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Light-route radio systems are a specialized form of communi-

cations which enable industrial and common carrier users to 

cut costs and still retain high quality of transmission. 

I. 

The -2GHz band is ideal for 
light-route communications 

because in this frequency range, atmo-
spheric fading is minimal, and long 
transmission paths are practical. Be-
fore the advent of light-route systems, 
a 300-channel radio might have had to 
be used to carry the small number of 
channels often required by an indus-
trial user, thus increasing the per-chan-
nel cost of the microwave radio system 
and wasting rf spectrum. 

Some of the users of narrow-band, 
operational fixed, light-route systems 
include petroleum companies, rail-
roads, and independent telephone 
companies. An "operational fixed" 
station is an FCC (Federal Communi-
cations Commission) designation used 
to describe a radio station at a perma-
nent location which is not open to 
public correspondence, but operated 
by and for the sole use of those 
agencies operating their own radio 
communication facilities in the Public 
Safety, Industrial, Land Transporta-
tion, and Aviation services. The GTE 
Lenkurt 70F1 radio, for example, has 
been designed for use in this category 
of service. It is a 36-channel system 
which operates in the 2.11 — 2.20 
Hz domestic industrial and common 

carrier frequency allocations. In geo-
graphical areas under the territorial 
jurisdiction of the FCC, this radio has 
been type-accepted for the types of 
services shown in Figure 1. 

Light-Route Uses 
A petroleum company can use a 

light-route system to control the flow 
of oil in a pipeline between drilling 
sites and refineries. The majority of 
the channels would probably be used 
for administrative functions, but the 
main function of the system would be 
in those channels used for remote and 
supervisory control, telemetering (the 
transmission of measurement data over 
a distance), and on-line control and 
switching of pipelines or pumping fa-
cilities. A typical light-route system 
might appear as shown in Figure 2. 

Complex pipeline control networks 
are used in the petroleum industry to 
control both production and petro-
leum flow. Drilling and pumping oper-
ations can be remotely controlled 
through the use of microwave systems. 
The results of remote chemical analy-
sis of production samples is used to 
control drilling. When the percentage 

FCC RULE TYPE OF SERVICE ART 
21 DOMESTIC PUBLIC FOR COMMON-

CARRIER USE 

87 OPERATIONAL FIXED FOR AVIATION 
SERVICES 

89 OPERATIONAL FIXED FOR PUBLIC 
SAFETY RADIO SERVICES 

91 OPERATIONAL FIXED FOR INDUSTRIAL 
RADIO SERVICES 

93 OPERATIONAL FIXED FOR LAND 
TRANSPORTATION RAD  SERVICES 

-MUM' 

Figure I. Example of FCC radio type 
acceptance for specified services. 
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Figure 2. Typical layout of a light-route radio system. 

of petroleum in a sample drops to a 
predetermined value, production is 
halted at that well head, permanently 
or until further drilling locates a new 
source of fuel. 

Along the pipeline itself, status 
monitoring and remote supervisory 
control contribute significantly to the 
total operation, since through these 
functions volumetric output, petro-
leum flow rate, pressure, and tempera-
ture are monitored constantly. In the 
remotest of areas, valves are opened 
and closed, and pumps are automat-
ically activated or stopped with the 
assistance of the microwave link. 

Light-route systems may also be 
used in conjunction with mobile 
radios. Police dispatchers, for example, 

can relay traffic information (via oper-
ational fixed, light-route radio) from 
mobile units to a master station or 
another substation. Power companies 
use light-route circuits for dispatching 
and administrative purposes, along 
with such functions as remote alarm-
ing, supervisory control, relaying, and 
tele metering. 

The operation of today's modern 
railroads requires that information 
such as telemetering, CTC (Centralized 
Traffic Control), and hot box indica-
tions, as well as administrative and 
teletype circuits, be brought in from 
low-density areas by the most reliable 
and economic means possible. Rail-
road companies extensively use micro-
wave systems to this end. The status of 
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Figure 3. The basic units of the 70F1 microwave radio. 

shipments and the locations of loco-
motives and freight cars is instantly 
available through the use of a micro-
wave network tied to a central data 
processing center. Hot-box detection 
systems locate overheated journals 
(the rotating portion of a bearing) on 
moving trains. The hot-box detector 
transmits from remote sites, via micro-
wave radio, information to a master 
station on the location of hot journals. 
This information is then transmitted 
by mobile telephone to maintenance 
crews along the line. An ideal use for a 
light-route system is in replacement of 
open-wire line along railroad tracks. 
Open-wire lines require a great deal of 
maintenance and expense that can be 
substantially reduced by use of a 
light-route system. 

Another use of the light-route 
system is for telephone spur routes in 
a metropolitan area to reach small 
central offices. A tower in the center 
of the city provides a central transmis-
sion point from which several central 
offices can be serviced by light-route 
radios. 

Three things of particular impor-
tance which a manufacturer must con-
sider in the design of a light-route 
system are reliability, quality of per-
formance, and economy. Adhering to 
these considerations, the GTE Lenkurt 
70F1 radio, for example, contains 

such devices and techniques as a power 
fmo (frequency modulated oscillator), 
a digital afc (automatic frequency con-
trol), and a double-conversion receiver 
process. 

FMO 
The baseband information to be 

transmitted is applied to the trans-
ceiver baseband unit from multiplex 
equipment, or, in spur-route applica-
tions, from a backbone radio route (as 
when a few channels need to be 
branched at a repeater site). The trans-
ceiver baseband unit prepares the base-
band signal, by way of level adjust-
ments and filtering, for application to 
the modulation amplifier, where the 
conditioned signal is amplified in level 
to properly deviate the fmo (see Fig-
ure 3). 

The fmo is a power (1 watt mini-
mum) oscillator which provides a 
2-GHz frequency modulated signal at 
its output. This means that the infor-
mation contained in the original 36 
voice channels is translated into a 
signal in the 2-GHz range which is of 
constant amplitude but of varying 
frequency. The fmo is frequency mod-
ulated by a varactor diode (a capaci-
tance-varying device) which is coupled 
to the coaxial cavity resonator. The 
cavity determines the carrier fre-
quency, and the variation in varactor 
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DC 
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LOCAL 
OSCILLATOR 
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20 MHz) 

capacitance, due to the ac modulating 
signal, produces the frequency-modu-
lated 2-6 Hz signal. This arrangement, 
in which the fmo produces a high 
power fm signal, eliminates the need 
for the conventional power amplifier, 
thus considerably reducing the cost of 
the system. 

Digital AFC 
l'he function of the digital afc is to 

control the frequency of the fmo. It 
does this by working within a closed 
transmitter loop as shown in Figure 4. 
The de output from the afc drives the 
varactor in the fmo; the variation of de 
voltage on the varactor varies the 
output frequency of the fmo so that it 
remains on the required 2-G Hz fre-
quency. 

Figure 4. The digital 
afc controls the fre-
quency of the fmo. 

The 20 MHz from the mixer (see 
Figure 5) is amplified to a level suffi-
cient to operate the digital IC's (inte-
grated circuits). The signal is passed 
through a bandpass filter which allows 
only a band of frequencies centered 
around 20 MHz to pass. This prevents 
false locking of the afc on spurious 
tones such as 10 MHz or 40 MHz. The 
amplified 20 MHz sine wave is clipped 
so that distinct pulses are formed. 
These pulses are input to a counter, 
which is a string of IC's whose func-
tion is to count the number of input 
pulses. Each time 4096 pulses are 
counted, one pulse is generated by the 
counter. Effectively, this means that 
the number of input pulses is divided 
by 4096. The output from the count-
er, after processing the 20 MHz input 
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Figure 5. The basic components of the digital afe. 
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signal, is approximately 5 kHz, and is 
applied to one lead (data or D lead) of 
a comparator. 

In another circuit, the output of a 5 
MHz crystal oscillator is also fed into a 
counter which yields one pulse per 
each 1024 pulses of input. For a 
5-MHz input from the crystal oscilla-
tor, an output pulse frequency of 
approximately 5 kHz is obtained. This 
output is fed to the second lead (clock 
or C lead) of the comparator. The 
output lead (or Q lead) of the compar-
ator has as its output whatever binary 
state (high or low, one or zero, etc.) 
exists at the data lead when the clock 
pulse goes high. Each time the clock 
goes high, the output of the compara-
tor will be whatever value is on the D 
lead. A zero on the data lead causes a 
zero output when the clock goes high. 
The output from the counter that is 
connected to the crystal oscillator is a 
constant frequency source. It is the 
20-MHz output from the mixer where 
the variance in frequency will occur. 
If the mixer output were exactly 
20 MHz, both outputs to the compara-
tor would be the same. If, however, the 
output from the mixer were 21 MHz, 
the frequency from the counter would 
be slightly higher than 5 kHz (see 
Figure 6). The 21-MHz pulse stream 
will cause the input to the data lead of 
the comparator to rise sooner than 
would a 20-MHz pulse stream. The 

Figure 6. The timing 
relationship of dif-
ferent signals as ap-
plied to the frequen-
cy comparator. 

position in time (or phase) of the 
counted down output from the mixer 
at the time of sampling (which is 
determined by the output derived 
from the crystal oscillator source) de-
termines whether the frequency is 
above or below 20 MHz. A frequency 
above 20 MHz will cause the compara-
tor to give a high or Ov output, while a 
frequency below 20 MHz will give a 
low or —5v output. This output is 
amplified and integrated to yield a dc 
voltage. The variations in this voltage 
control the diode varactor in the fmo, 
which in turn keeps the output fre-
quency stable at 2 GHz. 

The Receiver 
At the receiver, amplification is 

done directly at the input frequency 
by the rf pre-amplifier after being 
filtered by an rf bandpass filter. The 
pre-amplifier output is filtered by a 
second bandpass filter to suppress any 
amplifier noise generated on the image 
frequency (see Figure 7). 

The filtered signal from the pre-
amplifier is connected through a hy-
brid splitter to the balanced receiver 
mixer. The multiplied output of the 
LO/RO (local oscillator/reference os-
cillator) is injected into the mixer 
through the second port of the hybrid 
splitter. A three stage IF amplifier 
selects the 70-MHz product of the 
mixer and connects it to a second 
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Figure 7. Amplification at the receiver is done directly at the input frequency. 

receiver mixer (double-conversion pro-
cess) in the receiver IF and baseband 
unit. The 70-MHz signal is mixed with 
the output of a 59.3 MHz crystal 
oscillator, and a bandpass filter selects 
the 10.7 MHz second IF signal. At 
10.7 MHz, IF amplification is far 
easier and less expensive than it would 
be at 70 MHz, since transistor gain is 
quite adequate at this frequency, and 
the relative bandwidth of the filter for 
36 channels is much wider (approxi-
mately 7 times wider) than it would be 
at 70 MHz. Also, the discriminator 
design is much simpler and easier to 
linearize at lower frequencies, and the 
complete circuit can be placed on 
thick-film substrates. The 10.7-MHz 
frequency modulated signal is demod-
ulated in the discriminator and ampli-
fied to provide the necessary baseband 
levels. 

Hot-Standby Protection 
A protected system is one which 

has been provided with some type of 
security against total system failure. In 
many microwave systems this protec-
tion is in the form of "hot-standby" 
equipment which will take over the 
function of the main system should it 
fail. Protection for the GTE Lenkurt 
70F1 transmitter is achieved by 
switching to a second radio through an 
rf coaxial relay, a technique that con-
siderably simplifies the transmitter 
protection arrangement. 

The transmit logic circuitry moni-
tors the transmit pilot alarms, transmit 
afc alarms, and transmit power alarms 
from both transmitters. If an alarm 
occurs on the primary transmitter, the 
logic will cause the output to switch to 
the standby transmitter. If both trans-
mitters are in an alarm condition, the 
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transmitter with the lowest priority 
alarm will continue to operate. 

The receive logic circuitry monitors 
the receive pilot alarms and receive 
noise alarms. If a pilot alarm occurs, 
the logic will cause the receiver in 
alarm to be muted and the other 
receiver to be switched on line. If pilot 
alarms occur in both paths, no switch-
ing takes place. 
A receive noise alarm occurs when 

the noise exceeds the preset level 
(nominally 58 dBrnc0). A receive 
noise alarm will cause the receiver in 
alarm to be muted and the other 
receiver to be switched on line. If both 
receivers have noise alarms, both re-
ceive paths will be muted. 

Testing 
Calibration of a microwave system 

is greatly simplified by use of a loop-
back type of test set, such as the GTE 
Lenkurt Type 48615 Transceiver Test 
Set. This set enables one person to 
calibrate the system from one location 
rather than requiring one person at 
each location. 

The first function of the test set 
allows a receiver deviation check. The 
receiver baseband level is set up with a 
calibrated 70-MHz frequency-modu-
lated signal, which is used as a refer-
ence; transmitter deviation is then 
adjusted with reference to the cali-
brated receiver. In the loop-back func-
tion, the near-end transmitter trans-
mits a signal into the test set where the 
rf frequency is shifted (usually by 50 
MHz), and loops the signal back to the 
near-end receiver, where the proper 
deviation adjustments can be made for 
the system. The use of the test set is a 
cost savings, since one person can 
perform noise loading, set levels, and 
accomplish routine radio checks from 
one location. 

The technology that has been devel-
oped and applied to the design of 
high-density microwave systems can 
also be applied to light-route radio 
systems. These systems can now pro-
vide the industrial and common carrier 
user with an economical form of com-
munication which is both reliable and 
of high quality. 
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Filters in modern technological applications serve to direct, 

channel, divide, integrate, and transform, but in all of these 
functions the basic principle remains the same: selective 

processing of electrical energy and signal information. 

ilters are essentially devices 
with particular transmission 

characteristics which can be designed 
to accept or reject — to selectively 
process — portions of the electromag-
netic frequency spectrum. In this, fil-
ters behave like interconnected tuned 
circuits, which are combinations of 
resistance, inductance, and capacitance 
whose reactances produce unique fre-
quency responses. 

When an alternating current source 
is connected to a tuned circuit, the 
combined effect of capacitive reac-
tance (Xc ), inductive reactance (XL), 
and resistance (R) constitutes an im-
pedance (Z) — an opposition to the flow 
of alternating current — which varies 
with the frequency of the applied 
source. At low frequencies, Xc is 
much greater than XL or R, while at 
high frequencies, XL is the largest 
element. At some intermediate fre-
quency (%), Xc equals XL, and the 
circuit is said to be resonant, or in a 
state of resonance. 

The effect of the resonant state on 
a tuned circuit depends in great part 
upon the manner in which the compo-
nents are connected. The impedance 
of a series tuned circuit appears as a 
large inductive or capacitive reactance 
at frequencies above and below reso-
nance, thus limiting the current flow 
in the circuit. At resonance, the effects 

of XL and Xc cancel one another, 
leaving the impedance at a minimum 
level — equal to the value of R — and 
allowing maximum current flow (see 
Figure la). 

At frequencies below resonance in a 
parallel tuned circuit, maximum cur-
rent passes through the low reactance 
of the inductive component, as at high 
frequencies current passes readily 
through the low reactance of the 
capacitive element. At resonance, how-
ever, the reactances are equal, resulting 
in the lowest level of current through 
the circuit (see Figure lb). 

While a tuned circuit produces an 
amplitude peak or trough at a single 
resonant frequency, passive filter net-
works — which are also treated as 
combinations of resistances, induc-
tances, and capacitances — provide 
constant transmission for a range of 
frequencies (the passband) and a high 
degree of attenuation to all other 
frequencies (the stopband). A low-pass 
filter, for example, is intended to 
reject all signals above a specific cut-
off frequency; to accomplish this, it 
produces increased attenuation to the 
signal as the source frequency is in-
creased (see Figure 2), much as imped-
ance increases in a parallel-resonant 
tuned circuit as resonance is approach-
ed. A high-pass filter, on the other 
hand, is designed to reject all signals 
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b. TYPICAL PARALLEL-RESONANT TUNED CIRCUIT AND ITS CURRENT/IMPEDANCE RESPONSES. 

MIS 
Figure 1. The interaction of component characteristics causes a peak or trough in 
the current/impedance response of a resonant circuit at one frequency (f.). 
Theoretically, the maximum amplitude achieved by either element is infinity. 

below cut-off, so its attenuation de-
creases with frequency, as the imped-
ance of a series-resonant tuned circuit 
decreases when resonance is reached. 

Thus, one way to view filters is as a 
collection of resonant circuits, the sum 
of whose resonance characteristics de-
termines the overall performance of 
the network. This is essentially the 
approach taken in the image parameter 
theory of filter design. 

Image Parameter Theory 
The image parameter approach to 

filter design grew out of the study of 
transmission lines in the early days of 
electromagnetic communications. At 
that time, long lengths of wire were 
used to send telegraph and telephone 
signals, so it was natural that they 
should become the focus of consider-
able study. It was soon recognized that 
the action of a transmission line, re-
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Figure 2. Low-pass filters reject signals above a specific cut-off frequency (fe) by 
providing increased attenuation. The ideal is instant rejection at fc; the actuality is 
a curve increasing with frequency. 

gardless of its length, can be explained 
in terms of resistance, reactance, and 
impedance, although lumped physical 
components may not be present. Di-
viding such a line into successively 
smaller segments, a basic unit is even-
tually arrived at which can be de-
scribed as a network with two input 
terminals and two output terminals, 
with each pair of terminals defining a 
port (see Figure 3). This two-port 
transmission network, which is one of 
the most common types of simple 
filter, possesses transmission and im-
pedance properties which depend up-
on two quantities: image impedance 
and image transfer function. 

Image Impedance 
Image impedance is the filter net-

work equivalent of the characteristic 
impedance of a transmission line. 

The characteristic impedance, Z., 
of a line is that opposition to ac 

which, when used to terminate one 
end of the line, causes the input 
impedance to be of the same value. 
Image impedance, Z„ is actually an 
extension of this concept, taking into 
account the non-symmetrical nature of 
many filter networks, where the im-

NETWOR K 

Figure 3. A four-terminal network has 
two ports, either of which may be 
used as an input point. 
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pedance looking into one port may 
differ from that looking into the 
other. In such asymmetrical networks, 
there are two image impedances, one 
for each port. Where a Z. termination 
of a transmission line causes a Z. 
input impedance, terminating one port 

awe of a filter network causes the other 
port to exhibit its own Z. as the input 
impedance; that is, one Zi appears as 
the image of the other (see Figure 4). 
A symmetrical network closely resem-
bles a transmission line, in that the 
image impedances of both ports are 
equal (terminating one port in its Zi 
results in the same Zi appearing as the 
input impedance). 

The image impedance of a given 
port can be defined as the geometric 
mean of the network short and open 
circuit conditions. That is, in a two-
port network, the image impedance of 
port 1 is expressed as 

wage 

and the image impedance of port 2 is 

\
Z22 

Y22 

where Z11 is the impedance presented 
to an input signal at port 1 with port 2 
open, and Y11 is the admittance (in-
verse property of impedance) present-
ed at port 1 with port 2 shorted. Z22 
and Y22 express the same properties 
when the input is at port 2 and port 1 
is open or shorted. Image impedance, 
then, approximates the impedance of a 
network in a state half way between 
short and open, and represents an 
average figure for the range of condi-
tions between the two extremes. 

As the basic filter unit in image 
parameter design, the half-section is 
the smallest two-port combination of 
elements exhibiting an image imped-
ance characteristic. In image parameter 

Zi1 = PORT 1 IMAGE IMPEDANCE 

Zi2 = ZL = PORT 2 IMAGE IMPEDANC 

Figure 4. When one port of a two-port 
network is terminated in its image 
impedance, the image impedance of 
the other port becomes the network 
input impedance. 

filter design, half-sections are com-
bined in cascade to produce the re-
quired filter response. In connecting 
the output terminals of one half-sec-
tion to the input terminals of the next 
(cascade connection), it is necessary 
that the image impedances be matched 
through the length of the filter. In this 
way, maximum power transfer can be 
a ttained at passband frequencies, 
where the image impedances appear. 

For example, the half-section for a 
basic low-pass constant4 filter — in 
which the product of the impedances 
is independent of frequency — would 
consist of a series inductance and a 
shunt capacitance (see Figure 5a), pro-
ducing a stopband with attenuation 
increasing to infinity with frequency, 
as shown in Figure 2. To make a full 
low-pass filter section, two half-
sections are joined so that their image 
impedances are properly matched (see 
Figure 5b); successive sections can be 
added to provide whatever response 
characteristic is required. 

The m-derived half-section is similar 
to a constant-k unit with a resonant 
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Zd = DRIVING (SOURCE) IMPEDANCE 

ZL = LOADING IMPEDANCE 

Zi 1 = PORT 1 IMAGE IMPEDANCE 

;2 = PORT 2 IMAGE IMPEDANCE 

a. IN AN IDEAL IMAGE PARAMETER-DESIGNED FILTER HALF-SECTION, Zd = Zi1 AND ZL = Zi2, 
RESULTING IN MAXIMUM POWER TRANSFER. 

Zd 

ORIGINAL HALF-SECTION 

Ll 

Zo T 
ADDED HALF-SECTION 

L2 

b. A FILTER SECTION IS FOFtMED BY JOINING HALF-SECTIONS ON AN IMAGE BASIS. IN THIS 
CASE, THE ADDED SEGMENT REPLACES ZL OF THE ORIGINAL HALF-SECTION. IDEALLY, 
Zd = ,Z11; Zi2 = Zi3; ;4 = ZL. 

ZL 

Figure 5. In image parameter filter design, it is assumed that the various 
half-sections are terminated in their image impedances. 

segment introduced (see Figure 6a). 
The stopband of this filter has a peak 
at the resonant frequency of the tank 
circuit, with the rest of the band 
exhibiting constant-k type characteris-
tics (see Figure 6b). The advantage of 
the m-derived filter is that several 
m segments can be added and the 
attenuation peaks — which theoretical-
ly go to infinity — can be placed 
anywhere in the stopband, providing 
extremely sharp cutoff points and 
increased attenuation at frequencies 
where the circuit design requires them. 
This allows the filter to produce only 
the stopband attenuation levels re-
quired, eliminating the components 
that would be necessary if infinite 
attenuation were sought at all stop. 
band frequencies. 

Image Transfer Function 
Closely related to the image imped-

ance of a filter is the image transfer 

function (r), which is a measure of the 
response of a two-port network when 
it is terminated at both ports — driven 
and loaded — by its image impedances. 
The image transfer function consists of 
two terms: an "image attenuation con-
stant" (cc), and an "image phase con-
stant" (0). These elements are related 
by the expression r = cc + ji3 (where j = 

so that if both ports of the 
network are terminated by their image 
impedances, the attenuation and phase 
shift seen in the output constitute the 
image transfer function. 

When a series of half-sections are 
joined to form a more complex filter, 
and the filter is terminated at both 
ports by impedance corresponding to 
the Zi of the network, then the resul-
tant impedance appears nominally re-
sistive to passband frequencies. In this 
case, power is absorbed from the 
source and transferred to the load, 
with the amount of transference de-
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Figure 6. The m-derived filter is the most common image parameter design 
because of its attenuation peaks. By joining half-sections into a complex filter, 
several peaks can be established to make optimum use of the stopband with 
minimum physical components. 

pendent upon the attenuation intro-
duced by «. The closer the impedances 
in the network are matched, the lower 
the attenuation factor and the greater 
the power transfer. 

To frequencies outside of the pass-
band, Z1 appears as a reactance, which 
cannot dissipate power. As a result, no 
power can be transferred and the 
stophand frequencies are effectively 
rejected. 

Image Parameter Design 
The image parameter technique has 

been in use for so long that its 
application is fairly well systemized. 
The first step in designing an image 
parameter filter is the use of templates 
to generate a curve, on specially de-
signed graph paper, representing the 
required image attenuation constant, 
«, in dB, and the points in the 
frequency spectrum at which the 
m-sections will be resonant to produce 
their characteristic peaks. The 

m-derived section is much more com-
monly employed in image parameter 
filters than constant-k types because 
of its rapidly rising and frequency-vari-
able attenuation peaks. 

The design technique is basically a 
trial-and-error method in which the 
templates are moved around until the 
sum of all the stopband peaks approxi-
mates the network attenuation re-
quirements (see Figure 7). Then, be-
cause a perfect impedance match is 
impossible to achieve, slight adjust-
ments — "fudge factors" — are intro-
duced to make the design more realis-
tic. Once the stopband peaks have 
been established, the value of m which 
will provide each peak is known. From 
this, it is possible to calculate the 
component values that would resonate 
at the proper frequencies, and thus 
arrive at an optimum design for the 
m-sections. Values for the other ele-
ments in the filter can be derived from 
the known network cutoff frequency. 

15 
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Figure 7. In design-
ing an image parame-
ter filter, attenua-
tion peaks are gener-
ated by templates on 
special graph paper 
to approximate the 
desired ideal re-
sponse, as shown by 
these approxima-
tions for a low-pass 
filter. 

A
T
T
E
N
U
A
T
I
O
N
 

7777= DESIRED IDEAL 
RESPONSE 

= PEAKS GENERATED 
BY IMAGE PARAMETER 
TEMPLATES 

FREQUENCY 

When the image parameter-designed 
filter is built, it provides a fairly good 
impedance match to the driving and 
loading impedances in the passband. 
When the match is exact, the passband 
response is at its best — that is, 
attenuation is minimum. This condi-
tion, however, cannot be achieved 
with any certainty in practice because 
real network terminations are general-
ly resistive, rather than frequency. 
dependent impedances. Thus, although 
an impedance match may be obtained 
when the network image impedances 
equal the resistive terminations, the 
match at other frequencies in the 
passband is not exact, which can result 
in badly degraded response. This deg-
radation causes an arbitrary ripple 
shape to appear in the passband, 
making it difficult to predict the re-
sponse of a given filter before it is 
actually built (see Figure 8). For this 
reason, image parameter design is to-
day generally limited to constant resis-
tance networks such as all-pass filters. 

For other applications, modern passive 
filter design is accomplished with 
syn thesis techniques. 

Filter Synthesis 
Modern filter design concerns itself 

with idealized mathematical models 
which describe filters in terms of 
complex current and voltage relation-
ships. The elements in the models are 
defined in terms of a complex frequen-
cy variable, s; when the model equa-
tions have been solved, mathematical 
transformations are used to extract 
component values which would realize 
the model in physical terms. 

The complex frequency variable is 
expressed as: 

s = a + jw 

where a is a real component and jw is 
an imaginary component. It should be 
noted that the imaginary factor is not 
physically imaginary; the terms "real" 
and "imaginary" are mathematical des-
ignations for two distinct parts of a 
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complex quantity or function, and do 
not indicate actual existence or non-
existence. A term is considered imagi-
nary when it is related to a strictly 
mathematical construct, Nr---1, which 
is represented by the symbol j. Thus, 
in the expression s = a + jco, the "real" 
and "imaginary" factors define two 
actual aspects of a particular complex 
frequency. 

In relation to frequency, an ideal 
filter is one which produces no loss of 
transmitted energy within its pass-
band, yet provides infinite attenuation 
of stophand frequencies. Such ideals 
are, of course, unrealizable, given the 
non-ideal nature of physical compo-
nen. The problem, therefore, is to 
achieve a filter design which approxi-
mates as closely as possible the ideal 
for a given application. 

Transfer Function 
Synthesis filter design begins with 

an attempt to find a transfer function 
providing the best approximation of 

Figure 8. The pass-
band response of an 
image parameter-de-
signed filter may ex-
hibit an arbitrary 
ripple shape, as 
shown in this re-
sponse curve for an 
m-derived filter with 
three m- resonant 
components. 

the required filter attenuation and 
phase properties. The transfer function 
expresses a mathematical relationship 
between a filter output quantity and 
an input quantity; most commonly 
these quantities are voltages, but they 
could as easily indicate a current-to-
voltage or voltage-to-current ratio. Es-
sentially, the transfer function is a 
measure of how efficient — or ineffi-
cient — a filter is at transferring a 
quantity at its input to its output port. 

ln discussing passive filters, it is 
most convenient to consider the trans-
fer function as an input-to-output 
ratio; this allows attenuation, rather 
than gain, to be dealt with. 

Represented by the symbol T(s), 
the transfer function of a passive filter 
can be expressed in the form: 

T(s) - 9(s) 

where P(s) and Q(s) are polynomials — 
algebraic terms consisting of a con-
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stant multiplied by variables — repre-
senting the input and output quanti-
ties, respectively. Through various 
mathematical manipulations, the P and 
Q polynomials can be treated in such a 
way that their roots — those quantities 
which are multiplied together to form 
the algebraic terms — take on frequen-
cy characteristics. Designating the 
roots of Pas pi, 132, etc., and the roots 
of Q as ch., q2, etc., the transfer 
function can be written: 

(s-131) (s— P2) • • • (s—Pr)  
T(s) = 

(s—q1) (s—q2) (s—qp) 

where s is the complex frequency 
variable and the polynomial roots are 
complex frequencies. Thus, when the 
value of complex frequency variable s 
equals the value of any of the roots of 
P, the numerator becomes zero, result-
ing in a zero transfer function. For 
example, if the complex frequency 
represented by p is the same as that 
represented by s, then (s—p1) = O. The 
product of any number of factors 
multiplied by 0 is still 0, so (s—p1) 
(s—p2) . . . (s—pp) = O. Zero divided 
by any other number is zero, so where 
s pl, the transfer function T(s) is 
zero, which also is true when s equals 
any of the other roots of P. 

By the same reasoning, when s 
equals any of the roots of Q, the 
denominator becomes zero and T(s) 
has an infinite value (any number can 
be infinitely divided by zero). 

Depending upon what quantities 
are being related, pi and qi (any of the 
roots of P and Q) represent poles or 
zeros; if gain is being considered, pi 
identifies a "pole of transmission" and 
qi identifies a "zero of transmission." 
When dealing with passive filters, how-
ever, it is more convenient to consider 
attenuation characteristics, since there 
is no gain in a passive filter; pi in this 
case is used to identify a "zero of 

attenuation" and qi a "pole of attenu-
ation." This is, in fact, a logical step, 
since an attenuation pole — a point at 
which infinite attenuation is presented 
to a signal — would necessarily pro-
duce a zero of transmission. In the 
following discussion, the poles and 
zeros of attenuation are being con-
sidered. It is thus possible to define a 
transfer function in terms of its com-
posite poles and zeros, reducing the 
need to cope with complex poly-
nomial expressions. 

Poles and zeros are plotted in what 
is called the s-plane, where the hori-
zontal axis is a and the vertical axis is 
jco (see Figure 9); the critical frequen-
cies at which poles appear are theoreti-
cally points of infinite attenuation and 
the zero appearances are critical fre-
quencies exhibiting zero attenuation. 
The zero critical frequencies are the 
points at which the filter would oscil-
late. If the zeros were to appear in the 
right half of the s-plane, it would 
indicate that the response of the net-
work grows without bound for any 
input; in other words, the network 
would be unstable. A zero appearing 
on the jco axis would also imply that 
the network oscillates with no input 
signal. Since both of these events are 
impossible with passive elements, the 
zeros are limited to the left half of the 
s-plane plot. 

Synthesis Design 
The first step in the synthesis filter 

design technique is solving what is 
called the approximation problem. 

Since the network being synthe-
sized consists essentially of lumped 
reactances terminated at each end by a 
resistor (see Figure 10), the power 
applied to the network must either be 
transferred to the load or reflected 
back to the source, since no power can 
be dissipated in an ideal reactance. In 
actual practice, complete power trans-
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Figure 9. From pole-zero information, it is possible to ascertain the response of a 
projected filter design, as shown in this plot for a lowpass filter. In practice, filter 
design is most commonly done with mathematical formulae rather than plots. 

fer does not occur, so there is always a 
reflected component to be considered 
in the design of a filter; this compo-
nent is expressed in terms of a reflec-

Figure W. A fitter network is essential-
ly a group of reactances terminated by 
a load (RL) and source (Ri) resistance. 
Unlike an image parameter-designed 
filter, the terminations in synthesis 
design are not constrained to match 
the network impedance characteristic. 

tion coefficient, Pi. The reflection 
coefficient can be defined as the ratio 
of two polynomials representing maxi-
mum possible power (e) and the differ-
ence between maximum possible pow-
er and power actually delivered to the 
load (f). Expressed in relation to the 
complex frequency, these polynomials 
are related by: 

f(s) 
P' e(s) 

Under actual design conditions, pi 
is usually given as a percentage figure: 
a 100% reflection coefficient means 
that all of the power is reflected back 
to the source, and a 0% coefficient 
means that all of the power is trans-
ferred to the load. 

The total power in a reactance 
network is always constant, and can be 
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determined from the sum of the reflec-
ted and transferred powers. This is 
stated in the Feldtkeller relationship: 

H(s)H(—s) = 1 + K(s)K(—s) 

where H is a transmission transfer 
function having to do with the maxi-
mum transfer of power, and K is a 
characteristic function indicating loss 
in the network. These functions are 
defined in terms of the reflection 
coefficient: H is the ratio of the 
maximum power available for delivery 
to the load, e(s), to the power actually 
delivered, p(s): 

e(s) 
H(s) = 

p(s) 

and K is the ratio of maximum deliver-
able power minus power actually de-
livered, f(s), to power actually de-
livered to the load: 

f(s) 
K(s) = . 

13(s) 

Thus, the transmission and attenuation 
functions can be treated as ratios of 
polynomials capable of generating 
poles and zeros. Since the poles and 
zeros are contained within the H and 
K terms, it is not necessary to create 
an s-plane plot to deal with them; they 
can be more easily handled in this 
form by mathematical manipulation. 

When a filter is specified, it is 
usually in terms of its loss or its 
phase/delay response. If the loss re-
sponse is known, a value for K can be 
determined and from this, H can be 
derived; K can likewise be obtained 
from H when the phase/delay response 
is specified. Once values of H and K 
are known, both sets of polynomials 
can be factored into odd and even 
parts, and the parts combined to give 
required input impedance functions. 
For example, dividing the difference 
between the even parts of H and K by 

the sum of the odd parts gives a value 
for the input impedance of port 1 with 
a far-end open circuit (Z11 ): 

Heven Keven 7  

Hodd Kodd 

From the impedance functions, com-
ponent values can be calculated. In 
practice, most of these design steps are 
now done by computer calculation, 
greatly increasing the complexity of 
the filters which can be designed, and 
providing the special mathematical 
handling required to conserve accuracy 
in the design of large filters. 

Design Realization 
Once a filter has been designed, it 

must be constructed — realized — 
using physical components. During the 
design process, these components are 
assumed to be resistors, capacitors and 
inductors; in reality, the resistive ele-
ment is quite often present in distri-
buted form only, such as the resistance 
in an inductor's windings, so that the 
realization of an RLC filter network is 
generally composed of only inductors 
and capacitors. Figure 11 shows typi-
cal realizations for four of the most 
common filter types: the low-pass, 
which rejects signals above a specific 
cut-off frequency, the high-pass, which 
rejects signals below cut-off, the band-
pass, which rejects signals on either 
side of a selected passband, and the 
band-stop, which passes signals on 
either side of a selected stopband. 
Among the myriad uses of such LC 
filters are receiver input preselection, 
suppression of unwanted sidebands 
and harmonics, impedance matching, 
and multiplexing. 

The realization of a filter design is 
not required to consist of inductors 
and capacitors. Depending upon over-
all circuit applications, portions of the 
network may be replaced by crystals, 

\Me 
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Figure 11. The basic filter types can b realized as strictly LC structures, as these 
typical networks  illustrate. 

mechanical resonators, and operational 
amplifiers (for active filters), or the 
entire network may consist of a wave-
guide cavity or a space in a strip 
transmission line. 

Crysta I Filters 
Certain crystalline materials — nota-

bly quartz — exhibit a piezoelectric 
property, in that they can be set in 
mechanical resonance by an electrical 
field; the frequency at which this 
resonance occurs is a function of the 
crystal's size and the manner in which 
it is cut. This transducing property, 
which allows translation of electrical 
signals into mechanical energy and vice 
versa, makes it possible to realize a 
filter with crystal resonators — plates 
of piezoelectric material with a metal 
electrode on each side — rather than 
electrical components, since the fre-
quency at which the crystal resonates 
is effectively passed while adjacent 
frequencies are blocked. 

In designing a crystal filter, the 
image parameter and/or synthesis tech-
niques are first used to obtain compo-
nent values for an equivalent LC filter; 
information on crystal size and shape, 
electrode dimensions, and electrode 
placement is then used to transform 
the LC network into a crystal resona-
tor. Several such resonators can be 
coupled together to form a filter with 
the response characteristics required 
by a given application. 

Crystal filters are widely used in the 
telecommunications industry to pro-
vide channel separation in multiplex 
systems because of their low cost and 
size reduction compared to LC net-
works. These advantages are obvious in 
those structures which combine several 
elements into one physical unit, such 
as GTE Lenkurt's polylithic filter. 

Microwave Filters 
The uses of filters in the microwave 

frequency range are the same as those 
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Figure 12. 12. In an experimental approach to multi-cavity filters, bridging capacitors 
allow cancellation of portions of the microwave energy, producing attenuation 
peaks which improve the overall filter performance. 

at lower frequencies: they can be used 
to select, reject, and channel electro-
magnetic energy of different frequen-
cies, and provide for maximum trans-
fer of that energy from one point to 
another. 

In the design of microwave filters, 
the lumped inductive, capacitive, and 
resistive components of lower-fre-
quency networks are replaced by the 
characteristics of such typical micro-
wave circuit elements as waveguides, 
coaxial and strip transmission lines, 
and resonant cavities. The nature of 
these microwave elements is such, 
however, that under certain conditions 
their frequency behavior can be made 
to approximate that of lumped com-
ponents. Because of this, the most 

common approach to microwave filter 
design is the derivation of structures 
from equivalent lumped-element filters 
generated by image parameter or 
synthesis techniques. Indeed, if a 
lumped-element filter is designed to 
have the same frequency response 
characteristics as a microwave filter, it 
is possible to replace almost every 
lumped element with an equivalent 
microwave element. 

Although derived from them, mi-
crowave filter realizations do not 
physically resemble lower-frequency 
LCR networks at all. The elements 
seen in microwave circuits consist of 
such devices as stubs — short- or 
open-circuited sections of transmission 
line used as reactive components — 

'•••••• 
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and resonant cavities — regions of 
dielectric surrounded by conductive 
walls. For example, low- and band-pass 
filters used at lower microwave fre-
quencies can be realized by open- and 
short-circuited sections of coaxial line. 
At higher frequencies, resonant cavi-
ties can be coupled together to pro-
duce required responses. In one such 
application, waveguide sections are 
constructed with cavities built into 
them; to allow for adjustment of each 
cavity's resonant frequency, screws are 
often extended through the waveguide 
wall to vary the capacitance of the 
cavity. Variations of this technique are 
currently under development which 

will produce a filter frequency re-
sponse whose stopband contains the 
attenuation peaks — and the advan-
tages these provide — found in m-
derived sections at lower frequencies. 
One of these new techniques involves 
coupling resonant cavities not only in 
cascade, but also in parallel (see Figure 
12), allowing cancellation of energy at 
different points in the filter. 

This discussion has been concerned 
with the design of passive filters — 
filters with no source of energy within 
the network — according to image 
parameter and synthesis techniques. In 
Part 2, the design of active filters will 
be discussed. 
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