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WARNING!

ELECTRICITY CAN BE DANGEROLU'S!

The electronic projects in this book are, to
the best of the author’s knowledge and
belief, both accurately described and safe.
None the less, great care must always be
taken when assembling electronic circuits
which carry mains voltage, and neither the
publishers nor the author can accept
responsibility for any accidents which may
occur.

Because electricity is dangerous, its use,
application and transmission are subject to
rules, regulations and guidance. These are
laid down in numerous laws, Electricity
Generating Board regulations, British Stan-
dards, and IEE recommendations. Some of
these may be obtained from your local
electricity showroom, but most, if not all,
should be available for reference in your
local library.
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AUDIO-CONTROLLED MAINS SWITCH

It is often useful for audio or video equipment to be
switched off automatically after there has been no
input signal for a while.

The function of the on-off switch in such equip-
ment is then taken over by switch Sz in the accom-
panying diagram. It remains, however, possible to
switch off manually by means of Si. Automatic
switch-off occurs after there has been no input
signal for about 2 minutes: this delay makes it poss-
ible for a new record or cassette to be placed in the
relevant machine.

The audio input to the proposed circuit may be
taken from the output of the relevant TV set, ampli-
fier, or whatever. The input earth is held at +6 V
with respect to the circuit earth by potential divider
Ri1-R2>-R3-R4. The two 741s function as com-
parators: the output of ICi goes high when the in-
put signal is greater than + 50 mV, whereas the out-
put of IC2 goes high when .the input signal
becomes more negative than —50 mV. Resistors
Reé, R7, and Rs form an OR gate that drives tran-
sistor T1. If the output of either ICi or IC: is logic
1, T1 conducts.

The 555 operates as a retriggerable monostable,
whose period is determiiied by Rio and Ci. The
device is triggered when its pin 2 is earthed by the
closing of Sa. Its output, pin 3, then remains high
for 1 to 2 minutes, depending on the leakage cur-
rent of the 555. The monostable resets itself as soon
as the potential across Ci exceeds a certain value.
As long as there is an input signal to the circuit, Ti
conducts and Ci remains uncharged. As soon as
the audio signal ceases, T1 switches off, and Ci
charges until the potential across it is sufficient to
reset the 555. The monostable may also be reset by
closing Si, which connects pin 6 of the 555 to
+12 V.

When ICs is reset, Ci is discharged via its pin 7.
Resistor Rii serves as protection, because without
it T1 could short-circuit the supply lines.

When the output of IC3 goes high, T2 conducts,
the relay is energized, and the relay contacts switch
on the mains voltage as appropriate. To counter the
induced potential when the relay contacts close,
which could damage T2, diode D1 has been con-
nected in parallel with the relay coil.
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AUDIO LINE DRIVER

Integrated operational amplifiers are not always
suitable for applications where a high signal level
(Uo=<10 Vms) is required for driving a relatively
low impedance (Z=50—600 Q). The amplifier de-
scribed here is eminently suitable as a high dynamic
range line driver or power buffer in public address
systems and AF distribution amplifiers.

The input amplifier of the line driver is formed by
a low noise opamp Type OP-37 from PMI. This en-
sures the following technical specification of the
line driver: Uo=70 Vpp max.; Io=400 mApp max.;
Dit=0.01% at Uo=10 Vrms, ZL=509Q and
S/IN=90 dB.

Regulators T+1-T2 bring the supply voltage for the
OP-37 down to +15 V. The complementary power
output stage is formed by Ts-T4 The amplifier has
a standard negative feedback circuit R1-R2, which
results in a voltage gain Av=—(R2/R1). A local
feedback Ra-Rs has been included to keep the out-
put voltage of the opamp within safe limits, while
capacitors C1-C2 serve to improve the stability. It
should be noted that the value of Ci and C:
depends on the construction of the line driver:
typicel values are 680 pF for C1 and 22 pF for C2.
In a prototype of the circuit, neither capacitor was
required for the frequency response to remain flat
(£1dB) up to 100 kHz.

Resistors Rp should drop just enough voltage for
T3 and Ta to start conducting (class A-B operation).
The quiescent current of IC1 is about 3 mA, so that
150 @ can be taken as a suitable starting value for
Re. The quiescent current in the power output

36V

®
*
. RS S Re
3 2 BD242B
2N2222A T3
c2
T
R2
330k
c1
IC1 %
R OP-37 '
D 10k 2N RaC]
ol o] )
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o|"® S S‘ =
T T
a0V
© ©
g
10p
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36V
Aoz B2 0= 12w 87459
VTR * = see text

stage should be between 20 and 50 mA. Higher
values of RB cause the quiescent current, and
hence the power dissipation, to increase, resulting in
less distortion. The power output stage is not pro-
tected against thermal overloading, so that due dare
should be taken in adjusting the quiescent current.
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AUDIO TRANSFER EQUALIZER

Limiting the bandwidth of an audio system to
20 kHz affects the behaviour of the system in the
pass band. The steeper the filter characteristic, the
greater the phase shift in the pass band. That phase
shift stands in non-linear relation to the frequency,
and this causes a frequency-dependent delay of the
signals (increasing with frequency from about
4...6 kHz). This effect is audible.

The CD (compact disc) player is an example of a
system in which the bandwidth has been so limited.
Particularly the Sony CD player and its clones suf-
fer from a frequency-dependent transfer time. The

10

Philips (and Philips-derived) system does not suffer
from this effect.

The effect can be negated by introducing a delay in
the transfer time of the frequencies below
4...6 kHz, which equalizes the delay over vir-
tually the entire audio range. In other words,
transfer of all audio frequencies is carried out at the
same speed as it should.

Such a delay is realized by phase shifter Az (left-
hand channel) and A4 (right-hand channel) in the
accompanying figure. The maximum delay for the

lowest frequencies is



polystyrene

=20 mA

A1,A2 = 1C1 = NE5532N
A3,A4 = 1C2 = NE5532N

15V @
LoZoko,
RSt

C7...C12=100n

=20 mA

2R5Cs = 2ReCs = 36 ps.

The circuit is connected between the output of the
CD player and the AUX or CD input of the main
amplifier.

004 COMPRESSOR

This versatile circuit serves to raise the average out-
put power of an AF amplifier. Its simplicity makes
it suitable for applications in intercom systems,
public address and discotheque equipment, and also
in various types of transmitter.

Compression of music and speech essentially entails
reducing to some extent the dynamic range of the
AF input spectrum in order to drive an AF power
amplifier with a fairly steady signal level just below
the overload margin, thus increasing the average
output power of the system. However, some distor-
tion is inevitably incurred in the process of amplify-
ing the relatively quiet input sounds and at-
tenuating the louder sounds. It is evident, therefore,
that the control of the amplifier/attenuator func-
tion in the compressor determines to a large extent
just how much distortion is introduced by the cir-
cuit.

Before inserting any type of compressor in an AF
signal path, due consideration should be given to
the attack time ie., the time it takes the circuit to
detect and counteract a sudden increase in the am-
plitude of the incoming signal. Allowing for per-

sonal preference and the character of the input
signal (speech, popular music, etc.), the attack time
of a compressor generally lies in the range from 0.5
to 5 ms. The release time of the compressor is the
time it takes the circuit to return to the settings that
existed before the rise in amplitude occurred. Con-
trary to the attack time, the release time is usually
of the order of seconds. If it is made too short, the
compressor’s attenuating action may cause inter-
ference with the lowest components in the fre-
quency spectrum. On the other hand, too long a re-
lease time (10-15s) is also undesirable as this will
give rise to an unrealistic and unpleasant effect
caused by the output sound remaining completely
muted long after the increase in input ampli-signal
amplitude. In practice, the release time of a com-
pressor will need to be adapted to meet the demand
of the particular input signal; speech generally re-
quires a longer release time than music. Some com-
pressors have a provision for the setting of the re-
lease time, but the one proposed here is an auto-
ranging type, that is, it arranges for the release time
to change automatically with the instantaneous

11
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amplitude of the input signal.

Figure | shows the circuit diagram of this com-
pressor. Despite its simplicity, the design responds
adequately to a good number of contradicting re-
quirements. As to its dynamic characteristics, an in-
put signal change from 25mVp to 20 Vpp
(258 dB) is compressed into an output signal
change from 1.5 Vpp to 3.4 Vpp (£7.1dB). For a
less extreme signal change, e.g., from 25 mVpp to
2.5 Vpp (240 dB), the compressed output signal
changes from 1.5 Cpp to 2.25 Vpp (£3.5dB). The
circuit has an extended frequency response from
about 7 Hz to 67 kHz nominally, thanks to the use
of a fast opamp, the Type LF357 (IC4), which is set
up here to provide an amplification of about 471
[R6 + Rs)/Rs). Capacitor C3 blocks the direct
voltage at the inverting input of ICi, and with R5
sets the low-frequency roll-off of the opamp alone at
about 16 kHz.

Resistors Rs and Ra bias the non-inverting input of
the opamp—and hence its output—at half the
supply voltage, ensuring optimum linearity. Capaci-
tor C2 feeds the input signal to the opamp while
blocking the bias voltage at pin 3. Its value is not
critical, but it has some effect on the low-frequency
response of the compressor. The attenuator section
in this circuit is essentially composed of Rzand T.
The collector of this transistor is held at 0 V with
the aid of R+ and Ra. In this way, T+ is always oper-
ated in its saturation region, and its collector-
emitter junction acts as a variable resistance con-
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trolled with the current fed to the base. The higher
this current, the lower the c-e resistance, and the
higher the instantaneous attenuation of the signal
fed to IC1. The controlling rectifier is composed of
D1-Cs-R7. Transistor T2 functions to provide the
charge current for Cr so as to avoid distortion other-



wise incurred by too heavily loading the IC1 output.
The rectified voltage across Cs is a direct measure
of the output signal amplitude, and forward-biases
the base of T4, which regulates the attenuation as
discussed. The use of a diode with a low internal re-
sistance, D4, and a buffer, Tz ensures fast charging
and slow discharging of Cs, and thus a short attack
time and a long release time, respectively. As Cs is
discharged via Rz and the base resistance of T+, the
release time of the compressor is the product of the
value of these three components. When the base
bias is reduced, the base resistance of T1 increases,
lenghtening the release time. This is a most
welcome feature, especially with speech signals.
The output of the opamp is fed to Ca-P1-R10, which
provide DC insulation and level adjustment.

Two compressors are readily combined to make a
stereo version by feeding them from a common bat-
tery and connecting points X and points Y (never
X to Y!). In this case, T+ and D1 in both com-
pressors must be matched types to ensure proper op-
eration. Figure 2 shows two simple test circuits for
selecting transistors and diodes with matching DC
characteristics. The basic method is to start with
noting the voltmeter reading for a particular device,
and then find a matching type from an available lot
by inserting devices until one is found that gives the
preciously noted test voltage. In the diode test cir-
cuit, the LED lights to indicate the absence or re-
verse connection of a diode under test.

ov
+4.5V
6 mA
3.9V

OO ®>

All values are typical and
within 10%.

All voltages measured
with respect to ground
with a DMM (Zin= 1MO).

Provision has been made to use the circuit as a
noise suppressor. Referring to Fig. 1, closing S+ con-
nects Cs across the regulator transistor to form a
low-pass filter in conjunction with R+ and Rz. The
cut-off frequency of this LPF is a function of the
current sent into the base of T4 The overall effect
thus obtained is an effective elimination of noise
from quiet passages in the programme. For louder
passages, the suppression of noise is not so import-
ant, as it is then virtually inaudible.

Finally, when using this compressor, make sure that
your amplifier has ample cooling provision, because
it may well be continuously operated at the top of
its power rating. For the same reason, check
whether the loudspeakers can handle the available
power.

00S

CURRENT CORRECTED AF AMPLIFIER

The majority of modern AF power amplifiers drive
the loudspeaker(s) with a voltage that is simply a
fixed factor greater than the input voltage. It is
fairly evident, therefore, that the power delivered by
such amplifiers is inversely proportional to the loud-
speaker impedance, since the cone displacement of
a loudspeaker is mainly a function of the current
sent through the voice coil, whose impedance may
vary considerably over the relevant frequency
range. In multiway loudspeaker systems, this diffi-
culty is overcome by appropriate dimensioning of
the crossover filter, but a different approach is called
for when there is but one loudspeaker.

This amplifier is based on current feedback to en-
sure that the current sent through the voice coil re-
mains in accordance with the input signal. The cur-
rent through the voice coil and R7 develops a
voltage across the resistor. A negative feedback loop

87410
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is created by feeding this reference voltage to the in-
verting input of IC+. The overall amplification of
the circuit depends on the ratio of the loudspeaker’s
impedance, Zi, to the value of Rv. In the present
case the amplification is 16 times (ZL/R7=28/0.5=
16).

The connection of the opamp’s output to ground is
slightly unusual, but enables the base current for
output transistors T+1-T2 to be drawn from the
supply rails, rather than from the opamp. Capacitor
Cs functions to set the roll-off frequency at about
90 kHz. The quiescent current of the amplifier is of
the order of 50 to 100 mA for class A operation,

and is determined by Ra-Rs and Rs-Re. The com-
plementary power transistors should be closely
matched types to avoid fairly large offset currents
(and voltages) arising. Some redimensioning of
either Rs or R4 may be required to achieve the cor-
rect balance for the power output stage. The emitter
current of T+ and T2 is about 500 mA when the
amplifier is fully driven.

The harmonic distortion of this amplifier is less
than 0.01% at Po=6.25W and Upb=+18 V.

Source: Texas Instruments
Linear Applications.

006

DIGITAL AUDIO SELECTOR

Switching audio signals digitally could be done with
the aid of CMOS analogue switches or multiplexers.
Simple as this may seem, there is, however, an in-
evitable loss in the quality of the sound due to the
noisy nature of CMOS switches. Furthermore, the
high on-resistance of these devices together with the
large parasitic capacitances generally present in

CMOS circuits causes a high susceptibility to
crosstalk. The circuit given here is a novel way of
selecting one out of ten audio signals digitally with-
out any of the foregoing drawbacks.

As shown in the circuit diagram, the ten input
signals numbered 1-10 are applied to the bases of
transistors T1-T1o via capacitors C1-C1o respect-
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ively. The bias voltages for the transistors are ob-
tained with the aid of R1-R10. Depending on the
binary state applied to IC4, one of its outputs Qo-
Qo goes low. For example, if the input code is 0010,
Q2 goes low, pulling the base of Ta to 0 V, while the
bases of all other transistors are raised to nearly
+15 V. Therefore, Ts works as an emitter follower
while the other transistors are effectively reverse
biased. The output rail of the transistor array is con-
nected to voltage follower IC2, which provides the
output signal of the digital audio selector.

Voltage regulator 1Cs is required only if a + 5 V rail
is not available. If the number of channels required
for a particular application is less than 10, the rel-
evant components can be omitted. If a mute facility
is required, simply short one input to ground to
silence the output on selection of the corresponding
channel.

This circuit can handle input signals up to 4 Vims.
The total distortion does not exceed 0.01% for fre-
quencies up to 20 kHz. The crosstalk incurred in
this circuit is less than —80 dB. This value can be
attained by paying due attention to the layout of
the practical circuit, the decoupling of the supply
lines (fit C14 and C1s direct to the relevant pins of
the opamp), and the use of good quality compo-
nents,

‘The measuring values indicated in the circuit
diagram were obtained in a prototype. All voltages
are measured with respect to ground with the aid of
a DMM (Zin=1M0). The channel selected was
number 1.

007

DIGITAL VOLUME CONTROL I

This digital potentiometer circuit is a hybrid
analogue and digital design offering push-button
controlled programmable attenuation as well as
high to low impedance conversion by means of a
single active device. Digital noise is eliminated as ef-
fectively as possible through galvanic isolation of
digital and analogue parts in the input attenuator.
At the heart of the digital control section is a Type
2716 EPROM, which can be programmed either as
shown in Table 1 or to individual requirements, as
will be detailed below. At power-on, debouncer
bistables N1-N2 and N3-N4 force logic low levels
onto EPROM address lines As and As respectively,
selecting a programmed address range that supplies
the digitally coded, initial volume settng. R-C net-
work Ri6-C2 causes gates N7 and Ns to generate a
clock pulse for IC2, which latches the 8-bit word
from IC), passes this information to driver ICs, and
thus determines which relay(s) is/are energized,
thereby fixing the attenuation before the AF signal
is applied to opamp ICs. Depression of Si (up) or Sz
(down) causes the corresponding address line As or
As to go low, selecting a certain address range in
the EPROM. The exact address location is deter-
mined by the value last latched into IC: after
either key has been released. It is readily seen that
the five available databits at the Qi...Qs outputs
of IC2 allow 32 (25 simulated potentiometer set-
tings.

The digital control section has been designed to of-

Table 1

000
o010

@0 @1 02 03 @4 @5 Q6 @7 @8 @9 OA @B @C @D @t OF
10 11 12 13 14 15 16 17 18 19 1A 1B IC 1D 1E IF
0020 00 00 @1 Oz 03 04 Q@5 06 @7 @8 @3 @A @B @C @D OE
2030 OF 10 11 12 13 14 15 16 17 18 13 1A 1B IC 1D IE
2040 @1 @2 @3 04 @5 Q6 @7 @8 @3 @A @B @C @D QE OF 10
@250 11 1Z 13 14 1S 16 17 18 19 1A 1B IC 1D 1E IF IF
@260 OE OE OE OE QFE OE QOF QE OE QE OF QE OF OE OF OF
0070 OE OE OE OE OFE OE OF OE OFE OfF OF OE OF OFE OE QF
o080 00 @1 02 @3 04 @5 06 @7 98 09 @A @B OC @D OE OF
@030 10 11 12 13 14 15 16 17 18 19 1A 1B IC 1D 1E IF
Q0RO @0 00 00 01 O 03 04 @5 @6 @7 @8 @3 @A @B OC @D
0B OF OF 1@ 11 12 13 14 15 16 17 18 19 1A 1B IC 1D
Q20 @z @3 @4 OS 06 @7 @8 @3 @A @B OC @0 OE @F 10 11
@000 12 13 14 15 16 17 18 13 1A 1B IC 1D 1E IF IF IF
QRE@ OFE QOFE OE QE OF QE @E QOFE OF QFE QOF OF OF OF OF OF
@OF® OFE @t OE OE OE QOE OE OF OF @FE OE OF OF OF OE OF

fer an auto-repeat function when either one of the
step control keys is kept depressed; oscillator gate
N then provides a clock pulse train to N7-Ns, and
so causes successive addresses in ICi to be scanned
automatically, until either the lowest or highest
possible volume setting is reached, at which mo-
ment the circuit forces itself to a hold state, which
can also be selected at any time by simultaneously
depressing the up and down key.

S3 enables the user to select a further address
block, programmed with another set of volume
steps; the circuit as shown, along with the data from
Table 1 arranges for 3 dB steps.
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The analogue section of the circuit is basically a
four-section, relay-controlled attenuator composed
of resistor networks to achieve a signal attenuation
in 3 dB increments, as defined with the relevant bit
pattern at the Qi...Qs outputs of IC2. Res (Qs), if
deactivated, enables ICs to amplify its input signal
by 3 dB. The inset resistor and preset combination
may be used take over the function of Cio, since
the latter should be a high stability foil type, which
may be a rather difficult to obtain part. Both circuit
alternatives function as click suppressors when step-
ping through the available range of volume settings.
The preset, if used, should be set for zero offset
voltage at pin 6 of the opamp; replace Cio with a
wire link.

It is suggested to use miniature DIL relay types in
the Rei...Res positions, while all resistors in the
attenuator  are  preferably  close toler-
ance (1%), high stability types. Also observe that
the supply voltages to analogue and digital section
are kept well apart and decoupled so as to preclude
introducing switching pulses and digital inter-
ference in the sensitive attenuator sections as well
as the opamp output stage.

Finally, Table 1 offers a suggestion for programming
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the EPROM with data to achieve circuit operation
as set out above.
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o008 DIGITAL VOLUME CONTROL 1I

Many of today’s hi-fi amplifiers feature a “clicking”
volume control, but this is only rarely a real stepped
attenuator based on a wafer switch. In nearly all
cases, this expensive system is based on a normal

potentiometer, whose spindle is fitted with a mech-
anical construction to simulate the stepping move-
ment. A normal rotary switch is not suitable for ad-
justing the volume of an amplifier because it briefly

5V
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IR [L]Re P LY
8 g 2
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100n
ES1...ES4=1C1=4066
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disconnects the input from the signal source when
operated, and so readily gives rise to clicks and con-
tact noise.

Different problems crop up when designing an elec-
tronic volume control. Of these, distortion is prob-
ably the hardest to master, but reasonable results
are still obtainable, as will be shown here.
Basically, there are two methods for making an elec-
tronic potentiometer. One is to create a tapped re-
sistor ladder (which is not much different from a
normal potentiometer), the other is to change the
resistance of the two “track sections” such that the
total resistance remains constant. The circuit pro-
posed here is based on the second method, and
features 16 steps in its basic form. The number of
steps can be increased to, say, 64 by adding four
switches and resistors.

The electronic potentiometer is composed of two
equal sections, which have a total resistance of
15 kQ each. The electronic switches in each section
are controlled by binary counter ICs. Since the

switches in section ES1-ES4 and those in ESs-ESs
are controlled in complementary fashion, the total
resistance of the potentiometer remains constant.
Resistors Ri-R2 and R7-Rs serve to keep the poten-
tial at the input and output at 0 V so as to preclude
clicks when the step switch, Sz, is operated. Switch
Si is the upldown selector. Gates Ns-Ns form a
bistable to ensure that the counter is clocked with
debounced step pulses.

The number of steps can be increased by adding a
counter and the required number of electronic
switches, divided over the two “track sections”
These switches are then connected in parallel with
resistors whose values correspond to binary order 1-
2-4-8, etc., as shown in the circuit diagram. For-
tunately, precise binary ratios are not required here,
since adequate results are obtainable with approx-
imations of the theoretical resistance values, and as
long as the actual resistors are kept equal in both
sections.

009 DISCOMIXER

This mixer is a typical example of the way modern
components can, and do, simplify the realization of
good quality audio cifcuits. In the given configura-
tion it is eminently suitable for use as a discomixer,
but the number of input channels can easily be
enlarged.

As can be seen in figure 1, in its basic form the mix-
er has four input channels. These could, for in-
stance, serve as inputs for a microphone, stereo pick-
up, and cassette player or tape recorder.

The power supply has been kept as simple as poss-
ible; if it proves difficult to obtain the XR4195 regu-
lator IC, it may be replaced by a combination of a
78L15 and 79L15. The transformer is preferably of
the PCB type to keep the mixer as compact as poss-
ible.

The values of Ci and R are dependent on the type
of microphone used. If this is a high-impedance
type, the values should be 470 nF and 22 kQ re-
spectively, whereas with low-impedance types,
10 uF and 680 Q are required.

Unfortunately, miniature bipolar electrolytic
capacitors (Ci, Cr, Co, and Cv) are not yet
available everywhere, although they are almost
indispensable in applications such as described here.
Standard electrolytics may be used with maximum
reverse voltages of 1 V, but their use introduces dis-
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tortion and premature ageing (because of the re-
verse polarity).

Provision has been made on the printed circuit
board for up to four channels. Two or more PCBs
may be connected together; the output and supply
sections may then be cut off as required.

Current consumption is about 10 mA per channel.

Parts list

Resistors:

R1*...Rs*,R1"*...Rs'* = see table
Re*,Re'*,Rs,Rs' = 47 k

R7,R7 = 22 k

Ro*,Ro'* = 100 k

P1a*,P1b* = 22 k stereo slide potentiometer,
log, 58 mm long

Capacitors:

Ci1*...Cs*,C1*...Ca* = see table
Cs*,Cs'* = 470 n
Ce*,C7*,C10,C11,C18,C19 = 100 n
Cg,Cs = 10p

C9,Co = 10 u/25 V

C12,C13,C14,C15 = 22 n

C16,C17 = 470 u/25 V

C20,C21 = 10 u/16 V

C22,C23 = 100 p



Semiconductors:
Di1..

.Da = 1N4001

DS’DG _ 1N4148 €1...C4C1'...Ca"R1...R5,R1".. . R5": see table
IC1* = NEB532 or LM833 A1,A2 = IC1 = NE 6532, LM 833
IC2 = TLO72

IC3 = XR4195

Miscellaneous:

Tr mains transformer, secondary
2 x 15V/100 mA

F1 = fuse, 50 mA, delayed action

S1 = DPST on/off switch

Single-hole fixing chassis phono socket — 2
per channel

PCB 85463

*One of each required per channel.

C12...C15=4x22n

4x
AL 15V

1N4148

2
c23
F XR c21| 0§
4195 *
08 11N4148

2x15V
100 mA

s 1BV
Table 1.
C1 C2 C3 Ca R1 R2 R3 Ra Rs
Cr Cz Cz Ca' R1’ R2 Rz R4 Rs*
pick-up 220 n| 1n5 | 1n5 | 3n3 |47 k| 2k2 | 2k2 |100 k| 1M
tape/cassette * % % * * % * * * * ¥ * * K % * % % * * % * * % *** |see Note 1
microphone
(high im-
pedance) 470 n| ##% | +++ [10p |22k | 1k | »x» | 0—o0 |100 k|see Note 2
microphone 10 u/
(low impedance) v | *** | **+ | 10p | 680
P 25 Q 1k | »++ | 0—o |100 k{see Note 2

Note 1. Wire links A—B and A’ —B’ required; IC1, Cs, and C7 not required.

Note 2. With mono microphones, use input R; do not connect P1b; wire link C—C’ required; all
accented components not required.

0—o0 wire link
*** = not required
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HEADPHONE AMPLIFIER

OP-50 Power operational amplifier
Features:

B Open-loop gain: 108 V/V min.

M input offset voltage: 25 uV max.

B Input bias current: 5 nA max.

W Offset voltage drift: 0.8 uV/°C max.
B Common mode rejection ratio: 126 dB min.

W Power supply rejection ratio: 126 dB min.

5.5 nV/V Hz (f=10 kHz)
4.5 n"VIVHz (f=1 kHz)
W Output current: +50 mA

B Drives capacitive loads up to 10 nF.

B On-chip thermal shutdown circuit.

B Noise level:

Data taken from manufacturer’s data sheet.

There is little doubt that the headphone amplifier
described here belongs in the so-called high end
class of audio equipment, and is, therefore, perfect
for incorporation in, or adding to, the Top-of-the-
range Preamplifier described in ™, although it is
also suitable as an autonomous, high quality, unit.
The circuit diagram of the headphone amplifier ap-
pears in Fig. 1. The unit is based on Type OP-50
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power operational amplifiers, whose technical
features are summarized in Table 1. Clearly,
everything feasible has been done by the manufac-
turers, Precision Monolithics Inc., to ensure opti-
mum operation of the device, and it is with this in
mind that the remainder of the amplifier was de-
signed.

Both supply rails to the amplifier ICs are adequately
decoupled and filtered with a small series resistor,
(R4-Rs) and a combination of an electrolytic and a
solid capacitor (Ca-C2 and Cs-Cs). With reference to
the upper of the two identical channels, preset P2
enables compensating the (small) offset voltage at
the output of the OP-50, while C1-R3 forms a com-
pensation circuit to minimize overshoot for a given
closed-loop voltage amplification, AvcL. In the
present application, AvcL is about 6, since

Ri=Ra2/(AvcL—1)

When it is intended to alter the amplification, Rz

SIOV - $10

1N4001
1d

87512




should be left at 20 kQ. Also observe that the indi-
cated values for Rs and C1 are valid when Avct is
between 5 and 20, while R3=3.3kQ and C1=1nF
when AvcL is between 20 and 50. No R-C
compensation is required when AvcL is greater
than 50.

The +15 V supply for the headphone amplifier is
a relatively extensive circuit based on
a precision regulator Type LM325, which features
excellent noise suppression whilst ensuring smooth
and simultaneously rising output voltages at power-
on. Mains-borne interference and clicks from S+ are
suppressed in varistor Re and high-voltage capacitor
C1o. The four diodes in rectifier bridge B1 are
bypassed with rattle suppression capacitors to en-
sure minimum noise on the supply rails to the
opamps.

The headphone amplifier can function optimally
only if great care is taken both in the choice of the
components and in the construction on PCB Type
87512, details of which are shown in Fig. 2. As
already stated, the headphone amplifier is suitable
for building into the Top-of-the-Range Preamplifier.
This makes it possible to feed the +15 V regulator
from the raw voltage across Cs (+) and C1o (—) of
the existing +18.5 V supply, while the inputs of the
volume control of the headphone amplifier are
driven direct from the outputs of ICas (R) and ICs’
(L).

Opamps IC1 and ICz should be soldered direct onto
the PCB, and are preferably fitted with a DIL-type
heatsink. Provision has been made to screen the
amplifiers and the supply on the board by means of
two sheets of brass or tin plate, which are mounted
verticallv onto the dotted lines, and secured with
three soldering pins each. Series regulators T+ and
T2

can do without a heat-sink. When the board is com-
plete, its underside should be thoroughly cleaned
with a brush dipped into white spirit or alcohol to
remove any residual resin. Next, the track side is
sealed with a suitable plastic spray.

When possible, use insulated sockets for the stereo
input and output of the amplifier. At the input side,
few problems are expected to arise when using gold-
plated phono sockets mounted onto a separate ABS
or epoxy plate. When a good quality, insulated,
6.3 mm, stereo headphone socket proves unob-
tainable, the nearest alternative is a non-insulated
type, whose common tag is connected direct to the
ground point on the PCB, between C17 and C1s to
effect central earthing. Mains transformer Tr1 is
preferably a toroidal type fitted behind a metal
screen to ensure minimum hum and other inter-

ference picked up by the amplifier inputs. Presets P2
and P2’ are trimmed for minimum offset voltage at
the respective amplifier output—this is likely to re-
quire a very sensitive DMM. The headphone ampli-
fier can be terminated in 100 Q@ to 1kQ, and is
therefore perfect for use as a high-quality line driver
also. The outputs are short-circuit resistant.
Finally, a brief summary of the amplifier’s expected
performance at Vo=6 Vs and AvcL=6:

Total harmonic distortion: 0.0025% (100 Hz);
0.003% (1 kHz); 0.011% (10 kHz).

Signal-to-noise ratio: =80 dB.

Response flatness: +0.4 dB from 10 Hz to 20 kHz.

Literature references:

™ Top-of-the-Range Preamplifier. Elektor Elec-
tronics, November and December 1986, January
1987.

@ Linear and Conversion Applications Handbook
(1986). Precision Monolithics Incorpor-
ated.

Parts list

Resistors (+5%):

R1;R1"=4KO02F*

Rz;R2" = 20KOF

R3;Rs’ =560R

Ra;Ra4’;Rs;Rs’;Re;R7 = 2R2

Re=820R; 0.5 W

Re= SIOV S10 K250 varistor (Siemens;
ElectroValue (0784) 33603).

Ric=2M2

P1=25K logarithmic stereo potentiometer.

P2;P2’ = 100K multiturn preset.

Capacitors:

C1,Ci"=4n7

C2;C2";C3;C3’ =220n
C4;C4’;Cs;Cs' =470y; 16 V; radial
Cs;C7;Cs;Co=22n
C10;C12=1000y; 25 V; radial
C11;C13;C15;C16=100n

C1ia=1y; 16 V; tantalum
C1s=22n; 250 VAC

Semiconductors:

D1...Ds incl. = TN4001

D7= LED red

1C1;1C2=0P-50 (Precision Monolithics Inc.)*
IC3=LM325

T1;T2=BD241
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Miscellaneous:

F1= 250 mA delayed action fuse plus panel-
mount holder.

Tri= 2x15 V; 15 VA (=2x0.50 A) toroidal
mains transformer, e.g. ILP Type 03013.

DIL-14 heat-sink for IC1 and ICa.

Mains entrance socket.

PCB Type 87512

2

1

v 5|esps.a751a I
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S1= SPST miniature mains switch.

Stereo 6.3 mm headphone socket, preferably
insulated.

2 off phone input sockets.

Suitable metal enclosure.

* See text
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HI-FI HEADPHONE AMPLIFIER

This 1-watt amplifier lends itself par excellence for
use as driver for a low impedance headphone or as
output stage in a hi-fi preamplifier driving an active
loudspeaker. Many preamplifiers do not permit
long, unscreened leads to be connected to them, but
the present amplifier accepts these happily.

The circuit — figure 1 — consists of an opamp type
LF 356 and a push-pull transistor output stage.
Low-pass filter R1/C2 at the input limits the slew
rate of the input signal. In conjuction with the rela-
tively fast LF 356, this results in very low delay dis-
tortion. The fixed quiescent current of 30 mA
drawn by the output transistors, and set by diodes
D1...Das in conjunction with emitter resistors Rz
and Rs, ensures very low crossover distortion.
Feedback resistors R3 and R4 fix the gain at about
15 dB. The consequent overall distortion with a —
3 dB bandwidth from 10 Hz to 30 kHz is only 0.1
per cent.

The amplifier delivers a maximum power of 1 watt

Naamloos-6.indd 1

into 8 Q for an input signal of about 500 mVrms.
High-impedance headphones and 4 Q loudspeakers
may also be connected without detriment.

The amplifier is best built on the printed circuit
board shown in figure 2. To enable it surviving a
short circuit at the output, the two transistors
should be mounted on heat sinks — do not forget
the insulating washers and the heat conducting
paste!

The power supply need not be more than a simple
affair, consisting of a mains transformer with a
centre-tapped, 6. ..8 V, 0.5 A secondary, a suitable
bridge rectifier, and two 1000 uF/16 V electrolytic
capacitors in a conventional arrangement.

To drive high-impedance headphones at high
volume, you need a =15 V regulated power supply:
in some cases, this may be derived from the pre-
amplifier supply. In this arrangement, care must be
taken not to short-circuit the output terminals.

Parts list
Resistors: Cs,Cs = 100 n
Ri =10k D1...Ds = IN4148
R2,Rs = 100 k T+ = BD 135 or BD 139
Rs = 22k T2 = BD 136 or BD 140
Rs,Re = 1k IC+ = LF 356
R7,Rs =22 Q

Miscellaneous:
Capacitors: PCB 85431
Ci=22n Heat sinks for T1 and T
C2=330p
Ci=1u

28-08-2008 10:01:01



o12 HIGH DYNAMIC

A mixer is expected to have low-noise and high
dynamic performance. Most standard mixers use in-
verting operational amplifiers. Unfortunately, the
noise figure of many opamps is poor, and opamps
with a good noise figure are normally not suitable
for operating with large signals.

The noise factor of standard circuits is often made
even poorer because the source and amplifier are
not properly matched.

The characteristics of a mixer can be greatly im-
proved, therefore, by the use of buffers at the input
stages, and the constructing of operational
amplifiers from good-quality transistors. This has
been done in the accompanying circuit. The input
is buffered by T+ and T2. The input impedance of
T+ can be ignored, so that the source merely needs
to be matched with P+

The opamp is formed by transistors T3 to Ts incl.
Good-quality RF transistors have been used in dif-
ferential amplifier Ts-T4-Ts. These transistors have

15v

RANGE MIXER

a better noise figure at a greater bandwidth than
AF types.

The proposed circuit has a frequency range (—3 dB
points) of 10 Hz to 80 kHz; third harmonic distor-
tion of not more than 0.05 per cent at 10 kHz and
an output voltage of 9 Vpp; and a signal-to-noise
ratio of 100 dB.

The signal-to-noise ratio applies to an output signal
of 9 Vpp with open-circuit input, and a bandwidth
of 20 kHz. The maximum value of the output
signal is about 12 Vpp, measured across a load im-
pedance of 560 ohms. If the mixer is terminated by
a higher impedance, the output voltage will be
greater.

A further advantage of the circuit is that the
popular valve sound may be realized in a simple
manner. To this end it is necessary that T+ and T
commence limiting at a slightly lower level, ie.
12 Vpp input, than the composite opamp. The
supply voltage of T+ and T2 must then lie between
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+6 Vand +9 V. Since T2 is connected as a current
source, the exact supply voltage can be set with the
2k2 preset at the wanted clipping level.

If desired, the output off-set may be zeroed by inser-
ting a 50 kilo-ohm preset in the base circuit of Ta.
This base should also be decoupled by a 1 uF, 63 V
capacitor.

The current consumption of the opamp is about
35 mA and that of the buffer stages not more than
10 mA. If, therefore, ten buffer stages are used, the
power supply should be capable of providing
150 mA at £15V.

o013

INTEGRATED STEREO AMPLIFIER

The Type TDA1521 from Valvo/Mullard is an inte-
grated HiFi stereo power amplifier designed for
mains fed applications such as stereo TV. The
device works optimally when fed from a + 16 V
supply, and delivers a maximum output power of
2x12 W into 8 Q. The gain of the amplifiers is
fixed internally at 30 dB with a spread of 0.2 dB to
ensure optimum gain balance between the chan-
nels.

A special feature of the chip is its built-in mute cir-
cuit, which disconnects the non-inverting inputs
when the supply voltage is less than + 6V, a level
at which the amplifiers are still correctly biased.
This arrangement ensures the absence of unwanted
clicks and other noise when the amplifier is
switched on or off. The TDA1521 is protected
against output short circuits and thermal
overloading. The SIL9 package should be bolted

onto a heatsink with a thermal resistance of no
more than 3.3K/W RL=8Q; Vi=+16V;
Pa=14.6 W; Ta=65 °C). Note that the metal tab
on the chip package is internally connected to pin 5.
The accompanying photograph shows that this high
quality stereo amplifier has a very low component
count, and is readily constructed on a piece of
Veroboard.

The following technical data are stated as typical in

the datasheets for the TDAI1521 (RL=8 Q;
Vs==+ 16 V):
Distortion at Po=12 W: 0.5%
Quiescent current: 40 mA
Gain balance: 0.2 dB
Supply ripple rejection: 60 dB
Channel separation: 70 dB
Output offset voltage: 20 mV
3 dB power bandwidth: 20-20,000 Hz
B1 \_®

B30
C5000/3300

S00mA

87490
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LOUDSPEAKER PROTECTION I

There are many ways of protecting loudspeakers
against the switch-on ‘plop™ many of these rely on
a clamp circuit across the power amplifier input to

hold this at 0 V for a few seconds after switch-on.
Others, like the one suggested here, depend on a
relay to switch off the loudspeaker(s).
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Terminals A and B of the circuit in figure 2 are con-
nected to one of the sensing circuits in figures
la...If, of which the pros and cons will be dis-
cussed shortly. Whichever of these circuits is used,
A is shorted to B immediately the power is switched
on. This cuts off transistor T1 instantly, which
causes capacitor Cl to charge. After a few seconds,
the voltage across Cl causes zener D2 to break
down. Transistor T2 and T3 then conduct; the relay
is energized, and the loudspeakers are connected in
circuit.

When the power is switched off, T1 conducts and
this causes C1 to discharge very rapidly. The voltage
across Cl1 quickly drops below the breakdown level
of D2; transistors T2 and T3 are cut off, and the
relay returns to its quiescent state, which discon-
nects the loudspeakers.

Input circuit la relies on a light-dependent resistor
(LDR) fitted close to the mains on indicator lamp.
When the lamp lights, the resistance of the LDR
drops sharply, so that terminal A is virtually shorted
to B.

The input in 1b relies on a reed relay connected to
the secondary winding of the mains transformer. As
soon as the mains is switched on, the relay contacts
close.

The third possibility, shown in Ic, is that the mains
on/off switch has a third contact that connects A to
B when the mains is switched on.

A further option is illustrated in 1d, where a transis-
tor is connected to the secondary of the mains
transformer via a diode and resistor. The transistor
conducts when the mains is switched on.

The inputs in le and 1f also provide power for the
protection circuit. That in le has a bridge rectifier
connected across the secondary winding of the
mains transformer. When the mains is switched on,
the BC 547 conducts and shorts A to B.

Finally, the circuit in 1f is connected direct to the
mains. Here again, as soon as the mains is switched

3 see text R L
2 Uv g

B~

T1,T2= BC546B
T3=BD139 g

on, the BC 547 conducts and terminal A is shorted
to B.

Whichever of the input circuits is used depends on
circumstances and/or individual preferences. If one
of circuits 1a. . .1d is used, a separate power supply
is required for the protection circuit. As suggested,
the output voltage, U, of this should be
40...60V dc. For lower values of Uy, the rating
of D2 must be reduced accordingly.

Resistance Rv depends on the relay used, and is
calculated from

Ry = [(Uv — Ur — 25)/1\-] Q

where Ur and Ir are the operating voltage (in volts)
and current (in amperes) of the relay used respect-
ively.

The relay contacts must be able to carry a large cur-
rent: 10 A is not unusual in many amplifiers.

The rating of Rv is [Url]] W.

If the ‘plop’ is still heard, increase the value of R3
as required — in reasonably small steps.

015

LOUDSPEAKER PROTECTION II

This is an all-transistor design for incorporation in
AF amplifiers that produce nasty clicks in the loud-
speakers when turned on or off, jeopardizing the
voice coils by passing a large current surge.

Assuming that AF amplifier and protection circuit
are off, C1 and C2 are empty of charge and Re is
deactivated. At power-on, D1 rapidly charges Ci.
Provided both the negative and the positive supply
voltage are present and at the correct level, T> and

Ts conduct, while T+ is off, enabling C2 to be slowly
charged via Ra. If the voltage across Cz is suf-
ficiently high for T4 to conduct, Ts will draw base
current and energize Re, which connects the
loudspeakers to the amplifier outputs. Zener diode
Da fixes the voltage across the coil of Re, so that dif-
ferently rated relays may also be used in the circuit,
provided Das is changed accordingly. However the
relay coil current should not exceed about 50 mA,
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* see text
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while the changeover contacts should be rated in
accordance with the amplifier output power and
impedance; for a 2 X 100 W at 8 Q type, for in-
stance, the relay contacts should be rated at least
8A.

Should either one or both supply voltages (—Up;
+ Ub) disappear for some reason or other (amplifier
malfunction, short-circuited smoothing capacitor,
etc.), the relevant transistor T2 or T3 will be disabl-
ed, causing T+ to receive base current via R1; Cz
will be discharged forthwith and Re is deactivated
in consequence since T4 and T’ are turned off. The
amplifier channels can now produce clicks they like;

86471-1

the output is safely applied to two resistors match-
ing the output impedance.

The protection circuit is fed off the voltage across
Ci, which is purposely rated at only 100 uF to
enable Re to be deactivated almost immediately
after the amplifier has been switched off. Power-off
clicks, if produced, will therefore end up in the dum-
my resistors rather than the expensive loudspeaker
voice coils.

The protection unit is most readily fitted on a piece
of veroboard, while Re should be mounted close to
the loudspeaker output terminals to keep contact
losses as low as possible.

016

LOUDSPEAKER PROTECTION 111

Many modern AF power output stages are capable
of delivering considerable power levels in the super-
sonic frequency range. When the loudspeaker can
not handle that power, the voice coil is rapidly
overheated, and causes a short-circuit. If the power
output stage is not properly protected, it breaks
down and supplies a direct current that effectively
destroys the loudspeaker.

The present loudspeaker protector is composed of
three sections: a measuring amplifier, a detector,
and a relay driver. Four channels are shown here as
an example. Potential divider R+-R2 determines the

30

sensitivity of the protection circuit, while D1-D2
protect the input of A1. Opamp As is set up as a low
pass filter with a cut-off frequency of 0.5 Hz, so
that it can function as a DC detector. The second
section of the circuit is composed of four detectors
As-A12. As compares any negative direct voltages
to a reference set with Rs-Re, while Cs-R7 deter-
mine the delay time. Opamp A1o has a similar func-
tion for positive direct voltages. The circuit is ac-
tuated when
VinR2 .
Ri+R:2

5> 15Rz2
Rs+Rs




Comparators A1+ and A.2 function as the power
limiter. Positive and negative peak voltages are recti-
fied in Ds-Ds and averaged with the aid of R-C/
combinations R3e-Css and Rze-Cz3. The relatively
long periods of these networks precludes erroneous
triggering of the circuit on peaks in the input signal.
The power limiter is actuated when

VinRZM 2 _065 > 15R2B
Ri+R2 R2s+Ra2s

This equation is also valid for the positive detector
set up around A+2. The stated component values
result in Pmax=~30 W in 8Q.

When the input signals are all right, the open col-
lector outputs of As-Ai42 are in their high im-
pedance state, so that the output voltage is +15V
via Rso. When a fault condition exists at one or
more of the inputs, junction R4o-Ra1 is pulled down
to —15V.

The central part in the relay driver is bistable FF.
Gate N1 is a resettable power-up delay circuit which
clocks FF1. The logic high level at the D (data) in-
put is only transferred to output Q when the R
(reset) input is logic high. It is seen that a reset pulse

can originate either from the mains detector N3-Na,
or from the fault detectors As-A12.

The loudspeaker protector is conveniently fed from
the amplifier’s symmetrical supply, but care should
be taken to dimension Das and Rv such that the in-
dicated voltage across Cas and Cas is not exceeded.
If the amplifier supply delivers less than 28 V, ICs
may be omitted, and the loudspeaker relay, Re, re-
placed with a 12V type fed from the +15V rail.
Voltage divider Raa-Raa should then be redimen-
sioned such that the input of Na is held at about
+13 V when Raz+Ras=100 kQ.
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017 LOW NOISE RIAA

PREAMPLIFIER

This high quality phono preamplifier is based on
the Type HA12017 integrated circuit from Hitachi.
The principal technical data of this chip are
summarized in Table 1. The circuit diagram, Fig. 1,
shows that output off-set correction is provided by
integrator IC2. The output signal of ICi is first
passed through low-pass filter R7-Co, then inte-
grated in IC2-Cs. The error signal is fed to the in-
verting input of amplifier ICi via 47 kQ resistor
Rs. The amplitude of this signal is always such
that the off-set voltage at the output of IC: is vir-
tually nought. The off-set correction used here
enables the preamplifier to drive a power amplifier
direct.

The correct capacitive termination of the pick-up
cartridge can be selected with the aid of Si. The in-

put impedance is 50 k@, but can be altered by
redimensioning R2-R3. The output impedance of
the preamplifier is 510 Q, ie., low enough for driv-
ing a relatively long cable.

The RIAA equalization filter in the negative feed-
back circuit of ICi is fairly complex, which was
necessary to meet the required IEC specification
(note the use of high stability capacitors and
resistors).

The regulated power supply for the phono preampli-
fier is shown in Fig. 2. This is once again a rela-
tively extensive circuit which, in combination with
the low-pass filters on the +24 V lines to ICi and
IC2, gives excellent suppression of RF signals,
hum, rectification noise, and mains borne inter-
ference. Presets P1 and P2 serve to adjust the out-
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Table 1. HA12017 Low noise preamplifier

Features:

B Low noise: Vniinj=0.185 uV typ. (measured in IHF-A network,
Rg=43 kR, IEC RIAA). Vn=-95 dB relative to Vo=1 Vims.
B Wide dynamic range: Vi=235 mVrms max. (Vec= +24 V, f=1

kHz, THD=0.1%, Av=~100£40 dB).

B Low distortion: THD=0.002% typ. (f=20-20 000 Hz, Vo=10

Vs, RIAA equalization).

B Supply ripple rejection: SVR(+ Vcc) =56 dB; SVR(-Vee) =45 dB

(typical values at f=100 Hz and Rg=43 kQ).
B Maximum operating voltage: +26 V.

B Maximum power dissipation: 500 mW at Ta=75°C.

Note: Rg=Ra in this design.
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put voltage on the +24 V rails.

The printed-circuit boards for the preamplifier and
the power supply are shown in Figs. 3 and 4 respect-
ively. The correct values for Ri1, C4 and Cs are
achieved by parallel and series connection. All four
voltage regulators can be fitted onto a common
heatsink if electrical insulation is provided. The ac-
companying photograph shows a suggested con-
struction of the preamplifier.

It is strongly recommended to use good quality

87429-2

components for the volume adjustment and input
source selection--consult the references given below.

References:

1. Top of the range preamplifier, Elektor Elec-
tronics, January 1987.

2. Valve preamplifier, Elektor Electronics, March
1987.

3. Electronics potentiometers, Elektor Electronics,
April 1987.
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Parts list

Resistors (+5%):

R1=240R

R2;R3= 100K

R4 =43K

Rs=510R

Re6=47K

R7;Re=1MO

Re9=1K6

R10=165RF

R11=3K16F + 4K64F

R12=95K3F

R13...R1e incl.;R27. . .R30 incl. = 10R
R17=2M2

R18= varistor SIOV S10K250 (Siemens)
R19...R22 incl. = 1R8

C3=100p; polystyrene
Ca=2n7F//6n8F//150p0F; styroflex
Cs = 1nOF//33n0F; styroflex
Ce=100p styroflex

C7=470p styroflex

Cg;C9=470n MKT
C10;C12;C14;C16=220n MKT
C11;C13;C29;C30=1000y; 25 V; radial
C15;C17=100y; 25 V; radial
C18=22n; 630 V
C19...C22incl.=22n
C23;C24=4700y; 40 V; radial
C25;C26 = 1yu; 40 V; radial
C27;C28=100n

C31;C32=2200y; 40 V; radial

Semiconductors:

R23=220R D1...Dsg incl. = 1N4001
R24 =3K9 IC1=HA12017 (Hitachi) *
R2s5=120R IC2=0P-77 (Precision Monolithics Inc.)
R26 = 2KO IC3=LM317
P1,P2=250R preset 1C4=LM337
Capacitors: IC5=7812
C1=10yu; MKT IC6=7912
C2= dimension to suit capacitive termination
of cartridge.
2 C.
l E 1]
= ce N 3
o c1
gic \'2
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R
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Miscellaneous:

S1= 4-way DIP switch block.
S2= SPST mains switch.
= 250 mA delayed action fuse with PCB

mount holder.

TR1= 2x24 V;100 mA mains transformer for
PCB mounting.

Heat-sink for IC3. . .ICs incl.

Insulating washers for IC3. . .ICé incl.

PCB Type 87429-1 and 87429-2

* Available from ElectroValue Ltd M 28 St
Judes Road B Englefield Green B Egham W
Surrey TW20 OHB. Telephone: (0784) 33603
B Telex: 264475.

%I
.

anuna

comp.-sideB

®

* Available from Cirkit PLC B Park Lane W
Broxbourne M Hertfordshire EN10 7NQ. Tele-
phone: (0992) 444111 M Telex: 22478.
Stock number: 61-170-12017.

General note: many special AF components for
this project are available from Audiokits Pre-
cision Components B 6 Mill Close B
Borrowash M Derby DE7 3GU. Telephone:
(0332) 674929.

@Eeps.B7429-2
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MICROPHONE AMPLIFIER WITH MUTE

Microphones, unfortunately, produce only a small
signal and they, therefore, require a special pre-
amplifier to boost their output. Because small
signals are involved, the signal-to-noise ratio of the
pre-amplifier is a very important parameter.

In this article, we present two circuits for a pre-
amplifier suitable for virtually all occasions: a sym-
metrical and an asymmetrical version. We have in-
corporated a mute switch, which speakers can use
when they want to clear their throat. As there is an
number of low-noise operational amplifiers
available nowadays, the cost of these pre-amplifiers
is relatively low.

The asymmetrical version is shown in figure 1.
Switching between high and low impedance match-
ing is possible with switch Sz2. Opamp A+ is ar-
ranged as an AC amplifier with a gain of around
27 dB. This stage may also be used as a DC ampli-
fier: Rs and C1 are then omitted, and the value of
R2 is lowered to 22 k. Capacitor C2 limits the band-
width of the amplifier to ensure stable operation.

Ay=27.2dB

%k see text

Irrespective of whether A+ functions as a DC or an
AC amplifier, the DC component in its output is
blocked by Cs. The amplified AC signal is applied
to muting stage T+. This field-effect transistor (FET)
normally conducts and the output of A+ is then
further amplified in A2 by about 5. Finally, the
signal is taken to the output terminal via high-pass
filter R13-Ce. The load must be greater than 10 kQ.
When mute switch S1 is pressed, the FET receives
a negative voltage at its gate and is switched off. Ca-
pacitor Cs determines the speed with which muting
occurs within certain limits. Capacitors C1, Cs, and
Cs may be electrolytic types: measure the DC level
at both terminals to determine which way they
should be connected!

The symmetrical version of the pre-amplifier is
shown in figure 2. The only difference between this
and that in figure 1 is that the input stage now con-

Figure 1. Circuit of the pre-amplifier with asymmetri-
cal input.

Ay= 13.2dB

R1...R3=metal film

+
15V ()0
Cc7
) 220n o
Ic1
cs
O
_ 220n
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A1, A2=1C1=LM833; NE 5532; TL 072

BF 256C
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2 Ay=20dB Av=133dB Av=6.7dB

% see text

"

BF 256C
Gi||o

S

15v(E

A1, A2=1C1=LM833; NE5532; TL072
A3, A4=1C2=LM833; NE5532; TL072

Figure 2. Circuit of the pre-amplifier with symmetri-  sists of A1, A2, and As to obtain symmetry. Opamps

85450-2
cal input. A+ and A provide a total gain of about 20 dB.
) Opamp As functions as a differential amplifier to
Figure 3. Printed circuit board for the asymmetrical  ensure that common-mode noise and interference is
pre-amplifier. effectively suppressed.
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Figure 4. Printed circuit board for the symmetrical
pre-amplifier.

Parts list (figure 3)

Resistors:

R1 = 680 Q metal film
R2,R3 = 47 k metal film
R4,R7,R12 = 22 k

Rs = 1k

Re = 4k7

Re = 1M

Re = 150 k

R10,R11 = 120 k

Rz = 270 k

Capacitors:

C1 = 1 u/16 V MKT (see text)
C2=22p

Cs = 2u2 MKT (see text)
Csa=10p

Cs =47 n

Ce = 1ub MKT (see text)
C7,Cs = 220 n

Semiconductors:

D1 = AA119
T+ = BF256C
T2 = BC547B

IC+ = LM883; NE5532; TLO72

Miscellaneous:

S1 = spring-loaded push to make switch
Sz = miniature SPST switch

PCB 85450-2
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Parts list (figure 4)

Resistors:
R1,R4 = 330 Q metal film

R2,R3 = 22 k metal film
Rs,R7 = 6k8

Re = 1k5

Rs,R10 = 1k2

Rse,R11,R12 = bk6

Rz = 12 k

Risa = 1M

Ris = 150 k

Ris,R17 = 120 k

Ris = 10 k

Ris = 270 k
Capacitors:

Ci=22p

Cz2 = 1ub5 MKT (see text)
Cs=47n

Cs,Cs = 220 n

Cs = 100 n

Semiconductors:

D1 = AA119
T1 = BF256C
T2 = BC547B

IC4,IC2 = LM833; NEG6532; TLO72

Miscellaneous:

S1 = spring-loaded push to make switch
Sz = miniature SPST switch

PCB 85450-1

PCB 85450-2

MKT = metal-plated plastic polythereftalate foil

28-08-2008 10:03:00
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MICROPHONE-SIGNAL PROCESSOR

In broadcasting systems, intercoms, and mobile
radio telephones it is necessary to amplify the
microphone signal over a restricted range only. This
may be achieved with the aid of a compressor or a
clipper. The former provides low distortion, but its
design is rather complex, whereas a clipper is of
simple construction, but suffers from appreciable
harmonic and intermodulation distortion. Of these
two, intermodulation distortion is far and away the
most troublesome; in fact, the acceptability of a
clipper in an audio signal processor would be far
greater if clipping would not cause such severe inter-
modulation distortion.

3}

W
16V

“see text

P2

600mVpp

470p

86479-2

In the accompanying diagram, intermodulation dis-
tortion is reduced by signal-control of the cross-over
point. The principle of operation is shown in Fig. 1.
The amplifier has a very high impedance input
(value of Ri). When the signal level is so low that
the diodes do not conduct, the cross-over point is
determined by Ri-C. As soon as the diodes con-
duct, the input impedance of the amplifier is re-

duced, which causes the cross-over point to shift up-
wards. The lower amplification of the frequencies is
then smaller, and this enhances intelligibility. In
fact, intelligibility of a signal processed in this man-
ner is much better than a conventionally clipped
signal.

3 %,

*

86479-3

The diagram in Fig. 2 shows the detailed realization
of the principle. Transistor T1 is a microphone low-
noise microphone preamplifier. The clipping circuit
is based on Ai: the limiting level is set by Pi. The
values of certain components depend on the appli-
cation: guide lines are given in the table.

Application l Ca | Ce l Ce
Hi-f - 47nF  |470 pF
Communications

or intercom 100-220 pF | 0-4.7 nF | 4.7 nF

For input signals above about 100 mV, the micro-
phone preamplifier may be omitted. The input
signal is then applied to the junction Cs-Cs via a
resistor (R in Fig. 3). The value of R should be such
that the sum of it and the microphone used is about
10 kilo-ohms.
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MINI AMPLIFIER

This little amplifier, operating from 3...9V, and
providing 1 W output into a 4 Q loudspeaker, is one
of those circuits of which you never have enough.
The amplifier is based on one 8-pin DIL IC type
LMI1895N. Electrolytic capacitors C2 and Ce de-
couple the supply lines; C7 prevents d.c. reaching
the loudspeaker; and Cs and Cs provide a low-
impedance path to earth for audio frequencies.
The input signal is applied to pin4 of the
LM1895N via P1 and Ca. Resistor R4 and capacitor
Cs suppress any tendency to oscillation, ie., im-
prove the stability.

The amplification is determined by R+ and Ra: it is
of the order of 50. Capacitor C4, in parallel with R+,
ensures that the amplification drops off for fre-
quencies above about 20 kHz. If the amplifier is in-
tended for use with a small AM receiver, it is
desirable that the amplification starts falling off at
a lower frequency. This is brought about by enlarg-
ing C+; for instance, if its value is doubled, the am-
plification starts dropping at 20/2=10 kHz.

On the printed circuit board shown in figure 2
(which is not available ready made), P+ may be re-
placed by a wire link; the volume control is then
carried out by an external logarithmic poten-
tiometer connected to the PCB via a short length of
screened audio cable.

Current consumption is 2.5 mA at 3V or 7.5 mA
at 9 V under no-signal conditions, and 80 mA at
3V or 270 mA at 9V under fully driven con-
ditions: in the latter condition, the output power is
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10p|10V 10V 100n )
e To T $©
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100 mW or 1 W respectively into 4 ohms.

The output power for different supply voltages and
loudspeaker impedances can be estimated by deduc-
ting 1V from the supply voltage, and raising the
result to the power 2. Divide the number obtained
by 8 and then again by the loudspeaker impedance.
The sensitivity of the amplifier is about 50 mV. This
can be reduced by lowering the value of Ri.

National Semiconductor Application.

o21

MINI STEREO AMPLIFIER

This mini amplifier is based on the Thomson Type
TEA2025. In this 16-pin DIL device hides a stereo
amplifier that with a supply voltage of 9 V will pro-
vide 1 watt output per channel into a 4-ohm loud-
speaker. At full output, the input sensitivity is
about 25 mVpp. If this is too sensitive, a resistor R
may be connected between pin 6 and Cr and be-
tween pin 11 and C2. The sensitivity then becomes
25+ YAR) mV, provided R>1kQ. Furthermore,
the supply voltage may lie between 3 V and 12 V.
The operation of the IC cannot be discussed here,
but for those interested its internal circuit diagram
is reproduced in Fig. 1. One useful feature of the
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TEA2025 is that it has a soft-start circuit on board,
thus obviating annoying plops in the loudspeaker at
switch-on.

Construction of the amplifier is fairly simple, but
has its peculiarities. First, there is the earth, which
in this case should not be of wire, but rather consist
of a metal earth plane (if you design your own PCB,
this would be of copper). If at all possible, pins 4
and 5 as well as pins 12 and 13, should be connected
to a (copper) area of not less than 5 cm® The two
areas should be connected in a suitable manner, and
in such a way that a heat sink is formed under the
IC as shown in Fig. 2. This ensures both good heat
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Fig. 1. Circuit diagram of the mini amplifier.

conduction and a good earth. Moreover, all other
connections should, of course, be kept as short as
possible. This is particularly important in the case
of the supply lines, which should be decoupled by
C11 as close as possible to the IC. The negative ter-
minal of this capacitor should be soldered direct
onto the earth plane; the positive terminal is
soldered in the normal manner to pin 16.

Finally, the distortion for a power output of about
0.25 W is roughly 0.3 per cent.

16V

86412-1

86412-2

Fig. 2. This construction of earth plane cum heat sink
is both practical and saves space.

o22

MOSFET POWER AMPLIFIER

The output power of an operational amplifier is
often increased by a complementary emitter
follower. It can also be done with a MOSFET, but
it is not a good idea to connect such a device as a
complementary source follower because the maxi-
mum output voltage of the opamp is then reduced
appreciably by the gate-source control voltage of
the MOSFET, which can be a couple of volts.

Another approach is to connect two MOSFET: as
a complementary drain follower. The (alternating)
output current provided by the MOSFET is limited
by the level of the supply voltages and the satura-
tion voltages of Ts and T4 Resistor Rs, together

with Rs, provides feedback for both the opamp and
the MOSFETs. The open-loop amplification of the
opamp is, therefore, increased by (1+ Rs/Rs). The
closed-loop amplification of the complete amplifier
is (1+R3/R2), ie., 11.

The current source formed by T+ and Tz is required
for arranging the quiescent current of Ts and T4 at
50 mA. The values of resistors R4 and Rs are such
that, without the current source, the voltage drop
across the resistors resulting from the direct current
through the opamp is not sufficient to switch on T
and Ta With the current source, and depending on
the setting of P+ the voltages across R4 and Rs rise,
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which increases the quiescent current through T3
and Ta In view of the temperature dependence of
the quiescent current, T2 must be mounted on the
common heat sink (c. 5 K/W) of the MOSFETs.

The output power is not less than 20 W into 8 Q,
at which level the harmonic distortion amounts to

0.075 per cent at 100 Hz and to 0.135 per cent at
10 kHz.

Source: Voice coil drives using complementary
power MOSFETS

by M Alexander in Motor-Con

proceedings, April 1984
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NOISE GATE

Noise on an audio signal becomes more
troublesome as the signal itself becomes smaller.
When a mixer is connected to a number of signal
sources, it becomes particularly disturbing when
one or more of these sources produce only noise. In
these situations, a noise gate is a real help. Such a
gate continuously monitors the level of the audio
signal and switches it off, after a predetermined
period, if the level drops below a preset value.
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The circuit consists of two parts: a control section
and a regulator section. The control section, based
on opamps A1 to A4 incl., derives a voltage from
the audio signal that is used to drive the regulator.
The regulator is a voltage-controlled amplifier, for
which one of the two operational transconductance
amplifiers contained in a Type LMI13600 or
LMI13700 is used. For a stereo system, one control
section and two regulator sections are required. For
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a double mono version, two control sections and
two regulators are needed. One LMI13600 or
LM13700 will thus suffice for all these re-
quirements.

Opamps A1 and Az form a full-wave rectifying cir-
cuit. Opamp A3 compares the peak value of the
signal with the direct voltage set by P2. If the peak
value is larger, capacitor C7 is charged via Ti: the
attack time is set by P3. The time lapse after which
the audio signal is switched off is determined with
Pa. The control of the voltage-controlled amplifier
(VCA) and the LED indicating whether there is a
signal present is effected by A4. Diode D4 ensures
that the amplification of the VCA is really zero
when the output of As is low (ie. less than
—15V).

The input of the regulator section has an im-
pedance of about 10 kQ and is designed for audio
signals of 1 Vims. However, even for a 12 dB higher
input signal, the distortion is still not greater than
1 per cent. Where higher input voltages are the
norm, the value of Ri should be altered according-

86419 4@

ly. Where lower inputs are the norm, a preamplifier
should be used.

It is, therefore, seen that the noise gate should
preferably be connected between the preamplifier
and power amplifier.

The output level is set with Rs, while P enables
the circuit to be adjusted for minimum switching
noises. To this end, the drive input is switched on
and off by Si, while the audio input remains open-
circuit.

It is best to use a 3.5 mm chassis socket with break
contact for the drive input: the break contact then
replaces Si. As soon as the jack is inserted into the
socket, the connection between the audio input and
the regulator is broken.

This type of drive input affords a number of special
effects, such as the switching in of, say, an echo unit
at the command (sufficiently high signal level) of a
given instrument (e.g. a snare drum). The command
instrument is plugged into the drive input for this
purpose, while the regulator is connected into the
effects unit.

o24

SIMPLE PREAMPLIFIER

This design answers the need for an inexpensive, yet
good quality, preamplifier equipped with a tone
control section.

Fig. 1 shows the circuit diagram. The amplification
of the input stage set up around opamp A1 is adjust-
able between 10 and 20 with preset P+ The 0 dB
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level at the input is 50 mV, while the input im-
pedance and capacitance are 47 KQ and 47 pF, re-
spectively to enable ready connection of most rec-
ord players and cassette decks. The tone control sec-
tion is a standard Baxandall type with Pz and P as
the respective bass and treble controls. The gain vs
frequency curves for various settings of the tone
controls appear in Fig. 2. Here the 0 dB level cor-
responds to 1 V.

The current consumption of this preamplifier is
modest at about 5 mA. When the circuit is cor-
rectly balanced, the indicated measuring points
should all be very nearly at ground potential. The

874251

circuit shown here must, of course, be duplicated to
obtain a stereo preamplifier.

o255

SINGLE-CHIP 40 W AMPLIFIER

To answer the need for a compact amplifier that is
capable of satisfactory operation when driven from
a compact disc player, Philips have developed the
Type TDAI1514 AF amplifier chip, which is
remarkable for its exceilent specifications, rug-
gedness and output power. The device is housed in
a 9-pin SIL POWER enclosure which has a thermal
resistance of less than 1.5 K/W, so that the heatsink
required must have a thermal resistance of no more
than 3.8 K/W if the chip is operated at its maxi-
mum dissipation of 19W (Up=+27.5YV,
Ta=50 °C).

The circuit diagram shows that very few compo-
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nents are needed to make this high-performance
amplifier. The power supply to feed the chip must
be capable of delivering a current of at least 3 A;
the quiescent current demand of the amplifier as
shown is about 60 mA. The supply voltage should
not exceed +27.5V.

Although this project is not supported by a ready-
made printed circuit board, you should not ex-
perience too much difficulty in constructing the
amplifier if it is built on a piece of Veroboard. Make
sure, however, that the tracks and connections to
the supply and output terminals are as short as
possible, and use double tracks where this is



necessary. In this context, it is advisable to fit
decoupling capacitors Cs and Cs as close as possible
to the chip supply pins. Resistors Rz and Rs deter-
mine the amplifier’s closed loop voltage gain, which
has a range of 20 to 46 dB.

Finally, some measurement data obtained with a
prototype of the amplifier:

Po at Diot=—60 dB;
Ub=+27.5V; RL=8Q: 40 W
S/N at Po=50 mW: 82 dB
Supply ripple rejection
at f=100Hz: 72 dB
Harmonic distortion at
Po=32W: —85 dB
Intermodulation distortion
at Po=32 W: —80 dB
3 dB bandwidth at Diwt=
—60 dB: 20-25 000 Hz
Slew rate: 15 Vius

The gain vs frequency curve and the harmonic dis-
tortion table show that this amplifier provides very
good sound reproduction at a considerable output
power level.

Po=10 Wrms
Total harmonic distortion level

Order no. 1 2 3 4 5 6

100 Hz —79 | -84 | -84 | — - -
1 kHz —69 | —-82 | —-78 | —86 |—82 -
10 kHz —55 | —76 | —65 X X X

—: below analyser’s noise floor (—87 dB)

x: analyser unsuitable for measurement.
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SMD HEADPHONE AMPLIFIER

Although the use of SMDs (surface mount devices)
is not yet widespread among electronics hobbyists,
and the availability of these parts is still problematic
in certain areas, there appears to be no way of stop-
ping the ever increasing miniaturization of chips
and circuits. A good instance of this happening at
an accelerating pace is the Type TDA7050 head-
phone amplifier, which used to be available in a
standard DIL enclosure, but is currently only
manufactured in SMA technology.

Naamloos-6.indd 4

The Type TDA7050 is a complete stereo amplifier
with a gain of 26 dB and an output power of
2x 75 mW. As seen in the circuit diagram, two elec-
trolytic capacitors are required to block the offset
voltage at the amplifier outputs. It is also possible
to set up the amplifier in a bridge configuration to
obtain an output power of 150 mW: simply omit the
capacitors, and connect pins 2 and 4 to ground.
Pins 1 and 3 are connected to form the amplifier’s
input, while the loudspeaker is connected between
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pins 6 and 7.

The current consumption of the chip at maximum
output power is of the order of 100 to 150 mA,
while the quiescent current amounts to a mere
5 mA. The amplifiers should be terminated in 329,
a common value for modern headphones. The
supply voltage is normally 4.5 V, and pins 6 and 7
are at half the supply potential during quiescent op-
eration.

O27  SUPPRESSION

SPEECH PROCESSOR WITH BACKGROUND

A speech processor is commonly used in public-
address installations and in utility transmitters. It
augments the average value of the speech signal, so
that in spite of a high level of background noise or,
in the case of a radio transmissinn, a lot of inter-
ference, speech recognition remains possible. In
many cases it is, however, undesirable that this
background noise or interference is enhanced
together with the wanted signal. A possible remedy,
as outlined here, is to provide an adijustable
threshold at which the speech processor becomes
active.

With reference to the diagram, the signal from the
microphone is amplified in Ti (a low-noise ampli-
fier) and in A1. Limiting (or clipping) of the signal
takes place in As.

The signal (taken from the output of A1) is also
amplified in A2. When the output of this opamp
reaches a certain level, electronic switch ESi is ac-
tuated. Consequently, the monostable formed by

46

ES:2 changes state, and this closes ES3, whereupon
ES4 is opened, which in its turn increases the am-
plification of A3. When ES4 is closed, the amplifi-
cation of A3 is determined by the ratio PiRs;
when the switch is open, by the ratio (P2+Rs):Rs.
The mono-time, determined by the time-constant
R20-C19, has been chosen such that speech is not
clipped. The low-pass filter between A3 and A4 en-
sures that frequencies above 3 kHz are severely at-
tenuated. The required output level is set by Ps.

Calibration is somewhat unorthodox: a signal
source with a continuous output of speech by train-
ed speakers is used. The microphone is positioned in
front of the loudspeaker at normal speaking
distance and the sound level adjusted to roughly the
level of the user. Next, connect a pair of head-
phones to the output of the processor and make
sure that only the output of these phones can be
heard. Adjust P4 for maximum resistance, and then
set the clipping level with P2 (which is a matter of



personal taste). At maximum clipping level, in-
telligibility of the speech will remain good in the
presence of interference, but it will have a
somewhat harsh, metallic character. Then, adjust
P1 for maximum resistance, and Ps till all
background noise disappears. Finally, set the ratio

signal: background noise with Pi; this is best done
by making a recording of the user’s speech via the
microphone and the processor. When the processor
is active, ie. clips, D4 lights.

Li to L4 incl. are 6 turns 36 SWG CuL through
3 mm ferrite beads.
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STEREO INDICATOR

On most FM tuners, the stereo indicator lights
upon detection of the 19 kHz pilot tone. However,
this need not mean that the programme is actually
stereophonic, since the pilot tone is often trans-
mitted with mono programmes also. A similar situ-
ation exists on stereo amplifiers, where the stereo
LED is simply controlled from the mono-stereo
switch.

The LED-based stereo indicator described here
lights only when a true stereo signal is fed to the in-
puts. Differential amplifier A1 raises the difference
between the L and R input signals. When these are
equal, the output of A1 remains at the same poten-
tial as the output of Az, which forms a virtual
ground rail at half the supply voltage. When A+
detects a difference between the L and R input
signals, it supplies a positive or negative voltage
with respect to the virtual ground rail, and so causes
Cs to be charged via D1, or Ca via D2. The resistors
connected in parallel to these capacitors ensure slow

discharging to bridge brief silent periods in the pro-
gramme. Comparator Asz-Aa switches on the LED
driver via OR circuit D3-Da.

When building the circuit into an amplifier, care
should be taken to select the right point from which
the input signals are obtained. In general, this
should be before the volume and balance controls,
but behind the mono/stereo selector. The signal
level should not be less than 100 mV to compensate
for the drop across D1 or D2. Also observe that the
impedance at the selected “tap” location is rela-
tively low. Should the stereo light come on when a
mono programme is being received, the input
signals are different, and the sensitivity of one of
the amplifier channels should be altered. If this is
impossible or undesirable, Rs may be replaced by a
series connected preset and a resistor. The sensi-
tivity of the stereo indicator is adjustable with P1
The current consumption is less than 7 mA when
the LED is off, and about 20 mA when it is on.
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029  CONTROL

STEREO PREAMPLIFIER WITH TONE

This simple, one-chip, stereo preamplifier is ideal for
building into an existing AF power amplifier. It is
based on a recently introduced integrated circuit,
the Type TCA5500 or TCAS5550 from Motorola.
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This double AF amplifier chip with inputs for
balance, volume, and bass and treble controls forms
a sound basis for a good quality preamplifier with
a minimum of components. The onset points for
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the bass and treble controls are defined with Cs and
Ca respectively. All (mono) potentiometers are best
fitted direct onto the circuit board to make for
simple mounting into a cabinet, and also to prevent
hum and noise being picked up in the wiring that
would otherwise be required.

The preamplifier has a current consumption of
35 mA, of which 5 mA is drawn by voltage regu-
lator IC2. Zenerdiode D1 and power resistor Rs
should be added if the positive supply voltage
available in the power amplifier is more than about
30 V.

Specifications of the preamplifier:

Distortion: =0.1% at nominal output level.
Channel separation: =45 dB.

Supply voltage: 8.8-18 V.

Tone control range: 14 dB.

Volume control range: 275 dB.

Maximum input voltage: 100 mV.
Amplification: 10.

Low output impedance.

87405

Parts list

Resistors (+5%):

R1...Raincl.= 100K

Rs = see text

P1...Psincl. =100K linear potentiometer

Capacitors:
C1;Cs;C16=100n
C2;Cs=10y; 63 V; radial
C3;C4;Cs;C7;C1a=220n
Cs;C17=100y; 40 V; radial
C10;C1s =4u7; 63 V; radial
C11;C14=4u7; 40 V; radial
C12;C13=47n

Semiconductors:

D1= zenerdiode 27 V; 1 W (see text)
IC1=TCAB500 or TCA5550 (Motorola)
1C2=7815

Miscellaneous:
PCB Type 87405
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SUBWOOFER FILTER

The filter described here is intended primarily for
experimenting with a (central) subwoofer (see Ac-
tive Subwoofer, EE March 1986, p. 28). As the
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A7,A8=IC4
A9,A10 = IC5
1C1...1C5 =
LM833
NES532
TL072

LF353
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human ear cannot sense direction in a standing
wave, directional sensitivity is generally poor at low
frequencies, so that it would seem superfluous to
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use a stereo set-up below about 200 Hz. Therefore,
the low frequencies can be concentrated on one
good bass enclosure, which, of course, keeps the
cost of the overall system down. The satellite
loudspeakers (sce EE, April 1986, p. 22) will then
have to cope with the higher frequencies only.
The requisite cross-over network described here is
based on 24 dB/octave Bessel filters: the cross-over
frequency lies around 200 Hz. With reference to the
circuit diagram, A1 and A2, buffer the left-hand
and right-hand signals respectively. The high-pass
filters for the two channels are formed by As-As
and As-Aio respectively.

At the same time, the two channels are combined
in As, and the resulting signal is passed through
low-pass filter As-A7. The amplification of As can
be varied with Pi, so that the level of the low-

frequency signal can be matched to that of the high-
frequency signals. Note that the component values
given in parentheses are the calculated values, wich
perfectionists may try to approach.

The power supply is a symmetrical design with
short-circuit protection, which also prevents annoy-
ing “plops” at on and off switching.

If a different cross-over frequency is required, refer
to Active Cross-over Network in the September
1984 (p. 28) issue of Elektor Electronics.

In the design stages, stability problems were en-
countered when opamps with JFET inputs (TL074;
LF353, for instance) were used, whereas types with
bipolar inputs, such as the NE5534 and the
LM833, worked perfectly. The reason for the in-
stability in the JFET types is not known.

031

TRUE CLASS B AMPLIFIER

The quiescent current in this amplifier is always
nought, so there is no need for zero setting or for a
circuit to prevent thermal run-away. Complexity is
further reduced by the use of a single supply
voltage,

Voltage divider Ri-R2-R3 fixes the voltage level at
the base of T1 at just above half that of the supply
voltage. Since a current source, consisting of T3,
R7, Dy, and D2, has been included in the collector
circuit of T, this stage provides a very high voltage
amplification. The return line of the current source
is connected to the output, so that the voltage
necessary to stabilize the source does not limit the
dynamic push-pull characteristic. The current
source has, therefore, a high-impedance character.
The complementary power amplifiers, T4 and Ts,
are darlington transistors, which, of course, enable
the collector current in the driver stage to be kept
relatively low.

The feedback to the emitter of Ti via Rs and Rs

J_ D1..D4 = 1N4148 86514
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determines the overall voltage gain, here 20 dB, and
irons out any non-linear components.

Class B operation is normally obtained by direct in-
terconnection of the bases of the power transistors.
In practice, this gave an overall distortion of not
more than 0.16 per cent (at a drive power of 0.25 W
at 1 kHz). The simple addition of diodes D1 and D2
improved the distortion to not more than 0.1 per
cent. Note that these diodes do not alter the oper-

ation, because the darlingtons have a relatively high
base-emitter potential.

With a supply voltage of 12 V, the amplifier delivers
some 2 W into 4 ohms (input sensitivity 200 mV),
or rather more than 1 W into 8 ohms. A higher
supply voltage will increase the output power (to a
maximum of 10 W into 4 ohms at 24 V), but the
power transistors then need cooling.

o32

TUNING AF POWER STAGES

Simple, economically priced audio output stages,
such as, for instance, those using the hybrid ICs in
the STK series, may be improved in a simple man-
ner as regards distortion, noise, and off-set voltage.
To this end, the output amplifier is included in the
feedback loop of an op-amp. Fig. 1 shows the set-up
for inverting output amplifiers, and Fig. 2 that for
non-inverting ones (the normal situation).

In the calculations to arrive at the new gain of the
output amplifier, determined by R+ and Rz, it is as-
sumed that the LF356 provides an undistorted
signal of 5 Vms; note also that this type of op-amp
must work into a load of not less than 5 kilo-ohms
to prevent distortion.

For an output power of 50 W into 4 ohms, the out-
put stage must providle a  voltage,

U=PR=14.2 Vims. If the amplification of the.

stage is 3, the op-amp should deliver 4.73 V. For the
set-up in Fig. 1, the value of Rz is then R2=3R1,
while for that in Fig. 2, R2= 2R1. Note that in both
versions only the value of R+ should be altered. The
total amplification may be calculated from the ratio
of Ra and Rs as follows: A=(Ra+Rs)/Rs.
Furthermore, because of the load impedance of the
op-amp, R1>10k (Fig. 1); R2>10k (Fig. 2);
Ra>10 Q; and Rc>10 @ (Fig. 1 and 2).

To compensate for the off-set voltage of the output
amplifier, the input capacitor should be replaced by
a wire link. The capacitor in series with R+ in Fig.
2 should also be short-circuited. The lower fre-
quency limit of the complete circuit is then deter-
mined by Cs=12nfimRs. The off-set voltage is
then smaller than 3 mV, provided both Ra and Rc
are equal to, or greater than, 100 kQ. Where greater
accuracy is required, P1 can be used to set the off-
set to exactly 0 V.

To ensure that there is no direct voltage at the new
input of the amplifier, capacitor Cc should have a
value of Cc=1/fimRc.

Since the amplification of the output stage has been
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reduced to 3, its feedback factor has gone up, and
the distortion has gone down. The ad-
ditional feedback of the LF356 reduces the distor-
tion even further. An overall reduction in the distor-
tion from 1 per cent to 0.1 per cent is fairly typical.
The altered feedback unfortunately results in a



change in stability. If there is a tendency to oscillate,  Cx must be used: their value lies between 100 pF
the first thing to do is to bring the upper frequency  and 1 nF. Our prototype (using STK ICs) worked
limit back to its previous value with the aid of satisfactorily without either Cx or Cy.
Cy=12nfimRa. If the tendency persists, capacitors
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AUTOMATIC CAR ALARM

Even the best car alarm is useless if you forget to set
it upon leaving your car, whence this circuit.

The relay has a make and a break contact: the
former is necessary to delay the switching in of the
alarm after you have got out of your car, and the
latter serves to switch on the car alarm proper.
Immediately on re-entering your car, you must press
the hidden switch, S1. This causes silicon-controlled
rectifier Th1 to conduct so that the relay is ener-
gized. At the same time, the green LED lights to in-
dicate that the alarm is switched off.

As soon as the ignition is switched off, T+ is off, T2
is on, and the buzzer sounds. At the same time,
monostable IC+ is triggered, which causes Ta to
conduct and the red LED to light. The silicon-
controlled rectifier is then off, and Da is reverse
biased, but the relay remains energized via its make
contact for a short time, preset by P1 As soon as this
time has lapsed, the relay returns to its quiescent
state, and the alarm is set via the break contact. The
delay time can be set to a maximum of about 1 mi-
nute.
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BICYCLE LIGHTS AND ALARM

A bicycle or tricycle should, as everyone knows, be
fitted with front and rear lights. The noteworthy
aspect of the lights circuit described here is that it
also provides a visible alarm, which is primarily in-
tended for invalid road users. When such handi-
capped people are in need of assistance during the
day, this is quickly spotted by passers-by. At night,
this is, unfortunately, not so, whence the present cir-
cuit.
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The usual dynamo or battery is replaced by a 6 V
rechargeable lead-acid battery, which ensures that
the bicycle lights are operational even when the
bicycle is not moving. When the rider is in need of
assistance, the alarm can be switched on: in ad-
dition to the normal lights, a small display with the
word "HELP” will then flash. Such a signal for help
is not easily overlooked!

The circuit is based on an astable multivibrator,
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which does not operate when alarm switch Sz is
open. Provided S+ is closed, the front and rear lights
are on, however.

When the alarm switch, Sz, is closed, the
multivibrator operates, which causes the normal
lights and the HELP lights to flash alternately.
The circuit is powered by a 6 V 1.8 Ah lead-acid
battery which, when properly charged, is sufficient
to keep the lights on for about three hours.

The circuit can be fitted in a small, preferably
water-proof, case. Lamps Laa. . . Las light the letters
"HELP” that have been cut out in the lid. The

La1 = front light D2
La2,La3 = rear lights
Laq . .. Lag = emergency lights

1N4001
$1 = main switch

S2 = alarm switch D ’

LM317

F2 Tr1=12V /800 mA

B1=B80C1500

50mA-T

85471-1b

BCl141 should be fitted onto a small heat sink.
Because of the need of regularly charging the bat-
tery, the case should be fitted to the vehicle in a
manner which allows easy removal and attachment.
A circuit for a suitable charger is given in figure 1b.
This provides a constant charging voltage of 6.9 V
(preset with Pi1), while the charging current is
limited to about 650 mA. This enables the battery
to be fully charged in around 3 hours. The charging
voltage should be set carefully, otherwise the bat-
tery will not be charged correctly.

035

BRAKE LIGHTS MONITOR

The circuit described below monitors your car’s
brake lights, and indicates by a light-emiting diode
whether they both function correctly. In that sense,
it can save you money by preventing your being fin-
ed for driving with defective brake lights, and it also
leads to increasing road safety.

The monitor depends inevitably on the voltage drop
across the supply lines to the two lamps. For the cir-
cuit to work correctly, that drop needs to be greater
than 0.6 V. If this is not so, the drop must be in-
creased by adding a 5V diode in series with each
lamp. Transistor T1 and T2 in figure 1 form a
Schmitt trigger, which reacts to the voltage drop
across the supply lines to the two brake lights. This
reaction manifests itself in Di lighting via Ts. If
one of the brake lights is faulty, the switch-on cur-
rent drawn by the other lamp will cause D1 to light
briefly when the brake pedal is pressed. If both
brake lights are defective, D1 will not light at all.
All three possible states of the brake lights are thus
indicated.

The hysteresis of the trigger, and, therefore, the sen-

S1
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*see text
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sitivity of the circuit, can be adjusted within narrow
limits with P1. The preset is best adjusted with one
lamp out of action in a manner which makes D1
light briefly as described above.

If you find it disturbing that D lights every time
you brake, the operation can be reversed by replac-
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D1

S1

SET ALARM

ing the BCS557B in the T3 position by a BC547B
(n-p-n). The collector of T3 is then connected to the
positive supply line, and the emitter to Rs. On the
printed circuit board this means that the flat edge
of T3 must be turned the other way. A second base
connection has also been provided on the PCB.
Note, however, that this configuration no longer

makes it possible to ascertain whether one or both
brake lights are faulty, ie., when the LED lights,
one or both lamps need replacing.

The printed circuit board is not available ready
made.

In figure 1, Si is the brake pedal switch, and Lai
and La> are the brake lights.

036

CAR BURGLAR ALARM

This versatile and yet easy to build circuit may be
used as an effective deterrent against criminals at-
tempting to steal what you are bound to consider a
highly valued and indispensable piece of property:
your car.

Extremely simple to control, the circuit leaves the
car owner 15 seconds to get out of the vehicle after
he has set the alarm. Upon return, he deactivates it
again by pressing a hidden reset switch within 7
seconds after having opened the car door(s).
Criminals who (hopefully) have not been able to
locate the reset switch within the 7 second delay
will regale themselves and their accomplices, if any,
with a 100 seconds long, intermittend car horn con-
cert which, ideally, should stop them from pursuing
their nefarious activities and, in short, scare them
off. Also, the lawful owner of the vehicle is alerted
by the horn sound that something is amiss, requir-
ing appropriate action.

The present circuit offers the possibility to connect
several types of alarm activating devices, such as a
vibration and/or ultrasonic detector, a window
breakage sensor, etc., provided these supply an ac-
tive low output level when an alarm condition ex-
ists. However, it is also possible to use the courtesy
light switches for this purpose, since these usually
connect to the car body when a door is opened. To
understand the operation of the alarm, refer to the
circuit diagram and assume that the circuit is in the
non-activated mode. On leaving the car, the user
presses the ‘set alarm’ button, which leaves him
some 15 seconds to actually get out and lock the
door(s); the 15 second interval is determined by net-
work R2-Ci; the N2-N3 bistable will toggle after
this delay and activate the alarm proper (watch
function). Note that this condition may be signalled
by a suitable LED driver circuit instead of RE2 as
shown in the circuit. Only when on of the alarm in-
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puts goes low (ie. active) will monostable Ns-N7
toggle and start a 100 second interval, as deter-
mined by network Rs-Ca. However, the horn will
not sound immediately, since network Rs-Cs pro-
vidles a 7 second delay to reset (de-
activate) the alarm before oscillator gate Ns inter-
mittently switches the horn relay transistors T1 and
Tz. Note that the horn will stop sounding after 100
seconds, but the alarm will remain in its activated
state, ie. any alarm condition signalled by the
sensor devices or the door contacts will set it off
anew and cause another round of horn sounding.
As already stated, T3, T4, and Ri13 may be connec-
ted to the N2-N3 bistable to provide a LED indi-
cation of the activated state of the alarm. Instead of
the LED, a relay may be connected to break the ig-
nition coil primary connection. It should be noted,

however, that this relay can not be used in cars with
electronic ignition; in this case, another means for
disabling the car ignition system should be arranged
with the alarm in its activated state. The relays
employed in this circuit are standard types as
available from motorists’ shops. The contacts of
RE! are simply connected in paralle]l with the exist-
ing horn relay contacts.

Finally, note that it is of utmost importance to
mount the entire circuit and the relay wiring in an
out of the way position; the reset switch may be a
coded or key operated type and must be fitted well
hidden. Current consumption of the circuit in the
non-alarm condition is so low as to hardly load the
car battery. A voltage regulator section has been
added to prevent the alarm from being triggered in
error when the car is started.

037

CAR FUSE MONITOR

This extremely simple to construct contrivance of-
fers motorists a visible indication as to the nature of
malfunctions occurring in the car electric system,
which, as we all know or come to find out sooner
or later, is protected by means of fuses which have
a tendency to melting at times and places most in-
convenient to driver and his passengers, if any.
This circuit, if constructed with a little mechanical
skill, may be plugged across all fuses in the fuse
compartment to quickly locate the defective one
without having to remove the whole set for visual
inspection.

Given the very low cost of the undertaking, it may
be worthwile to fit all fuseholders with indicators of
the type described; in case a malfunction occurs,

—
8 !
86501 - 1

you are immediately notified which fuse had best be
replaced (after the necessary repairs have been
made, of course).

038

CAR LIGHTS MONITOR

Many traffic accidents are caused by failing car
lights. Often, the driver is not aware of such a mal-
function, because the warning lights provided on
the dashboard do not, strictly speaking, monitor the
relevant lights, but rather the switch position since
they are almost invariably connected in parallel
with the relevant car lights.

The proposed circuit is intended to indicate the
failure of one light in a pair: sidelights; headlights
(up to 55 W); rear lights; brake lights; or fog lights.
The two lamps must have the same rating.

Counter-wound coils, L1 and Lz, carry the same
current when both lamps are working correctly, so
that the magnetic fields created by these currents
cancel one another. When one of the lamps fails,
the magnetic field caused by the current through
the other induces a voltage in La. This pulse causes
the TIC106D to switch on, and this in turn makes
Ds light. If both lamps fail simultaneously (the pro-
bability of which is, however, minute), the circuit
does, of course, not function.

Because in practice the two lamps do not come on
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or go out simultaneously, R1-C2-Rz2 provide a delay
to enable the magnetic field to stabilize. Note, how-
ever, that C1 must be matched to the particular
lamps being monitored: increasing its value makes
the circuit less sensitive (longer delay).

The coil is easily made from an old (or new) core of
a choke or dimmer switch. First, wind two times 11
turns SWG22 enamelled copper wire around the
core as shown in the drawing. Inductor Ls consists
of twenty turns SWG40 enamelled copper wire (this
coil does not carry a large current). Note that the
black spots in the drawing are the same as those in

86447-1
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the circuit diagram. If the circuit does not work, it
almost certainly means that the connections of
either L1 or L2 have to be interchanged.

To monitor all the lights of car, the circuit will have
to be built as many times as there are pairs of lamps.
The indicator diodes are best fitted in the
dashboard. It is, however, possible to use only one
LED for a number of circuits: when this lights, it is
then, of course, necessary to walk around the car to
see which lamp has failed. Once the LED lights, it
remains on until either the thyristor or the ignition
has been switched off.

039

CAR RADIO ALARM I

It is an unfortunate as well as a generally
acknowledged fact that the car radio (plus cassette
recorder) ranges among the most desirable and
often surprisingly easy to steal objects on many a
burglar’s ’shopping list”.

This circuit may help to prematurely end the
criminal practice by sounding the horn if it is at-
tempted to remove the radio set; cutting or unplugg-
ing an additional ground wire, which has been hid-
den in the cable for connection to the battery and
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loudspeaker(s), causes the alarm to be set off, since
the connection to the car chassis (ground) is inter-
rupted.

The circuit for the car radio alarm is composed of
a single timer, the well-known Type 555, surround-
ed by a few additional odds and ends to make an
astable multivibrator, whose on-time is determined
with Ci. Horn relay Re should have a coil resist-
ance to enable the timer chip to energize it direct by
means of the voltage at output pin 3.



It is seen that the multivibrator is in the reset state
as long as point M is connected to earth, ie. when
the set is in the place where it should be. Removing
the car radio inevitably causes the voltage at M to
rise to nearly 12V, ending the reset state of ICi,
which responds with activating Re, i.e. the car horn,
since this is energized via the relay contacts in paral-
lel with the horn switch in the steering wheel.
Note that Re is any small changeover relay having
a 12 V coil, provided the 555 is capable of handling
the coil current; many motorists’ and car repair
shops can, no doubt, supply you with a suitable
relay for the alarm circuit.

@EPs.86406

@Ridddd)

The sense wire to point M should be hidden in the
multi-wire cable to the radio set, while the circuit
itself must be fitted in an out of the way position,
somewhere behind the dashboard.

In order that not even an attempt is made to break
into your car, it is, as will be readily understood,
prudent to stick adhesives to the car side windows,
warning of the presence of the radio alarm.
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CAR RADIO ALARM 1I

The purpose of this one-chip circuit is to give an
audible alarm in case a thief attempts to steal the
car radio, which is generally considered an item of
prime importance to the motorist’s well-being dur-
ing any trip with his vehicle.

Since removing the car radio necessarily involves
cutting or unplugging the supply cables, the present
circuit detects disconnection of an extra earth lead,
which has been fitted to the rear side of the car
radio (metal) housing. In the circuit diagram, this
point is marked as M. If M is at earth potential, T
is off (high collector voltage); if the earth connec-
tion is cut or unplugged, the voltage at M rises to
a positive level, T1 conducts, and a negative-going
pulse triggers timer ICi, which has been arranged
to provide a 30-second timing interval as defined

with Re-C3. The second timer contained in ICi
functions as a 0.5 Hz (R7-Rs-C4) oscillator section
with an output duty factor of 50% (D3). Note that
the Type 556 dual timer chip directly energizes a
12 'V, low-power relay, whose contacts are connec-
ted in parallel with the horn switch in the car’s
steering wheel.

If it is attempted to steal the car radio, the alarm in-
termittently sounds the horn for 30 seconds. It is,
of course, imperative that constructors of this car
radio alarm locate the additional earth connection
on the radio set in such a way as to necessitate
disconnection at an early stage of attempted theft,’
otherwise the alarm would come on too late, en-
abling the thief to get off at his leisure.

1=30mA (stand-by)

®

12v
(15V max)

IS P

IC1 =556

RST 1N4148

PALT
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COURTESY LIGHT DELAY

Ever been groping about for the safety belt, ignition
slot, choke control or a map while in utter darkness
and happy to have closed the car door(s) because of
the cold, or foul weather? Wouldn’t it be convenient
to have the courtesy light on for a few more instants
in order to get the vehicle started and ready to move
off?

Figure 1 shows a courtesy light delay circuit for
easy incorporation in almost any type of car. The
courtesy light is switched by power MOSFET Tz,
which is a Type BUZ72A ensuring a low voltage
drop (0.2 V typ.) across drain and source and
therefore the lowest possible power loss. The door
contact, connected to terminals B and C, is nor-
mally a push to break type. T1 is therefore off and
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Cs discharged when the door is closed; MOSFET
T2 does not conduct, sothat the courtesy light re-
mains quenched. Opening the door, however, causes
T1 to charge Ci, and the courtesy bulb will
therefore light in a gradual manner. Although
closing the door turns T+ off again, C1 continues to
supply gate drive to Tz for a few more seconds; the
courtesy light will be dimmed slowly. The suggested
MOSFET type should not switch more than about
10 W, which is the usual power rating for the
courtesy light.

Figure 2 shows how the circuit may be modified to
enable the courtesy light to go out immediately
after the ignition key is turned. The terminal
numbers refer to the wiring code convention as rel-
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evant to most types of European car:

15 = + Vvau - ignition on.

30 = + Vvatt - unswitched.

31 = ground.

31b = door contact (connects to ground).
50 = + Vbvatt - starter motor on.

Figure 3 clearly shows the circuit connections in ac-
cordance with the foregoing convention.

In case the suggested MOSFET Type BUZ72A
(Siemens) is a difficult to obtain item, any equiva-
lent n-channel power MOSFET to the following
specifications will also do adequately: V=100 V;
Ii=9 A; Pi=40 W; Rasom<0.25 Q.

Source: Siemens Components XX (1985) No. 6.

o492

FLASHING REAR LIGHT

This rear light for bicycles is fed from a battery
charged with current from the dynamo, and starts
to flash when the cyclist halts. To preserve battery
power, the unit automatically switches off 4
minutes after halting.

The circuit is essentially composed of a battery
charger and a logic switching section. The NiCd
battery is charged from a voltage doubler Ci-Co2-
D+-D2-Cs to ensure a charge current of about

20 mA when riding at a reasonable speed. This

makes it possible for a charge of 3 mAh to be
available after a 10 minute ride, i.., enough for the

light to flash for about 4 minutes after the bicycle
is halted. A relay is used to switch between oper-
ation while riding and while standing still. When
the bicycle is in motion, the voltage from the
dynamo, G, ensures that N4 is enabled, so that T+
actuates Re, and the small 6 V bulb is illuminated.
Since Cs is only slowly discharged via R1, Na re-
mains enabled for about 4 minutes after halting.
Push-button S+ enables immediately switching off
the rear light, because Rz then discharges Cs in a
few seconds.

Gate N+ monitors the dynamo voltage, which is rec-

61



N4
D1...D5 = 1N4148

N1 D4

N1..N4 =1C1 =4093

s,

|

cs ca
RS = =
~ L _ ]
3 au7/16V 4u7/16V
D3 D2 C1 C2
° ° l‘
Re 2x22p
(5V/DIL) NiCd P 16V
4vs S
—-l Z I D5 ——
() —_—
) : G
[ 6V IC1 e R1
owa  |ows [ c3
T o D1
%9 BC5568 ? T"‘/‘S‘I I “Frourev

tified by Da-Ca-R3. When the direct voltage drops
below approximately 2V, N1 switches on
multivibrator N2-Na-Ns which causes the relay to
toggle at a rate determined by Rs4-Cs. The S V DIL
relay requires only 11 mA, while the current con-
sumption of the 4093 is virtually negligible at about
1 uA.
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It should be possible to fit the circuit and the bat-
tery in a somewhat larger than normal bicycle
headlight, equipped with terminals for connecting
the dynamo and the rear light. Of course, due care
must be taken to avoid the battery contacts
touching the metal inside of the light.

o443

GARAGE STOP LIGHT

A novel use of solar cells makes positioning your
car in the garage rather easier than old tyres, a mir-
ror, or a chalk mark.

The six solar cells in figure 1 serve as power supply

and as proximity sensor. They are commercially

available at relative low cost. The voltage developed

across potentiometer P1 is mainly dependent on the
intensity of the light falling onto the cells. The cir-
cuit is only actuated when the main beam of one of
the car’s headlights shines direct onto the cells from
a distance of about 200 mm (8 inches). The distance
can be varied somewhat with P+

+
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Under those conditions, the voltage developed
across C1 is about 3 'V, which is sufficient to trigger
relaxation oscillator N1. The BC547B is then
switched on via buffer N2 so that Ds begins to
flash. Diodes D1 and D2 provide an additional in-
crease in the threshold of the circuit. The total
voltage drop of 1.2 V across them ensures that the
potential at pin 1 of the 4093 is always 1.2 V below
the voltage developed by the solar cells. As the trip
level of N1 lies at about 50 per cent of the supply
voltage, the oscillator will only start when the
supply voltage is higher than 2.4 V.

The circuit, including the solar cells, is best con-

structed on a small veroboard as shown in figure 3,
and then fitted in a translucent or transparent man-
made fibre case. The case is fitted onto the garage
wall in a position where one of the car’s headlights
shines direct onto it. The LED is fitted onto the
same wall, but a little higher so that it is in easy
view of the driver of the car. When you drive into
the garage, you must, of course, remember to switch
on the main beam of your headlights!

A descriptive article on the operation and use of
solar cells appeared in the June 1985 issue of Elec-
tronics: solar battery — p. 6-65.

o444

HALOGEN LAMP PROTECTOR

Halogen lamps are, unfortunately, rather prone to
burn out when they are switched on, and this is
mainly owing to the high current consumption of
these devices during the initial stage of heating up
to the normal operating temperature of the filament
in haloid gas.

A typical value for the cold resistance of a 6 V -
4 W halogen lamp is about 0.3 ohm, demanding a
turn-on current of 20 A. In view of the relatively
low internal resistance of car and motor-cycle bat-
teries, such a current surge is not at all to be dismiss-
ed as purely theoretical, and it is easily seen that the
ensuing rapid heating inside the lamp is a prime
cause for the thin filament to melt at the sudden
temperature effect. What is required, therefore, is a
series regulator system to limit the current during
the heat-up phase; in other words, a soft turn-on fa-
cility.

The circuit diagram shows that C1 is charged to the
battery voltage by means of R+ and Rz, causing
FET T1 to become slowly conductive after S+ has
been closed. The Type BUZI0(A) power FET is
used in view of its low drain-source resistance in the
fully conductive state; a typical value for Rason is
0.19 ohm, which ensures a low voltage drop across
the FET, and, therefore, a sufficiently high
operating voltage for the halogen lamp. Parts D+
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s1
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and Ra discharge C1 after opening S1, so that the
power-on delay functions correctly any time the
lamp is turned on.

Lamp voltages other then 6 V require Rz to be
modified according to Rz=200,000/(Vbat — 2) [Q].
In case the BUZ10(A) proves hard to obtain, other
types of n-channel power MOSFET may be used in
the circuit. The minimum requirements are: drain-
source voltage Vis = 50V, drain current Is =
19 A, and drain-source on resistance Rdson) =
0.2 Q.

045

LED REVOLUTION COUNTER

A close look at the dashboards of a number of cars
may reveal the use of three basic types of rev

counter: first, the still most commonly found needle
and round scale, analogue combination; second, a
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set of digital displays (often LCDs); and third, a
pseudo-analogue meter in the form of multi-
coloured LED bar, looking much the same as a
LED-based VU meter on modern recording equip-
ment.

The circuit presented here belongs to the third
category. However, contrary to the straight LED
bar indication, this design features a round scale
with a coloured LED needle imitation, just as the
good old mechanical rev counter.

The circuit is based on the Telefunken Type U1096B
analogue input LED driver which can light one of
30 LEDs on the rpm scale, whose lower and upper
indication limits may be set to individual re-
quirements; e.g. the 30 LEDs may merely indicate
a limited rpm range to attain a higher resolution.
The circuit diagram shows ICi to receive the con-
tact breaker pulses and to reshape them for conver-
sion to an analogue voltage in an R-C filter, which
passes the signal to the input of the LED driver.
The detailed operation of the circuit is as follows.
Zener diode Dei and parallel capacitor Ci
safeguard the base of inverter transistor T1 against
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receiving high voltage pulses induced in the ignition
coil secondary winding. The Type NESSS timer has
been configured to function as a monostable with
an output pulse period time of 3 ms, during which
time R3 causes Ti to conduct so as to prevent er-
roneous triggering of the monostable. The analogue
voltage, proportional to the engine rpm rate, is es-

Naamloos-6.indd 6

Parts list

Resistors:

R1...R4;R6;R11=47 k
Rs;R10=100 k
R7=270 k

Rs=1 k

Ro=10 k

R12=220 k

R13=4.7 Q
P1;P2=100 k preset

Capacitors:
C1;C4=10n
C2=4n7
C3=100n
Cs=100 ;16 V
Ce=10 ;16 V
C7=1uw16V
Ce=47 ;16 V
C9=470 u;25 V

Semiconductors:
IC1=555
1C2=14810
IC3=U1096B (Telefunken)
D1...Deo=LED
(see text)
De1= zenerdiode 8V2; 400 mW
De2=1N4001
T1=BC547B

Miscellaneous:
PCB Type 86461

tablished by means of smoothing network Rs-Cs,
R9-Cs and Ri0-C7. The indication range for the
LEDs may be set with Pi and P2, the presets for
the lower and upper limit, corresponding to LEDs
Di-D2 and Ds9-Dso respectively. Note the relative
simplicity of the LED array connection to IC3;
only nine IC output lines suffice to drive any one
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of 30 pairs of LEDs, whose colour may be chosen
to individual taste, while it is also possible to use
series-connected LEDs to achieve a brightly as well
as functionally lit rpm scale.

The circuit diagram shows two rows of LEDs; the
upper one is the normal rpm indication scale, for
which the following coloured subdivision may be
used: 0 to 5000 rmp are green LEDs; from 5000 to
6000 rpm yellow or orange types; 6000 rpm and up
are bright red types. This range and subdivision may,
of course, be adapted for the specific type of engine.

The lower row of LEDs may be used to indicate a
number of fixed rpm rates on the scale, for instance
at 1000 rpm intervals.

The PCB track layout and component overlay with
this design should enable anyone to readily con-
struct the LED scale revolution counter, but note
that the LEDs are mounted at the PCB track side
to get the correct indication in clockwise direction
with increasing the rpm rate. Also note the use of
the low voltage-drop regulator IC2 which supplies
ICi and IC3 with a stable, noisefree 10 V rail.

046

MOTOR-CYCLE GEAR INDICATOR

This circuit provides motor-cycle riders with a gear
indication to the foot-operated lever at one side of
the engine block. The proposed indication unit will
be appreciated by those riders in the habit of forget-
ting which gear they have selected when attempting
to drive off at traffic lights or crossroads and finding
that the engine stalls because it had been switched
to second gear.

The circuit as shown is based on the use of two
gear-lever operated, plunger or roller type

Ic7

3

microswitches, along with the neutral gear indi-
cation lamp, which is a standard item on most types
of modern motor-cycle.

Bistables Ni-N2 and N3-N3 serve as debouncer cir-
cuits for micro-switches Si (lever down) and S2
(lever up). If either one switch is actuated. N4 or
Nis will cause bistable N12-N13 to be set or reset;
counter ICs counts up (U/D = 1) or down (U/D =
0) as a result of actuating Sz or Si respectively. On
release of the relevant microswitch, AND simulator
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Di-D2-Rs supplies ICs with a clock pulse, in-
crementing or decrementing the gear readout com-
posed of ICs and the indication-panel mounted
7-segment LED display.

Input pin 5 of gate N¢ may be wired to point A, B,
or C to suit 4-, 6-, or 5-gear types of motor-cycle re-
spectively. Ne inhibits OR gate Nis from supplying
further clock pulses if S2 is operated when driving
in top gear. Ni6 and Nu have the same function for
the bottom gear, preventing the counter from
decrementing the display reading at gearing up
from neutral to 1.

If the neutral switch — S — is closed, ICs supplies
the A and B inputs of ICs with logic low levels; the

level at the C input need not be forced low, since the
neutral gear is in between first and second, both of
which positions cause the most significant bit — C
— to be low anyhow.

Parts Rs-C2-N10-Ns have been included to prevent
an erroneous display reading at gearing down from
2 to neutral and up again; for two seconds, Nis is
disabled from clocking ICs, so that the lever-up
pulse is not detected.

At power-on, R7 and Cs preset counter ICs to state
1.

In conclusion, it goes without saying that Si and
S2 should be good quality microswitches, sealed
against moisture and dirt.
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047

4-WAY DAC EXTENSION

This extension circuit makes it possible to use a
single DAC (digital-analogue converter) for
generating four analogue voltages. Evidently, the
cost of the extension described here is only a frac-
tion of that of four DAC chips.

The operation of the 4-way DAC is fairly simple.

Assuming that inputs A, B and E of multi-
plexer/demultiplexer IC1 are driven low, the output
of A1 is fed to the + input of Az, while the output
of this opamp is connected to the — input of A1 via
the demultiplexer and R41. Capacitor Cz functions
as a storage device. The output voltage available at

terminal 1 equals Upac because A1 is dimensioned
for unity gain. When the E input is driven high, or
when a new code is applied to inputs A-B, the input
voltage for Az is derived from Cz, so that the programmed
voltage remains available at the output. The function of
the other output buffers and capacitors is, of course,
similar to that of A2-Ca.

For optimum performance, C2-Cs should be low leakage
capacitors, e.g. multilayer MKT, and the input current to
Az-As should remain low. The latter condition is satisfied
by using opamps with FET inputs (typical bias current:
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1 pA). Only A+ requires an offset compensation since feed-
back is provided via the lower multiplexer in IC1. The E
(enable) input serves to disable IC+ during switchover to
another channel. Rz then gives A+ unity gain to prevent
the — input being left open.

When a Type HCT4052 is used in the IC+ position, stan-
dard TTL levels can be used to drive inputs A, B and E.

A “normal” CMOS 4052 requires 5K6 pull-up resistors to
be fitted on these inputs, but only if TTL signals are used
to drive the extension. The current consumption of the
circuit is less than 10 mA. Ubpac should be between
—-35Vand +35V.

o488 8-BIT ADC

Before any analogue voltage can be measured and
subsequently processed by a computer, a converter
device with the necessary precision is required to
provide the computer with the digital n-bit equiva-
lent of the voltage as applied to the DAC circuit.
Obviously, the higher n, the more steps involved in
the conversion process, but also the higher the accu-
racy that can be obtained.

This 8-bit ADC circuit works with very few parts;

yet it is versatile, fast, and sufficiently accurate for
most purposes. The maximum input voltage to the
circuit is arranged at 5V, as determined by the re-
sistor network connected to the Ain terminal of the
Type ZN427 ADC chip. Given this upper limit for
Vin, the conversion accuracy equals SV/(28-
1)=19.6mV/step. Other input voltage levels may be
accommodated by appropriate redimensioning of
the input voltage divider.
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Since the proposed ADC chip features an analogue-
to-digital conversion time of only 10us (typical
value), alternating voltages may be measured
(digitalized) and processed under machine language
control; just as with the above DAC circuit, BASIC
is usually not very suitable for this purpose, and its
use is restricted to applications where timing re-
quirements are less stringent. It will be understood
that fast and therefore smooth computer response
to, say, joystick movement is only feasible if the
ADC reading subroutine is written in machine
code.

A low SOC (start of conversion) pulse at the WR in-
put of the chip triggers the internal voltage conver-
sion process and the BUSY output is activated (i.e.
pulled low); this, in turn, enables Schmitt trigger
gate N1 to generate the ADC clock frequency of
about 900kHz. On completion of the clock-

controlled conversion, BUSY goes high, and the
CPU may read the 8-bit value contained in the
ADC latch by activating the read line, Note that the
SOC and read signals must be decoded with suitable
circuitry as required by the type of computer or
CPU. Provision has been made in the ADC circuit
to select either the BUSY or BUSY signal in order
to flag the conversion condition to the host com-
puter CPU.

Calibration of the present circuit is straightforward,
since this merely involves setting two presets. First,
a simple test loop may be written in machine
language; next, adjust Pi (offset) for a computer
reading of @ with no input voltage applied to the cir-
cuit; P2 is set to give a reading of 255 (FFnex) with
the maximum input voltage at Vin, ie. 5V. Finally,
test the ADC linearity by applying 2.5V from a suf-
ficiently accurate source; the computer should read
128 (80hex).

049 8-BIT DAC

This simple circuit enables computer users to
generate analogue voltages under software control,
which, no doubt, offers interesting possibilities for

intelligent control of, for example, volume adjust-
ment of audio equipment, light dimmer circuits, etc.
It is also possible to write machine language
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algorithms for the generation of several different,
complex periodic output voltages, in short, to con-
struct a computer-controlled function generator
using a minimum amount of hardware.

The circuit is based on the Type ZN426 digital-to-
analogue converter (DAC), which is an 8-bit resol-
ution (255-step), high conversion speed (1 ps) device
for direct microprocessor interfacing. The circuit
may be connected to an 8-bit output port which
provides TTL or CMOS compatible digital levels;
most computers currently on the market have such
a port, or the manufacturer has made provision to
add one or more of these in the form of an expan-
sion. The conversion time of the DAC chip allows
the use of machine code for high frequency output
voltages; BASIC is usually too slow for this purpose.
The DAC output voltage is buffered with an BIFET
opamp, which can be adjusted for a step response of

15mV/step, which means that the maximum output
voltage of the present circuit is 3.825V, since 8 bits
represent 255 steps (28-1).

Adjustment of the circuit is straightforward: con-
nect a DVM to the output and adjust P for an in-
dication of 0.00V with nought (@) written to the
DAC; next, write 255 (FFnex) and adjust P2 for the
maximum voltage indication of 3.825V.

The circuit is also very suitable as an D-to-A con-
verter driven by 8-bit I/O port (EE, December 1985)
as part of the universal I/O bus. It should be noted,
however, that writing FFnex to this port gives an
analogue output voltage of @V, since the ULN2003
buffer IC in the 8-bit output port is an inverting
device: moreover, the eight data lines to the DAC
chip should be fitted with pull-up resistors as shown
in the circuit diagram.

0SS0

16-KEY INPUT FOR MSX MICROS

This simple circuit is an unusual, but interesting,
application of the joystick port available on an
MSX microcomputer. With some modifications, it
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should also work with other types of computer
equipped with a similar ”"game” input. The use of
the joystick port for reading 16 switches is advan-
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tageous because very little additional hardware is re-
quired, and programmers can avail themselves of
standard BASIC instructions relating to the
joystick. ,

On MSX computers, the position of the joystick
handle is read with the aid of instruction STICK(n),
where n is 1 or 2, ie., the number of the relevant
joystick. The instruction returns an integer between
1 and 8, from which the handle position is deduced
as shown in Fig. 1. Instruction STRIG(n) enables
determining the state of the trigger (fire) button on
joystick n, and returns —1 when this is actuated.
A diode matrix is used here to enable connecting
eight pushbuttons S+-Ss to the four direction inputs
on the joystick port. When actuated, either one of
these buttons forces a logic low level upon one or
two of the input lines, enabling the computer to
identify the key number. Eight additional diodes,
D21-D2s, make it possible to double the number of
keys (Se-S16). These can be kept distinct from the
former 8 by connecting them to the trig. A input.
The 16 keys are identified in BASIC with the aid of
instructions

X = STICK (1) (or X = STICK (2)) and

Y = STRIG (1) (or Y = STRIG (2))

so that the key number is simply

Z = X—(Y*8)+1.

This goes to show how a versatile extension can
make good use of existing hardware whilst being
controllable with BASIC commands. Finally, Fig. 3
shows the pin assignment on the 9-way sub D con-
nector used for connecting the present circuit to the
MSX joystick port.

051

32 KBYTE PSEUDO-ROM

This versatile, exchangeable, memory module
should appeal to programmers developing software
for computers other than the one being used for
writing, testing and debugging the program. The
battery back-up function of the module ensures
that data is retained, and so makes it possible to use
“portable”, software that is ROM-based and yet can
be altered readily without having to program and
erase an EPROM a number of times.

The memory module is based on the use of a Type
43256 32 Kbyte static CMOS RAM from NEC—
see Fig. 1. Other 32 K types, such as the 62256,
should also work here. A battery (2 button cells, or
a 2.4 V NiCd cell when D1 is bypassed with a re-
sistor to enable charging) enables the chip to retain
its contents when the computer is off. When the
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+ 5V supply from the computer is on, T1 drives
pin 1 of Ns high, so that this gate can enable the
RAM via the CE input. The supply set up around
T3-T2 then feeds all the chips on the board with
about 4.8 V. The drop across the C-E junction of T2
is less than 0.2 V here since the transistor is driven
into saturation. When the computer is switched off,
the circuit is fed from the battery via germanium di-
ode D1 Voltage divider Rs-Re causes T+ to be
turned off when the supply level drops below some
45V.

Input 1 of N is grounded via Rz, so that CE on the
RAM is held high, causing the chip to switch to the
power-down (standby) mode. A prototype of the
plug-in RAM consumed only 1.5 uA in the data
retention mode, after briefly taking about 3 mA



NWDS

when the input voltage dropped from 1.5 to 1 V.
This effect is normal, however, and is due to the in-
puts of the HC gates briefly being in an undefined
state. The ICs fitted were Types 74HC00 (SMD)
and a 43256C-12L (120 ns).

The module is configured as a 32 Kbyte RAM
block by fitting wire jumper A-C, while jumper B-C
selects 2x 16 Kbyte. The latter configuration is re-
quired when the socket that receives the module is
intended for a maximum memory capacity of 16
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Kbyte (ROM or RAM), as on the BBC sideway ex-
tension board. A Type 6264 RAM can be used in
the ICa position when only 8 Kbytes are required.
Neither jumper need then be fitted.

Successfully constructing the RAM module re-
quires great care in soldering the SMA parts onto
the board shown in Fig. 2. It is absolutely necessary
to first fit all the SMA parts at both sides of the
board, then the three wire links and jumper B-C or
A-C as required. Do not forget to solder the ter-
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copper - sideB

minals of D1 (not an SMA part), and the battery
connections, at both sides of the board. Also,
through-contacting with short lengths of compo-
nent wire should be effected at four locations. Push
all the pins of two 14-way IC terminal strips
through the straight rows of holes on the compo-
nent side of the board, ie. the side that holds the
transistors, then solder the pins to the islands on the
copper side, ie., the side that holds the 74HCO0s.
The pins should protrude at least 4 mm. The use of
a centrally cut wire-wrapping socket is not rec-
ommended here in view of the thickness of the pins.
Locate the pin that protrudes from the hole marked
1, and cut it off. Mount a turned IC pin holder next
to pin 28, 27, 22 and 20 of the right-hand side ter-
minal strip, and solder these at both sides of the
PCB. These pins should not protride at the copper
side, and their tops should be 1.5 to 2 mm above
those in the terminal strip. When it is intended to
use the RAM in its 2x 16 Kbyte configuration,
wires are connected to points OE2 and CE2 at the
copper side, and guided between pins 5-6 and 9-10
respectively. Remove pin 1 of a standard 28-way IC
socket, before carefully push-fitting this onto the 27
protruding pins at the copper side. Connect the bat-
tery supply wires and the wire to S1 (NWDS) to the
respective points at the component side. Use a pair
of precision pliers to carefully bend pins 28, 27, 22
and 20 of the 43256 or 6264 slightly to the right of
the other pins in the row. This enables pushing
these four IC pins in the previously mentioned, sep-
arate, socket pins, while the 24 others are inserted
in the usual manner. The battery is conveniently
mounted at some distance from the module. When
a miniature battery is available, this can be fitted
underneath the RAM chip. For BBC users: wires
OE2 and CE2 are conveniently connected to pins
22 and 20 respectively of a 28-way IC socket for
plugging into the adjacent ROM/RAM socket on
the BBC’s sideway extension board; the NWDS
signal is available at pin 8 of IC77. Switch S1 is
mounted at a convenient location on the com-
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Parts list

Note: all parts Surface
Mount Assembly types unless marked *.

Resistors:

R1. . .Raincl.;R7;Re;R10=47K
Rs=180R

Re;Rs = 1KO

Capacitor:
C1=100n or 47n

Semiconductors:

D1=AA119 *

T1;T2=BC857B or similar pnp SMA type.

T3=BC847B or similar npn SMA type.

IC1;1C2=74HCOO (Do not use HCT types).

1IC3=43256C-10/12/15L (NEC) or 62256
LP10/12 32Kbyte CMOS static RAM *,

Miscellaneous *:

PCB Type 87500

2 off 14-way terminal strips with 7 mm pins.
4 off turned pins for IC leads.

Suitable battery (see text, Vb 22.4 V)

puter’s rear panel, and when opened inhibits
writing into the RAM. It is recommended to open
S+ after turning the computer off to prevent the bat-
tery having to supply some 50 uA for prolonged
periods: this current flows into the NWDS driver
via R1o. Non-BBC or Electron Plus-1 users should
note that the NWDS signal is the same as WRITE,
not READ/WRITE.

The MOVE command in the ADT ROM available
for the BBC computer enables exchanging data be-
tween resident and sideway memory. Programmers
should have little difficulty, however, in writing a
short routine that selects the relevant sideway
socket(s) via the socket latch at FE3FH, and copy-
ing one or two 16 Kbyte blocks.
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40-TRACK ADAPTOR

Over the past few years, the cost of 5% inch floppy
disk drives has gone down to the extent that
modern, 80-track, double-sided drives now cost less
than a simple, 40-track, single-sided type some three
years ago. It is, therefore, not surprising to see many
computer owners upgrade their systems with a set
of 80-track, slim-line drives to boost the mass
storage capacity of their micro.

However, 40-track stored programs are not readily
retrievable in the new system, because the distance
between tracks in the 40-track drive is twice that in
the 80-track model.

This circuit offers a solution to the problem, in that
it doubles the step distance for the R/W head in the

80-track disk drive, so as to make it ”look like” a 40-
track type to the computer which should, of course,
be programmed with a 40-track disk operating
system (DOS).

It is seen from the circuit diagram that Gate N
receives the FDC controller STEP pulse, which is
used in the circuit as a timing reference for the auto-
matic generation of another STEP pulse to follow
the first after 3 ms.

It should be noted that, when incorporating the cir-
cuit in an 80-track drive, the track-to-track access
time in the 40-track mode is double that as given in
the drive specifications, which refer to 80-track use.
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2708 ALTERNATIVES

Thanks to the development of an ever expanding
range of capacious EPROMs in the 27xxx and
25xxx series, the Type 2708 has become completely
obsolete. Not only is this forerunner in EPROM
technology relatively hard to program, it is also ex-
pensive in view of its modest 1 Kbyte holding ca-
pacity.

It stands to reason that replacement of the 2708
with either the 2716 (2 Kbytes) or the 2732 (4
Kbytes) is most readily accomplished if the dif-
ferences in pin functions are first taken into con-
sideration.

The pinning overview and associated table go to
show quite conclusively that the replacement is no
daunting task, since the former positive and
negative supply pins to the 2708, 19 and 21 respect-
ively, may be hard wired as suggested for either the
2716 or 2732. o

It should be noted that pin 18 (CE for the 2716 as
well as the 2732) is tied to ground, while pin 20
(OE) is driven by the computer CS signal. This new
arrangement is of no consequence for neither
EPROM nor computer, since OE may function as
CE if it is realized that the EPROM can not be
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switched to its low power standby state -anymore.
However, this minor drawback merely causes an in-
crease in current consumption, whilst at the same
time offering a faster EPROM access time, as only
the three-state bus drivers are enabled internally,
rather than the entire chip logic.

As the Type 2716 and 2732 EPROMs offer double
and four times the capacity of a 2708, respectively,

a manual address block selection may be added to
the circuit; this set-up, composed of a switch and re-
sistor (to be constructed double for the 2732) is
marked with an asterisk in the accompanying
diagram. Wire Ao (and A1, if applicable) to
ground if you intend to stick to the 1 Kbyte
EPROM contents, located in the first 1024 bytes
block.

054 6502 TRACER

A program that has been written into an assembler
will rarely run error free on the first run. It often ex-
hibits blurbs and other ramblings: in bad cases,
there is a complete hang up and it is then necessary
to start the computer afresh with a RESET.

To find such faults in a relatively easy manner, the
tracer described here will be found very useful.
The circuit layout of the tracer is shown in figure 1.
Gate N1 is an address decoder, whose output in the
address range $F000. . . $FFFF is logic 0. NAND
gate Nz is fed with the SYNC signal from the com-
“puter and the 0 signal; it is disabled by either the ad-
dress decoder, N1, or bistable FF2 The address
decoder disables N2 when the EPROM is addressed
from the CPU. This prevents the SYNC line of the
6502 processor generating an MI (maskable inter-
rupt). If the processor passes through a machine
program somewhere in the RAM, N2 generates an
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interrupt as soon as the processor reads an opcode,
which makes the SYNC line logic 1. This non-
maskable interrupt directs the processor to an inter-
rupt program in the monitor program. All CPU
registers are safeguarded by this interrupt program
and subsequently displayed on the monitor screen.
At the same time, the processor disassembles the
next command.

The programmer can, therefore, see beforehand
under what conditions the processor starts with the
execution of the next opcode. Since the status
register and all its flags are also displayed on the
screen, the programmer can easily ascertain
whether a flag in the status register has been set in-
correctly.

Bistable FF1 serves as a debounce stage; FF:
toggles on receipt of a leading edge from FF1: that
is, every time S+ is pressed. When the tracer is



1 Parts list

Resistors:

Ri =1k
Rz2...Rs = 10 k
Rs = 220 Q
Capacitors:

Ci = 1016V
C2 =100 n

Semiconductors:

D1 = LED (red)
IC1 = 74LS22
IC2 = 74LS74

Miscellaneous:

S1 = miniature spring-loaded press-to-
make switch

S2 = miniature spring-loaded press-to-
make switch (see text)

PCB 85466

NIN2=IC1=740S22 i
FF1,FF2 = IC2= 74LS74 asacs

nN=

R1

%) a

switched on, D1 lights. Resistor R4 and capacitor C1
form a power-on reset network that automatically
switches the tracer off when the computer is
switched on.

The printed circuit board for the tracer is shown in
figure 2. If you want to build the tracer into the
computer case, the PCB can be cut along the dash-
ed line, so that the section containing S1 and Sz may
be fitted in the most convenient position. Switch S
must be connected to the tracer via a suitable cable,
but S2 may be connected to the manual RESET of
the system.
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A-D CONVERTER FOR JOYSTICKS

Although joysticks come in an astounding variety
of versions, their internal organization is virtually
always a standard concept, based on either a set of
relatively fragile, springy, membrane contacts, or
two potentiometers. Many computer en-
thusiasts will agree that the latter, analogue, type of-
fers better reliability and quality. Unfortunately,
however, these can not be used in conjunction with
a popular home micro such as the Commodore
C64, and that is where the present circuit comes in.
The four comparators in IC1 function as switches to

translate the handle movement into digital signals.

- The outputs of the comparators are buffered in IC2
to enable interfacing to the computer’s joystick
port. The two remaining inverters in ICz, Ns and
N, along with two inverters in ICa, function as
drivers for the LEDs that indicate the handle pos-
ition. Gates No-N12 are set up as a wired NOR
function to enable LED Ds to light when the
joystick handle is in the centre position. Finally, the
current consumption of the converter is about
25 mA.

5V
- 1 ®
IR [J]Re S]Re R8.R7,R11,R10
S8 8 g 4x2200
Nt L3 -
1 10} {’2
4\ N7 % :
A Al 2 1 2 o
DO .5/ N2 :
3 4 O.
A2 N9
L S el
6> N5 % .
A2 N 1 10 0—>
7/ N1 :
1| >02 O’
N12
1 12 | N
N8 \¥ .
3 4
|>° Na !
9| >08 O.
N10
D3
B 9 84 .
DO e, "
13 12 t
N3 :
{>e1-00
Al... A4=I1IC1=LM339
Ni... N6=IC2=74LS04
N7...N12=IC3=74LS05 é)
i
TR [LJRe s IC1 IC2 IC3
& x 100n

D
X
T

g g
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BIDIRECTIONAL PARALLEL INTERFACE FOR

Co4

The so-called User Port on the Commodore C64
home micro is intended for connecting peripherals
such as a modems, RS232 interfaces, and control
circuits. In some applications, it is also used for om-

munication with other C64s. This circuit makes it

User Port
(o173

®

PBO
PB1
PB2
PB3
PB4
PBS
PB6
PB7

PA2

possible to use port lines PBO-PB7 as inputs and
outputs. Software enables the computer to select be-
tween input and output by means of the PA2 line
(terminal M). Examples:

5 —o
I = 25mA ¥e)
LL - o
10 °
15 o
17 -
z 19 o
21 o
+
[es g b a
o—
E st
F
W7
J_7
K r3| R4l Rs| Re| R7] Rs| Re| Ri0
L
~ ~ ~ ~ ~ ~ ~
A1 ELERLEFLERLE
4 3 A
_16s 5 I
M 8 7
—] -0
_ 1w l_g -
—5 Ic2 16 DS
— 8212 18 o
D 20
A 21 22 j‘)o
1
12| 2 .
o1 "* ikl red a = active low
b = active high
0244 ®

Ni,N2= z'/5 IC3 = 7404;7414

87519

green

User Port

]
o
RESET
pe1ffoaflcNT 1
pB2m ol sp 1
resfmoflcnT 2
pBa = ~fsp 2
pBs | ofjpc 2
re6flx o ATN IN
pB7 jr 3 Acav
_—
i
4
N

GND
NR+5V

GND
FLAG 2
PBO O ©)

AC 9V
GND

PA2
GND §Z
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Data input:
10 POKE 56579,0
:REM user port is input.
20 POKE 56576,255
:REM interface is input.
30 A=PEEK(56577)
:REM read variable A.

Data output:

10 POKE 56579,255

:REM user port is output.
20 POKE 56576,251

:REM interface is output.
30 INPUT B

:REM read dataword.
40 POKE 56577,B

:REM and send to interface.

The circuit is essentially composed of 2 three-state
octal bus drivers Type 8212. Via the logic level on
PA2, each driver can be enabled individually so as
to select between the input or output function of
the interface, whose current state is indicated by a
pair of LEDs. Switch S+ selects between pull-up (a)
or pull-down (b) termination of the input lines.

Finally, an example for interactive data processing:

10 POKE 56567,255
:REM interface is input.
20 POKE 56579,0
:REM user port is input.
30 A=255-PEEK(56577)
:REM read variable A.
100
:REM example of logic control:

110 IF A=1 THEN B=64
111 IF A=2 THEN B=128
112 IF A=4 THEN B=192
113 IF A=1 THEN B=32

300 POKE 56577,B
:REM load data register
310 POKE 56579,255
:REM user port is output
320 POKE 56576,251
:REM interface is output
330 GOTO 10

BIDIRECTIONAL

OS57  CONVERTER

SERIAL- PARALLEL

This interface circuit enables doing rather more
than normally possible with the computer’s serial
(RS232) port. Serial output data from the computer
is converted into parallel format, and parallel data
applied to the interface is converted into a serial bit
stream for reception by the computer.

The interface is based on the industry standard
UART (universal asynchronous receiver/transmit-
ter) Type AY-5-1013, or the CMOS version of it, the
CDPI1854 from RCA. Serial data from the com-
puter is received at input RXD, and inverted in T4
for driving the RSI input on the UART, which con-
verts the received word into 8-bit parallel format
(RDo-RDy). The shifting in of serial bits is clocked
by the 19,200 Hz signal applied to the RCP and
TCP input. This fixes the baud rate of the interface
at 1200 (19,200/16). The baud rate generator is a
conventional design based on a binary counter/div-
ider with built-in clock oscillator, which is crystal
controlled here and operates at 2.4576 MHz. The
parallel output of the UART is buffered with the aid
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of IC2 to enable controlling 8 relay drivers B1-Bs.
The parallel word applied to the UART at its TDo-
TD7 inputs is converted into serial format and out-
put via the TSO terminal, where the signal is in-
verted and fed to the TXD output.

The serial data format can be defined with the aid
of wire links B-F: Table 1 lists the function of each
of these. Inverter T4 automatically resets the re-
ceiver in the UART by driving RDAR (received
data available reset) low when RDA (received data
available) goes high to signal that a complete word

‘has been shifted into the receiver hold register.

When wire link A is installed, RDA can also control
the TDS (transmitter data strobe) input, so that a
new parallel word (TDo-TD7) is loaded into the
transmitter holding register. Thus, jumper A makes
it possible to use the CTS (clear to send) hand-
shaking signal. The TEOC (transmitter end of
character) pulse is used here to generate the RTS
handshaking signal, and also to control the TDS in-
put, together with CTS. This handshaking input,



when active, prompts the UART to output a new
serial word. Set-reset bistable N1-N2 precludes con-
flicts arising between the signals in question. Power-
on network C1-R1 ensures that the UART is prop-
erly reset and initiated. TSO and TEOC then go
high, while RDA is forced low. When link A is not
fitted, _the presence of the inverted TEOC pulse at
input TDS causes the transmission process to com-
mence.

The author has developed this circuit mainly to
enable two IBM PCs to communicate with the aid
of the Turbo Pascal program listed in Table 2. Before
this can be run, the status of serial port COMI:
(AUX:) should be defined by typing DOS command
MODE COM1:1200,n,8,2 <CR>

(1200 baud, no parity, 8 data bits and 2 stop bits).
Pins 6 (DSR) and 20 (DTR) on the 25-way D socket
should be interconnected, and the same goes for

pins 4 (RTS) and 5 (CTS) when no handshaking is
being used. When it is intended to use the hand-
shaking facility on the bidirectional interface, link A
should be removed, and socket pins 4 and 5 connec-
ted to interface terminals CTS and RTS respectively.

Table 1
link | fitted not fitted
A |no RTS & CTS |RTS & CTS
B | no parity bit parity bit
C | 2 stop bits 1 stop bit
D/E ----- see below-----
F | even parity odd parity

data word

5 bits
6 bits
7 bits

TEOC

i3]
R11 ‘,

RxD| o—{ 10k |

mz o, -

1N4148

T1..T4=BC5478
N1..N4 = IC5 = 74HC132

= O |= |Om

8 bits

EEREEEEEEN

o -1 B9...B16
8x
o
L o
o
S 3-50v
o [ 1ok }o
Lo
av7
B15 —O A400mW
B16 r—O -
L

87499
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058  YTENSIONS

BUS DIRECTION ADD-ON FOR MSX

The majority of MSX computers do not require a
BUSDIR (bus direction) signal from add-on circuits
plugged into slots. A problem arises, however, if the
extension circuits published in Elektor Electronics
are used in conjunction with, for example, a Sanyo
MSX machine, which has a few peculiarities in its
external I/O concept. In general, the more slots on
an MSX computer, the higher the probability that
either one of, or both, these circuits are required to
be able to use the home-made extensions.

Two solutions are offered to provide for the
BUSDIR signal. One is usable for the Universal I/O
Bus and the I/O & Timer Cartridge, the other for
the Cartridge Busboard. Each of these circuits con-
sists of one IC only.

Circuit A is used with the two I/O extensions, and
is readily incorporated in the computer, at a suitable
location near the slot that receives the extension. If
necessary, all slots on the computer are fitted with
this circuit, but this makes it impossible to utilize
cartridges that do supply a BUSDIR pulse, unless
S1 is included to disconnect the output of Na from
slot pin 10. Note, however, that this switch must not
be operated when the computer is on.

As 1/O range 40n-FFn is reserved for the
computer-resident hardware, address lines As and
A7 must be low for the selection of external I/O cir-
cuitry. Moreover, [OREQ and RD must be low to
ensure that BUSDIR is only active when the CPU
reads data from an I/O device. Interrupts from an
external device can only be processed correctly
when BUSDIR is low in response to MI and
IOREQ being low also. This requires an OR func-
tion for logic low levels:

BUSDIR = o

Ml - IOREQ + IOREQ - RD - A7 - A6

If you are hesitant about opening the computer to
install circuit A, you may consider the use of a part
of the EPROM cartridge board to hold the
74HCT32 as shown in the accompanying photo-
graph. Note that the 50-way track connector plugs
straight into a computer slot, and that a slot con-
nector is fitted at the other side of the “adaptor-
PCB” to receive cartridges.

Circuit B is intended for use on the Cartridge
Busboard. Tts function is to pass BUSDIR pulses
from cartridges to the computer. To this end, it is
necessary to first break the interconnecting tracks
between slot pins 10 so as to make all cartridge
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1OREQ

A7
A6

.SV[

o

N1..N4 = IC1=74HCT32
D1, D2 = 1N4148

b)

R1...R8
8 x 4k7

10-k1 | O
10-k2| O
10-K3| O
o
(o2

10-K4
10-K5
10-K6
10-K7
10-K8

BUSDIR
10-K9

N5=1C2=7430

87430

BUSDIR outputs separately available for wiring to
8-input NAND gate Ns. Inverter T+ turns this
simple add-on unit into an 8-input OR gate for logic
low levels. The collector of this transistor is wired to
pin 10 of Ks on the busboard.



It may well happen that both circuit A and B are re-
quired for a specific I/O arrangement. In that case,
it is suggested to fit circuit A on one slot of the Car-
tridge Busboard, and consequently use only that
slot for external I/O. Pin 8 of Na is then connected
direct to the relevant input of Ns.

Note: articles in the series MSX Extensions were
published in the following issues of Elektor Elec-
tronics.

January 1986, February 1986,

March 1986, January 1987,

March 1987, April 1987.

059

COMMUNICATION PROGRAM FOR C64

This program enables users of the popular Com-

modore C64 home computer to exchange messages

between two machines.

No hardware whatsoever is needed to accomplish:

e communication over several tens of metres using
a three-wire connection—see Fig. 1. Longer

distances, or communication over the telephone, of

course require the use of a modem.

e split screen operation: the upper half of the
screen displays the operator’s input (LOCAL),

the lower half displays the received messages

(REMOTE).

o full duplex communication, i.. transmission and
reception are quasi-simultaneous processes.

The flowcharts in Fig. 2 illustrate the structure of
the proposed program. TX is short for transmitter,
RX for receiver. Note that screen pointer updating
routines are not apparent from these diagrams.

Unfortunately, since the C64 BASIC interpreter
does not allow structured programming to be car-

1(C64):

000000000000
12 3 45 6 7 8 910 112
A BCDETFHUJKTLMN
o 000000000

Flag 2 Sin Sout GND

ried out, the constructs shown in the flowcharts are
not readily detected in the practical BASIC program
listed in Fig. 3.

Keyed-in text is transmitted to the far computer
after pressing the RETURN key. The BORDER
colour changes to warn the user when the screen is
full. Typing errors can be corrected in the usual way
with the aid of the INST/DEL key. A short beep is
sounded to signal the receipt of a message from the
REMOTE computer.

Testing the program is straightforward, and does not
require two computers. Figure 4 shows the connec-
tions that can be made temporarily on the com-
puter’s user port. This creates a zero modem, and
causes LOCAL text to be echoed on the REMOTE
screen.

For those computer enthusiasts interested in analys-
ing the BASIC program, and for those who intend
to rewrite it for other types of computer, the func-
tion of the major lines can be summarized as
follows:

000000000000
12 3 4 5 6 7 8 910 112
A BCDETFHUJKTLMN
0000000000O0

Flag 2 Sin Sout GND

AY
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2 ¥ MAINLOOP

INITIALISATION

BLINK TRANSMIT CURSOR

READ TX CHARACTER

TXCHAR <>EMPTY ELSE

THEN -
™ =
B CHAR. = DEL ELSE

TXCHAR. = RET

THEN ELSE
ERASE PREVIOUS
CHARACTER TX SCREEN
FROM TX SCREEN THEN FULL ELSE
TRANSMIT
onoLE TX CHAR.
COLOUR TO TX SCREEN

(Receve)

REPEAT FOREVER

* ( TRANSMIT) SUBROUTINE

TRANSMIT MARKER ">SPACE”

DO FOR ALL CHARACTERS:

TRANSMIT CHARACTER

ERASE CHARACTER

RECEIVE

TRANSMIT MARKER "RET” (END OF MESSAGE)

% ( RECEIVE ) SUBROUTINE

BLINK RECEIVE CURSOR
READ RX CHARACTER
THEN RX CHAR.<>EMPTY e
RX CHAR. = RET
THEN ELSE
BEEP RECEIVED CHARACTER
LF FOR RX CURSOR TO
RECEIVE SCREEN
CLEAR CURRENT LINE
87461-2

100-125: initialize the screen and the sound gener- 140: T is the base address of the transmit screen,

ator.
130: open the serial port with parameters 300 baud, variables for the receive screen, while R1 in addition

8 data bits, 1 stop bit, no parity, no handshaking, gives the maximum number of character per line.
full duplex.
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and T0 is the associated index. R and R0 are similar

160: blink the cursor and read the keyboard buffer.



180-200: test for DELETE, and erase the previous
character. P C 64 :
210-230: test for RETURN and transmit message.
240-260: toggle the BORDER colour when the
screen is full.

270: go to the receive subroutine.

280: repeat the above loop.

710: transmit the “begin of message” marker.
720-750: transmit and erase all characters. Moni-
tor the receive channel for messages, after trans-
mission of every character; reception has the

highest priority. <13 C2> o0 g 000000O0
760: transmit the “end of message” marker. A B z ; E z Z‘ ﬁ : 13 ; 1:
810: blink the cursor and read the receive buffer. o 000000000

820: buffer empty?
830: end of message.
840: have the sound generator produce a beep. Flag2 | |Sin Sout
850-870: advance the cursor to the next line.
880: clear the new line.

900: display received character on REMOTE
screen.

910-920: advance cursor to next position.

A

3

189 POKES53281,12:PRINT"":POKES328@,9:POKES32681,2:PRINT CHR$(152) :POKE53272,23
118 S1=54272:POKE 24+SI,15:POKE S1,207:POKE 1+SI,34:POKE 5+S1,18
120 FOR H=1833 TO 1844: READ A: POKE H,A: NEXT H
125 FOR H=1273 TO 1283: READ A: POKE H,A: NEXT H
138 OPEN 2,2,0,CHR$(6)+CHRS$(9)

140 T=1104: TO=06: R=1344: R8=0: R1=0

156 REM MAIN

168 POKE T+T0,68: POKE T+T@,32: GET T$

178 IF T¢="" THEN GOTO 278

188 IF T$<>CHR$(28) THEN GOTO 218

198 IF Te>e THEN Te8=To-1

200 POKE T+T8,32: GOTO 278

218 IF T$<>CHR$(13) THEN GOTO 249

228 GOSUB 7¢@9

238 GOTO 27@

248 IF T+T8>=R-8@ THEN GOTO 268

25@ POKE T+TB,ASC(T$): T@=Teé+1: GOTO 27¢

266 POKE 53288,1: FOR H=8 TO 15: NEXT H: POKE 53288.9
278 GOSUB 809

288 GOTO 158

788 REM TRANSMIT

718 PRINT#2,CHR$(62);: PRINT#2,CHR$(32);

728 FOR K=T TO T+T0-1

730 PRINT#2,CHR$(PEEK(K));: POKE K,32

740 GOSUB 888

758 NEXT K

760 PRINT#2,CHR$(13);: Teé=8

778 RETURN

8090 REM RECEIVE

818 POKE R+R@,68: POKE R+R8,32: GETHZ,R$

828 IF Rs$="" THEN GOTO 9349

838 IF RS<>CHRS$(13) THEN GOTO 9@@

848 POKE 54276,08: POKE 54276,33

85@ IF R1=48 OR R1=8 THEN GOTO 8&7@

86¢ POKE R+R®,32: R1=R1+1: R8=R@+1: GOTO 858@

878 R1=0: IF R+R8=2024 THEN R@=8

88@ FOR H=R+R8 TO R+R0+39: POKE H,32: NEXT H

898 GOTO 930

908 POKE R+R8®,ASC(R$): RO=RO+1: R1=R1+1

918 IF R1=48 THEN R1=0

9208 IF R+R8=2824 THEN R@=0

938 RETURN

95¢ DATA 42,32,84,82,65,78,83,77,73,84,32,42

960 DATA 42,32,82,69,67,69,73,86,69,32,42

978 END

READY.
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060 CPU GEAR-BOX

While many computer enthusiasts are keen on get-
ting their system to run at the highest possible clock
speed, there are often quite awkward constraints
posed by relatively slow, bus-connected support
chips, and the ensuing frustration after failing to get
reliable system operation at, say, double the ‘old’
clock speed may readily lead to abandoning the
speed-up project altogether, for lack of precise infor-
mation regarding the necessary clock-based
synchronization between CPU and peripheral
chip(s).

A noteworthy example of this happening in practice
is the go at incorporation of the Type 9367 CRT
controller in a 6502-based computer system runn-
ing at 2 MHz; the specific application concerns the
high-resolution graphics card published in Elektor
Electronics, November 1985 ff.

This circuit ensures a correctly timed, synchronized
slow-down of the system clock speed, when appro-
priate for CPU access to a memory-mapped (E150-
EI5F) device. Following the reception of a high
level on the relevant I/O line, the proposed circuit
arranges for the clock signal frequency to be divided
by two, while a low I/O causes division by four.
It is important to point out why the commonly used
method of using ®2 to enable the address decoder
chip is to no avail when it comes to synchronous

and glitch-free clock speed switching under soft-
ware control; the following paragraphs therefore
aim at offering an insight into the basic operation
of the gear-box circuit and its incorporation in a
6502-plus-graphics card system.

Figure 1 shows the hardware to the gear-box. A
logic level at the /O input is passed to the D
(data)input of bistable FFs, as well as to the R
(reset) input of FFa. FF3 toggles and activates its Q
output; this causes the 4 MHz clock signal, divided
by two in FF4, to be output as 2 MHz towards the
CPU @i terminal. Division by four (1 MHz clock
output) should take place in a synchronous timing
arrangement as soon as I/O goes low; just prior to
this pulse transition, ®in has already gone low, so
that the level change at the FFa reset input is of no
consequence to the CPU operation at that time,
however the bistable can not change state anymore.
Thus, FFs will have to supply the output clock
signal; the D input follows the I/O signal tran-
sitions, since Q of FF2 was forced to go low in con-
sequence of S (set) being activated. The first
leading edge coming from the FF+ Q output will
cause Q of FF3 to go logic high, ending the set con-
dition of FF2. Given an input clock frequency of
4 MHz, the outlined timing sequence results in Q
of FF2 going high after 250 ns, followed by a low

+
1
pany
& CL?( RO
FF3 6
8 2 D 3 N4
/o 13
4’ N2 1 o,
12 CPU
4 MHz FF1,FF2=1C1=74LS74
FF3,FF4 =1C2 =74LS74
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2 MHz

level at Q of FFs after another 250 ns. The timing
diagram shown in Fig. 2 clarifies this, admittedly
rather complicated, timing arrangement in the gear-
box circuit. It is noted that a complete 1 MHz
period has lapsed, provided FF1 is properly syn-
chronized during the CPU initialisation cycle.
Theoretical research into this matter, however, has
shown that this is not always the case; the result is
an asymmetrical output clock period with a logic
low and high level duration of 250 and 500 ns re-
spectively. The remedy for this undesirable effect is
simple, since it merely involves interchanging the
clock signal connections to FF2 and FFa.

It is seen that ®2-based I/O decoding is less
desirable, since it involves too long a delay; what re-
mains is to indicate the method of obtaining I/O

from the graphics card system (EE, November
1985, p. 71).

XXS5X is dismissed for now obvious reasons, but
P=Q at pin 19 of IC+ can be used for our purpose,
while the possible objections to the resultant, rather
coarse address decoding are readily rendered devoid
of relevance by the incorporation of a single 3-to-8
decoder Type 74LS138, mounted piggy-back onto
IC2 and connected direct to pins 1...5, 16 and 8.
The remaining pins of the additional IC are either
cut off or bent to preclude wrong contacts from be-
ing made in the circuit. However leave pins 6 and
10 in function, since the former should be tied per-
manently to + 5V (small wire to pin 16), while the
latter can now be used to supply the correct /O
pulse for the CPU gear-box.

061

CURRENT LOOP FOR MODEM

A modem, such as the direct-coupled modem
featured in the October 1984 issue of Elektor Elec-
tronics, opens a whole new world to the computer
user by making possible communication between
two computers anywhere in the world (provided, of
course, they can be coupled to a telephone line).
Ironically, although the distance between the com-
puters may be very large, that between computer
and modem is strictly limited. This is because the
RS 232 input is voltage driven and is, therefore,
very susceptible to noise. This is not a new problem:
it existed many years ago when, for instance, two

telex machines had to be interconnected. The
solution then found, and still in use today, is the
current loop. Such a current loop can also be used
when the distance between the modem and the
computer is relatively large: up to 1 km.

A current loop so used converts RS 232 compatible
voltages into RS 232 compatible currents. The stan-
dard in the RS 232 protocol is a current loop of
20 mA.

In view of the arrangement of the circuit it is poss-
ible for the current loop to be used as a voltage
drivén input and output. In the receiver, the opto-
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isolator converts the input current into an output
voltage via T+ The output voltage is =12 V. As the
current loop is closed via V* and V—, mind the
polarity. If you want to use an input voltage instead
of a current, apply the input between V— and
earth.

The input voltage to the transmitter may vary from
TTL level to £12 V. Its output signal is available as
either a voltage or a current: the former between
V* and earth and the latter between V* and V—.
Current consumption in the quiescent state is zero;
with full load, it amounts to 20 mA.

The maximum bit rate at which the circuit operates
reliably is 1200 baud, but this can be increased by
the use of a faster opto-isolator.

ic1
TIL112 R4

oe6e=2

DIRECT READING

DIGITIZER

The computer to which this digitizer is coupled
reads a 3-digit number that is a direct representation
of the measured voltage in millivolts.

The analogue-to-digital converter is an RCA type
CA3162, which was designed for use in a 3-digit
digital voltmeter. The input range of the IC stret-
ches from —99 mV to 999 mV: the resolving power
is, therefore, 1098 units. In other words, this con-
verter offers a resolving power that is better than
that of a standard 10-bit device for the price of an
8-bit device.

The 3-digit information at the output of the 3162 is
multiplexed. The data can, for instance, be written
into the micro via seven PIA (peripheral interface
adapter) input lines. That means, however, that
some machine language is required to be loaded
into the RAM every time the converter is to be
used. The present circuit uses hardware to obviate
this difficulty.

The 3-digit information, which is emitted every
20 ms, is automatically loaded into three 4-bit buf-
fers, ICs, ICo, and ¥2IC+10, whose outputs are con-
nected direct to the data bus. Each of these buffers
has its own address. Writing the converted value
into the computer has become simply a matter of
reading the three memory locations, which can be
carried out by PEEKs in BASIC.

The address decoder consists of ICs. . . ICs and ICy.
The present circuit occupies a block of eight ad-

88

dresses of which only the first four are used. When
the first address is read, monostable IC11 is started,
which causes IC1 to commence the conversion pro-
cess. When the monostable returns to its stable
state, IC1 goes to the HOLD mode, and the
measured voltage can be read.

An interval of not less than 50 ms is required be-
tween the start of the conversion process and the
reading of the buffers.

The eight successive memory locations required for
the digitizer may be placed anywhere in the
memory range by means of the open inputs of gates
Ns. . .Nie. If any of these inputs is connected to
+5V, the relevant address line becomes logic 1; if
the input is linked to 0 V, the address line goes logic
low.

Assuming that the decoding has been set to address
$E300, the first address is read with a PEEK, which
starts the conversion.

Wait for 50 ms.

Write the data from address $E301, which is the
least significant bit (LSB), ie., the extreme right-
hand digit of the 3-digit number. Then write $E302
and finally $E303. At each of these transfers, an
AND action must by carried out with 00001111
(binary) or 15 (decimal), because only the four
lowest data bits are of import.

If the converted voltage during the further process-
ing of the three written digits is negative, this is indi-
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cated by the data at address $E303, which is 10.
Overflow is also easily recognized: if the value read
from address $E301 is 11, the voltage is greater than
999 mV; if the value is 10, there is a negative
overflow.

o) o’ o) o
A10  A11 A12 A3 A4 A5 85498

The small BASIC program given here is an example
of a possible conversion routine for the Junior com-
puter.

The circuit as shown can be used with a 6502 uP;
if it is required to be used with a Z80, RD must be
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connected to the R/W line via an inverter, and
IORQ or MREQ is put onto the 02 line via an in-
verter. The choice between IORQ and MREQ
depends on whether the digitizer is located in the
I/O or the memory range respectively.

Take care during the construction to keep the con-
nections marked with an asterisk (0 Vand +5 V to
IC4) as short as possible. These lines go together to
Cs and Cs, from where the connection is made to
the 0 V and +5 V lines of the digital part of the cir-
cuit. Keeping these lines short prevents possible in-
teraction between the analogue and digital parts of
the circuit.

Four inputs of IC10 are not used in the present cir-
cuit, and they can, therefore, serve as four ad-
ditional digital inputs. During the reading of ad-
dress $E303 (in the example), the highest four data
bits indicate the state of these four inputs.

10 A=14%16*3+3%16*2: REM ADDRESS $E300

20 B=PEEK(A): REM START CONVERSION

30 FOR T=1 TO 13: NEXT: REM DELAY

40 X=PEEK(A+]) AND 15

S0 Y=PEEK(A+2) AND 135

60 Z=PEEK(A+3) AND 15

70 %=1

80 IF 2=10 THEN 2=0: S=-G: REM SIGN IS NEGATIV IF 2=10
90 AD=SX(100XZ+10XY+X)

100 IF X=11 THEN PRINT * PQS.OVERFLOW
110 IF X=10 THEN PRINT ° NEG.QVERFLOW
120 PRINT *  U=";AD;" W
130 GOTO 10

*; CHR$(13) ;: GOTO 130
*; CHR$(13) 32 GOTO 130
"; CHRS$(13);

063 DISCRETE DAC

A digital-to-analogue converter (DAC) that is easy
to build from a handful of readily available parts.
The 8-bit digital input for the circuit is applied to
resistors R17-Rz4 incl., each of which drives an as-
sociated current source composed of two series-
connected diodes, a transistor and a current defin-

ing resistor fed from the positive supply rail. A logic
high level at the input causes the relevant current
source to be switched on, a logic low level switches
it off. The sum of currents from T1-Ts incl. is ar-
ranged to pass through preset P1, which thus drops
a voltage Uo in accordance with the magnitude of

Ub
n7. T ! o R8 as
F
D8 D16 (‘
T8 Uo
- ’
R12 R16| c1
E E 100§?OV
O N
>
%k see text
I I )
LS8 DO D1 D2 D3 .

<
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T1...T8 = BC557B

T9...T16 = BC5478B

D1..D16 = 1N4148
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the 8-bit word written to the circuit.

The current supplied by each current source is
about 700/Rx [mA], where Rx is the value of the
associated resistor between the emitter and the +V
rail. In order to ensure satisfactory linearity of the
analogue output voltage, resistors R1-Rs incl. must
be dimensioned to obtain a current ratio of 1:2 be-
tween any two adjacent sources. In practice, it is
wise to first apply a logic high voltage to the MSB
(most significant bit) input of the circuit, leaving the
remaining inputs low, and measure Uo with the aid
of a good-quality voltmeter. Next, drive Ds high
and all other inputs low, and make sure that Uo
drops to half the previously obtained level by dimen-
sioning R~ as required. The other current determin-
ing resistors are similarly established; the value of
R1-Rs incl. that gives the correct level of Uo is ob-
tained by making suitable combinations of series

and/or parallel connected high stability resistors.
Alternatively, it is possible to use multi-turn presets.
As all resistors R+-R7 incl. must be dimensioned
starting from a particular value of Rs, this resistor
must first be calculated considering that the output
linearity of the circuit is affected unless

1.4P1/Rs<IUbl—2

In practice, the maximum feasible level of Us is
about Y4Ub—1 [V] with only MSB high, and this
level should be observed in the dimensioning of Rs
and the setting of P1

Although this 8-bit DAC should be sufficiently ac-
curate for most practical applications, it is of course
possible to opt for a greater or smaller number of
current sources with a corresponding increase or
decrease in the available resolution of Ub.

064

DRIVE SELECTOR

This circuit makes it possible to use double-sided
disk drives with a computer that supports only
single-sided units. Many of the older generation of
computers were designed to operate in conjunction
with Shugart-compatible, single-sided disk drives.
These have rapidly been superseded, however, by
the more economical double-sided drive, which has
a greater storage capacity.

The Shugart standard supports the use of four disk
drives, which are selected with drive select lines
DS0-DS3. Two further lines, ASO and HSI, control
the head selection on each of these drives. When
this circuit is installed between the computer’s disk
controller output and two double-sided drives, the
disk operating system (DOS) can recognize four
logical drives. When the computer selects drive A
or B, the situation is similar to before the conver-
sion. Selection of drive C or D, however, causes the
second head in the relevant drive A or B to be ac-
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Table 1
logical - o physical
drive DS3 DS2 DS1 DSO DSQ DS1 HSO HS1 drive
A1) =1 1 1 0 =10 1 0 1 |=] Aside0
B (2) =1 1 0 1(=-{1 0 0 1 |=| Bsideo
C(3) =1 0 1 1 /=10 1 1 0 |=| Asidel
D (4 =0 1 1 1|21 0 1 0 |=| Bside!
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tivated. In this way, the total storage capacity of the

double-sided drives is available even under
- ’primitive” circumstances.

Note that the use of drive denotations A-B-C-D or

0-1-2-3 is particular to the type of computer, or the
DOS version. Finally, Table 1 provides information
about the combination of the criginal four DS lines
into two HS and two DS lines.

065

FILTERED CONNECTOR

Computers and computer-driven peripherals are
notorious sources of RF interference, and receiver
jamming may occur at frequencies well above
100 MHz, even though the computer is said to run
at a mere 16 MHz or so. The cause of this problem
lies in the very fast pulse rise time of the switching
and timing signals internal and/or external to the
computer system and its peripherals, which are
often located well away from one another (printer,
modem, mass storage).

Much of the interference originating from long
peripheral wiring systems may be suppressed quite
effectively by inserting simple low-pass filters in the
signal lines for data and handshaking. The proposed
L-C filters are composed of small (3 mm) ferrite
beads with 10 turns of 0.2 mm (36 SWG) enamelled
copper wire, plus a ceramic 1 nF capacitor; the coil
inductance is about 80 uH, which gives a cut-off
frequency of about 60 kHz (120 Kbaud).

The filters are mounted on a small piece of
veroboard which may be cut and filed to fit into a
standard D-connector housing. Other cut-off fre-
quencies may be defined by modifying the small
coils; inductance is proportional to the square of the
number of turns, while constructors boasting of
good (near) eyesight and lots of patience may
endeavour to use thin (0.05 mm) copper wire to run
through the beads. However, the L-C ratio as given
should not be modified.
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In conclusion, it should be noted that a filtered con-
nector dimensioned for, says 10 kHz, should not be
connected to a high frequency (20 MHz) computer
output, since the excessively high capacitive load
may cause damage to the line driver IC.

066

FLOPPY CENTRING UNIT

In modern disk drive mechanisms, as, for instance,
the TEAC FDS55x, the motor starts automatically
when a disk is inserted into the drive. When the lid
is closed, the motor stops again. This arrangement
ensures better centring of the disk. Better centring
means less wear on the centre fixing hole, the life of
the disk is extended, and read/write errors owing to
eccentricity off the disk are prevented.

Owners of older drive mechanisms, such as the
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BASF 6106, can incorporate that facility with the
circuit proposed here. The signal from the write pro-
tect phototransistor is used to determine when a
disk is being inserted (this signal is normally gated
when the drive is closed), and to start the motor for
the total period of monostable MMVI1. The
SPEED signal is not absolutely necessary: it stops
the motor direct when the lid is closed. If it is not
used, pin 3 must be connected to the +5V line.



The motor will then run for the duration of the
period of MMV, ie., about 10s. The monostable
period can be reduced by lowering the value of the
capacitor.

The points where to connect the circuit in the 6106
are easy to find. Looking at the pcb from the front,
you will see a cut-out in the front centre of the
board. Immediately to the left of this are three ICs
.(see photograph). The one at the front is a 7474, the
one in the middle a 7432, and the one at the back
a 7404. The signal SPEED is taken from pin 6 of
the 7474, and the signal DI from pin 2 of the 7404.
The signal MOTOR ON is applied to pin 3 of the
7404. As all existing connections remain, the con-
necting wires of the auxiliary circuit can be soldered
direct to the relevant IC sockets. In the same way,
it is possible to derive the supply voltage for the
auxiliary circuit: for instance, +5 V from pin 14 of
the 7404, and 0 V from pin 7 of this IC.

It is important to note that there are two types of
pcb used in 6106 drives: the ICs and the IC function
are the same in both versions, but the construction
may look different .

MOTOR ON
IC1E
(63/7404)

IC1E
(92/7404)

067

This is a much simplified version of the circuit pub-
lished in the April 1984 issue of Elektor Electronics,
but it is, unfortunately, not usable with all disk
drive motors.

First, a recap of the operation. The drive motors are
switched on when one of the drives is accessed by
a DISK SELECT signal. There is a delay of a few
index pulses before access proper to give the motor
speed time to stabilize. A few seconds after all the
drives have been deselected, the motor is switched
off. This arrangement reduces operation of the
drive mechanisms, the heads, and the disks to a
minimum, which ensures a longer life of these
devices.

In contrast to the earlier published article, the
READY output of the drive mechanism is used,
wherein lies the reason that the older circuit cannot
be as compact and simple as the present one: it has
to take into consideration that not all drive
mechanisms have this output. However, as far as we
can find out, most drive mechanisms do have it, but
there must be some, of course, that do not.
Figure 1, which is part of the circuit of the floppy
controller board (Elektor Electronics, November

FLOPPY DISK DRIVE

o Am—1 X 1}
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SPEED
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1982), shows the new wiring of port A7z. The x at
plug PL2 represents pin 3 of the type FD-55x drive
mechanism, and pin 6 of the BASF 6106. As this
latter input corresponds to Disk Select 4, not more
than three BASF 6106 drives can be connected to
the present circuit.

It is a wise precaution to break the connection be-
tween pin 10 of gate N2s and pin 6 of PLz, but it is
not strictly necessary. As long as you do not select
drive 4 (with the Ohio DOS, drive D), nothing can
£0 wrong.

One connection that must be broken is that be-
tween pin 16 of PL2 and earth. Instead, pin 16 must
be connected to pin 8 of IC2 as shown in figure 2.
if you are really a dab hand at soldering, you may
be able to make the changes, with the appropriate
lengths of wire, on the relevant printed circuit
board. Most of you will, however, find it much
easier to use a 15x20 mm piece of veroboard, which
after completion can be glued or screwed on short
spacers underneath Cis on the floppy controller
board.

068

HEXADECIMAL KEYBOARD

There are various ways of producing a hexadecimal
keyboard. Normally, it is based on a number of key
contacts in a matrix, but here a rather simpler
method is used: 16 key contacts (0. ..F) that are
commoned to the positive supply line. Such
keyboards are commercially available.

Code conversion is carried out by two priority en-
coders, ICs and ICa. If one of the inputs Io. . .I7 of
these ICs is connected to the positive supply line via

11@@33

ic2 ic3

'°°T<1><Mt

N1...N4=1IC1=4093
N5...N8=1C2=4071

1BV

one of the contacts S1. . .S1s, ie., made logic high,
the relevant binary code appears at the associated
output, Qo. ..Qz of which Qo is the least signifi-
cant bit (LSB). As the encoders are cascaded, there
is a total of 16 inputs.

Corresponding outputs of the encoders are com-
bined in OR gates Nes...Ns to form the lowest
three output bits Do. ..D2 the fourth data bit is
taken from the GS (group select) output of ICa. This

D1 D2 D3
10 11

N7 N8
9 12| 13

S
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Eout
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output is logic high when one of key contacts
Se...S16 (8...F) is closed.

As the GS outputs of the two ICs are combined in
OR gate Ns, Ds is active high when a key is pressed.
The signal at pin 9 of N3 is delayed by R1s-C2. At
the same time, the signal at pin 15 of ICs triggers
monostable N+-Nz. During the pulse period of
about 10 ms, pin 8 of N3 is logic low so that, in-
dependent of the delayed signal at pin 9, the output
of Na remains logic high. If pin 9 of N is still high
when the pulse begins to decay, the output of Ns
goes low and remains so until pin 9 becomes logic 0
again. During this time, pin 6 of N2 remains low, so
that the monostable cannot be triggered erroneous-
ly. The timing diagram in figure 2 further clarifies
the operation, which results in a debounced strobe
or strobe pulse.

If more than one key is pressed, the highest is selec-
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ted, as is to be expected from a priority encoder!
The circuit requires a power supply of 3...18 V:
current ccnsumption is not greater than 10 mA.

069

IMPROVED SOUND FOR THE BBC MICRO

Despite the many laudable qualities of the BBC
microcomputer as to speed and ease of peripheral
interfacing, many users are slightly disappointed

with the sound quality of the standard version as
manufactured by the Acorn company. An investiga-
tion into this matter has revealed that Acorn have

external
sound output

internal
loudspeaker

86402-1



disregarded the optional connection of an external
audio amplifier to the computer; this is the more
surprising since special holes have been provided to
this purpose on the main PCB. The result of this
omission manifests itself in a very poor sound qual-
ity, caused by the small loudspeaker in the cabinet,
the high noise level of the improperly driven audio
amplifier chip, and the rather coarse volume setting.
However, a minor modification to the BBC com-
puter is sufficient to boost its sound production by
means of an external, more powerful audio ampli-
fier which may be connected to a sound output
socket on the computer. Proceed as follows:
1. Open up the computer, remove the keyboard and
the main PCB.
2. Locate the PCB holes for plug 16, to the left of
IC7, the Type LM386 audio amplifier chip.
3. Use desoldering braid to open up the holes for
plug 16, if these are filled with solder.
4. Cut off the centre pin of a three-pin, 0.1 inch
pitch single row PCB header, and solder it in the

holes provided for plug 16.
5. Mount a 3.5 mm jack-type audio socket with a
breakcontact at the rear side of the computer,
and wire P1e, P1s, and the internal loudspeaker as
shown in Fig. 1.
6. Reassemble the computer and test the new audio
output by connecting an external amplifier set to
the jack socket. Insertion of the jack plug should
silence the internal loudspeaker.
Now that we are on the subject of the BBC com-
puter, it is just as well to give a few hints concerning
reduction of the total power consumption of the
computer. The Type 6522 VIA chips may be re-
placed with their new CMOS equivalents 65C22 to
reduce the total current consumption by some
240mA. The 6850 chip may also be replaced with
a 6350, but this is a riskier matter since the former
chip is soldered direct onto the PCB.

070

JOYSTICK ADAPTOR

Some popular computer games require the joystick
to be turned 45° in order to get the correct cursor
movement on the screen. Obviously, this presents
problems if the joystick is desk mounted or of the
type that is ergonomically styled and hand-held.
The electronic solution to this inconvenience starts
from a redefinition of the joystick axes, as shown in
Fig. 2. Direction A is defined as in between the
positive X and Y axes; direction D as in between
the negative X and positive Y axes. Directions C
and B are opposite to A and B respectively. Table 1
summarizes the old and new direction assignments
and associated activated outputs.

The circuit diagram of the adaptor circuit — Fig. 2
— shows that the output levels to the computer are
active low rather than high as in the unmodified
joystick connection; this necessitates the use of in-
verter gates between adaptor and computer input.
A Type 74LS04 hex inverter may be used to this
end, and the trigger (fire) function(s) can also be in-
verted at the same time, since this IC contains six
inverters.

The double trigger function enables the turned
joystick to be connected to MSX types of computer
as well. Table 2 lists the relevant connections for
both the C64 and the MSX computer type.

The adaptor input and output signals may be
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visualized with red and green LEDs, clearly in-
dicating the electronic signal turn over 45°. When
the joystick is moved into direction A, for instance,
input LED + Y lights, as well as output LEDs + Y
and +X. Current consumption of the adaptor cir-
cuit is about 75 mA.

Table 1 Table 2

Direction Contact CBM64 MSX

A - +Xand +Y (1) +Y (1) +Y

B - +X and —Y (2) —Y (2) -Y

C - —X and —-Y (3) =X (3) =X

D - —X and +Y (4) +X (4) +X
(6) — (5) +5V
(6) trigger (6) trigger 1

Direction Contact (7) +5V  (7) trigger 2
(8) ground (8) output

AandB - +X

Band C — —Y (9) — (9) ground

Cand D - —X

Dand A - +Y
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o071

LEVEL ADAPTOR FOR ANALOGUE JOYSTICK

An analogue joystick usually contains two poten-
tiometers, whose wipers are controlled from the
central handle on the unit. Unfortunately, the angle
covered by the handle is generally only about 90°,
whereas the potentiometer’s spindle and wiper can
be rotated over 270°. The voltage range provided by
a potentiometer in a joystick is, therefore, relatively
small. Two of the circuits described here make it
possible to enlarge the output voltage range of both
potentiometers in the joystick. The circuit is readily
doubled, thanks to the use of dual CMOS oper-
ational amplifier Type TLC272.

Each of the two wiper voltages from the joystick is
processed separately, which enables interesting ef-
fects to be achieved. The amplification of the circuit
is determined by Ps. This preset enables the enlarg-
ing of the potentiometer’s “range” to individual re-
quirements. Preset P2 serves to shift the operative
range of the potentiometer within the limits of the
supply voltage, which may lie between 3 and 16 V.
Setting up this circuit is straightforward. Com-
mence with setting Ps for minimal resistance, ie.,
A1 should give unity gain. Set the joystick handle
to its centre position, so that the wiper of P1 is at
mid-travel. Adjust P2 to make the output voltage of
the circuit equal to “2Vai. Move the joystick

J\.DL
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handle to the outer positions in the relevant plane,
and note the corresponding output voltages from
the circuit. Adjust Ps such that the circuit outputs
the required voltage span. The adjustment of P2
enables changing the toggle point of the circuit,
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that is, the voltage it outputs when the joystick
handle is set to its centre (rest) position.

The current consumption of the circuit depends on
the supply voltage level, and also on the value of P+
When Vaa=5V, and P1=4K7, the current drain is

less than 10 mA. The Type TLC272 was chosen
because it works fine from a single supply voltage,
and also because it has an extensive input voltage
range, 0 to Vda—1.5 V.

o772

LISTEN-IN KEY FOR DATA RECORDERS

The pros and cons of using data (cassette) recorders
for mass memory storage in a computer system are
likely to be so well-known that any further dis-
cussion as to the relative cost efficiency of the
cassette tape would seem to be superfluous.
There is, however, one distinct disadvantage to the
data recorder that is relatively easy to get rid of, viz.
the trouble many users experience in positioning
the tape to the leader note of the desired program
or file to load into the computer. Many
datarecorders, while offering the highest possible
save and load speed, fail to produce the sound on
tape when the computer audio cable is plugged into
the earphone socket, forcing the user to plug and
unplug this cable in a desperate search for the
program.

The solution to this sorry plight consists of a simple
combination of resistor and push to make button,
which are to be built into the cassette recorder. The
circuit diagram shows the method of connecting
these parts; pressing the button with the earphone
plug inserted in the socket will enable the user to
listen to the recorded data as the tape is played. The

EARPHONE

©
value of the resistor may have to be adapted to suit
the specific output power of the data recorder, given
the optimum playback level for the computer.
Now that you have opened the recorder for the
outlined modification, it is just as well to mount a
second button enabling tapes to be wound and
played while the remote control plug rests inserted
in the associated socket; this simple modification
may also be of appreciable interest for the improved
efficiency in locating files on tape.

073

MAINS INTERFACE

This circuit is of use, for instance, when a computer
is required to monitor a mains-operated equipment.
Opto-isolator TIL111 ensures complete isolation be-
tween the mains and the computer.

With the mains on, during every positive half-wave
a current of about 1 mA flows through the LED in
the opto-isolator. The associated transistor then
conducts and its collector current of about 100 uA
is sufficient to drive T+ Remember, however, that
this is a pulsating current: capacitor C1 ensures that
T+ conducts continuously as long as the mains is
on. If a 50 Hz square wave is required at the collec-
tor of T+, C1 should, of course, be omitted.

The two 100k resistors in series with the LED
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TIL1N

should not be replaced by one 220k resistor,
because the maximum permissible voltage drop
across a standard Y4 W resistor should not exceed
150 Vrms.
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MANDELBROT GRAPHICS

86455-1

The computer-based implementation of certain
iterative types of calculation may offer highly at-
tractive graphics screen representations, as we got to
know when keying in a program to crunch a few
numbers in the Mandelbrot series, and found that
doing so with the support of the computer’s
graphics facilities took us through a regular graphics
adventure. On further investigation, it was found
that the degree of complexity of the resultant
graphics image is in direct proportion with the
number of iterative steps the control program is ar-
ranged to perform. However, since the necessary
calculations to obtain a Mandelbrot series become
the more complex, and therefore time consuming,
as the computer crunches through its approxi-
mations and evaluations, it should not strike the
programmer as odd that obtaining a nicely detailed
graphics image may take as long as 12 to 24 hours,
even with the fastest types of personal or semi-
professional types of computer, such as the BBC
equipped with a second processor.

The Mandelbrot series of numbers is basically ob-
tained with the use of complex numbers, in a calcu-
lation that converges rather than diverges the in-
termediary results according to the equation

Z=7°+C, where C is the complex number con-.

stant having a real part between —2 and 1, while
the imaginary part ranges between —1.5/ and 1.5/,
Z is the result of the preceding calculation.

Stepping through a section of the series is possible

Naamloos-6.indd 7

86455-2

by assigning start values and/or differently dimen-
sioned step rates to either the real or the imaginary
part of C. It goes without saying that calculation
time and image resolution increase with the
number of iterations used for obtaining results in
accordance with the set requirements; the calcula-
tions may be stopped when the result is larger than
2. The colour assigned to any pixel on the screen
depends on the number of iterative steps required to
satisfy the Mandelbrot equation; if this is not the
case, the iteration loop is consequently aborted.
The program shown in Listing 1 has been written
for the Electron or BBC computer, and arranges for
15 iterative steps; the screendump of Figure 1 shows
the result. Figure 2 illustrates how a section of the
graphics image is enlarged by means of relevant
redefinition of the equation variables, as outlined
above. Obviously, the suggested program allows a
good deal of further patching and experimenting to
arrive at even more attractively styled graphics
designs, but it should be pointed out that producing
Fig. 2 took our BBC no less than. . .2 days!
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Listing 1.

>L.
12 REM MANDELBROT
26 MODE 1
38 REM MAXIMUM X AND Y PICTURE COORDINATES
40 MAX%=200:REM MAX%<700
5@ VDU23,1,0;0;0;08;:REM CURSOR OFF
6@ VvDU19,2,2,8,0,0: REM GREEN FOR YELLOW

7@ REM DEFINE DISPLAY WINDOW AT CENTRE OF SCREEN
80 VDU24,640-MAX%/2;512-MAX%/2;640+MAX%/2;512+MAX%/2;

9@ VDU29,640-MAX%/2;512-MAX%/2;

100 REM DEFINE TEXT DISPLAY AT BOTTOM OF SCREEN

11@ vDU28,0,31,39,28

120 REM DEFINE ANGLE AT BOTTOM LEFT. ANGLE=AngleR+Angleli

138 AngleR=-2: Anglel=-1.25
148 REM LENGTH OF SIDE IN COMPLEX SURFACE
158 Side=2.5

160 REM DISTANCE BETWEEN TWO POINTS IN COMPLEX SURFACE

170 Distance=Side/MAX%

186 T=TIME

190 REM CALCULATION

200 FOR Y%=0 TO MAX% STEP 4

218 FOR X%=80 TO MAX% STEP 4

220 REM C=CR+CIi

230 CR=X%*Distance+AngleR: CI=Y%*Distance+Anglel
240 REM Z=ZR+ZIi. Start value for Z equals C

25@ ZR=CR: ZI1=CI

260 Iteration%=0

270 REM Z=2"2+C where Z"2=ZR"2-Z1"2+(2%ZR*ZI)i
280 REPEAT

290 A=ZR"2: B=Z1"2: Length=SQR(A+B): ZI=2%ZR*ZI+CI: ZR=A-B+CR
300 Iteration%=Iteration%+1

310 UNTIL Length>2 OR Iteration%>15

320 GCOL®, Iteration%MOD4

330 PLOT69,X%, Y%

340 NEXT

350 CLS

3680 PRINT"TIME"(TIME-T)>/1088" S"

370 NEXT

O0?S  COMPUTER

MORSE TRAINING WITH THE JUNIOR

Here is yet another small program to be added to
the large amount of software already available for
the Junior Computer. It is intended to teach pro-
spective short wave listeners to read morse code.
The program can be used even with the basic ver-
sion of the JC. The only additional hardware is the
amplifier stage shown in the accompanying figure.
The input to this is taken from port line PBS.
The number and speed of the morse characters can
be predetermined. After the program has started,
the JC will generate 1 to 6 morse characters, which
the trainee should decode and write down. The let-
ters corresponding to the generated characters ap-
pear on the display after a short delay, so that the
trainee can check his decoding with the actual text.
During this phase, the computer is on stand by until
an arbitrary key, other than ST and RST, is pressed.
The hex dump given is sufficient to write the
program into the JC. Once that has been done, you
can prepare the start, but the program needs the fol-
lowing information before it can run.

100

5V (H—

PB5 DQ-{

M in address 0010 write data 00. . .05;

B in address 0011 write data 01...55 (max);

M in address 0014 write data from table 1 for the
first character to be generated minus 1;

M in address 0@15 write data from table 1 for the
last character to be generated.



Table 1. Table 2.
alphanumeric | hexadecimal alphanumeric | hexadecimal address | function
character code character code 026F alphanumeric display routine
028D tone generation routine
A o1 S 13 02A8 random number routine
8 02 T 14 02CB display code table
c 03 u 15 Q2EF morse code table
D 04 \% 16 0000 to
E 05 w 17 0005 display buffer
F 06 X 18 0010 number of letters
G 07 Y 19 2011 length of dots and dashes
H 08 4 1A (speed)
! 09 1 18 0014 lower limit of block of
J 0A 2 1c characters to be generated
K 0B 3 10 02015 upper limit of block of
L oc 4 1€ characters to be generated
M oD 5 1F
N OE 6 20
0 OF 7 21
P 10 8 22
Q 11 9 23
R 12 0 24
g 1 2 3 4 5 6 7 8 9 A B C D E F
92906: A9 FF 8D 83 1A 8D 81 1A 85 @1 85 92 85 93 85 p4
J219: 85 A5 18 A5 11 65 11 65 11 85 12 A5 19 AA 28 A8
$228: 22 A8 B9 CB 92 95 90 B9 EF @92 85 21 29 97 85 20
#239: 96 21 BP §7 A5 11 85 13 4C 3F 92 A5 12 85 13 28
#240: 8D P2 C6 29 DP EA A5 12 85 13 C6 49 D@ FC C6 13
§250: DP F8 CA 10 C9 29 6F 92 20 AC 1D F@ F8 28 6F 22
9269: 20 AC 1D F@ FP 20 6F 02 C6 489 DO F9 4C 09 02 8A
9270: 48 A9 FF 8D 81 1A 8D 83 1A A2 @98 A5 94 20 E3 1D
9282: CE 7C 82 10 F6 A9 95 8D 7C P2 68 AA 68 A9 FF 8D
$299: 83 1A EE 82 1A D@ FB C6 13 D@ F7 A5 11 85 13 Cé6
P2A0: 40 DP FC C6 13 DJ F8 69 8A 48 38 A5 E9 65 EC 65
#2BP: ED 85 E8 A2 04 B5 E8 95 E9 CA 1§ F9 C5 15 B# EA
p2CP: CS 14 39 E6 85 3P 68 AA A5 30 60 098 93 27 21 06
P2D8: DE 42 09 7A 72 PA 47 48 2B 23 PC 18 2F 52 87 63
P2EP: 41 Pl 36 11 64 79 24 3P 19 12 092 78 99 10 49 42
P2F3: 84 A4 83 P1 24 C3 94 P2 74 A3 44 C2 82 E3 64 D4
9399: 43 93 81 23 14 63 94 B4 C4 7D 3D 1D @D 85 85 C5
#312: E5 F5 FD

Now, the program can be run; it starts in address
0020 when key GO is pressed. Programming
example: the JC is to generate morse characters for
the letters B to G. Before the start, the folowing
data should be written:

B in address 0010 — data 05

M in address 0011 — data 55

B in address 0014 — data 02

B in address 0015 — data 07

As soon as these data have been written, the
program starts when key GO is pressed.

The hex data for the letters of the alphabet and
numbers 0. ..9 are given in table 1. The most im-
portant addresses are given in table 2.

101



076

PIA FOR ELECTRON

Despite its neat design and relatively low cost, the
Acorn Electron computer suffers from an unfortu-
nate lack of 1/O support, which is remarkable, con-
sidering the fact that it is a relatively simple matter
to add, say, two I/O ports to enable the computer to
drive a printer, plotter, modem, or other peripherals
by means of the proposed PIA (peripheral interface

The circuit diagram of the PIA-based extension
shows that address decoding over the full 64 Kbytes
is by means of two 8-bit magnitude comparators
Type 74LS688. Address selection is manual with
switches S1. . .S14, which provide a logic low level
when closed; observe this when writing out the
ones and zeros to arrive at the desired address in the

adapter). 1/0 map. The PIA chip is enabled when the preset
p p
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address matches that on the computer’s address
/O drivers is
fore mainly a matter of assigning the relevant ad-

bus; writing

simple

dress block to control words and PIA 1/O data.

T+ has been included to enable the PIA circuit to
generate and forward interrupt request pulses by

there-

means of the wired-OR arrangement for this con-
trol line.

In case it is desirable to switch heavier loads than
is normally permissable with the PIA outputs, it is
suggested to employ power drivers/inveriers such as
those in the ULN2000 series.
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QL RAM EXTENSION
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Sinclair’s QL has as standard a 128 K RAM, which
sounds like a lot in comparison with most 64 K
machines. Unfortunately, the software writers, in
the knowledge that there is more than enough
memory, have been rather wasteful in their work, so
that at the end of the day, there is not all that much
more in the QL than in the 64 K machines. So, you
need more memory. . .

The accompanying circuit is an application of the
TMS4500A as RAM extension for the 68008. This
chip can drive a maximum of 128 K dynamic RAM
and provides virtually everything: multiplexing of
the address lines, RAS, CAS, and REFRESH.
The memory ICs are 64 K X 1 (128 or 256 refresh
are both permitted) and have a speed of better than
150 ns. Since the QL uses a clock frequency of
7.5 MHz rather than the normal 8 MHz, such a
RAM can run without wait cycles. An 8 MHz CPU
that regularly has to carry out a wait cycle is ap-
preciably slower than a 7.5 MHz type!

The 68000 family is provided with a datal

acknowledge input. As with other processors, the
CPU places addresses and data onto the bus and in-
dicates the validity with an address strobe and data
strobe respectively. It continues to do so until the
memory sends a DTACK signal. The present exten-
sion generates this signal with the aid of the LS156.

Normally, this acknowledgment is given almost im-
mediately, but it may happen that the 4500 is in the
middle of a refresh. In that case, the CPU has to
wait, which is arranged via the ready output (pin 2).
To prevent the QL waiting forever when an address
is read that has no memory, the DTACK is
generated internally: this must, however, be disabl-
ed for addresses where the RAM extension is
located, and fortunately this can be done easily via
DSMC. By making this logic high as quickly as
possible, the internal DTACK is cancelled.

If you cannot get the 2N2905 transistor, you may
use a BS250, in which case resistor R+ can be omit-
ted and R2 should be replaced by a wire link.
The circuit as shown is for the 128 K version. It is
also possible to omit the eight RAMs connected to
RASI and make a 64 K extension. Input A of the
LS138 must then be connected to A1s and pin 11 in-
stead of pin 13 must be used as CS.

There is no 5 V supply available on the connector,
but there is a 9 V line. This can be reduced to 5V
by a standard 7805. The current drawn depends on
the types of RAM and will be 200. . .300 mA. It is
important to decouple the supply lines properly:
each RAM IC and the 4500 require a 100 n capaci-
tor!

o778

RAM EXTENSION FOR QUANTUM LEAP

The Sinclair Quantum ILeap (QL) computer is
eminently suitable for a low-cost introduction into
working with Motorola’s 68000 true 16-bit micro-
processor. Many computer enthusiasts did not fail
to note the spectacular price cuts for the QL when
its production was discontinued. An excellent sup-
port program, TOOLKIT II, became available and
is still considered indispensable by many for getting
to grips with the QL. The present 512 Kbyte RAM
extension should be very welcome for running a
RAM disk, and/or programs such as ICE and
QIMP.

The circuit is based around the Type THCT4502
RAM controller from Texas Instruments. This
dedicated controller takes care of all the DRAM
controlling, including the refresh timing, and the
addressline multiplexing. The address decoder is
made with a single XOR gate, N7. The DSMCL
line is made high within 30 ns with the aid of three-
state buffer Ns. Bistable FF, delays the ASL signal
somewhat, so that DTACL is only activated when
the RDY output of ICi is stable. The databus is

104

buffered by bidirectional octal transceiver IC2s.
The extension memory is divided in two banks of
256 Kbyte. Note that CAS, unlike RAS, is common
to both banks. It is possible on the QL to omit the
second bank without altering the address decoding.
This is thanks to QDOS, which searches for cor-
rectly operating continuous, and unique, ie., non-
mirrored, memory. It is interesting to note that
machine code in the extension memory runs at
almost double the normal speed.

The RAM chips used should have an access time of
150 ns or less. Current consumption of the exten-
sion is low at 50 mA or 150 mA in the non-active
and active mode respectively. Non-used inputs on
gates should be tied to ground.

Finally, note that the Type THCT4502 controller
may not be available everywhere yet.

Distributor for TI Semiconductors in the UK is DC
Distribution e Freepost e Hitchin Road e Arles-
ly e Bedfordshire SG156BR. Telephone: (0462)
834444 or (0454) 273333.
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o079 RS232 INTERFACE

This circuit is intended as an interface between the
Elektor modem (Elektor Electronics, October 1984)
and a computer. The software for each individual
computer must, of course, be written separately.
Since the writing of a terminal program can only be
carried out in machine language, the interface can
be kept quite simple.

Signals at TTL level are sufficient to operate the
modem and LS05 buffers are therefore used. Com-
plete address decoding of the 6551 is ensured by IC2
and ICs so that only four locations in the memory
are required, and these should be available on virtu-
ally any computer. The fourteen common address
bits are selected with S+...S14: a closed switch
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1.8432 MHz

RS 232

8410k

= ic3 Ics
! ?

...C3=3.100n

|
§9..814

N1 ..
N4 ... N7 = IC5 = MC 1489

Jrs..r1a
6210k

N3 =% 1C4 = 74L.805

85408-1

= local

R1..R8

respresents an address bit or 0. The input buffers are
standard RS232 line receivers so that they can cope
with any voltage levels that may be present on an
RS232.

The interface is also suitable for connecting a serial
printer to a computer, provided it can operate from
TTL levels, which normally is the case.

The accompanying tables show some of the
possibilities of the 6551 and are intended as an aid
in the writing of the terminal program.

Register Select Coding
RS1 RSO Write Read

0 0 Transmit Data Receiver Data
Register Register

0 1 Programmed Status Register
Reset (Data is
“Don’t Care”)

1 0 Command Register

1 1 Control Register

Note that only the Command and Control Registers can be
accessed during both Read and Write operations. Programmed
Reset operation does not cause data transfer, but is used to
clear (reset) all GE5SC51 i | regi Progf Reset
is used in a slightly different way as compared to the hardware
Reset (RES). These differences are described under each indi-
vidual register description.

CONTROL REGISTER

O Lo 1]

|

—___—I I l BAUD RATE
STOP BITS . , GENERATOR
0 1 Stop Bt 0 0 0 0 16x EXTERNAL CLOCK
1 2 Stop Bits 1] [ 0 1 50 BAUD
1 Stop Bit if Word Length
8 Bits and Panty* 0 0 1 0 75
1. Stop Bits 1t Word Length 0 0 1 1 109.92
= 5Bt Pant
its and No Panty P ] o o 3456
0 1 0 1 150
WORD LENGTH
0 1 1 0 300
BIT DATA WORD 0 1 1 1 600
615 LENGTH 1 [ [ 0 1200
9]0 8 1 0 0 1 1800
01 7 1 0 1 0 2400
110 6 1 0 1 1 3600
1 1 5 1 1 0 0 4800
RECEIVER CLOCK SOURCE 1 1 0 1 7200
0 External Receiver Clock 1 1 1 0 9600
1 : Baud Rate Generator 1 1 1 1 19,200
“This allows for 9-bit transmussion
(8 data buts plus parity) 7 6 5 3 2 1 0
HARDWARE RESET 0 0 [} 0 0 [} 0
PROGRAM RESET - - - - - - —

Control Register Format
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COMMAND REGISTER
EAEIEEREEAENENEN
" [ [ ] ||
PARITY CHECK CONTROLS DATA TERMINAL READY
BIT 0 = Disable Receiver and All
71615 OPERATION Interrupts (DTR high)
1 = Enable Receiver and All
— | —| 0 |Panty Disabled—No Panty Bit
Generated—No Parity Bit Received Interrupts (OTR low)
0 | 0 | 1 |Odd Parity Receiver and Transmitter| RECEIVER INTERRUPT ENABLE
0| 1| 1 |Even Panty Recewver and —
Transmitter 0 = iRQ Interrupt Enabled from Bit 3
of Status Register
110 | 1 [Mark Parity Bit Transmitted. 1 = IRQ Interrupt Disabled
Parnty Check Disabled :
1|1 | 1 |Space Parity Bit Transmitted.
Panty Check Disabled T TTER CONTROLS
BIT TRANSMIT RTS
NORMAL/ECHO MODE 3| 2| INTERRUPT LEVEL TRANSMITTER
FOR RECEIVER 0jo Disabled High Oft
0 Normal 01 Enabled Low On
1 Echo(Bits2and 3 110 Disabled Low On
must be "07) 1 [ Disabled Low Transmit BRK*
7 6 5 4 3 2 1 [
HARDWARE RESET 0 0 0 0 0 0 0 0
PROGRAMRESET | — | — | — | © 0 0 0 0
Command Register Format
rfefsfefofz[s]e]
STATUS SET BY CLEARED BY
0 = No Error . "NO INTERRUPT GENERATED FOR THESE CONDITIONS
Parity Error* 1 = Error Selt Clearing **CLEARED AUTOMATICALLY AFTER A READ OF ROR AND
THE NEXT ERROR-FREE RECEIPT OF DATA
. 0 = No Error ..
Framing Error* - Self Ciearing
1= Error HaROWARE (it 2 1 o
Overrun® ? : gﬁoEr"o' Selt-Clearing™* | "*"eser l 3 l l l ' l 0 ! oo n_l
Receive Data 0 = Not Full Read Receive AESET °
Register Full 1=Full Data Register
Transmit Data 0 = Not Empty Write Transmut
Register Empty | 1= Empty Data Register
—_— 5E6 Not Reseltable
oco 0= DCD Low Reflects Status Register
1=DCOHigh | Srate Format
el Not Resettable
DSR 0= DSR Low SSR
DSR 1- DSR High g‘ea!‘lgcls DSR
RO 0 = No Interrupt | Read
1 = Interrupt Status Register

080

SAMPLE & HOLD FOR ANALOGUE SIGNALS

Conventional analogue sample and hold circuits are
notorious for their tendency to drift, a phenomenon
unknown in digital memories. It is, therefore, in-
teresting to study the use of a digital memory el-
ement for storing an analogue signal.

The present circuit is based on intermediate storage
of digitized analogue information, and therefore re-
quires an analogue-to-digital converter (ADC) at the
input, and a digital-to-analogue converter (DAC) at
the output. Unfortunately, DACs and ADCs are
typically expensive components, and the present
circuit is therefore set up with a DAC only, driven

by an up/down counter—see Fig. 1. The counter is
essentially an ADC, since the output voltage of the
R-2R based DAC is continuously compared to the
input voltage with the aid of a window comparator.
The error signal produced by the comparator ar-
ranges for the counter to count up or down, de-
pending on the magnitude of the difference be-
tween the input and output voltage. The up/down
counter is corrected until the input and output
voltage are equal. The digitized result of the A-D
conversion is available at the counter outputs.

The extensions for converting the basic set-up into
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a sample & hold circuit are relatively simple. The
current count is retained by activating the
HOLD input, which enables halting the U/D
counter. Evidently, the counter state is not subject
to drift, so that the analogue output signal is
available unaffected for as long as the circuit is pow-
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ered. The converter used here is the Type ZN435
ADC/DAC from Ferranti. This chip contains
everything shown in the dashed box of Fig. 1. With
reference to the practical circuit diagram, Fig. 2, the
internal voltage reference and the oscillator are ad-
justed with R4-C+ and R2-Cz respectively. The lat-



ter are dimensioned for 400 kHz, ie., nearly the
maximum oscillator operating frequency. The inter-
nal counter is controlled via inputs up , down and
mode. The logic level applied to the mode input
determines whether the counter continues or halts
upon reaching state 0 or the maximum value, 255.
In the present application, the counter is halted.
Gates N1 and N2 are added to enable blocking the
U/D counter. Opamps A1-A2 form the window
comparator. Current source T1-R7 and Re arrange
for the toggle threshold of A1 to be 20 mV higher
than that of A2. This off-set creates the window, or

inactive span, needed to suppress oscillation of the
counter’s LS bit, and to prevent unwanted effects
arising from the comparators’ offset voltages.
Decoupling capacitor Cs is fitted for suppressing
spikes that occur during state changes on the
counter outputs. The conversion time of this design
is about 640 ps, as determined by the oscillator fre-
quency (400 kHz), the resolution (8 bits) and the in-
put voltage change (2.55 Vpp max.). This cor-
responds to a slew rate of 4 mV/us at the input. Fi-
nally, bear in mind that the output impedance (ICh,
pin 11) is relatively high at about 4 kQ.

081

SERIAL DATA CONVERTER
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Some computers and communication programs are
unable to output serial data composed of 7 data bits
and a parity bit. The present circuit has been de-
signed to output this data format when it is driven
with serial data organized as 1 start bit, 8 data bits,
no parity bit, and 1 stop bit. This format is widely
used for accessing bulletin boards, data banks, and
the like with the aid of a modem, and should be
available on most computers equipped with an
RS232 port. The converter has a built-in clock gen-
erator which can be set to the baud rates shown the
circuit diagram, Fig. 1. Both odd and even parity
can be generated, and no handshaking is required
with the computer or console.

The basic operation of the converter is as follows
(also refer to the timing diagram in Fig. 2). The ris-
ing edge of the start bit in the incoming 10-bit word
clocks bistable FF+, whose output Q goes low and
so enables counters IC1, IC2a and ICab, which were
previously blocked by the high level of RST. Binary
counter ICaa starts counting the clock pulses pro-
vided by baud rate generator ICs. The frequency of
this clock signal is 16 times the bit rate on the serial
input and output line. Bistable FF2 and counter IC+
are clocked with signal CK, whose period cor-
responds to that of the bits in the data stream. The
received start bit and the next seven data bits are
passed through FF2, while IC1 keeps count of the
number of transmitted bits, and actuates output 9
during the reception of the ninth bit (ie., databit 7).

The rising edge of the counter output pulse is dif-
ferentiated in Cs-Re and then applied to NAND
gates N1-N2. These make it possible for FF2 to be
set or reset, depending on the state of parity counter
IC2v, which keeps count of the logic high bits in
the serial word applied to the converter. Its output
Qa indicates whether the number of detected high
bits is odd (Qa=1) or even (Qa=0), and causes
FF: to toggle when the differentiated pulse from
IC1 makes the output of Ns or Ne go high for a very
short period. When Qa is low, the parity bit at Q
of FF2 is high because in that case the S (set) input
is driven high. Similarly, the parity bit is low when
Qa is high because the R (reset) input on FFz is
then driven high. These two situations can occur
when even parity is selected by fitting wire links
A-D and B-C as shown in the circuit diagram. Odd
parity is obtained by fitting links A-C and B-D, and
permanently low parity by fitting C-E and D-F
(note that a "low” parity level means that the rel-
evant bit is logic high in the RS232 convention).

After transmission of the parity bit, the circuit is
prepared for the next word by the carry (CY) output
of IC+ providing a high level to differentiator Cz-Ra.
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This resets FF1, which in response drives the RST
line high to reset the counters.

The convention adopted for the logic high and low
levels of the data bits in the proposed converter re-
quires that this is inserted in an RS232 or RS432
data line. Line driver N11 may be omitted, and the
serial output signal taken from Q on FF2, if the
driven input can operate with pulse levels of 0 and
+5V.

Finally, Fig. 3 shows a suitable alternative for the
crystal-operated clock generator, which may be con-
sidered too extensive if the circuit is to work at a
fixed baudrate of 1200. Multiturn preset P+ is set
for an output frequency of 19,200 Hz.

2
[DJJSN v W S I R I S B

RST

. —T;Lr-\__r-\_r—m_:—\_t—x_r-\_r@r
9" / 4017 ) ’—1

CLK/1C2b }_J |
Qp/1C2 [ — — i
n

S1FF2

Tar

R/FF1

875162

®

TRIG out L-O._['U’L

555

TRESH CONTR
VOLT

1 5
Cc3

=
-

-©

87516 -3



o8s2

SERIAL LINE DRIVER AND RECEIVER

This circuit owes its existence to the need for data
communication over relatively long distances (up to
100 metres), inexpensively, reliably, and suitable for
speeds up to 2400 bauds. At the distances con-
sidered, the main expense is normally the cable, so
here a readily available 60 Q coaxial cable is used.
Because of its relative immunity to noise, current
drive is employed.

In the line driver — figure 1 — transistor T+, di-
ode D4, and resistors Rs and Rs form a current
source that can be fed direct from a non-regulated
supply of 8...10 V. The transistor should be
mounted on a heat sink. The current level of 40 mA
ensures an adequate input signal to the line receiver.
Transistor Tz is a current switch that short-circuits
the current source and the cable to earth of the in-
put to the driver is logic high: only when that input
is logic low, is the current of 40 mA fed into the
cable. Diodes D2 and Ds protect the driver against

40 mA)

R 4

—— 854431

noise emanating from the cable, while capacitor C1
decouples the supply line.

The line receiver is based on a type LM 311 com-
parator. Matching of the input is effected by a wire
link at a relevant tap of resistive divider Rs-Re-
R7/Rs (in our case: 60 Q). Resistors Re and R1o, and
diode Ds protect the LM 311 against noise
emanating from the cable. The sensitivity of the re-
ceiver is set with P1 Resistor R14 provides some
hysteresis. Pull-up resistor R1s ensures that IC,
provides at its pin 7 a TTL output signal that is in
phase with the input signal to the line driver.
The circuit is best calibrated with the aid of an os-
cilloscope once it has been installed in its final pos-
ition. The level of input to the receiver is then com-
pared with the voltage at the wiper of P1 The set-
ting of P+ is optimum when the voltage at its wiper
(wave form A in figure 3) is exactly opposing the in-
put voltage (wave form B in figure 3).

Ua
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083  pIUSONE

SIDEWAY RAM FOR BBC AND ELECTRON

As already reported on numerous occasions in
Elektor Electronics, the BBC micro ranges among
the most widely used types of personal computer
currently available. To newcomers in the computer
field, the amount of commercially available ROM-
supplied software is truly staggering, and there
seem to be programs to suit almost any requirement
and budget.

However, the number of ROMs that may be located
in the BBC computer is limited to four in the basic
version and sixteen when it is equipped with a
sideway ROM expansion card. Users in posession of
a good many ROMs and EPROMs are, therefore,
often forced to exchange these before a program can
be run; a method that is both cumbersome and
possibly bad for the ICs and their sockets.

N1 =1/6 1C3 = HCT04/LS04

A way of getting round this problem is to install
RAM rather than ROM or EPROM chips on the
sideway board, so that software may be readily
moved about between ROMs, direct access memory,
disk and RAM, since many of the originally ROM-
based programs may also be run from RAM, it has
appeared.

Since it was thought convenient to plug 16 Kbytes
of static RAM into any one vacant ROM socket,
the circuit was constructed in all-SMD technology
on a ready-made PCB of very small size.

The circuit diagram shows two 8 Kbyte, low-power
static RAMs Type 6264FP-15 as a replacement for
a 16 Kbyte EPROM Type 27128; a single inverter
selects the relevant 8 Kbyte block when the (for-
merly) ROM socket is addressed.
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Working with SMD parts to achieve a truly
miniature ROM replacement should be based on
the necessary skills in soldering and handling these
new parts, and the construction of the proposed ex-
tension therefore requires to be done as follows.
It should be noted that the through-plated PCB for
this project comes together with the SMD die.
Fit 28 short (1 cm) pins at the sides of the PCB to
enable it to be received in an IC socket.

The SMD RAMSs are mounted piggy-back onto the
PCB, with the exception of pin 26 of the top
mounted RAM; this terminal should be wired to
socket pin 28. The SMD parts 74HC04 (IC3) and
Ri may now be fitted to conclude the PCB con-
struction. Once the unit has been plugged into a
ROM socket, a short wire is run from pin 8 of IC77
on the BBC main board to the NWDS input on the
SMD board.

Parts list

R1=100 k

IC1;1C2=6264FP-15

IC3=74HC04

PCB 86425

Miniature switch for write protection, if
required

Finally, although not mentioned so far, the Electron
Plus One computer may also benefit from the pro-
posed sideway RAM circuit which, as will be readi-
ly understood, need not necessarily be constructed
with SMD parts; a veroboard and normal sized
components, along with a bit of wiring, will also do
in many cases, although it may be hard to surpass
the elegance of the plug-in unit.

o84

SIMPLE D-A CONVERTER

Two simple to build 4-bit digital-to-analogue con-
verters are described here. One translates a 4-bit
BCD code into 10 analogue voltage levels, the other
accepts a 4-bit binary code and outputs 16 voltage
levels. Both circuits comprise a digital decoder with
open collector outputs for controlling a resistance
ladder. The analogue voltage is obtained by con-
trolled connection to ground of a particular section
of the ladder, and buffering the drop so obtained
with a transistor.

Notwithstanding their relatively low resolution (10
or 16 steps), the circuit should have many possible
applications, including driving digitally controlled
power supplies, triangular wave and sawtooth
generators, and A-D converters.

Table 1 lists the relative values of the resistors in the

Naamloos-6.indd 8

ladder network, starting from R1=1K0. Three
values are given for each resistor: the left-hand col-
umn shows the theoretical value, while the nearest
equivalent from the E24 and E96 series appears in
the centre and right hand column, respectively.
Note that the starting value can be changed to in-
dividual requirements, provided all other resistors
are dimensioned accordingly, ie., their values
should be multiplied with the same factor with
respect to 1KO.

It is a relatively simple matter to add an 11th or
17th output level by driving the decoder such that
none of its output transistors is enabled. This results
in an output voltage which is 0.6 V lower than the
supply for the ladder network. In the case of the
7418145, this condition is obtained by applying a
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non-valid code to the inputs, ie., one greater than
910 (10012). Similarly, on the 74159, enable input G1
or G2 can be made logic high.
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Table 1 Resistor values relative to 1 kQ
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R 10-step 16-step
" BCD version binary version
R1 1000 [ 1KO | 1KO 1000 | 1KO | 1KO
R2 111 ] 110 | 110 66.7 | 68 | 66.5
Rs 139 | 130 | 140 76.3 | 75 |76.8
Rs 179 | 180 | 178 87 91 | 86.6
Rs 238 | 240 | 237 103 | 100 | 102
Rs 333 | 330 | 332 122 | 120 | 121
Rr 500 | 510 | 499 145 | 150 | 147
Rs 833 | 820 | 825 178 | 180 | 178
Re 1667 | 1K6 | 1K69 222 | 220 | 221
R1o 5000 | 5K1 | 4K99 286 | 270 | 287
R11 381 | 390 | 383
R1z 533 | 510 | 536
R1a 800 | 820 | 806
R 1333 | 1K3 | 1K33
Ris 2667 | 2K7 | 2K67
Ris 8000 | 8K2 | 8K06
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08S SIMPLE VIDEO INVERTER FOR ZX81

(P video in

The inverter must be connected before the TV (@ invarse video & sync.
modulator in the ZX81. Switch S+ enables bypass- (@ inversa vidso out
ing of the inverter when inversion of the picture is @ wvne.

not required. The composite video signal is inverted S,
by gate N1. Gates N2 and Ns separate the sync

signal from the input: the sync signal is then

available at the output of Ns at a level of 5 Vpp. & fow  wsrec
The inverted video signal and amplified sync signal D P UQU ; .
are then added again, resulting in an inverted video ?
signal with the sync signal in the correct position

and at the right level. Preset P1 serves to adjust the

contrast. L]
The circuit can be constructed on a piece of
veroboard so small that it can easily be added in the
ZX81 case. The power supply can be taken from
IC1 in the ZX81: +5V at pin 40 and earth (0 V)
at pin 34.
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086

SYNC INVERTER FOR THE QL

o TLTLD

1N4148
C
u

10

For some unknown reason, the Sinclair QL (and
perhaps some other personal computers) provides
positive, instead of the usual negative, field
synchronizing pulses to the monitor. Inverting these
pulses with a suitably fast NAND gate or inverter
is, of course, no problem. What is a problem is
where to power this gate from: a special supply
would be nonsense. However, in the circuit propos-
ed here, the gate is supplied from the sync signal
itself. A monitor with TTL input for the sync signal
draws only a very small current at logic 1, so that
the additional load presented to the input pulse by
the diode and electrolytic capacitor is inconsequen-
tial.

Instead of the HC-MOS gate shown, it is also poss-
ible to use a buffered CMOS gate, for instance, a
type HEF4011B. Standard CMOS devices, such as
the 4011, cause a very small delay, which in practice
does not matter, and certainly not with a field sync

iIC1
T 00000CE
| 111

N1=%1C1=74HC00

85412

signal. Note that it is important, as always with
CMOS devices, to connect unused pins to earth
(pin 7) or to Ub (pin 14).

087

SYNCHRONIZATION SEPARATOR

Many monitor chassis currently offered by com-
puter surplus stores have separate inputs for
horizontal and vertical synchronization signals.
Most home micros, however, have a composite
video output, so that some form of interfacing is re-
quired to drive these bargain monitors.

The Type TBA950-2 is a sync separator chip which
is frequently encountered on TV chassis. In its stan-
dard application circuit, it requires to be driven by
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a flyback signal derived from the output of the line
frequency oscillator. Without this signal, which is
applied to pin 10, the sync pulse would end up
somewhere among the picture lines. To be able to
use the TBA950-2 in the present application, the
horizontal pulse is slightly shifted with the aid of a
double monostable multivibrator, ICz.

The operation of the circuit should be clear from
the accompanying timing diagram. The output
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pulse from the TBA950 is fairly wide (26 us), and its
positive edge triggers the first MMV (Ql), whose
negative output pulse transition in turn triggers the
second MMV in the 4538 package. The line sync
pulse for the monitor is available positive and nega-
tive at IC2 outputs Q2 and Q2, respectively.
Adjust the circuit as follows: set P2 to the centre of
its travel, and adjust the frequency control, P1, such
that the image is stable. Next, position the image by
adjusting Ps. If the correct position can not be ob-
tained, the phase control, P2, must be carefully
readjusted, followed by Pa. The vertical sync pulse
is available at pin 7 of the TBA950-2. Finally, the
dashed resistors and diodes are required if the moni-
tor inputs are designed to accept signals with a
peak-to-peak amplitude of 5 V.
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088

TWIN KEYBOARD FOR APPLE 11

The keyboard supplied with computers is for many
applications not the ne plus ultra it is claimed to be.
Unfortunately, deficiencies normally do not become
apparent until the machine has been in practical use
for a while. Retailers have long since realized this

and often stock improved keyboards that are fully
compatible with the computer in question. It is,
however, not always clear how the new keyboard
can be attached to the computer. One possibility is,
of course, to open the computer, remove the existing
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keyboard, install the new keyboard, and put the
computer together again. It is, however, much bet-
ter to use the solution suggested here, which is
aimed at the Apple Il and compatible machines.
The accompanying circuit makes it possible to con-
nect the additional keyboard in parallel with the
existing one. Basically, it is just an electronic switch-
over unit, designated MUX in the diagram.

Both keyboards are connected to the input of MUX
by their data lines. Which keyboard data are applied
to the computer is from now on determined by
MUX.

When a key is struck, the keyboard does not only
generate data bits, but also a strobe pulse. Depend-
ing on whether the strobe pulse emanates from the
original or from the additional keyboard, the Q out-
put (pin 14) of bistable ICz is set or reset. This pulse,
therefore, serves as a select signal for the MUX. The
electronic switch consists of two type 74LS157 ICs.
Each of these ICs contains four 2-to-1 multiplexers,
so that all eight input data are available at the out-
put. If the select input of both ICs is logic 0, out-
puts 1Y...8Y contain the data present at inputs
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1IA. . .8A. If, however, the input to the ICs is
logic 1, the data from 1B...8B is available at
1Y...8Y.

verters Nz and N are, therefore, provided to ensure
that this condition is met whatever the strobe pulse
from the additional keyboard.

The Apple 11 requires a positive strobe pulse, and in-

089

TWO-FREQUENCY CLOCK

Many computer systems use one clock signal, from
which all other timing signals are derived. The fre-
quency of the clock signal determines, among
others, the maximum number of characters per line
the video controller can display on the monitor
screen. This is normally 32 or 40. If more characters
per line are required, the clock frequency has to be
increased. The clock generator described here
makes it possible to switch between frequencies
which are related in a ratio of 2:3. The switching is
carried out synchronously, so that no bits are lost.
The clock oscillator, T4, is controlled by an inex-
pensive 3rd overtone 27 MHz crystal, XL1. The LC
circuit connected to the collector of T+ is tuned to
54 MHz. The 54 MHz signal is converted to logic
bits by field-effect transistor T2 which are then ap-
plied to the Q inputs of dual J-K bistable IC4
(=FF1/FF2). The ring counter formed by these
bistables can be changed over by Ta

When T3 is on, the J input of FF1 is logic high, and
the 54 MHz signal is divided by 2. When T3 is off,
the J input of FF1 is connected to the Q output of

FF2 and the 54 MHz signal is then divided by 3.
The output frequency can thus be switched
synchronously between 18 MHz and 27 MHz.
If a fundamental crystal is used in the XL+ position,
the oscillator can be modified as shown inset.

Ck FF2

27 MHz 7 Ca cs
3 rd overtone 0uH15 20p [22n

Ol

J

+5 Vi fyy
0V: fyg

85458

FF1,FF2=1C1=74S112
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090

6-WAY CHANNEL SELECTOR

This design proves that a latching 6-way channel
selector with debounced switch inputs need not
always be based on the use of special integrated cir-
Cuits.

When none of the break-type SPDT push buttons
is pressed, the data inputs of IC1 are held at +5V,
while input CLK is held low via Rs. When a switch
is operated, the associated input of IC1 goes low,
while CLK goes high, so that the logic state of the
Do-Ds lines is latched and transferred to outputs
Qo-Qs. Each of these can drive a LED or relay
based output circuit as shown.

When more than six switches are required, a
741.S174 may be added, whose clock input is con-
nected to ICx.
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Note that the LS chip may be replaced by a corre-
sponding version from the HC or HCT family. This
will reduce the current consumption from about
20 mA to 6 mA. The maximum output current sup-
plied by IC1 is 8 mA in all cases.

091

ANALOGUE & DIGITAL

Leafing through some electronics magazines pub-
lished over the past few years, it is surprising how
fast and vigorous digital techniques have come to
the fore. Even audio, until recently virtually un-
touched, is now becoming digitalized at a rapid
pace. What are the consequences of these changes
to us engineers, technicians, and hobbyists alike?
As long as a circuit is totally analogue or totally
digital, all is well. But as soon as these two tech-
niques become mixed strange things sometimes
happen. Well-known examples are analogue-to-
digital converters that will not give a stable reading:
the last few digits do not match and it appears as if
there is a certain regularity in the deviations.
Another example is an otherwise good amplifier
that generates whistles in perfect rhythm with the
digital clock oscillator. And so on. ..

Often, these flaws can be traced to faulty earth con-
nections, ie. the zero supply line, or common
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ground. Because of that, here are a few tips that

may prevent these annoying defects.

B Avoid earth loops.

W Keep the analogue and the digital earths
separated.

M Interconnect the analogue and digital earths at
one point only, for instance, at the analogue-to-

digital converter, but NOT at the power supply.

M If there are more earths, connect these to the
same common point.

B At high frequencies, the impedances of earth
lines are not negligible: short, thick wires should,

therefore, be used.

An example that gives good results is shown in the

accompanying drawing. All sensitive parts of the
circuits have been isolated from those parts that
carry (large) earth currents. Most converters have,
therefore, two earth terminals, or an earth terminal
and a differential input (which is the same thing).
In audio amplifiers most of us do not dream of wir-
ing the power supply to the output amplifier via the
preamplifier. In mixed analogue-digital circuits,
such considerations are not so self-evident,
although the principle is the same.

Note that in the accompanying drawing the system
needs several electrically isolated power supplies:
that is unfortunately the price often to be paid for
new techniques.

o092

BAND-GAP VOLTAGE REFERENCE

It is generally known that the accuracy of
measurements in electronic circuits is mainly a
function of the stability and reliability of the refer-
ence against which the unknown quantity is com-
pared. Therefore, everything feasible should be done
to maintain the stability of the reference, ie.,
counteract the adverse effects of variations in the
ambient temperature, supply voltage, and load cur-
rent. The zenerdiode in Fig. 1 is a usable reference
device for applications where the above three
parameters are not subject to appreciable variation.
The super zener” in Fig. 2 features excellent stab-
ility and is hardly affected by variations in the
supply voltage and the load current. Although the
temperature coefficient of the super zener circuit
can be optimized by careful dimensioning of the
components, there exists a still better way for mak-
ing a precision voltage reference.

The term band gap refers to the difference between
two discrete energies of the outer four electrons in
a semiconductor atom. Electrons in the highest
energy band contribute to the conduction of the
material. As the temperature is increased, some
electrons gain enough thermal energy to escape
from the valence (non-conductive) band, cross the
band gap, and enter the conduction band, leaving
the valence band unfilled. Thus, conductivity is a
function of temperature.

With reference to Fig. 3, the temperature coeffi-
cient of current mirror T+-T2 is compensated by
that of Ta. The following conditions should be met
if the circuit is to function optimally: (1): R2~10R+;
(2): Rs is dimensioned such that VR=1.204 V; and
(3): the transistors are exactly matched. The latter

20)
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condition is probably best satisfied by using tran- Up

sistors on one and the same chip carrier, e.g. those

in a transistor array such as the Type CA3083. The

value of R depends on the supply voltage and the 3 R
maximum output current. It should be noted that

Ta carries the output current if the circuit is not +UR
loaded, so that the resulting dissipation may give . {)
rise to temperature differences on the chip. It is,
therefore, recommended to permanently load the
band-gap reference. The accompanying calculations
prove that the output voltage of the circuit is not af-
fected by temperature variations. T3

R1 R2

R3

©— T -©

87484 -3

Band-gap reference.

The reference voltage, Ur, is obtained from

Ur=Use(T3) + 12T2.

R1 and Rz are dimensioned such that 1= 10z, so that Rs drops 'UBE(T1)—UBE(T2)I volts.
When the current amplification of Tz is sufficiently high, Rs carries virtually all current
l2:

l2 =UseT1)—User2)/Rs whence

Ur = Use(t3) + (Use(r1) — Use(r2)) R2/Ra.

For identical transistors Use is given for different values of lee as

User1) —User2) =k T/gloge(l1/l2).

Use of T3 is also expressed as

Use(t3) =Usa(1—T/To) + Useo(7/To)

so that Ur can be written as

Ur=Usc(1—T/To) + Useo(T/To) + R2/Rsk T/glogell1/l2).

Differentiating this to the temperature domain yields

dUr/dT = —Usc/To + Useo/To + R2/Rsk/qgloge(l1/12)

if Rz, Rs and |1 are dimensioned such that

R2/Rsloge(l1/12) = (Usc — Useo(ra))C

where C=q/kTo

which results in

dUr/dT=0 (QED).

k= Boltzman's constant (1.3805 x 10723 J/K).
T= absolute temperature [K].

g= charge of an electron (1.6021x 1071 C).
Usc = band-gap potential (1.204 V).

Useo = base-emitter voltage at 7= To.

e = the base of natural logarithms (2.71828).
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093 BUZZER DRIVER

Piezoelectric resonators, also referred to as buzzers,
are frequently used for providing audible signals in
all sorts of electronic equipment. Buzzers are small,
light, simple to use, and yet provide a loud output
signal. They are either of the passive or of the active
type. The former are driven by an AF signal source,
while the latter feature a built-in oscillator, and re-
quire a direct voltage only.

This circuit is a double AF oscillator for driving
passive buzzers. It ensures a richer output sound
than normally obtainable from a piezo buzzer due
to the use of two oscillators, N1 and N2, whose out-
put signal lies between 1 and 10 kHz. Gates Na-N4
form an S-R bistable which is controlled by the out-
puts of N+-N2, and drives the buzzer direct. The
spectral composition of the output signal is fairly
complex, due to the presence of both the fundamen-
tal notes and the difference and sum frequency. The
timbre so obtained varies as a function of the ratio
between the oscillator frequencies, which are ad-
justable with the aid of presets P1-P2. Note that
diodes D1-D2 reduce the duty factor of the oscillator
signals to about 25%. Optimum effects are achieved
when a simple ratio is set between the oscillator fre-
quencies, e.g. 3:4. The resulting waveform is always
composed of rectangular signals, but these differ in

2 N1 U U
1 A1 10
10k 8
470k -ﬂ-
9| N3
D1
c1 1N4148
6ni L
o T =]
1on] pop B1N4148
12]
P2 R2 r 11
10k
o 3| N4
> 6
r
5 N2 U U

ov 87456

C3|
11 N1..N4 = IC1 = 7T4HCT132

respect of their period to ensure that the buzzer pro-
duces a rather agreeable sound.

The buzzer driver is controlled by a logic level ap-
plied to point X. The quiescent current consump-
tion is virtually negligible, while about 10 mA is
drawn in the actuated state.

094

COMBINING DIGITAL CIRCUITS

Many electronics hobbyists combine all sorts of
digital circuits into works to be marvelled at. How-
ever, even they sometimes have that uncertain feel-
ing: must they all be powered by one unit or should
there be more or can there be more? And in what
sequence should they be switched on? Printer first,
or computer first?

In digital engineering, which by definition embraces
computers, inputs are driven by outputs: infor-
mation is being transferred. When the IC that
drives has a power supply, but the receiving one has
not, a current will ensue, whether the circuits are
TTL or CMOS. This is an undesirable situation,
although it does not normally lead to damage. But
the ensuing current may be so large that the IC pro-
viding the current does not operate efficiently any
more, because its output voltage, owing to the large

current, becomes too low. Particularly bistables can
become disorganized by this. It is, therefore, poss-
ible that a certain equipment does not work prop-
erly because another circuit connected to it does not
have a power supply.

That situation can become really critical when
several outputs of an IC are terminated in that man-
ner. Normally, an IC can withstand a short at one
of its outputs, but if that happens at several out-
puts, the IC will probably give up the ghost. This
may happen, for instance, in the case of a Cen-
tronics interface, of which the eight data lines are
normally driven by one IC.

And what happens to the IC that is provided with
the current? CMOS circuits are generally well pro-
tected against this, and TTL devices normally stand
up well to them also. But other types may not take
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so kindly to these currents.

Semiconductor manufacturers have, of course, also
been confronted with these problems and have
found solutions to them. Anyone designing and
building his own circuits should, therefore, heed
their experiences and observe the following rules.

B Driver ICs, whether TTL or CMOS, must
have an open-collector output.
B All inputs should be provided with  additional

resistance (pull-up resistors) to the positive supply
line.

If these rules are adhered to, current can only flow
from input to output (see figure 2). This does not
matter, because the collector of transistor T+ can
stand quite a high voltage and nothing will,
therefore, go wrong. Make sure that the pull-up re-
sistor is connected at the input side, otherwise it has
no effect.

As to the question at the beginning: it does not mat-
ter which unit is switched on first, because the IC
manufacturers have made sure that the input and
output circuits are protected.

095

CURRENT DRIVE FOR STEPPER MOTORS

Stepper motors have either unipolar or bipolar
stators. In unipolar models, each stator winding has
a centre tap, which enables the magnetic field to be
inverted by switching from one to the other half of
the winding. Bipolar types have a single stator
winding, so that the direction of the current
through it must be changed to attain inversion of
the magnetic field. From this, it is clear that, given
that the two motors are of similar size, the bipolar
type will provide a larger couple than the unipolar
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model. There is, however, a price to be paid for this

larger couple: the drive of a bipolar motor is more

complex than that of a unipolar type.

The drive for bipolar motors may, in principle, be

obtained by means of a

o full bridge circuit. ie. four transistors per stator
winding;

o half bridge circuit and dual power supply, ie. two
transistors per stator winding;

e half bridge circuit with large output capacitor.



C1,C2>2000pF/A

Ni,N2=Y31C1=7407

R1,R2 I

330 / 0.5W | 100mA
180 / 1 W | 200mA
6n8 / 2 W- | 500mA
33 /4 W 1A

The last method is totally unsuitable for low stepp-
ing frequencies or stand-still. Of the other two, the
half bridge is to be preferred in most cases, in spite
of the requirement for a dual power supply. In this
context, it should be noted that the supply need not
be regulated, since constancy of current is
guaranteed by a zener diode and emitter resistor,
even with variable input voltage. The value of the
smoothing capacitors in the power supply is deter-
mined by the total stator current, and is a minimum
of 2000 uF/A.

Values of R1 and Rz are given for various values of
stator current in the table below.

Ri&R: | Is
3395 W | 100 mA
18 1 W | 200 mA
6Q8;2 W 500 mA
3034W | 1A

Current drive ensures a higher pull-in rate,
ie. permissible starting frequency, because
commutation is quicker with an inductive
stator winding.

The higher the supply voltage, the more ef-
fective the drive, but also, unfortunately,
the dissipation in T+ and Tz. In practice, a
2% 12 V or 2X 18 V mains transformer has
proved very satisfactory. Note that
freewheeling diodes have been included in
the darlington circuit to give a good
measure of protection against high induced
voltages caused by switching.

The prototype was used in the first in-
stance for the control of four-phase stepper
motors via an eight-bit output port of a mi-
croprocessor system. The interface used to
obtain TTL levels was a Type 7407 which
has 30 V open-collector outputs. The con-
trol instructions may be generated as
trol instructions may be generated as follows:

Phase 1 2 3 4

Bit 76543210

Output byte 10101010 initial position
Auxiliary byte 0000001 1 XOR with output byte
New O/P byte 1010100 1 madeone step

Rotate aux. byte 0 0 0 0 1 1 0 O preset for next step
twice*

*Direction of turning determines rotational direction
of motor.
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If the stepper motor is required to be used on its
own, this may be done with the aid of commercially
available control ICs such as the SAA1027 or the

TEAI1012. The latter is dealt with in Circuit 119
(p. 146) and may be connected as shown in Fig. 2.

096

DC OPERATED 50 HZ TIMEBASE

Many clocks, both of the digital and the analogue
type, make use of a 50 Hz timebase signal which is
usually derived from the mains. In order that these
clocks may also work in places where there is no
mains supply available, as in cars, on boats, or, say,
on a camping site, this one-chip circuit provides an
accurate 50 Hz square wave output signal, while be-
ing fed off any DC supply voltage between 6 and
15V (battery, solar cell array, etc.). Current con-
sumption of the circuit is only 3 mA (max.).

The Type SAF0300 by ITT Semiconductors merely
requires a crystal to perform the above task, while
also offering the possibility to adjust the exact out-
put frequency by means of seven active low bits as
listed in the pin assignment table.

If a 64 Hz output frequency is desired rather than
50 Hz, the crystal may be replaced with a
4.194812 MHz type.

Finally, the 50 (64) Hz output pulse has a voltage
swing of nearly the IC supply voltage, and a duty
factor of 0.5.

6...15V

X 10]
=
1

3,2768MHz

SAF0300

1 Output 1 (50Hz)

2 Adjustment pin 122 ppm
3 Adjustment pin 61 ppm
4 Adjustment pin 30.5 ppm
§ Adjustment pin 15 ppm
6 Adjustment pin 7.6 ppm
7 Adjustment pin 3.8 ppm
8 Adjustment pin 1.9 ppm
9 Test pin M (x/4)

10 Cristal connection

11 Cristal connection

12 Bridge output

13 Bridge output

14 Ground, O

15 Leave vacant!

16 Supply voltage

50Hz

097

DECOUPLING IN LOGIC CIRCUITS

Failing to heed the importance of adequately
decoupled supply rails is one of the most serious
mistakes a constructor of digital circuits can make.
Two important facts necessitate a reappraisal of the
effectiveness of decoupling: the introduction of the
fast HC and HCT series of CMOS chips, and the
general availability of ever larger dynamic RAM
(DRAM) devices. The 41256 256Kbit DRAM and
6264 CMOS SRAM, for instance, have become
commonly used integrated circuits, available at rela-
tively low cost. The fast spreading use of the new
CMOS series of logic circuits has created the widely
heard misunderstanding that these devices can be
used without paying the least attention to decoup-
ling of the supply lines. However, a reduced current
consumption relative to TTL devices is by no means
a carte blanche for designers to skimp on decoup-
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ling provisions, as will be seen below.

Why does a logic circuit draw current? The current
consumption of TTL chips goes mainly on account
of indispensable, internal, resistors. CMOS struc-
‘tures are complementary, and theoretically con-
sume no current at all in the static mode. As soon
as any kind of switching is to be done, both by TTL
and CMOS circuits, the charge of the capacitance
at the output must be reversed as illustrated in
Fig. 1. The switch currents internal to the IC are
only a fraction of those required for the load
capacitance, and can, therefore, be disregarded, ex-
cept in the case of counters.

TTL and CMOS circuits thus consume an equal
peak current during switch operations. Decoupling
capacitors are fitted direct to the IC supply ter-
minals to prevent the instantaneous supply voltage
from briefly dropping to an unacceptable level
when the switchirng takes place. The graph in Fig. 2
is reproduced from a Texas Instruments databook,
and shows the correlation between the
capacitor-to-package distance and the peak ampli-
tude of the spikes on the supply line to a typical
HCMOS gate. This shows beyond doubt that
decoupling capacitors must be fitted as close as
possible to the IC supply terminals, to rule out the
stray inductance of supply tracks on the PCB, how-
ever neatly these may run in parallel. Often, tuned
circuits are designed with long supply tracks and a
‘wrongly placed decoupling capacitor. Any spike is
then subject to ringing effects, which further de-
teriorate the operation of the logic circuit in ques-
tion. Not surprisingly, Mullard recommend a multi-
path supply track when it is impossible to fit the
decoupling capacitor close to the IC. This solution
is called a grid structure, and is definitely preferable

to creating relatively wide, single tracks—see Fig. 3.

The value of the decoupling capacitor must be
based on the foreseeable number of IC outputs that
are simultaneously active. A conventional starting
point is 20 to 100 nanofarad for every three ICs.
Further reflection on this theme leads to the con-
clusion that the supply for a 256Kbit DRAM is far
more difficult to decouple than that for, say, a
16 Kbit DRAM. Fortunately, the problems are not
as serious as one would expect. In practice, the size
of the chip carrier, and hence the parasitic capaci-
tance, is constantly reduced by the manufacturers,
whose foremost aim is to ensure optimum response
of the device at high operating frequencies. Certain
DRAM manufacturers recommend the use of 330n
decoupling capacitors (see Fig. 4), but in practice no
problems evolved from the use of the standard value
of 100n.
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098 DEGLITCHER

Extremely short, unwanted, pulses with a period in
the nanosecond range are often referred to as giit-
ches, and occur in most, if not all, digital circuits.
Whilst the circuit in question can be designed and
built with due attention paid to effective suppres-
sion of glitches, it is not always possible to foresee
the effects of external noise on, for instance, a clock
signal. The filter presented here effectively rules out
the presence of glitches in a serial data link.

Assuming that counter ICi is at state nought, and
that the data input is logic high, IC2 is configured
as an AND gate. Output Q4 of ICi, and hence the
output of the deglitcher, goes high after 8 clock
pulses. A short negative pulse at the data input
merely results in a few more clock pulses being re-
quired before Q4 is activated. After another 8 clock
pulses, the counter state is 15. This causes the CI
(CARRY IN) input of IC: to be driven high, so
that the clock signal remains blocked as long as the
data input is logic high. When it goes low, IC2 is
configured as a NOR gate, enabling the clock tran-
sitions to be counted down in ICi. Output Q4 goes
low again after 8 clock pulses, and the counter is
blocked after another 8 pulses. Therefore, the
filtered output data is delayed by 8 clock periods,

sl s 2]
CLOCK D;s—_"‘ c.% o 1), Kd J
u B P
DATA [>¢_.____19] ulp 12},
P L] ulp
4029 o [ Sf a0ss-
4 . i
1]re Q2 3
1 Jp I3 44 H“a Ky Ke
4] 12] 13] 3 10| 7] 9
L
———)
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but this is insignificant in the proposed application.
The data frequency, fip;, depends on the clock fre-
quency, ficLy:

fio1=ficLi/16
The maximum usable clock frequency is about 8

MHz. The current consumption of this circuit is
less than 1 mA.

099

DESIGNING A LOW NOISE AMPLIFIER

To design a low noise amplifier, it does not suffice
to choose a low noise opamp, because the compo-
nents associated with the opamp, particularly
resistors, are themselves sources of noise. The noise
in a resistor, which is caused by random movement
of electrons, increases by the square root of the in-
crease in resistance.

Figure 1 shows a very convenient characteristic for
determining optimum values of input resistance.
The y-axis gives the square of the sum total of noise
voltage produced in a circuit (in nV over the band-
width considered), while the x-axis gives the value
of the source resistance.

For instance, a noisy opamp like the 741, which pro-
duces some 70 nV of noise over its bandwidth, can
cope with an input impedance of some 200k
(higher values would cause the input impedance to
generate more noise than the opamp!). On the other
hand, the less noisy TCA 520, which generates
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about 30 nV of noise over its bandwidth, should

have an input impedance not greater than about
50 k.

It is not always convenient to use such relatively
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low values of resistance. For example, the audio
amplifier in figure 2a is intended to operate down to
0.3 Hz; because of that, the time constant, 7=RC,
must be fairly long. The input (=source) im-
pedance of the opamp is determined primarily by
R1. Lower values of this resistor would require a
higher value of C1 and this is not acceptable on cost
grounds. The solution to this problem is shown in
figure 2b, where both the DC and AC amplification
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MKT ¢ Sook]

R1

85455-2b

are the same as in la, but because R+1 is 10 times as
small, its noise voltage is reduced by 1/10.
Sources

Figure 1: intuitive IC opamps

(T M Frederiksen — National

Semiconductor)

Figure 2: technical note 068
(Philips)

100

DISPLAY INTENSITY CONTROL

This is a light dependent voltage source that
regulates the supply to 7-segment displays in accor-
dance with the intensity of ambient light. The
regulating action is positive, ie., a higher ambient
light intensity results in the circuit raising the
supply voltage to the displays.

Phototransistor T+ does not conduct when it detects
darkness, and the base of T2 is therefore grounded
via Rz and P41 This causes the voltage at the emitter
of this pnp darlington transistor to be about 1.2 V.
The voltage across Rs is the reference potential,
1.25'V, of the Type LM317 regulator, so that Irs is
about 5.7 mA, and the output voltage, Uo, of the
circuit is

Uo=1.2+[5.7x103Rs+ Ra)]
=1.2+1.82~=3 volt

when T+ detects darkness. When it detects a rela-
tively high light intensity, the base and emitter
voltage of T2 increase. When the base voltage of T2
exceeds 2.7 V, Ra limits the emitter voltage to 3.9 V
due to the constant current of 5.7 mA. T2 no longer

Cé

14/16V.
0

conducts and the output voltage of the circuit is
5.7V, because the total resistance between the regu-
lator output and ground is Rs+Rs+Ra=
1,000 Q, and the current through it is still 5.7 mA.
The sensitivity of the regulator is adjustable with
P+ The maximum output current is of the order of
700 mA when IC1 is adequately cooled. The input
voltage range of the circuit is 8 to 15 V.
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DUTY FACTOR ANALYSER

Applications of this duty factor meter include ad-
justing and setting up ignition systems, switch
mode power supplies, PD modulators, and sensor
signal converters. The circuit itself requires no ad-
justment, and has a duty factor resolution of 1%,
or 1° in terms of the dwell angle. The duty factor
range is 1% to 99% in the frequency range from
1.5 Hz to 10 kHz. The analyser is fed from 12 V
and consumes only 50 mA, so that it can be readily
used in a car.

The measuring principle is straightforward. A PLL,
ICs, is used to multiply the input signal by a factor
100 and to clock counter ICes-IC7, whose BCD out-

puts are applied to display" drivers IC2-ICs. The
carry output of IC7 is fed back to the phase com-
parator in the PLL. The counter state is only latch-
ed and displayed upon the falling edge of the input
signal. Since the counter always counts up to 100
(leading edge of the input signal); the output state
that exists upon detecting the trailing edge cor-
responds to the percentage of the pulse duration in
relation to the period. Example: assuming that the
duty factor of the input signal is 60%, the counter
is started at state 00 on the leading edge of the input
signal, and is at state 60 when the trailing edge com-
mences, so that ’60’ is latched and displayed. The
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Parts list

Resistors (£5%):
R1=10K

Rz. . .Ris incl.;R21=470R
R1e = 100K

R17=2K2

R1s=470K

R19=47K

R20=33K

R22=1M5

Capacitors:
C1=120p
C2=100p
C3=10u; 16 V
Ca=1p; 16V
Cs;C7=100n
Ce=220n

latch pulse is generated with the aid of monostable
IC+ and timing parts R+-C1, while R22-Ca ensure
that the display does not flicker when the input fre-
quency is equal or close to the sample frequency.
Each display value is so retained for about 0.5 s.
Switch S1 selects between duty factor (position 2, 0-
99%) and dwell angle readings (position 1, 0-90°).
The latter scale is obtained by programming a div-
ide factor, and hence a PLL multiplication factor, of

Naamloos-6.indd 9

Semiconductors:
D1=1N4148
D2= LED green
T1=BC547B
IC1=4528
1C2;1C3=4543
1C4a=4093
ICs =4046
1Ce;1C7=4029
LD1;LD2 = common anode type, e.g. 7651 or
7766.

Miscellaneous:

S1= miniature SPDT switch.
PCB Type 87448

90 with the aid of NAND gates N3-Na.

The input impedance of the duty factor analyser is
100 kQ. Input signals should be at least 8 Vpp: a
suitable preamplifier set up with a switching transis-
tor may be added to increase the sensitivity.
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ELECTRONIC ROTARY SWITCH

Sooner or later, most types of frequently used multi-
way rotary switches develop contact resistance in-
stability or other malfunctions, either caused by in-
ternal oxidation or wear and tear of the rotary
mechanism. Broadly speaking, the same goes for
multi-contact relays. It is, therefore, hardly surpris-
ing to encounter the electronic, free-of-wear
equivalents of the above devices; n-way electronic
switches and solid-state relays are at present
available in a wide variety of contact arrangements.
" The circuit diagram shows the electronic counter-
part of a 16-way rotary switch whose pole is connec-
ted to earth. Two push buttons have been provided
to enable the switch to be turned” clockwise (up)
or anticlockwise (down).

Debouncing bistables Ns-Ne and N7-Ns supply a
stable low logic level to monostables Ni-N2 and N3-
N4 respectively in order that these can output ap-
proximately 3.5 us long pulses to the relevant input
of up/down counter IC+. The rising edges of the
up/down pulse(s) cause this IC to generate the
corresponding binary code at its Qa...Qb out-

puts, which are connected direct to the D1. . .Da in-
puts of latching 4-to-16 decoder ICz which, in turn,
activates the next lower or higher output Se. . .S1s
if the relevant control button was activated. Pro-
vision has been made to “stop” the switch if this
reaches its first or sixteenth position, which con-
ditions cause the down or up monostable respect-
ively to be disabled. Other switch configurations
may be defined by using the correct active-low out-
puts to block gates N2 and N4 when the desired stop
positions are reached.

Finally, push button Ss resets the counter IC and
consequently causes IC2 to activate its So output,
which is also the default switch position at power-
on.

5.5V
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FAST OPTO-COUPLER

The opto-coupler in the normal common emitter
circuit at the output of a phototransistor is in-
variably too slow for use in data communication.
Its great advantage remains, of course, the excellent
isolation between transmitter and receiver.

To retain the advantage, the phototransistor has
been integrated into a cascode circuit, as shown in
figure 1. The photograph illustrates data transfer in
a conventional circuit (top) and in the cascode cir-
cuit — the fast opto-coupler — (bottom) at a fre-
quency of about 30 kHz.

The cascode circuit’s faster operation is due to the
transistor’s internal Miller capacitance being of no
consequence as the collector voltage remains con-
stant. The result is a faster transistor.

The base of T2 is biased at about 1.5 V by voltage
divider R1/R2. Capacitor C1 ensures that, even with
rapid fluctuations in current, this voltage remains
stable. If you consider T2 as an emitter follower, it
is clear that the collector of T+ is always provided
with a constant (direct) voltage, and this causes the
Miller (base-to-collector) capacitance to be inactive.
A disadvantage of the fast opto-coupler is that its
output signal does not go down to 0 V but at best
to 1 V. TTL devices like this just as little as they do
a supply voltage of 12 V. Basically, the circuit can
operate from 5V, provided R+ is altered suitably,
but it is better to use CMOS devices.

Take care during experimenting not to exceed the
maximum LED current (in the TIL 111) of 100 mA
(this is the reason for dropping resistor Rv). The
value of Ry is calculated from

12v
+

I<25mA

—
TILIN as4111

Rv =[(Uin—1.5)/ILED]Q
where Ui is in volts and /Lep in amperes.
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FAST OPTO-ISOLATOR

When a computer drives external equipment, it is
often required that the earths between them are
electrically isolated from one another. The simplest
way of effecting this is by an isolating transformer.
When, however, the system works at high fre-
quencies, it is much better to use an opto-isolator as
proposed here because that is capable of following
the fast data transfer.

The opto-isolator is driven via a TTL gate. The tran-
sistor in the opto-isolator drives comparator IC1.
The trigger threshold of this device is set with P1
Low-pass filter R2-C1 prevents spurious triggering
of the comparator by noise pulses.

Naamloos-6.indd 10
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HC-BASED OSCILLATORS

Two inverters, one resistor and one capacitor are all
that is required to make a HC(T)-based oscillator
that gives reliable operation up to about 10 MHz.
This sort of circuit is well-known, and appears in
Fig. la.

The use of two HC inverters gives fairly good sym-
metry of the rectangular output signal. In the same
circuit, HCT inverters give a duty factor of about
25%, rather than about 50%, since the toggle point
of an HC and an HCT inverter is 2 Ve, and
slightly less than 2 V, respectively.

When the supply voltage for the oscillator is
switched on, C initially has no charge, and the out-
put of N1 and N2 are at the same logic level. Ca-
pacitor C is then charged via R, until it has acquired
a charge voltage that corresponds to the toggle volt-
age, Us, of N1. Assuming the output of N2 initially
to be logic low, the waveform of the signal at the in-
put of N1 is essentially as shown in Fig. 2. When C
is charged up to level 1, the output of N1 toggles,
and so does that of N2. This causes the voltage at
the input of N1 to rise, via C, to about 1.5Vc, so
that C is reverse charged to level 3 . From there on,
the amplitude changes in a mirror-inverted way to
reach the initial state again (level 5 is identical to
1), and the circuit oscillates. In practice, the curve
in Fig. 2 is slightly flatter, because the peaks at
levels 2 and 4 are clamped to +5V and 0 V by
the protective circuits internal to the inverters.

If the oscillator is to operate above 10 MHz, the re-
sistor is replaced with a small inductor, as shown in
Fig. 1b.

The output frequency of the circuit in Fig. la is
given as about 1/1.8RC, and can be made variable
by connecting a 100K preset in series with R. The
solution adopted for the oscillator in Fig. 1b is even
simpler: C is a 50 pF trimmer capacitor.

1a C>50pF

—I

JUL

<10MHz

—O

87458-1
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5...20MHz
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106 HCMOS VCO

Crafty designers are forever trying to use ICs for ap-
plications they were never intended for. In this cir-
cuit a member of the newish HCMOS family is
used as a voltage-controlled oscillator (VCO). This
is achieved by using the characteristic of the
HCMOS family of operating from a 2 to 6 volt
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supply. However, at 6 V these ICs are faster than at .
2V.

In the present circuit, a “supply voltage” variable
between 1.5 and 5 V is used as the input signal of
the oscillator, which consists of three cascaded
NAND gates. The VCO operates as follows: a logic



N1...N4 = IC1 = 74HC00
N5 = 1/6 74HC04
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1 at pin 2 causes a logic 0 at pin 3; this becomes a
1 at pin 6, and a 0 at pin 8. Pin 8 is, however, con-
nected to pin 2, which, therefore, is no longer 1 but
becomes 0. This 0, because of the delay times of the
gates, appears a little later at pin 2 as a logic 1. And
so on: the oscillator works! Gate Na functions as a
buffer for the oscillator output.

Since the peak output voltage cannot be greater
than the supply voltage, ie. the input voltage to the
oscillator, its level must be adapted to those at the
remainder of the circuit, which normally will be
5 V. This is ensured by inverter Ns, which is pow-
ered by a genuine 5 V supply. Because of feedback
resistor R1, the inverter is arranged as a linear
amplifier. It is, therefore, sufficiently sensitive to
amplify positive signals between 2 and 5V ade-
quately.

The characteristic in Fig. 2 shows that the VCO is
reasonably linear. Other output frequencies are not
possible with the circuit of Fig. 1, unless the
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number of gates in the oscillator proper is extended
by an even number of identical gates, which in-
creases the total delay times, so that the frequency
is lowered. It is also possible to add dividers to the
output circuit.

107 HCU/HCT-BASED

OSCILLATOR

When frequency stability is not of prime import-
ance, a simple, yet reliable, digital clock oscillator
can be made with the aid of relatively few compo-
nents.

High-speed CMOS (HCU/HCT) inverters or gates
with an inverter function are eminently suitable to
make such oscillators, thanks to their low power
consumption, good output signal definition and ex-
tensive frequency range.

The circuit as shown uses two inverters in a
74HCTO04 or 74HCUO04. The basic design equa-
tions are

for- HCU:
[c=13 mA

f=1T; T=22RC; 3V<V«<6V;

N1, N2 = 1/3 IC1 = 74HCT04, 74HCU04
87437

for HCT: f=1/T; T=2.4RC; 4.5V<Vcc<5.5V;
[c=2.25mA

Rs=2R; IKR=R=1IMQ; C=10nFE
With Rs and R calculated for a given frequency
and value of C, both resistors can be realized as
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presets to enable precise setting of the output fre-
quency and the duty factor. Do not forget, however,
to fit small series resistors in series with the presets,
in observance of the minimum values for R and Rs
as given in the design equations. The values quoted

for Ic are only valid if the inputs of the remaining
gates are grounded.

Source: Philips CMOS Designers Guide, January
1986, p. 105 ff.
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HEART BEAT MONITOR

The proposed circuit is based on the fact that the
degree of translucence of parts of a mammal’s body
depends, among others, on the flow of blood.
Because the blood supply pulsates at the frequency
of the heartbeat, this may be monitored in a simple
way without the need for an electrical connection
between the mammal and the measuring equip-
ment.

In the proposed circuit, the flow of blood through
a finger is monitored. To obviate errors caused by
the position of the finger, the receiver diode is in-
cluded in a loop.

The positive input (terminal 3) of IC1 is held at
about 2.5 V. The gain of the device is determined by
the ratio Rs:Ra. Network Re-D2 ensures that the
circuit stabilizes rapidly. The amplified signal is rec-
tified by IC2. Time constants Rs-C4 and R7-Ca are
chosen such that the potential at pin 2 of ICz has

a sawtooth shape. The CA3130 in the ICs position
functions as a trigger. The output signal may, for in-
stance, be applied to the input port of a computer.
If a computer is not available or deemed necessary,
the beat is made audible by a piezo-electric buzzer
operated by gates N1 and Na.

Circuit ICs provides a WAIT indication that shows
when the circuit has stabilized and is ready for use.
The programme is compiled as follows: wait for a
trailing edge, then count until the next trailing edge
appears. The count is converted into a number per
minute, and this is displayed on the monitor screen.
However, the heart beat is not constant, which is
quite clear from listening to the buzzer or observing
the monitor screen. It is, therefore, advisable to
calculate an average over, say, sixty seconds. It is
then possible to display the instantaneous value, the
average value over 60 seconds, and the trend (rise or
fall).

Ic4
OOO®E®

D2...D5 = 1N4148

5v

N1..N4 =1C4 =4093B
IC5 = 45388
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Once the programme is known to work satisfac-  analogue-to-digital converter, the output signal of
torily, it becomes interesting to display the actual IC1 may be used for the display.
signal on the screen. If the computer used has an
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109

HEAT SINK MONITOR

In almost any equipment in which a reasonable
amount of energy is consumed, there is bound to be
at least one heat sink that enables power semicon-
ductors to get rid of their excess heat. The rating of
a heat sink is normally determined on the basis of
the maximum allowable temperature of the silicon
chip: a rather haphazard method.

The heat sink monitor described here constantly
monitors the temperature of the heat sink. When
that temperature stays below 50. . .60°C, the green
LED lights; between those temperatures and
70...80°C, the yellow (orange) LED lights; and
above 70. . .80°C, the red LED lights. There is also
the possibility of providing a relay with which, for
instance, the load can be disconnected.

The circuit is, in essence, a window comparator, in
which sensor D1 provides a control voltage that
rises 10 mV per degree Celsius. If the sensor voltage
is lower than the voltage at the wipers of P+ and P2

the outputs of opamps A1 and Az are low, and D2
lights. When the voltage across D+ lies above that
at the wiper of P+ but below that at the wiper of Pz
the output of A1 is high, so that D2 goes out and
Ds lights. When the sensor voltage rises above that
at the wiper of P2 also, the output of both opamps
is high: only Ds then lights and transistor T+ is
switched on. Zener D4 ensures that Ds lights bright-
ly and that T+ conducts hard.

To calibrate the unit, place the sensor, together with
a calibrated thermometer, in a tray of water, which
is then heated. Set P1 to minimum and P2 to maxi-
mum resistance. Set the cross over from green to
yellow (orange) between 50 and 60 degrees Celsius
with P1 Next, set the cross over from yellow
(orange) to red between 70 and 80 degrees Celsius
with P2 The sensor can then be fitted permanently
onto the heat sink.

RIf o, R2f | R3f
x x X
© © o«
5
LM 335
6
P1
5000Q
P2
500Q
4 é 2
3
D1
R4 ~ RS
LM 335 < X

BC547B

1v2-3v3
400 mW

A1,A2=I1C1=TL082, TL072
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110 LOGIC FAMILIES

The introduction of new, faster, CMOS techniques
has given rise to a considerable increase in the
number of available logic families. Understandably,
this may cause confusion on the part of designers
and users of logic circuits. Up until a few years, 3
families were commonly known: the CMOS 4xxx
series: the TTL 74xx series; and the 74LSxx low-
power Schottky series. TTL and LS chips are
mutually interchangable, but TTL consumes con-
siderably more current at the same switching speed.
The 4xxx series is about 10 times slower than the
TTL family, but is more economic as regards cur-
rent consumption. In many cases, TTL chips are no
longer considered suitable for new design.

The new HC and HCT CMOS families are just as
fast as TTL and LSTTL, and have a greatly reduced
current consumption. HCT chips can work in LS
based circuits, provided they are not driven from
TTL or LS. This is because of the differently defin-
ed switching levels. It is, however, possible to use
HCT for driving HC. With this in mind, it is poss-
ible to replace the LS family by the HC family. This
is preferable since the HC family offers the highest
noise immunity.

Figure 1 shows the current consumption of a
HCMOS gate as a function of the input voltage.
The shaded area represents the (logic high) output
voltage of an LS chip. From this, two conclusions
can be drawn. Firstly, the noise margin is very nar-
row: the HC gate sees 2.7 V as a logic high level
already. Secondly, the current consumption of the
gate is a few mA higher than necessary. Although
usable in practice, driving HC with LS is, therefore,
not recommended.

Another new logic family was recently introduced:
FACT (Fairchild Advanced CMOS Technology),
also referred to as ACL (Advanced CMOS Logic) by
other chip manufacturers. There are 2 versions: AC
and ACT. ACT, like HCT, is fully LS compatible,
while AC gives the same drive problems as HC.
Both series are typically 2 to 3 times as fast as LS
or HC.

Figure 2 shows the correlation between the propa-
gation delay, tp, and the power consumption, P, of
various logic families. It will be noted that the
modern CMOS families are almost as fast as the
ECL series, hitherto renowned for its unbeatable
speed. It is expected, therefore, that a CMOS
equivalent will soon be available for ECL, and that
ECL will gradually become obsolete.

Replacing bipolar chips in existing circuits with
CMOS types is not very useful if relatively high fre-
quencies are involved. Finally, a rule of thumb for
working with chips of different families in a single
circuit: HCT can replace LS, unless driven by LS.

For further reading:
RCA CMOS Databook
Fairchild FACT Logic Data Book

'CT HC
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111 LOW VOLTAGE DROP REGULATORS

powering CMOS-based equipment from a set of bat-
teries delivering 6 V. The recently introduced Types
LP2951 and LP2950 from National Semiconductor

The fast spreading incorporation of CMOS, HC
and HCT chips has created a need for voltage
regulators with a very low internal drop to enable
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are micropower voltage regulators with a variable
output voltage of 1.24-29V and a fixed output
voltage of 5V, respectively. The former features an
internal voltage divider with a 5 V tap bonded out
to a pin, a logic compatible shutdown input, and an
open-collector ERROR output which warns of a
low output voltage, often due to an insufficient bat-
tery voltage at the input. The ERROR output is ex-
tremely useful for an early warning system that ar-
ranges for a microprocessor to be reset properly
before the supply voltage falls to a level that would
upset the operation of the system it controls.

The voltage drop across the LP2951 is only 0.4 V
at a load current of 100 mA, so a 6 V battery pack
can be used to power a 5 V circuit. The quiescent
current drain of the regulator is about 12 mA at an
output current of 100 mA. This is fairly high as
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compared with a conventional regulator from the
78XX family, and mainly due to the internal series
regulator transistor being driven into saturation,
which causes it to have a relatively low current am-
plification factor (the base current flows into the
ground return line, instead of into the output load,
as with the typical 78XX regulator).

The application circuit shown in Fig. la should be
fed from an input voltage of more than 5.4 V, while
its maximum output current is 100 mA. Note that
both the LP2950 and LP2951 feature internal cur-
rent and thermal limiting circuits. The decoupling
capacitor at the output of the regulator should be
a good quality tantalum type, fitted as close as poss-
ible to pins 1 and 4. At relatively low output cur-
rents, less capacitance is required in this location.
For currents below 10 mA, 0.33 uF is satisfactory,



while the minimum value is 0.1 uF for currents
below 1 mA. These values apply to an output
voltage of 5V; for lower voltages, more output
capacitance is needed.

The circuit in Fig. 1bisa 2 A low dropout regulator
based on the LP2951. The output voltage is calcu-
lated from

Vo=(1+Ra/RB)1.23V

where 1.23 stands for the voltage at the feedback in-

put, pin 7. For an output of 5V, Ra and Rs may
be omitted, and the feedback input pin 7 can be
connected direct to the 5 V tap (pin 6) output. The
sense input, pin 2, is then connected to the Vo rail.
In this application, Vin must be at least 0.5V
higher than V.

National Semiconductor applications.

MAINS ZERO-CROSSING DETECTOR

Both safe and remarkably simple to construct, this
circuit detects the zero crossing moments of the
mains voltage, in order to provide other circuitry
with timing information about the correct instant
for switching mains-connected loads; in other
words, when the least possible switching dissipation
is involved, and, therefore, least interference is in-
duced on the mains lines.

The proposed circuit operates direct off the mains,
while comprising no more than two opto-couplers
and two resistors. It is seen that photodiodes D
and D2 are connected in antiparallel while being
fed with the mains voltage via a resistor, which
limits the current through the relevant diode to
about 2 mA as it conducts (i.e. lights) during the
negative or the positive half wave (D2 or Di re-
spectively) of the mains sinewave; in either case, the
circuit output voltage is low, since the associated
phototransistor conducts and draws current from
+Ub via Ra.

However, at the moment of zero crossing, neither
one of the diodes conducts, and the voltage at the
circuit output rises to near + Ub level, whence the
100 Hz pulse train.

10ms10ms

IC1,1C2 = 2xTiL111 ™=

86433

The value of R2 may be adapted to suit the level of
+Ub and the manufacturer-specified typical collec-
tor current through the phototransistor. For the
Type TIL111, the current should not exceed about
50 mA. The type of optocoupler used in the circuit
should not be very critical, but the value of Ri had
best be left at the indicated 100 k so as not to run
into excessive diode dissipation.
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OPAMP-BASED CURRENT SOURCE

A current source based on an operational amplifier
alone is likely to be less known than the combi-
nation of an opamp and a transistor. This latter cir-
cuit can, however, only supply a unidirectional cur-
rent, and must incorporate a stable reference
capable of sourcing the required current. The cir-
cuit proposed here is different from the usual design

for a current source, because it has a real differen-
tial, high impedance, input.

In spite of the small number of components in this
circuit, its operation may not be apparent at a
glance. An example calculation example may help
to clarify how the current source works.
Assuming that 10 V is applied to input 2,and 4.5 V
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to the output, the voltage drop across Rz is 0.5V,
and that across Ra is 5 V. It will be recalled that the
output voltage of a current source is determined by
the value of the external resistance. The current
passed through this gives rise to a voltage drop that
need not be constant.

When input 1is 1 V more positive than input 2, the
following circuit potentials can be deduced:

The + input of the opamp is at +9.5 V, because
Rz drops 0.5 V. The operational amplifier starts
regulating its output voltage until it detects equal
voltages at its + and — input. The voltage drop
across R1 thus rises from 0.5 V to 1.5 V, while that
across Ra is increased tenfold, ie., amounts to 15 V.
The output voltage of the opamp is then 11—1.5—
15=—5.5V. When it is recalled that the output
voltage of the circuit is +4.5 V, the drop across Rs
amounts to 4.5—(—5.5)=10V. Since Rs=
100R, the current is 10/100= 100 mA.

It is also possible to establish the output current of
the circuit as follows. The amplification is 10
(R3/R4), and the output voltage is available across
Rs, which therefore carries a current of
Uix 10/100, or Ui/10.

R1

RS

el |

R2

87447

This circuit is probably best operated on the basis of
power opamps, such as the Types L149 and L150
from SGS-Ates, which can handle currents of
several amperes. The Type OP50 stated in the cir-
cuit diagram is suitable for relatively low output
currents (Imax=50 mA), and features excellent
stability and precision. Its manufacturer, PMI,
states that this application of the opamp is capable
of handling resistive, capacitive or inductive loads
equally well.

Source: PMI, Analalog Applications Seminar 1986:
Current transmitter (Howland current pump).
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PIERCE OSCILLATOR

In addition to the description elsewhere in
this chapter of HC and HCT based R-C/L-C
oscillators for use up to 20 MHz, this design brief
" concentrates on quartz-controlled oscillators which
find applications in digital equipment and micropro-
cessor systems. Such oscillators can only be made
with HCU gates, because HC and HCT ones have
buffered outputs that make them unsuitable for use
as analogue amplifiers.

The circuit diagram shows a Pierce oscillator set up
around a single gate in a Type 74HCUO04 package.
The inverter functions as an inverting amplifier
with a phase shift of 180°. The circuit can be
modified into a Collpits oscillator by replacing the
quartz crystal with an inductor. It should be noted,
however, that the use of a quartz crystal is more ap-
propriate because it ensures minimum current con-
sumption and adequate suppression of the third
harmonic frequency. Finally, Rz must be replaced
with a 33p capacitor if the oscillator is operated
above 4 MHz.
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POWER SUPPLY SEQUENCING FOR OPAMPS

Most designers know that many problems may arise
between the paper design and the practical realiza-
tion of that design. We are, of course, no exception,
and one incident that we experienced recently il-
lustrates a problem that is of interest to pass on.
Measurements were being carried out on a circuit
that contained some type NE 5532 opamps which
were powered from a +12 V symmetrical supply.
When the circuit was switched on, it did not func-
tion correctly. Measuring the supply lines revealed
that the positive supply was —0.6 V instead of
+12V. When the +12 V line only was switched
off and immediately on again, the malfunction
_disappeared. Switching off the mains and immedi-
ately on again made the defect reappear. Using new
opamps made no difference.
After some research in relevant literature, it ap-
peared that on switching symmetrical power sup-
plies temporary polarity reversal may occur.
Because of the complex internal structure of inte-
grated circuits, it may happen that this polarity re-
versal causes parasitic components on the chip to be
actuated which places the IC in a stable but
malfunctioning state. ‘
The book we consulted, Intuitive IC Opamps,
suggests that the malfunction we experienced was
probably caused by a parasitic thyristor being trig-

S
D1
TN4001

© ©

D2
TN4001

GO

gered owing to the negative supply not rising fast
enough. The remedy proposed was to connect two
diodes across the supply lines as shown in the ac-
companying figure: these diodes effectively prevent
polarity reversal.

This simple remedy certainly cured the malfunction
in our circuit and is probably the simplest protec-
tion circuit in this issue.

85465

Literature:

Intuitive IC Opamps
by Thomas M Frederiksen
National Semiconductor Corporation

PRECISION CRYSTAL OSCILLATOR

When designing crystal oscillators, it is good prac-
tice to ensure minimum capacitance of the active el-
ement(s), since any parasitic loading of the crystal
is bound to derate the overall stability to some ex-
tent. This forms the underlying principle of the
design described here, albeit that good results are
also obtainable when an additional load
capacitance is connected in parallel with the exist-
ing parasitic capacitance, but only if the former is
known to possess a low loss factor and a low tem-
perature coefficient, ie., if it is a very high quality
capacitor (and possibly difficult to obtain).

The oscillator proposed here is a Pierce type, in
which the crystal operates in parallel mode. The in-
put is formed by a bootstrapped source follower, DG
MOSFET T4, which has a parasitic capacitance of

only 1 pF RF transistors T2-Ts are set up as a
cascode amplifier. A type BF494 transistor is used
in the Tz position because of its low B-E
capacitance (0.15 pF typ.), which ensures a low out-
put capacitance. The oscillator signal is taken from
the source of T4, buffered in T4, and made logic
compatible with the aid of gates N1-Ns. The opti-
mum inductance of L1 is approximated with
L+1=1/f, where the inductance and frequency are in
milli-henries and megahertz respectively. Example:
for f=10 MHz, L1 works out at 100 uH. Trimmer
C2 serves to accurately tune the crystal oscillator to
the required frequency. The oscillator works well up
to about 20 MHz.

Finally, although the dissipation of the crystal is not
expected to give rise to instability, it is still a good
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idea to keep an eye on its output amplitude so as to s altered until the signal amplitude at the emitter
preclude the protective diodes in T+ being activated  of Ta is less than 1 Vpp.
and causing unacceptable instability. If required, R+

117 SMART LED SELECTOR

86432
A = green or yellow B = identical coloured LEDs C=red

In this tiny circuit, for use in, for instance, a two-  limiter resistor, while a switch is connected in series
lights model railway signal, one of two LEDs may  with one of the LEDs.

be selected with either a single pole switch or a  Why do not both light simultaneously when the
series transistor, as shown in the circuit diagrams. switch is closed? Because, apart from their colours,
Note that the LEDs are fed via a common current  the two LEDs also differ as regards their forward
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voltage drop; when connected in parallel, therefore,
the LED having the lower voltage drop should be
fitted with the series switch; this arrangement
causes the high voltage drop LED to light when the
switch is open and to go out when the switch is
closed, at which moment the other LED takes over.
Two of the accompanying four small circuits show
the use of a series switching transistor rather than
a real switch, but the difference hardly requires
further detailing, since applying sufficient drive to

the base is in fact the same as closing the switch.
Two LEDs of identical colour may also be used as
shown, and the additional series diode is seen to
create the necessary voltage drop difference to
distinguish between the LEDs, which, of course,
have roughly the same on/off voltage characteristic.
Finally, the value of R is established from the
supply voltage level and the typical operating cur-
rent of the LEDs, which is usually of the order of
20 mA for maximum allowable brightness.

SPEED CONTROL FOR DC MOTORS

Simple DC operated motors with a permanent mag-
netic stator behave as an independently energized

motor. The speed of an ideal motor with an infinite- 1
ly low internal resistance is in direct proportion to
the voltage applied, irrespective of the torque. The _E:_ Uz
motor thus runs at a speed at which its reverse elec- U1[> O_“‘D_
tromotive force (e.m.f.) equals the supply voltage. JL
The reverse em.f. is directly proportional to the a2
force of the (constant) magnetic field, and the motor .
speed. In theory, therefore, the motor speed can be
held constant with a constant supply voltage. The
speed reduction observed in practice arises from the 8742741
voltage drop across the internal resistance, Ri, of
L165
> -Vs
[ INVERTING INPUT
NON INVERTING INPUT
—(3) 18V max.
R2 D1
10k
D1, D2 = 1N4001
R3
————
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the armature winding. Thus, when the motor is
loaded, its current consumption, and hence V&, in-
creases, reducing the effective supply voltage. This
effect can be eliminated by means of Ri compensa-
tion, which essentially entails measuring the
motor’s current consumption, relating this to the
motor’s instantaneous drop across Ri, and increas-
ing the supply voltage accordingly. In fact, this calls
for a voltage source with a negative output im-
pedance, since it caters for a higher output voltage
when the load is increased.

The basic set-up of the supply required here is
shown in Fig. 1. The load current is measured as the
drop across sensing resistor Ras. The DC transfer
function of this amplifier is written as

Uz2=U1+ILR2R3/R1

which accounts for the negative output impedance
because then

Rout=—R2R3/R+1

For optimum results, this impedance must be kept
about equal to that of the motor.

Figure 2 shows the practical circuit of the motor
driver based on a power operational amplifier. The
Type L165 from SGS can supply up to 3 A at a
maximum supply voltage of 36 V, and is therefore
eminently suitable for the present application.
Capacitors C1 and Cz suppress noise on the reverse
e.m.f. from the motor. Due care should be taken,
however, in so extending the circuit, because this
readily leads to instability. The motor itself already
forms a fairly complex load, since the revolving
rotor winding is mainly inductive, and the rotor
itself represents a fairly large capacitance. Noise
suppression components such as R4 and Cs add to
the complexity of the load and may result in control

instability, which becomes manifest in the motor’s
tendency to alternately reverse its direction at a rela-
tively low rate. Also, the response to a fast change
in the torque may be impaired, and high-frequency
oscillation may occur (noticeable as exessive
heating of IC+ and/or R4). When the circuit was
tested with a small PCB drill, best results were ob-
tained by omitting R4-Cs and including C2. If the
motor has a noise suppression network, C2 must be
omitted, and Rs added to protect the opamp inputs
against too high differential voltages as a result of
commutation voltage peaks. Clearly, D1 and D2
have been included with this in mind.

Preset P+ is adjusted until the motor remains stable.
Over-compensation of the motor will give rise to ap-
parently uncontrolled movement. The adjustment
of P1 should be carried out when the motor has not
yet reached its normal operating temperature,
because its self-heating gives rise to an increase in
the internal resistance.

The use of a symmetrical supply (=18 V max.)
enables twoquadrant operation of the motor
(cw/cew rotation), which can then be used to power
model trains and the like. The motor is halted when
P2 is set to the centre position. The ground rail may
be connected to the negative supply rail if only one
direction of revolution is required (PCB drills). The
maximum supply is then 36 V, making a greater
voltage available for the motor, so that 24 V types -
can be controlled also, although it is not possible to
completely halt these.

The motor can be protected against overloading by
selecting a supply voltage that causes the opamp to
clip when it outputs the maximum motor current.
Finally, IC+ is capable of supplying considerable
current, and must, therefore, be fitted with a fairly
large heat-sink. The quiescent current of the circuit
is about 50 mA.

STEPPER MOTOR

CONTROL

The control of stepper motors is not simple, particu-
larly when no specially designed control circuit is
used. The Type TEAI1012 is an integrated stepper
motor controller that can cope with most if not all
situations. In addition to controlling the phases for
whole and half steps, it also sets the current with
the aid of these phases.

The TEA1012 was specially designed for the con-
trol of unipolar stepper motors, in which the cur-
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rent passes through the stator windings in one direc-
tion. Because the windings behave inductively, the
current through them will become too large when
the stepping speed is low. The reason for this is that
in that situation only the ohmic resistance, which is
fairly small, determines the value of the current. To
limit the current, a limiting circuit is connected in
series with the windings. In the diagram, the cur-
rent through L+ and Lz is restricted to 0.3/Rs4, and
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that through Ls and Las to 0.3/Rs. This enables the
current through the stator windings to be adapted
to any type of motor.

The table shows in what sequence the various
phases are driven with full and half step control, as
well as for clockwise and anticlockwise control. The
stepper motor is arrested in the position it occupies
with the STOP input. CL is the clock input: for
each pulse, the motor turns one step forwards or
one step backwards. - _
Because inputs CL, STOP, CCW/CW, and F/H all
are TTL compatible, it is not difficult to connect
these controls to a computer. Resistors R11 to R14
incl. and the associated switches, enable the circuit
to be manually provided with control data.

The maximum stepping speed depends on the type
of motor and on switch-off time-constants Toft()
and Tofr).

Letters CW and CCW signify clockwise and an-
ticlockwise respectively, while input F/H enables
choosing whole (F) or half (H) steps. A double resol-
ution is, therefore, possible.

The supply voltage of the IC may be between 4.5 V
and 15 V. The outputs of the TEA1012 are open-
collector, so that the operating voltage of the step-
per motor may be made independent of the supply
voltage to the IC.

Table

inputs outputs
CL-
F/H CCWICW STOP Q. Q@ Q3 o
half  clockwise run
1 0 0 1 0 0 0 1
2 0 0 ] 0 1 0 1
3 0 0 I 0 1 0 0
4 0 0 1 0 1 1 0
S 0 0 1 0 0 1 0
6 0 0 1 1 0 1 0
7 0 0 1 1 0 0 0
8 0 0 | ! 0 0 1
counter
half  clockwise run
! 0 1 1 1 0 0 1
2 0 1 1 1 0 0 0
3 0 1 1 1 0 1 0
4 0 I 1 0 0 1 0
5 0 1 1 0 1 1 0
6 0 1 1 0 ! 0 0
7 0 1 1 0 1 0 1
8 0 1 1 0 0 0 1
full clockwise run
1 1 0 1 1 0 0 1
2 1 0 1 1 0 1 0
3 1 0 1 0 1 1 0
4 1 0 1 0 1 0 1
counter
full clockwise run
! 1 1 1 0 1 0 1
2 1 1 1 0 I 1 0
3 1 1 1 1 0 1 0
4 1 ! 1 1 0 0 1

120

SYMMETRICAL CASCODE OSCILLATOR

Free running as well as crystal controlled clock
generators in many digital designs are most fre-
quently based upon the use of one or more inverter
gates. However easy it may seem to use these
devices for the construction of reliable oscillators,
the resultant frequency stability is generally not
such as might be expected from a look at the rel-
evant quartz crystal data, and this is mainly on ac-
count of the rather poorly defined capacitive and/or
inductive loading of the crystal at resonance.

Stability, however, may be improved by a factor 3 to
5 by using cascode type inverters in a symmetrical
configuration, as can be seen in the accompanying
circuit diagram. Two sets of two n- and p-channel
MOSFETS, contained in the Type 4007UB IC, have
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been connected to form a highly stable oscillator
circuit capable of operation at frequencies up to
10 MHz, as determined by quartz crystal X1, which
should be a series resonant type.

As the output impedance of the proposed cascode
oscillator is relatively high, buffer stage T+ has been
added to minimize drift with low impedance loads
such as (LS)TTL circuits. Furthermore, MOSFET
T+ ensures well-defined logic high and low levels to
interface with (HC)MOS and (LS)TTL. The values
of Rs and Rs depend on the supply voltage level
(Uv), while the voltage at gate 2 should be between
4 and 6 V to achieve a 5V output level swing. In
case the oscillator is to operate from a 5 V supply,
gate 2 of T+ must be connected direct to + Ub.



5...15V

IC1

—

l

_—_—
<10MH

4007UB

*see text

G2

"

I 100p

i

121

THRIFTY LED INDICATOR

It is often necessary that the current consumption
of an essential status indicator is minimal. In the
circuit shown, dependent on the level of the supply
voltage, a number of LEDs drawing a current of
only 10...15mA may be switched on or off as
desired. Moreover, the entire indicator may be
switched off if none of the LEDs lights.

The circuit is based on switched current suurce T

The base current of this transistor is set at c. 15 mA
with Rx. The value of this resistor is calculated
from

Rx = [4x10%/(Upb—0.7)] Q

where Ub is the supply voltage in volts.
Transistor T2 conducts when the input to inverter
N is logic 0: when this becomes a logic 1, the cur-
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rent source and, consequently, the indicator are
switched off.

If the input to one of the buffers N2. . .Na is a logic
1, the associated LED is switched on.

More LED-FET combinations may be added to the
circuit as long as the supply voltage permits this.
Also, the dissipation of T+ has to be kept within cer-
tain limits. A BC557B can be used for T+ over the
supply voltage range of 5...18 V.

The circuit is intended for CMOS ICs; if devices of
other logic families are used, remember to take ac-
count of the different logic threshold levels.

Note that the buffers must be powered from the
same supply as the current source.

*see text

1N4148

N1...N4=2; IC1=4049
T2...T5=BS170/VN 10

122

TIME STRETCHER

Anyone with a fascinating hobby must have felt at
one time or another that there is not enough time
available for his hobby. Any circuit that can stretch
those few hours once or twice a week must,
therefore, appeal to many.

The time stretcher is a small circuit that can be built
into almost any digital clock and makes the hobby
evening(s) last an hour longer. The three diodes,
D1...Ds, together with R4, form an AND gate. D1
is connected to segment g of the tens-of-hours dis-
play, and D2 and Ds to segments ¢ and g of the
hours display respectively.

When the clock shows 22.00 h, the common line of
D1...Ds becomes logic 1, because the three
segments to which the diodes are connected are
”on”. This means that T+ conducts and the clock
signal of the digital clock is divided by two. The
clock then runs at half speed only so that it will take
two hours before it shows 23.00 h.

For the circuit to work correctly, it is essential that
the clock signal is divided by two exactly, and this
means that resistors Rz and Rs must be 1 per cent
types. This is also the reason that a BS 170 is used
as the switching gate; this MOSFET has no satura-
tion voltage. Using a normal transistor with a cer-
tain saturation voltage would not cause the clock
signal to be divided by two exactly, so that the clock
would be fast or slow by minutes within a few days!
The circuit as drawn is intended for common-anode
displays; if it is to be used with common-cathode
displays, simply reverse the connections of diodes
D1...Da.
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A = tens of hours display
B = hours display
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TRACKING WINDOW COMPARATOR

The use of comparator circuits in many different ap-
pearances and practical realizations is common in a
wide variety of electronic control and measurement
systems. Usually, the voltage from a sensor device is
fed to a comparator which, as its name implies,
compares the measured level, Uin, with a fixed ref-
erence, Urf, and produces a negative output (0)
or positive output (I) when Uin<Urr and
Uin>Urer, respectively. A window comparator can
be made by connecting two comparators with dif-
ferent reference levels, which define the upper and
lower limit of the switching range.

In practice, these references aré usually adjusted
with presets to dimension the window as required.
This arrangement makes it impossible, however, to
automatically shift the window up or down in ac-
cordance with, say, ambient light conditions to be
measured with a light dependent resistor.

This circuit has no fixed threshold levels, but
derives its reference from the measured signal, so
that slow changes in this cause the window to track
along.

Capacitors C1 at the inverting input of A4, and C2
at the non-inverting input of Az store the input
voltage. When the voltage at the non-inverting in-
put of A1 rises, this opamp toggles. The associated

1a

R10|
x
k4 RY

inverting input lags this change because of the
delay introduced by the capacitor. LED D+ lights.
The process is similar in the Az section of the circuit
when the input voltage drops. This is indicated by
LED D: lighting.

Diodes Ds and D4 form an OR function to actuate
a simple relay driver set up with T+. The relay is en-
ergized when the circuit detects a fast change in the
input voltage. The ability of the circuit to accept a
variable input voltage makes it suitable for use in
burglar alarms—see Fig. 1b. Several break contact
arrangements R13-S1+-R14 may be connected in
series and to the input of the window comparator.
Alarm relay Rer is activated when either S1 is open-
ed or S+-R14 is bypassed. To prevent burglars from
fooling the alarm, R1s must be fitted into S,
because no alarm signal is given when only Si is
shorted.

The sensitivity of the tracking window comparator
is defined by the ratios R2/R3s and Rs/Rs. The rel-
evant component values indicated in the circuit
diagram give 1:100 ratio, so that, for example, a fast
change of 30 mV is detected when the input voltage
is 3 V. The sensitivity also depends on the input
voltage. Although the circuit can in principle
handle any input between 0 V and the supply level,

D3...D5 = 1N4148

2...10mA @
c3 ®
iC1 R12
100nF  (53)
L’——.

A1, A2 = 1/21C1 = LM324

-

87423-1b

87423-1a
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the ICs used give reliable operation only when
driven between 1 and Ub—1 volt.

The tracking window comparator is preferably fed
with a supply between 5 and 15 V. Its current con-

sumption, inclusive of the LEDs but exclusive of
the relay, is 10 mA maximum (note that the relay
can be fed separately).
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TRANSMISSION LINES FOR TTL CIRCUITS

Although cable connections between TTL circuits
are normally not as critical as those for, say, RF ap-
plications, it is still worth while to reflect on this
subject because strange things often happen when
a TTL transmission line is not correctly terminated.
In particular, this discussion is about terminating
coaxial cable and flat ribbon cable. The latter is fre-
quently used for driving Centronics compatible in-
puts.

A commonly used coaxial cable is RG59B/U, which
has a characteristic impedance of 75 Q and a propa-
gation delay of 5 ns/m. With signal rise and fall
times of 4 ns, the cable may be considered elec-
trically long if it exceeds 40 cm. One of the most
common terminations used when driving a long co-
axial cable with an LSTTL gate is shown in Fig. 1.
This set-up is unsuitable for a HCT bus driver, since
the termination provides a poor impedance match,
and requires a current sinking capability of 20 mA.
An improved termination circuit is shown in Fig. 2:
this ensures reliable signal transmission for cables
up to 15 m. Note that the 1kQ pull-up resistor is
only required when the driver is an open collector
gate or buffer.

Flat ribbon cable often introduces considerable
cross-talk between wires, especially when ter-
minated in HC(T) gates, which form a high input
impedance. In general, a flat ribbon cable should
not be longer than about 60 cm, but longer runs are
possible when individual wires are separated by
grounded wires (1.8 m max.), or when each wire is
terminated with a 1kQ pull-up resistor (1.2 m). A
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combination of these methods makes it possible to
use flat ribbon cables with a length up to 2 m, but
this is also attainable without ground wires—see
Fig. 3. The combined use of this termination net-
work and grounded wires in the flat ribbon cable
should enable a cable length of about 5 m.

TUNING AF POWER STAGES

Simple, economically priced audio output stages,
such as, for instance, those using the hybrid ICs in
the STK series, may be improved in a simple man-
ner as regards distortion, noise, and off-set voltage.
To this end, the output amplifier is included in the
feedback loop of an op-amp. Fig. 1 shows the set-up
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for inverting output amplifiers, and Fig. 2 that for
non-inverting ones (the normal situation).

In the calculations to arrive at the new gain of the
output amplifier, determined by R+ and Ra, it is as-
sumed that the LF356 provides an undistorted
signal of 5 Vms; note also that this type of op-amp



must work into a load of not less than 5 kilo-ohms
to prevent distortion.

For an output power of 50 W into 4 ohms, the out-
put stage must provide a  voltage,
U=PR=14.2 Vims. If the amplification of the
stage is 3, the op-amp should deliver 4.73 V. For the
set-up in Fig. 1, the value of Rz is then R2=3R1,
while for that in Fig. 2, R2= 2R1. Note that in both
versions only the value of R+ should be altered. The
total amplification may be calculated from the ratio
of Ra and R as follows: A=(Ra+Rs)/Rs.
Furthermore, because of the load impedance of the
op-amp, R1>10k (Fig. 1); R2>10k (Fig. 2);
Ra>10 Q; and Rc>10 Q (Fig. 1 and 2).

To compensate for the off-set voltage of the output
amplifier, the input capacitor should be replaced by
a wire link. The capacitor in series with R+ in Fig.
2 should also be short-circuited. The lower fre-
quency limit of the complete circuit is then deter-
mined by Cs=12nfimRs. The off-set voltage is
then smaller than 3 mV, provided both Ra and Re
are equal to, or greater than, 100 kQ. Where greater
accuracy is required, P+ can be used to set the off-
set to exactly 0 V.

To ensure that there is no direct voltage at the new
input of the amplifier, capacitor Cc should have a
value of Cc=l/fimRc.

Since the amplification of the output stage has been
reduced to 3, its feedback factor has gone up, and
the distortion has gone down. The ad-
ditional feedback of the LF356 reduces the distor-
tion even further. An overall reduction in the distor-
tion from 1 per cent to 0.1 per cent is fairly typical.
The altered feedback unfortunately results in a
change in stability. If there is a tendency to oscillate,
the first thing to do is to bring the upper frequency
limit back to its previous value with the aid of
Cy=1/2nfimRA. If the tendency persists, capacitors

0
O1sv

@15V
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Cx must be used: their value lies between 100 pF
and 1nE Our prototype (using STK ICs) worked
satisfactorily without either Cx or Cy.

TWO-FREQUENCY OSCILLATOR

Not so long ago, when semiconductors were still
quite expensive, it paid to make a transistor serve
more than one function. Although this is no longer
necessary because of cost considerations, it is still
fun to do so — and it may even have its uses!
The circuit presented here is an LC oscillator that
changes frequency through reversal of the supply
voltage.

When the supply voltage is positive, D1 conducts

and short-circuits L1C1. Oscillations are then main-
tained by crystal XLz and L2C2. The DC operating
point is set by P+ in a way which ensures a com-
promise between faultless starting of the oscillator
and low distortion of the output signal.

When the polarity of the supply voltage is reversed,
transistor T+ operates in its inverted mode, ie., the
functions of emitter and collector are interchanged.
This means that the amplification is reduced, but,
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of course, an oscillator needs an amplification of
only just above unity to operate. Crystal XLz and
L2C: are effectively cut out by Dz, and the fre-
quency is now determined by crystal XL1 and L1Cy.
The circuit lends itself, for instance, for use as BFO
switched between USB and LSB.

The crystals may have values of up to | MHz.
Current consumption in either mode does not ex-
ceed 45 mA.

From an idea in the Master Handbook
of 1001 Electronic Circuits.

U=+10V > fxa
=—10V—>fx1

5mH6

23k X1 1N4148
I
455 kHz
45—'”
R1)x

TN4148

85438
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TWO-GATE BISTABLE

Probably unequalled as to its simplicity given the
digital function, this circuit may serve as a single-
button on/off control for incorporation in a wide
variety of electronic designs. The operation of the
proposed bistable is best understood if it assumed
that the input of Schmitt-trigger inverter N1 is at
logic high level; the output of N2 will therefore be
high as well. It is seen that the capacitor is discharg-
ed because of the low output level of N1. Therefore,
depression of the button pulls the input of N1 to
logic low level, causing the bistable to toggle; the ca-
pacitor is charged via the 1 M resistor, and the cir-
cuit will change state again at the next switch ac-
tion. The indicated resistor values have been found

86472 -1

to offer optimum stability of the bistable, while the
use of Schmitt-trigger CMOS inverters is essential
to the correct operation.

UP/DOWN CLOCK GENERATOR

Various designs of clock generators have appeared
in previous Summer Circuits issues of Elektor Elec-
tronics, and this tradition is kept up with the pres-
ent design which, unlike the other circuits, outputs
an up/down indication as well as a rectangular
signal over a wide frequency range; 0 Hz to several
kHz.

The output signal and the U/D indication are both
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controlled by a single potentiometer. If this is set to
the centre of its travel, nothing happens; turning
the potentiometer in the clockwise direction causes
the U/D output to be at logic high level, and the
frequency of the output signal rises with turning
Pi further in this direction. The same goes for
turning it anti-clockwise, U/D being at low logic
level.
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The basic operation of the circuit is as follows. Op-
erational amplifiers A1 and A2 together constitute
a sawtooth/square wave generator. The falling edge
of the sawtooth voltage has a fixed duration of
about 200 us, as defined by the current through
Da. The rising edge time, however, depends on the
voltage at the wiper of Pi. The wiper of P2 is ar-
ranged to be at a slightly higher voltage than that
at the wiper of P1, when this is set to the centre of
its travel. The STOP LED will light in this con-
dition. If P1 is turned in either direction, the
voltage across Ri rises and causes a low current to
flow through R2. This current, and therefore the
output frequency, is proportional to the position of
the wiper of Pi, but this only goes for a limited fre-
quency range. If the voltage across R2 exceeds
about 0.6 V, D1 conducts and connects R3 in paral-
lel to R2. D2 and D3 do the same for R4 at about
1.2 V; this method causes the oscillator frequency
to be an exponential function of the voltage, set
with Pi; the arrangement ensures a considerable
output frequency range for the oscillator Ai-Aa.

Together with one or more universal counter
modules (see Elektor Electronics, March 1985), the
proposed clock generator may offer a neat replace-

down up

count
' 86409-2

ment of the well-.known BCD coded thumbwheel
switches; the potentiometer-set value is present at
the Qi...Q4 outputs of IC2, as well as visible on
the seven-segment display.

The U/D and clock output of the present generator
are connected to the relevant points on the
modules, as explained in the above mentioned
article, but remember to observe the different
supply voltages of clock generator and counter
module; keep all points marked +5V at that
voltage, except the supply pin of the LM324 and
Ris and Ris, which are connected to the counter
module +12 V supply. Current consumption of the
present up/down clock generator is modest at about
10mA.

UP/DOWN COUNTER CONTROL

The up/down binary- or BCD-mode counter is a
regularly spotted item in digital circuits of various
levels of complexity. The up/down counter simply

does what its name indicates; it counts up or down,
depending on the logic level applied at the relevant
control input, and activates the corresponding out-
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put bit pattern at every pulse transition detected at
the chip’s clock input.

This circuit simplifies the control of up/down
counters in that it allows the user to press one but-
ton to increment the counter output state, while
another decrements it. Each of the changeover type
buttons is connected to a two-gate de-
bouncer/bistable (N1+-N2 and Ns-Na), which sup-
plies a low pulse at its output when the relevant but-
ton is pressed. Ns, which serves as an OR gate,
receives the debouncer pulses and, together with
N, provides the output clock pulse to the up/down
counter.

Bistable Ns-Nes keeps track of the selected count
mode, and provides the relevant logic level to the
up/down counter input. It should be noted that the
logic level designation of the up/down input to the
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counter chip may differ from type to type; it may
therefore be necessary to interchange the UP and
DOWN keys.

The use of counter chips changing output state on
the negative clock transition is to be preferred for
use with the suggested circuit, since bistable Ns-Ne
toggles coincidently with the positive clock pulse
transistion (see Fig. 2). However a minor disadvan-
tage of the use of negative-edge clocked up/down
counters lies in the fact that the circuit acts upon re-
lease rather than depression of the UP and DOWN
buttons.

Finally, the use of the Type 74LS279 is in no way
compulsory; a combination of other types of TTL
IC incorporating the necessary NAND gates
should work equally well, but note the three-input
NAND gate Nas!



130

VERSATILE TIMER

This simple-looking circuit enables the arbitrary
programming of seven outputs in a series of not
more than 2048 (211) steps. The step length may be
set as required. The time base is derived from the
mains voltage. Transistor Ti produces a square
wave from the mains voltage applied to its base.
This square-wave voltage is divided by 10 in ICi, so
that the frequency of the signal at the clock input
of IC2 is 5Hz. Circuit IC2 serves as address
counter for the Type 2716 EPROM. This means
that ICa, after a reset, counts upwards from @ and
runs over the successive addresses of the EPROM.
Circuit IC2 has twelve outputs which would enable
the use of a Type 2732 (4096 steps), but, on practi-
cal and financial grounds, a Type 2716 is used here
since 2048 steps are normally quite sufficient.

The outputs of the EPROM are buffered by a Dar-
lington array, ICs, so that seven switch outputs are
available with a sink capacity of 500 mA at a maxi-
mum voltage of 50 V. The eighth output contains
the stop-bit that provides the facility of stopping the
programme if this is shorter than 2048 steps.

The start-stop circuit is based on bistable N3-Na.
When the supply is switched on, IC2 ensures that
the bistable resets from the stop state. This means

that both divider ICi and counter IC2 are in pos-
ition “zero”. The first address in the EPROM must,
therefore, have a neutral content, because it is ad-
dressed in the stop state and thus appears at the out-
put.

The bistable is set, and both resets cleared, when
the start button is pressed. Circuit IC: then com-
mences to divide, and IC: starts to count. With the
present time base, the programmed content of suc-
cessive addresses will appear at the output of the
buffers at 0.2 s intervals. Counting continues until
a stop-bit appears at pin D7 of the EPROM, or
stop button Si is pressed. If required, a HOLD
function may be obtained by connecting a switch
across capacitor Ci1, which enables the time base to
be switched off.

Switching on a specific output a...g merely re-
quires the corresponding bit position in the
EPROM to be left unprogrammed (logic high); pro-
gramming a @ disables the relevant output. The
stop-bit operates with negative logic: a @ therefore
causes a stop.

Finally, the time base may be adapted for the setting
of the required step frequency and accuracy.
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VOLTAGE-TO-CURRENT CONVERTER

The converter proposed here (also called voltage-
controlled current source) is based on just one
opamp, and provides to, or draws from, ground a
current that is dependent on its input voltage. The
unit can convert negative as well as positive
voltages into negative currents (from ground) and
positive currents (into ground) respectively.

When a Type 741 or CA3140 is used in the A1 pos-
ition, Rv=1k, and R=10k, Un= %10V max.;
Tout= £20 mA max.; and gn=—ImS. It is, of
course, possible to change any or all of these values
as required by using a different opamp and altering
the values of the resistors. The maximum output
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Ry =1k
R =10k
IC1=741/CA3140

U, = max.t10vV
lout = max.£20mA
lout/Um ==1mA/N sV

c1
100n

ic1

100n
L@_.{:) 15v

current is always dependent on the opamp used. To
make such changes, the following formulas may
prove useful.

U+ =U—=(Uin—Uout)/2 + Uout
Uo=2[(Uin—Uout)/2 + Uout] = Uin + Uout

Irv= Uin/Ry

Tout =IRv + IR = Uin/Rv + (Uin—Uout)/2R

If R>>Rv (the usual case),
Ioul = Uin/Rv.
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BLOW THAT SYNTHESIZER!

Circuits for generating electronic music are usually
controlled by key switches. Not only do keyboards
offer the simplest technical solution for producing
fast changing, reproducible tones over a wide fre-
quency range, but they also enjoy tremendous
popularity because they are considered to be easier
to learn to play than string or wind instruments.
Because of that, we have not tried to create an elec-
tronic oboe, flute, or clarinet with the present cir-
cuit. In any case, the technical intricacies associated
with such instruments would make their elec-
trophonic counterpart prohibitively expensive.

So, what we have got here is the relatively simple fa-
cility of converting breath power into a proportional
analogue voltage with which the volume of a music
synthesizer can be controlled; the tones remain con-
trolled by the keyboard switches. No doubt, many
of you, ingenious readers, will be able to think of
various other applications of the converter.

The circuit does not operate direct from the exhaled
breath, but from the noise generated by this. A thin,
flexible tube, to which a mouthpiece may be attach-
ed, leads into a closed box, in which not only the

circuit, but also an inexpensive microphone have
been fitted.

The noise received by the microphone is amplified
in IC4, the gain of which can be adjusted with P4
and subsequently rectified by IC2-D1-D2. An active
low-pass filter removes most of the ripple from the
output voltage.

To keep the circuit as simple as possible, we have
opted for a compromise between input sensitivity
and output ripple: the relation between these two
properties can be adjusted with P2

If you have an oscilloscope with slow sweep, cali-
bration of the converter should present no prob-
lems.

First, adjust the value of P+ so that the output
voltage with hard blowing into the tube just does
not cause full drive (dependent on the sensitivity of
the following instrument).

Second, adjust P2 so that the output signal is rela-
tively free of ripple, while the converter still reacts
to normal breathing. A steeper filter would have
been better here, but that would have increased the
cost.

BV

R6

D1

SR

1N414

100u|25v
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DISCO SOUND LIMITER

The environmental nuisance value of discos is in
direct proportion to their sound level. The circuit
proposed here cannot be disabled by the disc jockey,
since it is built into the output amplifiers used in the
disco. Its operation is amazingly effective: if the
preset sound level is exceeded, the input of the
amplifier is short-circuited for a few seconds. Any
disc jockey whom that has happened to a couple of
times soon gives up trying to break the sound bar-
rier.

The power amplifier output is connected to the
metering input of the present circuit (C1). This
signal is applied to low-pass filter R4-C2 via Pi
(which sets the maximum volume) and buffer IC1.
In case of line inputs, this opamp can be given a
gain of 20 dB by the omission of the wire link across
Roe.

The signal from the low-pass filter is rectified (half
wave) by ICz2 and ICs. The resulting direct voltage
is applied to A1 and A2 which compare it with two
reference voltages derived from potential divider
Rs-Ro-R10. When the first threshold is exceeded, Ds
lights to warn that maximum sound level has

almost been reached. When the sound level then in-
creases by 6 dB, A1 also toggles, which triggers
monostable ICs.

The input signal to the power amplifier (via Co,
R1s, and P>) is then short-circuited to ground via T+
Resistors R14 and Ris, and capacitor Cs, obviate
any “plops” from the loudspeakers.

Power for the present circuit may be derived from
the output amplifier. The normally quite high
supply voltage there is reduced to £15V by two
complementary power transistors. Current con-
sumption of the circuit is about 40 mA.
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GUITAR FUZZ UNIT

The fuzzbox, fuzzer, tube screamer, or whatever
other name there may exist for the controlled guitar
sound distortion unit, is a well-known item in the
electrophonic field, which is of common interest to
both musicians and electronics enthusiasts.

The majority of fuzz units are simply opamp con-
figurations with some form of maximum input level
control, which determines the degree of overdrive
by the guitar input signal, and, consequently, the
amount of audible distortion, generally referred to
as the object “sound” the player has in mind as his
very own musical visiting card.

This is probably one of the few fuzz units to feature
controllable symmetrical clipping facilities, which
means that the limit for distortion-free amplifi-
cation may be separately defined for both the
negative and positive portions of the input
sinewave(s), the peaks of which may be clipped by
means of shunt transistors T+ and T2 respectively,
each with its own clipping level control poten-
tiometer (P1; P2). The transistors, when driven, pass
the signal from input opamp IC1 to the positive
supply or to the ground rail, before buffer IC2 can

pass the “fuzzy” guitar sound to the connected
amplifier.

Preset Ps determines the minimum gain of the fuzz
unit; the desired level may be set with Pa turned to
its minimum resistance position. Next, Ps is ad-
justed to suit the maximum input level that can be
expected from the guitar. Ps and P4 may then be
alternately adjusted to hit the correct compromise
between these two signal levels.

Finally, note the three-pole changeover switch
which allows easy bypassing of the fuzzer while
simultaneously switching it off to preserve battery
power.

86427 :
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LIMITER FOR GUITARS

The basic dynamic characteristic of a chord can be
analysed as a fast rising, needle-shaped pulse with
a virtually exponential decay—see Fig.1. This
typical amplitude characteristic can only be
faithfully reproduced by an amplifier if this is oper-
ated well below its overload margin, and that, many
guitar players know, generally results in too low an
average sound level. Also, when it is desired to use
a high volume setting, the distortion soon rises to
an unacceptable level. Although the above diffi-
culty is widely remedied by means of a tightly set
compressor or limiter, the sound may then lack the
required agressiveness. This circuit is expected to
give better results than most other limiters, because
it is only active in the upper range of the dynamic
characteristic.

The gain of the preamplifier set up around IC1 is
adjustable with P+ The inverting input of the
opamp is grounded via the drain-source junction of
n-channel FET T4 which operates as a voltage-
controlled resistance here, and is driven with a
negative gate voltage derived from the limiter’s out-
put signal. The gain of the opamp is there-
fore inversely proportional to the gate voltage of the
FET, whose drain-source resistance is reduced as
the gate voltage becomes more negative. Network
Rs-Ca effectively reduces the distortion incurred by
the regulating action of the FET. It may be
necessary to redimension Rs and Ca to compensate
for the tolerance on the FET—use an oscilloscope
and a function generator to find the optimum
values for these components while the circuit is be-
ing arranged to operate at maximum compression.
The limiter is fairly simple to align. Apply a 1 kHz,
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150 mV input signal to the input, and monitor the
output signal with an oscilloscope. Adjust P1 such
that maximum amplification is obtained with virtu-
ally no distortion. Increase the input amplitude to
300 mV: this is likely to make some distortion
noticable. Carefully turn P+ back until the distor-
tion is reduced to an acceptable level. In some in-
stances, when the distortion remains too high
whatever the setting of P+, it may be necessary to
replace T+, since the Type BF256C is manufactured
with a relatively loose tolerance.

The proposed limiter leaves the lower dynamic
range unaffected, while slightly compressing the
peak amplitudes in the input signal. Optimally
aligned, it suffers none of the notorious side-effects
such as “noise breathing” and clipping commonly
associated with other units, while it enables guitar
amplifiers to be driven 3 dB harder without produc-
ing appreciable distortion.

28-08-2008 10:06:33
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136 MELODIC SAWTOOTH
Even in this era of programmable, polyphonic syn- 1 20

thesizers, interest in simple, monophonic keyboard
instruments remains. Many FORMANT owners
are still proud of their, probably first, home-built
synthesizer and are still on the look-out for new cir-
cuits for the generation of exotic sounds. For all
those, here is an easy-to-build circuit that can con-
vert a sawtooth signal at its input into an output of
double the frequency and half the peak value of the
input signal (figure 1).

Comparator IC+ transforms the sawtooth signal
into a rectangular signal (see figure 2). Adder IC2
combines the original input signal and the rec-
tangular signal.

An additional LFO (low frequency oscillator) con-
nected as shown provides pulse-width modulation
of the rectangular signal, which has a greatly
beneficial effect on the output signal.

When switch S+ is set to position b, it is possible to
inject a rectangular signal whose frequency is in-
dependent of the sawtooth frequency, which greatly
increases the number of melodic variations, as
anyone acquainted with synthesizers knows.
Power requirements can be met direct by the
FORMANT or any other =15V symmetrical
supply. Current consumption is not higher than
10 mA.

854072
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METAL PERCUSSION GENERATOR

The objective of this circuit is to obtain a
synthesizer-controlled equivalent sound as pro-
duced by such metal indefinite pitch percussion in-
struments as cymbals, gong, and anvil. Fig. 1 shows
that the generator comprises four independently
tuneable VCOs which supply rectangular output
signals to a combination of XOR gates.

One of four identical KOV (keyboard output
voltage) driven VCOs is shown in Fig. 2. The use of
fast opamp types ensures linear VCO operation well
up to 4 kHz, while FET T+ improves upon the
linearity of the voltage-frequency curve relevant to
the combination of integrator and comparator.
With the VCO constructed four times over and con-
nected as shown in Fig. 1, drive controls P1...Ps
allow the user to set the output sound as desired.
The outputs of buffer opamps A1...Aa (ICs, Type
TLO084) should measure 0 V offset with the KOV
rail grounded. If this can not be attained, the IC will
have to be exchanged with a more stable type.
Linearity of each of the VCO circuits is set with the
preset at the drain of the FET, Ps and T+ respect-
ively in Fig. 2. Use a scope to check whether the

rectangular VCO output signal has a 50% duty fac-
tor; if not, adjust the relevant preset.

As the four VCOs lack a linear to exponential KOV
converter at their inputs, it is not possible to use the
present circuit with a keyboard of the 1 V per oc-
tave type. However, many keyboards provide an ex-
ponential KOV signal whose frequency doubles
with every octave and which are, therefore, suitable
for use with this generator.
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138 PATCH CATCHER

This circuit facilitates switching between pro-
grammed settings on synthesizers, expanders, and
other electrophonic instruments. Most of these
have some provision for storing or saving user-
defined instrument settings, which are usually re-
ferred to as patches in the electrophonics en-
thusiasts’ jargon. Although this facility is a great
asset to many musicians, a problem arises when pat-
ches are to be called up in rapid succession while
playing. On some instruments, this problem is solv-
ed by a pedal that, when pressed, enables the instru-
ment to operate with the next patch from the user-
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defined file (patch increment pedal). In practice,
however, the increment function of the pedal may
still be considered cumbersome. Assuming that the
relevant instrument supports the use of eight pat-
ches, the pedal needs to be pressed no less than
seven times to switch from, say, patch 3 to 2. This
is obviously a distracting additional task when the
keyboard is to be played simultaneously.

This circuit uses a relay whose contact is connected
to the pedal input on the instrument. The user
presses a key numbered 1-8 to select the relevant
patch, and the circuit arranges for the relay contact
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to be automatically actuated, simulating the
number of pedal operations that would be required
otherwise. With reference to the circuit diagram,
IC1 is a priority encoder whose outputs Qo-Q2
supply the binary code of the pressed key S1-Se. The
pulse at therminal Eou is delayed in Re-C1 and fed
to Ns-Nes which serve to clock 4-bit latch IC2. Out-
puts Q1-Qs of this chip are applied to the inputs of
XOR gates N1-Na, together with the outputs of
counter ICs, whose binary output state is initially
assumed equal to that of IC2. Pressing one of
switches S1-Ss causes the output of ICz to change,
and one of the XOR outputs to go high. This
enables oscillator N7, so that its output pulses, in-
verted in Ne and buffered with T+, energize the relay
and increment the patch number on the instru-
ment. The oscillator pulses are also applied to
binary counter ICs, which is set up to count from
0 to 7 because its Qs output drives the RESET in-
put. After a maximum of 7 pulses, the logic levels
applied to each of the XOR gates are equal again,
so that the oscillator is disabled via Na.
. The choice between the make or break contact of
the relay is governed by the type of pedal this circuit

87432

is to replace. Preset P1 is adjusted such that the in-
strument is just capable of reliably following the ac-
tions of the relay. After turning on the equipment,
it is necessary to first press S, then select the first
program on the instrument, and finally make the
appropriate connection between this and the patch
catcher.

The circuit, exclusive of the relay, consumes only a
few milliamperes. The prototype, fitted with the
stated Siemens relay, drew a mere 50 mA from the
9V supply.
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QUARTZ-CONTROLLED TUNING FORK

Musical instruments are tuned with the aid of a
signal source that generates a signal at a frequency
of 440 kHz. An electronic tuning fork is superior to
its mechanical counterpart as far as dimensions,
weight, and stability with temperature are concern-
ed. The stability is obtained by controlling the
signal source by a quartz oscillator. The output of
the oscillator is frequency-divided and then
amplified. The output may be made audible by, for
instance, a small loudspeaker.

In the accompanying diagram, Ni, N2, and the

quartz crystal form the oscillator. The precise fre-
quency, measured at the Q terminal of FF2 with a
calibrated frequency meter, is set with Ci. Divider
Type 4059 is easily programmed to a different
divisor. A duty factor of 50 per cent is ensured by
FFa.

The transducer is shunted by a 100 nanofarad ca-
pacitor, because most transducers have a much bet-
ter high- than low-frequency response, which causes
very shrill sounds.

16mA
-
S1
c3 ——
E v
op —
16V

R3

B"

@ 100n
24|10| 15 20| 21 4 14 13 P
Voo ' out |22 CLK Q p O b O ﬁ
UeLk 4059 ( +1862) FF2

% ®r s X1 = 3.2768MHz
] N1..N6 = IC1 =4049

FF1,FF2=1C2 =4013

86478 - 1

140

SOUND-LEVEL INDICATOR

This novel indicator is ideally suitable for use in a
discotheque. It consists of eight equi-distant
columns of eight LEDs arranged in a starlike pat-
tern, so that corresponding LEDs in the eight
columns form concentric circles, as shown in fig-
ure 1b. The higher the sound level, the more circles
light, giving the impression of a star of constantly
varying brightness.

As can be seen in figure 1b, the eight LEDs in any
one of the eight circles are connected in series. Each
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of these series chains is driven by a transistor:
T1...Ts in figure la. Dropping resistors are not re-
quired: the positive supply voltage provides just
over 1.8 V per LED, which is a perfect value for red
LEDs to show up nicely.

Transistors T1...Ts are driven by differential
amplifiers A1...As, which compare the audio-
dependent direct voltage across Cz, which is buf-
fered by A12, with the potential determined by D11
and R11...Rus. If the result of the comparison is
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positive, the associated driver transistor is switched
on, and the appropriate circle of LEDs lights. The
LED in the centre, Dg, is driven by Te and only
lights when the sound level is very low.

The direct voltage across Cz results from full-wave
rectification in A1o and A+1 of the input signal after
this has been amplified in Ae. The input sensitivity
is about 600 mV for saturation, i.., to light all sixty-
four LEDs; it can be increased by lowering the
value of Ra.

The speed with which variations in sound intensity
are indicated depends on the value of Cz: if this is
10 uF, the light pattern changes slowly, whereas
when the capacitor is omitted, it reacts instantly to
different sound levels.
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The indicator is constructed on two printed circuit
boards (figures 2 and 3). The LED board in figure 3
has not been provided with a component layout
because of aesthetic considerations. The layout is,
however, given on the PCB in figure 4 for those
who want to use it all the same. The two boards can
be fitted together with the use of spacers: appro-
priate holes have been provided for this in a manner
which ensures that the 11 terminals for interconnec-
tions on the boards are opposite one another.

An interesting optical effect arises when a sheet of
red perspex is mounted in front of the LED board.
Refraction in this material causes the LEDs to show
up as sources of diffused, rather than pinpointed,
light.
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The current consumption of 800 mA at saturation
may be reduced by lowering the supply voltage to,
say, 12V, but this will, of course, reduce the

brightness of the display.

Parts list
Resistors:
R1 = 270 k
Ri*, Ria = 10k
Rs = 100 k
Ra...Rs,R19.. . R27 =
15k
Re = 22 k
Rio = 1k8
R11,R12 = 27 k
Ris = 18 k
Ris = 8k2
Ris = 6k8
Ri7 = 2k2
Rie = 1k
Rzs = 820 Q
P1 = preset potentiometer,
250 k
D61
=
D53
LAY D45,
® +5v D37
D29
D21
1
» .
. 6
o 7

£ 8
D68/ D60/ Ds2| D44| D36/ D28/ D20/ D127

-
-,

D19,
D27
D35
D43
Ds1
D59

D67,

D4...D68 = LED red
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DS

D4

D10

D18

D26

D34

D42

D58

D66

Capacitors:
Ci = 560n
Ci* =0...10u/16 V
Cs = 47 /16 V
Cs...Ce = 100 n
Semiconductors:
T1...Ts = BC550C
Te = BC560C
D1,D1 = 1N4148
Ds = zener diode 5V6/400
mW
Da...Dss = LED red
IC1,IC1 = LM324
ICs = TLO84
* = see text
PCB 85470-1
85470-2
4
D62
D54
D46
o
D38 D63
D55
D30
D47
D22 D39
D31
D14
D23
D6 D15
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141 SWELL PEDAL

Reminiscent of the accelerator pedal in a car, a swell
pedal enables musicians to alter the sound volume
by foot, since they invariably need both hands to
play their instrument. Electronic organs have the
swell pedal normally built into the front near the
other pedals. Guitarists have to buy this almost in-
dispensable aid for getting the right blend of accom-
paniment and solo voice(s) as an optional extra.
From an electronic point of view, such commercial-
ly available devices are simplicity itself: normally
nothing more than a potentiometer operated by the
foot pedal via a toothed bar. The mechanics, how-
ever, make home construction a rather more daun-
ting task. The swell pedal described here avoids the
mechanical intricacies.
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The circuit is entirely contained in a flat case of
about the shoe-size of the user — see figure 1. A
wedge-shaped, hollowed-out piece of foam rubber is
glued onto the lid of the case. A light-emitting di-
ode, Ds, and a light-dependent resistor, LDR, pro-
trude from the lid. A small sheet of metal or plastic,
the underside of which is covered with white paper
or cardboard, is then glued onto the foam rubber.
The top of the metal or plastic sheet may be covered
(glued) with a small rubber mat.

When the foam rubber is compressed by foot
pressure, the reflective white paper or cardboard
comes nearer to the LED and LDR, which causes
the resistance of the LDR to diminish. Because of
the amplifying, inverting, and compensating action

28-08-2008 10:07:42
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of IC+, a voltage is applied to IC2 which is used to
control the drive current provided by transistor T+
for OTA (operational transconductance amplifier)
ICa.

After the pedal box has been glued together, so that
the electro-optical components are in a light-proof
chamber, adjust P+ so that with non-operated pedal

the sound volume is just at the right level for ac-
companiment. For solo playing, the pedal is
depressed as required to obtain the increased sound
volume. It is advisable to fit P+ in the side of the
pedal case as shown, so that it can be re-adjusted at
a later date if required.
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WAH-WAH BOX FOR GUITARS

§E6LL);
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Al...A4=IC1=TL084 15V

In this day and age of electrophonics, a wah-wah
box is still a popular means of animating an other-
wise tired sounding guitar. Such a box, which is
basically a high-Q low-pass or band-pass filter, can
be designed in various ways. Early designs were in-
variably based on active (transistorized) double-T
filters.

The present circuit, using opamps and operational
transconductance amplifiers (OTAs), is rather more
complex but also more efficient and more reliable.
Three pairs of opamps, each consisting of an OTA
and a buffer amplifier, in conjunctions with
capacitors Cz, Cs, and Cas, form a low-pass filter.
Since the usual series resistances have been replaced
by voltage-controlled current sources (OTAs), the
roll-off frequency of the filter is determined by the
currents flowing into pin 5 of the 3080s. These cur-
rents are themselves directly proportional to the in-
put control voltage, Uc, which has been converted
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in A1 and T+ This voltage, which is derived from a
swell pedal, can have any value between 0 V and
about 12 V.

The negative feedback from output to input enables
the Q of the filter to be set with P2

The swell pedal may be constructed as described
elsewhere in this issue: it can actually be installed in
one case together with this wah-wah filter!

As it is difficult to describe sounds, and we are sure
that the guitar players among our readers will in
any case experiment themselves, we will not dwell
on what to expect from this musical adjunct. No
calibration is needed: the box works or it does not!
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ELECTRONIC VHF/UHF AERIAL SWITCH

=c

There are many situations where it is useful, or
downright essential, to be able to switch between
two VHF/UHF aerials at the aerial mast without
introducing losses in the signal paths. The switch
proposed here does all this over the usual coaxial
down lead.

The switch and its small associated power supply
are fitted near the relevant receiver. The power
supply, consisting of a small mains transformer, a
rectifier diode, and a three-pin voltage regulator,
provides a direct voltage of 5V, the polarity of
which can be reversed by DPCO (double-pole
change-over) switch S+. The poles of the switch are
connected to the coaxial cable via decoupling net-
work Ls3-Ch. Resistor R+ serves as a current limiter
for p-i-n diodes D1 and D2. Whichever of these
diodes conducts depends on the polarity of the
voltage across the coaxial cable. The signal from the
aerial connected to the conducting diode is passed
to the input of tuner or receiver, while the other
signal is blocked.

A p-i-n diode is a semiconductor diode that contains
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a region of i-type semiconductor between the p-type
and n-type regions. They are invariably used as
switching diodes. Their most important property is
a very low self-capacitance, while at high fre-
quencies they are virtually purely resistive (see
Elektor, June 1983, p. 6-36).

Choke Ls is made from four turns enamelled copper
wire of 0.3 mm dia. around a ferrite bead. If the
aerials have no 75 Q termination, this may be pro-
vided by L1 and L2 which convert the 300 Q balanc-
ed aerial impedance to the asymmetrical 75 Q re-
quired by the receiver input. These inductors are
made by winding 7 turns of two-core flat cable on
a T50-2, T50-3, or T50-6 toroid as shown in fig-
ure 2.

If the switch is mounted in the open, it should be
well protected from the elements: potting in araldite
is best.
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FOUR-WAY AERIAL SWITCH

In many cases it may be necessary to switch be-
tween two or more aerials with minimum loss in the
RF signal. Though this is not generally a problem
at low frequencies, it becomes a serious one when
the relevant signal is in the VHF/UHF range (50-
960 MHz). The electronic switch described here
keeps the switching losses minimal by making use
of PIN diodes. PIN diodes are essentially current

controlled resistors with properties that make them
suitable for switching and attenuating RF signals.
They differ from most other types of diode in that
rectification of the input signal only occurs below a
certain limiting frequency. Above this frequency,
the resistance of a typical PIN diode will change
from 19 to 10,000 when the control current is re-
duced from 100 mA to 1 uA.
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The circuit can switch up to four aerials, and is
composed of two functional parts: the RF
switching section, mounted onto the aerial mast,
and the power supply & control section, kept near
the receiver. In this way, the cost of setting up a
multi-aerial system is reduced to some extent
thanks to the use of a single downlead cable, instead
of as many as there are aerials.

The required aerial is selected by biasing the corre-
sponding PIN diode into conduction. Which of the
four diodes conducts depends on the level and the
polarity of the voltage applied to the switching unit
via the downlead cable to the receiver. When, for
example, input 1 is selected with S4, the voltage on
the core of the downlead cable is +12.7 V with
respect to the cable screen, and can not reach the
circuit around Ts and T4 because Ds does not con-
duct. The level of the positive voltage causes zener
diode D~ to conduct, and so provides a bias for T+,
driving it into saturation. T+ in turn provides the re-
quisite bias for PIN diode D+, and at the same
time prevents T2 from conducting. Input 1 is thus
connected to the common output of the switching
unit, through D+. If St is set to position 2, the
supply voltage on the downlead cable falls to 8 V,
which is insufficient for D7 to conduct. T+ now re-
mains switched off, and Tz is driven into saturation,
providing the required bias current for the associ-

*see text
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ated PIN diode, D2. Diodes Ds and Ds prevent D+
from being biased through Rz and the base-emitter
junction of T2. Input 2 is thus connected to the
common output through D2.

Similarly, when the voltage on the core of the
downlead cable is negative with respect to the
screen, the circuit around Ts and Ts works as
outlined above, with either Ds or D4 conducting,
depending on the level of the voltage (—8 or
—12.7V).

Inductors Li1-Le prevent the RF signal from being
earthed anywhere in the circuit, while L7 prevents
it from being short-circuited in the power supply.
For VHF applications of the circuit, 5 uH inductors
or chokes should be used in the Li-Lz positions,
while 2 uH types are required for UHF operation.
The RF signal from the selected aerial is passed to
the receiver input through Cis, which serves to
block the direct voltage. In case balanced aerials are
to be switched, their outputs must first be made un-
balanced and, if necessary, transformed to 75Q,
using a balun.

et
D15 ox15v

100mA
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FRONT-END FOR FM RECEIVER

Among the most important technical characteris-
tics of a VHF preamplifier are the noise figure, and
the large signal handling capability. Although these
are in principle conflicting requirements, a compro-
mise can be found in the use of high-quality RF
components. The receiver’s ability to withstand
high input levels can be enhanced by providing suf-
ficient selectivity ahead of the active element(s).
This is especially important for the mixer, since it
generates most intermodulation products.

In this FM tunerhead, the aerial signal is first
passed through a slightly overcritically coupled
band filter, amplified with the aid of low noise UHF
transistor T+, and again filtered. The overall gain be-
tween the aerial input and the mixer input is about
12 dB at 87 MHz, and 17 dB at 108 MHz. The dif-
ference is caused by the adopted method of filter
coupling. A wideband Schottky DBM (double
balanced mixer) is used for the mixer in this design.
The Type SBL-1 (LO = +7 dBm) is probably the

c2 ca cs cr

best available of the 3 DBMs stated. Tuneable local
oscillator T2 produces very little phase noise, and
DG MOSFET Ts provides a LO power of 50 to
100 mW at a drain current of about 25 mA. FET
Ta enables driving a prescaler or a synthesizer with
the LO signal. Series network Re-Cao is fitted at the
input of the IF amplifier because any passive DBM
should be correctly terminated on at least two of its
ports. To compensate for the 6 dB conversion loss in
the DBM, and to ensure some spare IF gain,
medium power RF J-FET Ts is dimensioned to pro-
vide a gain of about 12 dB at a drain current of
25 mA.

The proposed front-end gives fairly good results: its
third-order intercept point is better than 0 dB when
a mixer is used with I[P = +20 dBm, while the
noise figure is about 4 dB. This sort of performance
should enable the reception of quite weak transmis-
sions even with a powerful transmitter within a few
miles from the receiver.
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Finally, due account should be taken of the fact
that the IF output easily delivers 10 mW, which
may well give problems if the IF amplifier is not
properly dimensioned.

Inductor data for this project:

L1...Ls incl. =E526HNA10014 (Toko).
Le=E526HNA10013 (Toko).

L7...Le;L1a= 6 turns 36SWG (@ 0.2 mm) enam-
elled copper wire through a ferrite bead.

L11= 9 turns 24SWG (@ 0.6 mm) enamelled cop-
per wire on a T25-12 ferrite core; tap at 3 turns from
Cas-R15-Rs.

146

FRONT-END FOR SW RECEIVER

There are many conflicting technical requirements
for a good-quality front-end in an SW receiver. The
noise figure and the intermodulation level should be
low, the RF insulation between ports LO, RF and
IF should be high, and some amplification is
desirable. The Type SL6440 high level RF mixer
from Plessey ensures a noise figure of around 10 dB,
and offers sufficient suppression of the LO signal.
The signal applied to the RF input (B) of the front-
end is passed through a low-pass filter with a cut-off
frequency of 32 MHz and an output impedance of
500 Q. The open collector output of mixer IC+ has
a relatively high impedance, which necessitates the
use of Tr1 and Rs for correct matching to 48 MHz
crystal filter FL1. The fixed impedance of this filter
for signals outside its pass-band helps to keep the in-

termodulation distortion low. Trimmers C13 and C14
are aligned for a maximum flat pass-band at
minimum loss. The mixer’s intermodulation charac-
teristics can be optimized by careful dimensioning
of R1 and Rz, provided the amplitude of the local
oscillator signal is stable. A third-order intercept
point of 33 dBm was achieved in a prototype. The
mixer IC gets fairly warm, and should be cooled
with a heat-sink.

The RF transformers are wound as follows (use
30SWG enamelled wire):

Tr1: the primary winding is 10+ 10 bifilar turns, the
secondary is 10 turns, on a Type T50-12 ferrite core.
Tr2: the primary winding is 2 turns, the secondary
18 turns, on a Type T50-12 ferrite core.

Le: 6 turns through a ferrite bead.

* see text
*
¥ Tt
14— —o0 v
ci4
TCA -{ FL1 Cﬁf Q .
440 ™ YF 48D20 71 200
; P R2FIRI[S
2 ¢——t —o [ L L - —
— hd = 22n 470n
c1o 14| 3 1 4
11 5
- Ic1
A D R3 . SL 6440
8 A = Local oscillator input
B = Octave filter input
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HIGH LEVEL PASSIVE DBM

The mixer is one of the most important sections in
any good-quality SW receiver, since it determines to
a large extent the sensitivity and the dynamic range.
The so-called switching mixer is often used, because
it has none of the technical imperfections of active
mixers. The most commonly found switching mixer
is the diode-based double balanced type (DBM),
which is, unfortunately, a notoriously expensive
component, especially when a high intercept point
is required to cnsure low levels of intermodulation.
The application of active devices, such as bipolar
transistors and J-FETS, in a passive mixer is less well
established. And yet, these components enable the
mixer to remain relatively simple, since the RF in-
put signal can be thought of as electrically insulated
from the local oscillator output. The present design
is based on a pair of well-known UHF transistors,
which require no supply voltage or bias circuits.

The input and output transformers are wound on
two-hole ferrite cores (Baluns). The primary of Tr2
is 8 turns with a centre tap for the RF input, the

LDD

T1,T2=BFR91,BFR96. " 87483

secondary is 4 turns. Tr1 is wound such that the in-
dicated LO amplitude is available at the secondary.
Only the RF input or the IF output requires correct
termination on 50 Q, the other connections are
then fairly uncritical. The input intercept point of
this mixer is excellent at between 31 and 36 .dBm,
while the noise figure and conversion loss are ac-
ceptable at about 6 dB. The LO rejection is roughly
25 dB, and depends mainly on the construction.
The mixer is suitable for RF and IF signals up to
30 and 50 MHz respectively.
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HIGH LEVEL WIDEBAND RF PREAMPLIFIER

A linear RF amplifier can be made in two ways: (1)
with the aid of a linear active element, or (2) with
a non-linear element operating with negative feed-
back. This circuit is of the second kind, using an RF
power transistor as the active element. Feedback is
also required to ensure correct termination (50 Q) of
the aerial, since bipolar transistors normally exhibit
a low input impedance. Also, the noise figure is not
increased because virtually no signal is lost.

The common-base amplifier is based on a UHF
class A power transistor Type 2N5109 from
Motorola. The feedback circuit is formed by RF
transformer Tri. The input and output impedance
of the preamplifier is 50 Q for optimum perform-
ance. Network R3-Cs may have to be added to
preclude oscillation outside the pass-band, which
ranges from about 100 kHz to 50 MHz. The gain is
approximately 9.5 dB, the noise figure is between 2
and 3 dB, and the third-order output intercept point
is at least 50 dBm.

The input/output transformer is wound on a Type

15v
@ = 75mA

* see text

FT37-75 ferrite core from Micrometals. The input
winding is 1 turn, the output winding 5 turns with
a tap at 3 turns.
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LOW NOISE AERIAL BOOSTER

After having read the design essentials relevant to
wideband amplifiers, RF filtering, intermodula-
tion/crossmodulation characteristics, etc., as given
in the articles listed at the end of this article, there
would seem to be little need for us to dwell on func-
tional and electronical aspects of the present ultra
low-noise, wideband preamplifier incorporating the
wonderful Type BFG65 transistor, which, although
already introduced in [3], deserves to be put in the
RF limelight as it offers an exceptionally low noise
figure at more than satisfactory strong signal
response, thanks to the relatively high collector cur-
rent (Fa=0.8 dB at 5 mA, for instance).

Since the important points to observe in RF con-
struction have been covered in [1] and [2], the large
earth plane on the component side of the ready-
made PCB Type 86504 need not cause any wonder;

all parts are soldered direct onto the relevant copper
fields; the holes merely serve to aid in locating the
parts correctly. The hole for T+ should be drilled to
dia Smm for the transistor to be seated and
soldered with the shortest possible lead length.
Additional holes have been provided to enable the
input and output coax cables to be secured by
means of screw-on clamps, although soldering
screen and core should also be possible.

It is seen that the ready-made PCB consists of an
RF and a supply section, which may have to be
separated by cutting if it is desirable to fit the units
at different locations, as is the case with a masthead
mounted amplifier and the supply located at the
nearest mains outlet, e.g. on the attic. On the other
hand, if is more convenient to cut the downlead
cable immediately as it appears indoors, amplifier

12V 5..15mA

cs .
50..750 |R2[y °%° BFG65 8%  |s50..750
© LiC%
R1 P1
1k8
5k *see toxt
——
~, F1 50mA
D1...D4 = 1N4001
12V P
| 1c1 47“12V§| Tri
78L12 Cc10/50mA
c7 I47n
1 470p N
16V 25V
86504

178



@EPS.B6504

and supply may be left to form one unit for inser-
tion in the coax cable. As in that case the amplifier
may be fed direct rather than via the coax cable
core, La, Ls, Cs and Cs are rendered unnecessary
and may be removed; the free lead of Rs should
then be connected to the +12 V terminal on the
supply section of the board.

The optimum collector current for T+ is adjusted by
means of Py which should be set for a value be-
tween 5 and 7 mA if the amplifier is to handle rela-
tively weak signals, such as may be received in
fringe areas. The indicated collector current cor-
responds to 2.3 to 3V voltage drop across Rs;
higher values (10 to 15 mA; 4.6 to 6.1 V respect-
ively) should be set when receiving two or more
strong (local) transmissions in the 80...800 MHz
band.

If masthead-mounted, the amplifier should be fitted
in a waterproof enclosure, carefully treated with
silicone spray to preclude corrosion of the solder
contacts.

Finally, the coils are wound as follows, using dia
0.3 mm (30 SWG) enamelled copper wire:

L+: 8 turns, closewound, internal dia 3 mm.

L2: 4 turns, closewound, internal dia 3 mm.

La: 5 turns on Ra.

La;Ls: 4 turns through 3 mm ferrite bead.

Literature references:
[11 VHF filters
(EE, March 1986, p. 50 ff).
[2] VHF amplifier
(EE, April 1986, p. 40 ff).
[3] Wide band amplifier for satellite
TV receivers
(EE, April 1985, p. 66 ff).
[4] Aerial amplifiers
(EE, February 1980, p. 27 ff).
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Parts list

Resistors:
Ri=1k8
R2=18k
R3=330 Q
R4=820 @
Rs=470 @
P1=5 k preset

Capacitors:

C1;,C4Cs=68 p

C2;C3=680 p

Ce=1n

Cr=1 ;16 V; electrolytic
Ce=470 ;25 V; electrolytic
Co;C10=47 n

Semiconductors:

D1...Da=1N4001
IC1=78L12
T1=BFG65 (Philips/Mullard)

Miscellaneous:
Li...Ls= see text.
Tri= 12 V;50 mA.
Fi1= 50 mA; fast.
PCB Type 86405.
4 soldering pins.
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150 MORSE FILTERS

Morse, or CW (continuous wave), is still widely
used thanks to the fact that the necessary equip-
ment can be kept relatively simple, and therefore in-
expensive, if the operator is sufficiently trained in
selective listening. A morse decoding. computer,
however, requires an adequately filtered input
signal, because it lacks the noise discriminating
capability of the human ear. Some receivers can be
upgraded with a 250 Hz IF filter for this purpose,
but such an extension is usually well beyond the
financial reach of most radio amateurs. The filters
discussed here operate in the audible frequency
range, and compare favourably with far more ex-
pensive types for 455 kHz. Figures 1 and 2 show
the circuit diagram and the typical response of an
eighth-order inverse Chebishev filter which has
been optimized for non-computer using listeners.
The filter of Fig. 3 is less complex, and intended for
driving a computer. The associated frequency
response is shown in Fig. 4. Both filters were de-
signed with Eldesign Ile, an advanced filter design
program for the BBC micro. The inverse Chebishev
response gives a smooth pass-band, while the

characteristic ripple ends up in the stop band. This
ensures the required phase stability in the pass-
band, which is a must for processing burst-like
signals such as morse.

Prototypes of the filters gave excellent results: nor-
mally hardly audible signals could be recovered for
reliable decoding. The supply for the filters is
preferably a symmetrical 15 V type to ensure an op-
timum dynamic range. Do not use any other opamp
than the LM324, since types with a higher cut-off
frequency may give rise to oscillation. Note that C1
in Figs. 1 and 3, and Cz in Fig. 1, is a parallel combi-
nation of two capacitors from the E12 range of
values, while all resistors used are from the E96
range. Should any of the filter sections persist in its
tendency to oscillate, either one of the even-num-

‘bered opamps may have to be dimensioned for a

slightly different roll-off point by connecting a
100 pF capacitor across the output and the —
input, and a 390Q resistor between the

— input and junction Cs-Rs-(-A 1) (example refers to
opamp Az).

O=1%
A =5%, MKT

A1...A4=IC1=LM324
A5...A8=IC2=LM324
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MULTI-MODE ,P-CONTROLLED IF MODULE

The intermediate frequency (IF) module shown in
Fig. 1 accepts 48 MHz, and is suitable for receiving
AM, FM and SSB transmissions. CW reception
should also be possible in the SSB mode when a suf-
ficiently  narrow  bandfilter is  included
(BW <500 Hz). For radio-teletype (RTTY), it is best
to drive a comparator from the FM detector output.
There is no need for a high level mixer to convert
the input down to 455 kHz, since the 48 MHz
signal has already been filtered and occupies a
bandwidth of only 12 kHz. The RF and mixer
stages in the TCA440 operate up to 50 MHz, while
the built-in AGC has a dynamic range of about
100 dB. The mixer output is fed to diode switches
to enable digital selection of the appropriate band-
width.

The proposed selection circuit ensures a filter
separation of the order of 80 dB. The choice of the
455 kHz filters is governed by the particular appli-

cation and the financial means available. The CLF-
D12 and CLF-D2 are for FM/AM and SSB respect-
ively: the number in the type indication stands for
the bandwidth. The Type CLF-D4 or CLF-D6 can

. be used equally well for communication quality

AM. Unfortunately, narrow-band filters for CW
and RTTY are difficult to obtain, but “add-on”
500 Hz or 250 Hz filters for commercially available
receivers and transceivers (Yaesu, Kenwood) can be
used here with excellent results.

The IF output from IC: is rectified for the AM and
AGC sections, and inductively fed to FM detector
ICa as well as to product detector ICs. Note that in
general no AGC action is required in the FM and
RTTY mode. The BFO for the product detector is
based on USB and LSB ceramic resonators, which
are found in most SW receivers of Far Eastern
origin, but may be difficult to obtain as a one off.
The circuit around Ta is a voltage-controlled
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Bandwidth

2kHz

D o N3

Mode

Pre:
selector

6 RI6
D an7 NG

I3
3

M@ 2 O—

N1... N6=IC1=4049B

N7...N12=1C2= 40498 T14,716, T18, 720,722, T24

48 MHz crystal oscillator (VCXO) that operates in
the parallel mode, requiring due attention to be paid
to the correct output frequency if a common, series-
resonant crystal is used. The synthesizer for tuning
the proposed receiver outputs 1 kHz steps, so that
a D-A converter is required for driving the VCXO
input. A resolution of 10 Hz should be adequate to
ensure smooth and reliable tuning.

The computer interface for controlling the receiver
is shown in Fig. 2. This is essentiallya S Vto 15V
logic level converter with TTL/ICMOS compatible
control inputs. The remote control of the receiver
obviates the need for this to be housed in a neat
enclosure. Albeit that the receiver therefore need
not have a ”desktop” appearance with all the con-
trols fitted on a front panel, it is, of course, still

T1...T13,T15,T17, 119,721, 723 = BC5478
BC557 87488

necessary to provide for adequate screening and
thermal stability. Sufficient AF power is available
from ICs to drive a relatively long cable to the loud-
speaker enclosure, which is located near the com-
puter.

The receiver can be controlled from any computer
that has three 8-bit output ports based on, for in-
stance, Type 74LS374 octal latches. A receiver func-
tion is enabled when a logic 1 is written to the
respective input. Example: 4 kHz bandwidth is
selected by driving BaANDWIDTH input 4 high, and the
remaining five low. Writing a computer program for
controlling the receiver should not be too difficult
if the following sequence is observed: 1. actuate the
squelch; 2. reset all bits on the relevant control port;
3. set the required bit; 4. turn off the squelch.
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152 NOISE BLANKER

A noise blanker is indispensable for improving the
reception of very weak signals on the SW bands. In
most communication receivers, the selectivity of in-
termediate frequency (IF) filters cause interfering
pulses to be widened, blotting out the wanted
signal. It is useful, therefore, to suppress inter-
ference before this can wreak havoc in the IF ec-
tions of the receiver.

The 455 kHz IF signal is first buffered in T2, and
then processed separately in two circuits.

The lower section of the circuit is a TCA440 based
receiver for the interfering pulses. The TCA440 is in
itself a virtually complete receiver, since it com-
prises an RF amplifier, a mixer, and an IF amplifier.
All stages in the latter are used since pin 4 is
grounded here. The pulse receiver has its own AGC
(automatic gain control) to ensure effective suppres-
sion of relatively weak interference also. Preset Pi
and potentiometer P2 enable precise adjustment of
the noise blanker for various levels of interference.

The circuit can be controlled digitally via R23; a
logic high level renders the noise blanker ineffective.
The interfering pulses are made logic compatible
with the aid of opamp IC2. LED D3 lights when
noise is detected.

In the upper section of the circuit, the IF signal is
first delayed in FLi to compensate for the process-
ing time in the pulse receiver. ESi1 is opened when
a sufficienly strong interfering pulse is recognized,
so that the IF signal is no longer applied to output
buffer T2. Also, the gate of this FET is then
grounded for RF signals via ES3-C4, while ES2 is
closed to maintain correct termination of FL1.
Properly constructed, this circuit achieves noise
suppression of the order of 85 dB. Alterations to
suit operation at an IF other than 455 kHz involve
Li and FLi, although due account should be taken
of the parasitic capacitance of the electronic
switches at relatively  high  frequencies.
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NARROW-BAND IF FILTER

680p 220p % % % 560p 680p
*see text
3300 330 0
% * in2 % 680p % 680p *® l
86442 - 1

Since good crystal filters are expensive, there is a
constant search for (less expensive) alternatives.
One of these is the ceramic filter, now widely used
as IF filter in short-wave receivers. The somewhat
poorer temperature characteristics of ceramic filters
(as compared with those of crystal filters) are nor-
mally not of much consequence.

Numerous experiments have finally led to the cir-
cuit of Fig.1, which uses five 455 kHz ceramic
filters. As computer crystals can be obtained cheap-
ly nowadays, it would also be possible to construct
a similar filter with a number of such crystals.

The result of our experiments is a 3 dB filter band-
width of about 800 Hz; the attenuation outside the
pass-band is of the order of 60 dB.

A possible application is its use in a receiver with

" variable bandwidth for SSB, AM, and FM oper-

ation.

Another application is as input filter in a receiver
whose dynamic frequency range is inadequate (but
the IF should then not be 455 kHz).

Finally, note that correct matching of both the in-
put and output impedance (330 ohms) is imperative.
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NAVTEX RECEIVER

NAVTEX, the international maritime service that
provides navigational and meteorological infor-
mation via RTTY (radio teletype) on 518 kHz,
makes use of FECTOR. This is a system in which
the information is transmitted twice, with a par-
ticular interval between the first character and the
repeat. FECTOR is decoded automatically by a mi-
croprocessor that is coupled to the ship’s medium
wave receiver.

It is, of course, not desirable that the decoder is
taking up the medium wave receiver continuously.
On the other hand, navigational officers, and many
amateur radio listeners, do not want to miss one
iota of NAVTEX information. Obviously, a second
receiver is the answer, and this can, of course, be
coupled to the decoder night and day. Since only
one frequency, 518 kHz, and one type of trans-
mission, FSK (frequency shift keying), needs to be
received, the circuit can be kept quite simple.

The circuit is based on a type TCA440. The AGC
(automatic gain control) provided by this IC is not

used because the IF amplifier, due to its internal
symmetry, is already an excellent limiter for FSK
signals.

The internal oscillator is not used either: it is re-
placed by a crystal oscillator, T+, operating on
5185 kHz, that is followed by a decade scaler, ICa.
The exact frequency of the crystal depends on the
requirements of the decoder; trimmer Cs enables it
to be varied by a few kHz, ie., a few hundreds of
Hertz at the output.

Thanks to the TCA440, the remainder of the re-
ceiver is fairly simple without the need of special
components. Standard chokes can be used in the
L2. .. La positions; L1 consists of 6 turns enamelled
copper wire of 0.3 mm dia. on a ferrite bead.
Sensitivity of the receiver is good at a few V.
Calibration is very simple: adjust input trimmers Ci
and Cz for maximum output, and then turn Cs un-
til the output frequency matches the decoder.
The crystal should be suitable for parallel resonance
with a capacitance of 30 pF.
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*see text

2 5185 kHz

c3
40p

Current consumption is not greater than 10 mA.
The supply voltage may be 4...15V.
It is, of course, a fairly simple matter to make the

50k

85501

receiver suitable for use on other maritime medium
wavelengths.

155 RTTY CALIBRATION INDICATOR

To calibrate an RTTY (radio teletype) decoder cor-
rectly in accordance with the marks and spaces, an
oscilloscope is needed. The mark and space signals
are applied to the X and Y inputs of the instrument
respectively, when, on correct calibration, the

screen of the oscilloscope displays the well-known
RTTY cross.

If an oscilloscope is not available, the circuit shown
here can be used. It consists of two amplifiers with
high-impedance input, T+ and Tg that are followed

12v

60 mA

BF 245C
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by driver stages T2...Ta and Ts...Tz The driver
stages control three LEDs, D1. . .Ds direct. Diode
D1 (red) is the mark indicator, D2 (green) is the space
indicator, and Ds (amber) indicates whether the
decoder has been calibrated symmetrically.

Preset potentiometers P+ and P2 determine the am-
plification of the field-effect transistors. Proper set-
ting of these components enables the indicator to
be matched with the filter outputs of any RTTY
decoder.

After the indicator has been coupled to the RTTY

decoder, that unit can be calibrated as follows:

B tune the short-wave receiver to the marks; the
BFO knob must be adjusted until the red and

amber LEDs both flash brightly;

B the RTTY decoder is then adjusted to the correct
frequency deviation, indicated by the flashing of

the green LED. If the amber LED lights continu-

ously, the decoder has been calibrated correctly.

Otherwise, the above procedure should be repeated

carefully.

156 RTTY/CW FILTER

An appreciable part of short-wave radio traffic takes
place via morse and radio teletype transmission. To
ensure optimum reception of these types of trans-
mission, a practical bandwidth of about 300 Hz is
required in the receiver. Such a bandwidth allows
for some drift of both transmitter and receiver, and
also for the frequency shift of RTTY signals. As
commercially available filters meeting these re-
quirements are still rather expensive, it pays to build
your own: a suitable one is shown in the accompa-
nying diagram.

The crystals used are inexpensive types, commonly
found in computer systems.

Inductor L+ is made by winding 2 times 20 turns en-
amelled copper wire of 0.3 mm diameter onto a

X1...X4 = 24576 MHz
Xﬂ1 X2 X3 )ﬁ

*®Q

DO.

Cs Cs]

?Bp =Esa ?Bo ?:w
—-—

85489

T50/2 RF toroid (available from Cirkit).
Some parameters of the filter are:

B bandwidth at —6 dB points : 300 Hz
B bandwidth at —60 dB points : 1100 Hz
B insertion loss : 7 dB

B ripple in pass-band : 1 dB

157 S METER

Since many amateur receivers are fitted with an S
meter that functions far from logarithmically, the
proposed circuit should be a welcome extension of
such receivers. .
Although ICs such as the CA3089 or the CA3189
are not in common use any more, they serve a
useful purpose in the meter circuit, because, apart
from a symmetric limiter, a coincidence detector,
and an AFC amplifier, they contain a very good
logarithmic amplifier-detector.

As is seen, the circuit is fairly simple, but remember
that these ICs operate up to about 30 MHz, so that
the wiring of the meter, and also its connections in
the receiver, should be kept as short as possible.

12V<40mA

CA 3189

< 250pA

©

864251

187



Note further that

M the input of the CA3189 must be terminated by
50 Q;

M the connection to the input of the CA3189
should be in screened cable;

M if it is not possible to obtain the input signal from
a low-impedance source, a source follower

should be used between it and the meter circuit.

0C volls =

INPUT SIGNAL - »¥ =

ssazs2

SEND/RECEIVE IDENT

12v

PTT

Al

transmit/receive

Some radio amateurs like to give an identification
signal at the beginning and end of a message; others
frown upon this practice which they find disturb-
ing. If you belong to the first group, you may find
this circuit useful as it gives an ident signal auto-
matically when the transmit/receive key is pressed
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and just after this has been released again. The two
signals are identifiable by being slightly different in
frequency.

XOR gate N1 functions as a monostable, whose
output is high for a short time after its inputs either
change from high to low (at the onset of a trans-



mission), or from low to high (at the end of a trans-
mission). Its output is applied to an oscillator,
N2/Ns, and to the transmit/receive switching sec-
tion. When the input pin 6 of Nz is high, this XOR
gate functions as an inverter, so that the oscillator
generates a short tone in the medium audio range
which is fed to the microphone via limiter Da/Ds.
The frequency determining network is earthed via
C'1 and D1 or via C1 and R4, depending on whether
the transmit/receive key is pressed or has just been
released.

During transmission, the rx/tx output is low: this
output is intended to be connected to the corre-
sponding input of the transceiver. Transistor Tz is
on, so that relay Re1 is actuated: its contact(s) may
be used, for instance, to disconnect the loudspeaker
during transmissions.

Current consumption, ignoring the relay current,
amounts to about 15 mA.

SIMPLE FIELD STRENGTH INDICATOR

A practically proven small circuit that is very
popular with many model fliers, as it enables them
to verify that their remote control transmitter is
actually transmitting. Any doubt as to whether a
fault lies in the receiver or transmitter is also
quickly resolved.

The only active element in the circuit is a transistor
that is used as a controlled resistance in one of the
arms of a metering bridge. The base of the transistor
is connected to the wire or rod aerial. The increas-
ing HF voltage at the base of the aerial drives the
transistor so that the bridge is brought out of
equilibrium. A current then flows through Rz, the

mA meter, and the collector-emitter junction of the
transistor. The meter should be zeroed with Pi
before the transmitter is switched on.
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SPOT FREQUENCY RECEIVER

Monitoring a number of frequencies in the short-
wave band, such as the international shipping
distress frequency, is a fascinating pastime. Since
only a limited number of stations is normally
monitored, and their frequency is invariably fixed
by international treaty, the receiver needs only to be
capable of being switched between those spot fre-
quencies.

The receiver works on the direct conversion prin-
ciple, ie., the oscillator frequency is equal to the re-
ceived frequency, so that the intermediate fre-
quency is zero.

The aerial signal is fed to tuned RF amplifiers T1
and T2 via a switched preselector. The RF
amplifiers are coupled to an S042P type mixer.
There are three crystal-controlled local oscillators,
which are switched into circuit in accordance with

the preselector.

The output of the mixer is the audio signal, which

is fed to AF amplifier IC2 via low-pass filter

Ri1.. .R13-Cz2s. . .C30. The gain of IC:z is about

60 dB.

Part of the output of IC: is rectified in D1 and D2

and used for AGC (automatic gain control) of T1

and T2

The output of IC2 is fed to power amplifier ICs

which drives a loudspeaker or headphones. There is

also a tape output. Volume control is provided by

P

Inductors L1...Ls are each wound on a T50/2

toroid as follows:

B L1 =115 turns enamelled copper wire of
0.15 mm dia. with tap at 11 turns;

B [21:=90 turns enamelled copper wire of
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71,72 =BF 900
T3...T5=BF494
D1,D2=AA 119
D3...D5=1N4148

X1: 2182 kHz

054V... 10mV

X2 : 5645 kHz
X3 : 5680 kHz

0.2 mm dia. with tap at 9 turns.
If different frequencies from those shown are re-
quired, one or more of the crystals must, of course,
be replaced, but at the same time L1, L2, or Ls, as
appropriate, must also be modified. The change in
the number of turns and the tap is directly pro-
portional to the change in frequency. If, for in-
stance, a frequency of 2600 kHz instead of
2182 kHz is wanted in position 1 of switch S+, the
number of turns, n, of L1 should become
n=115(2182/2600) =97 turns and the tap should be
at
n=11(2182/2600)= 9 turns.

Oscillator capacitors Cs, Cs, and Cs should have a
higher value if the frequencies are chosen at the low
end of the short-wave band.

When the receiver has been built correctly in accor-
dance with HF requirements (short connections,
ample decoupling), it should work up to about
18 MHz. The dashed lines in the circuit diagram
represent earthed screens between the various sec-
tions.

The receiver is calibrated by adjusting Cs, C7, and
Cs for zero beat, and then adjusting C1, C2, and Cs
for maximum audio output.

SWITCHABLE BANDSELECTOR

In many older types of SW receiver, intermodula-
tion in the mixer was generally avoided by including
a tuneable, often automatically tracking, pre-
selector. In a computercontrolled preselector, the
use of varactor diodes for tuning the inductors often
leads to considerable intermodulation distortion. A
different approach is therefore used in this design.
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The circuit diagram shows the use of PIN diodes
Type BA244 for selecting one of 5 bandfilters fol-
Jlowed by a low-pass section. Selection of a filter is
effected by having the computer drive the associ-
ated input high. An impedance transformer is pro-
vided at the input to enable connection of 50 Q as
well as 500 Q aerials. For most purposes, the 500 Q
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input is preferable, since it allows short aerials to be
correctly terminated. Input transformer Tri is
wound on a ferrite core Type FT37-75 from
Micrometals. The total number of turns is 19, with

a tap at 214 turns from the ground connection. The
input should be provided with an overvoltage pro-
tection if the aerial is a large, cutside mounted, ar-
ray.

SYNTHESIZER FOR SW RECEIVER

The synthesizer shown in Fig. 1 is computer con-
trolled, and outputs a local oscillator signal (LO) be-
tween 48 and 78 MHz for driving the mixer in the
SW receiver proposed on page 00. The circuit is
based on the Type MCI145156 synthesizer from
Motorola. This IC is relatively inexpensive, and en-
sures good LO suppression in the receiver when
used in combination with a good mixer. Also of in-
terest is its serial control input, which enables the
output frequency to be programmed from a com-
puter.

The internal reference frequency, 1200 Hz, is ob-
tained by dividing the signal from oscillator Ts-Te
by 2048. The DAC connected to the output of the
first LO gives a resolution of 1200/255~5 Hz. The
divider composed of IC1, IC2, ICs and N1 has a
prescale factor of 128/129. Opamp ICs is connected

as a simple loop filter with a reference signal rejec-
tion of about 60 dB. An alternative filter that en-
sures a rejection of 80 dB, but has a slightly longer
settling time, is shown in Fig. 2. This circuit is
driven from the phase detector output of the syn-
thesizer chip. Opamp IC+ is used in a speed-up cir-
cuit that may be included to equal the settling time
of the filter with ICs. Diodes D1-D2 also serve to
shorten the lock-in period of the synthesizer. The
use of the Type E420 (T+4) is not obligatory: other
types of AF double FET should also work in this
application. The power supply for the synthesizer is
shown in Fig. 3. The L-C filter in the +5 V rail
suppresses noise on the synthesizer supply, and D2
has been included to compensate for the drop across
choke La.

The data format for programming the MVC145156

15v

1ok
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=
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i jez o o fs

ic1

i1c3
SP8691 SP8794
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MC 145156
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1N4148

ICs pin 6

D

multiturn

\uT 10T
0
—— 87495-20
. . . . 3 17V u 15v
is shown in Fig. 4. Bits SW+ and SW2 control the ==~ @.
switching outputs, and are not used here. The syn- 1mH2 o1/ 1N 4001

thesizer divides by 128N+ A: when counter A
reaches state 127, N is increased by 1, and A
becomes 0. Data is latched into the synthesizer on
the trailing edge of the clock signal. When the con-
trol word is complete, the enable signal is briefly
made high to transfer the data from the shift
register to the programmable dividers. The squelch
is then enabled to suppress locking and tuning
noises.

The construction of this synthesizer requires some
experience in building RF circuits. The ECL
dividers and the synthesizer chip should lie upside
down on an unetched board to enable effective
grounding and cooling. The chips are interconnec-
ted with the shortest possible wires. Great care
should be taken in the construction of the VCO and
the TXO. These sections should be screened and

IC1
7805

c1 D2|1N4148 c2
O zzoou/st 4700u16T
: as

c3
+©

87495-3

built such that mechanical stability is ensured at all
times. VCO inductor L+ is especially critical in this
respect: make sure that the wire turns are secure on
the core.

Finally, the winding data for the home-made induc-
tors in this circuit: (use enamelled copper wire): L4
(VCO): 14 turns 22SWG (@ 0.8 mm) on a T50-12
core, tap at 4 turns from ground; Ls (+5 V rail): 8
turns 30 SWG (@ 0.3 mm) through a ferrite bead.

[92]
2

¢MS

gSIN N+
gST N+
SN Vv +

gs1 v+

< A counter bits — «

N counter bits -

1 Last data bit in (Bit no. 16)

First bit in (Bit no. 1) T
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TUNEABLE ACTIVE AERIAL FOR SW

Many of the modern, synthesizer-tuned, general
coverage SW receivers incorporate the latest types
of high dynamic range RF prestages and mixer
devices, while the good old tuneable preselector
stage seems to have been eradicated in all but the
most expensive and sophisticated types of multi-
mode receiver. It would seem as if manufacturers as-
sociate a simple tuning control with an attack on
user friendliness of the receiver, while a well-
designed, tracked or individually controllable input
attenuator would have been a better solution to the
problems caused by the worldwide escalation of SW
transmitter output levels.

A likewise argued plea for reestablishing the tuning
control could be entered for the active aerial which,
while not able to offer the performance of a long
wire or multi-band beam aerial, is none the less gen-
erally recognized as a satisfactory means for receiv-
ing broadcast programmes in the SW bands up to
about 15 MHz.

As generally known, an active aerial is composed of
an aerial proper and associated amplifier. As to the
latter, the ciruit diagram shows that the design has
a varactor-tuned, symmetrical input using two
FETs Type BF256C which are fed over the coax
cable to the receiver. Opamp IC1 functions as a fast
symmetrical to asymmetrical converter capable of
operation up to about 30 MHz. Note that the
varicap diode set is tuned over a separate cable;
twin-lead 75 Q coax cable is, of course, ideal for
the present purpose. The indicated varicap set en-
sures a tuning ratio of about 1:2 to 1:3.

When constructing the aerial to this design, it
should be noted that neither the circumference of

® ©

05...2m

L1

®

86473 -2

the loop aerial nor the total length of the dipole
must be in excess of one tenth of the relevant
wavelength in order to ensure the correct directivity
characteristics, especially in the case of the loop

BF256C
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aerial; the dipole will typically fail to match the
amplifier input impedance and thus cause problems
in getting the device tuned properly.

Table 1 summarizes the aerial construction data,
given a number of possible operating frequencies.
The aerial should be mounted in such a position as
to receive a minimum amount of man-made, short
range interference; the amplifier’s symmetrical in-
put should ensure sufficient aerial directivity to find
a dip for the interfering source.

The loop aerial is uncritical as to the height above
ground, but not so the dipole, which is bound to act
as a vertical rather than horizontal aerial when
mounted at less than a quarter wavelength above
ground.

Table 1.

Fmin L1 turns |
[kHz] | [uH} n [m]
150 | 2200 | 32 1
51 0.5

350 | 390 | 13 1
20 | 05

1000 47 4 1
6 |05

2000 12 2 1
3 |05
4000 3.9 1 0.5
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TUNEABLE FM BOOSTER

This FM band (88-108 MHz) preamplifier has been
designed to come round the problems associated
with wideband as well as narrowband aerial
boosters. Most commercially available boosters are
wideband types with relatively poor selectivity and

adjacent station rejection, while the (more expens-
ive) narrowband types are rather impracticable
when it comes to receiving stations well removed
from the (fixed) frequency of peak amplification.

This proposed design is the best of both worlds,

1 ~ 1N4002
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D Cl mmy
750 «
<
~
o3
n
[$]
[]

=

|10n R6
f 10k b

D4,D5 = 1N4148

hd e

L1 =9t, tapped 1t from earth
L3 = 9t, tapped 3t from earth

LoA =6t
LyB =3t

22SWG
closewound on pencil
26 SWGon ferrite ring 1cm dia (egT37 - 12)
26SWG on ferrite ring 1cm dia (egT37 - 12)
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since it features good selectivity and strong signal
handling, as well as a relatively low noise figure and
sufficient amplification over the entire FM band.
Tuning the preamplifier is done in the living room,
by means of a simple potentiometer mounted in an
enclosure which is conveniently located next to the
FM tuner as part of the hifi set.

The unit can also be made to function as a 2 metres
amateur band (144-146 MHz) preamplifier by modi-
fying the tuned circuits to suit the higher frequency.
The circuit diagram of the tuneable booster—Fig.
l—shows that two remote tuned circuits, along
with a MOSFET tetrode have been incorporated to
minimize the chances of running into cross- and/or
intermodulation caused by strong local signals.
Varicap diodes D1 and D2 form the variable
capacitance to coils L1 and Ls respectively. The tun-
ed circuits are set to the desired frequency by means
of the voltage applied to the varicap diodes (3 to
24V, reverse bias). The RF gain offered by T+
should be of the order of 25 dB, while the noise fig-
ure is expected to be about 2 dB. ’
The amplifier supply/tuning voltage and superim-
posed RF output signal are connected to the coax
cable core which is run to the power supply/tuning
unit, shown in Fig. 2. Tuning control potentiometer
P1 constitutes the feedback loop to the voltage regu-
lator composed of Tz, Ts and Tse. Turning P+ thus
varies the voltage to the mast-mounted booster
form 15 to 36 volts. Regulator T2-Ts-Ta (Fig. 1) pro-
vides MOSFET T+ with a fixed voltage of 11.4V,
irrespective of the DC level on the coax core. Sub-
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traction of 12 V from the 15-36 V input voltage is

by means of zener Ds and current source Ts. RF

output voltage and DC supply are coupled to the

downlead cable through C11 and L4 respectively.

C1a4 and Ls (Fig. 2) have the same function in the

PSU. D13 prevents the PSU output voltage from ris-

ing above 37 V in case of any breakdown in the

supply unit, while D7 protects the booster from

accepting a reverse voltage in case coax core and

screen are accidentally reversed. Te limits the

supply short circuit current to a safe 60 mA.

The following are important points to observe in

constructing the masthead amplifier and associated

indoor control unit:

1. Use a copper-clad board of maximum earth plane
surface (the Type 85000 RF prototyping board is

ideal).

2. Mount a metal screen across the MOSFET case
to suppress any tendency to parasitic oscillation.

3. Keep the source lead as short as possible; solder
it direct to the copper surface.

4. Keep the leads of Gz decoupling capacitor Ca as
short as possible; a ceramic disc capacitor is ideal

for this purpose.

5. Keep all coil connections as short as possible to
avoid amplifier tuning over the wrong frequency

range.

6. Fit Te with a small heatsink.

7. Mount a screen between amplifier and DC
supply section.

After the construction of RF head and PSU has



been completed, the latter is tested by verifying the
presence of the variable (15.6 to 36.6 V) supply and
tuning voltage on the coax cable core. The voltage
across R14 should be lower than 0.4V with the
amplifier connected at the far end of the cable.
Turning P+ should cause the voltage at the collector
of Ts to vary between 3 and 24 V.

The voltage at the emitter of T2 should be constant
at 11.4 V with respect to ground, irrespective of the
tuning voltage set with P1 Drain resistor R4 should
drop between 0.7 and 2 V. Set P+ to the centre of
its travel.

Optimum RF performance of the booster can be
achieved by carefully stretching or compressing La
for maximum amplification at about 95 MHz; tune
the receiver to a weak transmission at this fre-
quency and align for maximum S meter deflection
or optimum audibility of the signal above the noise
level. Do the same for signals at either extreme end
of the band and set P+ accordingly. Ensure that the
.tuning potentiometer can be set to give optimum

amplification for every frequency in the 88 to
108 MHz band and mark the tuning scale on the in-
door unit in steps of 1 MHz. In case it is not poss-
ible to obtain equal amplification across the band,
Ls may be adapted carefully by increasing or
decreasing the number of turns. The tap, however,
should remain at 3 turns from ground.

Those constructors striving for utmost perfection
may fit a 40 pF trimmer capacitor instead of C1, in
order that the amplifier may be tuned for optimum
(ie. lowest) noise figure, which is not the same as
tuning for optimum amplification.

Finally, the coil data for the tuneable booster are as
follows:

L+ = 9 turns 22 SWG (0.7 mm dia) enamelled wire,
close wound, coil diameter 7 mm. Tap at 1 turn
from ground.

Las = the same, tap at 3 turns from earth.
La;L2s = 6 and 3 turns respectively, 26 SWG
(0.5 mm dia) enamelled copper wire on dia 10 mm
ferrite ring Type T37-12.

VLF CONVERTER

Strictly speaking, the VLF (very low frequency)
band stretches from 3 kHz to 30 kHz, and the LF
(low frequency) band, often called the long-wave-
band, from 30 kHz to 300 kHz. The converter de-
scribed  here the frequency range

covers

4 MHz

10...150 kHz and falls, therefore, half-way be-
tween being a VLF and an LF converter.

Frequencies between 10 kHz and 150 kHz are con-
verted to 4.01. . .4.15 MHz which can be fed to any
short-wave receiver capable of accepting those fre-
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quencies. The converter is connected to the aerial
input of the receiver via coaxial cable.

Many converters suffer from break-through of the
mixer/oscillator frequency in the output signal,
which is normally caused by the mixer being asym-
metrical. Because of that, the present converter uses
the well-known S042P frequency changer, the sym-
metry of which can be set accurately with a 1k
preset potentiometer connected between pins 10
and 12.

To prevent reception of image frequencies, the aerial
signal is first applied to an LC band-pass filter,
before it is fed to the frequency changer.

The output of the frequency changer (pin 2) is ap-
plied to an LC circuit that is tuned to the frequency
range 4.01...4.15 MHz. This circuit, consisting of
a 100 uH inductor in parallel with a 100 n capacitor

and a 60 p trimmer, effectively suppresses any
spurious signals produced in the frequency changer.
The 60 p trimmer is used to tune in to the desired
transmitter in the 10...150 kHz range (loudest
reception!). The symmetry of the frequency
changer is set by tuning the short-wave receiver to
the frequency of the quartz oscillator, ie.,
4.00 MHz, and then adjusting the 1k preset for
minimum output from the converter, that is,
minimum deflection of the S meter, or other field
strength indicator, on the receiver. During this cali-
bration, the input of the frequency changer, point A
in the diagram, should be short-circuited to earth.
All inductors are standard RF chokes. The value of
the output inductor, 12 uH, is not critical.

The aerial should be as long a wire a<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>