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required by the SAA1057. The leading zero is produced
automatically by virtue of the serial input of the first
shift register being connected to ground. Note that DLEN is
raised before the first leading edge of the clock.

Bit C4 is used as an input to monitor the DLEN line in order
to determine when a 16 bit serial word has been passed. The
clock signal is inverted to clock the shift registers to

maintain synchronisity.

The software that runs the synthesizer thus sends the

following data on lower port C:

Hex Binary Action

0B 1011 Reset f/f 1
08 1000 Reset 55%
04 0100 ' Reset 555, set f/f 1,

reset f/f 2, load counters,
load shift registers

0A 1010 No action

3.3.4 SAR1057 Programﬁing
The action of the SAA1057 is determined by the data passed to
it from the PC in the form of 16 bit serial words. The word
can be of two types: control or data. Both have a leading
zero before the 16 bits. A control word is identified by a
"1" following the leading zero. The control word is only used
once to initiate the device, thereafter the frequehcy'may be
- changed with the data word alone. The format of the data word
and control word are given in Figure 3.3.8. The control word
informs the SAA1057 as to the inputs being rused, the
reference division, the current amplifier gain, the phase
_detector and the test pin output. Amongst others, the test

"pin output can be programmed to indicate a lock condition.
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Figure 3.3.8 Control and Data Word Formats for SAA1057

The data word, to synthesizev a specific frequency, is
determined by:
for FM input

o’

clock reference freq * 10
reference division * 32

step size

data word desired frequency

step size

The reference division is the amount that the clock reference
- frequency is divided by. This can be set (in the control
~word) to either 100 or 125. In this case a reference division
.of 100 is used as it provides the simpler means to derive the
required frequencies in the 256 steps between 50 and 90 MHz.
More detail is provided in the data sheet of the SAA1057 in.
" Appendix F. ' ‘

"The 8 most significant bits of the words are placed\on port A
“and the 8 least significant bits on port B of the first 8255,
which feeds the frequency loading interface. Thus, to
synthesize 70MHz:

5.100 * 10
100 * 32

step size

15625
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H

70.106
15625

data word

4480

1180 in Hexadecimal

Thus 11 Hexadecimal is placed on port A and 80 Hexadecimallon

port B.

3.3.5 The A/D and D/A -
For the method of increasing the sweep rate,-an A/D is used

to monitor the voltages on the varactor of the VCQ. These are

stored in a look-up table and then used to drive the varactor

of the VCO direétly, via a D/A.

A 10 bit ADC1001 and 10 bit DAC1008 are used in order to
obtain accurate voltage measurements. The circuits are shown
in Figure 3.3.9. The D/A is operated in the voltage switching
mode, in which the pin "Ioutl" acts as a voltage reference
while the pin "Vref" is the input. The voltage reference,
which is required to be about 10 volts less than the supply
voltage of 12 volts, is maintained constant at 2.2 volts by a
gréen light emitting diode from the 5 volt supply. The 10 bit
digital data is provided from port A and two bits of port C
of the second 8255. The output is connected to a non-
inverting amplifier (U3A), with variable gain supplied by a
multi-turn potentiometer, to accurately amplify the output to
the correct analogue level. The <chip select input is .
controlled by a bit from port C, which is lowered to perform
a D/A conversion, while the write and transfer pins are held

low.
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The input to the ADC1001, VI+, is supplied from a variable
voltage divider and buffered with a follower (U3B) to avoid
loading the VCO. The voltage divider, consisting of a multi-
“turn potentiometer, can be adjusted to provide the correct
input level =~ the maximum level being that of the reference
voltage of 5 volts. The 10 bit data is read in two separate
bytes - first the first 8 bits and then the last 2 bits -
onto port B of the 8255. The read and write inputs are
controlled by two bits of port C, while the chip select input
is held low. The read and write inputs are lowered to
'initiate a conversion and the write input lowered in between
the reading of the two bytes..The RC values for the clock
control of the chip are chosen for the recommended clock
frequency of 410kHz. ‘

A test program to perform an A/D conversion on an analogue
voltage, read the result and then output the digital result
to the D/A and compare the voltages, was written and tested
for a range of voltage levels. This was used to calibrate the
A/D and D/A and check that the system was working correctly.

3.3.6 Switching of Voltage Source for VCO

The switching of the varactor .of the VCO to receive its
voltage level from the frequency synthesizer or the D/A is
performed with a change-over reed relay, controlled by a bit
of port C of the second 8255. A transistor follower
arrangement is used to supply the current drive required for
switching as shown in Figure 3.3.10.

Figure 3.3.10 VCO Voltage Source Switching Mechanism
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3.4 GROUP DELAY MEASUREMENT

3.4.1 Introduction _

As group delay is defined as the derivative of 'phase‘
difference across the channel with respect to frequency, the
measurement involved 1is that of phase 'difference between
transmitted and received signal, over the IF frequency band.
" These measurements can then be processed to provide a display

of group delay.

It was initially envisaged that the phase measurements would
be done directly at the IF frequenCy.'A number of methods of
doing this were proposed by Mr. D.Gale [3.6], using various
modulation and mixing techniques. The most suitable was found
to be the so called "nFr" scheme for an end-to-end
measurement, where IF frequencies are synthesized and mixed
at either end of a link. Owing to time constraints, none of
these were implemented, but a simple amplitude modulation and
mixing technique, proposed by Dr. R.Braun, was uséd, where

phase measurements are done at low frequency.

In this technique, the swept IF frequency 1is amplitude
" modulated with a stable 1MHz signal. The return signal is
demodﬁlated and compared in phase, for each IF frequency,
with the reference modulating signal. In order to simplify
phase comparison, both the modulating and demodulated signals
are mixed down to a low 24kHz signal. The phase comparator is
required to measure 0 - 360 degrees unambiguously. The block

diagram of the system is shown in Figure 3.4.1.
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Figure 3.4.1 Phase Measurement System

Amplitude " modulation was chosen instead of frequency
‘modulation because of itS‘relatively simple modulation and
demodulation. Its disadvantage is in changing the amplitude
of the signal that is\~being measured. To minimize this
effect, as low as possible depth of modulation must be used.

3.4.2 Derivation of IF Group Delay from Phase Measurements
The measured phase difference, @ is for the . 1MHz
‘modulation. The actual phase‘difference of the IF signal, Da
at each frequency, f, is given by: '

where f. is the modulating frequency (1MHz in this case). The
"group delay of the IF signal, Tar 1is defined as the
differential of phase with respect to frequency:

Ta = dog [seconds] ........... (3.4.2)
. df
25 1in [fractions of a cycle]
From 3.4.1: : Ty = %h> [seconds] ....... v.... (3.4.3)
m

2m in [fractions of a cycle]
fm in [hertz)

Thus, THE IF GROUP DELAY 1IsS DIRECTLY PROPORTIONAL TO THE
MEASURED PHASE DIFFERENCE, being the phase difference,



expressed in fractions of a cycle, divided by the modulating

frequency in hertz.

3.4.3 Trade-off in Phase Measurement Techniques
The method of determining the group delay by meaéurihg the
phase difference of fhe modulation of the IF frequency has
the advantage of the phase measured being a direct
measurement of the group delay, as described above., However,

there are various trade—offs to be considered.

The 1MHz modulation was chosen as a compromise between
resolution of phase measurement, size compared to the IF
 bandwidth and ease of measurement. Greater resolution of IF
phase measurement is obtained as the frequency of modulation
increases, with maximum resolution when the measurement is
actually done at IF. However, frequencies above 1MHz become
increasingly difficult to work with. The lower the modulation
frequency, the less resolution one can obtain in the
measurement of phase difference for the swept IF signal. -
Conversely, the modulation frequency must be small compared
to the IF bandwidth of 40MHz in order to obtain realistic
results as the modulation fréquency "scans" the bandwidth.
With a 1MHz modulation, the "scan" width within the 40MHz
-bandwidth 'is 2MHz, which is acceptable.

The.sweep time is found to be approximately 0.07 seconds (see
section 4.1), thus there are approximately 70 000 cycles of
IMHz' in each sweep. It 1is required to measure phase
difference at 256 points across the frequency band, so this

‘number of cycles is sufficient to produce accurate results.

From (3.4.3), with f, = 1MHz, the maximum unambiguous group
delay that can be measured is 1lus. A higher modulation
frequency would lower this, but increase resolution, while

reducing the scanning accuracy.
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3.4.4 Amplitude Modulation .

The 1MHz modulating signal is derived.from the 5MHz TCXO used
in the frequency synthesis. The output of the TCXO is current
amplified with a transistor follower to increase its fanout.
The SMHz signal is divided by five with a 74LS90 IC to
provide a stable 1MHz signal and then smoothed from its

square form with an RC low pass stage.

A number of methods for amplitude modulating the IF éignal
with the relatively high 1MHz signal were proposed. This was.
complicated by the fact that a constantly varying IF signal
has to be modulated. Ohe such method involved modulation by
the action of diodes on the signal as in Figure 3.4.2.

m 1K .

1K 10n

Figure 3.4.2 Amplitude Modulation with Diodes

In this simple method, the modulating signal turns the diodes
“on and off to varying degrees, resulting in .a form of
~ amplitude modulation of the carrier. This system was found to
be unsuitable as it varied the DC level of the signal without
' producing true amplitude modulation. A method of modulation
by varying the power supply on an MAR amplifier was also

- found to be unsuitable for the same reason.

The method finally employed involved the modulating signal
varying the tail current of a differentially connected
transistor pair. The circuit was constructed using a CA3086
general purpose transistor array IC. This chip has five
general purpose silicon n-p~-n transistors on a common
monolithic substrate, including two internally connected to
form a differentially connected pair. The circuit employed is

shown in Figure 3.4.3.
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Figure 3.4.3 Amplitude Modulation using a
Differentially Connected Pair
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The bases of the differential transistors, Q1 and Q2, are
biased at approximately 3 volts. The tail current is
modulated by the 1hodulating signal applied to the base of
transistor Q3. Varying DC levels were applied to the base of
- Q3 and the resulting modulation observed, to determine the
correct biasing for linear modulation. It was found that the
transistor needed to be biased at approximately 2 volts. The
input is AC coupled and all DC sectiofs are decoupled.

The 1MHz square wave is applied to a high Q tuned circuit to
convert it to a sinusoidal wave and this is used as the
. modulating waveform on the biased base of -Q3, via a
potentiometer to adjust the depth of modulation. The tuned '
circuit is used to .prevent modulation with unwanted
harmonics, specifically second harmonics, which introduce
phase offsets after the = subsequent demodulation. The
modulated output is buffered with an MAR amplifier.

Figure 3.4.4 The 1MHZ Amplitude Modulated IF Signal
(Maximum Modulation)
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3.4.5 Amplitude Demodulation
The amplitude measuring circuitry used for:gain measurement
{see section‘3.5.l) cannot follow the relatively fast 1MHz
modulation and is thus unsuitable for amplitude demodulation.
Instead a simple diode envelope detector is used as shown in

Figure 3.4.5.

This is preceded by an!MAR amplifier and:transistor'cascode
' stage, to provide amplification to bring the signal above the
diode voltage drop for as wide a dynamic range as possible.
Schottky diodes with voltage drops of about 0.4 volts are
used. The cascode arrangement cancels the Miller effect
capacitance. A radio frequency choke is used as collector
load to provide high impedance to the IF frequencies,
resulting in high gain. Diodes Dl and D2 act as diode
detectors, D2 providing a path for the negative signal. Diode
D1 charges up the capacitor for the positive part of the
signal and the RC time constant is set to allow following of
the 1MHz modulation(

The output of the demodulator is filtered with an RC filter,
with 3dB point set at 1MHz. This signal is then amplified and
‘squared by means of the cascaded CMOS inverters. The first
inverters, having negative feedback, operate in the linear
condition and each stage amplifies by a factor of ten. The
last two inverters are configured in a positive feedback
arrangement and act as a Schmitt trigger. The resultant
" output is the demodulated 1MHz square wave.

3.4.6 The Mixing Process _

The modulating and demodulated 1MHz square waves are mixed
dowh to 24kHz for simple phase comparison. This is achieved
by mixing with a 1.024 MHz 1local oscillator (LO) and
filtering out the difference component. The use of a common
local oscillator maintains the phase relationship of the two
'signals. '
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The 1.024 MHz LO is derived from a readily available 6.1440
MHz érystal oscillator divided -by six.  The 6.1440 MHz
oscillator was constructed with ‘a crystal with feedback
around two TTL inverters as shown in Figuré 3.4.6. This is
divided by six with a 7492 IC.

For the mixing of the twoleHz signals with the 1.024 MHz LO,
two MCLSBL-1 double balanced mixers are used. These mixers
require the so called RF and LO inputs to be no greater than
idBm and 7dBm respectively. This is achieved by supplying
these signals via 100Q resistors. The 1Mhz square wave
signals are taken via high Q tuned circuits to ensure that
~ the RF inputs to the mixers are driven with a pure sinusoidal
wave with no additional harmonics, which would cause excess
mixing products. The resultant mixing process consists of the
sum and difference frequencies at 2.024 MHz and 24 kHz
‘respectively. In order to obtain only the desired difference
component, an RC low pass filter, with 3dB point set at
" approximately 40kHz is wused on each output. This is.
sufficient because of the wide rahge between sum and

difference components.

' The 24kHz output signals from the mixers are sinusoidal,
approximately 100 millivolts peak to peak and with a 50
millivolt DC offset. These are squared with a form of zero
~¢rossing detector comparator as shown in Figure 3.4.6. The
zero crossing detector consists of an LM311 comparator run
off a single supply, with the inverting input biased at half
- supply. The input is AC coupled and applied to the non-
inverting input as well as to the inverting input via a
resistor and capacitor to ground. This results in the
reference voltage of the comparator always being at the DC
- level of the signal as the AC portion at the inverting input
" is shorted to ground. Hysteresis is provided by positive
feedback via a small (68pF) capacitor, which was found to
eliminate multiple transitions and stabilize the system. It
is imperative that the output of the comparator is clean,
without multiple transitions, dtherwise problems arise in the
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subsequent digital circuitry. The output puli—up resistor of
the comparators is connected to the 12 volt supply to provide
the correct level for the subsequent CMOS phase comparison

circuitry.

3.4.7 Phase Comparison

An unambiguous 0 - 360 degrees phase comparison is required.
Methods using an exclusive-or gate only provide 0 - 180
.degreés phase comparison. The concept used in this circuit,
proposed by Dr. R.Braun, is for the rising edge of the
_ modulating or reference signal to set a flip;flop and the
rising edge of the demodulated return or measured signal to
reset the flip-flop. While set, the output of the flip-flop
allows an integrator to charge up from a constant current
source. The value reached is directly proportional to the
phase difference. The charge can then be transferred and the

- integrator reset.

The circuit is shown in Figure 3.4.7 and the timing diagram
in Figure 3.4.8. Both the measured signal and the reference
signal are divided by two (M/2 and R/2) to provide signals
with transitions at only the positive edge of the original
signal. The reference signal is further divided by two to
provide a divided by four version of the original (R/4). This
is achieved with a 4520 dual binary counter. The positive
going edge of R/4 clocks a D-type flip-flop, with D input
connected high, thus setting it. In this manner a phase
measurement is initiated for every four <cycles of the
reference signal. The M/2 signal is exclusively OR-ed with a
delayed . version of itself, to produce a spike for each
positive transition of the original measured signal. The
delay is achieved by feeding the M/2 signal through two EXOR
gates with one input of each connected high, resulting in an
inversion and re-inversion. This produces sufficient
propagation delay to produce a spike that will reset the
flip-flop. Thus the positive edge of the signal resets the
flip-flop.
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Figure 3.4.8 Phase Measurement Timing Diagram

While set, the flip-flop charges up an operational amplifier
integrator‘(U4B) via a junction FET configured as a constant
current source. The Q output of the flip-flop is used to
control a DG308A normally closed analogue switch (U6C), so
that when set, the switch is open, allowing the current
source to charge up the integrator. When the flip-flop is
reset, the switch is closed, so that current is shorted to
earth, while the diode prevents the integrator from
discharging. The potentiometer on the current source and the
value of the integrating capacitor (10nF), are set for the
integrator to charge to the correct maximum level (10 volts
in this case for the A/D card).

After one cycle, corresponding to the maximum phasé
difference of 360 degrees, the charge of the integrator is
transferred to a capacitor and then the integrator reset.
This is achieved by closing analogue switches U6A and U6B
respectively. The control of these operations is performed by
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AND-ing R/2 and R/4 or its inverse as shown in the timing
diagram of Figure 3.4.9. '

A set ¢-¢

Rs2 + R/4 r—l | r——l ’.—_L |

A Transfer Charge

LG 1 .

4 Reset Integrator

Figure 3.4.9 Timing of Charge Transfer and
Integrator Reset Controls

The value of the capacitor to which charge is transferred was
chosen such that the RC time constant formed by it and the
analogue switch (on resistance = 1000) is approximately a
third of the time between samples (found to be 260us). A
0.68uF capacitor is used. This RC arrangement also has the
effect of acting as an anti-aliasing filter for the A/D
acquisition card as described in section 3.2.3.

As the integrator integrates negatively, the transferred
voltage 1is re-inverted and buffered with a unity gain
inverting amplifier (U4A). The output is read by the second
channel of the PC-26 A/D card. The inputs to the circuit may
be reversed in order to obtain the correct lag/lead phase
relationship between the reference and measured signals, as
phase reversal can occur through the mixing process.

A variable 0 - 360 degree phase shifter was constructed to
test the circuitry. The details of this circuit are given in
Appendix B.
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3.4.8 Anti-coincidence Circuitry

If the measured and reference signals are nearly in phase
with one another, the phase reading shifts between 0 and 360
degrees, giving false, rapid transitions. Signals within 15%
phase of each other are found to be problematic [3.12]. In
order to avoid this, "anti-coincidence" circuitry is added
prior to the phase measurement circuitry {3.13]. This is

shown in Figqure 3.4.10.

3
-%-xox

100K
AAA—

Figure'3.4.10 Anti-coincidence Circuitry

The reference and measured signals are applied tovan EX-OR
gate (IC 1B), which produces an ouput waveform with maximum.
mark-space ratio for 180 degrees phase difference and minimum
'for»Oland 360 degrees phase difference. The mark-space ratio
is converted to a proportional DC voltage by an.RC stage.
This is fed to a comparator (IC 2) such that, if the signals
are within 15% of one another in phase the comparator is set
(high). The output of the comparator is fed back to EX-OR
gate, IC 1A, which acts as a programmable inverter, shifting
the phase of the measured signal by 180 degrees if the
comparator is set. This ensures that no spurious phase
measurements can occur. In this' condition the phase
measurement is 180 degrees out from the true value. The
comparator output is used, via a bit of the first 8255 port
to indicate the condition and the opposite correction made in

the software.
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3.5 GAIN MEASUREMENT

The .principle of gain measurement is to compare the
amplitudes of the outgoing signal to the return signal, over
the IF frequency band. To achieve this, the amplitude
measuring circuitry is connected to the outgoing signal
during the initial synthesized sweep. The amplitude, for each
of the 256 frequencies, 1is stored in a ldok—up table. On
subsequent, unsynthesized sweeps, the amplitude measuring
circuitry is connected to the return signal and the gain
determined by comparison, in software, of the measured
amplitudes with those in the look~up table. The amplitude
measuring circuitry has to be capable of covering a wide
dynamic range of greater than 60dB to follow the deep fades
expected during multipath fading.

3.5.1 Amplitude Measuring Circuitry

A method of measuring amplitude with a simple diode envelope
detector preceded by a transistor cascode amplifier stage
identical to that used for amplitude demodulation in the
phase measurement process (section 3.4.3) was tested. This
worked well for signal levels above -30dBm, but signals below
this were not detected as they were " not sufficiently
amplified to exceed the diode voltage drop (despite the use
of Schottky diodes). Signals above 0dBm saturated, so a
dynamic range of only 30dB could be covered, making the
system unsuitable. A graph of voltage out @gainst input level
for the envelope detector is given in Fiqure 3.5.1.
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Figure 3.5.1 Envelope Detector Amplitude Response

The method implemented to cover the wide dynamic range, is to
make use of logarithmic amplifiers in a successive detection
system. Each logarithmic amplifier consists of a limiting
amplifier with RF input and output and a detector with a so
called video output, as illustrated in Figure 3.5.2.

LIMITING
AMP

RF - RF
INPUT _/_ 0 ouTPuT

VIDEO
| © outeut

DETECTOR

'Figure 3.5.2 Basic Log State of a Logarithmic
Amplifier [3.7]
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A series of identical limiting amplifiers with logarithmic
'detectors are cascaded. The parallel sum of the detected
outputs produce a composite logarithmic straight line
function, thus covering a wide dynamic range. For a strip
constructed by cascading individual logarithmic amplifiers,
as in Figure 3.5.3, the first stage gives a video output
identical to the single device (a logarithmic law over a
limited input voltage range). The second stage receives the
input signal, increased by the gain of the first stage. Over
the range of the detector, this gain is constant, so when a
logarithmic scale is used for the RF input, the second stage
video output will be identical to that of the first stage,
just displaced to the left by the stage gain. This is shown

in Figure 3.5.3 for a three stage strip.

STAGE 1 STAGE 2 STAGE 3

RF RF
INPUT ouTeuy

& X X
R }

L

’ STAGE STAGE
GAIN GAIN
-2 —t T Y -
1 : ' pogen
1 }"“— Pra
10 r t
5 Hanp” ' ' v
o ] / ] / : v
08 ‘ P "
2 ] '
o V . / ]
O 06 7
‘u:l / STAGE 3 VSTAGE 2 / STAGE 1
> o -
° // b //
0-2 g
-

0
imv 10myv 100mv v

INPUT VOLTAGE
Figure 3.5.3 Video Outputs from 3 Stage Strip [3.8]

The video (detector) outputs from each stage are summed,
prbducing a logarithmic response, as shown in Figure 3.5.4.
For each increase in input level corresponding to the stage
gain, a contribution equal to the maximum video output from a
single stage is added to the summed video output. In this way

a very accurate logarithmic law can be obtained.
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Figure 3.5.4 Output from Strip {3.9]

The dynamic range is extended by increasing the number of
stages. The limit is reached when the last stage in the
cascade reaches full video output solely on the noise
produced from the first stage . The dynamic range can be
further increased by attenuating the input signal and
applying it to another short strip in parallel with the main
-strip. This so called lift stage continues to give an output

change when the main strip has saturated. {3.10]}.

In this case, six logarithmic amplifiers are cascaded in the
main strip using three Pleséey SL523 dual logarithmic
amplifier chips. A lift stage with two logarithmic amplifiers
(one SL523) fed from a variable attenuator is used. The
circuit 1is given in Figure 3.5.5. The video outputs are
summed with a common base summing transistor and a 1k
resistor placed in series with each video output to avoid
oscillations due to feedback -on the video line {[3.11). The
summed video output is fed into an inverting operational
amplifier (Ul) with potentiometers to set the gain and the DC-
level. This is necessary as the summed video output has a
large negative DC offset and an inverted response and the
output has to be set to the range 0 - 10 volts for the A/D
acquisition card. The signal is buffered with a follower (U2)
and read by the first channel of the A/D card. An RC low pass
filter after the gain stage acts as the anti-aliasing filter

for the A/D card as described in section 3.2.3.
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The linear range of the logarithmic law detection response
was found to be for signals of amplitude -5dBm to -70dBm,
giving a dynamic range of 65dB.

3.5.2 Switching and Matching

The switching of the amplitude measuring circuitry between
the outgoing and return signals is performed with a change-
over reed relay, under control of a bit of port C of the
second 8255, in the same manner as that described in section
3.3.6. A complication 1is the aspect of ' matching. The
transmitter; with output impedance of 502 should see 500
terminations, whether the amplitude measuring circuitry is
connected to the outgoing or return section. Improper
matching causes standing waves to be formed over the channel,
. which affects the amplitude measurements. Differing matching,
depending on the position of the amplitude measurement, will
cause differing standing ' wave patterns, affecting gain

‘measurement.

In order to obtain correct matching, a dummy 502 load is
switched onto the end of the channel with a second relay,
when the amplitude measurement is taking place on the
outgoing signal. The output impedance of the modulated, swept
- IF signal is set to 50Q. Its level also has to be decreased
from that set by the MAR amplifier at the output of the
modulator, to the correat level for the amplitude measuring
.circuitry of -5dBm (the top of the linear measurement range).
This is done with a pi section resistor attenuation network,
having 50Q input and output impedance. The details of this
design are given in Appendix C. The input impedance of the
amplitude measuring circuitry is 50Q. This switching and
matching scheme is shown in Figure 3.5.6. The input impedance
of the demodﬁlator for the phase measurement'process is also

50Q in order to obtain a correct match.
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3.6 SOFTWARE

An IBM compatible AT PC with a 10MHz clock is used. This is
sufficiently fast to produce the necessary sweep speeds and
to display data in near real time. The software was written
in Turbo Pascal version 4.0. This is a powerful, fast, user
friendly language ideally suited to the task.  Control of
hardware can be performed by simple.commands to input/output
port addresses. Another major attraction of Turbo Pascall is
the powerful graphics package that it supporté. This is used
as a versatile means of displaying data. The software may
easily be adapted and/or extended to allow display and
storage of data by other means. At present the data is always
plotted, which is time consuming and an alternative would be
to store the data or write-it to a file. This is a simple
process, but plotting the data is more instructive for

development.

The separate areas of the software are the menus, the
frequency synthesis, the A/D and D/A conversion, the reading
of analogue data and the pfocessing and display of data. A
listing of the pfogram is given in Appendix D and the flow-
chart in Figure 3.6.1.
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3.6.1 Menus

The program is menu driven. On starting, the main program
provides the user with the choice of initializing the system
with a synthesized frequency sweep or entering unsynthesized
sweeps directly. If initialization 1is chosen, procedure
"freq synth" is called. Once a synthesized sweep has been
performed, procedure "menu" gives the user the choice of
continuous group delay measurement, continuous gain
measurement or a single sweep. If continuous gain is chosen,
procedures "gain_parameters", "gain_graph" and “"draw _gain"
are called to display gain measurements continuously. The
corresponding phase procedures are called if continuous group

delay is chosen.

For the —case of a single sweep option, procedure
" "single_ sweep" pefforms a single sweep and measurement.
Procedure "single menu" then provides the .user with the
choice of plotting the gain or group delay information from
the same single sweep. Depending on the option, procedures

"single gain" or "single_phase" are called.

Each menu and display may be exited with the escape key,
returning the user to the previous menu and finally exiting
the program. The user also has the choice of re-initializing

the system with a synthesized frequency sweep.

3.6.2 Frequency Synthesis.

Procedure "freq synth" first calls procedure “"initialize".
This writes the control word for the SAA1057 frequency
synthesizér chip to the frequency loading circuitry via ports
A and B of the first 8255 chip. Bits of port C are used to
control the timing of the circuitry, as described in section
3.3.3. The DLEN line is monitored by a bit of port C to

determine when the control word has been sent.

Procedure "freq synth" then sets the data word for the
synthesizer to synthesize a frequency of 50MHz (the beginning
of the IF frequency band). This is outputed on ports A and B,
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with the necessary control on bits of port C. The DLEN line
is again monitored to determine when the data word has been
sent. 256 frequencies, from 50 - 90 MHz, are thus generated
in a loop, with a value corresponding to 1/256 of the 40MHz
range being added to the data word each time. For each
synthesis, an analoguev to digital sample is taken of the
amplitude of the outgoing signal via channel one of the PC—26
A/D card and stored in a look up table. This is performed in
the same manner as that described in section 3.6.4. 1In
addition, procedure "adc" is called each time to perform an
A/D conversion to store the voltage on the varactor of éhe
VCO. Finally, once 256 frequencies have been synthesized in
the sweep, the two bits of port C of the second 8255 are set
to switch the reed relays so that subsequent amplitude
measurements are taken on the return signal, the voltage on
the VCO varactor will come from the D/A converter and the

dummy 5092 load is switched out.

3.6.3 A/D and D/A Conversion

Procedure "adc" is called during frequency synthesis to
perform an A/D conversion at each frequency. This is done by
toggling the read and write inputs of the ADC1001 chip via
~two bits of port C of the second 8255. The 10 bit di'gital
conversion is then read on port B in two stages: first the
upper eight bits and then the lower two bits, with the read
line lowered in between. The 8 bit and 2 bit results are

shifted, masked and added to give an 8 bit lower byte and 2

bit upper byte and stored in look-up arrays "low _bits" and
"high_bits" respectively.

Procedure "dac" is called during fast frequency sweeping to
perform a D/A conversion of voltage to the VCO. The procedure
is called with the frequency sample number as its argument
and a D/A conversion performed of the Corresponding bytes in
the look-up tables “Iow_bits" and "high bits". The lower byte
is sent through port A and the upper 2 bit byte through the
lower 2 bits of port C of the second 8255. A bit of upper
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port C toggles the chip select input of the DAC1008 to

perform a conversion.

.3,6.4 Reading of Analogue Data

Procedure "AD sample" is called to obtain 256 samples of data
via the PC-26 A/D card on either channel one (for amplitudé)
or channel two (for phase). for each pass through the loop,
procedure "dac" 1is called to set the frequency. In this
manner the frequency range is swept and measurements taken at
each frequency point. The procedure is called with channel
number as its argument in order to select the correct channel
for amplitude or phase measurements. The channel is selected
and the software clock cleared via port C of the card. To
initiate a conversion the éoftware clock.bit'is raised. The
software then performs a delay loop for at least 40ps to
allow time for the conversion. The delay time sets the
sampling frequency, which -in this case is set to be 60us
(determined by monitoring the end of conversion pin of the

~ A/D with a logic analyzer).

The 12 bit result of the conversion is then read from ports A
and B, giving a lower 8 bit byte and upper 4 bit byte.
Subsequently, in the plotting procedures, the upper 4 bits
are shifted, masked and added to the lower byte to provide a

single value result.

In the case of the option for a single sweep, procedure
"single_sample" is used. This performs a sweep and takes a
sample from both channels consecutively for each frequency
point, so that gain and group delay data may'be plotted from

the same sweep.

3.6.5 Processing and Display of Data

Separate procedures are used for the processing and display
of gain and group delay data. Procedures "gain parameters"
and "phase parameters" initialize the graphics mode and set
the respective graph position, axes co-ordination and
calculate the scale. Procedures "gain;graph" and
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"phase graph" draw the respective outlines, graph axes and
labels. They also save the drawn screen to a position in

memory for subsequent refreshments of the screen.

Procedures "draw_Qain" and "draw _phase" perform the display
of gain and group delay data on a continuous basis. Procedure
"AD_sample" is called to perform a sweep and provide data.
The 12 bit sampled values have a value in the range 0 -
4095. The gain is calculated by subtracting from the measured
amplitude value, the value of the outgoing amplitude stored
in the look-up table, for each frequency. This multiplied by
a factor gives the gain in dB’'s, as the amplitude is measured
in a logarithmic fashion. The multiplication factor is chosen
to provide the correct scaling for plotting, as described

below.

If the true amplitude of the signal is.x, then the amplitude

measured in a logarithmic fashion, y, is
Y = AlogjpX  ceeeiieeeiiien (3.6.1)

where A is a constant to be determined. The gain is to be

measured in dB’s as

G = 2010g K] -eevvven- ceee. (3.6.2)
X2
From 3.6.1, x = 10Y/A
_ Thus, G = 20logyo10¥1/A - 20log;,10Y2/A
= 20/A(y1 - Y2) ........... (363)

This has a maximum value of 4095. Thus, for a 65dB range

20/A * 4095 65

0.0159.

Thus, the factor 20/A

The default scale is 10dB per division, which may be changed.
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As derived in section 3.4.2, the group delay in seconds is
the measured phase difference divided by the modulating
frequency of 1000 Hz. If the result is plotted in micro-
seconds, then the group delay is the same as the measured
phase difference in fractions of a cycle. The sampled value
is divided by 4095 - its maximum value, which corresponds to
lus of group delay, to obtain a value between 1 and 0. It was
discovered that the circuitry caused a constant 0.2us offset
in the measurement of group delay and a negative response. To
counteract this, the measured value is subtracted from 0.2
before plotting. Compensation is also provided for the
measured value "looping around" in the range 0 - 1 ups, as
well as detecting and compensating for inversions introduced

by the ant-coincidence circuitry.

The first sweep is plotted, using lines to each calculated
point, and thereafter subsequent sweeps plotted while erasing
the line produced from the previdus sweep. This is done by
setting the colour to blank, redrawing the old line segment,
resetting the colour on and drawing the new line segment from
the previous point to the new point, for each sample in the
sweep. The data is continuously plotted, with the program
checking for key presses at the end of each sweep. After
every 10 sweeps the background is refreshed from that stored
in memory. An escape key will exit the plotting and, in the
case of gain display, a space key will allow the user to
change the scale. This causes procedure "gain_scale" to be
called in which the scale in dB per division may be entered.
By using a compiler directive to switch off the error
checking, only the correct format of entry is accepted. The
procedure changes the scaling factors to reset the new scale.

For the option of a single sweep, procedures "single gain"
and "single phase" are used to plot the respective data once
in a similar manner to the continuous case. The procedures
then wait for an escape key before exiting. The scale may be
changed for the single gain case in the same manner as the

continuous case.
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3.7 SUMMARY OF THE LOOP-BACK SYSTEM

The entire loop—back system, with the connection of the
various parts described, 1is best illustrated by a block
diagram as given in Figure 3.7.1. Photographs . of the

laboratory set-up and the circuitry are given in Figures
3.7.2 and 3.7.3.
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| Load Sunth €as
AaM
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[ BHHz r [ Phase Mixer
T1CX0 Come |
PC
. 1 )
6 1-023‘Hz Lo

Figure 3.7.1 Block Diagram of Loop-back
Measurement System
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Figure 3.7.2 The Laboratory Test Set-up

Figure 3.7.3 The Circuitry
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The left hand enclosure contains the power supply, VCO,
frequency synthesizer, frequéncy loading interface, A/D and
D/A interface, modulation circuitry and mixing circuitry. The
right hand enclosure cbntains the amplitude measuring
circuitry, the phase éomparison circuitry and the
demodulation circuitry. The co-axial cable, simulating a

channel, extends off the bottom right of the photograph.

3.8 EXTENSION TO AN END-TO-END SYSTEM

The method pfoposed to extend the existing loop-back system
to an end-to-end measuring system is shown in block diagram
form in Figure 3.8.1. This involves computer control at both

ends of a link.
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Figure 3.8.1 Block Diagram of End-to-end Measurement System
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- The receiver will have a PC-30 plug-in card,’which has both
A/D and D/A channels, enabling acquisition of phase and
amplitude data as well as analogue control. Data, informing
the receiver of the status of the system and synchronizing
the receiver and transmitter will be transmitted by amplitude
modulating a low frequency (10kHz) carrier with data ffom a
bit of an 8255 port and adding this to the 1MHz modulation.
The receiver will demodulate this back to bit form with an

amplitude demodulator followed by a comparator.

The phase and amplitude measuring systems will remain the
same. The outgoing signal will be amplitude levelled to
provide a constant reference for gain measurement so that the
amplitude measurement need only be performed at the receiver,
with the existing circuitry. Phase measurement will be
achieved by locking the -receiver 1MHz VCO, f’, to the
transmitter 1MHz modulating oscillator, f, in a set-up phase.
This will be done by adjusting the control voltage to the
vCO, Ve, via a D/A channel of the PC-30 until zero phase
difference is detected in the set-up phase. Otherwise the
same technique and phase measuring circuitry as that

" developed may be used.
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CHAPTER FOUR
PERFORMANCE OF THE SYSTEM ,

The circuit draws a total of 730mA, 540mA from the +12 volt
supply, 30mA from the -12 volt supply and 160mA from the +5
volt supply. The performance in respect of frequency
generation and speed of measurements, group delay measurement
and gain measurement will be described. Unfortunately, there
was no microwave 1link available to perform tests on,
consequently all tests had to be performed under laboratory

conditions, with co-axial cable acting as the channel.

4.1 FREQUENCY GENERATION AND SPEED OF MEASUREMENT

As predicted, the synthesized sweep is slow, taking 160ms to
lock onto the first frequency and 10ms for each subsequent
frequency;‘a total of 2.72s for the whole sweep. To ensure’
locking on all frequencies, the delays in the software are
set such that the total synthesized sweep time |is
approximately 5 seconds. This includes the time taken for

émplitude and D/A measurements.

The unsynthesized sweeps are much faster, with a total time
between samples of 260us (this includes the compulsory delay
of 40us to await the end of conversion and the time for data
capture). This gives a total sweep time of 66ms, for 256
samples, which allows sweep rates in excess of 10 per second,
as required to follow the fast moving fades associated with
multipath fading. When the system is configured to plot each
sweep, as it is at present, the time taken for processing and
plotting reduces the sweep time 'to 0.62 seconds. This is
slower than desirable, but the software may easily be adapted
to store data, without direct plotting, to allow faster sweep

rates. The sweep times are summarized in Table 4.1.1.
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Table 4.1.1 Sweep Times

Operation Sweep Time
[ms]
Synthesized 5000
Sweep
Fast Sweep 66
Fast Sweep 620
and Plot

The frequencies generated in the fast sweep are accurate to
within t40kHz of the original synthesized frequencies. This
is due to the limitations in resolution and accuracy of the
A/D and D/A voltage measurement system. This is acceptable
for the 256 steps in the range 50 - 90 MH=z.

4.2 GROUP DELAY MEASUREMENTS

4.2.1 Phase Measurement Circuitry
The performance of the phase measuring circuitry was tested
"with a 24kHz square wave reference and a variable 0 - 360
degree phase shifted version of the reference, measured on an
accurate phase meter. This was produced with a phase shifter
described in Appendix B; The acceptable linearity of voltage
© out against phase difference, as measured on a phase meter,
is illustrated in Figure 4.2.1. The resolution, is in the
order of 1:1000, but this is difficult to determine with any

accuracy with the analogue measurements.
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Figure 4.2.1 Linear Phase Comparator Response

4.2.2 Dynamic Range Limitations

A limitation of the phase measuring technique is  in the
demodulation of the signal to provide the 1MHz comparison
signal. Tests performed, with varying amplitude modulated IF
signal levels from an HP8656B signal generator, indicated
that the envelope detector can only demodulate effectively
down to a signal level of -25dBm. Below this, the signal is
not amplified above ‘the voltage diode drop and phase'
comparison cannot take place. A depth of modulation of 20% is
required to maintain demodulation to this level. This is
unfortunate as phase information will be lost during fades of
greater ‘than 25dB. The logarithmic amplitude measuring
circuitry with wide dynamic range, as described in section
3.5.1, is unsuitable for this task, as it cannot follow the
fast 1MHz modulation.
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4.2.3 Group Delay Linearity and Aécuracy

The performance of the overall group delay measurement
technique was tested by inserting various lengths of co-axial
cable in the channel and comparing the group delay result
over the IF frequency sweep, with that'given by theory. For a
length of co-axial cable, 1, the phase change, @,, and the

group delay, t,, are given by

@5 = 360.£*1 [degrees]  ......... (4.2.1)
c’ '
Tq = _1 .dog [seconds] ......... (4.2.2)
360 df
Thus, Ty = 1 [seconds]
cl

where c’ is the speed of pfopagation in co-axial cable, which
‘is 2*108 m/s. The result should be constant over the
frequency band.

Despite the use of a smooth, fundamental modulation described
in section 3.4.4, the modulation/demodulation process is
still noisy and imperfect. Because of this, a small, constant
offset in the phase relationship from that expected is
introduced which is reflected in the group delay result,
being consistently 0.06us (* 0.0lus) greater than predicted.
The offset is far more severe when modulation with a square

wave with many harmonics is used.

The offset is compensated for in software. The result is
consistent with theory as shown in Table 4.2.1 and Figure
4.2.3. A brief procedure was added to the software to
calculate the average group delay measured over the frequency

range.



Table 4.2.1 Predicted and Measured Group Delay
for Various Channel Lengths
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Length of Cable [m]

Length of Predicted Group Average Measured
Cable [m] Delay [us] (1/c’) Group Delay [us]
0 0.000 0.001
15 0.075 0.073
18 0.090 0.091
25 0.125 0.126
33 0.165 0.168
37 0.185 0.184
40 0.200 0.200
58 0.290 0.295
70 0.350 0.340
85 0.425 0.429
0.46
0.4
0.35 = /
N
S 0.3
. ? /
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Figure 4.2.3 Corrected Group Delay against
Channel Length

Without the ant-coincidence circuitry described in section

3.4.8, when the measured phase difference is very close to 0
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N

degrees, correspondihg to *¥0.1us of group delay, rapid
transitions occur between 0 and 360 degrees of measured phaSe
difference, which shows up as sharp deviations from 0.1lus
displayed group delay. This 1is corrected with the anti-

coincidence circuitry and corresponding software.

There is. some deviation from the constant group delay
expected over the frequency band, with a maximum deviation of
0.02ps from the average value. This is mainly due to the
imperfect modulation and demodulation involved in the phase
measurement process. An example plot of constant group delay

response is given in Figure 4.2.4.

B GROUP DELAY 7

4. —

05 TR %0 5

CESCY TO EXIT

Figure 4.2.4 Group Delay Plot for 15m Channel Length
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'The degree of accuracy is not sufficient when relative
differences in delay of multipath signals of a few nano-
seconds are expected. The greatest difference in group delay
that can be determined is approximately 20ns. The total group
delay over a link will be greater than the maximum lus, but
the value measured will "loop around" to give the fractional
part in micro-seconds. The absolute value is not important,
but rather the relative difference from the single path
value, caused by relative delays of multipath. A better
system would be to have greater resolution in phase
measurement and less range. This would allow more accurate

measurement of relative group delays caused by multipath.

A primary cause for the lack of accuracy is that the present
system does not have ideal modulation and demodulation
methods. The modulation_is noisy and the demodulation lacks

dynamic range.

4.3 GAIN MEASUREMENT

4.3.1 Amplitude Measuring Circuitry

Varying amplitudes of IF signal in the range 50 - 90 MHz were
delivered to the amplitude measuring circuitry from an
HP8656B frequency generator and the output level monitored.
The graph of Figure 4.3.1 indicates the accurate logarithmic
response for the input amplitude range of :SdBm‘to -70dBm - a
dynamic range of 65dB. The varying responses for the
different frequencies is not important because a ratio of
amplitude measurements, at each frequency, is used for gain
calculation and not an absolute value. The linearity of the
logarithmic law for each frequency is the importaﬁt point.
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Figure 4.3.1 Logarithmic Response of Amplitude Detector

4.3.2 Gain Linearity and Accuracy

In order to determine the accuracy of the gain measurement,
the frequency generating section of the «circuitry was
replaced with an HP8656B frequency generator and a constant
-5dBm 70MHz supplied for the initial sweep. The signal level
was then lowered and the resultant gain displayed was
determined. The results are given in Table 4.3.1.
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Table 4.3.1 Gain Display for Reducing Signal Levels

Input Level True Attenuation Gain Displayed

[(dBm] (dB] [dB]
-5 0o . 0.0
-10 5 -4.2
-15 10 -9.5
-20 15 -14.2
-25 20 ' -19.5
-30 25 ~-25.4
-33 30 -29.8
-40 35 -34.8
-45 40 -39.5
-50 45 -44.5
~-55 50 -49.5
-60 55 -54.5
~65 60 -58.0

As a further test of the effect of attenuation in the
channel, the complete system was set up and varying amounts
of attenuation introduced into the channel wusing high
accuracy co-axial attenuators. The average measured gain over
the frequency band was determined. The results are given in
Table 4.3.2.

Table 4.3.2 Gain Measured against Channel Attenuation

Attenuation Average Gain
[dB] Measured [dB]
0 0.0
6 -6.0
10 -10.5
16 . =15.5
20 -20.5
23 -23.0
26 _ -25.0
30 -28.0
39 -35.0
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There is a certain amount of ripple on the display from the
constant gain expected over the frequency band. This
deviation is a maximum of t2dB from the average value for
attenuations less than 35dB. For larger attenuations, the
effect becomes more severe, with larget tSdB'variations and a
lower than expected average level. The primary reason for
this 1is mismatching between the transmitter and receiver
circuitry. Different standing waves are introduced on the
channel depending on whether amplitude measurement is taken
on the outgoing or return signals; the transmitter Seeing
different loads depending where the amplitude measurement
takes place. The amplitude variations caused are most marked
when the return signal is low. This is despite the attempts
described in section 3.5.2 to correct this problem. The
problem may be eliminated by a system whereby amplitude
measurements are only performed at one point, with constant
matching. Such a method would be used in the proposed end-to-
end measurement system, where the signal is leveled at the

transmitter, as an amplitude reference.

A second factor causing a non-flat display, is the variations
in amplitude caused by the 1MHz amplitude modulation. The
amplitude measuring circuitry tries to follow this, causing
some rippling. However, the circuitry islnot fast enough to
follow the 1MHz modulation and the effect is smoothed. An

example gain plot is given in Figure 4.3.2.
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Figure 4.3.2 Gain Plot for 10dB Attenuation
4.4FPERFORMANCE UNDER MULTIPATH CONDITIONS

Owing to the lack of availability of a link, the system could
not be tested under typical field conditions, including
multipath conditions. However, a two channel multipath
situation was simulated by splitting the signal between two
pieces of similar length co-axial cable, the shorter one
" simulating the direct path and the longer one a reflected or
refracted path. The plots of gain and group delay\are given
in Figures 4.4.1 and 4.4.2 for different two-path conditions.
The plots exhibit classic sharp, deep frequency selective
fades, indicated by the 30dB attenuations and increase in

group delay. -
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Figure 4.4.2 Group Delay Plot for Multipath Conditions

" No further quantitative tests to determine the wvalidity of
multipath measurements could be performed, because of the

lack of availability of a fading simulator or similar piece

of equipment.
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SUMMARY

The following units have been linked together in a simple

loop-back, IF gain and group delay measurement system:
Data Interfaces .

Phase and amplitude analogue data is read by the PC via a
PC-26 A/D acquisition card. Digital data is read from and
written to the hardware via two 8255 input/output ports.

PC-26: 2 of 16 channels used
12 bit resolution
Maximum 25kHz rate of conversion
Three 8 bit 8255 ports included
'8255s: Six 8 bit programmable input or output ports
1MHz rate of data transfer

IF Frequency Generation

50 to 90 MHz frequency sweeps are performed using a Plessey
SP1648 VCO controlled by a Philips SAAl1057 frequency.
synthesizer, for synthesized sweeps, or by a D/A - A/D
ihterface for fast, non-synthesized sweeps. Data is
transferred from the PC to the synthesizer by a parallel to

serial frequency loading interface.

50 - 90 MHz IF bandwidth
-5dBm output level
Synthesized t1Hz stability
2.72s synthesized sweep time -

66ms fast sweep time
Group Delay Measurement
Group delay measurement involves amplitude modulating the

swept IF signal with a stable signal and comparing the phase
of the demodulated return signal with the original reference
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modulating signal. A mixing process is used to enable low

frequency phase comparisons.

Phase Comparator: 1:1000 resolution
- Accurate linear response
30dB dynamic range
Anti-coincidence circuitry
Group Delay: 0 - lus range
t0.02us accuracy

Gain Measurement

Gain measurement involves comparison of the amplitudes of the

outgoing and return swept IF signal.

Amplitude Measurement: 65dB dynamic range’
Accurate logarithmic response

Gain Measurement: t2dB accuracy
Software

The software is written in Turbo Pascall 4.0 and presents the
gain and group delay results in graphical form. Different
procedures control the frequency synthesis and subsequent
frequency sweeping and acquisition, processing and display of
gain and group delay data. The software may easily be
modified for storage of data and/or display in other forms.

" Total sweep time with plotting: 0.62 seconds
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CONCLUSIONS AND RECOMMENDATIONS

A simple, prototype, PC based system exists for measuring

gain and group delay on a microwave link for the 70MHz IF

frequency band, in . a loop-back system. This is of sufficient

speed and range to follow fading events associated with

‘multipath conditions.

The hardware/software interfaces of the 8255 and PC-26

.cards have proved adequate for data capture and control.

The frequency synthesizer/generator system allowing slow,
5ynthesized sweeps or fast unsynthesized sweeps functions

as required.

The gain measurement system has the required dynamic
range and adequate accuracy. However, matching problems
cause spurious rippling in the measured gain, especially
for higher attenuations. It is recommended that this be
improved by a system whereby amplitude need only be
measured at one point, so that non-constant matching does
not arise. It 1is envisaged that 1in an end- to-end
measurement system this will be 1less of a problem, as
amplitude measurement‘yill be taken at one end only, with

constant matching.

The group delay measurement system works adequately for
signal levels above -25dBm. The present system is
attractive because of the direct group delay result from
the phase measurement. The resolution and accuracy is
insufficient to provide an accurate representation of
group delay differences caused by multipath conditions of
relative delays less than approximately 20 nano-seconds.
It is recommended that a more sophisticated means

of amplitude modulation and demodulation be employed

to increase the dynamic range and increase the accuracy

and resolution. This will also correct the further problem

of constant phase offset. Alternatively, a method of
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phase measurement directly at the IF frequency should be
used, such as the "nFr" scheme outlined by Mr. D.Gale and
mentioned in section 3.4.1. The synthesizer for such a

system has already been developed.

Transitions between 0 and 360 degrees for phase
measurements close to 0 degrees are corrected by anti-

coincidence circuitry.

i The software controls the hardware and processes and
displays data as required. It may be adapted and extended
in numerous ways to display and/or store the data as may
be required for specific <cases. One such extension
recommended is a facility whereby data is only recorded
or plotted when the gain or group delay exceed certain
limits. This will save time and reduce memory
requirements. A periodic automatic recalibration involving
a synthesized sweep should be added by simple addition to
the software, as opposed to the present'manual option.

This system needs to be extended to an end-to-end measurement
system. It is recommended that this be done in the method
proposed. This makes use of the methods developed for the
loop-back’system, with some adaptions and the same circuitry
already developed, with some additions.
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APPENDIX A
SIXTH ORDER ELLIPTIC LOW PASS FILTER DESIGN

The sixth order elliptic low pass filter was designed as an
anti-aliasing and buffering filter for the PC-26 A/D

acquisition card. It was subsequently found to be unnecessary

and not used.

Two MF10 dual switched capacitor filters, employing three
cascaded stages were used in the design to implement a sixth
order elliptic 1low pass filter, as described in [A.1].
Referring to the low pass filter tolerance limits as
illustrated in Figure ‘A.1, the sampling frequency, fs, of the
A/D card Was thought to be approximately 5kHz. This was set
at the beginning of the stop band, with the pass band
extending to fc = 2kHz, to give fs/fc = 2.5, which exceeds
Nyquist’s criterion to avoid éliasing. The design was for a
minimum attenuation, Amin, between pass and stop band of 74dB

and maximum ripple, Amax, in the pass band of 0.1dB.

\Lﬁmm

0dB |

0t UC INrrkD

! | Freq
fc fs

. Figure A.1 Low Pass Filter Tolerance Limits
The circuit is given in Figure A.2. The external clock,
implementéd with a comparator U4, sets the cut-off frequency,
‘which may be adjusted, being 10 times the cut-off frequency.
The values of the resistors connecting the high pass, low
pass -and inverting inputs of the internal operational
.amplifiefs of the three switched capacitor filters, sets the
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other limits. The equations for calculating these values may .
be found in [A.2]. The nearest available resistor values to

those calculated are given below:

R1A = 22K R2A

= 12K R3A = 10K
R4A = 22K RLA = 22K RHA = 150K
R2B = 22K R3B = 22K R4B = 22K
RLB = 22K RHB = 270K |
R2C = 27K R3C = 100K  R4C = 22K
RLC = 22K RHC = 1M8
'RG1 = 22K RG2 = 100K
Rl = R2 = R3 = 1K
Cl =C2=C3 =C4 = 10nF C5 = 820nF

The unavailability of exact resistor values degrades the

performance of the original design.

The inpﬁt is buffered and low pass filtered and a variable DC
voltage supplied to correct the internal DC offset of the
circuitry. The output is amplified to the correct level ahd
low pass filtered to remove the ten times clock frequency
'component. The transfer function of the filter is given in
the spectruh of Figure A.3, indicating the steep, 70dB roll

off between pass and stop bands.
- References _
A.1l) National Semiconductor, Switched Capacitor Filter

Handbook, 1984.

A.2) National Semiconductor.
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APPENDIX B
PHASE SHIFTER CIRCUITRY -
The phase 'shifter wés used to test the phase measuring
circuitry. A unity gain phase splitter, employing an emitter

degenerated amplifier with unity gain, followed by a variable

RC shifting stage was used [B.1] as shown in Figure B.1.

10 .
| P—T - f‘
rigger
100n
S00K

chmitt) R eference ouf >
rigger .

Figure B.1l Phase Shifter

For a  sinusoidal input, the phase splitter generates the
signal at point 2 and its inverse at point 1. The variable RC
stage produces an output sine wave of adjustable phase of
nearly 0 - 180 degrees, with constant amplitude. The RC
values need to be chosen to present an impedance that is high
compared to the emitter and collector resistors, so that the
phase splitter can drive the RC phase shifter. When R is low
there is insufficient drive and so the full 0 - 180 degree
range cannot be reached. The input and the phase shifted
Output are squared with Schmitt triggers with adjustable
reference points, to be used as test signals on the reference
- and measured inputs of the phase measuring cifcuitry. To
achieve the required full 0 - 360 degree phase shift range,
the two inputs to the reference and measured inputs are.

reversed after the first 180 degrees, to achieve an effective

!
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180 - 360 degree phase shift. Phase shifts close .to 180
degrees could not be produced in this manner. To test the
circuitry for a 180 degree phase shift, a simple inverter was
used. The phase shift was accuiately measured with a phase

meter.
Reference

B.1) P.Horowitz and W.Hill, "The Art of Electronics”,
Cambridge University Press, New York, 1980, pp.63,64.
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APPENDIX C
ATTENUATION AND MATCHING NETWORK

In order to attenuate the IF signal from the output MAR
amplifier stage to the correct 1level for amplitude
measurement and to maintain a 502 output impedance, a pi
resistor section attenuator network was used as shown in

Figure C.1, having input and output impedance of 50Q.

R

Ro

; R2 R2 %Rﬂ | Ro = 504
I .

X

Figure C.1 Pi section Matching Network

In this case, the signal needs to be attenuated from a level
of 280mv RMS to 120mV RMS (-5dBm), giving a factor of

N = 280/120 = 2.33 -

The values of Rl and R2 are given by [C.1]:

Rl = Ro * N2 -1 = 50 * 4,43 = 47.5Q
7N 4.66
R2 =Ro * N+ 1 = 50 * 3.33 = 125Q
- N - 1 ' 1.33

The values used are: Rl = 47Q
R2 120Q

Reference

C.1l) W.Fraser, "Telecommunications", Macdonald and co.,

London, 1967.
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APPENDIX D
 SOFTWARE
The 1listing of the prograﬁ, written in Turbo Pascal 4.0

which performs control, processing and display, is given in

this Appendix.
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program PLA:

{ _____________________________________________________________________________ i
{ Program to synthesize freguencies from 5@ to 9@ MHz and to calculate and $
{ display the gain and group delay over this range. The program performg }
{ control on the hardware via two 8255 [/0 chips and obtains analogue data }
{ via a PC-246 A/D card. 3
e T :
uses )
nraph, crt, dos;
const

max = 256 »
delay_loop = 10;
factor = 59;

var
- voltage, xmax. xmin, ymax, ymin, scalex, scaley, dB_div, zeropoint, group_delay
: reals
done, x, xleft, yleft, xorig, yorig, width, height, grdriver, grmode: integer;:
screen: word; :
dataa, datab: byte;
outline: pointer;
ymsb, ylsb, output, gain, phase, invert: arrayl(0..256) of integer;
low_bits, high_bits: array[@..256] of byte;
opt: char;

Procedure BEEPR;
begin
sound(95@0); delay(5@0); nosound;
end;

procedure dac{y: 1integer);
'(Procedure to perform 1 D/A conversion of data from A/D lookup tabie}

var
i: integer;
begin
port($264] :
port{$266] :
port[$266] :
-end;

ow_bits(yl; {Port 4, lower byte}
D8 + high_bits{yl; {Chip select low and upper byte}
DC + high_bits({vy]; {Chip select high and upper byte}

"
#w o~

procedure adcg;

{Procedure to perform an A/D conversion}

var :
i, temp: integer;
begin :
port($2661 := $2C; {Write low?
port($266] := $3C; {Read and write high}
for i := 1 to 5@ do begin end; {delay?}
port[$266] = $343 © {Read low for 1st byte}



dataa port[$2651];
port[$266] $3C;

port[$266] $34 ; :
for 1 1 to 5@ do begin end;
datab port[$2651];

port[$266] $3C;

low_bits{x] := (datab shr 6) + ((dataa shi 2) and %$FC); {Convert to byte farm
high_bits[x1 :=({(dataa and $CB@) shr 6); { for A/D
end;
{____,_______,_.___.____.____.__.______._.__.______.4._.__....__.____._.__~__._..._..-.___._.__._.______.__._____.__ B
procedure initialize;
{Procedure to initialise frequency synthesizer}
var )
1: integer;
begin
port($263] :1= 88; {control word for B255: 12001002}
port[$262] := $@08; {port C: 00001011 reset flip-flop}
port[$26Q0] := 3$05; {word B, port A: (tests: % = lock?))}
port($261] := $E3; {word B, port B:El, E3, €5, ED, FD(gains)
port{$262] := $08; {1st pulse low?}
port[$262]1 := $04; {2nd pulse high/low}
port($262] := $0A; {return?
repeat
done := port($262] or $EF; {Wait for DLEN to go low}
until done = $EF;
for 1 := 1 to 1000 do begin end;
end;
( ——————————————————————————————————————————————————————————————————————————————

{ Procedure to synthesize 256 freguenc

tlst byte;
{Both high)
{Read low for
{delay?

{2nd byte}
{Both high}

2ngd byte}

ies from S@ - 9@ MHz. For each frequency

{ the outgoing amplitude is measured by an A/D conversion and stored in a look

{ up table and the procedure ADC is ca
{ varactor.

var
i, 3
data:
begin’
initialize;

integer;
word;

port{$267] := $82;
port{$266] := $20;
‘clrscr;

gotoxy (25, 13);

write( Synthesizing frequencies...')

data := $0CB0;
port($260] := $BO;
port{$261] := $0C;

delay(100);

x 1= @;
for j := @ to max do

begin
portl[$262] := $A0;
port[$262]1 := $04;
= $0A;

port[$2621]

{AD sample: amplitude measurement}
port($702] $12;

lled to measure the voltage on the

o —— ———— — - ——— i — " S Y — = A A —— — — " — a— ——

{Control word for 2nd 82535: 10000010}
{Set switches on to measure outgoing}

{port A for S5S@ MHz}
{port B for 5@ MHz}
{256 times}

{lst pulse low}

{2nd pulse high/low}
{return}

{Channel 1 and clear scftware clock?}

1

J
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port($7823 := $13; _ {Channel 1 and set software clock
. for 1 := @ to delay_loop do {delay sets sample frequency)
begin

end: .

ymsb{jl := port($7011; imost significant byte)

ylsb{J] 1= port(%$700]; {least significant byte}

output(j] = (ymsh{j] and $S@F)}%296 + ylsbl(j]l; {Mask low bits of msb + lso
if outputf{i] = @ then output[jl := 1; {Avoid divisions by zero later;
adcs {A’/D conversion from varactor}
data := data + %A; {Add 1956.25kHz}

port{$260] := data and $Q0FF; {New port A}

port($261] := (data and %FFOQ) shr B8; {New port B}

x 1= x + 13

for 1 1= 1 to 3@@@ do begin end; {Wait to lock}
end; {for} . ’
port[$266] := $DC3 {Switches off: future amplitude measurements on returnr;

end.

procedure AD_sample(channel: integer);

{ Procedure to sample channel 1 or 2 of AD card max times. Each time procedure
{ DAC is called to set each of the frequencies between 52 and 92 MHz. 3

var
i, J: integer;
bégin‘
for 1 := @ to max do {max number of samples}
begin
dac (1) {Voltage to varactor to set freg:;
if (1 >= @) and (1 <= 35) then delay(l); {Delay for first S5 to catch}
i1f channel = 2 then delay(1l)3} {Delay for phase measurements} .
port{$7@2] := (channel SHL 4) + 2; {Channel select and clear software clock;
port[$782] := (channel SHL 4) + 33 {Channel select and set software clock}
for j := @ to delay_loop do {delay sets sample frequency}
begin ‘ ‘
end;
ymsbl[i] := port($701]; {most significant byte}
viab{i] 1= port{($700]1; {least significant byte}
invert[i] := port{$2646] AND $80; {Check for inversion} .
end;
end; _ N
{ ———————————————————————————————————————————————————————————————————————————— bl

{ Procedure to sample channel 1 and 2 of AD card max times for phase and 3
{ gain measurements off the same sweep. Each time procedure DAC H
{ 1s called to set each of the frequencies between 58 and 9@ MHz. ’ 3

]

( ______________________________________________________________________________
var

1, j: integer; .
gain_msb, gain_lsb, phase_msb, phase_lsb: array{0..256] of integer;
begin g
for 1 1= @ to max do {max Nnumber of samples}
begin
dac (i) {Voltage to varactor to set freq?l;
delay(2); ’
{gain}
port($702] := $12; {Channel 1 and clear software clock}



delay(1l);

port{$7@221 := $13;

for j := @ to delay__loop do
begin ' .
end; ’

= port($7017;
port[$/7001];

gain_msbf{i] :
gain_lsb{i]l :=
{ (

gainl{i] := gain_msbl1] and $0OF)X256)
{phase?}
port[$702] 1= $22;
delay(1);
port[($7021 := $23;
for j := @ to delay_loop do
begin
end;
phase_msbi{i] := port($7@Q1];
phase_lsbfi)l := port[%$700];
invert{il] := port([$266] AND $80;
phase(il := ((pbhase_msb{i] and $0OF )*x236)
end; ' '
end;
{ _____________________________________________
procedure gain_parameters;

{Procedure to set up graph size and position}
begin

grdriver := detect;

{Channel
{delay sets sample fregquency)

{most
{least significant byte}
+ gain _lsbfli]s

{Channel 2

InitGBraph(grdriver, grmaode, "y
Xmax = max;

-Xxmin := 0;

xorig := @3

ymax = 10@;

ymin := —60;

yvorig := @;

xleft 1= 795;

vieft := 295;

width = 600;

height := 2523

scalex 1= width/(xmax - xmin);
scaley := height/(ymin ~ ymax);
dB_div := 10; '
‘zeropoint = yleft - (height¥&6/7);
end; C
procedure gain_graph;
var

‘i, J: integer;

dB_div_string: string;

begin
{draw box? . ’
rectangle(20, @, 700, 15);
rectangle(20, 25, 70@, 320);

{draw axes and grids}

line(xleft, yleft, xleft, yleft - height);
for j := @ to 7 do
begin

setlinestyle(i, a, 1)

XII.

1 and set software clack}

significant byte}

{Calc gain value}

{Channel 2 and clear software clock:

and set software clock?}

-{delay sets sample frequency]

! (most significant byte}
{least significant byte}
{Check for inversion}

+ phase_lsbl1i];

{Calc phase value]

{Initialize graphics?

{Axes co-ordination?}

{Graph position?}
{Scaling factors}

{Scale}
{Reference point for plotting}

{Dotted lines?



line(xleft + jX(width div 4), yleft, xleft + jX(width div 4), yleft - he:

{Reset to solid

XIII
{Solid @ {ine)

line(xleft, yleft - j¥X(height div 7), xleft + width, yleft - jXx(height div

lines?

{Save screen}

{to memorvy}

if j = 6 then setlinestyle(@, @, 1);
7)) ;3
~ end;
for j := 1 to 4 do
begin .
ght);
end;
setlinestyle(@, @, 1);
{Text}
SetTextStyle(2, @, 5);
. SetTextJustify(l, 1);
OutTextXY (360, &, "GAIN ANALYSIS );
OuttextXY (50, 78, "@dB’);
OQuttextXy (75, 300, 507 ) ;
OQuttextXY (225, 300, 6@ );
OuttextXy(375, 300, 70 );
DuttextXY (525, 300, '8Q0°);
OuttextXY (675, 328, "'90 );
OuttextXy (308, 3@3, "'MHz );
OutTextXY (310, 34@, " <ESC> TO EXIT )
DutTextXY (560, 340, '<SPACE> TQ CHANGE SCALE’);
. Str(dB_div:i4:1i, dB_div_string); '
OutTextXy (5@, 3408, dB_div_string);
OutTextXy (8@, 340, dB/div )
screen := ImageSize(l, 0, 719, 347);
GetMem(outline, screen);
Getimage(0,@,719,347 ,0utline™);
end;
{ _____________________________________________

procedure gain_scale;
{Procedure to change scale of gain graph)}

begin
closegraphs ,
freemem(outline, screen};
{($1-) '
repeat ) ,
writeln( Enter dB/div’);
readln(dB_div)};
if dB_div = @ then dB_div :=
clrscr; o
until I0result
(sI+)}
ymin := —-dB_div % &;
ymax := dB_div;
scaley height/(ymin - ymax)
InitGraph(grdriver, grmode, '’
gain_graphsg :
end;

~— e

rocedure draw_gaing
fProcedqre which calls sampling procedure and

var
xy y: arrayl[0..9991 of integer;
refresh, i1, nx, ytemp, input: integer;
ratio, ypoint: real;

{Free memory} o
{Switch off error checking?

{Until correct format entered:}

{Calc new scale}
{re-initialize graphics}
{re-draw graph}

continuously plots gain points}



answer: char;
begin
for i :2 @ to max .do
begin t .
x[il := @
yli1l := 0@;
end; :

{Plot first set}
‘AD_sample(l);

input = ((ymsb[@] and $@F)%254) + ylsb[@];
"ypoint := l/factor X% (input - output{@]);
x[B] := xleft;
y{@] := round(zeropoint + yp01nt X scaley);
moveto(x(@], y(@]1); :
hAx 1= 1
repeat
o input = ((ymsblnx] and $@F)%x25&) + ylsb(nx];
- ypoint := 1/factor x (input - output(nxl);
x[nx] := round(nx % scalex + xleft);
‘yInx] := round(zeropoint + ypoint x scaley);
lineto(x[nx], y[nx1); ’
nx 1= nx + 1;
until nx = max;
T answer 1= #3;

if keypressed then
“'begin
. answer := readkey;
if answer = #27 then
begin ’
closegraph;
freemem(outline,
exit; '
end;
1if answer =
end;

screen)
#32 then gain_scale;

{Plot subsequent sets)

refresh :="0;
repeat
if refresh = 10 then
begin
Putlmage(@,0,0utline™, Orput);
refresh := @;
cendy (if)
AD_sample(1l);
~input = ((ymsb[@] and $@F)x256) + ylsb(@]; .
ypoint := 1/factor * (input - output[@]);
ytemp 1= y[@];
x[@] := xleftg
vf@] := round(zeropoint + ypoint x scaley);
Snx o= 15
" trepeat
° setcolor(@);
moveto(x[nx-1], ytemp);
lineto(x[nx], y[nx]);
moveto(x[nx-11, y(nx=1]);

ytemp := y[nx1];

input = ((ymsbl[nx] and. $0@F )x256) + ylsb(nx];
ypoint := l/factor %X (input - output[nx]);
x{nx] := round(nx % scalex + xleft);

"y[nx] := round(zeropoint + ypoint x scaley);
" setcolor(15);
lineto(x[nx1],
Nx = nx + 1;

yinx]);

XIv

: . o C {Inmitialize array of points to @)

\

{Sample 2546 Poin*s}
{Calc value from A/D sample}

{Calc ratio from stored value

{Calc 1st x and}
{ y positions?}
{Move there}

{calc input value?}

{Ratio)
{Calc subsequent x ,
{ and y positions) -

{Draw line to them:;

{Until 256 points plotted}

{Check for ESC}

{Free memory)

{Change scale if space pressed .

{Refresh every 1@ sweeps}

{Refresh screen}

{Get 256 gain samples)
{Calc samlpe value}
{Ratio}

{Save orig y position}
{Calc 1st x and }

(O y positions)

N

{ie. blank?

{Move to old x,y position}
{Delete_previous line}
{Move back to new position}
{Save old y position}

{Calc sample value}?

{Calc next x and }

{ Yy p051t10ns}
{Colour back on}

{Draw line to new p051t10n}

e ey sl |



XV1I

{text?
SetTextStyle(2, @, S5);
SetTextJustify(Ll, 1)
CutTextXY (360, &4, 'GROUP DELAY )
OuttextXyY (58, 44,

)!
QuttextXy (58, 69, @.9 )
QuttextXxy(sg8, 94, '0.8°');
Outtextxy(ss, 119, '@.7");
OQuttextXY (58, 144, "'Q@.6 );
OQuttextXY (58, 169, @.5 );
QuttextXy (58, 194, '9.4");
QuttextXy(58, 219, "@.3 );
OuttextXY (58, 244, '@.2");
OuttextXY (S8, 269, "©@.1');
OQuttextXy (58, 294, '@ )};
Setviewport(25, 135, 35, 165, false);

moveto(d, 1@);
lineto(3, @);
lineto(4, 4); .
lineto(é, 6); , : {Draw a “uy" sign'}
lineto(8, 4);

lineto (1@, @);

lineto(1@, S5);

setviewport(@, @, 719, 347, false);

OuttextXY (4@, 156, ‘s'), :
QuttextXY (75, 300, 5@ ),
ButtextXy (225, 300, ")
OuttextXxy (375, 300, - ")
-OuttextXY (525, 3090, - ")
CuttextXY (675, 300, ")
QuttextXyY (300, 303, 'MHz
OutTextXY (350, 34@, '<ESC> TO EXIT' )3

5
H
.
H
H
)3

screen := ImageSize(Q@, @, 719, 347); {Save screen?

GetMem(outline, screen);

GetImage(0,0,719, 347 outline™); {to memary?}
end;

procedure dréw_phase;

const
factor = 52;

var
x, yi: array[@..999] of integer; ' ,
refresh, 1, nx, ytemp, input: integer;
ratio, ypoint: real; )
answer: char; : ' .
begin )
for 1 := @ to max do
begin ‘
x{1i}l := @
y[1l := O
end; ‘

H {Initialize array of points to @)}
;

{Plot first set}
AD_sample(2);

phasel@] := ((yhsb(@] and $QF)x256) + ylsb[@]; (1st phase from A/D sample}
x[@] := xleft; -

ypoint := @.2 - phasel(@]1/4095; {Calc 1st group delay point}
if ypoint < -0.02 then ypoint := @.97 + ypoint;s

if invert(@] = 1 then ypoint := frac(ypoint + 8.5); {(Correct for inversion}
vI@] := round(zeropoint + ypoint % scaley);

movetao(x[(8), y[(@1);



XVII

nx = 13 . . !

repeat ’
phase{nx] := ((ymsb[nx] and $0F)%x25&6) + ylsb(nx];' {Get measured phase}
if abs(phase[ng] - phase(nx - 1]) > 100 then phase(nx] := phase(nx-11];

‘ . N , . {Disallow rapid transitions:
ypoint = @.2 - phase(nx]1/4@9S5; . (Calc group delay point correcting:
1f ypoint < -0.02 then ypoint := @.97 + ypoint; {for non~linearity}
if invert[nx] = 1 then ypoint := frac(ypoint + 0.5)3; {(Corr for inversion}
x{nx] := round(nx % scalex + xleft); '

y[nx] := round(zeropoint + ypoint % scaley);
setcolor(15); )
lineto(x(nx], y(nx1);

nx = nNnx + 13
until Nnx = max;j {Until 256 points plotted}
answer := #3; - '
if keypressed then

begin ' : {Check for ESC}

answer := readkey;

if answer = #27 then ,

begin

\

closegraph;
freemem(outline, screen);
exit; {Free memory on exiting}
end; .
end;

(Plat subsequent sets)

refresh := Q;
repeat
if refresh = 10 then
begin
qutImage(B,w,cutlineA, Orput); {Refresh screen)
refresh := 0;
end; {if}
AD _sample(2); } {Get 256 phase samples}
phase[@] := ((ymsb[@] and $0F)x256) + ylsb(@]; {Calc 1st phase value}
ypoint := @.2 - phase{@1/4095; {Calc group delay point:
if ypoint < -2.02 then ypoint := 0.97 + ypoint; _
if invert{@] = 1 then ypoint := frac(ypoint + @.5); (Corr‘for inversion?

. ytemp 1= y[@];

x{@] := xleft;

y{@] := round{(zeropoint + ypoint X scaley);
moveto(x(@1, y[@1);

nx = 13

- repeat
. phaselnx] = ((ymsbl(nx) and %$0QF)%256) + ylsb(nx]; {Get measured phase}?
setcolor(@); ] {ie. blank)
moveto(x{nx—1), ytemp); {Move to old x,y position}
lineto(x[nx], y(nx1); {Delete previous line}
moveto(x{nx—-1], y{nx=1]); {Move back to new position)
ytemp := y[nx];

ypoint := B.2 - phase(nx}/40%95; {Calc group delay point correcting;

H]

"if ypoint < -@.02 then ypoint := @.97 + ypoint; {non—-linearities]
if invert(nx] = 1 then ypoint := frac(ypoint + 08.5); {Corr for inversion?}
x[nx] 7= round(nx * scalex + xleft); {Calc next x and ]
y(nx] := round(zeropoint + ypoint % scaley); { ' y positions;
setcolor(15); ' {Colour back onj
lineto(x[(nx], y{nx1); {Draw line to new position]
nx = nx + 13 o :

until Nnx = max; . {Until 256 points plotted)]

refresh := refresh + 1;
if keypressed then
begin
answer := readkeyj; ) N
end;



until answer = #27;

closegraph;

freemem(outline, screen);
end;

Procedure single_gain;

XVIII
{Until ESC pushed}

{Procedure to plot single sweep of gain measuremehts}

var

' x, yi array(Q..999] of integer;\
i, nx: integer;

ratio, ypaint: realj

answer: char;

begin
for 1 := @ to max do
begin
x{i] := @;
yl[i]l := @;
- end;

tépeat

{Initialize array of points to @}

ypoint := 1/factor X (gain[@] -~ output[@]); {Calé ratio}

x[@] := xleft;

{Calc 1st x and?}

v{@] := round(zeropoint + ypoint *® scaley); { y positions?}

moveto(x[@], y[@]);
nx = 13

{Move there)}

- repeat :

- ‘ypoint := l/factor x (gain{nx] - outputlnx]);
x{NPx] := round{nx X scalex + xleft); {Calc subsequent x 3}
y[nx] := round(zeropoint * ypoint x scaley); { and y positions?}

lineto(x{nx1, y[nx1);
nx := nNnx + 1;

~until Nnx = max;i
answer := readkey;-
if answer = #27 then
begin

closegraph;
. freemem(outline, screen);

exitg

.endj - ]

C1f answer = #32 then gain_scale;
until answer <> #32;

end;

Procedure single_phase;

{Draw line to them}

{Until 256 points plotted)

{Change scale if required:

{Procedure to plot single sweep of phase measurements}

var
Xy, yY: array[Q@..999] of integer;
i, nNx: integer;
ratio, ypoint: real;
answer: char;g
begin
for i 1= @ to max do
begin '
x{il = @
cyli] := 0@
end;

vypoint := B.2 - phase(@]1/4095;

Cif ypoint < -@.82 then ypoint := @.97 + ypoint;

/

{Calc 1st group delay point}



Jif invert[@] = 1 then ypoint :=

x[@] := xleft;
y[@] := round(zeropoint + ypoint % scaley}; {
moveto(x[(B1, y[@]);
nx = 1
repeat . .
ypaint := 0.2 - phase(nx]/4095;

if ypoint < -@.82 then ypoint
1f invert[nx] = 1 then ypoint

x[nx] := round(nx % scalex + xleft);
y[nx] 3= round(zeropoint + ypoint % scaley) H
lineto(x(nx], ylnx1);
nx 1= nNx + 13
until nNnx = max;
repeat until readkey = #27;
closegraphs
freemem(outline, screen);

-end;

Procedure Single_menu;

{Meng for single sweep: plot group delay or gain?}

var
i: integer;
choice: char;

. outfrtext;

begin
repeat
clrscrg :
gotoxy (24, 13); v
write( <P> for group delay measurement’);
gotoxy (24, 15);
write( <G> for gain measurement’);
gotoxy (33, 23); .
writeln( <ESC> to exit’'});
gotoxy (8@, 25);
choice := readkey;

case choice of
#71, R1@3: begin
gain_parameters;
gain_graph;
single_gain;
end;

#112:begin
phase_parameters;
phase_graph;
single_phase;

. . end;

end; {(Case}
until choice =
end;

#8580,

#2773 {Escape?}

Procedure Menu;

{Main menu: continuous group delay or gain or single
var .

choice: charg

begin

repeat

frac(ypoint + 0.95);

= 0.97 + ypoint;
frac(ypoint + @0.5);

XIX

{Corr for inversion}

{Calc 1lst x and}

Yy positions}
{Move there}

{Calc group delay point:
{and correct)?

{Corr for inversion}
{Calc subsequent x }

{ and y positions’
{Draw line to them)}

{Until 256 points plotted:

{Free memory on exiting}

sweep?}



XX

clrscr;
gotoxy (23, 13);
write( <P> faor continuous group delay measurement));
gotoxy (23, 13);
write( <G> for continuous gain measurement’);
gotoxy (23, 17);
write('<S> for single sweep’);
gotoxy (33, 23);
writeln( <ESC> to exit');
gotaxy (8@, 25);
‘choice := readkey;
case choice of
#71, #103: begin
) gain_parameters;
gain_graph;
draw_gain;
: end;

#80, #112:begin
phase_parameters;
phase_graph;
draw_phase;

. end;

#83, #11S:begin
clrscr;
write( 'Sampling...’ );
single_sample;
single_menu;

end; -
end; {Case?}
until choice = #27; - {Escape?
end;s i
( ——————————————————————————————————————————————————————————————————————————————

{xxx MAIN PROGRAM XX}

begin

- port[$703] := $92; : {Initialize A/D ports}
repeat
clrscr;
gotoxy (24, 2);
highvideo;
writeln(’ -
writeln(" | P A T H ANALY ZER
writeln(’
normvideo;
gotoxy (24, 13);
write( ' <I> to initialize system’);
gotoxy (24, 15);
write( ' <P> for previous initialization’ )}
gotoxy (33, 23); '
write( <ESC> to exit’);
gotoxy (8@, 25);
opt := readkey;
case opt of

H73, #105: begin
o freq_synth;

gotoxy (24, 3);
gotoxy (24, 4);

N N
N e WS

menu;
end;
#80, #112: menu;s
ends {case}

until opt = #27; {Exit?
clrscr; - _
end.
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APPENDIX E
CIRCUIT DIAGRAMS

The circuit diagrams of all the circuitry developed for the

Path Analyzer are given in this Appendix.
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" APPENDIX F

ST ' DATA SHEETS
The data sheet§ifor*the following devices are!included'ih,

this Appendix: "

.,.SAA1057 ,'a Frequéncy SYhtheSizer ) . S .».: _\

' $P1648 o ’Voltage Controlled Oscillator



’

J L SAA1057

RADIO TUNING PLL FREQUENCY SYNTHESIZER

. gy

ey

LI'he SAA]0§7 is a single chip frequency synthesizer IC in I17L technology, which performs all the
ttuning functions of a PLL radio tuning system. The IC is applicable 0 all tvpes of radio receivers,
e.g. car radios, hi-fi radios and portable radios.

Features

® On-chip prescaler with up to 120 MHz input frequency.

® On-chip AM and FM input amplifiers with high sensitivity {30 mV and 10 mV respectively).

;® Low current drain {typically 16 mA for AM and 20 mA for FM) over a wide supply voltage range
(3.6 Vto 12 v).

+® On-chip amplifier for ioop filter for both AM and FM {up to 30 V tuning voltage).

.® On-chip programmable current amplifier {charge pump) to adjust the loop gain.

. ® Only one reference frequency for both AM and FM.

.o High signal purity due to a sample and hold phase detector for the in-lock condition.

;® High tuning speed due to a powerful digital memory phase detector during the out-lock condition.

:® Tuning steps for AM are: 1 kHz or 1,25 kHz for a VCO frequency range of 612 kHz to 32 MHaz.

® Tuning steps for FM are: 10 kHz or 12,5 kHz for a VCO frequency range of 70 MHz to 120 MHz.

+® Serial 3-line bus interface to a microcomputer.
io Test/features.

t
;QUICK REFERENCE DATA

{ .
;’Supply voltage ranges ' Veer 36to12 v
7 © Veez 36012 v
) Vees Veez to 31 V

Supply currents iccr *lee? typ. 18 mA
, Icca typ. 08 mA
f,llnput frequency ranges

at pin FAM fFram 512 kHz to 32 MH:z
- atpin FFM tFEM 70 10 120 MHz
Maximum crystal input frequency fXTAL > 4 MH:
Operating ambient temperature range Tamb —-251t0+80 °C
PACKAGE QUTLINE
18-tead DIL; plastic (SOT-102HE).

November 1983 N

SAA1057 J L ‘

TR TCA TCB N Vees
[ ]
1z s |EERE
FEm— SAMPLE
15- 817 & 6
PHOGCAAM - LOCH
oca ] HOLD = +4—out
MAaLE PHASE
st VL TLCTOR
FAM \/
—[—‘_‘ - PROGRAMMABLE
] r CURAENT
vear ' [—-—- AMPLIEIER
v 16
2 1 DIGITAL REFERENCE .
pHASE |+ DIvIDER ;;c'.i?i:gi _'11;_ XTAL
| cuneemt OETECTOR | - +100/12b
bCs —
STABILIZER F‘ 1
5
e — T,
LATCH A LATCH B TEST/ 18 L vest
16 8iTS 168175 FEAT‘URES
13
oLEN—$2f BUS/LOAD
" es —PY & SAA1057
12| CONTROL 16-B1T SHIFT AEGISTER
DA1A—r——- wGic

TZe3976 2
Fig. 1 Block diagram.

GENERAL DESCRIPTION

The SAA1057 performs the entire PLL synthesizer function (from frequency inputs to tuning voitage

output) for all types of radios with the AM and FM frequency ranges.

The circuit comprises the following:

® Separate input amplifiers for the AM and FM VCO-signals.

® A divider-by-10 for the FM channel.

® A multiplexer which selects the AM or FM input.

® A 15-bit programmable divider for selecting the required frequency.

® A sample and hold phase detector for the in-fock condition, to achieve the high spectraf purity of
the VCO signal.

® A digital memory frequency/phase detector, which operates at a 32 times higher frequency than
the sample and hold phase detector, so fast tuning can be achieved.

® An in-lock counter detects when the system is in-lock. The digital phase detector is switched-off
automatically when an in-fock condition is detected.

® A reference frequency oscillator followed by a reference divider. The frequency is generated by a
4 MHz quartz crystal. The reference frequency can be chosen either 32 kHz or 40 kHz for the
digital phase detector (that means 1 kHz and 1,25 kHz for the sample and hold phase detector),
which results in tuning steps of 1 kHz and 1,25 kHz for AM, and 10 kHz and 12,5 kHz for FM.

® A programmable current amplifier {charge pump), which controls the vutput current of both the
digital and the sample/hold phase detector in a range of 40 dB. It also allows the toop gain of the
tuning system to be adjusted by the microcomputer,

® A tuning voltage amplifier, which can deliver a tuning voltage of up 1o 30 V.

® BUS; this circuitry consists of a tormat control part, a 16-bit shift register and two 15-bit latches.
Latch A contains the to be tuned frequency information in a binary code. This binary-coded num-
ber, multiplied by the tuning spacing, is equal to the synthesized trequency. The programmable divid
{without the fixed divide-by- 10 prescaler tor FM} can be programmied in a range between 512 and
32767 (see Fig. 3). Latch B contains the control information.
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Radio tuning PLL frequency synthesizer ~ SAA10S57 SAAI057 JL |

OPERATION DESCRIPTION : .
Control information : ouen 274 - - -- 1 r
The following functions can be controlied with the data word bits in latch B. For data word format —- t 7V . . . -
v s iy _4 - L2 tDLENDOIG o - e ST e
and bit position see Fig. 3. ‘CiBieaa an teLghgt - ‘
- . - -— ag —f———~ -—
M FM/AM selection; ‘1" = FM, ‘0’ = AM . P 77, NN crome ‘
REFH reference frequency selection; '1" = 1,25 kHz, ‘0’ = 1 kHz {sample and hold phase detector) — It
. —-{'cLeL |<- - 'DA\'Ahold
cP3 ’ {CLBH ~» -
. . . 'DATAleay
CcP2 control bits for the programmable cursent amplifier . 770 —— ;
cP {see section Characteristics) oAIA ] £ -2 X X I
CPO ' -l Tiead |=
- - 'S adi . 'z
§$82  enables last B bits (SLA to TO) of data word B; et tesding eve s
it ao. ] 1 2 15 16

*1* = gnables, ‘0’ = disables; when programmed ‘0, the last 8 bits

of data word B will be set 10 ‘0’ automatically Fis. 2 BUS §
ig. ormat.

SLA toad mode of latch A; ‘1* = synchronous, ‘0’ = asynchronous . .
oo ’ (1) During the zero set-up time {1 zg,} CLB can be LOW or HIGH, but no transient of the signal is
PDMO} phase detector mode :)ermmed This can be of use when an 12C bus is used for other devices on the same data and clock
ines
PDM1 | PDMO | digital phase
detector
automatic
(1] X on/off DATA WORD A . )
teading ! - 5 .
‘ o on % ",'a“: 0 rzllizl]lzlllzlljzlol 29 [2BJ27126[25L2A L;JI;:J 21120%
1 1 off ) bits staced n latch A

BRM bus receiver mode bit; in this mode the supply current of the BUS 512 € diwiding number < 32767

receiver will be switched-ott automatically after a data transmission _
H Y= 0 - - leacing
{current-draw is reduced); current switched; ‘0" = current always on . % vere. | 1 [ #m [mern] cpa [ crz | cet [ cpo | sez [sca Jeomifeomo]amm] 13 [ 12 [ 1 [ 10 7

—~
bits stored in tatch B

DATA WORD &

13 test bit; must be programmed always ‘0’ 1283003
T2 1est bit; selects the reference frequency (32 or 40 kHz) to the TEST pin Fig. 3 Bit organization of data words A and 8.

T test bit; must be programmed always ‘0’ :

T0 test bit; selects the output of the programmable counter to the TEST pin

T3 T2 TT ] TO TEST (pin 18}

0 0 o0 |0 1

0 1 0 0 reference frequency

] .0 V] 1 ‘ output programmable counter

output in-lock counter
0 1 0 1 ‘0" = out-lock
‘Y = in-tock

\ ‘ November 1983 a3 v fan \ /
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Radio tuning PLL frequency synthesizer

wi] U
TCA E
ICE[Z‘
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E XTAL
E veea

ocs 4] [15] vee
w[s] saawsy []cie
our E 13] oLen

EDA!A’
EIFAM

10{ 0CA

Vees E
N
vear[9]

120391

Fig. 4 Pinning diagram.

RATINGS

Limiting values in accordance with the Absolute Maximum System (IEC 134}
Supply voitage; logic and analogue part '

Supply voitage; output amplifier

. Total power dissipation

Operating ambient temperature range
Storage temperature range

PINNING

~N O & WA -

TR
TCA
TCB

DCS
out
Vees

FFM
Veer

DCA

FAM

DATA

DLEN
CL8

VEE
vee?

XTAL
TEST

JL - SAA1057

resistor/capacitors
for sample and
hold circuit

decoupling of supply
input of output amplifier
output of output amplifier
positive supply voltage of
output amplifier

FM signal input

positive supply voltage of
high frequency logic part
decoupling of input
amplifiers

_AM signal input

1 8us

ground )

positive supply voitage of
low frequency logic part end
analogue part

reference oscillator input

test output

Veer: Veez 03132V
vees Vcgto+32 V
Prot max. 800 mW
Tamb ~301to +85 °C
Tsig —651t0 + 150 °C

SAA1057

CHARACTERISTICS

VEg=0V;Veer = Veec2=9%V:Vee3 = 30V Tamp = 25 OC; unless otherwise specified

symbol min. typ. max conditions
Supply voltages Vees 36 5 12 vV
Vee? 3.6 5 12 Vv
Vces | Veea - 3 v
Supply currents®
AM mode Lot - 6  —- mA hor=lcct +icc2
FM mode hot - 20 - mA l Popck: BAM =1
lces 03 08 12 mA oyt =0
Operating ambient
temperature Tamb ~25 - +80 ©°C
RF inputs (FAM, FFM)
AM input frequency fram 1912 kHz - 32 MHz
FM input frequency fEFm 70 - 120 MHz
input voltage at FAM Viims) | 30 - 500 mv
input voitage at FFM Vi {rms) 10 - 500 mVv
input resistance at FAM R; - 2 - kQ
Input resistance at FFM R; - 135 - Q
input capacitance at FAM G - 35 - pF
input capacitance at FFM C; - ) 3 - pF
Voltage ratio aliowed
between selected and
non-selected input VeV - -30 - d8B
Crystal oscillator (XTAL) see note 1
Maximum input frequency | fxTAL 4 - —~  MHz
Crystal series resistance ﬂs - - 15
BUS inputs (DLEN, CLB,
DATA)
Input voltage LOW ViL o - 08 Vv
input voltage HIGH_ ViH 24 - Veer V
input current LOW ~ly - - 10 pA Vi =08V
input current HIGH M - - 10 pA ViH=24V

* When the bus is in the active mode {see BRM in Control Information), 4,5 mA should be added to the

figures given.

T
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Radio tuning PLL frequency sy

CHARACTERISTICS (continued)

R JL SAAI057  SAA1057 JL |

CHARACTERISTICS (continued)
Veg =0 V;Veey =Veez =5 Vi Vee

VEE =0 V: Veer = Ve =5 Vi Vees = 30 Vi Tymp = 265 OC; unless otherwise specified

symbol min.  typ. max. conditions
BUS inputs timing i
see also Fig. 2 and
(DLEN, CLB, DATA) note 2 » o
Lead time for CLB to DLEN | tCy Biead 1 - - us
Lead time for DATA to
the first CLB pulse tTiead 0,5 - — us
Set-up time for DLEN
toCiLB ICLBlagl 5 - — us
CLB puise width HIGH tCLBH 5 — - us
CLB pulse width LOW ICLBL 5 - " — us
Set-up time for DATA
. toCLB IDATAlead | 2 - - us
Hold time for DATA to CLB tDATAhold a - — us
Hold time for DLEN to CLB tDLENhold 2 - — us
Set-up time for DLEN to
CLB load pulse tCLBlag2 2 - - us .
Busy time from load pulse next transmission
to next start of transmission [ tpST 5 - - us { atter word ‘8°
Busy time to other device
asynchronous mod - - pol i
i e oISt 03 ms b | next transmission
synchronous mode tDIST 1.3 - — ms| ) to SAA1057
after word ‘A’
(see also note 5)
Sample and hold circuit '
(TR, TCA, TCB) see also notes 3; 4
Minimum output voltage VTCA. - 1,3 -~V
_ Vics
Maximum output vollage VTCA. - -V -0,7 VvV
VTcs cez=
Capacitance at TCA Crca - - 22 nF | REFH="1’
{external) Crca - - 2,7 nfF | REFH="0
Discharge time at TCA tdis - - 5 us | REFH="1"
tdis - - 6,25 us | REFH ="0"
Resistance at TR RTR 100 -~ - 2 | external
Voltage at TR during
discharge VTR - 0,7 -V
Capacitance at TC8 CTeB - - 10 nF | external
Bias current into TCA, TCB lbias - - 10 nA | in-lock

]

Programmable current
amplifier (PCA}

Output current of the
dig. phase detector

Current gain of PCA
CP3|CP2iCP1|CPO

0000

Ratio between the output
current of S/H into PCA
and the voltage on

Crce
Offset voltage on TCB

Output amplitier (IN,OUT)
Input voltage

Qutput voltages
minimum
maximum
maximum

Maximum output current

Test output ({TEST)*®
Output voltage LOW

Output voltage HIGH
Output current OFF

Output current ON

nl'

Ripple rejectiol
at fripple = 100 Hz
AVeci/AVout
AVcc2/AVouT

StCB
AvVTCB

VIN

Vout
vout
VouTt

tlout

VTL
VTH
1Toff
ITon

AvVcec3/AVouT

* Open collector output.
** Measured in Fig. 6.

I I

3 =30 V: Tymp = 25 OC, unless otherwise specified

conditions

Vgez =5V loniy for L8 }] 4

in-lock

in-tock ; equal to
internal reference voltage

—loyTt = 1 mA
louT = 1 mMA
gyt = 0.1 mA

Vout =% Vces

AVTH

vVTL

min typ max.
- 0.4 - mA
- 0,023 -
- 0,07 -
- 0,23 -
- 0,7 —
—~ 23 -
- 10 — uAIV
- - 1 Vv
- 1.3 -V
- - 05 V
Veez—2 -~ -V
vees—t - -V
5 - - mA
- ~ 05 V
- - 12V
- - 10 pA
150 - - uA
- 77 - dB
- 70 — d8
~ 60 - dB

VouT €Veea—3ve

\ ﬂovemher 1983
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" SAA1057

 SAA1057

NOTES | ‘
1. Pin 17 (XTAL) can also be used as input for an external clock.
The circuit for that is given in Fig. 5. The values given in Flg 6 are a typical application example

100F 224y
+5V—
ovJU =

4 MHz
]
W 1281910

Fig. 5 Circuit configuration showing external 4 MHz clock.
2. See BUS information in section ‘operation description’.

- 3. The output voltage at TCB and TCA is typically % V(c2+0,3 V when the tuning system is in-lock
via the sample and hoid phase detector. The control voltage at TCB is defined as the difference
between the actual voltage at TCB and the value calculated from the formula % Vcc2+0,3 V.

4. Crystal oscillator frequency fxyay = 4. MHz.

6. The busy-time after word “A*’ to another device whlch has more clock pulses than the SAA1057
(> 17) must be the same as the busy-time for a next transmission to the SAA1057.
When the other device: has a separate DLEN or has less clock pulses than the SAA1057 it is not
_necessary to keep to this busy-time, 5 ps will be sufficient.

J

APPLICATION INFORMATION
Initialize procedure

Either a train of at teast 10 clock pulses should be applied to the clock input (CLB) or word 8 should
be transmitted, to achieve proper mmallzauon of the device.

For the complete initialization (deﬂnmg all control bits) a transmission of word B should follow. This
means that the IC is ready to accept word A.

Synchronous/asynchronous operation

Synchronous toading of the fréquency word into the programmable counter can be achieved when bit
‘SLA’ of word B is set to ‘1. This mode should be used for smal frequency steps where low tuning noise
is important {e.g. search and manual tuning). This mode should not be used for frequency changes of
more than 31 tuning steps. In this case asynchronous loading is necessary. This is achieved by seétting

bit ‘SLA’ to ‘0. The in-lock condition will then be reached more quickly, because the frequency infor-
mation is loaded |mmedna1ely into the divider.

Rcmietiom to the use of the p‘mgrammable current amplifier

The lowest current gain (0,023) must not be used in the in-lock condition when the supply voltage
Vcc2 is below 5 V (CP3, CP2, CP1 and CPO are all set to '0’). This is to avoid possible instability of the

loop due to a too small range of the sample and hold phase detector in this condmon (see also section
‘Characteristics’).

Transient times of the bus signals
When the SAA 1057 is operating in a system with continuous activity on the bus lines, the transient

times at the bus inputs should not be less than 100 ns. Otherwise the signal-to-noise-ratio of the tuning «—

voltage is reduced.

18012 22

nf
i6 1 2

+30V

% : ’T

+Hv
.
1004F
[
ALELEN vear
‘ $—ib—jocs
N +
10 nF
10
- oea
180 2
) I
FM oscillator " g N
(Z,= 750 e LA
AM osculiatae 220F n
(2,= 28 A= Fam

veez TR TCA

SAAI057

DIEN CiLB DATA

IN r—ﬁ——{
TEST i8

a MHz

©330nF1V

|
| TUNER
1wt

tuning
voitage

|
t
A i
o 100 nF
t
]
*

xrac P2 ﬂ}-—‘ll—k

VeE

T

—
aus

(1) Values depend on the tuner diode characteristi€s.

g

27 pF

12839720

Fig. 6 Apphcauon example of the SAA1057PLL frequency synthesizer module
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SP1648

PR ey

Center Frequency = 100MHz

c ‘30 35 pt : .I. l. ary s
l o 3
° ' y
LITE
SR N T Wy

* The 1200 ohm resstor and the swope teiminsiion
Scan Wadth = 50k H1/div . 2 251 aty 101 prode
Verucal Scate = 10db/div

Fig 3 Spectial purity of sgnal st output

* >10 Megonm must be
20 SCOPE Use high impedance probe (>10 Mego
vee Ll used)

* *The 1200 obm tesistor and the scope terMinatian
impedance constitute a 25 1 attenuatos probe

©* " Bypass only that supply opposite ground

PAF 10wy \

. °
OuTY CRLE WDty

Fig @ Tost cururt and wavelorms

SP1648

OPERATING CHARACTERISTICS

Figure 1 stiates the ciccunt chermatye for the SP1648
The owilator incurpocates pontive leedbisck by couphing
the base ot tanzeter TR to the coliector of THA An.
autumatic guaite cutitenl {AGC) v incotporsted 16 hind the
cutrent  thiough the ymater coupled puir - ol tlrgnston
(TR7 st TRYY and atlow optinam trequency resputive of
the outillator

lov order 1o mamiian the high (1 ot e oscdiston, s
pruvide ligh spectisl punty a1 the Guipul, o caw Gde
teansistos (T4} s used to transtate biom the ematter
tollower (TS 1o the uutput hitferential porr TR2 and
TR3 TR2 and TR3, in comunctnn with output transistor
TR1, provide o hughly bulfered outjut which proadacey o
square wave Tiansustors TR10 thea TR1G provide this bigs
desve tor the 05101 and vulput bufter Figure 3 indiwcates
the high spectrsl puaity of the oscillator output tpin 3)

When operating the oscillator in the voltage controlled
mode [Figure 5), i should be noted 1hat the cathode of the
varactor diode (D} should be bissed at least 2 Vg above
Vg {2 1.4 V1o posiive suppily operation)

outryl

Frg 5 The SP1648B operating in the volisge controlied mode

When the SP1648 15 used wvath a constant dc voltage to

“the varactor diove, the output frequency will vary shightly

becsuse of internal noise This variation s plotted versus
operating trequency i Figuie 6

1

d U v At Tans o Mrunf
5 R L O R IR SR
a ' 1

z M « i
g b
2 oy PPN 0y
: morg PrEI 2
o o “y e l U
¥

5

a

-

o

u v, s
tOOFERAY WG BB, NG
LA LEN AL
H LU
[

oers ABL el LFULCB kbt MY

]

oA Jiwbg

b TE Bode

uw duang

PHELR T Y
MR O# e s
[P

(IR } ity ey
LU Et b

IS
(I T T

B Gl WLUALEL bt ons et
FHEG fho 0 LEy At on i ’ v L T B A YVSTIN

0 st

Note Any frequency deviatiun caused by the signat qgenerator and SP16GAB power
supiily shoutd be determined and nunimised prior Lo testing

Fig 6 Frequeniy Javiat.on tesr ciicunt
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SP1648

SP1648 Typical wanster chasacterisucs for the oscilator i the Good RF and tow frequency by passing s necessary on
voltage controlled mode are shown i Figutes 7.8, and 9 the prower supply pins {see Figuce J)

e e Figures 7 and 9 show transter Charactenstics employng Capsortors (€1 anu C2 of Figure 5 should be used to
only the capacitance of the varactor diode (plus the imput Ly pass the AGC pont and the VCO input (varactor diode),
capacitanice of of the oscilator. €pF typcat}l Figure 8 guatanteeng only dc levels at these points.

N o dlustrates the oiciliator operating 1n a vol1age controlicd For output liequency opeistion between 1 MH: and
= v ow: a.
; T :{ ‘: - mode with the output frequency range hmited This is S0 MM a 0 1uF capacitor 1s suthcient for C3 and C2. At

. -

N schieved by adding a capacitor wn parallet with the tank higher frequencaes, srnaller values of capacitance should be
-
¥ 1 circwil as shown. The 1 k&2 resistor 0 Figuses 7 and 8 1 used., at tower frequencies, 1atger values of capacitance. At
-
3 I | I h : ! used 1o protect the varactor diade dusing testing 1115 not tugher frequencies the value of Lypass capacitors depends
g = 3 L necessary as long @ the dc input voltage does not cause the directly upon the physical fuyout of the system. Al
N 'T E h I > , dioda to become forward biased The larger-valued resistor Lypassing should be a3 close 1o the package pins as possible
s Tt J : . {51 k§2) wn Figure 9 13 requised 1o provide wsolation {or the to minimize unwanted tead inductance.
3 N l—‘ Lo ] high impedance junctions of the two varactor diodes The peak to peak swing of the 1ank Grcnit s set
3 [ " The tuning range of the cicillator n the voltage internaily by the AGC cicuitry Since voltage swing ot the
?s-. controlled mode may be calculated as: tank circont provides the drve for the output buffer, the
70 a0 Teo Tse T ee - . = . . o e AGC potential diectly affects the oulput wavetorm. It
‘0 M| et et e s - M
%0 &0 10 60 %0 10 he 1200 (hm enatar and (e wot e e e maa \/>D(m"’ s desied 10 have a sine wave 3t the output of the SP1648, ¢
e INPUI YOLIAGE (W(NL1%) . impedance constitule 4 25 1 atieneldr ot = - -~
fonen \/:6 tman) '-C—S secies cesistor s tied from the AGC pownt to the most
negative power potentul {ground 1t +5.0 volt supply 13
‘ used, - 6 2 volts it 8 negative supply (s used).
L 4 © where tgn = o0 T -
\/L «© (mu) . l At frequencies above 100 MHz typ, 1t may be necessary
D S 1o increase the tank circuit peak-1o peak voltage in order 10
. maintain a square wave at the outpul of the SP1648. Thas is
. Cg = shunt capacitance {input plus external .
. ) . accomplished by tying a series resistor (1 k§} mimimum)
capacitance
" T - e trom the AGC to the mosl positive power potential (+16.0
= "t -4 . Cp = varactor capacitance a3 8 function of volts i1 2 +5 0 volt supply is used, ground it & ~5.2 volt
H s v . 0
\. TN
3 N R o ViL: wne j bias voltage supply s used)
> 8 » € : 309
! ’
" .-—
3 , o1
- i
= 0 1 -
- t . .
s f— 4 —F--- [} 0 DA N
& 1 , )
§ " i .
[} -
5 10 —4- -
i J
' 71 : 1 s \ .
sol L3 L. 3 -
10 20 310 40 D 0 Y0 &0 v w0 S dne 1w anm R N
Von WPUE VOLTALE  vun to) R R P R T i L Y R T

1MRy)
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