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Preface
Uke “Practical Electronic Building Blocks Book 1”, this book
is designed to provide a number of useful electronic circuits
which can be used to help readers put together their own projects.
Whereas “Book 1" provided circuits that were generally concerned
with generating signals of some kind (oscillators, noise and
current generators, etc.), this book is mainly concerned with
circuits that process signals. The two obvious topics of amplifiers
and filters account for a large part of this publication, but
comparators, Schmitt Triggers, and other signal processing
circuits are also covered.
In keeping with "Book 1”, all circuits are tried and tested
with circuit values and other necessary practical information
being provided, together with details of how to modify circuits
to suit your particular needs. For example, component values
for filters are given for a particular frequency, but details of how
to determine the values for other operating frequencies are
provided, and only simple calculations are involved.
“Book 1” and “Book 2” do not overlap one another, and
have been designed to complement rather than compete with
cach other. Although there are a number of specialised circuits
which are not covered in either publication, between them
these books cover virtuallv every type of oscillator, filter,
amplifier, etc. that the average electronics enthusiast is likely
to need.
K. A. Penf old
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Chapter 1
AMPL1FIERS
Practically every electronic project incorporates an amplifier
stage or stages, and many projects are little more than a
collection of amplification stages of various types. There are
actually a great many types of amplifier, such as precision DC
types, relay drivers, low noise audio, and so on. Audio amplifiers
are the most common type in electronic projects and consequently
we will consider these at some length. However, other types such
as DC and voltage controlled amplifiers will also be considered.
Single Transistor Amplifier
For a great many apphcations a simple single stage amplifier is
all that is required, and Figure 1 shows the circuit diagram of a
very useful and simple single transistor amplifier. This is a basic
common emitter stage usinga single bias resistor (R1) and
collector load resistor R2. Cl is the input coupling capacitor
and C2 provides DC blocking at the output.
The voltage gain of the circuit is approximately 150 times,
the input and output impedances are about 8k and 4k7
respectively, and the -3dB points of the circuit are at less than
20Hz at the low frequency end and around 100kHz at the high
frequency limit. The wideband noise output of the circuit is
only about 200jrV or so (with the input short circutted), and
this represents an excellent signal to noise ratio when the high
voltage gain of the amplifier is taken into consideration. The
current consumption of the circuit is typically a little under ImA.
A factor which must be kept in mind when using any
amplifier is that the full voltage gain of the circuit is never fully
realised in practice. This is due to the source impedance of the
circuit or transducer driving the input of the amplifier, and the
load impedance connected at the output. For example, if the
circuit of Figure 1 was to be fed from a source impedance of
lók, this lók and the 8k input impedance of the amplifier
effectively form a potential divider circuit, and the signal is
1
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Fig. 1. A simple single transistor amplifier

attenuated by a factor of 3 (16 + 8 = 24. 24 divided by 8 = 3).
This would effectively reduce the gain of the amplifier to only
about 50 times. A similar potential divider action is produced
at the output with the output impedance and load impedance
forming the two arms of the potential divider. Thus a load
impedance of 4k7 for instance, would effectively reduce the
voltage gain of the amplifier by half.
Another important point to note is that although the circuit
is capable of an output voltage swing of several volts peak to
peak prior to the onset of clipping (the exact figure depending
on how accurately the collector voltage of Tri is biased to the
optimum voltage of 4.5 volts), loading on the output reduces
this voltage by the same factor that the voltage gain is effectivel
decreased.
2

The specified value for C2 should give good results in most
applications, ideally the value of this component should be
chosen to suit the input impedance of the circuit driven by the
amplifier. It must have a high enough value to prevent low
frequencies being significantly attenuated, but it should not
have a value that is so high as to give a good response at frequencies
well below the limit of the audio band (i.e. well below about
20Hz). A higher value than is really necessary, is not a good idea
as it can result in a long wait after switch-on before the capacitors
charge to their normal working levels and the circuit starts to
function properly. It can also lead to instability due to very low
frequency feedback through the supply lines, or “motorboating”
as this form of instability is often called.
A value of 4/a7 is suitable for load impedances of around 5
kilohms, but for load impedances of substantially less than this
it is advisable to increase the value of C2 in proportion to the
reduction in load impedance. For example, a load impedance
of 1 k would require the value of C2 to be increased by a factor
of about 5, and a 22/aF component would be suitable since this
is the nearest preferred value to the calculated Figure of 23.5/aF
(4.7pF x 5 = 23.5/aF). Similarly, a higher load impedance
enables a proportionately lower value to be used for C2.
Although a supply voltage of 9 volts is specified in Figure 1
the circuit will in fact work quite well using any supply voltage
of between about 3 and 20 volts, and the collector voltage of
Tri will always tend to stabilise at roughly half the supply
voltage. Of course, changing the supply voltage does have some
effect on the performance of the circuit, the main one being a
drop in voltage gain at lower supply voltages, and a small increase
in voltage gain at higher supply potentials. The supply current
also increases and decreases with the change being roughly
proportionate to changes in supply voltage in this case. The
maximum peak to peak output voltage prior to clipping also
changes approximately in proportion to changes in supply voltage.
The other main parameters are little effected by variations in
supply voltage.

3

Lower Gain

In many applications the gain of the hasic circuit of Figure 1
is excessive, but the gain of the circuit is easily reduced by
applying negative feedback. This can be accomplished by simply
adding an emitter resistor, as shown in Figure 2.
The voltage gain of the circuit is approximately equal to the
collector resistor value (4k7) divided by the emitter resistance,
but this emitter resistance includes internal emitter resistance of
Tri which is about 30 ohms at the collector current used here.
If we take a simple example and assume that R3 has a value of
220 ohms, including the internal emitter resistance of Tri this
gives a total emitter resistance of 250 ohms. 4700 ohms divided
by 250 ohms equals 18.8, and the approximate voltage gain of
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Fig. 2. A common emitter stage with
negative feedback
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the circuit is therefore 18.8 times.
In order to calculate the emitter resistor for a given voltage
gain requirement it is merely necessary to divide 4700 by the
required voltage gain. and then deduct 30 ohms.
The negative feedback introduced by the addition of an
emitter resistor has the advantage of reducing noise and
distortion in proportion to the fall in voltage gain produced.
Another by-product of the negative feedback wliich can sometimes be helpful is the boost in input impedance that is produced,
hut there is not a reduction in the output impedance. The input
impedance of Tri is approximatelv equal to its current gain
multiplied by the emitter resistance (including the intemal
emitter resistance). Ilowever, this isjust the input impedance of
the transistor and does not take into account the effect of the
bias resistor. Although this resistor may seem to he too high in
value to have any significant shunting effect on the input
impedance of the circuit, the negative feedback effectively
reduces the value of this resistor by a factor equal to the voltage
gain of the amplifier. In practice this results in the input
impedance of the amplifier as a whole being only about half the
input impedance of Tri alone.
In both Figure I and Figure 2 it has been assumed that the
output of the circuit connects to a point in the subsequent
circuitry that is at the 0V supply potential, or at least al a fairly
low voltage. Similarly, it has been assumed that the input
connects to a point in the earlier circuitry that is at 0V or very
little more than tlus. If the input connects to a DC potential
wluch is more than about 0.65 volts positive of the 0V rail the
polarity of Cl must be reversed, and C2’s polarity should be
changed if the output connects to a point at a quiescent DC level
of more than about half the supply voltage.
The specified value for Cl should give good results, but
ideally this should have a value chosen to suit the input
impedance of the amplifier in the same way that C2 should
have its value chosen to suit the input impedance of the
subsequent circuit (as explained earlier).
One final point is that the negative feedback tends to
improve the high frequency response of the circuit, and for a
circuit having a great deal of feedback the upper -3dB point is
5

likely to occur at a frequcncy of several Megahertz. This is not
of any consequence in true audio applications since even without
feedback the amplifier has a response which extends well
beyond the upper limit of the audio band. In tact il can bc a
disadvantage as it can increase the susceptibility of the circuit
to stray radio frequcncy pick-up.
Emitter Follower
As was explained earlier, loading of one stage on another, or
loading of a circuit of some kind on a transducer such as a
microphone, can produce a large reduction in signal level.
Losses due to loading can be substantially reduced using a
buffer amplifier, and simple emitter follower buffer circuit is
shown in Figure 3.
An emitter follower has 100% negative feedback and
therefore only unity voltage gain, but the full current gain of
the transistor is realised so that only a small input current is
needed to give a comparatively large output current, and the
required high to low impedance conversion is thus obtained.
It should perhaps be pointed out that an emitter follower
stage does not actually give unity voltage gain, but in actual
fact gives marginally less than unity gain (about 0.% being the
typical voltage gain obtained). This very small drop in signal
level is not usually of any practical significance though.
The input impedance of the circuit is equal to the parallel
impedances of R1, R2 and the input impedance of Tr 1. These
give an input impedance of roughly lOOk using the specified
values. The output impedance of the circuit is 2k2, but this
does not take into account the affect of the source impedance
of the input signal. This lowers the output impedance of the
circuit to a figure which can be calculated by dividing the source
impedance by the current gain of Tri (which is about 520 at
the collector current used here). In fact the basic 2k2 output
impedance of the amplifier is in parallel with the impedance
obtained from the calculation detailed above, but in practice
the output impedance of the circuit will normally be so low that
this 2k2 is of no consequence.
Although the output impedance of the circuit is likely to be
6
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Fig. 3. A simple emitter follower buffer stage

only about 100 ohms or less in a practical situation, and normal
loading of the output will not significantly reduce the output
signal level of the unit, it is important to bear in mind that the
maximum output current of the circuit is equal to the emitter
current of Tri, or about 2mA using the values specified in
Figure 3. In other words, trying to provide an output signal of
a few volts peak into a load impedance of only about a hundred
ohms will not give satisfactory results since the output current
capability of the circuit will be inadequate on signal peaks, and
clipping will occur. The purpose of a circuit of this type is to
match a source impedance of (say) about 10 or 20k to a
comparatively low input impedance of (say) about 1 or 2k
without producing the massive loss of signal level that would
occur using direct connection of the two pieces of equipment.
7

The circuit is not intended to be a power amplifier and will not
work as one.
The circuit will work reasonably well on any supply potential
of between about 3 volts and 18 volts. The current consumptioi
from a 9 volt supply is about 2mA, and this changes roughly in
proportion to aiterations in the supply voltage.
Due to the large amount of negative feedback employed in
the circuit the noise and distortion levels are both extremely
low.
Op. Amp. Buffer
Operational amplifier integrated circuits make an excellent
basis for a buffer amplifier, and a simple circuit of this type is
gjven in Figure 4.
100% negative feedback is applied to the circuit by simply
couplingthe output direct to the inverting input, and there is
then unity voltage gain from the non-inverting input to the
output. Unlike an emitter follower stage an operational
amplifier with 100% negative feedback does give unity voltage
gain and not marginally less than unity. R1 and R2 are used to
bias the non-inverting input to half the supply potential, and
the input impedance of IC1 is so high that it does not significantl)
shunt one of the bias resistors, and these are simply made the
same value. At audio frequencies the input impedance of IC 1
is so high that it does not have any significant effect on the
input impedance of the circuit, and the input impedance is thus
approximately equal to the parallel impedance of R1 and R2,
or 1.1 Megohms in other words. The input impedance is easily
increased or decreased by raising or lowering the value given to
R1 and R2, and is simply half the value given to these component
The current consumption of the circuit is only about 2mA,
but the 74IC has a class B output stage that can provide output
currents of up to about 20mA with a consequent increase in
supply current. The output impedance is extremely low (only
about 1 ohm) regardless of the source impedance of the input

signa!.
In one or two respects an operational amplifier buffer stages
is inferior to a common emitter stage, and one of these is the
8
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lower bandwidth of the operational amplifier buffer. The 741C
lias unity voltage gain at a frequency of about 1MHz, and the
circuit therefore ceases to function properly at frequencies above
this figurc. A common emitter stage will function well at
frequencies of many Megahertz. In most applications the
bandwidth is not of great importance, and 1 MHz is quite
sufficiënt, but a more modern equivalent of the 741C such as
the LF351 (4MHz) or CA3 MOE (4.5MHz) can be used where
a wider bandwidth is called for. These more recent operational
amplifier devices also have a higher slew-rate than the Standard
74IC device.
The output voltage swing of an emitter follower (assuming
that the output is not heavily loaded) is virtually equal to the
supply voltage, but an operational amplifier normally has an
9

output stage which only permits the output voltage swing to
reach about 4 volts less than the supply voltage before clipping
occurs. There are a few devices which enable an output voltage
swing almost equal to the supply voltage to be obtained, and
the CA3140H (which has a class A output stage incidentally) is
one of these.
Another point to keep in mind is that an operational aniplifier
buffer stage has a slightiy higher noise level than an emitter
follower stage unless a special and expenstve ultra-low noise
device is used. It is probably better to use an emitter follower
stage in cases where optimum noise performance is of primary
importance.
Hum Filtering
Both the emitter follower and operational amplifier stages have
good imunity to hum or other noise on the supply lines provided
this noise is not coupled to the input in some way. In the basic
circuits of Figures 3 and 4 the bias circuits provide a path from
the supply lines to the input of the amplifiers. Where hum or
other noise on the supply lines is likely to be a problem it is
recommended that the slightiy modified arrangements shown
in Figures 5 and 6 shouid be used.
If we consider the circuit of Figure 5 First, this is the same as
the circuit of Figure 3 apart from the inclusion of a simple
decoupling network (R1 and Cl) which removes noise from the
bias circuit’s supply. With the exception of the improved
immunity to hum on the supply lines the circuit has a perfor
mance which is not significantly different to that of the original
circuit.
The buffer circuit of Figure 6 uses R1 and R2 to produce a
bias voltage nominaUy equal to half the supply potential, and
Cl removes any noise present on this bias voltage. R3 couples
this bias potential to the non-inverting input of IC1, and there is
no significant voltage drop through R3, even if it has a very high
value, due to the extremely high input impedance of IC1. The
input impedance of the circuit is equal to the value of the
component used in the R3 position, and the value of this
component can obviously be varied to give any desired input
10

impedance within reason.
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DC Buffering
It is often necessary to drive a comparatively low impedance
load from a medium or high impedance source, such as driving
a relay from the output of an operational amplifier or CMOS
logic integrated circuit. An emitter follower stage is just as
useful in DC applications, such as tliis, as it is in AC buffering
applications. Figure 7 shows the circuit diagram of two simple
DC emitter follower buffer amplifiers.
The first of these uses an NPN transistor and switches the
load on when the input voltage is at or close to the positive supply
rail, and switches it off when the input potential is at or near
the negative supply voltage. The input current drawn by the
circuit is equal to the current taken by the load divided by the
O
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Fig. 7. Two simple emitter follower D.C. stages
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current gain of Tri (which is about 500 or so), and the input
current is therefore likely to be very low at only about 100/iA
or less.
An important point to bear in mind is that the BC109C lias
a maximum current rating of lOOmA, and a maximum dissipation
of 300mW, and care must be exercised to ensure that neither of
these ratings are exceeded. If necessary a device ha ving higher
ratings and fitted with an adequate heatsink must be used. Of
course, with high output currents the input current requirement
increases, but this can be overcome if necessary by using a
Darlington device for Tri. The TIP122 device, for example, has
a typicai current gain of 5000 at a collector current of 2 amps,
a maximum dissipation of 65 watts, a maximum collector
current rating of 5 amps, and a VCEO max. of 100 volts. Using
an ordinary transistor in the emitter followcr mode there is a
voltage drop of about 0.65 volts or so from the input to the
output, but note that this figure is approximately doubled for
a Darlington device.
Dl is a protection diode which suppresses the high reverse
voltage that can be produced across a highly inductive load
(such as a relay coil) as it is switched off. Of course, if the load
is a non-inductive type such as a LED indicator it is not
necessary to include Dl.
The second emitter follower buffer circuit uses a PNF
transistor, and the load is switched on with the input at
approximately the negative supply potential, and is switched off
with the input at or close to the positive supply voltage. For a
high power version of the circuit a Tl PI 27 (the complementary
device to the TIP122) is suitable.
There are a few situations where a DC buffer amplifier is
required that has an extremely high input impedance, an output
current capability of a few milliamps, and no significant DC
shift from the input to the output. This can be accomplished
using an operational amplifier buffer stage such as the one show»
in Figure 8.
This is simply a non-inverting amplifier with 100% negative
feedback from the output to the inverting input so that the
circuit has unity voltage gain. The CA3140E device specified
for ICI has a PMOS input stage which gives an input impedance
14
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of about 1.5 million Megohms, and the circuit therefore places
no significant loading on the signal source. The class A output
stage of the CA3140E enables the output of the amplifier to go
within a few millivolts of the negative supply rail, which is an
extremely useful feature in many applications of this type of
circuit.
Audio Operational Amplifiers
Some operational amplifiers are primarily designed for use in
audio frequency amplifiers despite the fact that these devices
were originally designed for use as DC amplifiers. An operational
amplifier of this type is the LF351, and Figure 9 shows a simple
amplifier circuit which is based on this device. Operational
15
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amplifiers can be used in two Basic modes of amplification; the
inverting mode and the non-inverting one. This circuit is for an
inverting amplifier (we will consider a non-inverting amplifier
shortly).
R3 and R4 are used to bias the non-inverting input (and also
the output) to approximately half the supply voltage. C2 filters
out any hum or other noise wliich might otherwise be coupled
to the non-inverting input of IC'I from the supply lines via the
bias circuit. This also removes any stray feedback from the
output of the amplifier to the non-inverting input and thus
reduces the risk of instability.
R1 and R2 are a negative feedback circuit which determine
the input impedance and voltage gain of the circuit. By giving
these two components the appropriate values it is possible to
set both these parameters with a high degree of accuracy, and
this makes operational amplifier based circuits (or discrete
circuits using similar techniques) ideal for use where it is
essential to be able to set the gain and input impedance reliably
and consistently.
The input impedance is equal to the value given to R1, and
the voltage gain is equal to R2 divided by Rl, or ten times
using the specified values for these components. Cl and C3 are
merely DC blocking capacitors.
Obviously Rl and R2 can be given values to set almost any
desired input impedance and voltage gain. However, there are
definite limitations on the voltage gain that can be obtained,
and to a lesser extern on the input impedance that can be
achieved in practice.
If we take the voltage gain first, it must be borne in mind
that the gain-bandwidth product of the LF351 device is 4MHz.
In other words, the maximum frequency the amplifier must
handle multiplied by the voltage gain of the amplifier must be
no more than 4MHz. For an amplifier that must cover the full
audio band (which extends from about 20Hz to 20kHz) the
maximum voltage gain that can be used is clearly 200 times
(20kHz multiplied by 200 equals 4M1 Iz). In most cases the
LF351 will be able to provide sufficiënt voltage gain using a
single stage of amplification, but two stages connected in series
can be used where additional voltage gain is needed.
17
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In theory there is no limitation on the input impedance that
can be achieved using a circuit of this type, but in practice then
is the problem of obtaining resistors of sufficiently high value,
especially in cases where a combination of high voltage gain and
high input impedance are required. For instance, a circuit
havingan input impedance of 10 Megohms and a voltage gaino'
100 times would require R1 to have a value of 10 Megohms, an
R2 to have a value of 1000 Megohms. This is clearly not a
practical proposition, and in cases of this type it is bet ter to use
a low gain buffer stage to give the high input impedance, and a
separate high gain stage to step-up the voltage gain to the desire
figure.
Problems can arise with this type of circuit due to the input
capacitance of the operational amplifier effectively making the
negative feedback, to a degree, frequency selective, so that
unwanted peaks or dips in the frequency response are producer!
This is only really likely to be a problem in circuits that are use
to provide low voltage gain and a high input impedance. and
the result is normally a roughly doubling in gain at a frequency
of a few tens of kilohertz with the response falling away at
frequencies above the peak. Where low gain and high input
impedance are needed it is better to use a non-inverting amplifi
since a low impedance feedback network can then be used, anc
the input capacitance of the operational amplifier becomes
insignificant.
Bearing in mind the limitations mentioned above, the
appropriate values for R1 and R2 are easily calculated. R1 is
simply given the nearest preferred value to the required input
impedance, and then this figure is multiplied by the required
voltage gain to give the value of R2 (and again the nearest
preferred value must be chosen).
Non-Inverting Amplifier

The circuit of an operational amplifier used in the non-invertir
mode is shown in Figure 10. R.3 and R4 bias the non-invertinj
input of IC1 to about half the supply voltage with R5 being uï
to couple this bias voltage to IC 1. C2 decouples any hum or c
electrical noise on the supply lines so that it is not fed to the
18
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input of the amplifier. The value of R5 is equal to the required
input impedance of the amplifier, and C2 provides DC blocking
at the input (and should have its value chosen to suit the input
impedance of the circuit).
R1 and R2 are the negative feedback network, and the voltag
gain of the circuit can be calculated by First adding the values of
R1 and R2, and then dividing this figure by the value of Rl. Th
specified values give a voltage gain of iust over 10 times. In
theory the values given to Rl and R2 can be any two that have
the correct ratio to give the desired voltage gain, but in practice
it is not a good idea to have low values that vvill heavily load the
output of the operational amplifier, or to have high values that
would result in a far from Hat frequency response due to the
input capacitance of IC 1. In practice it is therefore advisable
to have the total value through Rl and R2 at something in the
region of 25 to lOOk.
In order to choose suitable values for Rl and R2 fust decide
on a value for R2, and any value of a few tens of kilohms should
do. Then divide this by one less than the required voltage gain
to find the correct value for Rl. The nearest preferred value to
the calculated figure is the used. Cl is a DC blocking capacitor
which gives the circuit 100% negative feedback and unity voltagf
gain at DC so that the circuit is biased properly. At audio
frequencies it must not add significantly to the impedance
provided by Rl, and the correct value is calculated in the same
way as the value of the input and output coupling capacitor
values are obtained.
The distortion performance of the LF35 1 is extremely good
with the distortion level being only about 0.02% provided the
output is not heavily loaded, the circuit is not driven into clippi?
and the amplifier is not used at very high gain levels. If used at
fairly high voltage gains the distortion performance does reduce
at high audio frequencies, although the distortion level is still
likely to be less than 0.1%.
The noise performance of the LF351 is also extremely good
with an output noise level of only about 500qV even if the
amplifier is used at a high voltage gain of one hundred times.
One point that must be emphasized is that although in theor
it is perfectly satisfactory to have a non-inverting amplifier witl20

an inpui impedance of (say) 5 Megohms and a voltage gain of
one or two hundred times, and the LF351 is quite capable of
achieving these performance figures, in a practical situation it is
highly unlikely that such a circuit could be made to operate
satisfactorily. The problcm is simply that there would inevitably
be a certam amount of stray feedback from the output of the
amplifier to the input, and as these two points are in-phase it is
almost certain that instability would occur witli the circuit
breaking into oscillation. It is therefore better to use two stages
of amplification with the First giving the high input impedance
and the second providing the voltage gain. This enables better
separation to be obtained between the input and output so that
stray feedback can be reduced to an insignificant level. It is also
a good idea to have the second stage of amplification of the
inverting type so that the input and output of the amplifier as a
whole are then out-of-phase, and any stray feedback will
therefore be of the negative variety. This will not cause
instability, but will simply result in a small reduction in the
high frequency gain of the amplifier.
DC Amplifiers
Operational amplifiers are primarily intended for use in DC
amplifiers, as was pointed out earlier, and the same two basic
modes of operation are used for DC amplification. However,
dual balanced supplies are used with a central OV earth rail so
that the output of the operational amplifier can go right down
to the earth potential, and can even go negative with respect to
earth.
Figure I 1 shows the inverting DC amplifier mode and Figure
12 shows the non-inverting DC amplifier configuration. Taking
Figure 11 first, the non-inverting input of IC1 is biased direct to
the earth rail so that the quiescent output voltage of the output
is the earth rail potential. R1 and R2 are the negative feedback
network which set the input impedance and voltage gain of the
circuit, just as for the audio inverting amplifier circuit. The
DC blocking capacitors at the input and output are obviously
omitted.
In the non-inverting circuit R1 and R2 set the voltage gain
21
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Fig. 11. A D.C. inverting amplifier

of the circuit, just as in the case of the audio non-inverting
amplifier, but there is, of course, no DC' blocking capacitor in
series with R1 (or at the input and output of the circuit). The
non-inverting input of IC 1 is biased to the OV rail by R3, and
this also sets the input impedance of the amplifier. In many
applications the input of the amplifier will always be connected
to a signal source and R3 will be unnecessary unless it is
essential for the amplifier to have a particular input impedance
for some reason. With R3 omitted the input impedance of the
amplifier is extremely high indeed, but reduces somewhat at
high frequencies due to the input capacitance of IC 1.
In theory the two inputs and output of the operational
amplifier should all be at precisely the OV supply potential, and
this is true of both amplifying modes. Practical operational
22

amplifiers are not perfect thougli, and small offset voltages of
usually only a few millivolts are present in the circuit. This can
result in the output of the circuit not being at quite the OV
supply voltage under quiescent conditions, and if the amplifier
is used at a high voltage gain the output can drift several hundred
millivolts away from the correct level. This is caused by the offset
voltage being multiplied by the voltage gain of the amplifier.
Operational amplifiers usually have provision for an offset
null control which can be adjusted to give a quiescent output
voltage of zero, and R4 of Figure 12 is an offset null control.
23

An offset null control can be added to the circuit of Figure 11
using a potentiometer of the same value and the same method
of connection. This type of offset null control is suitable for
use with other operational amplifiers such as the LF351,741C
etc., but there are some that use a different arrangement and
these are mostly devices which have an external compensation
capacitor (such as the 748C and CA3130T).
Single Supply DC Amplifiers

As the output of the CA3140E (and certain other operational
amplifiers such as the CA3130T incidentally) is capable of
operating right down to within a few millivolts of the negative
supply rail it is sometimes possible to dispense with one of the
supply rails in DC amplifier applications. A simple non-inverti
amplifier of this type is shown in the circuit diagram of Figure
13. R1 and R2 set the voltage gain of the circuit in the usual
way and R3 (if required) sets the input impedance of the circu
Ideally the output load should connect between the output
terminal of IC1 and the negative supply rail (which will norma
be the case), since a load between the output of ICI and the
positive supply rail will tend to increase the minimum output
voltage of IC 1. The output of IC1 will not go as close to the
positive supply rail as it does to the negative one, and a version
of the circuit having the positive supply as the earth rail rather
than the negative supply as earth is unlikely to givc satisfacton
results.
An inverting DC amplifier having a single supply rail is sho^
in the circuit diagram of Figure 14. While this may at first app
to be of little practical use since it will only function with the
input taken below the negative supply rail, it can sometimes b«
useful. Obviously preceeding circuitry cannot provide a suitab
input signal without the addition of a negative supply, making
the circuit effectively a conventional dual rail type. However,
the circuit can be used in an application such as a high resistam
voltmeter where the input signal will be provided by a complet
separate circuit, and the input signal can be connected so that:
is of the correct polarity.
Figure 15 shows a useful variation on the basic single rail
24

+5 to 30V

2

7
6

IC1
CA3140E

4-0

ri n

iok|j

R2
91 k

4
3

O
Out

In

-O

R3
10k

O —ve

Fig. 13. A single supply D.C. non-inverting amplifier

inverting DC amplifier. This type of circuit is useful for
applications where an input signal from perhaps a light or
temperature sensing circuit will vary from (say) 1 volt to VA
volts, and this must be converted to an output of perhaps O to
5 volts to drive a meter circuit. With R3 adjusted to give an
output voltage of zero with the input voltage at 2 volts, taking
the input voltage steadily down to 1.5 volts causes the output
to increase by an amount ten times greater than the reduction
in input potenlial (the voltage gain of ten times being set by the
values of R1 and R2). Thus the 0.5 volt reduction in the input
voltage gives a rise in the output voltage from zero to 5 volts,
as required.
One point that should be noted though, is that this is an
inverting amplifier and the output should be set at zero with
25
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Fig. 14. A single supply D.C. inverting amplifier

the input potential at its maximum level. The output voltage
then rises as the input voltage falls. The input circuitry must
therefore be designed to give an input voltage that falls as
temperature, light level (or whatever) increases, and this is not
usually difficult to arrange in practice.
Ultra Low Noise

The device specified for the operational amplifier based audio
frequency circuits described earlier is the LF351, and this has a
good noise performance as has been pointed out already.
However, for very critical applications in this respect there are
devices which have a substantially lower noise level, and a useful
device of this type is the NE5534A bipolar operational amplifier.
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This can be used in exactly the same way as the LF351, but
gives increased bandwidth and lower noise. The gain bandwidth
product of the NE5534A is 10MHz which compares to 4MHz for
the LF351.
The NE5534A lias an input bias current requirement which
is considerably higher than that of the JFET input stage of the
LF351, and this might cause the output bias voltage to drift
significantly away from half the supply potential if very high
bias resistor values are employed with this device. Hovvever,
this may not be significant as the NE5534A is only likely to be
used to amplify low level signals and is not likely to require a
large output voltage swing, but it is a point which should be
kept in mind in applicalions where the circuit is powered from
a fairly low voltage supply and the output could be as large as a
27
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few volts peak to peak.
The current consumption of the NE5534A is a little higher
than that of the LF351 incidentally, but it is still only about
4mA.
Voltage Controlled Amplifiers

i

Many audio processing circuits such as expanders, compressors,
and certain musical effects units require an amplifier whose
voltage gain can be varied by means of a control voltage.
Although the MC3340P voltage controlled amplifier is by no
means a new device, it is extremely useful for use in applications
of this type, and as can be seen from the circuit diagram of
Figure 16 this device requires very few discrete components.
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Fig. 16. A simple voltage controlled amplifier
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Cl and C3 are input and output coupling capacitors
respectively, and C2 attenuates the high frequency response of
the circuit to prevent instability. The upper frequency response
of the circuit still extends wel! bevond the upper limit of the
audio band though.
The control voltage is applied to pin 2 of IC 1, and a potential
of about 3.5 volts or less gives a voltage gain of about 13dB (i.e.
just over 4 times). The voltage gain falls by about 20dB (ten
times) with a control voltage of 4.7 volts, 40dB (100 times) with
a control voltage of 5.2 volts, 60dB (1000 times) with a control
potential of 5.5 volts, and 80dB (10000 times) with a control
potential of 5.8 volts. The maximum attenuation available is
about 90dB (30000 times) with a 6 volt control potential. It
is also possible to use a resistance from pin 2 to the negative
supply rail to control the gain of the circuit, and this resistance
should have a value of about 4 kilohms or less in order to give
the full 13dB voltage gain of the MC3340P. Reductions in
voltage gain of 20, 40, 60 and 80dB are achieved with
approximate control resistance of 8k8, 12k, 16k5 and 25k
respectively. The maximum attenuation of about 90dB is
achieved usinga control resistance of about 35k.
The MC3340P can handle a maximum input voltage of about
500mV RMS, and the total harmonie distortion is normally
less than 1%, although it does rise somewhat higher than this
if the circuit is used with high input levels and at high levels of
attenuation.
The MC3340P can sometimes be a little awkward to use due
to the fairly low input impedance at the control input, but this
can easily be overcome using a buffer amplifter ahead of this
input, as shown in Figure 17.
R1 gives the full 13dB voltage gain of the MC3340P under
quiescent conditions, but the voltage gain can be reduced by
taking the base of Tri to a suitable potential. Note that the
voltage fed to the base of Tri needs to be about 0.6 volts or so
above the control voltage required at pin 2 of IC 1 due to the
voltage drop through Tri. The input impedance to the base of
Tri is a few hundred kilohms. and this should be more than ade
quate. However, if an even higher input impedance is required
this can be obtained by using an operational amplifter unity
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Fig. 1 7. Increasing the input impedance to the
control input
gain buffer stage ahead of the control input of IC 1. Of course,
with an operational amplifier buffer stage there is no voltage
drop from the input of the buffer stage to the output. R1 would
not be necessary if an operational amplifier buffer stage is used.
Transconductance Amplifier
A transconductance operational amplifier mak.es a good basis for
a voltage controlled amplifier, and Figure 18 shows the circuit
diagram of a VCA using the CA3080E transconductance device.
This type of amplifier is quite different to a normal operational
amplifier, and it is the output current rather titan the output
voltage that is proportional to the differential input voltage.
This type of amplifier can be made to operate as a voltage
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amplifier however, and it is merely necessary to add a load
resistor at the output so that the output current flowing in this
resistor produces a proportionaJ output voltage. The output
impedance is quite high and a buffer stage is therefore needed
at the output in normal use. R5 is the load resistor and IC2 is
used as a simple unity gain buffer stage.
In order to use a transconductance amplifier as a VCA it
must be used open loop (i.e. without any negative feedback),
since any negative feedback would attempt to stabilise the
voltage gain of the circuit at a certain level, and would obviously
prevent the circuit from operating properly. Rl, R2 and Cl
are used to effectively gjve a central ÜV supply rail, and the
inverting input of IC1 is biased to this via R3 while the noninverting input is directly connected to it. The gain of the
amplifier is controlled by a current fed to pin 5 of IC1, but as
it is normally more convenient to use a control voltage rather
than a control current R6 has been added in series with pin 5.
Thus the input current is roughly proportionaJ to the applied
voltage, and the required voltage control is obtained.
The voltage gain of 1C1 is higher than is likely to be needed,
and the input impedance at about 470 ohms is rather low. R4
is therefore used to reduce the voltage gain to a more suitable
level and boost the input impedance of the circuit by lOk.
With a control voltage of 9 volts the circuit has a voltage gain
of approximately 6dB (two times). The gain is reduced by abou
6dB, 20dB, 40dB, 60dB and 80dB with control voltages of 4.5
volts, 1.5 volts, 0.65 volts, 0.5 volts and 0.43 volts respecitvely.
This may seem to be a strange control characteristic with large
voltage changes at one end of the range having little effect on
the gain, and small voltage changes at the opposite end of the
range having a very large effect on the voltage gain. However,
this characteristic can be useful in certain applications, especiall}
in ones associated with electronic music such as envelope shaper
The maximum signal level that can be handled by this circuit
is about 1 volt RMS. The output noise level is about 1.5mV at
maximum gain, and in this respect this circuit is inferior to thosr
using the MC3340P. With both devices the output noise level
reduces as the gain of the circuit is reduced. This circuit also
has significantly higher distortion levels than the two circuits
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describcd earlier which use the MC3340P. This circuit is therefore not recommended for applications where low noise and
distortion levels are important.
Opto-Isolator
An opto-isoiator consisting of a LED driving a cadmium sulphide
cell makes an excellent basis for a voltage controlled amplifier
due to the low distortion provided by the photocell. Figure 19
shows the circuit diagram of a VCA of this type, and this uses
an ordinary Til 209 (3mm red) LED driving an RPY58A
cadmium sulphide photoresistor. The light output from the
LED is aimed straight at the sensitive surface of the photocell
using as little spacing between the two as possible. and the
photocell must be shielded from light other than that emanating
from the LED.
R2 and PCC1 are connected to form a simple attenuator,
and with PCC1 in darkness there are only quite small losses
through this circuit. IC 1 is used as a low gain non-inverting
amplifier, and this compensates for the losses through the
attenuator so that under quiescent conditions the circuit has
approximately unity voltage gain, and acts as a simple buffer
amplifier.
If the control voltage to the base of Tri is steadily increased,
at a potential of about 2.5 volts Dl begins to conduct and produce
a light output which reduces the resistance of PC'Cl. This results
in increased losses through the attenuator, and thus also through
the circuit as a whole, with a maximum attenuation of over 40dB
with the control voltage at the positive supply potential. This
gives a more than adequate range for most appücations.
The circuit can handle input signal levels of up to about 2
volts RMS with minimal distortion. The input impedance at
the control input is around 500 kilohms. An important point
to note about this type of circuit is that it has quite a fast attack
time of only a few milliseconds at most, but the decay time is
quite long. In fact it can take about a second or so for the gain
of the circuit to return to maximum if the control voltage is
rapidly switched from its maximum level to zero, although the
gain will return quite rapidly to a level not far below the maximum
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figure. This is not usually a disadvantage since it is often necessary
for audio control circuits to have attack and decay characteristics
of this type anyway.
This type of opto-isolator arrangement is very versatile, and
by using PCX' 1 in the R2 position and using a resistor of about
lk8 in value in the position formerlv occupied by PCC1 the
circuit provides losses of about 40dB or so under quiescent
conditions, with the gain increasing to about unity as the control
voltage is brought up to 9 volts. As PCC1 is electrically isolated
from the circuit that drives it there is no reason why PCC1
should not be used in the feedback circuit of an amplifier to
directly control its gain, rather than using an attenuator and
buffer amplifier as in the circuit described here. There is plenty
of scope here for those who like to experiment with circuits.
Simple VCA
There are occasions when a very simple VCA is all that is
needed, and quite high levels of distortion are acceptable.
Applications which fall into this catagory are sound effects
which are based on noise, or squarewave signals, or something
of this nature wliere the distortion will not be apparent.
Figure 20 shows the circuit diagram of a simple and admittedly
low quality VCA, and this uses an ordinary bipolar transistor
as a simple form of voltage controlled resistor. With the base of
Tri at about 0.5 volts or less Tri is cut off and the losses through
R1 are those brought about by the input impedance of the
output buffer amplifier based on IC1. This amplifier has a
certain amount of voltage gain so that it compensates for the
losses through R1 and overall gives approximately unity voltage
gain. As the control voltage is increased above about 0.5 volts
Tri begins to conduct between its collector and emitter terminals,
causing increased losses through Rl. The losses through the
circuit as a whole reach about 50dB with the control voltage at
about 9 volts. Tliis can be increased to as much as 80dB or
more, if necessary, by reducing the value of R2. Of course, Tri
provides what is far from being true resistance between its
collector and emitter terminals and it is this that gives the
fairly high distortion level. The circuit can handle input signal
35
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levels of up to about 2 volts RMS.
Power Amplifiers
Power amplifiers are used in a great many types of project
such as radio receivers, intercoms, signal tracers, and guitar
amplifiers. Except where fairly liigh output powers of about
10 watts or more are required, integrated circuit audio power
amplifiers are more practical and often cheaper than using a
discrete design. Although there are a large number of different
audio power amplifier integrated circuits available these days,
only a few different types are really needed in order to satisfy
most requirements. Ilere we will consider just four devices
which cover most requirements from low voltage low power
types to high quality circuits capable of an output power of
several watts RMS.
Probably the most popular audio power device in use today
is the LM380N integrated circuit, and this popularity is probably
due to the high performance and small number of discrete
components required by this device. Figure 21 shows the
circuit of a simple power amplifier based on an LM380N.
There are actually two inputs to the LM380N; an inverting
input at pin 6, and a non-inverting input at pin 2. However,
this device is not like an uperational amplifier in that it has
internal biasing circuitry and a negative feedback circuit that
sets the voltage gain of the device at a nominal figure of 34dB
(50 times). lt is usually better to use the inverting input as this
often gives better stability and makes component layout less
critical than when using the non-inverting input. The inputs
can either be left floating or they can be referenced to the
negative supply rail. Thus it is not necessary to use a DC
blocking capacitor between volume control VR1 and the
inverting input of IC1. Also, the non-inverting input can simply
be connected straight to the negative supply rail in order to
prevent stray pick-up and feedback to this input.
The circuit will give an output power of 2 watts RMS with a
low harmonie distortion level of only about 0.2% or less, and
with a 9 volt supply an output power of over 1 watt RMS at low
distortion can be produced. The maximum average supply
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current is about 250mA using a 12 volt supply. and 180niA
using a 9 volt supply. The quiescent supply current is typically
7mA, but can be as high as 25mA.
The circuit can be used with a loudspeaker having an
impedance of more than 8 ohms, but the output power
decreases in proportion to the increase in speaker impedance.
The use of a loudspeaker having an impedance of less than 8
ohms is not recommended. When used with a mains power
supply it is beneficial to add a 10/jF decoupling capacitor from
pin 14 of 1C1 to the negative supply (with the positive terminal
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of the capacitor connecting to pin 14 of course). This increases
the ripple rejection of the circuit from only about 7dB to around
40dB, and should substantially reduce the hum level on the
output signal if a simple mains power supply is used.
Pins 3, 4, 5, 10, 11 and 12 of the LM380N are internally
connected incidentally, and it is only necessary to make a
connection to one or other of these. They can be connected
to an area of printed circuit track which then acts as a smail
heatsink, but if the device is only used at output powers of
about 2 watts RMS or less this should not be necessary. The
LM380N has built-in thermal and overload protection circuitry
incidentally.
Low Voltage Amplifier
The L.N1380N is ideal for many applications where an output
power of up to about 2 watts is needed, but it does have one
major drawback tn that is has a minimum recommended power
supply voltage of 8 volts. This obviously permits operation
from a 9 volt battery supply, but makes the device unsuitable
for applications where a 3 volt or 6 volt battery supply is to be
used.
In such cases the amplifier circuit of Figure 22 can be
employed, and this is based on the UL.N2283B (sometimes just
called a 2283) audio power amplifier device. This device only
has a non-inverting input and this must be biased to the negative
supply rail. In this case it is biased via the volume control VR1.
C2 reduces high frequency stray feedback and reduces the risk
of instability. The ULN2283B has an internal negative feedback
network which sets the voltage gain of the device at a nominal
figure of 43dB (about 140 times), and Cl is needed to provide
DC blocking in this feedback path. The voltage gain of the
circuit might be a little excessive for some applications, and it
can be reduced by about 12dB (to about 35 times) using a 100
ohm resistor in series with Cl. Lower value resistors can be
used to give a smaller reduction in gain.
The circuit will give about 1 watt RMS using a 9 volt supply,
about 400mW using a 6 volt supply, and nearly lOOmW using a
3 volt supply. Although this last figure may not seem to be
39

very high, this does in fact give enough volume for applications
such as intercoms and smal! radios, and most miniature loudspeakers are only rated to handle about 100 to 200mW. The
quiescent supply. current is between 8 and 12mA using a 6 volt
supply (10 and 14mA using a 9 volt supply), but the ULN2283B
has a class B output stage and the current consumption therefore
increases considerably when the circuit is used to provide high
volume levels.
40
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Note that pins 2, 3, 6 and 7 of the ULN2283B are intemaUy
connected together, and it is only necessary to connect the negativ
supply rail to one of these.
Low Current Amplifier
A problem when using the two circuits just described witha
battery supply is that the quiescent current consumption can
be quite high, and the LM380N for example can have a quiescent
current consumption of as much as 25mA. For best battery
economy a low quiescent current consumption of only a few
milliamps is required, and the TBA820M with its quiescent
current consumption of only about 4mA is therefore ideal for
use with a battery supply, and it will operate with supply voltages
as low as 3 volts. There is a slight drawback with this device
when compared with the LM380N or ULN2283B in that it
requires more discrete components, but the component count
is by no means excessive as can be seen from the circuit diagram
of Figure 23.
This is another device which needs its input referenced to the
negative supply rail, and this biasing is provided by the volume
control VR1. Of course, the circuitry driving the amplifier must
have DC blocking at the output (or a suitable capacitor must be
added at the input of the amplifier) or the DC component on
the input signal will upsct the biasing of the amplifier. C2
provides supply decoupling for the supply to the input stage of
IC 1, and this prevents stray feedback over the amplifier due to
loading of the supply, and gives increased supply ripple rejection
if the circuit is used with a mains power supply. C4 restricts
the high frequency bandwidth of the amplifier to reduce the risk
of instability, and R3 plus C6 are also needed to aid good stability
R2 and C3 provide boostrapping to the driver stage of the
amplifier, and this gives a slight boost in the output power
available using a given supply voltage.
This high efficiency is useful when a low voltage supply is
used as it enables the circuit to provide an output power of about
150mW into an 8 ohm loudspeaker using a supply potential of
just 3 volts. The circuit will actually give about 300mW into a
4 ohm load using a 3 volt supply, although loudspeakers of a
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suitable impedance miglit be difficult to obtain. The output
power using an 8 ohm speaker is 500mW RMS using a 6 volt
supply, about 1 watt RMS using a 9 volts supply, and nearly 2
watts RMS using a 12 volt supply.
The voltage gain of the circuit is controlled by the value given
to R1, and as the gain is approximately cqual to 6000 divided
by the value of R1 (in ohms) the specified value gives a nominal
voltage gain of 60 times. The value of R1 can be altered to suit
individual requirements, but it is advisable to keep its value
between about 27 ohms and 220 ohms. A lower value could
cause a serious reduction in output quality and a liigher value
could result in instability.
6 Watt Amplifier
For output powers of about 6 watts RMS the circuit of Figure
24 is useful. Tliis is based on the TDA2006 device which can
be used in mucli the same way as an operationa! amplifier. In
this circuit it is used as an inverting amplifier with a voltage gain
of a little over 26dB (20 times). The voltage gain is set by
negative feedback network R1 and R4, just as for an operational
amplifier inverting amplifier. In fact, apart from the addition
of volume control VR1 it will be apparent that this circuit uses
the same configuration as that used in the operational'amplifier
inverting mode circuit of Figure 9. The input impedance of the
amplifier is 22k, but tlris is shunted by VR1 which reduces the
input impedance of the circuit as a whole to 1 lk at maximum
volume.
The TDA2006 can be used in the non-inverting mode if
preferred, but the inverting mode seems to give better stability
with the component layout consequently being less critical
using this mode. The voltage gain and input impedance can be
easily modified to suit your requirements, but it is advisable to
keep the voltage gain between about 20 and 40dB (10 and
100 times). Using the inverting mode it is not really possible to
obtain a high input impedance since R4 would require an
impractically high value. The TDA2006 has a bipolar input
stage and in order to obtain accurate biasing it is advisable to
give R4 a value of no more than about 1 Megohm or so. In the
43
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non-inverting mode a high input impedance can be achieved, but
is almost certain to result in violent instability. It is therefore
better to use a buffer stage at the input to boost the input
impedance to the required figure if an input impedance of more
tiran a few tens of kilohms is required.
The circuit gjves a good quality output with a total harmonie
distortion level of only about 0.1% or less at output powers of
up to about 4 watts. The heat-tab of the TDA2006 must be
mounted on a fairly substantial heatsink since the device has to
dissipate a few watts when it is used with output powers of
around 4 to 6 watts RMS. The heat-tab connects internally to
the negative supply pin (pin 3) of the device incidentally. The
TDA2006 has both thermal shutdown and output overload
protection circuits built-in. The quiescent current consumption
of the circuit is about 41mA, but this increases to about 500mA
at high volume levels.
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Chapter 2
FILTERS
Although there are a great rnany different types of tdter, they
really only fall into four main catagories. These are high pass,
low pass, bandpass, and notch types. There are rnany ways of
achieving each type of filtering, which is why there appears to
be a bewildering variety of filters in use in modern linear circuits.
In this cliapter we will consider circuits of uil four types, and in
most cases filters of various levels of performance will be
described so that you will (hopefully) be able to choose a filter
configuration that precisely suits your needs.
6dB Per Octave Types
The simplest type of filter is a high pass or low pass type that
merely consists of one capacitor and one resistor. These two
types of filter are shown in Figure 25, and these give an ultimate
roll-off rate of 6dB per octave. In other words, a doubling or
halving of frequency (as appropriate) results in the output
voltage being reduced by 50%.
These circuits rely on the fact that the reactance of a capacitor
decreases as frequency is increased, and this simple principle is
in fact used in all the filters that are described in this publication.
If we take the low pass filter fust, at low frequencies Cl has a
reactance which is high when compared with the resistance of
Rl, and the losses through R1 due to a straight forward potential
divider action are therefore very small. At higher frequencies
the reactance of Cl falls and eventually reaches a point where it
is equal to the resistance of Rl, and at this point the losses
through the circuit are 6dB. Doubling the input frequency
results in a halving of the reactance of Cl, and the losses through
the filter are doubled to 12dB. Further doublings of the input
frequency cause the reactance of Cl to half, and the losses
through the circuit to be doubled (or increased by 6dB in other
words). Thus the ultimate 6dB per octave attenuation rate is
achieved. Note though that the roll-off rate is lower than this
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lig. 25. (a) Simple low pass filter,
(b) simple high pass filter

at frequencies below the -6dB point, and this type of filter should
therefore be said to have an ultimate attenuation rate of 6dB
per octave rather than just a 6dB per octave attenuation rate.
The high pass filter works in very much the same way, but it
is at high frequencies where the reactance of Cl is low that the
circuit produces low losses, and at low frequencies where the
reactance of Cl is high in relation to that of R1 that the circuit
gives the 6dB per octave roll-off.
The values shown in Figure 25 gives a -6dB point at approximately 1 kHz, but the -6dB frequency can be altered by changing
the value of Cl or that of R1, or both. Changes in value give an
inversely proportional change in the -6dB frequency. For instance
making R1 lk and Cl 3n3 woulij produce a 6dB point at
approximately lOOkFlz.
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Circuits of tliis type look deceptively simple, and this is due
to the fact that the cut off frequency obtained and the roll-off
rate of the filter are largely dependent on the source and load
impedances at the input and output of the filter, l or the filter
to achieve its theoretical level of performance it must be fed
from a source impedance that is very low and have a load
impedance that is very high. If we take a couple of extreme
examples to demonstrate this point, assume that the circuit of
Figure 25(a) is fed from a source impedance of lOOk, this
source impedance is effectively added to KI to give a value here
of 1 lOk, which would give a -6dB point of less than 100Hz
instead of about 1kHz. If the circuit is fed from a low source
impedance but a load impedance of 1 k is placed across the
output, there will obviously be losses of over 20dB due to the
potential divider action produced by KI and the load impedance.
Cl would start to significantly increase the attenuation provided
by the circuit only when its reactance became comparable to
and less than the load impedance. This would be at a frequency
of about 10kHz and upwards, and would again seriously effect
the performance of the circuit.
In practice circuits of this type are quite often used, but not
in the form shown in Figure 25. It would be more common for
a simple low pass filter to be in the form of a capacitor connected
across the collector load resistor of a common emitter amplifier.
Here the cut-off frequency would be determined by the value
given to the filter capacitor and the combined impedance of the
load resistance and the input impedance of the circuit drtven
by the amplifier (these two impedances effectively being connected
in parallel with one another). Low pass filtering is sometimes
added to an operational amplifier circuit such as the one shown
in Figure 9 and described earlier. Here the filter capacitor
would be added in parallel with K2 so that the amplifier would
have increased negative feedback and reduced voltage gain at
high frequencies where the filter capacitor would effectively
reduce the value of R2 by a substantial amount. The cut-off
frequency would then be determined simply by the values of
R2 and the filter capacitor.
A high pass filter is often produced by simply using a low
value coupling capacitor between two stages so that in effect
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Cl is the c0upling capacitor and R1 is the input impedance of
the stage to which it is coupiing the signal.
Active Filters

i
-

Where a filter having an attenuation rate of more than 6dB per
octave is required it is normal these days to use an active circuit.
While on the face of it there is no reason why two simple filters
of the type shown in Figure 25(a) or (b) should not be
connected in series to give a 12dB per octave roll-off rate, in
practice loading of the first filter section on the second tends to
give problems. A passive 1 2dB per octave filter tends to have a
rather low initial roll-off rate which can result in wanted signaJs
at frequencies just below the cut-off frequency being significantly
attenuated, or signals at frequencies not far above the cut-off
frequency receiving little attenuation, or a combination of the
two, depending on what compromise is used for the cut-off
frequency. We are talk mg in terms of a low pass filter here, but
the situation is essentially the same for a high pass type. It then
becornes wanted signals just above the cut-off frequency that
are attenuated. and (or ) signals at frequencies just below the cutoff frequency that receive little attenuation.
With an active filter it is possible to obtain a fiat response
almost to the frequency where the 1 2dB per octave roll-off rate
commences. Figure 26 shows the circuit diagram of a conventional
12dB per octave low pass filter which uses ICI as a unity gain
buffer amplifier. The cut-off frequency is determined by the
values of R3, R4, C2 and C3, with a -3dB point at about 1kHz
with the specified values. However, by changing the values of
C2 and C3 it is possible to alter the cut-off frequency to
practically any desired figure front a few Hertz to about 100kHz.
Changes in the values of C2 and C3 produce an inversely proportional shift in the cut-off frequency. For exantple, a scratch
filter with a cut-off frequency of 5kHz could be produced by
reducing C2 to InF and C3 to 470pF. Obviously where exactly
the required values are not available, it is necessary to use
the nearest preferred values. It is important to keep C2 at a value
which is doublé or slightly more tlian doublé the value of C3.
If C2 is slightly lower in value than this the initial roll-off rate
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of the filter will be less th*n 0^tirhum, whereas making C2
somewhat too high in value w Pjoduce a peak in the response
of the filter just below the cU
frequency.
R1 and R2 are used to P*aS ^ 1, and the bias current flows
to IC1 via filter resistors R- arK H4. These are placed ahead of
the filter resistors so that they do no( shunt C3, vvhich would be
the case if they were connected direct at the input to IC 1. The
input impedance of the circuit is about 5 kilohms.
Figure 27 shows the circuit diagram Qf an active 12dB per
octave high pass filter, and this is basically the same as the low
pass circuit just described hut the resistive and capacitive filter
elements have been transposed. Ro and R3 bias IC 1, and the
combined (parallel) impedance of these acts as one of the
resistive filter clements.
The values shown in Figure 27 give a -3dB point at
approximately lkllz, but it is again possible to niodify the cutoff frequency by altering the values of the capacitive elements
of the filter (Cl and C2). Also as before, changes in value give
an inversely proportional shift in the cut-off frequency. Thus,
for example, the circuit could operate as a rumble filter in a hi
fi system with a cut-off frequency of around 50Hz by giving Cl
and C2 a value of 470nF. Keep these two components at the
same value or the performance of the filter will be adversely
affected.
High Slope Filters
The circuit of Figure 28 is for a 1kHz low pass filter havinga
nominal slope of 18dB per octave. This is basically just a 12dB
per octave filter of the type already described with an additional
filter stage (R3 and C2) added at the input to increase the
attenuation rate to 18dB per octave. However, in order to
optimise performance the 1 2dB per octave section of the circuit
is designed to have a peak in the response at about 1kHz, and the
additional filter is used to counteract this and give a fairly fiat
response below the cut-off frequency. The overal effect of this
is to give a very rapid introduction of the full 18dB per octave
attenuation rate, and this type of filter gives extremely good
results.
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The operating frequency of the filter, as for the 6 and 12dB
per octave types, can be altered by changing the values of the
filter capacitors, provided the ratio of their values is not greatly
changed (e.g. C2 should always be about ten tiines higher in valu52
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than C4). Figure 29 shows the circuit diagram of the high pass
equivalent of the circuit of Figure 28.
For an even higher level of performance the 24dB per octave
filter circuits of Figures 30 (low pass) and 31 (high pass) can be
used. These effectively use two 12dB per octave filter sections
connected in series to give the very high attenuation rate of
24dB per octave (which means that a doubling or halving of
frequency, as appropriate, reduces the gain of the circuit by a
factor of 16)!
Notch Filter
The purpose of a notch filter is to let most frequencies pass
with little hinderance, but to provide a high level of attenuation
over a narrow band of frequencies. Figure 32 shows the circuit
diagram of a notch filter of the twin T type. and this is really just
a passive filter with 1C1 being used as a buffer stage at the output
of the circuit to ensure that there is minimal loading on the
filter proper. R1 and R2 are used to bias IC1, and Cl is a DC
blocking capacitor. R3, R4, VR1 and C2 to C5 are the filter
components. C4 and C5 are connected in parallel to give a
capacitance of 20nF since it is unlikely that a component of
this value will beavailable. VR1 could be replaced with a 9k
fixed resistor (which would need to consist of two 18k components
connected in parallel), but in order to obtain a deep notch it is
better to use a variable resistor here so that it can be adjusted to
optimise the performance of the filter. This type of circuit can
provide a very high level of attenuation at the centre of the
notch with 80dB being readily obtainable, although VR1 must
be adjusted very precisely in order to obtain best results from
this circuit.
A drawback of a basic twin T filter in some applications is
that it produces significant losses at frequencies well away from
the central notch frequency. Typically there is about 1 OdB of
attenuation at twice and half the operating frequency of the
circuit. The circuit diagram of a modified twin T filter which is
superior in this respect is shown in Figure 33. The filter proper
is actually the same as that employed in the previous circuit,
but it is included in the negative feedback circuit of an operational
54
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amplifïer which is used in the inverting mode. The negative
feedback tries to flatten the response of the circuit, and therefore
reduces losses away from the notch frequency. However, the
level of attenuation at the centre of the notch is so high that the
negative feedback has no noticeable effect here, and it is still
possible to adjust VR1 to give more than 80dB of attenuation.
This circuit has losses of only about l.5dB at twice and half the
notch frequency.
The specified filter values give an approximate notch frequency
of 1kHz, but the value of C2 to C5 can be altered to give any
desired notch frequency from a few Hert/, to some lens of
kilohertz. As with all the filters described in this book, changes
in value give an inversely proportional change in operating
frequency. C2 to C5 must all have the same value if the circuit
is to function properly, and it is advisable to use components
having a tolerance of 5% or less.
Altemative Notch Filter
An altemative notch filter circuit is shown in Figure 34, and
this is based on Wien network C3, C4, R3 and R4. IC1 is used as
a non-inverting buffer stage which drives one section of the Wien
network, and IC2 is used as an inverting buffer stage which drives
the other section. At a certain frequency (approximately 1kHz
with the specified values) there is zero phase shift through each
section of the Wien network, and the out-of-phase signals have
a cancelling effect on each other. R6 is adjusted to precisely
balance the two signals so that a deep attenuation notch is
produced. 1C3 is simply used as an output buffer stage.
The performance of this filter is similar to that of the filter
circuit of Figure 32, but it does have an advantage that can
often be very useful. This is simply that the operating frequency
of the filter can be altered by varying the values of the two
resistors in the Wien network (R3 and R4), and these two
resistors should be of the same value. By using a twin gang
potentiometer for these two resistors (with a fixed resistor in
series with each gang) it is possible to tune the filter. In fact it
can be tuned over a considerable bandwidth if necessary. For
example, replacing R3 and R4 with a 220k linear dual gang
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potentiometer with a lk5 resistor in series with each gang woulc
give a nominal tuning range of less than 100Hz to over 10kHz.
Even the ability to have a small tuning range can often be useful
or even essential. If it is necessary to notcli out a certain
frequency, and there is no way of altering the frequency of the
input signal that must be removed, it is obviously necessary to
bring the operating frequency of the filter to just the right
frequency in order to obtain really good results. Using the
filter circuit of Figure 32 it can be difficult to find preferred
values that give precisely the desired operating frequency, and
then there are the component tolerances to contend with anyway.
This limits the degree of attenuation that can be obtained using
a twin T circuit under these circumstances, and a Wien tunable
notch filter is preferable. However, if a high degree of attenuation
is not required, or the signal which is to be notched out can be
tuned to the centre frequency of the filter, the twin T type is
preferable as it is simpler, less expensive, and just as effective
under these conditions.
Bandpass Filters
A bandpass filter, as its name suggests, permits frequencies
witliin a narrow band to pass with little attenuation while
providing high losses at all other frequencies. A bandpass filter
can be produced using the high pass and low pass filter circuits
described earlier, and this method of bandpass filtering is used
in some applications. For example, suppose an audio filter for
some piece of Communications equipment is required, and it
must have a passband which extends from 250Hz to 3kHz. This
could be achieved using a high pass filter having a cut-off
frequency of 250Hz and a low pass filter having a 3kHz cut-off
frequency with the two filters simply being used in series. It
does not really matter too much which filter is used to process
the signal first, although a marginally better signal-to-noise ratio
will be obtained using thé high pass filter at the input and the
low pass type at the output.
The method described above is most useful where a flat
response over a range of frequencies is required, rather than a
filter which is designed to piek out a signal at a certain frequency
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and attenuate other signals. Where a very narrow bandwidth is
required it is better to use a simple bandpass filter of the type
shown in Figure 35. The specified values give a centre frequency
of approximately 1 kHz, but this frequency can be made anything
from a few Hertz to about 1 OOkllz by giving Cl and C2
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suitable values.
A voltage gain of a little over two times is provided at the
centreof the filters response, and the response is not particularly
sharp with the -6dB points at approximately 500Hz and 2kHz.
However. the Q of the circuit can be boosted considerably by
reducing R1 to lk8 and increasing R2 to 180k. This gives a
relative attenuation of nearly -2üdB at 500Hz and 2kHz, and the
voltage gain of the circuit is boosted to about 34dB (50 times).
Obviously an attenuator can be used at the input or output of
the filter if this voltage gain is not needed.
The circuit must be fed from a low impedance source since
the output impedance of the preceding stage is effectively in
series with R1 and will reduce the operating frequency of the
filter. If necessary a buffer stage (such as the one shown in
Figure 4) must be added at the input. The filter can be tuned
over a small range of frequencies by replacing R! or R2 with a
variable resistor and fixed resistor in series, but the bandwidth of
the circuit will change somewhat as the filter is tuned up and
down in frequency (which is why only a limited tuning range is
practical).
Narrow Band Filter
The bandpass filter circuit of Figure 36 has a centre frequency
of about 1 kHz and -20dB points at approximately 850Hz and
1.15kHz. The -40dB points are at approximately 250Hz and
3.2kHz. The gain at the centre of the filters response is about
46dB (200 times).
This narrow bandwidth and very sharp response are obtained
usinga twin T filter in the feedback network of an operational
amplifier used in the inverting mode. At resonance the twin T
circuit provides very little feedback and the circuit has a high
level of voltage gain, but away from the centre frequency the
twin T network provides a comparitively large amount of
feedback and gives little or no voltage gain. R5 is used to “damp”
the response of the twin T circuit slightly, and without this
component the circuit would almost certainly break into
oscillation. The gain and Q of the filter can be boosted slightly
by making R5 slightly higlier in value, or the gain and Q can be
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reduced by using a lower value for R5.
Tone Controls
Tone control networks can be passive circuits, and a simple tone
control network of this type is shown in the circuit diagram of
Figure 37. VR1 is the bass control and VR2 is the treble
control. Maximum boost is produced with the sliders of these
two Controls at the tops of the tracks, and maximum cut is
produced with them at the bottom ends of the tracks. At
10kHz and 100Hz the maximum cut and boost available is
approximately 12dB. The circuit must be fed from a reasonably
low impedance source and must have a reasonably high impedance
load at the output if it is to function correctly.
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Fig. 37. A passive tone control circuit
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A problein with passive tone control circuits is that they have
a fairly high insertion loss, and the circuit of Figure 37 is quite
typical with losses of about 20dB with the Controls set for a flat
response. One way of overcoming this problem is to connect
the tone control network in the negative feedback loop of an
amplifier, as shown in the circuit diagram of Figure 38.
Bear in mind that the gain of the amplifier is reduced at frequencies
where the tone control networks provide boost and therefore
increased negative feedback. Simiiarly, the gain of the amplifier
is boosted at frequencies where the tone control networks provide
cut and there is reduced negative feedback. In other words the
Controls operate in reverse fashion to the passive version, with
the circuit giving maximum bass and treble boost with the sliders
ofVRl and VR2 at the bottom end of the tracks, and maximum
cut with the sliders at the upper ends of the tracks. In other
respects the lift and cut characteristics of the active tone Controls
are not significantly different to those of the passive circuit.
Rather than losses of about 20dB, the active version of the
tone Controls provides a voltage gain of nearly 20dB with the
Controls set for a Hat frequency response.
An alternative active tone control circuit is given in Figure 39,
and this is based on an operational amplifier used in the inverting
mode. In the inverting mode an operational amplifier can be
jsed to provide less than unity voltage gain (which cannot be
ichieved using a non-inverting amplifier), and this enables the
circuit to have unity voltage gain with the Controls set for a flat
response. Tlius when adjusted for boost the circuit does actually
provide an increase in gain at the frequencies concerned, and
.vhen set for cut the circuit does provide attenuation. The
passive tone Controls of Figure 37 always provide attenuation,
md simply apply more or less attenuation rather than giving true
lift and cut. The active tone Controls of Figure 38 always provide
voltage gain, and simply give more or less voltage gain to give
relative boost and cut.
A circuit of the type shown in Figure 39 can often be
idvantageous since it is very easy to add it into an audio system
sf some kind. It acts virtually as a buffer amplifier, and if it is
connected between two circuits that are compatible with one
inother it should not introducé any problems of incompatibility.
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The control characteristics of this circuit are similar to those
of the previous two circuits with maximum lift and cut levels of
about 12dB being available at lOOHzand lOklIz (relative to
1 kHz).
Voltage Controlled Filter
The circuit of Figure 40 is for a simple voltage controlled filter
of the low pass type. The CA3080E transconductance operationa)
amplifier (IC 1) is effectively used here as a voltage controlled
resistor, and in conjunction with C3 this forms a simple 6dB
per octave low pass filter.
With the control voltage at 9 volts IC1 has a fairly low
effective resistance, and the -6dB point of the circuit is well
beyond the upper limit of the audio frequency spectrum at
approximately 50kHz. Reducing the control voltage raises the
effective resistance of 1C1 and therefore reduces the cut-off
frequency of the circuit. The -6dB point is at Ikllz with a
control potential of approximately 0.75 volts, and it can be
reduced somewhat further if nccessary. However, it is advisable
not to use a control voltage of much less than 0.75 volts as this
could result in the output being cut off completely. Despite this
limitation, the cut-off frequency can still be varied over a 100 to
1 range, and this is more than is likely to be necessary in practical
applications. Of course, the cut-off frequency range of the circuit
can be changed by altering the value of C3 if necessary.
At pass frequencies the circuit has a nomina! voltage gain of
unity. The input impedance of the circuit is about 22k.
Bandpass VCF
Figure 41 shows the circuit diagram of a simple bandpass voltage
controlled filter, and although this is not a high quality type it
can be useful in applications such as musical effects units and
sound effects circuits. One draw-back of the circuit is simply that
it produces significant amounts of distortion under certain
operating conditions, and another is that the Q of the filter
changes quite considerably as the centre frequency of the circuit
is swept upwards through the audio frequency band. At low
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frequencies the filter lias an extremely low Q with the gain at the
centre of the passband being only a few dBs higher than the
normal (unity) voltage gain of the circuit. At high frequencies
the O is much higher with a voltage gain of around 20dB at the
centre of the passband.
The circuit is basically just an operational amplifier used as
an inverting amplifier having unity voltage gain set by the two
feedback resistors. R1 and R4. However, the required bandpass
filtering is provided by three additional components in the
feedback network, and these are C4, C5 and Tri. Tri is used
here as a voltage controlled resistor. and R5 is used in series with
Tri to effectively limit its minimum resistance to lk. A
bipolar transistor does not give good linearity when used as a
voltage controlled resistor. and it is this that gives a significant
amount of distortion when Tri is biased into conduction. The .
filter is at its minimum frequency when the input voltage is at
about 0.5 volts, and the maximum frequency is achieved with
the input potential at about 4.5 volts. The frequency range of
the filter can obviously be changed by altering the value of C4
and C5 if necessary.
This bandpass filter arrangement is really just a variation on
the arrangement shown in Figure 32 and described earlier, as
will probably be apparent if the two circuits are compared.
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Chapter 3

MISCELLANEOUS CIRCUITS

Comparators and trigger circuits are used in numerous applicatiand these very simple circuits are amongst the most useful
building blocks. The two basic types of comparator are the nor
inverting and inverting types, and these are shown in the circuit
diagrams of Figure 42(a) and (b) respectively. Special compara'
integrated circuits are available, but in most cases it is cheaper
to use an operational amplifier as a voltage comparator. and
that is the technique used in the circuits described here.
An operational amplifier amplifies the voltage difference
across its two inputs, and at low frequencies the gain of these
devices is extremely high being typically about 100000 or
200000 times. Thus only a very small voltage difference
(typically only a fraction of a millivolt) is needed in order to
send the output fully positive or negative. The output goes
positive if the non-inverting input is the one at the higher
potential, or negative if the inverting input is the one at the
higher voltage.
In the circuit of Figure 42(a) the inverting input of IC1 is
biased to about half the supply voltage by R1 and R2. Cl
decouples any noise which might be picked up at the inverting
input of IC1 and which might otherwise give unreliable results
from the circuit. If the non-inverting input is taken marginally
above the bias voltage fed to the inverting input the output of
IC1 goes high, and if the non-inverting input is taken fractionall]
below this bias potential the output of IC 1 goes low.
The bias voltage fed to the inverting input does not have to
be half the supply voltage, and it can be any potential between
the two supply rail potentials. It does not have to be supplied
by a potential divider circuit either, and a zener shunt stabiliser
circuit could, for example, be used instead if this would give
better results for some reason.
The inverting version is essentially the same, but the bias
voltage is fed to the non-inverting input and the input voltage is
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applied to the inverting input. The output therefore goes low
if the input is taken above the bias potential, or high if it is taker
below this potential.
Using a 741C in the IC' 1 position it is important to remember
that the output voltage with the output in the low state is about
two volts or so above the negative supply potential. The output
is about one volt below the positive supply voltage when it is in
the high state. It is not usually difficult to interface the 74IC
to subsequent circuitry such as a LID indicator or relay driver,
but a CA3140E can be used instead of the 741C if it would be
more convenient to have an output potential of virtually zero
volts with the output in the low state.

Triggers
The simple comparator circuits of Figure 42 can sometimes give
unsatisfactory results due to the narrow range of input voltages
that give an output voltage between the two extremes. With
the input in this narrow range of voltages the output will
not simply assume some intermediate output voltage since
there will be a.considerable amount of output noise with the
operational amplifier effectively used as an open loop amplifïer.
There is also a distinct possibility that noise picked up at the
input will appear greatly amplified at the output and the circuit
could even be slightly unstable.
The solution to this problem is to use a trigger circuit which
is really just a slightly modified comparator circuit. Figure 43
shows the circuit of a simple inverting trigger circuit. R1 and
R2 bias the non-inverting input to about half the supply voltage,
but due to the inclusion of R3 this bias voltage is always
modified under quiescent conditions. If IC 1 's output is high
R3 is effectively connected in parallel and the bias voltage is
increased to about one third of the supply voltage. When ICl’s
output is low the bias voltage is reduced to about one third of
the supply voltage since R3 is then effectively connected in
parallel with R2. If we assume that the output of IC1 is low,
the inverting input must be taken below one third of the supply
voltage in order to trigger the output to the high state. The
inverting input only has to be taken low enough in potential to
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Fig. 43. An inverting trigger circuit

start the output moving positive, since the positive feedback
through R3 then causes the output to almost instantly switch
to the high state. It is then necessary for the inverting input to
. be taken above two thirds of the suppiy voltage in order to send
the output back to the low state, and again positive feedback
ensures that the output triggcrs straight from one output state
to the other and cannot takc up a state between the two extremes.
An obvious effect of the positive feedback, apart from the
triggering of the output from one state to the other, is the
introduction of two distinct input voltages at which the circuit
switches output States. In this case there is a large amount of
feedback through R2 and R3 so that the two voltages are well
separated. In some applications this would not be acceptable,
and R3 would have to be made much higher in value so that its
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shunting effect on R1 and R2 would be greatly diminished. A
value of 1 Megohm or even more should ensure reliable triggering
from one state to the other, but where practical it is advisable
to use a large amount of feedback as this will give the best
possible reliability with good immunity to spurious operation
due to noise or instability. Note that the effect of R3 will be
slightly less than one niight expecl since the output of IC1 does
not go fully positive or negative, and with a low supply voltage
this will in fact substantially reduce the amount of hysteresis
introduced by R3.
Non-Inverting Trigger
Figure 44 shows the circuit diagram of a non-inverting trigger,
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Fig. 44. A non-inverting trigger circuit
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and like the inverting trigger circuit this one uses positive
feedback to give the triggering. Also as before, the input voltage
at which the output triggers to the high state becomes different
to the one at which it triggers back to the low state. In this case
it is a potential divider action across R1 and R2 that introducés
the hysteresis, and the degree of hysteresis can be controlled
changing the value of R2 as necessary.
AC Trigger
Trigger circuits are often used to couvert sinewave or triangular
waveforms to a squarewave signal, and can also be used to process
a signal which has a high noise content to produce a squarewave
output that is free from noise and spurious pulses. It is the
hysteresis which gives this immunity and a large amount of
hysteresis is desirable in this application. Another feature of
trigger circuits of this type which can often be useful is that an
inadequate input level results in no output signal. This can be
used to advantage where a circuit of some kind will malfunction
and give unreliable results if it receives an inadequate signal level.
A trigger used ahead of such a circuit ensures that it either
receives a proper input signal or no input signal at all, and the
equipment therefore simplv fails to operate rather than giving
misleading results.
Figure 45 shows the circuit diagram of a trigger circuit which
has AC coupling at the input. This circuit has obvious similarities
to the trigger circuit of Figure 43 which was described earlier,
and the main differences are the biasing of the inverting input
provided by R1 and R2, and the AC input coupling obtained by
using Cl at the input.
Using a 9 volt supply the circuit requires an input signal of
about 2 volts peak to peak or more in order to produce an
output signal, but the sensitivity of the circuit reduces roughly
in proportion to increases in the supply voltage. The sensitivity
of the circuit can be considerably boosted if necessary by
reducing the value of R5, but this also reduces the hysteresis and
noise immunity of the circuit.
The NE531N device specified for IC1 has a high slew-rate
and therefore gives a good quality squarewave output having a
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fast risetime. This may not be an important factor in some
applications, and a 741C device can then be used in the IC1
position. C2 is a discrete compensation capacitor and is not
required if a 741C is used for IC 1.
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Window Discriminator
The window discriminator circuit of Figure 46 produces a low
output unless the input voltage falls within certain limits. Using
the values shown for R1 to R3 the output is low unless the
input voltage is between one third and two thirds of the supply
voltage. However, by changing the values of R1 to R3 these
limits can be set at any desired level. The lower limit is equal
to the voltage fed to the non-inverting input of IC 1 b (pin 3) and
the upper limit is equal to the voltage supplied to the inverting
input of IC la (pin 6). The two reference voltages can be set
using separate potenttal dividers if preferred, or zener shunt
stabiliser circuits can be used to provide these potentials.
However, the higher reference voltage must always be applied to
pin 6 of IC1 or the circuit will fail to operate properly.
Flip-Flop
Figure 47 shows the circuit diagram of a simple flip-flop or
bistable circuit which uses a 555 (or the CMOS 7555 version of
the 555) timer integrated circuit. These two devices were
covered at some length in “Practical Electronic Building Blocks
Book 1” and thev will therefore not be described in detail again
here.
Basically the circuit is just a Standard 555 monostable, and the
output can be triggered to the high state by taking pin 2 below
one third of the supply voltage, and reset to the low state by
taking pin 4 to less than about 0.5 volts. Normally an R - C
timing network coupled to pins 6 and 7 of the 555 would
determine the length of time that the output would remain
in the high state if no reset pulse is provided before the end of
this timing period. In this circuit though, the timing components
are omitted and once triggered the output remains high for an
indefinite period, and can only be returned to the low state
by a reset pulse to pin 4 of IC 1.
Once the circuit has been triggered it would be possible for
stray pick-up at pins 6 and 7 to cause these pins to go above
two thirds of the supply voltage, which would effectively be the
same as a timing network reaching the end of the timing period
81
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and resetting the device. No problems of this type have been
experienced by the author when using this circuit, and it is
something that would probably only occur in a field of strong
electrical interference. However, if spurious operation of this
type should prove to be troublesome it should be possible to
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Fig. 47. A simple flip-flop circuit

remedy the problem bv connecting a resistor of a few hundred
kilohms in value from pins 6 and 7 of IC1 to the negative supply
rail, or simply linking these pins to the negative supply rail.
The set and reset pulses can be provided in a number of ways,
such as using mechanical switches to connect these inputs to
the negative supply rail, or using common emitter connected
transistors to pull the inputs down to suitable voltages when
they receive positive input pulses.
Mixers
The mixer circuit of Figure 48 is ridiculously simple, but is
useful in circuits where there are two signals which must be
mixed together in the appropriate proportions. If we assume
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Fig. 48. The simplest of mixer circuits

that both input signals have the same source impedance, there
will be the same gain from each input to the output when the
wiper of VR1 is at the centre of its track. In fact as this is a
passive circuit it is more accurate to say that the losses from
each input to the output will be the same, and will be 6dB.
However, the load impedance at the output will increase these
losses, and will do so substantially if a low load impedance is
present. In some applications it may therefore be necessary to
use a buffer amplifier or a low gain voltage amplifier at the
output to minimise and compensate for the losses in the mixer
circuit. If the source impedances are not equal it simply means
that balance will be achièved with the slider of VR1 off-centre.
In an extreme case where one signal is from a high impedance
source and the other is from a low or medium impedance one it
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would not be possible to achieve balance at any setting of VR1,
but this is not a set of conditions that are likely to be encountered
in practice.
If the wiper of VRI is moved towards the top of its track
there is a lower inipedance from input 1 to the output and
effectively a higher impedance across the output. On the other
hand as far as input 2 is concerned there is a higher impedance
path to the output, and a lower impedance across the output
terminals. Thus input ! receives less attenuation and input 2
receives more. Taking the wiper of VRI down towards the
bottom end of its track has the opposite effect with less
attenuation from input 2 to the output and more attenuation
from very low source impedances, at the extreme settings of
VRI there will be no attenuation from one input to the output
while the other input will be totally cut off from the output. If
the source impedances are each in the region of a few kilohms
the control range of the circuit will obviously only be fairly small,
although still quite sufficiënt in the majority of cases.
Active Mixer
Figure 49 shows the circuit diagram of a basic operational
amplifier active mixer, and this is a well known and much used
configuration. The circuit is really just a form of inverting
amplifier, but there are two input resistors (R1 and R2) with one
input signal coupled to each resistor. The output therefore has
to counteract the sum of the two input voltages (this mode of
operation is sometimes called the “summing mode”), and the
required mixing action is obtained. VRI and VR2 enable the
two input signals to be mixed in any desired proportions, and
there is a maximum gain of unity from each input to the output.
However, if necessary the voltage gain of the circuit can be
increased by raising the value of R5, just as would be the case
for a normal operational amplifier inverting mode circuit. The
input impedance of the circuit is about 50k or so.
Although the mixer is shown here as a two input type, using
this configuration it is in fact possible to have any number of
inputs. It is merely necessary to add an extra lOOk input resistor,
220nF DC blocking capacitor, and lOOk logarithmic potentio85
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meter for each additional channel, with the extra components
being connected in the same fashion as Rl, Cl and VRl. Adding
extra channels to the unit does not alter the performance of the
existing channels in any way, and the level of performance at
the extra inputs is the same as that at the original two inputs.
In tliis respect this type of mixer circuit is superior to a passive
circuit plus amplifier, as with the latter the gain of the circuit
steadily reduces as extra channels are added. Another advantage
of this configuration over a passive mixer is that there is no
perceptible interaction between the level Controls.

Simple Gates
It can sometimes be necessary to have a simple gate circuit which
can be used to pass or cut off an audio signal of some kind, and
Figure 50 shows the circuits of two very simple gate circuits of
this type. If we consider Figure 50(a) First, with Tri switched
off it has such a high collector to emitter impedance that it has
no significant effect on the circuit, and the only losses through
Rl are those caused by a potential divider action in conjunction
with the load impedance at the output, lf a control voltage of
about 6 to 12 volts is applied to the circuit Tri is biased hard
into conduction and it has a collector to emitter impedance of
just a few ohms. This produces severe losses of almost 80dB
through Rl, and this is high enough to give no significant output
signal.
The circuit of Figure 50(b) is not substantially different, and
simply uses a VMOS transistor instead of a bipolar device plus
input current limiting resistor. Note that the VNIOKM VMOS
transistor has a bui!t-in 15 volt zener protection diode and it
does not therefore require any special handling precautions.
However. the input voltage must not exceed 15 volts or this
protection diode will be brought into conduction and a heavy
input current could fiow. This would probably result in the
destruction of Tri.
An electronic changeover switching action can be obtained by
using two gate circuits with their outputs feeding into a mixer
circuit (such as the circuit of Figure 48 or the one of Figure 49).
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The control inputs of the two gates must be operated out-ofphase (i.e. when one control voltage is high the other must be
low) so that only one or other of the input signals is fed through
to the output.
Clipping Amplifier
In most applications it is necessary for amplifiers to have a
reasonalily high degree of linearity in order to obtain satisfactory
results, but there are occasions when a non-linear amplifier of
some kind is needed. The most simple of non-linear amplifiers
is the clipping type. and this is simply an amplifier which
operates in a linear fashion until the input signal voltage reaches
a certain level. and the gain of the circuit then reduces so that
as the input voltage increases the output voltage remains virtually
static. This effect can, of course, be obtained by overloading
a linear amplifier, and this is a method of clipping which is
sometimes used in practical circuits, lt can often be more
satisfactory to use a clipping amplifier of the type shown in
Figure 51 though, and this is based on an inverting mode
operational amplifier circuit. Rl and R4 set the input
impedance and gain of the circuit at lOk and 20dB (10 times)
respectively, but these can be modified to suit individual
requirements by giving these two components the appropriate
values.
The clipping is introduced by L)1 and D2, and these are not
biased into conduction and have no significant effect on the
circuit unless the output signal reaches about 1.2 volts peak to
peak. These diodes are then biased into conduction on signal
peaks, and shunt R4 during the periods of conduction so that the
voltage gain of the circuit is reduced. The impedance of Dl and
D2 reduces sharply as the output voltage rises above ± 0.6 volts,
and the reduction in gain this causes is sufficiënt to ensure that
only a small increase in output voltage is produced even if the
input signal voltage is taken well above the clipping threshold.
Dl provides the clipping when the output is positive going, and
D2 gives the clipping when the output is negative going.
This arrangement gives very hard clipping, and some
applications require “soft" clipping where increases in the input
89
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signal voltage do give a small but significant increase in the
output voltage. This “soft” clipping can be obtained using the
modified circuit of Figure 52. Here R5 has been added in
series with two clipping diodes to limit their effect, and the
higher the effective value of R5 the “softer” the limiting
that is obtained.
Simple passive clipping circuits are sometimes all that is
required, and Figure 53 shows two simple circuits of this type.
Figure 53(a) is a “hard” limiting circuit and Figure 53(b) is a
“soft” clipping circuit. These operate in a similar fashion to
the active circuits with the diodes not being brought into
conduction and having no effect if the input voltage is less than
about 1.2 volts peak to peak. At higher input levels the diodes
conduct during signal peaks and produce increased losses through
R1 so that the required clipping is obtained.
By using germanium diodes (such as OA90s or 0A91s) in
the circuit of Figure 53(a) the clipping threshold is reduced to
only a few tens of millivolts peak to peak, and the intensity of
the clipping steadily increases as the input signal is raised above
the cÜpping threshold. This gives a very interesting form of
“soft” clipping which can be very useful in some applications.
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IN THE SAME SERIES
BP117: PRACTICAL ELECTRONIC BUILDING BLOCKS
-BOOK 1
R. A. Penfold
Written in the same style as this book and designed to com
plement it, Book 1 covers in general signal generating circuits.
Chapter 1 deals with a number of different oscillator cir
cuits, covering most of the output waveforms that are ever
likely to be needed by the hobbyist, and covering a frequency
range of less than 1 Hertz to many Megahertz.
Oscillator circuits are used in a surprisingly large number of
electronic projects including such diverse pieces of equipment
as radio transmitters and receivers, test equipment, musical
effects units and model train controllers.
Chapter 2 covers monostable multi-vibrators, that is circuits
that when triggered by an input signal of some kind produce a
single output pulse of a certain duration. Circuits of this type
are used in timers, switch debouncers and many other applications.
Chapter 3 includes a number of miscellaneous circuits such
as noise generators, rectifier circuits, power supplies, regulators
and latches etc.
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