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arc likely to prove disappointing, although even there our experience 
suggests that some sets can give quite acceptable results when “tweaked".

To begin, then, let us look briefly at the transmitted stereo multiplex 
signal - for unless you understand how the signal is made up, it won't 
be easy for you to follow how it is decoded.

To make stereo signals compatible, or capable of being received by 
mono equipment (in mono), they are transmitted not as the original 
“left” (L) and “right" (R) signals, but as two composite signals. One 
of these composite signals is made by adding the L and R signals 
together and dividing by two, to produce a “sum" or “mono” (M) 
signal. This is used to directly frequency modulate the station's 
carrier, and it is this component - only - which is detected by a 
mono tuner or receiver.

The second composite signal transmitted is the “difference" or 
“stereo” (S) signal, formed by subtracting the R signal from the L 
signal, and again dividing by two. It is basically this signal which is 
used by stereo receiving equipment to separate out the two original 
signals.

To keep it distinguishable from the M signal, the S signal is shifted in 
frequency by using it to amplitude modulate a 38kHz supersonic sub- 
carrier. Then, to prevent the subcarrier energy from restricting the 
actual signal energy which could be carried in die final transmission 
sidebands, the subcarricr itself is suppressed. This leaves the S signal in 
the form of a supprcsscd-carricr double sidebonded components extend­
ing from 23 to 53kHz, and it is in this form that it is used to frequency 
modulate the stations’ carrier along with the M signal.

To allow the receiving end to make use of the S signal components 
centred on 38kHz, in the absence of the 38kHz subcarrier, a low-level 
“pilot tone" signal is also transmitted. This is a continuous tone of 
19kHz, derived from the subcarrier oscillator and therefore phase- 
locked to it.

/

The final stereo multiplex signal thus normally consists of the M signal, 
the S signal components, and the 19kHz pilot tone. It is this 
3-in-onc signal which is potentially available at the detector of a mono 
FM tuner or receiver, and necessary for proper stereo decoding.

Early FM stereo decoders operated in tire following way. First, they 
used filters to separate the three signal components: a low-pass filter 
for the M signal (0-15kKhz), a sharp resonant filter on 19kHz for 
the pilot tone, and a 23-53kHz band-pass filter for the S signal 
components. Then the 19kHz pilot tone was used to regenerate the 
38kHz subcarrier, and this was then fed with the S signal components 
into a synchronous demodulator, to recover the actual S signal.
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Tin.- M (sum) and S (difference) signals were then fed through phase 
splitters ipto a resistive adding matrix, where they were combined to 
produce the original L and R stereo signals.

While this was a perfectly valid decoding technique, it had a number of 
practical drawbacks. Probably the main drawback was the filters 
required for separating out the three multiplex signal components; 
these tended to use fairly expensive L-C tuned circuits, and be critical 
of adjustment.

The drawbacks are avoided in modern decoders, including the design 
to be described here, by using an alternative decoding technique.
The alternative technique is based on the fact that together, the M 
signal and the S signal components of the multiplex signal are equiva­
lent to the main components of a signal produced by alternately 
sampling the original L and R stereo signals, each at a rate of 38kHz.

Because of this equivalence, it becomes possible to decode the original 
L and R signals in virtually a single operation, by performing a time 
demultiplexing operation. Thus in a modern decoder, the M and S 
signal components are not separated, but are left together. The 19kHz 
pilot tone is merely extracted, and used to regenerate the 38kHz sub­
carrier or sampling signal. This is then used to drive an electronic 
switching circuit, which alternately switches the composite M-plus-S 
signal between two output circuits. The bursts of signal arriving at 
the two output circuits are then simply filtered and de-emphasised, 
to produce the original L and R stereo signals.

At the heart of most modern decoders using this technique is a 
single 1C, which performs virtually all of the operations just described. 
Not only this, but the 1C usually performs automatic switching 
between stereo and mono modes, and drives a “stereo” indicator 
lamp into the bargain.

The particular IC used in our decoder design is the type XR-1310, 
made by Exar Integrated Systems of Sunnyvale, California, It 
is typical of the latest generatio'n of these devices. Motorola make 
an equivalent device the MCI 310, which may also be used.

The XR-13 Kruses a phase-locked loop (PLL) system to regenerate 
the 38kHz subcarrier. The PLL uses an R-C oscillator, whose 
natural frequency is set simply by means of a potentiometer. This 
becomes the only “tuning" control in the decoder, and it is easily 
set up correctly on signal.

For good channel separation, it is necessary for the decoder to 
switch the signal between the L and R outputs with an accurate 
1:1 mark space ratio. This means that the regenerated 38kHz sub-

10
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If a suitable power source is available in the tuner or receiver, use this 
by all means. Otherwise, you may need to build up a simple power 
supply using a 12V stepdown transformer, a bridge rectifier using 
four EM401 or similar silicon diodes, and a 470uF/25VW electrolytic 
as the main reservoir. A 100-ohm 1W resistor should be connected in 
series with such a supply, for filtering.

An alternative approach would be to run the decoder from a 9V 
battery. This is quite in order, but the load resistors connected to 
pins 4 and 5 of the decoder 1C will need to be reduced in value, from 
4.7k to 2.7k. The shunt capacitors will also need to be changed, to 
preserve the de-emphasis timeconstants; increase them from 0.01 uF to 
0.022uF.

Having fixed up a source of power, the next thing to do is find the 
detector circuit of the tuner or receiver. The type of detector circuit 
employed will naturally vary, according to the vintage of the design; 
as a result, possibly the best plan is to'work backwards from the audio 
output connector, in the case of a tuner, or from the volume control 
in the case of a portable receiver.

There are two things to be done, when you find the detector circuit.
The first is to remove the original de-emphasis capacitor, so that the 
19kHz pilot tone and 23-53kllz S-signal components become available 
for decoding.

Broadly speaking, you should find that there will be a scries R - 
shunt C filter circuit between the FM detector output and the audio 
output jack or volume control. These will almost certainly be the 
de-emphasis components. Their actual values will vary, depending 
upon the impedance level, but their product in ohms times microfarads or 
or kilohms times nanofarads will generally turn out to be around 75 
(corresponding to a 75 microsecond timcconstant).

Having identified the two components, clip out the capacitor. It 
will generally not be necessary to interfere with the resistor, unless 
it value is sufficiently high to produce appreciable attenuation with 
the 100k input impedance of the decoder - or appreciable phase 
distortion of the S-signal components due to cable capacitance.
If in doubt, short jt out!

The other thing to be done at this stage is to arrange for signal 
take-off, In the case of a tuner, this may mean nothing more than 
making up a suitable cable to connect the decoder input to the output 
connector of the tuner. With a receiver such as a portable, you may 
have to add a suitable connector. The exact arrangement you make 
will no doubt depend upon whether you intend building the decoder 
into the tuner or receiver case, or having it as an outboard unit.
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Similarly you will need to connect up the stereo outputs of the 
decoder to your amplifier system, using twin-shielded stereo cable and 
a suitable plug or plugs. Generally speaking, the signals are of an 
amplitude and impedance level suitable for a normal "radio" or 
“tape” input, on most amplifiers and control units.

At this stage you can turn on the power to the various parts of the 
system, and tunc the tuner or receiver to your local FM stereo 
station — we assume there is one, or you probably woundn’t have 
bothered!

Don’t be surprised if the sounds coming out of the speakers seem 
to be mono, and if the stereo LED doesn’t light. You still have the 
two preset pots to adjust, so that if the decoder bursts into full life 
immediately, this will be good luck more than anything.

If you have an idea of the output level coming from your tuner 
or receiver, set the preamp gain pot (the one near the input) to an 
appropriate position. If the output is fairly high, as from an IC quad 
detector, turn the pot to. near the minimum setting (full resistance); 
if fairly low, as from a ratio detector, advance’it to say 1/3 its 
resistance, as a starting point.

Now turn the VCO tuning pot to one extreme, and slowly turn it 
back towards the other extreme, watching the indicator LED.
Note where the LED comes on, indicating that lock has been achieved. 
Then continue turning, and the LED should extinguish again before 
the pot reaches the far extreme. Then reverse the procedure, 
turning back slowly and again noting where the LED comes on.

The correct setting for the pot is midway between the two settings 
where it comes "on" in each direction.

With this pot set, the LED should remain on continuously, and you 
should be aware that the program from the loudspeakers is in stereo 
rather than mono. But more about this in a moment. Strictly 
you should now adjust the preamp gain more accurately, to the setting 
between signal-to-noisc ratio and distortion.

The idea is to adjust the preamp gain so that the decoder is handling 
the largest signal level possible, without running into significant 
distortion on signal peaks.

Probably the best way to do this is using the off-air signal from your 
local stereo station, waiting until it is broadcasting a typical loud 
passage. You can either use an electronic voltmeter to monitor 
the signal level at the input to the decoder IC (pin 2), setting it to 
about 2.5 V P-P, or use an oscilloscope to monitor the L and R

18
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Using the network of Fig.3 we were able to improve the separation 
obtained with a low-cost portable from a disappointing 6dB (!) 
to 30dB, so that it is capable of making quite a difference.

One final way of getting a minor improvement in separation is to 
connect a capacitor of 0.0022uF from pin 3 of the XR-1310 to 
ground. This corrects for a minor phase shift in the device, and in 
practice seems to be capable of giving an improvement of up to 5dB.

Well, there it is. All that remains is to wish you happy stereo 
listening!

IMPORTANT NOTE:-
For American and certain continental “Pilot Tone System” stereo 
multiplexing, the stereo L and R signals arc de-emphasised after decod­
ing, using a time constant of 75 usees and not 50 usees as used in the 
UK. To modify this time constant alterations in the RC network are 
required, the 4.7k resistor should be replaced by a 3.9k resistor and the 
.01 uF capacitor should be replaced by a .022 uF capacitor.
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Cut and drill the chassis as indicated, drilling small pilot holes before 
drilling the 6mm ('/*") holes for the shafts. Score the line where the 
chassis is to be folded several times with a tungsten carbide tipped 
marking pen or a sharp awl, then fold the chassis. When shaping the 
chassis fold a section through only a very small angle at any one time 
as aluminium stretches very easily and may become distorted.

Before drilling the circuit board mark the holes that arc used by the 
trimpots and drill a slightly larger hole. The correct size is 1mm. 
Although a one-off circuit board was made for the prototype, Vcroboard 
is also suitable as the hole size is usually correct for trimpots. If using 
Vcroboard construct the mixer with the copper strips running in the 
same direction as the trimpot shafts and use links for the “earthy” side. 
This will greatly reduce the number of copper strips that have to be cut

When assembling components, mount all of the pots first. Do not fold 
the mounting lugs on the copper side of the board but trim them very 
short so that they stand no more than 1mm above the copper. At a 
later stage the wiper arm has to be eased slightly away from the resis­
tance strip and, if a wiper is moved too far and goes open circuit, the 
pot will have to be replaced. So it should be as easy as possible to 
remove from a completely assembled board.

After the circuit board has been assembled fit the input and output 
sockets and switches to their respective chassis and wire up the matching 
resistors. Connect the sockets to the board with the thinnest available 
shielded cable, and be aware that the cable must be long enough to rise 
above the shafts when assembled and also allow room to manoeuvre 
the small interconnecting shafts into place.

Temporally fit the circuit board to the chassis to determine the correct 
length for the power supply leads and the mono/stereo switch leads. 
After these have been soldered into place, the mixer can be tested.

With a small screwdriver, set all the pots to mid-position. Connect the 
batteries, and connect the output to an amplifier. Inject a known mono 
signal into each of the inputs in turn to ensure that a variation in com­
ponent values has not cut a signal excessively in any channel. Switch 
the matching resistors in and out of circuit during the test as they too 
should be balanced.

With the circuitry operating satisfactorily the board and switches can be 
mounted on the chassis. Connect an ohmmetcr to one side of a trimpot 
and to the wiper. Very gently prise the wiper away from the resistance 
strip taking great care not to damage the carbon surface. Continually 
check the operation of the trimpot with a small screwdriver until a 
noticeable lowering of the friction has taken place but the wiper has 
not.open circuited. A proprietary potentiometer lubricating spray, is 
also a great aid in easing the operation of the pots. It will also assist in 
preventing noise from the pots.

26
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Since the tone contains noticeable distortion, any changes in the tone 
quality would be significant. For example, if the tone seems to become 
“mellow'’, then the upper harmonics are not being reproduced.
Similarly, if the tone seems to become harsher, then the upper harmonics 
for that particular range arc being accentuated.

The-next question will probably be “at what frequency did I hear those 
irregularities?” Even if you do not have access to a direct-reading 
frequency meter, there is an easy method for estimating the approxi­
mate frequency at any time during the glide. The generator sweeps 
through 3.9 octaves on each range and takes the same time to cover 
each octave. If the glide time was measured at 15Vi seconds, say, then 
the generator takes 4 seconds to cover each octave.

2
r

So on the middle range, the generator starts at 2.4kllz, takes one 
second to reach 1.2kHz, two seconds to reach 60011z and so on. In 
this way, if you keep your eye on the sweep second hand of your wrist 
watch, you can readily estimate the frequency at a given time.

A practical method for checking out a high fidelity system could be as 
follows: The glide tone generator would be plugged into an auxiliary or 
tuner input on the amplifier and then set to the middle range (ie, 
2.4kHz to 160Hz). All filters, presence and loudness controls would be 
switched out of operation. Connect a multimeter to the loudspeaker 
terminals and switch it to one of the low AC voltage ranges. Advance 
the volume control to give a suitable sound level and reading on the 
multimeter.

Set the tone controls so that the multimeter is constant as the tone 
glides throughout the range. Then switching to the high and low ranges 
will cither confirm that the amplifier has a flat response or the degree 
of any roll-off. Similarly, the action of tone controls and filters can 
then be checked.

With the tone controls reset to give the flattest response over the whole 
audible frequency range, the system is now ready for loudspeaker 
listening tests.

Phasing can be checked first Place the loudspeaker systems so that 
they arc almost face to face, forming a narrow V, with the top of the 
V towards the listening position. With the generator on the lowest 
range and the amplifier switched to mono operation, correct phase is 
easily identified. If the phase of one of the loudspeaker systems is 
reversed, bass cancellation will occur. This checks the phase of the 
woofers only.

The loudspeakers can now be returned to their normal positions and 
all ranges swept in mono as before. The sound should appear to 
emanate from a point located centrally between the loudspeakers and 
if it shifts noticeably during the glides, either the loudspeakers could
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When the signal to the inverting input rises above about 170 millivolts 
pcak-to-pcak (which is 60mV RMS for a sine-wave) the output 
suddenly jumps to the limiting condition which is a square wave at the 
input frequency with amplitude just a little less than the full supply 
voltage, ie, about 18 volts pcak-to-pcak.

So the op amp suddenly changes from a zero gain condition to the 
limiting condition. This contributes to the fast attack time.

An interesting sidelight to the Schmitt trigger is that it does not revert 
to the zero gain condition until the signal to the inverting input drops 
below 20mV RMS (for a sine wave). Output from the Schmitt trigger 
is fed to a half-wave voltage doubler rectifier which charges a 47uF 
capacitor. This capacitor (when charged) provides base bias to the 
relay driver transistor to enable it to energise the relay.

So the overall mode of operation is as follows: Input signals to the 
microphone preamplifier are amplified and fed to the threshold trimpot. 
When the selected threshold is exceeded, the output of the Schmitt 
trigger suddenly rises to 18 volts peak to peak which is rectified and fed 
to the 47uF capacitor to turn the relay driver on and thereby energise 
the motor circuit of the tape recorder or whatever device is being 
controlled.

Attack time of the circuit is inherently limited by the closing time of 
the relay and this is typically about 10 milliseconds. Delay time after the 
cessation of input signal is set by the size of the 47uF capacitor to about 
3 seconds, which should be ample for most purposes.

Since the relay is a 12V unit, it is fed via a 120 ohm resistor to obtain 
the correct voltage across it. A diode across the series combination 
protects the relay driver transistor against inductive kick-back from 
the relay.

, A full-wave bridge rectifier and lOOOuF filter capacitor provide the DC 
rail requirements from any transformer having a 12 to 13VAC secondary 
winding.

All the components, minus the transformer, are accommodated on a PC 
board measuring 110 x 70mm.

The copper pattern of the board is compatible with the three commonly 
available 741 op amp packages. This is by virtue of the fact that pins 1,
2, 7, 8, 12, 13 and 14 of the 14-lead package have no internal connection 
while the remaining pins have the same orientation as those of the smaller 
packages.

Similarly, while we have specified only BC scries TO-92 transistors, the 
board is compatible with all currently available transistors. Check the 
transistors you have against the appropriate base diagram on the circuit.
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