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RF POWER AMPLIFIER INSTABILITY - CAUSES AND CURES

By
Peter A. Kwitkowski
Motorola Communications Sector
1301 E. Algonquin Road
Schaumburg, IHinois, 60196

ABSTRACT

Spurfous oscillations are a common problem encountered during the design of RF
power amplifiers. Typically the resolution has been by trial and error with little
understanding of their causes. The analytical prediction of stability in RF power
amplifiers is considerably behind the advances made in low level, linear
amplifiers over the past 25 years. As a result of the inherent non-linearities in
large signal solid state ampliifiers mathematical analysis and modeling have been
exceedingly difficult. However, techniques have been developed which allow the
designer to evaluate tendencles toward instability in operating RF power
amplifiers. This paper presents a method of stability analysis based upon small
signal gain measurements of an operating RF power amplifier. Coupling these
measurement methods with a proper selection of circuit topology greatly reduces
the tendency for instability.

INTRODUCTION

while the examples in this paper deal specifically with 800 MHz bipolar class C
amplifiers in a common emitter configuration, the principles can be generalized
for application to other types and ciasses of operation. instabilities in RF power
amplifiers may be observed in several ways. They may be evidenced by erratic
tuning, current being drawn when drive is removed, or actually seen on a spectrum
analyzer. Whatever their manifestation, they can result in an amplifier that does

not meet its specifications or one that destroys ftself due to overdissipation.
Instabiiities can be traced to several potential causes:

1) External feedback around the amplifier stage(s)
2) Internal feedback within the active device
3) Varactor modes

The first two causes require the designer to identify the feedback mechanism(s)
and eliminate it (them) or to reduce the gain at those frequencies to a level which
will not support oscillation. Varactor modes of oscillation result from the
non-linear capacitance vs. voltage characteristics of semiconductor junctions.
While the circuitry external to the transistor affects varactor mode instabilities
the transistor itself may be the inherent cause. Three basic rules can be applied in
order to insure the stability of an RF power amplifier. They are the following:

1) Present RF power transistors with proper terminating impedances at all
freguencies where the device has gain, not just in the operating
frequency band.

2) Remove unwanted sources of feedback,

3) Do not overdrive the amplifier.

SMALL SIGNAL SWEPT GAIN MEASUREMENT

Before discussing some of the causes of instability it would be instructive to
present a method of measurement that will graphically display regenerative
tendencies. Small signal swept gain measurements are made by injecting a low
level secondary signal into the input of an operating RF power amplifier and
measuring the amplifier’s interaction with that signal. The measuring system



shown in Figure 1 consists of an operating amplifier stage with directional
couplers connected to both its input and output. A spectrum analyzer/tracking
generator is used in conjunction with a broadband amplifier to produce a sweep
signal. The sweep signal Is fed into the coupled port of the input directional
coupler (reflected port). The resultant signal is picked off at the coupied port of
the output directional coupler (forward port). With the sweep signal turned off,
the spectrum analyzer is adjusted for a convenient trace. The amplifier is next
removed and replaced with a through connector. The sweep signal level is adjusted
so that it will not affect the normal operation of the amplifier (typically 30 dB
below that used to drive the amplifier). With the amplifier reconnected the smail
signal swept gain can now be measured. The two spectrum analyzer traces shown
in Figure 2 provide a good indication of the power of this measurement method.
The lower trace is what is normally seen on a spectrum analyzer plot of the
amplifier output. There is an indication that something is going on by the siight
peaks in the noise at about ¢+ 40 MHz from the carrier frequency. when the sweep
signal is turned on a dramatic result is obtained. At + 40 MHz two very large gain
peaks are seen. The amplifier used for the measurements in Figure 2 is on the
verge of oscillation.

The absolute level of the small signai gain is not of great significance. However,
two situations can provide an indication of potential instability. These are:

1) Sharp peaks or dips in amplifier gain - (these may change with
varfations in supply voltage, drive level, source/load VSWR,
temperature, and operating frequency).

2) Abrupt changes in the curve which vary under the same
conditions as *1.

EXTERNAL FEEDBACK AROUND THE AMPLIFIER STAGE

Regeneration can result from improper power supply decoupling, allowing energy
to be fed back from one stage to another. Problems can sometimes result, even
with single stage amplifiers, when the power supply impedance is too high.
Regeneration resulting from insufficient power supply decoupling is typically low
in frequency, where the RF bypass capacitors become high impedances. Figure 3
shows a typical D.C. feed system without proper low frequency bypassing. Currents

flowing through the common tmpedance, Z, can result in unwanted coupling

between stages. iImpedance Z, may be inductive as well as resistive in nature,

particularly where the D.C. leads are coiled. The best practice, as shown in Figure

4, is to bypass each stage individually with relatively large capacitor values
(typically 1uF to 100 uF).

Poor grounding practices are another cause of instability. Feedback paths resuit
from the flow of RF currents through common impedances in the ground
connections of an amplifier (Figure Sa). Common ground impedances may resuit in
energy being coupled, not only between stages, but between the output and input of
an individual amplifier stage. As the frequency of operation is increased the
amount of coupiing is increased in the common impedances. “Ground loops™ may
cause discontinuities in the frequency response {(gain) and “drive up”
characteristics (power snap). The best solution is to connect ail ground areas on
each amplifier stage directly to a large overall ground plane (Figure Sb). The
ground plane will provide a low impedance path between all ground points on the
amplifier.

Another form of externai feedback is caused by RF energy which is radiated from




an antenna connected to the amplifier. If proper shielding and bypassing techniques
are not employed the radiated energy may be coupled into the input of the
amplifier. Gain variations and oscillation which change with physical positioning
of the amplifier and/or the antenna are an indication of radiated feedback.

INSTABILITIES RESULTING FROM FEEDBACK INSIDE THE TRANSISTOR

Proper impedance termination of the transistor at all frequencies is required in
order to finsure that the amplifier is stable. As the matching networks’
performance degrades out of band, D.C. biasing networks can play an important role
in keeping the amplifier stable. Conventional destgn phitosophy dictates that D.C.
feed chokes have an impedance level of >10 times that of the circuit into which
they are connected. The “cold” end of the input feed choke is often tied directly to
ground while the “cold” end of the output feed choke fs heavily bypassed (Figure 6).
At lower frequencies where the transistor has very high gain the D.C. feed chokes,
along with the feedback capacttance of the device, can form a classical oscillator
circuit (Figure 7). tn order to reduce the probability of this type of regeneratfon,
the D.C. feeds need to be modified to provide a low Q termination to the device at
low freguencies.

Figure 8 shows three different feed networks along with a Smith chart plot of

their impedances from IMHz to 1 GHz. A 25 nH inductor (Ll, Figure 8a) is seen to

present an impedance that stays at the edge of the Smith chart (ie. high Q).

Adding a ferrite bead, L2 in series with the feed inductor is a common technique

for reducing the Q of the network, even at low frequencies (Figure 8b). This has
proven quite successful in improving stability. Unfortunately the bead absorbs

power from the amplifier due to RF currents flowing In the bead at the operating
frequency.

Another configuration that works even better than the simple addition of a ferrite
bead s a technique known as "double decoupling™ (Figure 8c). As the name implies,

the combination of L, and C; "decouple” the feed network at the operating
frequency while L2 and Ry "decouple” at low freguencies. The value of Ry 1s
selected to approximate the transistor impedance (typically 1 Q to 100 Q). The
inductor L2 should have an impedance close to the value of R| at frequencies of a
few MHz. While a high value wire wound inductor may be used for Lo, a ferrite bead

based inductor is recommended. The high permeabtlity of the ferrite causes a
substantial impedance level to be reached even with a single turn of wire. This is
particularly important when the choke must handle large values of D.C. current.

Depending on the value of Ry needed in parallel with L2, a ferrite bead alone may
be sufficient. The capacitor C should have an impedance of about 1/10 the value
of Ry at the operating frequency. The network used in the collector D.C. feed

requires the addition of a large value capacitor C, (typically 0.1 pF to 1 pF ) in

order to provide a low impedance ground path for low frequency currents through

Ry. When proper double decoupling is applied to both the collector and

base/emitter D.C. feeds, a significant improvement in stabtlity can be obtained
with little power loss. The exact values needed in the double decoupling networks
may be determined by evaluating the stability of the stage with the swept small
signal gain technique.




Figures 9 through 12 provide an indication of the stability of an amplifier using
the three D.C. feed networks just described. Figure 9 shows a small signal gain
sweep of an amplifier using the same feed choke of Figure 8a. Even when the
amplifier is operated into a SO Q load severe gain peaks are evident. When a 3:1
VSWR is applied to the output of the amplifier regeneration results (Figure 10,
sweep signal turned of ). The gain sweep in Figure 11 shows the performance of
the choke and bead from Figure 8b with the amplifier operated into a 3:1 VSWR.
The large peaks at 40 MHz are gone but at 8 MHz there are indications of
potential instability. Using the double decoupled network of Figure 8c the stability
performance improves even more (Figure 12).

Stability of an amplifier can be improved by the apptication of negative feedback.
A series R-L-C network between the collector and base of the transistor can be
used to reduce the device gain at low frequencies (Figure 13). The capacitor in the
circult serves as a D.C. block (typical value .01 uF to 0.1pF). The R-L combination
is used to provide an increasing amount of negative feedback as frequency
decreases. The inductor is selected to have an impedance of > 10 times the device
impedance (input or output) at the operating frequency. The resistor value is in the
range of 10 Q to 100 Q2.

The occurrence of in-band (inside the operating bandwidth of the amplifier)
regeneration is possible with the proper combination of input/output impedances
and the proper amount and phase of feedback. An amplifier with this type of
instability will generally sustain its output when drive is removed. A conjugately
matched amplifier which exhibits in-band instabilities into VSWRs of 3:1 or less
probably has a transistor problem. When developing a device for production a

manufacturer optimizes around a test circuit. During the development phase the

device will be subjected to various degrees of mistuning. If the device exhibits an
inherent tendency toward in-band regeneration it will most likely be discovered
here and, hopefully, corrected. If one does not deviate greatly from the match
topology used by the device manufacturer the amplifier should not exhibit in-band
instabflities into less than a 3:1 VSWR. Reference #2 presents a method using S
parameters for analyzing instabilities of this type.

VARACTOR MODES

In a bipolar transistor the collector-base capacitance varies as a non-linear
function of the voltage across the junction. This non-linearity can produce
spurfous signals in the amplifier. One of the most common spurious products
results from varactor division. when the collector-base junction of a bipolar

transistor is included in a low impedance signal path at a sub-multiple of the

carrier frequency spurious energy may be produced, typically at f,/2 (Figure 14).
In order to prevent ro/2 regeneration the input and output of the transistor should

be terminated with a resistive load rather than a short circuit. Sometimes f,/2

regeneration is caused primarily by the transistor. If it ts not possible to

eliminate f,/2 regeneration with changes in circuitry the device may be at fauit.
Some transistors exhibit a "push-pull” mode of f,/2 regeneration due to an

imbalance in currents across the die. In such cases selection of an alternate
device should be strongly considered. The greater the voltage swing across the
transistor junctions the greater the chance for varactor mode instabilities. As the
swings are increased the variation in capacitance will increase, improving the
chances that an unstable region will be encountered. Applying excessive drive to
an RF power amplifier stage at low supply voltages increases the probability of
parametric instabilities.




CONCLUSION

The analysis of instability in RF power amplifiers is not an exact science.
However, an understanding of the basic causes of instability and the use of proper
circuit topology, coupled with the small signal swept gain measurement technique
described In this paper, increases the designers chances of success.
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Concept and Design of an
800W UHF Power Amplifier

by

Harald W. Wickenhaeuser
Sect ion Leader
Rohde & Schwarz
Radiocommunications Division
Muehldorfstr. 18
8000 Munich 80, West Germany

INTRODUCTION

The development target was to expand the R&S power amplifier line by
another model. The new addition covers the UHF range from 225 to

400 MHz /1/. The following are the main design objectives:

The output power in AM mode is 200 W corresponding to 800 W PEP at full
modulation (m = 1).

In FM mode, the amplifier outputs 300 W.

The values stated are continuous values valid for the whole of the spe-

cified temperature range from -20°C to +55°C with a MTBF > 8000 h.

As the main field of application for the amplifiers will be radiocom-
munication systems, special attention has to be paid to the amplifier's
co-gitability. This is particularly important for the immunity to
transmitter backward intermodulation for which a value of -45 dB has

been set.

See section 4 (Applications) for further information regarding this
sort of intermodulation. for collocation reasons, too, the amplifier

should not degrade the exciter noise floor by more than 3 dB.

The total conversion efficiency of > 15 % which can be reached by am-
plifiers of this kind must be maintained for high modulation frequen-
cies (data transmission).

See section 2.3 for further information.

In contrast to its predecessors, the amplifier must be of the general
purpose type, in other words, it should be possible for non-R&S UHF
exciters to supply the drive signal (use as booster).

As an option (e.g. lab applications), the amplifier may be driven from
signal generators.

In line with the general-purpose philosophy, the amplifier system will
have a 110V/220V single-phase power supply and a 48V battery supply for

mobile, field applications.

EMC requirements IAW MIL-STD 461 are to be met.

The requirements stated above are the basis for the design concept which is

described in the following section.



DESIGN CONCEPT

-

UHF -Amplifier Unit VD490H1

Please refer to block diegram, fig 1.

The required output power and the RF power transistors that are svai-
lable at the time of development determine the basic design concept for
a transmitter power-amplifier. Taking the internal losses of about 2 dB
in the harmonic filter, the directional coupler the circulators and the
combiners into account, the required output power of 800 W PEP at a
VSWR of 2 can be obtained with an installed power of about 1.7 kW, At
present, the best UHF-transistors have an output of about 110 W,
meaning that 16 trensistors are required to give a total power of

1.7 kW. Internally each of these transistors comprise two single-tran-
siator push-pull stagea which are sealed in a recently developed twin
case which due to ita form is called also Gemini housing.

Two transistors of thia kind, i.e. a totsl of 4 transistor systems form
an amplifier module. See aection 3.1 for further details.

Using a 6 dB Wilkinson power splitter/combiner, four amplifier modules
are joined together to form a power amplifier block. On the output
side, the 6 dB combiner is followed by a high-power circulator whose
purpose ia to present a uniform real load to the output stages and to
considerably improve the backward intermodulation characteristics of

the unit.

The output power from both amplifier blocks is added using a 3 dB Wil-
kinson combiner. After passing through the harmonic filter and the

measuring directional-coupler, the output power is applied to the

14

2.2

antenns connector. An T/R relay or a PIN diode switch are optional

amplifier components.

Combiner technology, the circulator and the harmonic filter will be

dealt with more closely in section 3.

Similarly, when internal losses of about 0.7 dB are taken into account,
a driver power of about 280 W is required for the two amplifier
blocks. Two amplifier modules, the same as the modules in the output
stages, provide this power easily linked with a very good linesrity.
Due to this two-stage amplifier configuration, the unit can be driven
at its nominal power by any UHF exciter on the market. A preamp for
driver powers down to 100 mW and a PIN diode regulator are availsble as

options; they can both be accommodated in the same rackmount.

Monitoring of important psrameters are dealt with in the following

sections.

Power Supply IN 490

Please refer to block disgram, fig. 2.
Essentially, the design concept for Power Supply IN 490 is determined

by the following technical constraints:

- Collector voltasge range: 8 to 28 V
- Current drain: max. 2 x 75 A
- Modulation range: 0 to 10 kHz

- AC supply: 110 V/220 V, single phase




An analysis of these contraints suggests that a secondary switched mode
power supply with a high switching frequency is the best solution. On
the one hand, a high switching frequency gives a good modulation range,
and this is desireable, on the other hand, high switching frequencies
give rise to enormous problems (EMC, losses, etc.). A switching fre-
quency of 400 kHz was decided on as a good compromise.

At this point, one should not skip over the unforeseen difficulties
that arose when the collector current supply was being developed. Apart
from problems with regulation, mastering the high currents and the
associated EMC problems was exceptionally difficult; but one should not
forget that we are designing a "4.5 kW AM medium wave transmitter”
where the transmitter frequency is subsequently rectified and undergoes
80-dB filtering.

This "medium wave transmitter" will comprise identical power modules I
and II. The pulse width modulators (PWM), which are accommodated in the
power control submodules, are synchronized by means of a common crystal
oscillator in the control unit module.

The modulator module supplies the PWM with the AF modulastion signal.
The interworking of the modules mentioned above will be described in
more detail in section 2.3,

See gection 3.5 for a circuit description of the collector current
supply.

Apart from the size of the mains transformer, there is nothing special
about the other modules, for reasons of economy, they will only be men-

tioned in passing.

A automatic switch on facility, essentially containing an inrush

current limitation circuit has been provided to stop the AC mains
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2.3

circuit breaker blowing when the amplifier unit is switched on. This

modular subgroup has been assigned to the transformer module.

The complete VD 490 plus Exciter

Please refer to block disgram, fig. 3.
first of all, the case where the VD 490 Ht and the IN 490 are connected
together using an R&S Transceiver XD 432 as exciter will be considered.
The RF signal flow is straightforward.
Amplitude modulation is carried out by means of comparing the demodula-
ted amplifier RF output voltage with the modulating AF voltage to pro-
duce an error voltage. To this purpose, the forward voltege coupled
from the measuring directional coupler is demodulated and amplified,
this voltege has a DC component proportional to the carrier power and
an AF signal proportional to the modulation depth. The modulator in the
IN 490 compares this voltage with the modulating AF which gives the
nominal value for the modulation depth and the DC component which gives
the nominal value for the carrier power.
The error output signal from the differential amplifier controls the
instantaneous output power from the exciter so that the condition below
is fullfilled:

Demodulated envelope = modulation AF
This modulation technique makes amplitude modulation with a high degree
of modulation, low distortion and high efficiency possible. To further
increase the units's efficiency, the collector voltage of the power
amplifier is matched to the actual instantaneous power requirements by

the modulating AF voltage. Thus amplifier unit's total conversion ef-




ficiency ist about 50% greater than in pure linear operation with a
fixed collector voltage. This mode of operation has to be chosen in

connection with non-R&S excitera.

Each rackmount has a monitoring facility that continuously checks im-
portant parameters e.g. supply voltages and-currents, amplifier symme-
try, output power and-VSWR, deviations of rated loop values, internal
temperatures. If there is a fault, the amplifier performance associated
with the parameter in question is degraded to the point where further
operation without jeopardizing the equipment is possible. The fault lo-
cation is internally stored and displayed on the front panel.

A three-step, temperature-controlled blower cools the rackmounts.

EMC problems will be discussed in section 3.6. At this point, it should
be pointed out that not any cable will do for connecting up the rack-
mounts, This is particularly true of cables carrying up to 150 A for
the collector current aupply. The characteristic impedance of this

cable is "clearly noticeable" in the modulated collector voltage mode.
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CIRCUIT DESIGN DETAILS

UHF amplifier module

Please refer to circuit diegram, fig. 4.
As mentioned previously, ten of these modules are used in the amplifier
rackmount. It therefore forms the "core" of the amplifier and will be

described in detail in the following text.

The module comprises two push-pull amplifier atages, connected together
using 3 dB-90° hybrida at the input and output to form a balanced amp-
lifier, The balanced amplifier, which has already been described and
derived in the literature /2/, has an extremely constant, real input

impedance (in this case 50 Ohm), if the hybrid at the module input haa

identical terminations at the outputs marked "0°" and "90°" (the termi-

nations may also be complex). The two push-pull amplifier stagea meet
this condition almoat perfectly. On the other hand, when conaidering
the output side, both amplifiera alwaya "gee" two identical loada.

A piece of 50 Ohm coaxial cable ia used for the firat atep in input-
side matching, i.e. the transition from aingle-ended to puah-pull ope-
ration. The following 620 pf chip only providea DC decoupling, the 10
Ohm chip which is connected in parallel givea atability at lower fre-
quenciea. A four-to-one line transformer, realized uaing 10 Ohm coaxial
cable, down transforms to a 12.5 Ohm level. A combination of atripline
and discrete componenta perform transformation to the low baae input-
impedance. The input tranaformation is optimized for the upper opera-

ting frequenciea.




On the transistor output side, a stripline circuit compensates for the
transistor output capacitance at operating frequencies at the centre of
the range. One-to-four transformation, DC decoupling and the push-pull
- single end transition are similar to the analogous circuits on the

input side.

Apart from the collector voltage supply, which contains chokes and by-
pass capacitors that come into effect at various frequencies, every am-
plifier section requires a base bias supply as the amplifier stages are
being operated as a class AB linear amplifier taking a quiescent col-
lector current of about 200 mA per transistor. The base bias supply has
temperature compensation, and can be set separately for each tran-
sistor. It is therefore not necessary to look for transistor pairs with
identical characteristics. This is one of the measures to use standard

components in the amplifier wherever possible.

The transistors are accommodated as a push-pull pair in the already
mentioned Gemini housing. At present, this kind of housing is
unrivalled, as far as electrical and thermal characteristics go, for
transistors in this frequency and power range.

It is worth mentioning that not one transistor of this type met an

untimely end during the development phase.

In conclusion, a summary of this module's electrical data:

Peak output power: > 200 W
Gain: > 8.5 dB
frequency response 225 to 400 MHz: < 0.5 dB
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1 dB compression: > 180 W

Conversion efficiency: abt. 50%

A photo of the amplifier module is shown in fig. 5.
The formation of the modules inside the rackmount can be seen in

fig. 10.

3.2 Splitter/combiner

As it does not seem likely that single UHF transistors for the kilowatt
power level will be available in the foreseeable future, the develop-
ment engineer is forced to familiarize himself with the splitter/combi-

ner methods whether he wants to or not.

In the final analysis, the choice of the splitter/combiner method will
play a large role in determining the electrical quality data and the
production costs.

Let us now discuss splitter/combiners, taking the 6 dB Wilkinson model

as an example. Four of them are incorporated in the VD 490 H1.

The splitter/combiners in the forerunners of the VD 490 H1 were reali-
zed using semi-rigid coaxial cables and own-manufacture compensating
thin film resistors on ceramic substrates which were soldered on
special milled heat sinks. Although this module satisfied the
electrical requirements, it was difficult to produce, required a lot of
testing and was the cause of many faults yet. When the project was

calculated, it was found that this solution was no longer viable.




3.3

As there was no auitable non-R&S component available, we started our
own development project which was opposed by the experts. The first
tests were very promiaing and during the later design steges, the Super
Compact circuit analysis and optimization program /3/ proved to be a
useful tool for experienced RF design engineers.

As shown in fig. 6, printed stripline-triplate technology was used for
the final implementation. The caompensation resistors were commercially
available. To save space SMA technology was used for the connectors,
even though from the electrical point of view BNC would do the job

easily,

Up till now, we have only received consistently positive batch produc-

tion reports. The combiner has a very narrow parameter spread and is

checked without any adjustments on a GO/NOGO basis. The progress made
3

towarda the solution deacribed in the introduction is spectacular.

The 3 dB combiner (see fig. 7) four of which are used in the amplifier

is also realized in stripline technology.

Circulator

To prevent high-frequency pollution in the form of transmitter back-
ward IM products, circulators are to be fitted to all batch-production
models as standard. As there was no product on the market which met the
requirements for our application when development was started and our
resources where insufficient to do our own development work, a high

power
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circulator was developed to the batch-production atege in cloae coope-
ration with two leading circulator manufacturers; at the aame time de-

velopment work was being done on the VD 490.

The required wide bandwidth, the insertion loss, the isolation, the
temperature characteristics and the immunity to external magnetic
fields were the main problems.

fig. 8 shows the batch-production model from one manufacturer.

The excellent specifications are given below:

frequency range: 225 to 400 MHz

Insertion loss: < 0.7 d8
Isolation: 20 dB
Continuous power: 200 w

" Peak power: 470 W

3.4

Temperature range: -20°C to +75°C

The circulators are arranged on the driver aide of VD 490 H1

(see Fig. 11).

Harmonic filter

As the VD 490 is primarily a radiocommunicationa set, harmonica and
spurious signal must be suppressed by > 80 dB. To realize a suitable
harmonic filter at the amplifier output, the usual UHF/SHF problems, in
particular thermal problems, have to be solved. for a filter of thia
kind, we are talking about removing heat from coils and capacitors at a

rate of abt. 40 W.




This problem was solved by using cross capacitors with a beryllium
oxide dielectric which is a very good thermal conductor. These capaci-
tors, as fig. 9 shows, are soldered onto a silver-plated copper base.
The base is sited in the set to maximize heat extraction. Both the heat
produced by the cross capacitors and that from the coils which are
wound with thick wire is conducted away very efficiently. It is practi-
cally impossible to unsolder the coils with a solder iron without pre-
heating the whole filter. Even in continuous operation at an ambient
temperature of 55°C the thermal/electrical stability of the filter is
excellent.

The harmonic and spurious signal requirements stated above will be met

under all operating conditions.

3.5 Collector supply

The collector supply comprises the following modules:
Transformer module
Control unit

and Power modules I & II

Each power module comprises the following submodules:

High-current unit

Power control

Please refer to fig. 2.
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The dominant component in the transformer module, at least from the
weight point of view, is a 4.7 kVA toroidal transformer. After the se-
condary voltage has been rectified an smoothed, a unregulated voltege
of about 50 V is applied to the input capacitors. The transformer modu-
le also contains the EMC filter (see section 3.6) and the inrush
current limiting automatic switch-on facility. Without such a éTrcuitry
most attempts to switch on the system would result in triggered AC
mains circuit breakers, due to the extremely high phase dependent
starting currents of higher powered toroidal transformers.

The transformer module can be clearly seen in fig. 12.

The only component that the control unit contains which is essential
for understanding the collector supply is a 6.4 MHz crystal oscilla-
tor. This is used to synchronise the clock oscillators in the power

control submodule.

Fig. 14 is a simplified block diagram of the power module.

The 400 kHz clock frequency required by the pulse width modulator is
obtained by dividing down the 6.4 MHz clock oscillator frequency. If
this module is inserted in an IN 490 its oscillator frequency is syn-
chronised by means of the crystal oscillator mentioned previously. This
is necessary to prevent the two power module units in the IN 490 from
beating, on the other hand, when one of these units is removed for ser-
vicing it is still fully operational, albeit without synchronisation.
The pulse width modulator generates interleaved 200 kHz pulses at two
separate outputs. The pulse width is proportional to the amplitude of
the AF control voltage. By means of a flip-flop, the 400 kHz discharge
pulse is derived from two 200 kHz pulses. The further use of these pul-

ses will be discussed in the final section on the high current unit.




It is difficult to dimension overcurrent protection for a power supply
of this kind. On the one hand, when a "catastrophic" short occurs the
protection circuit must react extremely quickly (< 10us) to prevent da-

mage that will rapidly lead to complete destruction of the module.

On the other hand, the power supply must be protected from long-lasting
overcurrents caused by faulty modules, without, however, being affected

by modulation peaks.

This problem was solved by using two current sensors with different
current thresholds and response times. The comparator, which has been
dimensioned for short-circuit current 11, reacts within a very short
timeT 1. The comparator that has been designed for overcurrent I has
a considerably longer reaction time,Tz.

It is always true that Iy > I and T 3 >> 774,

Both the overcurrent protection circuit and the temperature monitoring
facility, designated , react so efficiently to a fault at the control

input of the PWM that the pulse width is immediately reduced to zero.

A few special circuit features in the high current unit are illustrated
with the detailed circuit diagram in fig. 15.

Basically we are dealing with a buck converter with a 400 kHz clock
frequency. Three power MOSFETs (V1, V2, V3) are connected in parallel
as a power switch. The gate-side drive, which uses 400 kHz pulses with
different pulsewidths, is provided by the arrangement V15,T1; V16,72
plus V17,73, Vi4.

V15,71 and V16,72 are driven on the input-side by the interleaved

200 kHz pulses which have been mentioned previously. On the output-side

they are connected in parallel. In each case, the circuit is a 200 kHz
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forward converter, each of which has a max. duty cycle of 50%. In com-
bination they give a 400 kHz forward converter which, theoretically,

can reach a duty cycle of 100%. The well-defined trailing edge of the
400 kHz gate-control signal for V1 to 3 is generated by the discharge

pulse using V17,73, V14,

V1 to V3 are connected in parallel by means of the triple choke L2,
This choke has an inductance that is inversely proportional to the load
current to prevent tearing off-current operation during low load cur-
rent periods. When the transistors are off, the load current flows

through the free-wheel diodes V4 to V6.

C20 to C24 are smoothing capacitors carrying a already moderately
"clean" DC voltage. However, because spurious signals must be 80 dB be-
low the carrier for radiocommunications equipment and because the

200 kHz and 400 kHz components of the collector voltage appear directly
as high frequency sidebands in the transmitted signal, this DC voltage
has still to be very carefully filtered.

Dimensioning a filter of this kind is a difficult problem from many

points of view.

- Both the input and output (= RF section) impedances are highly non-

linear and complex.

- The series coils must be designed to handle any loed-current peaks

(= 75 A) without saturation effects.

- The filter has a very destinct effect on the high current unit's

dynamic characteristics.




3.6

Each filter modification influenced modulation range and loop

stability in a direction difficult to predict.

The Cauer low-pass in the diagram has poles at 200 kHz and 400 kHz. It
is the result of exhaustive, computer aided simulations, many lab-tests

combined with the experience of "old foxes".

Finally the current-sensing resistor R40 and the output voltage limi-
ting diode V40 should be mentioned. The former is part of the already

described overcurrent protection circuit.

The development of the collector supply for the UHF power-amplifier was
the most difficult and resource-consuming stage in development. Maste-
ring the high currents, the associated EMC problems and the modulation
dependent control of the collector voltage gave rise to many unexpected
problems, in particular problems with nonlinear loop characteristics.

The gigantic current capability of the transformer module caused elec-
trical mayhem during development by melting down power diodes and even

destroying whole modules, luckily only the electronics suffered.

The realized version of the high current unit shows fig. 16.

Two such units are used in IN 490 (see fig. 13) to supply the total

collector-current.

Some specific EMC problems

As mentioned in the introduction, the complete VD 490 amplifier system,

comprising the UHF amplifier VO 490 H1 and power supply IN 490, is a
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piece of radiocommunications equipment and as such must meet the EMC

requirements of MIL-STO 461.

In this respect, the RF section VD 490 H1 caused few difficulties be-

cause potential EMC problems are well-known and could be anticipated.

In this way, all kinds of low-cost solutions were avoided. Working with
EMC problems shows the truth of the saying "You can't get something for
nothing" time and time again. High-quality feedthrough filters were al-
ways ugsed even though mounting these components did not facilitate the
production process. It goes without saying that coaxial cables and con-

nectors with a high shielding factor were used.

All this was checked using an "RF sniffer" and any leaks were "plug-
ged". for example, it was possible to increase "Rf-tightness" of the
1:4 splitter/combiners, which were mentioned before, beyond the requi-
red specifications by arranging a row of contacted-through holes along
the outer edge of the PCB. This was an EMC measure with a good cost/be-

nefit ratio.

Oue to the meticulous mechanical design, it was no problem removing the
"slot antennas" near the blower and the instrument's top-cover, the

only difficulty that was left.

It was much more arduous "taming" the spurious signals caused by the
power supply unit IN 490. You will recall the "4.5 kW 400 kHz medium
wave transmitter" 200 kHz apectra with unbelievable amplitudes conta-
minated the collector voltage, the supply line and practical all the
internal lines. It goes without saying that the RF spectrum was also

unacceptable.




As our development work waa far off-target, only a coordinated applica-
tion of a variety of meaaurea could rectify the situation. The most im-

portant steps are outlined in the following:

The high current unit PCB was redesigned in accordance with strict RF
design rulea. Apart from realisation of a central ground point, it was
particularly important to minimize the areaa enclosed by printed lines
and wirea carrying high currents.

The harmonica filter in the high current unit also had to be redimen-
aioned. 1 have already discussed the problems related to this topic.

Finally, the whole module had to be placed in a screening cage.

The supply transformer waa replaced by a version with a more effective
copper tape shield for the interfering frequencies between the secon-

dary and the primary side.

There waa no question that an efficient supply EMC filter was requi-
red. Commercially available filters alao turned out to be unsuitable on

one or more of the following grounds:

- Attenuation in the range 150 kHz to a few MHz
~ Dimenaions

- Current loading 35 Appe@ /ﬁ{: 75°C

None of the filtera on the market were able to comply with the last
point. However, aa the equipment can be powered from a 110 V AC line,

too, it was imperative that thia condition was met.
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When we started to deaign our own filter not only had we to keep to the
constrainta mentioned above but we alao had to comply with aafety regu-
lations (VDE) which are required by law. As far as the latter was con-

cerned, component selection was critical.

Both the EMC test to MIL-STD 461 and the aafety teat to VDE were paaaed

succesfully before batch production was started.



4. APPLICATIONS 4.2 Booster for any (low-power) exciter

As mentioned in the introduction, the amplifier (fig. 17) is of the ge-

neral purpose type. A few realized examples of the many possible appli-

cations are described. Preamp EPIN req.{ Driver : PA
|
Exciter ! :D+-[>——;[>——-
4.1 Extreme collocation conditions Po2 100mW | AGC | | £ b
N :
UHF Amplifier Unit VD490H1
L b
In a transmitter site with several 200 W UHF transmitters and a minimal VEE 28V fixed
PTT
antenna isclation of 20 dB, it was necessary to have a transmitter
backward IM rejection of > 140 dB for a transmitter frequency
Power Supply
separation of > 1%, if reception is not to be impaired. IN49O

r__—_] '!_—_——__—___———I
~% 2 pol

} X2 la,,: 208l | 22 cabity Q | | mmx }

| [l = ™0 ! { Fo221 VD490 X0432 ]

L ] : aq  S0BOI%Hy 3 45B }

The preamp (availasble as an option) is used for exciter output-powers

<7 W
Example: fyxq 300 MHz The PIN regulator, which is also available as an option, compensates
frx2 297 MHz for the output power frequency response of the exciter. Level adjust-
IM 303 MHz ment is only carried out after a frequency change (FC), this taking a
294 MHz few milliseconds when the PTT key is pressed for the first time. The
8tot = 8ant + 8fjlt + 83 + 8fjlt voltage for the AGC is stored digitally until the next frequency change
8ot = 20dB+ 40 dB + 45dB+ 40 dB = 145 dB takes place.

It is easy to see that this problem can only be solved using filters
and circulators.

Fig. 18 shows the final system /4/.
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4.3 40 kW EIRP UHF high-power transmiasion aystem 5.

CLOSING REMARKS

By combining all the components mentioned in this talk as shown in
fig. 19, one obtains a 40 kW EIRP UHF transmitter system, if an antenna
with a gain of about 10 dBi is used.

Transmitter systems of this kind are mainly used for military ECM/AJ
applications.

A Technical Information aheet which gives an in-depth trestment of the

system ia available /5/.
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This talk has dealt with the most important design considerations for a

800 W PEP UHF amplifier.

The practical realization of the circuits, and the associated problems
that were encountered during the development phase, were discussed

using a few selected modules as examples.

Meny interesting electricsl detsils, e.g. BITE (Built-In Test Equip-
ment), the modulator circuitry had to be left out, or could only be
discussed superficislly due to lack of time. The same is true for the
large mechanical parts, in particular in IN 490. Optimising the thermal
characteristics of the set-infrared thermography was used for the firat

time - would take up another lecture.

The applications described at the end of the talk were intended to em-
phasize the system-building and the general-purpose capabilitiea of the

amplifier.
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Fig. 5 UHF-Amplifier Module

Fig. 7 1:2 Wilkinson
Splitter/Combiner

Fig. 6 1:4 Wilkinson
Splitter/Combiner Fig. 8 200W Circulator
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Fig. 9 UHF- Harmonic Filter

Fig. 11 VD 490 H1, Driver side

A

~

Fig. 10 VD 490 Hl, PA-side Fig. 12 1IN 490, Transformer-side

31



- - |
v | Vee 8..28V/75A
B‘:
i : —_—
| HIGH CURRENT UNIT 9 :RRENT POWER CONTROL
|
|
: 200kHz_200kHz t ¢n :_l OVERCURRENT PROTECTION
| V) OISCHARGE o I
I | ~ - ‘ILOOkHz ! T, N
| g |
| ' I, ~
> cLOCK T2

AF

]

PWM =16
/ 400kHz

CLOCK
D—Tj;ﬁ:— OSCLLATOR /%/6 1
4MHz |_—

FREQUENCY

_‘
SEE FIG. 15 ¢ : | SENSE |
|
|
|
I
|
J

S

L POWER MODULE

Fig. 14 POWER MODULE BLOCK DIAGRAM

Fig. 13 IN 490 Converter-side

32

World DadioHictory)



wrr ung olle Rechte vor

Fur drese Unterioge behoNen

w

| A S | -] | / -]
TOP VIEW
S n
A o o
== J+¢] s = [#
BUZT VN§SAF !
a T T T T T Tawer . T 1
200kHz £33 d3n I
= I
(3 33 |
l
"
8 120 2.4pH 32 | -
| L gﬁ\_g —— 1r g - ox2
28 o1 _L::o L:n 2hpH ic:s J_c:s | J_fko 0.002 ! o
i 1 L Wow 100n B2Y93
] €25 0224 | C9R
i} R30 I
1
Lz Lz |
O 1M gy |
¢ J
I G 10
. - R9 3 Re1 b Re2 A Re3ch Res
— XN 1 R24
U
L e i x| * []..“ Topsvm: 100 Ll 100 U 100 U 10k ]
100 = - s
! R2 ] .-
D Bk vi2
3 & wies 12 3
.iﬂ
= -
Eg AR IRPR
o
_;3:7- ( 12 | v
] z3 VN66AF €43 10n
s, 113 & o
Sz R12 it
< vi3 = €42 10n
$Ew NGL&4S ——
E Ziaty V1§ €41 10n
s i VNG6AF —]—e
_3if -t R1
sigiéi:
SHET
h Ez;{ J
b T3 rs!
L /S| S N B O - S T
(: XX 1 w0 n 3 20 7 B W 5 5 7 ] 2 4 6
@ - ')
& « ] &
Q 2 ‘S 2 2 I~ 2 H 4 «
F 3 3 7 & 4 5 &8 & & o = g 4 4 g
- ‘
Tog Nome B R Biott-Ne
® Ses | 151206 [giBU HR | Gl o Fig. 15
ROHDE & SCHWARZ Gepr EE—.
Fa [ TEoe [ oown o B3| Tomem Datum_[Nome] Norm [2u Gerot _IN&90 reg vV 116209V [este 77114296




Figure 18 - 200W UHF T/R System for
high collocation demands
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Fig. 16 High Current Unit
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Fig. 17 VD 490, Front view
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DESIGNING FREQUENCY SYNTHESIZERS

Combining several frequency synthesis technologies with the well
known phase-locked loop (PLL) can result in wide-band,
phase-coherent, high-resolution frequency sources. Understanding the
possibilities and their technological relationship will produce sound

and economical designs.

Prepared for RF TECHNOLOGY EXPO-88
by CORNELL DRENTEA

HONEYWELL INC., HONEYWELL PLAZA
MINNEAPOLIS, MINNESOTA 55408
(612) 870-6658
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1.0 INTRODUCTION

It has been noted that most engineers who have not been intensively
involved with the design of frequency synthesizers during their
careers tend to use simplistic PLL’s when faced with frequency
synthesis. Although the PLL in its simplest form can be easily
understood (it will be assumed that the reader is familiar with its
basic concepts), it isn't an exclusive solution to all problems. In
addition, complex, high-resolution, fast-switching requirements over
wide bands can involve several forms of synthesis which if not
properly chosen can minimize results. Oversimplification of the
requirements or ill-developed system designs can even result in the
wrong technologies being used for the intended purpose. With several
forms of PLL’s and many other synthesizer forms available, each with
their own advantages and disadvantages, the designer is faced with
making instant decisions which could prove costly. This writer
believes that knowing what technology or combination

of technologies need be used in particular applications is as
important as circuit design, particularly when low phase-noise,

high-resolution/speed-coherent schemes are required.

This paper provides an overview of the available technologies and
their relationship, and, more importantly, shows how they can be used
together harmoniously. Because of time limitations, the paper will

not emphasize circuit details which can be found elsewhere in the
literature. Rather, it focuses on the relationship of the different
methods used, especially in complex RF signal processing for

communications and guidance.




2.0 DEFINING FREQUENCY SYNTHESIS

Frequency-locked and phase-locked loops have been used historically
in automatic frequency controls (AFC) and detectors. While, in these
applications, they are not commonly referred to as synthesizers
(because of the reference frequency being transmitted over the air as
a pilot or as modulation) these and other technologies have been used
recently in frequency synthesis of local oscillators (LO) in other RF
and digital signal processing applications. It is in this context

that we refer to frequency synthesis as a means of deriving discrete
frequencies from reference oscillators located within, or related to,
the user’s apparatus for the purpose of providing multiple, stable
clocks in digital systems, and also in LO injections to analog RF

signal processors involving heterodyning.

Frequency synthesis is defined as the process or processes through
which mathematically related frequencies can be created or derived
from one or more stable reference frequencies. This definition
includes but is not limited to the more simplistic (and inexact)
definition of frequency synthesis sometimes found in published
material which defines it as "the process providing a finite number

of frequencies, all equally spaced”.

3.0 SYNTHESIZER FORMS

Although it is impossible to do a total classification of frequency
synthesizers, | will discuss proven methods that produce results.

The classification will emphasize certain properties of synthesizers

which will make us understand when and how to use them collectively.
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Frequency synthesizers can be categorized in two major classes,

brute-force direct and indirect, and non-brute-force direct and

indirect, as shown in Table 1. Further classification is possible as

shown. For ease of understanding, the numbers in the table have been

keyed with the material in the text.

A brute-force direct synthesizer is usually used in applications

where several (mostly up to ten) frequencies are required. It is

defined as a process of deriving related frequencies by using
consequential frequency generation, such as in the case of
inherently-produced nonlinear products in mixers, or by using
intentional harmonic generation in frequency doublers, triplers, and
the like, and sometimes by simple digital logic division. The
brute-force direct synthesizer can be non-coherent, or coherent

(fully synthesized) depending on how the various processes use the
reference frequencies. The non-coherent synthesizer simply means that
the derived frequencies are the result of two or more reference
frequencies, each impacting the final stability and resolution
independently. A simple example of a non-coherent synthesizer is the
mixer type where independent crystal controlled LO’s can be combined
to produce new frequencies. By contrast, a coherent or fully
synthesized process derives all its outputs from a single reference
frequency. Thus, the outputs will be coherent with the

reference. (Note: A small out of phase relationship between the
reference and the output is acceptable within this definition). Full
synthesis becomes very important when the designer is trying to
achieve total coherence for all the local oscillators in a signal

processing system using several kinds of synthesizers. Knowing how




BRUTE FORCE

3.1

NON-BRUTE FORCE

3.2

DIRECT INDIRECT DIRECT INDIRECT
3.1.1 3.1.2 3.2.1 3.2.2
COHERENT NON-COHERENT COHERENT COHERENT NON-COHERENT COHERENT NON-COHERENT
3.1.1.1 3.1.1.2 3.1.2.1 3.2.1.1 3.2.1.2 3.2.2.1 3.2.2.2
- DIGITAL DIVIDER - MIXER OF DIFFERENT - INDIRECT HARMONIC - DIRECT DIGITAL ~ DIGITAL COUNTER/
3.1.1.1.1 REFERENCES Baflearlaf] o) SENONERENOWN COMPARATOR - MULTI-LOOP PLL
- ANALOG MULTIPLIER 3.1.1.2.1 3.2.1.1.1 3.2.2.1.1 WITH INDEPENDENT
3.1.1.1.2 - COMBINATION ST OCRED I O0F REFERENCES
- MIXER OF SAME OF MIXER WITH (PLL) 3.2.2.2.1
BRUTE FORCE 3.2.2.1.2

REFERENCE DERIVATE
3.1.1.1.3
~ COMBINATION OF ALL
ABOVE

3.1.1.1.4

3.1.1.2.2

SINGLE LOOP VARIABLE
3.2.2.1.2.1
SINGLE LOOP FIXED
3.2.2.1.2.2

MULTIPLE LOOP SINGLE

Table 1:

Logical classification of frequency synthesizers.
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MIXER PLL WITH
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3.2.2.2.2

REFERENCE
3.2.2.1.2.3
DUAL MODULUS
FRACTIONAL N
3.2.2.1.2.4
MIXER PLL WITH LO
DERIVED FROM REF
3.2.2.1.2.5
- FOSTER SEELEY
3.2.2.1.5
- COMBINATIONS OF
ALL ABOVE

3.2.2.1.6




to combine the diverse technologies is of paramount importance in

such a complex design case, as will be shown, later in this paper.

As shown in Table 1, most brute-force direct synthesizers with the
exception of the mixer type are coherent. The other two general
categories of synthesizers from Table 1 are the non-brute-force
direct and the non-brute-force indirect. Within the context of the
first category, we find the direct digital synthesizer (DDS) as a
coherent form (fully synthesized). The Foster Seeley discriminator
and the various single PLL's have been identified within the non-
brute-force indirect category as coherent types. They are called
indirect because they indirectly lock to a reference rather than

being used as direct products of a process as is the case with the
brute force-direct synthesizers. In addition, various multiple-loop
PLL’s with independent references, and the mixer type PLL when used
with an independent (not reference-derived) LO, have been classified
as non-coherent types within the same class. All proven synthesizer

technologies have been included in Table 1.

Additional techniques can be added to the table by using the same
concept. | will now briefly discuss each type of synthesizer from
Table 1.

31 BRUTE FORCE

3.1.1 DIRECT

3.1.1.2 NON-COHERENT

3.1.1.2.1 THE MIXER SYNTHESIZER

A good example of a brute-force, non-coherent synthesizer is the

mixer type as shown in Figure 1. In this example, two or more crystal
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oscillators are mixed in a certain mathematical arrangement to
produce new frequencies intended as LO injection for channelized
receivers, transmitters, or transceivers. This technique is rela-
tively inexpensive and has been used extensively by the CB and
maritime transceiver industry. It can also be found in simple
broadband local area network (LAN) modems, some microwave
communication systems, and radar/navigation equipment. The
non-coherent, mixer synthesizer can become coherent when the
reference is mixed with its own products and when used with other
coherent forms of brute force synthesizers, such as the
digital/analog divider type/or the harmonic multiplier. This is

shown in Figure 2.
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Figures 1 and 2 reveal that although relatively simple at first

glance, the mixer synthesizer requires special care in system

design. When designing such a synthesizer, it is important to

take into consideration the in-band, compounded mixer products
(created in the intermediate frequency (IF) chains from combined
mixing processes) which carry through the entire system and can
be very detrimental to the purity of the final outputs. Design tools
for predicting intermodulation distortion in mixers (product charts
and computer programs) should be thoroughly used. Only frequency
ratios which produce sixth order and higher distortion products
should be considered if at all possible, and the process should be
carried through the entire mixing chains much like in multi-
conversion receiver design. Information on predicting intermodulation
distortion in mixers can be found in several of the references at the

end of this paper.

Because of the multiple filters required and the shielding involved,

the seemingly simple mixer synthesizer can sometimes become a
cumbersome piece of equipment. Among its advantages are concurrent
parallel outputs (which can translate in fast switching without the
lockup characteristic of other forms of synthesis) and

straightforward implementation, if the system design is properly

developed.

Historically, the mixer synthesizer dates back to the prewar era
and is probably the first form of synthesizer ever developed. Its
use has diminished with the recent introduction of other forms of
synthesizers. However, the mixer synthesizer is finding renewed

use when combined with other forms of synthesis in complex hybrid
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frequency sources.

3.1.1.1 BRUTE FORCE-DIRECT COHERENT
3.1.1.1.1 DIGITAL DIVIDER

Relatively simple to implement, the digital divider can use any

of the logic families available to the designer today, depending

on the frequencies of interest. However, only the highest
frequency logic family required to satisfy the particular appli-
cation should be used, in order to keep the harmonic-rich square
waves from wandering into the sometimes sensitive RF signal pro-
cessing equipment. A combination of slow rise times, Schmitt
triggering, and analog filtering are often used to keep such effects
down. One-shots are usually avoided due to their nonsynchronous
nature and reliance on temperature dependent RC’s. Large-scale
integration (LSI) of synchronous counters can be easily implemented,

and is highly recommended.

The relative simplicity of digital division makes this
method of synthesis very attractive for brute-force synthesizers. On
the other hand, it can be noisy and hard to filter and should be

carefully implemented.

3.1.1.1.2 ANALOG MULTIPLIER

Straightforward analog multiplication is seldom used alone in
frequency synthesis. Exclusive use of multipliers is a sign of poor
design and should be avoided unless absolutely required, (exception
is the case of multiplied microwave synthesizers). A limited use of

multipliers when combined with other forms of synthesis is acceptable



as already shown in Figure 2. The design in this figure shows that
when properly combining dividers and multipliers with the mixer
synthesizer can result in new, powerful, brute-force coherent

synthesizers.

Further combining such synthesizers with direct-digital and/or fixed,
phase-locked loops can provide a solid foundation for designing

versatile, agile structures as we will discuss later.

3.1.2 BRUTE FORCE-INDIRECT
3.1.21 COHERENT
3.1.2.1.1 INDIRECT-HARMONIC

A coherent form of brute-force synthesis is the indirect-harmonic.
This type of synthesizer locks onto a selected harmonic of a

reference frequency, with the help of a variable filter as shown in
Figure 3 A, or a double mixing scheme and a fixed IF as shown at B.
While many variations of this synthesizer exist, one of its less

known applications has been invented by Dr. Barlow Wadley of South
Africa.
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Figure 3: A) Harmonic synthesizer using a variable, band-pass filter to
select multiples of the 1 MHz reference. B) Harmonic synthesizer using

a tuned oscillator in a double mixing scheme with a narrow-band IF.

This design, otherwise known as the Barlow Wadley loop, has been
commonly used in communications receivers until the recent introduction
of the phase-locked loop and can still be found in new applications.

The concept is so appealing that engineers have used it repeatedly.

The block diagram in Figure 4 shows the implementation of a Barlow

Wadley synthesizer in a HF communications receiver. One of the most



interesting features of the Barlow Wadley scheme is the drift
cancelling mechanism provided by the double mixing of a free running
oscillator (the MHz oscillator) as shown in the figure. A 1 MHz
reference oscillator generates LO markers at exactly 1 MHz intervals
anywhere between 3 to 32 MHz. The twenty nine harmonics are fed to
one side of a loop mixer, as shown. A separate free running variable
oscillator named the MHz oscillator generates frequencies between
55.5 to 84.5 MHz, and runs open loop. The output of this oscillator

is fed simultaneously to the loop mixer and the first mixer of the
receiver where it combines continuously with the incoming RF signal,
generating the 1 MHz-wide IF centered at 55 MHz. The signal
information which has a bandwidth of 1 MHz (54.5 to 55.5 MHz) is then
fed to one side of the second mixer. The other side of this mixer is

fed from the loop mixer through a narrow bandpass filter centered at
52.5 MHz. In this approach, the 52.5 MHz signal will only be true at
exactly 1 MHz intervals, as a result of the selective mixing process

which takes place in the loop mixer. This is shown in Table 2.
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Figure 4: A good example of indirect harmonic synthesis is the Barlow
Wadley loop. Stable receiver injection LO is synthesized in 1 MHz

steps from a 1 MHz reference. Despite the open-loop nature of the MHz
oscillator, any drift is cancelled automatically due to the double

mixing process.

The drift of the MHz oscillator is completely eliminated by the
subtraction process in the second mixer, providing stable synthesized

conversion for the second IF of the receiver.

The advantages of this synthesizer are obvious; simple circuitry

can provide many relatively wide and equally spaced frequencies
derived from a stable 1 MHz reference. The disadvantages are due to
harmonics of the reference oscillator being heard at the beginning

and end of each band, a phenomenon which can only be minimized

through extensive shielding of the stages and by locating the



harmonic generator as far away from the RF processing circuits as

possible.

MHz OSCILLATOR HARMONIC NUMBER OF LOCAL OSCILLATOR

FREQUENCY FREQUENCY SELECTED INPUT TO SECOND
(MHz) (MHz) MIXER (MHz)
55.5 3 52.5
56.5 4 "

57.5 5 "

Table 2: The math behind the indirect harmonic synthesizer process as

used in the Barlow Wadley receiver example.
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3.2 NON-BRUTE FORCE

3.21 DIRECT

3.2.1.1 COHERENT

3.2.1.1.1 DIRECT DIGITAL SYNTHESIZER (DDS)

A relatively new form of direct coherent synthesis, and probably the
most promising type of synthesizer implementation today is the DDS
(also called the numerically controlled oscillator, NCO). Its

concept is simple and effective.

It uses a digital binary adder to increment a preprogrammed constant
number representing a phase increment at several arbitrary points in
time over a 360 degree cycle. (Note: Some designs sample over
several cycles to keep spurious content down at the cost of higher
harmonics). Stored digital amplitude values representative of the
cycle are sampled every phase increment (the Nyquist criteria calls
for a minimum of two samples) from a read-only memory (ROM) and
then presented to a digital-to-analog converter which translates them
into a sine wave output. Low-pass filtering is used to attenuate
harmonics and some of the spurious products caused by the digital

switching.

The concept can be viewed as a wheel in a gear train which turns
continuously since the cycle repeats every 360 degrees due to digital
overflow. When a frequency change is required, a different gear ratio
is engaged with the transition keeping the new frequency in phase

with the old one. The block diagram of a DDS is shown in Figure 5.
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Figure 5: The concept of DDS is based on sampling amplitude values at
various points over a full-wave cycle of 0 to 360 degrees (sometimes
over several cycles). The number of sampled points can vary but can
not be less than the Nyquist rate of two. Once completed, the process
rolls over to 0 degrees, and repeats. Implementation is

sequential-parallel, digital-to-analog (D/A) conversion.

One of the biggest advantages of this synthesizer type is its ability
to achieve high-step resolution because of the sampling technique. In
addition, fast, coherent switching of frequencies is possible, which

in turn lends to frequency hopping and frequency-shift keying (FSK).
Problems usually associated with phase-locked loop settling

characteristics and, consequently, phase-noise components are
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virtually inexistent in this form of synthesizer, making it a design

choice expected to replace the PLL in the near future.

Contrary to popular belief, the limiting factor in this type of

synthesizer is not the speed of available digital-to-analog products,

but the rather poor, spurious performance of this technology when
approaching the higher switching speeds which is caused by the
so-called "glitch energy”. It is not unusual to find DDS implementa-
tions which incorporate RC and LC, low-pass filters in the switching
lines to reduce the spurious content. Today's state-of-the-art DDS has
reached practical frequencies of 130 MHz (300 MHz sampling rate) and
higher at resolutions of 1 Hz. The Honeywell HDAC51400 (used by the
DDS industry) is a good example of a high performance D/A technology
designed to meet the requirements for such high frequency DDS. Recent
developments in Gallium Arsenide (GaAs) DAC's are expected to push
this technology into the 400 MHz range and higher (1 GHz sampling
rate). Honeywell’s Solid State Electronics Division (SSED) is looking
at new ways of producing higher speed DAC's with reduced switching

noise content.

Low-spurious, DDS's can be manufactured to several megahertz. Judi-
cious use of this technology in combination with the phase-locked and
mixer approaches can make for cost-effective, multi-octave,
high-resolution synthesizers at up to the microwave frequencies. As
much as 60 dB of spurious attennation has been realized in such
high-resolution hybrid approaches. Figure 6 shows an example of how the

DDS can be used effectively to obtain high resolution in a single loop
PLL.
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Figure 6: A PLL which uses a DDS in its reference can achieve high
resolution and fast switching, with relatively small loop gain. The
phase-noise performance of such synthesizer can be superior over other

forms.

Today's DDS can provide phase-noise performance which exceeds that of
the PLL. A typical example yields -120 dBc at 1 KHz from the carrier.
Latch synchronization can be important. As previously stated, the
spurious content of a DDS is directly proportional to the DAC's

speed, and can be degraded if the system’s latches are not

synchronized with the reference as noticed in some of the published

designs. Prediction of spurious response for a DDS is primarily based
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on the so-called "image” frequency which is determined by the
reference frequency and its harmonics. Due to the Nyquist rate this
product is located at least one octave away from the highest frequency
output expected and should be greatly attenuated by the synthesizer's
low-pass filter. The mixing effects of this product can be attenuated

by the half-octave filters usually present at the input or output of

the RF signal processing equipment. As much as 80 dB of spurious
rejection has been observed in synchronized low frequency DDS's, while
as little as 40 dB of spurious rejection has been reported in VHF-DDS
systems. Today's DDS uses binary arithmetic inputs which make for
fractional reference frequencies which can not be easily derived from
even frequency reference oscillators (e.g. 4, 5, 10 MHz). Additional
translation which can take the form of a microprocessor is used if
binary-coded decimal (BCD) inputs are required. The popularity of DDS

synthesizers is expected to increase in the near future.

3.2.2 NON-BRUTE FORCE INDIRECT
3.2.2.1 COHERENT
3.2.2.1.1 DIGITAL COUNTER/COMPARATOR LOOP

One of the less known synthesizer forms, the digital counter/
comparator (not to be confused with the Digiphase @approach) is
defined as a coherent type. It is characterized as using the reference

of a high resolution digital counter and digital comparators to

correct the frequency of a VCO in closed loop. The locking mechanism

is achieved by activating an up/down counter connected to a D/A
converter through the greater than, less than, or equal outputs of a
cascaded comparator chain which constantly compares the VCO's output

frequency to a preset number. Consequently, fast-locking transitions




can be achieved with a "sliding effect” caused by the speed of the
steering counter. This effect can be useful in certain applications.
Because of the relatively large number of cascaded counters required
for high resolution this synthesizer type seldom exceeds four decades
of resolution. Consequently, the output frequency is open loop between
the steps, and simple frequency discriminators can be used in mixing

schemes to achieve final stability.

Among its advantages, this type of synthesizer achieves fast switching
with relatively low noise content. Its true digital nature makes it a
robust candidate for very produceable and reliable signal processors
without the problems usually associated with PLL's manufacturing.

Large-scale integration (LS!) is feasible and recommended.

3.2.2.1.2 THE PHASE-LOCKED LOOP (PLL)
3.2.2.1.2.1 SINGLE-VARIABLE

The PLL is defined as a coherent type synthesizer under the non-
brute-force indirect category. It uses phase/frequency comparison with
a reference to correct the frequency of a VCO in closed loop, a simple
concept which has many ramifications. The introduction of the PLL has
at least temporarily obscured many of the other forms of synthesizers.
Because of its apparent simplicity, the PLL has been viewed by many as
a solution to all frequency generation problems without a real
understanding of the new problems it created and its obvious
limitations. Among them, the phase-noise performance of the PLL has

been one of major concern. What is phase-noise?

Frequency stability is defined as the degree to which an oscillator

produces the same frequency throughout a specified period of time.

Every source has a certain amount of frequency instability which can
be broken down into two components, long-term and short-term
stability. Long-term stability refers to the frequency variations that
occur over relatively long periods of time, expressed in parts per

million per hour, day, month, or year. By contrast, the short-term
stability contains all discrete elements causing frequency changes
about the nominal frequency with a duration of less than a few
seconds. In a PLL, the long-term stability is assured by the reference
through digital loops and phase detectors. In a simple, single-loop
variable PLL, digital transients created in the dividing chains

combined with the noise sensitive phase comparators, and low Q VCO's,
can degrade the phase-noise performance characteristic of such system
directly proportional with its loop gain (the wider the loop, for

greater frequency coverage, and the smaller the reference, for finer
resolution, the greater the problem). The loop filter which is usually
intended to keep transients from entering the VCO lengthens the
switching time of the synthesizer and a compromise low-pass function
results with poor phase-noise performance. With these contradictory
requirements, the problem of wide-band, high resolution can only be
solved through the application of multi-loop PLL’s with improved phase
detection, higher references, and switched VCO's for higher Q's. In
addition, hybrid designs are often used involving all other forms of

synthesizers.

Despite its inherent problems, the single-loop variable-PLL has been
considered a solution for many other problems. Some overly enthusi-
astic articles have publicized unrelated synthesizers using, for
instance, frequency-to-voltage detectors in mixing schemes as

phase-locked, a mistake which shows the belief that the PLL is viewed



by many as a replacement for all other types of synthesis. Other
published material on the subject go so far as to mention the

obsolescence of the brute force methods described earlier.

Such is not the case. While the PLL can offer great versatility, it is
far from perfect and can not be used by itself except in simplistic
applications. On the other hand, unless the DDS is improved from a
spurious performance point of view, many forms of synthesizer
technologies will still be combined to produce superior results
especially when high-resolution, fast-switching parameters are

required.

Low-reference, single-variable PLL's are practical in digital clock
generation with relatively unpretentious phase-noise performance. An
effective implementation of such phase-locked loop is shown in

Figure 7.
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Figure 7: Design of a single loop, digital, variable PLL with a
reference/resolution of 1 KHz. Such design can be used in digital

systems requiring clock generation.

This simple digital PLL can work in any frequency range within the
specifications of the Motorola part MC 4024 (typically up to 24 MHz
with the indicated part, or up to 85 MHz with the Texas Instruments
545124 part). The capacitor C is chosen from the linear region of the
Motorola specifications at 77% of the highest required locked
frequency (a fact not usually found in the literature). Control over

the range is then possible over the remaining range.

In addition to its digital applications, the single-loop variable PLL

has analog applications in RF signal processing when the step



resolution is increased to large frequency values, say 10 MHz or 1

MHz. With such high reference frequencies, simple, single-loop

variabie PLL's have been used extensively in signal processing and
communications equipment. The phase-noise performance of these PLL's
is outstanding by comparison. However, while the first conversion of
such equipment is usually PLL synthesized in 1 MHz steps, the fine
tuning and beat-frequency oscillator (BFO) functions usually remain
open-loop because of the major design complexity encountered to

achieve high resolution-full synthesis.

A typical example of a synthesized/open loop system is shown in

Figure 8.
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Figure 8: Typical example of not-fully synthesized frequency scheme in
a receiver. While a 500 KHz step and high Q VCO's are selected with a
PLL, the high resolution is obtained from two open-loop sources

through a mixer type synthesizer.
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3.2.2.1.2.2 SINGLE-LOOP FIXED

The single-loop fixed PLL can be considered as a variation of the
single-loop variable PLL. Its use is somewhat limited to simple
digital applications. Of much more importance is the single-loop
fixed PLL when used in special applications at VHF frequencies. The

example in Figure 9 shows an ideal implementation of such a PLL.

its output can be used either for frequency multiplication in
microwave frequency generation or divided down as a fixed LO
injection especially in fully synthesized systems. Our example uses a
simple crystal-controlled 88 MHz series resonant Colpitts oscillator
to guarantee initial start-up almost on frequency before locking
occurs. The output of the osciflator is amplified and converted to an
ECL level to be divided, first by eleven and then eight, producing a

1 MHz, fifty-percent duty cycle digital signal which is compared with
the 1 MHz reference.



i

Figure 9: A single-loop fixed PLL at VHF. Such synthesizer is very
practical if used in coherent high-resolution synthesizers,
multiplier-type synthesizers for microwave frequency generation,
divided down for BFO injection, or simply as fixed injection in

fully synthesized frequency schemes.

Simple, exclusive-OR phase detectors can be used with this
synthesizer as long as the fifty percent duty cycle of the divided
digital signal is maintained. Although this paper will not deal

with the many types of phase detectors available (full explanations

are available in the references), the point to be made is that the
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designer should use the best phase detector for the particular
application. For the situation at hand, it would be a mistake to

chose one of the more elaborate phase detectors which would provide
locking over several“’s. Since the crystal oscillator is

guaranteed to start almost on frequency, it will always be within

the capture range of the much simpler, exclusive-OR phase detector
w).

The design shown is typical of fixed phase-locked sources oper-
ating at up to 140 MHz. The limitation of such design is the
fabrication of overtone crystals at the VHF frequencies. This
method of synthesis is particularly useful when fixed loops are
required in coherent, multi-loop synthesizers. The phase-noise
performance of this synthesizer is excellent and has been measured
at better than -70 dBc/Hz at +/- 100 Hz from the carrier.
Discrete spurious products are usually 60 dB below the carrier, or

better.

3.2.2.1.2.3 MULTIPLE-LOOP, SINGLE REFERENCE

The requirement for fine-resolution PLL's by using high

frequency references has been achieved through multiple-loop
designs. In addition, deriving references for the various loops

from the same crystal oscillator to maintain coherence in systems,
has taken advantage of brute-force digital dividers and single-loop
fixed PLL's. To obtain the required resolution, other forms of
synthesizers, such as the brute-force mixer, and the DDS have been
used in conjunction with the PLL. Consequently, complex synthe-
sizers have resulted. A good example of such synthesizers is the

famous dual-loop Collins (Rockwell International) approach shown in



Figure 10 for which a patent has been issued. In this approach,

high resolution is achieved through the use of two relatively
high-frequency references which have been coherently derived from
the same TCXO. They have been chosen such that when the two PLL
outputs are subtracted from one another in a mixer, their final
resolution is determined by the delta frequency between the two

references, in our case 100 Hz.
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Figure 10: A dual-loop synthesizer provides high resolution and
relatively fast switching. The references which are derived from

the same crystal oscillator are 10 KHz and 9.9 KHz

respectively. The resolution is obtained by subtracting the two VCO
outputs and consequently their references in a mixer-type

synthesizer.
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Figure 11: Deriving the two reference frequencies for the dual-loop
synthesizer, from a 4 MHz TCXO. A combination of brute-force and

fixed PLL forms are used here.

Until the recent introduction of the DDS, the multiple-loop PLL
synthesizer has been used extensively in wide-band, high resolution
synthesis in receiver and transmitter design. Although some of the
loops have been recently replaced with the DDS, the multiple-loop

synthesizer remains the choice of designers for high resolution.

3.2.2.1.2.4 DUAL-MODULUS (SWALLOW TECHNIQUE)

When a PLL synthesizer is designed for VHF or UHF frequencies,
programmable dividers can not be used directly. Direct program-
mability over the entire range of a VCO operating at frequencies
beyond the capabilities of conventional counters can be achieved
through the dual-modulus (P/P+1) prescaling process (also known as

the swallow technique). The process is usually implemented in ECL



technology. Dual-modulus counters allow the division ratio to be Assume the dual-modulus values P and P 4 1 are the numbers 20 and 20
changed under logic control swallowing of one or two pulses from the + 1 = 21. If N is divided by the P modulus, the resulting quotient is
total train of pulses provided by the VCO in a loop. To understand the n program value and the A program value in the remainder.

this technique, refer to Fi 12 and the followi xplanation.
is technique, refer to Figure 12 an e ing explanation N/P = 30,004/20 — 1500 and remainder of 4

Free 2
Skt ¢ ‘ ~J Fo=150.020 n = 1500 A=4
Mva The key to the operation of this synthesizer is the P 4+ 1 function of
the dual-modulus prescaler. If the above value for n and A are
programmed into the synthesizer, the loop will perform in the
<n —P/Pey following manner:
f The P/P+1 divider is initially set up to divide by 21 and will output
l CcOnTRO a pulse to the divide-by-n counter as well as to divide-by-A counter
Losic for every 21 pulses it receives. Since divider A is programmed to
l 1 divide by 4, this cycle will continue for another three times (each
- cycle equals 21 VCO pulses at the P/P+1 counter), at which time
—e A divider A outputs a command (count of four) to the control logic
0 which instructs divider P/P+1 to change the divisor to P = 20. This
PRocrAM change is executed and an inhibit signal is fed back to the divider
(ﬁ » "f) A, preventing it from any further count until the total cycle is
repeated. Meanwhile, divider n which has already counted to four,
Figure 12: The dual-modulus approach. . . .
continues to receive pulses from divider P/P41 at a ratio of 20:1.
Assume that an output frequency (Fo) of 150.020 MHz is expected with After the remaining 1496 pulses have been received (1500 - 4),
a reference of 5 KHz. From the simple phase-locked loop equation divider n finally outputs a pulse to the phase comparator as well as
Fo=FrxN, to the control logic which resets all counters and the process
Then: repeats. It can be seen from this simple explanation how the swallow
N = Fo/Fr = 150.020 x 10 Hz/5 x 10 Hz terminology was born. To check the math involved, use the following
= 30,004 equations.
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This expression shows that fo can vary in fractional increments of

N=(P+1A+(n-AP the reference frequency by varying M. This is implemented through a

GLDES LY fractional phase value which is added to the phase detector’'s output
Then: 30,004 = (21 x 4) + (20 x 1496) as shown in Figure 13.
Various division ratios such as 5/6, 8/9, 10/11, 15/16, 32/33, 40/41, o
64/65, 80/81, 100/101 and 128/129 are available in ECL technology RF:: ~ o
] |
operating at frequencies exceeding 1 GHz. YS Fo
]
N
~ {n E'FR(FlNVt ;.T\!;.l
A
3.2.21.2.4 DIGIPHASE@AND FRACTIONAL-N l ) fuLse
=Ny ReEMoVveER
Alternatives to the multiple-loop synthesizer are the Digiphase @ <ARRy
and the Fractional-N approaches. They achieve high resolution with a 0 A cCU MULATOR]
relatively high-frequency reference. Although this paper will not go 0
into detail about their workings (ample information is available in N2
the references), resolutions of 1 Hz have been achieved with Figure 13: Fractional-N synthesizer approach.
references of 100 KHz by using these techniques. The fractional-N
synthesizer is basically similar to the Digiphase (7) approach, 3.2.2.1.2.5 MIXER PHASE-LOCKED LOOP WITH SAME REFERENCE
except that it is more like the traditional PLL. The rational behind
the fractional-N approach is as follows. If it was possible for N to When the dual-modulus or fractional-N approaches are not economically
take on fractional values, the output of a PLL could also be changed practical, or the VCO frequency is so high that there is no digital
in fractional increments. Because fractional division is not possible component available to perform the prescaling operation, the
with standard digital dividers, a different mathematical approach has mixer-PLL is used. An implementation is shown in Figure 14.

to be adopted. By dividing the output frequency by N + 1 every M
cycle, and dividing by N the rest of the time, an effective division

ratio function would become:

fo= (N 4+ 1/M)fr
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Figure 14: The mixer PLL synthesizer is used to eliminate VHH/UHF

prescalers, but limited frequency coverage results.

The mixer PLL approach has the advantage of allowing the use of
conventional counters without VHF/UHF prescaling (or other
techniques) fact that makes for economical PLL’s. An important
advantage of this synthesizer is the possible mathematical reversion
of "N” due to the mixer subtraction mode which in turn improves the
loop dynamics. On the negative side, the second input required by
the mixer needs to be derived from the reference frequency, a
sometimes difficult task. Although an attractive solution in certain
applications, only a limited, loop bandwidth is possible with this
approach. The mixer PLL can be used in conjunction with all other

forms of synthesizers.
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3.2.2.1.5 FOSTER SEELEY DISCRIMINATORS

As previously mentioned, Foster Seeley and ratio detectors have been
used in FM demodulators and AFC's. Judicious use of such circuits can
help achieve coherent fine tuning in many forms of synthesizers as we
have seen in the digital/counter comparator example. Although digital
forms of discriminators exist, the operation of analog detectors is
usually based on the vector sum of two rectified voltages created
across an inductor. One of the voltages is 180 degrees out of phase
from the input signal, while the other is only be 90 degrees out of
phase. The vector combination of the two, after being filtered, can

be used in a feedback circuit of other forms of synthesizers, usually
through a mixing process. Quick response, and limited range are the

primary characteristics of this form of synthesis.

3.2.2.1.6 COMBINING COHERENT SYNTHESIZER FORMS

Today, practical high-resolution full synthesizers combine all the
coherent brute-force and non-brute force types to achieve fast
switching and low-phase noise. The experienced designer will mix
technologies such as to take advantage of the various properties of
the different techniques explained here in order to derive all
frequencies from a single reference. Shown in Figure 15A is an
example of an earlier approach to a full synthesizer required for a
general coverage HF transceiver with a first IF of 75 MHz and a
second of 9 MHz. Several of the technologies presented here have been
used. For example, the dual-modulus PLL, the mixer PLL, the
fixed-loop PLL, and the various brute-force approaches involving the

mixer and the digital divider can be recognized in the design.
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Figure 15A: A coherent high-resolution synthesizer for an HF Figure 15B: A better approach to the high resolution synthesizer as

communications system with first IF at 75 MHz and the second at 9 MHz developed by the author. Considerably smaller loop gains are realized
involves several of the synthesizer forms previously discussed. The for improved phase-noise performance with the use of a DDS as a
large loop gains realized in the PLL's are responsible for relatively variable reference.

high phase-noise content despite the use of VCO presteering. When designing complex synthesizers such as the one shown in Figure

15B, loop gains should be kept small. Although this rule was

implemented to some extent in Figure 15A, a better design was realized

56



by taking advantage of the DDS in the reference frequency of a
variable loop PLL as shown at B. In addition, a high reference
frequency was used to achieve fractional loop increments which

resulted in the final high resolution.

However, a new mathematical problem was introduced into another area
of the design, namely the synchronous generation of fractional

reference from the 4 MHz standard. This reference was derived through
a fixed small-loop PLL and through specially chosen binary divisions.
The final design shows clearly how several technologies have been

combined.

The above discussion points out that the design of a complex
synthesizer is not a simple task when one considers the mathematical
and practical impacts of changing various elements in favor of others.
Impractical mixing ratios, or uneconomic and sometimes unrealizable
prescaling requirements, combined with fractional reference
requirements in DDS’s, can easily send a good engineer back to the
drawing board several times before a good compromise is achieved.
While loop behavior can be modeled accurately through computer
programs, predicting phase-noise performance through analysis can be

inexact and sometimes frustrating.

More often, as in the case of large projects, the designer views the
synthesizer as a specialized piece of equipment for which there is no
time to design. As various vendors of general purpose synthesizers are
approached, a choice is usually made based on knowledge of the
requirements at the time. Understanding the technologies presented
here can help in choosing the right products and eliminate costly

mistakes.
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3.2.2.2 INDIRECT-NONCOHERENT
3.2.2.2.1 MULTI-LOOP PLL, INDEPENDENT REFERENCES
3.2.2.2.2 MIXER PLL WITH INDEPENDENT REFERENCE

There are instances when full synthesis in a high-resolution multi-loop
synthesizer is not a requirement or can not be achieved. Although the
various loops remain coherent in parts of the design, the extra effort
required to derive all frequencies from one reference is not viewed as

a goal primarily for economic reasons. In such cases, references are
generated at will through various oscillators resulting in non-coherent
indirect approaches. Such designs show up in various multi-loop and
mixer PLL’s in which the references or mixer inputs are simple crystal
oscillators chosen at random. There is nothing wrong with such
approaches as long as the designer follows good RF system design
procedures. Special care is needed in the choices of numbers such that
frequency sources will not fall in the bandpass of the signal

processing scheme. In addition, using multipliers of crystal

oscillators to derive fixed injections for mixers should be avoided
because of their inherent phase-noise multiplication. Careful choice of

technologies will pay off in the long run.

Sometimes it is more economical to design a fully synthesized system
than a non-coherent type. Complex analysis of trade-offs is then
required since it is much harder to design a fully synthesized

frequency scheme than one with random references.
3.3 CONCLUSION

This paper was written for the RF or digital engineer faced with the

task of designing or specifying frequency synthesizers. It presents a



new methodology for defining, combining, and implementing various forms
of synthesizers. A key part of this methodology is the designer’s
responsibility of distinguishing between specific coherent and
non-coherent applications and applying the technologies accordingly. If

properly used, the methods presented here will produce sound results.
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FREQUENCY SYNTHESIZER CONTRIBUTIONS TO
TRANSMITTER NARROWBAND SPURIOUS EMISSIONS
by
Douglas J. Hughes
Senior Engineer
IIT Research Institute

185 Admiral Cochrane Dr.
Annapolis, MD 21401

ABSTRACT

An investigation was conducted concerning the narrowband spurious
emigsion impact of a small, but representative, number of military
communications transmitters and transceivers upon the electromagnetic
compatibility (EMC) of colocated receivers. Each transmitter analyzed
incorporated an indirect frequency synthesizer using phase locked loop
oscillators. The synthesizer designs were detailed, and various sources of
spurious emission signals were identified. Comparisons of these designs
against applicable measured spurious emission data revealed that six
synthesizer subcomponents contributed to spurious emissions: oscillators,
mixers, frequency multipliers, frequency dividers/prescalers, intermediate
frequency amplifiers, and phase detectors. Synthesizer designs featuring a
voltage controlled oscillator (VCO) operating at the transmitter output
frequency were found to have less spurious emission impact on colocated
receivers, as scored using the IEEE EMC Figure of Merit (FOM), than those

featuring heterodyning of the VCO output to the operating frequency.
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INTRODUCTION

Experience over the 27-year history of the Department of Defense
Electromagnetic Compatibility Analysis Center (DoD ECAC) operations in
Annapolis has shown that the task of assigning frequencies for deployments
involving many communications-electronics (C-E) equipment must be approached by
first considering the colocated equipment. Once the constraints associated
with colocated equipments have been identified and appropriate frequencies have
been assigned, the assignment process for the remaining equipments is greatly
simplified. An automated analysis model (1) has been developed to aid in the
assignment process for these colocated C-E systems. It is empirically based
and includes assignment constraints based upon the following large-signal
interactions: receiver crossmodulation/desensitization, receiver spurious
responses, receiver intermodulation, transmitter noise, transmitter
intermodulation, and transmitter narrowband spurious emissions. Development of
this analysis model has been continucus for the past 20 years.

Efforts to categorize the sources of narrowband spurious emissions from
frequency synthesized transmitters and lessons learned from them are the

subject of this presentation.

SCOPE

A review of current-generation C-E systems involved with EMC analyses at
ECAC revealed that the frequency determining source within all but single-
frequency transmitters and receivers is a frequency synthesizer. A few

crystal-controlled systems are still being built, but the advent of inexpensive




large-scale-integration (LSI) integrated circuits has made the frequency
synthesizer increasingly popular.

The subject of frequency synthesis is broad and beyond the scope of this
paper. Excellent references (2-7) are available for the interested
researcher. Frequency synthesis may be defined in the most general sense as
being a system where circuitry operates on one or a few oscillators to produce
many outputs that are different from the original frequencies. Wwhile frequency
synthesis has many virtues, it can introduce design problems. The greatest of
these problems are undesired narrowband outputs and poor noise performance in

all but the best designed systems.

FREQUENCY SYNTHESIS (This section is condensed from Reference 4)

Frequency synthesizers are generally divided into two types: direct and
indirect. A direct synthesizer is one using frequency mixing and
multiplication with appropriate filtering to achieve the desired output.
Indirect synthesizers utilize phase-locked loops (PLL) with voltage controlled
oscillators. There is overlap between the two types. In fact, most modern C-E

systems have synthesizers that incorporate a combination of both designs.

Direct Synthesis

The direct synthesizer generates a number of fixed, stable fregquencies by
multiplication, division and mixing of a reference signal. Precision reference
oscillators are often at a frequency of, or near, S MHz because of commercial
availability and desirable crystal oscillator stability properties in this

frequency range. For example, the reference frequency might be divided to
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1 MHz and then multiplied to 3 MHz and 27, ... 36 MHz as required. One of the
frequencies from 27 to 36 MHz is selected and mixed with a fixed 3 MHz signal.
The resulting sum frequency is divided by 10 and, in the process, the variable
digit is shifted from MHz values to 100 kHz values. The output of the divider

is approximately 3 MHz, so the scheme can be repeated indefinitely.

Indirect Synthesis

The PLL synthesizer, in effect, multiplies the reference frequency by a
variable number. It does so by dividing a voltage-controlled oscillator (VCO)
output frequency by that variable number and adjusting the output frequency so
that, after division, it is equal to the reference frequency from a stable
crystal controlled oscillator. A simple loop is shown in Figure la. Under
conditions of lock, the two inputs to the phase detector have a constant phase
relationship and must, therefore, have the same frequency. The output

frequency, Foyp, must therefore be

Fout = NXFref

If the output frequency increases, the frequency out of the divider (#N)

will exceed Frog, the phase difference will increase, and the phase-detector
output will decrease. The tuning voltage to the VCO will result in a decrease
of the output frequency, thus countering the frequency increase that began

the sequence. The loop filter is present to suppress undesired components
produced in the phase detector so that they do not cause unacceptable

modulation on the VCO. The loop filter has an important effect on



noise suppression, on acquisition of lock, on response speed, and on loop
stability.

The mathematical control-system representation of the loop is shown in
Figure 1b, The variable at the output is frequency. This is divided by N and
subtracted from Fref. The difference frequency is inteqrated, which is shown
in Laplace notation as division by s, to give phase difference. The phase is
converted to voltage in the phase detector. K¢ expresses the ratio of voltage
to phase. The phase-detector output voltage is multiplied by the loop-filter
transfer function Gy p(s), and the resulting voltage controls the frequency of
the VCO. The ratio of frequency to control voltage is given by Ky. There is a
one-for-one correspondence between the blocks in Figures 1a and 1b except that
the phase detector (PD) in Figure 1a includes the frequency-subtracting
function and the two PD blocks shown in Figure 1b. Thus, the voltage from the

phase detector is proportional to the phase difference,

REF ~ °s)’ (2

vp = 1(° €]

which is related to the frequency difference:

Vo = K, JF gat-] F.dt )

~ X, ) (FL¢ - F) at
(3)

Figure 1c shows some modifications of the hlock diagram that are common in

practical synthesizers. None of these, in itself, changes the mathematical
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representation. The same basic loop could operate at a higher output frequency
if the output were mixed down to the original frequency, thus leaving the
values of N and Fpq¢ unchanged. This frequency offset is not shown in the
mathematical representation which is concerned only with response to a change
from steady state and not with constant offsets which only affect steady state.

Often the reference frequency will be derived from a higher frequency
basic reference oscillator by division. ‘This divider (M) usually need not be
included in the mathematical representation.

A digital-to-analog (D-A) converter may be included, as shown, to coarse
tune the VCO to approximately the correct frequency in order to increase speed
somewhat or to aid in acquiring lock. Once again, this is an additive signal
and may not appear in the mathematical representation. However, if the
response to a change in D-A output were being analyzed, this change would be
shown as a step in voltage injected after the phase detector.

Synthesizer output spectral purity far from spectral center is basically
that of the VO and, sufficiently close to center, is that of the reference
multiplied up to the output frequency. Care must be taken to keep broadband
noise in the loop components from corrupting the VCO spectrum. Grounding and
shielding are of great importance here, since low frequencies can frequency
modulate the VCO if added to the tuning voltage. It is particularly difficult
to suppress discrete sidebands separated from the output frequency by the
reference frequency. Sidebands due to local low-frequency signals, such
as power supply frequencies, are also difficult to suppress, While a
few significant sidebands may appear relatively close to spectral center,

the output of the PLL synthesizer will be relatively clean far from spectral



center. PFirst, the discrete sidebands are primarily at multiples of the
reference frequency and tend to fall off at least 12 dB/octave of separation
from the spectral center.2 Secondly, whereas the direct synthesizer output is
basically that of a multiplied crystal oscillator and therefore reaches a
low-level plateau of noise at fairly small frequency offsets, the VCO noise of
the PLL synthesizer continues to diminish quite far from the spectral center
and finally reaches a plateau that is relatively low both because of the higher
power in the oscillator and because it is not multiplied. The subject of VCO
noise is adequately addressed in the available literature, including references

4 and 8-11.

SPURIOUS EMISSION SOURCES WITHIN FREQUENCY SYNTHESIZED TRANSMITTERS

The designer, or the EMC analyst who is predicting spurious emissions from
synthesized transmitters, is advised to consider a multitude of potential
sources. Because of the variable frequencies involved in the synthesizer as
the output frequency is generated, the resulting spurious emission frequencies
will often not experience a one-to-one frequency change relationship to changes
in the output frequency. Hypothetical spurious emission sources within the
synthesizer are detailed in the subparagraphs to follow. Note also that these

same sources can be sources of spurious responses in a synthesized receiver.

Oscillators
The two oscillator types found in frequency synthesizers are the WO and
crystal controlled reference oscillators. The inductor-capacitor (LC)

free-running oscillator is almost never found in a synthesizer because of
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stability problems. A third oscillator type that is sometimes used in
microwave and electronic warfare transmitters is the surface-acoustic wave
(SAW) oscillator. It may be treated the same as a crystal oscillator for the
purpose of spurious emission predictions.

The fixed frequency of a crystal or SAW oscillator can usually be
determined by review of a C-E system block diagram. The tuning range of a VCO
can likewise be determined from the block diagram. Each oscillator, unless
carefully shielded, can potentially couple to transmitter driver and output
circuitry to generate spurious emissions.

Oscillator noise may also require consideration. (8-11) The VCO is
perhaps the most critical noise source in a PLL synthesizer. 1If it is
spectrally clean, having very low phase noise, it may be controlled with a
narrow bandwidth PLL with no compromise in overall noise performance. The
major limitation will then be response time. A noisy VCO may be "cleaned up"
with a PLL. If controlled by a low division ratio loop, it will be stabilized
and the spectral purity of the reference will be transferred directly to the
output for spacings within the loop bandwidth.

The best VWO designs are those with the smallest tuning sensitivities.
This, of course, leads to a restricted tuning range. The overall range is then
expanded by one of a number of methods. One is by switching reactances into
the circuit. An additional method to achieve both large tuning range and good
oscillator noise performance is to use several switched WO's to cover the C-E
system tuning range.

The designer or EMC analyst is advised to consider VCO tuning range as a

function of the range center frequency as a measure of the amount of VCO noise



to be expected in the transmitter output. The general rule is that the smaller

the tuning range (higher Q), the lower the oscillator noise level will be.

Mixers

Frequency heterodyning is the primary source of non-harmonic spurious
emissions. A mixer is used to combine signals at two different frequencies to
arrive at a third frequency that is desired to be at the sum or difference of
the two input frequencies. 1In actuality, the output of a mixer contains all
combinations of sums and differences of the two input frequencies and their
harmonics due to the nonlinear characteristics of the mixer. Stated

mathematically:

Fsg = P Fro+4q Fyp (4)

where

Fgg = frequency of the spurious emission output, in MHz

Flo = frequency of one of the mixer inputs, usually a local
oscillator (LO), in MHz

Fyp = frequency of the other mixer input, often an intermediate
frequency (IF), in MHz

P,d = any integer, including zero, denoting the arithmetic sign and
harmonic number of the nonlinear mixer response to Pro and

Fip, respectively.

The order of the mixer spurious emission is:
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order = |p| + |QI 53

and denotes the coefficient number wu.u exponent value of the power series
nonlinear term contributing the applicable mix.

Bandpass filters are used following mixers to pass only the desired mix
from Equation (4). The effectiveness of the filter determines which undesired
products result. The EMC analyst or designer should assume that any of the
Equation (4) mixes could potentially be present at a transmitter output unless
measured data are available to prove adequate attenuation due to bandpass

filters.

Frequency Multipliers

Frequency multipliers are used in transmitters to generate a signal at an
integer multiple of an oscillator or intermediate frequency. They are circuits
driven or biased so that significant harmonic distortion occurs. A filter at
the output is used to select the desired harmonic output while suppressing the
others as well as the driving input signal.

The filtering requirements at the output of a multiplier may be reduced
considerably through the use of balance in the circuit. A balanced frequency
doubler is essentially a traditional full-wave rectifier circuit with an RF
choke at the output to short the DC output component to ground. The
suppression of the fundamental driving input is limited by the diode matching
and transformer symmetry, with values of 40 dB being realized with careful
construction. (4) The usual circuits employ hot-carrier diodes. A virtue of

this circuit is the broadband response. It is useful in some applications with



no output filtering if the presence of high-order even harmonics is not
objectionable. However, some filtering is often useful. Even a single
resonator will produce a surprisingly clean output. The circuit has a typical
loss of 7 to 9 dB and requires an input drive power sufficient to overcome the
diode turn-on voltages.

Frequency triplers or even quadruplers may be built with transistors.
Single devices with suitable output filters may be used. Alternatively,
balance may be employed to suppress some of the output components.
Multiplication beyond a factor of 4 or S per stage is generally not recommended
with transistors.

High-order frequency multiplication is most often performed with varactor
diodes, or step-recovery diodes. The step-recovery diode is a junction device
with large amounts of charge storage. The fundamental driving signal will
forward bias the diode over part of the operating cycle. As the input polarity
reverses, the charge stored in the diode does not disappear immediately. When
the driving polarity reverses, current continues to flow just as if the device
were a resistor. However, when the stored charge is finally "swept out” of the
junction, current ceases. The sudden decrease leads to a large output voltage
of short duration., The pulse is very rich in harmonics. The output voltage
pulse results from driving the diode with an inductive source.

The output of a step-recovery diode multiplier may be filtered to achieve
a desired frequency. The filter must generally be of relatively narrow
bandwidth owing to the high order of multiplication employed. Step-recovery-

type multipliers are well covered in Reference 6.
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Numerous other methods are available for frequency multiplication. All of
them will degrade the phase noise characteristics of the source. The designer
and EMC analyst should assume that any or all of the undesired frequency

multiplier harmonics could potentially generate spurious emissions.

Frequency Dividers

The advent of inexpensive LSI digital dividers has greatly affected
synthesizer designs. It has made frequency division feasible. Programmable
dividers have been produced commercially that perform well at input frequencies
in the hundreds of MHz. The highest-frequency digital dividers operate at
input frequencies in excess of 1,000 MHz but function only as fixed dividers,
or prescalers, with no logic inputs. An arbitrary number of dividers may be
cascaded to produce very low frequency outputs. They may also be programmed to
divide by any integer number over quite a large range.

Fixed dividers, or prescalers, that are used ahead of programmable
dividers have been found to be sources of spurious emissions. These dividers
usually operate at frequencies in the hundreds of MHz and have outputs in the
tens of MHz., Unless carefully shielded, the prescaler outputs can couple to
other transmitter circuitry and be transmitted directly or else frequency
modulate the WO. The prescaler output is rich in harmonics; therefore, all

harmonics should be considered by the designer or EMC analyst.

Intermediate Frequency (IF) Amplifiers

Intermediate frequency amplifiers find application in frequency



synthesizers whenever the WO output is heterodyned to a different frequency
before being divided and compared with the reference. Figure 1c illustrates
such a case. This IF is an additional frequency that is present within the
synthesizer and that must be considered as a spurious emission source. It will
change frequency with a change in the operational frequency. Review of the
system block diagram will allow determination of the IF as a function of
transmitter output frequency. &An IF amplifier usually follows a mixer;
therefore, undesired mixer products will also be present and amplified unless
the IF bandpass filtering is adequate., Bquation 4 may be used to determine if
unwanted mixer products may fall within the IF amplifier passband. If so,
these products, in addition to the IF, must be considered as potential sources

of spurious emissions.

Phase Detectors

There are numerous circuit types that find application as phase detectors
in frequency synthesizers. They include: balanced modulators, balanced
mixers, high-speed samplers, exclusive ORs, flip-flops, sample-and-hold
devices, and phase-frequency detectors. The most popular phase comparing
integrated circuits are of the phase-frequency type. They use two edge-
triggered flip-flops and a gate to generate a digital signal that contains a
number of pulses proportional to the phase difference between the two input
signals. The detector output filter removes the pulsing waveform while
retaining the average direct current value. This DC signal is the error

voltage used to fine tune the VWCO.
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All the phase detector types contain outputs that are rich with
harmonics. A lowpass filter is required to attenuate these harmonics to
prevent them from frequency modulating the VCO. None of the filters are
perfect devices and harmonics of the reference frequency will be present on the
VCO output at reduced levels. These carrier sidebands must be taken into
consideration when doing an EMC analysis unless the reference frequency is low
enough to restrict the sidebands to within a few tenths of a percent of the
carrier frequency. Receivers are rarely assigned to operating frequencies this

close to the operating frequency of a colocated transmitter.

Harmonics
Spurious emissions at frequencies that are an integer multiple of the
transmitter output frequency (harmonics) are always present at various levels

dependent upon the effectiveness of the transmitter output filtering.

DATA AVAILABILITY

Measured spurious emissions data were obtained for seven transmitter
nomenclatures that each feature a PLL synthesizer as part of the design. The
data recorded from the 50-ohm, closed-system tests were the frequency of each
emission and a corresponding power level, in units of dBm. The selected
samples are used to show the significant sources of spurious emissions. The
seven transmitters were the: AN/ARC-159, AN/ARC-164, AN/ARC-182, AN/PRC-124,
AN/WSC-3, AN/WRT-2, and AN/GRC-144. TABLE 1 lists the manufacturer, frequency
coverage, output power capabilities, nomenclature date, quantities of test
samples, number of tuned frequencies tested and synthesizer figure number for

these seven communication systems.




TABLE 1

COMMUNICATIONS TRANSMITTERS/TRANSCEIVERS EVALUATED

Frequency Nomenclature Output Number Number Synthesizer

Nomenclature Coverage Manufacturer Date Power of Test of Tuned Figure
(MHz ) (Watts) Samples Frequencies Number

AN/WRT-2 2-32 Westinghouse 1959 1000 1 3 4
AN/ARC-159 225-400 Rockwell /Collins 1972 10 2 3 5
AN/GRC-144 4400-5000 ITT 1973 0.25 2 4 6
AN/WSC-3 225-400 E-Systems 1974 100 1 1 7
AN/ARC-164 225-400 Magnavox 1978 10 3 7 8
AN/ARC-182 30-88 Rockwell/Collins 1979 10 3 3 9

108-174 10 3 6

225-400 10 3 5
AN/PRC-124 30-88 Rockwell/Collins 1984 5 1 2 10
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The data were obtained in order to evaluate the relative significance of

the seven hypothetical spurious emission sources.

DATA REDUCTION TO CATEGORIZE SOURCES

The measured spurious emissions data were evaluated to determine sources
within each transmitter that generate significant spurious emissions. The
measured power levels were also evaluated in order to determine if an analytic
model could be developed that would be superior to the log-normally distributed
statistical power level model presented in Reference 1. Several steps were

involved in this categorization process.

Transmitter Block Diagram

Block diagrams were obtained from technical manuals or from ECAC project
personnel for the geven transmitters studied. Each oscillator, mixer,
frequency multiplier, frequency divider, IF amplifier and phase detector that
could potentially generate spurious emissions was identified. Operational
frequencies of each potential source were identified and compared to the
measured spurious emission frequencies. The measured spurious frequencies were
readily correlatable with the identified sources. TABLE 2 summarizes which
sources were present within each of the seven transmitter types. Each

identified source was found in at least three of the seven.

Multiple Test Samples
As indicated in TABLE 1, data representing more than one serial number

were found for four of the seven analyzed transmitter types. The gpurious
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emission gources and relative levels were confirmed by evaluation of data for
the multiple test samples when available. The spurious emission sources were
generally found to be independent of serial number. Some variations in
levels, measured for the same spurious emission, only from a different

transmitter sample (same nomenclature), were found.

Multiple Test Frequencies

Six of the seven transmitter types analyzed were tested at multiple
operating frequencies. This allowed the data to be examined for spurious
emission source level variations with tuned frequency. A particular source was
found to have a fairly constant output level in the transmitters containing
broadbanded transmitter driver and amplifier filtering. These transmitters
were the AN/ARC-164 and AN/ARC-182. The effects of filtering in the remaining
transmitters may be examined, with the exception of the AN/WSC-3. Only one
AN/WSC-3 operating frequency (272.6 MHz) was tested; therefore, the
effectiveness of the AN/WSC-3 voltage-tuned bandpass filters cannot be
determined without additional data taken for other tuned frequencies. However,
most of the measured spurious emissions for the AN/WSC~3 were found within 10
MHz of the operating frequency. This implies some filter effectiveness.

Large standard deviations (> 8 dB) from mean values (in dBm) were found
for most measured harmonic spurious emission rejection levels. This suggests
that a log-normal distribution statistical model is inadequate for harmonic
level predictions. BAdditional analysis of harmonic attenuation features of
transmitters is planned in order to predict harmonic EMI power levels more

accurately.




TABLE 2

SPURIOUS EMISSION SOURCES PRESENT IN THE SEVEN TRANSMITTERS ANALYZED
(X Indicates Presence of the Source)

Transmitter Nomenclature
Spurious Emission
Sources AN/ARC-159 AN/ARC-164 AN/ARC-182 AN/WSC-3 AN/WRT-2 AN/GRC-144 AN/PRC-124

Oscillators

Crystal X X X X

vCo X X X X X
Mixers X X X X X
Frequency Multipliers X X X
Frequency Dividers/ X X X X

Prescalers
IF Amplifiers X X
Phase Detector X X X

Reference Frequency

and its Harmonics
Harmonics X X X X X X




Large standard deviation values were also found for the AN/ARC-159,
AN/WRT-2 and AN/GRC-144 transmitter nonharmonic spurious emission levels as a
result of multiple tuned frequencies. This suggests a need to add transmitter
tuned filter effects to allow prediction accuracies better than the Reference 1

log-normal spurious emission model.

Synthesizer/Driver Design Categorization

The transmitter block diagrams were used to categorize the synthesizer/
driver designs. It was discovered that each design could be assigned to one of
three broad categories as a function of the PLL synthesizer voltage controlled
oscillator (VCO) frequency and its relationship to the transmitter output

frequency. These categories were as follows:

Synthesizer
Category Feature
A The VCO output is at the transmitter output
frequency.
B The VCO output is mixed with a second oscillator
to arrive at the transmitter output frequency.
c The VCO output is multiplied and then mixed with

a second oscillator to arrive at the transmitter
output frequency.
A fourth category is obvious for future study. It is the case where the
VCO output is multiplied to arrive at the transmitter output frequency. No
measured data was found for transmitters representative of this category. It
is known that the synthesized versions of the AN/GRT-21 and AN/GRT-22 RIVIT
SWITCH transmitters fall into this category "D"; however, only crystal

controlled versions of these transmitters have been measured to date.
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Spurious Emission Figure of Merit (FOM)

The measured data were used to calculate an in-band, an out-of-band, and a
composite spurious emission FOM score for each of the seven transmitters. The
methods of Reference 12 were used. This method is used to score the EMC FOM of
transmitter spurious emissions with scores that range from below zero to above
100. A volunteer panel of EMC engineers derived the scoring method so that the
worst transmitter they reviewed received a zero or lower score and the best
received a score of 100 or greater. The method was derived so that a score of
S0 would represent an average transmitter. The lower the FOM the more a
colocated receiver would be impacted by spurious emission EMI and the more
assignment channels would be denied. Reference 12 also presents FOM scoring
techniques for other receiver/transmitter EMI characteristics, such as:
intermodulation, adjacent signal, spurious response, and transmitter noise.
Only the spurious emission FOM was applicable to this study.

In order to determine the FOM, all closed-system measured spurious
emigsions in given frequency ranges that exceed a -70 dBm level are counted and
their measured levels, in dBm, are averaged. The out-of-band and in-band
frequency ranges are shown in Figure 2. A small excluded band is allowed
around the tuned frequency where measured spurious emissions are not counted.
The reasoning is that receiver adjacent signal EMI interactions would dominate
spurious emission interactions at these small frequency separations.

The FOM calculation is stated mathematically as:

Sggr = 170 - Pggr - 80 (6)

(1.08)NSEI



Sgpo = 170 - Pggo - 80 (7)
(1.08)"'SEO
and
Ssg = (Sggr *+ Ssgo)/2 (8)
where

Sggr = in-band FOM score

Nggr = number of in-band measured spurious emissions found to
exceed -70 dBm

Pggr = the average spurious emission level (in dBm) for all
in-band sources found to exceed -70 dBm

Sggp = out-of-band FOM score

Nggo = number of out-of-band measured spurious emissions found
to exceed ~-70 dBm

Pgpp = the average spurious emission level (in dBm) for all out-
of-band sources found to exceed ~70 dBm

Sgg = average FOM score.

The FOM calculation results for each transmitter are summarized in
TABLE 3. It is obvious from the in-band FOM scores that category A synthesized
transmitters generate fewer significant in-band spurious emissions than do the
other two categories. Those transmitters featuring a low-pass harmonic filter
at the output have higher out-of-band FOM scores than those that do not. The
high AN/GRC-144 FOM scores are due to the excellent transmitter output

filtering designed into the unit.
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TABLE 3

SUMMARY OF TRANSMITTER SPURIOUS EMISSION FOM SCORES

Synthesizer s s s
Transmi tter Category SEI SEO SE
AN/ARC-159 c -15.6 57.0 20.7
AN/ARC-164 A 45.2 104.4 74.8
AN/ARC-182
30-88 MHz A 80.5 45.4 63.0

118-174 MHz A 92.9 42.4 67.7

225-400 A 24.5 66.9 45.7
AN/WSC-3 B -25.7 69.1 21.7
AN/WRT-2

Bands 1-6 B 35.2 10.2 22.7

Bands 7-12 [+ 0.6 -22.6 -11.0
AN/GRC-144 C 89.8 131.7 110.7
AN/PRC-124 B 69.7 104.6 87.1

Spurious Emission Frequency Model

The output frequencies of all spurious emission sources analyzed in this
study could be described by a linear equation as a function of the transmit
frequency and of constant oscillator frequencies. The Reference 1 model for
spurious frequency determination was found to be adequate for all spurious
emission types presented. Each source frequency was identified by a linear

equation of the following form.

FSEi,j - Ai'j Fj + Bi'j ,» MHz (9)



where

FSEi,j = Ensemble of i spurious emission frequencies from
transmitter j
Fy = Operating frequency of transmitter j, in MHz
Ai'j = Unitless constant

Bi'j = Constant, in MHz

Due to space limitations, the individual spurious emission frequencies and

levels categorized are not presented here.

Spurious Emission Level Model

A refined model resulted that used empirical methods to estimate
transmitter driver and final amplifier selectivities rather than circuit
analysis. The model was similar to the log-normal level model of Reference 1
with the exception that additional rejection terms would be added to account
for selectivity. Mean and associated standard deviation rejection levels would
be assumed at a point prior to filters in the transmitter, and the total
rejection would be the sum of the spurious emission rejection and any filter
rejections. Figure 3 is a simplified presentation of the model. The number
and types of inter-driver stage filters are estimated from transmitter block
and schematic diagrams. The selectivity functions for each filter are to be
represented by simple low-pass, high-pass, or bandpass functions, as
applicable. Multiple measured tha points are required in order to estimate

the various attenuation and rejection functions required by the model. Limited
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modeling efforts, for the AN/ARC-159 and AN/PRC-124, have shown expected
improvement over the Reference 1 mean value model. The standard deviations of
predicted values from measured values were approximately half the value for the

original (Reference 1) model.

RESULTS AND CONCLUSIONS

1. A majority of the transmitters involved in EMC analyses at ECAC
utilize PLL frequency synthesizers for frequency control.

2. Transmitter PLL frequency synthesizers, unless carefully designed,
generate a significant number of narrowband spurious emissions at significant
power levels resulting in low spurious emission FOM scores.

3. Frequencies of narrowband spurious emissions may be determined based
on the transmitter configuration as shown in a system block diagram.

4. The power levels from individual in-band narrowband spurious emission
sources are fairly consistent (within 6 dB) between serial numbers and
independent of tuned frequency for transmitters with broadbanded driver
filtering.

5. Tracking narrowband filters, in the driver stages of transmitters so
configured, apply greater attenuation to modify the large frequency separation
spurious emission levels, suggesting that the emission sources are located
prior to the filtering.

6. All the potential narrowband spurious emission sources hypothesized as
being present within synthesized transmitters were found to exist within three

or more of the seven transmitter types analyzed. These sources were:

Warldi




Oscillators

Mixers

Frequency Multipliers

Frequency Dividers/Prescalers
Intermediate Frequency Amplifiers
Phase Detectors

Harmonics

7. Simplified empirical spurious emission frequency and level models were
developed. They are given in Figure 3.

8. PLL frequency synthesized transmitters have improved spurious emission
characteristics if the synthesizer voltage controlled oscillator {(VCO) operates
at the transmit frequency. Synthesizers with VCO frequencies that are
heterodyned to the transmit frequency have more significant spurious emissions.

9, Statistical variations found for transmitter harmonic levels suggest

that an accurate harmonic level model is not feasible without additional study.
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A FREQUENCY AGILE BPSK DEMODULATOR
By
R.D. Roberts
Staff Engineer
Harris Corporation
Government System Sector
Communication Systems Division
MS 1-5855
Box 91000
Melbourne, F1 32902

ABSTRACT

This paper describes a frequency agile BPSK demodulator
which results from embedding a frequency synthesizer inside a
Costas loop. The resulting receiver does not use an IF stage and
is suitable for use in a system where all frequency generating
sources can be phased locked to a common reference signal. An
example of such a system would be a broadband local area network.
The step response of such a configuration is investigated.

INTRODUCTION

Traditionally, demodulation of BPSK 1is accomplished using
either a Costas 1loop or a squaring loop. Both of these methods
generally work best at some IF frequency since the carrier
recovery loop wusually has a narrow tuning range. If the
demodulator itself were tunable over a given frequency band than
a cost savings could be realized by the omission of the IF stage.
For example, such a demodulator would be useful in a RF modem
designed for use in a broadband local area network, where the
signal dynamic range is relatively small and signal to noise
ratios are generally very good.

The approach shown in Figure 1 achieves frequency agility in
a BPSK demodulator by incorporating a frequency synthesizer
inside a Costas demodulator loop. The synthesizer forms a minor
control 1loop while the Costas demodulator forms a major control
loop. This configuration is feasible as 1long as all frequency
generating sources in the system are phase locked to a common
reference. Figure 2 shows how this concept can be utilized in a
two cable broadband local area network.
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A HEURISTIC EXPLANATION

Referring again to Figure 1, one can see that the frequency
synthesizer loop (encompassing loop filter H2) 1is perturbed by
the Costas loop. In principle, the Costas loop is introducing a
static phase shift in the frequency loop filter as explained
next.

Figure 3 is a simplified block diagram of the synthesizer
control loop. The loop is considered locked to a static reference
input if the signal to the loop filter (out of the phase detector
Kp) is zero. Unless this condition is true, the output of the
loop filter will slew in such a manner as to reduce the filter
input signal to zero.

If the voltage V (referring to Figure 3) is zero, the loop
locks with zero phase difference between the reference signal and
the output of the divide-by-N counter since there is no offset
current injection. If the voltage V is changed to a non-zero
value, the resulting current flow at the summing junction of the
loop filter will cause the output of the loop filter to slew in a
direction necessary to reduce the summed current flow at the
filter input to zero. The steady state phase of the oscillator
will be such that the phase error signal at the output of the
phase detector cancels the offset current due to the voltage V.
Thus, the phase of the oscillator can be shifted by a static
amount while still maintaining the same frequency.

We next consider the phase error output of the Costas loop
(from the IxQ multiplier shown in Figure 1). This phase error
signal can conceptually replace the voltage V of Figure 3. The
Costas phase error signal must first pass through an integrator
(loop filter Hl) so that a means is provided to establish a fixed
voltage input to the summer prior to loop filter H2 (Figure 1).
The output of loop filter Hl is proportional to the phase error
between the incoming signal (scaled by a factor 1/N) and the
reference signal, while the output of 1loop filter H2 is
proportional to the frequency error between the VCO (also scaled
by a factor 1/N) and the reference signal.

Referring once again to Figure 2, it can be seen that since
the frequency synthesizers in both modems A and B use the same
reference source, frequency coherency can be guaranteed (provided
the synthesizers are tuned to the same frequency) with the phase
being randomly distributed between plus and minus 180 degrees
(i.e. a function of the propagation path length). Thus, rapid
phase acquisition can occur once the synthesizers have settled
(i.e. the synthesizer loop bandwidth is significantly greater
than the Costas loop bandwidth).




ANALYSIS

Figure 4 can be used to analyze the performance of this
demodulator. The outer loop formed by the signal path through
both H1 and H2 1is a major control loop while the inner loop
comprised of just H2 forms a minor control loop. There are two
inputs to the demodulator, the incoming BPSK carrier that will be
demodulated (8i) and the reference signal to the frequency
synthesizers (8r). We can make use of the fact that all the
synthesizers on the system are slaved to the same reference
frequency and relate the two signals as

er(s)=(ei(s)-¥(s))/N

The use of this relationship will transform the control loops
into a form that has feedforward compensation from the input 6i
to the minor control loop. The net result is a third order
control loop with feedforward compensation. Figure 5 illustrates
the resulting control loop model.

Using the techniques of major/minor control loop analysis
with feedforward compensation (Ref. 5), the state equations can
be derived and a simulation model for a phase step input can be
constructed as shown in Figure 6. The simulation parameters are
given in terms of physical constants (defined in Figure 4) as:

A0 = 2KOKp/T1T3

Al = 2(T2+T4)KoKp + KoKp
T1T3 NT3

A2 = 2KoKpT2T4 + KoKpT4
T1T3 NT3

BO = 2KoKd4d/T1T3

Bl = 2KoKd(T2+T4) + KoKp
T1T3 NT

B2 = 2KOoKdT2T4 + KOKpT4
T1T3 NT3

Z1 = KoKp/NT3

22 = KoKpT4/NT3

A closed form solution for these state equations has also
been generated (Ref. 5) but it is too involved and is beyond the
scope of this paper. (The final results from the two techniques
are identical). Comparison of predicted and measured results from
hardware consistantly corresponded within about 10 percent.
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CONCLUSIONS

A frequency agile BPSK demodulator can be built by embedding
a frequency synthesizer inside a Costas 1loop. The resulting
configuration forms a third order control loop with feedforward
compensation and can be analyzed using major/minor loop analysis.
The frequency control 1loop (the minor loop) provides frequency
coherence with the incoming signal while the Costas type loop
(the major 1loop) provides phase coherence. As 1long as all
frequency sources are phase locked to a common reference signal,
the system will provide statisfactory demodulation of BPSK data
without the use of an IF stage in the receiver. The 1loop
parameters can be adjusted to provide the desired step response.
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A GHZ RF MODULATOR WITH HIGH ON/OFF RATIO
by
Seymour N. Rubin
President
SR ASSOCIATES
1553 N. Commonwealth Ave.
Los Angeles, CA 90027
INTRODUCTION
Applications for high data rate high freguency RF modulators are
become more common. One such application is the driving of
acousto-optical modulators and deflectors. These devices

require power levels ranging to 1-2 watts and frequencies

extending into the 1-2 GHz region.

The system described here used off-the-shelf RF components.
This provided flexibility and rapid design. Proprietary
acousto-optical modulator matching techniqgues allowed the use of

standard devices without having to compensate for mismatches.

Pulse modulation of RF signals in the 1-2 GHz range with data
rates from DC to over 250 MHz was achieved. These signals were
clean with excellent power on/off ratios at high PRFs and 1 ns
rise and fall times. As described, the output power was 1.6
watts though by using other output amplifiers a wide variety of

power levels could be achieved.

Even though the design was conceived for use with an acousto-
optical modulator, its excellent performance would allow use

wherever fast modulation of GHz signals is required.
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BLOCK DIAGRAM

Figure 1 presents a block diagram of the demonstration system
showing the major elements and the RF levels present at each
node. The configuration was optimized for switching operation,

that is, the output signal either full on or full off.

RF was provided by a 1.2 GHz oscillator though any +14 dBm
source could have been used. Series mixers were used to
provide the required on-off ratios. The modulation input signal
was split into 2 channels to drive the mixers. The phase
relationship between the modulation inputs to the two mixers and
their RF inputs was set by adjusting cable lengths in the two
channels. This phase relationship and the RF levels to each

mixer were key to the success of the design.

The RF from the oscillator drove the first mixer through an
isolation and level setting attenuator. The output of this
mixer was sent through an attenuator and an isolation amplifier

to set the optimum drive level for the second mixer.

Output from the second mixer fed a driver amplifier through
another level setting attenuator. The driver output was split
into two channels, each with a high-power, wide-band amplifier.
The signals from the high-power amplifiers were summed by a
power combiner to provide the RF output. An attenuator in one
channel matched the saturation output level of the two

amplifiers so that optimum power output was achieved.



MODULATION INPUT LEVELS
Setting the modulation input signal at a +1.4 volt transition
from a +0.2 volt baseline resulted in a +0.3 volt peak pulse

from a +0.075 volt baseline at the mixer inputs.

These optimized levels were important to the on-off performance
of the system. The non-zero baseline at the mixers was adjusted
to compensate for mixer offsets and imbalances and provided

maximum carrier attenuation for no modulation input.

SYSTEM PERFORMANCE

The system performance was measured using a 250MHz pulse
generator with 1 ns rise and fall times at up to 5 volts output
into 50 ohms as a source and a sampling oscilloscope with 100
picosecond rise time to observe the response. The duty factor

was set to 50% and the pulse train was un-interrupted.

Designing a system of this nature required consideration of
several key parameters: rise and fall times, on-off (or
extinction) ratio, pulse aberrations, maximum modulation rate
and power output. Several of these parameters are shown in

Figure 2 which is a composite photograph of the RF envelope.

The rise and fall times of the envelope measured from Figure 2
were less than 1.2 ns. The extinction ratio was more than 25 dB
below the peak at 2 ns after turn-off and more than 30 dB below

thereafter. This was true for all measured modulation rates.
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Pulse top aberrations were less than +/-10% and were somewhat
dependent upon the modulation rate. As a result, there was a

slight envelope amplitude variation with modulation frequency.

Figure 3 demonstrates that the amplitude change with modulation
rate was minimal. It shows the envelope characteritics at
various modulation rates. Note that the extinction ratio
performance was good to at least 250 MHz. At that rate, the

envelope stays more than 20 dB below the peak for 0.9 ns.

Peak power output was measured at 1.6 watts from DC to over 250
MHz. Higher power could be achieved either by using different

amplifiers or by adding more of the same type in parallel.

RESPONSE IN AN ACOUSTO-OPTICAL SYSTEM

To predict the response of an Acousto-Optical (AO) modulator to
the pulses generated by this system, a sine squared function of
the voltage was computed. This was done because AO modulators
respond to power and approximately conform to the sine squared

function. Data from Figure 2 was used in the calculations

It was assumed that the pulse modulated RF signal would drive
the AO modulator to its maximum response point. A plot of
linear and sine squared rise times is shown in Figure 4. It is
seen that the 10-90% rise time was 1.18 ns for the linear
voltage plot and 0.82 ns for the sine squared response. The

overshoot was 7% for the linear case.



Wwhen the rise time of the modulating signal is taken into
account the calculated voltage rise time is 0.63 ns. However,
since there were nonlinearities in the mixer, this result may
not be totally accurate. 1t is evident, however, that the rise
time would have been less than 1 ns if a sub-nanosecond drive

signal were available.

A similar process was used to plot the fall time. This is given
in Figure 5. From this data it is seen that the 10-90% fall
time was 1.07 ns for the linear waveshape and 0.7 ns for the
sine squared function. This plot also shows that the extinction
ratio was quite good. At 3.5 ns after the 90% point on the fall
time, the envelope had dropped more than 30 dB below peak. At

2.5 ns it was 25 dB below the peak.

SUMMARY

A high speed RF modulation method with high on-off ratios, fast
modulation rates, fast rise times and low pulse aberrations has
been demonstrated. Though the system was developed for~use with
acousto-optical modulators its speed and flexibility offer

advantages for many other applications such as data

communications or diode laser modulation.
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Figure 1l: System Block Diagram
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Figure 2: Composite photograph of the RF output envelope. Figure 3: Waveshapes at various modulation rates: (a) 10 MHz.
(c) 100 MHz. (d) 250 MHz.
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FILTER DESI@N TECHNIQUES
USING PERSONAL COMPUTERS

Michael K. Ferrand
Senior Microwave Engineer
Microlab/FXR
Ten Microlab Rd.
Livingston NJ 07039

ABSTRACT

Intelligent design and layout along with careful documentation can
take the mystery out of microwave filter design. Two program listings are
offered to speed design of elliptical and cavity filters. In addition
discussion on design techniques is given.

The Microwave Filter

The ubiquitous microwave filter, often the systems designers after
thought plays a major role in every part of todays communications
equipment. From the HAM radio to a complex ECM pod, filters are used to
shape, discriminate or combine signals. The types of microwave filters are
as varied as their uses. The huge variety of technologies and techniques
makes microwave filters one of the most complex and often misunderstood
parts of todays microwave systems. Filters, like the other components in
systems have continued to shrink in size over the years. The advances in
low-noise semiconductors have allowed engineers to replace large high Q
cavity and waveguide filters with relatively low Q devices with lumped
element or distributed components. As we look to the future, filters will
become integral parts of sub-systems in an effort to reduce parts count and
enhance reliability. Incorporation into MMIC's is expected before the end of
this decade.

The 1950's saw,the advancement of filter theory and techniques. Point
by point measurements using slotted lines and crystal detectors were used.
Filters were often aligned with hammers and screw drivers and thus was
born the "Guru" who seemingly coould make these parts work as if by magic.
In the next two decades we enjoyed the use of swept measurement
techniques and tuning could be done in "Real Time". Many of the novel
techniques of the 1950's were made common place by advancements in
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manufacturing techniques. The1980's saw filters being aligned with the help
of computers. Instant information on S-Parameters and circuit analysis
became available on desk top computers. The 1990's and beyond will no
doubt see filters created in the foundry. Their capacitors, inductors and
lengths of transmission lines incorporated into MMIC's. The next generation
of computer programs must provide not only more accurate element models
but account, and compensate for circuit parasitics. Only with the advent of
this "intelligent” software give us the ability to produce these parts on such
a scale.

As we look back at the evolution of microwave components we see the
human element involved. Time and time again the success failure of a
project may hinge on this "guru” who could perform their magic with a razor
blade or knife. This leaves projects vulnerable to the health, punctuality and
temperament of this person. Often they may feel that their talent ( and not
sharing its secrets ) gives them job security and leverage in performance
reviews. In reality this attitude benefits no one. By sharing such knowledge
with your co-workers you extend your worth to the company. Often steps
must be taken to insure the repeatability of a design regardless of the
personnel involved. Some of the ways to reduce the problems trying to
repeat a design are as follows:

Documentation: Complete manufacturing drawings, procedures and notes
from the engineer, technician and assembler.

Electrical Data: Charts, graphs and point to point data will be useful the
next time the job is done.

Sample Unit: Although not always practical, its good to have an extra
working unit.

Enter, The Computer

With the advent of the personal computer, programming has been
taken from the realm of the computer scientist and handed to the engineer.
Filter design which was once the domain of the slide rule and graph paper
has become a fast and accurate on a PC. For an established engineer being
"computer literate” is a benefit, for a beginning engineer it's a must! Most
PC's available today come packaged with at least the BASIC language but as
one looks to the software market a cornucopia of languages are available.
Basically all computer languages contain the logic statements necessary to



perform elementary math functions, conditional testing, looping, formatted
input/output. Thus the choice of which language is used depends largely on
the users preference for the syntactical differences. The four languages that
are in the greatest use in the engineering environment are FORTRAN,
BASIC,PASCAL and C. Since much of our programming is going to be math
intensive the extent of the mathematical functions supported by the
language may be a factor. Only FORTRAN will directly support complex
numbers and PASCAL and C do not include XY. These minor differences are
easily compensated for by user defined functions. It is usually assumed that
the person using the program has familiarity with it and the type of design
they are attempting. A person entering design parameters that are wrong can
only receive results that are wrong, recall the axiom "Garbage In, Garbage
Out". Engineering programs are notoriously "User Un-Friendly" and usually no
thought is given to the range of acceptable values. Given a limited set of
input values one can create algorithms that work quicker and more
accurately.

The Design Examples

Two design examples are given to show the usefulness of the self
written programs to the working engineer. While the designs and programs
shown are certainly not "State of the Art" they do represent practical
applications of existing design information. The program listings (in BASIC)
will be available at the RF Expo Show.

EXAMPLE | Elliptical Highpass Filter

This example shows the usefulness of a unique design approach for a
ultra-wideband highpass filter.

Passband: 1-18 GHz.

Stopband: > 60 dB at 0.5 GHz. ( must provide D.C. block )
Passband Insertion Loss: < 1.0 dB

Passband VSWR: < 2.0:1

This filter was design by using the program ELLIP.BAS. The design
criteria are entered and the program caiculates the element values. The
fiter is constructed with capacitively coupled sections of 50 Ohm
transmission line. The inductor/capacitor combination gives the
transmission zeros to complete the elliptical circuit.
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The capacitively coupled sections are constructed by using a teflon rod
through the centers, each section being threaded on the rod. The capacitor
are formed by using teflon spacers to form the dielectric separating the
lengths of transmission line. The needed spacing is calculated by the
following formula:

Cpf *a

Spacing (ins.)= —
2246 * er

where: Cpf is the desirad capacitance in picofarads.
a is the total area of the capacitor plates

er is the dielectric of the insulator { 2.1 for tefion )

The traps are formed by a series inductor-capacitor combination to ground.
It was important to keep inductor lines ( high impedance sections ) as short
as possible. Line lengths must be less then 1/4 wavelength up to highest
passband frequency. To provide good performance to 18 GHz. line lengths had
to be kept less then 0.164 ins. The shunt capacitors were standard value 25
mil. chips. Chips were soldered into the housing, then after completing
assembly the inductor wires were attached.

The actual response for a production unit is shown at the end of the
article. This unit shows insertion loss of < 0.6 dB. to about 17.5 GHz.
increasing to 0.9 dB. at 18 GHz. Stopband attenuation at 500 MHz. was
measured with a spectrum analyzer and found to be 63 dB. The return loss is
typically better then 12 dB. until about 17.5 GHz. The passband and return
loss degrades rapidly above 18 GHz. as the line lengths approach 1/4
wavelength.

Example Ii. Quadraplexer Filter

This example shows the use of a common type of microwave filter in a




rather unusual application. Four signal bands are to be filtered and combined
to form a single wide band signal for processing. The requirements for the
bands are as follows:

Band t  7.700 - 10.225 GHz.

Band 2  10.450 - 12.875 GHz.

Band 3  13.000 - 15.525 GHz.

Band 4 15.700 - 18.225 GHz.

Cross-over points: 10.3375, 12.9375, 15.6125 GHz.
Insertion Loss over passband: < 4.0 dB.

Stopbands: > 60 dB @ X-Over +/- 15%

2 60 dB. from D.C to 7.25 GHz.

2 60 dB. form 20.0 to 26.5 GHz.

This design used the program INTCL.BAS to design the 4 separate
interdigital filters. Bands 3 & 4 required 19 sections, Band 2, 21 and Band 1
23 sections to achieve the desired response. In addition to this a lowpass
filters were attached to the ends of the filters outputs to provide harmonic
rejection and signal combination. A partial schematic is shown below:

BONEEN §

The complete design of this filter was inordinately complex so each
fiter was design separately as was the filter/combining network.The
input-output ports of the filters were realized by selecting tap points on
the first and last resonators. The exact position of these "tap" points was
accomplished by use of a vector network analyzer. The design of the
prototype unit allowed the resonators to be shorted at the end. With the
first post shorted a zero phase reference was set. Then the first tuning
screw was moved away from the short. A bandwidth measurement was made
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to determine the range over which the phase changed 180 degrees. The
loading or "Q" bandwidth is determined by:

1 1
Q= G, * Bandwidth %out Gn * Bandwidth

where: Gy & Gy, are normalized lowpass element values

After the correct tapping point is located the width / spacings are
confirmed by opening each section sequentially and measuring each
additional 180 degree change in phase. These bandwidths (Coupling
Bandwidths) are calculated from the following formula.

1

K 554" Gj G *Bandwidth

m

where: j=1 to n

Gj & Gj,1 are normalized lowpass element values

To design with these normalized coupling bandwiths the equil-ripple
bandwith of a chebyshev filter is multiplied by a factor "H" to scale to a 3
dB bandwidth.

Ripple dB

) N
P
\-/7~—\-/ N

Cutoff 4B

Bandwidth ( MHz. )

H= Cosh [Cosh -1 (Tr‘sz— * EPSR )]

where EPS3=— / 10 0.3 _4
EPSR=— / 10R -1 R= Ripple in dB.

This technique is particularly valuable for prototyping interdigital and



combline filters. The production units have a response typical to the curve
shown at the end of the article.

S-Parameter Analysis

For lumped component designs the S-Parameter method is used for analysis
of the filter designs. The program begins by defining the circuit in terms of
its general circuit parameters:

Ta sl

ilc ol

where A is a voltage transformer
B is a series impedance
C is a shunt admittance
D is a current transformer

Let's suppose we wish to analyize this lowpass circuit assuming infinite Q.

1 50 Q
2 L, -093924 uH
3 57.9379 pF
4 L, -093924 uH
5 v 50 Q

L

A series impedance is represented in [ ABCD ] format as:

vzl

lo ']

Each inductor in our example would be represented this way:

|| ijI

Ao 1

A shunt admittance is represented in [ ABCD] format as:

ol
1|

- -

The capacitor in our example would be represented this way:

To cascade we simply multiply:

Ta Bl —-J1gwtl [t ol |1 jwl
|c Dl ~ "0 1]} 1wC 1 | |0 1]

Next a transformation is made from [ ABCD ] to S-parameters. parameters
are directly related to the measurements made on test equipment. The

Scattering matrix may be defined as follows:

|sn s12 |

|s21 s22 |

where S11 = Input Reflection Coefficient
S12 = Reverse Voltage Transfer Coefficient
S21 = Forward Voltage Transfer Coefficient
$22 = Output Reflection Coefficient
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S1i= A®Z2+B-C*Z21%22-D*Z1

T A®Z2+B+C*Z1%22+D*Z1
References:
S12= 2*(A®D-B*C)*~ 21%22
T A®Z2+B+C*Z1%22+D*Z1 Program: INTCL.BAS
S21= 2%~/ Z21%22
T A™Z2+B+C*Z1"Z2+D"Z 1 i Conformal Transformation Combined with Numerical Techniques, with
Application to Coupled-Bar Probl
~ANZ2+B-C*21%22+D*21 PP uP ar rrovlems
225 ~AS72+B+C 172270771 da
IEEE Microwave Theory and Techniques. April 1980
with Z1 = source impedance .
22 - termination impedance 2. Tapped-Line Coupled Transmission Lines with Applications to
Interdigital and Combline Filters
Edward G. Cristal
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Practical design experience combined with the careful layout of components
are the basic steps to a successful prototype design. In addition to this,
documentation of techniques and details can make future production runs
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Operation of A Synthesizer Settling Time Test Fixture
L. M. Tichauer, J. C. Lunsford, B. J. Tarnowski & J. T. Bowles
Hughes Aircraft Company
P.O. Box 3310
Fullerton, Ca. 93634
BACKGROUND

The performance of a frequency synthesizer's phase settling
time is a critical design parameter when it comes to a frequency
agile, fast hopped phase modulated communication system. The
magnitude or degrees of phase variation allowed before phase
settling is declared is therefore very important. Phase settling
is defined within the system specification. Any phase noise
impressed upon the system evidences itself as phase jitter of the
received signal that can obscure the exact point of a zero
crossing. In an m-ary phase modulated system this is a critical
parameter in determining the system's ability to differentiate
between the various allowed states.

It is important that this specification be met by each
frequency regardless of what the previous frequency was. This
refers to the fact that some systems do not dump the residual
charge on the integration capacitor in the feedback loop when
changing frequencies. When this residual voltage is present,
the initial conditions for a given frequency's settling time may
vary. Therefore for a system with N frequencies, there will be
N~2 possible frequency combinations. To properly characterize
the system each gombination must be checked out for each

deliverable synthesizer.
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It was this need that precipitated the need for an automated
test set. To assure measurement accuracy it was important to
remove the element of human fatigue, due to the sheer magnitude
of the number of combinations to be tested. It was decided that a
statistical capability also be made available for future

analysis.

In addition to phase settling, spurs, harmonics and noise
levels also need to be characterized by this test system and a
record kept of any failures discovered during the testing
process. If this was to be an automated test set, a system had
to be designed that would minimize the need for human interface
and make provisions available for automatic recording of the
measurements. Wwhen an error is encountered, instead of
generating an error signal that would have to be cleared by an
operator action, a method had to be devised to make a detailed
record of the error and allow the system to continue on with the
measurements.

THE SYSTEM

Figure 1 shows a block diagram of the system used to carry
out the task of completely characterizing the synthesizers. The
controller is used to coordinate the interaction of the various
pieces of test equipment required to carry out the measurements.
It is also the operator interface where the initial conditions
for the tests to be carried out are entered. The menu driven
program asks for the serial number of the unit under test and
also asks for the degree of documentation to be supplied by the

test system.



The printer is used to log the test results and to record the
time and type of error encountered in the measurement process.
For spur and noise measurement errors, the error display is
automatically captured by the spectrum analyzer and sent to the
controller for storage on a floppy disk. If so desired a plot
could automatically be plotted out by the system plotter with a
time tag attached along with the serial number of the failed
unit.

A switch matrix was also built to allow for the automatic
steering of signals to the various pieces of test equipment.
This removed the element of error involved with constantly having
to reconnect the test set up for the various tests that had to be
carried out. 1In addition, all of the paths were calibrated and
error traces were stored within the computer for future
downloading to the spectrum analyzer. This feature automatically
cancels out any vestigial test set artifacts from the measured
data. Also since there are no connectors to be constantly
changed, variations due to improper connection are also
eliminated. Care had to be taken in designing the switch matrix
to minimize the amount of crosstalk between the various paths.

The system interface is needed to convert the IEEE - 488
signals to usable inputs to the system under test. This
interface is very user specific in nature and will not be
described in detail. Standard interface cards were used wherever
possible and custom cards were designed and fabricated as

required.
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The frequency counter was used for frequency measurement as
well as pulse width measurement. The statistical functions which
are built into the counter helped immensely in reducing the speed
of the measurements since the bus would not have to download each
measurement to the controller for further processing. By proper
partitioning of the tasks, the measurement process execution time
was greatly reduced.

The spectrum analyzer chosen for this task also has various
built-in functions which helped greatly in reducing task
execution time. Some of the valuable features were direct
downloading of display data to a plotter and the ability to
subtract one set of data from another internally as well as
display the result.

SETTLING TIME TEST FIXTURE

A diagram of the basic test fixture is shown in Figure 2. Aas
can be seen, the unit under test's output signal is mixed with
another signal generator tuned to the same frequency. The
resultant phase deviation is then characterized. It is important
that the synthesizer under test be phase locked to the test's
reference generator such that the resolution or sensitivity of
the system is optimized. Since the settling time of many
commercial generators are measured in hundreds of milliseconds,
it is important that the settling time of the test generator not
hold up the testing process.

These synthesizers were being tested in an integration area,
therefore each unit was previously sold off as being functional

before being placed within the system. Consequently, it was



assumed that the long term settling time of the individual
synthesizers was within specification. By using a comparable
synthesizer as the reference generator, it was further assumed
that the short term drift characteristics would track with the
unit under test.

The test synthesizer was given approximately twice the
maximum settling time to stabilize before the unit under test is
strobed. The resultant output of the detector is then divided
into two paths. One path is a straight through path while the
other is delayed by approximately 50 nanoseconds.

The delayed channel is used as the reference for the
floating window comparator and the straight through path as the
signal to be compared. The delayed phase detector output is
summed with two DC offsets to allow the window to "float". 1In
this way, any fixed phase offset between the two synthesizers can
be ignored. The magnitude of the window was derived from the
phase specification, since the overall phase variation over time
is gradual in nature near the point of settling, for the
synthesizers under test.

The strobe signal, generated by the controller triggers the
measurement via the system interface and the switch matrix which
initiates the frequency load function in the synthesizer under
test. The strobe signal also addresses the test fixture, causing
a rising edge to be generated at the test fixture output as well
as triggering an internal timer. This timer is used to force an
end to the measurement if settling is not declared within twice

the maximum time specified for settling. This avoids the problem
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of hanging up the system. The output of the test fixture goes
low when settling has been declared. This occurs when the output
of the phase detector falls within the dynamic'window of the
comparator for a predetermined period of time which is then
subtracted out by the software.

The output of the fixture is fed to a pulse measurement
device which will digitize the pulse width of this signal. This
process is repeated by the system inteface until notifie-~
otherwise by the controller. The controller is instructed by the
counter when the measurement has been completed. The counter is
preprogrammed to take 100 samples and then report the results to
the controller. The final average value, as well as any
requested stastistical data are what is sent across the IEEE -
488 bus to the controller. In this way the measurement process is
not bogged down with a lot of bus overhead. Finding a counter
capable of performing the pulse width measurement capability
along with the statistical functions proved to be extremely
valuable in streamlining the time required for this measurement.

After the measurement has been performed for one pair of
frequencies, another combination is set up by the controller and
the measurement process continues. The controller also controls
a switch matrix which steers signals within the system to allow
for complete automation of the process. The test results are
then sent to the printer with the option being available to print
out only failures or each and every value. The maximum settling
time as well as the minimum settling time for each synthesizer

was also broken out as a separate portion of the printer output.




The rest of the information was stored on disk for future
reference.
CONCLUSION

By accomplishing the task of auﬁomating the phase settling
time measurement process, many calendar months of schedule as
well as man-months of effort have been eliminated. The only
other alternative would be to test a much smaller subset of
frequencies and assume that all of the rest of the frequency
combinations will be acceptable.

Even in systems where the integration capacitor is
initialized in each instance, this system is still valuable in
that accuracy and actual man-month efficiency will greatly
increase in production. Since the system is self documenting,
complete characterization of the unit under test can be
accomplished.

Automatic spur and noise characterization have also been
measured within the overall measurement test setup of which the

settling time test fixture is a subset.
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Digital RF Synthesis:
Theory and Application of a Booming Technology
by
Greg Lowitz
Hewlett-Packard Company
1501 Page Mill Road
Palo Alto, California 94304

Abstract: Tough demands placed on today's electronic systems require flexible signal generators
capable of highly~<omplex signal simulation. The marriage of emitter<oupled logic ( ECL) and Gads
DAC technology gives birth 1o a new genceration of sophisticated of f-the-shelf digital RF synthesizers
especially suited for applications in radar / EW, communications, disc testing, and others. An introduc-
tion to digital-synthesis theory coupled with a survey of real-world applications gives the newcomer an

exciting look at current trends and opportunitics in high-performance system testing.

Introduction

The demand is growing for accurate and complex-waveform generators that overcome the
shortfalls of conventional function and RF signal generators. For test applications requiring com-
plex real-world signals, basic sine and square waves are no longer sufficient to thoroughly calibrate
and characterize a system’s performance. Furthermore, as designers race to lead the competition,
new testing techniques become necessary to fully stress product susceptibility and reaction to im-
perfect environments. All too often products are developed and tested under ideal conditions,
resulting unwittingly in designs that are less robust than was otherwise possible. In extreme cases,

a design defect might be found where it hurts most: in the customer’s hand.

To circumvent the lack of commercially-available solutions, design labs and manufacturers

often settled for inferior test-setups or resorted to expensive, home-brew signal generators with

application-specific architectures. A typical production test station, for example, might house
several specialized signal sources, each one different from the other. These custom-buit "black
boxes” imply many hidden costs including design, assembly, documentation, training, and main-

tenance -- operations that detract from a manufacturer’s primary objective: to sell products.

As engineers and managers seek more efficient and cost-effective testing techniques, a new
generation of flexible, reconfigurable test equipment is working its way onto designers’ benchtops:
Digital Synthesis. Digital synthesis combines synergistically the best attributes of analog and digital
technology into one powerful combination, High-speed multiplexed memories, digital ac-
cumulators, fast multipliers and RF DACs make possible this growing revolution in testing technol-
ogy. Compared to other waveform-synthesis techniques, digital synthesis offers the following

benefits:

Benefits of Digital Synthesis

1- Arbitrary waveform creation in both time or frequency domain
2- Stable and repeatable signals with digital precision

3- Software reconfigurability

4- Phase-continuous frequency switching

§- Amplitude and frequency agility

6- Low noise and distortion

7- Wide modulation bandwidth

8- Potential for size reduction through integration

9- Reasonable cost

At last count, roughly half-a-dozen manufacturers were advertising some form of digital

synthesizer, spanning a wide range of operating frequencies, modulation capability, harmonic



performance, and user-interface features. Most of these products have appeared only within the
last two years, leading one to take stock of the growing interest in such technology. One
commercially-available example from Hewlett-Packard features a 12-bit, 125 MHz bipolar DAC, and
QaAs differential sampler. Typical two-tone intermodulation distortion at 10 and 45 MHz is better

than -65 dBc, demonstrating the high spectral purity achievable even at RF.

Specifying the Right Architecture

While each digital synthesizer has its own characteristic features, most digital synthesizers

employ one of two principle architectures:

1- Wavetorm look-up (memory based)

2- Direct digital synthesis (accumulator based)

Figure 1 displays the simplitied architecture of the HP 8770A Arbitrary Waveform Synthesizer -- a
memory-based design. 512K of fast, multiplexed dynamic RAM outputs 12-bit waveform data
samples to the DAC every eight nano-seconds. A GaAs half-order-hold sampler freezes the DAC
output after switching transients have decayed. This essential element significantly reduces the ef-
fects of sinc(x) rolloft and helps to ensure a spurious-free output to maintain high signal integrity.
A phase-equalized elliptical brickwall-filter transforms the sampled data into a continuous time-
domain RF analog signal. Finally, a low distortion output amplifier provides enough current to

drive a 50-ohm load.

A household analogy to wavetorm look-up is the compact disc player whose music
(wavetorms) is stored in disc form (memory) and replayed through an audio-quality digital-to-
analog converter. Although the bandwidth of a compact disc player too low to be useful for RF
applications, the basic concept is the same. As a point of interest, several key parallels between

the HP 8770A and a compact disc player are highlighted in the table 1 on the following page.

Comparison to the Compact Disc

Feature HP 8770A Compact Disc Player
Bandwidth 50 MHz 20 kHz

Sampling Rate 125 MHz 44.1 kHz

Number of Bits 12, linear 186, linear

Dynamic Range 72dB 90 dB

Two-tone Intermod < -65 dBc @ 10 MHz < -90 dBc @ 1 kHz
Anti-aliasing Filter brickwall elliptical analog analog and digital filter
Number of Channels 1 2 (L+R)

Waveform Storage 512K words fast memory > 1 Gigabyte optical disc
Recordable/Erasable Yes No

Cost/channel/kHz BW $0.52 $10.00

Table 1

Canversely, direct digita! synthesis uses a digital phase-accumulator with a sine look-up table
to generate waveforms that are carrier based. The phase accumulator is a simple digital integrator.
A constant value k at the accumulator input causes the output to count up with a siope of k. For
example, to generate a ramp of slope three, simply input a binary three to the accumulator.
Because the accumutator output is added to its input during each new clock cycle, the output con-

tinues to increment according to the pattern 0,3,6,9....and so forth.

Feeding this ramp into a sine-wave look-up table (phase-to-amplitude converter) results in an
output sinewave whose frequency is directly proportional to the slope of the accumulator output.
The absolute output frequency is related by the equation: Freq = k'Fc/(ZN), where k is the

accumulator input, Fc is the system clock frequency, and N is the number of bits in the



accumulator. Because the accumulator represents a phase index, no signal glitching occurs when
the accumulator overflows. Rather, the accumulator continues to ramp up at the same rate

assuming the input remains fixed.

With some added hardware, direct digital synthesizers can be designed to provide independent,
arbitrary modulation of frequency, phase, and amplitude. This makes generation of modulated car-
riers straightforward, such as coherent radar pulses, and complex shift-keyed signals like QAM and
FSK. This is easy to visualize since the input to the phase accumulator need not remain fixed as
previously described. A changing accumulator input modulates the carrier frequency. This simple
elegance obviates the need to vary the clock frequency to produce carriers of different frequencies,

allowing a fixed output filter for waveform reconstruction.

Similarly, a simple post-accumulator adder is all that's necessary to add phase modulation
capability. Amplitude modulation, however, is not as easy since ultra-high-speed multipliers are
not readily available. However, with the military push for VHSIC (Very High Speed integrated
Circuits) for use in fast radar/EW signal processors, the state-of-the-art is advancing rapidly. For
current applications, a variety of techniques can be used to effectuate multiplication at very high
data rates, but discussion of these is beyond the scope of this paper. For comparison to the ar-
chitecture of figure 1, figure 2 illustrates a simplified version of a direct digital synthesizer with
provisions for FM, PM, and AM. The HP 8904A is a low-frequency implementation of direct

digital-synthesis.

Ultimately, the application at hand will dictate which architecture provides the greatest utility.
In many cases, either architecture will solve a particular problem equally well, but developing
waveforms may be easier in one case over another. Table 2 summarizes the relative advantages

of the two approaches:
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Comparison of Two Digital-Synthesis Techniques

Waveform Look-up
(memory based)

important Parameters Direct Digital Synthesis

(accumulator based)

Frequency Resolution ‘Moderate Excellent
Frequency Hopping Limited Excelient

Muitipie Tones Excellent Limited
Modulation Flexibility Moderate Excellent
Real-time Control Limited Moderate
Bandwidth High High

Complexity Moderate High

Table2 o T

As the preceding table illustrates, direct digital synthesis compares favorably in many para-
metric areas. However, its higher modulation flexibility results in greater circuit complexity and ac-
cordingly higher price. Furthermore, for applications that require multiple tones, jamming signals,
clutter, and highly-unusual time-domain waveshapes such as commonly found in magnetic record-
ing applications, memory-based systems excel by comparison. Furthermore, for baseband applica-
tions where carrier synthesis is unnecessary, memory-based systems provide the best flexibility --

when driving PIN diode modulators or the | and Q inputs of a vector modulator, for example.

Although memory-based synthesizers can simulate carriers with modulation, memory use is in-
efficient, piacing practical limitations on waveform variety. Just which technique is optimum for a
given situation depends critically on the desired waveform. In either case, advanced memory
sequencing can make efficient use of memory by looping and repeating certain sections of a
waveform. For example, consider a pulsed waveform with a 1 us pulse width and a 10 ms off time
(figure 3). Rather than storing the entire waveform in memory (which would require over 1.2

Megawords to recreate assuming an 8 ns clock period), a short segment of puise off-time could be



looped as many times as desired. In total, the entire waveform could be recreated using only a

fraction of the available waveform memory, making possible long chains of complex signals.

Technical Considerations of Digita! Synthesizers

Regardless of the chosen architecture, both techniques can use the same output stage includ-
ing a DAC, sampler, anti-aliasing filter, and amplitier. This output stage ultimately determines criti-
cal specifications such as distortion, spurious outputs, dynamic range, amplitude flatness, phase
finearity, and output power. With clock frequencies in the hundred-megahertz region, retaining
12-bit performance is a non-trivial task. Interactions and reflections between the DAC and sampler
are significant. Furthermore, caretul attention to grounding and shielding are essential in minimiz-

ing ground-current modulation and sampling-clock feedthrough.

Open literature reports new developments in GaAs DAC technology pushing clock rates into the
1 GHz region. The difficulty in supplying digital data at these rates is compounded by the difficulty
in designing low-distortion wideband DACs and amplifiers that sport sub-nanosecond rise times.
However, as the demand for ultra.wideband modulation grows, industry requirements will drive

new developments in test equipment.

In addition to the DAC/sampler combination, the choice of output anti-aliasing filter directly af-
fects the usable bandwidth and spectral purity. As shown in figure 4, a sampled system produces
a repeating spectrum spaced in integral multiples of the clock frequency. By filtering the spectrum
with a theoretical brickwall cutoff at one-half the clock frequency (Nyquist frequency), it is possible

to recover only the essential signat information, while throwing away out-of-band spectra.

As a practical matter, however, the ideal brickwall filter does not exist. In this case, a certain
amount of leakage can fold over into the passband region (aliasing), adding error to the signal
spectrum. How much leakage occurs depends both on the signal bandwidth and the filter transter

tunction. For a high-performance 12-bit digital synthesizer, it is desirable to have greater than 60

106

d8 of rejection at the Nyquist frequency. Therefore, to allow for some finite filter rolloff from
passband to stopband, available bandwidth can be as high as 0.4 * Fc/ock. As a result, the overall

system performance is directly proportional to the quality of the output filter.

User Interface Requirements

Unlike products with well-bounded markets and functionality, digita! synthesizers are so general
purpose that it becomes ditficult to define a set of front panel buttons that don't artificially limit the
potential applications. Even within a given market, every designer has unique testing require-

ments, making it even more difficult to develop a universal interface.

As a result, digital synthesizers beg for a software-reconfigurable user-interface that is both
general purpose and customizable. Hewlett-Packard's answer to this dilemma is the HP 11776A
Waveform Generation Software -- which, when teamed with an HP series 200/300 computer, en-
ables fine control over all waveform parameters, whether described mathematically, graphicalty, or

in the time or frequency domain.

Using a computer or graphics tablet for waveform data entry, a complete set of math and
waveform manipulation commands enable a user to design very complex waveforms with minimal
training. For the first time, sophisticated tools for complex waveform development are at the fin-
gertips of every engineer. For example, the single commands TOFREQ and TOTIME are all
that’s necessary to transform a signal between the time and frequency domain (Figure 5). This
makes it easy to add signal imperfections, noise, multipath, and transients custom-tailored to a
given application. In addition, the software has provisions that enable users or third-party vendors

to develop software shells that run application-specific programs or macros.

In some cases, rather than designing waveforms from scratch, it is desirable to capture a real-
lite waveform using a waveform digitizer. The user can subsequently replay the waveform through

the digital synthesizer or use the waveform generation software to modity the waveform in atmost




any way imaginable. Figure 6 depicts the complex spectrum of a real-life radar pulse that has

been digitized and replayed through the HP 8770A.

For high-performance system testing, digital synthesis offers unmatched flexibility and precision
control of all waveform parameters. With these tools, designers and production engineers can in-

crease engineering productivity while speeding and improving testing quality.
Real Customers, Real Applications

Now that the concept of digital synthesis is more clear, it is stimulating to look at more ex-
amples based on real customer requirements. Three examples from radar, EW, and disc drive test-

ing exemplify just a few of the potential uses for digital synthesizers.
Radar/EW

Consider the simplified block diagram of a typical microwave receiver (figure 7). The designer
is interested in a variety of characteristics that ultimately define the accuracy and functionality of
the receiver. The radar engineer might be interested in simulating a complex chirp or phase-coded
pulse to test the signal processor’s pulse-compression circuitry. Or, perhaps, the designer wants
to simulate the return of one or more test targets with varying amounts of noise to test the CFAR
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