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EXECUTIVE, SUMMARY.

This report is the result of a comprehensive study of the require-
ments ahd alternative solutions for a signal proceséing system to
identify and measure the frequencf of up to eight ELT signals trans-
ponded through a Search and Rescue sateilite. A1l conditions of
the Statement of Work with regard to thejStudy Phase have béen.met,

including:
~ careful definition of the system requirements andiconsfraints

- survey and evaluation of possible operational techniques,Ainc1uding

analog, digital and hybrid alternatives
- development and detailed study of several promising candidate
receiver types with all analysis required to determine key system

parameters and estimate performance

- careful consideration of engineering and economic factors associated

with the implementation of the receiver

- definition of a recommended receiver system to be designed and

built in Phases 2 and 3,

The report is divided into four parts with two supporting Appendices

as follows:
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I RECEIVER SYSTEM DEFINITION
II  SYNTHESIS AND ANALYSIS OF RECEIVER SYSTEM

ITI ENGINEERING - ECONOMIC EVALUATION OF CANDIDATE RECEIVERS

IV DERENITION OF PROPOSED RECELVER

APPENDIX A ~ DESIGN OF PLL'S FOR SIGNAL ACQUISITION‘
APPENDIX B ~ DIGITAL SIGNAL PROCESSING TECHNIQUES

Part I carefully re-examines all receiver performance specifications
and the characteristics of the ELT signals themselves in order to
bound the range of reasonable solutions and in fact verify that a
solution is possible, Part I concludes that two basic receiver
systems are feasible and merit in-depth investigation., The first,
labelled Type A, employs one or more devices scanning the band and
stopping only to measure the frequency of carriers detected. Good
measurements can be sorted by software into ELT recordé unambigu-
ously using known bounds on the first and second derivative of the
ELT doppler characteristic. The second receiverlconfiguration,
labelled Type B, employs eight devices to track and measure each
ELT detected, This approach requifes more hardware and is clearly
more complex from the control standpoint, but offers a greater
ability to obtain measurements under more severe noise or inter-
ference conditions following initial detection, In neither case,

however, does the receiver attempt to verify that the sinusoid




iii

being measured is in fact :an ELT,

Given the requirements of and constraints on the receiver system
presented in Part T, Part II identifies and evaluates alternate
schemes of realizing the functienally distinct Type A:and Type B
receivers, Performance, cost, operational flexibility, and tech;
nical risk are all taken into consideration in assessing alternate

receiver designs,

Much of Part II is devoted to analysis of the detection and measure-

ment processes, key elements of any Type A or Type B receiver.
The phase locked loop (PLL) is the preferred device for bofh‘detecting

and acquiring an ELT prior to measurement, and it is desired to

1, maximise the sweep rate in the search mode while maintaining

low mis~detection and false alarm probabilities

2. minimize the acquisition time while ensuring the loop provides

sufficient noise filtering to accurately measure frequency

3. ensure the PLL can track an ELT at the maximum doppler rate

with the greatest possible noise and interference rejection

Part IT determines that a second order PLL with 100pnbandwidth
switching upon ELT detection can be designed to meet the fequire~
ments, and that two such devices operating in parallel in a Type A mode

should be able to measure the frequencies of up to 8 ELT's at 10




iv
second intervals, ‘

The rms error 1in the measured frequency is estimated under nominal
conditions, and the degrading effects of interfering carriers and
sidebands, carrier pulsing, incidental FM, and phase noise are

examined, Incidental FM’generated in some ELT transmitters ser-

iously degrades performance, PLL intervention is required to "track"
pulsed ELT's and moderate degfadation, statistical in nature, can

be expected with pulsed ELT's unless elaborate detection and measure-
ment techniques - not recommended in an initial receiver implémeﬁtation -

are employed,

Having examined in detail the fundamental signal processing elements
of the receiver - detection, tracking and frequency measurement - ‘ .
Part II considers alternative overall receivér éonfigurations. These .
are identified énd the advantages and disadvantages of‘each stated.
Section II,3,1.4 strongly recommendé on the basis of simplicity and
flexibility a receiver which employs two identical, independently |
controlled, frequency stepping ”tes£ instruments" capable of séarching
for, detecting, énd‘measuring ELT's, interfaced with a PDP-11 micro-
proqé$$6¥é Such ia recgivef,canlbe operated in either a Type A or
limiﬁéd%T?pezB§M6de with appropriate microprocessor software, and.
expansion to-a full capability Type B receiver is accomplished by
adding six more devices, (The Type B program and control interface
can be designed to accommodate this addition), . The input/output

for each test instrument is rather simple, consisting of the incoming




nolse filtered signal at appropriate centre frequéncy, aﬁ outgoing

frequency measurement, and four logical control variébles, namely:
i lock indicator status

il sfepper-csynthesizer) frequency

iii PLL loop filter bandwidth (letatés)

iv .counter start/stop command..

The critical timing parameters (sweep rate, allowed acquisition time,
and measurement period), which can only be finalized experimentally,

are under complete control of the computer and can easily be varied.

Since the signal-to-noise ratio required to achieve satiéfactory per-
formance trades off'with the allowable sweep speed, and:since neither
can be quantified exactly at this time, it is also recommended that
the instrument be able to operate with either 47 Hé steps/50 Hz pre-
detection bandwidth or 94 Hz steps/loo Hz pre-detection. bandwidth.
This requires only that two sets of band pass and PLL loop filters

be designed and built.

While priority will be given te developing a working Type A receiver,
it is clear that extending its capability to the Type B mode consists
only of developing the appropriate real time program. This task,

however, should not be underestimated,
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Part ITL of the report considers the candidate receivers from the .
standpoints of ease of implementation and hardware cost, A break-

down into major subusystems.isvgiven, design tradeoffs are identified
and quantified, and potential problem areas investigated., The

results of Part IIT reinforces the recomﬁendations of Part IT, and
concludes that the Type AB receiver is realizable within the timé

frame and budget constraints of this contract.

Part IV gives a concise specification of the Type AB receiver, and
summarizes its expected performance under a variety of input con-
ditions. This section will serve as the approved baseline as we enter

the detailed design and implementation phases.

Appendices A and B are the results of background studies commissioned.
early in Phase I to get a handle on Phase Locked Loop operation and
the availability and performance of digital processing hardware

which might find application in the Sarsat receiver.

Lists of references which proved useful over the course of the study

are also included on a chapter by chapter basis.




I. RECEIVER SYSTEM DEFINITION

I.1 Introduction

‘I"

As part of 1ts program to investigate the application of a low
orbiting satellite to assist in locating downedﬁaircraft,.the
Canadian Governﬁent‘s Department of Communications has awarded a
contract to Miller Comﬁunications to study and develop a receiver
system capable of detecting and measuring.to an accuracy of 1 Hz
the Dbppler frequencies of up to eight Emergency Locator Trans-
mitter (ELT) signals nominally sharing the same 12 kHz frequency

band, The work is to be carried out in three phases:

(i) study to survey and evaluate possible operational
techniques for ELT access recognition and signal

reduction

(i1) performance specification and detailed design for the

recelver system

(iii) breadboard design and fabrication of an approved

developmental model

The problem of multiple access by ELT's can be broken into two
parts, First, there is a requirement to continuously examine the
downlink transmission from the SARSAT satellite to monitor the

occurrence of ELT carriers. Secondly, when an ELT is found, its




carrier frequency must be measured and logged at regular intervals .
to a time~frequency accuracy of Better than +100 msec, + 1 Hz,

at an operating C/NO of 26 dB-Hz. It has been both theorétically

and experimentélly shown that this permits the position of the

downed aircraft to be determined within several miles. Several

types of candidate receivers‘have been proposed for examination,
employing one or more of the following candidate analog and digital

elements:
- swept filter or phase lock loop (PLL) detector(s)
- tracking narrow band PLL(s)
- frequency counter(s) and synthesizef(s) ‘ .
- digital hardware processing elements such as Fast Fourier
Transform (FFT), digital PLL(s), digital filter(s) and

interpolators, etc.

- microprocessor or minicomputer used for real time software

processing and data input/output.

An output record of frequency vs time is required at the completion
of each satellite pass. This record must be in machine readable

form for immediate automatic processing and/or transmission to a

remote computer facility for final position determination of.

each ELT,




’1.2

I.2

Systen- Requirements

The system requirement calls for the following basic functions:

1'

Search
betect
Measure
Identify and track

Stdre

Only functions 1 and 3 require appreciable time;2, 4, and 5 are

essentially instantaneous, although 4 and 5 may require computation time.

Information pertinent to the design and performance analysis of the

system 1is:

Up to 8 ELT signals must be simultaneously handled. These exist

~in a 12 kHz band .at an input IF frequency of 70 MHz.

Carrier frequency must be measured to a relative accuracy of

1 Hz rms and time tagged to an absolute accuracy of 100 msec.

This dual measurement must be stored for later retransmission

in machine readable form.

Each signal has a doppler shift range of +2,75 kHz.



10,

11,

12,

13.

I-4

Signals need not be resolved when within 100 Hz of each other. .

Minimum peak doppler rate is 5 Hz/sec, the maximum is 14 Hz/sec,

and the doppler rate can approach zero.
If tracking is lost, search must continue for 30 to 60 seconds.

On the average, 10 seconds between frequency readings is called

for, but these need not be synchronous.

The maximum length of a satellite pass is 1200 seconds.

The Carrier-to-Noise density ratio will exceed C/NO = 26 dB-Hz.
ELT modulation is of the "chirp" wvariety, either sinusoidal or
square wave with duty cycles between 1/3 and 1/2, and with up to

100% modulation., The sweep width is 700 Hz in a band from 300

to 1600 Hz, and the rate is between 2 and 4 times per second.

As well, the signal may be continuous, or pulsed with a minimum
"on' period of 2 complete sweeps and an off/on ratio of up to
2, limited to 4 sweeps. Thus the signal may be "on" for a

minimum of 0.5 seconds and "off'" for a maximum of 2 seconds.

.Carrier uncertainty is about +3,5 kHz and there is the possi-

bility of incidental FM modulation accompanying the chirp.

This modulation appears to be linear with an observed maximum
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peakntOHpeak deviation of 80 Hz, Phase noise +15 Hz from the
carrier has an observed 3 dB bandwidth of 4 Hz and an rms

detiation of 5°.

These requirements and signal specifications will imply fundamental
limitations on ELT receiver performance. For example, if the

C/NO of an ELT signal is such:as to require a frequency measurement
period of 1 second, then it would not be possible to meaSuré a

pulsed ELT signal with an "on" period of 0.5 seconds.

Various alternatives are available in terms of the functional
devices used, their implementation, and the overall strategy
inter-relating the several system functions. Devices available

to implement the system include:

a. filter banks,

b. swept (or stepped) filters,

c. phase locked loops,
d. counters,
e. digital and computational units,

and analog, hybrid or digital alternatives are available for the
construction of these sub-systems. The sequencing; or inter-
relafing, of the five primary system functions gives rise to
numerous possibilities. One is_the sequence ''scan and detect ELT's
across the whole band, measure, store' once every 10 secondsy

although this would mean, for example, that the scanning device



I,3

would nof be interrogated during the measurement period, and so this
is “intrinsicly inefficient. More effective methods wbuld be
"search in a swept or stepped mode, detect, measure, resume search',
or ''search in a swept or stepped mode, detect, assign measuring

device, continue search while measuring'". A single, or several

search and measuring devices could be used in each case, and so the
alternatives are numerous, particularly as each function has several

candidate devices as possibilities,

As a consequence of the multiplicity of candidate systems, the
fundamental constraints on the processes to be implemented were
determined. This resulted in the elimination of a number of
alternatives, and set the stage for a more detailed consideration

of the more promisiﬁg approaches,

Constraints on the Search Process

Initially it is assumed that the ELT signals are sinusoids; further
limitations due to the particular properties of these signals will

be introduced later.

The search process consists of identifying a possible ELT signal on
an energy or amplitude basis in a background of ambient noise.

The relevant specifications affecting this task are:

1. ELT signals separated by more than 100 Hz must be separately

measured,




2, C/No-e_zs‘dBsz,

While the bank of filters or swept filter approaches are different
in detail, and while this difference‘would be taken into account
in more detailed analysis, the same first order analysis suffices

for both,

Minimum filter bandwidth cannot exceed 100 Hz and this wduid yield
a SNR of 6 dB in the baﬁd giving marginal detection performance.
Alternatively, a 30 Hz bandwidth would yield an 11 dB SNR and ease
the detection of adjacent signals of different strengths. For |
incoherent (i.e. envelope) detection with a decision threshold

of 0,6 relative to a typical signal, false alarm an& miss prob-
abilities would both equal 0.02 compared‘to 0.18 for the 100 Hz
case (see Figures 1 and 2). Coherent detection would provide

3 dB improvement in effective signal strength.

To simultaﬁeousiy covér the 12 kHz band would require 400 filters,
or 800 to avoid a further 3 dB loss for signals located. mid-way

between filters, Alternatively, a 512 point FFT could be employed.
As noted, continuous monitoring of 100 Hz or less contiguous bands

across the full 12 kHz is unnecessary and would be costly no matter

.how implemented.(see FET processor costs at end of Appendix B).

The time required'to detect the presence of a signal however could
be taken to be the inverse of the pre-detection filter bandwidth,
or about 33 msec. for the 30 Hz filter., Alternatively, assume a

white noise background and an averaging time T; thenh at the input
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to the decision device ' . .
SNR = C_ T
No

assuming a 3 dB loss due to incoherent detection. A detection
probability of 0.98 would be achieved in about 20 msec, thus allowing
measurements to be spaced at 25 Hz if the whole 12 kHz band were
covered in 10 seconds. If, to be safer, 50 msec. or 1.5 of a time
constant were allowed per 30 Hz of bandwidth, two devices would be

needed in simultaneous operation to sweep the band,

A phase Iockedlloop performs, in effect, coherent detection, and
initial estimates, based on published experimental data, indicate
that‘a single PLL with a 20 Hz loop bandwidth could be swept across
the band in 10 seconds with about a 95% detection probability.

It would appear, then, that a single PLL could suffice for detection.

Constraints on the Measurement Process

The measurement of frequency can be achieved by narrow band filter-
ing and energy detection, or by filtering followed by cycle counting.
Relevant basic specifications are:

1. C/NO = 26 dB-Hz

2. Measurement accuracy = 1 Hz
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Assuming initial detection in a 30 Hz band defines the measurement
range, final resolution could be accomplished by a bank of some 60
one Hertz filters, each requiring about 1 second to respond, or
equivalently by a 64 point FFT with .an initial response time of
at least 1 second, (As the doppler rate can be as high as 14 Hz/sec,

these alternatives will be discarded at once,)

The direct approach by counting devices is to count cycles over a

fixed period T, and then the frequency is
£f=N

T

Two sinusoids of frequency f and f£+A differ in phase by 2mAT after

T seconds and these two signals will register the same count until

this phase exceeds 2w, Thus T must be 0.41 seconds in order to

assure an rms frequency error of 1 Hertz.

A more sophisticated technique is to measure the time required for

a specified number of cycles, N, to occur. Then, the frequency is

£=N
T

and a noiseless sine wave is measured unambiguously. 'In practice,

this will not be the case,

Signal distortion, resulting from carrier phase noise (statistical),
incidental FM (periodic) and the doppler modulation itself, intro-

duces the following rms frequency measurement errors:




I-12

n1 ' 2
1. (Afrms)phase noise = (27T) ﬁAprmS (1-exp (- (TBP) ) where
AP, and BP are the rms deviation and 3 dB bandwidths

respectively of phase noise components falling within the
iBN/Z pre~detection filter bandwidth, The l-exp(.) factor

here results from phase error correlation at start and stop

counter trigger points, and tends to 1 as T >> Bp'l.

2. (Af = CZWT)?l /ZAFS sin (m£_T) assuming the measure-

t
s

rms)FM

ment starting time is randomly phased with respect to the
chirp. AF and 2 < fé < 4 Hz are the peak deviation of the
incidental FM (here assumed sinusoidal) and chirp rate
respectively, Note that selecting T to equal an integral
number of chirp cycles theoretically removes the degrading
effect of incidental FM; however, fs is a variable not immed-

iately known to the receiver,

) = 1/]‘3.(_123?(’_50)} G;) where £(t) is

5. (Af non-linear doppler 5—7———~
t

rms

the doppler frequehcy at time t and E {.} denotes an ensemble
average over all doppler characteristics.

The rms phase error at the pre-detection filter output due to

-1/ 2

thermal noise is given by (2(8§) for § >> 1 where S/N = 26 - 10 log
N N

(BN) dB., The corresponding rms frequency measurement is then

i

(af,. o)

TmsS

(2n1) "1 /T(Ns_)“l/z (1 - exp(-TBY %))

(2n1) "1 /7(% ~1/2 if T >> Bl
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‘ The final source of error is inherent to the measuring device itself.

Evaluation of the HP model 5345A fast counter has revealed the

following types of‘'measurement error for an ideal sine wave input:
. . \

1. error uniformly distributed on + 1 nsec at both start and
stop triggering pointé (due to minimum of 2 nsec time base

interval)

2, detection phase errors uniformly and independently distributed

on + ,3% of a cycle at both start and stop trigger points,

3. relative time base error determined by 20 minute stability

of time base generator reference oscillator.

Rms values for the resulting frequency measurement errors are as

follows: | : , |
S -9 -1,
(Afrms)trigger error ~ 1+16 X 107 T 7£,
- -1
'(Afrms)phase detection error . 006T
Af = S f

time base error c

where fc is the incoming IF frequency and S is 20 minute reference

oscillator stability.
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Since the sources of errors described are statistically independent, .
the resulting rms error is simply the r.s.s. (root sum squared) of

the individual components,

Assuming the following parameter values

Ap = 4.8° (1 to 15 Hz from the carrier typical of Garret
TMS : _
ELT Spectra surveyed)
B = 2 Hz '
P 2
a(t,) = .2 Hz/sec” (worst case)
BN = 20 Hz, 30 Hz
fC = 100 kHz (worst case)
5 = 1% 107

Figure 3 plots the individual and net rms frequency measurement errors
vs measurement period, neglecting incidental FM. All except the non-
linear doppler and phase noise contributions decrease linearly with

T, phase noise is controlling for T > 0.5 seconds, and time base

error is negligible.

The pfeceding analysis presumes a sophisticated counter which measures
the time, T, required for a set number of cycles, N, but the much
simpler fixed period counter introduces the previously discussed
ambiguity in frequency. This is equal to the inverse of the measure-

ment period, but, if the frequency of the signal can be multiplied
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from £ to nf, and then measured by a fixed counter, the ambiguity
is reduced by the factor n, It is, of course, necessary to consider

accompanying signal-to-noise ratio effects,

If a PLL utilizes a counter in the feedback loop such that the input/
output frequency ratio is n, then the loop locks with an output
frequency which is n times that of the input. However, the standard
deviation in the output phase error is also increased by the factor
n, but this should not cause real difficulty. For example, the
previous analysis shows that if n=4 and the measurement period is
0,25 seconds, then the rms frequéncy error (neglecting incidental

FM) is 0.4 Hz for a 30 Hz pre-detection bandwidth,

Another approach is to twice square and filter the signal with the

result that (Davenport and Root, p. 262)

SNR out «~ 1 2 3 .-1
MR- ¥ 7 (1 + 2.5/SNR,_ + 2/SNR{_ + .5/SNR} )

While measurement error due to phase distortions is necessarily

quadrupuled whether a PLL or power law device is used, the effect of

thermal noise is quite different, In the PLL case, the net rms phase

error is multiplied by four, corresponding to an SNR degradation of
approximately 6 dB over a wide range of input SNR's, The two cas-
caded square-law devices, on the other hand, degrades the SNR by at

least 12 dB, and exhibits a sharp threshold effect,
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In all, a fixed period counter, with PLL frequency multiplication

if needed, may well be sufficient for the measurement of the ELT

carrier frequency,

The PLL required for the searching function has characteristics
reasonably similar to that needed for pre-filtering the signal

before the frequency measurement, An SNR in the loop of 3 dB would
be expected (with a 100 radians/sec w or 100 Hertz noise bandwidth),
and a resultihg mean square phase noise of 0,25 radians squared,

This would not be troublesome if the measurement pefiod were ﬁuch
less than 60 mséc; nor would it be troublesome if the period.wefe
long, say several seconds.. The mean time between cycle slips would
be 6 seconds, the number of cycles slipped would average 1.5, and

the frequency measurement specification would be met. ‘Alternatively,
to shorten the frequency measurement period to less than a second,
the PLL bandwidth could be changed following ELT detectibn, or

another loop could be utilized.

Effects of ELT Modulation

I.5.1 Up-Link Doppler

As the tracking error at the maximum dopplér rate of 14 Hz/sec for a
PLL with a 16 Hertz loop bandwidth would be 0.5 degrees, and this
varies inversely as the square of the bandwidth, doppler does not
set difficult design criteria on any phase iocked loops used in the
system, However, as mentioned, the doppler rate does preclude use

of a filter bank to measure frequency within 1 hertz, simply because
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the frequency will have traversed at least 14 Hz in the time

required for the measurement,

Since carrier frequency is changing with time, and since an appre-
ciable time is required for the measurement, there is a question of
just when the "instantaneous frequency'" of the carrier is measured.
To resolve this question, take the signal being measured to be

A sin ¢ (t)

and the measurement period to be from t = 0 to t = T, Represent.

B(E) = 6o+ gqt o, v ggtS 4 L

so that the instantaneous frequency expanded in a Taylor series

about t = 0 is

£(t) =1 dp (t) = 1 [9; + 205t + 39,7 + ....]
2T dt 2T
- | ,
= [y £yt e £yt e ] | .
where f. = 1_ df*(0)
il i

att

In the measurement period T, the number of phase resolutions will be

%__[¢1T ¥ ¢2T2 ' ¢3T3 o
™

and this divided by T will be the measured frequency

f = fo + fl T + fZ T + ...

2 3
The difference between the measured frequency and the instantaneous

frequency at t = T is then

£ - £(T/2) = £, T2 + ... ‘
12 o

Should the change of frequency be linear i.e. fi = 0 for i > 2, the

measured frequency is that at t = T, and compensation for the measure-
2 .
ment period is simple. Otherwise more complex correction is necessary.
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Preliminary study of typical ELT data suggests a. maximum doppler

‘ . second derivative of about 0,2 Hz/s'ecz which gives corrections:

Measurement Time Maximum »
Frequency Correction

(sec) : (Hertz)
10 4
1 0.04
0.1 ’ 0.0004

This indicates that if the measurement time is of the order of 1

second or less, the linear correction is sufficient,

'I 5,2 Chirp Modulation

As indicated in the Request for Proposal, ELT signals have from
33% to 45% of their power in the modulation first sidebands, and

.up to 22.5% and 4.5% respectively in the second and third sidebands.

The first sideband power is distributed reasdﬁably uniformiy over
700 Hz ranges beginning at least + 300 Hz from the carrier, and so
detection and measurement of an ELT 1is not‘disturbed by its own
sidebands. The carrier—to—sﬁectral density of the sidebandé for

100% sinusoidal, 100% rectangular - 33 1/3% duty cycle AM modulations

and equal ELT carrier levels are indicated below
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Modulation | | C/Io(dB*HZ) ‘

1s't harmonic 2'nd harmonic Srrdvharmonic"

. 100% sinusoidal 34,5 ' X X

100% rectangular, 32,4 X 55,6

50% duty cycle

100% rectangular, . 30,2 39,2 : ' 48,0
33 1/3% duty cycle |

The maximum spectral density of a sideband.is 4.2 dB below the am-

bient noise, and so on an average power basis the modulation will not .
greatly interfere with ELT detection. Viewed in an alternate fashion, -
the instantaneous frequency of a first sideband is changing at least

at the rate of 1400 Hz/sec. Thus a sideband signal'spends some 21

msec or 4,2% of its time within the bandwidth of a 30 Hz filter with

a time constant of 33 msec. This is sufficiently 1ong to cause a
fesponse, but this response would peak roughly 9 dB below carrler

level (equal ELT's assumed), be present for about 50 msec (10% of tlme)
and degiade the false'alarm probability to only‘abnut.:ib for an
incoherent detection threshold of .6 x signél amplitude. This could

be reduced substantially by use of a more sophisticated detection device:

The following table gives the probability that one or more first

sidebands will fall within +15 Hz of a wanted ELT assuming independent ‘I’
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and uniform distribﬁtions of ELT frequencies across the 12 kHz
band, Note that the probability of more than one interfering side-

band falling on an ELT is normally very small,

Number of-  Probability of first sideband interference

ELT's Present  sweeping within 15 Hz of an ELT carrier

1 ‘interferer 2 interferers = 3 interferers®

1 0 0 0
é 117 I 0
3 ,229 L0049 0
4 .336 0146 jv,ooo4
5 548 ‘ .0353 ~.0016

The probability that an ELT i§"subject teo sideband interferenée, at any
instant of time is obtained by multiplying these numbers,ﬁy .1,which is the.
fraction of time interfering power due to a sideband sweéping back and
forth across an ELT is actually present at the output“of,the pre-detec-
tion filter.~~©n-£he.other hand, the numbers in the table 3are clearly:

optimistic- due to the assumptiontof a ﬁniform probability distribution

of ELT's across the 12 kHz band.

~ % In this case the likelihood of direct interference between two
of the sideband producing ELT's is also high.
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Another possible difficulty occurs if the sideband of one ELT ‘
signal makes the measurement of another signal more difficult,
However, if the amplitude of this interférence is less than that'of
the signal being measured, and if the interference sweeps the entire

. pre~detection bandwidth an integral number of times during the measure -
ment period, the net effect on a fixed period counter with an ideal
pre-filter would be zero as the lengthening and shortening of the
Aperibds between zero crossings would cancel. Only if the sweep
began or ended within the measurement band would there be a net effect,
and this would occur with a probability.

P =2 <3‘o>= 0,086
700,

for a 30 Hz pre-filter, The level of the interference at the filter ’
output has previously been calculated to be at least 9 dB bélow the
carrier level or only 2 dB above the noise. Consequently, this event
even when it doesAoccur,willvnot cause appreciable error if the

wanted and interfering ELT signals are of comparable amplitude.
I.5.3 Pulsed ELT's

Further potential difficulty arises if the ELT signal is pulsed.

Such a signal could be "on'" for as little as 0.5 seconds and "off"

at least 2.0 seconds. The existence of such signals sets a premium

on the time available for measurement. Were the measurement period

more than a second, many signals could be lost due to inadequate
opportunity for measurement. If a measurement period of 0.25 ‘
seconds is chosen, the probability that a 0.5 second '"on'" ELT can

be measured during the "on'" interval in which it is detected is
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not more than 0,5, For various '"on" times T _, this probability

. varies as follows:
Ton o Prob, of incomplete.
(seconds) . measurement
i
0.5 < 0.5
1.0 < 0,25
2.0 < 0,13
3.0 < 0,08

There may be no simple Way of overcoming this, and so it is to be
expected that pulsed ELT signals will be measured and tracked 1e$s
. effectively than continuous signals. Certainly it will be necessary

to continuously confirm signal presence during frequency measurement.
1.5,4 Incidental EM

The carrier may also be subject to incidental FM modulation which

will be assumed to be periodic at the modulation'sweep rate. Short
interval frequency measurements would be ambiguous over the range
(~AF, AF) where AF is the peak incidental FM deviatioh; successive
randomly phased frequency measurements would therefore be subject

fo this range of relative error. If the incidental FM is apﬁroximately

linear and can be tracked without distortion by the measufing device

pre-filter,the frequency measured would be the average over the

‘ measurement interval, Taking that interval to be

T=(N+*a)t
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where N is an integer, a<l, and .25 < 1 < .5 is the sweep period, .

the variation in measured frequency 1is

a(l-a) AF
2N

which has a maximum of‘é%, To hold this within one Hertz requires
8

N > AF
g

As pulsed ELT's with 2 sweeps '"on'" would be limited to N=1, it would

be necessary that
AF < 8 Hz, | ®

otherwise the specification could not be met without elaborate,

and perhaps impractical schemes, e.gs. chirp synchronous measurement,
estimation and post-measurement‘compensation etc. Study of a
specific ELT signal indicated a AF of about 37 Hz, and the ines-
capable conclusion is that very degraded system performance will be

inevitable with some ELT's,

Figures 4 and 5 plot the frequency error due to sinusoidal and linear
incidental FM  when time base measuring and cycle counting in a
fixed period counters respectively are used. Note that given its

initial 2w measurement'ambiguity, the simple (fixed period) counter
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is somewhat less sensitive than the time base measuring counter

to additional degradation due to signal distortion.

Interferénte\fffettS‘of'ELT‘Carriers Beyond 100 Hz Separation

This occurance can be modelled worst case by considering the effect
of an interfering sinusoid on a single period T measurement where

the estimate of frequency is

r-alls—‘

Here a phase change caused by an additive sinusoidal interferer

Af Hz from the wanted sinusoid is

o < 2 é£.<%sl/2

f
where S/I is the signal-to-interference power ratio at the output

of the pre-detection filter. A phase change ¢ corresponds to a

period change of ¢ and a frequency change of ¢ , so the specifi-

2mf 2mT
cation is met if

s > (AD)?
S |

If the wanted and unfiltered interfering ELT's have equal amplitudes

and the pre-detection filter has a normalized amplitude characteric

o (Af), then we need

(Af) < 1
* iF
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and for Af > 100 Hz this is met by a three pole filter with a band- .
width of 30 Hz, | -

Thus, even the most disturbance sensitive frequency measurement
technique does not require extraordinary pre-filters., For the 1

second counting method, a single pole filter suffices,

Control of Receivier Processing
In order to detect the occurence of ELT's, perform the required
frequency measurements about every 10 seconds, and store the data
in individual ELT logical fields, the following control processing
is required.

Identification and Tracking
This is a single process and there are two basic approaches:

1.  continuously track the ELT signal with a phase locked loop

2. measure each signal as detected and identify by extrapolation

from previous measurements,

In each case no ELT signal would be identified as such until tracked

over 30 seconds, nor declared '"ended" until lost for over 30 seconds.
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In the continuously tracking system, the detection device would have
to be commanded to ignore signals which were already being tracked.
As lock will be broken when ELT signals arejpulsed, or approach
“within 100 Hz, an extrapolation system will be required for this

method just as for the other,

Extrapolation can be accomplished by making

the estimate of the signal frequency at the next sampl}ng"instant.
.This assumes periodic samplihg and may have to be slightiy mbdified
for natural sampling. A survey of ELT records suggest that the

next measurement would be within 25 Hz of.this estimate, Thus signals
separated by 100 Hz would not be confused, even over a 30 second
period. An appropriate algorithm will have to be defined to identify
and track distinct ELT's (continuously tracking system only), and

initiate and terminate ELT records.
Signal Acquisition and Measurement Strategy

Previous analysis suggest that one or two detection filters be

used to cover the band, rather than a baﬁk of filters performing
simultaneous detection, The filters could be in adjacent bands and
stepped as a pailr through the 12 kHz band in 10 seconds, éeparated
by -6 kHz and swept (in 20 seconds) over the band, or each swept over

a disjoint 6 kHz band in 10 seconds., In each case, all continuous
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ELT signals present will be detected within 10 seconds with prob-
ability greater than 0.95.. For a pulséd ELT with a two to one off/on.'.
ratio, the detection probabilify would.be about .0.32 in 10 seconds,

0.54 in 20 seconds, 0.68 in 30 secénds 0.78 in 40‘secoﬂds, and so on,
assuming that the pulsing and scanning were not‘synchronous, (If

they were, the deéection_probability would remain at 0{32). ~In any

situation, the missed detection probability can be improved by using

more filters scanning at a lower sweep rate,

The simplest approach to acquisition and measurement is. to have a

number of devices‘capable of both these functionSVSWeeping acréss

the 12 kHz band. Were one of these devices to detéctva signa1, it

would cease sweeping and measure the'signal-fréquency; Once that

was f‘inished‘, sweepihg would commence again, Were‘ea‘ch device ' | | .
operating completely asynchronously,.their diStribption in,time%'
frequency would be difficult to predict and undesirable distfibufion§

of measurements in time and frequency coﬁld occur, A.siﬁple solutiqn
for this problem is to stop all sweeping while any device is making

a measurement, This would enéure the uniform spacing of the devices

in frequency,

In fact, one such device could handle up fov8 ELT signals in 10
seconds by éweeping the band in 6 seconds and using up to 8 X 0.5
seconds for measurement. That assumes a PLL as the detection filter,
a 0;50 second frequency measurement interval, and yields a detection
probability of around 90%. Two or more devices would yield higher

detection probabilities or longer measurement periods, This is a .




viable approach and will be referred to as Option A. Note that the

same device would be used for both signal deteétidn and freqﬁency
measurement; fhat each deVice shouldl§Weep_the lZ_kHi”band.iﬁ 20
seconds, and be spaced at 6 kHz, if'twb were usedﬁzéﬁd'that, if more
than one is used,'fixed bandwidth filtefs may be possible as an |

alternative to PLL's,

Other arrangements are available which would allow simultaneous
search and measurement in such a system but at the cost of much
additional complication and to no advantage. These alternatives

will not be investigated further.

In the above approach,-iaentification and trackiﬁg'ﬁould be ac-
complished by exfrapolation using frequency samplés‘gﬁaced about

10 seconds apart. A distinctly different alternafiQe is to con-i
tinuously track each detected ELT signal with a PLL. ln this
option, a signal detection device would be swepﬁ'éérdés fhe band
(in 10, or perhaps more, seconds) and upon'détection of a new

ELT a PLL would be assigned to track ,that.Signal. Fréquency_
measurements would be periodi;élly obtained from the PLL‘output.
Alternatively, if the PLL were used in both signal acquisition and.
tracking, a new PLL could bé assigned to the seéfch‘once'the cﬁr— |
rently sweeping PLL had locked to an ELT signal. Wﬁile this
approach is intrinsically more complex than OptidnjA; it may offer -

some perfofmance advantages.and so will be designatedlas‘Option B.
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7.3

Software‘Element

The two basic types of receivers :can functionally be broken into

distinct parts, as shown in Figure 6, In its simplest form, the

software/storage element of the Type A receiver ”pass1vely” accepts

in serial form successive measurements of frequency as they are "
completed The correct time tag for .each measurement can be- eas1ly

derived from the computer clock using “the relation

i

time tag = midepoint of measurement interval

12

computer time on receipt of'sample

A

1/2 measurement périod - constant delay (if any)

The software must sort incomlng (time, frequency) samples 1nto
appropriate ELT records, Extrapolatlon from prev1ous measurements

and limits on the maximum doppler rate of change and second derivative

can be used to define admissable regions of successive ELT measure-

ments = overlapping decision regions can be bisected'and samples
falling out of admissable regions flagged as poss1ble new ELT's. A
suitable algorlthm for 1n1t1at1ng new and termlnatlng old ELT records
must be determined. After a satellite pass some apparently bad
(time, frequency) samples may be retained, if_deslred, in a -"mixed

bag' data file,

Unlike the Type B case, control feedback from the_software/storage
element to the signal processing element is not essential to the

Type A concept. Type A is therefore not'only_functionally'simpler,
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it permits largely parallel and independent development of the two ’

constituent subn~systems,

In the Type B receiver, the computer element will have to exert some
control over the assigning, sweeping and disengagement of 8 PLL'S,

and the start/stop, assignment/disengagement, and interrogation of
measuring device(s), If the measuring . dev1ce($) are not under
computer control, e,g. free-running, a variable delay between the mld—
point of a measurement period and the inStant the freqUency sample
arrives at the computer may be present in Wthh case external time
tagging is required. This is aV01ded if the computer commands
measurement start/stop, which also permlts'the computer clock to be
used as the time-base for a fixed period‘coupter end;,if desired,
facilitates the switching and'time—sharing of,' a common’ méasu,ring de—' .

vice among several tracking devices,

For the Type A receiver, simple computef eontrol of'the'sweep apd
measurement taking devices may prove advantageous if this does not
add greatly to the overhead time. However, it is clear that much
more signal processor/software element interaction will be essential

to the Type B receiver than in the Type A case.

Realizable performance advantages of the Type B, if any, lie in one

or more of the following categories:

- regular measurement of pulsed ELT's following initial detection.
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- measurement and correct identification of 2 previouSly detécted

ELT's now separated by less than 100 Hz

- improved frequency measurement accuracy in non-stationary S/N -

environment by repeated or selective measurement taking.,

Recommendations

It is recommended that the systems designated as Option A and
Option B be further investigated. This will first involve decisions
regarding the various alternative approachés~s£ill open within the

scope of the two systems which will result in at least two receiver

structures to be‘further analysed. "Detailed calculéﬁions"df

expected performance will be made, aldng with enginéering‘and

economi¢c estimates of analog, hybrid and digital impleméntations.
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Introduction

Given the requirements of and constraints on the receiver system
presented in Part I, it i1s necessary to identify and evaluate

alternate means of realizing the functionally distinct TYpe A

.and Type B receivers. Performance, Cdst.and risk factors will

be taken into consideration in assessing alternate receiver

designs,

It is required to establish the pafametéré and détermine the'
performance of candidate'receifers in a.more'EXact fashion»than
that employed in Part I to bound the problem. Part II'anaiyzes
the constituent elements of either Type A br Typé B recéiVef,

and arrives at a total of ten possible basic approaches consisting

of combinations of the following:

- Type A or Type B

- search and frequency measurement performéd.by a PLL having a
bandpass filter preceding the phase detector and continuéﬁsly
swept over 12 kHz, or by a stepped programable frequency synfhe-
sizer beating the signal into a bandpass filter followed.by a
PLL. | |
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~ frequency measﬁrement.of the signal detected by PLL performed using _
a fixed period counter at the VCO output, or by a digitally con-
trolled fine step (< 1 Hz) synthesizer replacing the VCO, or
by direct measurement of VCO input (with the steppéd sweep method

only),

The functional devices involved will be suitably interfaced with
and controlled by a PDP~11/03 microprocessor. All cases involve
coherent detection of an ELT and reduction of the PLL loop filter

bandwidth prior to frequency measurement.

Part III evaluates the candidate receivers from the practical design
tradeoff, ease of implementation, capital cost and schedule stand-
points, Part IV summarizes the results of the Study Phase, and .

recommends a single design approach.

Phase Lock Loop Analysis

More in-depth analysis of the detection and measurement processes,
key elements of any Type A or Type B receiver is required. The

combinations are as follows:

Detection - swept PLL (coherent)

~ swept filter (non-coherent)

1

Measurement analog PLL with counter
- hybrid PLL without counter .

-~ analog PLL and measurement of VCO output
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It is clear from Part I that the PLL offers both faster sweeping‘
and a lower probability of failing to detect the 31gna1 than the

swept filter, and therefore gives better performance as the de-

tection device. In any event, system c0nstraints.dictate that a

PLL must be used to filter the sigﬁal‘prior‘to measurement ) A
detailed study of the’ performance and tradeoffs assoc1ated with the

design of Phase Locked Loops is therefore Justifled at this point.

Appendix A to this'report examines quahtitafiveiy the behaviour and
application of PLL's in signal detection. Results from that appendix

have been applied in the following dichsSiom which addresses prob- o
lems in detecting and locking to an ELf signal ihﬂanfenVironment of

background noise and other ELT signals.

1 System Constraints

The carrier power-to-noise spectral density ratio is at least 26
dB-Hz and this value will be used in estimating (in a worst case
sense) the performance of the system,

The noise is taken to be uniformly distributed over the band which |
is 12 kHz in width. The signal-to-noise ratio of the carrier in

a band of @ Hz is then |

SNR = 26 ~ 10 log © dB

which yields
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Filter Noise . '
Bandwidth SNR g
Hz dB

12,000 | -14,8
1,000 | - 4,0
100 + 6,0
50 9.0
30 - ' , 11.2
10 16,0
5 19,0
1 26.0

In order that the characteristics of the PLL not depend on the
amplitude of the ELT signal, it would be desirable that the band- .
width of the "IF filter" preceding the PLL be no more than 200 Hz \
which would yield an output SNR of +3 dB.

Were a single detection device to be used to cover the 12 kHz band in
10 seconds, an ELT signal would be in the bandwidth of a 200 Hz IF
filter 167 milliseconds, and the filter would have a 'response time"
of 5 milliseconds, Thus, there would be ample time for the filter

to respond. Were a 100 Hz filter used, the time would be 84 msec, and
10 msec. respectively and again there would be no problem with

response time.

Several alternative methods for acquisition, tracking and measurement
are possible, but in general the.sequence of operations in time- ' '

frequency would be as shown in the following diagram:
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sweePng AT 1200 HZ|SEC OR 600 HZJSEC.
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C PR eoex | serres. :
|
1
]

CONTINUE Ssweep

~
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and a critical requirement on the PLL is its capability to track
the doppler. The steady state tracking error for the second order -

loop best able to track a frequency ramp is

where ﬂe is in radians, R is the doppler rate in radians/sec, and W,

is the loop natural frequency in radians/sec. This yields errors:

Loop Natural Tracking Error
Frequency
Hertz ) Degrees
100 | 0.013
16 0.50
5 5.1
1 128
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for the maximum doppler rate of 14 Hz/sec, Clearly the minimum .

natural frequency is a few Hertz, which limits the maximum SNR from

the loop.

To estimate this maximum, the noise in the loop will be reviewed
again, For comparable results 1t will be assumed that the natural
frequencyAwn in radians/second is numerically equal to the PLL

noise bandwidth in Hertz, and this yields the following loop SNR's:

Natural Frequency SNR
Hertz dB
16 6.0
5 11.0
1 18.0 “.
0.3 23.3
0.1 28.0

It would appear that an SNR in excess of 10 dB, but less than 18 dB,

is to be expected.

The question of acquisition time also requires more detailed consideration.
If lock is identified by synchronous detection, then the time con-

stant of the detection system will determine how quickly lock can be
determined, The minimum time is influenced by the signal to noise

ratio, but the tracking rate and the settling ﬁime are also relevant,

as the previous diagram shows.
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‘II.Z.Z The Process of Lock Acquisition
Two major approaches for acquiring lock are available, In the sweeping
method, the incoming signal is mixed with a reference sinusoid whose
frequency 1s linearly swept, continuousiy.or in fine steps, across the
12 kHz range. The stepping approach calié for the frequency_of'fhe
reference to be~movéd across that same range in‘cbarseistébs which
are, however, notvso large that "instantaneous" lock is precluded.
In both cases, when lock is détected the stepping or sweeping process'

is ha;ted.

In this anaiysis, certéin basic facts may be'taken to appiy. The

PLL will be of second order with an input whiéh is aA”ﬁoiéy sinusoid”,
. . i,e, a sine wave plus lower pc;.wer, narrow.baﬁ_d (i.OO_Hz)' nQise., w~hen.

an ELT carrier is present, This carrier will exhibif a linear ddppler

shift ranging from 0 to 14 Hz/sec, and the.sweepArate will be lzgg

.Hz/sec. where N is the number ofldetection devices being used (SSY.:  

1,2, or 4),

The detailed processes of acquisition require_complicated analysié
which has only been successful in restrictédlcircumstances. Fortunately
this detail is not needed here where we shall be guided by a few basic
concépts. First, if the frequency deviation, Aw, between‘thé PLL

input (psuedo) sinusoid and the VCO output.is considerably greater

in magnitude than the loop natural frequency, LA then lock will be
acquired only gradually.' The time required for this ”ﬁatural”'ac—

. quisition is given approximately by:'
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where ¢ is the loop damping ratio and the loop has.high gain, There
is an upper limit on Aw which will not be of importance here, but a
loweér limit exists which is very significant. If Aw < 2gw , then
lock is "instantaneous'" which means (to quote Gardner, page 44) '"the
loop locks on immediately without skipping cycles, The lock-up

transient occupies a time on the order of 1/wn seconds."

The acquisition process can be illustrated by a diagram of frequency

vs time whiéh, if there were no acquisition and lock by the PLL,

would be:
ar 1200 nz [sEc
fswzap 2 /
FREQUENCY

ELT CARRIER AT 14HZ /.S'ec. max.

v

TIME
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As the sweep approaches the carrier, the natural acquisition process
may come into effect, To check this we must make some assumptions

about the system being used and these are:

=
n

wan = 21 (16) =_100 rad/sec

22
=

and s

In that case, the formula for acquisition time gives an acquisition

rate of#

- 2wl
%ﬂ - z'?;Wn 2 X 104 radlans

(Aw)2 (Aw)2 second

a

but to be a noticeable phenoména-this must exceed the sweep rate

of

lg%g rad/secz.

27
That means

Aw < 1.6 VN rad/sec

but since fn = 16 radians/sec, it is clear that this effect will

not be felt outside the range of instantaneous lock,

* "Pull-in" is also very sensitive to d.c. offsets, plck up, coloured
noise and other contributions not accommodated 1n this model but
which might affect the design.
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Consequently, only when Aw ~ 200 rad/sec will acquisition commence

and the frequency-time diagram becomes

A
SWEEP
FREQUENCY.

N\

N

AN
INCRN
—~— N
T X ELT
~N
|

| -
| |\ ‘;
| | N
l | Ny
; 1N
| | N e —
! I |
! I |
[ | |
| .
) I |
L [ I

TIME
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where time 0 is taken to bé'the'time of»inteisection between the
sweep and the carrier, tlkis the time when instantaneous lock
occurs, t, is the time when the sweep is stbpped and Aw is the
frequency off-set of the VCO.' The solid line is the trace of'the
sum of all demodulator frequenciés used to.obtain the low pass

signal at the input to the PLL filter,
Since

Aw ~ 2gw, ~ 200 rad/sec,

200 103

1 = 77 T200 26,5 N msec
N

and the settling time for the loop is

3
1 _ 107 _
?r—l' = T‘G—“‘ = 62.5 msec

then it is apparent that t2 will be positive given a lock detection
time of 1 seconds, unless N > 3, This assumes, naturally enough,
that the nsweep is stopped as soon as lock -is detected. For N = 1,
2
are most likely to be used, it may be concluded that there will be

little overshoot of the sweeping frequency unless reliable lock de-

tection requires considerably more time than assumed.

= 36 msec, for N = Z,t2 = 9,5 msec, and since two or more detectors
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In the stepping method, the frequency of the local oscillator preceding.
the PLL is changed in coarsly quantized steps, and if these steps are
less than 4cfn ¥ 64 Hz, then instantaneous lock will occur if an ELT

is within that band,

Following the previous assumptions, 62,5 msec would be neededAto
detect lock and this sets a minimum time between steps. Assuming
28 = 256 steps of 47 Hz width gives 78 msec between steps if two de-

tection devices are used, and this would be marginally viable,

To obtain more time for the measurement of ELT's detected, and for

false detections, the natural frequency of the PLL could be somewhat
increased, This has the advantage 6f both increasing the step size

and reducing the loop settling time, For example, if 128 94 Hz steps ‘
were used, and fn set at 25 Hz to allow a 6% overlap in the lock-in |

ranges, the settling time would become only 40 msec.
I1.2.3 Lock Detection
Given the equivalent PLL model:

. (s)
wEF(s)—

0, (s) > 00(5)

n]=

where @(s) is the Laplace Transform of ¢ (t), and ¢i(t) is the phase
of the input signal, ¢o[t) the phase of the VCO outpuf, and ¢e(t)

is the difference in phase between the two éignal-s, then; .
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"'éﬁ‘ : ‘jykiﬁjl :
@O(s) B D = H(s)
CIwKE (s )
@i(s) s
and

2,15) = [1cH(s)] ¢, (s)
Now, if the PLL is well designed.and locked to an input}»then
H(jw) <& 1

for w < w, where w_ is the natural frequency (in radians/second)

of the loop. Consequently
@e(jw) ~ 0

f w < W,
or n

Now take the lock detector to be activated by the signal p(t):

P,'ggigw‘af

From _ Zonc;s/ “/-’\ rL : .
’ S e e
~iltar i : ; g

_bcfce/_of
" Etter
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where the bandwidth of the detector filter equals that of the PLL
(i.e. W, radians/second), It follows from the above that,. when .
the loop is locked, p(t) consists of a d.c, signal with no (or
more realistically wvery little) additive noise because in the band

of the detector filter
@e(Jw) ~ 0

and there is no phase error , In the other situation, when there.is
no ELT carrier present, the VCO output is drifting slewly in the
| vicinity of its nominal "zero-input'" output frequency, and so the
noise in the band is that in the IF filter bandwidth,but 'beat to

zero'',

Without réducing the generality of the results, the VCO;OUtPUt (pseudo)
sinusoid may be taken to have unity amplitude, Now, the signal from
the IF filter when an ELT signal is present is

S cos wt + np(t) cos wt + nq(t) sin wt

and this may be shown in a phasor diagram as
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The total nolse is a narrow band processi

n(t) = np(t) cos wt + nq(t) sin wt
where
7
n

and np(t) and nq(t) are independent low pass processes occup&ing

the same bandwidth as the PLL,

As shown in the previous analysis, when locked the PLL tracks the
limiter output, shown as S' on the diagram and taken for convenience
also to be of unity amplitude, The modulator output is then

{cos[wt + #(t)]}2

which gives

p(t) = 1
2

in the steady state, There is, as noted before, ideallyAﬁo noisé
variance associated with this signal, 'The'main,effect of the noise
lying outside the band of the PLL and the detector filter is simply

to somewhat modify the effective characteristic of the limiter/phase
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‘detector circuit,

However, when an ELT carrier is not present, the limiter output is
a sinusoid of unity peak amplitude and randomly varying phase, i,e,
cos[wt + B(t)], with a noise bandwidth the same as that of the IF

filter, Consequently the mixer output is
cos[wt + 0(t)] cos[wt + At + Y(t)]

taking the VCO output frequency to be offset A and phased at Y (t).
Since A is small by comparison to the bandwidth of theé IF filter, and
Y(t) is a very slow process, the statistics of the signal when viewed

in the detector filter bandwidth is just as if the mixer output were
cos [wt + ©(t)] cos wt
= 1/2 [cos O(t) + cos (2wt + O(t))]
The power of the limiter output (0.5) is then equally split between
the two bands. In the lower band, it is distributed from 0 Hz to

the half noise bandwidth of the IF filter, and so the average power

level of the random signal p(t) is




I1-17
where the detector bandwidth is taken to be £, = SE‘HZ, and W;p

. 2T
is the IF filter bandwidth in Hz.

Since the noiseless d.c, power out when a signal is present is 0,25,

the relative noise power when the signal is absent is

fn
IF
When tabulated, . taking WIF = 100 Hz, this is:
Detector Bandwidth Relative Noise
£ . Power
n .
Hz A ' dB.
100 0.0
50 -3.0
16 -8.0
10 -10.0
5 -13.0
3 —1502
1 -20.0

An alternative approach to obtaining a signal for a detection decision
device is to obtain a modulator input directly from the IF filter
output rather than from the limiter output as in the case just

analysed, Then the nolse at the output of the detector filter is




'II~18
the same whether or not the signal is present, For comparative pur-
poses, take the ELT carrier to have unity peak amplitude so that the .
d,c, level of p(t) when signal is present is 1/2, as before, Following

the previous analysis the noise. power in p(t) is given by

5 =

1 (I) £ (noise power density)
y)

To achieve some form of comparison between this and the'previous
case, this noise power should be doubled as it is present when the
signal is present and the loop locked, and when it is not. If we
also note that the noise density (per Hz) is at least 26 dB below
the carrier (which here hasva relative level of -3 dB) then the

effective noise power is (10 log fn -~ 32); and the d,c, signal power

is -6 dB, The result is a 6 dB advantage over the previous case: .
Detector Bandwidth Relative Noise
f Power
n _ ,
Hz : dB
100 - 6.0
50 -9.0
16 -14.0
10 ~16.0
5 ~19.,0
3 ' ~21,3

1. ~26,0
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From this analysis it is not immediafely clear which,léck‘detection
process should be used, Use of a simple level detéctoy suggests'that
the second method would be superior for any signal greater than -6 dB
with respect to the typical valué specified, Alternétively, a more
sophisticated device taking advantage of the rather different situ—.
ations’of "signél‘present” and "signal not preseﬁt” in the first case"

could prove to have overall superiority,.

Finally, it - should be nofed that thqse are steady-~state calculatioﬁs
requiring about fh"1vsecdnds after the signa1~is-presehf"(and lock first
acquired) to become valid. That same amount of tiﬁe wili be needed
before the phase transients in the PLL associated.with lock acquisition.

become negligible,

I1,2,4 Signal Acquisition and Tracking

In this section it will be assumed that in the search mode the PLL
is moved 'in precise steps across the 12 kHz band, and that a compen—
sated integrator is used for the loop filter. -Both the A and B type

of system will be covered.
1. Step Timing
A first consideration is the number of steps to be used in searching

across the band, and the time taken for the search. This is most

critical for some Type A systems where there is a severe timing
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constraint, Since frequency measurements are needed every 10 seconds, .
on the average, the search period cannot exceed 10 N seconds, when

N is the number of search devices, If 2™ steps are used, the time

per step is 10N seconds, ahd the size of each step is 12000 Hz,

211 211

As the bandwidth of the IF filter will be about the same as the step

size, a settling time for this filter. of about 2 seconds. will
12000
be needed. A further settling and detection time of(gzn ) 2.8
12000

seconds. will be needed for the PLL, since the "instantaneous' ac-
guisition range of the loop is 4t 0 rad/sec. and this range must

equal the step size, ,Consequentiy, the loop settling time is of the

order of
2n _ 2m{ 12000 2m 1 "L/ 2™ \ 2.8 secs o
m o 7(0.707) 12000 | |

and the minimum time per step should be in the order of the sum of

these times, ie. (Zn

3,8 seconds,
12000

The relative size of these quantities may be seen from the tabulation:

Nbr, of ~ Step Min, Time Time per Step
Steps Size Needed : msec
‘ ___Hz msec N=2 3 4 6 8
128 94 41 156 234 312 468 626
256 47 81 78 117 156 234 313-
512 23 162 39 59 78 117 156

1024. . ... 12. . 324 . 20 30 39 59 78 o
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From thefe it is dimmediately seen that no'more'than~256'$teps are
possible unless 8 devices were used at which point 512 steps would
be marginally possible, For 2 devices, 256 steps are similarly

marginal,
R Noise Constraints

Ambient noise sets an upper limit on step size as the wnlof the loop
is necessarily proportional to step size as pointed out in the last
section, For 128 and 256 steps W, is 211 and 106 rad/sec fespectively
yielding loop SNR's of 1.5 dB and 4.5 dB from the standard formula

for a single sided PLL noise bandwidth B:

B=uw (1+40%) Hz
T ,
assuming C/N0 = 26 dB-Hz, a 1 dB loss in the phase detector, and

t = 0.707,

This is a relatively 1érge noise bandwidth for a second order filter
and stems from the roll-off outside the band of only 6 dB/decade.

As the IF filter would have the same nominal Eandwidth, even a single
pole filter would add another 6 dB/decade to the roll-off and improve
the SNR by 1.8 dB to 3.3 and 6,3 dB respectively.' A.doublé'pole IF
filter would yield 3.7 and 6,7 dB, (By approximate asymptotic cal-
cuiations,vthe noise bandwidth éf a -filter of nominal bandwidth W

is (1 + 1) W where the high frequency roll-off is 6 n dB/dec,),
n _ ‘
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As at least 6 dB SNR in the loop.is recommended for satisfactory
performance, 256 steps of 47 Hz and a PLL natural frequency of 17

Hz is strongly indicated. This assumes the necessity to sweep the .
band once each 10 seconds, If that requirement is relaxed, narrower
filters couid be swept more slowly, and some improvement in per-

formance would be experienced.

3. Unlocked Conditions

The loop filter being used has a pole at the origin so there is a
stability problem when the loop is unlocked. In this section the

extent of this difficulty will be established.

An integrater with input white noise at density NO watts/rad/sec
(single sided) produces output noise power No t, where t is the

. i
time from the start of integration. Since the VCO output frequency

is related to the input phase difference by the transfer function

K (1 + Ts)
S

The random fluctuations of the frequency of the VCO will grow with

time when the loop is unlocked,

When the loop is not locked, the output of the phase detector will

‘be randomly distributed between + 71 and - 7 with an average power
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24=,0T82. This power will be mainly distributed over the

3 2
half noise bandwidth of the IF filter, Taking this filter to be of
a nominal 47 Hz double sided bandwidth with 12 dB/dec roll off; the

bandwidth of the noise from the phase'detectdr is
1 (1,33) 47 (2n) = 196 rad/sec
2

| and- so has a slngle 51ded density of 0.82= 4.2 mwatts/rad/sec.
196 :
The resulting noise power from the VCO (in terms of its output fre--

quency in radians/sec) is

2 ——y

and thé filter constants, in-terms of the loop parameters, are

K =?wﬁ2,= 11400 or 247

KT = ZCwn = 151 or 22.2

' = 2¢ =‘13 or 90 msec

n

 for the two cases: fn = 17 HZ, gz = 0.707 and fn = 2.5 Hz,.c = 0.707.
\The noise power is then

\

(151) 0,82 + [11400) ' t
2 TIOOO)
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il

(18,7 + 273 t) 10° o .

and (22.2)% 0.82 + (24m)% 4,2
7 TI000)

404 + 128 t

1

for the two cases, and where t is in seconds.

The rms frequency from the VCO is then given by 522[t + 0.068]1/2

1/2

> 137 for the search phase and 11.3 [t + 3.2] > 20 for the tracking

phase, The minimum value almost equals the VCO operating rangé of
about 2w (25) = 157 rad/sec during the search phase, with the result
that initially the VCO will be rapidly switched back and forth between

the positive and negative extremes of its range of operation. As .

D

time progresses, the integrator output will cause a drift toward
one limit or the other. The rms drift will equal the VCO operating
range when

522¢1/2

= 157 or t = 90 msec

at which time the probability of the device being in saturation would
be high. However, since the minimum acquisitioh time is less than
100 msec no serious difficulty will be experienced if the filter
capacitor is discharged at the beginning of each step and the loop
not released until the IF filter output has settled. In @he tracking

phase, the corresponding interval is given by
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1/2

o 11,3t = 157 or t = 193 seconds

and drift would not be a problem,
4, Adjacent ELT Carriers

Given two carriers within the bandwidth of the phase locked loop it

would be expected that the loop would track the stronger signal.
Howevef, the VCO would be modulated at the difference frequency and

the frequency measurement would be in error. Since the measurement
period is 0,25 sec, and the frequency difference less than about

3 Hz, phase error ¢ is

$<2D
.8
where D is the amplitude of the interféerence, and S is the amplitude
of the signal being measured. A phase change ¢ corresponds to an
error in count (assuming the particular fixed period counter pro-
posed) of § since there is one count for each 7 radians of phase.
mo. _ ’ o A
In our case, since frequency is twice the count, the frequency error
is
< .=1,3

Af = 24< 4
oW W

g

4
n

since this analysis is not valid if D > S ‘as the loop would not then
maintain lock on the signal, -Such an error bound is outside the
systém specifications, although average performance would be con-

siderably better,
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Unfortunately, the lock detector would not identify that this phen- . .
omina was occuring as the loop will continue to maintain close to

zero phase error, 'The best procedure would appear to be to use
extrapolation methods, to be described later,to inhibit measurements

when ELT's intersect, If two ELT's inhabit the same band when first
detected, the poor fit of the ELT trace during later data processing

would indicate the presence of an interference signal,

Such procedures would also handle the situation where the PLL jumped

lock between two comﬁetingfsignals in the lobp bandwidth.

Signals separated by more than the loop bandwidth, but less than the
IF filter bandwidth pose a different problem. Follow;ng'Kliger'and
Olenberger, a 1oop,locked to a signal of amplitude S will "jump" 1.' :

to a signal-of amplitude D if

_}2 > Aw .
S 2CW
n

approximately, where Aw is the difference in frequency (rad/sec)

between the two signals. The approximation is good if Aw > 4Cwn.

As a consequence, once two signals of different amplitﬁde co-exist .
within the IF bandwidth there is a high likelihood that the lock on
the weaker sigﬁal will be 1ost;. The more equal in amplitude the
signals are, the closer together they will appfoagh before the

phenomena occurs. It should also be noted that, while this is a




11-27

jump in frequency, it is not a jump in time and takes place relatively_

sloW1y; Little appears to be known about the time required except
that the jump takes longer the greater the separation. As the
basic phenomena are similar, it may be that the times are similar

tb those taken for natural lock acquisition.

When the disturbing signal is outside the band of the IF filter,

the same jump can occur, however the disturbance must have sufficient -

amplitude to overcome the attenuation due to the IF filter, If that
filter has a 50 Hz bandwidth and 12 dB/dec roll-off, then with a
100 Hz separation, the ratio of magnitudes would have to be in the

range:

10 log (100\+24 >/ D > 10 log [ 100 + 12
3 S./ dB . 3

or

39 > D\ . » 27
"\ S | dB :

depending on the detailed circumstances and a 3 Hz tracking band-

~ width., For a 200 Hz séparation, under the least inhibiting circum-

stances a 54 dB differential would be needed.

It may be concluded that these jumps can be expected in and some-
what beyond the 50 Hz IF filter bandwidth, They would be unlikely,

although poSsible, beyond the 100 Hz separation specified, As well,
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unlike the situation within the tracking bandwidth, they would result ‘
in a loss of lock as the VCO would be pulled away from the frequency '
of the smaller signal being tracked. Even within the band of the

tracking loop this would reSult‘in a beat tone in the synchronous lock
detector output, Designing the detector to respond to this would

ensure that lock would be broken with the result that measurement

would cease and no errors made,

The following graph illustrates the situation:

/ .?LOPE = /5 GLB/QQTAvg

WANTED ECT AT
EXTREME END OF
PASSBAND , INTER-
F£R/N§ LT
50 1z 'INTS h
244 | STOLEAND.

EL7’s AT OPPOSITE END OF
fg'sv Hz PASSBAND

|
- 1
SHz ) . P0Hz

LoG [[FREQUENCY SEPARATION ] ‘
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and if the relative amplitudes of two signals.exceed these values,
lock will be lost. The shaded area is a range of ambiguity where

loss of lock is not certain,but depends on the detailed situation.

The above discussion pertains primarily to the Type B systems.
Although the same phenomena will occur, the effect on a Type A system .
will be very different as each measurement is preceded by an écquisition
phase whéfe the loop has a lock-in range of 50 Hz. Initial "instan-
taneous" 1o¢k can only'occur within that range, although thereafter
the signal may be pulled out of lock by a larger, out of band Signél.
However, a relatively long time is taken for this jump in frequency

to occur, and the loop filter is soon switched (within 100 msec)

to the tracking mode., This leaves little time for the drift to

occur, and after the loop bandwidth is. reduced the drift from lock

is even slower. If the formula for natural acquisition is approx-
imately valid, then for a 50 Hz separation the time for the frequency

jump 1is

(Aw)z = (50)2 = 18 seconds
chns 2 (0.707) 21 (2.5)° |

but only about 1/3 of a second is needed for the completion of the

measurement process, which is consequently likely to be completed

without loss of lock.

Within the loop acquisition rangé, however, the PLL will track the
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sum of the two sjignals as moted previously, As a result, when the
loop bandwidth is narrowed for the tracking phase, it is unlikely
that lock will.be maintained, It follows that the Type A system
would not operate'satisféctorilvaith two signals within the same
50 Hz step unless one were considerably the smaller, It should be
noted, however, that for the same reasons, a type B system with a
comparable acquisition process would fail to acquire these signals
unless they were previously detected when not in the same step

interval,
5, Acquisition of New ELT's

With both system types there is virtually no likelihood that é
spurious signal detected during the acquisition stage would remain

in lock through the first measurement stage. Hence, any successful
measurement may be taken as the acquisition of an essentially modula-
ted carrier. There is somewhat more of a problem in associating a

sequence of measurements with a particular ELT.

A Type B system poses less of a problem, and no problem at ail if
continuous lock is maintained. TIf lock is lost, however, it.is
necessary to track»the ELT as will later be’described in more detail.
This necessitates a nearly identical extrapolation system for both

types following the process which will now be described.
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‘ A time~frequency diagram eases visualisation of the process;

{0 s€C ——wy

AN

/25 VAN VAV W

T o ¥
//40H///
FREQUENCY | | k\\\\<:zzi//:;zzzzzz

TIME

The solid dot indicates a detected ELT and the shaded aréa‘gives
the range of the possible next measurement. If a measurement. is
completed approximately 10 seconds later it will be possible to

anticipate the next (say) 3 measurements as shown.
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where the x's are the expected future measurements (within an

ambiguity of 20 Hz due to the second derivative of the ELT traces),

If the second measurement were not made, the process would become:

with the solid circle being an interpolated. data point, and with.
the assumption that a measurement was made in the next period.

This process wouid'be continued even if that did not occur and no
ELT would be declared lost until (say) 3 .periods had passed without

a valid measurement,

Should two measurements occur within the shaded area;
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then two projections would be made as shown. A single future measure-
ment would be needed to resolve the ambiguity. Three consistent
measurements, each separated by not moere than 3 measurement periods, .

would confirm the identification of a new ELT,

7. Missed Measurements

Measurements not completed for whatever reason would be replaced
by interpolated values. Three '"misses'" in a row would. terminate

the tracking of an ELT.
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Similarly, when two ELT traces approached within the range of .
possible confusidn of the system, and were projected to remain ‘
within that band for 3 measurement periods, the ELT records would

be terminated. If the traces were projected to be sufficiently sep-
arated after 1, 2 or 3 periods, tracking would continue by the pro-
jections and the PLL's not 2"released“ until the necessary separation

had occurred,

However, these projections are not error free, and ELT data indicates

a maximum doppler second derivative of 0.2 Hz/sec2 and hence projection

uncertainties:
Projection Uncertainty
Interval , ‘
Secs Hz o
10 - 20
20 . 80
30 180

Since a Type A system is only capable of distinguising and measuring

ELT carriers spaced at least 50 Hz apart, there is no possibility

that the software will incorrectly sort measurements taken every

10 seconds. Only when oﬁevor=tWo'measurements of cloéely spaced

ELT's are missed, a rare event, do the projected admissable regions

for two ELT's overlap. Even, then, with the region of overlap bi-

sected, it is highly likely that resumed measurements will be cor-

rectly sorted. Therefore, we can conclude that no informatibn is .

lost in "shuffling the deck" of frequency measurements for ELT's
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more than 50 Hz apart; i.e. the Type B offers no sorting advantage

over the Type A in the common operating range (Af > 50 Hz).

The Type B receiver is capable of tracking and measuring ELT's at

frequeﬁcy.separations much less than 50 Hz. Since, under such cir-
cumsfances, it cannot be assumed that the PLL's will remain with their .
assigned ELT's, sorting may be required in which case the above

uncertainties are significant, This problem will be addressed in -

the following section.
8. Loss of Lock

As just mentioned, loss of lock in the Type B system is a problem.
Three events occur: broadband noise (with the saﬁe_half-bandwidth
of the IF filter) appears at the VCO input with rms valﬁe( in terms
of frequency output) of 20 = 3.2 Hz; a random drift away from the

2m :
previous lock frequency develops and increases with time, giving an

TmS drift of 1.8 t 1/2

Hz; the ELT signal frequency changes at a
rate as high as 14 Hz/sec. If the signal reappears (when the. ELT
is pulsed, for example) a second or two later, it is quite probable

that the 3 Hz lock in range will be exceeded.

At least two solutions are possible. In the simplest, the filter -
would simply be switched back into the broadband mode. As several
seconds would be reqﬁired before an ELT with the fastest doppler
would be beyond lock-in range, lock would be readily required so long
as the situation were not complicatednby another signal in the band.

With this method, a Type B‘syétem would essentially perform as a

Type A system for pulsed ELT's.
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A more elaborate method would re-initialize the VCO output to a

projected frequency'every (say) hélf second after lock was lost.
This would maintain doppler uncertainty within.O.OSn2 Hz, and drift
within 0,45 Hz rms, where n is the number of half-seconds since the
last frequency measurement. Clearly this would suffice for n as

large as 10, but would not cover the ipgﬁyjmqugremgpf‘Eﬁyéggmof

10 seconds, Thjis means that a frequency reading would be needed
every second or :se to provide jnput for this projection, or that
the second derivative of the ELT trace would have to be projected,

’

although a fairly rough projection would suffice,

The other difficulty associated with intermittant loss of lock is the
possible disruption of a frequency measurement. For some ELT's this

can result in very deteriorated performance, but it will be shown ‘
later that techniques are available which may greatly ameliorate

this problem,

Unfortunately, loss of lock cannot be.detected immediately, but once
it is lost the VCO is subjected to a burst of noise (rms amplitude

3.2 Hz referred to the VCO output) and to a drift (1.8 tl/z

Hz).
Assuming that the lock detector circuit dynémics operate in the
acquisition (broadband) loop settling time of 2m = 0.37 seconds,
the measurement may well be completed before tiz loss of lock is
known. As well, the output of the synchfénous demodulator, as seen
in the bandwidth of the acquisition loop, will be noisy during the
tracking mode as the bandwidth of zero phase error will be that of

the tracking loop -~ which is almost an order of magnitude smaller. .

That noise will complicate the detection of lost lock.
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However, assuming that loss of lock can be detected with an accuracy
much better than the (perhaps) inevitable detection delay, it may

well be possible to salvage these intérrupted measurements.
9. Effects of Signal Modulation

As just described some pulsed ELT's will be less well measured by
both system Type A and B unless special - and for the moment hypo-

thetical -~ techniques are implemented,

Incidental FM in the ELT carrier is characteristic of some signals.
This appears to be a sawtooth sweep synchronized to the modulation
sweep rate which lies between 2 and 4 times per second. If the
maximum frequency deviation is A, the rate is between 2A and 4A
Hz/sec, and should this exceed several times fhe maximum doppler
rate, the loop would be unable to retain lock. Taking the peak
rate for lock to.be about 40 Hz/sec, the maximum A would be in the

range of 10 to 20 Hz., For deviations beyond that, lock could not be

held and no measurements could be made,

However, assuming that lock is maintained, further difficulties are
encountered which were analysed in the mid-term report. There it

was shown that it was necessary that AF < 8 Hz for the peak frequency
error to be less than 1 Hz. Signals beyond this range, but still
within the locking capabilities of the PLL.wduld produce measurements

with unusual error variance.
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The slowest ELT sidebands are swept in frequency at 1400 Hz/sec which‘f.
A : 1

is far beyond the tracking capability of the narrow band filter

which would exhibit a static error 1400 = 36 radians). The
( ' N2, ;
(2.5)"%2m ,
acquisition Ioop would exhibit a static error of only 1400 =
2
(17)%2q

0.8 radians and so would be capable of following a
sideband, In both cases the spurious signal would have to pass
through the IF filter which with a 50 Hz bandwidth would pass the

signal for only‘SO’lOS = 36 msec, Since the settling time of that
; | L
fFilter is 10°= 20 msec, there would be an output into the PLL.
50

If this occurred during the tracking phase with a settliﬁg time of

400 msec and a 2,5 Hz bandwidth, the signal would spend just(z.glos
T200

0
= 1.8 msec in the band. Since that is but 0.5% of the settling

time, the effect will be insignificant, (The signal as seen at the .
phase detector output in the loop bandwidth will be a short pulse,
of random height depending on the phase difference between the two

signals at the time of intersection, and of length of about 2 msec.)

The occurrance of an ELT sideband within the bandwidth of the IF
filter at the same time as an ELT carrier is an uncommon event (see
p. I-21), but it if does occur, the phase swing as the two signals

3] = 3.5 radians,

nclose together" is [(1400) (2m) (20)10731[(20)10"
or just slightly more than m radians. The resulting phase swing
would probably not be sufficient to prevent lock although confir-

mation must await experimental studies.




IT-39

@: 2.5 mhird Ooxder PLLIs

The second order PLL suffers from the critical limitation that it is

not possible to independently control the noise bandwidth of the

loop and fhe steadynstate phase errors in trackihg a frequency ramp. As
bandwidth is reduced to‘improve the accurate tracking and measurement

of the ELT carrier frequency, the phase error increases to the point

that lock is lost,

While a compromise has been achieved in the system design, some
alternatives have had to be discarded, A third order ‘loop presents
a way of overcoming the need to compfomise, but at a price. The
considerations which lead to a rejection of the third order loop as

a possible sub-system will now be developed.

The following diagram will define the symbols being used,

InPUT PHASE ’ ouUTLUT
PHASE : ERROR ) PHASE

PHASE . .
P, n Fos)
~-

PETECTOR :
Fis) > 5

39

FILTER S Veo |
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. 50

5, () = s e ()

e S_' "_—?_,_, " ‘Cs"j N

For a very particular second order system, this becomes

@e(s) = ' sz ' ’® (s)
;& + 2 S z °
S cw, W

where generally 1 < ¢ < 2, and the noise bandwidth is proportional

to w, for a given ¢, However, with a frequency ramp input at Q

2

rad/sec”, the steady state phase error is

%, = lim - g2 LR . s
' s+0 .2 2 3
57 + chns + W, S
- R
® 2
n

and the conflict between an allowable tracking error .and low noise

bandwidth is clear.

As mentioned, this is true for a certain second order loop. In

particular, it is required that

F(s) = k (1 + as)
S
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For all other second order loops, the tracking error increases
indefinitely with time and lock can be held for only a limited

period of time.

However, if the filter transfer function becomes

F(s) = k (1 + als) (1 + azs)

2
S

then the conflict no longer occurs, because the tracking error is

then
o = lim s> - R . s
$+0 3 2 ' ' ' 3
S ulazs h (al + az) Sf K S
= 0

i

Consequently, no matter what loop parameters are selected there is
zero tracking error, It should be noted that this is the only third

order loop which exhibits this property.A

As was stated, this is not obtained without cost and one component
of this cost is the additional design complications to obtain satis-
factory loop performance, A rough sketch of the root locus diagram

for the system

¥
9
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is sufficient to suggest the degree of complication, and it serves
also to make the point that the system is only conditionally stable,
If the effective loop gain were to become small, as would happen
with a very small input ELT carrier, the loop would become unstable,
Finally it appears that very little is known about the acquisition

properties of third order loops,

The conclusion taken i1s that the third order loop is not a viable

alternative,

I1,2,6 Design Conslderations for Second Order Loops

1, Filter Type

As explained in the section dealing with third order PLL's a par-
ticular kind of second order loop is needed to continuously track a

frequency ramp, Using terms defined by

PHASE
DETECTOR

B;(s)

INPUT PHASE

— 3, (5)

QUTPUT PHASE

Fs)

FILTER VCo

(SIS
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the loop filter needed for tracking is

F(s) = 1 + Tls K1
—

An alternative is to use a single pole filter so Fhat

E(s) = Kz

1 + st

and the relative advantages of these two filter types will be ex-
posed in the light of the two requirements: acquisition and tracking.
Only the first type is a possible candidate for continuous. tracking,

but both could perform in the acquisition mode.
Looking first at the first situation,

@0(5) = Kl (1 + Pls) @i(s)

2
s” + KlT‘lS + K1-

and following standard notations for second order systems:

damping ratio ¢ = Kll/zrl
2

natural frequency w, = Kll/2

The second case gives
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o (s) = _K2/T 5. (s)
2 1
s + 1 s + K
T~ _2
2 Pz
so that
;= 1
177
Z(KZ‘PZ)
1/2
W, E&
Iy

Clearly the two filters give rather different results, in terms of
their performance, even if the damping ratio and natural frequency
are identical, Since the time for phase transient to die out is about .

2n  seconds, and the range of ‘suitable ¢ is the same in both cases,

w
n

these parameters will be held constant while making comparisons.
A distinctive difference is seen in the two frequency responses, and
this is reflected in the noise bandwidths. From Blanchard, page 159,

the single sided:noise bandwidth.of the first type is

B, = w (1 + 4@2) ‘ Hertz

B2 = Bg Hertz
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Taking ¢ to about unity, the first type operates at a 7 dB disad-
vantage under this criterion. For our particular case, assuming a
1 dB loss of SNR in the phase detector, the SNR ratio in the VCO

output for the type 2 filter is
25 - 10 log B ' dB

which gives

;%\\ | ‘Eﬁﬁf\}\ ‘§§£e 2
Hz 4B, _dB
30 1.3 8.3
25 : 2.1 . 9.1
15 4,3 11,3
10 | 6.0 13.0

5 - 9,1 16,1

As this covers the range of w_  required to acquire lock in a suf-
ficiently short time, a type 2 filter would experience fewer noise
problems while acquiring lock. Gardiner (page 23) notes that 6 dB

SNR is needed, in generai, to obtain lock.

Tracking bandwidths will have to be much smaller, as type 1 is

required, and here:
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Type 1 ‘

i
n

7 SNR

Hz dB

5 9.1
4 10.0
3 11.3
2 13,0
1 16.0
0.5 19.1

This indicates a suitable SNR for the measurement of the frequency

of the VCO output, given a natural frequency of a zero Hertz,

Another difference between the two types is found in their response
to a frequency step, This wiii govern their response to an ELT
when it appears iﬁ their instantaneous lock range. For a PLL with
a loop filter of the first type, the steady state phase error with
a step input of frequency 1is zero, and for the.secona type is

2C AQ radians (from Chapter 5 of Blanchard). Aw is the size of
frequency step, and if lock is to.be maintained, -then

Aw < 1.6

2w .
w X
given a phase detector operating over a -7 to+w rénge. By contrast,.
the maximum phase error in the other case is about 0.3 Aw for ¢ = 1,

. W
and so lock would be maintained if n ’
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This result suggesté strongly that the acquisition characteristics

of the first type of loop will be superior in that the range of
frequencies over whiéh instantaneous lock will occur will be larger.
On the other hand, it is more susceptable to noise, as might be ex-
pected. On balance, since the SNR ;alculations are conservative, and
the steady state phase error is a firm limitation, the first type

~of filter will be chosen.
2, Filter Parameters

. Two parameters, w and z, must be chosen and these govern the per-

formance of the PLL in terms of the instantaneous acquisition range

Aw = 2; wn

‘and the SNR in the loop as determined by the noise bandwidth

€

@+ 4z%

s

If ¢ is in the typical range from 0.5 to 1, then

w. < Aw < Zw
n n
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and SNR could range up to 3 dB greater than given in the last sub- .
section. Choice of W for the acquisition phase is bounded on one

side by the desire to maximize the lock in range and minimize the time

to acquire lock, and by the loop SNR on the other side. A choice

between 10 and 20 Hz would seem probable. Final choices of these
parameters will be the result of émpirical decisions during impie-

mentation,

Since the SNR likely to be obtained for acquisition will not be
sufficient for tracking and filtering prior to frequency measurement,
the filter bandwidth will have to be reduced to a couple of Hertz in
order to obtain a SNR above 10 dB, The limit tovwhich this band-
width can be reduced will be governed, at least in part, by the
tracking error. Given a maximum doppler rate of 14 Hz/sec, the .

resulting phase error is

o, = 2w(14)y 1 in the steady state, Tabuiating this in the

w_2
n

probable range of interest gives:
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NIE
El =]
sl
(0]

Hz radians
5 0.09
4 0.14
3 0.25
2 0.56
1 2.23
0.5 8.91

and it is seen that the phase error will not be a problem for

natural frequencies greater than 2 Hz.

3. Filter Switching

The basic filter needed may be realized

: Ra C yf
Vze*«@vli[>

and assuming an ideal operational amplifier

-0 Vo

YQ (s) = E_j *Ry¢ ‘
Vi sRlc
‘ and ry = RZC’ K1 = 1C . It follows that since mnz = K1 and

2cw, = Klrl’ then
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C

and RZC Zc/wn

]

From this R, and R, can be determined for an arbitrary choice of C,

1
and any desired system parameters., It is clear that if the resistor
values are switched the filter characteristics can be changed as

desired,
I1,2,7 Stability of the Heterodyne Loop

Some PLL sweeping configurations include the IF filter within éhe
overall loop, The result is to complicate the loop design andl

introduce problems of stability. In our case this is particularly
relevant since the IF filter bandwidth and the loop bandwidth are

comparable during the acquisition phase.

Without this additional filter in the loop the root locus diagram

for our case 1is




. IT1-51

and the loop gain is set to give the following configuration

w

A

o
v
!

of the poles and zeros of the loop transfer function.

If a single pole IF filter is used, and if the frequency offset be-
tween the centre frequency of the band and the PLL lock frequency

is. A = 0, then

¥4 [
VA ~7 /|

Y
1t
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shows the‘poles and zeros of the open loop 1low pass equivalent,

The resulting root locus diagram is

The design complication is obvious and the additional pole will
seriously 1limit efforts to obtain a suitable system response with
such a narrow IF bandwidth, If A # 0, the process is yet more

complicated and s?stem response itself willvbé dependent on A,

A further complication arises when yet more'poles are introduced in
that the system way be only conditionally stable or even unstable.

For example.

i
*,
O
ﬁ
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N

‘T. .2,8 Measurement by FM. Demodulation

A direct approach to measuring the VCO output frequency would be

to measure its input voltage which could then be direétly con-
verted to a frequency reading. Unfortunately, as the PLL locks

on phase, and the VCO input voltage is the derivative of this phase,

the VCO input is noisy,

As noted in Blanchard, page 183, some improvement may be gained with -

supplementary filtering

o o FUTER

SUPPLEMENTARY

FILTERING

A

pea— Ve o

with a transfer function

1

T+ 20 ]s_
(&)
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This gives an output noise power o .
2.2 \(C )vl fn:’, ;
A | i
with unit amplitudeacorre5ponding to 1 Hertz, and ¢ = 1. The

resulting noise level is

fn Noise level
Hz (dB«Hz rms)
20 19,0
16 16.0
10 10,0
5 | 0.9 @
3 . -5,7
1 | 20,3
0.3 , ~36.7

and bandwidths of less than about 4 Hz would yield a suitably low
noise level, It has been previously determined that bandwidths
greater than 2 Hz are'satisfactory for tracking 14 Hz/seC‘doppler;

and so this approach is theoretically feasible,
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‘1.2.9 A1l Digital PLL

The functional diagram of a digital phase locked loop is shown below
(reference Bjerede,AES\Newsletter, Sept, 1976), All functions except
the A/D function are performed by the microprocessor. The approach

is based on using the microprocessor itself as a variable:.oscillator
the frequency of which is invefsely proportional to the total number
of program steps in a program cycle, The phase'detector function

is obtained by interrogafing the A/D converter close to the zero-
crossings of the periodic input waveform. For a Sinuéoidal input

the phase error is then proportional to the difference between the

samples taken at the positive-going and negative going zero-crossings.

MICROFROCESSOR
r— ——————— =
I
} PHASE! DETECTOR LOOP FILTER veo
A A ) ~
AF m ap T— i A ™ N
& /\ Xy =% bIGITAL VARIABLE OOTPUT .
N+L
o ' A / D = —+ =1 PROGRAM
¥ ‘ | | & EvEN FILTER LeNeTH | |PRocESSIG
Ab | % | , A
! SAMPLE  COMMAND
[
|

® PH/) CE

C)FREQUENCX
@ zers chossINGs

ALL DGITAL  PHASE LOCk LoOP
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A phase difference of A4 radians 1is assumed to exist between the

sampling pulse and the zerowncrossing, The difference Xy r Xy 4

equals:
XN " Zygp 5 A sin A < A sin (<Ag) = 2A sin Ag
and for small phase differences:

In other wordé the A/D, togéther with the block XN " XN+1 (N even),

in Figure 1 is a phase detector, Furthermore because of the sub-
tractor,‘XN - XN*l’ this phase detector elihinates the effect of the

dc component and even harmonics in the input samples and reduces the .

effect of low frequency noise,
Since the microprocessor program is synchronized to the input wave-
form, each point in the program corresponds to a particular value
of the instantaneous phase,
Additive noise on the incoming samples will cause a phase error

A$ = arcsin (XN - XN+1)/2A

Ag = phase error in radians

A = ELT amplitude o o
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Assuming the additive noise n(t) to be white at an rms value of n,

and the ensemble average (Xy « Xy,;).= 0, we have

Ag = arcsin [n(NT) -~ nI(n + 1) T]/2A
_ i
It follows that the standard deviation of the phase is

arcsin 'Eg

Y 2A

I

o (8)

~1/2

R

(2 SNR) -for SNR >> 1,

i,e, equivalent performance of the analog phase detector,

The degrading effects of quantization and finite word length pro-
cessing can be predicted using the results of Appendix B; however,

these can be made arbitrarily small.

The effectiveness of such a digital PLL to track and measure the
frequency of a sinusoid in the sub - kHz range has been demonstrated.
The technique is therefore feasible in the Sarsat receiver providing
a coarse stepper/filter/down-convertor is employed to restrict the
range of the DPLL, and perform the coarse frequency estimate, The
DPLL could also be used to detect the presence of ELT's within each
step, with bandwidth switching of the loop digital filter performed

following detectlon as before,
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The reductlon in sjignal processing hardware realized with the all

-

digital PLL using a microprocessor does not provide a great cost .
advantage, and is probably more than offset by the complexity of

software development and timing and intgrfacing requirements between

the hardware and computer elements, The real advantage of closing

the tracking loop through theAmicroprocessor is the flexibility of
control that can be exercised over the feceiver to detect, acquire,
track, and measure the frequency of up to 8 ELT's, As indicated in

the following diagram, the computer selects the coarse synthesizer
setting and provides the sampling clock to the low frequency A/D.

Given this limited control, the job of the hardwafe is simply to

generate and input digitized waveform samples to the éomputer, which

in turn timés the sampling (i.e. tracks the ELT) and estimates the
frequency, However, as will be seen in Section II.3 a great deal ‘
of control fléxibility can be obtained rather simply withoﬁt Te-

sorting to this type of scheme,

: D/c ¥
700 HZ 200 He | : 5
BPF 1235Hz g
' N
<
crock| 4004 47/—/2)
SYA/T//ES/Z&'E
AF =47 HE
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IT.3,1 Summary of Results to Date

The accompanying Table 1 summarizes the key results of the study to
this point, and indicates wviable signal:processing techniques which
theoretically can meet the Sarsat systeﬁ requirements, Block diagrams
of the corresponding receiver combinatibns are givenmin Figures

7-11, and are described below,

I1,3.1,1 Receiver Types A and B

Aé indicated at the conclusion of Part I of the study, two distinctly
different approaches to specifying the Sarsat receiver are possible.
The first, labelled Type A, follows a simple repetitive operational
sequence of sweep or step, detect, measure, resume sweep or step,
and-employs N > 2 identical devices spaced 12/N kHz apart, synchronized,
and each taking about 10 N seconds to cover the band and perform |
frequency measurements, The essence of the Type A apﬁroach is fhat
once an ELT is measured, it is of no further interest till 10 seconds
later, at which time it must be redetected and re-measured. The
sorting of measured frequencies into logical ELT records is per-
formed exclusively by software, New ELT's are detected within 10

seconds of thelr first appearance,
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A modified Type A reCeiver-employs 2 stepped (possibly identical)
devices,one used for detéction of new ELT's and the other to measure
previously detected ELT's, This nearly doubles the time required |
to initially detect the occurence of an ELT, but énsures that 2 de-
vices can easily meet the 10 second between measurement specification
(one which is wvery tight in the previous case with N = 2), The
measuring device is programﬁed tb consecutively step to and measure

up to 8 ELT's in the band, The locating of an ELT to within one, or

at worst two, coarse steps can be performed in software by extrapo-
lating previous frequency measurements. Thus, while there is only
one measuring device, it is not burdened with the necessity of
stepping through the entire band and waiting for possiblé ELT detec-
tion on each step, and therefore has nearly 1.25 seconds to acquire
and perform a frequency measurement, Meanwhile, the second searching
device is continuously stepping across the entire band and logging
the appearance of new (and old) ELT's, This second Type A scheme

is obviously more complicated from a logical control standpoint,

and implies that integer multiples of the fundamental step size must

4

be accomodated by the control interface,.

The Type B receiver operétes on the principle that once an ELT is
detected, it is tracked by the reduced bandwidth PLL as 1ong as
possible, This permits ELT frequency measurements to be obtained
under more severe mutual ELT interference or noise conditions (fol-

lowing initial detection) than possible with the Type A scheme,
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Eight identical devices each capable of searching or tracking are
required ~ one will be swept till it detects a new ELT, and then is
engaged to track it, Subsequently, an ldle device resumes the search,
With N <« 7 ELT's currently detected; N devices will be assigned to
track, 1 to search, and 8=N«1 idle, In the limit when N=8, all

devices are tracking and there is no searching.

The Type A receiver can be designed to easily accomodate more than
8 ELT's, with a corresponding increase in the time between measure-
ments of less than 10% for each ELT added. The Type B receiver
cannot be made to '‘degrade" gracefully when the number of ELT's
exceeds the.number of devices, unless it can fall back to a Type A
mode of operation, This suggeéts a third mode of operation which we: .
might label as limited Type B/Type A; e.g. with 4 devices we can
operate in Type B mode when 3 br less.ELT's are present (i,e, most

of the time), reverting to Type A operation when the 4'th ELT appears.
This approach offers the advantages of a reduced number of devices,
Type B performance most-of the time, and a graceful degradation with
increasing number of ELT's, with, of course, the disadvantage of

increased complexity of control and software processing.
I11.3,1,2 Searching and Deﬁecting

As indicated in Figure 7, two approaches are available for searching

the 12 kHz band for ELT's:

! .
i
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Type 1 - heterodyne sweep PLL over 12 kHz

Type 2 - step incoming 12 kHz signal into limited range PLL.

As indicated previously, the heterodyne sweeper has the following

disadvantages in terms of performance:

- reduced loop stability~dﬁe to presence of 100 Hz filter within

loop (see IT1.2.7)

- two orders of magnitude greater dynamic range required for VCO

and corresponding frequency measuring device

- other ELT's and noise 41 dB above the desired ELT bresent at the

heterodyne mixer input implies that it must be linear over a very

wide dynamic range (similar requirement for synthesizer controlled -

~down converter).
- requirement to disengage sweep quickly following lock detection.

The stepper searcher uses a synthesizer with a 12 kHz raﬁge having
frequency steps of less than 100 Hz with a short term stability of
much better than 1 Hz-(the first component of the frequency measure-

ment) and has the following disadvantages:

- lock up time of stepping synthesizer adds to overhead of searcher
(this can be minimized if necessary by switching between 2 synthe-

sizers, with one locking to the next step)
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- increased cost of synthesizer unit vs ramp generator (offset to
some extent by reduced IF frequency into PLL and limited dynamic

range'of phase detector and frequency measuring device),
- difficulty of being used to track ELT's (Type B only - see II,3,1.3)

An additional advantage of the programmable synthesizer/stepped
searcher is the variety of ways in which it can be controlled by
the computer; e,g, stepping rate can easily be varied by software,
steps in ﬁhich ELT's are currently being tracked can be skipped
(Type B only), stepping devices in the search mode are easily
synchronized to maintain a fixed separation (normal Type A),
jumping in sequence to steps in which ELT's are known to reside

(modified Type A) is possible, etc,

At this point in time, there is some uncertainty as to what parameters
.and control algorithms are optimum, and these may only be determined
well into the implementation and field testing phases; the intrinsic
flexibility of control that can be obtained with little penalty in
hardware is what really clinches. the argument for the stepper vs the
heterodyned sweeper in the préposed receiver'configuration (see

Figure 10).
11,3,1,3 'Measurement and Tracking

It has been determined that to acquire an ELT with sufficient S/N
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to perform an accurate.frequéncy&measurement, the PLL loop filtex
bandwidth must be narrowed followling detection, At thislpgiﬁt‘ T
the PLL will be able to track an ELT in the 0 - 14 Hz/sec range and
provide an S/N of about 10 dB at the VCO input for a C/N, = 26 dB-Hz.
Three schemes are possible for determining the frequency of the ELT:
fixed period counting of the VCO output; interrogation of a digitally
controlled synthesiier in place of the VCO (hybrid scheme), and
direct measurement of thé VCO input voltage (possible with Type 2
receiver only), As indicated in Figure 8 the VCO output signal
may be measured by a fixed period counter started and stopped by
computer command, With full wave rectification or its équivalent,
the frequency can be measured to an rms accuracy of 1 Hz in 1/4
second as long as the loop remains in,lock.f If the ioop becomes
unlocked during fréquency measurement, the VCO input voltage will
drop and become subject to a slowly ﬁhéreasing 1éve1 of noise
(see II.Z.@). To ensure satisfactory completion of measurement
of pulsed ELT's, it may  therefore be necessary to clamp the
frequency currenﬁly beiné measured uponiloss of lock; since there
will be considerable delay betwéen the actual loss of lock and its
detection, a digital delay of the counter input is reqﬁired to ensure
that it can be clamped to the ffequency present prior to loss of lock.
The following dlagram depicts the two sources of frequency measure ~
ment error resulting from a loss of lock 0 < a < 1 into a measurement

period T, assuming a rate of change of doppler of R Hz/sec.
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L) %‘(1wu) (14) (.25) Hz for T = ,25 sec, R< 14 Hz/sec
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= (1-0) (3.2 + 1.8((1-a)T)%) (see 11.2.4)
o § max (Hz) ' €rms (Hz)
= max error . with clamping = additional error without
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.10 1.42 3.64

.25 0.98 2.98

.50 0,44 - 1.92

W75 0.11 0..91

1.00 ' 0.00 0.00
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These frequency measurement errors may be tolerable, If desired,
the ¢ componént could be largely removed in software by extra-
polating a slope value from previeus measurements, To do this

the cbmpufer would have to know the moment of lock interrupt,

The advantage of the above scheme of measuring“pulsed ELT's is that
once a measurement is initlated (with lock indicator '"on'"), a 'good"
frgquency measurement will be taken - i, e;, there is only one sequenﬁe
of measurement taking events. Even without frequency clamplng or
extrapolation, the degradation in measurement is less than 1 Hz

rms for o > ,75, .Taking this approach, pulsed ELT's have abéolutely'
no impact on the receiver design, but are subject to 2 -3 times the
mean time to-detect and rms measurement error associated with con-

tinuous ELT's,

Alternatively, successful measuremént of a pulséd ELT during a
complete "on" period is virtually assured over an interval of several
'seconds with non-~interrupted repeated counting. The only exception

to this is when the pulsed ELT cycle period ("off'" plus “dn“ time)

is very nearly an integer multiple of the measurement time (nominally
.25 seconds), The following table 1nd1cates the probability of maklng

a successful measurement versus time under the following assumptions

~ minimum effective ELT on-~time = 0,5 sec ~ PLL lock-up time assuming

linear extrapolation

R

0.45 sec,
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" ELT off time

|
|
|
= 0,5 ¢ ELT on«time <4 1,0 uniformly distributed

- max, ELT off-time = 2,0 sec

-~ uninterrupted counting over N successive ,25 second intervals
|
|

- N T - Likelihood of success after N tries
(assuming lock indicator initially "on')

1 .25 sec >3 44
2 .50 sec
3 . .75 sec
4 1.00 sec ' >.74

5 1,25 sec
6 1,50 sec
7 1,75 sec
8 2,00 sec >, 89

The operational sequence for this méasurement technique is again
rather simple - commence measurement taking if lock indicator "on'"
and continue till successful measurement is taken. It is of no
interest in the Type A receiver, however, not only because of the
unacceptable measurement overhead time introduced, but also be-
cause it imposes the need to track the ELT by extrapolation sweeping

during the "off" periods,
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@ o stebility of the clock used to start and stop the fixed .period

counter must satisfy the following relation:

AT = time base accuracy over 1200 sec:

<<l period of waveform being counted

*(22)

where fIF is the VCO centre'freduency and frequency doubling: is assumed.
Otherwlse variations from the nominal value of T used to divide the
number of cycles counted will contribute to measurement error¥®. For

a 2 stepper (Type 2) system (see Figure 7) a reasonable lower bound

for £ is 250 Hz, implying the absolute necessity that

IF

' AT << 2 msec

As indicated in Figure 8, an alternative scheme to counting the ‘
VCO output is to employ.a digitally controiledvprogrammable synthesizer
in place of the VCO. (continuously or during measurement period

only). Assuming frequency steps Af < 1 Hz, then instantaneous fre-
quency can be read directly from the synthesizer or averaged over

some time interval,

#rNote thatvery: 1ong “term -variations: are insignificant, as we are
only interested in“relative (1,e, measurement to measurement)
accuracy over:a satéllite pass,’

e B L BRI B B Tt e e e e o
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Phased 1o¢ked loops are usually taken to be analog devices, but in
fact can be realized also with digital hatdware or with a hybrid
mixture of analog and digital components, In the frequency range
appropriate for the SARSAT systém, analog implementations seem self-
evident, but digital or hybrid loops were investigated in some de-
tail in case some less obvious advantages were to be found in these

approaches,

The potential advantage of the digital approach not only lies with
the elimination of the fixed period counter, but also with the easy

controllability of the loop as follows:

- the delay/frequency clamping scheme previously described is
trividlly realized by retaining memory of the synthesizer state

at some previous instant

- variable slope swéeping in the search mode (Type 1 only) or
tracking (i.e. extrapolation - Type B only); quantum stepping (to
compensate coarse synthesizer stepping with Type B2 receiver -

see subsequent discussion) can be realized without the problems

of drift, gain variation etc. of corresponding analog circuits and

with precision and dynamic range determined only by word length.

An obvious all-digital method is formed through direct digital simu-
lation of an analog PLL. This could be realized by either hardware

or software, but the most casual consideration of costs suggests
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‘ very strongly that this is not a viable approach,
A hybrid method in which computer software is a major element is
possible, but the complexity associated with the multiple processing
and complek control needed for the SARSAT receiver destroyed any

potential this technique may have enjoyed,

Another approach based on hardware is described by the diagram:

0-;ﬁgg§~0& ACCOMULATOR

e Decision : Z
= = Bmmm—
HARD bevice o

¢ ITED
/ 7 st6NAL

~

FREQUENCY
SYNTH ESIEER

SQUARE WAVE OF
FrREQUENCY (R +F8)

DIGITAL SIeNAL F

Only the phase detector operates in an analog fashion and it is
actually a hybrid device in which the incoming signal is gated by the

square wave from the Frequency Synthesizer and the result is averaged




II-76

to give a measurement of phase difference over the range -m to m, .
Based on thls phase difference, the Decision Device increments or
decrements’ the contents of the Accumulator whose output is a digital
word determining the PLL's frequency. The square wave generated by

the Frequency Synthesizer has frequency (fo + FA) Hertz, and the
synthesizer is actually a down§¢ounting device which directly detér—

mines the period of the square wave rather than the frequency.

Such a frequency synthesizer has only a limited operating range but
for a Type 2 (i.e., stepper) system with step size A = 1 Hz, and F
an.integer with a range of +25, this is not a problem. For example
if f0 is 10 kHz, obtained by dividing a 50 MHz clock by 5000, then
the error 1in step size 1s less than 1% across the operating range.

_
Detailed study of the behaviour of this systém determined that it
is able to lock to both fixed sinusoidal inputs and sinusoids whose
frequency varies linearly with time. The resulting phase'error is
not fixed but oscillates, usualiy in a somewhat random‘fashioh, about a
mean value, Similarly the frequency reading F is not fixed but varies
slightly with time. Two approaches to obtaining'a'suitabie reading
were found to be possible: if A = 1, and the system were designed
so that the "bistable" variation in F were limited fo + 1, any reading
of F would suffice; alternativelf, this restriction on A and F |
‘could be relaxed if a suitable measurement time T were chosen §ver
-which the reading of F were averaged, In all, the SARSAT specifications

can be achieved by use of a simple hybrid PLL of this tyﬁe.
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-Unfértunately, it was also found that the system suffers from some
problems of instability and large sustained oscillations could build
up. In the tracking mode these can be controlled by designing an
appropriate Declsion Device, which in the most basic mode would
simply be a hard limiter, Use of two thresholds, and a slightly
complex method for modifying the input to the Accumulator when. a
threshold was exceeded, was sufficient, However, no reasonable
method could be found to prevent excessive settling times when the
loop was initially attempting to acquire lock., As a consequence,
this interesting approach to the implementation of a primarily

digital PLL was abandoned,

The essential problem can be identified in the analog version of

this loop

y%.

PHASE

= enase

wn]—
wn
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which has a transfer function _ ‘

"k

Ko} ‘52 k

) Tk AR
5; (s) = *~7\ = s 4k
s

1/2 and so would have

This is immediately seen to have poles at # jk
a highly unsatisfactory transient behaviour. (As indicated in
Appendix B, the performance of the hybrid loop is not identical to
its analog counterpart, due to sampling quantization, and arithmetic

roundoff; however, these typically add noise to the system without

affecting behaviour),

The third approach to measurement taking ls direct linear A/D con- .
version of the YCO input, Due to a stringent frequency vs voltage
linearity and stabllity requirement over the measurement range,

this scheme 1s only feasible for the stepped receiver, For 47 Hz

steps, the frequency must be measured to an accuracy of 1 Hz over

say 64 Hz,implying at least a 6 bit A/D convertor,

This approach has been demonstrated to be theoretically feasible

(see I1,2,8); its practicability is largely determined by the lin-

earity and stability (over 1200 seconds) obtainable for the PLL.

Slight ion-linearities and time variations in the VCO frequency vs

voltage response, loop gain etc, do not affect output freduency ,

and hence a counter measurement, but will alter slightly the

demodulated FM signal from which the measurement is derived in this .

case,
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The tracking capabilities of the 12 kHz heterodyned PLL (Type 1) and
the coarse stepping / 50 Hz PLL (Type 2) devices are somewhat dif-
ferent, and favour the former, Basically, the Type 2 device can only
track within the 50 Hz pass band of the input filter without re-
sorting fq coarsé stepping. (Beyond this band, the carrier is

attenuated by the filter skirts and loss of lock occurs).

The coarse step is much larger than the pull-in range of the tracking

PLL, implying loss of ELT acquisition over an extended period unless:

- the PLL filter is widened and the ELT redetected in the next

step

~ a compensatlng coarse frequency step voltage is abplied to the VCO
input at the moment the'synthesizer is étepped, and the stepping
takes place prilor to loss of ELT lock (siﬁce‘the bapdwidth of the
filter is conslderably wider than a frequency step, extrapolation

can be used to control the synthesizer to keep the ELT within this

bandwidth)

-~ the synthesizer is programmed to slew between steps at the maxi-
mum tracking rate of the narrow band-PLL. and measurement taking

does not take plaée during this transition period.

The heterodyned PLL doesn't encounter this difficulty as.it is free

’ to track over the fu11 12-kHz band presented at the phase detector

input,




IT-80

The impact of this tracking difficulty with the Type 2 stepping re- ‘
ceiver 1is quité different in the Type A and Type B modes of operation.
In Type A, tracking is only required over the .25 sec, measurement
period, implying a maximﬁm frequency excursion of about 4 Hz., Only
in’the case of marginal detection at the very edge of band could

lock be broken due to further signal attenuafion during the measure-
ment, This event occurs with very low probability, and when it does,
the ELTuwillms;mply be redetected and remeasured suc;essfu;lyvpn the

next step. In conclusion, there is no disadvantage to the stepper

for Type A operatioﬁ.

In Type B operation, a narrow band tracking capability equivalent
to that of the 12 kHz hetrodyned PLL can only be achieved with the
added complication of adding compensating jump steps to the VCO '
input (su;h successive steps acéumulate in voltage) or slewing

the synthesizer at a rate of 14 Hz/sec (transition time between

stable points = 3,4 secs.) Alternatively, the narrow band PLL is
stepﬁed ahead of the ELT and awaits its predicted arrival. (If

only a coarse step from the synthesizer is used, this jumping ahead
scheme offers 1itt1e)interference'rejecfion advantages to the wider

PLL bandwidth/redetect approach since ELT frequencies are moving

in the same direction, and certainly increases the loss of acquisition

time),

The "widen PLL filter bandwidth/redetect" approach has no impact on

the hardware requirements of the stepper receiver, but clearly

results in inferior performance to the heterodyned receiver because
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an ELT cannot be successfully tracked to a 47 Hz synthesizer step

currently occupied by another ELT. This eliminates much of the
advantage'of the Type B receiver, namely the ability to traqk and
measure ELT's initially separated by more than 47 Hz to within the

3.25 Hz pull-in half bandwidth of the tracking PLL. .

Finally, it has been shown that to track pulsed ELT's with a

maximum offetime of 2 seconds and a maximum doppler rate of 14 Hz/
sec, elther a programmed step (corresponding to the ELT frequency
expected when 1t re-~appears) or a programmed ramp voltage based on
extrapolated frequency measurements must be épplied to the VCO

input, or else the filter is widened and the ELT redetected within
the same step or the next one., In the latter case, there will
obviously be less time to measure the pulsed ELT due to the wide band

acquisition delay incurred at the begihning of each "on' period.

I1,3,1,4 Recommended Type AB Receiver

Assuming selection of the appropriate search and detect plus frequency
measuring devicée, Figure 10 illustrates how it is employed in either

a Type A or Type B mode. Rather surprisingly, abart from the require-

- ment for 8 rather than 2 devices, the Type B receiver hardware differs

from that required for Type A operation only in the following respects:

Y

1, Separate and independently controlled sweepers or steppers for

each device,
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2, ~ External control of the VCO input voltage to track ELT's during .

out of lock periods (optional)

Of course, the software used to control the receiver hardware in the

two cases is quite different,

Without a serious engineering or hardware cost penalty, it is there-
fore possible to devise a receiver which can be’operated in the Type
A, modified Type'A, or limited Type B modes (see Table 1) with

the appropriate control program loaded into the microprocessor.

Assuming a stepped synthesizer (Type 1) receiver, which has the
previously discussed advantages over a swept receiver, Figure 10
illustrates the Type AB receiver configuration recommended for | .
implementation, While Type B operation is limited by the presence

of only two devices, its performance can be fﬁlly demonstrated.
Furthermore, addressing and control sequences, as well as the Typé

B microprocessor program, can easily be devised to accomodate up

to 8 devices, and therefore the proposed receiver is immediately

expandable to full-fledged Type B operation.

The control input/oufput between the receiver hardware and the
microprocessor are fully identifi%d in Figure 10 and listed below

(per device):
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Input: 1 lock indicator on/off (interrupt)

ii frequency measurement (6 -or 7 significant bits)

Pede

Output: new address to synthesizer (7 or 8 bits), also commands
loop filter capacitor discharge if device is in searching

mode

i1 -switch loop filter command

iii start/stop counter

As descyibed in Section II,S,Z,'rathef(simple I/0 links can be

used to contrel the two devices in any of the desired modes, Con-
trol algorithms are facilitated by the fact that all doppler
frequency characteristics wvary honotonically in the same direction
with time, The searching device will therefore be stepped in the
same direction as the ELT's are moving, ensuring that if an ELT is
just lost on one step it will be detected on the next. Similarily,
for tracking, there is no ambiguity as to which adjacent step'a lost

ELT has moved, and back stepping is not required.

The advantages of the proposed receiver configuration can be sum-

marized as follows:

- simplicity of hardware and control interface
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- Type A or Type B operafion‘ (with change only to software)

- duplicétion of identical independently controlled devices eases

engineering development, fabrication and testing
- easyiexpandibility up to 8 devices

- flexibility maximizes likelihood of success (both operating mode

and critical timing parameters ‘are. under the control of the com-

puter and can be varied)

« reliability (in an operating system, graceful fallback easily

accomodated as devices are taken out of action). - , . A
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‘II». 3,2 Microprocessor Control

Many of the receiver functlons are controlled by the computér sub-

system or monitored by it for control purposes, Specifically, for

the recommended Type AB recelver these items include control of the
synthesizer, the counfer, the loop filter and the VCO input Tamp

(Type B only); and the monitoring of the lock indicator,

As wéll as the control functlons which interface directly between

the recelver and the computer system, the computer system must be

capable of keeping track of absolute time of day, storing the measure-

ments and associating a time with them, softing measurements according

to ELT's, keéping track of devices, and additionally in the Type B
‘ receiver activating and disengaging devices and periodically. polling

~devices that are tracking for measurements,

The microprocessor system selected was a PDP 11/03 (LSI 11) with

two 16~bit parallel interface units, 8K words of memory, dual floppy
disks, a decrwriter and a real time operating system. This is a
versatile system that satisfies the requirements at comparative cost
as well as facilitating the development of the software to perfprm
the required tasks, The expected delivery date for the PDP 11/03

system is January 20, 1977,

Figure 11 shows the distributioen of the control funCtiqns on the

two PDP 11 interfaces for the recommended Type AB receiver, They
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are organized in such a way as to accomodate up to 8 devices in .

parallel,

Figures 12 and 13 illustrate a typical control sequence for the Type

A recelver system, In general the synthesizer is stepped by 47 Hz

every 66,6 ms unless one of the two devices attain lock, This event
results in the computer changing the loop filter from a wide band to

a narrow band filter, whereupon the lock indicator'should indicate

that lock has been maintained or reacquired within a short period

of time, 1If it does not relock the initial acquisition is treated

as a false alarﬁ_and searching continues. On relock the counter is
started and then stopped after a fixed interval period of 250 ms,

The computer reads the count, converts it to a frequency measurement

and assoclates a time with it, The counter is then reset, the filter '
is switchéd back to wide band and the synthesizer is stepped. The
measurement is sbrted into the correct ELT record in core and these
records are periodically stored on diskette, It is possible that
both devices encounter ELT's at fhe same time, in which case two °

measurements are taken in parallel,

Figures 14 and 15 illustrate a typical control sequence for the
Type B receiver system. The device is transferred from an idle
state (synthesizer not'stepping and device not tracking) to an
active searching_state (synthesizer stepping).‘ In this state the
synthesizer 1s stepped every 66,6 ms until lock is achieved, As in

the case of the Typé A device lock must be reattained in order for the
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measurement to be made, However, the device is left to continue
tracking the ELT, making measurements at regular iptervals and an-
other dévice is activated to continue the seérch for other ELT's, A
device that is tracking an ELT is.deactivated if it starts measuring
the same ELT as another deﬁice or 1f it loses io;k for an extended
period of time, If lock is lost for a tracking device the VCO

input ramp may.be selected to assist in reacquiring lock (this option
is accommodated in the data field but will not initially be available

in hardware,)

The preceeding summaries were intended to give an indication of the

software processing involved., The software for the microprocessor
will be assembler programs that are expected to occupy approximately
2K of memory for the Type A receiver and an additional .5 to 1K‘

- for the Type B receiver, The resident operating system will occupy:
about 1,5K 1éaving up to 4K free. An indication of timing and delays
between_control functions is given in Figures 13 and 15. Absolute
Time of day must be provided to the software at the time the software

is activated,
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FIGURE 11
PDP 11/03 INTERFACES (DRV11)

DATA OUT OF PDP 11

0 Syhthesizer Address
1 1 Bit = Type A
2 3 Bits = Type B
3 - ' .
4
5
6 |Synthesizer
7 Channel
8 Select
9
10
11
12
13
14
15
Int [:j Int
0 Receiver Address
1 1 Bit - Type A
2 3 Bits ~ Type B
3 - .
4 Ramp Input
5 Type B Only
6 —
7 :~'Ramp Select Type B only
8 Loop Filter (Narrow/Wide):
9 | Counter Start/Stop |
10 n—'Counter Reset
11 |
12 Spare
13 5 Bits
14 | |
15
Int [:]' ‘
Ton ot

0
1
2
3
4
5
6
7
8
9
0

1
11
12

13
14

15

O W TN N O

_DATA INTO PDP 11

o 4
PLL #1 Lock Indicator

PLL #2 Lock Indicator

2 For Type A
8 For Type B

PLL #8 Lock Indicator

8 Spare Bits

-

[:]Change of State of Lock Indicator

—

~ |Counter
Output Count
- (Frequency Measurement )

T AT Aanl Toad meepran
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TYPE A DEVICE

START

?’F

OUTPUT NEXT STEP

TO SYNTHESTZER

"FIGURE 12

SWITCH FILTER

TO NARROW BAND

| S

START COUNTER
STOP COUNTER
READ TIME
READ COUNTER
RESET COUNTER

%

SORT INTO.
ELT RECORD
(EXTRAPOLATION)

i

SWITCH FILTER

TO WIDE BAND

NO
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ILYP\E : A\' DE’V\IC‘E ;T'Y\P"ICAL ‘SEQUENCE

TIME RELATIVE.

TO PREVIOUS STEP EVENT
(NOMINAL)
0 -~ 20ps Syhthesizer Output Stepped

0 ~ 66 ms (~50ys)

<200wus
0 - 33,3 ms
0 - 16,6 ms

250 ms + 9yus

+ Clock

<200ps

<16.6 ms

Lock Indicator On Qi Go To 1
Switch Filter To Narrow Band
Lock Indicator On Or Go To 1
Start Counter

Stop Counter

Read Time

Read Counter

Reset Counter

Switch Filter To Wide Band

Go to 1

FIGURE 13

e

—
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TYPE B DEVICE

ACTIVATE DEVICE

—— >y

OUTPUT NEXT STEP
TO SYNTHESIZER

- y

SWITCH FILTER
TO NARROW BAND

INDICATOR

f YES

YES

SWITCH FILTER ACTIVATE
TO WIDE BAND NEW DEVICE

_—

START COUNTER
STOP COUNTER
READ TIME

READ COUNTER
RESET COUNTER °

L

STORE IN ELT RECORD

SELECT § INPUT TO RAMP

10 SEC
ELAPSED

<:DEACTIVATE DEVICé)

FIGURE 14
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vvvvvvvvv

TIME RELATIVE

TO PREVIOUS STEP EVENT #
(NOMINAL) .

0 - 20us - Synthesizer Output Stepped 1

0 = 66,7 ms (=50us) Lock Indicator ON Or Go To 1 2

<200yus , Switch Filter To Narrow Band '3
.0 « 33,3 ms Lock Indicator On Or Go to 1 4

0 ~ 16,6 ms Start Counter , 5

250 ms * 9us Stop Counter 6

<200 s Read Time ’ g 7

Read Counter : ' .

Reset Counter

10 seconds | Go To 5 8
, Lock Indlcatoyx Off 7.4
<200us Select And Input to Ramp 7.5

0 « N seconds Lock Indicator On Or Deactivate Device| 7.6

FTGURE 15
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® 111 ENGINEERING AND ECONOMIC EVALUATION OF CANDIDATE RECEIVERS

ITT.1 IntrodUtt}On

This section examines and compares the candidate receiver structures

from the implementation standpoint, It addresses:
~ Design approaches and technical tfadeeffe

~ Make vs buy options

~ Technical and schedule ?isk

-~ Capital costs

~ Engineering effort requirements

IIT,2 Receiver Configuratiohs

The preceding sections of this report have identified receiver

structures comprised of the following elements
a, Downconvertey

b,  Receiver - either (1) stepper

’ : (2) sweeper
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c. Counter ~ either (L) Fixed period
(2) A to D

In addition it has been shown that the above elements may be con-
figufed for Type A operation, or Type B operation, It is.a design
objective that both modes of operation be ultimately achievable with
the same hardware building blocks, integrated differently where
necessary and operated under control of the appropriately different

software,
The candidate receiver structures may be broken down thus

Down Stepper F.P, Counter  Type A or ‘
" ¥ +

Converter or Sweeper or A to D Type B
yielding 1 X 2 X 2 X 2 = 8 possible combinations,

The elements of these combinations .are examined in detail in the

following sections.

ITI.3 Detailed Assessment of Receiver Elements

ITI1.3.1 Choice of Frequency Plan

A principal choice to be made for the Sarsat receiver is its oper-

ating frequency plan., This involves identifying the operating ‘
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’frequency of the PLL, of the stepper or sweeper, and thence of the

down converter, The factors which must be consideréd include;

i - a lower operating input frequency limit of 6 kHz exists for the
sweeper type of receiver, This is dictated by the need to |

avoid spectrum fold over,

ii  No theoretical uppér limit exists for the'PLL'operating~fre-
quéncy;however practical circuit design‘becomes*progfessively
more difficult at higher frequencies.. A broad statement of
PLL operating frequency would be ”in the tené'of low hunareds

of kHz range",
iii Other factors to be considered:

a. The VCO sweep range for the sweepef receiver should be.main—.
tained as a reésonably small péréentage-of Bperating frequency
both to preserve reasonable voltage to freqﬁency.linearity (to
ensure thaf loop gain doeé not bgcome‘avfunction[of frequency)
and to retain predictéble noise performénce7 This woﬁld sug-
gest the sweeper VCO»operafing-fiequency shéuld be‘in the -

"high tens of kHz or low hundreds of kHz",

b. The operating frequency of the stepper receiver synthesizer can
be selected as desired,or,on the basis of commercially avail-

able units,
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c. The realisability of a stable narrowioand IF filter (of low .

order for the sweeper), | |

One notes that: .

- actlve fllters using operational amplifiers become progres~
sively more ddfficult to realise above several KkHz

~ inductors with Q factors above 500-800 are difficult to
realise, This means that L-C filters with a 3 dB BW of 50 Hz
at frequencies exceeding Q X BWSdB (i.e, 40 kHz) may yield
practical problems

- crystal filters may not yield the design flexibility requiied

for this phase of the work.

Based on ¢ above a suggested centre frequency for the narrow band ‘

IF filter is 15 kHz

A suggested frequency plan for both types of receiver is given: in
the accompanying table. Clearly a considerable amount of designer
freedom may be expressed and should be used to advantage if other

design tradeoffs are required.
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A0 S e v e W W W G WL S W GRS 2 m e S e e S U T 26 T s aa e e S BEm T T Y
PARAMETER ‘ STEPPER - SWEEPER

Lo am R SRRTRRR RRR T TR TR RN N A X R R T B SN Jnme aaa e Ve A ) ~ ~
Down Converter Frequency 70 4,006 70 +,006

Range (MHz)

Down Converter Output 60 + 6

Frequency Range (kHz) -

Synthesizer Frequency 75 + 6
Range (kHz)
VCO‘Frequency Range (KHz) 15% + .025

NB IF Filter Centre . 15

Frequency (kHz)

PLL Opefating Frequency (kHz) 15%

60 + 6 (455 + 6)%%
N/A

75 + 6 (470 + 6)%x

15

15

SUGGESTED FREQUENCY PLANS

can be lowered by having additional stage of down conversion

between 47 Hz. BPF and PLL jinput

bracketed figures: denote an alternative which may be attractive

due to the fact that 455 kHz is a standard broadcast band inter-
mediate frequency, for which IF filters are readily available,

Q
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.......

I11,4,1 Make or Buy

The down converter is a clear case of 'make' since suitable units
are not commercially available, The unusual features of this de-
vice are associated with frequency stability,frequency plan and

filtering aspects.,

IT11,4,2 Design Tradeoffs

The down converter tradeoffs are as follows:

i Number of local oscillators shoulcl be minimised in order to re- ‘

duce the potential sources of frequency error., ‘This should be

consistent with -

il Realisable, stable economical filters capable of providing the

required selectivity and image rejection
iii Price and lead times to procure components
a. Single. Down Conversion

A single down conversion from 70 MHz to 60 kHz (or 455 kHz) is

feasible i1f a crystal filter is used to provide image channel re- ‘

jection at RF;:
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70 Miz | 2’3 o 60 KHz
i
Xtadl
BPF
70.060 Mz

av L.0.

This approach employs one local oscillator, one stage of mixing‘aﬁd

one bandpass filter,

The crystal filter employed will require at least 20 dB attenuation

at the image (2 flo - £ ) frequency i.é. at 70.120 MHz to

signal
ensure image noise degradation of less than 0.1 dB. - This is
well within crystal filter technology. A suitable filter quoted

by McCoy is as foliows:

1 dB passband: 70 MHz + 6 kHz
Stop. band : =20 dB @ + 10 kHz
- 60 dB @ + 40 kHz
Size v 2.4 X 1,0 X 1,3"
P &A - i 7 $350 US, 10-12 weeks -
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The 70,060 MHz local oscillator will require a stability of the order

of 2 X 10™° (
7

0,14 Hz) over the duration of a pass and perhaps

1

2 X 107" (= 14 Hz per day). The Vectron C0-229 or CO-204 propor-
tional oven controlled crystal oscillator should meet this

requirement ( P § A $425 US, 90 days).
b, Double Down Conversion

A double down conversion from 70 MHz to 60 kHz (or 455 kHz) is feas-
ible using much less demanding RF filtering. In this case the image

frequency is much further separated from the signal band.
Consider a 4 pole coaxial bandpass filter quoted by CIR-Q-TEL ‘

1 dB passband: 70 MHz + 0.5 MHz
Stop-band i -~20 dB at *+ 2 MHz
-45 dB at + 5 MHz

P § A Y "~ $100 US, 5-6 weeks.

Assuming the first IF selected were 10,7 MHz,.the IF filter response
would require to be 20 dB down at the image frequency i.e, at 10,7
*+ .120 MHz (or 10,7 + ,910 MHz), These requirements are not diffi-

cult to meet with either L-C tuned circuits or with a crystal filter,

The second conversion would translate the signal frequency to 60 kHz

(or 455 kHz), ' .
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' The stability requirements of the first L.0. are essentially the same
| as 1n the single stage down converter (hence similar cest)., The
second L,0, i1,e, 10,760 MHz (or 11.155 MHz) should contribute no more

to the net translation error than the first L,0, A temperature com-

pensated crystal oscillator (TCXO) such as Vectron C0-252~3 will provide

an aging rate of 1 X 10 . (0 1 Hz) per day, Price for such a unit
is $300-$400 U,S,

An advantage to the double down converter is the freedom to change
the output frequency simply by changing the frequency of the an L.0.

This may be desirable in the design phase,

.III .4.3 Conclusions

The single stage down converter poseessee advantageslbf simplicity;
lower parts count and thus a lower hardware cost and would probably
be a first choice were it not for the long delivery of the crystal

filter (10-12 weeks APO) and the first LO (90 days).

Should if not be possible to significantly improve the erystal

filter delivery, the double down cenverter selution should be pursued,
Whichever path is adopted the development program can be expedited
by temporary substltutlon of less stable but more readlly available

local oscillators, in lieu of .the high stablllty units,
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III,5 The St?PP?F;B?FeiYEQ

I11,5,1 The Synthesizer
ITI,5.1,1 Make or Buy

Since suitable programmable synthesizers are commercially available
a valid make or buy option does exist, The Fluke model 6010A (spec
sheet appended) is priced at $3145 CDN including duty. Its key

features are

programmability (0,1 Hz resolution)
fast settling (2-10 ms)

10 Hz - 110 kHz (Range 1)

10 Hz - 11 MHz (Range II)

adequate stability 1 X 10"8/day

Delivery is 8-10 weeks.

For purposes of cost comparison consider the Type AB receiver using

two synthesizer units:

To Buy:  Synthesizer $6290
Estimated Interface Design Effort $2500

TOTAL ’ $8790
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" Frequency

Range

10 Hz to 109.9999 kHz in the low range
10 Hz to 10.99999 MHz in the high range

Resolution’

0.1 Hz in the low range

10 Hz in the high range

Range Selection

Automatic with manual override.

Annunciation’
Units automatically justified in the LED
display to indicate maximum resolution.

Accuracy

" =3 parts in 10* for one year over the
temperature range of 0°C to -+50°C,
Aging Rate

Less than 1 partin10°® per day at
constant temperature or 1 part in 10¢
per year.

Temperature
Less than =2 parts in 10* from 0°C to
- +50°C (Less than =5 parts in 107 from
0°C to +50°C with optional high
_performance oscillator)
Local Control
Keyboard selection of numerical data,
magnitude (Hz, kHz, MHz) and
functions. Rotary knob provided for
modifying entry.
Remote Fregquency Control
Byte serial, bit parallel, ASC Il data
format, two programming formats—
fixed form and free form

Frequency Display
Seven digit LED display of frequency
set by local or remote control.

Frequency Storage

Facility to store and recall 10 front panél
control settings including frequency,
attenuator and modulaion.

Spectral Purity

Harmonics o

—50 dB from 10 Hzto 1 MHz

—40 dB from 1 MHz to 11 MHz

(Except —35 dB for output levels within
2 dB of max output on each attenuation
range from 1 MHz to 11 MHz.)

Total harmonic distortion less than
0.3% from 10 Hz—110 kHz, (Typical
harmonically related outputs will-be
greater than 60 dBdown.)

Spurious ‘

All non-harmonically related outputs
will be greater than 60 dB below the
specified output or —110 dBm which-~
ever is greater.

Signal to Phase Noise Ratio’

Greater than 46 dB as measured ina

30 kHz band excluding 1 Hz centered
on the carrier, including the effects of
the internal standard. Residual (exclud-
ing internal standard) is greater than 50
dB down. Improvement on Low Range.
Phase Noise Spectral Density

SS8B S/N Ratio at the output measured
in a 1 Hz bandwidth at maximum output
(typical). Improvement on Low Range.

Offset Frequency S8B S/N
20 Hz 102 dB
200 Hz 108 dB
20 kHz 106 dB
1 MHz 130 dB

Amplitude

Range

0.25 mV rms to 5V rms (0.5 watts) |nto
50 ohms. .

Attenuator

Consists of 20 and 40 dB sections pr(pv
viding 0 to 60 dB of attenuation in 20
dB steps.

Control

Rotary knob adjusts amplitude over a
26 dB range, keyboard selects one of
four attenuator settings.

Frequency Response

*0.5 dB from 10 Hz to 11 MHz within-
each band.

Stability vs Temperature

- 0,25 dB +18°Cto +28°C
+0.75 dB 0°C to 50°C
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FM IN

Frequency Modulation =5V
peak-to-peak, deviates output
frequency =20 kHz in high -
range: =200 Hz In low range.
Zln == 600 ohms,

EXT REF

A 10 MHz TTL compatible
square wave can be used to
refersence the synthesizer.
Internal Ref. is automatically
selected in the absence of an
Ext. Ref. {(Int. Ref. error < =%=3x
10"*/yr., 0°C to 50°C),

AM IN
DC to 10 IkHz; =5V peak to
peak corresponds to 100%

_ modulation. MaxIimum modula-
tion 90% Zin = 600 ohms. -

Remote Control

Mating connector Amphenol
57-30240.

Ref Out -

Derived from the synthesizer
frequency reference. 1 MHz
output is standard; 5 or 10 MHz
available by changing internal
jumper, Output Is TTL com-

" patible square wave, 0to 3.5V

peak amplitude. .

TTL Out

Frequency is identical to
SYNTH OUT; 0 to +2.5V mini-
mum peak amplitude into 50
ohms

SYNTH OUT
Output for elther optlon —04
or option ~09,




Output Impedance
50 ohms

Remote Control

" Byte serial, bit parallel.

External analog voltage (BNC con-
nector on rear panel) will program
output from 0.25 to 5 V rms, +0.25 VDC
corresponds to 0.25V rms, +5VDC
corresponds to 5V rms,

AM Modulation

Analog remote control lnput can be
used to provide amplltude modulation.
Bandwidth of this lnput is 10 kHz and
maximum modulation is 90%. =5V p-p
corresponds to 100% modulation;
Zin=600%,

Switching and Settling Time

Frequency

Low range. Frequency setties to within
10 Hz of final frequency in less than

2 ms in fixed form and In less than 10 ms
in free form upon update.

High range. Frequency settles to within
1 kHz of final frequency in less than

2 ms in fixed form and in less than 10 ms
in free form upon update.

Range change, less than 10 ms to be
within frequency settllng specifications
upon update.

Handshake cycle to accept one charac-
ter other than update, less than 1ms

in fixed form.

Auwiliary Quiputs

TTL Output .

TTL compatible square wave output
(<0.5V to >2.4V p-p into 509) at the
synthesized output frequency. Sym-
metry is 45% to 55%, with rise and fall
times less than 10 ns.
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Reference

Derived from the synthesizer frequency
reference. 1 MHz output is standard;

5 or 10 MHz available by changing inter-
nal jumper. Output is TTL compatible
square wave, 0 to 3.5V peak amplitude.

Inputs

External Reference

Requires a 10 MHz TTL compatible
square wave with symmetry between
forty and sixty percent. Internal ref-
erence is automatically selected in the
absence of an external reference.

General

Operating Environmental
0—50°C, 0to 80% RH, 0 to 10,000 feet.

Non-Operating

—40°Cto 75°C

Power

115/230V rms =10%, 50—60 Hz

Power switch disconnects both sides of
power line,

Weight

251bs. (11.4 kg)

Size

5% " x 82" x 19"

(18.3 cm x 21.6 cm x 48.2 cm)

Options

High Performance TCXO (Option —01)
Frequency Accuracy

#1.5 parts in 10¢ for one year over the
temperature range of 0°C to +-50°C. .
Aging Rate

Less than 1 part in 108 per 24 hours at
constant temperature, or 1 part in 10¢
per year.

Temperature Dependence

Lessthan*5 parts in 10’ from 0°Cto+50°C

Phase Lockable Input (Option 402)

Input Frequency

1,2,25,5,0r 10 MHz

Input Level

Greater than 100 mV, less than 5V rms
into 50 ohms

May be used with either the standard
oscillator or the optional high perfor-
mance oscillator.

Frequency Modulation (Option —03)

High Range Low Range
Deviation about
dialed frequency: =20 kHz =200 Hz
Accuracy 0-50°C:  ==1.5 kHz +15Hz
Linearity at Const .
Temp: =1 kHz 10 Hz
Rate: DCto 10 kHz DCto 10 kHz
Stability: =400 Hz Z=4 Hz
Zin! 6000 60052

Rear Panel Output (Option —04)

IEEE P488 General Purpose Bus
Interface (Option —05)

(Byte serial, bit parallel) Compatible

with proposed IECTC 66, WG 3 Interface.
EIA Standard RS-232 C Interface
(Option —06) (Byte serial, bit serial) ‘
50 to 400 Hz line power (Option —07)
100V, 50 to 60 Hz line power '
(Option —08)

20-31 MHz Tracking Output
(TTL Level) (Option —09)

Prices:

6010A $2,495
Options

01 High Performance TCXO 95.
02 Phase Lock Input 195,
03 Frequency Moduiation 495,
04 Rear Panel Qutput 10.

05 IEEE 488 General Purpose
Bus Interface (Byte seriai, bit

‘parallel) 200.
06 ElA Standard RS-232 C inter-

face (Byte serial, bit serial) 250.
07 50-400 Hz Line Power 150.
08 100V, 50-60 Hz Line’Power NC
09 20-31 MHz Tracking Output

(TTL Level) : 30.
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. To Make; Estimated Parts Cost . $ 750
Estimated Design Effort $7700

TOTAL - $8200

Conclusion: The relatively small,cost difference and reduced

program risk favour the 'buy!' approach.

I11,5,2 The Narrow band IF Filter
III,5.2.1 Make or Buy

- This is a low cost impact item and two or more approaches may be

. examined:
o

a, crystal filter : (buy)
b. Active filter e.,g. bi~quad (build)
c, L~-C High Q filter - (build)

III.5,3 Phase Locked Loop
I11.5.3,1 Make or Buy
The 'make! decision is necessary since the specific SARSAT require-

ments are unique and will require a consjiderable amount of parameter

variation trade offs to optimise performance,




I11-14

111,5,3,2 Techﬁical Tradeoffs : .

The PLL tradeoffs have been examined in considerable depth elsewhere
in this study, This section highlights certain aspects of the develop-

ment phase activities,
i IC Phase Locked Loops

Currently available afe complete phase locked loops on a single IC
(e.g. RCA CD4046) priced at a few dollars and available as stock items,
These PLL's are capable of operating up to several hundred kHz and
contain phase detector, VCO and lock indicator circuitry. Loop filter

elements are added externally to the chip. ‘

"Part of Phase III should be devoted to examining these PLL's to
identify whether these devices exhibit any significant shortcomings
e.g. phase noise, coupling problems, etc., at the relatively low oper-

ating frequencies (15 kHz) under consideration,

On the pessimistic assumption that the IC PLL will prove unsuitable it
will be necesSary to realize the PLL components in discrete or sep-
arate function form,

11 Phase Detector

One promising technique of realising the phase detector is to use an .
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exclusive OR gate. This produces a linear phase vs letage character-
istic over the interval +m to ~m.i,e, a practical realisation of the

sawtooth phase detector,
iii vco

For the voltage controlled oscillator the major unknown as yet is the
phase noise performance. This will be particularly.important in the

tracking mode with the narrow loop bandwidth employed.

Types of oscillator in order of improving phase noise performance

. are;

- relaxation oscillator - voltage tuned
~ L-C oscillator - voltage (varactor) tuned

- crystal oscillator - voltage (varactor) tuned,

Hopefully, the‘phase noise performénce of one of the first two types
ofioscillators is adequate. If a VCXO is réquired it will be nec-
essary to generate the Signal at a frequency of 100 kHz or more
(typically a VCXO provides + .1% deviation capabilify) and translate

down to the lo@p.ﬁco_frequency,

This problem could clearly prove more troublesome for the sweeper

receiver where a .+ 6 kHz deviation is required,
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A factor in favour of the stepper receiver is that VCO sweep is not
required, This will result in sjignificant reduction in circuit and

control complexity compared with the sweeper,
iv Loop Filter

The compensated integrator and the requirement to switch bandwidths
for the tracking and search modes is discussed elsewhere in this

report.
v Lock Detector

Two levels of circuit complexity may be required in the evaluation

of the lock detector,

a, The simple lock detector where lock is indicated by the d,c,
term from a product detector whose input signals are the loop

input signal, and a 90° shifted sample of the VCO signal.

b. The dual condition lock detector whereby lock is indicated both
by (a) above and by suppression of noise at the phase detector

output.

The additional development effort required for (b) should result

in a higher integrity for the lock indicator,

v‘.
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.III .5.3,3 Capital Costs

The capital cost for the PLL components is not expected to exceed

$1000 since it contains only relatively simple elements,

ITI,5.3,4 Engineering Costs

The engineering development costs for the PLL will dominate the cap-

ital costs by d factor of around 7-10:1,
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IIT,6 The Sweeper Receliver ' .
I1I.6.,1 Make or Buy

The sweeper rTeceiver 1s again a clear case of 'make' for the reason

that suitable devices are not commercially available,
I11.6,2 Technical Tradeoffs

Many of the technical tradeoffs discussed for the PLL in the stepper
receiver appiy to the sweeper receiver i.e. phase detector, lock
indicator and loop filter,

The key differences are seen as follows:

i There is a risk of loop instability due to the inclusion within

the loop of the narrow band IF filter and its associated poles.

il The VCO is required to operate over the full 12 kHz deviation
range of the input signal band. This may require a more
careful selection of VCO operating frequency than for the

stepper PLL i.e., added risk,

iii A sweep voltage and associated control circuitry are required
even for type A operation, This, although not particularly

difficult to implement practically, will increase the developmer.
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' effort required significantly because,

a, Examining the sweep rate vs acquisition characteristics

will involve hardware changes to the sweep circuitry.

b, A further option must be critically examined i,e, term-
ination of sweep by hardware (lock indicator) or by

software.

c, Circuitry must be included for adjustment of sweep rate,

and periodic calibration of the sweep rate.

ITI.6.3 Capital Costs

Capital costs for the PLL portion of both stepper and sweeper re-

ceivers are expected to be essentially similar - under §1000,

The capital cost (or development cost) of the programmable synthesizer

is a significant cost disadvantage to the stepper receiver.
II1.6.4 Engineering Costs

The engineering costs for the sweeper receiver will again dominate

the capital costs by a factor of 10 or 12 to 1,
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ii

iii

iv

««««««««

The stepper receiver represents a significantly lower technical

and schedule risk than the sweeper receiver,

The higher costs of the stepper receiver ( around $3000 for
a two channel receiver) are offset by its lower technical and

schedule risk.

A commercially available syﬁthesizer has significant ad-

vantages over a new development in terms of reduced performance
and schedule risk and increased flexibility., Overall costs,

are only marginally in favour of developing a.synthesizer in- .

house.

The recommended approach is the stepper receiver utilising the

commercially available programmable synthesizer.
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‘I IT1,8 The Frequency Countex

II1,8,1 Make or Buy

A valid make or buy option exists for the frequency counter, Counters
with a gate control capability are commercially available for $1000 -
$1500. e,g, Fluke Model 1953A. They have the advantage of being

able to double as test instruments during the development phase,

but require extra engineering attention to design the counter/computer
interface, On the other hand on-card counters using integrated
circuits are quite simple to include and quite inexpensive (under

$100 parts cost). The make-buy decision is thus probably in favour

of making the counter, Both approaches appear to be low cost, and

low risk.

111.8.,2 Technical Tradeoffs

‘Two types-df on~card counters will be considered

i~ The fixed period counter which counts zero crossings for a

pre-determined time under computer control.

ii  The A/D converter which measures the control voltage ‘on the
VCO, A to D converts and inputs this information to the
computer, With a knowledge of the voltage to frequency

characteristic the computer can derive the VCO frequency,
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Fixed Period Counter ‘ ‘

Assuming a 15 kHz VCO operating frequency and 250 ms measuring time

the maximum count expected is

2 X 15000 X 0,25 = 7500

(due to doubling)

A 13 bit binary counter can provide a maximum count of 8192 and would

thus be suitable, In practice two cascaded 7 bit counters e.g.

(MC14024) giving a total count capability of 16,384 would probably

be employed and incidentally give a 2:1 overflow protection.

A reduction in the number count bits required to interface with the .

éomputer can be achieved by taking advantage of the knowledge of the

lowest expected count

e.g. 1f the lowest expected count is say 2 X 14900 X .25

= 7450
The counter could be inhibited until the count reaches 212 + 211 +
210 4 28 = 7424
and the maximum count required would thus be
7500 - 7424 = 76
which could be interfaced to the computer using 7 bits (27 = 128) ‘

only,
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A/D Converter

Assuming a linear voltage to fxrequency éharacteristic and a dynamic
frequency range of Af Hz the number of bits required to aéhieve a
resolution of 1 Hz is n

where
n

Af = 2 |
e,g. if Af = 100 Hz 7 bits are required

Encoding times can be very fast (10 uS) for the DEC A811 10 bit

A/D converter, and encoding accuracy quite high (0.1% of full scale).
The disadvantages of this type of scheme are

i Non linearity. of the VCO - may require linearisation or look up

tables

ii Change of characteristics with time e.g. voltage references,

linearity.

It is felt that these disadvantages are serious enough that the

approach is not attractive at this time,

I11T1,.8,3 Conclusions

i The counter represents a straight forward low cost, low risk

element of the receiver,
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ii  The onwcard counter is preferred to the commercial counter .

for reasons of system flexibility and lower cost,

iii The direct fixed period counter has significant édvantagés in
terms of stability and reproducibility over the D/A type of

counter,
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IIT,9 Type 'A’ Vs Typp'ij;Fptgjyer

I1T1,9.1 General

This section identifies some additional features required on the
Type B receiver which may not be necessary on the Type A receiver.
Generally these features are associated with the requirement to

maintain tracking in the narrow band mode,

Upon loss of lock for any reason (e,g. ELT fade or pulsed ELT drop-

. out) the receiver is required to attempt to extrapolate the ELT

frequency and reacquire, In order to achieve the advantage‘of the
type B mode of operation (i.e.,vrejection of interferers)‘it is
essential to maintain the narrow band mode of bperation during re-
acquisition, Thus due to the limited pull in range of the loop

(+ 3.75 Hz) the extrapolated frequency will be required to be very

precise. For the sweeper two approaches which can be used are
a. Open Loop using
i ramp

ii D/A

b, Closed Loop
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The open loop approach relies on controlling the VGO frequency by
applying an external voltage either a ramp voltage whose slope is
selected to approximate the ELT drift rate, or rapidly updated
analog voltage applied from the computer via a D/A converter. Both
approaches have the fundamental practical disadvantage of requiring
time invariance of the VCO characteristic, In addition the ramp
approach is limited practically by the finite number of ramp slopes

which can be easily provided,

The closed loop approach requires a software controlled routine
whereby the extrapolated VCO -frequency is verified by a measurement
at several instants during the exercise, This technique would

appear more promising in terms of reproducibility. .

I1I1.9.3 Stepper Receiver

23

The stepper receiver is more amenable to controlled extrapolation

as it 1s controllable in discrete steps, Note that if the suggested
model 6010A synthesizer is used the step resolution can be reduced
to as low as 0,1 Hz on command; The actual time/frequency profile
of the stepper then is entirely under computer control and the
designer can then perform the tradeoff between probability of re-
acquisition vs processor time spent in controlling the extrapolation

process,
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‘III ,9,4 Conclusjon

The stepper and sweeper receiver both require an accurate frequency

extrapolation capability for Type B operation,

For the sweeper type of receiver this capability would be complex
to realise and should be considered outside the scope of the planned

activities for Phase III,

For the stepper receiver accurate extrapolation appears quite
feasible, Since it involves additional software develbpment, and
an addition to the scope of'performance verification testing it is
expected to overrun the available time., However it is suggested

. as an area for additional work after March 1977.
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A frequency plan has been suggested for the SARSAT receiver.

The down converter will probably be of the double down conver-
sion type unless the delivery of a suitable RF Crystal filter

can be improved from 10-12 weeks to say 5-6 weeks.

Deliveries of high stability oscillators are critical - up tb
90 days., Work around plans using lower stability oscillators

are probably inevitable.

The stepper receiver is recommended over the sweeper from the
standpoints of less technical risk, less schedule risk and only
marginal additional cost even if commercial synthesizers are

procured.

Significant technical and schedule benefits result if the
commercial synthesiiers are procured rather than developed

in house

The fixed period counter can provide adequate performance at
low cost and complexity and should be integrated with the

recelver,

Accurate ELT frequency extrapolation in the narrow band mode

appears feasible using a high resolution synthesizer for
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example, It is suggested that this area be considered beyond
the scope of the present recelver development'activities
because of the short and extremely busy program between now

and March 1977,
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Q.

IV DEFINITION OF PROPOSED RECEIVER

Miller Communications Systems Ltd. proposes the implementafion of
the Type AB receiver described in II.3,1.,1 for the detection and
measurement of up to 8 ELT signals, This receiver will be capable
of working fully in the Type A mode and also in a limited Type B
mode, but will only be fully demonstrated under the present. contract
in the Type A mode, We believe that the proposed receiver will meet
the required performance specification while providing advantages of

flexibility in a cost~effective manner.

Receiver System Description

1 Receiver System Hardware

The receiver signal processing hardware will consist of a down con-.
vertor subsystem and two "test instruments' independently controllable
and capable of being stepped to any one of 256 47 Hz or 128 94 Hz sub-
bands in the 12 kHz band, detecting and measuring the frequency of a
sinusoid having a C/NO > 26 dB/Hz and a rate of change of frequency

< 14 Hz/sec,With appropriate microprocessor control this re;eiver

can be operated in.either a Type A or limited Type B mode, and

expansion to a full Type B receiver®* can be accomplished by adding

* The receiver would still not have the capability of being able to
narrow band track pulsed ELT's, This feature requires the addition
of an input from the computer to each device to command and

possibly control an extrapolation of VCO 1nput voltage during
out of lock periods.
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six more devices = the contyol interfaces will be designed to accom- ‘
modate this addition. The input/output for each test instrument is
rather simple, consisting of the incoming noise filtered signal at
appropriate centre frequéncy, an outgoing frequency measurement, and

four logical control variables, namely:

i lock indicator status

ii  stepper (synthesizer) frequency

iii PLL loop filter bandwidth (2 states)

iv counter start/stop command ‘ | ‘

The critical timing parameters (sweep rate, allowed acquisition time,
and measurement period), which can only be finalized experimentally,

are under complete control of the computer and can easily be varied,.

Since the signal-to-noise ratio required to achieve satisfactory per-
formance trades off with the allowable sweep speed, and since neither
can be quantified exactly at this time, the instrument will be
ihitially developed to operate with either 47 Hz steps/50 Hz pre-
detection bandwidth or 94 Hz steps/100 Hz pre-detection bandwidth,.
This requires only that two sets of band pass and PLL loop filters

be designed and bullt,
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While priority will be given to developing a working Type A receiver,
to give maximum operational flexibility, Type B requirements will

be consldered in the detailed design of the test instrument,

IV.1,2 Receiver Operation

In concise words, the sequential operation of the proposed receiver

will be as follows;

In Type A mode:

1, Both devices (staggered 6 kHz apart) will be steppedrsynchronously‘

acrosé the 12 kHz band in 47/94 Hz steps, The holding time in each
step will be sufficient to ensure detection of a continuous ELT;
this determines the total sweep time, expected to be about 20 seconds

per device,

2. Upon detection (¢oherent) of an ELT by either or both deviées,
the regular stepping will be interrupted until an attempt has been
made to measure its (their)frequency, This interruption is expected
to be about .5 seconds,

3, The PLL 106p filter will be narrowed,

4, Tf lock is rewestablished within an allowable maximum waiting

. period, a simple counter, starting and stopping on computer command,
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will measure the ELT frequency over a 50/100 Hz range, A counting
period of .25 seconds should give the required 1 Hz rms measure-
ment accuracy, If lock is lost within the first 80-100% (to be
determined) of the measurement period, the measurement will be

aborted.

5. A measured frequency will be read and time tagged in the com-
puter. The net ELT frequency, consisting of the current step address
plus counter measurement will be computed and stored in the computer

for sorting.

6, Stepping will resume upon receipt of a counter measurement

or by time default. If the same ELT is expected to be redetected .
in the next (overlapping) frequency interval and a successful
measurément was takén (based simply on whether the préviously read
counter frequency exceeded a given value), lock indicatér status will

be ignored on this step.
In Type B mode

1, The first device will start the searching process by stepping

across the 12 kHz band in 47/94 Hz steps until it detects an ELT.

2, Once an ELT is detected, the first device start tracking while
the computer assigns the second device to continue searching the

band, (A new searching device will continue where the previous ‘
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‘ searching device has left off, will skip steps currently occupied by
tracking devices, and will not be assigned to track an ELT.currently

tracked but detected in an adjacent step),.

3, The tracking process continues for as long as possible.and
measurements are taken as commanded. (When thevtracking device 1is
stepped, it is possible that with only minor impact on the hafdware
requirements the narrow PLL bandwidth can be maintained;.othérwise'the

widen filter/redetect/narrow filter mode would have to be adopted).
4, Measurements are time tagged and stored in the computer for sorting.

. It is evident that a Type B demonstration model based on the proposed
hardware will be limited by the fact that a second detected ELT cannot
be tracked while active searching continues. However, it can be

envisaged that a model with eight identical devices can operate in

Type B mode to the full extent,
IV.1,3 Computer Software and Computer Interfaces

The receiver software and computer interféce will provide the control
of the two devices so as to realize the opérational sequence defined -
in IV.1.2, The program will provide flexibility, and accommodate easy
selectability of the critical timing parameters which not only fa-
cilitates receiver development, but may prove useful during extended

‘ field trials under a variety of input conditions., Hardware and soft-
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ware will be arranged so as to be easily expanded to handle 8 devices.
For example 3 bits will be reserved for addressing a device even

though only 1 bit is required to address 2 devices.

The programs will be written in PDP 11 assembler language. Mddular,
top down structured programming techniques will be utilized as much

as possible to increase readability. The software will run under

RT11 operating system but will interface to it as little as possible,
but such things as the disk handler for RT 11 will be used. Other
devices will be handled directly by the program using interrupts where

possible with user written interrupt handlers.

The LSI 11 (PDP 11/03) asserts certain timing constraints based on .
instfuction times. Because interrupts are not handled until the

current instruction is finished, delay times from 3.15 usec.

(fastest instruction) to 21. usec. (slowest instruction) can re-

sult., An external clock source (pulse generator) will be utilized due

to the short term inaccuracy of the internal line frequency (60 cycle)
closk. 'All control lines will be connected to one of the two inter-
faces., Each interface provides 16 input data lines, 16 output data
lines, and 2 control lines for input and 2 for output with interrupt
capabilities. Again, the lines will be assigned to accommodate up

to 8 devices,
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9.

Receiver Subsystems

The proposed receiver, as shown jin Figure 10, is comprised of the

following key subsystems;
1. Down Convertor

~ 70 MHz input frequency
~ 60 + 6 kHz output frequency
- stability < 2 X 10 2/hr,

- + 7.5 kHz noise filtering
. 2, Programmable Frequency Synthesizer (Qty. 2)

~ 60 + 6 kHz input frequency
~ Af = 47/94 Hz
- Af precision << 1 Hz

digitally controlled by 8 bit address code

1

3. IF Filter and Limiter (Qty 2)

- 50/100 Hz BPF

~ output signal hard limited
4, Phase Locked Loop (Qty 2)

~ 50/100 Hz input noise bandwidth and required pull~in range
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~ centre frequency to be determined
~ switched resistor loop filter, automatically controlled

~ coherent detector (lock indicator)
5a, Fixed Perilod Counter (Qty 2)

~ rectified, digitized sine wave input from VCO

~ start/stop externally controlled

-~ dynamic range > 100 Hz

~ centre frequency and number of bits in measurement (> 8)

to be determined

5b, High Precision A/D Convertor (Qty 2) ‘

(alternate means of measuring frequency)

- linear

- > 8 bit

~ requires highly linear and gain stable VCO
6. Microprocessor (Qty 1)

-~ PDP 11/03 (see section II,3,2)

Table 2 gives a detailed specification of the search/detect/measure

device as a single subsystem, Note that the given System parameters

are subject to experimental verification and may change during the ‘I'

receiver development,
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TABLE 2

SPEGCIFICATION OF SEARCH/DETECT/MEASURING DEVICE

‘Number of devices in system

47/94 (possibly computer
controlled)

Number of Steps

256/128

Synthesizer Lock up time

to be determined

time (msec)

Pre-detection filter BW (Hz) 50/100
Wide Band PLL natural frequency
(rad/sec) 16/25
PLL damping ratio 0.707
" Wideband PLL pull in range (Hz) + 25/+ 50
Estimated Detection lock up
time (msec) 80/40
Means of detection coherent
Maximum time per step (msec) '
(variable under computer control) 80/160
Narrow Band PLL nat freq (rad/sec) 2,5
Narrow Band PLL Pull in range
- Maximum Narrow Band PLL settling
400

B r -
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Counting Period (if reqpired) Gméec)
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Maximum rms-freqqenqy accuracy (H;) 1.0
Doppler tracking range (Hz) 50/100
Minimum frequerncy separation for

acquisition of two or more

signals (Hz) : 50/100
PLL modes unlocked

broad band locked
narrow band locked

Input signal frequency

maximum deviation from centre
frequency = 6 kHz, centre
frequency to be determined .

Minimum signal to noise ratio for
specifications to be met

26 dB-Hz

Probability of failure to detect
signal

small, to be determined

Probability of false deteétion

small, to be determined

Probability of spurious measurement

(of noise) negligible
Doppler rate tracking capability
(minimum) (Hz/sec) ' 0 to -14

Allowable ELT signal modulation
for undegraded performance

""chirp', sinusoidal or square
waye with duty cycle from 1/3
to 1/2, maximum modulation
100%, sweep width 700 Hz in .
band 300 to 1600 Hz
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Table 2 Cont'd :

Effect of aboye ELT sjignal modulation
on detection (wide band PLL)

may lnfrequently cause failure
to acquire lock

L3 e S R B R ~ L T MR St S T It NS B T S BEA —r— - v v -

Effect of above ELT sjignal medulation

on PLL tracking (Narrow band PLL) and
frequency measurement

none

Correction for length of time to make
frequency measurement

time of measurement is taken
to be the middle of the
measurement period

Frequency measurement methods

fixed time counter at VCO
output or A/D converter at
VCO 1nput

Minimum SNR at PLL input (before
hard limiter) (dB)

9.0/6.0

PLL type

Loop filter: compensated

Strength of interfering 51gnai to
cause loss of lock of PLL 1n
narrow band mode

At least 6 dB/octave more
power outside tracking band-
width; beyond bandwidth of IF
filter add 12 dB per octave

0/P to computer

lock indicator state (interrupt)
frequency reading
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Recelver Performance

Table 3 lists anticipated performance indices of the receiver oper-
ating in both the Type A and limited Type B modes with continuous
"ideal" ELT signals, It is again notéd that these are subject to
experimental determination, Table 4 summarizes the degrading effects

of carrier pulsing and incidental FM on receiver performance,
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TABLE 3

L0001 O T . Y . . B

Number of devices 1

searching

"Range of search (kHz) 12 12

Operational Sequence 2 devices 6 kHz apart a device searches

both stopping whenever
ELT detected, resume
stepping following

till ELT detected,
tracks § measures
as instructed

measurement
Maximum time to 10-14 10
detect new ELT ‘
(seconds)
Maximum number of ELT's| 8 2
which can be measured
Time between frequency 10-14 10
measurements following '
initial detection (sec)
Measurement timing asynchronous synchronous or
asynchronous
Doppler tracking 12 12 -
range (kHz)
Maximum extrapolation 30 30

time for estimated

- frequency readings
before ELT signal is
"lost" (seconds)

T
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TTEM A

Minimum extrapolation 10 0 .

time for estimated (when extrapolated (when 2 ELT's are
frequency readings regions of possible . extrapolated to fall

before ELT signal
is lost (seconds)’

frequencies for 2 ELT's
overlap)

within pull-in range
of same PLL)

Types of frequency
measurements provided

confirmed (i,e, lock
maintained through
measurement period)
incomplete (i.e. lock
lost in measurement
period)

confirmed (i.e. lock
maintained through
measurement period)
incomplete (i.e. lock
lost in measurement
period)

Identification of new
ELT signal

at least 3 confirmed
measurements

continuation of lock
over a measurement
interval

Procedure upon loss of
lock

during measurement,
that measurement is
not confirmed

during measurement,

- that measurement is

not confirmed,
Switch to wide band-
width mode; if not
switched back to
narrow band mode in
30 seconds, ELT is
"1051‘.”

Number of devices
tracking

N/A

Effect, on an ELT being
tracked, of other ELT's
of strength greater
than specified in-

part 1, Table 2

increased probability
of failure to lock

to weaker signal,
loss:of lock during
measurement is
possible

‘ble,

loss of lock during
measurement is possi-
eventual loss

of lock assured-
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TABLE 4

Pulsed ELT's

TP —— o e TP

Increased probability
of loss of lock during
acquisition or measure~

ment

periodic loss of
narrow band lock

Incidental EM

More than 1 Hz maximum
error in frequency
reading if Af > 8 Hz
Loss of narrow band

lock if Af > 10 Hz

approx, and sweep
period is 1/4 sec,

More than 1 Hz maximum
error in frequency
reading if Af > 8 Hz

" Loss of narrow band
‘lock if Af > 10 Hz

approx. and sweep.
period is 1/4 sec.
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1V,4 Data Stored in Computex for Transmission to Base o

The ELT data mecord available for transmission to the Sarsat central
procéssing station following a satellite pass will consist of the

following:

TABLE 5

Maximum stored readings per ELT 120
signal '

Data associated with each measurement a. frequency
b. time of measurement
c, "quality" of measurement

Quality of measurement "Confirmed" (i.e. lock main-
tained through measurement
period) or "estimated'" (i.e.
lock not maintained and
measurement extrapolated from
other data points)
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APPENDIX A
DESIGN OF PLL'S FOR SIGNAL ACQUISITION

Introduction

The purpose of this work is to describe the factors affecting the

signal acquisition properties of the second ordef Phase Locked

Loop (PLL)., The PLL tracking performance will also be described.

The PLL consists of a phase detector (PD) of gain kd volts out
per radian of input phase difference, a loop filter/integrator
of transfer function F(s) and a'voltage controlled oscillator

(VCO) of gain K, rad/sec output per volt input.

Bc

P
6, ()= K>

Y

F(s)

9, = Veo b
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Throughout this work F(s) will be assumed to take the form

F(s) = 1 + TyS
Tls

= CR,
- cR,

o
LI

. D ;
ACTIVE LOOP FILTER

This type of loop filter gives a second order loop with the best

signal tracking properties., The loop transfer function will be

2

o (s) chns + W,

Sy T HE) =

s” 4 Zgwns * W,
w, = kokd
1
T = Ez‘(kdkd'>
2 Tl

2

1/2
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where ¢ and w, are the wsual "control system" damping factor and

natural frequency, For this case the 1oop'noise bandwidth is
2B, = w_(g "+ 5 (Gardner Eq. 3.12)
L~ “n Y3 ot RGeS

This has a minimum value of ZBL =0 when ¢ = 0,5 (Note B, in

Hertz and w, in radians/second),

Phase Detection

The preSence‘of noise affects the PD operation in two ways: firstly,
it distorts the PD characteristic, lowering its ampiitude and
changing the shape to a sinusoid (if not alréady siﬁﬁsQidal) as

the C/N decreases, and secondly the PD output C/N is smallér:than

input C/N i,e, po/pi < 1,

The charactgristic changes are described by the parameter o, the
relative PD output control signal and.up, the peak mean PD output.

Thus the effective PD gain is akd and the normalized peak amplitude

- of the open loop PD beat note will be Up; TheseAquantities are

plotted in Figures 1 and 2 as functions of the PD input C/N (=pi)

and type.

The ratios p /p, for various PD types are given in Figure 3, Also
shown are the asymptotic values of the signal to noise spectral den-
sity ratios for small frequency offsets from the carrier, These are

used to predict the final loop output signal to noise ratig (po).




A,3 PLL Opgraﬁ;pp

PLL operation is divided into Acquisition and Tracking modes, In
general,solutions to problems of acquisition mode are empirical
because the loop operation is highly non linear in this regime.
However providing the signal to noise ratio is not too small,

the linearized PLL model can be used to predict behaviour in the

tratking mode to good accuraty.

A.3,1 Signal Acquisition

The time taken for natural (i.,e., unassisted) frequency acquisition

under noise free conditions is given by (approximately for Aw > wn)

where Aw is the initial frequency offset

(Gardner Bq. 4.31)
while for sweep frequency acquisition the time is

Aw [Simply the angular frequency offset divided

by the rate of (approach) sweep]

if R = 0,5 wn2 (a typical figure only) and ¢ = 1 then these are
equal for Aw = 4wn. However Tp is for noise free conditions while
T, includes the effects of noise. * Thus Ty is still likely to be

smaller than Tp for Aw < 4wn.
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It has been found by an approximate analysis (Wakeman, 1976) that
maximum sweep rate, R, to achieve a 90% lock up probability can be
modelled by the relation

K (This formula follows the

R = wn2~<l " /pl.)ﬁﬁ~ } general form originally
Ny, " rad . given by Frazier § Page)

o )
1 d sec
In general expérimental measurements show agreement to within 10%.

The elements of the formula are,
1, wnvthe loop natural frequency

2, Py, the PLL output signal to noise ratio., This is related to

the loop output rms phase noise o by

3. up/a is the ratio of the PD peak mean output up, to the mean
‘phase slope o. This ratio is unity for sinusoidal PD's under
all conditions, The ratio for sawtooth and triangular PD's
as a function of the input signal to noise rafio (pIF) is

given in Figure 2,

4, d is the peak overshoot in the transient response of the PLL

to a frequency ramp input
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5, For 90% acquisition k & 1,for ether acquisition probabilities
k would change as in yet an undetermined manner .

Curves of R vs P, and PD type are given in Figure 4,

Tt should be noted that these curves are not directly comparable
because the PLL using a sawtooth PD needs an approximately 2 dB
better signal to noise ratio than the loop using a sinusoidal PD
(see Figure 3) to achieve the same Py, value. Therefore R should be
2

expressed in terms of C/N0 at the PD input and not in terms of w "~

Using the relatlon between BL and w, gives

H
R )% ,._1_2_1*._(-15__96_
— ©TFL 7 —
(C/No) Pi It P1, /bL 1+d

For sinuéoidal PD's where Hp/a = 1 the above has an optimum value
_ 2 . _ N _ ; 2 .. .
at pg —(Sk) , if k=1 (for 90%) PLopt 1.94 4B, R/(C/NO) is given

in Figure 5 for some typical loop operating conditions.

Figure 4a shows experimental measurements of acquisition probability
vs sweep rate for the sinusoidal PD. This information is given
to show the reduction in sweep rate necessary to increase the

probability of acquisition,

Since d also depends on ¢ the loop damping ratio there will be an optimum
¢ that maximizes R. COpt depends on the C/N ratio however,and lies

between 0,5 and 1, The value ¢ = ,7 is nearly optimum from other

considerations as well,
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If sinusoidal PDs are used,the jinput bandwidth has little consequence
.on the Qperaﬁion-of the PD, If triangular.or sawtooth PDs are used,
ﬁp/a 1s great for the largest input C/N ratio, Therefore for bestv

R the PD input C/N should be as high as possiblejie. the input band-
width}as small as possible. This can be achieved by placing the

- IF bandpass filter within the PLL structure., See comments on

configuration ,

up/a for Costas and squaring loops is 0,5 and fotr this 'and other reasons
these loop types have very poor signal aéquisifion properties. Thié

is mentioned for the information of the reader only.

The effect of incidental phase modulation on R depends on the nature
and magnitude of the modulation.For sinusoidal PM, R is multiplied

by the féctor(l - ¢p/z.@. if the PM frequency is greater than Wy

Acquisition will be seriously affected if the signal is ON/OFF keyed

. / - N
at a rate < 'Tp 1.

A substantial increase in the sweep rate is allowable if the VCO
sweep is removed as soon as possible after the frequency difference
has been brought to zero. This is because the sweep rate limit is

set by conditions in the PLL after Aw has been brought to zero.

| No.satisfactory model for this situation has been developed, although

the process of lock detection or detection of frequency coincidence
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is well understood. More details will be given in the section en-

titled 'lock detection', .

In summary then, optimum or near optimum acquisition times will
occur for sinusoidal or triangular phase detectors with sweep

removal and P1, H Z_dB andfc = 0,7,

A,3,2 Signal Tracking

A,3,2,1 Output Signal
The division between linear and non linear PLL operation occurs
apprdximately when the VCO mean square phase noise 02 = 0.25. That

is at a.loop signal to noise ratio of Py, = 2 (3 dB). .

The loop output C/N is found simply by treafing the PLL as a band-

pass filter at bandwidth 2 By

2 1
g” = wn(;+ZE) (radz) 1
2 C/N, 2p1,

where C/Nb is the PD output carrier to noise spectral density ratio

and is found from the input value with the aid of Figure 3
A,3,2,2 Tracking a Frequency Ramp

For an input signal freqﬁency ramp of R (rad/secz),the steady state

phase error also known as dynamic tracking error is easily calculated ‘




~pe.=;R. | for small values of R (Gardner 4,5)

The maximum value of R that may be tracked is the same as the
maximum allowable sweep rate for acquisition (when the sweep is not

removed at lock-~up),

A,3,2.4 Cycle Skipping

At large yalues of oz the probébility that.the loop will jump out
of lock on the noise peaks becomes significaﬁt. When this happens
the loop will skip one or more cycles. If this occurs, on average,
more often in one direction than the other;then a frequency error
will exist between the signal and VCO. Graphs are given for the

normalized time to unlock and the number of cycles skipped (Figure 5).

An empirical formula for the calculation of the probability P(T) that
the VCO will skip during time T starting from zero phase error is:

-T/T

P(T) = 1 -~ ¢ m where Tm is the mean time to skip

A.3.3 Effect of Signal Fades

Wwith a PLL having the loop filter internal offset voltages cancelled
and connected‘as a perfect integrator, when the input signal fades

the loop VCO average frequency should not shift from its value at

)
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signal fade1 The second ordex loop is said to have frequency memory.

If the signal has a frequency ramp (due to changing doppler etc,) ‘
of R r»ad/sec'2 and the fade lasts T seconds the signal-~VCO freqﬁency
difference at return of the signal will be Aw = RT, If this fre-

quency is less than about Zcmnfthen the PLL will reacquire the

signal rapidly (possibly without skipping cycles) in a time of
approximately t = 5/cwn+ A third order loop has frequency rate memory

which may be useful for longer signal fades.
A.3,4 Effect of Carrier Phase Noise

For .proper operation of the PLL the PD error signal amplitude must be
restricted. A satisfactory criterion might be ﬂe (max) < 1 radian,

2

or for gaussian signals 0, < 0.25, If the phase noise spectral

density of the signal is given by Sﬁ(f) and the phase noise of the .
VCO 1is S¢ (f) then it can be shown the mean square phase error will

be (Blanchard, 1976)
0" =W ISy (£) + S, (D] |1 - H (Gernf)f as
1 0

Since(iH(ijfﬂ , the PLL transfer function, is a low pass function,

[1-H(jw)\ is a high pass function;then to a first approximation

* Lock in range Aw, ~ 2zw_ rad/sec
. L 7on

t Pull in Time Tp = (Aw)

3
chn
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_ 2 Bro/e
® EARTYS ]me(f) VN EE:
“n
2
[w,, the loop natural frequency, 'is the 1/2 power frequency of the

function \l-H,Cjwﬂ‘ for ¢ = ,7071]

This shows lmmediately:that w, should be large to make oez small.,"

RN 3 . o RV TS R
[N ""-‘rc_i- St [ . T U T R S O

VA,3,5 Cienging_the Loop Bandwidth;éifb
The‘optimum'loop C/N for bestéacquisition occurs at a relatively low
~value and therefore to improve.the tracking performance once lock

is achieved;it will probably.beﬁﬁecessafy-to reduce'the:PLL’bandwidth.
9,3.6 ~Effect of Sweep Voltage on Loop Operation

The. sweep voltage causes a large static'phese‘error to appear- between
~the VCO and signal,uAIfhaﬂgoheyeut'oetectopnis used‘forslook_dete;tion
(ne;t;sect;ou) then, the phase,shift_caused by the,SWeep voltage will
have to be-bucked out . Also 1f the lock 1nd1cat10n output 1s still
requlred after initial 1ock detectlon and sweep . removal the excess

phase shift introduced for the coherent detector will have to be

removed
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Block diagram for coherent detection:

POST DETELTION

ER

/F BANDPASS FILTER . LOWPASS f/a
MOISE _BANDWIDTH B/ _ PHASE ROISE BW - Bp
1 DETECTOR .
ks [ ~J I dECISION
% A P = ~ -
SIGNAL + i | ] o
rense LIMITER LEVEL DETECTOR
REFERENCE
FRoAM PLL

Assuming the filter used in the lock detector to be narrow band with
respect to the PLL bandwidth,'then the phase of the (noisy) sinu-

soidal input will equal the phase of the (noisy) sinusoidal reference

provided by the PLL,

At the same time, the signal amplitude from the 11m1ter is constant

so the output with signal present is noiseless in the band of the ’

,.dlock detector filter._ However, there w111 be some 1oss of slgnal

‘amplltude from he no noise’ input case, due to a compress1on effect

,<,

caused by che IF nolse,‘ As the s1gna1 power 1s decreased below the '

PN
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typical 26 dB~Hz level, the d,c, level in the lock detector filter
will fall from its wvalue of 1, but not rapidly., (The modifying

: 2 ‘
factor 1s o, as in Figure 1), An additional small amplitude loss

will be experienced due to the phase error in tracking.

When the loop is not locked, the noise output power is 1, assuming
unity amplitude levels, and is taken to be uniformly distributed over
a frequency range BIF/Z’ where BIP is the double sided noise band-
width of the IF filter. The spectral density is therefore equal
to 1_(§*m> .  Taking the effective bandwidth of the integrating
sys%emB%g be small compared to Brpo the noise power out of the

integrator is

n® = Jog(r) 4, (1) dr
=11  ¢,(00)
2 BIF

where ¢I(T) is the auto-correlation function of the integrator, so

that
MORE:
then
';? =11 T
2 BIP

and the signal output from the integrator at that same time when the

loop ‘is locked is T, Compared to this level the relative noise
. : ' '2‘ ) R
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variance is 2 1, and if the threshold level is set at B>1, the .
B T
IF
false alarm probability is

A,5,1 Configurations

a, Tracking filter PLL, Here the PLL is 'tacked on' at the output
of the receiver IF, This is a simple minded approach to the

use of the PLL having the advantage of simplicity only,

b, PLL with IF filter or heterodyne PLL

REFERENCE

MIXER
. PHASE
S O BINDPASS 1 LIMITER iy
N ,

VCO = INTEGRATOR
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The advantages are

i

id

iii

iv

The IF bandwidth can be much narrower than the input sjignal
freQuency.uncertainty. This means the PD operates at a much

better C/N than the tracking fillter case,

During signal fades the VCO frequency stays put, while for the
tracking filter connection the VCO drifts towards the center

of the input noise band,
There is some flexibility in the choice of VCO and PD frequencies.
When the loop is Jlocked the phase shift through the IF filter

is constant and independent of the signal frequency. This

point is mentioned for general information only.

Caution:-There are limits on the ratio BIF/BL and the number of

equivalent resonators, N, in the IF filter due to stability reasons.

Gardner gives a good discussion on these practical values which are

approximately BIF/BL > 4 and N < 3., Most crystal filter units are

not\Suitéble for use in the above configuration as they contain

typically 6 or more' equivalent resonators.
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The Phase Detector .

Easily realizable PD's fall into 3 categories based on the character-

istic shape,

1,

Sinusoidal, At low RF frequencies this may be the most diffi-
cult to realize, usually by transformers and diodes or active

circuit analogue multiplier,

Triangular, This characteristic is generated by multiplying
two square waves together i.e,, simply an exclusive or logic

function,

Sawtooth., An edge triggered set-ret flip-flop will generate .

this phase characteristic.

A.5.3 The Loop Filter and Sweep Circuitry

The best filter for a second order loop from a tracking and frequency

memory viewpoint is the high gain integrator with high frequency

break to set the damping ratio. The VCO ramp voltage for frequency

sweep can also be generated by this integrator.

M

R
PD o A -
- 3. VCO
Vo SWeEr Rs A _ '
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For mbst'operational amplifiers A » 10° yielding an almost perfect.‘

second order integration loop,

Briefly the loop design equations are

R1 = O&kcil"ko RZ = 2L s Rs =k‘o Vs
2 ’ w_C ® C
Wy C n 0
where
o = relative PD output signal (Figure 1)
k; = PD no noise conversion gain (volts/rad.)
k, = VCO gain (rad./sec./volt)
‘ u')o = VCO output sweep rate (rad./'secz)
z = loopvdamping factor
Wy = loop natural frequency
V. = sweep voltage

A.5.4 Changing the Loop Natural Frequency

Both R, and Rz will have to be changed. Provided the loop integrafbr
bias currents are insignificant (e.g. CMOS op-amp) then the ‘

following circuit will accomplish this
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Y

CLOCE SWITCH FOR INCREASED (I,

A,5,5 Phase Shift for the Coherent Detector

A sawtooth PD operates on positive transitions of the input waveforms,
thus a phase involves only delaying the positive edges. This is easily
accomplished by the use of a monostable. Phase shifters for tri-

| angular and sinusoidal PD's must preserve the waveshape and are there-

fore more complex,

‘ | FLIP-FLOP > FLs)
PD
4 J
MONO
STABLE
VCO &
Low LEvel
L ..-...—-—-—-—-—-—’.
- PARSS DETECTOR




A.5,6 Limiters

Use of triangular or sawtooth phase detectors automatiéally implies
limiting to obtain the necessary waveforms for correct operation..
The curves given for(C/N&KC/Ni)for these two PD's include the effect
of 1imiting on the signal to noise ratio as this effect is not sep-

arable from the operation of the PD's,

For sinusoidal PD's the effect of limiting is to decrease C/N by a

maximum of w/4 (-1.05 dB) and more typically by 0.95 to 0.86 (-.27
tO "766 dB)

If it is recognised that some form of amplitude control is required.

for the signal being applied to the PLL then there are three possibie_ -

methods this may be accomplished.

1. Automatic Gain Control (on total of signal and noise applied to

the PLL)
-~ no signal to noise degradation
- complex circuitry

~ slow acting (for stability reasons)

2. AGC derived from the coherent detector output

-~ no signal suppression effects

~ complex
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~ non-operational till loep is locked

~ total power applied to PD may vary over a wide range

Limiter

- =~ fast action

~ simple

« high gain IC limiters readily available (e,g. CA3012)

-~ slight C/N degradation,

A,5,7 Input Frequency Range

Factors

ii

iii

Noise analysis of PLL assumes narrowband conditions i.e. BIF/

fIF << 1, Measured and theoretical performance may

diverge if BIF is significant w.r.t, fIF'

‘Range of the VCO frequency

RC oscillators - decade range
LC oscillators - octave range
XTAL oscillators - 0.5% range

Note that for the heterodyne loop the VCO frequency # fIF'

Technology used to construct the IF bandpass filter. For

example, if a 3rd order maximally flat filter of 1/2 power bandwidth

= 500 Hz and fo = 25 kHz 1is desired,the circuit Q's needed are ‘
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‘ 2 of 50 and 1 of 100 [Active filter gain bandwidth product
needed is fOQz = 250 MHzl,

iv ~ Phase detector operating frequency., CMOS logic circuits have

upper operating limit of approkimately 250 kHz,

Taking the above factors into consideration there appears to be no

objection to a PLL frequency of 25 to 40 kHz as is preferred.

"A,5,8 Choice of VCO Type

The PLL cannot distinguish between S¢ (£) and S¢ (f), the VCO phase

noise, Therefore care should be exerc1sed in the choise of VCO
. type so that S¢5 (£) << S¢ (f£). In general the order of VCO types
0 i -

from largest Sé (f) are RC, LC and crystal oscillators.
i A
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APPENDIX B

© DIGITAL SIGNAL PROCESSING TECHNIQUES

ELT detection, tracking and frequency measurement can be performed
using one or more of ‘the following digital processing elements:

Fast Fourier Transform (FFT), digital filtef, and digital phase lock
loop. These elements perform the same functions as their analog
counterparts and exhibit similar performance characteristicé; however,
there are significant differences in implementation and additional
sources of error due to the digitization of the signal, This

memorandum reviews basic digital signal processing principles as a
prelude to considering the application of digital processing in the

Sarsat receiver,

The Discrete Fourier Transform (DFT)

The Fourier Series is used to determine the frequency content of a
time varying signal. However, the Fourier series always requires
a periodic time function, The Fourier Transform defined below over-

comes this shortcoming

S(F) = J x(t)e dzmitg, (1)
S(f) is called the Fourier Transform of x(t). It contains the
amplitude and phase information at every frequency present in x(t)

without demanding that x(t) be periodit.
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In order to implement the Fourief Transform digitally, the continuous .
input signal is converted into a series of discrete data samples,

The input waveform x(t) is sampled at At intervals of time, The
sampling theorem states that these samples uniquely characterize the

1) .
waveform providing

- -1
At 2 (2F, )

where
S(£) = 0 for £ > Frax
The Fourier Transform can thus be calculated as follows: .
S"(f) = At L x(nat)e”12minat | (2)
n=-o ,

where x(nAt) are exact measuréd values of input function. For non
ideally band limited functions, the Fourier Transform calculated by
equation (2) does not have the same magnitude and phase information
as in equation (1). However, it approximately describes’the specfrum

of x(t) up to some maximum frequency

- -1
Fmax = (2At)

if energy;beyond this frequency is small,
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Practically speaking we cannot perform the summation in (2) up to
infinity and therefore we truncate the equation and only observe the

input signal from zero to T seconds, Then we have

'T__.
i N

where N is the number of samples, and T is the "time window",

As we no longer have an infinite number of time points, we cannot

expect to calculate the magnitude and phase values at an infinite

number of frequencies between zero Hz and F___. “Equivalently the

X
truncated version of (2) does not produce a continuous spectrum.
This is called the discrete finite transform (DFT) and is given
below:

S'(mAf) = At -i2mmAfnAt (3)

b Xx(nAt)e
Note that for baseband sampling there are N points of a real valued
function in the time series. However, to fully describe the spectrum

of the signal both magnitude and phase (or real and imaginary components)

must be calculated. As a result N points in the time domain define

N complex quantities in frequency domain and conversely. Alternatively,
with bandpass sampling, N complex time samples, whose real and
imaginary parts are quadrature components of a signal centred on

fc’ generate N complex frequency samples from'fC - F

to £+ F_ .
max? C max
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The quadrature samples are derived by mixing the incoming bandpass .
signal with cos (2wfct) and sin (Zﬂfct) followed by low pass

filtering and coherent sampling,

If Foox is the maximum frequency present in the spectrum, then
Fiax = Af
N/2
or Af = ZFmax 4

where Af is the separation of frequencies (referred to as resolution)

in the frequency domain.

The value of the Fast Fourier Transform is in the reduction of
computer time in evaluating the discrete Fourier Transform. An
N-point transformation by the direct method requires a time'propor-
tional to N2 where the FFT requires a time proportional to N 1og2N.

The approximate ratio of FFT to direct computing time is given by

N logzN ) 1og2N ) Z
N N N
where N = 2 .
10

For example, if N=2 , the FFT requires less than 1/100 of the

normal computing time,




DFT On Staggered Blocks

In staggered blocks two successive blocks Aj"1 and A? are said to

‘be staggered of M elements,lin the sense that the last N-M elements

of AJ_1 coincide with the first N-M elements of AJ, As an example

we show the following eight element blocks staggered by two

r -

f f L3 f- LI I I I A A ] f2j+5,f2j+6, f2j+7,

AJ

Three procedures will be exémined for solving the DET problem.

The first.procedure is based on a kind of relation that can be
established between AJ and AJ"1. This relation is obtained by
observing that if the first M elements of the previous block Aj~1
are removed and substituted by the last M elements of Aj, we obtain

a new block representing a right circular shift of M positions.

A new DFT is therefore obtained in a recursive way, by modifying the

old DFT by means of proper transforms on that data for which the two

successive blocks differ.

In‘the other two procedures, the two dimensional in time decomposition .

rule is used with proper dimensions, so that successive blocks
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staggered of M elements are fractured into successive matricés in
which'correSponding columns are successive blocks staggered of one
element. In the second procedure, the DFT on a column of a matrix

is obtained in a recursive way, by properly modifying the DFT on a
corresponding column of the previoué matrix. In the third procedure,
the matrix column is obtained in non-recursive way by using the

DET's on proper subsets of the corresponding column of some preceding

matrices,

The memory requirements of the first two procedures is the same,-
the third procedure needs more memory. The third procedure being

non-recursive is also more accurate,

The three procedures can be implemented in the three structures which

work on the hypothesis that:

1, samples arrive sequencially at uniformly spaced instants of
time and
2, every time a new sample arrives each computational element

(multiplier, adder) performs an operation (multiplicafion,

addition),

As a DFT on N elements must be computed every M time intervals, a
structure generates L=N/M DFT coefficients every step. From this

it follows that two quantities_XJ and X7°%, that represent the same
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_entity relative to the processing of two blocks AJ and A7™%, are

spaced of oM time interval.

The three structures execute in real time thé DFT on successive
ABlocks of N elements staggered of M. Structure I and Structure II
are Both recursive although Structure I requires more multipliers
and mémory elements than Structure IT, On the other hand, to
‘implement Procedure III, we need more multipliers, less adders and
memory e¢lements, However, Structure III being non-recursive,

gives more accurate results,

When samples are digitized to a finite word length, the quantized
signal and the original signal diffgr from one another iﬁ a random
manner, This difference or error may be viewed as noise due to
the quantization process and is called quantization error. The
magnitude and characteristics of these errors must be known if

an FFT is to be designed with the minimum word lehgths needed for

acceptable performance,

The Fast Fourier Transform itself introduces further error‘due to

round off in arithmetic,




Consider the FFT butterfly* shown below.

X_(i) — X, (1)
W
Xy () = Xeqp ()

This can be specified in terms of previous definition e,g, going

from mth to m+l iteration of the data is computed as follows:

)

X (1) = X (1) ¢ WX, ()

X () = X (1) - WX, (3) (1)

where Xm(i) and Xm(j) represent a pair of numbers in mth array, and

~

W is some integer power of W, i,e.,
W= W= e~32ﬂm/N

An error due to the rounding or truncation of the arithematic re-

sults will be introduced by each multiplication and addition in (1).

% Flow graph representatidn of sequence of ¥paralle1 computations
required on input data to complete an N=2 ' point FFT,




Also, in general, the FFT butterfly operation is performed with
rounded coefficients W™ rather than the exact FFT coefficient Wm;

such errors are called FFT coefficient quantization errors, These

are discussed in more detail later,
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Low Pass DGTL Filters with Decimation

The process of sampling rate reduction is called decimation,
Sampling rate conversion between any rational ratio of sampling
frequencies can be efficiently implemented by a two stage process
consisting of an integer sampling rate increase followed by an
integer sampling rate decrease._ That is} if a sampling rate con-
version by a ratio L/M (where L and M are integers) is desirod we

. can achieve this by first interpolating (sampling rate increase)
by L and thendeoimating by M. However, to retain the desired fre~’
quency band in the final output, interpolation must precede deci-

mation,

For implementing sampling rate change in the SARSAT signal, the
choice of a low pass filter is extremely important, A finite
impulse response (FIR) filter saves significantly in computations,

The filter output v(n) is computed from the input w(n) by relation

N-1
v(n) = ¥ h(m) w(n-m)
m=1
where h(m), m = 0,1,2,...,N-1, are filter coefficients and N is

the duration of the unit sample response of the filter. The output
in this relation depends only upon pést and present values of w(n)
and not upon past values of any internal filter variables. This

is why FIR design is best suited as a low pass filter.




For large changes in sampling rate, however, it is generally more
efficient to reduce the sampling rate with a series of decimation
stages rather than making the entire rate reduction with one stage.
In this way ghe sampling rate is reduced gradually resulting in much
less severe filtering requirements on the low pass filters at each

stage, Sampling rate can be reduced by any chosen ratio,

The overall sampling rate reduction is given by

]
~

where Di

fro

reduction at each stage

initial sampling rate

frk final sampling rate

From the sampling theorem, the highest frequency fp in v(n) must

satisfy

However, due to filter realization constraints, the usable portion

of the baseband will always be somewhat less than fs' Each filter
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should be reasonably flat over the desired passband (0 to fp) in ‘
order to avdid distortions - in our case of "meandoring’ sinusoids,
amplitude ripple only alters relative signal levels and need not

be severely constrained.

To ensure a costweffective LPF'design, appropriate constraints

~are imposed, VA passband ripple constraint for each stage should

be within 1+6pi where Gpi-= Gp/k.

Gp = 1s the ripple tolerancé of the incoming signal,
In the stopband (fp > £.) a rolloff constraint must be imposed on
each of the individual low pass filteré in order to suppress the
effect of aliasing. Also to assure that no high frequency components‘
are aliased into the baseband at stage i, the stopbaﬁd cutoff fre-
quency of low pass filter i can be chosen to be fri"fs' At stage

k, the final stage, it can be seen that this cutoff frequency is

then equal to fs as desired sincg frk=2fs‘

The SARSAT signal can also be processed by using a single very narrow
band lowpass PLL loop filter. The following advantages can be

realized using cascaded stages and decimation.
1. reduced multiplication rate

2, lower order filters required in implementing the design (for ‘

two or more stages)




3, linear phase
4, ‘lower roundoff noise (for two or more stages of lower order filters)
5. lower coefficient sensitivity (for two or more stages)

It can also be realized that the lower the order, the lower the foundoff” 
noise and coefficient sensitivity. However, unlike FIR, a narrow |
band LPF is not strictly time or shift invariant. But if aliasing

caﬁ be‘neglected,then the system is effectively a linear phase, |

linear, time invariant system.

Time delay may or may not be of importance. In digital filtering it
occurs in two locations. A/D conversion is not instantaneous and

time taken depends on method of A/D taken. However it can be a source of
significant delay, Digital computétion time is the other source of
delay, This depends on method employed and accuracy.desired, as

determined by no. of bits in each digital word.

Also the representation of pulses by a digital word with finite number
of bits results in amplitude error. In A/D converters this is knowh'

as quantization error. It appears as a noise term added to the input’
of the digital filter. Errors which occur in the digital éalculation
due to finite word length aré called round off errors, The effect

of these errors is to ihtroduce'a noise term to the output signal which
may increase with time in a recursive filter. Additional errors due to

~ finite word length occur in the coefficients of the transfer function.
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In case it is not possible to sample at the rated capability of .
digital filter, the filter can be time shared. One of the major
advantages of digital filters is the flexibility with which the

filter characteristics can be changed merely by changing the values

of the stored filter coefficients., Also filter accuracy can be

improved by merely extending bit lengths,




ve]
[

15

Digital Phase Lock Loops with Decimation

‘Generally a digitai phase lock loop (DPLL)'tonsists of sémpling'

the received signal, quantizing these éamples‘as binary words;'énd _
performing a set of digital computations on these words to estimate
the phase of the received sighal; A digital pfoceésor perfqrmé
functions analogous to the phase detector,‘filter and VCO of an ana-
log phase lock loop (APLL). As in the case of the FFT either low
pass (real samples at rate twice the highest signal frequency) or
bandpass (complex quadrature signal samples at rate equal to signal
bandwidth) sampling may be employed, followed by real‘or complex

arithmetic operations as appropriate.

The majorvédvantage of a DPLL is a consequence of sampling beihg
independent of the subseduent digital processing. The samples
contain all the phase information of the.received signal and can be
stored, The parameters of the DPLL can easily be modified by simple
selection 6f arithmetic constraints - this facilitates adéptive
operation or optimization-of the design. For example, the loop
bandwidth can be narrowed following ELT detection in order to

accurately estimate frequency.

The DPLL has two parts, the sampling circuit and the digital processor.

For bandpass sampling, the sampling circuit obtains a sample pair
relative to the local oscillator phase. The received signal is

mixed with sin and cos components of the local oscillator, low




pass filtered, and A/D converted. The complex (I,Q) channel
sample pairs are then fed to the digital processor, The genéral
mathematical operation performed is by a digital filter in a feed-

back form. The input noisy phase samples are filtered to obtain

phase estimates 8 of the ELT signal which is being tracked. .This

is achieved in a manner analogouévto the analog PLL:

1. digital low pass filter with complex input/output'
2, limiting, which is equivalent to retaining most significant
bit only
3. integration, which is equivalent to summation, estimates ©
. ~
4., input complex samples multiplied by exp (J (0 +m/2)).

The last operation involves the accurate and rapid computation

of sines and cosines, a simple function in the analog comain but
difficult in the digital domain. In the search mode, the DPLL

can be swept by varying the frequency of the local oscillator used

to derive the I and Q channels, or, preferably, by superimposing

a; = Zﬂl (R At), i=1,2,....N (R = sweep rate), on 9 ;ydetection is achieved

by multlplylng the input samples by exp (J(O+a )), digital LPF and
comparing the received word with a fixed threshold.

Thermal noise and truncation noise are present in DPLL, Thermal
noise is approximately independent from sample to sample, The
noise at the output of the phase detector can be considered as the

input of the noise to the PLL and it can be characterized as inde-

pendent zero mean noise,
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.5 Quantization Effects in FFTS and Digital Filters

When digital signal.prbcessing 6perations are implemented on a
computer or special_purpose.hardware, eTrrors and constrainté due to
finite word 1éngth are unavoidable. The main categories are errors
- due to A/D conversion, errors to roundoff in arithmetic, constraints
on signal levels imposed by the need to prevent overflow, and

quantization of system coefficients,

The efféct of the finite word-length constraint manifests itself in
several différent ways, Finité word length requires that A/D con-
version of the sampled waveform can produce only a finite number of
values, The effect of the resulting quantizatien noise depends on
the dynamic range of the incoﬁing signal, the number of bits of
quantization, and the desired signal bandwidth-té-sampling

- bandwidth. Accuract detection of a narrow band carrier.in a

high noise environment, as in our case, does not réquire'fine
"quantizatidn due to dithering or linearizing efféct of the noise.
The effect of finite word length also depends on factors such as
fixed point or floating poiht number representation (the latter
éccomodates a much greater dynamic range, the former retains a
fixedApreciéion) and whether, for fixed point arithmetic, numbers

were represented as fraction, integers or a mixture.

In fixed point arithmetic, a register represents a fixed point fraction.

When two numbers are multiplied, the register length is maintained
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by truncating or rounding off the least significant bits, While .
addition, truncation or roundoff is not required, Though adding may
only cause overflow-multiplicafion causes both underflow and over-

flow, In.floating point arithmetic, dynamic range considerations

‘are neglecfed due to the large range of representable numbers, but

quantization is introduced for multiplication and for addition.

Inaccuracies in parameter values can be avoided by developing designs
that are insensitive to parameter accuracies or specified so that

they are consistent with limited register length,

In a digital hardware system numbers are represented by a sequence of
bits (0 and 1), Fractions or decimal points are also represented in
binary digits with a binary point dividing the integer part and the ’
fraction part, Thus if A denotes the location of the binary point,

then a positive number can be represented as 1001A0110 in bits having

| o ]
3 s o0x 22+ o0x2t v 1x2)+ 0x 27t

4)_

the decimal value (1 X 2

2 3

+ 1 X 2"+ 1 X2+ 0X 2

In a digital computer it is important to know the location.of the
binary point in the register.,  In fixed point arithmetic, the location
is fixed. Additions will not depend on the location of binary poin%
although for multiplication the location of binary point must be
known. In general the product of two b-bit numbers will be 2 b bit
long. In digital applications, the result of fraction multiplication
is made to be b=bit long by truncating or rounding to the most

significant bits, For example, ,00011010 can be approximated by

A
A0001 (truncation) or A0010 (rounding). This is not possible for

integqr mqlt;plication.




In floating point representation a positive number F is represented

as F = 2°M whére M, the mantissa, is a fraction between 1/2 and 1,

and e, the characteristic, can be either posipive or pegative, The
product of floating point numbers is carried out by multiplying the
mantissa as fixed pqint fraétions and adding the characteristicé.

Since the peruct of mantissas will be between 1/4 and 1, a:normaliza-
tion of the mantissa and corresponding adjustment of the charactoristic
may be necessary, The sum of two floating point numbers is carried

out by scaling the mantissa as of the smaller number to the right

until the charactoristics of the two numbers are equal and then adding
the mantissas, Thus in general with floating point arithmetic, the
mantissas can exceed the register length and must therefore be tfuncated
or rounded for both addition and multiplication whereas this was only
.necessary for multiplication in the fixed point case. On the other
hand even. though floating point introduces efror due to arithmetic
round off, it provides much greater dynamic range than fixed point ' :
as a fixed point would overflow the register regardless of truncation
or roundoff | |
Negative numbers are represented three ways, Fi}stly the leading
binary digit represents 0 for positive and 1 for negative numbers

(or vice versa), Two other methods are one's complement and two{s
complement, In two's complement a negative number is represented

b? 2.0 minus its magnitude, For one's complement, the negative

number is represented by subtracting the magnitude from the largest

number represented in the register,
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It is found that in a fixed point case, the value after truncation
minus the value before truncation is always négative for positive
numbers, However, thermagnitude of negative numbers increases or
decreases after truncation for two's complement or one's complement
respectively, The effect of rounding is same and is independent of
how negative numbers are represented., The figures below show the

characteristics for rounding and truncation,

Rounding Truncation Truncafion

In case of floating point, the error reflects only in the character-
istic and is multiplicative rather than additive as in the case of

fixed point cases,

'.




B-21

Effects in Digital Filters

In digital filters represented by a difference equation of the form
Yn = Ay, q + xn the méthematics involved is multiplication by a
constant and addition, For fixed-point arithmetic, rbundoff is
introduced‘only after multiplication, Because éf possibility of
overflow due to addition, there is é range limitation in fixed
point filters, In contrast, floating point filter implementation

has a much less severe dynamic range constraint, although arith-~

metic roundoff is introduced due to both multiplication and addition.

It is observed by introducing a uniformly distributed white noise

source at filter input that the noise to signal ratio is proportional
to 272b/5 . Thus if § is halved, then to maintain noise to signaly
ratio b must be increased by 1, i.e., one bit must be added to the
register length., As § approaches zero the frequency response of
both first and second - order filter becomes more selective so that
more and ﬁore of the input energy is out of band. TFor fixed point
filters, it is found that the output noise is independent of the

form and amplitude of the input signal. The above conclusions are

drawn on the basis that overflow must be avoided.

The quantization noise to signal ratio is slightly larger in the

floating~point arithmetic as compared with fixed-poing arithmetic

with a sinusoidal input of known frequency, but a significantly

smaller for floating point arithmetic as compared with a fixed point
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arithmetic with a white noise input (due to its larger peak-to-

rms ratio). Also if we decrease the signal level, the NSR will
increase in the fixed point filter since the output noise variance

is independent of input signal lewvel, Fof floating point arithmetic,
on the other hand, the output noise variance is proportional to the
output signal variance and as the input level is scaled up or down

so is the roundoff noise. However, we must also realize that imple-
menting a floating point filter is much more complex than a fixed

point filter,.

A compromise in complexity is by uéing block floating point arith-
metic, Here the input and filter states (i,e. inpﬁt to delay registers)
are jointly normalized before the multiplications and additions are '
performed in fixed point arithmetic., The scale féctor (or exponent)
obtained during the normalization is then applied to the final

output to obtain a fixed point output. The NSR in such a case was

found to lie between that for fixed and floating point,
Effects in the FFT

As shown in equation (1) before, the computation is the FFT algofithm,

referred to as a "butterfly'" in

X (1) = X (1) + WX_(§)

X1 () = X (1) = WX, ()
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Where X_(i); X (j) and W are as before, For a decimation in frequency

algorithm, the butterfly computation is

X, (1) = X (1) + X_(5)

1

X1 () = TX 0« X ()W

The roundoff noise can be modelled by associating an independent

white noise generator with each multiplier. It can then be evaluated
that the variance of the output noise is proportional to N, the number
of points transformed. The effect of doubling N, or adding anéther
stage in the FFT is to double the output noise variance; The output
noise is also white. In the FET, the dominant factor'causing the
incfease of NSR with N is the decrease in signal leveli(required by
the overflow éonstraint)'as we pass from stage to stage. In the

final array, very little noise, just a léast significant bit or two

is present. However, the mean squared signal level has decreased by a
factor of 1/N from its initial value, due to scaling; The.outﬁut

consists of 1/N times the input DEFT.

Another approach to avoiding overflow is the use of block floating
point, Here the original array is normalized to the far left of the
computer word, and the computation proceeds in a‘fixed,point_manner,
except that after every addition there is an overflow -test; if over-
flow test; 1if overflow is detected, the entire array is shifted right

1 bit and the computation continues. The number of necessary shifts
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are counted to determine a scalé factor or exponent for the entire
final array, The output noise-tor~signal ratlo depends strongly on
how many overflows occur, and at what stages of the FFT they occur,
The positions and timing of overflows are determined by the signal
being transformed, and thus, in order to analyze noise-to-~signal ratio
in block floating FFT, one needs to know the signal statistics,

This is in contrast to the fixed point analysis above, where it was

not necessary to assume specific signal statistics.

In Fig, 1 experimentally measured values of output noise-to-signal
ratio are présented for Block floating FFT's of white inputs using
rounded arithmetic, The quantity plotted‘is the fms noise-to-signal
ratio. For comparison, a theoretical curve representing fixed point‘
noise~to~signal ratio (for rounded arithmetic) is also shown, We

see that for white input block floating point provides some advantages
over fixed point, especially for the 1afger transforms, For N=2048,
the rms noise-to-signal ratio for block floating point is about 1/8

that of fixed point, representing a 3-bit improvement.

Noise-to-signal ratios are generally a bit or two worse by using
truncation than for rounding. The rate of increase of noise-to-

signal ratio with N seems to be about the same as for rounding.

In floating-point arithmetic noise is introduced due to each butterfly

computation, Second-order error terms are neglected so that noise
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sources are introduced after each mﬁltiplication and addition that
are assumed to be white but for which the variance is proportional
to the variance of the signal at that node, Here we consider a white
input signal, where the signal.at any array in the FFT is also white,

with constant variance across the array,

The relation (GEZ/GXZGEZ) bits = 1/2 1og2 (2v) is used to représent
the number of bits by which the rms noise-to-signal ratio increases
in passing through a floating point FFT., For example, for v=8 ‘this
represents 2 bits and for v=11 it represents 2.23 bits., The number
of bits of rms noise-to-signal ratio increases as log2 (logz‘N),

so that doubling the number of points in the FFT produces a very mild
increase in output noise, significantly less than the half-bit-per-
stage increase for fixed-point computation. In fact, to‘obtain a
half-bit increase in the result above, we would héve to double v,

‘or square N,

A conseqﬁence of the analysis is that the oﬁtput,noise is white,
This follows from the fact that eachiarray of noise sources is
white, The reduced noise source variance for %=l and j implies that
for some arrays there will be a variation of noise source variance
over the array. This implies a slight variation of output noise
variance OVer.the output array, and thus the modified noise analygis

'will only predict an average noise variance over the output array.
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As with the implementation of digital filters, the implementation ‘

of the FFT algorithm requires the use of quantized coefficients.

Although the nature of coefficient quantization is inherently non-
statistical, This statistical analysis corresponds to introducing
random jitter in the coefficients and determining the output noise-
to-signal ratio due to this noise, Whilé the detailed effect due to
coefficient error due to quantization is different than that due to

jitter, it 1is expected that in a gross sense the magnitude of the

errors 1s comparable,

The key result of quantization is that the error-to-signal ratio in-

creases very mildly with N, being proportion to v=1og2 N, so that '
doubling N produces only a slight increase in the error-to-signal

ratio,
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Yime/Dats

Every user of time series analysis has some special
application which requires more than a “standard”
system can offer. For this reason, Time/Data Model
TDA systems are designed to use building-block
modules that can be combined to produce fifteen
basic configurations. If one of these does not meet
your specific needs — or if your needs change at some
future time —standard modules can be added on to
adapt the system to a wide range of applications.
Such flexibility ensures that your Time/Data system
can always be expanded to meet future needs and to
prevent obsolescence.

These powerful analytical instruments use computer-
based digital processing for broadband, high-resolu-

Time/Data

A GR COMPANY

TDAS3

Time Series
Analyzer
System

$ 55,000

Features
e Easy-to-use TSL™ Programming Language
® Spectral analysis frequency resolution to 0.025%

® High-speed data acquisition — sampling rates
to 200 kHz

e Continuous real-time data acquisition with
additional memory and processing

¢ Dynamic range of 70 dB

e Rapid visual interpretation of output on scope
e Report-ready copy on plotters, printers

® Automatic calibration of all operations

® |ncludes 16k memory, extended arithmetic
element, and automatic restart after power fail

e Equipped with the PDP-11/35 — DEC'’s fast
16-bit minicomputer

e Microprogrammed Fourier processor for fast,
real-time processing

tion analysis of analog input data. Their operation is
based on Laplace and Fast Fourier Transform (FFT)
algorithms, as well as statistical analyses, to provide
analysis, synthesis, and manipulation of time-varying
data.

The use of the Time/Data FPE microprogrammed
processor in combination with the PDP-11/35 com-
puter makes the Model TDAS53 system an impressive
performer for its size and cost. Either the functionally-
oriented P2 control panel or the high-level program-
ming capability of T/D’s unique Time Series Language
can be chosen to operate the system.

Tom Massage --Sales
Danny L. Boone - Service
GenRad, Time/Data Division

1 Curran Lane
Huntington, CT 06484

(203) 929-0100

1050 EAST MEADOW CIRCLE O PALOALTO.CA 94303 0 (415) 327-8322
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$49,000
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Honeywell
$4,000

Signal Analysis Products
CORRELATION & PROBABILITY ANALYZER
MODEL SAI 42A

PRODUCT INFORMATION

All digital, high speed processing instrument
for on-line, real time Correlation, Enhancement
and Probability computation

ION & PROBABILITY ANALYZER

Outstanding Features

+ 100 Point Analysis

+ 2.5MHz (0.5 usec) Sampling rate

+ Digital Exponential Averaging

* 1500 Points Precomp Delay

« Digital Selection and readout of any bin

+ Digital Photon Counting interface available

Product Description

The SAI-42A Correlation and Probability Analyzer is an
all-digital high speed processing instrument which pro-
vides an on-line, real time computation in three primary
operating modes — Correlation (auto and cross), En-
hancement (or signal recovery) and Probability (Density
and Distortion). A 100 point analysis is accomplished in
all modes. The SAI-42A provides a minimum At of 0.5
usec or a 2.5MHz sampling rate. Also standard are 1500
points of precomputation delay, exponential (RC) averag-
ing and binary digital outputs.

Correlation is particularly useful for a) measurement of
time delays in a signal transmission path, b) recovery of
periodic signals buried in noise, c) establishing the rela-
tionship between random signals and d) system response
identification problems. Enhancement or Signal Averaging
is extremely important in applications where it is desired
to study the actual signal which is buried in noise. The
coherent pattern of the signal is re-inforced at each
repetition but any noise present in the signal averages to
zero. The Probability modes are important to applications

COMPUTATION & DISPLAY

in which the signals’ amplitude characteristics are vital
The SAI-42A is the economical member of the SAICOR
family of Correlation & Probability Analyzers. It performs
most of the functions of the more sophisticated SAI-43A
which has a higher sampling rate and 400 point analysis
Detailed descriptions of correlation, enhancement (signal
averaging) and probability operating principles are found
in the 8-page SAI-43A bulletin. The same bulletin con-
tains applications, standard and optional features and a
photo calling out all controls and indicators.

Output options include tape punch interfaces, digital
printer outputs, teletype machine interface and code
converter. Photon counting or direct digital inputs for
correlating laser light scattered pulses is easily accom-
plished by adding the appropriate input interface option.
Consult the factory for details.

Also, the new Fourier Transform Analyzer, Model
SAI-472, is now available. This instrument is a unique
add-on unit which complements and extends the SAI-42A
capability by Fourier transforming any time display and
presenting its equivalent frequency information The
Model SAI-472 performs Real and or Complex (Real and
Imaginary — Magnitude and Phase) transformation of
auto or cross correlation functions to produce Power
Spectrums. The Fourier Transform of time averaged data
can be computed as well as the Characteristic Function
resulting from the transform of the Probability Density
data.

Complete specifications for the SAI-42A Correlator &
Probability Analyzer are on the reverse side.

B0 R

cof

SA!

SIGNAL ANALYSIS OPERATION + TEST INSTRUMENTS DIVISION - 595 Old Willets Path, Hauppauge, New York 11787 + 516/234-5700



Hig!ﬁépeed FFT chip
set under development

Fast Fourier Transform (FFT)
analyzers that sell for several
thousand dollars may soon have
some stiff competition from an
FFT chip set under development
at TRW.

The ICs, being produced under
contract for the Air Force, can
perform a multiplication and three
addition operations on a 12-bit
parallel word—in only 240 ns.
When used to perform a Fourier
Transform, the set can complele
the task on 1024 points in only 2.5
ms. More sample points or higher
speed can be achieved by cascading
devices and adding a larger exter-
nal memory.

The three chips in the set are
fabricated with a triple-diffusion
process that permits very-large-
scale integration, according to
James Buie, an engineer working
on the project at TRW’s Redondo
Beach, CA facility. The main IC
of the set is the signal-processing
arithmetic unit (SPATU). which
contains 15,000 devices on a 350
by 310-mil chip—the equivalent of
roughly 3000 gates.

The SPAU replaces about 55
conventional TTL,/MSI ICs, Buie
says. Among other things, the
architecture of the SPATU provides
for register transfers, parallel
multiplication and simultaneous
addition.

The second chip in the set is
the signal-processing address-con-
trol chip (SPAC). This device con-
trols accessing of the memory that
stores the FFT data points. Tt also
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controls the accessing of SIN and
COS look-up-table ROMs.

SPAC chips may be cascaded to
extend the total number of FFT
sample pouints that can be handled.
One SPAC can provide 32 points,
two will accommodate 1024 points,
and with three SPACs up to 32,768
points may be sampled.

The final chip in the set is called
a signal-processing delay line or
SPDL for short. It is basically a
shift register composed of 60 D-
tvpe flip-flops plus input/output
control circuitry. The SPDL can

accept digital words that are 12-

bits wide and 5 bits long and is
used to make data available to the
processor when they are needed.

In addition to being used as a
Fast Fourier Transform analyzer,
the SPATU can also be used to filter
and digitize all types of complex
signals, Buie reports. Specific fre-
quency components of a given sig-
nal can be filtered with greater
speed and accuracy by FFT tech-
niques than with other filtering
methods.

The chip is not yet available, but
should be on the market by the
first quarter of next year, Buie
notes. And although there is no
firm pricing available yet, Buie
estimates that the 3-chip set will
probably sell for about $300. Con-
sidering that the 55 military-grade
MSI devices the SPAU alone re-
places cost about $750, that’s a
bargain.

Another benefit of the new FFT
chip set is a significant savings in
the cost of assembly. Much smaller
PC boards—with a five-to-one re-
duction in the total number of in-
terconnections—can be used.
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$ 5,600
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«SPM FFT

3P W S

B : :

rférmanoe. FFT specteum analysers for OEM and end user applications




Honeywell

Outstanding Features

« Complete digital analysis for repeatable and accurate
results — no adjustment or re-calibration.

« Variable marker for digital display and readout of co-
ordinate information.

« Simultaneous display of both input data and computed
Fourier components.

« Digital log scaling for dB presentation.

- Real, imaginary, magnitude and phase calculation for
versatile display.

INPUT FUNCTION
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$3500

Signal Analysis Products
FOURIER TRANSFORM ANALYZER
Model SAI-470

PRODUCT INFORMATION
All digital Fourier Transform Analyzer used
in conjunction with SAICOR Correlators

« Compatible for analysis of external digital data

« 1000 point interpolated display. 0-2.5 MHz analysis —
SAI-43; 0-1 MHz analysis — SAI-42.

+ Directly compatible with SAI-42 and SAI-43 100 and
400 point Correlators.

» Four (4) block processing for improved resolution of
100 point Correlator.

» Autocorrelation analysis with increased resolution.

« Bode and Nyquist displays easily achieved.

-

General Concepts

Fourier series analysis is basically the representation of
a periodic function by an infinite series of weighted sines
and cosines. The frequency components are at multiples
of the reciprocal of the period of the data. The extension
of Fourier analysis to non-periodic data results in Fourier
Transform theory and the resultant integral analysis. This
analysis yields a continuous frequency analysis instead
of the discrete or line spectrum which arises from peri-
odic data.

The link between the above concepts lies in the fact
that in the real world, only a finite length segment of data
is available for analysis. Moreover, discrete or digital
Fourier Analysis is used when the data to be transformed
is available only at discrete or sampled values.

Principles of Operation

I. FTA Processing
The SAI-470 Fourier Transform Analyzer (FTA) is a fully
digital instrument which performs a Fourier analysis of
any function computed by either the SAI-42 or SAI-43
100 and 400 point Correlation and Probability Analyzers
(External digital input data can also be applied to the FTA
for tragsformation,) The basic computation of the FTA is
given by: 27kn

Real_an_zxx cos ( N )

Imaginary = bn :—2:& sin (27;:“1 )

The *“data” values Xx are the computed values at the
Correlator output. For example, if the SAI-42 Correlation
and Probability Analyzer is performing a cross-correlation
analysis, then the X« are the 100 values of Ri,2 (k7) — the
cross-correlation function of the two original signals 1
and 2. The index k therefore runs from 0 to 99 for a
total of 100 data points.

and

SAICO'H

SIGNAL ANALYSIS OPERATION « TEST INSTRUMENTS DIVISION - 595 Old Willets Path, Hauppauge, New York 11787 + 516/234-5700



i

u

i

.

NAani

53 ERATAVREAVER HU RN A0 A VR SO SR R sl CORES S B O ey

LETT "ON NILIVIN-dMOT

HNO.l3Y 30 31va

ina 3ivda

. S|eubLs JejiLwsue.d) Joléool A
b AouebJiaws pepuodsued]
40) wWe1sAs bulsseosoud
LeubLs JoO uoLieOLUQRy
pue uoLleoLiLD8dS ‘Aphig
9.6l 8.8 ¥G92° |6d

o) |




A LR O v e AT i
.




