuates an output pickoff. These
accelerometers are constructed in such a manner that five linear resistance elements are
wound end to end and are traversed in one sweep by the mass and pickoff wiper. The

resistance elements are electrically connected in parallel so that the voltage-acceleration
variation is presented as five linear sawtooth sweeps between zero and five volts. The
accelerometers used for Aerobee rockets, for example, are designed to give acceleration
data up to 20 g in the positive direction and 10 g in the negative direction. This is a total
of 30 g and is covered by five segments, therefore each segment covers six g
acceleration. Based on 50 turns per segment, this is 0.12 g per turn.
One of the features of this segmented type accelerometer over the conventional
accelerometer where only one segment is available is that it is self calibrating. As the
rocket acceleration transverses through the range of a segment, the output voltage
automatically shifts from five to zero volts, thereby setting the maximum and minimum
limits of the telemetry channel as far as voltage excursion is concerned.
The factory calibration of an accelerometer is not extensive enough for purposes of
accurate trajectory determination, and it is necessary to recalibrate each unit. This is done
on a centrifuge where, by means of equations of rotary motion, the acceleration as a
function of revolutions-per-second of the centrifuge is computed.
The usual type of telemetry used for data transmission from the sounding rockets with
which Oklahoma State University is associated is the FM/FM type. This system, which
operates in the vicinity of 225 megacycles, has low power transmitters which are capable
of being frequency modulated by subcarrier channel oscillators. For an accelerometer, a
subcarrier frequency in the neighborhood of three kc is quite adequate to show the
variations in the acceleration and the segmentation of the accelerometer.
It is not the purpose of this paper to discuss mechanical features of rocket flight or the
exterior ballistics of rockets. It might be mentioned, however, that rockets which are
fired with an appreciable angle of attack are subject to large stresses and bending
moments and, in some cases, are subject to breaking apart. In most cases, the rockets are
launched with a zero angle of attack where the thrust is parallel to the velocity of the
rocket. This zero angle of attack is also referred to as “zero lift” or a “gravity turn”
trajectory. Referring to Figure 3, the equations for a rocket trajectory in two dimensions
are as follows:
(3)
(4)
where F is the thrust forces and D is the atmospheric drag forces. The rocket velocity is
given by

(5)
and the elevation angle of the tangent to the flight path is
(6)
A flat non-rotating earth is assumed here. The horizontal and vertical components are
denoted by x and z respectively. Normally the equations of motion are integrated
numerically, assuming zero initial velocity and initial altitude. The equations above may
be expanded to include three dimensions, x, y, and z. It can be seen that the value, g(z),
is the gravity factor that creates the turning moment that directs the trajectory back
toward the earth (6, 10).
The numerical integration technique for the computer program is illustrated in Figure 2.
The area under the acceleration curve is considered to be the sum of small rectangles.
The acceleration is assumed to be constant from one value of time to the next, the values
being separated by the increment of time, )t t, mentioned previously. As can be seen in
Figure 2, the area of a rising acceleration curve is somewhat greater than the true area
depending upon the increments being used while the area under the falling portion of the
curve is smaller than the true area. This partially compensates for the error in total area.
Figure 4 illustrates acceleration vectors on an X, Y, Z, set of orthogonal axes. The
measured value of acceleration, am, obtained from the telemetry records is the magnitude
of the accelerometer readings in terms of feet per second per second and ax, ay, and az are
the vector components of acceleration. It can be seen that the Z component is corrected
by gh, the value of g at the concerned altitude. In analyzing the diagram of Figure 4 and
the mathematical treatment used in obtaining velocity and position results, it is assumed
that at liftoff when the launcher ceases to support the rocket and before the thrust
actually begins, the accelerometer theoretically reads zero.
During atmospheric flight the accelerometer reads the longitudinal thrust or drag from
external forces not including the action of gravity. During the “free fall” portion of the
trajectory the accelerometer reads “zero” even though the rocket is under the influence of
the force of gravity.
The magnitudes of the vector components of acceleration are:

The magnitudes of the vector components of velocity are:
(12)
(13)
The computer trajectory program is written to include the effects of winds on rocket
attitude. This is done by making a direct addition of the corrected wind velocities at
altitude to the X and Y component velocities of the rocket during thrust. Since the rocket
will vane into the wind, the horizontal velocity of the rocket will be increased in the
direction of the wind source. To be more accurate in making transverse velocity
corrections for the effects of winds, certain wind ballistic factors which vary with wind
height and type of rocket should be used. These factors are not always available,
however, the computer provides for a fixed wind modif in factor. The wind-corrected
velocities are:

The vertical component of velocity is:

and
(18)
The position components are:

From the above expressions, obtain attitude angles, E and A.

These functions are used in the next iteration as functions of the rocket attitude angles, E
and A, in spherical coordinates. The angles, E and A, can readily be obtained from these
expressions for print-out purposes.
From the equations it can be seen that when the value of measured acceleration, amp
becomes zero, as in the case of “vacuum” trajectory following rocket burnout, the rocket
is influenced only by the gravitational attraction, gh . This g-value is re-evaluated with
altitude, and this prevents the trajectory from appearing as a “true” parabola, which
would occur, depending upon the smallness of time increments being used in making the
calculations.
A simplified flow-chart for the IBM 1410 computer trajectory program is shown in
Figure 5. This flow-chart gives a general description of the computer program. The first
block of the flow-chart indicates that all input constants are to be read into the computer.
These include the spherical coordinates of the sun, the magnetic field, and the rocket
launcher as well as the time increments to be used in making calculations, the value of g
at the launch site, the radius of the earth and various factors which may be used for
correcting, or modifying the dimensional units of the data. The sun and magnetic
coordinates are necessary for attitude determination in some cases as described later. The
initializing steps of the program are used to set variables such as the rocket velocities
and positions and values of winds to zero at the outset of the program. The third block is
for reading in all of the wind data that might be used in the program. If no wind data are
available, the value of zero with an unattainable rocket altitude is read for the winds.
It has been found that attitude calculations from velocity component vectors are not
accurate during the first few seconds of rocket flight because of the method by which the
incremental velocities are calculated. For this reason, the attitude of the rocket is
established to be the same as that of the rocket launcher for the first 500 feet of altitude.
After the rocket has exceeded 500 feet of altitude, the attitude is calculated from the
velocity vectors, or attitude input data are used if these are available. It can be seen in the
flow-chart that the three blocks that are used to establish the rocket attitude are
functionally in parallel immediately before the block which is used to calculate all of the
vector components of rocket acceleration, velocity, and position. These calculations are
based on the series of equations given previously.

After a round of calculations has been made, a print-out listing is made for the time,
acceleration, velocity, and position components as well as the angular position of the
rocket from the launch site. Following the print-out the value of g, the acceleration due
to gravity, is re-evaluated in accordance with the altitude of the rocket based on the
inverse square law. An inverse-cube-law magnetic field intensity factor is also reevaluated with the rocket altitude for the next round of aspect calculations. In case the
trajectory data includes wind information, the wind strata altitudes are examined to see if
new wind strata data should be introduced to conform to the rocket altitude so that new
X and Y wind component values may be made available.
If the rocket has reached impact, which is indicated by a negative value of altitude, Z, the
machine is made to stop and the trajectory calculations are complete. If the trajectory is
not complete the acceleration data are examined to see if all significant values have been
used. If not, the program returns to “free fall” portion of the calculations where the
acceleration is considered to be zero except for the value of gh and the rocket attitude,
which is here assumed tangent to the trajectory, is determined from “gravity turn”
velocity ratio calculations. If more acceleration data are available the storage locations
for the seven values which were read in at the beginning are examined to see if all have
been used. If not, the computer program returns to a point subsequent to the read-in
block for acceleration data. If all seven values have been used, the program returns to the
beginning of the block which indicates that a new card with a set of seven acceleration
and aspect data values should be read in.
It has been found that the inclusion of wind data for adjusting the attitude of the rocket,
which is computed from vector velocity components, does not correct the trajectory so
that it will conform to the information which may be supplied by radar. It is difficult to
obtain wind data that exactly fit the actual conditions, even though a great attempt is
made to do this in most instances by the personnel who are available for impact
prediction. Most wind data are obtained by a series of balloon launchings where the
balloons are tracked either optically or by radio signals to obtain wind velocities and
directions from the surface to the desired altitude. The surface winds are most effective
immediately after rocket launch because at this time the rocket has not accumulated a
large vertical velocity as it does after several seconds of flight time. This is the reason for
having different wind ballistic factors at different altitudes. The launch attitude of the
rocket is adjusted to compensate for these low altitude winds.
Prior to launch, the attitude of the launcher is adjusted to take into account the
anticipated effects of the winds. The effective launch attitude of the rocket launcher is
the same as the setting would be if there were no winds. If these effective attitude
settings are used in the accelerometer trajectory computer program the rocket zenith and
impact point should closely approximate the actual values experienced by the rocket in
flight. These effective launch angles are not always available, however.

In equations (23) through (26), E and A are the attitude angles of the rocket in its
trajectory. They are determined from velocity ratios and are used in the subsequent
iteration.
If the true attitude of the rocket were known at the time longitudinal acceleration is used
for calculating a trajectory a more accurate trajectory analysis can be effected. This is
based on the assumption that the acceleration is along the rocket axis and that there is a
zero angle of attack. This will be more nearly true immediately after launch where the
effects of surface winds are greatest. After the rocket has achieved a large tangential
velocity in its trajectory, it is obvious that a change of attitude will not immediately
cause a corresponding change of velocity or position in the direction of the new attitude.
For example, the rocket would not perform as an automobile turning a corner but more
like a boat side-slipping in water while turning. The velocity in a certain direction which
has been accumulated prior to the time of attitude change still must be accounted for.
By having attitude data available, the trajectory of a rocket can be improved in accuracy
by using this information along with the integrated accelerometer data. A more accurate
zenith altitude can be calculated as well as a more accurate location of the impact point
for the rocket. The attitude of the rocket is also useful for many scientific investigations,
usually after burnout, when the rocket is in the higher regions of the atmosphere where
data are being taken. The utility of a useful aspect sensing system would then be twofold.
Sun-Magnetic Field Rocket Aspect System There are various types of aspect sensing
systems being used currently in work with rockets, satellites, and space probes. Some of
these systems are simple, using only the earth’s magnetic field and others are more
complicated, especially when they are used for guidance and attitude control. Some
systems use magnetic and solar sensors, magnetic and horizon sensors, earth sensors, and
various combinations of these devices (1, 8). One of the most well known types of aspect
determining devices is the gyroscope. If a gyroscope, or stable platform were used in a
rocket, attitude information would be quite accurate and would make the accelerometer
trajectory problem more straight forward. Gyroscopes such as those that are designed for
rocket installation are very expensive, and the cost would be prohibitive to use with a
system such as is proposed for this usage, where simplicity and low cost are the primary
objectives.
A very large number of sounding rockets that are used are equipped with magnetic
aspect sensors. One or more of these sensors are used for obtaining performance data
such as roll rate, angle of attack, aspect during flight, and other information. Because
these magnetic sensors are generally available in a rocket payload, it was decided to
devise a rather simple and straight forward type of solar aspect sensor which can be used
in conjunction with the magnetic aspect sensor for rocket attitude determination for
accelerometer trajectory analysis. One of the design, objectives was to devise a solar

sensor which would have aspect angular resolution greater than that presently available
with the magnetic aspect sensors and one that would occupy a small amount of space, be
light weight, and consume a minimum amount of electrical power. Solar sensors are
presently available which meet some of these requirements, but not all features are
combined in one unit.
The spherical coordinates of the sun vector can be obtained from spherical trigonometric
calculations using data from an ephemeris. The longitude and latitude of the observing
point must be known. The magnetic field vector, expressed in spherical coordinates can
be measured at the observing point by various methods.
Within certain limitations the attitude of a rocket can be determined by measuring the
angle between the rocket axis and the solar vector and the angle between the rocket axis
and the magnetic field vector. It is impossible to get a unique mathematical solution for
the rocket attitude when only one of these vector angles is known. If, for example, the
angle between the rocket axis and the solar vector is measured, it can be seen that the
rocket occupies some position around a cone with the sun vector as its axis as illustrated
in Figure 6. With only this source of information, this is all that is known about the
rocket attitude. If the angle between the rocket axis and the magnetic vector can be
measured, the rocket, as far as the magnetic field is concerned, lies somewhere on
another cone with the magnetic field vector as the axis. In order to satisfy both
conditions the rocket then must lie along a line of intersection of the two cones as shown
in Figure 6. In most cases there are two lines of intersection for the two cones. One will
represent the rocket vector, and the other is extraneous. This second intersection of the
two conical surfaces can be eliminated by knowing other facts concerning the rocket
attitude. It is possible to have only one solution such as when the cones are tangent. No
solution is obtained when the sun and magnetic vectors are coincident.
There are various methods for obtaining the solution for cone intersection such as
descriptive geometry and simultaneous algebraic solution.
A simple mathematical method for obtaining the direction of the rocket vector is by
means of direction cosines of the vectors. This method is well adapted to digital
computer programming. If a vector in XYZ space makes angles, 8 , with the X-axis, : ,
with the Y-axis and < with the Z-axis, these angles are the direction angles of the vector.
The cosine of the angles, ", $, and (, respectively are the direction cosines of the
direction angles. The sum of the squares of the direction cosines equals unity, and from
the cosine law it may be shown that the cosine of the an le between two vectors is
(27)

Consider the sun vector, S, and the magnetic vector, M, both of which have known
directions, and the unknown vector, R. The angles 8 and 6 between the rocket axis
vector, R, and the sun and magnetic vectors respectively are also known. Refer to Figure
7. The vectors may be considered to be of unit length and are expressed in terms of
direction cosines in a right hand coordinate system with the positive Y-axis to the north.
The angle between two vectors such as S and R may be expressed in terms of their
direction cosines with the X, Y, and Z axes, " , $ , and ( respectively
(28)
similarly
(29)
also
(30)
From these equations one can solve for the unknown direction cosines of the rocket
vector, "R , $R , and (R . This may be done by simultaneously solving for "R , and $R in
terms of (R and the known constant cosine terms. By rearranging equations (28) and (29)
we obtain
(31)
(32)
from which by determinants
(33)

is obtained.
(34)
(35)

also from equations (31) and (32) we obtain
(36)

(37)
(38)
By substituting these expressions for "R and $R into equation (30) a quadratic equation in
(R is obtained.
(39)

(40)

By substituting K’s for the constant terms the following equation is obtained.
(41)
which is a quadratic in (R. Using the quadratic formula, solve for (R.

(42)
This, being a quadratic equation, yields two solutions, (R1 and (R2. These can be
substituted into equations (35) and (37) to give two solutions each for " and â, hence the
two solutions for the rocket attitude are the directions cosines "R1, $R1, (R1 and "R2, $R2,
(R2 These direction cosines may readily be used to express the vectors in terms of
spherical coordinates where the rocket attitude may be expressed in terms of elevation
and azimuth angles for compatibility with the remainder of the trajectory program.

(43)
(44)
It has been found that the root resulting from the positive radical, when solving for (,
provides the proper set of direction cosines for this work. Since the rockets are launched
very nearly vertical and remain in that direction throughout the thrust period, a value of
( which approaches unity is required. The negative radical produces a direction cosine,
(, which deviates much too far from vertical to be the proper root. If conditions were
such that this criterion were not sufficient to choose the proper root, such as in the case
of a rocket not having an almost vertical attitude, then other known facts about the
attitude must be utilized.
If the magnetic field vector and the sun vector should both lie in the same vertical plane,
the determinate, D, becomes zero and there is no solution for the direction cosines for the
rocket vector using this method. If the solar vector and the magnetic vector are
coincident only one cone is defined, and the attitude is undetermined.
Solar Aspect Sensor Solar and magnetic aspect sensing devices are commercially
available. However, most solar sensors are structurally complicated and their cost
prohibits their use in many cases. In order to obtain rocket attitude data to supplement
the accelerometer data for trajectory analysis a simple solar aspect sensor was devised.
This unit together with the Schonstedt RAM-3 magnetic sensor were used with the
calculations for attitude developed earlier.
The solar unit described here uses two slits, a vertical slit called the reference slit and a
diagonal slit, used for measuring the solar vector angle. Located in back of these slits are
three silicon junction photosensors. Each of the three sensors is in view of the sun
through the diagonal slit over a specified range of solar vector angles, and only the upper
and lower sensors can view the sun through the reference slit. The point along the
diagonal slit at which the sensor and the sun are in alignment represents an angle of
rotation which is a function of the solar vector angle. If the roll rate of the rocket is
assumed to be constant then the ratio of the time between impulses from the sun through
the reference slit and the diagonal slit to the time required for a complete roll of the
rocket can be used as solar aspect data (4).
Figure 8 shows sketches of an aspect sensor unit and how each photosensor is used to
receive impulses from the sun. The total range of angles is shared by the three sensors as
shown. As the rocket rotates and the solar impulses are detected by the photosensing
devices, a transistor amplifier circuit is used to condition these signals for the telemetry
system. These signals appear on the telemetry records in the form of pulses, one pulse

being the reference pulse and the following pulse being the delayed pulse representing
the solar vector angle. The electronic circuit was devised so that the signal from the
lower and the upper sensors, which are the same ones used for the reference pulse, have
a lower voltage amplitude than the signal from the middle sensor. This facilitates
identification of the signals in order to know what range of solar angles is being
presented.
The photosensors used are Philco L4412 silicon junction devices which are encapsulated
in small glass envelopes. They are designed primarily for use in punch card reading
machines and other optical sensing devices. The response curve favors the infrared
region of the optical spectrum. The Philco L4412 sensor is a photo-voltaic device, which
generates a voltage when receiving electromagnetic radiation in the form of light. The
devices will supply 0.050 milliamperes of current into a 1000 ohm load when
illuminated from a 600 foot-candle source. Since the sun provides an intensity of
illumination of some 10,000 foot candles, there is adequate intensity for the sensors even
when the light beam is not normal to the sensitive area of the photosensor.
The electronic circuit used in conjunction with the solar aspect sensors is illustrated
schematically in Figure 9. Three silicon type 2N338 high-beta transistors are used. One
is an input amplifier for the upper and lower photosensors. Another is an amplifier for
the middle sensor, while a third transistor is a mixer-buffer which provides a signal to
the input of the FM/FM telemetry channel. The total amount of current normally required
to operate the electronics circuit is approximately 1.5 milliamperes.
Since the output data from the solar aspect sensors are in the form of pulses, it is
desirable that the center frequency of the subcarrier oscillator for the FM/FM telemetry
be as high as possible. By using a high center frequency with a wide bandwidth, one can
more faithfully preserve the rise-time characteristics of the signal pulses so that data can
be read from the telemetry records more accurately. If a signal pulse from the solar
aspect sensor unit represents one degree of rocket roll and the roll rate is two revolutions
per second, then the pulse would be approximately 1.4 milliseconds in duration. In order
to reproduce accurately the leading edge of this pulse, the subcarrier frequency should be
at least as high as 14.5 kc. There are other limitations in reading out data from the
telemetry, such as the response of the galvanometers being used in the recorder and the
recorder paper speed.
Since the first models of the solar aspect sensors were to be flown on Aerobee rockets
they were tailored for these rockets. Also since the first units were going through a
feasibility phase of their development they were designed to occupy space which was
readily available and which would require no structural modifications of the rocket. The
solar aspect sensors were designed to occupy the space behind doors which are used for
access to fuel valves and other rocket motor adjustments. The slits were cut in’ the

surface of the doors as illustrated in Figure 10. The locations of the photosensors within
the box-type enclosure behind the curved access door were arranged so that the viewing
angle to the sun would not be obscured by the tail fin which is adjacent to one side of the
door. This causes the useful rotation angle of the aspect sensor to be nonsymmetrical
with respect to the aspect sensor center line. This does not harm the design nor
performance of the device, however.
To calibrate the solar aspect sensors in terms of solar vector angles, a calibration setup
was constructed which could be used to duplicate the roll of a rocket. The calibration
device can be tilted in the presence of the sun to vary the solar vector angles. The sun
may be used as an accurately positioned source of light for use in calibrating the aspect
sensor unit. The physical location of the sun can be calculated from spherical
trigonometry by knowing the latitude and the longitude at the observing point and the
Greenwich hour angle and declination of the sun as obtained from a nautical almanac.
Magnetic Aspect Sensors The magnetic aspect sensors used for data obtained for this
project are the Schonstedt RAM-3 magnetic aspect sensors. These devices are being used
quite extensively in rocket payloads for determining roll rate, magnetic aspect, re-entry
of payload, and other information. The unit consists of an electronic compartment and a
sensing probe connected with a five-foot cable. The circuit consists basically of an input
voltage regulator and a five kilocycle oscillator which supplies a signal frequency to the
sensing probe. When the probe is under the influence of an external magnetic field, its
core becomes saturated and a second-harmonic frequency is generated. This frequency,
when phase compared with the fundamental frequency in the electronics compartment, is
used to develop a dc output voltage proportional to the strength of the magnetic field
being sensed. The polarity of the output voltage from the special phase detector depends
upon the direction of the magnetic field in the probe (9).
The largest signal voltage is developed when the direction of the magnetic field is in
alignment with the axis of the sensing probe. A reversal of the magnetic field will
produce a maximum output voltage in the opposite direction. The output connections
from the magnetic aspect sensor are arranged so that the output voltage may range
between ± 2.5 volts, or they may be arranged to give an output signal between zero and
five volts dc. The latter is the usual arrangement and makes the signal compatible with
the input circuits of most FM/FM subcarrier oscillators. The output voltage, when the
magnetic field is perpendicular to the axis of the probe, is midway between these two
extreme voltages.
The output voltage from the magnetic aspect sensor follows a cosine variation as the
probe is rotated 180 degrees in the presence of the magnetic field, moving from perfect
alignment in one direction to perfect alignment in the other direction. Factory calibration

data generally denote that the output voltage for no magnetic field, that is, when the
magnetic field is perpendicular to the probe axis, is approximately 2.4 volts.
It is known that the strength of the earth’s magnetic field approximately follows an
inverse cube law with altitude. This must be taken into account in the aspect sensor
calibration since it represents a reduction of approximately two per cent at an altitude of
140 thousand feet (7).
When a magnetic aspect sensor probe is mounted in a sounding rocket payload with its
axis parallel to the rocket axis, the output from the aspect sensor will be essentially a
constant dc level of voltage varying only by the amount that the attitude of the rocket
changes with respect to the magnetic field. As mentioned before, this voltage will, in
general, be greater or less than the midrange voltage depending upon the orientation or
the sensor, whether forward or reversed. If the magnetic aspect sensor is mounted so that
its axis is perpendicular to the axis of the rocket and the rocket is rolling, then a sine
wave voltage output will be produced as the sensor cuts the earth’s magnetic field. In
general, the transverse installation is more accurately read from the telemetry records
because a peak-to-peak voltage is available rather than a single voltage level whose
calibration might be in question.
In reading data from the magnetic aspect sensor one is not concerned with the actual
strength of the earth’s magnetic field but is concerned only with aspect. From Figure lla
it can be seen that the maximum and minimum points of the cosine curve for the
longitudinal sensor represent, magnetic aspect angles with respect to the rocket axis
which are zero and 180 degrees. The equation for the output voltage may be stated as
follows:
(45)
where P is the peak amplitude of the cosine curve and Q is the fixed dc level of the
midpoint of the cosine curve. This level would represent a magnetic vector angle of 90
degrees with respect to the rocket axis. With reference to Figure 11b, where a peak-topeak sinusoidal voltage is available to represent the spin of the rocket, the equation for
the peak-to-peak output voltage for the transverse sensor is
(46)
where M is the magnetic aspect angle with respect to the rocket axis. R is the peak-topeak amplitude of the sine wave which would occur if the rocket axis were perpendicular
to the magnetic field vector. Since the peak-to-peak amplitude follows a sinusoidal
variation as the aspect angle varies between zero and 90 degrees, it can be seen that the
peak amplitude would be exactly zero when the rocket is moving in the direction of the
magnetic vector. The amplitude constants, P and R, can be obtained by using the

boundary conditions obtained at launch. The launcher coordinates are always known,
and from these the magnetic vector angle, M, can be obtained.
As mentioned before, the values of P and R in the above equation, are modified by the
inverse cube law relative to the magnetic field, which is a function of a rocket altitude.
The magnitude of P and R are reduced by the following factor where Ro is the radius of
the earth, and h is the rocket altitude (7).
(47)
There are several factors which might alter the calibration of the magnetic aspect sensor.
The presence of metals, especially magnetic materials within the payload may sometimes
distort the magnetic field which is being sensed and cause erroneous readings. There is
also the possibility that electric currents flowing through the metal members of the
payload structure will setup fields which will disturb the calibration of the aspect sensor.
The motion of the rocket in flight can create currents flowing in the metal structure
which might cause distortion of the calibration. Calibration errors such as these are
difficult to analyze and would make a study within themselves.
It is desirable to calibrate a magnetic aspect sensor after it has been installed in the nose
cone, if possible. If the nose cone payload is not too unwieldy, this can be done by
physically positioning it so that the output of the magnetic sensor will indicate the peak
voltage values of the earth’s magnetic field. If there is any error in the calibration it will,
at least, be corrected at the peak values. The mid-point of the sine wave calibration curve
is taken to be midway between these two peak values.
The magnetic sensors installed on the rockets used in testing the aspect system for
trajectory analysis were used, in all cases, because they were already available in the
rocket payloads. Since the system was flown on the three rockets primarily as a
feasibility study for aspect devices of the type used here, there was no alternative but to
use these magnetic aspect sensing devices. Without reflection on the general utility of
the devices, it is indicated that they are the weakest link of the aspect-trajectory system.
A more desirable aspect sensor would be one which would provide more resolution in
the output voltage reading, in that only a small spread of aspect angles would be re-ad at
the output terminals. Such sensing devices have been devised and tailored especially for
rockets which maintain a predetermined magnetic aspect. In these cases, only the portion
of the cosine curve which is desired for extracting aspect data is available, and this
portion is used throughout the zero-to-five volt range of the telemetry capabilities.

Conclusion The accelerometer method for determining sounding rocket trajectories
has been used by Oklahoma State University on several rockets recently. These have
included the Aerobee, Nike-Cajun, and Astrobee-200. The greatest effort has been made
with the unmodified accelerometer data where results have been considered to be
unusually good. In many cases the altitude-time trajectory will agree with radar within an
accuracy of one or two per cent. This accuracy is largely attributed to extreme care in
calibrating the accelerometers and in extracting data from the telemetry records.
The unmodified accelerometer data produces a gravity-turn trajectory with an azimuth
direction throughout the flight the same as the direction of launch. The only thing that
can alter the trajectory is the introduction of rocket attitude data other than that caused by
gravity. Wind velocities will affect the attitude of a rocket and will, as a result, affect the
entire trajectory. Wind data has not successfully been used to improve the accuracy of
the calculations. Use of the proper ballistic factors, however, might be used to improve
the wind corrections in the computer calculations. The effective launch coordinates,
which are usually different from the true launch coordinates, will create an improvement
in trajectory accuracy. These effective launch coordinates are determined by impact
predictors from wind data and are usually available to use in the computer program.
Attitude corrections from the solar-magnetic aspect system have been used on three
Aerobee rockets to date. These three systems were used to study the feasibility of attitude
supplemented acceleration data. Various degrees of success were experienced in
improving the accuracy of the trajectory. The most significant improvement is in the
azimuth angle calculations. In one instance the impact point was improved from 26E
error to 2E error as compared with an uncorrected trajectory using the radar trajectory as
the reference. Another rocket showed an improvement from 16E error to 1E error. In the
former case the impact range was not improved while in the latter case it was improved
almost 100 per cent. No significant altitude improvement was indicated for these two
rockets. Results for the third rocket were impaired by clouds and undesirable relative
positions of the solar and magnetic vectors. Accuracy in the aspect system should be
improved considerably for further work. The magnetic system is, at present, the most
inaccurate factor. Relative directions of the solar and magnetic vectors also have a great
bearing on calculated attitude accuracy.
The accelerometer method for trajectory determination is most useful for altitude-time
calculations at present. Further work with attitude methods should improve the accuracy
to such an extent that azimuthal and range corrections in the trajectory can be made. This
refinement would also require corrections due to the effect of the rotation of the earth.
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Summary The Apollo/Saturn S-II telemetry data processing systems are described
from concept through development and fabrication. The systems are large-scale, dual
computer-controlled systems that accept PCM, PAM, PDM, FM/FM, and FM data and
are capable of processing raw data for display as time-history digital plots, tabulations,
or oscillograph recordings. Stored-program decommutators which eliminate distribution
patchboards for each data word are integrated into the system, thus, providing a flexible
means of routing data with a minimum of human error. High-speed digital
plotter/printers produce final annotated plots of selected channels for engineering
reports, Small general-purpose computers are integrated in the system to establish data
flow discipline. The computers function as an entry for operation control and for
preparation and loading information to all programmable equipment, interconnecting
digital equipment, process monitoring, and diagnostic testing of subsystem operation.
Versatility of computer or manual systems control provides an optimum telemetry data
processing environment. Advanced techniques are briefly discussed as related to these
and other telemetry data processing systems.
Introduction Early in the Apollo and Saturn S-II programs, it became apparent that
existing telemetry data processing systems were inadequate for rapid and efficient
handling of the large quantities of measurements that would have to be generated in
several different formats, Improvements in the basic concept were required, As a result
of the initial study, the following broad requirements were established:
•
•

Flexibility and speed of setup
Ease of control for recognizing and correcting data errors

•
•
•
•

Ease of selecting individual or groups of measurements for plotting and evaluation
Capability of presenting data at speeds commensurate with electronic digital
equipment
Capability of formatting data to established standards, such as IBM
Automatic control by small general-purpose computers

These requirements led to the development of telemetry data processing systems that
would effectively support development and acceptance testing, vehicle design
evaluation, and quality assurance for the Apollo and Saturn S-II programs. The systems
were established as an integrated group of telemetering subsystems, under dual computer
control.
Personnel of the Space and Information Systems Division of North American Aviation,
Inc. , devised and prepared the specifications for these systems in early 1962; fabrication
and integration was performed by Radiation, Incorporated, Installation at North
American Aviation’s Downey, California, facility began in early 1964, and both systems
were operational by August 1964. Each system is located convenient to vehicle design
engineers with a basic objective of providing processed data, in useful form, to these
engineers as soon as possible after each test. Figures 1 and 2 show overall views of the
system.
System Data Flow Test- site recorded telemetry data, in either modulated or
demodulated form, flows through the data recovery subsystem to the data reduction
subsystem. The data recovery subsystem contains the signal conditioning equipment
necessary to convert all data, regardless of initial format, to a common digital format
with the option of being re-recorded on parallel digital recorders for entry into the data
reduction subsystem. The reduction subsystem contains all processing and display
equipment for complete arithmetic linearization and conversion to engineering units of
the parallel digital data and display of these data in the form of annotated time-history
plots, tabulations, and oscillograph recordings. Figure 3 is a simple functional block
diagram of these subsystems, and Figure 4 presents a complete block diagram for the
Saturn S-II data processing system.
Linkage between the recovery and reduction subsystems is through the programmed
digital patch, a large solid-state switching matrix which permits interconnection of any
signal conditioner to any related output device. Control of this data routing patch is
accomplished by computer or operator console action, permitting extremely rapid, errorfree system setup. Display of subsystem integration is presented to the operator on the
control console as illustrated in Figure 5.

Data Recovery Subsystem This subsystem is composed of eight units, or rack groups,
performing a system logical function. These units are as follows:
•
•
•
•
•
•
•
•

RF unit
analog patch and discriminator unit
analog recorder unit
stored-program decommutator unit No. 1
stored- program decommutator unit No. 2 (Apollo system only)
PAM / PDM and A / D unit
timing unit (tape search and control unit)
digital recorder unit

Data is recovered from analog tape recordings or PCM digital tape recordings. Data
recovery has been improved by using predetection electronics to 1. 5 megacycles in
analog tape recorders. All data inputs, regardless of initial format, can be converted to a
common parallel digital format and re-recorded on one-inch magnetic tape. The parallel
digital recorders are operated at any one of seven speeds at a maximum of 120 inches per
second with a maximum packing density of 1000 bits per inch. Figure 6 shows the two
digital tape recorders included in the systems. Playback of 120 inches per second permits
word transfer rates up to 120, 000 per second. Depending upon the initial analog
recording speed, playback rate increases of up to 32 to 1 may be realized from this
intermediate recording technique. The advantage of being able to increase the playback
rate is illustrated in the next process, where it is necessary to select (decommutate) the
measurements within a given time period.
Decommutation and routing to selected outputs is accomplished by the newly developed
“stored-program decommutator.” This unit separates, through synchronization, the PCM
data into its individual channels. Desired channels are selected by stored routing
instructions. These routing instructions are stored in two memories: a 256-word prime
memory for storing prime word (non-subcommutated routing instructions) and a 1024word memory for subcommutated words. The subcommutated memory may also be used
as a prime word memory should the number of prime words exceed 256, as in the case of
Apollo checkout PCM data. Program instructions can be inserted manually under
operator control, but normally are inserted automatically from either of the systems’
computers. Data channels can be skip-edited by increments of 2, 5, 10, 20, 50, or 100
frames. Figure 7 shows the stored-program decommutator and Figure 8 shows the
instruction word formats for the memories of this unit.
Data extraction to specified intervals of time is made possible with a “tape search and
control” unit. With this unit, serial amplitude-modulated IRIG A, B, or C, as well as
AMR D1 or D5 time codes on both analog and PCM digital tapes, may be scanned to

provide motion controls for the magnetic tape units. An elapsed-time code generator
allows each data sample to be referenced to test events.
Parallel “time-of-year” data words multiplexed with data on PCM digital tape can also be
used for tape search operations. Start-stop time for searching magnetic tapes can be
under computer control or be controlled by manual switch-setting at the control console,
The digital time words from the tape search and control or time code generator are
multiplexed with data when recording on IBM tape. This capability enables the time
identity of the formatted data to be preserved for accurate off-line plotting of data versus
time. This equipment is shown in Figure 9.
Data Reduction Subsystem
following eight units:
•
•
•
•
•
•
•
•

This processing and display subsystem contains the

process controller computer
data corrector computer
format control buffer
dual tape control unit
D/A converter and oscillograph unit
plotter/printer No. 1
plotter/printer No. 2 (Apollo system only)
code converter

The data reduction subsystem receives decommutated data from the recovery subsystem
and completely processes these data into the following formats:
•
•
•
•

IBM-compatible magnetic tapes containing scaled and linearized data
Completely annotated digital plots of specific data channels versus time (this data
is in engineering units)
Oscillographic recording of selected data channels
Digital tabulations

Several of these operations may be carried on simultaneously by two, on-line, generalpurpose computers (SDS 920). One computer is used as a process controller and the
other as a data corrector. The configuration and operation of all digital systems are under
the control of the process controller, and data scaling and linearization are performed by
the data corrector. Both computers can function as a data corrector or as a process
controller.
While functioning as a process controller, the computer commands the solid-state crosspoint connections to close, which interconnects selected digital units. An extremely
flexible routing of digital data is achieved by this technique of interconnecting system

units. The computer also monitors the flow of data by means of 28 priority interrupts
applied to the computer from the subsystem units and by computer-generated sense
codes. Parity errors, sync loss, end of tape, etc. , cause interrupts which are analyzed,
allowing appropriate action. In addition, the computer diagnoses the subsystems for
preventative maintenance and malfunction isolation.
The high-speed plotter/printers provided in the systems are Hogan Faximile Corporation
machines with specially developed electronics. This equipment is shown in Figure 10.
Printing, an electrochemical process, is accomplished by 1024 styli laterally arranged
across eleven-inch translucent paper. In the plotting mode, printing is provided
horizontally on the plot for annotation of engineering units and timing. In the printing
mode, characters are rotated 90 degrees under memory control. Sixty-one characters are
provided for printing and annotation.
Plotting rates up to 1000 points per second per channel and up to 16 data channels are
available with five selectable speeds from 0. I inches per second to 10 inches per second.
The actual time of plotting a “data run” from tapes may be speeded up by factors of 100
to over “real-time” to enable data sampled at low rates during a test to be plotted quickly.
In the printing mode, tabular data can be generated at a rate of 3000 lines per minute
with up to 128 characters per line.
Advanced Techniques Additional spacecraft testing programs have resulted in new
techniques being applied to the present Apollo/Saturn S-II telemetry data processing
systems and other systems supporting these major programs.
The use of carry-on data interleavers developed by the General Electric Company for
acceptance checkout of the Apollo Command and Service Modules creates a complex
serial PCM data stream. Four Apollo PCM data formats are interleaved on a word-byword basis to form a resultant data stream of four times the original rate or 204.8 kc. The
decommutation of this data, which now contains several levels of subcommutation, has
resulted in advanced stored program decommutators such as the Radiation Incorporated
Series 540 Decommutators. Wide commutation ratios as well as multiple format storage
and processing can be handled by this equipment.
One of the most significant trends in telemetry processing is an increase of computer
automation of signal conditioners and display equipment as in the Apollo/Saturn S-II
systems.

Further current advancements in the industry include:
•
•
•

automated PCM bit and group synchronizers
switchable discriminators under computer control
automatic analog signal switching by use of crossbars

Figure 1. View of Data Processing Laboratory

Figure 2. View of Data Processing Laboratory

Figure 3. Functional Diagram - Apollo/Saturn S-II Systems

Figure 4. S-II Data Processing System Diagram

Figure 5. Control Console

Figure 6. One-Inch Digital Recording Equipment

Figure 7. Stored-Program Decommutation Equipment

Figure 8. Stored-Program Decommutator Instruction Word Format

Figure 9. Timing Equipment

Figure 10. Hogan High-Speed Plotter

AUTHOR INDEX
Busch, W. . . . . . . . . . . . . . . . . . . . . . 388
Baghdady, E. J., Dr. . . . . . . . . . 312, 496
Beanland, C. J. . . . . . . . . . . . . . . . . . . 53
Bejarano, E. . . . . . . . . . . . . . . . . . . . 372
Brothman, A. . . . . . . . . . . . . . . 143, 278
Brothman, E. H. . . . . . . . . . . . . 143, 278
Bruni, D. J. . . . . . . . . . . . . . . . . . . . . 131
Butler, D. M. . . . . . . . . . . . . . . . . . . 486
Campbell, E. B. . . . . . . . . . . . . . . . . 215
Chadwick, G. G. . . . . . . . . . . . 430, 542
Chao, S. C., Dr. . . . . . . . . . . . . . . . . 616
Cooper, O. L., Dr. . . . . . . . . . . . . . . 810
Cox, F. B. . . . . . . . . . . . . . . . . . . . . . 771
Cruickshank, W. J. . . . . . . . . . . . . . . 560
Czarcinski, E. A. . . . . . . . . . . . . . . 739
Cummings, R. G. . . . . . . . . . . . . . . . 166
D’Elio, C. . . . . . . . . . . . . . . . . . . . . . 420
Davies, R. A. . . . . . . . . . . . . . . . . . . 166
Davis, D. G. . . . . . . . . . . . . . . . . . . . 131
Digiovanni, J. J. . . . . . . . . . . . . . . . . 691
Drews, W. A. . . . . . . . . . . . . . . . . . . 591
Duncan, P. H. . . . . . . . . . . . . . . . . . . . . 9
Ely, W. . . . . . . . . . . . . . . . . . . . . . . 686
Finger, D. W. . . . . . . . . . . . . . . . . . . 699
Fjeldsteld, B. . . . . . . . . . . . . . . . . . 717
Frederickson,W. G. . . . . . . . . . . . . . 839
Gaynor, A. . . . . . . . . . . . . . . . . . . . . 388
Glass, J. C. . . . . . . . . . . . . . . . . . . . . 542
Gutwien, J. M. . . . . . . . . . . . . . . . . . 312
Halpern, P. . . . . . . . . . . . . . . . . . . . . 340
Halpern, S. J. . . . . . . . . . . . . . . 143, 278
Hanson, M. E. . . . . . . . . . . . . . . . . . 430
Hanson, W. A. . . . . . . . . . . . . . . . . . . 64
Head, L. E. . . . . . . . . . . . . . . . . . . . . 668
Herbert, W. R. . . . . . . . . . . . . . . . . . . . .
Hildner, E. . . . . . . . . . . . . . . . . 215, 349
Hill, J. E. . . . . . . . . . . . . . . . . . . . . . 542
Holt, J. C. . . . . . . . . . . . . . . . . . . . . . 334
Homola, J. A. . . . . . . . . . . . . . . . . . . 430
Horowitz, L. M . . . . . . . . . . . . 143, 278
Johnson, R. E. . . . . . . . . . . . . . . . . . . 75

Johnston, E. B., Dr. . . . . . . . . . . . . . 234
Kashar, A. . . . . . . . . . . . . . . . . . . . . 759
Knowlton, O. H. . . . . . . . . . . . . . . . 449
Ko, W. H. . . . . . . . . . . . . . . . . . . . . . 262
Langan, L. . . . . . . . . . . . . . . . . . . . . 388
Marko, A. R. . . . . . . . . . . . . . . . . . . 273
Marks, E. A. . . . . . . . . . . . . . . . . . . . . 93
Maxwell, M. S. . . . . . . . . . . . . . . . . 739
Mayo-Wells, W. J. . . . . . . . . . . . . . . 708
Miller, A. H. . . . . . . . . . . . . . . . . . . . 278
Mohnkern, G. L. . . . . . . . . . . . . . . . 180
Moore, P. D. . . . . . . . . . . . . . . . . . . . 839
Morris, V. B., Jr. . . . . . . . . . . . . . . . . 64
Murphy, R. T. . . . . . . . . . . . . . . . . . . 61
Nyre, D. L. . . . . . . . . . . . . . . . . . . . . 200
Pear, C. B. . . . . . . . . . . . . . . . . . . . . 114
Poole, J. . . . . . . . . . . . . . . . . . . . . . . 420
Ratner, V. A. . . . . . . . . . . . . . . . . . . 656
Reinen, G. O . . . . . . . . . . . . . . . . . . 771
Reiser, R. D. . . . . . . . . . . . . . . . . . . . 143
Robrock, R. B. . . . . . . . . . . . . . . . . . 262
Roche, A. O. . . . . . . . . . . . . . . . . . . 187
Rose, K. D., Dr. . . . . . . . . . . . . . . . . 245
Schoenwetter, H. K. . . . . . . . . . . . . . 158
Shollenberger, G. D. . . . . . . . . . . . . . 35
Silverman, J. R. . . . . . . . . . . . . . . . . 739
Slone, S. . . . . . . . . . . . . . . . . . . . . . . 717
Somers, G. W. . . . . . . . . . . . . . . . . . . 64
Stampfl, A. . . . . . . . . . . . . . . . . . . . . 576
Starr, J. . . . . . . . . . . . . . . . . . . . . . . . 634
Strauch, H. . . . . . . . . . . . . . . . . . . . . 102
Swanson, E. E. . . . . . . . . . . . . . . . . . 724
Swarthley, R. H. . . . . . . . . . . . . . . . . 359
Swisher, B. F. . . . . . . . . . . . . . . . . . . . 75
Thompson, R. S, . . . . . . . . . . . . . . . 668
Toney, P. A. . . . . . . . . . . . . . . . . . . . 603
Turner, L. . . . . . . . . . . . . . . . . . . . . . 527
Walter, J. M. . . . . . . . . . . . . . . . . . . 603
Walton, W. T. . . . . . . . . . . . . . . . . . 591
Welsh, L. . . . . . . . . . . . . . . . . . . . . . . 93
Wiley, J. . . . . . . . . . . . . . . . . . . . . . 388

