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VHF/UHF TELEVISION TUNER ...

PLL TELEVISION TUNER

(PART 1)
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Together with a suitable colour monitor, the television tuner
described here forms a complete television set.
Microprocessor controlled, menu-driven, with digital tuning, a
small LCD text screen, optional infra-red remote control, and
memory capacity for up to 100 preset stations, the tuner is
ideal for TV DXing and interfacing to a computer system via a
video digitizer. The unit offers full coverage of the VHF and
UHF TV bands, and apart from the normal mono sound
channel, analogue stereo sound as used in some countries on
the European continent is also provided.

Design by W. Sevenheck

HE block diagram of the TV tuner

is given in Fig. 1. The most impor-
tant sections are the power supply, the
(ready-made) VHF /UHF tuner module,
and the intermediate frequency (IF)
circuit plus sound decoder. A micro-
processor core based on a 8751 con-
troller arranges, among others, the
control of a two-line LCD text display,
a small keyboard, and the tuning of
the tuner module. The serial I2C bus is
used for the communication between
the microcontroller and a number of
other ICs in the circuit. The digital sig-
nals needed for this communication
are generated by the microcontroller
itself. In addition, the 8751 also de-
codes and processes the digital RC5
codes received from an RC5 compati-
ble infra-red remote control.

The TV tuner supplies a colour-
video-blanking-synchronization
(CVBS, or simply ‘composite video),
output signal into a standard load im-
pedance of 75 Q.

Circuit description

The circuit diagram in Fig. 2 shows
the VHF/UHF tuner module, the
sound and vision decoders, and the

power supply. Nearly all the ‘work’ in
the circuit is done by three powerful
integrated circuits from Philips
Semiconductors. All three, the
TDA3842 multistandard video IF
processor, the TDA3857 sound IF
processor, and the TDA8415 sound
processor, appear in recommended ap-

plication circuits as found in the
Philips datasheets. Two surface-
acoustic wave (SAW) filters from

Siemens are used to minimize cross-
interference between sound and vi-

sion. Both filters pass the
down-converted 38.9-MHz reference
carrier. Filter Fl1 also passes the

sound component, while Fl2 does the
same with the vision component. In
both cases, the 38.9-MHz signal is
needed as a reference in the decoding
operation. A simple analogue-to-digital
converter (ADC) based on a resistor
ladder network and an LM339 opamp
(IC4) converts the AFC (automatic fre-
quency control) signal supplied by IC3
into four logic levels that are accepted
by the microcontroller, which uses the
4-bit code to ensure the best possible
tuning of the tuner module.

The tuner module, a Type UV816PLL
from Philips Components, requires
three supply voltages: 5 V, 12 V and

33 V. The unit gives full coverage of the
VHF-1 (channels E2 to C; 48.25 MHz to
82.25 MHz), VHF-3 (175.25 MHz to
224.25 MHz) and UHF (channels E21
to E69; 471.25 MHz to 855.25 MHz) TV
bands. It should be noted that the
VHF-1 and VHF-3 bands are no longer
used for television in the UK. They are
still of interest, however, because of the
many signals that can be received
(under favourable propagation condi-
tions) from overseas TV stations trans-
mitting in these bands.

Tuning is accomplished with the aid
of (serial) digital commands applied to
the module via its I?C bus connec-
tions, SDA and SCL. The intermediate
frequency signal is available on the
two IF outputs, pins 16 and 17. The
UVBI16PLL is provided with a digital
programmable phase-locked loop (PLL)
tuning system. This enables tuning
with a 62.5-kHz raster at crystal accu-
racy. Apart from tuning, band switch-
ing is also carried out via the I2C bus.
The tuner's AGC input is driven by the
TDA3842 video processor. The video
(vision) and audio (sound) decoder cir-
cuits are connected in parallel to the
tuner’s IF outputs.

Vision channel

After the sound information has been
eliminated by SAW filter Fl2, the IF sig-
nal is applied to IC3, a Type TDA3842
multi-standard video IF amplifier/de-
modulator. The internal structure of
this IC is given in Fig. 3. Glancing
back at the circuit diagram in Fig. 2, it
is easily seen that the TDAS3842 is
used in its standard application cir-
cuit. However, the switch marked
‘video-off' is not implemented, while
the video switch at pin 9 is available as
a connection (solder spot) only, which
allows the AGC to be driven by nega-
tive (B/G) or positive (L) modulation of
the sync signal. The B/G option is the
default. The L option is only used with
TV systems other than PAL, such as
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SECAM.

In the following descriptions, fre-
quencies that apply to the UK televi-
sion standard (CCIR System [) are
given in brackets.

A 5.5 MHz (6.0 MHz) sound subcar-
rier trap is connected between pins 13
and 14 of the TDA3842. The parallel
LC tuned circuit required for the video
demodulator is connected to pins 10
and 11. The demodulator supplies the
AFC (automatic frequency control) via
a 90° phase shift. The preset poten-
tiometer connected to pin 2 determines
the operating point of the AGC. If the
signal level is too low, transistor T3
arranges for the mute circuit to be ac-
tuated. The audio channel in the
TDA8415 (IC2) is then cut off, so that
the loudspeaker does not produce
noise. The sound channel is opened
again when a sufficiently strong signal
is received.

The BC547B transistor at the video
output of the TDA3842 buffers the
video signal, and ensures an output
impedance of about 75 Q. Capacitors
C31 and Cs32 block the d.c. component
in the output signal.

The AFC output signal produced by
the TDA3842 is fed to the above men-
tioned 4-level comparator circuit
around IC4. The resultant 4-bit code
supplied by the four comparator out-
puts is used by the microcontroller to
fine-tune the receiver.

Sound channel

The sound channel is based on two
further ICs from Philips Semiconduc-
tors’ family of high-integration
TV/video building blocks. These ICs
are the TDA3857 IF amplifier with two
FM demodulators, and the TDA8415
sound processor for two-language
sound, with integrated filters and I°C
bus control. To begin with, the video
component is suppressed by SAW filter
Fl1, while the 38.9 MHz reference car-
rier and the sound component are
passed. Next, the balanced IF signal is
applied to IC1.

The internal organisation of the
TDA3857 is given in Fig. 4. First, the
level of the IF signal is ‘stabilized’ with
the aid of an automatic gain control
(AGC). The speed of this control is de-
termined by capacitor C1, which is
connected to pin 2. The sound inter-
carrier is restored on the basis of the
input signal, while any residual AM
signals are suppressed. The two com-
ponents produced by the mixer,
5.5 MHz (6.0 MHz) and 5.74 MHz, are
separated by appropriate external ce-
ramic filters, X6 and X7, and then
processed separately in the IC. The
5.5 MHz (6.0 MHz) subcarrier supplies
the main sound channel as produced
by any mono TV set. The second lim-
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Fig. 1. Block diagram of the VHF/UHF TV tuner. A microcontroller is used to control the ana-
logue sections, while an LCD is useful for operating the tuner.

iter/demodulator in the TDA3857 is
tuned to a narrow band around
5.74 MHz, which contains information
for stereo or two-language broadcasts.
Note that this type of analogue stereo
sound with TV broadcasts is used in
some European countries only, includ-
ing Germany and Holland. It is not
used in the UK, where stereo TV sound
is digital and based on the NICAM-728
standard. Two tuned circuits, X2 and
X3, are used to demodulate the sound
signals at 5.74 MHz and 5.5 MHz
(6.0 MHz) respectively. In the absence
of a 5.74-MHz component, the associ-
ated sound channel is automatically
muted, leaving the main sound chan-
nel to be heard only. The two audio
signals are output via pins 6 and 7,
and fed to the audio processor, IC2.
Preset P1 is included in the circuit to
allow the level of the two audio chan-
nels — 5.5 MHz (6.0 MHz) and
5.74 MHz — to be made equal. This is
necessary to ensure the best possible
channel separation with stereo broad-
casts.

The sound processor, IC2, is a
TDA8415. This IC has been developed

for stereo or two-language sound in TV
sets and video recorders. As shown in
the block diagram in Fig. 5, audio sig-
nals are applied to the two inputs of
this processor: ‘(L+R)/2’ or language
‘A’ goes to input AF1, and ‘R’ or lan-
guage ‘B’ to input AF2. In this nota-
tion, ‘L' is the left-hand audio channel
in a stereo broadcast, and ‘R’ the right-
hand audio channel. A pilot tone mod-
ulated 50% AM on a subcarrier at
54.6875 KHz enables the sound
processor to distinguish between
stereo and two-language broadcasts.
The pilot tone is contained in the sig-
nal for the second channel (E2) and
has a frequency of 117.4 Hz for stereo
broadcasts, or 274.1 Hz for two-lan-
guage broadcasts. Depending on the
mode of the sound processor (mono,
stereo or two-language), LED D1
and/or D2 is controlled by IC outputs
C1 and C2 via two buffer transistors.
The sound processor IC itself is con-
trolled via the SCL and SDA lines that
form the I?C bus. Special commands
on this bus allow the processor's sig-
nal inputs to be selected, and the mut-
ing to be actuated. The timing signals
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Fig. 2. Circuit diagram of the analogue section and the power supply. The circuit remains relatively simple thanks to the use of three dedi-
cated integrated circuits developed for the modern TV industry.
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VHF/UHF TELEVISION TUNER (PART 1)
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Fig. 3. Block diagram and typical surroundings of the TDA3842 video demodulator (courtesy
Philips Semiconductors).
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Fig. 4. Block diagram of the TDA3857 sound demodulator (courtesy Philips Semiconductors).
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Block diagram of the TDA8415 audio processor for TVs (courtesy Philips

required for these operations are de-
rived from a 10-MHz quartz crystal,
X9, which is connected to an on-chip
oscillator. The audio output signals
are fed out of the circuit via capacitors
C13 and C14. The additional audio in-
puts, E3 and E4, and the additional
audio outputs, A3 and A4, are not
used in the present circuit.

Power supply

All supply voltages required for the
VHF /UHF TV tuner are derived from a
single 15-V, 15-VA mains transformer,
whose secondary winding is connected
to Ks. A voltage doubler, D3-D4-C4s-
Cas, turns the 15 V a.c. into about
35 V d.c., which is stepped down to a
regulated voltage of 33 V by a zener
diode, Ds, connected to a current
source, T5-R38. The regulated and tem-
perature-compensated 33-V supply
voltage is applied to the UV816PLL TV
tuner module.

The direct voltage of about 18 V
across C49 is stepped down to 12 V by
regulator ICs. This also powers the
second regulator, IC6, which provides
the 5-V supply rail. Resistor R40 is
connected between the output of IC5
and the input of ICé to reduce the dis-
sipation of the 5-V regulator.

Traffic control: an 8751

The remainder of the circuit is given in
Fig. 6. All control activities are as-
sumed by a single microcontroller
Type 8751, which comes ready-pro-
grammed through our Readers
Services. The circuit around the micro-
controller has no surprises. The
power-up reset network is formed by
R2-C2. The 10-MHz clock signal is gen-
erated with the aid of crystal X1. Two
resistor arrays, R6 and R7, provide the
necessary pull-up resistors on a num-
ber of I/0O lines. The two-line LC dis-
play is connected to boxheader K2,
which supplies all the necessary drive
signals, including the contrast voltage
which is set with P1. Jumper JP1 is
used to actuate the background light
on some types of display unit.
Connector K1 forms the link with
the rest of the circuit. Apart from the
SDA and SCL signals, this bus also
carries the 4-bit AFC information sup-
plied by IC4, and the mute signal, ID.
As already mentioned, the TV tuner
has a capacity of 100 preset stations.
Since the 8751 does not have enough
internal memory for this purpose, ex-
ternal memory has been added in the
form of an I2C compatible EEPROM
with a capacity of 256 bytes. The EEP-
ROM, a Type PCF8582A, is capable of
retaining data without a backup volt-
age. An RC network, R4-Cs, is con-
nected to the PTC input to make sure
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Fig. 6. Circuit diagram of the digital control based on an 87C51 microcontroller from Intel. The preset stations are stored in an EEPROM, IC2.

that the timing of the read/write cycle
in the memory is correct.

The local keyboard on the tuner
consists of five press-keys which are
connected directly to microcontroller
port lines.

The infra-red receiver is formed by
IC4, an SFH505A module from
Siemens. The pulses supplied by the IR
receiver reach the microcontroller via
inverters IC3c and IC3d. The microcon-

troller is programmed to respond to
codes transmitted by RC5 compatible
(Philips standard) remote control units,
and causes LED D1 to flash while a
valid IR signal is being received.
Finally, the processor board has its
own 5-V regulator to improve the sepa-
ration between the digital and ana-
logue sections of the tuner. An
additional advantage of the separate
supply is that the processor board may

be used for other applications. In this
regard it is useful to mention connec-
tor K3, which carries the non-used 1/0
lines.

Next month's second and final in-
stalment of this article will discuss the
construction of the printed circuit
boards, and the enclosure in which the
tuner is fitted. Also, the operation of
the unit will be discussed extensively.

|
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amplifier?). The output pulse is picked up by
a microphone and fed back into the IMP
where it is digitized and then fed into an
IBM (compatible) computer via the printer
port. The IMP software then analyses the
input viaFourier transforms and outputs the
results on to the computer screen in graph-
ical form in the shape of amplitude and phase
response curves. Full control is via the PC.
The amplifier output can be sampled via a
probe to correct for errors in the pulse spec-
trum and amplifier response.

IM P allows the collection and analysis
of 12-bitanalogue data up t0 4,095 samples
in length and sample rates are sclectable at
either61.441kHzor 1.92kHz which, along
with the internal filtering, allows measure-
ments from several hertz to 20 kHz.

Further information from Falcon Acoustics
Ltd, Tabor House, Norwich Road, Mulbarton,
Norfolk NR14 8JT, England. Telephone
+44 (0)508 78272; fax +44 (0)508 70986.

CORRECTIONS

DIGITAL DIAL (January 1994)
An attentive reader has drawn our attention
to the fact that the digital dial can not be
used in conjunction with the receiver illus-
trated (a Yaesu Type FRG-7) since the IF of
that receiver is much too high for the dial.
Sorry for that oversight! [Editor]

VHF/UHF TUNER (Oct/Nov 1993)
The tuner module used in this design is no
longer in production with Philips and its
availability will thus become a problem.
Fortunately, the Type UV916H is an excel-
lent alternative. The snag is, however, that
this unitis slightly smaller than the UV816,

so that the antenna connector no longer pro-
trudes from the enclosure. This can be over-
come by terminating the antenna cable into
a coaxial plug and making the entrance hole
slightly larger. Moreover, one of the two
earth tags of the UV916H must be connected
atadifferent position.

LETTERS

SCART SWITCHING BOX
(December 1993)

I have a few problems with this project,
which I believe have to do with the connec-
tions. Pin 1 of one connector is linked to
pin 2 of the other. The same is true of pins 3
and 19, which are linked to pins 6 and 20 re-
spectively. All other pins are interlinked as
one would expect, i.e., pin S to pin 5, pin 10
to pin 10, and so on.

L. Bastiaenssen

InaSCART cable, the wires for the video and
audio connections are always crossed. That
is why the video output (pin 19) at one end
of the cable is linked to the video input
(pin 20) at the other end. This arrangement
ensures that the input of one piece of equip-
ment is always connected properly to the
output of another. There is, therefore, noth-
ing wrong with your cable.

Note that two pieces of equipment must
never be connected simultaneously to K3
and Ks/Kg. Use SCART connector K3 or the
phono plugs Ks/Kg, but not both at the same
time! [Editor]

PRECISION CLOCK FOR PCs
(November 1993)
I have encountered a problem with the Precision

clock for PCs. I have an IBM (compatible)
PC486 and have, as stated in the article,
complemented the CONFIG.SYS file with
the following (last) line:
DEVICE C:\MSDOS\DCFCLOCK.SYS.

I should be pleased if you would tell me:
1. Whereto should the files of the software
provided (DCFCLOCK.ASM, DCF-
CLOCK.DOC and DCFCLOCK.SYS be
copied? To the root, the MSDOS or a sepa-
rate directory?
2. Once the files have been loaded, how is
the program called up to initialize the driver
and to fill the options P, 1, S, B and D?
(M. Meersschaut)

Thefile DCFCLOC.ASM is the assembler list-
ing of the program, which you no longer
need (it is of interest only to dyed-in-the-
wool programmers). The file DCF-
CLOCK.DOC contains the instructions for
the program, which you can read withaword
processing program. It is not necessary to
store this file on a hard diksk.

The only program that you need to copy
to the hard disk is DCFCLOCK.SYS. Place
thisfilein the directory containing the DOS
commands (e.g.,C\DOS).Add aline thatin-
dicates where the computer can find that
programto CONFIG.SYS (inC:\), e.g. DE-
VICE = CADOS\DCFCLOCK.SYS. Other suf-
fixes may be added for changing certain set-
tings (see DOC file), but even without these
the system should work correctly.

Note, however, that the receiver circuit must
beconnectedto the COM port 2 andthat the
computer must be restarted after the software
has been installed. The program will then au-
tomatically set the correct time in the inter-
nal clock of the PC every minute.

[Editor]
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Ah METER

WITH DIGITAL

DISPLAY

Design by K. Bachun

Knowing the current drawn (by a bat-
tery) or generated (by a solar cell) over
a period of time is a requirement in
many applications that can be met
with the meter described in this

article.

The product of current and time is a mea-
sure of the electric charge that has
been transported in a circuit. It is usually
measured in ampere hours (Ah = 3600
coulomb). It must not be confused with power,
which is a product of current and voltage.
An instrument that measures ampere
hours is of interest, for example, in as-
sessing the effectiveness of a solar bat-
tery. Normally, it is not accurately known
how much charge the solar cells generate
nor how much the load connected to the
battery needs. The present meter can be-
come a permanent partof such asetupor
be used in the design stage to measure both
quantities. It indicates these on a three-
digit LED display.

Principle of measurement

The principle of operation is shown in the
block diagram of Fig. 1. Alow value resistor
has been introduced in the circuit be-
tween the solar cell and battery charged
by this cell. The potential drop (pd) across
this resistor caused by the charging cur-

rent (from the solar cell) or the discharge
current (through the load) is evaluated by
the Ah meter.

The pd is applied to two differential am-
plifiers, whose output voltages would be
equalbut 180° out of phase (that s, inverted
with respect to one another), if the input
were not a simple supply voltage. Thus, the
adder amplifies only one voltage; the other
(which, with a symmetrical supply, would
be negative) is nil. The output of the non-
reactive adder is, therefore, a voltage that
is proportional to the current and which
is used to drive a voltage-controlled os-
cillator (VCO - also called voltage-to-fre-
quency converter).

TheVCO generates rectangular pulses
whose frequency is proportional to the
current. The pulses are divided andcounted,
and then used to drive an LED display.

Since the polarity of the drop across the
shunt resistor shows whether the pd is
caused by a charging current or a dis-
charge current. the output of a differen-
tial amplifier also shows the direction of
the current. The output can thus be used

toindicate the direction of counting. When
energy is drawn from the battery, the
counter counts downward; when the bat-
tery is being charged by the solar cell, it
counts upward.

The meter does not in any way control
or affect the charging current; this can be
done only by a special solar charging reg-
ulator.

The display does not show the state of
charge of the battery to the nearest mil-
lampere second, since self dicharge and
temperature dependence of the battery
are not taken into account.

The circuit

The battery, solar cell and load are con-
nected to the circuit in Fig. 3 by heavy duty
connectors. The shunt resistor between bat-
tery and cell is formed by two parallel
power resistors, Ryg-Rs54. If the maximum
value of the current isassumed tobe 10 A,
the drop across the shunt resistoris 0.5V.
If the value of the shunt resistor were
higher, the drop would be unacceptably
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Fig. 1. Block diagram of the Ah meter.

Fig. 2. Circuit of the RC4151 (ICq).
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Fig. 3. Circuit diagram of the Ah meter.

ELEKTOR ELECTRONICS OCTOBER 1993



Z

=
o z
O

0]

WL 7

j - :
Z

)

1

i

"

Hide] i@
o

7

T

3

g@,\\i S

T

888888!888!8!88%&

S | |

e ‘
&
"’0—{‘(
JP
b
o
g 44
¥ o - )
sv//o| | &3 W= & O
719
1 7—10 ® ®
a V4 g i p&
=T o
O & of1R29
U\L_"o R
¥0 R
\—* o :
@ i
537
c4
930068
8a00¢Ee
@ §& & S
|_ _"_ ACC J
4. Printed-circuit board for the Ah mete

RESET PRESET DISPLAY

L B B

COUNT

Ky

Ah COUNTER




high.

Potential dividers R4g9-R50 and R51-Rsg
reduce the common-mode voltage by about
a fifth, so that the unregulated supply
voltage which the meter draws from the
battery or solar cell is always a little higher
than the input voltage at one of the differen-
tial amplifiers. If the supply voltage is
regulated, it is imperative that the differ-
ential input voltage, which in the present
design is only four fifths of the drop across
Ry5-Rs4, that is, not more than 400 mV,
cannot exceed the common-mode range
of the opamps.

The accuracy of the measurement is
not affected by the variable supply volt-
age, as long as this lies within the usual
range of 10-14 V. By the way, the Ah meter
cannot be used with 24 V cells and bat-
teries.

Capacitor Cg smooths the charging and

ELEKTOR ELECTRONICS OCTOBER 1993

AHMETER WITH DIGITAL DISPLAY

Fig. 6. Completed prototype without enclosure.

supply voltages so that voltage peaks can-
not cause spurious measurements.
Capacitors Cg and C7 short out any short
spurious pulses at the inputs of the op-
erational amplifiers.

The design of the differential amplifiers
is traditional. Their amplification is about
%20, which gives a peak output voltage of
around 8 V. The value of the resistors at
the non-inverting inputs corresponds to
that of the resistors at the inverting inputs.
The common-mode rejection of a differential
amplifier relies on the equality of these
resistors. To avoid the necessity of costly
close-tolerance resistors, the amplification
factors can be adjusted with P} and Py.
This also serves another function. It is
well known that a battery must be charged
with 40% more energy than can be drawn
fromit. If, for instance, it has been charged
with a quantity of electricity of 1 Ah, only
715 mAh can be drawn fromit. This means
that the amplification of ICg, must be 1.4
times as large as that of ICqy,.

As explained earlier, the polarity of the
drop across the shuntresistor causes ICq,
to amplify when the battery is being dis-
charged, and ICg;, when the battery is
being charged. The output of the non-am-
plifying opamp is O V. Since both outputs
are connected to the high-impedance,
non-inverting (+) input of ICg., potential
divider R49-Ry3 functions as if it were con-
nected to ground. This means that the
amplification of ICq, is x2.

The output of ICgy, is also applied to
Schmitt trigger ICgq. As soon as the out-
put of ICg, reaches a certain level, ICgq
changes state (goes high). The output of
ICgq determines the direction of counting

of ICo-1Cy.

Reverting to the output of ICg, this
voltage, which is directly proportional to
the charging/discharge current, is ap-
plied to voltage-controlled oscillator (VCO)
ICg—see Fig. 2. The output of the comparator
in this circuit drives a monostable multi-
vibrator (MMV), which in its turn controls
the switched current source, the switched
voltage reference and the open-collector
logic output transistor. When the voltage
at pin 7 of ICg exceeds that at pin 6, the
comparator changes state and triggers
the MMV. This stage then enables the cur-
rent source, the voltage reference and the
output transistor. It operates basically in
the same way as the well-known Type 555
timer, in that it charges a capacitor (Cg).
which is connected to U+ via Ry5. The ca-
pacitor voltage is monitored at pin 5; as
soon as this reaches 67% of the supply volt-
age, the mono time is terminated, upon
which the capacitor is discharged imme-
diately via a transistor.

During the mono time, the current
source provides a current at pin 1 that is
directly proportional to the reference volt-
age and external resistor Ry7. The switched
voltage reference provides a potentialof 1.9V
at pin 2, which is equal to fixed internal
reference voltage. The open-collector tran-
sistor connects the output (pin 3) to ground.
In other words, during the mono times, the
switched voltage reference generates a
positive voltage pulse; the current source
generates a current pulse that is well de-
fined in duration and amplitude; and the
output transistor has transmitted a logic
pulse that is compatible with most logic
cards. All these signals are directly pro-



portional to the level of the input voltage.
When the mono time elapses, these three
functions are disabled.

CircuitICgoperates here in a standard
application. The output of ICq, is applied
to the non-inverting input of the com-
parator (pin 7) via a low-pass filter, Rsg-Cy.
The MMV operates as an oscillator since
itis continuously triggered by the common-
mode input voltage. The current source pro-
vides a current of Uef/Ry7 =40 nAforatime
1.1-Ry45:C3 = 3.63 ms into integrating net-
work Ryg-Cs. Critical is the feedback of
the integrator to the inverting input of the
comparator (pin 6), which raises the pulse
repetition rate until the average potential
across the integrator is equal to the com-
mon-mode voltage at pin 7. The average
voltage at pin 6 is directly proportional to
the output frequency (and that at the open-
collector output) since the quantity of
charge in each current pulse is accurately
controlled. In other words, the output fre-
quency is directly proportional to the input
voltage.

The external components determine
the design parameters. The time constant
of the output signal is the product of the
mono time, the amplitude of the output cur-
rent at pin 1, and the reciprocal of the
current through the integrating resistor.
From this, the formula for the output fre-

quency, [, is
Jo=Uref / R47 - Ryg / Up 1.1 -Ry5 - C3)-1.

With component values as specified, this
yields an output frequency of 212 Hz. This
will be reverted to later on.

If any component values are altered, it
should be noted that the value of Ry7 must
be between 12 kQ and 20 kQ. Also, because

of the offset of the operational amplifier,
it is not possible to obtain an input volt-
age of exactly O V. It does not pay to com-
pensate the offset, because ICgin its stan-
dard configuration operates correctly only
from 10 mV onward in any case. The con-
sequent error of 2 Hz (equivalent to <1%
of full-scale deflection) is negligible com-
pared with, for instance, that caused by
the self discharge of the battery.

The output of the voltage-to-frequency
converter is applied to divider IC; via switch
Ss. Divided by 213, it is output at pin 13
and applied to cascaded CARRY OUT /CARRY
IN binary-coded decimal (BCD) counters
ICo-ICy4. Pressing S; sets the counters (and
the divider) to 0. Note that Ry3. Rs5, and
Cy serve no useful function in normal op-
eration.

The counting direction inputs of ICo-1C4
are driven by ICg4. Note that the preset in-
puts are not used. The outputs of the
counters are fed to BCD-to-7-segment de-
coders IC5-1C7. The decoders control the
7-segment LED displays LD -LD3.

During normal operation, the displays
are not on, since the Bl(anking) inputs of
the decoders are at ground potential via
Sy. It is advisable to use a spring-loaded
switch here, so that the display cannot be
left on inadvertently. Note that the right-
hand decimal point is always on, how-
ever, to show that the meter is function-
ing.

Toensure that the display increases from
00-0 to 10-0 when a constant current of
10 A has flown for 1 hour, the counters need
100 pulses per hour or 100/3600 pulses
per second. This means that the VCO must
generate a signal at a frequency of
100/3600-213=227.56 Hz. Working back.,
this means that the VCO needs an input

of 8.58 V. Since the differential input volt-
age is fairly accurately 410 mV when a cur-
rent of 10 A flows through the shunt re-
sistor, the differential amplifier must have
an amplification of 8.58 / 0.41 = 20.9.

Owing to component tolerances and
otherimponderables, the potentiometers
should be preset empirically. This is done
by connecting the positive output ofan ac-
curate 500 mV source to the '+ battery' ter-
minal, and the negative output to the '+
cell’ terminal. Turn Py until a frequency
counter at the output of (pin 3) of ICg shows
228 Hz. Then reverse the connections of
the voltage source and adjust P} until the
display reads 1/ 1.4 - 228 = 163 Hz.

The display is checked by switching
into circuit (with S3) components Ra3, Rss,
and Cy. This actuates an RC oscillator in
IC). If everything is all right, the display
will fairly quickly give a high reading. This
position of Sg is also for presetting a given
counter state when, for instance, the Ah
meter is connected to a fully charged bat-

tery.

Construction

The printed-circuit board in Fig. 4 can, if
desired, be cut into two to enable the dis-
plays to be mounted at an angle behind
the front panel. Otherwise, fit them in IC
sockets so that they protrude above the other
components. The 23-way terminal strips,
K; and K3, must be used in both cases.
Use car-type insulated spade termi-
nals (male and female) for ‘battery’, ‘cell’
and ‘load’. If, however, the meter is given
its own enclosure, use the 10 A chassis-
mounted banana sockets specified in the
parts list. END
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FUZZY LOGIC MULTIMETER
U. Scholn

There is little to say about the true-
r.m.s. converter. The circuit diagram
(Fig 5) shows a standard application of
the AD736JN, connected to a non-crit-
ical R-C network, C4-R15, and three
electrolytic capacitors (also uncritical),
Cs, Cé and C7. The bandwidth of the
true-r.m.s. converter exceeds that of
the multimeter IC input by far. In fact,

(PART 2)

the multimeter IC limits the -1%-
bandwidth of the DMM to about
300 Hz. Keep this in mind when mea-
suring signals with a lot of distortion
(i.e., containing many higher harmon-
ics), because for the measurement to
be accurate, the strongest harmonics
have to fall within the 300-Hz band-
width of the DMM.

Table 1. Overview of data contained in the MAX134 registers.

The multimeter power supply is rel-
atively simple, consisting essentially of
a 5-V regulator, IC10, and an inverter,
IC3. Jumpers JP16 and JP17 are rem-
nants of the experimental phase of the
circuit, and determine where the ana-
logue and digital ground are intercon-
nected. On the final design of the
printed circuit board, JP16 is a
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A4 A13|A12 A1 A10J A9 A8 A7 A6 A5 A4 A3 | A2 A1 A0 | PC address line
R4 R3 KO0-K7 R2 R1 RO | MicroSystem
card card address |PC |/O address register

register address

address MAX134

R4 R3 R2 R1 RO| read write

0 0 0 0 O | units input data (see table 1)

0 0 0 O 1| tens input data (see table 1)

0 0 0 1 1 hundreds input data (see table 1)

I O 0 0 | thousands input data (see table 1)

0 0 1 0 1 status not used

0 1 X X X data IC9 not used

1 [+ L - x x | datalC4 not used

1 1 X x x| notused not used

Table 2. Addressing standard adopted for the MicroSystem bus/DMM card combination.

jumper, and JP17 must never be fit-
ted. That leaves JP14 in the power
supply section. JP14, together with
JP10 on the PC interface board, selects
the source of the supply voltage. The
available options are: (1) the com-
puter's 12-V supply. (2) an external
12-V supply connected to K2 on the in-
terface board, or (3) an external power
supply connected to the DMM board
(between points U, and 0).

The design of the digital output sec-
tion is simplicity itself. Data is clocked
directly from the databus into two
eight-bit registers, IC4 and IC9. The
clock signal is supplied by address de-
coder ICe, which is controlled by regis-
ter address lines R3 and R4 (more
about this further on). Six bits of 1C9
are reserved for internal use. The first
bit (pin 19), is used as a software-con-
trolled interrupt enable switch. Thus,
the interrupt generated by the DMM
on completion of the conversion cycle
may be blocked (disabled) either by re-
moving JP13, or by setting the first bit
in IC9. If this bit is at O, NAND gate
ICsb no longer feeds the EOC (end-of-
conversion) signal supplied by IC1 to
transistor T1. The second bit is used to
control a LED, Dé, which forms a ‘soft-
ware activity’ indicator and has,
strictly speaking, nothing to do with
the function of the DMM card. As long
as the LED flashes, you are assured
that the PC is talking to the DMM
card.

The remaining bits in IC9 are all fed
to driver IC11, which is capable of han-
dling far more output current than the
average HCT gate. Four bits are used
to control relays in the multimeter's
input circuit. These bits are also suit-
able for controlling bistable relays,
which have two coils. The advantage of
a bistable relay is that it has to be en-
ergized only to switch over the con-
tacts, which automatically remain in
the new position. This means that a
bistable relay does not require a con-
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stant current to keep its contacts in a
certain position. The advantage is ob-
vious: reduced current consumption.
Unfortunately bistable relays are still
relatively expensive as well as hard to
find as one-offs, and that is why nor-
mal, monostable, relays appear in the
components list. The control software
also assumes that monostable relays
are used.

The inputs of drivers 7 and 8 in IC11

FUZZY LOGIC MULTIMETER (2)

may be connected in parallel with dri-
ver 6 or 5 by fitting jumper JP11 and
JP12 respectively in position ‘A’. The
parallel connection is useful where two
lines are always controlled simultane-
ously under the control of one bit at
one address. If jumpers JP11 and
JP12 are set to position 'B’, drivers 7
and 8 are controlled separately via two
bits of IC4.

The DMM chip, IC1. is controlled via
latch IC7 and databus buffer ICs. It
was already seen from Fig. 4 that the
register addresses of IC1 have to be
stable quite a while before data can be
read or written. This is achieved by the
following trick. Each time a register is
addressed in IC1 (R2/R4=00g), ad-
dress decoder ICé6 clocks the register
address (RO/R1/R2) in latch IC7. If the
desired register address is read first,
and the data simply forgotten, the
latch will ensure that the address re-
mains stable on the address inputs of
IC1. After 3.5 ps, the same register
may be addressed again, and data may
be read or written.

Address decoder ICé has a crucial
function in the write and read actions
to and from the card. It is enabled via
the PC interface by the strobe signal
and one of the card selection lines en-

COMPONENTS LIST







JP3-JP9:

JP10: g}mw- card 0)
JP11: see text

JP12: see text

JP13: open (interrupts not used)
JP14:U.

JP15: closed tﬂlurMo)
JP16: closed

JP17: open (never closel)

JP18: open

Table 3. Default settings of the jumpers and
the DIP switch.

abled via jumpers JP3-JP10. ICé ac-
complishes the final addressing with
the aid of lines R3, R4 and write.
Together with RO, R1 and R2, this
gives the addressing shown in Table 2.

The final section of the multimeter
circuit to be discussed is the measure-
ment circuit around IC1. The compo-
nents vital for correct measurement
results are resistors R1-Ré6 and Ri1,
since they determine the resistance
and voltage ranges. Unlike R1-R6, R11
is a 1% resistor. A 0.1% type would, of
course, be preferred, but proved unob-
tainable for the value required
(10 MQ). Fortunately, the error (if any)
introduced by the higher tolerance on
R11 is compensated by calibration pre-
set P1. Tolerance compensation is not
available for Ri1-R6, so any deviation
from the stated resistance values
causes inevitable differences between
the ranges. These differences are kept
to a minimum by using 0.1% resistors.

Nearly all switches required for
switching between the various ranges
are available in IC1. There is, however,
one exception. To be able to use the
meter as an ohmmeter, the input cir-
cuit has to be modified. Junction Ri1-
R2-R5-Ré6 is usually connected to
ground via relay contact Re2. For resis-
tance measurements, Ri11 has be con-
nected to this junction also. This is
achieved by energizing Re2. The junc-
tion is then also connected to the 400-
mV input of IC1 via PTCi1. Together
with diodes D3 and D4, the PTC pro-
tects the ohmmeter against high volt-
ages (sparks and discharges) at the
input terminals. To make sure that the
PTC can not affect the lowest resis-
tance range, its value may not be
smaller than 2 kQ under normal cir-
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cumstances. Finally, for resistance
measurements, input terminal U; has
to be connected to the 400-mV input.
This is accomplished by relay Rel,
which is also used to connect Ui to the
400-mV input to create the 400-mV
range of the multimeter. Jumpers JP1
and JP2 are intended to adapt the
input circuit to different types of relay.
In most cases, JP1 will be fitted.
Jumper JP18 allows relays Rel and
Re2 to be shunted (in which case the
relays may be omitted), which forfeits
the resistance measurement function
of the DMM, leaving the current and
voltage (both AC and DC) only.
Omitting the ohmmeter function is an
option where resistance measure-
ments are not required anyway.

Construction

The artwork for the DMM board (dou-
ble-sided, through plated) is shown in
Fig. 6. Like the PC interface card, this
board is available ready-made through
the Readers Services. Although con-
struction is straightforward, great at-
tention should be paid to neat and
accurate solder work. Remember, one
bad solder joint at a crucial point may
reduce the accuracy of the meter con-
siderably.

Important notice: although the
DMM IC has a 4,000-V range, the
printed circuit board is mnot suitable
for such a high voltage. This range is,
therefore, not available in software. If
you write your own software for this
circuit, you must not attempt to use
the 4,000-V range. The PCB can with-
stand the mains voltage (220 or
240 V), but always check if the ground
of the PC is separated from the mains
earth. If the two are connected, swap-
ping the live and neutral lines, al-
though unlikely given their fixed
positions on UK style mains plugs and
sockets, may cause a short-circuit
with disastrous results.

For the time being, preset P1 may be
set to the centre of its travel. If you
wish, you may want to adjust it for
655 mV measured with a voltmeter.
However, before you can start testing
the two boards, make the bus cable,
and fit the jumpers. The standard
jumper settings are given in Table 3.
Settings other than the ones shown
must be communicated to the program
(this is explained in the help texts).

The construction of the 34-way flat-
cable is simple — see Fig. 7. Although
a maximum length of 1 m is indicated,
our prototypes gave no problems with
cables of up to 1.5 m long. Both cable
ends are fitted with an IDC (insulation
displacement) socket. If you intend to
use more than one DMM card, addi-
tional sockets may be pressed on to
the cable as illustrated in Fig. 7. The

FUZZY LOGIC MULTIMETER (2)

34-way connector

60 mm

max. 1m

it
=

920049 -1 - 15

Fig. 7. The link between the PC interface and
the I/O card is a bus formed by a length of
flatcable. The number of connectors pressed
on to the cable depends on the number of
cards you wish to connect.

distance between the sockets should
be about 6 cm. Finally, check the con-
tinuity of all 34 connections.

Software

The DMM does nothing without the ap-
propriate software. Fortunately, this is
available on a diskette for IBM PC-ATs
(and up) running under MS-DOS. The
control software package is called
‘Fuzzy Control One’, and has been pro-
duced by MicroSource. The introduc-
tion version of this program is
available through our Readers
Services, while the full version may be
obtained from MicroSource only. As al-
ready indicated by its name, the pro-
gram is tailored to developing control
systems using fuzzy logic (Ref. 1). In
spite of the designation ‘introduction
version’, all features are available for
use — more about this in next month'’s
concluding instalment of this article.
For now, the part of the program
that contains the multimeter software



E TEST AND MEASUREMENT

is of interest. Originally, the multime-
ter was intended as an aid in setting
up fuzzy logic control systems. It grew,
however, into a fully fledged measur-
ing instrument.

The GUI creation routines are the
only ones actually used from the
‘LabWindows' package to develop the
Fuzzy Control One software. Attention:
LabWindows has nothing to do with
MicroSoft Windows! Our thanks are
due to National Instruments for allow-
ing us to put Fuzzy Control One on
floppy disk without having to raise a li-
cence fee for every user. This means
that the Fuzzy Control One software is
not dearer than most other programs
sold through our Readers Services.

It can not be denied that Fuzzy
Control One, despite being an ‘intro-
duction version’, is a very complex pro-
gram, which requires quite a bit of
getting used to. The range of settings
and options offered by the program to
implement a fuzzy logic control system
is staggering, and make the program
one of a kind. Documentation is not
lacking, either: the total size of the
help files alone would easily fill all the
pages of this magazine! Incidentally,
the help files can be printed, so a man-
ual is readily produced.

A couple of batch programs contain-
ing useful examples are supplied to get
you going. One of these files,
DVM.BAT, launches the multimeter
software. Installation is easy: simply
start the INSTALL batch, and follow
the instructions. After installation, the
program always shows the help text
when the multimeter is started. This
can be turned off by quitting the multi-
meter and returning to the main
menu. Select ‘preferences™ from the
‘Miscellaneous’ menu. After quitting
the help text on this part of the pro-
gram you can turn off the option ‘start
with help'. To save this setting, store it
in the file DVM.FZH. This is done via
the ‘files’ and ‘save hardware settings'
menus.

The main menu also has an option
called ‘print data’, which enables you
to produce hard copy of the help texts
(first, however, ascertain the printer
port in the same menu).

After starting the multimeter pro-
gram, you are eventually presented
with a screen that contains the follow-
ing information: current measurement
value, average value measured over a
predefined number of samples (both
values are displayed numerically in a
graph), the set measurement range,
the type of measurement, the number
of measurements used to compute the
average (filter length’), and a his-
togram that shows the variance of the
measurement values contained in the

! 0 ' leod graph Ro.ut. (F m Br—

probability (F6)

Fig. 8. It is the DVM software contained on the Fuzzy Control One diskette that turns the com-
bination of the DMM card and the PC into a digital multimeter with some astounding func-
tions. Routines from LabWindows handle the graphics presentation of the measurement data,
affording ease of program operation (using the mouse).

filter, or in a memory containing
100 measurements. In this way, you
obtain information on the measure-
ment value proper, its trend and sta-
bility. A number of meter settings can
be changed by pointing the cursor at
the relevant button and clicking on it.
One button determines the rate of zero
measurements performed by the in-
strument. This is necessary to com-
pensate the internal offset of the DMM
chip. The software has to deduce the
result of the zero measurement from
the current measurement value to ob-
tain the real value. Another setting
made via this window is ‘software cali-
bration’, which allows the scale of the
DMM to be adapted without having to
redo the calibration of the DMM card
itself.

The ‘preferences’ menu also allows
you to select the mains frequency
(50 Hz or 60 Hz). As already discussed,
the reference voltage on the DMM
board depends on this frequency, and
it is vital to make the selection equal to
the mains frequency used in your
country. If the set mains frequency is
changed, the DMM card has to be cali-
brated again.

Calibration

Once you have familiarized yourself a
little with the control software, the
meter is ready for calibration. For
some applications it is sufficient to set
P1 to the centre of its travel. For in-

stance, if you intend to change the cal-
ibration via software. However, if the
meter is to measure ‘real’ volts, am-
péres and ohms, P1 has to be set more
accurately. All you need for this pur-
pose are a stable voltage of (nearly)
3.999 V, and an accurate voltmeter
(min. 8% digit, and having an accuracy
better than that of the DMM). Connect
the test voltage to the DMM inputs,
and set the meter to the 4-V range (i.e.,
autoranging function switched off). To
prevent overflow, the input voltage has
to stay just under 4 V. The adjustment
of P1 is simple: turn the wiper until the
DMM reads the same value as the volt-
meter you have connected in parallel.
That is all! All other ranges are then
automatically calibrated.

Next month's instalment will discuss
the Fuzzy Control One software in
greater detail, along with an example of
a fuzzy logic control system that makes
use of the multimeter described here.

Reference:
1. Fuzzy logic: an introduction. Elektor
Electronics July/August 1992,

Fuzzy Systems and MikroSysteem
(MicroSystem) are registered trade-
marks of MicroSource/H. Scholten,
P.O. Box 1243, 8001 BE Zwolle,
Holland.

LabWindows a is registered trademark
of National Instruments.

* names of menus and menu options mentioned in this article may be different from the actual names used in the program.
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MICROCONTROLLER-DRIVEN NiCd
BATTERY CHARGER

This nickel-cadmium (NiCd) battery charger is capable of
charging up to eight cells individually. The power
semiconductors needed to accomplish this are all fitted on to a
single, large, heatsink, to which the printed circuit board is
also secured. That saves 84 wires.

Design by A. Rietjens

HERE are many methods of charg-
ing a nickel-cadmium battery. The
method used by the present circuit is
probably the best: first, discharge the
battery, then charge it for a certain pe-
riod, and, finally, trickle-charge it.

Although there are more chargers that
operate on this basis, you will rarely
find one that offers continuous adjust-
ment, over a wide range, of the battery
capacity and the average charging cur-
rent. That is a feature uniquely offered

by the present charger, which enables
you to charge a wide variety of batter-
ies. It must be noted, however, that the
batteries which are charged at the
same time must have the same nomi-
nal capacity. Remarkably, the set
charge current is achieved by applying
short pulses at the maximum charging
current. This ensures good efficiency
of the charging process, while the com-
bination with the discharging periods
helps to counteract the so-called mem-
ory effect. In addition to controlling the
charging process, the charger also has
a monitoring function. The charging of
a battery is stopped the moment the
cell voltage rises to a too high value.

8+1=8

The block diagram of the microcon-
troller-driven NiCd battery charger is
given in Fig. 1. The unit consists,
broadly speaking, of eight charging cir-
cuits and a microcontroller. Each
charging circuit (which is divided into
a charging and a discharging circuit)
handles one NiCd cell (1.2-V battery).
The controller is capable of detecting
whether a battery is connected or not.
If so, it checks the condition of that
battery via analogue inputs BT1-BT8
and an on-chip A-D converter. If a bat-
tery is detected that needs to be dis-
charged first, the discharging function
of the relevant circuit is enabled with
the aid of outputs S1-S8. Any time a
battery is sufficiently discharged, the
associated charging circuit is switched
off. When all batteries connected are
discharged, the charging circuits are
selected and switched to charging.

The desired charging current and
the battery capacity are adjusted be-
forehand by two potentiometers. Like
the battery voltage, the setting of these
potentiometers is measured by the A-D
converter on board the microcon-
troller. The reset button on the unit is
used to signal that a set of batteries
has been installed, and that the charg-
ing process must begin again.

Four LEDs indicate what the
charger is doing. After a reset, the con-
troller starts by checking all eight bat-
tery connections. In fact, it checks if a
battery is present. If so, the next check
is the level of discharging. During this
check, the ‘CHECK' LED is on. If there
are batteries that need to be dis-
charged, this is indicated by the 'DIS-
CHARGE' LED. Another LED, marked
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MAIN SPECIFICATIONS

©® Adjustable capacity:

® Microcontroller driven

® No adjustments

Fig. 1. Block schematic of the microcon-
troller-driven NiCd charger.

‘CHARGE' lights when all batteries are
charged. The ‘TRICKLE' LED, finally,
lights to indicate that the batteries are
kept ‘topped up’ by a trickle-charging
current.

Charging/discharging
current and battery
voltage

Neither the charging nor the discharg-
ing current flows continuously
through the battery. This is because
the current sources are set to fixed val-
ues. The only way of making the (aver-
age) current adjustable is, therefore, to
give current pulses with an adjustable
pulse duration. To generate these
pulses, the microcontroller places an
appropriate pulse on the ‘charge’ or
‘discharge’ control line.

Making the charging current ad-
justable is not the only reason to opt
for current pulses: the pauses between
the pulses allow the microcontroller to
measure the battery voltage. This can
be done without losses introduced by
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wires and contacts, since, theoreti-
cally, no current flows during the mea-
surement. One complete cycle (current
pulse followed by a pause during
which the battery voltage is measured)
lasts about 2.5 seconds.

The different steps into which the
test procedure may be divided are
shown in the flow diagram, Fig. 2.
Each time the procedure is called, the
voltage on all battery stations (whether
‘occupied’ or not) is measured. The
variable '‘BATCOUNT" indicates the
number of the battery station (connec-
tion) whose voltage is measured. The
state of each output is recorded with
the aid of five variables. Three voltage
ranges are set up to determine what is
connected to the battery terminals. If
the voltage is between 0.5 Vand 1.8V,
the controller assumes that a battery
is connected. If the voltage is between
0.5 V and 1 V, the battery is assumed
‘flat’. Finally, if the voltage is greater
than 1.6 V, it is assumed to be too
high.

The results are evaluated after these
three measurements. From a point of
view of logic. this part of the flow dia-
gram is not complete. Not shown are
the small differences in the charging
level assessment, which depend on the
state of the charger (check: discharge:
charge or trickle). For instance, while
in ‘charge’ mode, it is not necessary to
check if the batteries are discharged,
since that has already been done. Once
the state of a battery at one of the ter-
minals has been measured, the soft-
ware continues with the next one, until
all have been checked. Only then does
the next charging cycle begin, taking
into account the result of the test rou-
tines for each individual battery.

16 current sources and
one microcontroller

Before discussing the complete circuit
diagram, we first examine the opera-
tion of one charging/discharging cir-
cuit — see Fig. 3. Transistors T25 and

® Charges up to eight NiCd batteries (1.2 V) simultaneously.
® |f necessary, batteries are individually discharged.

® |Individual monitoring of battery voltage.

® Adjustable charging current:  0-200 mA, 0-1 A, or

0-100 mA, 0-500 mA
0-10 Ah or 0-5 Ah, or

0-2.5 Ah
® Trickle charging at %th of nominal charging current

® Charging current indicator (LED) for each battery
® Charger state indication using 4 LEDs

T28 are common to all eight charg-
ing/discharging circuits, and serve to
switch between these two functions.
Each circuit is individually switched
on and off by the ‘select’ line. The bat-

TEST
BATTCOUNT = 1
SET NOBATT
SET ALL_DISCHARGED
RESET DISCHARGED
RESET OVERVOLTAGE
MEASURE BATTERY
Y
YES
A 0VS < VOLTAGE < 1V8 » RESET NOBATT
T
ves
VOLTAGE < 1V "‘.- SET DISCHARGED
——
Yes
VOLTAGE < 1v§ || seToveEavoLTAGE
T
YES
NOBATT 7 >
NO s
DISCHARGED 7 L'—‘ib—
%o
A RESET ALL_DISCHARGED V
Y
OVERVOLTAGE ? '_’_YE!
e RESET SELECTION
INC BATTCOUNT
Y
2 usteatERY?
YES
m wha-a

Fig. 2. The state of each battery is continu-
ously checked during the entire charging op-
eration.
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Fig. 3. Basic charging/discharging circuit.
The unit has eight of these.

tery voltage is measured by the micro-
controller via filter R5-C1. To discharge
the battery, the ‘select’ and ‘discharge’
lines have to be high simultaneously.
The discharging current then flows via
resistor R3 (which limits the current to
about 1 A), and MOSFETs T1 and T27.

If the ‘select’ and ‘charge’ lines are
high, current source Di1-T2-R4 is
switched on, and current is supplied to
the battery. LED D1 has two functions.
Firstly, the voltage across it is the ref-
erence for current source T2. Secondly,
it serves as a ‘charge’ indicator be-
cause it flashes when the relevant bat-
tery is being charged. D1 is a red LED,
which has a typical voltage drop of
1.6 V. After subtracting the base-emit-
ter voltage of T2, this leaves 1 V across
R4, so that a current of 1 A flows. This
constant current leaves the circuit via
the collector of T2, and is fed to the
battery. Diode D2 protects T2 against
excessive voltages. Since D1 is used as
a reference, it must be a red LED (the
voltage across LEDs depends on the
colour). Also, do not use a high-effi-
ciency type in position D1, since that,
too, causes an incorrect reference volt-
age.

As already mentioned, the battery is
charged with a current pulse every
2.5 seconds, which is indicated by the
LED flashing at the same rate. If the
LED does not flash, or flashes irregu-
larly, there is probably something
wrong with the relevant battery. Do
note confuse irregular flashing with
‘slow’ flashing (every 50 s), which indi-
cates trickle charging.

The full circuit diagram of the mi-

Table 1. Range selections
R4;R9;R14;R19;R24;R29;R34,;R39
1Q 2Q
Capacity P1 JP1 open 0-5 Ah 0-2.5 Ah
Capacity P1 JP1 closed 0-10 Ah 0-5 Ah
Charging current P2 S1 closed 0-1A 0-500 mA
Charging current P2 S1 open 0-200 mA 0-100 mA

crocontroller-driven NiCd charger is
given in Fig. 4. Controller IC1 is a
member from the ST62xx family which
was introduced in Ref. 1. The eight
charging circuit are divided into two
groups of four, which are separately
powered. In this way, the maximum
load on the charging/discharging cir-
cuits is limited to 4 A, which is easier
to handle than the 8 A which would be
required if all circuits were connected
to a single supply.

The division into two groups is also
found back with T27. To prevent all
discharge currents flowing through
this transistor, it is shunted by a sec-
ond power MOSFET, T26. Each of these
transistors handles one group of
charging/discharging circuits, and,
thus, half the total discharging cur-
rent. Furthermore, the division into
two groups comes in handy for the de-
sign of the printed circuit board, be-
cause it allows the tracks that carry
the total charging/discharging current
to be kept as short as possible.
Transistor T25 does not need ‘assis-
tance’ since it can easily handle the
current drawn by the eight LEDs in the
charging circuits on its own.

Since microcontroller IC1 has a lim-
ited number of inputs and outputs, the

four modes of the charger (check; dis-
charge; charge; and trickle) are con-
veyed to the circuit via two outputs
only. These two control bits are de-
coded by demultiplexers IC2a and IC2b.
The latter controls LEDs D19 (check),
D20 (discharge), D21 (charge) and D22
(trickle). These LEDs indicate the state
of the charger. IC2b decodes the two
output bits to control T25, T26 and T27.
In ‘check’ mode, these three transis-
tors are switched off, allowing the mi-
crocontroller to measure the battery
voltage (remember, no current flows at
this stage). In ‘discharge’ mode, T26
and T27 are switched on, while T25 is
switched on in ‘charge’ as well as in
‘trickle’ mode. Current pulsing is
achieved by switching between ‘check’
mode on the one hand., and ‘dis-
charge’, ‘charge’ or ‘trickle’, on the
other.

The charger is adjusted with the aid
of P1 and P2 (for the ranges, see
Table 1). P1 enables the battery capac-
ity, or, more properly, the energy (in
Ah) put into the battery, to be set. This
means that the battery charger does
not compensate the efficiency of the
charging process. Fortunately, that is
not a problem because the efficiency of
the charging process is relatively high
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Fig. 4. Circuit diagram of the NiCd charger. Most discrete electronics is contained in the charging/discharging circuits. Inside IC1 lurks a com-

plete computer system with RAM, ROM and an A-D converter.
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Fig. 5. The printed circuit board is designed to fit on the SK47/100/SA heatsink. Use a photocopy of the component mounting plan as a tem-
platye to drill the holes for the power semiconductors.

by virtue of the high charging current.
In practice, you will come very close to
a ‘full’ battery if you set its nominal ca-
pacity with P1. If, after having used the
batteries, they appear not to have had
the full capacity, try setting a higher
capacity with P1 next time (however,
do not go higher than 1.4 times the
nominal capacity).

The second control, P2, allows the
average charging current to be set.

That may appear strange, since the
current sources pump fixed 1-A pulses
through the battery, no matter how
small this is. However, by matching
the average current to the specification
of the battery, this is given sufficient
time to recover from the current pulse.
Current pulses cause gas bubbles in
the battery. Although these disappear
as a result of the chemical reaction set
off the charging current, this takes

some time. Since the gas bubbles in-
crease the pressure inside the battery,
the amount of gas must be restricted.
Here, this is achieved by a pause fol-
lowing each current pulse.

If you frequently use small batteries
which seem to have problems with the
1-A charging current, it is recom-
mended to change R4 (and its counter-
parts in the other current sources)
from 1 Q into 2 Q. This modification
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COMPONENTS LIST

results in current pulses of 500 mA in-
stead of 1 A (see also Table 1).

Since the energy to be put into the
battery is set with the aid of Pi1, the
charging time of the battery is easily
computed by dividing the set capacity
by the set current. Only if the charging
current is at or near the maximum,
you will have to allow for some extra
time, which goes on account of the mi-
crocontroller running state checks on
the batteries.

Last but not least, the power supply
of the NiCd charger. The mains trans-
former is a fairly heavy type with two
separate 6-V secondary windings, each
rated at 6-7 A. Here, too, the supply is
divided into two parts to keep the max-
imum currents within reason. None
the less, the rectifier diodes have a
pretty hard time, and to keep them
cool they have to be fitted on the
heatsink, together with the power
transistors. That is also why TO-220
style diodes are used. For the rest, the
power supply is straightforward:
bridge rectifier, smoothing capacitor
and a 5-V regulator, IC3, to supply IC1

ELEKTOR ELECTRONICS OCTOBER 1993

and IC2. A low-drop voltage regulator
is used because of the relatively low
transformer secondary voltage (which
is necessary to keep the dissipation in
the current sources within limits).

Construction

The artwork for the printed circuit
board is shown in Fig. 5. The PCB is
designed so that it forms a sandwich
construction with the heat-sink. The
power semiconductors are fitted be-
tween the board and the heat-sink.
First, however, mount all components
shown on the PCB overlay (which ex-
cludes the TO-220 style power transis-
tors and diodes). It Is best to start with
the 26 wire links on the board. Use
fairly thick wire for the links next to K2
and at the head of Ci15, since these
wires carry the full supply current. At
the track side of the board, fit a 10-kQ
resistor between pin 1 (+5 V) and pin 5
(NMI) of IC1. Although this pull-up re-
sistor should not be required, some of
our prototypes of the charger did not
work properly without it. Finally,

check the populated PCB for errors,
since these are not so easy to correct
later.

To enable the sandwich construc-
tion to be made, the heat-sink has to
be drilled and tapped first. Punch holes
into the heatsink, using a photocopy of
the component overlay to find the loca-
tions (check that your photocopier pro-
duces a copy of exactly 100%). All in
all, there are 32 holes: four fixing
holes, and 28 for the power transistors,
diodes and IC3. Drill 2.5mm dia,
15 mm deep, holes. Deburr the holes,
because the components have to rest
flat on the heat-sink for optimum heat
transfer. Next, thread the holes with an
M3 tap. The depth of the threading is
about 10 mm.

Figure 6 shows the position of the
power components between the heat-
sink and the PCB. Start by bending the
component terminals into the shape
shown. Next, mount each component
on to the heat-sink, using a 10-mm
bolt, insulating material and heat
transfer paste. Make sure that each
component is fitted the right way
around, and at the right location. Next,
run a check on short-circuits between
the metal tabs and the heat-sink.
Place the PCB over the components, so
that the terminals rest against the re-
spective copper spots. If necessary,
align the components, and tighten the
bolts (which are accessible through
holes in the PCB). Next, solder the ter-
minals from the side.

Connect the mains transformer,
and apply power. LED D19 should light
immediately. For a further check on
the circuit, you need a nearly ex-
hausted battery. Set the nominal ca-
pacity of this battery with P1, and an
appropriate charging current with P2.
Connect the battery to one of the PCB
terminal blocks. On starting the
charger by pressing S2, the CHECK
LED (D19) should light briefly, followed
by the DISCHARGE LED (D20) — pro-
vided, of course, that the battery is not
completely discharged. If the battery is
‘flat’, the ‘CHARGE’ LED lights, and
also the LED in the charging circuit to
which the battery is connected. Next,
all you can do is wait and see if the
charger keeps to the charging time
that belongs with the setting (capac-
ity/charging current) made with P1
and P2. Since there are no adjustment
points in the circuit, it is best to leave
it working for a while.

Once the unit works properly, it
may be finished mechanically. Great
attention should be given to safety pre-
cautions for all wires and terminals
that carry the mains voltage. In this
respect, it is best to use a mains
socket with a built-in switch and fuse-
holder. Note that the switch is not
drawn in the circuit diagram, although
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Fig. 6. lllustrating the ‘sandwich’ construction, with the power semiconductors fitted be-
tween the PCB and the heat-sink.

it is essential. The fuseholder holds
fuse F1.

The biggest problem in the finishing
of the unit is probably the battery
holder. Although holders are available
for single cells, these are usually suit-
able for internal or recessed mounting
only. In any case, a multi-battery
holder as seen in commercially avail-
able chargers proved impossible to
find as a separate part from electronics
retailers. It may, therefore, be a good
idea to salvage such a holder from an
inexpensive (‘no-good-anyway’) battery
charger. Alternatively, join a couple of
single-cell holders, and connect them
to the charger via a short cable fitted
with a plug. Another alternative, al-
though quite costly, is to use Varta’s
stackable battery holders (Types RSH4
for ‘mono’ cells; RSH1,8 for ‘baby’
cells; and 501RS for ‘penlights’).
Whatever solution is found to solve the
battery holder problem, be sure to
keep the wire connections as short as
possible, since the ability of the cur-
rent sources to compensate losses
caused by junction resistances.

Finally, scales are readily made for
the two potentiometers, since their
ranges are linear.

Operation

In general, use the nominal capacity of
the battery to set the capacity on the
NiCd charger. In virtually all cases,
that is sufficient to fully charge the
battery. The same goes, basically, for
the charging current, which is set in
accordance with the battery manufac-
turer's recommendations. Remember,
however, that low temperatures forbid
high charging currents. The charging
current is too high if the battery tem-
perature runs up to 40 °C at room
temperature.

Since the capacity and charging
current settings are common to all bat-
teries connected, only batteries with
equal nominal capacities can be
charged at the same time. If you hap-
pen to have a number of batteries with
different conditions (charging levels),
remember that the charger does not
start charging until the last battery is
discharged. So, if you are in a hurry, it
may be more economical to first charge
the most discharged batteries. 5

References:

1. Maxi micro clock. Elektor Electronics
July/August 1993.

ELEKTOR ELECTRONICS OCTOBER 1993



o
f'\r"j




MICRO LINEAR 2035 & 2036

he ML2035 and ML2036 are monolithic

sine wave generators that are pro-
grammable from d.c. to 25 kHz and from d.c.
to 50 kHz respectively. The frequency can be
setinstepsof 0.5 Hz. They are intended pri-
marily for telecommunications and modem
applications that need low-cost and accu-
rate generation of precise test tones, call
progress tones, and signalling tones.

The frequency of the sine wave output is
derived either from an external crystal or clock
input, thus providing a stable and accurate
frequency reference. The frequency is pro-
grammed by a 16-bit serial data word.

The ML2035 is housed in an 8-pin d.i.p.
and the ML2036 in a 14-bitd.i.p. ora 16-pin
SO (small outline) case.

Figure 1 shows the block diagrams of
the two devices. Both contain a 16-bit shift
register and associated 16-bit data latch.
The content of the register determines the
output frequency via a phase accumulator
and 512 point sine look-up table, which will
be reverted to shortly. An 8-bit digital-to-
analogue (D/A) converter transforms the out-
put of the phase accumulator into an ana-

for a power-down mode, which allows the
digital section to be switched off. To that
end, the shift register must be loaded with
zeros and the LATI input connected to +5 V.
The ML2036 has the further facility of an
INH(ibit) function, which switches off the
output when the next zero crossing of the sine
wave is reached.

Whereas the ML2035 has a fixed output
level of +2.5 V,, that of the ML2036 can be
preset by the combination of the reference
voltage and the logic state at the GAIN ter-
minal. If, for instance, the GAIN pin is at
+5 V (logic high), the peak output voltage is
equal to the reference voltage (Vipp) = 2Viep).
If the GAIN pin is at 0 V (logic low), the peak
output voltage is equal to Vi / 2, so that
Vo(ppl = Vief.

The ML2036 also has two additional clock
outputs, fCLKIN / 2 and fCLKIN / 8, a power-
down input and isolated grounds forits ana-
logue and digital sections.

The power requirement for both chips is
+5 V; the negative voltage is needed for the
analogue section.

The digital inputs of both devices are

Jogee
PROGRAMMABLE SINE WAVE GENERATORS

Waveforms

Figure 2illustrates how the devices gener-
ate the sine waves. A complete sine wave is
resolved into 22! phases. The 16-bit data
register decides how many of these fractions
will be enclosed by two successive clocks
(Fig. 3). In this way, low values in the 16-bit
register produce low frequencies since many
ofthe phases are scanned. High 16-bit values
resultin high frequencies since many phases
are ‘ignored’.

The adder and the latch form the phase
accumulator that contains the actual phase
status. The accumulator is clocked at f; x/4.
The value stored in the data latch is added
to the phase accumulator every 4 cycles of
CLKy. The frequency of the analogue out-
putis equal to the rate at which the accumulator
overflows and is given by:

o= [foukmy X (D15 —Dy)pge 1/ 223,

Thus, the length of each phase caused by a
change of 1 in the content of the register is
given by:

logue voltage that is smoothed by a filter. TTL/CMOS compatible.
Furthermore, both devices have the facility Af = foLRIN/ 223.
ML2035 ML2036
Clkny - ClKin Vier GAIN
0 Vour CRYSTAL T
8-BIT DA Lo, B-BIT DA
ClKourl o 2]
8
ACCUMULATOR 2] ACCUMULATOR
512 POINT v 512 POINT o o Ve
—0 Vcc LOOK-UP
SN —ocwp Wourzo-{=2] SINE AE 1 ——0 AGND
16 —O0 Vs DGND O—— ; 16 —0 Vss
ATl O—¢—{  16-BIT DAIA LAICH | o—e—|  16BITDAKIUCH |
16
416
SID O————{  16-BIT SHIFT REGISTER | SID O———{  16-BIT SHIFT REGISTER |
séx 920180-18 séx roi}—mu

Fig. 1. Block diagrams and pinouts of sine wave generators ML0235 and ML0236.
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Fig. 2. The functional diagram applies to both devices.
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ML2035 & ML2036 SINE WAVE GENERATORS

For instance, if the crystal frequency, £, is
equal to the clock, foLxiN of 4.194304 MHz,

Af=0.5Hz,
and
fomax) = fCLKIN x 216/221 = 32.768 kHz.

Only the eight highest valued of the 21 bits
are processed further; the highest valued
bit is the polarity symbol.

Apart from symmetry around the time axis,
asine wave also has symmetry with respect
to the peak values of the waveform (Fig. 4).
This property is used here. With the aid of
the second highest bit, the quadrant com-
plementor translates the 7-bit phase value
in a manner that a sine look up table with
values for 128 phase steps between 0 and /2
suffices to compute the output amplitude. The
next step in the processis the reemployment
of the polarity symbol to ascertain whether
a positive or negative half wave must be out-
put (sign complementor). After a second out-
put latch follow the D-A converter and the
low-pass filter.

Owing to the phase quantization nature
ofthe frequency generator spurious tones can
be present in the output in the range of
-55 dBrelative to the fundamental. The en-
ergy from these tones is included in the sig-
nal-to-noise+distortion specification. The
frequency of these tones can be very close to
the fundamental and it is, therefore, not
practical to filter them out.

The sine wave generator comprises a sine
look-up table,a DAC, and an output smooth-
ing filter. The sine look-up table is addressed
by the phase accumulator. The DAC is dri-
ven by the output of the look-up table and gen-
erates a staircase representation of asine wave.

The filter smooths the analogue output by
removing the high frequency sampling com-
ponents. The resultant voltage on Vris a
sinusoid with all distortion components at
least 45 dB below the fundamental.

The ML2035 provides a peak sinusoidal
voltage of + V¢ / 2. The ML2036 has a Vg
input that can be tied to Vi or generated from
an external voltage. With the GAIN input
equal to a logic 1, the sine wave peak volt-
ageisequal to+Vygg; with the GAIN input equal
toalogic 0, the peak voltage is +Vpgp/ 2. The
sine wave output is referred to AGND for the

« axes of symmetry

920180-12

Fig. 3. Sinusoidal signals can be generated from preset digital values.

ELEKTOR ELECTRONICS OCTOBER 1993

Fig. 4. A sinusoidal signal is symmetrical
not only around the time axis, but also with
respect to its peak values.
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Fig. 5. Serial interface timing.

ML2036 and GND for the ML.2035.

Although the analogue section is designed
to operate over a range from d.c. to 50 kHz,
owing to slew rate limitations, the peak-to-
peak output voltage must be limited to
Vourpp) <(125 kV x Hz) / foyr. For example,
on the ML2036 an output of 50 kHz must be
limited to 2.5 Vp,. Since the ML2035 peak-
to-peak output voltage is equal to Vi, the max-
imum output frequency must be limited to
25 kHz for Vo =5 V. Vpcan drive 1 kQ, 100 pF
loads and swing to within 1.5 V of V¢ and
Vs, provided the slew rate limitations men-
tioned above are not exceeded.

The output offset voltage, Vi, is a func-
tion of the peak-to-peak output voltage and
is specified as 25 mV + (10 x Vyyppp)) max.
For example, if Voyypp) = 2.5V, Vog =50 mV
max.

The crystal oscillator generates an accu-
rate reference clock for the programmable
frequency generator.

Theinternal clock can be generated with
a crystal or an external clock.

If a crystal is used, it must be placed be-
tween CLK and DGND of the ML.2036 or GND
of the ML2035. An on-chip oscillator will
then generate the internal clock. No other
external components are required. The crys-
tal should be a parallel resonant type with
a frequency between 3 MHz and 12.4 MHz.
It should be placed physically as close as
possible to the CLK;y and DGND (or GND). Its
maximum equivalent series resistance should
be 15 Q at drive levels of 1-200 uW, or 30 Q
at drive levels of 10 nW to 1 pW. A typical

load capacitance is 18 pF. The maximum
case capacitance is 7 pF.

The ML2036 has two clock outputs that
can be used to drive other external devices.
The CLKq;r1 output is a buffered output from
the oscillator divided by 2. The CLK;2 out-
put is a buffered output from the oscillator
divided by 8.

Thedigital interface consists of a shift reg-
ister and data latch. The serial 16-bit word
on SID is clocked into a 16-bit shift register
on leading edges of the serial shift clock,
SCK. The LSB should be shifted in first and
the MSB last as shown in Fiig. 5. The data that
has been shifted into the shift register is
loaded into a 16-bit data latch on the trail-
ing edge of LATI. To ensure that true data is
loaded into the data latch from the shift reg-
ister, LATI trailing edge should occur when
SCKis low as shown in Fig. 1. LATI should be
low while shifting data into the shift regis-
ter to avoid inadvertently entering the power
down mode as described below. Note that
all dataisentered and latched on edges, not
levels, of SCK and LATI.

The power down mode of the ML2035 can
be selected by entering all zeros into the
shift register and applying a logic 1 to LATI.
A zero data detect circuit detects when all
bits in the shift register are zeros. In this state,
the power consumption is reduced to about
11.5 mW, and V7 goes to 0 V. The master
clock, CLKyy, can be left active or removed dur-
ing the power down mode.

The ML2036 has an inhibit mode and a
power down which are controlled by the

three-level Ppy-INH input. When a logic 1, Vi3,
is applied to the Ppy-INH pin, the power down
mode is entered in the same way as described
for the ML.2035. Also, the ML2036 will be placed
in the power down mode by applying a logic
0 to the Ppy-INH pin.

IfVsto Vs +5V, Vg, isapplied to the Ppy-INH
pin, the inhibit mode is entered by shifting
all zerosinto the shift register and applying
a logic 1 to the LATI pin. Once the inhibit
mode is entered, V;r will complete the last
half cycle of the sine wave and then be held
at about Vg, such that no voltage step occurs.

The analogue circuits in the device are pow-
ered from +5 V (Vi to Vgs) and are referred
to AGND.

The digital circuits in the device are pow-
ered from 0-5 V (Vi to DGND).

For the ML2036, it is recommended that
AGND and DGND be connected together close
to the device and have a good connection
back to the power source.

Itisrecommended that the power supplies
to the device be bypassed by placing decou-
pling capacitors from V; to AGND (GND for
the ML2035) and Vi to AGND (GND for ML2035)
as physically close to the device as possible.

Interfacing

The timing of the serial data input (SID), se-
rial clock (SCK) and the latch input (LATI) is
shown in Fig. 5. The leading edge of the
clock pulses determines the exact instant at
which the data are transferred from the SID
to the shift register, starting with the LSBand

.

4.194 304 MHz

vss vee
Po i 2lscx > DAC
N g e 0...32768 Hz
. 6 L
oy,
ML 2035 " 12345 §C 80C32
P1.2 |3 4] LAN e Vet
coding selector 0...32768 Hz
4C 80C32 0. Laid L. 2036 0..5Vpp
(Dil 40) 8 7
222p r==
# 4.194 308 MHz
—
‘ 920180-14
Q

920180-13

Fig. 6. Application of ML2035.

Fig. 7. Block diagram of an ML2036 application.
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ending with the MSB. During the clockingin,
the LATIis logiclow (0 V), but, as the diagram
shows, it goes high during the last data bit.
The trailing edge of the LATI pulse enables
the transfer of the data in the shift register
to the 16-bit latch. This must happen dur-
ing the logic low phase of the clock to prevent
accidental transfer to the power down state.

ELEKTOR ELECTRONICS OCTOBER 1993

Applications

A practical circuit using the ML 2035 is
shown in Fig. 6. It is used to set the fre-
quency of an 80C32 microcontroller in steps
of 0.5 Hzbetween d.c. and 32765.5 Hz. Since
the crystal oscillates in parallel resonance,
the exact frequency can be set with the trim-

mer across the crystal.

The block diagram in Fig. 7 is an audio
frequency generator with variable output
level based on an ML 2036. The Vs output
of the ML2036 is linked to a D-A converter
which presets the output level. END



STE R E O M lX E R Design by Q. Gregory
IJugory Guanet
block diagram of the mixer is shown
n Fig. 2. Each input has a matching
circuit to ensure that the signal source is
not unduly overloaded. The output of each
input stage may be adjusted to the re-
quired level with a (stereo) potentiometer.
The outputs of all input stages are com-
bined in a summing amplifier. This ampli-
fier is provided with a (stereo) potentiometer
to enable the output level to be matched

to the sensitivity of the unit to which the
mixer is connected.

STEREO apixe -

The circuit

The circuit of a single input stage is shown
inFig. 1a and that of the summing ampli-
fier in Fig. 1b.

Referring to the left-hand channel (the
right-hand channel is, of course, identi-
cal), the input signal is applied to the in-
verting (-) input of IC,. The amplification
of this stage is . =-Rg/R; =-1. The minus
sign indicates that the stage is an invert-
ing amplifier. The amplification factor, o,
may be altered by giving Ry (and, of course,
R5) a different value.

The mixer is., of modular dgsign so that the cons!ructor can de- High-frequency interference signals
cide how many inputs should be prowded are prevented from appearing at the out-
a b
C7
1'22p
P2a
L ’
R7 b
Lro C9 R8s
HHe-o-©
D 22
@ -
IC2 = NES532
R10
R 1004 c10 A1
S Yerm ®2)
D 212
(= —-{()
c11_|C13 15V
®
iIC2
@ ez fens
|470n |;g% 15V

936053-12a 936053-12b

Fig. 1. Circuit diagram of (a) one of the input stages, and (b) the output amplifier.
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936053X-11

936053X-13

Fig. 3. Simplified representation of the
summing circuit.

put (pin 1) by decoupling capacitor C.
Network Ry-C) forms a low-pass filter with
a cut-off frequency of around 100 kHz. If
the value of Ry is changed, the cut-off fre-
quency will shift (it is inversely proportional
to the change in value of Ry, that is, if Ry
is doubled in value, the cut-off frequency
is halved). It is, therefore, advisable not to
make Ry too large, otherwise the cut-off fre-
quency may fall in the audio range (20 Hz
to 20 kHz). On the other hand, too low a
value of Ry would shift the cut-off fre-
quency too far upwards.

Circuit ICy sums the outputs of all the
input stages as shown, simplified, in Fig. 3.
Its output voltage, U, is given by the for-
mula:

Up=—(Uy + Uz + U3 ... +Up),

in which nis the number of input stages.
This formula applies only if all input re-
sistors, R}, Ry, ... Rphave the same value.
In that case, each of the input stages func-
tions as an inverting x1 amplifier.

As usual, if the value of the feedback
resistor, Py in Fig. 1b, is greater than that
of the input resistor, the gain rises above
unity. In the present design, the input re-
sistance (R3 + R7) = 22 kQ, so that the am-
plification (P / (R3 + R7) can be varied be-
tween O and x2. As in the input stages, the
feedback resistor is decoupled by a ca-
pacitor (C7).

The output of the mixer is available
after a series RC network. The capacitor,
Cg, prevents any direct voltage appearing
at the output. The resistor, Rg, obviates any

STEREO MIXER

tendency to oscillation caused by a ca-
pacitive load (such as long screened cables).

The mixer is powered by aregulated +15V
supply that can provide a current of not
less than 100 mA.

Wl Ak
i p=== ik

Fig. 4. Construction is best done on a number of universal boards No. UPB1 (see p. 70). At the left, a combination of one stereo input

stage and the output stage on one board; at the right, two input stages on another board.
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m AUDIO & HI-FI

STEREO Mixen

Fig. 5. This photograph shows the large number of screened cables required.

Construction

The prototype has nine stereo input chan-
nels, but as already stated, this number
is up to individual requirements. If monau-
ral inputs are required, replace P) by two
mono potentiometers.

The prototype has 10 slide potentiometers

(one for the output stage). One input stage
and the summing amplifier can be built
on a universal board (UPB 1) as shown in
Fig. 4. Further input stages can be built,
in pairs, on the same type of board. The
prototype thus uses five of these boards.

Start by laying the wire bridges. Use sock-

ets for the ICs so that these can be re-
placed easily ifand when required. Use PCB
pins for all external connections because,
as will be seen during the construction, these
are indispensable at a later stage.

When all boards and the power supply
have been constructed, they can be as-
sembled in a suitable enclosure (the best
is one with a slanting front panel specially
designed for mixers).

The use of slide potentiometers is strongly
recommended, because these show at a
glance the setting of each channel. This type
of control is dearer than a rotary control
and it also has the disadvantage of re-
quiring a slot rather than just a round
hole. Fit the (slide) potentiometers to the
front panel on short spacers.

Next, drill the holes in the rear panel for
the audio sockets (Fig. 7) and fit the sock-
ets with their earth terminal at the top. If
a metal enclosure is used, the sockets
should be insulated from it to obviate earth
loops.

Fit the boards and the power supply in
the enclosure. Keep the supply as far away
from the inputs as possible to minimize the
risk of mains hum. Fit the mains input cable
with a strain relief.

All audio connections must be made in
screened cable (Fig. 5) to minimize any hum
pick-up. There are thus four screened ca-
bles to the potentiometer in each input stage.
The earth terminal of each stereo poten-
tiometer must be connected to the screen
of the cable. Interconnect the screens of
the left-hand and right-hand channels
and solder the joints to the ground terminals

POWER @

—
S

9
8
7
6
5
4
3
2
1
0

O~ h LW & 0 O

STEREO MIXER

-
S

Q -~ N WA 0Ny D

S ~ N W & OO

Fig. 5. Proposed front panel (scale 1:1) for the stereo mixer.
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on the board.
The potentiometer in the summing
amplifier needs to be connected by only two

screened cables, because its wiper is linked
to one of its other terminals.
The (already good) signal-to-noise ratio

Fig. 7. Recommended way of mounting the audio sockets on the rear panel.
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may be improved further by the use of
metal film resistors instead of carbon
types. Also, use conductive-plastic type slide
potentiometers instead of carbon types.
Furthermore, it may be necessary to fit the
power supply in a separate enclosure.

Testing

Connect the mixer to a suitable output
amplifier (and speakers) and apply an
audio signal to each input in turn. Set the
master volume control half-way and check
that the volume of input can be adjusted
between nil and maximum.

When this is so, check that the volume of
the composite signal can be adjusted as
required with Py. If the sound increases too
rapidly, it is likely that this potentiome-
ter has been connected the wrong way
around (since this control has a logarith-
mic characteristic, it can be connected
correctly in only one way). This error is reme-
died by connecting the wiper of P; to the
other terminal and turning the control
around (180°). END



FIGURING IT OUT g
PART 9 - REACTIVE NETWORKS

By Owen Bishop

This series is intended to help you with the quantitative aspects of electronic design:
predicting currents, voltage, waveforms, and other aspects of the behaviour of circuits.
Our aim is to provide more than just a collection of rule-of-thumb formulas.

We will explain the underlying electronic theory and, whenever
appropriate, render some insights into the mathematics involved.

Last month we used complex
numbers for circuit analysis,
but reverted to using Pythagoras
and inverse tangents for evalu-
ating the final result. What we
need to do next is to formalize
this process. We represent a given
complex number z by a point in
the complex number plane, quot-
ing its coordinates (a, b) in the
form

z=a +jb. [Eq.55]
These are rectangular coordi-
nates, and the complex number
is said to be expressed in rect-
angular form. Another way of
specifying the position of a point
in a plane is to give its polar co-
ordinates. The relationship be-
tween the two kinds of coordi-
nate is shown in Fig. 77. In this
figure:

[Eq. 56]
(Eq. 57]

a=rcos@;
b =rsin 6.

Substituting in Eq. 55 we find:

z=rcos 0+ jrsin6,
or
z=r(cos 0 +jsin 0). [Eq. 58]

This is the polar form of z. The
only essential pieces of infor-
mation in this formula are the
radius r and the angle 6. We adopt
a shorter way of writing out the
polar form by quoting r and 6,
but leaving out the ‘cos’ and §sin’,
which are taken as understood,
all complex numbers having the
same format. This leaves us with:
z=r Z6, [Eq. 59]
which means the same thing as
Eq. 58, but is much quicker to
write and much easier to com-
prehend. In this expression, we
refer to r as the modulus and to

z
7

‘/— : A
2] o |
2 3 |
z 7 |
2 i |

g S | |b
s 7 |
A |
s |
y |
-7\ 8 |
1

0 a » REAL AXIS
L
930010 - IX - 77
Fig. 77.

6 as the argument of the com-
plex number.

Conversions

The two final examples last month
showed how to convert from rect-
angular form to polar form. Given
z =a + jb, we calculate:

r=(a2+ b2)12
and
0= tan-1(b/a),

and write the result in the form
of Eq. 59. There is a slight prob-
lem, which is that there are two
possible values of an inverse tan-

gent. These are 180° apart. A sim-
ple sketch or inspection of the
signs of @ and b tells us the quad-
rant in which z is situated.
Example: convert z = 4 —j5
into polar form. First find
r=(42 + 52)12 = 6.40.
Next, find
tan-1(-5/-4) = 51.34°.
But both a and b are negative, so
the point must be in the third
quadrant. This means that
6 =180 + 51.34 = 231.34°. The
result:

z =6.40 £231.24°.

Converting from polar form to

-
-
T

w=2x10*

0 930010 - IX - 78

rectangular form uses Eq. 56 and
57, the result being written in
the form of Eq. 55.

Example: convert z = 50 £36°
into rectangular form

a = 50 cos 36° = 40.45;

b = 50 sin 36° = 29.39.
Result: z = 40.45 + j29.39.

Most scientific calculators have
both conversions as built-in pro-
grams. Their usefulness depends
on the fact that adding and sub-
tracting complex numbers is eas-
ier when they are in rectangular
form, but multiplying and dividing
is easier when they are in polar
form. In the course of an analy-
sis we may convert from one form
to the other and back again sev-
eral times, according to which
operation is currently required.

The rule for multiplication is:
multiply the moduli, sum the
arguments.

Example: multiply 4 £60° by
2 Z10°. Multiply moduli: 4 x 2=8.
Sum the arguments:
60° + 10° = 70°. Result: 8 £70°.

Conversely, the rule for divi-
sion is: divide the moduli, find
the difference between the
arguments. This short, easily
remembered form of the rule does
not specify which modulus to di-
vide by which, or which argu-
ment to subtract from which, but
commonsense applies, as in this
example: divide 6 Z85° by 2 £40°.
Divide moduli: 6/2 = 3. Difference
of arguments: 85—-40=45. Result:
3 £45°.

Network analysis

Figure 78 shows a reactive net-
work in which we are required
to find the voltages and currents
for all components. The applied
signal has a peak value of 200 V
and the frequency is 3183 Hz. We
begin by rewriting the capaci-
tance as a complex impedance:
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X = —joC = -j50.

Taking node B to be at 0 V, and
considering node A at Uy V, by
KCL:

Li+Iy+13=0,
or
Ua=200 Uy Us _
40 20 -350

since I = U / X for each compo-
nent. This equation is simplified:

gy 4%
UA(E+_—_J—5—O]_

( -5150+40] =
Al 52000

~ ~j10000
AT 40-j150°

Here we have to divide one com-
plex number by another: convert
to polar form and divide:

10000 Z-90°

A = 155.24 £75.07°

= 64.416 £-14.93".

Having found Uy, we know
the pd across the 20 Q resistor
and the capacitor, but need to
find the pd across the 40 Q re-
sistor. Since we are, as usual, tak-
ing the applied voltage as the ref-
erence for phase angle, the polar
form of this is 200£0°. Calculating
Uyo:

Uyy=200 20°— 64.416 £-14.93°.

Here we have to subtract: con-
vert to rectangular form:

Uiy =(200+j0)—(62.241 —j16.596)
=137.759 + j16.596.

Convert the result back to polar
form to express it as a phasor:

Uy = 138.755 £6.869°.

Now that we have the pd across
all components, we calculate the
currents:

Iy =(138.755 £6.869°)/40
= 3.4689 £6.869°%

Iy =(64.416 £-14.93°)/20
= 3.2208 £-14.93%;

I3 =(64.4162-14.93°)/50 £-90°
= 1.2883 £75.07°.

If you try to convert a num-
ber such as —j50 into polar form
with a calculator, you will prob-

Fig.

ably get an error message. This
is because you are asking the cal-
culator to evaluate tan-1(-50/0).
But we know that the ‘—j’ means
‘turn 90° clockwise’, so the con-
version may be written out di-
rectly as 50 Z-90°, as in the equa-
tion for 3.

j in determinants

Simultaneous equations that in-
clude complex numbers can be
solved by determinants with the
method explained in Part 4.
Figure 80 is an example of mesh
analysis in which we are required
to find the value of I;. The com-
plex impedances are stated be-
side each component.

As usual, we write an equa-
tion for each mesh, including the
complex impedances of the ca-
pacitor and the inductor:

1;(8-j5)—15(8) =50 + jO;
-1, (8)+13(8+j4)=0.

The righthand side of the first
equation expresses the applied

0°

930010 - IX - 79b

79.

voltage in rectangular form. This
simplifies to just 50.

Following the technique de-
scribed in Part 4, we write the
determinant equation for I;:

50 -8|
’ 0 8+j4]
8-j5 -8/

-8 8+j4

I|=

The value of the determinant in
the numerator is

50 (8 + j4) — 0 = 400 + j200.

The value of the determinant in
the denominator is

(8-35)(8 +j4)— 64
=84 —j8 - 64 = 20 - j8.

Multiplying (8 — j5) by (8 + j4)
could be done after converting
them to polar form but, with such
small coefficients, a straightfor-
ward algebraic multiplication is
easier. The equation for I; sim-
plifies to a quotient:

g il
- 50
Iy

s
Y

jaa

930010 - IX - 80

Fig. 80
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7 400+200
20-j8
| 447.214/26.5651°
" 21.5407/-21.801°
=20.76.248.37°

We convert to polar form to eval-
uate the quotient and state the
result in polar form. The peak
current in Mesh 11s 20.76 A, clock-
wise, leading the applied voltage
by 48.37°.

The complex numbers in the
determinants of this example are
few and simple, but they illus-
trate the point that determinants
may include complex numbers
without altering the essential
routine of the mesh analysis.

Thevenin equivalent

The complex Thevenin equiva-
lent is calculated in the same way
as described in Part 3, but using
complex numbers. As an exam-
ple, we calculate the Thevenin
voltage, Uty, and impedance, Z7y,
between terminals A and B of the
network of Fig. 81. In this fig-
ure, Uy, defined as the open-cir-
cuit voltage, is the voltage across
the 4 Q resistor and the induc-
tor; there is no pd across the 2 Q
resistor, because the circuit be-
tween A and B is open. If I is the
current circulating in the loop:

UTH =14+ j3)

10 £0°
4-j2+j3
=12.127 £22.835°.

x (4+j3)

The reader may like to verify the
intermediate stages of this cal-
culation.

The Thevenin impedance is
calculated with the second method
from Part 3, in which we replace
the voltage source by a short cir-
cuit and then apply the technique
of network reduction. The net-
work is then equivalent to 4 Q
and j3 Qin series, in parallel with
—j2 Q, and this is in series with

2Q.
(4+33)(-j2)
T =
e j3-j2
=6—_—£ +2
4+j
& 6-j8+8+j2
4+j
- 14-j6
4+j
=3.694 £-37.235°.

2



GENERAL INTEREST

Fig.

Filters

Of all types of circuit, filters are
those most concerned with the
effects of varying frequency.
Consequently, complex numbers
are invaluable for analysing fil-
ter circuits. We begin with the
simplest possible example, a low-
pass RC passive filter (Fig. 82).
Treating this as a potential di-
vider, and assuming that the load
current is negligible, we arrive
at the ratio

Uout/Uin = Xc/(R + X¢). [Eq. 60]

Writing the capacitor reactance
as a complex number:

1/joC
Uout/Uin = R_"i‘W

Multiplying throughout by jwC:

Usst/Uin = 1/ GRC + 1).
[Eq. 61]

For example, given that @ = 105
(f = 15,915 Hz), R = 1 kQ, and
C =10 nF, we find that @RC = 1.
The expression reduces to

Ugt/Uin = VG + 1)
= 1/1.414 £45°
= 0.707 £-45°.

The output voltage is reduced to
0.707 of the input voltage and
there is a phase lag of 45°. The
frequency on which this exam-
ple is based is the -3 dB point of

)
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the filter. Let us see what hap-
pens if we double the frequency
but keep component values un-
changed. Now, @RC = 2 and:

Uput/Uin = V(G2 + 1)
= 1/2.236 £63.43°
=0.447 £-63.43°.

The output voltage is smaller,
showing that this is a low-pass
filter, and the phase lag is in-
creased. Note that when the fre-
quency becomes higher, the ef-
fect of the ‘1’ in the denominator
becomes relatively less. Doubling
of frequency approximately halves
the output voltage; in other words,
output falls at the rate of 6 dB
per octave.

This technique is for calcu-
lating output and phase lag for
any passive RC filter at any fre-
quency.The same principles are
applicable to a high-pass filter
(with R and C interchanged) or
to an LC filter.

The performance of the filter
is affected if there is an appre-
ciable load on it. In Fig. 83, the
load resistor is in parallel with
the capacitor. Their parallel im-
pedance is

Zcy, =Xco/Ry/ (Xe + Ry).
[Eq. 62]

Substituting Eq. 62 in Eq. 60:

Ugut/ Uin=2Zc1/ (R + Z¢y,).

Ot o
A A
W 2 e []
o .
Fig. 83.

Omitting intermediate steps, we
arrive at a useful result:

Uout/Usn = 1/(1 + RIRy, + jwRC).
[Eq. 63]

If Ry, is infinitely large, this equa-
tion reduces to Eq. 61, which is
to be expected. As an example,
keep other values unaltered and
make Ry, = 10 kQ, with @ = 105,
as in the first filter example:

Ut/ Uin = 1/ (1 +0.1 +j)
=1/(1.1+})
= 1/1.487 £42.27°
=0.672 £42.27°.

The output voltage and phase lag
are both reduced slightly by a
10 kQ load.

The approach used above may
be applied to the analysis of ac-
tive filters, in which operational
amplifiers are employed. The anal-
ysis is more involved than that
for a passive filter, but the same
principles apply and, as far as
the topic of complex numbers is
concerned, there is nothing new

Test yourself

1. Multiply (2 +j3) by (5—j4)in
rectangular form. Then con-
vert them both to polar form
and multiply them in this form.
Convert the product back to
the rectangular form to con-
firm that the ‘multiply/sum’
rule is true.

2. Divide (4 + j7) by (2 - j3) in
rectangular form. Convert to
polar form and divide. Convert
back to rectangular form to
confirm that the ‘divide/dif-
ference’ rule is true.

3. Confirm the correctness of the
analysis of Fig. 76 by converting
the currents into rectangular
form and checking that
Li=1y+13.

4. Find the current passing
through the resistorin Fig. 78
(beware inverse tangents).

5. Given a low-pass filter as in
Fig. 81, but with R = 100 Q,
C =10 pF and f=400 Hz, cal-
culate Ui/ Ui, and the phase
angle. What is the effect of
feeding the output to a resis-

to add. tive load of 4 kQ?
R
i Fa—%)
AN
Xc
unl) — vl
O 930010 - IX - 82
Fig. 82.
Exponential form
Answers to
While on the subject of repre- Test yourself (Part 8)
senting complex numbers, the 1. 9+ j5.
exponential form is useful in 2. 10 -j3.
some applications. The relation- 3. 1.6 —j2.6.
ship between this and the polar 4. 1+ j8.
form is: 5. 9+j37.
r Z0 = rei. 6. 18 —j4.
7. 4-j35.
In this equation, 8 must be ex- 8. 0.466 + j0.086.
pressed in radians. One advan- 9. w = 314.2; X, = j31.42 Q;

tage of the exponential form is
that it makes it possible to take
logarithms of complex numbers.
Another advantage, more im-
portant from the electronic point
of view, is that this form is more
amenable to the Laplace trans-
formation. This is a topic that we
shall deal with in later issue.
TO BE CONTINUED

X0=-j67.72Q; I =0.00833U;
I;,=-j0.0318U;10=j0.0148U;
I1=0.0189U, lagging by 63.9°.
Currents in amperes.

10.w = 942.5; X}, = j94.25 Q;
X=-j22.59Q; I =0.00833U;
1;,=-§0.0106U; I =j0.0443U;
I1=0.0337U,leading by 76.1°.
Whent=2s, U=288.8mV,
I=299 mA.
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AUTORANGING FREQUENCY

READOUT

The frequency meter described here has a maximum input frequency of about
2 MHz, and is ideal for building into function generators and similar instruments,
where it gives a far more accurate frequency indication than the traditional

REQUENCY scales on sine-wave

generators, function generators
and pulse generators are usually me-
chanically coupled, and by no means
accurate enough for many applica-
tions. Even if the scale is individually
calibrated, it is not always easy to ac-
curately set the desired frequency. Not
surprisingly, an increasing number of
generators is fitted with an internal
frequency meter that functions as a
frequency scale, or read-out. Today's
electronics technology allows this to be
achieved fairly easily. However, build-
ing a frequency meter into an existing
generator can throw up some unex-
pected problems. Lack of space on the
front panel, for instance, may force
you to limit the number of display dig-
its (the present circuit has only four).
This, in turn, limits the measurement
range. The obvious solution to this
problem would appear to switch be-
tween the ranges. Unfortunately, this
is not as easy as it sounds, since free

frequency dial.

Design by H. Kiihne

contacts on the generator's range
switch are often not available. It is,
therefore, better to ensure that the dis-
play circuit operates independently
from components in the existing in-
strument.

The solution

The usual method of making measure-
ment instruments select the appropri-
ate range is based on the most
significant digit (or digits) on the dis-
play. If the number is too high, an
overflow occurs, and a higher range is
selected. If the number is too low, (for
instance, nought), a lower range is se-
lected. Obviously, if this system is
used, it may take one or several mea-
surements before the right range is
found. Apart from the fact that moni-
toring the most significant digit is
troublesome from a point of view of de-
sign (frequency meter ICs are not de-
signed for this. so that an extensive

decoder is required), the most annoy-
ing disadvantage of this method is the
slow response to changes in the input
signal frequency. Obviously, if you
turn the frequency control on a gener-
ator, you want to see the set frequency
as quickly as possible.

The present circuit uses a different
approach. Essentially, it uses the
input signal to determine which range
is most appropriate. This is achieved
by comparing the period of the input
signal with three fixed RC times. The
result of this comparison enables the
right range to be selected from the
available four. Actually, the compari-
son between the period time and the
RC times takes place every other pe-
riod of the input signal. This enables
the circuit to 'know’ the input fre-
quency at practically any instant, and
to use the value to set the appropriate
range at the start of a measurement.

The circuit

The input signal enters the circuit via
Schmitt-trigger ICi1a. The use of a
Schmitt-trigger gate allows sinusoidal
and triangular waveforms to be mea-
sured alongside rectangular signals.
As long as the input signal is greater
than 1.7 V,,,, the Schmitt-trigger turns
it into a neat rectangular wave that
can be used by the frequency display
without problems. The input signal is
first divided by two in bistable IC3a to
enable the period to be measured. The
output of the bistable is alternately low
and high, corresponding to the periods
of the input signal. This signal is used
to drive the circuit that determines the
range selection. The range selection
control consists of bistables IC3b, IC4a
and ICab, electronic switches IC8b-
IC8d, and the RC networks with C2-C3-
Ca. If the output of IC3a is logic high,
the electronic switches are closed, and
the three capacitors are discharged. As
soon as the output of IC3a goes low,
the switches are opened, and the three
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capacitors are charged at different
rates. Depending on the period of the
input signal, none, one, two or three
capacitors (C2, C3, Ca) are charged
until the data input of the bistable
connected to each of the capacitors
recognizes the voltage level as a logic
‘one’. At the end of the period, when
the output of IC3a reverts to high, the
bistables are supplied with a clock sig-
nal that serves to record the charging
level of the three capacitors. Finally,
the three bistable output signals are

AUTORANGING FREQUENCY READOUT

5

IC1b

1 2 |3 5|6 8 |98 112

aus

IC1 = 4093
IC3, IC4, IC5 = 4013 crd ;
IC7 = 4098 :l“ Isa IL" ap= 13 6 e
IC8 = 4066 R15 P2 of- o IC5b ®
IC9 = 74HCO2 = la Ll ahe 12] |
R S =
10 s 14 |msT 11
alcr2
sjcm ‘/:‘
2§cm | Yy,
7|ers p—t
sfes | T | Lo
sfere | Yo
B i
-
0
SPG86518
o

Rbubababukbu,

930034 - 11

Fig. 1. Circuit diagram of the universal frequency readout.
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m TEST AND MEASUREMENT

COMPONENTS LIST
Resistors:
2 2MQ2 R1;:R2
4 1kQ5 R3-R6
° 7 150Q R7-R13
| I W | 1 820kQ R14
1 8kQ2 R16
! t 4 220Q R17-R20
L 2 22kQ R21;R23
1 100kQ R22
1 1IMQ R24
1 500k preset H P1
1 50kQ preset H P2
1 5kQ presetH P3
Capacitors:
1 1uF MKT c1
3 100pF C2;C3;C4
1 100uF 25V radial C5
9 100nF C86;C7;,C9-C14;
C19
1 47uF 10V radial C8
3 2nF2 C15;C16;C17
1 220nF C18
Semiconductors:
2 1N4148 D1;D2
G, 1 1N4001 D3
2 B 4 BC547 T1-T4
<oJ= m 1 4093 IC1
|, 0 1 MM74C925 (National
I BT Semiconductor)!  1C2
X% 3 4013 IC3;1C4;IC5
TR 1 SPG8651B
e (Seiko-Epson)? IC6
1 4098 IC7
1 4066 IC8
¢ 1 74HC02 IC9
o= e 1 7805 IC10
ol A S 5 Pp2d 3 4 HD11330 (Siemens)® LD1-LD4
C3 -
ks 5N :3: © bsroTT o Miscellaneous:
1 PCB mount cinch socket K1
1 PCB terminal block
pitch 5mm K2
r— s 1 10-way angled PCB
° oQ 0o 3: | mount pin header plus
e ofl=) =|l= socket K3
> o @ :G 1 on/off switch St
o o o 1 (optional) Enclosure EM10/03
i =13 [ (ESM)*
» |00 - 1 Printed circuit board 930034 (see
o o |lo oo page 70)
ol o| |l o ||ojo
> o™ = o
of o |= o) e 1 Abacus Electronics Ltd. (0635) 33311;
o, et 1 a o ESD Distribution Ltd. (0279) 626777,
ol o | =" wlo Farnell Electronic Components Ltd.
o lod R o0 oo (0532) 636311; Jermyn Distribution
== o fw © 0O (0732) 740100; Makro Marketing Ltd. .
S s W AENG P (0628) 604422; Thame Components Ltd.
o wOa o od (0844) 261188; C-| Electronics (+31) 45
e e = OE 241877, Viewcom Electronics (081) 471
o w%a o 00 0 O | 9338.
2 Abacus Electronics Ltd. (0635) 33311.
3 ElectroValue (0784) 442253.
Fig. 2. The double-sided and through-plated printed circuit board consists of two sections to # Maplin Electronics (0702) 554161.
keep the overall size of the readout as small as possible.
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AUTORANGING FREQUENCY READOUT

Fig. 3. Suggested front panel design.

combined, by ICic and IC1d, into two
drive signals which are used for the
actual range selection.

If the measurement range of a fre-
quency meter has to be changed, the
so-called gate time supplied by the
time base has to be altered accord-
ingly. The gate time determines how
long the frequency meter counts peri-
ods of the input signal and, thus, the
highest frequency that can be mea-
sured. The time base is contained in a
single integrated circuit, 1C6, which
also comprises an accurate quartz
crystal oscillator and an adjustable di-
vider. The IC used here, an SPG8651B
from Seiko-Epson, was introduced
along with a number of other, similar
ICs, in an earlier article describing a
Mini Square-wave Generator (Ref. 1).

The timebase IC is easily pro-
grammed with the aid of the two drive
signals furnished by the range recog-
nition circuit. The only proviso is that
a measurement once started must not
be upset any time the range recogni-
tion circuit indicates another range.
This is particularly annoying with fre-
quencies close to the range limits. To
prevent problems, two bistables are
inserted between the range recogni-
tion and the timebase control inputs.
These bistables, ICsa and ICsb, keep
the new data supplied by the range
recognition latched until the fre-
quency measurement is started again.
The connection between the bistable
outputs and ICsé is such that the IC
supplies a gate signal of 1 ms
(21 MHz), 10 ms (100 kHz - 1 MHz),
100 ms (10 kHz - 100 kHz) or 1 s
(€10 kHz), depending on the measure-
ment range required. The outputs of
ICsa and ICsb also control the decimal
points on the LED display. The points
are driven via four NOR gates, 1C9a-
ICad, which ensure that the frequency
is always displayed in kilohertz (kHz).

The gate time switch is formed by
gate IC1b. As long as the gate is open,
the input signal arrives at IC2. The
MM74C925 contains a four-digit
counter, a latch to store the last mea-
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surement result, and a multi-
plexer/display driver to put the mea-
surement result on a readout which
consists of four 7-segment LED dis-
plays. The external parts around IC2
are limited to seven current limiting
resistors for the display segments, and
four switching transistors for the mul-
tiplex control.

To explain the relation between the
various sections of the circuit, a de-
scription follows of the events that
make up a measurement cycle. The
cycle starts and ends with a reset
pulse supplied by monostable IC7b.
This resets the counter in IC2 and the
dividers in timebase IC6. At the same
time, the code that represents the last
used measurement range is clocked
into bistables IC5a and ICsb, and fed to
the timebase. After the reset pulse, the
time base IC starts to work again. As
soon as its output goes high, gate IC1b
is enabled, and the input signal al-
lowed to reach counter IC2. The output
of ICe goes low after the measurement
time has elapsed. Gate ICib then
blocks the input signal, and IC2 stops
counting. The logic low level at the
timebase output is delayed briefly by
R21-C15, and then used to trigger
monostable IC7a. The monostable out-
put pulse causes the state of the
counter contained in IC2 to be clocked
into the internal latch. After a short
delay introduced by an RC network,
R23-C17, the negative (trailing) edge of
this pulse triggers IC7b, which re-
sponds by generating the reset pulse.
This closes the measurement cycle.

Power supply
consideration

It would be nice if the frequency dis-
play could be powered by the equip-
ment into which it is incorporated.
Although the supply voltage (if neces-
sary, via IC10) will not be a problem in
most cases, the current drain (approx.
100 mA) could be on the high side. If
problems are envisaged, it is recom-
mended to power the frequency display

from a mains adaptor. This solution is
both economical and safe.

The printed circuit board

The reason for keeping the printed cir-
cuit board as small as possible is obvi-
ous: the frequency display is intended
for incorporating into existing equip-
ment. Not surprisingly, the PCB is
double-sided and through-plated.
Furthermore, the PCB consists of two
sections (display board and main
board) which are mounted together at
right angles. This reduces the space
required for the unit considerably.
Obviously, it is also possible to mount
the two boards further apart, and in-
terconnect them via a length of flatca-
ble. For the right-angle construction,
an angled PCB pinheader is mounted
in position K3, and nothing in position
Ka4. If desired, the displays are inserted
into a 40-way IC socket. This raises
the displays above the other parts, and
allows them to be mounted flush
against a front panel bezel. When all
parts have been mounted on to both
PCBs, the pinheader pins are inserted
into the holes for K4 on the display
board. This connection between the
two boards is secure by virtue of the
through-plated holes.

Testing

Initially, turn the wipers of the three
presets fully anti-clockwise. Next,
apply an input signal with a frequency
of 9.5 kHz. Monitor the voltage at
pin 13 of IC3, and carefully advance
P1. The setting is correct when the
voltage suddenly goes high. If you have
the feeling that P1 is set too far, turn
the wiper back, and start again. Next,
do the same for P2, at an input fre-
quency of 95 kHz, measuring the volt-
age at pin 1 of IC4. The last adjustment
is P3: input frequency 950 kHz, voltage
measured at pin 13 of IC4. That com-
pletes the adjustment, since the time-

base is factory calibrated. |
Reference:
1. Mini Square-wave Generator,

Elektor Electronics February 1992.



m TEST AND MEASUREMENT

COMPONENTS LIST

Resistors:
2 2MQ2 R1;R2
4 1kQ5 R3-R6
7 150Q R7-R13
1 820kQ R14
1 82kQ R15
1 8kQ2 R16
4 220Q R17-R20
2 22kQ R21;R23
1 100kQ R22
1 1MQ R24
1 500kQ preset H P1
1 50k preset H P2
1 5kQ preset H P3
Capacitors:
1 1pF MKT Ct
3 100pF C2;C3;C4
e ¥ 1 100yF 25V radial  C5
oz 9 100nF C6;C7,C9-C14;
g » @l c19
1 47pF 10V radial Ccs
3 2nF2 C15;C16;C17
1 220nF Ci8
4 @
\\ 2003 offo< Al @ 5 ® Semiconductors:
i 3 - o B v & 2 1N4148 D1;D2
= olo " > 2 1 1N4001 D3
- o o D) = So 4 BC547 . T1-T4
,' I .a.| f = 1 4093 IC1
Q| o ARl s 1 MM74C925 (National
Q)| o= T0|fe > | lo=tTolo g2 - Semiconductor)t * IC2
pe—(oojjd3 :I o | | I; o K @ 34013 - Ic3Ic4cs
E‘QHJ o~ | O 2 | [l o : & 1 SPG8651B -
i D et ‘? i 2 :Lj g 3 o (Seiko-Epson)? ICé6 - -
a _XWe .-‘(\:’ Ile o AL o]0 2 1 4098 B (07
s2(p) — Sof 2 loofjodS @ 1 4066 IC8
«ooflo ’;.'\\,), . 239 @1 ' 1 74HC02 ICo
L A : B8 P 1 7805 IC10
ol nisle .-';-" X o> ofjoc? L3d00% 4 HD11330 (Siemens)®  LD1-LD4 °
caoffe :-@ 1\ 9 r226-@2
|@2 v :J ° oo.“g‘”@l Y Miscellaneous:
1 PCB mount cinch socket K1
1 PCB terminal block
pitch 5Smm K2
1 10-way angled PCB
° 00|00 @' mount pin header plus
= = Al | = socket K3
= G :-G 1 on/off switch S1
Pt = 1 (optional) Enclosure EM10/03
SENE F) R Esuy
) o 1 Printed circuit board 930034 (see
® ™ oo page 70)
-} (- ] L] Dl
o
:< : =)= 1 Abacus Electronics Ltd. (0635) 33311;
oy - e e ESD Distribution Ltd. (0279) 626777;
@ ™ v olo Famell Electronic Components Ltd.
bo 0 00 o |o (0532) 636311; Jermyn Distribution
> o fm OO (0732) 740100; Makro Marketing Ltd.
ps oo da o s (0628) 604422; Thame Components Ltd.
= O o od (0844) 261188; C-| Electronics (+31) 45
> o002 o oo 241877; Viewcom Electronics (081) 471
™ e ® 00 0 O | 9338.

2 Abacus Electronics Ltd. (0635) 33311.
3 ElectroValue (0784) 442253.

Fig. 2. The double-sided and through-plated printed circuit board consists of two sections to 4 Maplin Electronics (0702) 554161.
keep the overall size of the readout as small as possible.
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ROM GATE SWITCH-OVER FOR

ATARI ST

Many games, utilities and other application software for the
Atari ST computer are supplied as ROM/EPROM modules
(‘cartridges’) of which, unfortunately, only one at a time can be
connected to the computer. The circuit described here
overcomes this undoubted shortcoming of an otherwise
excellent computer. It allows up to five ROM/EPROM modules
to be connected at the same time, and to be selected by

software.

Design by E. Gilissen

{E circuit diagram of the ROM

gate switch-over, Figure 1, is of an
elegant simplicity. It can be function-
ally divided into four sub-circuits.
Firstly, there is the connector that
links the unit to the Atari's ROM port.
This connector, shown in the upper
left-hand corner of the diagram, con-
sists of contact fingers etched on the
printed circuit board. Two parallel
connectors, K8 and Ko, are provided to
allow the unit to be connected to the
Atari via a cable.

The second block contains the elec-
tronics proper, which includes four 8-
bit bus transceivers (or bus buffers),
IC1 to IC4, and two 4-to-16 line de-
coders/demultiplexers, IC5 and ICs.
Between the bus buffers and the de-
coders sit a 4-bit 3-state output data
latch, and five inverters contained in
ICs.

The third block consists of the out-
put connectors, K1 to K5, into which
the Atari cartridges are inserted.

The fourth block contains a 7-seg-
ment LED display which is driven by a
BCD-to-7-segment latch/decoder/dri-
ver, IC9. The dashes around this sub-
circuit indicates that it forms a
separate unit. The 7-segment LED dis-
play indicates the number of the car-
tridge selected by the software.

The switch-over unit and the car-
tridges connected to it are powered by
an inexpensive mains adapter with an
(unregulated) output voltage between
8 Vand 15V d.c.

To protect the host computer to
which the unit is connected, all bus
lines are buffered by 74HCT245 de-
vices. Also, the switch-over unit is
powered externally, for instance, by an
external disk drive power supply.

Since the data flow is unidirectional
(from the switch-over unit to the com-
puter only), the G3 (direction) control
inputs of the databus buffers, IC1 and
IC2, are normally held at a fixed posi-
tive level by resistor R2. The buffers
are enabled via their G3 inputs by a
low level on the ROM3 or ROM4 line.
The OR function (for logic low levels) is
provided by diodes D3 and D4.

The address bus lines are buffered
by IC3 and IC4. Of the 16 buffers avail-
able in the two HCT245 devices, 15 are
used for the Atari's address lines, and
one for the ROM3 line. Buffering of this
line is essential because of the rela-
tively high load on it.

For your reference, the pinning of
the Atari cartridge (ROM port) connec-
tor is given in Fig. 2.

A small modification is required in-
side the Atari computer. Pin 2 of the
ROM port connector is disconnected
from the +5 V supply voltage (Vee), and
connected to the PA7 line, which can
be taken from pin 14 of the sound gen-
erator IC Type AY8910. After this mod-
ification, it is no longer possible to
connect cartridges to the Atari without
making use of the switch-over unit. If
you object to this, install a small
change-over switch that allows car-
tridge connector pin 2 to be taken to
Vee or the PA7 line.

How it works

When the circuit is switched on, net-
work R3-C1 resets the four-bit latch,
IC7. This results in the circuit starting
from ‘cartridge 0'. When the PA7 line is
made logic high, the output of IC8a en-
ables the HCT173 latch via its G1
input. At the same time, IC5 is dis-
abled by inverter ICsb. When a READ
operation is performed in the address
range reserved for ROM3 ($FBxxxx),
the four least-significant address lines,
Al to A4, are latched on the rising
(positive) edge of the ROM3 signal.
Because of the pull-up resistors on the
databus lines, the computer reads a
dummy value which consists of ‘all
ones', i.e., $FFFF. Next, by making
PA7 logic low, each READ operation in
ables one of the 74HCT154 decoders,
which, in turn, translate the 4-bit
latched data supplied by IC7 into a
corresponding cartridge select signal.
The five output signals of each 4-bit bi-
nary decoder, ROM3.0 to ROM3.4 (ICs),
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ROM GATE SWITCH-OVER FOR ATARI ST
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Fig. 1. Circuit diagram of the ROM switch-over for Atari ST computers.

and ROM4.0 to ROM4.4 (IC6), are taken
in pairs to the five cartridge connec-
tors on the board. The cartridge selec-
tion is unique, that is, only one
cartridge at a time is effectively con-
nected to the Atari host computer.
Inverters ICsd and ICsf buffer the LDS
and UDS signals respectively. These
signals are found back as BLDS and
BUDS on each of the cartridge connec-
tors.

The last part of the circuit to be dis-
cussed is the power-on enable switch,

T1-T2. The function of this subcircuit
is to ensure that the ICs on the switch-
over unit are not powered before the
Atari computer is switched on. This is
achieved by making use of a switching
voltage, +VA, taken from pin 1 of the
cartridge connector. Likewise, the
transistor switch also ensures that the
ICs on the switch-over unit are cut off
when the Atari is switched off. This
happens despite the fact that the
power supply of the switch-over unit is
still on.
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Construction

The printed circuit board for this pro-
ject is double-sided, through plated,
and, fortunately, available ready-made
through our Readers Services. The art-
work is given in Fig. 4. Because of the
high density of the tracks on this
board, it is not easily reproduced with
hobby tools. We therefore strongly rec-
ommend buying this board ready-
made.

The board consists of two sections:



COMPUTERS AND MICROPROCESSORS

1 3 5 7 9 1113 15 17 19 21 23 25 27 29 31 33 35 37 39
O [ (] (O O (N [ (R | T A R SR PR\ R N

OC0000000O0O0O0OO0OOOOOOOO
QOO0 0000000000000O0O0
| B L G 5 T L [ e e L S T T
2 4 6 8 10 12 14 16 18 20 22 24 26 28 30 32 34 36 38 40

1-+5VDC 20 - Address 15

2 - +5VDC 21 - Address 8

3 - Data 14 22 - Address 14

4 - Data 15 23 - Address 7

5 — Data 12 24 - Address 9

6 — Data 13 25 — Address 6

7 — Data 10 26 - Address 10

8 — Data 11 27 - Address 5

9 -Data 8 28 - Address 12

10 - Data 9 29 - Address 11

11 - Data 6 30 - Address 4

12 - Data 7 31 - ROM Select 3

13 - Data 4 32 - Address 3

14 - Data 5 33 - ROM Select 4

15 — Data 2 34 - Address 2

16 — Data 3 35 — Upper Data Strobe

17 - Data 0 36 — Address 1

18 - Data 1 37 - Lower Data Strobe

19 - Address 13 38...40 - Ground

930005 - 12

Fig. 2. Pinning of the ROM port (also called cartridge port) connector on the Atari ST com-

puter.

main board and display board. These
are easily separated by cutting the two
pieces of circuit board that hold them
together. Next, the four ‘humps’ on the
board sides are removed with a couple

of strokes with a file.

Connectors K8 and K9 are optional,
since they serve to connect the board
to the Atari via a short length of flatca-
ble. This is achieved by cutting the

Fig. 3. Examples of cartridge selection under software control.

board between Ks and K9, and fitting
40-way pin headers in the connector
positions. These headers are linked by
a flatcable fitted with a 40-way IDC
(‘press-on’) socket at either end. If re-
mote connection is not required, sim-
ply leave the main board whole, and
omit Ks and Ko.

The first thing to do after separating
the display board from the main board
is to change four of the five Atari car-
tridge connectors from angled pin
types into straight pin types. The latter
are, apparently, not available.
Straighten the 40 pins on each con-
nector carefully with the aid of a pair
of precision pliers. Obviously, not all
five connectors need to be fitted if you
never plan to fit five cartridges.

Connector Ks remains an angled pin
type to allow cartridges for horizontal
mounting to be used, too.

Start the construction with the dis-
play board. The LED display is best in-
serted into a socket made from two
5-pin sockets cut from a longer strip.
The display board is mounted at right
angles to the main board with the aid
of an angled pin header (K6-K7) cut to
a length of six pins. If you can not get
hold of such a connector, six left over
resistor wires, bent at 90°, will do
equally well.

The construction of the main board
will take a little more time. Start by fit-
ting the small components, i.e., the
diodes, resistors, resistor networks,
capacitors, the voltage regulator and
the transistors. Next, fit sockets for all
ICs, taking good care to observe the
orientation indicated by the compo-
nent overlay. Finally, mount the car-
tridge connectors. Note that these have
no PCB orientation notches.

The 3-mm holes in the main board
may be used to insert plastic PCB
stand-offs that serve to prevent the
board from bending downward and ex-
erting strain on the Atari's cartridge
connector.

Having completed the switch-over
board, you are ready to proceed with
the PA7 signal., which is taken from
pin 14 of the AY8910 sound generator
IC. Several options are available, so
read the following carefully.

Solder one end of a 40-cm long wire
either directly to pin 14 of the AY8910,
or to the corresponding solder island
at the track side of the computer's
main board. The latter option requires
disassembling the computer to gain
access to the solder side of the main
board.

You then have two options: the PA7
connection may be made (1) via the
cartridge connector, or (2) via the wire
described above.

For option (1): Cut the track that
leads to pin 2 of the cartridge connec-
tor in the computer. Reduce the length
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COMPUTERS AND MICROPROCESSORS

Testing

Having checked the work so far for
short-circuits, cold solder joints and

incorrectly orientated parts, it is time
to run a few initial tests. Switch off the
Atari, and insert the ROM switchover
unit into the cartridge connector at the

side of the computer. Make sure the

PA7 signal is fed to the switchover

board — see above for the options.
Switch on the ROM switch-over

unit, and then the Atari. If everything
goes well, the display should indicate
‘0", which means that the computer
has access to the cartridge inserted
into connector K1. Cartridges contain-
ing ‘boot-up’ programs should, there-

8 soscocooopgoeooaaaseny
gooosoopooooooonnnnne-

fore, be inserted into Ki.
= = If this works, switch off the Atari,
: and then the switch-over unit. Next,
g plug your cartridges on to the connec-
° o o) tors on the board. Switch the com-
= puter and the switch-over unit on
again.
g Sod0gcpoapoopnosgenae~
= doocpsonopoocoooonanne- Software
g — D * As already mentioned, the cartridge
2 selection runs under software. Either
O (o] GFA-BASIC or machine code may be
used for this purpose, and Figure 3
== gives the ‘bare bones’ software to get
sodooooosooocoodeases you going. u
JNJ8soasappaccoeodneonne~
8 K3 -~
- COMPONENTS LIST
3p—- 0 o
Q
19
sSogcoopponooconongeacy
ooflog
seocoopcopoonoooonenne-
= i ®
e O o

Fig. 4b. Component mounting plan.
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MIDI

CHANNEL
MONITOR

Design by W. Dunczewski

C ommunication between electronic mu-
sical instruments and between musical
instruments and a computer is made pos-
sible by MIDI (Musical instrument bigital in-
terface). Moreover, many other devices,
such as lights, smoke generators, and
other ‘tools of the trade’ can be controlled
by this interface. Clearly, miDI offers the
musician a host of new facilities.
Unfortunately, MiD1 also has a drawback:
the exchange of commands takes place via
afew lengths of cable, so that the user can-
not see what is happening between the vari-
ous instruments. As long as everything is
all right, that is no problem. When an error
occurs, itisquiteajobto locate where it orig-
inates. In such a situation, the present
monitor is a real boon. One of a row of LEDs
on its front panel shows at which specific
channel each MIDI command is directed.

The Mmipi channel

As will be gathered from the name MIDI, com-
munication takes place via digital signals.
In fact, the entire connection is a simple
current loop in which current pulses flow.
The data rate at which this happens is
32 kbit sec-1. At the transmitting end, the
interface is constructed around an in-
verting transistor with an open-collector
output. At the receiving end, the interface
is based on an optoisolator.

Modern electronic musical instruments
are often able to generate sound via vari-
ous channels; for instance, an expander
or keyboard can generate sounds simul-
taneously via several channels. A piano sound
may be generated via channel 1 and at the
same time the sound of a trumpet via
channel 2. In practice, it is thus possible
to reach various sounds via one MIDI con-
nection. To ensure that only the wanted
sound reacts to the command, the mMiDI code
has anintegral 4-bit address. This means
that up to 16 different sounds may be con-
trolled via one MIDI connection. The user
has to couple a channel and a sound at the
receiving end and connect the correct
channel number to the MIDI command. It
is here that the present monitor can be a
great help.

Broadly speaking, there are four MiDI
commands: Channel, System Exclusive,
System Real Time and System Common.

Only the channel instructions are ad-

dressed directly to one sound in an in-
strument. This is done with an address con-
tained in the code.

System exclusive commands contain a
code that refers to the maker and they are
normally used to send specific data to an
apparatus. This instruction may be used
to transfer a complete file from a pc to a
musical instrument.

The other two type codes refer toall the
equipment that is connected to the MIDI.

There is no doubt that
electronics, and particularly
the computer, has become a

mainstay of much music
making. The monitor
described in this article is
intended primarily for
musicians who work regularly
with mipi instruments and
computers.

They fulfil functions associated with the
synchronization, resetting, starting and stop-
ping the instruments.

Channel commands, which contain
data about key strokes and sound selec-
tion, are used most frequently.

The monitor indicates by means of 16
LEDs which address has been incorpo-
rated in a channel command. The chan-
nel instructions that are intercepted for this
purpose are:

code instruction

$8n note off

$9n note on

$An poly key

$Bn control change
$Cn programme change
$Dn channel pressure
$SEn pitch wheel

In this table, the 4-bit address code is in-

dicated by n. The monitor examines the
data flow at the MIDI connection, detects
any channel commands, and extracts the
channel number from the code. The as-
sociated LED will then be powered.

So as not to waste any connections,
there is also a MIDI through-put.

The circuit

The signal from the interface is applied to
the circuit (Fig. 1) and causes a train of
current pulses at the output of optoisola-
tor1C;. These pulses are reconverted into
a MIDI signal via buffers IC9. and ICsp. In
otherwords, K;-IC}-1Cg¢-1Cq-Kj is the MIDI
throughput already referred to.

The current pulses are applied to the
remainder of the circuit via ICyqand ICqy,.
The buffered signal is applied to the D
input of IC5 and to the base of T). This tran-
sistor ensures that Dy will light as soon as
MiDI data are applied. Circuit IC5 provides
the serial-to-parallel conversion of the
8-bit data. The eight outputs of this IC
(pins 4-7 and 11-14) are split into two
nibbles. Four bits contain the data on the
type instruction; the other four (pins 11-14),
give the channel number. The data con-
tained in these latter bits are used by de-
multiplexer IC7 to cause one of the 16 LEDs
tolight via a transistor. The demultiplexer
accepts the four bits the instant a pulse
is applied to its strobe input (pin 1). This
pulse originates from a time base circuit
centred on 4 MHz oscillator ICy,, decade
counter IC3, binary counter IC4 and a few
gates. The time base is fairly complex be-
cause the measurement time is 9.5 peri-
ods. This is unavoidable because the MiDI
word contains, apart from the 8 data bits,
a start bit and a stop bit. Therefore, when
the start bit has been detected, 9.5 peri-
ods are needed to receive all data.

The signal at pin 3 of IC3 is the clock sig-
nal divided by 32, while that at pin 151is
the clock frequency divided by 2048. The
signal at pin 4 has a frequency of 31.2 kHz.
This frequency coincides with the baud rate
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Fig. 1. Circuit diagram of the mipi channel monitor.
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Fig. 2. Printed-circuit board for the mipi channel monitor.

Fig. 3. Suggested front panel for the mipi channel monitor.
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MIDI CHANNEL MONITOR

Channel
The four highest bits of a channel status byte define the com-
mand: the four lowest indicate the channel number.

9xy Note ON event
3 bytes 1001nnnn + Okkk kkkk + Ovvv vvvv

nnnn
Channel code 0-15 (i.e, 16 channels available)

Okkk kkkk
Key number 0-27
For all keyboards: middle C = 60

Ovvv vvvv

Key ON velocity: 0-127

If the keyboard does not contain velocity sensors, 64 is
the default value

8xy Note OFF event
3 bytes 1000nnnn + Okkk kkkk + Ovvv vvvv

Ovvv vvvv
key off velocity

Axy Polyphonic key pressure
3 bytes 1010nnn + Okkk kkkk + Ovvv vvvv

Oovvv vvvy
Pressure/after-touch value: 0-127
The code is used in the omni mode

Bxy Control change
3 bytes 101 Innnn + Occe ccee + Ovvy vvvy

Occc cece

Control address: 0-127

Apart from the pitche bender (0), these addresses are
not specified

Cxg Programme change
2 bytes 1100nnnn + Oppp pppp

Oppp pppPP
Programme number: 0-127

Dxy Channel pressure
2 bytes 110Innnn + Ovvv vvvv

Ovvv vvvv
Channel pressure/after-touch: 0-127
In mono mode: read key instead of channel

Exy Pitch wheel change
3 bytes 1110nnnn + Okkk kkkk + Ovvv vvvv

System exclusive

This command, defined to transmit exclusive instructions,
comprises a header of 2 bytes, data bytes and a terminating
code of 1 byte.

Format: FOy + Oiii iiii + data + F7y

FOy

This status byte mustbe followed by an identification code

Oiii iiii

Identification code of manufacturer, any value between
0 and 127; some values are Sequential Systems O1y;
Kawai 40y Roland 4 1y; Korg 42y; Yamaha 43y

data
Any block of data bytes with a value of 0-127 intended
for all channels

Summary of MIDI codes

F7q
This END-OF-BLOCK code terminates the command
(which may also be done with a SYSTEM RESET)

System real time

This command enables direct control of the system.
Applications are synchronization and rhythm system. System
real time commands are transmitted on all channels.
Instruments that do not know these commands ignore them.

F8y Timing clock in play
This clock is sent with the transmitter in play
mode. The system is synchronized and has a
frequency of 24 clock pulses per crotchet
(USA: quarter-note)

F9y Measure end
The MEASURE END is sent in place of the TIMING
CLOCK IN PLAY at the end of each measure.

FAgz Start from 1st measure
This code is sent directly the pLAY key of the master
(sequencer or rhythm unit) is pressed. The first
TIMING CLOCK IN PLAY must be sent within 5 ms after
this command.

FBy Continue start
This code is sent when the CONTINUE knob on the
master is used. A sequence is repeated from the
point where the latest TIMING CLOCK IN PLAY was
received. The next TIMING CLOCK IN PLAY must be
sent within 5 ms.

FCyq Timing clock in end
This clock is generated when the master is in the
wait mode: it is used to lock a pPLL (phase-locked
loop) in the interval when the pLL must provide the

timing.
FEy Active sensing
System common

These data are intended for all instruments on all channels.

Flg Undefined

F2y Measure information

3 bytes F2y + Ommm mmmm (MSB) + Ommm mmmm
(LSB)

The two data bytes code the number of the
measure in al4-bit code.

F3y Song select
2 bytes F3y + Osss ssss
This 7-bit code contains the song number (0-127)

Fay Undefined
F5y Undefined
Féy Tune request

Initializes the voice routines of the synthesizer.

System reset
This command enables the entire system to be reset.

FFy SYSTEM RESET
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of the MIDI signal. This signal is, there-
fore, used to clock ICs. The leading edge
of the signal coincides with the centre of
the MipI word and is used to sample the
data.

The frequency of the signal at pin 15 is
I/ gof that at pin 4. This means that pin 15
goes high after pin 4 has output 8 pulses.
The remaining 1!/; period is obtained by
adding 6 pulses from pin 3 to the half-pe-
riod at pin 15.

The entire operation is summarized in
the timing diagram in Fig. 5.

As soon as pins 3 and 15 are high, the
output of ICgq also goes high and is used
to clock IC4. At the sixth clock pulse after
the reset input has been enabled, pin 5 of
IC4 goes high. At the next leading edge in
the MiIDI signal, the output of ICg; goes
high. Depending on the level at the out-
put of decoder ICg,-1Cg,, the clock pulse
is passed to IC7. In practice, this means
that when the high nibble of the input
MIDI code is $8, $9, $A, $B, $C, $D or $E,
the clock pulse is passed to IC7. All MIDI
codes containing an address have then been
decoded.

After pin 5 of IC4 has become logic high,
the enable input of this counter is blocked
and ICj is reset. Circuit IC4 is reset when
the output of ICqq goes high, whereupon
a fresh measurement period starts.

As soon as the 4-bit channel code has
been stored in IC7, the output associated
with that code will go high. The transis-
tor connected to that output is switched
onand the associated LED lights. Since the
data often are of very short duration, elec-
trolytic capacitors shunt the transistors.
These ensure that the LEDs are quenched
slowly to show more clearly which chan-
nelwas accessed. If the time the LED lights
is considered too short, the value of the ca-
pacitor may be enlarged up to 220 uF.

The power supply, derived from a mains
adaptor (7.5-20 V) is straightforward: Dy
protects against reverse polarity and ICq

Fig.4.Thisinside view of the miDI
channel monitor shows the lay-
out of the board and the various
connectors as well as the inter-
wiring.

holds the supply voltage at 5 V.

Construction

The monitor is best built on the printed-
circuit board in Fig. 2. First connect the
wire bridges, followed by the passive com-
ponents. After the LEDs have been sol-
dered into place, bend them at right an-
gles so that they can protrude nicely
through the holes in the front panel. It is,
of course, good practice to ensure that the
height of all LEDs above the board is the
same.

Normally, ICg does not need to be cooled
and can be mounted directly on to the
board. After the other ics have also been
soldered into place, fit the board in a suit-
able enclosure. Figure 4 shows the con-
struction of the prototype.

After the board has been fitted into the
enclosure, wire up the two DIN connectors
as shown in Fig. 1.

Finally, mount two terminals at the
rear of the enclosure for the input from the
mains adaptor. Connect these internally
to the supply pins on the board (0 and +)

W :

1

u

} strobe

IC7 (pin1)

y

sdi b el iy
e

=

clock input
IC4 (pin14)

[ —

Mo W61 bttt
T T T T e[ r ey

clock input

IC5 (pin3)

T
:

MIDI - data

IC5 (pin2)
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Fig. 5. Timing diagram of the mipi channel monitor.

and externally to the mains adaptor.
Link the monitor into a MIDI connection,
connect the mains adaptor to the mains,
and press one of the keys of the muscial
instrument. If everything is all right, one
of the 16 LEDs will light to show via which
channel the communication took place.
END
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