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SWING OVER TO STEREO WITH THIS ADD-ON
DECODER

This little add-on decoder unit should have wide appeal. Providing your
existing mono FM tuner or receiver is adequate, it will enable you to
produce stereo signals of very good quality. The circuit uses one of the
latest *“no coils” decoder ICs, and includes active filters to inhibit
heterodynes when tape recording.

If you're an audio hifi enthusiast with a mono FM tuner or receiver, -
you've probably been wondering if it would be possible to adapt it so
that you can take advantage of the experimental stereo transmissions
now being radiated. The answer to this is yes, provided that your tuner
or receiver has a reasonable IF response, and provided also that you
tackle the conversion in the right manner.

It isn’t just a matter of simply wiring in one of the new'decoder ICs,
though — despite what you may have been led to believe, There are a
number of pitfalls, and it is all too easy to fall into one of these and
get very disappointing results. In this article we’ll try to explain what
the pitfalls are, and how to avoid them. So if you're keen to attempt
the conversion, read on.

Before we proceed, however, a word of warning. It may not be possible
to obtain good stereo signals from sone low-cost FM portable receivers.
This is because satisfactory stereo decoding can only take place if the
“difference” signal components in the transmitted stereo multiplex
signal are reproduced faithfully at the output of the receiver detector —
particularly in terms of phase, relative to the 19kHz pilot tone.

While the IF response of a low-cost portable may be sufficient for quite
good mono reception, its amplitude and phase response may be such
that the difference signal components of a stereo signal become too
distorted for satisfactory decoding. It is possible to correct for a
modest amount of phase shifting using a correction network, as we will
explain, but even this may not give acceptable results with some sets.

At this stage, neither we nor anyone with whom we have discussed the
problem have had sufficient experience in converting receivers to be
able to state the brands and models which are not worth tackling. We
can’t even tell you what proportion of sets may be in this category. All
~ we can do is warn you that the possibility exists — and hope that you
aren’t unlucky enough to meet it.

Broadly speaking, just about any high quality FM tuner should be

capable of being converted. The same should apply to the better
quality portables. It is only the “bottom of the range" types which
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are 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 muluph.x
signal — for unless you understand how the signal is made up, lt won't
be casy 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)
sig,n.:l This is used to directly frequency modulate the station’s
carrier, and it is this component — only — wlmh is detected by a
mono tuner or rwuvu

The second composite signal transmitted is the “difTerence™ 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. y
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 the final transmission
sidebands, the subcarrier itself is suppressed. This leaves the S signal in
the form of a suppressed-carrier 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. 1t is this
3-in-one 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 the 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 regencrate 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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carrier should be an accurate square wave. For accurate phase
locking it is also desirable that the 19kHz feedback component
which is compared with the pilot tone in the PLL comparator should
also be an accurate square wave.

To allow these requirements to be satisfied, the XR-1310 actually
runs the PLL oscillator at 76kHz, twice the subcarrier frequency.
This is then divided by two twice using flip-flops, to obtain accurate
square waves at 38 and 19kHz.

Three flip-flops are used in all, one to produce the 38kHz sub-
carrier switching waveform and two to produce two separate 19kHz
signals. One of these is used in the PLL comparator, to lock the
loop with the pilot tone; the other is used in a second comparator
whose output is used for automatic mono-stereo switching.

Two different 19kHz components are needed because a PLL normally
locks with its feedback signal shifted 90 degrees from the input

signal. To make sure that the 38kHz switching signal derived from

the PLL is in phase with the original subcarrier, it is therefore necessary
to use a 19kHz feedback signal which is shifted 90 degrees in the
opposite direction, so that the phase shifts cancel.

On the other hand the comparator used for mono-stereo switching
must be fed with an in-phase 19kHz signal, because the comparator
is used purely to indicate coincidence between the internal 19kHz
signal and the incoming pilot tone. Hence the use of two divider
flip-flops, to gencrate the 90-degree shifted in-phase 19kHz signals.

A block diagram showing the various sections within the XR-1310
and the way they are interconnected, is shown in Fig.1.

When mono signals are being received, there is no pilot tone present
in the signal fed to the XR-1310, so that the PLL loop cannot

lock; the 76kHz VCO accordingly free runs. As a result there

will be no coincidence registered by the in-phase 19kHz comparator,
and the stereo trigger and switching circuit will remain off.

In this situation a single 38kHz switching signal is fed to the
decoding switch, and this causes the switch circuitry to feed the
mono input signal to both L and R outputs continuously.

When a sterco signal is being received, the presence of the 19kHz
pilot tone at the input of the PLL phase comparator causes an error
signal to be produced, and the PLL accordingly locks in. This
causes the in-phase 19kHz signal to pull into phase coincidence with
the pilot tone, so that the in-phase comparator produces an output
to operate the trigger. And this in turn operates the stereo switch,

11










































































































































* '-..-.{ '

, u3DDWL
ﬁru -T b .m'— LUWHOS
DNIdVNS
s voes
mn..c ns sost
L8N s o)
\VALAW ALY
L 7] 0 b s
vz Vi
¥ x99
Tes NI
vy |1
— Snee HOLVYINID noez
2 i) e FIONVIHL Kl
v AS+
£ LN nocz .
A < x0Z4 RN ) W .
R AR
(4 23 ¥3sing o

AAA

IDNVY
) AONINO3VS

80



e

Since the tone contains noticeable distortion, any changes in the tone
quality would be significant. For example, if the tone secms 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 are 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 casy 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 15% seconds, say, then
the generator takes 4 seconds to cover cach octave.

So on the middle range, the gencrator starts at 2.4kHz, takes one
second to reach 1.2kHz, two seconds to reach 600Hz 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 either 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 are 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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