Getting the
best from
FM stereo?

Modern audio equipment is capable
of sound quality on radio, superior
to any you have heard from tape or
record. But only if you are feeding
in the right level and quality of
signal. FM stereo needs up to ten
times the signal level required for
mono — otherwise you get mush,
interference and unwanted background noise. A good VHF/FM
aerial will let your tuner and amplifier
prove their ability.

There are solid technical
reasons for Mushkiller
superiority

To help with your Mushkiller installation ...matching Antiference
accessories in handy Stereopacks.
Pick them from their dispenser at
your dealers ...coaxial connectors,
plugs, outlets, attenuators ... or the
neat transformer unit, that matches
a 75 ohm aerial downlead to the
300 ohm input of a continental
FM receiver

A handy range of aerial
accessories,
too.
That patented Tru -match dipole for
example, featured on all the highergain Mushkillers. With Tru-match
they give you
.
MI Better matching — VSWR as
low as 1.05 :1
• Even response— to within +dB
over 88-100 MHz band
al More gain — up to 1fdB more
than similar aerials with ordinary
dipoles
MI Greater directivity — for reception free from multipath distortion.
The Antiference range includes 3,
4 and 6 element Mushkillers with
Tru-match. Also single dipole, H
type and 3 element loft mounting
model, for good reception areas.

You will,
with an
Antiference
mush killer
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From Hacksaw
to Haydn
THE preoccupations of electronic engineers
cover the majority of human activities—from
farming to brain surgery, from submarines to
space vehicles, from concertos to computers.
But whatever their principal field of
endeavour, common ground to them all in
their leisure moments is the faithful
reproduction of sound.
Over the years we have seen astream of
refinements to the recording and playback
system until the hi-est of currently-available
fi is sufficiently like the original sound to
satisfy all but those who are unwilling to
suspend even afraction of disbelief. And
many of these refinements are the result of
spare time investigation.
The cost of acomprehensive system—turntable
and pickup, tape deck, tuner, amplifier and
loudspeakers—can be anything from £.150 to
£2000. At the lower-cost end of the range, it
must be obvious that the reproduced sound
is not as lifelike as it would be in the
higher-cost equipment. In addition, the lower
the cost of asystem, the higher the proportion
of the price seems to be devoted to external
non-essentials.
It makes sense, in this situation, to investigate
the possibilities of "rolling one's own" and it
is with this in mind that we have collected a
selection of input units, amplifiers and speakers
that have appeared in our journal over the
last few years. With this equipment, the
highest quality of reproduction can be
secured. It can be built to suit the owner's
requirements exactly with no bowing in the
direction of mass production techniques or a
manufacturer's idea of good appearance. Cost
will be appreciably lower than in an
equivalent-quality commercial unit.
Even if the reader does not wish to build the
equipment described, the collection will be a
very useful description of modern techniques
in high-quality sound reproduction. Our
authors are in the forefront of development
and their designs can be accepted as being
the best available.
Enjoy the book—and please try not to lose
sight of the objective. Music is for listening to,
not for testing audio equipment. Do not let
the percentages interfere with the Purcell.

WorldRadioHistory

FIDELITY

DESIGNS

HIGH

FIDELITY

3

DESIGNS

High-quality Tape Recorder
1. Specification and design
by J. R. Stuart*,

B.Sc.

Tape recorder construction has received relatively little attention
over the years, and presumably one reason is the apparent complexity of the circuitry and alignment, compared with other items
of domestic audio equipment. Two tape recorders have been
described in these pages in aperiod of ten years, whereas several
power amplifiers have been described in the last few months.
In view of the large interest in the construction of domestic
audio equipment, it was decided to produce a design for atape
link which would be simple and cheap to build and easy to set up.

15i.p.s. 35psec. bias = 1DB

7I
H

i.p s. 70sisec bias = 2dB

3.75 t.p.s 140msec

bias .4dB

I I
1.875i.p.s. 280usec

bias = 5dB

I1711If

Reel-to-reel or cassette?
Continuing tape recorder development has resulted in commercial
machines, using standard reeled tape, which give excellent
performance at low speeds with or without crossfield bias.
Probably the most significant developments have been the large
improvement in high-speed tape copying techniques, widespread
acceptance of the Dolby noise reduction process, and the rapid
growth of interest in four-channel stereo. These combine to create
a situation in which tape will take over from disc as the major
programme source particularly as no compatible coding can
record four independent channels on a disc—although it can be
done at the expense of crosstalk.'
It is now possible to manufacture a cassette tape to run at
i.p.s. which, with Dolby, gives aperformance better than disc.
However, at present no cassette tape transport is available which
can offer the necessary low wow and flutter performance nor the
retrieval capability of ahigh-quality deck of the conventional form.
The choice of a conventional deck for this design was made
without hesitation, for the use of such a machine will not decline

+2.3 dB input
f
0 dB input
0 dB= 700,DA
00

Fig. I.

Maximally flat frequency response.

Tape
unit
00

Pre. amp

•

Bandwidth measured at —9 dB. C.C.I.R. replay:
15 i.p.s.
2'5 Hz
— 30 kHz
+1 dB
71- i.p.s.
25 Hz
— 17 kHz
+1 dB
i.p.s.
25 Hz
— 11 kHz +1
—2 dB
i.p.s.
25 Hz
— 6 kHz +1
—3 dB

Dynamic range
56 dB
15 i.p.s. and 7-1 i.p.s.
54 dB
3i and 1i i.p.s.
Crosstalk
—60 dB mono
—45 dB stereo
Amplifier hum and noise
below —66 dB
Input sensitivity

third
third
third
third

harmonic
harmonic
harmonic
harmonic

(weighted)
(weighted)

7 mV rms into 45I(.0 or-600Q
or 25 mV rms into 150kû or 600D
or 250 mV rms into 1.5MQ or 6000
Output
25mV rms. Output Impedance < 10012
and 250mV rms. Output Impedance <100Q
Peak-programme meter
Switchable to measure record, replay and bias levels.
Cost
£20
£64-68 for the Brenell MK 6 deck

A

Power
amplifier

TABLE 1
Specification of the complete recorder

1%
2%
0.7%
1.5%

Power
supply

04

*Marconi Instruments Ltd.

Distortion (at 1 kHz)
7i i.p.s.
0 dB
+2.3 dB
15 i.p.s.
0 dB
+2.3 dB

10k
Frequency (Hz)

Fig. 2.

(reference level)

Expected arrangement of the tape unit.

when live recordings are made for either amateur or professional
applications, particularly those requiring editing. Further, many
decks of this type are in use and may be adapted to this design.
Crossfield biasing was not considered in view of the extreme
mechanical problems this would create for the constructor.
This tape recorder has been designed around the Brenell Mk 6
deck. Brenell Engineering Ltd have agreed to make this deck
available in the required form.
Evolving a specification

Table 1 shows the performance of this tape recorder for the
conditions described and Fig. 1shows the frequency response for
constant current record, C.C.I.R. play back at 7+ i.p.s. and
15 i.p.s. adjusted for amaximally flat response.
Equalization is described in detail later along with the corresponding setting-up and performance details.
In evolving adesign the primary considerations were
WorldRadioHistory(a) simplicity of design consistent with high performance
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It was decided that the standard tape recorder should be a
stereo unit capable of recording or replaying mono on either of
the channels, with extensive monitoring facilities.
In addition to the considerations above, the particular performance parameters are cost, bandwidth, dynamic range and
simplicity, and to achieve a good overall performance these
must be carefully examined at each stage of the design.
To achieve simplicity it has been necessary to produce noncritical alignment with the full manufacturers' spread of devices,
and the construction is no more complex than apower-amplifier.
A block diagram of the tape unit is shown in Fig. 3.

(b) non-critical construction
(c) the use of readily available components
(d) a minimum number of adjustments (the circuits deliberately
leave very few parameters undefined and all calibration can
be done with a multi-meter, although the full procedure is
described)
(e) design flexibility to enable ready extension to four-channel
and cassette applications when such decks are available.
The unit described is amains-powered tape link and is intended
for use with an existing audio system of pre- and power-amplifiers,
and mixer if required. Such arecorder receives its signal from the
pre-amplifier or mixer and replays through the same system.
Three tape heads are fitted to allow simultaneous recording and
playback; this affords better performance and much extended
monitoring facilities.
The unit is readily compatible with the designs published in
Wireless World; in particular the signal levels have been chosen
to match the Bailey' and Nelson-Jones' pre-amplifiers. Fig. 2
shows the expected arrangement.

Bandwidth
The bandwidth of atape recorder is determined by the tape transport mechanism at low frequencies, and at high frequencies, to a
first order, by
(a) recording speed
Lett
upper

Upper
_

Equallsatio,

rms
Skc

Lower
S2a

Replay
,
c
s
•e

Replay head
lower

52b

tight
lower

Upper

250mV rms

__
Sk B

Playback
F

Rec04
.

F

Playb'k
RecC46
•
O

51b
20V Record

Lower

Meter
circuit

M,

J'11.--°'
Bias
S3 0

5 3b

Upper

1-2 0
Line in
upper
-

SkEy

Upper

R•la
r

Record

•

_

SKB

100k

15
7.5

WS'

Sic

R1 = 82k 25mV rm.s.input
1'5M 250mVrrus.Mput

.Record
I gain

Rc = 800f1 optional

Line in
lower

3.75
1.875

F'
A
Upper

Rib

Lower

C290
270p

San

Mil a
R.

/

ray

529 °Lower

--

S2c

OCV\->

Record
_ equal i
sat ion

L2b

£1,upPer

Record

*
--.---1
- 0
°
4 •

H

it

S2 n°

Lower

Play
S4b

me;

•••,"

+10Va K
+10VP L
+10Vc M
+20V N

Record
+20V
Switch
on deck

o

+20V
Record

Play

Fig. 3.
WorldRadioHistory

Block diagram of tape unit.
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h.f. bias level
replay head gap
alignment of record and replay gaps
equalization standard (I.E.C., N.A.B., D.I.N., C.C.I.R.,
N.A.R.T.B.)
(f) magnetic domain size on tape
(g) head losses (copper, and iron, and leakage).
Second order effects include the recording-head gap.
The Brenell Mk 6 uses Bogen heads which have ahyperbolic
face to ensure good tape-head contact. They also have pressure
pads which nevertheless seem to allow good low-frequency
response as is seen from Fig. 1.
In a given system the parameters which the designer may
control are a, b, and e, and to some extent d.
Great care must be exercised in producing abandwidth specification; it seems dangerous to rely as much as we do on these figures.
The problem is that in most cases it is the published specification
for bandwidth and noise which sells atape recorder. The author
feels that it is of limited value to reject amodel with an upper —2dB
point of 15 kHz in favour of one which has the same point at 22 kHz;
the reasons are as follows.
The sensitivity of the human ear at 17 kHz is a mean of
10 dB below 4 kHz at listening level of 60 phons, and the 1%
duration peak content in an orchestral piece at 15 kHz is 10 dB
below 500 Hz 4.It would seem that a variation of + 2dB at
20 kHz should have little effect, particularly as the threshold
of hearing at 20 kHz is at a loudness of 80 phons (Robinson &
Dadson) and in the upper octave just noticeable distortion is

5

(b)
(c)
(d)
(e)

greater than 1phon.
The ear is however sensitive to transient `slewing-rate' and to
inhannonic products.
No recording system can easily retain the phase information
required to reproduce the transient information in the way required;
however a lot can be done to reduce the intermodulation products
which are generated in the upper band. It seems evident that the
perceived difference between the systems of different bandwidth,
is due to distortion produced by the method of bandwidth reduction,
causing intermodulation products to appear in the region 1-6 kHz,
with obvious effect. Because the major control of bandwidth of a
tape recorder is the high-frequency pre-emphasis, and since harmonic products in the upper octave are not retained, the intermodulation products here, and the bandwidth, are determined by the
recording characteristic.
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Circuit diagram of recording stage.

VCC

Dynamic range
In a well designed tape recorder the dynamic range is determined
by the tape and defined by tape overload and inherent background
noise.
Sources of noise in the recorder are the amplifiers (more than
10 dB below tape noise in this design) and recorded noise by the
bias' and erase waveforms. In order to minimize this the erase waveform must be very pure and free from even-order harmonics.
Another source of noise is hum. However, careful power supply
design and overall construction have reduced basic amplifier hum to
less than — 80 dB. The hum level appears far below the amplifier
noise, and is inaudible in the author's set-up at again setting equivalent to 40W at adistance of 6feet from the speakers.
Two-track operation was chosen to give a maximum dynamic
range, however the Brenell Mk 6 deck is available with four-track
heads and these may be used with no circuit modification giving
about 3 dB less dynamic range.
16
15

Power supply
It was intended that the recorder should obtain raw d.c. from the
power amplifier with which it is used, and aregulator is used to
derive the system rail of + 20 V. In case this power is not available
asimple supply will be described in Part 2.

Vc®®

14
13

vcco®

11
7

10
9

(b)
Fig. 4. Data on the Lc. linear amplifiers type CA3048 and
Choice of devices
CA3052; (a) the circuit diagram of each amplifier section (-P.c.);
The R.C.A. integrated circuit quad-amplifiers CA 3048 and CA
(b) pin connections; and (c) performance details of each amplifier.
3052 were chosen for this design—which uses one of each.WorldRadioHistory
In
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the author's experience they have a highly predictable, reliable
performance and offer a saving of a very large number of discrete components. Although there is no reduction in cost, the
reliability of one of these chips for home construction, when
compared with the minimum equivalent of twelve transistors
and associated components, is high. The circuits should be carefully checked however for the cost of mistakes could be higher.
Fig. 4 (a) & (b) show the circuit diagram and specification for
these devices. The transistors chosen are cheap silicon-planar
devices of ready availability.
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Recording section

2

The essential recording function is to produce a residual flux/
input voltage transfer function which is linear with respect to
amplitude variations.

10k

Frequency (Hz)

Fig. 6.

In the mid-band residual flux relates linearly to applied flux, which
is in turn proportional to the current flowing in the recording head
windings, and so it follows that the recording current should be proportional to the signal voltage.
It is also necessary to modify the amplitude/frequency response
of the recording stage to obtain the optimum bandwidth as described
earlier.
The recording amplifier falls readily into two sections, namely
the equalization and output stages.
Fig. 5shows the circuit diagram for the stereo recording section.
Reference to Fig. 3shows that the record gain control is placed at
the input to the equalization stage, i.c.A 2&3, to maintain optimum
conditions of dynamic range and distortion. S, g& h, and S, a&b
direct the input signals according to the selected function.
The open loop gain of i.c.A 2& 3is set to 45 dB by R„ and the
low-frequency gain of this stage is
R, + R,
7.25
This implies asensitivity of 7 mV r.m.s. for 0 dB output level.
Here 0 dB output was set for aflux density of 32 millimaxwells
per millimetre of tape at + 1dB bias and 7+ i.p.s.
The parallel tuned circuit formed by L„ and C,_„ increases the
gain at the resonant frequency by an amount determined by
Several combinations of frequency and boost may be used and these
will be described in Part 2. Fig. 6shows the frequency response of
the equalizing stage when set for maximally flat response as in Fig. 1.
This rising gain at high frequencies compensates to some extent
for the losses in the recording head and tape, and ensures a'constant
induction' characteristic. Noise and distortion are both very low
in this stage, distortion at 1kHz is less than 0.01% at rated input,
and the noise is more than 70 dB down.
As the CA 3052 amplifier can give 2V r.m.s. output with 0.65%
distortion open loop, this equalizing stage is capable of producing
32 dB boost with less than 0.1% distortion. Because the recording
head is anon-ideal inductor, it is an interesting problem to produce
a'constant current' drive at all frequencies in the pass-band; this
implies an amplifier whose voltage gain is proportional to the head
impedance.
A large number of designs have appeared, to produce this constant current drive for the head, and indeed to arrange this drive
with agood 0 dB overload margin, to allow pre-emphasis, is quite
difficult.
The Brenell Mk 6 deck is fitted with a Bogen UK202B record
head, which has an inductance of 120 mH at 1kHz and requires a
recording current of 110 eiA to induce a remanent flux of 32
mMx/mm; this head achieves its maximum impedance of 10 k.S? at
about 14 kHz. Without pre-emphasis then the voltage across the
head will be 1.1 V r.m.s. and as the output amplifier can provide
5.5 V r.m.s. across the head at this frequency the minimum preemphasis which can be applied to allow no overload at the 0dB
level is 14 dB at 14 kHz. It is worthwhile investigating the powerfrequency spectrum of the signal source, as many music sources
have maximum peaks at 15 kHz 10 dB below 500 Hz 4.Thus if
necessary a further 10 dB boost could be applied with less than
1% duration overload at these frequencies.
Wherever possible the nature of the pre-emphasis has been
designed to accept a0dB signal without overload. If this is not the
case the amount of overload is stated. Traditionally 'constant

lk

Frequency response of recording pre-emphasis.
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Circuit diagram of replay amplifier.
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TABLE 2

(Replay equalization details.)
time constants
(us)
gain @ lkHz
t,
t,
(approx)

speed

standard

15 1.p.s.
38 cm/sec

CCIR/DIN
IEC94.
35
BSI (1970)t
NAB, IEC (USA) 50

i.p.s.
19 cm/sec

31 i.p.s.
9.5 ern/sec

co

Ry
MF

Rp

Rq

Rs

Ri

Rm
kO

Cz

56

—

-

—

co

s/c

100

—

-

—

9.5

1044
6V

10

3180

12

CCIR/DIN
IEC94 (GB)
70
BSI (1970)
NAB, IEC (USA) 50

co

13

0.5

22

180

—

3180

12

0.6

22

100

—

IEC (FRANCE)

50

co

12

0.6

22

100

—

CCIR
BSI (1970)
IEC94 (GB)
(EC94 (EUR)

140
90

co
3180

15
14

1.0
1.0

22
22

390
220

—
—

co
9.6

140

3180

15

1.0

22

390

—

9.5

14

1.0

22

220

—

co

co
1590

20
15

1.5
1.5

22
22

—
—

820
330

co
19

co

15

1.5

22

—

330

co

1

or

90
1i i.p.s.
4.76 cm/sec

Cx
MF

CCIR
BSI (1970) }
IEC94

280
120

a/c
9.5
co

or

120

10m
OV
sh
s/c
1044
6V
1044
6V
s/c
e/c
1044
6V
s/c

•IEC94 inc. GB. USA, FRANCE.
tBS 1588 (1970). NOTE: Measurements on this unit used the CCIR replay time constants, and were made before the
publication in September of BS 1588 (1970).

current' was obtained by generating a very large signal voltage,
and then swamping the head impedance with alarge series resistance. Although simple to implement with valves this technique is
inefficient and inelegant, although there are no problems with
bias rejection.
Others have made use of the high intrinsic collector impedance
of atransistor, notable examples being P. W. Buck', J. B. Watson',
and G. Wareham'.
Certainly the best method of ensuring accurate constantcurrent' drive is to include the head in the feedback loop of ahigh
gain amplifier. However, this gives rise to considerable problems of
bias rejection, and for this reason this technique was not
employed in the basic recording unit. It will however be described
in Part 3.
The circuit developed for this recorder is simple but effective.
Tr, is acommon-emitter amplifier with local feedback in the emitter
and this stage is biased by the current source Tr 2;this gives ahigh
output impedance, and the load seen by Tr, is essentially the
recording head. Fig. 7 shows the equivalent circuit of the output
td"

î

10_ "

lo

:00

10k
Frequency

Fig. 9.

(HZ)

Output noise spectrum of replay amplifier.

cf
24 ........`•21

Cz

Equalization circuit referred to in Table 2.
stage for small signals at mid-band. The trans-conductance is given
by lein =l1R,,. Tr, is an emitter-follower stage arranged to set
the d.c. conditions in the amplifier. The d.c. stability is excellent,
and substituting for Tr„ transistors with hFE between 30 and 475,
causes a variation of only 200 mV on the standing d.c. level at the
collector of Tr,. Beware of measuring this with ameter of less than
10 Mi2 resistance. The measured output impedance at 1kHz is
420 kü, falling to 390 kfi at 20 kHz. Maximum output is 5.6 V
r.m.s. and clipping occurs symmetrically at an output of 18 V pk-pk.
The frequency response measured with a 2.2 kaload was flat
between 30 Hz and 100 kHz with — 3dB at 10 Hz and 220 kHz.
At rated output the distortion in the current waveform in the head at
1kHz was 0.01%.
It is strongly recommended that capacitors C„ C, and C, be
paper or polyester. In particular any leakage in C, would cause
a permanent polarization to build up in the recording head,
degrading the performance. To avoid large currents flowing in the
head during switch-on the d.c. level at the output rises slowly and
the h.f. bias is arranged to decay slowly after switch-off to demagnetize the head.
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Fig. 8shows the circuit of the replay amplifier. It is arranged as an
equalization stage and a 20 dB gain stage to raise the output level
to 250 mV r.m.s. The input from the UK 202B replay head is 2mV
r.m.s. for a 1 kHz tone recorded at 32 mMximm at 7-1- i.p.s.
Careful power supply design has enabled ahum level of — 80 dB
to be achieved with avery low crosstalk. The amplifier crosstalk
measured was — 74 dB at 1kHz, and —65 dB at 10 kHz, for rated
output; distortion is less than 0.01% and is predominantly 2nd

harmonic; the overload capacity is 17 dB at 1kHz with 74 i.p.s.
equalization. To obtain the best signal to noise ratio in this
5ip.s.35psec
amplifier the CA 3048 amplifier is used; it has a tighter noise
specification than the CA 3052 and is slightly more expensive.
10k
The measured noise was 66 dB below 0 dB level with 74 i.p.s.
C.C.I.R. replay equalization in a 20 kHz band and Fig. 9 shows
the spectral density of the noise output of the replay stage.
WorldRadioHistory
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Especially
for Britain's
top 10,000 recordists.
12 1,sets the open loop gain of the i.c. amplifier to 55 dB and the
replay characteristic is determined by the equalizing network. This
is shown in detail in Table 2, along with the values for the various
standards. Fig. 10 shows the frequency response of the amplifier
for the C.C.I.R. replay time constants. C.
,and Ry can be added to
lift the response at high frequencies. This is discussed fully in Part 2.
As the power supply voltage at the i.c. terminal 12 rises slowly at
switch-on, the charging current for C„ through the head is less than
1p A, and if C„ is apaper or polyester capacitor there should be
no problem with polarization of the head. However, routine
demagnetization will always be essential for high-quality work.
The possibility of head magnetization is the only disadvantage with
integrated or bipolar devices. An f.e.t. input would certainly eliminate the problem, but the circuit shown is far more convenient and
this current has been reduced to an acceptable level. Those interested
in the reduction of head polarization should refer to an article by
P. F. Ridler 8.
In Part 2next month the design will be concluded and constructional details given.

If you're arecording perfectionist, or require a
tape ideally suitable for mastering purposes, you're
probably already using EMITAPE 825.
This is the long play version of the tape that most
of the professional recording studios use and which
they find particularly suitable for portable or low
tension machines.
Ask them why, and they'll single out the low
modulation noise, the dynamic range, excellent signalto-print ratio, and the unfailing consistency required
of aprofessional tape. And because so many professionals and enthusiasts want to use EMITAPE 825
on their own equipment we're making it available
direct from 100 selected stockists.
If you're not yet familiar with EMITAPE 825 and
have the quality of equipment to do it justice, send
for details and list of stockists.
Remember too, whatever your equipment, there's an EMITAPE
cassette or reel to get
the best out of it.

REFERENCES
I. "Two Channel Quadraphony", David Haller, Hi-Fi News, August 1970.
2. "High Performance Transistor Amplifier", A. R. Bailey, Wireless
World, December 1966.
3. "Integrated Circuit Stereo Pre-amplifier", L. Nelson-Jones, Wireless
World, July 1970.
4. High Quality Sound Reproduction by J. Moir, p.I0, Chapman and
Hall, 1961.
5. "Transistor Tape Recorder Amplifier", P. W. Blick, Wireless World,
April 1960.
6. "Silicon Transistor Tape Recorder", J. B. Watson, Letters, Wireless
World, August 1965.
7. "Inexpensive Tape Recording Amplifier", G. Wareham, Wireless
World, March 1966.
8. "Tape Pre-amplifier using F.E.T.", P. F. Ridler, Wireless World,
September 1967.

CORRECTIONS TO HIGH QUALITY
TAPE RECORDER
The following amendments should be
made to Part I.
In Fig. 1the bias levels given in the upper
graph should have minus signs in front of
them and refer to the OdB 700mA in the
lower graph.
In Fig. 3S,h and S„ should be drawn as
below.

s,„

s,,
The mid position of S, is the stereo mode.
'.. the just noticeable difference is greater
than Iphon.'
In Fig. 4 the i.e. is viewed from above.
In Fig. 7 the final equation should read

4

h2,

I

I
it

In Fig. 9 the ordinate should be V./Hz.
On p.I0 co1.2, line 16 should read
'24V r.m.s. at 0.7mA'. In the captions to
Figs. 13 and 14 'connect R to A' should
read 'connect R" to A'. Table 5 is
referred as Fig. 28 on Fig. 5. In Fig. 15
the erase output should go to Si,i and
Skk—the first k is drawn as a 2. Table 2
gives Ry as FIE instead of
The components list gives the Plessey
core number for T, as 905/1/01613/004e;
this should be 905/1/01613/108pe.
It is becoming difficult to obtain the
Plessey cores in small numbers, however
the requirement can be met from the new
Mullard range as below:
L. 6.25mH Plessey 905/1/01581/004e;
Fief! 220, 41
turns/mH or Mullard
LAI225 and LAI274, both numbers.
I0.6mH
Plessey 905/1/01581/009;
priy63,
84.5
turns/mH
or
Mullard
LAI416 and LAI339.
T, Plessey 905/1/01613/108µe; gef300,
32 turnstrnH. Nearest equivalent: Mallard LA 219 and LAI275.
If the Mullard core is used for T„
should be 400pF beehive trimmers.
The tape heads specified were !,-track
Bogen UK202B record and replay and
Ul 290 erase: quarter-track heads UK
207B can be used without modification,
although it is better to make C,„ 100pF
beehive trimmers.
The old quarter-track heads UK207
require more bias than the UK202B; for
this the bias windings will need to be
120+120 turns and the oscillator run
from about 11V, with C„ adjustable.
The erase heads are all good substitutes
in stereo.
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DESIGNS

High-quality Tape Recorder
2. Construction
by J. R. Stuart,

B.Sc.

Signal monitoring takes two forms in this recorder—A-B signal
switching, and a peak-programme meter to read signal and bias
level s.
Experience has shown that the most effective meter has a fast
attack and slow decay time. This stabilizes the pointer and gives a
pessimistic reading, reducing the risk of overload while
maintaining wide dynamic range.
Probably the most difficult transient a music signal could
provide would be of 25
sduration, being one half cycle at 20
kHz! Although this is unlikely the meter described was designed to
attempt to cope with this. A circuit diagram is shown in Fig. 11.
For simplicity only positive-going peaks are read. It is asimple
matter to extend the circuit to read positive and negative peaks,
but no instances have been found to suggest that this should be
necessary. The author has used a meter of this type for several
years without problems.
As the input signal to the recorder is balanced, either from a
programme source or mixer, it is not necessary to have two
expensive meter movements. Instead a ganged record gain control
is used and the meter circuit of Fig. 11 indicates on alogarithmic
scale the peak value of whichever channel is the greater at any
instant.
Two i.c. amplifiers, Al & 2, are used to raise the OdB input
signal to 1V r.m.s. These low output impedance amplifiers charge

+ 20V
Z2
4.7V

501.A
ts.d.

o

R27

R34

560k

1.3k

Di

C19a
0 .47p.

1N914
c22Œ
0-474

ools•-1

o

1N914

10.,
S3a.

C20a

BC108
Tr5
BC108
C23
002p.

50

40

30

20
02
10

o

0.2

Fig. 12.

6V

S3b

1CA4

o

04..1

o

C19b
0.47)1

C22b
047

Fig. 11.

20

Response of meter circuit.

capacitor C„ to the peak positive value via D, or D, and as the
forward resistance of the diodes is current dependent, the attack
time will depend upon the amplitude difference between successive
peaks, with a minimum value of around 20 ms. The decay time is
determined by the rate at which C23 is discharged by the high
input impedance of the amplifier formed by Tr, and Tr,. This
impedance is nearly 5 455/2 31 and the measured decay time is
around 2s. Two zener diodes are included in the collector network
to give athree-slope approximation to alogarithmic response; this
approximation is good as can be seen in Fig. 12. Table 3gives the
meter calibration. The linearity is good and the meter response to
continuous sine-wave is within + 0.5dB from 10 Hz to 10 MHz.
To set-up the meter, switch on with the wipers of R„ and R30
set to ground, slowly rotate R 29 until 2u A flow in the meter and
then rotate R 30 until the meter reads about 3 y A. The circuit is
now set and the calibration is determined by R „ and R„,.
As would be expected the super-alpha pair Tr, and Tr, exhibit
some temperature sensitivity but the author has found no
problems: R. and R.,„ need never be touched after the initial
set-up, provided C22a. b are paper or polyester capacitors and D,
and D, silicon planar diodes. Small drifts in the standing current.
through the meter do not affect calibration, which is highly
predictable.
Two schemes have been included in the basic recorder for A-B
monitoring and the one chosen will be determined by the
pre-amplifier with which the recorder is used. The essential
difference is that one scheme includes the A-B switch in the
recorder, in the other this switching is apre-amplifier function.

TABLE 3

C20b
100µ

10
Input (mV rms)

Diagram of meter circuit.
WorldRadioHistory

Meter calibration details
calibration
current
uA

calibration

50
38.5
27
16
4.5

46

dB

o

-6
-- 12
18
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R V2,

Pre-amplifier

0

0

S2j,

5

2k

Source

0

O I

.1C2Sa
120p

I

Continuous
signal input
from pre-amp

e

DESIGNS

.20V 300mA
record

7,25 or 250 mV rms
(min)

Continuous
replay
output

Tape unit

250MV rms
(max)

0

o

0

0 0

o o

Fig. 13.
A-B monitoring arrangement type 1. Input to top of RV,
is 7m V. For output of 250mV r.m.s. link A + B, C + D; A' + B,
C' + D'. For output of 25mV r.m.s. link A + D, A' + D';
connect R to A.

(Input & equalisation)

To
power
amplifier

Source
VOLUME

'Before'or
'After'
output
same level as
input

(a)

r

Continuous
input
from pre-amp
25 or 250mW
rms min

Tope
unit

4

A
4—°

Monitor switch
S5a

R1

A 25mV level, connect R to A
C 250 mV level, link A & B

62k 25mV
1.5M 250 mV

Mono 0.13»

S = Start of winding

= C27

Stereo 0-33»

f = Finish

Fig. 15.

"

"

Circuit diagram of erase oscillator.

calibration of the bias and erase current are retained on switching
from stereo to single track recording. The most direct method of
ensuring well defined currents is to use amaster oscillator and two
current mode output stages. this is described in Part 3; however
the increased complexity and cost were not considered worthwhile
in this recorder. in view of the excellent results which can be
obtained, with care, from amultivibrator.
Fig. 15 shows the circuit diagram of the oscillator. Although it
does not operate in Class D9 it is of a current switching type.
the current being determined by the reflected load on the
transformer primary and the supply voltage. Amplitude of
oscillation is determined by Z,. The Brenell Mk6 deck is fitted with
Bogen UL290 erase heads. These require 70 V r.m.s. at a
current of 45 mA (100 kHz) the equivalent loss resistance is 10
kQ. giving a power of 500 mW per channel. Bias requirement for
the recording head is 24 V r.m.s. at 9.7 mA for each channel.
In order to minimize interference from Droitwich transmissions,
or harmonics of 38 kHz from stereo decoders. the oscillator was
designed to run at 107 kHz. This frequency is set by the total
effective primary inductance of T, and Ca;which is switched to
keep the frequency constant for mono or stereo recording. On
mono a 10 kQ load is switched across the erase head to keep the
bias and erase currents unchanged, see Fig. 2. La and L 2b form
high impedance tuned rejectors to keep the h.f. bias out of the
recording stage. some 100 mV pk-pk of bias waveform appears at

Pre-amplifier (one channel shown)
(Tone & filter)

= C26

(b)

Fig. 14.
A-B monitoring arrangement type 2. (a) The pre-amp is
modified by breaking the lead shown dotted and re-routing as
indicated (b) Wiring for one channeL
Some amplifiers (Quad 33 and Leak for example) provide tape
A-B switching. The scheme is shown in Fig. 13.
If this facility is not available then the scheme shown in Fig. 14
may be used; the input signal is passed to the recorder, which then
either routes it back to the pre-amplifier '13'. or replays the signal
on tape 'A'. The levels are arranged to be the same in this design.
and the A-B function may be carried out at aOdB level of 25 mV
r.m.s. or 250 mV r.m.s. as shown in Figs 13 and 14. with
reference to Fig. 3.

The bias current is set by the capacitors C2aa and b, and the
ganged potentiometer R V 2 gives +1 —5 dB variation in the bias
current. around 0.7 mA. As the loaded Q of the tuned circuit is
around 30 the third harmonic distortion should be less than 0.4%.
In fact because the driving waveform on the transistor bases is not
square the distortion is about 0.1%. This is quite adequate for a
bias waveform and the author can detect no increase in the noise
on virgin tape when the oscillator is switched on, in fact the
increase is just less than 1dB. C„ ensures that the bias decays
slowly to demagnetize the recording heads. Winding details for all
coils are given in Table 4.

Power supply
During playback the quiescent power requirement is about 60 mA
at +20V and this rises to about 500 mA during recording. Fig. 16
shows the circuit of a regulator which will accept 30-60V d.c.
TABLE 4
L,
T,

Bias and erase oscillator
As the bias network and erase heads present a reactive load to an
erase oscillator it is a difficult problem to ensure that the
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Winding details for inductors

100 turns 36 s.w.g. enamel covered wire.
275 turns 36 s.w.g. enamel covered wire.
Primary 5 + 5turns 26 s. w.g. enamel covered wire. bifilar wound. Erase winding
100 turns 34 s.w.g. enamel covered wire. Bias winding 100 + 100 turns 36
s.w.g. enamel covered wire, bifilar wound. Separate each winding with one
layer of Sellotape or similar.
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I1
Trio

+30V

+3 0V

2N3055

+20V

2,500»
50V

(

R

lA ripple
rating
40

2.7k

Mains
input

5.6k for 40V supply
10k for 60V supply

Input

4 x1A 10Optv

E

Silicon diodes

j.

Fig. 18.

Main supply circuit.

oV
Fig. 16.
Power supply input regulator. R„ must be altered as
shown if higher supply rails are employed

•• •• •• • •
0140 • •
▪• • •
▪• • •

R45

100

R46

BCY72

100

+10V

+10V
Z7
10V
OV

R49
100

+20 V

Tr12
BCY72

R51
47

+10V

44mA

Fig. 17.

Fig. 19.

10V supply regulators.

input to give a 20V supply for the recorder. Tr„ should be
mounted on a heatsink, or bolted to the chassis, with mica
insulation to allow asafe operating temperature.
The integrated circuits use three separately derived +10V
supplies to ensure stability and low crosstalk; the circuit is shown
in Fig. 17. Tr„ and Tr„ are arranged as current sources. This
affords protection to the i.c. and the effect of the low zener slope
resistance with the high impedance of the current source is to
reduce ripple by more than 66 dB. Tr„ and Tr„ should be fitted
with cooling clips as they dissipate 160 mW each. Fig. 18 shows
a simple power supply which may be used if d.c. is not available
from the power amplifier.

Construction
The recorder unit circuits are built into an enclosed metal case.
This affords rigidity and adequate screening. If a mains
transformer is required it is recommended that this is not mounted
in the case, but away from the unit and deck to maintain the low
hum figures. A front panel carries all the controls detailed in Fig. 3
and the recording-level meter.
The circuits are built up on three Lektrokit boards 4in x
The first board, which is shown in Fig. 19, carries the replay

Replay amplifier board

circuits including i.c.B and the regulator Tr „ which derives the
+ 10V supplies for K and L in Fig. 8. (Pt. 1).
No special precautions need to be taken with the integrated
circuits: the networks C 14 ,R2,and C,,. R 23 reduce the gain above
200 kHz. Stability is independent of layout.
Fig. 20 shows the second board which carries the meter
circuits, record equalization and output stages, including i.c.A.
Layout is again non critical.
The third board shown in Fig. 21 holds the erase oscillator, bias
rejection and the regulator Tr„ to power i.c.A. In the author's
version the 20V regulator of Fig. 17 was external, however there is
plenty of room to mount it on this third board. All equalization
components are mounted on the switch S,. To obviate any
earthing or hum-loop problems the course adopted was to
common on each board all earth and supply points and arrange
only one connection to be made to these two rails. This means
that the earth and supplies are common to the two channels but
only one earth and supply lead is used per board. All signal leads
in the unit are screened as indicated in Fig. 3 and the braid is
earthed at only one end, that being the source. A wiring diagram is
shown in Fig. 22.
It is not necessary to screen the circuits from each other. The
erase board and the replay amplifiers should be arranged to be as
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Fig. 20.

Recording and meter drive circuits.

Fig. 21.

Construction of erase oscillator.
I:"

S

far apart as possible but otherwise the layout is a matter of
convenience. Inputs and outputs use Belling-Lee coaxial sockets
for economy and good reliability. The Brenell deck supplies
coaxial plugs on the record and replay heads, however the erase
leads will have to be fitted with coaxial plugs.
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lii

•D1a

kA

-

Lo

o
O REPLAY PREAMP
AND REGULATOR
+20V

00 0

Panel
earth

D S2a
0=74.

S2b

o•=11.

Switching
Switching is carried out at the front panel and on the deck, the
only switch which is repeated is the speed change. This was done
to avoid the inevitable hum pick-up which would occur switching
signals at the deck, and also it would not be possible to cater for
the four speeds as the Brenell Mk6 deck uses a three-way switch
with two capstans to provide 14,. 31. 74 or 3,
1. 74- and 15 i.p.s.
The record-play function is only required to switch the inputs to
the recording equalization and to provide a 20 V rail to the
recording circuits. For simplicity the Brenell deck is modified to
give this + 20 V rail when it is switched to record—which has an
interlock button: the signal switching is then performed by asmall
low current relay, S,.
This modification is necessary because in standard form the
record-off-play switch on the deck is arranged to short the erase
heads on all but the record position. This is not desirable as it
would inhibit the decaying bias waveform. Fig. 23 illustrates the
modification. The spare wafer is used to switch the + 20V supply.

S29

I L
IL

S4a

•D 1b

t_

..+20V

'
41

0+20V
RECORD AMPLIFIERSC
AND METER
o
+10V
o

- --

o

o

}sic

EiEiiiiii

1d

l-4

R
oe
uc
to
pr
uc
t
t

o

o

S41 •
SKJ

o

o

BIAS/ERASE
OSCILLATOR

•

AND REGULATORS

o

+20V
+20V record

o
o

p.

o

S2

O
0

RV2

ski< ("+-1

Testing and setting-up
It is recommended that the circuits are tested individually
before final power supply connections are made. D.C. levels
should be checked using a good multimeter: check all supplies.
and the output of each i.c. amplifier, which should be around
+5.6V in each case. The d.c. conditions of the recording output
stage can be checked by measuring the potential on the emitter
of Tr,. This should be about + 9.4V. If any discrepancy is noted.
switch off immediately and check the circuit. Set up the meter as
described. This may now be used when adjusting the bias
rejection: otherwise use a high input impedance millivoltmeter or
an oscilloscope. The bias rejectors L, allow a 5% adjustment of
inductance and this should be more than enough to accept the
expected uncertainty of oscillator frequency. Loose wiring or
winding on L,a or ,b may move the resonant frequency. in which

nle
S21

Fig. 22.

TABLE 5

Overall wiring diagram.

Recording pre -emphasis component valves

speed

boost
frequency

amount
of boost

C,
nominal

R.

ips

kHz

dB

uF

k0

8.6
18,25

0.01
0.02

2.4

22

+5
-4

19.0
19.0

0.05
0.08

27
27

-5
+1

15
7.5

28
15.5

3.75
9
1.875
6.5
*depends on final 0 of L,
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+20V record

Component List
Capacitors

To erase head

C,*
C2*
C,*
C4*
C,*
C,*
C,*
C,*
C,*

Record

+20V

Off

Play

Play

Off
1
Record
To erase head

Fig. 23.
Switch modification for Brtnell Mk 6 deck Remove
wires shown dotted and add the wires shown solid.

C10 *
C„*
C1,*
C„*
C1,*
C1,*

0.47µ papert
¡Sp 25V
1p paper
12p 6V
0.01p disc ceramic
0.02p disc ceramic
0.05p disc ceramic
0.08p disc ceramic
1p paper
1000p 6.4V
0.47p paper
250p 6V
0.33p paper
0.01p disc ceramic
0.47p paper

tor plastic in each case

*two required

150k *
To

C16 * 64µ 6.4V
C17 * 0.01p disc ceramic
C,,*
150p 6V
C,,* 0.47p paper
C20 * 100p 6V
0.01p disc ceramic
C21
*
C„* 0.47p paper
0.02p disc ceramic
C23
18n polystyrene
C24
18n polystyrene
C25
0.13p 2% paper
C26
C27 0.33,u 2% paper
120p polystyrene
C28 *
C„* 270p polystyrene
500p 25V
C30

Semiconductors

C190
1
-11"

recording output

Meter

junction oi Cg & L2

inputs

Fig. 24.
Arrangement of meter to set up bias rejection. Begin
with the potentiometer set to maximum, then reduce as null is
approached. Components marked •are required only for setting
up.

ICA
ICB
Tr,*
Tr,*
Tr,*
Tr,
Tr,
Tr,
Tr,
Tr,
Tr,
Tr io

CA3052
CA3048
BC 108
BCY72
BC 108
BC 108
BC 108
BFY51
BFY51
BC 107
2N3055
2N3055

1 supplied by
ÇA. Marshall

twith 5 coolfing clips
}plus
insulation

Tr„ BCY 72 1with cooling
Tr i,BCY72 fclips
D, 2 1N914
Z, « 3.3V 400mW
Z,
4.7V 400mW
Z 3
10V 1W
Z,
12V 400mW
Z, 4.7V 400mW
Z,
10V 400mW
Z,
10V 400mW
Z, 4.7V 400mW
Z,
10V 400mW

* two required

case C will have to be adjusted to find the null. Switch to record
and using the arrangement of Fig. 24. or by another means, adjust
L,a and 2b for a minimum bias voltage at the recording
amplifier-with all erase and record heads connected. The meter
may now be wired, according to Fig. 3. Check that bias is present
at the correct level and that about +3 -5dB variation is
available. The recorder is now set up and ready to operate.
Choice of recording standard
Several replay standards can be used and these are shown in Fig.
10. The choice will depend upon the tapes to be replayed. All the
measurements given here use either the C.C.I.R. standard or
C.C.I.R. with high frequency lift. On replay some high-frequency
boost can be applied by connecting Cx and Ry of the values
given; note that this network must be switched for each speed
requiring an extra two poles on S,. If tapes recorded to adifferent
standard are to be used this lift must not be applied; however for
recordings made on this machine the boost will compensate replay
head losses at high frequencies and enable a true
'constant-induction' recording characteristic to be used, with less
chance of high frequency overload.
It must be understood that having chosen a replay
characteristic, then although a good approximation can be made,
the amount of recording pre-emphasis which must be applied
depends upon the tape used, the bias level-which incidentally will
be different for each speed-and the form of response which is
required, see Part I.
Two examples are given here, maximally flat response with
C.C.I.R. playback, maximally flat response with C.C.I.R. and
high frequency lift. These two give low intermodulation distortion
at high frequencies.
The component values are given in Table 5. The first response
is shown in Fig. 1 and the dotted curve gives the response with
high frequency lift on playback. With careful construction there is
no reason why these specifications should not be met.
REFERENCE
9. Baxandall. F. J.. "Transistor LC Sine-wave Oscillators". 1.E.E. paper
2978 E. February 1960.

Resistors All -1W 5% carbon unless otherwise stated.
R4, 560
100
see Fig. 3 R2,*
R42
2.7k
750
R„* 5.6k
R43
3.3k
100
R 3*
120
R„*
R44
5.6k
R4* 2.4k
R24 * 10k
R45
100
R5* 22k
12 25 * 200
R„
100
R,*
27k
R26 * 100
R47
100
560k
R 7* 27k
R27
R48
3.3k
560k
R,*
2.7k
R„
R49
100
100k pre-set
12 9*
18k
R29
R„
3.3k
100k pre-set
/2 10 * 16k
R„
R,,
47
2.2k
R„* 910
R31
R„*
18k
100k
R 12 * 470
R32
R„* 4.7k
10k
R 1,*
10k
R33
R54 * 1M
1.3k
R, 4* 2.4k
R34
10 1W metal oxide R55 * 330
R 15 * 47
R„
10 +W metal oxide R„
to suit bulb
R,„*
R36
3.3k
RV,
100k log 2-gang
R, 7*
R37
3.3k
RV2
50k lin. 2-gang
R, 8* see Fig. 8.
R38
25 5W w/w
*two required
R 19
2.7k
R20 *
R„

R,*
R2*

Inductors
L, Plessey 905/1/01581/006 pe 18mm pot core with base and
clips, or Mullard LA2532. Two required.

L2 Plessey 905/1/01581/009 e
le 18mm pot core with base and
clips, or Mallard LA2538. Two required.
T, Plessey 905/1/01613/008 pe 26mm pot core with base and
clips, or Mallard LA2332. One required.
Switches etc.
S, 4-pole 4-way (minimum, see text) make-before-break
S2 9-pole 3-way
make-before-break
S, 2-pole 3-way
break-before-make
S, low-current relay 2-pole change over.
S, required for A-B monitoring arrangement type 2.
2-pole 2-way break-before-make
Bulb (6V 40mA: R„=330)
Lektrokit board x 3 plus pins.
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High-quality Tape Recorder
3. Extensions and modifications
by J. R. Stuart,

B.Sc.

The variable high-frequency bias allows optimum recordings to be
made with avariety of tapes and speeds, and it is asimple matter to
reset any bias condition with the meter. Although the A-B monitoring allows an excellent attempt to be made by ear, it is not always
straightforward to discover the required bias initially. In particular,
if the recording is to be replayed on another machine, it may be
necessary to bias for maximum sensitivity, minimum distortion, or
some arbitrary standard.
The normal criterion for low tape speeds is to increase the bias until
the sensitivity at 1kHz is 1dB below maximum. To allow easy setting
of this bias current many high-quality recorders include a 1kHz
reference oscillator.
Such an oscillator would either be an RC arrangement with
amplitude definition a-d stabilization provided by athermistor or
field-effect transistor, or a current switching LC oscillator' of the
type shown in Fig. 25. The output of this oscillator is well defined by
the dynamic impedance of the tuned circuit and the tail current.
However the values of L and C required do not lead to accurate prediction of the frequency of oscillation.
To calibrate the recorder using a reference, switch the meter to
record and set the input level to — 6dB, then, while recording, switch
the meter to replay and adjust the high-frequency bias for the
required sensitivity. Note the bias voltage.
It is probable that in alarge number of applications asimple stereo
signal is not available. This will certainly be true of live or specialeffect recordings, and for these alinear mixer is essential.
Fig. 26 shows amixer which could be built as part of the recorder
unit. For simplicity a CA 3048 integrated quad amplifier has been
used, giving two inputs per channel. By extrapolation, further addition of i.c.s will give the required number of inputs.
The i.c. should be powered by aregulator identical to that shown
in Fig. 17. Output M is satisfactory providing that it is not intended
to cascade amplifiers in the same chip—to do so may cause lowfrequency instability, so the dual output regulator (K, L) should be
used.
This mixer is intended for a 250 mV rated output, with a 12 dB
overload margin. Rx defines the gain of each mixer stage and arange
of values is given in Fig. 26. However, if at any time high sensitivity is
required, better noise performance would result from a lower gain
mixer feeding the 25 mV input.
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Fig. 26. Circuit of alinear mixer.
Superimposition was at one time a common facility on good
quality recorders. However, this is extremely unsatisfactory as each
recording erases to some extent the high frequency information of
the previous recordings. By rearranging the track-switching and
making use of the mixer and the logarithmic meter, signals may be
superimposed by recording from one track to another. This allows
the quality of the initial signal to be maintained through several
superimpositions. For this two switches replace S2, one for record
and the other for replay.

Discrete component version

Fig. 25. A current-switching oscillator.

Some constructors may prefer to build discrete amplifiers in place of
the integrated version recommended and described in parts 1and 2.
This could be suitable for a mono record-only machine where all
replay equalization is performed in the pre-amplifier.
A discrete-component replay amplifier is shown in Fig. 27 and the
circuit values for equalization are given in Table 6.
Transistors Tr ,3_,, form adirect-coupled triple with amid-band
open-loop forward voltage gain of around 80 dB; the closed loop
WorldRadioHistory
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1,100p

C34
R62
27k

2.7k

+20V

+20V 3.5mA

o

Rc

Fig. 28. Recording equalized amplifier.

Fig. 27. A discrete -component replay amplifier.
gain has been arranged to give an output of 250 mV r.m.s. at the
rated input, with asignal-to-noise ratio of 70 dB.
Capacitor C31 should be paper or plastic to ensure low leakage
and avoid polarization of the head, C3 4 stabilizes the loop at high
frequencies and the maximum output is 4.5 V r.m.s.
There should be no discernible differences between the performance of this amplifier and the integrated version.
The recording pre-emphasis pre-amplifier can be replaced by the
amplifier shown in Fig. 28. This is very similiar in performance to
that of Fig. 27 and the equalization components will be identical to
those used in the integrated version. By replacing the equalization
network with a 17 kfl resistor the amplifier of Fig. 28 will have a
forward gain of 140, to drive the meter.

3.3k

+20V

7mA

Record output

o

It was stated in part 1, that the best method of ensuring aconstantcurrent recording characteristic, is to include the head in the feedback loop of ahigh-gain amplifier. Such att arrangement is shown in
Fig. 29. The performance of this circuit is excellent. Measured total
harmonic distortion in the current waveform was less than 0.01 % at
an output of 140 A r.m.s.
However the problem of bias rejection is considerable and it is
strongly recommended that only an experienced constructor, with
access to a good oscilloscope, should attempt this type of output
stage. The problem arises because the rejection must take place at an
input, where only 50 mV r.m.s. bias will switch the amplifier output
between the rails.
Erase and bias oscillator
Although the oscillator described in part 2 performs very well on
mono or stereo, a direct method of ensuring that bias and erase
current calibration is retained in all modes, is to employ aseparate
output stage for each erase head, synchronizing these outputs by a
master oscillator.
Considerable thought was given to the output stage. Class A and
B were ruled out directly because of cost, and as it is extremely

TABLE 6. Equalization details for Fig. 27
time constants
PS
35+ .Do
50+3180
70+ x
50+ do
140+ x
90+3180
140+3180
90+ x
280+ x
120-•1590
120- x

R,

2.2 k
3.3 k
4.7 k
3.3 k
9.1 k
56 k
9 1k
5.6 k
18 k
8.2 k
82 k

R,

00
4.7k

•---‘ Q000
Record
head

Fig. 29. Afeedback recording output stage.

difficult to predict the performance of aclass C amplifier, acurrent
switching design was evolved. Fig. 30 shows an erase oscillator of
this type; only one output stage has been drawn but several may be
driven from the master oscillator without modification.
Transistors Tr 22 and Tr 23 form an emitter-coupled multivibrator
which runs at 93 kHz. Tr 24 is abuffer, the output of which is arranged
to have apositive maximum afew hundred millivolts above VW .
Frequency of oscillation is stabilized by the two zener diodes, and
the long-term drift is less than 0.1 %. A current, defined by
and
R„„ is switched alternately between Tr 25 and Tr 26 and its magnitude
must be arranged so that these transistors nearly saturate at the
required output level.
In order that the bias waveform will decay slowly at switch-off,
the time constants are arranged so that the multivibrator continues
to oscillate on frequency until C„, has been discharged, allowing an
exponential decay in the output current.
The transformer primary must have a high unloaded Q, and to
V

re f

achieve low distortion the loaded Q factor must be at least 10. The
amplitude of the nth harmonic in the output for an ideal current220 k

az,
220 k
220 k

110 k

switching operation is
100
(n 2— 1). Qi
where Q, is the loaded Q factor. A good L/C ratio is necessary to
allow reasonable loading of the tuned circuit. In Fig. 30 measured
values for Q were 90 unloaded and 30 loaded, however the final
WorldRadioHistory
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values are considerably affected by construction, in particular long
cables connecting the oscillator to the head can radically modify the
levels.

+20V Record

Modification for alternative heads
The designs described in these articles were intended to be used with
the Brenell Mk 6deck, which incidentally, uses the same heads as the
Mk 5range. However alarge number of readers may possess perfectly good decks which have recording, replay and erase heads
whose parameters are very different from the Bogen heads.
It is expected that alarge variety of heads can be accommodated
with afew component changes, the critical parameters for the various
heads are as follows:
(a) recording—a.f. current (µA)
—bias current and voltage
—bias frequency
—inductance
(b) replay
—playback level at 1kHz, 7.5 i.p.s. and 32 mMx/mm
(c) erase
—voltage and current.

Fig. 30. Circuit diagram for an erase-bias oscillator.

In Fig. 7the transconductance of the output stage was expressed
as 1/R 12 .Thus the input sensitivity can be deduced for any output
current, and by calculation the constructor can decide whether or not
sufficient output voltage swing is available. The recording sensitivity
may be deduced as the pre-emphasis low-frequency gain is 7.25.
The only modification to the replay amplifier would be to adjust
the forward gain to change the sensitivity from 2mV.
As the open loop gain of the input i.c. is only 50 dB it is not
advisable to attempt to increase the closed-loop gain by more than
6dB although it may be reduced by some 10 dB. Any further adjustment should be made in the gain stage by adjustment of R22 ,as
described in Fig. 30.
The closed loop gain Gof the amplifier shown in Fig. 31 is given by

G—

when

A>> G

Rc +(Ro-R d)(i+ jwc aR,)

4-jtot i

R •
Rd

1

Rd (i+ju) C.R c)

-Rc+Rd
G =

A
1+Af3

R,

Fig. 31. Replay amplifier equivalent circuit.

1-Flad 2

if A> G

Equalisation

where t
1 is the upper time constant = Ca(R b+ Rd)
e.g. 70 ps, 140 µs
and t
2 is the lower time constant

= C„R,

CD

e.g. 3180 ps

The appropriate equalization values may thus be determined.
It is not so simple to calculate the component changes to the erase
oscillator.
Ensure that Tr 6 and Tr, are allowed to saturate. If this is not the
case excessive power will be dissipated probably resulting in device
failure. Beware also of raising the supply voltage above 15 V as the
theoretical peak collector potential could be 71X supply voltage.

1.875
Record
output

Mono and four-channel
To construct asingle channel version of the recorder it is necessary
only to re-arrange the i.c. amplifiers for one i.c., and to modify the
erase oscillator. The author suggests that i.c. amplifiers 2and 3be
used for the replay section and 1and 4for recording pre-emphasis
and meter circuits. A block diagram is given in Fig. 32. For those
wary of modification, the erase oscillator can be built in standard
form with C26 and R56 permanently wired in. See Figs 3and 15.
Otherwise R56 may be omitted, along with one bias winding, and the
circuit operated from alower supply—around 7V.
Only one bias chain will be used in the meter; thus R28 ,R30 and
D2 are omitted, and the current will be set to 3µA by R29 .
At the time of writing the author knows of no source of decks
fitted with four-track heads, for four channel recording, however it
is straight forward to multiply the circuitry to cater for this—at any
point in the future the replay and recording amplifiers can be duplicated, but the erase oscillator must be replaced by adesign similar to
Fig. 30, or by amore powerful version of Fig. 15. There are no strong
arguments for re-arranging the i.c.s. The CA 3048 lends itself to a
four channel cassette replay system, although at present no deck of
suitable quality is available.
The author thanks Brenell Engineering Ltd, for valuable assistance
given during the development of this recorder.
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Turntable Design for Home Construction
by R. Ockleshaw

In three articles the author describes aturntable, pickup arm and wow and flutter meter for
home construction. The turntable, believed to be the first complete design for home
construction and described in this issue, has arumble level of —36dB relative to Icrnis r.m.s.
recorded velocity and peak wow and flutter of +0.25%. Ready-turned parts are available
for those without access to a lathe. Detailed drawings show how the parts are made and
assembled and the article also shows how the mechanical filtering system is derived. Cost of
•

•

the turntable and pickup arm is between £20 and £25. The second article will describe the
construction of the pickup arm and the third will show how to check turntable performance
and describes anovel wow and flutter meter using aphase-locked loop.
Although several designs for pickup arms
have been published, Ido not know of a
constructional project that included a
turntable. Perhaps the reason for this is
obvious—it is mechanics on the grand
scale, not normally suitable for the amateur
with alimited range of tools.
To produce certain parts for this project
within asatisfactory tolerance alathe has
to be used, but Ihave been careful to ensure
that lathe-work can be accomplished on
medium-sized or even small machines,
the type most likely to be available.
Provided one has the basic ability to use a
lathe, gaining access should be easy.
Model societies may have one—almost
certainly some of the members—local
schools or colleges that run evening metalwork courses might be persuaded to allow
the occasional use of alathe, or may even
encourage it. Those that do may charge a
nominal fee. There are only three parts
for which the use of a lathe is essential.
Use of a lathe for certain other parts

simplifies their manufacture, but if made
by other means will only affect the finish
and not the performance. (Ready-made
turned parts can be obtained from the
address given in the parts list.)
Filtering wow and rumble is discussed
towards the end of this article where it may
be better appreciated in the light of practical
knowledge.
Styling is functional and in keeping with
modern design, and performance, in
relative terms, should satisfy all but the
most critical. Although the design contains
most features normally desired in a
'transcription' unit it is essentially simple
both in concept and in detail.
The unit features a 10-in diameter
machined cast-aluminium turntable driven
by a self-starting synchronous motor
through a resilient rubber belt. There is a
choice of two speeds using asimple manual
change. The matching pickup arm is
protected against vibration and acoustic
pick-up by integral mechanical filters. A
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pickup-arm lowering device is featured.
Provided instructions are followed, wow
and flutter will be 0.5% pk-pk and rumble
— 36dB relative to a recorded velocity of
ices r.m.s.

Construction
Motor board. The motor board should be
to hand when assembling the plinth as it
can be used as a jig to ensure that the
plinth is square. Make from fin plywood,
or blockboard, the apertures being cut by
jig-saw, coping saw, etc. In following the
accompanying diagrams, note that the area
around the aperture for the switch body
is recessed to accommodate the switch
mounting plate and screws. Veneer or paint
the top surface. Other ideas are matt-black
Formica, or if you paint the plinth, a
contrasting colour. Finish also the exposed
edge adjacent to the pickup-arm board.
Plinth. Make the three duplicated parts
in the plinth from fin high-density plywood
to the dimensions indicated and assemble
as shown together with fillets and blocks.
Use a good-quality synthetic glue (Evode
Resin W, Cascamite, etc.) for the joints,
these being held by veneer pins (use motor
board as jig) while the glue sets. Rubber
feet, obtainable from hardware or do-ityourself shops, can be screwed or glued
underneath. Finish as desired.
Next, make the motor plate, adjustment
plate and pickup-arm board. Although a
captive nut (hank bush) is specified for the
adjustment plate, in practice ashakeproof
washer and nut may be auseful alternative.
Evostik impact adhesive can be used to
fix the motor to the motor plate.
Turntable. The 3-lb turntable is afaceplate
for an industrial sanding machine. It is
produced by Picador Engineering Co. Ltd,
awell-known firm of tool makers, and can
be obtained through tool shops. It is
essentially a sandcasting and may have
slight casting flaws when received but these
will be generally of little consequence.
Complete the turntable by inserting the
main bearing sleeve (see later) thrust
bearing assembly (see later) and turntable
mat. As a cheaper alternative to the mat,
glue six rubber pips (mine came from a
moulded rubber car mat) onto the turntable—preferably into drilled recesses.
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Mat: 1/2"plywood or blackboard
MOTOR BOARD
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(The inner three pips in the photograph
are for 7-in discs.)
Main bearing spindle. Silver steel is supplied
to ahigh degree of tolerance: +0.0005-in of
the nominal size. It is ground to this accuracy
giving afinish considered more suitable for
bearing surfaces than a turned one. After
cutting to size, face the ends on a lathe.
If alathe is not available, rough file one end
and grind with arolling jig and oil stone.
Harden the spindle by heating to cherry
red and then quenching in water. Polish
with fine emery cloth and finally metal
polish while rotating the spindle in the lathe
or drill chuck. Carefully preserve the
spindle surface prior to hardening as any
attempt to remove blemishes by polishing
may prove futile. These blemishes will
cause excessive bearing wear. Round off
top edges to prevent the bearing sleeve being
scored when placing the turntable over it.
It is more important that the top surface
of the nylon thrust-bearing pad is square
than the top of the spindle. In this case
bond the nylon thrust bearing pad to the
top of the spindle with Araldite after
hardening and grind square if necessary.
Main bearing sleeve. The main bearing
sleeve is made from a p.t.f.e.-compound
dry bearing material. This retains most of
the desirable features of p.t.f.e. but is much
easier to machine. The material is quite
soft and convenient to use, if atrifle dirty,
but care should be exercised to prevent
bearing surfaces being damaged. This
compound, in common with many plastics,
has ahigh coefficient of linear expansion.
Indeed, p.t.f.e. at 20°C exhibits aso-called
phase change resulting in a sharp dimensional increase, which may be used to
advantage. The bearing material is supplied
as a tube with nominal kin inside and
i
-in outside diameter. As the inside hole is
a little too small, use successive reamers to
bore the material to correct size. Hold the
reamers in a tail-stock chuck (the work
in the main chuck of course) and rotate
the work by hand or at least at avery low
speed. Then carefully turn down the outside
of the bearing sleeve to the correct size.
Fit the bearing sleeve into the turntable.
At this stage the main bearing spindle may
still not fit the hole or it may be too stiff.
This may be because of the squeezing
action of a tight fit of the sleeve into the
turntable. In this case carefully run-through
the reamer to bring it to the correct size.
If the tolerance of the main bearing spindle
is on the high side this still may not be
sufficient to give a perfectly free-running
bearing. (Test at normal room temperatures,
not straight from the lathe or after being
held in the hand.) To give increased bearing
clearance place the turntable together with
the fitted bearing sleeve in a refrigerator
for a few minutes, followed by reaming.
Use a reamer in reasonable condition—
it is important that the surface should be
free from scores. Always feed the reamer
with a rotating action.
Thrust-bearing spindle. Construction of
the thrust-bearing spindle is more straightforward. No tight tolerances apply except
that it is as well to check that the spindle
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fits the hole in the middle of anew record
as these rapidly wear. The thrust ball
may be held in the assembly by overswaging with a centre punch or with
Araldite. The thrust-bearing ball should
rest on the exact centre of the nylon thrust
bearing pad to reduce rumble. No difference
in performance should result if this part is
made in other materials, like nylon or p.v.c.
Long and short spo ,.s. Be'rl. the two spars
from 20-s.w.g. mild steel (galvanized or
passivated if possible) to give adequate
stiffness, If a bending machine is not
available careful work with a mallet and
vice should be adequate remembering that
this part is unseen and finish is unimportant.
Pulley. The pulley is possibly the most
difficult part to make. The tolerances given
must be strictly adhered to if performance
is not to be impaired. Measuring the internal
diameter of the grooves when turning the
pulley is facilitated by using asimple gauge
(see drawing 'Turning the pulley'), the
groove being too narrow for a normal
micrometer. (Set dimension X with a
template.) To start the hole in the pulley,
use a centre drill and ensure the drill does
not deviate inside the pulley by using a
bar to steady the drill.
The pulley cover (drawing 14) can
alternatively be made without the angled
sides, instead using fin thick wood for the
two sides (as in the photograph). By makine
the height slightly greater than the pulley
height, the 1+-in dia. cut can be avoided.
Damped suspension pads. For the suspension pads, three springs are required, made
by winding 13in of 1-mm silver-steel wire on
a+-in dia. former. After removing from the
former, even out the spring and form as
shown. Compress with fingers until it
'bottoms'. After removing pressure it
should be 1-in long. To give aclean +-in
hole in the pads to take the springs, punch
out using a sharpened piece of thin-walled
+-in stainless-steel pipe (as used in the lifting
device). Make the pads larger than necessary
and trim on assembly. Use Evostik for
bonding.
Assembly
Assemble the main bearing spindle with
its bottom flush with its holder. Use the
grub screw to lock it in place temporarily
as adjustment will follow. Place the
suspension cruciform comprising the long
and short spars, with the pickup-arm
board fixed by brackets, in the plinth before
screwing on the motor board from underneath. Additional pad cheeks can be used
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as packing to make the turntable top
parallel with the motor board.
Assemble the bonded motor plate and
motor to the motor board together with
the adjustment plate and spring. (The spring
must be strong enough to allow the end of
the motor plate to rise above the board.)
Screw the capacitor holder to the underside
of the motor board.
Wire the motor to the switch before
screwing the motor board to the plinth,
earthing the motor casing. Assembling the
pulley to the motor may require a little
persuasion as it has been designed as an
'interference' fit. Heat the pulley in hot
water for a few minutes—expansion
should then allow afit. Do not ream the hole
to size and do not unnecessarily pull off
the pulley once fitted as this may cause
enlargement of the hole and consequent
slipping. Lower or raise the main bearing
spindle to align the top of the pulley with the
top of the turntable.
Designing to avoid rumble
Rumble generally is generated by two
sources in aturntable unit—the motor and
turntable main bearing—and may be
described as noise the spectral content of
which lies within the range of about 10
to 200Hz. Apart from a comparatively
small amount of noise due to mechanical
displacement in the motor bearings, its
contribution arises from 'stepping' or
`cogging'—the tendency to rotate in
discrete steps rather than in auniform way.
If a synchronous motor is held loosely in
the hand and allowed to rotate this `cogging'
vibration is felt quite strongly. Thus if the
motor is coupled to the turntable it must
always be through some kind of mechanical
vibration filter—for example a resilient
belt or rubber-tyred wheel.
Unfortunately it is more difficult to
mechanically filter rumble generated by
the turntable main bearing. This kind of
rumble is generally random (except perhaps
when the turntable is blessed with ball
bearings) unlike the discrete motor vibrations that are related to mains frequency.
It is caused by imperfections on the bearing
surfaces.
Motor rumble
In this design, vibrations from the motor
can be transmitted to the turntable by two
paths—the drive belt and the motor mountings—and a mechanical filter is necessary
in both paths (Fig. 1).
The electrical equivalent—Fig. 2—
shows the motor as a two-dimensional

Record surface

Filter
Pulley

Turntable
(Belt)
,

Motor

\1\\•\\,\\`,

Filter Z

Filter

TT

Filter

Filter

\
Turntable assembly
supporting
main bearing
and pickup arm

Fig. 1. Rumble from the motor is transmitted to the turntable by two paths (motor
mounting and pulley) which must be separatelyfiltered.
WorldRadioHistory
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Record surface
and turntable

pi
Filter
(belt)
1

Motor
(Two-dimenslonal
vibration source)

Turntable assembly
supporting main
bearing & pickup
Filter
arm
(Damped suspension pads)

Fig. 2. Electrical equivalent ofFig. 1.
Motor produces rumble through the belt
in a lateral plane and through the
mounting in a vertical plane. The lateral
vibration can produce vertical vibration
if the turntable is not stiff enough.

Differential mode point

Modulation

Mechanical
load

Main bearing
noise
Commonmode point

Arm
inertial
system

Fig. 5. In the belt-driven unit, F, can be
made effective enough to eliminate F,
and the motor casing can be grounded.

vibration source. Relative to the ground
plane, vibration through the turntable
mountings will be in avertical plane while
that from the belt will be predominately in a
lateral plane. However, this lateral vibration
can give rise to vertical vibrations if the
turntable is not sufficiently stiff or
adequately damped.
The main responses of astereo cartridge
will be at 45° to the plane of this vertical
displacement and will thus reproduce a
component of any vertical displacement
relative to the pickup-arm mounting point.
This is why it is always desirable to
mechanically couple the pickup arm as
close to the turntable as possible to reduce

as much as possible any differential movement.
But, however much we may reduce the
differential displacement, the commonmode displacement may still have an effect
on the pickup output because the pickup is
essential an inertial system and will therefore have acommon-mode response. What
response it does have obviously depends on
the design of the pickup arm.
We therefore should modify the electrical
model to that of Fig.3 and it is obvious that
any common-mode response can be
eliminated by grounding (literally!) at point
A. Unfortunately, if the ground is noisy
due to the unit being placed on a shelf,
then the pickup will produce an output in
sympathy with the displacement. This is
one common cause of acoustic feedback.
Many turntable units are grounded at
this point but the manufacturers are always
careful to ensure that effective filtering
eliminates any displacement that might
excite the common-mode response of the
pickup arm Fig. 4.
The design of belt-drive units is not so
mechanically restrictive as some jockeywheel-driven types, and allows the use of
more efficient filters for F, and F, (Fig.
4)—the belt and turntable suspension pads
respectively—and it becomes possible to
combine F, and F, and ground the motor
casing
(mechanically).
The resulting,
chosen, arrangement is shown in Fig. 5.

Main bearing rumble
The prime cause of bearing rumble is
imperfection of bearing surfaces. The

Parts List
Fig. 3. Inertial grounding effect of
pickup arm creates common and
differential-mode points. Common-mode
response can be eliminated by grounding
point A.

Noisy
ground

Fig. 4. Mounting a turntable unit on a
'noisy ground'—a non-rigid shelf for
example—introduces noise and one
solution is to use a 'lockable in transit'
type of spring mounting for F3.

All parts, including cover, for both pickup arm and turntable are available as raw materials or readyturned where appropriate from Longdendale Technological Products.
Part

description/material

source

motor

Berger RSM 50/8

turntable
belt
main bearing sleeve
main bearing spindle

Picador 10-in sanding disc 1-in
shaft
rubber
Glacier DQ1 I x fin nom.
1-in dia. silver steel

Longdendale Technological
Products (LTP)
most good tool shops

suspension springs
motor alignment spring
damping pads
long and short spars
turntable mat

1-mm dia. silver steel
x
o.d.
1-in thick polyurethane foam
20-s.w.g. mild steel
rubber

pad cheeks
pulley
facia plate,
pulley cover, motor plate,
adjustable slate
switch
thrust bearing pad
thrust ball

Paxolin
1-1--dia., 2-in long aluminium bar

LTP
upholstery dealers
ferrous metal dealers
Metrosound, C. Watts
radio hobby shops
radio hobby shops
non-ferrous metal dealers

20-s.w.g. aluminium

non-ferrous metal dealers

2-pole c/o slider
f-in dia. X fin long nylon
dia. ball bearing

spindle
main bearing spindle
holder

1-in dia. p.v.c. rod X 1-1--in
fin dia. fin long aluminium
rod

Radiospares etc.
LTP
cycle shops, motor accessory
shops
LTP
non-ferrous metal dealers

LTP
Glacier Bearing Co. Ltd.
sold in most tool shops &
engineers' suppliers in 13-in
lengths
I>

Miscellaneous
Captive nuts (hank bushes, six 4BA one 6BA), screws (six 4BA
countersunk head, four 6BA
usual sources or LTP.
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obvious approach is to make them as
perfect as possible. This is quite reasonable
but there is alimit and mechanical filtering
techniques must be used to reduce the effect
further.
It is well known that the less dense a
material the greater is the attenuation to
the passage of sound and noise. Here in
lies the key. The bearings should be made
of amaterial with adensity that is as low as
possible. The energy then generated, which
can be quite high, suffers a great deal of
attenuation in its passage to the stylus. The
reproduction of rumble can also be affected
by resonance phenomena in the pickup arm,
about which more later.
Most modern plastics fall into the lowdensity category but not all are suitable
bearing materials. Of those that are, nylon
and p.t.f.e. are most common. Unfortunately
p.t.f.e. is virtually impossible to machine,

nylon is difficult but machinable, and p.v.c.
while not an ideal material from the wear
viewpoint is easier still to machine. Better
still are some compound materials that have
p.t.f.e. as abase. They retain all or most of
the desirable properties but are easy to
machine: They are known under proprietary names like Glacier DQ I, used in
this design.

Wow and flutter
Wow is caused by slow variations in record
speed, flutter by fast variations. Like
rumble, it cannot be eliminated completely,
merely reduced to an acceptable level. In
the simple arrangement of a slow-speed
motor directly driving arevolving turntable,
wow and flutter could be caused by sticky
main bearing, belt slip, motor cogging and
pulley eccentricity. (Wow can also be

caused by a badly eccentric or warped
record but this is outside our control.) But
note that only one of these points really
indicates a design problem, that is motor
cogging, and this is really tied up with
rumble. If the belt is an efficient filter this
source of flutter is eliminated.
The most usual way of preventing wow
and flutter is to prevent the remaining
three imperfections occurring due to bad
manufacture, or dirt and grease being
smeared on the belt, and to provide aturntable with ahigh inertia. Care must be taken
that any turntable inertia is not overcome
by too tight acoupling of the drive motor.
This most certainly would occur if a
synchronous motor was used with arimdrive jockey-wheel system. The speed of a
synchronous motor is fixed and does not
depend on the load as with an asynchronous
motor.

WHAT DO YOU WANT FROM AN F.M. STEREO TUNER?
You DON'T want
Spurious responses
Distorted reception
Mis -tuned stations
Rude noises
"Birdies"
Temperature drift.
Etc. Etc.

You DO want the LATEST tuner by
as featured in the April/May
issues of 'Wireless World'

„ion .

en

This tuner, built on two boards as illustrated, features circuitry to eliminate, or minimise, all of the above annoyances. Only
in-tune, noise free programmes can reach your loudspeakers. As you tune, exclusive circuitry continuously monitors and
adjusts, letting through only what you want to hear. This, coupled with high usable sensitivity, gives you a wealth of good
music from far and near, with aquality only found in the top few tuners.
Other features include a pre-aligned front end, ceramic if, filter, 3 integrated circuits, single 'in-tune' and 'in-stereo' indicator
L.E.D's, separate mono and stereo outputs, and Van-cap tuning allowing pre-set push button tuning. Ease of construction is
assured by the use of fully annotated P.C. boards, while setting up has been reduced to a single adjustment requiring only a
screw-driver and apair of eyes. Above all, we GUARANTEE that it will function correctly!
Send S.A.E. today for full details to:

ICON DESIGN, 33 Restrop View, Purton, Wilts. SN5 9DG
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Pickup Arm Design for Home
Construction
by R. Ockleshaw

The pickup arm described is designed to
accompany the turntable detailed in our last
issue. It includes an optional bias compensator and lift mechanism. Mechanical
resonance is damped by aflexible coupling
between counterweight and arm. A further
article will
describe how to check
performance of the turntable using atest
record and novel wow and flutter meter.
Design of pickup arms has been well
described. The articles* published in
Wireless World May and June 1966
contain all the information required to
design an arm for minimum distortion due to
lateral tracking errors. In the present
design, note has also been taken of the
opinions of J. Walton on pickup-arm
design.t
Briefly, one should try to avoid asystem
reproducing frequencies generally below
the limits of audibility, because they may
produce a disturbing Doppler effect on
some loudspeaker systems whose acoustic
impedance at these frequencies is low.
•J. K. Stevenson, 'Pickup arm design', Wireless
World vol. 72 1966 pp. 214-8 and 314-20.
-J.
Walton, 'Turntable rumble and pickup arm
design', Wireless World vol. 68 1962 bp. 435-7.

Also, vibrations of the turntable and
pickup-arm suspension should not cause
excitation of the pickup arm, however
damped.
A pickup arm has a natural period of
oscillation of T = 2 MK) where M is the
effective mass of the pickup arm and C is
the compliance of the pickup cartridge.
Mechanical impedance moves from alow
to a high value around the resonant
frequency peak—Fig. 1. Below the resonant
frequency, because the mechanical impedance of the arm is low in comparison with
the mechanical impedance of the pickup
cartridge armature, the output from the
pickup will be severely attenuated. Thus
the arm acts like ahigh-pass filter, rejecting
frequencies in the rumble range. The cut-off
can be quite sharp but its value as an active
part of asystem is lost if different cartridges
of varying compliance are fitted. Consequently my approach is that it is always
better to ensure that rumble is reduced as
much as possible at source and not rely
entirely on the impedance characteristics
of the arm. Damping the resonant peak is
important too as the coincidence of some
discrete vibration with the high-impedance
resonant peak of an undamped arm may

In this photograph, the pickup arm has a different shell to that shown in the diagrams.
A drawing showing how to make this version — heavier, though possibly aesthetically
more acceptable — is available from the editorial offices.
WorldRadioHistory

Undamped resonance

Properly damped
resonance

fr
Frequency

Fig. 1. Pickup arm resonance must be
damped to allow for dierent cartridges.
In this design damping is achieved with
plastic 'decoupling' between balance
weight and arm.

cause excitement which could damage the
disc groove. This design is damped by
ensuring that the counterweight is flexibly
coupled to the arm. This effectively spoils
any modes of mechanical resonance.
Record warp causes large vertical
pickup-arm movements and it is important
that the stylus remains normal to the record
surface. Making the vertical pivot axis
normal to the axial line of the cartridge, as
in this design, gives abetter approximation
to correct movement than making the axis
normal to the whole arm.
Construction is described in the drawings
and in the supplementary notes which
follow. The material for the counterweight
is steel, but this can be replaced by any
high-density material such as brass—
though the dimensions may have to be
changed to maintain the correct weight.
When making the decoupler, which fits into
the counterweight tube, ensure the wide
end is a comfortable push fit into the arm
tube. Fit a3-mm internal dia. rubber sleeve
over the smaller end and push into the
counterweight tube, checking that the
tube does not touch the decoupler.
The vertical pivot block is drilled at an
angle to accept the arm tube. This is a
difficult operation in practice without the
aid of ajig and so asuitable design is shown.
The material required is a 1-in length of
+-in dia. aluminium bar which is inserted
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into the jig. Lock it into position by two
4BA screws. Using an F(0.255in) drill,
pierce the aluminium bar by inserting the
drill into the hole in the jig face with the
jig held in a vice. After piercing, shorten
the pivot block to the dimensions given.
A jig is also used to make the vertical
pivot pillars. Hold the pillar in the jig while
preforming the cup with a fin dia. drill.
The pillar should not be removed from the
jig, however, before the pivot cup is formed
using the punch shown. Heat the punch to
cherry red, quench and polish. After
punching, likewise harden the pivot cups.
Form the horizontal pivot cup in the same
way, harden both pivot and cup, and
finally polish the pivot.
Two versions of pillar base are shown.
Use version A—best made on alathe—if
the lift mechanism is not required. Base B
accepts both the lift mechanism and bias
compensator pillar. Bond the two parts of
base B after they have been made with
Evostik and spray if desired.

Parts list
All turntable and pickup arm parts are available from Longdendale Technological Products,

Assembly

\1
›.\

Drill No.32

--

Position of
finger bar

description/material

arm tube
vertical block
decoupler
bias compensator bar
horizontal pivot block & base A
horizontal pivot stop

3-in dia.
Fin dia.
3-in dia.
kin dia.
1-in dia.
3-in dia.

horizontal pivot and cup. vertical pivot & pillar
pillar plate, finger bar & clip
pillar
head platform
base B
counterweight
cartridge carrier

1-in dia, silver steel (13-in)
28 s.w.g. brass or copper
1-in dia, nom, copper central-heating tube (2-in)
3-in copper-clad laminate
3--in Perspex sheet

playing weight rider
vertical pivot loading spring
bias compensator pillar
bias compensator arm
socket-head grub screw
pickup-arm wire nylon thread
bias compensator weights
lift mechanism
body & arm base
lift and operating arm 8i rod
Car11
sleeve
spring
knob

Once the vertical pivot block and decoupler
are assembled on and in the arm tube

21
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25

X 20 s.w.g. Al tube (12-in)
X 13-in Al bar
X 1-in Al bar
X 3-in Al bar
Al bar (2-in)
Al bar

13-in a.f. mild steel hex. bar (1-in)
kin AI
3--in mild steel bar
from Longdendale Technological Products
3-in dia. Al rod
3-in dia. s.s. (13-in)
6BA X 3-in (6 off)
about 18-in
appropriate lengths of 3-in dia, brass rod
2-in X 3-in p.v.c. bar
fin silver steel (7-in)
fin nylon
3-in nom, copper central heating tube (13-in)
4-in id. X 3-in long from Longdendale Technological Products
3-in dia. p.v.c.. Perspex etc. (1-in)

1
/
1e
x
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4
32
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respectively, use the vertical pivot block as
a jig to complete the kin dia, axial hole
through the arm tube and decoupler. A
small amount of Araldite or Evostik ensures
a permanent assembly. Now insert the
spring and two pivots into the axial hole of
the pivot block as shown.
Bond the vertical pivot pillars into the
pivot holder with Araldite with the cups
accurately aligned inwards. After setting,
insert the vertical pivot block between the
pillars by squeezing the pivot loading
spring in the pivot block over the pivots.
This is atricky operation requiring alittle
patience and, hopefully, only one spring!
The resulting pivot should be completely
free from sticking and quite stable.
Bond the horizontal pivot-stop bush to
the horizontal pivot after it has been
hardened and polished. Insert the squarecut end through the kin hole in the pillar
plate. Assemble the base to the pillar.
Fix the vertical pivot pillar holder on to
the horizontal pivot by the grub screw.
Screw the horizontal pivot cup to the pillar
base until the bush tightens against the top
of the pillar. Slacken off
turn and lock
with cellulose paint. Adjust the vertical
pivot block to give a clearance of about
0.025in.
Wiring should present no problem if

Drill

it is done before the arm is fitted to the
pickup-arm board. Remember to mark one
of the wires at both ends for identification.
It may help if a piece of stiffer wire is
threaded first so it can be used to pull both
of the coaxial wires through at once. The
two wires can be terminated on a small
tagboard
underneath
the pickup-arm
board or on to aplinth-mounted socket.
Performance of the arm is improved by
using the bias compensator. Possibly the
best way of setting up the compensator,
for a spherically-tipped stylus at least, is
with an unmodulated disc. But be prepared
for some experimentation.
Setting up the arm
A jig for assembling the arm to the pickuparm board is shown in Fig. 2. It should be
used with the turntable in place, the small
hole being placed over the spindle. The
other end should be slipped over the
pickup-arm pillar. The arm's position
should then be selected and marked.
Effective arm length should be nine
inches — i.e. the distance from stylus tip to
centre line of vertical pivots. To do this
slide the head of the arm either forward or
backward along the arm tube. The overhang is designed to be 0.625in and is

J

0.85 dia.

8 375"

Fig. 2. When turntable and pickup arm are assembled place hole A over spindle and
hole B over pickup arm pillar. Draw round the base to mark selected position.
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measured as the distance the stylus overhangs the centre of the turntable. Using the
adjusting screw on the head, adjust offset
angle to give zero tracking angle—i.e.
angle of stylus to groove at a distance of
2.4in (2.375) from the turntable centre and
then at adistance of 4.6in (4.606) from the
turntable centre. There should be very
little difference in tracking angle. If it is
discernible check the positioning of the arm
base, the effective length and overhang.

Calibration
The playing weight rider can be omitted,
in which case the playing weight must be
set up each time using a suitable balance.
If the rider is used the arm can be calibrated against either a'pressure' gauge or
a set of weights. In either case stick apiece
of plasticine to the cartridge platform. Its
weight is not important but it should be
roughly equal to the weight of acartridge—
say 6or 7g.
If you use a pressure gauge, adjust the
counterweight to balance the arm with the
rider as close to the pivots as possible.
Moving the rider away from the pivots will
unbalance the arm and increase the playing
weight. Relate distance from the pivots
to playing weight using the pressure gauge.
If you use weight, stick four 1-g weights
to the plasticine (assuming a maximum
playing weight of 4g). Adjust the counterweight to balance with the rider close to
the pivots. Remove one of the weights
and move rider away from pivots to rebalance. Mark the arm. Repeat this procedure removing one weight at atime until
all have been removed. Half-gram markings
can be inserted by interpolation as the scale
will be linear.
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F.M. Stereo Tuner
High-performance design for home construction
by L. Nelson-Jones,

•

F.I.E.R.E.

In recent years there have been anumber
of developments in the components field,
particularly in semiconductor devices, that
have led to great improvements in the
design possibilities for f.m. broadcast
receivers. In particular these have been the
advent of the
dual-gate
m.o.s.f.e.t.,
integrated-circuit i.f. amplifiers and
demodulators, ceramic filters and improved variable-capacitance diodes. This
two-part article describes an f.m. tuner
design using these devices, discusses
the advantages of the devices and gives
constructional and alignment details. It
does not attempt to be all-embracing and
there will doubtless be some who disagree
with the author's views of the current
scene. It is hoped however that they do
show some ways in which f.m. tuner
design is currently evolving.
The work is the result of many months
of design and measurement on five

prototypes, so that results are not based
on a one-off, and should be reproducible
by readers who wish to copy the design.
The receiver was designed to achieve in a
relatively simple way a performance equal
to the better examples of the commercial
models available, but at a much lower
price. (Total material cost comes out at
about £11.) Comparison with the figures
given in arecent Wireless World survey of
commercial tuners (September 1970)
suggest this aim has been achieved. The
performance of the tuner under normal
conditions of use has been excellent. One
of the units is in use in Blandford Forum
in Dorset—very much a fringe area—and
gives noise-free reception from the
Isle-of-Wight transmitters, including the
new local station Radio Solent.
The design for the front-end of the
f.m. receiver is shown in Fig. 1. Both r. f.
amplifier and mixer stages use dual-gate

f.e.ts with gate protection diodes. In the
r.f. stage the upper gate is decoupled and
acts as a screen between drain and gate 1,
much as the g2 electrode of a thermionic
valve does. In the mixer stage this second
gate is used as the injection point for the
local oscillator voltage. There is not the
same need for a screen between drain and
gate 1in amixer stage as the drain load is
not tuned to either the signal or oscillator
frequencies. There is therefore little or no
gain at signal frequencies to cause oscillation provided care is taken with the layout.
particularly the length and placing of leads.
The magnitude of the local oscillator
injection at gate 2 will affect the mixer
gain and the spurious signal response
characteristics of the mixer stage. This
local oscillator voltage will be higher than
in transistor tuners using bipolar devices
by up to an order of magnitude and for
the circuit conditions used a value of

Fig. 1. Front-end of receiver using dual-gate fe.ts.
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Fig. 2. Internrdiate-frequency amplifier using ceramic filters and
integrated-circuit quadrature demodulator.
Circuit of IC, will be given in part 2.
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500mV r.m.s. gives a reasonable mixer
gain without too high a spurious signal
response. In fact higher levels have been
used without great trouble from spurious
signals. Far greater trouble can be caqsed
by lack of screening, leading to i.f.
harmonics being picked up by the front
end—especially with the high sensitivity of
this tuner and, because of its small size,
the close proximity of the front-end and
the i.f. amplifier.
The oscillator is aconventional Hartley
circuit with the ground point moved to
give a grounded-collector design. There is
no particular advantage to be gained in
using an f.e.t. in this stage so that the
cheaper bipolar
device is
preferred.
Automatic frequency control is applied by
the variable-capacitance diode D, coupled
to the emitter of the oscillator stage. A
resistor
of
22
k.S2
prevents
the
decoupling capacitor of 0.1/./F from
shorting out the oscillator voltage. The
0.114F capacitor together with the 1
megohm resistor form a low-pass filter to
prevent audio voltages in the a.f.c. voltage
from reducing the modulation of the
carrier by audio frequency modulation of
the local oscillator.
The a.f.c. can be switched out of
operation by connecting the diode to a
constant reference voltage from the i.f.
amplifier. Diode D, is returned to the
12-volt supply line of the oscillator so that
the a.f.c. control voltage changes the diode
reverse voltage in the correct direction to
reduce any oscillator drift. An increase in
local oscillator frequency increases the
intermediate frequency, which in turn
leads to arise in the output potential of the
demodulator of the i.f. integrated circuit
/C 2 (Fig. 2). As the diode is connected to
the -I- 12V supply, this increase reduces
the reverse bias across D,, increasing the
diode capaciiance and reducing the local
oscillator frequency to correct its drift.
The mixer has a grounded-base stage
feeding the 330-ohm resistor needed to
correctly terminate the first filter unit X,

(Fig. 2). This resistor also makes a
convenient low-impedance output point
from the front-end. A cheap p-n-p bipolar
device is more than adequate for this
position, because in a grounded-base
configuration the requirements in respect
of high frequency or noise performance
are not stringent. The working Q of the
tuned circuit is less than 20 so that tuning
is not critical, and it is set to maximize
gain in the usual way.
The supply for gate 2 of the r.f. stage is
derived from the decoupled oscillator
supply rather than from the top of L,. This
is brought about purely by layout
convenience on the printed wiring board
and, as gate 2 is additionally decoupled,
has no effect on the performance.
I.F. amplifier
Two ceramic filter units X, & X 2 are
separated by a buffer amplifier (/C,) of
moderate gain (about 20dB). The reason
for this moderate gain is that it is desirable
to place the filters as early as possible in
the if. amplifier so that as successive
stages limit with increasing signal level
there is no change in bandwidth. Ellis
would be fully achieved if the whole of
o
E -10
o
:P-20
o
0

30

Level to 100mV
IAudio output less noise
018pV -3dB limiting

l

0.751N 20dB quieting

,

o
quieting
-40 — 1.93,LV 30dB
e'

50

01

10
100
Aerial input from 801). source (IN)

Fig. 3. Graph of low-level performance
shows sensitivity of 0.754V (for + 75kHz)
for 20dB quieting. Above 50111/ input,
signal-to-noise ratio is better
than 60dB.
WorldRadioHistory

the i.f. gain were after the filter, and
provided the mixer did not limit.
In practice it is not possible to achieve
this ideal, but the compromise of using
only moderate gain before the second filter
unit is a reasonable one and does not
give rise to any undue increase in bandwidth over the normal range of signal levels.
The performance obtained is a great
improvement over normal bipolar i.f.
amplifiers using discrete components with
several double-tuned i.f. transformers. In
such an amplifier the selectivity of the
transformers is gradually lost starting at
the output end as successive stages limit
and the overall selectivity can leave a lot
to be desired at high signal levels.
The first integrated circuit is a longtailed pair circuit, used as a cascode
amplifier by ignoring one of the top
pair of transistors and driving into the
long-tail transistor. The input impedance
of this stage is suitable for the ceramic
filter unit so far as resistance is concerned, but is above the maker's recommendations so far as input capacitance is
concerned. For this reason the resistor
terminating the filter X, is raised to 470
ohms, which compensates for the increased capacitance loading of the stage in
restoring the top of the filter characteristic to
reasonable flatness.
The load of the cascode stage is a
330-ohm resistor—to drive the filter X,
from the correct source impedance. This
low value results in the stage gain being
low, especially when the loading effects of
the filter are accounted for, so that
although the slope of the cascode stage is
around 100mA /V the overall gain from
the output of X, to the input to X 2 is only a
little over 20dB.
The input impedance of the /C 2,around
2 k9, is not very much greater than
330 ohms so that aterminating resistor of
390 ohms is used at the output of X,. The
value of the feed capacitor to the
'quadrature' tuned circuit L, is larger than
the maker's recommended value of 18pF.
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The value is not very critical in practice
and up to 47pF has been used with little
change in performance once the circuit
had been retuned. It is likely that with
large departures from the recommended
value there will be an increase in
distortion, but no appreciable effect is
likely to stem from the increase to 22pF, a
value more readily available than 18pF.
One possible reason for the apparent
insensitivity to the value of this capacitor
is that the quadrature drive voltage is
derived from a resistive tap on the load
resistor of the final stage of the i.f.
amplifier of /C 2. The value of the
impedance at this tap is fairly low, and as
the coupling to the circuit is increased by
increasing the value of the capacitor, the
damping effect of this resistor increases,
lowering the Q of the quadrature circuit,
and compensating—at least to some
extent—for the increased drive and
tending to restore the correct phase
relationship.
The audio output from pin 14 is taken
via a 4.2-1(12 resistor to provide additional
overload protection.
The reference used when ale. is not
required is derived from a potentiometer
across the supply. The values chosen give
a voltage close to that obtained at pin 14
of /C, (when there is either no signal or the
signal is at centre frequency). The output
level at pin 14 of /C, stays fairly close to
around 46% of the supply voltage over
the range 10-16 volts, and thus a simple
potential divider is adequate for this
reference voltage as this will also provide
such apercentage of the supply voltage.
Because the output at pin 14 is a
percentage of the supply voltage it is
essential that the supply to the tuner be
very well smoothed if hum and noise on
the output is to be prevented. This is also
important as the a.f.c. diode is returned to
the 12-volt supply, and supply rail hum
will
therefore
produce
frequency
modulation of the intermediate frequency
whether or not a.f.c. is switched on.
The requirement for aripple-free supply
was one of the reasons for the choice of a
12-volt supply, so that adequate resistive
smoothing could be used with a large
reservoir capacitor. The drain of the tuner
is almost constant and fairly well defined
at a little under 35mA so that simple
resistive dropping is satisfactory. An
important point is that with such a
network it is essential that the supply to
the resistor be switched to disconnect the
receiver, and not the supply to the receiver
from the reservoir capacitor. In this latter
case the capacitor would charge up to the
full supply voltage with the receiver off,
and on swàching on the receiver would
momentarily receive the full supply, which
might well be enough to permanently
damage the active devices of the receiver,
especially /C 2.For supplies much above,
say, 36 volts some form of simple
stabilizer would be preferable.
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Output
and a.f.c.output

Fig. 4. Metal bridge—covering lead from Tr, drain to its tuned circuit—under the tuning
capacitor is essential to maintain stability. Bridge, which can be tinplate, is detailed in
Fig. 7. Complete tuner is screened by fitting into a die-cast box.
L3

Soldered
18 s.w.g.

22 s.w.g.
8.6mm
2.5mm

Ll

L2

5mml

6mm
ins. dia.

Top view of oscillator coil L3

Performance
The low-level performance of the tuner is
shoyin in Fig. 3. At signals above 50/4V

6 holes
6BA clearance

a.f.c.
reference

Fig. 5. Self-supporting r.f. coils, wound with slightly stretched wire, are shaped on a
fin dia. rod. WorldRadioHistory
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68p
polystyrene)
.8(

1 +13
turns

Masking
tape

je.--

Cover with
Evostik

Ea
TOP VIEW

Turns fixed
with Dent ix
cement

68p

Ea
33 sw.g. enam. copper
(preferably self-fluxing)

Pins 0 &El connected on printed circuit

(b)

4-7k 6‘1..

Cover with
Evostik

22p

Masking
tape

Wires soldered
to underside

Ea

(a)

TOP VIEW

(c)

Fig. 6. Two screened i.f. coils are wound with 33-gauge enamelled wire and secured with a little Denfix cement. Capacitors are fixed
with masking tape.

the signal-to-noie ratio is better than
60dB. and the 20 and 30dB quieting
figures are 0.75 and 1.9p V respectively.
Limiting (—3dB) of the demodulated audio
signal
single-tone filtered from noise)
occurs at only 0.18µV so that at all usable
signal levels the i.f. section is limiting.
Unfortunately no signal generator was
available which had an output with
amplitude modulation-free from f.m., and
it has therefore not been possible to check
the a.m. rejection of the receiver.
However, it is expected that the result will
be close to the figure quoted for the if.
integrated circuit (/C 2)at moderate signal
levels, with an improvement when the first
if. amplifier limits. The figure quoted for
the TAA661B is 40dB at 10mV input,
equivalent to around 10µV input at the
aerial. Performance is summarized in the
table on this page.
General layout
The tuner is constructed on a single-sided
printed circuit board and is divided into
two areas. The front-end and the i.f.
amplifier are laid out separately, side by
side, on a printed circuit board about 10
X 8 X 5cm overall, and in such a way
that they may be separated if desired.
The complete tuner is enclosed in a
screened box to cut down on spurious
responses due to radiation from the i.f.
amplifier, and to reduce local oscillator
radiation to a minimum. This screening is
especially necessary with this design
because of its very high sensitivity.
The dial drive system suggested gives a
scale length of 13.7cm with a reasonably
linear frequency change over the centre
80% of this scale. A cord drive system is
used which has the advantage of retaining
the pointer at both ends, thus eliminating
the problem of siiding friction at one end

of the pointer, and giving a much
smoother drive.
The overall layout of the components is
shown in Fig. 4 as seen from the
components side of the board, and also in
the oblique view.
In construction keep leads short and if
possible test all components on a bridge
before fitting them on the board, as this
can save ruining a good p.c. board should
the tuner not work first time. It cannot be
emphasized too strongly that such
component checks can save much wasted
money and temper. It is also vital to check
that the components are correctly located,
the diode connected with the right
polarity, and that there are no breaks or
shorts on the track' of the p.c. board.
This latter point is of importance on such
a small board with roughly 200
component holes, as tracks are necessarily
fine and gaps small. A watchmaker's
eyeglass has been the constant companion
of the author during the construction and
design of this tuner.
Coil construction
The r.f. coils are all made from 18-gauge
tinned copper wire and are self-supporting.
Taps are made by soldering leads of
22-gauge tinned copper direct to the turns
of the coils--Fig. 5. The coils were made
by winding the wire on a k-in rod such as
a drill shank. The wire should be
straightened by placing one end of a
length in the vice and pulling the other end
until the wire stretches very slightly, when
the wire will have lost all kinks.
The coil wires should be afirm push fit
in the board, if undue strain on the copper
foil of the board is to be avoided when
adjusting the coils. At all cost avoid the
wires being loose in the board before
soldering and if necessary apply the
WorldRadioHistory

minimum of Araldite epoxy adhesive
around the 18-gauge coil wires on the
components side of the board after
soldering in position. The joints should
then be quickly reheated with the soldering
iron to cause the Araldite to run into the
holes in the board, thus securing the coils
rigidly. After using such an adhesive the
board must be left in a slightly warm
place, e.g. an airing cupboard, for 24
hours to ensure that the adhesive has set
hard.
The coils should be mounted on the
board in the positions shown in Fig. 4, and
with the turns of the coils nearest the
board surface 2.5 mm clear of the board.
In the case of the oscillator coil this must
also be 3.5mm clear of the rear face of the
tuning capacitor. It is best to adjust the
coils before soldering them into the circuit
board to minimize subsequent adjustment,
and the overall coil lengths given (over the
outside of the end turns) are close to the

Performance
Sensitivity
—3dB limiting
20dB quieting
30dB quieting
Spurious response
image rejection
if. rejection
other unwanted
signals
Audio output
0.5V
Capture ratio*

0.18pV
0.75pV
I.9pV
—70dB
—85dB
—94dB
r.m.s. for + 75kHz
2dB approx.

* Difficult to measure. There does not appear to be
much dependence on signal level provided the
signals are reasonably above noise level—a result
to be expected from the very low level at which
limiting starts. Figures varying from I to 4dB were
measured at various signal strengths on repeated
measurements. In general a signal 10dB below
produced no noticeable effect on the demodulated
output.
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final adjusted lengths required for correct
tracking.
An alternative method of mounting is to
open up the main coil mounting holes in
the board and insert 'eyelets' which are
big enough to allow the 18-gauge coil
leads to pass through them. The eyelets are
riveted into the board so that the strain is
removed from the copper track. Overall
connection is obtained by soldering the
:rack to the eyelet and to the coil leads.
All the main pads for the ends of the coils
are large enough to allow this to be done.
The two screened if. coils are both
constructed on Neosid coils type NS /E3,
and both are wound with 33-gauge
enamelled wire, preferably of the
self-fluxing variety. The two coils are
wound as shown in Fig. 6 and the turns
secured in place for stability with aminute
quantity of Denco Denfix polystyrene
cement. (Do not use modelmaker's
polystyrene cement as some varieties can
have high loss factors.) It is essential to
use the least possible quantity as the
bobbin of the coils is made from
polystyrene loaded with iron dust and is
very easily dissolved by this cement. When
the cement has dried, place the ferrite
sleeve over the coils, ensuring that the
leads are well pressed down in the slot at
the base of the bobbin so that this ferrite
sleeve does not scratch the wires.
Next push on the polythene retaining
disc. Secure the ferrite sleeve to the coil
former with a smear of Evostik latex-resin
contact adhesive around the join between
the sleeve and the coil former near the
base. When dry connect the capacitors
(and the resistor in the case of 4). Tape
these components to the former as shown
to hold them clear of the coil can. Make
sure all leads are well clear of the can
when this is slipped over the coil. Next fix
the core into the coil. The ferrite core cuts
its own thread into the polythene top
retainer. Set the top of the core level with
the top of the polythene retainer—Fig. 6b.
This
should be close to the final
adjustment position. In the case of L, the
capacitor is connected to the coil on one
side via the printed circuit, which connects
pins 1 and 4, thus placing the 68-pF
capacitor across the coil.

Soldered at
each corner

Fig. 7. Metal bridge—covering lead from
Tr, drain to its tuned circuit—under the
tuning capacitor is essential to maintain
stability.
an ohmmeter on the ohms X 1 range,
when the cathode will be the one
connected to the positive lead of the
multimeter when the meter shows
conduction. (On a multimeter the polarity
of the leads on the resistance ranges is the
opposite to that shown on the meter panel
so that the red positive lead is negative,
and when connected to the cathode
results in the diode being forward biased.)
There are two wire links on the board,
one on either side of L, in the i.f. section.
These links may be either 22-gauge tinned
copper or 1-024 p.v.c. covered wire.
Connections to the 3-gang capacitor are
by similar wires. The capacitor is secured
to the board by two 6BA screws not
longer than 4.5mm of thread.
The link from the r.f. to i.f. sections is
by a twisted pair of 1-024 p.v.c. insulated
wire as shown in Fig. 4 and in the oblique
view. Take care to see that this is
correctly connected, i.e. the live lead of the
pair connects between the collector of Tr,
and the input to X,.
The two screened coils L, and L, are
soldered into circuit after being pushed

Cords knotted round end of spring
(varnished to prevent)
loosening

s.w.g. pointer
secured by Evostik

Fitting components to the board
Due to the small size of the board and
components it is absolutely essential to
use a soldering iron with asmall tip which
is adequately hot and clean. Lead lengths
must be kept short and the components
close to the board. This is especially
important
with
the ceramic disc
decoupling capacitors (1 and 47nF types).
The transistors should be pushed down
onto the board until the body is 2.5mm
above the board; pushing the transistors
closer than this will strain the leads
unnecessarily. This rule applies also to
/C i. The second i.c. should be placed
down on the board until the shoulders on
each lead contact the board; the body of
:he i.c. will then be just clear of the board.
There will be some difficulty in locating
the polarity of the diode due to the small
size of this device. If in doubt check it with

well down on the circuit board So that
when the can is placed over the coil it just
rests on the polythene retainer at the top
of the coil, while also just contacting the
p.c. board. The can is put on the coil after
soldering the coil into the board, and the
two can tags are then also soldered to the
board.
There is one component not shown on
the circuit because it is not a circuit
component. This is a 'bridge' across the
lead from the drain of Tr, to its tuned
circuit under the tuning capacitor. This
bridge continues the earth plane as well as
screening the lead. It is essential to use this
bridge to maintain stability in the r.f.
amplifier. The bridge is necessary because
of the layout limitations set by the
capacitor having its connections on only
one side of the body, and the need to keep
the coils well spaced to obtain good
stability and keep oscillator radiation low.
The dimensions and location of this
bridge are shown in Fig. 7. The bridge
may be made of any metal that will not
corrode but will solder. Tinplate was used
in the original units. Take care not to
short the wire to the centre-section stator
of the variable capacitor at the end of the
bridge nearest to L 2.
If the ceramic filters need removing from
the board, take care not to apply pressure
when applying heat to the connections,
otherwise the component will be damaged.
Remove solder first with adesoldering tool
or with copper braid.
In the photograph the alternative type
of oscillator transistor is shown. If this
type is used then the fourth connection on
the transistor won't exist—used to earth
the can on the TO-72 type specified
(40244). Only the three connections
nearest the 3-gang capacitor will then be
used. In addition, an extra lead is shown in
the photograph adjacent to the integrated
circuit /C, that is not shown in Fig. 4.
This lead connects to pin 14 of this i.c. to
control the a.f.c. However, as the output
lead (via the 2.2-kohm resistor) will

Upper
."
--Lower

Detail of one end
of pointer

Corçl
threading
Upper

Lower

Fig. 8. Suggested
cord system eliminates pointer friction and can be mounted in any plane.
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Parts list
Set of parts is available from Integ,rex Ltd,
P.O. Box 45, Derby DEI 1TW.

Fig. 9. Typical scale graduations for the
band 87.5 to 108 MHz.
normally have a d.c. blocking capacitor in
series, it will be at the same potential as
pin 14, and is therefore suitable for the
same purpose.

Screening of the tuner
It is essential to screen the tuner to avoid
instability in the i.f. section due to pick-up,
particularly from the output lead.
Although the de-emphasis capacitor
removes most of the 10.7-MHz signal and
its harmonics, the output lead can still
have sufficient of these signals present to
cause spurious whistles when tuning if
this lead is anywhere near the r.f. section.
A
great
improvement
results
from
connecting a capacitor of 470pF from the
output to ground which, with the
2.2k D series resistor, removes these
high-frequency signals sufficiently to make
the position of this lead less of a problem.
(In stereo applications the capacitor used
will probably need reducing to 100-200pF
to avoid attenuating the stereo switching
waveform unduly, and if a long screened
lead is used for the output the capacitance
of this lead should be enough by itself.)
Prototypes were fitted into an ITT
die-cast case with internal dimensions 12
X 9.5 X 2.5cm and is a tight fit with
regard to height. Connections to the tuner
should be made through insulated
feed-through terminals close to the board
so that all leads are as short as possible
inside the screened box. A slot will have to
be cut in the side of the box to allow the
tuning capacitor shaft to pass through.
The author found it easiest to fit the tuner
board to the lid of the box, and to use the
box as a cover, with holes drilled in line
with the trimmer capacitors and L4 and L,
to enable final alignment with the box
closed.
The board is mounted by four 6BA
screws as shown in Fig. 4 and must be
spaced about 5-8mm from the surface of
the screened box, to prevent the track-side
of the board from shorting on the box.
Extra nuts or spacers may be used to
achieve this spacing.

Inductors
See illustrations and text for winding details
L, & L, inductor assemblies are Neosid NS/E3

Dial components (all Jackson)
fin brass pulleys, type 4879 (4 off)
fin brass pivots, type 4539 (4 off)
brass spacers, type 4880 (4 off)
type 'G' drive spindle, type 5080
drive drum 2.5cm dia. 4-mm bore

Variable capacitors
3x 14pF tuning capacitor, part no.5560/3/14
(Jackson)
4.5 to 20pF trimmer (3 off) (Piher make from
Henry's Radio or Rosenthal type STSE-7,
N750 from Radio Resistor Co. or type
7S-Triko 02 from Steatite Insulations)

Fixed capacitors
1nF disc ceramics, 50V, 1-cm mounting
centres (10 off)
0.1pF, 16V (Mullard type C280)
32p F, 10V (Milliard type C426)
22, 68 (2 off) & 100pF, 160V, polystyrene
15, 47 & (2 off) 330pF ceramic tubular or
disc, or polystyrene mounting centres
lcm
4.7nF miniature tubular polystyrene 1.65-cm
mounting centres. Use 150pF for stereo
reception

Resistors
Miniature carbon film type,
tolerance (Mullard)

watt +5%

Active devices
40673 (RCA 2off). In mixer stage, lack of gate
protection diodes may be acceptable, in
which case types 40604 or 3N141 can be
used. If the risk of not using diodes is
acceptable for r.f. stage, types 40603 or
3N140 can be used. N.B.: retain
protective spring until power is applied
40244 (RCA), alternatively 11409 (T0-92)
—now avaialable as TIS64 (T0-18),
Texas
BC213L (Texas) or BCY70
CA3053, 3028A or 3028B (RCA)
TAA661B (SGS)
TIV307 (Texas)

Dial drive system
Fig. 8 shows the layout of the suggested
cord drive system which eliminates the
problem of pointer friction, and is suitable
for mounting in any plane. The parts
required are made by the manufacturers of
the 3-gang capacitor with the exception of
the pointer, made of 18-gauge tinned
copper, or similar, and the cord. Typical
scale graduations for the 87.5 to 108-MHz
band are shown to scale in Fig. 9.

To be concluded with a discussion of
devices used and alignment methods.

Also needed are
printed circuit board (available drilled, solder
coated and with component locations)
ceramic filters type FM-4 (Vernitron). Order as
pair with same colour coding (orange10.625 MHz, yellow-10.6625 MHz,
green-10.700MHz, blue-10.7375MHz,
violet-10.775MHz)
trimming tool for L, and L, cores
nylon cord
die-cast box
Denfix cement
Denfix cement (from Home Radio)
Evostilc latex-resin impact adhesive
WorldRadioHistory

FIDELITY

DESIGNS

HIGH FIDELITY DESIGNS

Al

SHEER SIMPLICITY!
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Mono electrical circuit diagram with interconnections for stereo shown

The HY5 is a complete mono hybrid
preamplifier, ideally suited for both
mono and stereo applications. Internally
the device consists of two high quality
amplifiers—the first contains frequency
equalisation and gain correction, while
the second caters for tone control and
balance.
TECHNICAL SPECIFICATION
Inputs
Magnetic Pick-up
3mV.R IAA
Ceramic Pick-up
30mV
Microphone
10mV
Tuner
100mV
Auxiliary
3-100mV
Input impedance
47S/ at IkHz.
Outputs
Tape
100mV
Main output Odb (0.775 volts RMS)
Active Tone Control.;
Treble
112db at 10kHz
Bass
1. 12db at 100Hz
Distortion
0.05% at 1kHz
Signal/Noise Ratio
68db
Overload Capability 40db on most
sensitive input
Suppl , Voltage
.:16— 25 volts.
PRICE £4.50+0.45 V.A.T.

The HY50 is a complete solid state hybrid
Hi -Fi amplifier incorporating its own high
conductivity heatsink hermetically sealed
in black epoxy resin. Only five connections are provided: Input, output, power
lines and earth.
TECHNICAL SPECIFICATION
Output Power
Load Impedance

25 watts RMS into 8S2
4-1612

Input Sensitivity Odb (0.775 volts RMS)
Input Impedance 4711
Distortion Less than 0.1% at 25 watts
typically 0.05%
Signal/Noise Ratio Better than 75db
Frequency Response 10Hz — 50kHz

3db

Supply Voltage t25 volts
Size 105 x 50 x 25 mm.

The PSU50 can be used for either mono
or stereo systems.
TECHNICAL SPECIFICATIONS
Output voltage

25 volts

Input voltage

210-240 volts

Size

L.70, D.90, H.60 min.

PRICE £5.00 x 0.50 V.A.T.

PRICE £5.98 + 0.59 V.A.T.

P & P free.

GUARANTEE

ALL

P & P free.

TWO

YEARS

ON

OUR

PRODUCTS

CROSSLAND HOUSE •NACKINGTON •CANTERBURY •KENT
CANTERBURY (0227) 63218
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P & P free.

Project 80
abrilliant new concept in modular hifi

-

1

Ili 17111i
•

.1 .1 1
1
11.

••••

Project 80 is going to be the ultimate in modular hi-fi
construction for avery long time to come. It combines the
qualities most demanded of any modern domestic syste m —good
circuitry, reliability and fine performance—with otherfeatures to be
found nowhere else in the world. For example,
compactness — Project 80 control units are*" deep x2" high,
and each one is completely self-contained.
Elegance —all of Sinclair's design leadership has been
concentrated on producing designs of outstanding functional
elegance unsurpassed for styling and simplicity. Flexibility —
the size and styling of Project 80 modules makes them
the most versatile units ever. Combine them how you will,
where you will, the Project 80 System
of your choice gives you the best.
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Sinclair Project 80

•

Stereo 80 Control Unit size-260x

technically
the world's most advanced

•

Project 80 gives you choice from arange of 9
different modules for combining in avariety of ways
to suit your requirements. The Stereo 80 is aversatile
pre-amp control unit designed to meet all domestic
hi-fi requirements including tape monitoring, high
sensitivity magnetic cartridge input, and of course,
individual slide controls on each channel for precise
output matching. By separating the F.M tuner and
stereo decoder, useful economies can be effected
where stereo radio reception is not needed. Two
power amplifiers —Z.40 (18 watts RMS continuous
into 4ohms using 35V) and Z.60 (25 watts RMS
continuous into 8ohms using 50V) are available
with choice of 3different power supply units. The
PZ.8 with its virtually indestructible circuitry is
particularly recommended. For the final word in
system building, the Active Filter Unit puts the
finishing touch of quality to what are easily the
world's most technically advanced hi-fi modules.
Any further units likely to be added to Project 80
range will be compatible with those already available.

50 x20mm (101 x2xfins)
Finish — Black with white indicators and transparent sliders Inputs — Magnetic
pick-up 3mV RIAA corrected: Ceramic pick-up 350mV Radio 100mV:
Tape 30mV Signal/noise ratio — 60db Frequency range — 20Hz to 15KHz
+1d13: 10Hz to 25KHz -E 3dB Power requirements — 20 to 35 volts Outputs —
100mV+ AB monitoring for tape Controls — Press button tape radio and P.U.
Sliders on each channel for volume bass treble
R.R.P.
n
(add £1.19 V.A.T.)

Project 80 FM Tuner

Size — 85x 50 x20mm (31 x2x¡ins)
Tuning range Dual varicap — 87.5 to 108MHz Detector — I.C. balanced
coincidence One I.C. equal to 26 transistors Distortion — 0:2% at 1KHz for
30% modulation 4 pole ceramic filter in I.F. section Aerial impedance — 750
or 240-300 0 Sensitivity — 5 microvolts for 30dB S/N ratio Output — 300mV
for 30% modulation Power requirements — 25 to 35 volts
b5
R.R.P. (add £1 .19 VAT.)

rii ai

Project 80 Stereo Decoder

Size — 47 x50 x20mm (11 x2
lins) One 19 transistor I.C. Channel separation greater than 30dB Power
requirements — 25V Output 1
.
50mV per channel
R.R.P.
74p V.A.T.)

(add

Active Filter Unit

Guarantee

Separate controls on each channel. Size —
108 x50 x20mm (41 x2 lins) Voltage gain — minus 0.2dB Frequency
response — 40Hz to 22 KHz controls minimum Distortion — at 1KHz — 0.03%
using 30V supply H.F. cut off (scratch) — 22 KHz to 5.5KHz, 12d B/oct. slope
L.F. cut off (rumble) — 28dB at 20Hz. 9dB/oct. slope R.R.P.
6
(add 69p V.A.T.)

r

(2.1. x3} xIns) 9
transistors Input sensitivity — 100mV Output 18 watts RMS continuous into
40 (35V) Frequency response — 30Hz-100KHz ± 3dB S/N ratio — 64dB
Distortion — at 10 watts into 80 less than 0.1% Power requirements — 12 to
35 volts: built-in protection against overload.
R.R.P.
A r%
(add 54p V.A.T.)

Z.60 Power Amplifier

Size — 55 x98 x15mm (21 x3} xIns) 12
transistors Input sensitivity — 100-250mV Output — 25 watts RMS continuous
into 80 (50V). Distortion — typically 0.03% Frequency response — 15Hz to
more than 200K1-Lz + 3dB S/N ratio — better than 70dB Built-in protection
against transient overload and short circuiting Load impedance
6 95
—40 min. safe on open circuit
R.R.P. (add 69p V.A.T.)

Power Supply Units

PZ.8 Stabilised. Re-entrant current limiting
makes damage from overload or even direct shorting impossible. Normal
working voltage (adjustable) 50V. R. R.P.£7.98 +79p V.A.T. Without mains
transformer PZ.6 35V. stabilised R.R.P. f7.98 +79p V.A.T. PZ.5 30V un stabilised R.R.P. £4.98+49p V.A.T.

To Sinclair Radionics Ltd. St. Ives Huntingdon PE17 4HJ

If. within 3months of purchasing any product direct from us. you are dissatisfied with it.
your money will be refunded on production of receipt of payment. Many Sinclair
appointed stockists also offer this guarantee Should any defect anse in normal use, we
will service it without charge.

Please send post paid

for which Ienclose Cash/ChequeforE
Sinclair Radionics Ltd
London Rd ,St Ives
Huntingdon PE17 4HJ
Telephone
St Ives (0480) 64646
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Z.40 Power Amplifier Size — 55 x80 .20mm

Name
Address

including VAT
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Phoenix Electronics
(Portsmouth) Ltd
139 - 141 Havant Road,
Drayton, Portsmouth, Hants P06 2AA
Full

afcler.

member

PROFESSIONAL QUALITY SOLDERING
Instant heat guns

FOR EVERYONE!
We are official distributors for
Adcola and Weller soldering equipment.

and

Marksman soldering irons

WELLER Price list - including V.A.T. & Carriage
82000

Expert Gun

£6.80

82000PK

Expert Kit

£8.03

SP250

Marksman Iron

£2.46

SP250K

Marksman Kit

£3.12

BH2SM

Bench Holder

£1.30

I

Marksman soldering iron
tips

Expert kit
Bench holder

ADCOLA Price list - including V.A.T. & Carriage
L706

Invader 19W Iron

£2.42

L646

Invader 23W Iron

£2.66

L646K

Invader Kit

£4.73

R500

Desoldering Gun

£9.79

Type AB Desolder Braid

£0.75

60/40 22 svvg Solder, 30 ft.

£0.13

Marksman soldering
iron kit

PLUS!

o

A few examples of our semiconductor stocks
(prices include V.A.T. and postage)

From
ADCOLA
The
Highly
Successful
Electric
Desoldering
Instrument

500
['profl bulb piece ba
or% unwanted solder
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AAZ 15
BC 107
BC 108
BC 109
BC 177
BC178
BC 179
BCY 70
BCY 71
BC's' 72

0.11
0.11
0.10
0.11
0.15
0.14
0.15
0.18
0.22
0.15

BDX 18
BDY 56
BD 135
BD 136
C 424
C 426
ME 0412
ME 4102
TIP 29A
TIP 30A
IN 823
1N 914
IN 4148
1N 4001
IN 4004
IN 4007
IN 5402
1N 5406
IS 920
IS 922
2N 2222A
2N 2369
2N 2907A
2N 2926
2N 3053
2N 3054
2N 3055
2N 3702
2N 3704
2N 4060

1.32
1.32
0.33
0.37
0.16
0.21
0.15
0.10
0.55
0.66
0.59
0.08
0.08
0.07
0.10
0.13
0.17
0.21
0.08
0.09
0.24
0.16
0.26
0.12
0.22
0.49
0.63
0.12
0.12
0.13

ZENER
400mVV
IW
10W

DIODES
3.3V to 15V
4.7V to 22V
8.2V to 24V

0.11
0.22
0.83

THYRISTORS
lA
400V
7A
400V

0.82
1.04

2N 3819
2N 3823
2N 3824

0.31
0.70
0.66

U.J.T's
MEU 21 Programmable
TIS 43

0.36
0.26

TTL LOGIC I/C's
All 74 series available
7400
Gate
7413
Trigger
7441A
Decoder
7453
Gate
7474
Flip-Flop
7490
Counter
74121
Monostable
74156
Multiplexer

0.17
0.43
1.31
0.21
0.43
0.98
0.65
1.64

DTL LOGIC I/C'S
All 930 series available
930
Gate
948
Flip-Flop

0.33
0.47

LI'N EA R I/C'S
709/7410p. Amp.
723.
Volt Reg.
747
Dual Op. Amp.
790
3W A.F. Amp.

0.36
0.90
0.87
1.21
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F.M. Stereo Tuner
2- Further details of high-performance design for home construction
by L. Nelson-Jones,

•

F.I.E.R.E.

This sensitive f.m. tuner design, described
in last month's issue, has a performance
equal
to
the
better
examples
of
commercial tuners, but at a much lower
cost Full constructional details were given
in Part 1and this article discusses in detail
some of the devices used—especially the
dual-gate m.o.s.f.e.t., integrated circuit
demodulator and ceramic i.f. filters—and
concludes with alignment instructions.
The dual-gate m.o.s.f.e.t. is not to be
:onfused with the type of junction f.e.t.
u.hich has two gate connections, usually
--e to the gate and the other to the
,..nstrate, as this has gates effectively in
parallel. The dual-gate m.o.s.f.e.t. has
cates effectively in series so that it can be
kened to the multi-grid valve or a
zascode stage and like these devices has
:he advantage of very low feedback
:apacitance from output to input. It has
a.so the same advantages as single-gate
o.s.f.e.t.s namely, good signal handling,
noise, and high input impedance. Fig.
- shows the likeness of the dual-gate
7..o.s.f.e.t. to a cascode stage, and its
zonstruction. The drain current of a
m.o.s.f.e.t. is a function of both
zate potentials, and this enables gate 2 to
'De used for gain control in the case of r.f.
amplifiers, or for injection of local
.)scillator voltages in the case of mixer
szages. Type 40673 is very similar to the
3N I40 but in addition has full protection
both gates by pairs of zener diodes
peween each gate and the source (and
substrate) electrodes. These diodes are
zlearly of minute proportions—they add
.Dnly a fraction of a picofarad to the gate
zapacitances. The breakdown of these
;bodes is around +10 volts, so that
-.ormal signal levels do not cause
zonduction. But the diodes will conduct
ong before the gate breakdown voltages
are reached, and, provided the resultant
:urrents are adequately limited by the
:ircuit values, no harm will result to the
zates.
Apart from the obvious advantage of
controlling gates, the great advantage
of the second gate is that it acts as a
•zuard ring' between the drain, and gate I.
The result of this guard ring action is a
drain-to-gate 1 capacitance of
,
:).02pF (with a maximum for the 40673
and 3N140 types of 0.03PF). This low
..alue of feedback capacitance enables

such adevice to give up to 28dB of power
gain at
100M Hz, without need for
neutralization, but in practice a gain of
20dB is a more realistic figure for an r.f.
amplifier at this frequency. This ensures a
high margin of stability, which together
with the superior signal handling qualities
of the m.o.s.f.e.t. make this a very easy
device to use for r.f. amplification in an
f.m. tuner.

Integrated circuit if. amplifiers
Integrated-circuit i.f. amplifiers have been
available for some time now in various

forms, from the simple differential pair
and the cascode stage, up to relatively
complex circuits such as that used in the
receiver described (TAA661B). There are
now a number of these more complex
circuits available, nearly all of which use a
product detector for demodulation.
Examples of these are the Sprague
ULN-2111, Plessey SL432A, and the SGS
TAA661B. Fig. 10 shows the circuit of the
TAA661B, together with the basic
external connections.
Gain is provided by three stages, each
of which is a non-saturating differential
amplifier followed by an emitter follower.

(b)

Bulk (substrate)

(c)
Fig. 9. Symbolic representation of dual-gate m.o.s.f.e.t. (a) showing similarity to cascode
stage. Plan view (b) shows complete separation of gate Ifrom drain-by-gate 2; (c) shows
section across A-A. Bi-directional zener diodes conduct at around + 10V preventing gate
WorldRadioHistory
breakdown (type
40673 only).
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22p
Quadrature input

100
Decouplin
47k

Quadrature drive

Audio

107
MHz
47n

No connection to pins 3,4,10 or11

Fig. 10. Demodulation and i.f amplification are performed in this single-chip integrated circuit (TAA661B). Phase-sensitive
detector consists of 'tree' of differential pairs with constant-current tail (to right of bias chain), fed with aphase reference provided
by tuned circuit and with signal to lower pair.
Overall d.c. feedback is applied so that the
output level at the third emitter follower is
kept equal to that of the base of the input
transistor. This voltage is set at
approximately 1.4 volts by the bias chain
of five diodes which has two outputs,
equal to two and five 'diode voltage
drops'. The higher of these vt.ltages is used
to control the main supply line of the
amplifier stages via an emitter follower.
This supply line is therefore at
approximately 2.8 volts—five 'diode

drops' less the base-diode drop of the
emitter follower.
The detector consists of a 'tree' of
differential pairs with a constant-current
source in the common 'tail' connection.
This constant-current source is a'current
mirror' circuit where the constant current
is equal to the current feeding the second
transistor, strapped as a diode. The
current mirror principle is based on the
fact that two equal transistors with equal
base-emitter voltages will also have equal

collector currents. This principle may be
extended so that two transistors of an
integrated circuit having different areas
(but otherwise similar) will have collector
currents equal to their areas when used in
such acircuit.
The detector acts as a phase-sensitive
full-wave rectifier, with a phase reference
provided by atuned circuit driven from a
tap on the load of the final emitter follower
of the amplifier. The lower two transistors
of the tree are driven by the signal from

%/signal
+1 2V

15

1—,10

Ia
Vret

Vref
• Jy

1
o

Ji

Irl

1
2
1
3
14
lout

ir‘

j
7

fr‘ 0
1

n‘.
-300

-200

-100

0

Frequency shift M

o

100

(b)

(a)

Fig. 11. At resonant frequency of tuned circuit—see Fig. 10—signal applied to lower differential pair is in quadrature with
reference from tuned circuit fed to upper pairs, and current divided equally between each of the upper pairs (a). When signal
frequency deviates, phase difference between the two signals increases or decreases (b), changing proportion of current through
each half of both upper pairs.
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the amplifier, and as the two bases of the
pair are at equal d.c. potential—due to the
overall 100% d.c. feedback over the
amplifier—the collector currents of these
two transistors become square waves at
the carrier frequency, at all signal levels
above the limiting threshold of the
amplifier chain. The two upper pairs of
transistors are fed by the reference voltage
from the tuned circuit and like the lower
pair the bases of both pairs are at equal
d.c. potential.
One base of each pair is connected to
the supply line of the amplifier, while the
other is fed by an emitter follower, biased
via the tuned circuit from the same
potential as the base of the emitter
follower controlling the supply line of the
amplifier. The voltage across the tuned
circuit is approximately 300mV peakto-peak with full limiting so that these
upper pairs of transistors are also fully
switched at the reference frequency. At the
resonant frequency of the reference circuit,
the signal voltage applied to the lower pair
of transistors is in quadrature with the
signal from the tuned circuit to the upper
pairs of transistors, due to the loose
coupling of the tuned circuit via the 22-pF
capacitor. Thus at resonance the current
square wave through each half of the
lower pair of transistors will divide equally
between each of the upper pairs, because
the two signals are in quadrature, and the
transition of the reference waveform takes
place midway through each half cycle of
the current square wave supplied by the
lower pair. Action is shown in Fig. Ila.
As the frequency departs from the
centre frequency of the tuned circuit, the
phase difference between the two signals
decreases or increases, depending on the
direction of the frequency shift, so that the
proportion of the current passing through
each half of each upper pair changes, Fig.
1lb. The collectors of the upper pairs are
connected so that the pair which have an
increase in current for an increase in
frequency are connected together, as are
those having a decrease. One pair of
collectors is connected to a load resistor,
and the other pair direct to the 12-volt
supply.
The load resistor drops
approximately 6.0 volts at the centre
frequency so that the output level is
typically +5.5 volts, at the emitter of the
emitter-follower output stage.
De-emphasis is arranged by acapacitor
connected to the base of the emitter
follower. Alternatively a separate
de-emphasis network can be connected to
the output in the usual way, with amuch
smaller value of capacitor connected to
pin I. A capacitor connected to this pin is
still essential to preserve overall stability
by by-passing the r.f. voltages present at
this point. A similar reduction is necessary
if the output is applied to astereo decoder.
A value of 150pF is suitable in either case.

Ceramic il. resonators
There are anumber of ceramic resonators
on the market and they take different
physical forms. Some are similar to the
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(b)
Fig. 12. Ceramic resonrtor used is equivalent to two 2-pole filters coupled by capacitor Ck
(a) and has selectivity shown at (b). 7'wo cascaded filters give abandwidth of 220kHz at
3dB down and 560kHz at 60 dB down.
type of filter common in communications
receivers where high degrees of selectivity
are required, and these have tuned circuits
at input and output with one or more
resonators between. Others use only
ceramic resonators, with perhaps coupling
capacitors, and have afamily resemblance
to the type of crystal filter used in v.h.f.
communications receivers for high degrees
of i.f. selectivity at 10.7MHz. The type of
filter used in the tuner consists only of a
single ceramic resonator which by the
layout of its electrodes performs the
function of a multi-section filter with a
bandpass characteristic.
Such filters are now also being made in
quartz for v.h.f. communications receivers
and can equal the performance of much
more complex multi-element filters, despite
their relative simplicity. This excellence of
performance is true also of the ceramic
type, where the device used has a
performance slightly better than a
multi-element device of otherwise similar
characteristics, both in respect of
selectivity and passband loss. Due to its
greater simplicity it is also much cheaper,
and smaller.
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The equivalent circuit of the filter
(Vernitron FM-4) is of two 2-pole filters
coupled by an additional capacitor Ck as
shown in Fig. 12. Physically all the
elements are on asingle ceramic substrate.
The overall response is equivalent to two
critically-coupled bandpass circuits in
cascade. Figure 12b shows the typical
selectivity of such a single unit (solid
curve) consisting of a single substrate
multi.pole filter with the equivalent circuit
of Fig. 12a. The broken curve shows the
result of using two such complete
resonator units (with a suitable buffer
stage between) to obtain higher selectivity.
The resultant performance is more than
adequate for f.m. broadcast reception,
with 3-dB bandwidth of typically 220kHz
and 60dB bandwidth of around 560kHz.
Ripple in the pass-band is quoted as not
exceeding ldB (2dB for two stages).
Measurements confirm these figures for
typical pairs of filter units in a practical
amplifier. These resonators cannot be
coupled directly to one another in normal
use or the balance of the response curves
will be upset, resulting in a highly
asymmetric response—the use of driving

HIGH
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or load impedances noticeably different
from the 330-ohm design impedance will
upset the degree of coupling in individual
sections. This relatively low impedance of
330 ohms is perhaps one of the drawbacks
of this type of ceramic resonator, although
most such filters have impedances in the
same region. In practice, however, the
reduction in gain due to the use of such
low-impedance loads in the amplifier chain
is not too serious, especially as an
additional low-gain buffer stage between
the filter sections is needed to avoid
interaction of the filters.
The most serious loss of gain from this
low load impedance would occur in the
mixer stage, where with atypical dual-gate
f.e.t. stage as described, the voltage gain of
the mixer would be reduced to a little
below unity with such a load. In the tuner
design the mixer is therefore modified to use
a tuned load with a grounded-base buffer
stage feeding a 330-ohm resistive load to
which the first filter is connected. This
ensures a true 330-ohm source for the
filter, and results in an overall mixer gain
of 24dB. The mixer load circuit is designed
to work at only a moderate Q so that the
tuning of this circuit is not highly critical.
Due to production tolerances the
ceramic resonators are graded into
frequency bands and appropriately colour
coded to indicate their exact frequency
tolerance. For the type used there are five
groups covering a total spread of I50kHz
(at 37.5-kHz intervals) around 10.7MHz.
In a receiver using two such filters, both
must be of the same colour group to
achieve a satisfactory result. (Details of
these groupings were given in the parts list.)

Variable-capacitance diodes
In the past few years some improvements
have been made in the parameters of
variable-capacitance diodes for tuning.
These improvements have given diodes a
higher Q and a wider variation in
capacitance for a given voltage change.
Many tuners now use such diodes
exclusively for tuning the r.f. circuits, and
they are becoming common in u.h.f.
television tuners. The great advantage of
these diodes for tuning is that the r.f.
circuitry can be made very compact, thus
minimizing pick-up and easing screening
problems, and making circuit location
independent of dial mechanism location.
The main disadvantage, so far as the
average constructor is concerned, is that
both availability and price are at a
disadvantage compared with a normal
tuning capacitor at the present time.
Another common use of these diodes is
a.f.c., and here the requirements are not
nearly so severe as only a small variation
of capacitance is required. Availability of
diodes for this purpose with a smaller
change of capacitance with voltage is
fairly good and prices are moderate. Such
a device is the Texas TIV307, whose
capacitance versus voltage curve is shown
in Fig. 13 (as measured by the author on
three samples). This device could also be
used for tuning purposes—it has just
adequate capacitance variation without
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Revfrse bias voltage (V)

Fig. 13. Capacitance-voltage characteristic
for a.f.c. diode.

using too high or too low a control
voltage. Too low a control voltage is
undesirable, especially in the oscillator
stage, where harmonic generation and
conduction of the diode become aproblem
at low bias voltage. Too high a voltage
can be a problem either because the diode
will not withstand it, or because the
voltage is simply not available.
The smallest capacitance swing is in the
oscillator circuit (from 87.5 + 10.7=98.2
to 108+ 10.7=118.7MHz) which has a
frequency
ratio
fume=
of
1.22,
and acapacitance ratio of 1.22 2 :1 or 1.46
: 1. The r.f. circuits need a capacitance
swing of (108 /87.5) 2=1.53:1. A swing of
from 2.5 to 7 volts would give such a
change if the only capacitance were the
diode. But there will always be 10-15pF of
general circuit capacitance, so that adiode
change from 10 to 20pF at least is
necessary (or just over 2:1 variation in the
diode). With some care in circuit layout
and a change in L IC ratio the TIV307
could just give this swing (or its
companion
with
higher
capacitance
TIV308-12pF at —4 volts), especially if a
higher supply voltage than the 12 volts
used in the design were available. It is the
author's intention at alater date to design
a diode-tuned receiver, but in the present
design a normal tuning capacitor is used
mainly on the grounds of cost and the
difficulty of obtaining diodes in suitably
matched triplets.
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the noise amplitude at either side of the
display. As the core is moved the noise is
first greatest on one side and then at the
other as the resonant frequency of L,
moves across the band. Set the core to
mid-way between the positions giving
maximum noise on either side.
If a wobbulator is not available then at
least a signal generator must be used.
Connect as for the wobbulator above to
L, via a capacitor and apply a level of
around lmV from 80 ohms. Connect a
centre-zero meter of around + 3V full
scale between the output and the a.f.c.
reference lead (preferably better than
10kolun /volt sensitivity). Rock the tuning
of the signal generator back and forth
around 10.7MHz while adjusting the core
of L, until the positive peak excursion is
equal to the negative peak excursion—Fig.
14. If the signal generator calibration is
fine enough the tuning of L, is finally set
for best linearity, plotting output voltage
against frequency. If the core of L, is far
from the correct setting, the output may
be a totally positive or totally negative
excursion, with no S-shape.
If a centre-zero meter is not available
the 10-volt range of amulti-meter may be
used connected between the output and
earth. When the signal generator is far off
tune the reading of the output level should
be around 5.5volts (supply at 12 volts).
This is equivalent to the zero centre
reading using the centre-zero instrument
as above. The tuning of L, is now set for
equal deflections about 5.5 volts.
To set L, the signal generator is set
slightly to one side of the centre frequency
and the level dropped until the meter
indication begins to change (i.e. drops
below limiting level). Adjust L, to make
good this
change (i.e.
to increase
signal
strength) reducing the signal
generator level to keep the i.f. stages
below
limiting
level.
Continue
the
process until •no further improvement
can be made. Alternatively, the core of
L, may be tuned for maximum noise output
with no signal generator connected or with
generator switched off.
While aligning the i.f. section it is ahelp
to have the oscillator out of action tr,

Alignment of tuned circuits
The tuned circuits must be aligned in
reverse order, that is starting at L, and
working back to L,. By far the easiest
way of aligning the i.f. section is to use a
wobbulator centred on 10.7MHz and
having a sweep frequency of 50Hz, with a
peak-to-peak deviation of 1to 2MHz. Fig.
14 shows the response of a correctly
aligned i.f. amplifier and demodulator:
The y-axis is the output of the tuner (1
volt/division) and the x-axis is the
modulation voltage (75kHz /division). The
display shown is for amoderate input, but
is well into limiting. Apply the wobbulator
input to L, via a capacitor at about lmV
level from 80 ohms. The core of L, is
easily set for maximum gain by looking at
WorldRadioHistory

Fig. 14. Response of correctly aligned 1.1.
amplifier and demodulator. L, is set for
maximum gain midway between positions
giving maximum noise, either side of the
display.

HIGH FIDELITY DESIGNS

prevent spurious responses from i.f.
harmonics. This is most easily achieved by
shorting out L3 with asingle crocodile clip
across the ends of the coil to connect
together the end turns.
It is not sufficient to set the output level
to 5.5. volts (or zero with respect to the
a.f.c. reference) with an input of 10.7MHz
when tuning L, for two reasons. First
the majority of signal generators, even of
very high quality, are not accurate enough
to ensure a symmetrical S-shaped
characteristic, and, secondly, the ceramic
resonators are not necessarily peaked at
10.7MHz.
If the frequency of the
generator is known to within about 10kHz
or better and is set to the i.f. indicated by
the ceramic resonators colour code (see
parts list), then L3 may be set initially in
this way. But the symmetry of the
S-shaped characteristic of the detector
should still be checked after setting L4,
and any slight correction made as
appropriate to the core position of L,.

•

Align the r.f. section in the usual way
for superheterodyne receivers—set the
oscillator so that the correct span of input
frequencies is covered, and then adjust the
r.f. circuits to track correctly.
To adjust the oscillator set the tuning
capacitor to maximum capacitance and
the signal generator to 87.5MHz. Adjust
the variable capacitor next to the oscillator
coil to receive the 87.5-MHz signal. Set
the tuning capacitor to minimum
capacitance and the signal generator to
108MHz. Now adjust the trimmer
capacitance again noting which way this
adjustment is to tune in the 108-MHz
signal. (With this type of capacitor,
maximum capacitance is with the silvering
on the top disc towards the centre
connecting pin of the capacitors three
pins, and minimum is 180' from this
position i.e. farthest from the middle pin.)
If the capacitance setting needs
reducing at 108MHz then increase the
value of L3 by squeezing the coil to bring
the turns closer together. Re-adjust the
capacitor to bring the receiver back to
tune at 108MHz and return to 87.5MHz
and maximum capacitance of the tuning
capacitor. If the trimming capacitor now
needs decreasing in capacitance then the
coil inductance has been increased too
much.
An alternative method, possibly
quicker, is to set the 108-MHz end using
only the trimmer capacitor and then find
to what frequency the low-end is tuned,
without altering the trimmer capacitor. If
this is below 87.5MHz, reduce the
inductance by opening out the turns; if it
is above 87.5MHz, close up the turns. Set
the frequency and tuning again to
108MHz and reset the trimming capacitor.
Return to the low end and again check the
frequency the receiver is set to; continue
this process until on reaching the low end
the receiver is set to exactly 87.5MHz.
Having set the span of the oscillator,
the two r.f. coils and their trimmer
capacitors need adjusting to complete the
alignment. This is possibly the most
difficult part of the alignment procedure
because of the high sensitivity of the

receiver. Perhaps the simplest method is to
dispense with the signal generator
altogether at this point and to tune for
maximum noise, with the signal generator
switched off but still connected. Tracking
of the r.f. coils may be set in asimilar way
to the oscillator coil.
Set the tuning capacitor to minimum
capacitance, and tune for maximum noise
using the trimmers. Set the tuning
capacitor to maximum capacitance and, in
the manner used for the oscillator, check
whether the trimmer capacitance needs
increasing or decreasing to tune for
maximum noise at the low-frequency end
of the dial. If the capacitance needs
increasing, squeeze the coil turns closer
together; if the trimmer needs decreasing
in capacitance then open out the coil turns
slightly. Return to the minimum value of
the tuning capacitance and repeat the
process from the beginning, and continue
to do so until both r.f. coils need no
change of tuning of the trimmer on going
from one end of the dial to the other.

Further reading
The publications listed may interest those
wishing to pursue various design aspects.
"MOS
field-effect transistors", RCA
product guide MOS160A
Data sheets on devices 40673, 3N140,
3N141, 40603, 40604 (RCA)
Data sheets on devices CA3028A, 3028B,
3053 (RCA)
"Understanding and using the dual-gate
m.o.s.f.e.t." RCA application report
ST-3529
"Application of dual-gate m.o.s. field-effect
transistors in practical radio receivers,"
RCA application report ST-3486
"Integrated-circuit frequency modulation
i.f. amplifiers", RCA application report
ICAN-5380
"Integrated circuits for f.m. broadcast
receivers", RCA application report
ICAN-5269
"Use of 10.7MHz ceramic coupled-mode
filters in linear i.c. i.f. strips", Vernitron
application report
Data sheet on ceramic filter FM-4, bulletin
94033 (Vernitron)
Data sheet on TAA661B (SOS)
Addresses
RCA (GB) Ltd, Lincoln Way, Windmill
Road, Sunbury-on-Thames, Middx
SGS Ltd, Aylesbury, Bucks
Vernitron Ltd, Thornhill, Southampton
SO9 1QX, Hants
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F.M. Tuner Design
by L. Nelson-Jones,

12 Months Later

F.I.E.R.E.

The author of the articles on the stereo f.m. tuner design (April, May 1971) looks back on the
12 months since the design was published and gives some hints on getting the best from the design.
Cures are listed for the small number of troubles —out of nearly 2,000 tuners for which parts have
been sold —experienced by readers. Test voltages are also given as well as dial mechanism and
stereo decoder mounting details. A solid-state tuning indicator is described separately on pages
182 and 183.
This tuner has been made by many of the
readers of Wireless World and, inevitably, a
few of these tuners have given trouble. Most
of these troubles have been traced to component faults, or errors in construction, but
two faults in particular have recurred in a
number of cases. One of these is concerned
with oscillator tracking, and the other an
instability, apparently in the r.f. section,
but which is very difficult to track down.
Oscillator tracking
In many cases it has not been possible to
get the oscillator to quite reach 108-MHz

tuning
capacitor

coverage while at the same time covering
down to 87.5MHz, because the oscillator
coil could not be closed up enough without
shorting. The first attempt to increase the
inductance of the oscillator coil was to
reverse the direction of winding thus giving
about an extra half turn. This proved to be
too big an increase resulting in the coil not
being able to be reduced in inductance
sufficiently even with the turns highly extended. The next move was to increase the
diameter of the coil some 15%, but this too
proved non-effective due to the close proximity of the tuning capacitor body, and in

18 s.w.g.tinned copper
spacing between turns (X)
is approx. half wire
diameter

8.6mm

•

2.5mm

oscillator
trimmer
41c7

6mm
inside dia.
5mm
tap

Tr3

TOP VIEW

Fig. 1. For those who cannot tune to 108MHz, inductance of oscillator coil can be increased by
moving it further away from the printed board.
ferrite

bead

solder

4110.—"C3

fact an appreciable drop in inductance was
noted. Finally it was found that the very
small increase in inductance needed could
easily be obtained by standing the coil
further away from the printed circuit board.
Instead of mounting the coil so that the
turns are 2.5mm clear of the board, as
described in the original article, it should
be mounted with 5to 6-mm clearance. The
coil should now track easily with the turns
spaced from one another by about half a
wire diameter. The r.f. coils both track
normally with the turns spaced by approximately one wire diameter. In each case this
is about the 'natural' length of the coils.
In existing tuners it will be necessary to
remove the oscillator coil and fit anew one
to effect this cure as it is unlikely that the
existing coil will have sufficient surplus lead
length. Take great care when removing the
leads from the board. The simplest way in
my experience is to cut the coil off leaving a
reasonable lead length, and then to remove
each lead separately, being very careful to
pull the lead through the board from the
component side (never from the copper
circuit side). This minimizes the risk of 'pad
lifting'. The holes are then cleared of solder,
being careful not to increase the hole diameters, and anew coil fitted in the normal
manner but with the increased clearance.
Fig. 1shows the amended mounting details
for the coil.

tuning
capacitor

Fig. 2. In some cases unwanted oscillation at around 500MHz has caused odd effects, and has
been cured by adding aferrite bead as shown (see also photograph).
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Instability
This fault has proved a very elusive one
which nearly always shows up only at the
upper end of the frequency coverage. It can
also show up as an excessive noise level,
with more than a reasonable number of
spurious responses, but with the tuner
working quite normally on strong signals.
Most readers deduced that the mixer was
unstable, others that it was the r.f. stage,
and some that the oscillator was squegging,
which can give a similar effect. In fact it
seems likely that all three stages are involved, as the oscillation is almost certainly
not at the normal carrier frequencies for
which the receiver was designed but around
500M Hz.
It is extremely hard to track down the
exact mechanism, but it appears that it is
usually associated with f.e.ts having higher
than average gain in this u.h.f. region. An
f.e.t. differs from abipolar device in that the
drop off in gain with frequency is much

HIGH FIDELITY DESIGNS
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more sudden. A device such as those used in
the tuner r.f. and mixer stages can have
barely reduced gain up to say 450M Hz,
above which the gain rapidly reduces so
that little gain exists at say 600MHz. For
this reason Ibelieve that only afew tuners
have this trouble, and this is confirmed by
the fact that of those with the trouble that I
have examined, all had f.e.ts in the r.f.
stage with higher than usual I
d. currents,
and with these devices one would usually
expect ahigher gain at u.h.f.
The path for the feedback appears to be
via the g2-g, capacitance of the mixer, via
the oscillator layout to the r.f. stage input,
through this stage back to g, of the mixer
and thus full circle. This view of the mode of
oscillation is backed by anumber of facts,
such as the fact that the oscillation frequency is unaffected by the receiver tuning
but is affected by the voltage applied to the
'varicap' diode, and that a ferrite bead in
series with the oscillator feed to g2 of the
mixer effectively suppresses the oscillation.
I suspect that the inductor forming the
u.h.f. resonant circuit is formed by the
earth plane of the printed board.
The cure for this problem is thus avery
simple one and the location of the ferrite
bead is shown in Fig. 2. It is mounted on the
lead of the 330-pF oscillator feed capacitor.
It may be mounted on either end of the
capacitor, but is more easily mounted on
the end shown. To mount the ferrite bead
(Mullard FX1115 or Radiospares antiparasitic beads) on a tuner already constructed, the end of the capacitor is unsoldered from the board, a tinned copper
wire is soldered in place of the capacitor
lead in the board, and the ferrite bead
placed on this lead. The capacitor is then
soldered to the wire above the bead (Fig. 2).
Oscillator temperature coefficient
A small number of readers have complained
of excessivé drift of the tuner, even with the
a.f.c. switched on. It is suspected that the
oscillator may have had afaulty component
in these cases, but a tuner subjected to a
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Unwanted
oscillation at u.h.f.
may be cured with
aferrite bead over
the lead of the
oscillator output
capacitor.

large change in temperature on warmingup (for instance atuner in use in the same
cabinet as avalve amplifier) may give rise
to some problems. The main component
causing the drift is the oscillator trimmer
capacitor which has a temperature coefficient of up to - 1000 p.p.m./deg C. Most of
the oscillator components have measurable
temperature coefficients, but the trimmer is
much the highest.
It must not be forgotten that the tuner
must be operated from a stable supply as
the tuner has quite a high voltage-versusfrequency coefficient —330kHz/V without
a.f.c., and 60kHz/V with.

cord
pulleys

Fig. 3. New dial mounting system applicable when using stereo decoder (a) and front panel
cut-outs for tuning meters (b).
WorldRadioHistory

Measurements have been made on a
tuner fitted with atrimmer having alower
temperature coefficient of N470 (i.e. -470
p.p.m./deg C). This trimmer gives rather
better drift figures: -6kHz/deg Cwith a.f.c.
and - 16kHz/deg C without a.f.c. These
figures are quite acceptable in normal
circumstances.
Thus for readers having trouble with
drift the change to the N470 device, which
is of the same type as that used at present
but of 3.5 to 13pF range, will make a
considerable improvement.
For those requiring astill greater freedom
from drift the use of an air dielectric or
p.t.f.e. trimmer will give an improvement.
Jackson type 5440/PC/PT/14.0 should be
adaptable to the task although its pins will
need spreading slightly, and the stator and
rotor connections will be reversed so that
on tuning with ascrewdriver the placing of
the screwdriver in the slot will pull the
oscillator off tune and the screwdriver must
be removed before re-checking the alignment.
My advice is therefore to leave well alone
unless drift is aproblem, in which case an
investigation should be made to ascertain
the component responsible in case there is a
faulty item. Should the trimmer be the cause
as indicated then achange to atype having
abetter temperature coefficient may be the
cure. The most useful tool to ascertain
approximately the relative temperature coefficients of the various components is a
miniature soldering iron, which may be
held close to components to heat them up,
in conjunction with a tuning meter of
approximately 2-0-2V f.s.d. The drift of
the tuner is easily seen on such a meter
which has adeflection constant of approximately 100kHz/V. A freezer' aerosol is not
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12V0
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10V

TUNING
INDICATOR

link

DECODER
remove
this link

:
Co 8. R1 not fitted

abc

Ci is now link

Fig. 4. Wiring diagram for connecting decoder and tuning indicators.

satisfactory as the large amount of condensation produced causes erroneous results due to the effect of the moisture on the
stray capacitances.
Mounting the tuner and decoder
In the original article Isuggested amethod
of mounting the tuner which is quite
satisfactory. However, many readers will
want to take advantage of the increasing
amount of stereo broadcasting now available, and to receive these transmissions a
decoder is needed. The design by Portus
and Haywood (September 1970 issue) works
well with the tuner, and Ihave therefore
designed anew dial mounting system for use
with this decoder and either amoving-coil
meter or solid-state tuning meter. This
chassis system is shown in Fig. 3.
The interconnection of the tuner and
decoder is a simple matter provided the
decoder has been assembled for single
polarity supplies. Using supplies of +6V
and -6V would mean having three separate
supplies for tuner and decoder together.
The connections are shown in Fig. 4. This
also shows the connections needed to mute
the decoder in the event of excessive noise
on stereo transmissions, thus gaining the
20dB or so extra signal-to-noise ratio of a
mono signal. There are two possibilities for
muting the decoder, (a) the decoded outputs
may be shorted together or (b) the decoder
may be disabled by reconnecting the junction of R46 and R48 of the Portus and
Haywood decoder to OV (connection C)
instead of to the collector of Tr 13 .This
point of the circuit is easily accessible and
the resistor junction is disconnected from
Tr 13 by removing a link on the board
adjacent to RV3, replacing it with two leads

to each end of the previous link. A third
lead is connected to the short link adjacent
to the positive end of D4, and next to the
link removed. These connections are shown
in Fig. 4.
Either athree- or four-way switch may be
used for a.f.c. and decoder muting, depending whether muting is required with or

Test voltages for f.m. tuner
voltage
relative to
O-V Ilne (V)

test point
Tr, gate I
gate 2
SOUrCe
drain
Tr z gate 1
gate 2
source
drain
Tr a emitter
base
collector
Tr., emitter
base
collector
IC, pin 1
2
3
4
5
6
7
8
IC, pin 1
2
304
5,607

8

9, 10 011
12
13
14
e.f.c. reference

o
4
1
11.6
o
1.7
1
11.7
5.4
6
12
6.6
6
0.75
no connection
3.6
o
2.9
7
9.7
11.5
no connection
5.8
(nominal)
3.5
1.36
0.13
o
3.5
11.5
5.2
(nominal)
5.2

comments

• A capacitance of 15pF is now recommended for the oscillator base capacitor,
not 47pF.

approx. 0.7 to 1.5V spread

• Decoupling of r.f. stage is 1nF, not 47nF
(top of L2).

approx. 1.0 to 2.0V spread
approx. 0.7 to 1.5V spread

• Fig. 2caption last line should, of course,
read `4.7nF at pin 1of /C 2', not pin 2.
• In Fig. 2, the 2.21(.0 resistor at pin 5of
/C, should go directly to the +12V
supply, and not via the loo-n resistor.
• In Fig. 6(c) the coil (L 5)should have 10
turns.
• The components list should have listed
1nF, nine off, and 47nF, nine off, disc
ceramic capacitors.

depends on tuning
(4 to 7.5V)

• Type 3N201 m.o.s.f.e.t. can be used in
place of the 40673.
• Texas types TI409 or TIS64 can be used
in place of the 40244 transistor, now
obsolete.

depends on tuning
(3 to 7.5V)

Measurements assume a meter of 20ki"i/V and a +12-V
supply.
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without a.f.c. This is the last position of the
four-way switch, and is not strictly necessary. However, for completeness the fourway switch is shown.
All parts for this dial system and the
stereo decoder mounting are available from
Integrex Ltd, P.O. Box 45, Derby, TEl 1TW,
including aset of printed scales. The ferrite
bead is also available.
Finally, a list of alterations and corrections to the original article, some of which
have already been published.

• Ferranti transistor type ZTX500 can be
used in place of BC213L.
• ITT diode type BA110 can be used in
place of TIV307.
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Fitting amoving-coil or solid-state
tuning indicator

•

Fitting atuning indicator to the f.m. tuner
is asimple matter using acentre-zero meter
of 100-0-104A sensitivity (Fig. 1). With a
correctly-aligned tuner the d.c. output level
and ale. reference voltages are equal when
the tuner is on tune, and differ when it is off
tune. Thus as astation is tuned in the meter
first deflects to one side as the station is
reached, then deflects back through zero as
the station's frequency is passed, finally
falling back close to zero when well off tune
again. If ale. is switched on the above
effect is modified. On tuning towards a
station the meter suddenly snaps to areading as the a.f.c. captures the carrier. This
reading may be either side of zero depending
on how fast one tunes to the station. It is
then only necessary to set the meter to zero
for correct tuning, as the tuning cannot remain on any section of the S-shaped demodulator characteristic except the correct
central portion, due to a.f.c. action. On
tuning off the station with a.f.c. connected,
the meter will deflect to amaximum in the
appropriate direction and then snap near
to zero as the ale. 'loses' the station.
In designing the tuner Ideliberately did
not use avery strong a.f.c. control loop so
that tuning could be done with or without
a.f.c. In normal use it is often easiest to
leave the ale. permanently on, as tuning
with moderate a.f.c. is so simple, especially
for the less-skilled members of the family.
The cut-out for the dial panel is shown in
Fig. 2.

approximately ± IV about the centre. Full
±75-kHz deviation is equivalent at .the
tuner output to ±0.7V. This requirement
for reasonable input impedance linearity
has been achieved in this circuit .by degeneration in the emitters of Tr, and Tr 2,
the resistor values being chosen to obtain
the correct sensitivity.
The input resistance of the circuit is

is not great, and in any case there is no
basis for comparison as either one light is
on, or the other. In use the correct tuning
point is easily found. Because the input
impedance loads the output of the tuner, it
is important to ensure that the input impedance of this tuning indicator is sufficiently high and linear, over a range of

4

+ R2
re 1

+

(R,+r
e2 +R51132 )R3
,
.
jp

re2

4..

— 5,iR
D
p.2 .j_ x...3

Assuming minimum current gain for the

Fig. I. Adding amoving-coil indicator is simple. With a.f.c. on and with astation tuned in,
one merely sets the meter for zero indication.
30mm

O
122mm

8BA

117MT

I 23mm

17mm

emm

7.7

o

o

I

7.5

7.7 7.7mm

3 holes
5.1.m (02. )

19 X 12.5MT
Cut-Out for
tuning meter

cut-outs for
solid state tuning
Indicator

o

o

Solid-state indicator
The recent improvement in the availability
of light-emitting diodes at acceptable prices
makes their use for indicators in electronic
equipment very attractive. Fig. 3 shows a
simple circuit using these diodes. Correct
tuning (i.e. equality of output and a.f.c.
reference voltages), is indicated by equality
of the light output from the diodes D, and
D,. The diode D, and its associated
resistors are for use as a stereo indicator
lamp. The values chosen produce the approximate equivalent of a6-V 40-mA lamp,
and were chosen to match the requirements
of the stereo decoder by Portus and Haygood (September 1970 issue).
The action of the circuit of Fig. 3needs
little explanation. It is a long-tailed pair
which with equal voltages at the two bases
will pass equal currents through the two
diodes. When the base voltages differ the
current through the long-tail resistor divides
unequally between the two transistors, so
that when the ii.put to Tr, is approximately
IV below the input to Tr, then most of the
current flows through Tr, and D2. When
the input to Tr, is approximately IV above
the input to Ta2 then most of the current
flows through Tr, and D.
Fig. 4shows the relationship between the
potential difference of the bases of Tr.,and
Tr, and the current through the two diodes
as measured in the circuit of Fig. 3. The
difference in peak currents off tune is of no
practical importance as the visual difference

decoder

tuner attached
by It's own
screws
SIDE
VIEW

Fig. 2. Cut-outs for the two alternative tuning indicators.
+supply

a.f.c. ret

output

ov
Fig. 3. Author's suggested circuit for solid-state indicator gives both tuning and stereo
indication. Diode cathode is identified by the short lead and orange spot.
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2

Iand

2: Mounting of solid-state indicator p.c. board. 3: Diodes mounted on p.c. board. 4: Front panel with moving-coil indicator.

20

—1.0

0

+1.0

OUTPUT VOLTAGE RELATIVE TO A.F.C. REF (V)

Fig. 4. Difference in off-tune current
between the two diodes is not important as
the lamps are never both fully on.

77

77

77

D1

02

03

L
I
+E v

11

--

vv\,.

R — loo (V— 5)111V .>.. 9V}

Fig. 5. The two diodes with most nearly
equal brilliance can be selected for the
tuning indicator when operated in series.

transistors of 220 and the values of Fig. 3
we get values of 47.35k.0 for V, 0.7V above
a.f.c. reference, and 46.501d1 for Ifin 0.7V
below. The attenuation ratio formed by the
output impedance of the tuner (2.21e and
the tuning indicator circuit therefore varies
by less than 0.08% over this span. Even if it
were not for the need to linearize and raise
the input impedance of the tuning indicator,
R2 and R, would still be needed, because
with these two resistors effectively removed
(by connecting together the two emitters of
Tr, and Tr 2), the complete span from D I
full on to D2 full on is only +0.2V. This
sensitivity is too high for easy tuning and
considerable flicker of the diodes is caused
by the modulation of the carrier.
The resistors R, and R5 are chosen to
equalize the resistance seen by the two
transistors, to minimize offset due to base
current. These base resistors also ensure
that the circuit does not become aresonant
line oscillator when long leads are connected to the circuit. With modern planar
transistors it is all too easy to get such
effects if precautions are not taken.
Construction
The prototype tuning indicator is shown
above, with the board mounted behind the
tuning dial of atuner. (A photograph shows
the unit removed from the dial to show the
WorldRadioHistory

mounting of the diodes.) The board is
designed to take the type of diode having
two pins on 2.5mm (0.1in) centres, and
these are mounted on the circuit side. If
desired, the board can be mounted remote
from the diodes with leads from the board
to the diodes.
Lamp matching. As there is some variation
of brilliance of the diodes with identical
currents from one lamp to another, it is
desirable that the two lamps D, and D2 be
approximately matched for brilliance. This
is easily done by temporarily connecting
the lamps in series and passing a current
through all three lamps at once (Fig. 5).
The two lamps having most nearly equal
brilliance are used for D, and D2.
Avoid excessive heat or mechanical force
on the leads of these lamps as they are easily
dmaged by heat, by the nature of the
materials used and of their small size.
Components. Resistors should be kwatt, 5%
tolerance and of the carbon film type.
Transistors should have a lid, 20V and an
220 at I, of 5mA, e.g. BCI 09, BC169,
BC I84L. Diodes are Hewlett Packard 50824440. All parts for the tuner, decoder, and
indicator are available from Integrex Ltd,
P.O. Box 45, Derby, DE! 1TW.
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Letters to the Editor
The Editor does not necessarily endorse opinions expressed by his correspondents

Ingenious tuning indicator
Readers may be interested in what I
zonsider to be an improved solid-state
yaning indicator for use with Mr
•

Nelson-Jones' f.m. tuner.
The circuit retains the basic long-tailed
pair amplifier Tr,, Tr, etc., as suggested
r‘y Mr Nelson-Jones, with the addition of
a pair of switches, Tr 3 and Tr, driven
alternately by an astable multivibrator Tr,.
Tr, etc.
When one of the switches say Tr 3,is
-on" it shunts the collector current of Tr,
to the supply rail; D, serving to isolate the
switch from the I.e.d. Current through the
I.e.d. passes through D 2 to the collector of
Tr,. The result is that the 1.e.d. gives an
indication of the current through Tr, on
one half cycle of the multivibrator, and
that through Tr, on the next.
When a station is correctly tuned the
Le.d. gives a steady light but any
off-tuning is indicated by the diode
blinking. The correct tuning capacitor
position can be found far more accurately
than with the two-light system, and
probably with a similar accuracy to that
obtained by using acentre-zero meter.
• Component values indicated are those

used in my prototype, the timing
components giving a blink rate of the
order of 10Hz, which I found to be
suitable. Too slow ablink rate fails to give
a fast enough response to a tuning
correction. Diodes D, and D 2 were 1544;
transistors 3, 4, 5 and 6 were ZTX500,
but many other types are suitable.
M. Gavins,
Cheadle,
Cheshire.
The author replies: I read Mr Gavins'
letter with interest — it is certainly amost
ingenious method of indication, not only
for tuning indicators but for many other
purposes. Iwould point out, however, that
it does suffer from the difficulty of not
indicating the direction of out of balance.
The circuit as shown by Mr Gavins can
surely be simplified by removing Tr 3 and
Tr, together with the two 8.2k 1
2resistors,
and replacing them with two diodes from
the collector of Tr, (and Tr 6) to the
collector of Tr, (and Tr 2) (anodes to
transistors 5 and 6, cathodes to 1and 2).
If in the circuit shown, Tr, and Tr, are
silicon alloy types then all is well, but if
planar types are used something must be
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done to reduce the excessive reverse Veb
voltage to which these transistors will be
subjected with a 12-V rail. Probably the
simplest way is to connect two 2.2k
resistors from the collectors of Tr, and Tr,
to the
12-V line, thus forming a
potentiometer across each transistor and
limiting the voltage on each to about 5.4V,
which is usually below the zener
breakdown of a base emitter diode. It may
then be necessary to increase the two
capacitors to 6.8pF, or thereabouts
My experiments with the tuning
indicator circuit as published in the April
1972 issue indicate that the circuit
provides a more than accurate enough
method, as does the moving-coil meter.
The tuner has a very wide discriminator
characteristic and either tuning indicator
will place the receiver on tune with the
required degree of accuracy for stereo
reception. Again my congratulations to
Mr Gavins on an ingenious approach.
L. Nelson-Jones.

F.M. tuner instability
I was pleased to see Mr Nelson-Jones'
article "F.M. Tuner Design — 12 months
later" in the April issue.
This looked as if the answer to all the
instability problems experienced was at
hand. Various attempts to cure the
instability in my particular tuner have
been made, without success. The
performance when tuned to the local f.m.
stations has been excellent, but between
stations the noise level has been high and
television signals have been very
troublesome.
The effect of adding the ferrite bead as
suggested by Mr Nelson-Jones has only
increased the number of spurious
responses.
A determined attempt was then made to
isolate the instability. The following
additions were made to the circuit
board:—
• An
80-ohm
resistor was fitted
between ground and aerial input tap of L,
to terminate the aerial feeder cable.
Instability appeared to be affected by
moving ahand along the feeder, tending to
indicate astanding wave on the feeder.
• The bypass capacitor of gate 2of Tr,
was increased by adding a 0.01 pF
capacitor.
• The bypass capacitor across the
220-ohm source resistor of Tr, was
increased by adding a 0.005
ArF
capacitor.
• The bypass capacitor decoupling the
top end of L, was increased by adding a
0.01 pF capacitor.
• The bypass capacitor decoupling the
+ 12-V line supplying Tr 3 local oscillator
was increased by adding a 0.01 pF
capacitor.
All capacitors were disc ceramic and
were soldered in place on the underside of
the
circuit
board.
The
original
components, on top of the board, were not
disturbed.
The
result
of
these
modifications was stable performance with
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much lower interstation background noise
and the ability to peak the r.f. and mixer
tuned circuits from 87.5 to about 100
MHz.
There is, however, still instability at
about 100MHz. This appears to be
oscillation in the r.f. stage; running ahand
along the aerial feeder cable still has an
effect on the instability in this range.
Have other readers or Mr Nelson-Jones
any further views on the causes and cures
for instability in this tuner?
Roy Ellis,
Sutton Coldfield,
Warwicks.
The author replies: There has recently
been some evidence of the trouble Mr Ellis
describes, and this has been traced to
u.h.f. oscillation of the r.f. amplifier stage.
The reason why the addition of four
capacitors did not completely remove the
trouble is that the inductance of disc
capacitors of this type is still not low
enough for the frequency at which these
oscillations take place, which can be up to
about 1GHz. Why these oscillations in

F.M. tuner and stereo
Iwas most impressed with the f.m. tuner
design by L. Nelson-Jones, published in
the April Wireless World, but I feel
compelled to query the tuner's suitability
for stereo reception or, to be more
specific, the suitability of the FM-4 filters.
Ithink it is now generally accepted that,
for good stereo performance, an i.f. bandwidth of 250-300kHz is required (the good
old rule of thumb formula 2 (1 +Q
for bandwidth in f.m. systems gives a
required bandwidth of 256kHz with a
deviation of 75kHz and maximum baseband frequency of 53kHz). However, the
manufacturer's data shows that the 3dB
bandwidth of a single FM-4 could be as
narrow as 200kHz and, if one was unlucky enough to obtain two filters which
were at the minimum end of the bandwidth
specification spread, the tuner would have
a 6dB bandwidth of 200kHz, which would
be ideal for mono, but virtually useless
for stereo.
It could well be that the specification
tolerances are wider than the actual production spread and the problem would
then not arise, but I do feel that some
assurance to this effect should be given,
either by the author or by Vernitron,
especially as the text of the article implies
that the prototypes of the tuner have not
actually been tried with astereo decoder.
K. CLAYSON,
Redhill,
Surrey.
The author replies:
The quick answer is, yes the tuner is
certainly suitable for stereo use, and since
the script was originally written has been
tested on stereo transmissions, on which
it performs well.

some receivers are now more common is
not clear but it may well he that the
manufacture of the dual gate Les has
improved to give a higher cut-off
frequency. Certainly the Texas 3N201
seems more prone to this trouble than the
40673, although on paper they are near
identical products. Two readers have
written to recommend a simple cure for
the fault and Ihave myself done adeal of
work to trace the cause; all three of us
agree on the cure, though we use rather
different values of component.
This cure is achieved by inserting an
impedance in the feed to g, of the r.f. stage
Tr,. Iput in a22-ohm resistor, one reader
a 1k≤2 resistor and another aferrite bead.
The first and last will have very similar
effects since the bead injects an effective
resistance in the g, lead of around 20-30
ohms. The 1kL2
resistor is rather too
high and will result in some loss of gain.
The use of aresistor here will lower the Q
of the input circuit slightly as it is in series
with part of the total capacitance, but this
effect has been found to be very slight.
The resistor is the simplest to fit and

should take the place of the link from g, of
Tr, to the coil L1,immediately next to Tr,.
The reason why the aerial feeder seems to
take an active part is that the coupling of
the feeder at the oscillation frequency is
nothing like a good match, and hence
gives rise to standing waves, and indeed
the feeder may be the main resonant
circuit element. This last point is backed
up by the fact that with a direct 82-ohm
resistor across the terminals of the tuner.
or an attenuator box connected on short
leads to the tuner, the effect is often
absent. I am indebted to B. Brook, of
Huddersfield, and J. R. Hooper (G3PCA),
of Ilford, for their most helpful letters on
this matter.
To sum up. The resistor fitted to replace
the g, (Tr,) to L, link should be of 22-47
ohms and may be aMullard CR25 carbon
film +watt, or any carbon, metal or oxide
film resistor of similar or smaller size. My
sincere apologies to any readers who have
suffered from this puzzling and very
frustrating fault.
L. Nelson-Jones.

The reason why would be more apparent had the second half of the article
been available to Mr. Clayson, in that this
contains the response curve of the i.f.
amplifier together with a more thorough
treatment of the mode of operation of
the tuner. The figures of the requirements
of a stereo tuner and of the performance
of the FM-4 filters given by Mr. Clayson
are essentially correct, but he has overlooked one important point, namely the
good limiting performance of the tuner.

indicates, the effective bandwidth being
increased by the limiter; but then if only
a slowly changing input frequency had to
be dealt with a bandwidth equal to the
peak-to-peak deviation would in any case
be sufficient.
A normal f.m. signal, however, requires
a larger bandwidth because it contains
many sidebands extending beyond the
+75 kHz region. So long as the signal
passes through a linear system, we are
equally entitled to think of it either in
simple terms as a single sinewave of varying frequency or as a sum of carrier and
sidebands. When it encounters a limiter,
however, the sideband picture at once
leads us into very deep water. The mind
boggles at the prospect of analysing the
response of a highly nonlinear system to
an input which contains many frequencies,
and we are forced back to the simple
picture. I believe that the need for more
than 150 kHz bandwidth can be explained
in terms of this model by considering the
phase/frequency response of the if.
amplifier; which is, of course, closely
related to the amplitude/frequency response. It then appears that the limiter will

Selectivity curve
for —3dB limiting
or less
•-•-•110dH

Effective
bandwidth
for 80dB
above
limiting

Effective Landwidth
for 40dB
above limiting
40dES

Limiting threshold

This results in an effectively wider
bandwidth as shown in the graph, so that
at the minimum signal strength at which
stereo reception would give anything like
an acceptable signal-to-noise ratio, the
effective bandwidth is approximately
400 kHz, or more. It was partly for this
reason that the limiting threshold of
0.18µV was set so low.
L. NELSON-JONES.

F.M. tuner bandwidths
L. Nelson-Jones, in his reply to K. Clayson (July issue) about f.m. tuner bandwidths, exposes aproblem which Ibelieve
to be the subject of much woolly thinking. If this system were to be examined
with a slowly sweeping input frequency,
the response curves would indeed be as he
WorldRadioHistory

be of no value in correcting for an
inadequate amplifier bandwidth.
Anyone who wishes to apply arigorous
mathematical analysis is welcome to do
so, but perhaps it would be better for
someone with the right facilities to test
the matter experimentally. Before starting,
though, we should question •
anew just
what bandwidth an f.m. system does
require, and what effects an inadequate
bandwidth is likely to produce, particularly with astereo signal.
RICHARD G. MELLISH,
Heriot-Watt University,
Currie,
Midlothian.
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F.M. Tuner Design

Two Years Later

Varicap diode tuning and lower gain modifications
by L. Nelson-Jones,

F.I.E.R.E.

Many readers have asked the author for details of amodification to the f.m. tuner published
In April and May 1971 (and April 1972) which will enable it to be voltage tuned. The
variable-capacitance diode design subsequently produced and described in this article
covers the same tuning band of 87.5 to 108MHz. Also described is asimple modification
to reduce the gain of the original tuner.
In recent years a number of types of
silicon variable-capacitance diodes have
appeared on the market, some having very
high ratios of minimum to maximum
capacitance. These diodes make use of
the capacitance of the depletion layer in
a reverse biased diode. All semiconductor
diodes exhibit a voltage dependence of
reverse biased capacitance, but the degree
of variation and loss factor depend on
the construction of the diode. Normal
signal diodes, although exhibiting the
effect, do not have a sufficient variation
for tuning the f.m. band. The 87.5-108MHz
band needs aminimum capacitance change
of the order of 3:1. This apparently large
ratio is necessary because of the relatively
high stray capacitances in the circuit. In
a tuner designed solely for varicap tuning
these strays can be reduced somewhat,
but here we are concerned with replacing
anormal tuning capacitor without altering
the layout.

For the design described below the
BB103 diode has been chosen and the
capacitance/voltage relationship for these
diodes is shown in Fig 1. A wide capacitance range can be covered by the diodes
(almost 5:1) if the bias can be allowed
to drop to a value of some —0.3 volts.
However, the range required can be
obtained between approximately —2 and
—27V. A low reverse bias has to be
avoided in a tuner using f.e.ts since the
oscillator voltage injected is high compared with a bipolar design. The diodes
must not be allowed to conduct or the
law will be spoilt in the oscillator tuning
section by the resultant build up of charge
at the low frequency end of the band where
the diode bias is lowest. To assist in the
application of the bias and to obtain a
suitable value of capacitance, two diodes
are used in each tuning section (see Fig. 2)
The diodes are "back-to-back" and the bias
is applied to the centre point. In the case of

the oscillator and aerial input tuned circuits,
the whole circuit is at ground potential
and therefore only a high value feed resistor is needed to supply the centre point
of the diodes with the necessary reverse
bias. The value of the resistor must be
high enough to avoid unnecessary reduction of the Q of the tuned circuits. A value
of from 100k to 1M,S) is suitable. The
tuned circuit coil in the drain circuit of
Tr, is at the drain potential and ablocking capacitor has therefore to be added
in this circuit. This in turn means the
addition of a second high value resistor
to ensure that the bias is applied to both
diodes.
The varicap diodes and associated
components are assembled on a small
p.c.b. which takes the place of the tuning
capacitor. The components are all mounted
on one side of the board in the usual
manner together with connection leads of
22s.w.g. tinned copper wire and the p.c.b.
is then mounted on spacers. Components
on the underside use the original mounting
holes provided for the tuning capacitor.
An external lead from this sub-board is
then taken to the tuning control unit,
50
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Varicap board showing the diodes,
resistors and capacitor, together with
the connecting wires. The diode cathodes
face away from the six connecting wires.
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13p
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15k
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which is described below. This new p.c.b.
is shown mounted on a tuner. A
photograph shows the underside of the
board before mounting on the tuner.
The only other changes needed to the
tuner for varicap diode tuning is that the
coils need to be replaced with slightly
modified versions (shown in the photograph). The coils are all made from 18
s.w.g. tinned copper wire, but L, and L,
are of a different diameter to the original
coils. These two coils are now wound on

Fig.2. Revised front end of the tuner showing the replacement of tuning
capacitors by varicap diodes which provide voltage tuning.

General view of the varicap boardfitted to the tuner.

a in former. Inductor L, is otherwise as
the original design, but on L2 the tap has
been moved to the end turn nearest the
supply, and physically adjacent to the
100kS2 resistor. This change reduces the
interaction between the tuning of the
mixer and oscillator tuned circuits when
trying to "track" the tuner, and although
not great this reduction in interaction
does make tracking much easier. Gain is
not affected to any noticeable degree.
The oscillator coil L, remains at +in internal diameter, but differs in construction.
The direction of winding has been reversed,
giving approximately an extra half turn.
A 22Q anti-parasitic resistor prevents the
front-end "taking-off" at u.h.f.' This
"vertical" resistor replaces the tap connecting L, to GI of Tr, and is shown in the
photograph just behind the 0.001,uF capacitor in the foreground. Coils are 0.1in
from the surface of the board as in the
WorldRadioHistory
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original design. It must be emphasized that
-.hese new coil designs only apply to the
varicap design.

the Portus and Haywood decoder'. The
Motorola MC1310 integrated circuit
decoder also works well with the tuner

Tuning control units

and may be run off the stabilized 12V rail.
The circuit of the 30V stabilizer uses the

A tuner control unit is used
..aricap tuner which is similar
now being fitted to most single
television sets.
This particular unit has six
•mittons. Pressing any button

with the
to those
standard
selector
releases

:he previously selected button, and turnng the selected button adjusts the tuning.
In these units six potentiometers with
¡Jaded tracks are wired with all tracks in
parallel, but with the sliders selected by
:he action of pushing abutton. The grading
of the track is such that an approximately
:mear relationship between potentiometer
movement and frequency is achieved when
ised with a varicap tuner. Various
manufacturers fit other extra facilities;
for instance the tuning control unit
has a switch made when any button
e is held fully in, so that when tuning a
station by rotation of the control knob,
and pressing it at the same time, the a.f.c.
control can be shorted out. The method
of connection of this switch to the tuner
is shown in Fig. 3. Many of these tuning
control units have such a switch, though
not necessarily ganged to the selector
mechanism. It is often an additional
button at one end. Various values of total
resistance are available but a common
value is 1001(S2 per track, giving a sixbutton unit a resistance of around 16k.f2
with the six tracks in parallel.

SGS TBA271 regulator, which is itself
an integrated circuit, but is equivalent to
a low temperature coefficient high voltage zener diode. For as good aregulation
as possible the device is fed by aconstantcurrent circuit, consisting of a transistor
with emitter resistor and the base-emitter
voltage stabilized by a zener diode. The
temperature coefficients of the forward
bias of the transistor and the zener diode
are approximately equal and therefore

power supply
0+

11

V
C

—

L0•••-b.
mains
supply

E0-•,-11>

u
h

u

--

100k per track
(16k total)

Power supplies
The varicap tuner needs a highly stable
noise free supply of around 30V to supply
:he tuning control unit, and the author
has therefore devised a suitable circuit,
Fig. 4, giving regulated supplies of 30V
(
nominal), and 12V. An optional 6V supply
stabilized) is also included for use with

cancel. The use of this constant current
feed together with the low slope resistance
of the TBA271 gives the main smoothing
action of the supply, but this is augmented
by the addition of a capacitor to reduce
still further the ripple and noise. This
capacitor is used together with the series
impedance of one of the two pre-set
potentiometers (used to set the span of
the tuning control voltage) as a simple
RC filter. The result is a supply with less
than 100/,‘V pk-to-pk noise. The 12V
supply uses an SGS TBA625B integrated
circuit series regulator. This gives a very
simple circuit and is current overload
protected above 100mA load.

OV

tuning control unit

Fig.3. Method of connecting the switches of the tuner control unit to the tuner.

Fig.4. Stable noise free power supply giving regulated 30V and 12V and an
optional stabilized 6V supply. Voltage levels in volts are shown in brackets at
appropriate points on the diagram.
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The rectification circuit for the 30V
supply may seem a little odd at first until
it is realized that it is a simple voltage
doubler but "hung" on top of the rectified
supply for the 12V regulator. The voltage
doubler only gets half-wave pulses from
the side of the bridge rectifier to which
it is connected, but the output of the doubler
(when added to the main supply) results
in a supply approximately twice that of
the maini supply, without the added complexity of an additional winding on the
transformer.
If the 6V supply is omitted then the
capacitor between the 6V output and
the OV line should be omitted and replaced
by awire link so that the upper 100/./F capacitor is connected to the OV line.
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100% mod.= ±
- 75kHz

audio output (less noise)

Varicap setting-up procedure
The first stage in this procedure is to reduce
the number of variables by setting the
voltage limits of the tuner unit. The limits
are set using the two variable resistors of
the power supply circuit "set low" and
"set high". The two controls interact to
some extent and the adjustment must be
repeated several times until both are
correct. The "set low" control is set for
a potential of +2.2V with respect to the
OV line at the bottom extreme of the tuner,
and the "set high" control is set for +27.0V
at the upper extreme of the tuner control
unit. (If BB103-Blue diodes are used in
the tuner then the "set low" should be set
to +2.7V and the "set high" to +29.0V.)
Following this step the normal alignment procedure is followed, and this is
easiest if the first two buttons of the tuning

+2.2V
87-5 90

I
95

100
MHz

105

2
108110

Fig.5. Voltage available from the tuning
control unit as a function of frequency.

01

10
AERIAL INPUT FROM 8011 SOURCE (PV)

Fig. 7. Noiseperformanceofthe modjiled receivercompared with the original
curves oftheApri11971 article.

control unit are set to the two extremes of
voltage. With the lowest voltage selected
the inductors are set, and with the highest
voltage selected the trimmer capacitors
are set. Initially, it is easier to set the
oscillator range in this way and then concentrate on the aerial and r.f. tuning,
followed by afinal check of all three tuned
circuits.
It is important to state that in some
tuning control units on the market there
is a fixed resistor in series with the low
voltage end of the potentiometers. It is
therefore important to check the voltage
actually available from the tuning control
unit at the actual extremes of travel.
The relationship between voltage and frequency is shown in Fig.5, the voltage being
plotted on alogarithmic basis.
Performance
Measurements on the prototype tuner indicate that the change to varicap tuning
has had no effect on sensitivity or signal
to noise ratio, though since the alterations
were not made to the original prototype,
it is not possible to be absolutely firm on
this point. Certainly the performance is
well up to the expected level and differs
little from the original.
Components

Fig.6. Arrangement after removal of the
first stage of the i.f amplifier for the
lower gain version.

Varicap diodes Siemens
type
BB103
Green or Blue (all six
diodes must be of the same
colour selection. With this
proviso matching should
not be necessary).
Resistors (R)
any value between 100k
and 1M.Q
or
carbon film.
Capacitor
0.001/IF
ce ramic disc,
preferably 500V low leakage type.
WorldRadioHistory

Mounting

in 6 BA spacers (2) and
i
-in x 6 BA cheese head
screws (2) plus washers
and nuts (2 each).
All components for tuning board, control
unit and power supplies, are available from
Integrex Ltd, P.O. Box 45, Derby, DEI
1TW. S.A.E. for details.
Lower gain version
The author has had anumber of enquiries
regarding the sometimes very high noise
level on some tuners when tuning between
stations. The optimum level of overall gain
practical in a tuner with a given noise
factor has been investigated. The conclusion has been that, although helpful to the
long distance listener, the full gain of the
original tuner does not add greatly to the
practical usefulness of the receiver for
listening to normal broadcast programmes
at reasonable signal strength. Removing
the first i.f. stage and coupling the mixer
directly to the first i.f. filter provides the
necessary simple modifications.
The actual noise level of a receiver is
related not only to the noise factor of the
receiver, but also to its gain, as even the
quietest receiver will be noisy if it has
sufficient gain. This is because the "noise
factor" is merely a measure of the ratio of
the noise output of the actual receiver, compared to that of an ideal receiver. This ratio
is expressed usually in decibels. The source
in both cases is resistive, and equal to the
normal source impedance (in the case of
this receiver an 800 source).
Since the tunnnr has a number of stages
all subject to normal tolerances, it has
been found (not unexpectedly) that some
receivers are relatively quiet and others
almost reach limiting on their own noise.
Only + ldB variation per stage means a
variation of overall gain between receivers
of 4 : 1, and

+2dB (roughly) ±20%)
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will give about 16 : 1 so the apparent
differences in noise are hardly surprising.
A "noisy" receiver (but with anoise fac:or of approximately 3dB), was therefore
:aken and the first stage of the i.f. amplifier
Tr 4)was removed leaving the arrangement
shown in Fig.6. The actual modification is
shown (see photograph) where the blank
component locations are clearly seen tozether with the two added resistors and the
new link between r.f. and i.f. sections (now
cnly a single wire). The 47Q resistor lies
àagonally across the location of the previously fitted L and the 3300 resistor is
cn the right of the outline of L .
The noise performance of the modified
.-eceiver is shown in Fig.7 which also shows
:he original curves of the April 1971 article.
The curves should merge, but it must be
remembered that the figures were measured
cn two different receivers, and the 2dB
difference in the noise levels between 5and
50uV is therefore quite agood agreement
:etween measurements taken nearly two
ears apart. The noise level below 3mV
should flatten off, not drop as shown. The
reason for this is that a slight offset in the
..f. amplifier demodulator stages can result
.n one sided clipping of low noise levels
Ind this is evident in the output waveform
without any injected signal. The effect
disappears as soon as the signal level rises
appreciably above the basic noise level.
It has been found in this reduced gain
-.ersion that the interaction between the
ning of the mixer and oscillator tuned
scuits is greater though the reason is not
nunediately obvious. The effect is reduced
:o normal proportions by moving the tap
cn L. by one turn to the end turn nearest
e 1001c/2 resistor and Tr 2, as recom4

4

e

View of the area where the missing and additional components are located in the
lower gain version.
mended in the varicap tuned version of the
receiver. The curves of Fig.7 were taken
with this change to L,.
The actual 30dB quieting level of the
modified receiver is lower than that of the
original receiver according to the curves
of Fig.7 (about 1.1mV against 1.9,uV),
which only proves that anything taken out
of context can prove almost anything. The
performance should be more than adequate
for all normal listening, and the author
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has received RADIO Bristol in Bournemouth fairly regularly on a simple loft
mounted dipole.
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Phase-locked Stereo Decoder
Improved channel separation and low distortion obtained
using an inductorless circuit
by R. T. Portus*,

A.M.I.E.E.

and A. J. Haywood*,

During a stereo broadcast the fm. carrier
transmitted by the B.B.C. is composed of
three parts, as shown in Fig. 1. The components are:
1. Left plus right (L +R) forming the compatible mono signal containing frequencies
up to 15 kHz.
2. Left minus right (L —R) which amplitude
modulates a38 kHz carrier. (The carrier is
suppressed to better than 1% in order to
make full use of the maximum deviation
available at the transmitter.)
3. A low level "pilot tone" at half the
carrier frequency, i.e. at 19 kHz, whose zero
crossing points are coincident with those of
alternate cycles of the 38 kHz suppressed
subcarrier. This tone is used as areference
to regenerate the suppressed subcarrier at
the receiver.
Stereo decoders

Limitations of tuned-circuit decoders
Poor separation results if the derived
38 kHz switching signal is modulated by
any extraneous signal. This means that all
the stereo information has to be removed
by the tuned circuit. Also, if the output from
the 19 kHz tuned amplifier contains any
frequencies which pass through subharmonics of 38 kHz, the frequency multiplication stage will produce amodulation of
the recovered 38 kHz. This in turn will
produce sum and difference frequencies
("birdies") when switching the incoming
*Rolls-Royce Ltd.
Pilot
tone

Suppressed
subcarrier

L+R

a
E

L-R

o

19kHZ
tuned amplifier
1or 2 stages

Multiplex
signal in

38kHZ
Non-linear
—o--duned amplifier
network

15 19 23

L-R
38

Frequency (kHz)

Fig. I. Frequency spectrum of astereo
multiplex signal.
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Matrix
and
de-emphasis

Demodulator

Fig. 2. Block diagram of switching stereo decoder.

complex signal. From the above considerations it may be seen that a high-Q tuned
circuit is required. On the other hand, if the
Q is made very large the phase of the
recovered subcarrier becomes extremely
drift sensitive. Any change in phase will
reduce the separation. The effect of uncompensated phase error on separation is as
follows.

Phase shift
in degrees
50

40
30
20
10
-1 .0

There are many forms of decoders,' the
most popular being the switching type
where the 19 kHz pilot tone is filtered by a
tuned circuit, frequency doubled (to 38 kHz)
and used to switch the complex signal—as
shown in Fig. 2. Appendix HI explains why
complete channel separation is not achieved
by such simple switching.

l00%

A.M.I.E.E.

Phase error
at 19 kHz (deg.)
1
2}
5

10
15

Separation
(dB)
82.5
54.5
42
30
23

0.2 0.4 0.6 0.8 1
.
0
-10

-20

% change
in Lor C

-30
-40
-50

Fig. 3shows the change for small changes
in tuned circuit L or C with various values
of Q.
Phase-locked decoder
Because of the shortcomings of tuned
decoders the authors decided to use aphase
locked loop to regenerate the 38 kHz
suppressed subcarrier. A phase-locked loop
is used to lock alocally generated signal in
phase with an input signal whose frequency
is liable to vary. Such a system may be
given a very narrow bandwidth so that
noise components of the input signal will
not affect the loop operation.
If a locally generated 38 kHz signal is
binary divided the remaining 19 kHz may
be phase locked to the "pilot tone". This
means that alternate zero crossings of the
38 kHz signal are coincident with those of
the 19 kHz pilot tone. The locally generated
38 kHz signal is therefore in phase with the
suppressed subcarrier.
The performance of such asystem may be
made superior to that of decoders using
tuned circuits for the following reasons:
1. A phase-locked oscillator is aclosed-loop
WorldRadioHistory

Fig. 3. Phase changes due to variation of
Lor C in aparallel tuned circuit.

system and so changes in component values,
due to ageing, temperature etc., are corrected. Other systems have no comparison
between input and output, and so errors
may only be reduced by careful matching,
the use of high quality components and
accurate setting up.
2. The generation of "birdies" is very much
reduced because the loop is given a low
bandwidth, ensuring that phase modulation
of the 38 kHz switching signal can only
occur at low frequencies.
3. The setting up of aphase-locked loop is a
simple matter, a d.c. voltmeter being the
only instrument used. For other decoders
an oscilloscope is usually required.
Performance of phase-locked decoder
The decoder (British patent application
No. 35600/69) was tested using a Radiometer stereo signal generator, and the
following specification obtained.
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Binary dividers

Frequency

Separation

80 Hz
1 kHz
10 kHz

28 dB
45 dB
40 dB

Operation of aphase-locked loop

The phase-locked loop (Fig. 4) can be looked
upon as a servo-amplifier in which the
19 kHz pilot tone is used as an input
reference phase, and the servo loop used to
control a local oscillator in a fixed phase
relationship. If there is a fixed phase
between two signals then they must be at
the same frequency. A phase-locked subcarrier may be regenerated by deriving the
19 kHz from 38 kHz by use of a binary
divider. Alternate zero crossings of the
38 kHz signal are therefore held locked to
the incoming 19 kHz.
The operation of the loop is as follows.
The balanced phase sensitive detector (p.s.d.)
produces ad.c. output proportional to the
difference in phase between the input frequency (f„) and alocally derived frequency
1_1'0), plus higher frequency components
produced by the chopping of the input
signal. For a balanced p.s.d. the lowest
frequency present is that produced by the
le highest audio frequency (15 kHz) beating
with the 19 kHz chopping signal. The
difference signal is 4kHz (19 kHz— 15 kHz).
This error signal is then amplified and low
pass filtered by the error amplifier. The
filtering removes the high frequency signals
produced by the balanced modulator. The
error amplifier output is used to control a
oltage controlled oscillator (v.c.o.).
If the p.s.d. is not perfectly balanced small
low-frequency audio signals will be present
at the p.s.d. output. If the frequency of these
signals approaches the loop bandwidth they
will not be completely filtered out by the
error amplifier. The resulting "ripple" on
the error amplifier output will cause "jitter"
on the v.c.o. output (i.e. phase modulation).
Loop operation is such that achange in
phase between (fin and f0(e.g. due to drift)
Error
amplifier
e.

Phasesensitive
detector

76kHz

Balanced
p.s.d.

:2

Preamplifier

In a decoder fitted with a variable matrix
the separation was 56 dB at 1kHz.
Distortion at 1kHz and with full modulation is 0.3% (predominantly 2nd harmonic), and the distortion introduced by
crosstalk at 1kHz is 6 dB down at full
modulation. The mono and stereo gains are
within 1dB of each other. Cancellation is
45 dB. The input voltage range is 130 mV
r.m.s. to 1.3 V r.m.s., and the output voltage
250 mV r.m.s.
The separation at 80 Hz could be improved by using matched components in the
p.s.d. stage, but directional information is
negligible at this frequency so that component matching is hardly worthwhile.

111

From
tuner

Voltage
controlled
amplifier

Differential
error
amplifier

Matrix
and
de-emphasis

eenCy

fo
Fig. 4. Block diagram of phase-locked oop.

38kHZ

19kHZ •

Decode

To
Allow decoding
A

t

In-phase
detector
Amplifier
8. filter

Fig. 5. Complete stereo decoder system built round the phase-locked loop.
causes the output of the p.s.d. to drive the
v.c.o. in such adirection as to hold the phase
of fin locked to that of fn.
The system behaves as aservo-loop with a
bandwidth determined by the time constant
of the filter in the error amplifier.
When deciding on loop bandeidth two
points have to be considered. These are
"jitter" on the v.c.o. and the time required
to pull into lock. The first point is important
because phase jitter will reduce channel
separation. Jitter is minimized by having a
low loop bandwidth.
On the other hand if loop bandwidth is
made too small the loop will take a long
time to pull into lock.
A compromise must therefore be made
and abandwidth of 25 Hz was found to be
adequate.
Theory and design equations for the loop
are given in appendices Iand II.
Practical decoder system
In Fig. 5the pre-amplifier acts as abuffer on
the tuner output. Its gain is made variable so
that afixed level of pilot tone is presented to
the loop independent of the tuner output
level.
The phase detector is balanced, and the
error amplifier is made differential in order
to maintain balance. The output from the
error amplifier constitutes the control voltage of the voltage controlled oscillator
(v.c.o.) which is free running at approximately 76 kHz.
By the use of binary dividers square-wave
outputs are obtained at 38 kHz and 19 kHz.
The former output drives the decoding
transistors and the latter the loop p.s.d.
transistors. The decoder outputs are matrixed and de-emphasized to provide the left
and right channel outputs.
On acquiring lock an output is obtained
from the in-phase detector. This output is
amplified and filtered, and used to allow
decoding to begin, and to drive a stereo
indicator lamp, if required.
Circuit description

- out
-e`e-ence

:2

The complete decoder circuitry is shown in
Fig. 6. Tr, and Tr 2 comprise apre-amplifier
whose output level is adjusted by RV, to set
WorldRadioHistory
the p.s.d. gain constant.
The p.s.d. consists

of R5,R7,Tr 3 and Tr, and these transistors
are used in the inverted mode to minimize
offset voltage. Since the bases of Tr 3 and
Tr 4 are driven alternately at 19 kHz the
p.s.d. and differential error amplifier IC,
form adouble-sideband suppressed-carrier
modulator, the output of which is modified
by the error amplifier response.
Audio signals close to the loop bandwidth
are attenuated by C3.
The phase shift due to
C3 (10e) is corrected for in the matrix
which is fully described in alater section.
The error amplifier /CI,
type U6E7709393
or similar, is a low cost differential inteintegrated operational amplifier. This is
chosen for its high gain and low input
offset voltage. At +6V supply the typical
open loop gain is 72 dB.
C4 and C6 provide an additional h.E rolloff beyond the loop unity gain frequency so
that loop stability is not affected.
The amplifier response is tailored to give
an overall loop bandwidth of 25 Hz with an
error response damping factor of 0.707. The
d.c. gain is chosen from aconsideration of
the static error due to v.c.o. drift. The error
is <1° at 19 kHz.
RV2 provides an adjustment for input
offset voltage, which would otherwise appear
as aphase error. The low input offset voltage
temperature drift of /C, ensures good phase
stability.
The v.c.o. (Tr 6 and Tr 7)is aconventional
astable multivibrator with the timing voltage of the bases controlled by /CI.It is
arranged to free run at approximately
76 kHz. RV4 provides afine frequency control by adjustment of the mark/space ratio.
R25 and D, ensure that the v.c.o. will not
operate above 80 kHz, by clamping the
error amplifier input to approximately
+0.6 V.
The 76 kHz signal is then applied to /C 2
which is adual D-type SN7474 or similar
binary divider. /C 2 will then provide a
38 kHz and a19 kHz switching signal with
a 1: 1mark/space ratio. The 19 kHz signal
is applied to the loop p.s.d. transistors Tr 3
and Tr 4,thus closing the loop. The 38 kHz
signal is applied to the decoding transistors
Tr„, and Tr i2 .
The bases of all the switching transistors
are pulled negative to remove stored charge
and to hold the transistors off in the
presence of audio signals.
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Fig. 6. Circuit diagram of decoder.
Integrated circuits IC 1 and IC 3 are type
U6E770 9393 or equivalent, and IC 2 type
SN7474N or equivalent. Transistors can be
BC108 or equivalent for n-p-n types, and
ZTX500 or equivalent for p-n-p. Diodes
are 1S44 or equivalent. Resistors can be
}W 5% tolerance unless specified otherwise.

The action of D2,
D3 iS to speed up lock-in
at switch-on for outputs greater than
+0.6 V. The diodes shunt current away
from C10 and effectively increase loop
bandwidth. Between +0.6 V the diodes have
no effect.
In-phase detector. Transistor Tr io is driven
by both binary dividers so that it is off for
cycle only of the 19 kHz. Thus apulsed d.c.
component is produced when the loop is
locked. This signal is filtered and amplified
by IC 3 and used for the following purposes:
1. To turn on a stereo indicator lamp, if
required.
2. To allow decoding to begin in Tr 11 and
Tr 12 .If the decoder is allowed to switch
during mono transmission, supersonic noise
around 38 kHz will be heterodyned into the
audio bandwidth causing adeterioration in
s/n ratio. Also from some transmitters a
23 kHz low-level tone is present during
mono transmission. This tone would produce a "beat" at 15 kHz in a free running
decoder. For this reason the v.c.o. is not

Fig. 7. Oscillograms of typical waveforms
generated by the locked-loop.

Upper: pilot tone+ 150 Hz (A = B
Lower: emitter of Tr 3.

Matrixing of 15 kHz signal (A = 19).
No de-emphasis. Pilot omitted.

„••.....

•

Lpper: 19 kHz binary output.
Lower: 38 kHz binary output.

Matrixing of 1•5 kHz signal (A = B).
No de-emphasis. Pilot tone omitted.
I "
•

i•

'

s.

Upper: Tr io base drive.
Lower: Tr io emitter.
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\•

.•

As above with 19 kHz pilot tone included.
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allowed to operate above 80 kHz, i.e. the
binary output cannot exceed 20 kHz.
3. To ensure that the 1.h. and r.h. channels do
not reverse in the presence of noise etc. If the
loop initially locks in the wrong direction
i.e. 1.h. and r.h. channels are reversed, a
positive output will be produced by the
in-phase detector, Tr, will be turned on thus
clearing the binaries, and reversing 1.h. and
r.h. This will also be the case if aline transient flips one binary only. In the writers'
experience the loop has never locked in the
wrong direction. Typical waveforms of the
loop in operation are given in Fig. 7.
4. To keep the mono and stereo gains
approximately constant via Tr,.
Matrix. Once the signal has been decoded
by Tr 11 and Tr, 2 it is matrixed and deemphasized via Tr" and Tr, 5.Matrixing is
necessary in any switching decoder as may
be seen from the theory given in appendix

Power supply. The circuit of Fig. 6is shown
for a supply of +6 V. Fig. 8(a) shows a
suitable low cost regulator using aminiature
mains transformer.
Single supply operation is accomplished
from an unregulated (15 Vminimum) supply
by altering the "earth" rail from the 0V to
the —6V line as shown in Fig. 8(b).
In this case there are two minor circuit
alterations: capacitor CI is reversed; and
resistors R52 and R58 are returned to the
former —6V rail i.e. instead of the former
0V rail. The signal "earth" line becomes, of
course, the former —6V line.
Setting up procedure

`t

The decoder is set up using ad.c. voltmeter.
The stages are as follows:
1. With no input signal adjust RV2 and RV3
for 0V at test points TP, and TP 2 respectively.
2. Apply astereo signal and adjust RViuntil
a negative voltage 1.5 V appear at TP 2
(Adjust RV, if necessary).
3. Adjust RV, to bring TP, back to zero.
4. Adjust RV, to bring TP 2 to — 1.5 V.
Operation
Several decoders have been built and tested
by the authors, using both single and dual
supply operation.
Over the last year they have proved to be
Belclere
Type ES 4148

Decoder components mounted on aprinted circuit board approximately 100 mm x125 mm.
reliable and have required no adjustment
beyond the initial setting up procedure.
The high inherent separation, in particular at high frequencies, produces amarked
improvement in performance over that
obtained with more conventional decoders.

Loop Theory
The constants used are defined as follows:
Kd = phase detector gain constant in
volts/radian.
K,, = v.c.o. gain constant in radians s
(= 2xHz/V).
G(s) = error amplifier transfer function
Oi„= input reference phase angle.
0,, = locally generated phase angle
0, = phase angle error (= O,,-0,,).

Notes
This decoder design arose from work done
on aphase-locked loop frequency multiplier
made to improve the resolution of an engine
tachometer.
The authors are grateful to J. W. Hill and
D. L. Lynas for the use of equipment and for
helpful criticism, and thank Rolls-Royce
Ltd for permission to publish.
A kit of parts including a printed circuit board is available, mail order only
from Integrex Ltd, P.O. Box 45, Derby,
DE1 1TW. The price is £8 19s 6d plus 2s 6d
for carriage and packing. This printed circuit
board is adapted to single or dual
supply options. The size of the board is
100 mm x125 mm (approx.) and it may be
seen from the photograph that ahigh packing density has been achieved. To simplify
assembly, component positions have been
marked and the track is roller tinned. A
power supply kit is also available.

I. "Receiving Stereo Broadcasts",
World, September 1966.
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The loop block diagram is redrawn belo%.
emn

Wireless

eo
The integration term (1/s) is introduced
by the conversion of the frequency of the
v.c.o. to its phase.
By inspection of the diagram
0„

KoKdG(s)1/s

K„K aG(s)

1+ Kol( dG(s)1/s

s+ KoKdG(s)

(11

The error amplifier has a response that
can be shown to be
A(1 +sT2)

(
21

1+ s(Ti+ T2)

where

V-12
0.1 ohms

A=

RI

• Ti = CR 1 ;

T2 =

CR 2

Substituting (2) in (1) we get
+12V (former
1004

+6V)

10V

„
=

[KOK itAl(Ti
2

5+

+6V (former
00i,L

HS7056

MO+ sT21

sK oKdAT2 KoKdA
Ti+T2

+

(3

Ti+ T2

OV)

10V

OV (former
-6V)

Where it is assumed K,,K dAT2> 1.
This is of the form
0°

15940

Ko

KdG(s)

G(s) =

REFERENCE

2N11507

2401

Appendix I

21w ns+(14 2
=s
2+2ryw ns+co n2

BFX88

(

b)

Fig. 8. Decoder power supply arrangements. (a) Stabilized supply for +6 V. (b) Supply obtained
from an unregulated 15 V (or greater) d.c. source.
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where using servo terminology co n = natural
(undamped) frequency of the loop and
= loop damping factor.
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(K ol(d/4\ *

Thus

(4)

peak to peak amplitude:
Kd = 63.7 mV/radian

T1 + T2)
T2 (K.KdAY

' =

T2

=

2T1 + T2 )

2

04
a)

(5)

or

Kd =

Error =
where

Aco.
KoKaA

&op is the frequency difference of
the free running v.c.o. and the pilot
signal, Kd is the phase detector gain
constant and K. is the v.c.o. gain
constant.

Now
Kd =

63.7 x10

V/rad and

K. = 1-2 x10 3 x2n rad/s/V (measured)
For the v.c.o., the frequency drift is approx.
0-075 %/°C. It follows that for asteady state
error of 1° over 20°C temperature change.
A = 214

where
co..,... = free running v.c.o. frequency

From equation (4)

co. = disturbance (or drift) frequency.
It can be seen that
1/s.K oKaG(s)
By referring w
we get

,,

(6)

back to an equivalent tie

0,

1/s

co.

1+ 1/sK o.K d.
G(s)

1

s=

Aoj

1

s°
•
s+ KJ( aG(s)

(8)

Applying the final value theorem we get
steady state phase error -

(9)

Appendix H
Loop equation constants
P.S.D. gain constant. For aphase error y,
when the loop is locked the mean output
voltage from the phase detector, V., is
given by:
=—

f

sin 0dO

+7

where Via sin Ois the input signal.
Thus

J

2

Ti+T2 = 4.16s

From equation (5)
=

T2(0»
.*.

T2 =

9ms

Matrixing in switching decoders
In an f.m. stereo broadcast the instantaneous deviation of the transmitter is given
as:
f = 0.9 [4-(A +B)+(A- B) sin ay

This phase error is required in order to
pull the v.c.o. away from its free-running
frequency. By making KoKdA sufficiently
large the phase error can be made as small
as required.
For those who wish to pursue phaselocked loop theory avery good account is
given in "Phaselock Technique" by Floyd
M. Gardner, published by John Wiley and
Sons Inc.

+7

KoKaA

Aco °
KoKdA

(since G(0) = A)

fl

=

Appendix III

s+KolCdG(s) (7)

For astep input of co. = Acop then
0

1
7r

plus modulation
around cop 3co 3,etc, which is of the form:

Since the phase loop contains an integrator
term then the steady state phase error will
be reduced to zero if the v.c.o. free-running
frequency is the same as that of the input
frequency.
The response of the loop to adisturbance
causing drift in the v.c.o. free running
frequency can be obtained from the figure
below.

1+ 1/s. KoKaG(s)

1

63.7 x10' V/radian

Steady state error. From equation (9) it may
be seen that the steady state error is given by:

Static phase errors

(e),,

1 1
=(
-+- cos ck)A +(- --cos ck)B
2 n
2

xVi„xywhere yis small.

Thus, if we choose an input signal of 200 mV

+0-1 sin 1("
4
-t]
2
co s
where —
2n = 38 kHz
The pilot tone is 0.1 sin -It.
2
In aswitching decoder the input signal is
treated as if it were time division multiplexed. The signal is multiplied by asquare
wave:

=e

1+2sin
. co st+—3n
2
2
It

. co st+. .
sin

Suppose there is phase error 49 existing
between the 38 kHz carrier used for modulation and the local 38 kHz decoding signal.
The output signal will be proportional
to V1 where:
= [(A +B)+ (A -B) sin co st]
[1 2 .
2 +n
(co st+ ck)
+—
2 sin (3o) st+ cf))+ •
•1
3n
(neglecting sin

2
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V1 cc (A +AB)
where A is dependent on the phase shift ck.
If the decoding signal is shifted by 180°,
the output signal may be shown to be proportional to V2 where: V2 OC (B +AA).
The purpose of matrixing is to subtract
AV2 from V1 and vice-versa.
i.e. V1-AV2

OC

A+AB -AB-AAA

Œc A-AAA
It may be seen that signals from channel
A only are present in one output and from
channel B in the other.
Thus, if the phase shift 4, is known, and
hence A, complete separation of an ideal
broadcast is achieved.
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Phase-locked-loop Stereo Decoder I.C.
Build ahigh-performance decoder with the minimum number of
components

It is possible to make ahigh-performance
phase-locked-loop stereo decoder with
just sixteen components and a printed
circuit board. Only one coil is required
and only one adjustment is necessary.
The major component in the decoder is
an integrated circuit (CA3090Q), containing 126 transistors, which has just
been introduced by R.C.A.
A block diagram of the i.c. is given in
Fig. 1. The composite output signal from
the discriminator of an f.m. receiver is
applied to pin 1 of the i.c. where it is
amplified for distribution to other parts
of the chip. The phase-locked-loop consists of a voltage controlled oscillator
(v.c.o.), two divide-by-two stages and a
phase comparator (phase-lock detector).
An inductor and a capacitor connected
to pins 15 and 16 give the v.c.o. anatural
centre frequency of 76kHz. This 76kHz
signal is divided by four in two cascaded
divide-by-two stages to provide a 19kHz

Divide

E l,.

by 2
(38kHz)

Divide

Divide

by 2
(19kHz)

by 2
(19kHz)

reference for the phase-lock detector.
The phase-lock detector compares the
locally generated 19kHz signal with the
incoming 19kHz pilot tone and provides
an output to alter the operating frequency
of the v.c.o. if there is any difference. The
bandwidth of this loop—which may be
likened to a servo system—is determined
by an RC network connected to pin 14.
The whole purpose of the loop is to
regenerate the 38kHz sub-carrier which
is suppressed at the transmitter before
the signal is transmitted. The 38kHz subcarrier is necessary to demodulate the
composite stereo signal and the action of
the loop ensures that the regenerated
sub-carrier is very closely related in phase
to the transmitted 19kHz pilot tone.
When the v.c.o. is running at exactly
the right frequency the output from the
phase-lock detector is zero so it is necessary to provide asecond detector, to sense
the presence of the pilot tone, in order

-e

Power
supply
regulator

A
Lamp
drive

Voltage
controlled
oscillator
(78 kHz)

A

1111

Schmitt
trigger

Matrix

that the chip can distinguish between a
stereo and a mono signal—the pilot tone
is not present on amono signal.
This detector is called the pilot presence detector and it is driven by asecond
divide-by-two stage operating from the
chip's 38kHz line. The resulting 19kHz
signal is compared with the composite
input signal and if a pilot tone is present
the pilot presence detector trips aSchmitt
trigger. The sensitivity of the pilot presence
detector is set by a resistor connected
between pins 7and 8. With the value shown
in Fig. 2, a 4mV input signal (pin 1) will
be sufficient to operate the Schmitt trigger.
If greater sensitivity is required the resistor can be, replaced with a4.7mH coil
in series with 15nF capacitor across pins 7
and 8. The Schmitt trigger will then
operate at 3.3mV (off at 2mV) and an
improved
overload
characteristic
is
obtained as aby-product. An RC combination connected to pin 6 is afilter for the
pilot presence detector.
When the Schmitt trigger operates it
lights the stereo indicator lamp via an
integral driver amplifier and informs the
left/right channel detector that a stereo
signal is being received and switches the
whole chip to stereo operation.
The left/right channel detector uses
the 38kHz sub-carrier (stereo gating
signal), generated by the phase-lockedloop, and the composite input signal to
produce a stereo difference signal which
drives the matrixing circuits. The matrix
extracts the left and right channel outputs
from the composite input signal in the
normal way and after amplification the
left and right channel outputs appear at
pins 9and 10.
Practical notes

o-

Pre
amp.

(A) Composite signal

19 kHz
phase-lock
detector

19kHz
pilot-tone
presence
detector

(B) Stereo enable signal

38kHz

L- R

detector

(C)Stereo gating signal

(D) Difference signal

Fig. 1. Block diagram of the CA3090 integrated circuit which forms the mer part ofa
phase-locked-loop stereo decoder.
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The complete circuit diagram is given in
Fig. 2and little need be said about it as the
purposes of most of the components have
already been described. The capacitors
C, and C, provide the necessary deemphasis and the two 10k0 resistors are
the collector loads of the 'open ended'
channel amplifier output transistors.
The stereo indicator lamp can be a
light-emitting diode as shown or anormal
filament lamp which may be connected in
place of the light emitting diode and 680(1
series resistor provided that the lamp does

56
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Fig. 2. Additional components required to complete the decoder. For operation in the UK
(50as de-emphasis) change the value of the 7.5nS capacitors to 5nS.
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counting the turns, until the stereo
indicator lamp goes out. Set the core at a
point midway between the points where the
lamp came on and went off.
Alter the potentiometer setting so as to
reduce the input to the decoder and extinguish the stereo indicator lamp. Rock
the core of the 2mH coil about its centre
position to see if the indicator lamp lights.
If not, slightly increase the potentiometer
setting and rock the core again. The correct
position for the coil's core is the one that
lights the lamp with the minimum input
signal.
R.C.A. manufacture two versions of the
decoder i.c. One is in a staggered 16-pin
dual-in-line package which is used in the
illustrated printed circuit board and is
called type CA3090Q, the second—type
CA3090E— is electrically identical and is
housed in a conventional 16-pin dual-inline package. The i.c. is available from
R.C.A. distributors, price £4.20.

not consume more than 14mA at 12V.
If a higher current lamp is used an outboard driver transistor must be added.
The inset shows circuits using either a
p-n-p or an n-p-n transistor. The transistor type is not critical provided that it
can handle the lamp current. For instance,
a 40mA, 12V, lamp could be used if it
were driven by a BC108 (use the n-p-n
circuit in this case). However, the maximum
lamp current—whatever the transistor
used—should not exceed 100mA because
the drive is limited to 14mA. Anyway
who wants to use a searchlight to indicate
that a stereo signal is being received!
The decoder can be built on the printed
circuit board shown in Fig. 3 full size, or
'pin-board' construction can be employed.
The 2mH coil can be obtained from Harrogate Radio Ltd., 2/3 Sykes Grove,
Harrogate, Yorks., price 15p including
postage, etc. Ask for type 87BN135BX2.
The prototype used a coil of American
origin. The type we have specified in fact
contains two coils so for this application
use coil pins 3 and 4 only. A slight alteration to the printed circuit board may be
necessary. Alternatively use any 2mH
coil which allows a +25% adjustment.
When connecting the decoder to the
discriminator output of a receiver care
should be taken to ensure that the receiver's de-emphasis network is disconnected. The decoder will accept inputs
between 40 and 400mV. If the discriminator

of your receiver provides an output
higher than this use a potentiometer of
about 100k
to reduce the signal. Make
sure your receiver has enough bandwidth
for stereo operation.
Two methods may be employed to set-up
the decoder both of which are extremely
simple. If you have access to a digital
frequency meter connect it to pin 15 of
the i.c. and adjust the core of the 2mH
coil to give 76kHz. This adjustment is
done when there is no input to pin 1.
The second method of adjustment does
not require the use of any test equipment.
Connect the decoder to a receiver via a
100k.l2 potentiometer and tune in astereo
broadcast. Start with the core of the
2mH coil fully out and the potentiometer
set to give maximum input to the decoder.
Screw in the core of the 2mH coil until
the stereo indicator lamp lights; continue
turning the core in the same direction,

Fig. 3. Prototype printed circuit board
layout shown actual size.

Fig.. 4. Photograph of the prototype. Because this is a demonstration model built by
R.C.A. sonic of the components shown in Fig. 2 are not included.
WorldRadioHistory

Typical Decoder Specification
Input impedance

50 kr)

Channel separation
Channel balance (mono)
Mono gain
Stereo/mono gain
Indicator lamp turn-on voltage•
Capture range (deviation from
76kHz centre frequency)
Distortion
2nd harmonic
3rd, 4th and 5th harmonic
19kHz rejection
38kHz rejection
Input voltage range
Supply voltage
Supply current
(lamp off)
Operating temperature range

4OdB
0. 3dB
6d
0. 3dB
4mV
10%
0.35%
0.1%
35dB
25dB
40 to 400mV
12V
22mA
—40 to +85°C

•For improved pilot sensitivity and overload
characteristics replace the 150Q resistor between pins 7 and 8 with a coil of 4.7mH in series
with a capacitor of 0.015F.
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AMPLIFIER KITS OF
75 WATTS/CHANNEL
Hi -Fi News Linsley-Hood 75 W Amplifier
Mk. III Version (modifications as per Hi -Fi News April

1974)

DESIGNER APPROVED KIT

In Hi -Fi News there was published by Mr. LinsleyHood

a

series

of

1972 - February

four

1973)

articles

(November

and a subsequent

follow

up article (April 1974) on a design for an amplifier
of exceptional performance which has as its principal feature an ability to supply from a direct
coupled

fully

protected

output

stage,

power

in

excess of 75 watts whilst maintaining distortion at
less than 0.01% even at very low power levels. The
power

amplifier

amplifier

based

is
on

complemented
a discrete

tional amplifier referred
employed
system,
control

in

the

namely
stage,

a

pre-

opera-

to as the Liniac which is

two most critical
the

by

component

equalisation

points of the

stage

positions where most

and

tone

conventional

designs run out of gain at the extremes of the frequency

spectrum.

Unusual features of the design

are the variable transition frequencies of the tone
controls and the variable slope of the scratch filter.
There is a choice of four inputs, two equalised and
two

linear,

signal

level.

each
The

having independently adjustable
attractive

slimline unit

pictured

has been made practical by highly compact P.C.B.'s
and a specially designed Toroidal transformer.

• Full circuit description in handbook •
(pack 15 - price 3013)
Pack
1 Fibreglass printed circuit board
for power amp.
2 Set of resistors, capacitors, pre-sets
for power amp.
3 Set of semiconductors for power
amp. (now using BOV56,
80529, BD530).
4 Pair of 2 drilled, finned heat sinks.
5 Fibreglass printed circuit board
for pre-amp.
6 Set of low noise resistors,
capacitors, pre-sets for pre-amp.
7 Set of low noise, high gain semicon•
ductors for pre-amp.
8 Set of potentiometers (Including
mains switch)
9 Set of 4 push button switches,
rotary mode switch.
10 Toroidal transformer complete
with magnetic screen/
housing primary:
0-117-234 V, secondaries:
33-0-33 V, 25-0-25 V.
11 Fibreglass printed circuit board
for power supply.
12 Set of resistors, capacitors,
secondary fuses, semiconductors for power supply.
13 Set of miscellaneous parts
including DIN skts, mains
input skt, fuse holder, interconnecting cable, control

knobs.

14 Set of metalwork parts including
silk screen printed fascia
panel and all brackets, fixing
parts, etc.
15 Handbook.
16 Teak cabinet.

Price
0.85
1.70

6.50
0.80
1.30
2.70

2.05

3.70

TEAK CASE WITH FULL KITS

KIT PRICE only

9.15

£62.40

post free (U.K.)

0.65

3.50

SEMICONDUCTORS AS USED IN OUR RANGE OF QUALITY AMPLIFIERS

4.25

6.30
0.30
7.35

2 each of packs 1 -7 inclusive
are required for complete
stereo system.
Total cost of individually
purchased packs

FREE

2.40

69.75

2N699
2N1613
281711
2N2926G
2N3053
2N3055

0.25
0.20
0.25
0.10
0.15

0.41

2N4302
2N5087
2N5210
2N5457
2N5459
2N51330

0.60
0.42
0.54
0.45
0.45
0.30

BC182L
BC184L
BC212L
BC214L
BCY72
00529

0.10
0.11
0.12
0.14
0.13
0.85

MJ481
MJ491
MJE521
MPSA05
MPSA12
MPSA14

2N3442
2N3704
2N3707
2143711
2N3819
283904
283906
2N4058
2N4062

1.20
0.10
0.10
0.09
0.23
0.17
0.20
0.12
0.11

40361
40362
BC107
BC108
BC109
BC125
BC126
BC182K
BC2 12K

0.40
0.45
0.10
0.10
0.10
0.15
0.15
0.10
0.12

80530
EIDY56
BF 257
BF259
BFR39
BF R79
BFY50
BFY51
BFY52

0.85
1.60
0.40
0.47
0.25
0.25
0.20
0.20
0.20

MPSA55
MPSA65
MPSA66
MPSL105
MPSU55
SN72721P
51,172748P
TIP29A
TIP30A

1.20
1.30
0.60
0.30
0.55
0.35
0.35

0.35
0.40
0.60
0.70
0.58
0.58
0.50
0.60

TIP29C
TIP30C
TIP31A
TIP32A
TIP33A
TIP34A

0.71
0.78
0.60
0.70
1.00
1.50

TIP41A
TIP42A
IN914
IN916
15920
5E105

0.74
0.90
0.07
0.07
0.10
1.20

U.K. ORDERS - Post free (mail order only)

for further information
please write for FREE LIST

OVERSEAS - Postage at cost + 50p special packing

V.A.T. Please add 10%*
to all U.K. orders

POWERTRAN

(4 or at current rate if changed)

SEE FOLLOWING PAGE
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FROM THE SPECIALISTS- POWERTRAN
ELECTRONICS

WIRELESS WORLD AMPLIFIER DESIGNS
Component
with

packs for a choice of three outstanding amplifiers are stocked together

packs for a regulated power supply suitable for use with a pair of any of them.

Also stocked are packs for a very well established pre-amplifier - the Bailey - Burrows

STUART TAPE RECORDER

design which features six inputs, a scratch and rumble filter and wide range tone
controls which may be either rotary or slider operating.

A

30W BAILEY
Pk. 1 F/Glass PCB
Pk. 2 Resistors, capacitors, pots
Pk. 3 Semiconductor set
30W BLOMLEY
Pk, 1 F/Glass PCB
Pk. 2 Resistors, capacitors, pots
Pk. 3 Semiconductor set
20W LINSLEY-HOOD
Pk. 1 F/Glass PCB
Pk. 2 Resistors, capacitors, pots
Pk. 3 Semiconductor set

£0.80
£1.75
£4.70
£0.85
£2.15
£5.60
£0.85
£2.40
£3.35

60V REGULATED POWER SUPPLY
Pk, 1 F/Glass PCB
£0.75
Pk. 2 Resistors, capacitors, pots
£1.40
£3.10
Pk. 3 Semiconductor set
BAILEY-BURROWS PRE-AMP
£2.05
Pk. 1 F/Glass PCB
Pk. 2 Resistors, capacitors, pre£4.95
sets, transistors
Pk. 3R Rotary potentiometer set £1.60
Pk. 35 Slider potentiometer set
(with knobs)

£2.70

set

of

three

printed

circuit

boards

has

been

prepared for the stereo integrated circuit version of
this

high

performance

Wireless

World

published

design.
£0.90

TRRP Pk 1

Reply amplifier F/Glass PCB

TRRCPk 1

Record amp./meter drive cct.

TROS Pk 1

Bias/erase/stabilizer cct.

£1.40

F/Glass PCB

£1.00

F/Glass PCB
For details of component
please write for free list.

packs

for

this

design

TOROIDAL T20 +20

20 WATTS/CHANNEL

)eveloped from the famous Practical Wireless Texan
Designed by Texas engineers and published in
a series of articles in Practical Wireless. The
TEXAN was a remarkable breakthrough in
delivering true

Hi -Fi performance at excep-

tionally low cost. Now further developed to
include
slimline

a true

Toroidal

integrated

transformer,

circuit

upon a single F/Glass

design,

this

based

PCB, features all the

normal facilities found on quality amplifiers,
including scratch and rumble filters, adaptable input selector and headphones socket.

FREE

TEAK CASE and HANDBOOK
with full kits

KIT PRICE only

£28.25
post free (U.K.)

Pack
I

1.

2.
3.
4.

II

1'

ACTIVE FILTER CROSSOVER
An essential and critical component in a high quality speaker system is the crossover unit
conventionally comprising of a series of passive networks which unfortunately, though introducing reactive impedances between the amplifier and the speakers, result in the loss of the
advantage of high amplifier damping factor and renders the speakers prone to overshoots and
resonances. An elegant solution to this problem, described by D. C. Read in Wireless World,
involves the use of a series of active filters splitting the output of the pre-amplifier into three
channels, of closely defined bandwidth, each of which is fed to the appropriate speaker by its
own power amplifier. A design for a suitable 20 Watt amplifier, based on a proven Texas
circuit, was also described by Mr. Read. The printed circuit boards for this has been designed
such that three amplifiers may be stacked and mounted together on a common heat sink to
achieve a conveniently compact module.

ACTIVE

FILTER

Pack
1 Fibreglass PCB (accomodates all filters for one
channel)
1.05
2 Set
of
pre-sets, solid
tantalum capacitors, 2%
metal oxide resistors, 2%
polystyrene capacitors
4-2o
3 Set of semiconductors
2-65
2off each pack required for stereo
System
SUITABLE ALSO FOR FEEDING
ANY OF OUR HIGH POWER
DESIGNS

READ/TEXAS 20w amp.
Pack
1 Fibreglass PCB
•70
2 Set of resistors, capacitors pre-sets (not Including 0/P coupling capacitors)
1-10
3 Sets of semiconductors
2-40
6 off each pack required for stereo
system
4 Special
heat
sink, assembly for set of three
amplifiers
85
5 Set of 3 0/P coupling
capacitors
1-00
2 off packs 4, 5 required for
stereo system

POWER SUPPLY
FOR 20W/CHANNEL STEREO
SYSTEM
Pack
1 Fibreglass PCB
•50
2 Set of rectifiers, zener
diode, capacitors, fuses,
fuse holders
2.60
3 Toroidal transformer
4.95

5.

6.
7.
8.
9.

10.
11.

12.
13.

Set of all low noise resistors
Set of all small capacitors
Set of 4 power supply
capacitors
Set of miscellaneous parts
including DIN sockets,
fuses, fuse holders, control
knobs etc.
Set of slide and pushbutton
switches
Set of potentiometers and
selector switch
Set of all semiconductors
Special Toroidal Transformer
Fibre Glass P.C. Panel
Complete chassis work,
hardware and brackets
Preformed cable/leads
Handbook
Teak Cabinet

Price
£0.80
£1.50
£1.40

£1.90
£0.90
£1.45
£8.25
£4.95
£2.50
£4.20
£0.40
£0.25
£2.75

V.A.T. Please add 10%*
to all U.K. orders
(*or at current rate if changed)
U.K. ORDERS-Post free (mail order
only)
OVERSEAS-Postage at cost + 50p
special packing

Dept. H.F. D.

POWERTRAN ELECTRONICS
ENQUIRIES WELCOME
For quality sets of speakers
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PORTWAY INDUSTRIAL ESTATE
ANDOVER, HANTS SP10 3NN
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This is
our best seller
131-PRE-PAK
ger

Suppliers
of
semi-conductors
to the world

o
The first to pre-pack electronic components in the U.K.
No commotion with those who followed us and imitated our name

Fill
in the
e
cou
pon
below
and send
1

Our best seller is compelling reading—a full
Ie
list of the amazingly comprehensive range
I
of semi-conductors and many fascinating
I
it to Dept. HD
electronic components. The climax is the
,/ BI-PRE-PAK LTD
excitingly low prices that will surprise
/' 222-224,
VVestcl
W.est Road,
iff-on-Sea
and delight you. It's free and it's got /
Essex SSO 9DF
something for everyone that's why'" Name
it's our best seller ... and your
# Address
best friend.
I
/

,
WorldRadioHistory
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Bailey-Burrows Preamplifier
2—Practical low-impedance circuits
by B. J. C. Burrows,

B.Sc.

This article gives full circuit details of an
economy and a high-performance preamplifier which use anew design principle
to provide optimum performance from
stereo and mono ceramic cartridges.
Many ceramic cartridges are capable of
a very high standard of performance—but
this is seldom realized in practice. This is
because conventional pre-amplifiers cannot
cope satisfactorily with the wide range of
electrical parameters encountered in
different makes of ceramic cartridge.
The two factors that cause the problems
in pre-amplifiers for piezo-electric cartridges are (i), self capacitance, and (ii), the
degree of built-in mechanical equalization.
In conventionally designed circuits using
high-value load resistances (1— 2Mi2), the
pickup self-capacitance has a profound
effect on low-frequency performance and
hence on the rumble performance. Fig. 1
shows curves of output voltage against
frequency for two well known pickups
when operated into a conventional preamplifier with 2MÛ input impedance.
These show that the overall frequency
response is far from flat.

Typical pickups vary in capacitance
from 200pF to greater than 1500pF, and
with manufacturing tolerances plus the
uncertain nature of the lead capacitance an
overall variation of 180pF to >2000pF is
possible. To obtain good I.f. performance
with 180pF needs a loading resistance of
18Mû (not
1—M £2 as commonly
provided). If !8Mû were used with apickup
of 2000pF the bass turnover frequency
would be 4.5Hz! This of course would
result in very objectionable rumble and 1.f.
(a) 9TAHC into

2mn

2mn

(b) SCUI into

and 100pF load

load

12

6
dB o
-1220

(a)

(a)

50 100 200 500 1
n
k 2k

5k 10k 2Ók

Frequency (Hz)

Fig. 1. Voltage/frequency curves of two
well-known ceramic cartridges when used
with a conventionally-designed pre-amp
with R in--2MS), and a flat frequency
response.

arm resonancet problems.
Conventional pre-amplifier designs do
not allow for built-in mechanical equalization which varies from one pickup to
another, and unfortunately the usual type
of tone controls are not suitable for providing the necessary correction.
We can draw up alist of performance
characteristics which an ideal pre-amplifier
should possess:
(1) 1.f. performance independent of cartridge capacitance;
(2) accurate rumble filtering independent
of cartridge capacitance;
(3) means of correcting for variability in
mechanical equalization (i.e. some
form of 'tone balance' control).
(4) ability to cope with pickups of widely
differing output voltages.
To these may be added: low noise, low
distortion, good overload capability, builtin tone controls, etc.
Economy pre-amplifier
The complete circuit of the economy
design is given in Fig. 2 for apositive h.t.
tSee Appendix II.
+20-22V

+1.

18k

Aux. (tuner)

lc:P:4i.

470k

25V

f— s
lo

2.5mA
Adjust to
give correct
ht. rail
voltage

33k t

* 10k
C3
100p

50ja

0.047p.

25V
2.7k

Ceramic
or
crystal pickup

TREBLE
20k
lin.

t
1M
Aux.
A

/ , TONE BALANCE
'\ %...2

R1
50k or
100k lin.
or select
on test

18k

t

150k

Gram.

Á

68k

-

0-047»

R2 t
10k

10k log
VOLUME

Tr 2
BC109

t56k

820
10k

47k
680

10k

6V

10k loglantilog
BALANCE
(stereo only)

t Metal oxide or other low noise type
* 5% or better (preferably 2%)
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Table of values for C„ C, & R, in economy circuit.
Cartridge type

Decca Deram
1
Goldring CS91E
Goldring CS90
1
Sonotone 9TAHC J
Connoisseur SCUl
B.S.R. SC5M
Acos GP94/1
Garrard KS40A

C2

3.3nF

0.1uF

3.3nF

0. 1#F

3.3nF
10nF

r--

Eti
_J

Cp= pickup self- capajtarLe
Ir RB x C B =318µs•.,. tnen for a flat
fr,qu ,n.:y response

RA (
CA+Cp)=

3184sec

Fig. 3. First-stage design of equalization
circuit.

RA = R0 /4
12

RA =R0/2
RA =Ro
RA= 2R0
RA 4R0

6
dB 0
—6
—12

20

III

50 100 200 500 1k 2k

Comment

low output

0.1gF

18-27k9
56k ST
56k9
22k.Q
o

6.8nF

22-56k9

high output

medium output
medium output

rail system. A negative h.t. rail version is
given in Appendix I. For normal use connect
A to À' and B to B' and use full circuit. For
ultra-economy operation with any of the
pickups except the Deram or CS91E, the
second stage may be omitted by connecting
A direct to B' and omitting the intervening
circuitry associated with Tr,. Thus avery
good, yet simple, gramophone amplifier
may be built by using only Tr, and Tr,
directly connected into an amplifier with
1
00mV sensitivity fo rfull output.

:c-

L__

R,
(optimum value)

C,

III

5k 10k2Ok

Frequency (Hz)

Fig. 4 Operation of tone-balance control,
RA in Fig. 3.

Design principles of equalization stage
Last month the merits of the shunt feedback
(or virtual earth) amplifier were mentioned
as being very suitable for ceramic pickup
equalization. Further, it was shown that
loading the pickup with alow impedance
had no effect on its internal e.m.f. In the
present design, then, the effects of the
variability in capacitance have been eliminated by swamping the pickup in every
case with a shunting capacitor of 3.3nF or
more. An input resistor of 75k9 then gives
an input time constant of 318p s(equivalent
to 500Hz); to match this, the feedback
circuit has a time constant of 318ps also
(see Fig. 3); the complete circuit has aflat
frequency response:
Vo
RB Cp+CA
—
E =constant =R A —
CB
If any one of the components suffixed A or
B is made variable, a'tone balance' type of
control is achieved in a much simpler
manner than circuits described previously'.
RA is the best one to vary and provides

FIDELITY DESIGNS

performance variation as in Fig. 4. The
value of RA to give an overall flat frequency
response is termed R„. In practice only
values of RA between R, and R0/4 are
needed to fully correct all ceramic pickups
for their lack of complete mechanical
equalization, e.g. the Sonotone 9TAHC
pickup needs RA =R011.8 and the Connoisseur SCUI needsR A =R G/4.
With an infinite gain amplier in Fig. 3,
overall gain is flat down to d.c. theoretically. This is no use in audio work because
of rumble and the Lf. arm resonance. Some
form of rumble filtering is essential and
may be built into the equalization stage by
using the circuit due to P. J. Baxandall 2.
The essence of this circuit is in Fig. 5, and
its performance in Fig. 6.

Economy pre-amplifier specification
rated output
distortion (1KHz)

500mV r.m.s.
0.1% at maximum recorded level
noise
below audibility at normal
listening level
hum
depends on layout and ht.
decoupling
overload capacity
>6dB above maximum
recorded level
sensitivity
full output for pickup with
50mVcrri/sec
sensitivity is reduced by raising C., and lowering C,
to keep C, C2/1C,=C,IZ
4000pF
input impedance
not applicable
(68k9
for
aux
input
connected as shown)
disc equalization

rumble filter

low-pass filter

tone controls
current consumption

in conjunction with the
better
ceramic
pickups
can be adjusted to flat
+1.5dB
30Hz-10KHz.
Low-frequency
performance independent of pickup capacitance.
18dB/oct. f
o=50Hz
independent of pick-up
capacitance
fixed, C2=-100pF
gives t_ 3dB =12KHz
Scale C2 up in proportion
for low f_ 3d p
h.f. about +14dB
If, about + 14dB .
2.5mA.

30
0

C) Without

6dBloct

0 Circuit as drawn, Q =1, but with
Cp and C
A added as in Fig.2

6dBioct

co

RD ,and C c short circuited

® Circuit as drawn, 0 =1

20

—

Rc or

0 Circuit as drawn, Q-1, with Cp, CA and
extra 6d B/Oct CR circuit added

10
0

Design formulae for Q=1
(1)

Choose Rc

(2)

Make RB several times Rc

(3)

CB —

1

(
c

20

2/r Rc

18dBioct

(Cc

(5)

12dB

2/rtiRB

c

(4)

(j)

10

RD = Re (

Rc

CB RB )2

Cc RcCe,RB

Fig. 5. Baxandall bass lift-and-cut circuit.

—30
1

50

100

200
500
Frequency (Hz)

1000

2.000

Fig. 6. Performance of circuit of Fig. 5 withfo=50Hz andf, =500Hz.
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( '5 Recordin g

IMic.

)output

+20 V
22k

BC109

/Tuner

0'O47
e

0.471z.

1:Tape

O

BC109

Disc,
‘magnetic

I
(

2.7k
BASS
100k
iin

BC109

0'047z

TONE
BALANCE
Dis ,
\ceramic

BC109

1> 82k

Output

1k

00k
log
VOLUME

k log
SET LEVEL

10.000p
(11kHz

BALANCE
50k lin

47k

40,000p
(4kHz)

s

T Metal oxide or low noise type
3.3k

38k

To second
channel
output

*5% or better

15k

1
*39k

4.7k

*2,000p
*

1M
sib

*82k

1,000p

*

1M

O

3,00

12
6

3,000p

dB 0

Fig. 7. Complete circuit of one channel of 'Bailey pre-amplifier'. No circuit changes are
required for derent ceramic pickup cartridges, only adjustment of 'tone balance' and
'set level'.

1

If afurther high-pass RC filter is added,
1
A—21r Rc
where a flat response to nearly 50 Hz is
achieved with arapid turnover to aslope of
18dB/octave to attenuate rumble. Finally,
with RA adjustable, the tone balance facility
is still retained as with the basic circuit of
Fig. 3. It is common to design rumble
filters with cut-off frequencies much lower
than 50Hz; but, to achieve adequate attenuation at 25Hz—a common frequency of
the 1.f. arm resonance—a high value off, is
required. The actual circuit of Fig. 2
achieves — 28dB at 15Hz and — 15dB at
25Hz. In practice this is very satisfactory.
The
economy-design
pre-amplifier
closely matches the theoretical performance
of Figs. 4and 6and provides excellent bass,
good balance and excellent freedom from
rumble. As shown in the table relating
to the main circuit, the only circuit
changes needed to accommodate different
pickups are for curbing those with avery
high output voltage with a capacitive
divider. In connection with the table of
values given for the input capacitors it is
very important to stress that the values
given must be used as specified and that the
manufacturers' recommendations regarding
load impedance and equalization must be
totally ignored. This circuit has been
specifically designed to take care of all the
loading, matching and equalization factors
and no further components are needed.

High-performance pre-amplifier specification
rated output
harmonic distortion
noise

hum
overload capacity

sensitivity

input impedance

disc equalization

500mV r.m.s.
0.02% at rated output
—60dB all inputs
—80dB for tuner and aux
inputs
negligible with good layout
23dB over whole audio
range, infinite for tuner and
aux
tuner 250mV
aux 250mV
disc magnetic 3mV
disc ceramic 20mV
tape 4mV
mic 10mV
tuner, aux 60-100K0
disc magnetic 47K.2
disc
ceramic frequency
dependent
tape, mic 47KS)
magnetic—RIAA to within
+ 1dB ceramic—can be
adjusted
to
give
flat
response
± 1dB If.
response independent of
cartridge capacitance

71i.p.s. with RF8 = 39KS?
15i.p.s. with RF8 =- 113KS2
3ii.p.s. with RF8 = 82 KS)
rumble filter
modified
design
giving
higher cut off frequency:
response
at
25Hz
is
—15dB
switched, flat or cut off
low-pass filter
at any frequency from 4 to
11KHz (see Ref. 71
Baxandall type
tone controls
treble +16dB at extreme
bass +20dB at extreme
7mA
current consumption
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tape equalization
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-

-12
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I

50 100 200 500 1k

2k

J

5
Ik 10k 20k

Frequency (Hz)

Fig. 8. Measured voltage/frequency curve
for a 9TAHC operating into an 'economy
design' circuit with RA =R o11.8. The curve
for the SCUl would be just as flat, but
withR,=R o14.
The economy circuit as described fulfils all
the design criteria enumerated earlier
except for the slight inconvenience of
changing two capacitors if pickups of
widely differing output voltages are
exchanged. The noise performance is very
good with all the cartridges listed apart
from two (the CS91E and Deram) with
which it is satisfactory for everything but
the most ex acting requirements.
High performance pre-amplifier
This is based on the Bailey' design of 1966
but with all the subsequent modifications
to improve the filter4 and tone control'
circuits, plus the addition of a complete
ceramic-pickup equalizing circuit achieving
the same performance with ceramic cartridges as the economy pre-amplifier. The
complete circuit is given in Fig. 7, which
also incorporates one further modification
to raise the cut-off frequency of the rumble
filter in accordance with the design philosophy discussed in Appendix II. Equalization for magnetic pickups has been retained
and is selected by the input selector switch.
The 'set level' control needs amention. To
avoid overloading the input stage, adjust
the set level control with any particular
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1 220k
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20k
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0.1

10k log
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100k
lin
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6.800p
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0.047»
0.047
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or
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«1.. 0.01e

Zah
50»
25V

56k 1

150k

10k

5.6k

25V

TMetal oxide or low noise type
*5% or better

Fig. 9. Economy circuit arrangedfor negative h. t. rail. For values of C„ C2,and R„ see table earlier.
cartridge to give comfortable listening
level with the main volume control at about
half of its maximum rotation. This control
need be only apreset with screwdriver slot
adjustable from the back of the preamplifier. The tone balance could be the
same, or it could be brought out as afront
panel control, or as askeleton pot mounted
internally or even a 'select-on-test' fixed
resistor.
On paper, the specification of the high
performance pre-amplifier looks most
impressive, but subjectively the economy
version is very good indeed, and both
represent a considerable improvement on
conventional designs in that reproducible
low-frequency
performance,
effective
rumble filtering independent of pickup
èapacitance, and asimple means of correcting for partial mechanical equalization have
been incorporated. Fig. 8 in conjunction
with Fig. 1gives acomparison of the performance of the Sonotone 9TAHC and
Connoisseur SCU1 using conventional
loading (2MQ plus flat amplifier), compared
with the measured results on the author's
9TAHC using the economy circuit.
The calculated performance of the
Connoisseur SCU1 with
R0/4 is a

e,

straight line coincident with the OdB line
on Fig. 8, although in practice there would
be avariation of up to + ldB about the OdB
line.
Modifications to provide a similar standard of performance with the Dinsdale
Mark Iand Mark II pre-amplifier circuits
were incorporated in aprevious article 6.

Appendix I
Alteration of economy circuit for negative
h.t. rail operation, e.g. from agermaniumtransistor amplifier like the Dinsdale
Mark Ior II, is basically to return all elec-

trolytic capacitors to the positive potential
rail, viz, the earth line (see Fig. 9). There
are no modifications to circuit values apart
from the voltage rating of the electrolytics.

Appendix II
Arm resonance (1.f.) is the tendency toward
damped oscillation at alow frequency and
is exhibited by most pickup arms. It has the
effect of greatly increasing the cartridge
output voltage at or near the resonant
frequency. The frequency, fi
ff is normally
in the range 10-25Hz, so its effect is to
greatly increase rumble. The frequency of
the oscillation is:
1
fif= 27/-VMC Hz
M is the mass of cartridge plus effective
mass of arm measured at cartridge.
C is the compliance of stylus cantilever
suspension. With M in grams, C is in
cm/dyne.
With modern high compliance cartridges it
is desirable to keep M very low—hence
lightweight headshells—to make fe as high
as possible. Generally speaking the lower
the frequency of resonance the higher the
Q, and vice versa. But a higher resonant
frequency is more trouble electrically. A
low-frequency high-Q resonance causes
mechanical difficulties—the pickup tends
to leave the record surface when excited.
A resonance at 25Hz is acceptable mechanically if the Q is low enough and its electrical effects can be removed with asteep
slope filter. Below this resonant frequency
the cartridge output voltage falls off very
sharply indeed (24dB/octave) thus providing the required severe attenuation of
sub-audio frequencies.
With regard to pre-amplifier design, the
point to note is that the highest amplitude
rumble components will be at, or near, the
WorldRadioHistory

1.f. arm resonance. A filter in the preamplifier should ideally provide 12dB or
more of attenuation at 25Hz, yet not interfere with 1.f. audio response. A cut off
frequency of 50Hz with slope approaching
18dB/octave is a very good compromise
since it causes very little error in the R.I.A.A.
equalization, yet gives — 15dB at 25Hz and
— 25dB at 15Hz.
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THE NEW NELSON-JONES FM TUNER

Lye

QÇÇ

PUSH-BUTTON VARICAP DIODE TUNING
(6 Position)
('WW . JUNE' 73)

4(g

Exclusive Designer Approved Kits

What are the important features to look for in an FM tuner kit? Naturally it must have an attractive appearance when built, but it must also
embody the latest and best in circuit design such as:
MOSF ET
Front end for excellent cross modulation performPHASE LOCKED
Stereo decoder with Stereo mute, see below.
ance and low noise.
LED
fine tuning indicators.
3 GANG
Tuning for high selectivity.
PUSH BUTTON
tuning (with AFC disable) over the FM band.
VARICAP
tuning diodes in back to back configuration for low
(88 -104).
distortion.
IC STABI LISE D
and S/C protected power supply.
CERAMIC
IF filters for defined IF response.
CABINET
veneered inside and out.
INTEGRATED circuit IF amplifiers for reliability and excellent
limiting/AM rejection.
The Nelson-Jones Tuner has all of these features and many more, and more importantly the design is fully proven not just with afew prototypes
but with many thousands of working tuners spread across the world. (First introduced as variable capacitor tuned: April 1971).
Typ. Specn, 20dB quieting 0.75uV. Image rejection

- 70dB.I.F. Rejection - 85dB-I

Our low cost alignment service is available to customers without access to a signal generator.

PHASE LOCKED STEREO DECODER
PORTUS AND HAYWOOD
Now with free

LED 'stereo on'

light — complementing this superb decoder (W.W. Sept. '70) featuring 40dB separation up to 15k

Hz.

NO

COILS. Negligible spurious tones (birdies). Simple setting up. Suitable for wide variety of tuners including the NELSON-JONES TUNER as
above.
Still the lowest distortion P.L. decoder available. THD typically 0.05% (at Nelson-Jones Tuner 0/P level)! Supplied complete with Red LED.

NEW LOW COST
STEREO TUNER

No alignment required. Mullard LP1186 front end module used with Ceramic IF
and IC amplifier. Push button tuning (6 position) with Interstation Mute, restricted range AFC, single LED tuning indicator, phase locked IC decoder, and
complete metalwork and veneered cabinet. Complete with IC regulated PSU and
full assembly instructions. (Mechanically identical to N-J Tuner.)

TYP. SPECIFICATION
211V for 30dB S/N
Image rejection 40dB
IF rejection 65dB

INTEGREX LIMITED, P.O. Box 45, Derby DE1 1TW

NEW STANDARD CASES from OLSON
NEW SERVICE FROM STOCK -DESPATCHED BY RETURN OF POST

p..-_____,„‘mfarerereeraff
,)

PRICES IN CURRENT
ISSUE OF
WIRELESS WORLD

Cases
made from
20swg. zinc coated
m/s. Front and rear
panels 16swg. aluminium. Cases finished
in Olive green hammertone with front
panels in light straw
shade 384. All cases
fitted with ventilated
rear panels and a
very
attractive
chrome plated retractable leg can be
fitted as an optional
extra.

Our Trade Counter is open for personal callers from 9 a.m. to 5.30 p.m. Monday-Friday

OLSON ELECTRONICS LTD., FACTORY NO. 8, 5-7 LONG ST., LONDON E2 8HJ. TEL: 01-739 2343
WorldRadioHistory
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30-watt High Fidelity Amplifier
Output stage using complementary transistors
by Arthur R. Bailey*, M.Sc., Ph.D., M.I.E.E.

e

/4

It is only recently that matched complementary output transistors, capable of high dissipation, have been available at a
reasonable price. In the past this has had the effect of concentrating high power amplifier design into two main streams.
The first uses adriver transformer with apair of identical output
transistors in a series connection. The use of a driver transformer is undesirable mainly on account of the cost, as the bandwidth of a well designed component may well extend from the
sub-sonic region up to several megahertz. Nevertheless acircuit
that does not require the use of such acomponent will obviously
be at an advantage.
The alternative circuit that has been used by many designers
is the quasi-complementary output stage. In this design identical
output transistors are used and a complementary pair of driver
transistors is arranged so as to give phase-inversion to the bases
of the two output transistors. These two circuits are shown in
Figs. 1(a) and 1(b) respectively. A correctly designed fully complementary output stage (Fig. 1(c) shows the basic arrangement) is
capable of better performance than either of these common
circuits and the reasons for this will be examined.
Compared with the quasi-complementary amplifier, the
transformer-driven amplifier has the great advantage that the
input impedances to the two sides of the output circuit are
identical. This means that if asuitable quiescent current is used in
the output transistors, cross-over distortion will be almost
completely absent.
The quasi-complementary amplifier, however, gives greater
overall distortion even if identical output transistors are used.
This increase is due to the different input impedances of the two
halves of the output stage in the quasi-complementary circuit.
In the upper half of Fig. 1(b) the input impedance is due to two
emitter-base junctions in series, whereas in the lower half the
signal feeds into only one transistor. The effect of this is an
extremely marked asymmetry between the input impedances of
the upper and lower halves of the output stage. Unfortunately
the two input impedances cannot be equalized by the use of a
series resistor as the curvature of the two stages is completely
different. This dissimilarity of curvature can be seen in Figs. 2
and 3, these being the transfer characteristics of the upper and
lower halves of an output stage using matched transistors.
•University

of Bradford

Specification
Sensitivity
Rise time
Distortion

Load stability
Abnormal load protection

Noise
Hum

Distortion generated

Input

(a-)

n-p-n

Input

Output
P-n-P
P-n-P
(b)

(c)

Fig. I. Direct-coupled output stages: (a) with driver transformer;
(b) quasi-complementary; (c) fully complementary.

The dissimilarity in input impedance is most marked at low
values of collector current. Hence in the case of aclass B output
stage there is an abrupt change in slope at the cross-over point,
giving rise to the well known phenomenon of cross-over distortion. This distortion may not be particularly serious when
measured on an r.m.s. basis, but as it unfortunately occurs mainly
within asmall part of the overall output swing, the peak value of
the distortion can be surprisingly high. Also the distortion does
not normally decrease appreciably as the output swing is reduced, since the effect is occurring at small signal levels. The
overall effect is quite serious, therefore, and the ear seems to be
very sensitive to such types of distortion.
This then is perhaps the reason why two amplifiers may sound
quite different even though their 'paper' performance may be
identical on the basis of normal amplifier measurements. Very
1.0 volt for 30 watts into 8-ohm load
few valve amplifiers suffer from cross-over distortion, and this
0.8 volt for 20 watts into 16-ohm load
may be the reason why the best valve amplifiers are difficult to
approximately 0.7 microsecond
evaluate on subjective tests. Certainly there are much greater
below 0.1% over the whole of the
audio-frequency range at rated power
subjective differences between the performances of current tranoutputs
sistor amplifiers.
unconditional
provided
adequate heat sinks are
If cross-over distortion is present it would appear that the
used the amplifier will not be damaged
common 0.1 per cent harmonic distortion rule for an acceptable
by operation into incorrect loads
better than 80 dB down on full power
limit at peak output is no longer valid, and at least one manuoutput
facturer is working on the basis of far lower distortions being
depends on layout if stray hum fields
necessary.
exist.
Negligible hum in output• if
normally smoothed supplies are used.
There appear to be two ways of tackling this problem. The
predominantly third harmonic. crossfirst is to use a larger value of overall feedback so as to reduce
over distortion being absent.
WorldRadioHistory
the effect to inaudible proportions. The main drawback with this
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method is that high values of overall feedback make the amplifier
closer to instability, and it may be difficult, if not impossible, to
achieve a reasonable stability margin. Stability may then be
obtained by decreasing the cut-off frequency of astabilizing stepnetwork, but this has the effect of decreasing the available power
at high frequencies as well as degrading the distortion characteristics at high frequencies.
Complementary Symmetry Output Stage
In view of these considerations the author decided that the
best line of approach was to use afully symmetrical output based
on complementary transistors. With such a symmetrical system,
there is no difference between the input impedances in the upper
and lower halves of the circuit. From the basic circuit in Fig. 1(c)
it will be seen that both halves of the circuit have the same input
impedance characteristics because of their, identical configurations. By a suitable choice of standing quiescent current, crossover distortion can be reduced to levels where it is extremely
difficult to detect. This absence of cross-over distortion means that
perfectly satisfactory results will be obtained if the overall distortion factor of the amplifier is similar to that commonly found
in valve amplifiers, i.e. about the 0.1 per cent mark. In fact lower
distortions than this are possible while maintaining both unconditional load stability and good high-frequency performance.
During the development of this amplifier it was discovered
that the overall performance was not as good as might have
been expected from the output stage characteristics. This distortion increase was traced to the common-emitter amplifier
stage that drives the output stages. This is transistor Tr 3 in the
complete amplifier circuit shown in Fig. 4. The effect was found
to be caused by Early effect", the high collector voltage swing
modulating the gain of the stage. In fact the overall distortion
was approximately three times that which would have been
expected. As this effect depends entirely on the design of the
transistor in use, it was necessary to select a suitable transistor
type for this position in the amplifier. This source of distortion
seems to have been largely overlooked in the past, but it is obviously apossible source of extremely bad distortion. In addition,
the high-frequency distortion was found to increase more rapidly
than was expected and this was traced to the modulation of the
collector-base capacitance of this transistor. The high collector
voltage swing was causing non-linear capacitive feedback, and
this in turn was increasing the high-frequency distortion. Again
the only cure is by transistor selection. The type used appears to
be the best currently obtainable, and the distortion 'introduced by
these effects is below that of the output stage proper, over the
whole of the audio-frequency range.

Fig. 2. Transfer characteristic of upper half of Fig. ¡(b).

Fig. 3. Transfer characteristic of lower half of Fig. ¡(b).
For low distortion at high frequencies, it is essential that the
transistors should have as high a cut-off frequency as possible.
Planar transistors are used in all but the output stage to give this
bandwidth. The output transistors used have acut-off frequency
of several megahertz and this enables low distortions to be obtained at 20 kKz at full power output.
The design of the remainder of the amplifier circuit is fairly
straightforward. The input stage is a common-emitter amplifier,
but the current and voltage swings associated with it are very
small, so there is little difficulty in the operation of this stage.
To correct for the emitter-base voltage change of this input stage
with temperature, a transistor is used to regulate the base supply

Fig. 4. Circuit of complete power amplifier. The transistors used are: Tr i-40361 (R.C.A.) ;Tr,—BC109 (Mullard); Tr 3-40362 (R.C.A).; Tr,—
BC107 (Millard); Tr,—BC125 (Fairchild); Tr,-40361 (R.C.A.); Tr,—MJ481 (Motorola); Tr,—BC126 (Fairchild); Tr,-40362 (R.C.A.); Tr„—
MJ491 (Motorola). Note that C, is areversible electrolytic and could be made up of two 4000-FF polarized electrolytics connected back-to-back'.
+33V supply
250k

CI
IOM. 3V

C2
1.25/2

R10
470

11

R3
47k

R1

Non-inductive or
very small diameter
ioturns zos.w.g. enamelled wire
1
/
2 dia. former, random wound
(not critical)

C3
220p

I•5k

Input

at 600mA max.

R20
3.9k

R14
3•3k
10
6

R2
22k

R26

cp2f1

C7
2,000k.i
25V a.c.

Output
to speaker

0
0.047y
R12
1k

Feedback resistor
carbon film or metal-oxide type
C4
50y
25V

R16
100

actually two loft-05W
resistors in parallel
R17
3.9k

3oV supply
at 800mA max.
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Resistive load=i611

01 f
20 watts
e
5watts

E
2

100

10k

1k

SOk

Frequency (Hz

Fig. 5. Distortion characteristics of amplifier with I6-ohm load.
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50k

10k

1k
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Fig. 6. Distortion characteristics of amplifier with 8-ohm load.
0.2

Test frequency= 1kHZ
o
•_

80.
load

1
5
,0•I

E

16D
load

Distortion below
noise level

o

10
Power output Iwatts)

20

,

Clipping level
1611 load

30

40
Clipping level
8(1 load

Fig. 7. Variation of distortion with output power level.

11)

current. This transistor, Tr2,operates as arather crude temperature-sensitive zener diode and also as ahum filter. The net effect
is to stabilize the d.c. base current of the input transistor, the
supply voltage to the base of this transistor decreasing with
increased temperature. This stabilization of the d.c. operating
conditions enables the amplifier to deliver full output over awide
temperature range.
The bias for the driver and output transistors is produced by
means of a transistor, Tr4,rather than a string of diodes as is
commonly used. This is mounted in the heat sink of one of the
output transistors, being as close to the output transistor as
possible. This method of compensation works extremely well,
and the transistor type is not critical provided a silicon one is
used. The standing current in the output stage can easily be
adjusted to its correct value (which is not critical) by slightly
adjusting the ratio of the two resistors in the base circuit of the
transistor.
For full power output from the amplifier the d.c. potential
existing at the output of the amplifier proper should be as low
as possible. This can be adjusted by the potentiometer in the base
of Tr '.If this is not done the amplifier will not be able to swing
equally in the two output polarities.
The quoted figures for the amplifier were obtained using
regulated supplies. Unless the amplifier is to be called on to
deliver large sustained outputs, this is not really necessary. On
the other hand, reduced mains voltage will severely restrict the
power output of an amplifier with unregulated supplies. Commercially, a thyristor regulated supply is being utilized, and this
has the two advantages of small heat dissipation and saving in
componenis.

the ultrasonic region. Equally the inductor in series with the
output lead, which improves the stability with capacitive loads,
need have only a very small inductance. This wide bandwidth
gives exceptional high-frequency performance as can be seen
from the distortion figures in Figs. 5, 6 and 7. Unfortunately,
however, wideband amplifiers are very susceptible to layout,
particularly common coupling leads. Provided lead lengths are
kept very short there should be no difficulty, but the author
experienced tremendous variations in high-frequency stability
when brats-nest' construction was used. For this reason the safest
course is to use aprinted circuit, so that the strays can be kept
to a minimum. The design of a suitable board along with its
component layout is shown in Figs. 8 and 9. The performance
details given were measured using this particular layout. The
leads to the output transistors should be as short as possible,
preferably no longer than 3to 4inches. The size of the heat sinks
for the output transistors is amatter of personal choice, the author
having used sinks of finned aluminium about 4 in. by 4in. square.
This size is not really necessary for high-fidelity use, and sinks of
half this size would be adequate provided that extended periods
of testing were not undertaken.
The overall performance of the amplifier is very good, considerably better in fact (on paper) than the best valve amplifiers.
Unfortunately, listening tests have shown that the performance
of the amplifier is only slightly, if any, better than the best valve
amplifiers. Extensive listening tests indicate only avery slight improvement in audible results, the subjective effects being almost
identical. It would therefore appear that any further improvement
will be of no real benefit for high-fidelity applications, the main
need for work here definitely being in the field of loudspeakers,
discs, etc.
Owing to the absence of cross-over distortion, the distortion
at low levels is very difficult to measure and the curves appear in
Fig. 7. The wide bandwidth can be seen from the curves in Figs.
5and 6, where it will be observed that the amplifier will deliver
full power output from 20 Hz to 20 kHz with less than 0.1 per
cent of distortion. Indeed it is possible to obtain about 15 watts
of power at 200 kHz. The square-wave tests are far better than
with any known valve amplifier. Even with pure capacitive
loads there is no tendency whatever towards instability. The
waveforms are shown in Figs. 10, 11, 12, and 13.
The protection circuits of the amplifier operate very satisfactorily, short-circuits and 50 microfarad capacitors giving no
distress to the amplifier whatever. One word of caution is

Fig. 8. Layout of suitable printed-circuit board, actual size.
(Courtesy Radford Audio Ltd.)

Constructional Points
The overall bandwidth of the amplifier is extremely wide and
the stabilizing step-network necessary only becomes operative WorldRadioHistory
in
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Trip
Input (earthy)4

To speaker
(earthy)
Input (live) 4
Blocking capacitor C1
on input socket

J

R1

f
>,
•

To speaker (live)
via C7 & L, R28

Base
Fig. 9. Reverse side of Fig. 8
showing component layout. If the
power supply leads exceed 6
inches in length it is advisable to
connect 8p.F, 50 Vcapacitors
between -30 Vand 0 V, and
between —30 Vand 0 V.

Emitter

Tr 7

Collector
Collector Tr 4

necessary, however; extended tests on low impedance reactive
loads and short-circuits can cause high junction temperatures in
the output transistors because of the finite heat-sink size. Unless
one uses very large heat sinks, it is therefore undesirable to run
the amplifier at full drive for extended periods when applying
such abnormal load conditions. If 16-ohm load operation only is
to be used, then the emitter resistors in the output stage can be
increased up to 0.4 ohm, with a corresponding halving of the
transistor dissipation under abnormal load conditions.
The specification is shown on page 61. The overall sensitivity
may be either doubled or halved by doubling or halving the
value of the 1000-ohm feedback resistor. This has the effect of
increasing the sensitivity at the expense of distortion if the increased amplification is felt to be necessary. With the increased
feedback the overall distortion is halved, and even with this value

Base teed resistors
of Tr 4 mounted on transistor

of overall feedback the amplifier is still unconditionally load
stable.
When the amplifier is operated in the reduced feedback condition for 500-millivolt sensitivity, the author cannot hear any
difference in performance as compared with the halved distortion
characteristic obtained with the 2-volt sensitivity. It appears
therefore that no further improvement in amplifier performance
will be detectable until other limiting factors are greatly improved.
In fact the author has a sneaking suspicion that this may be the
end of the road so far as amplifier design for sound reproduction
is concerned, further improvements being limited to power and
cost.
Reference
1. 'The Transistor' by E. Wolfendale. Heywood & Co., London (1963),
p. 24.

Fig. 10. Square-wave response, IkHz and 8-ohm load.

Fig. 12. Square-wave response, 10 kHz and 0.1-µF load.

Fig. 11. Square-wave response, 50 kHz and 8-ohm load.

Fig. 13. Overdrive with sine-wave input, showing clean limiting
IkHz and 8-ohm load.)
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30-watt Amplifier Modification
Operation from asingle supply rail
by Arthur R. Bailey

m.sc. (Eng.),

Ph.D., M.I.E.E.

The 30-watt amplifier circuit published in the May 1968 edition
of Wireless World utilized two power supplies and anon-polarized
output capacitor. By suitable modifications to the circuit it is
possible to use a single 60-volt supply rail and use a more standard polarized output capacitor. The overall cost then is appreciably reduced as compared with the original circuit. Also if it is
contemplated to use astabilized power supply, only one stabilizer
has to be built.

+20V
To preamplifier

1.5k

CZ6

The modifications are as follows:
I. The 0 and —30-volt amplifier connections are strapped together. This common connection goes to the negative side of the
60-V rail, and the previous +30-V lead goes to the positive side
of the 60-V supply.
2. The output capacitor is now a 2000iLF 50V d.c. electrolytic
with its positive side connected to the amplifier output.
3. The feedback resistor R8 is replaced by a 1.5-k
1-W type,
and its associated resistor R, is increased to 68 ohms.
4. To maintain d.c. balance in the amplifier, R6 is increased to
10 ki2 and R4 to 22 kIl
5. Owing to the changes produced in 4 above, C, is now 10µF
and 12 volts d.c. working.
The d.c. conditions are now adjusted by the potentiometer
P so that the amplifier side of the output capacitor C, is exactly

IA

Fig. 2. A suitable power supply for the modified circuit.

half-way between the two supply lines in potential. The amplifier
performance is not affected appreciably by these modifications—
if anything the overall performance is slightly better.
The design of a suitable power supply is shown in Fig. 2.
The thermistor is included to prevent the charging current in
the output capacitor C, becoming dangerously large at switch-on
and thus endangering loudspeakers. If a stabilized supply is
used, then it can be slugged' so as to give a slow rise in output
voltage at switch-on; this making the thermistor unnecessary.

Fig. I. Modified circuit of complete power amplifier. The transistors used are: Tr i-40361 (R.C.A.); Tr.—BC109 (Millard); Tr.-40362 (R.C.A';
Tr.—BC107 (Mu/lard); Tr s—BCI25 (Fairchild); Tr.-4036I (R.C.A.); Tr 7—MJ481 (Motorola); Tr.—BC126 (Fairchild); Tr.-40362 (R.C.A.) ;
Tr..—MJ491 (Motorola). Changes of values are indicated by black squares.
supplyA
at soomA max.

250k

Non-inductive or
very small diameter

R3

47k

R1
15 k

R26

16turris 20 s.w.g. enamelled wire
le did. former, random wound
(not critical)
C2

2000/2

Input

\

R2
22k

Output
to speaker
•

0047/2

Feedback resistor
carbon filin or metal-oxide type

actually two 1011-0.5W
resistors in parallel
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Modular Pre-amplifier Design
Optimally designed stages that may be used separately or in
several different combinations

Hy J. L. Linsley Hood,

M.I. E. E.

The type of distortion introduced by aclass A transistor amplifier
operating at low signal level will be predominantly second
harmonic and inoffensive to the ear. Although harmonic distortion is aconvenient thing to measure, and makes areasonable
yardstick for comparative purposes, at low levels its presence is
less important than that of the intermodulation effects which it
John Laurence Linsley Hood,
horn in 1925, was educated at
Reading School, Acton
Polytechnic, the Royal Technical
College (Glasgow) and, after the
war, at Reading University. In
1942 he joined the G.E.C.
Research Laboratories at
Wembley, working on magnetron
development as junior member of
a team. ln 1943 he joined the
R.A.F. in aircrew but was
transferred to work on radar. He
subsequently worked with T.R.E.
(Malvern) overseas. After a return
to university he joined the
Windscale Research Laboratories
of the Atomic Energy Authority.
He has been in charge of the
electronics team in the research
laboratories of British Cellophane
Ltd. since 1954.

causes. When a complex signal is transmitted through a nonlinear element, intermodulation products between the separate
components of the signal are formed, and these are readily apparent in the final audible result as a blurring', and loss of separate identity, of the individual components which make up the
whole. A measure of this is the ease (or difficulty) in distinguishing
the words of achoral performance in the presence of an orchestral
background, or in identifying the presence and nature of individual instruments in a large orchestra.
Measurements by a number of workers' have indicated that
the magnitude of intermodulation products can be much greater
than that of the total harmonic distortion level, and the nonlinearities which are likely to be of most importance in this
respect are those at the low- and high-frequency ends of the
audible range.
At the moment, the performance of audio amplifiers is much
superior in this respect to that of f.m. transmissions, tape
recordings, disc replay systems or loudspeakers. However, advances in the manufacturing techniques of gramophone records,
pickup cartridges and loudspeakers have allowed a continuing
improvement in the performance of these in harmonic and i.m.
distortion, and it is clear that any amplifier design offered at this
time should have a very high standad of performance if it is to
remain of continuing value over the next decade.

1k
1k

0•0066m
2.2k

R3
580k
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47k
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Fig. I. A likely combination of stages.
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The author has designed a range of high-quality pre-amplifier
stages. Each stage performs its required operation with negligible
noise and distortion. When joined together, as for example in
Fig. 1, the total harmonic distortion level is below 0.1% over the
frequency range 20 Hz-20 kHz, at any tone-control setting, and
for up to 2V r.m.s. output. Each stage is capable of operating on
its own and has an output impedance low enough for screened
cable inter-connections to be made without high frequency loss.
Magnetic pickup equalization circuit
The required R.I.A.A. replay characteristic can be approximated
by several different circuit arrangements. The most straightforward from the point of view of performance calculation is
that shown in Fig. 2, employing a simple phase-inverting amplifier stage. If the gain of amplifier M is high enough, point Z becomes a virtual earth (see Appendix I), and the input impedance
of the circuit equivalent to that of the input network B. The load
resistance required by the pickup cartridge, usually 47-50 k(2, is
provided by asuitable choice of R I.With resistor R2 equal to R„
stage gain is given by

R, +

R5

at the mid-point frequency (usual-

ly IkHz) if the impedance of C, is large, and that of C3 small, in
relation to R . Since the voltage output to be expected from most
good quality magnetic pickup cartridges is in the range 4-10 mV
for a 5cm/sec recorded velocity, again of 10 is adequate for this
stage. The required replay frequency-response curve shown in
Fig. 3 can be obtained by a suitable choice of C, and C,. Since
the two networks A and B determine the frequency response of
this circuit, it is apparent that substitution of these can be made
to provide a wide range of different performance characteristics
without alteration to the circuit of the amplifier unit M.
The final circuit can be seen at the front of Fig. I. Because
phase inversion between input and output is required, and
because the necessary gain is higher than can be obtained from
any single transistor arrangement, a triplet circuit has been used.
Tr i and Tr 3 are high-gain, low-noise voltage-amplifying stages,
and Tr 2 is aphase and voltage transformation stage allowing the
input transistor to be used in its most linear region. The output
transistor has alow collector load resistance, to reduce distortion
to the lowest possible level.
D.c. working-point stability is ensured by d.c. negative feedback through R3 and R2 to the base of Tr„ and through R4 to the
emitter circuit of the same transistor. The circuit 12 4,C4 and
2
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Fig. 2. Phase-inverting al iplifier stage used to obtain R.I.A.A. replay
characteristic.
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Fig. 3. Required R.I.A.A. frequency-response curve and circuit
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C, also provides the feedback path necessary, in conjunction
with the input capacitor C,, to provide an 18 dB/octave steep-cut
rumble filter, with aturn-over frequency of 25 Hz (see Appendix
Il), and an ultimate attenuation of more than 40 dB at 8 Hz.
Capacitor C, provides phase correction, and is essential for a
clean square-wave response, and freedom from transient ringing,
when used with a capacitive load.
The response of this circuit is particularly good, and it can
deliver up to 1volt output with distortion less than 0.02 % from
100 Hz to 10 kHz.
Stages for ceramic cartridge equalization
Fig. 4 is an impedance conversion stage contributing less than
0.05 % distortion at 1kHz and having aflat response from 35 Hz
to greater than 200 kHz, with 18 dB/octave roll-off below 35 Hz.
This simple stage may be directly substituted for the magnetic
cartridge stage of Fig. I.
Alternatively, should it be required that the pre-amplifier be
able to cope with «
inputs from both magnetic and ceramic
cartridges, then switcliable equalization networks for A and B
can be provided. These are shown in Fig. 5. When used with a
ceramic cartridge the output voltage is from 50 to 200 mV. To
preserve the required shape of the rumble filter characteristic
it is necessary to alter the values of C4 and C, from 25 iLF to
12.5 cF. The pre-amp response is then as shown in Fig. 5, curve I.
The performance of many ceramic pickup/amplifier combinations is disappointing in comparison with that obtainable from
a good magnetic cartridge with asimilar amplifier. This is sometimes due to the mismatching between cartridge and amplifier,
or through inadequate input impedance provision (in the modification shown in Fig. 5this is 4.4 M i/), or due to the failure of the
piezoelectric element within the cartridge to provide the required
equalization for the 12 dB fall in voltage output anticipated when
a recording having R.I.A.A. velocity characteristics is replayed
on a displacement sensitive device. In the latter case, a very
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considerable improvement in the relative performance of the
ceramic cartridge may be obtained by shunting part of the input
resistor in the input network B by a small capacitor. Curves 2
and 3in Fig. 5show partial and complete correction respectively.
Tone-control stage
The tone-control stage is of conventional type, and uses anegative
feedback system derived from the design due to Baxanda11 2.
However, it differs from normal practice in that ajunction field1k

P. U. input

0•047p.
1
1
1
1
Load 50k
`A required
1

Fig. 4. Impedance conversion stage for use with ceramic cartridge.
This may be directly substituted for the magnetic cartridge
stage at the front of Fig. I.
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2Li
16-Max. bass

Max.treble

12
B
4
"Flat*

0
4
1<

8

?

2
6*

n
2

Min. bass

M

In.treble
100

1,000

0,000

40,00C`

Frequency (Hz)

Fig. 6. Gain/frequency characteristics of the tone control stage.
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effect transistor is used as the active element. Field-effect transistors have both lower noise levels and better linearity than bipolar transistors, and in this type of circuit the high input
impedance results in negligible loading of the tone-control
network. The stage gain needed in this circuit requires a high
value drain load resistor, and the f.e.t. must therefore be followed
by an emitter-follower to provide the low output impedance
desired for easy interconnection of the separate units.
If the feedback tone-control network is to perform satisfactorily, both the input and output impedances seen by the network at its ends must be low in relation to the network input
impedance when the sliders of the potentiometers are at the
position nearest to the point being measured. Some form of
impedance conversion circuit is therefore also needed between
the volume control and the tone-control circuit. An emitter
follower is also used at this point. The 0.001 F capacitor in the
emitter circuit of Tr 4 is to avoid the possibility of high frequency
parasitic oscillation occurring if long screened leads are used to
connect the base of Tr 4 to the volume control.
The input to this section is taken through a switch from the
gramophone pre-amplifier section, and other inputs provided
with preset gain-equalization potentiometers. The switch is
arranged to earth the inputs not in use, to minimize breakthrough between programme channels.
The gain/frequency characteristics of the stage are shown in
Fig. 6.
Low-pass filter circuit
The voltage amplifying stage preceding the main amplifier
should include a steep-cut low-pass filter that can be set to
remove unwanted high frequencies. This can be done either by a
suitable LCR filter arrangement, or by an active filter giving
an equivalent performance without the use of inductors. The
circuit arrangements available for low-pass active filters are
shown in Fig. 7. (b) is the well known circuit arrangement first
employed in an audio amplifier design by P. J. Baxanda11 3,and
(d) is the unity gain rearrangementof this circuit introduced by
Sallen and Key'. The frequency response of all of these circuit
arrangements is similar, mutatis mutandis, to that shown in
Fig. 8, and the circuit should be preceded or followed by a
simple RC filter if the type of response shown in the dotted line
is required.
For a given overall stage gain, type (b) gives a much better
distortion factor near the region of cut-off than (a), and (c) is
marginally better than (b) when used with non-linear amplifier
elements. The particular advantage of (c), however, is that it can
be used conveniently with a very low-distortion two-transistor
circuit.
The final stage, with the filter circuitry, is shown in Fig. I. As
a matter of practical convenience, the component values of this
circuit have been chosen so that the required low-pass response
is obtained when all of the capacitors Cx'are of equal value to
each other. The frequency response obtained with agiven value
of `C,' can be found from Fig. 9. The user can interpolate between these to obtain turn-over frequencies at any points to suit
his own requirements. If a ganged selector switch is employed
to give arange of turn-over frequencies, the switch arms (moving
contacts) should be connected to the junction of the resistors
in the RC filter and to the 470 I/ resistor in the main filter network. In Fig. 1the 0.004711F capacitor for 'Ci'results in response
being 3dB down at about 18 kHz. With good quality programme
sources this is arecommended capacitor value.
With capacitors of zero value, the response of the circuit is
flat to about 100 kHz. The user should, however, arrange for the
response to fall off above 25 kHz. (It is unlikely that the listener
will find anything to gain from the parts of the sonic spectrum
beyond this point.)
The optimum performance of this particular type of circuit
arrangement is obtained when the overall gain is about 50 with
feedback. A 20-40 mV input is therefore adequate for this stage
for the output voltages required.
The distortion level of this circuit is less than 0.03 % at 2volts
r.m.s. output or less, at any frequency within the pass band.
The output impedance is less than 150 ohms over the range from
20 Hz to the cut-off frequency selected.
It is convenient, for several reasons, to operate at the 60-100 mV
level through the tone-control stages. At this output voltage level
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the distortion introduced by an RC coupled f.e.t. stage is less
than 0.1 % even without feedback, so that the maximum 'lift'
settings of either 'bass' or 'treble' controls cannot give rise to
unacceptable levels of distortion. It is also large enough for the
noise and inevitable 50 Hz pickup to be unobtrusive. Some attenuation is therefore desirable between the tone control unit and the
steep-cut filter circuit. This is obtained by the preset 2 k û potentiometer in the tone control circuit, which provides a convenient means for setting the overall gain of the amplifier system,
and also as a coarse 'balance control' in a stereo system. Fine
balance between channels is obtained by adjusting the løøû
balance potentiometer in the output stage. This alters the stage
gain over the ratio 6 :10.

Constructional notes
The constructional technique used by the author in building
the prototype of this amplifier is similar to that used in the
10-watt class A design described in Wireless World in April 1969,
with the separate units laid out in mirror image form, as astereo
pair on asingle 4in. Y 4î in. s.r.b.p. pin board. Two units of each
type can be accommodated on each board, laid out more or less
in the form of the circuit diagram (or its mirror image).
In general, reasonable care should be taken to separate input
from output leads, and where the boards are to be mounted as a
group within the same box, it would be wise to interpose asheet
metal screen between them.
The units are separately decoupled by 250 ¡LE' capacitors
from a common 24-volt line, derived from a zener diode stabilized RC filter power supply. This supply is separate from the
main amplifier, and a30 mA output is ample. Details of asuitable
power supply are given in Fig. 10. The expected working voltage
on each of the unit sub-rails is about 15 volts.
Apart from the input transistor in the gramophone pre-amp
unit (Tr i)for which the BC109 is to be preferred, there is no
particular reason why any modern silicon planar types should
not give an indistinguishable performance. For example, the
n-p-n types could be 2N3904, BCI07/8/9, 2N3707 or BCI84Ls.
Similarly, the p-n-p types could be 2N4058, 2N3906 or BC214Ls.
Although, in many cases, the use of watt resistors is sufficient,
it will probably be found simpler to use 2
!watt units throughout.
5',/„ tolerance carbon film resistors are to be preferred.
The author has mounted the gramophone pickup equalization
circuit in a separate small diecast box, immediately under the
gramophone turntable unit, so that the leads from the gramophone are taken at alow impedance from the output of this unit.
This has been very effective in reducing the hum picked up on the
output leads to an imperceptible level.

Appendix I
The use of 'virtual earth' (null seeking) amplifier circuit arrangements is superficially ill-advised with input elements such as
pickup cartridges, because it appears that as the operating frequency is increased, the input half of the balancing limbs will
also change, with a resultant change in the gain of the circuit. In
particular, a magnetic pickup cartridge may have an inductance
of some 300-800 mH and the impedance of this will exceed that
of the input circuit in the range 12-20 kHz. This should clearly
reduce the gain of the system by reducing the ratio of A to B.
However, on reflection, it can be seen that the amplifier operates as a null generating device, sensitive only to the current
flowing in the input circuit to the 'virtual earth'. As the operating
frequency increases, so the current flow through R, will decrease,
but so it would in any case, regardless of the amplifier, were the
element simply connected across network B at the load recommended by the cartridge manufacturers (at these frequencies the
impedance of C, can be ignored), and the voltage across R,
measured by a perfect voltage amplifier. The decrease of current
input into a given resistive load from a source having series
inductance is simply an unfortunate fact of life, from which one
cannot escape, whatever one's technique of measurement, and
high impedance voltage amplifiers connected across the load, or
low impedance current amplifiers connected in series with it, are
alike in this respect, except that with transistors the latter are abit
easier to contrive. The same argument is also applicable, in the
appropriate context, to high impedance capacitative elements such
WorldRadioHistory

(a)

(b)

(c)

(d)

Fig. 7. Circuit arrangements for active low-pass filter design.

12d8/octeve

Fig. 8. Frequency response of
active filter circuits is
12 dB/octave. Preceding the
filter with RC network gives
response shown in broken line.

fT

s.

s.

s. 18defoctove

s.

uuuIIIIUUIflhIIlUIIUiik
TABLE I

4•

Lx
•
8
,
‘.'
6

2

•

fT

3.4kHz
6 8kHz
10kHz
13.8kHz
20k Hz
30kHz

0 02µ

0•01µ
0.0068u
0.0047u
0.0033 g
0•0022µ

INuuIuiUUiiiiii

4
6

ii

0.0068p.
0.01 g -->

8
BD

•.0033u

0.0047g

100

1,000

10,000

Frequency (Hz)

Fig. 9. Graph and table of turn-over frequencies for different value
of'Cx'.
Silicon
diodes

+24V
0-40m4

220

Fig. 10. Suitable power supply for any combination of stages.

HIGH FIDELI TY DESIGNS

70

Appendix H
Although the R.I.A.A. replay characteristic suggests an approximately flat velocity response from 20 Hz-50 Hz, this would
effectively imply recording bass lift in this region, and the author
suspects that this is not done, a constant modulation characteristic being used instead. The author has therefore, for his own
use, modified the values of the feedback elements as follows:
R5-470 ohms; R8-1.5 k ohms; C1-0.47 /IF; C„-6800 pF; and C66800 pF. These changes maintain the velocity response flat down
to 25 Hz, with arapid rumble attenuation below this frequency.
Unfortunately the mid point gain of the circuit is reduced to 5,
and some additional amplification is therefore needed if it is
desired to avoid working with the tone control circuit at the 20 mV
level. The simple floating emitter collector-follower circuit of
Fig. 1l is therefore interposed, without coupling capacitors,
between the output series resistor and the collector of Tr 3.The
distortion contributed by this is less than 0.05%.

as piezo-electric pickup cartridges. Once again, the voltage amplifier and current amplifier see the same phenomena in identical
form. The necessary, and inevitable, corrections can be accomplished simply by the tone-control settings.
To

stage ran
2'2k

64p,

10k

To Tr 3
col lector
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Letters to the Editor
Linsley Hood class A
amplifier
Recent measurements on this amplifier
have indicated that the gain and power
bandwidths of this design, using the component layout shown on page 75 of
ybur issue, are wider than indicated
by the Figs. 4 and 5 of the article. The
apparent fall-off in gain beyond about
100 kHz was, in fact, due to shortcomings
in the measurement apparatus, and measurements made with better equipment
suggest that the —3 dB points for voltage
gain are above 1.5 MHz although power
output falls beyond 200 kHz.
Since the output is in phase with the
input, it is necessary to take care that the
output leads and output capacitor are not
close to the input. (A 2-inch separation
will be adequate for normal lead lengths.)
However, an additional point must also be
noted. If a capacitative load is connected

with short leads between the output and
the earth line near the input connection,
the potential developed along the earth
line, due to its inductance, can inject an
in-phase signal, and thereby cause instability, in the MHz region. To avoid
this possibility, it is recommended that the
earthy lead to the loudspeaker terminal
be returned to the earth line at the same
point as the emitter of Tr i.The inclusion
of a small r.f. choke (25 turns of 26-28
s.w.g. wire wound round the outside of a
10-ohm 1-watt resistor is ideal) between
the output (point 'X') and C, will also
prevent this possibility of trouble.
In practice, with the components and
layout suggested, the inductance of the
normal 12 to 18 inches (or more) of loudspeaker connecting lead prevents instability with capacitative loads, so this
should be only of academic interest.
As an alternative, it is possible to reduce the r.f. response of the amplifier to
give a smooth, 6 dB/octave, roll-off

(22k stereo)
39k
1/4W
R1
1/2W

Tr2
MJ480
(Motorola)

R6
100k
1/4W

InpUt

VE C2

Tr4
2N3906
(Motorola)

0.5p

Mr. Linsley Hood's
amended circuit of his
class A amplifier
originally described
in the April 1969 issue.

8-10

VIN

0.01

50V

R5
100k
1/4W
Adjust
so that

1001
8•2k
1/4W

C3
2504
40Y

Tr,
MJ480
(Motorola)

VE =1/2V
1,Ó00 p

WorldRadioHistory

beyond 50 kHz—which removes much of
the need for care in the layout of the
components, without detriment to the
harmonic distortion in the audible range,
and without any audible alteration to the
performance—by connecting a 1,000 pF
capacitor between the collector of Tr 3
and the emitter of Tr4; a 1,000 pF in
series with 100 ohms between the collector
of Tr 4 and earth; and a 0.01 /IF in series
with a 8 to 10 ohms between the output
('X') and earth. (It should be noted that
either all of these components should be
added or none at all, they are not alternatives.) If the r.f. response is reduced in
this manner, the use of aseries r.f. choke
would be unnecessary.
A series of measurements has also been
made, using the amplifier design exactly
as described in the article (without r.f. It.
chokes or other modifications) to determine the voltage waveform produced,
actually across the loudspeaker, with a
square wave input to the amplifier. It was
found, in practice, with several different
loudspeaker systems, that the output
waveform was virtually identical to that
obtained with an equivalent resistive
load—photographs of which were reproduced in the April issue. It was, in fact, the
discovery that a good square wave was
reproduced up to the 1MHz limit of the
generator in use which prompted a reassessment of the r.f. response of the
amplifier. The absence of any overshoot
or significant ringing also provides confirmation of the stability of the amplifier
under practical conditions.
A correspondent has reported that this
design has been up-rated successfully to
15 watts into a 15-ohm load, to give a
direct power equivalent to the Williamson
amplifier, using 2N3055 output transistors with a 43-volt supply (1.1 amp per
channel), and rather larger heat sinks.
There would seem no good reason why
this could not also be done using MJ481s.
J. L.LINSLEY HOOD,
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Simple Class A Amplifier
A 10-W
class

design

giving

subjectively

better

results

than

B transistor amplifiers

by J. L. Linsley Hood,

M.I.E.E.

During the past few years a number of excellent designs have
been published for domestic audio amplifiers. However, some
of these designs are now rendered obsolescent by changes in the
availability of components, and others are intended to provide
levels of power output which are in excess of the requirements
of a normal living room. Also, most designs have tended to be
rather complex.
In the circumstances it seemed worth while to consider just
how simple a design could be made which would give adequate
output power together with astandard of performance which was
beyond reproach, and this study has resulted in the present deisgn.
Output power and distortion
In view of the enormous popularity of the Mullard '5-10' valve
amplifier, it appeared that a10-watt output would be adequate for
normal use; indeed when two such amplifiers are used as astereo
pair, the total sound output at full power can be quite astonishing
using reasonably sensitive speakers.
The original harmonic distortion standards for audio amplifiers were laid down by D. T. N. Williamson in aseries of articles
published in Wireless World in 1947 and 1949; and the standard
proposed by him, for less than 0.1 % total harmonic distortion
at full rated power output, has been generally accepted as the target
figure for high-quality audio power amplifiers. Since the main
problem in the design of valve audio amplifiers lies in the difficulty
in obtaining adequate performance from the output transformer,
and since modern transistor circuit techniques allow the design
of power amplifiers without output transformers, it seemed feasible to aim at asomewhat higher standard, 0.05% total harmonic
distortion at full output power over the range 30 Hz-20 kHz. This
also implies that the output power will be constant over this
frequency range.
Circuit design
The first amplifier circuit of which the author is aware, in which a
transformerless transistor design was used to give astandard of
performance approaching that of the 'Williamson' amplifier, was
that published in Wireless World in 1961 by Tobey and Dinsdale.
This employed aclass 13 output stage, with series connected transistors in quasi-complementary symmetry. Subsequent highquality transistor power amplifiers have largely tended to follow
the design principles outlined in this article.
The major advantage of amplifiers of this type is that the
normal static power dissipation is very low, and the overall
power-conversion efficiency is 4igh. Unfortunately there are also
some inherent disadvantages due to the intrinsic dissimilarity !ri
the response of the two halves of the push-pull pair (if complementary transistors are used in unsymmetrical circuit arrangement) together with some cross-over distortion due to the low
current non-linearity of the /
c/
Vb characteristics.Much has been
done, particularly by Bailey', to minimize the latter.
An additional characteristic of the class B output stage is that
the current demand of the output transistors increases with the
output signal, and this may reduce the output voltage and worsen
the smoothing of the power supply, unless this is well designed.
Also, because of the increase in current with output power, it is

(a)

(b)

(c)

Fig. I. Basic class A circuits using (a) load resistor 12c giving power
conversion efficiency of about 12%,(b) Lf choke giving better
efficiency but being bulky and expensive, and (c) asecond transistor
as collector load.
possible for a transient overload to drive the output transistors
into a condition of thermal runaway, particularly with reactive
loads, unless suitable protective circuitry is employed. These
requirements have combined to increase the complexity of the
circuit arrangement, and a well designed low-distortion class B
power amplifier is no longer a simple or inexpensive thing to
construct.
An alternative approach to the design of a transistor power
amplifier combining good performance with simple construction
is to use the output transistors in aclass A configuration. This
avoids the problems of asymmetry in quasi-complementary circuitry, thermal runaway on transient overload, cross-over distortion and signal-dependent variations in power supply current
demand. It is, however, less efficient than aclass Bcircuit, and the
output transistors must be mounted on large heat sinks.
The basic class A construction consists of a single transistor
with a suitable collector load. The use of a resistor, as in Fig.
1(a), would be apractical solution, but the best power-conversion
efficiency would only be about 12%. An I.f. choke, as shown in
Fig. 1(b), would give much better efficiency, but a properly
designed component would be bulky and expensive, and remove
many of the advantages of atransformerless design. The use of a
second, similar, transistor as acollector load, as shown in Fig.
1(c), would be more convenient in terms of size and cost, and
would allow the load to be driven effectively in push-pull if the
inputs to the two transistors were of suitable magnitude and opposide in phase. This requirement can be achieved if the driver
transistor is connected as shown in Fig. 2.
This method of connection also meets one of the most important requirements of a low distortion amplifier—that the
basic linearity of the amplifier should be good, even in the absence of feedback. Several factors contribute to this. There is
the tendency of the /,./ Vb non-linearity of the characteristics of
the output transistors to cancel, because during the part of the
cycle in which one transistor is approaching cut-off the other is
turned full on. There is a measure of internal feedback around
the loop Tr,, Tr„ Tr 3 because of the effect which the base impedance characteristics of Tr, have on the output current of Tr 3.
Also, the driver transistor Tr 3,which has to deliver alarge voltage
swing, is operated under conditions which favour low harmonic
distortion—low output load impedance, high input impedance.
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A practical power amplifier circuit using this type of output
stage is shown in Fig. 3.
The open loop gain of the circuit is approximately 600 with
typical transistors. The closed loop gain is determined, at frequencies high enough for the impedance of Cg to be small in
comparison to Rg, by the ratio (R 3 ± R4)/R 4.With the values
indicated in Fig. 3, this is 13. This gives a feedback factor of
some 34 dB, and an output impedance of about 160 milliohms.
Since the circuit has unity gain at d.c., because of the inclusion of Cg in the feedback loop, the output voltage, Ve,is
held at the same potential as the base of Tr4 plus the base emitter
potential of Tr 4 and the small potential drop along Rg due to the
emitter current of this transistor. Since the output transistor Tr i
will turn on as much current as is necessary to pull Ve down to
this value, the resistor R2,which together with R1 controls the
collector current of Tr 2,can be used to set the static current of the
amplifier output stages. It will also be apparent that Ile can be
set to any desired value by small adjustments to Rg or Rg. The
optimum performance will be obtained when this is equal to half
the supply voltage. (Half avolt or so either way will make only a
small difference to the maximum output power obtainable, and
to the other characteristics of the amplifier, so there is no need
for great precision in setting this.)
Silicon planar transistors are used throughout, and this gives
good thermal stability and alow noise level. Also, since there is no
requirement for complementary symmetry, all the power stages
can use n-p-n transistors which offer, in silicon, the best performance and lowest cost. The overall performance at an output level
of 10 watts, or any lower level, more than meets the standards laid
down by Williamson. The power output and gain/frequency
graphs are shown in Figs. 4-6, and the relationship between output power and total harmonic distortion is shown in Fig..7. Since
the amplifier is astraightforward class A circuit, the distortion decreases linearly with output voltage. (This would not necessarily
be the case in aclass B system if any significant amount of crossover distortion was present.) The analysis of distortion components at levels of the order of 0.05 % is difficult, but it appears that
the residual distortion below the level at which clipping begins is
predominantly second harmonic.
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push-pull drive of class A
stage.
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Fig. 3. Practical power amplifier circuit.

14

Stability, power output and load impedance
Silicon planar n-p-n transistors have, in general, excellent high
frequency characteristics, and these contribute to the very good
stability of the amplifier with reactive loads. The author has not
yet found any combination of L and C which makes the system
unstable, although the system will readily become oscillatory
with an inductive load if Rg is shunted by asmall condenser to
cause roll-off at high frequencies.
The circuit shown in Fig. 3may be used, with very little modification to the component values, to drive load impedances in the
range 3-15 ohms. However, the chosen output power is represented by adifferent current/voltage relationship in each case, and
the current through the output transistors and the output-voltage
swing will therefore also be different. The peak-voltage swing and
the mean output current can be calculated quite simply from the
well-known relationships W= /2R and V--=IR, where the symbols
have their customary significance. (It should be remembered,
however, that the calculation of output power is based on r.m.s.
values of current and voltage, that these must be multiplied by
1.414 to obtain the peak values, and that the voltage swing measured is the peak-to-peak voltage, which is twice the peak value.)
When these calculations have been made, the peak-to-peak
voltage swing for 10 watts power into a 15-ohm load is found to
be 34.8 volts. Since the two output transistors bottom at about
0.6 volt each, the power supply must provide a minimum of 36
volts in order to allow this output. For loads of 8and 3ohms,
the minimum h.t. line voltage must be 27 V and 17 volts respectively. The necessary minimum currents are 0.9, 1.2 and 2.0
amps. Suggested component values for operation with these
load impedances are shown in Table 1. C 4 and C, together influence the voltage and power roll-off at low audio frequencies.
These can be increased in value if a better low-frequency performance is desired than that shown in Figs. 4-6.
Since the supply voltages and output currents involved lead
to dissipations of the order of 17 watts in each output transistor, and since it is undesirable (for component longevity) to
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Sine wave performance at lkHz. 9watts, 15 ohm resistive load.
Fundamental on scale of 10 14cm. Distortion components on scale of
50 mV/cm with r.m.s. value of 0.05%.

Tr5
MPF103
Motorola)

Tra

2N3906
(Motorola)

Fig. 8. Modified input
circuit for high input
impedance.

permit high operating temperatures, adequate heat sink area
must be provided for each transistor. A pair of separately mounted
5in. x 4in. finned heat sinks is suggested. This is, unfortunately,
the penalty which, must be paid for class A operation. For supplies
above 30 V Tr i and Tr 2 should be MJ481s and Tr 3 a2N1613.
If the output impedance of the pre-amplifier is more than a
few thousand ohms, the input stage of the amplifier should be
modified to include a simple f.e.t. source follower circuit, as
shown in Fig. 8. This increases the harmonic distortion to about
0.12%, and is therefore (theoretically) a less attractive solution
than abetter pre-amplifier.
A high frequency roll-off can then be obtained, if necessary,
by connecting a small capacitor between the gate of the f.e.t.
and the negative (earthy) line.
Suitable transistors
Some experiments were made to determine the extent to which
the circuit performance was influenced by the type and current
gain of the transistors used. As expected the best performance
was obtained when high-gain transistors were used, and when
the output stage used a matched pair. No adequate substitute
is known for the 2N697/2N1613 type used in the driver stage,
but examples of this transistor type from three different manufacturers were used with apparently identical results. Similarly,
the use of alternative types of input transistor produced no
apparent performance change, and the Texas Instruments
2N4058 is fully interchangeable with the Motorola 2N3906 used
in the prototype.
The most noteworthy performance changes were found in
the current gain characteristics of the output transistor pair,
and for the lowest possible distortion with any pair, the voltage
at the point from which the loudspeaker is fed should be adjusted so that it is within 0.25 volt of half the supply line potential.
The other results are summarized in Table 2.
The transistors used in these experiments were Motorola
MJ480/481, with the exception of (6), in which Texas 2S034
devices were tried. The main conclusion which can be drawn
from this is that the type of transistor used may not be very
important, but that if there are differences in the current gains
Table 1. Summary of component combinations for different
load impedances.
21.

V

I

R1

R2

C1
C2

lN
(r.m.s.)

30

17V

2A

470

1800

500, ,

25V

5000e

25V

0.41V

80

27V

1.2A

1000

5601;

250

40V

2500

50V

0.86V

150

36V

0.9

1500

1.2k e

250

40V

2500"

50V

0.9V

Square wave response at 50 Hz.

Square wave response. Scale 10 Vent. Frequency 50 kHz. 15 ohm
resistive load.

of the output transistors, it is necessary that the device with
the higher gain shall be used in the position of Tr i.
When distortion components were found prior to the onset of
waveform clipping, these were almost wholly due to the presence
of second harmonics.
Constructional notes'
Amplifier. The components necessary for a 10 ± 10 watt stereo
amplifier pair can conveniently be assembled on a standard
`Lektrokie 4 in. x 4 in. s.r.b.p. pin board, as shown in the
photographs, with the four power transistors mounted on
external heat sinks. Except where noted the values of components do not appear to be particularly critical, and 10%
tolerance resistors can certainly be used without ill effect. The
lowest noise levels will however be obtained with good quality
components, and with carbon-film, or metal-oxide, resistors.
Power supply. A suggested form of power supply unit is shown
in Fig. 9 (a). Since the current demand of the amplifier is substantially constant, a series transistor smoothing circuit can be
used in which the power supply output voltage may be adjusted
by choice of the base current input provided by the emitter
follower Tr 2 and the potentiometer VR 1.With the values of
reservoir capacitor shown in Table 3, the ripple level will be less
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Table 2. Relation of distortion to gain-matching in the
output stage.

Current gain
(Tt)

(Tr,)

Distortion
(at 9 watts)

135

135

0.06%

2.

40

120

0.4%

3.

120

40

4.

120

100

5.

100

120

6.

50

40

0.12% (pair 2 reversed in position)
0.09%
0.18% (pair 5 reversed)
0.1%

Table 3. Power -supply components.

AM PZ L

I
0 uT

VOUT

Cl

Tri/2

MR1

T.,

15.(‘)

IA

37V

1000t,
50V

MJ480
2N697

5805

40V

1A

15L)

2A

37V

5000u
50V

MJ480
2N697

51305

40V

2A

1.25A

27V

2000u
40V

MJ480
2N697

5805

30V

1.25A

2x 80

2.5A

27V

5000u
40V

MJ480
2N697

5805

30V

2.5A

30

1.9A

18V

5000u
30V

MJ480
2N697

5805

20V

2A

2e 30

3.8A

18V

10.000u
30V

MJ480
2x2N697

7805T

20V

4A

2e

812

than 10 mV at the rated output current, provided that the current
gain of the series transistors is greater than 40. For output currents up to 2.5 amps, the series transistors indicated will be
adequate, provided that they are mounted on heat sinks appropriate to their loading.
However, at the current levels necessary for operation of the
3-ohm version of the amplifier as a stereo pair, a single MJ480
will no longer be adequate, and either a more suitable series
transistor must be used, such as the Mullard BDY20, with for
example as 2N1711 as Tr„ or with aparallel connected arrangement as shown in Fig. 9(b).
The total resistance in the rectifier 'primary' circuit, including the transformer secondary winding, must not be less
than 0.25 û. When the power supply, with or without an amplifier,
is to be used with an r.f. amplifier-tuner unit, it may be necessary
to add a0.25 iLF (160 V.w.) capacitor across the secondary winding of T1 to prevent transient radiation. The rectifier diodes
specified are International Rectifier potted-bridge types.
Transistor protection circuit
The current which flows in the output transistor chain (Tr ',
Tr 2)is determined by the potential across Tr 2,the values of R I
and R2,and the current gain and collector-base leakage current
of Tr 2.Since both of these transistor characteristics are temperature dependent the output series current will increase somewhat
with the temperature of Tr 2.If the amplifier is to be operated
under conditions of high ambient temperature, or if for some
reason it is not practicable to provide an adequate area of heatsink for the output transistors, it will be desirable to provide
some alternative means for the control of the output transistor
circuit current. This can be done by means of the circuit shown
in Fig. 10. In this, some proportion of the d.c. bias current
to Tr i is shunted to the negative line through Tr„ when the
total current flowing causes the potential applied to the base
of Tro to exceed the turn-on value (about 0.5 volt). This allows very precise control of the series current without affecting
the output power or distortion characteristics. The simpler
arrangement whereby the current control potential for Tr 7 is
obtained from a series resistor in the emitter circuit of Tr i
leads, unfortunately, to a worsening of the distortion characteristics to about 0.15% at 8watts, rising to about 0.3 % at the onset
of overload.

Performance under listening conditions
It would be convenient if the performance of an audio amplifier
(or loudspeaker or any other similar piece of audio equipment) could be completely specified by frequency response
and harmonic distortion characteristics. Unfortunately, it is not
possible to simulate under laboratory conditions the complex
loads or intricate waveform structures presented to the amplifier
when aloudspeaker system is employed to reproduce the everyday
sounds of speech and music; so that although the square wave
and low-distortion sine wave oscillators, the oscilloscope,
and the harmonic distortion analyser are valuable tools in the
design of audio circuits, the ultimate test of the final design
must be the critical judgment of the listener under the most
carefully chosen conditions his facilities and environment allow.
The possession of agood standard of reference is agreat help
in comparative trials of this nature, and the author has been
fortunate in the possession, for many years, of a carefully and
expensively built 'Williamson' amplifier, the performance of
which has proved, in listening trials, to equal or exceed, by
greater or lesser margins, that of any other audio amplifier with
which the author has been able to make comparisons.
However, in the past, when these tests were made for personal
curiosity, and some few minutes could elapse in the transfer
of input and output leads from one amplifier to the other, the
comparative performance of some designs has been so close that
the conclusion drawn was that there was really very little to
choose between them. Some of the recent transistor power
amplifier circuits gave a performance which seemed fully equal
to that of the 'Williamson', at least so far as one could remember
during the interval between one trial and the next. It was, however, appreciated that this did not really offer the best conditions
for aproper appraisal of the more subtle differences in the performance of already good designs, so a changeover switch was
arranged to transfer inputs and outputs between any chosen pair
of amplifiers, and a total of six amplifier units was assembled,
including the 'Williamson', and another popular valve unit, three
class B transistor designs, including one of commercial origin,
and the class A circuit described above. The frequency response,
and total harmonic distortion characterisics, of the four transistor amplifiers was tested in the laboratory prior to this trial,
and all were found to have aflat frequency response through the
usable audio spectrum, coupled with low harmonic distortion
content (the worst-case figure was 0.15%).
In view of these prior tests, it was not expected that there
would be any significant difference in the audible performance

A.C.

r

input

Tr 2

VR1

2N69716110

25k

2.7k

C3

(a)
C2
500µ .=
4Oi

Fig. 9.(a) Power supply unit, and( b) parallel connected transistors
for high currents.
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Fig. 10. Amplifier current regulation circuit.
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of any of the transistor designs, or between them and the valve
amplifiers. It was therefore surprising to discover, in the event,
that there were discernible differences between the valve and
the three class B transistor units. In fact, the two valve designs
and the class A transistor circuit, and the three class B designs
formed two tonally distinct groups, with closely similar charac_, teristics within each group. The `Williamson' and the present
I. class A design were both better than the other valve amplifier,
and so close in performance that it was almost impossible to tell
which of the two was in use without looking at the switch position.
In the upper reaches of the treble spectrum the transistor amplifier has perhaps aslight advantage.
The performance differences between the class A and the
class B groups were, however, much more prominent. Not only
did the class A systems have acomplete freedom from the slight
`edginess' found on some high string notes with all the class B
units, but they appeared also to give afuller, `rounder', quality,
the attractiveness of which to the author much outweighs the
incidental inconvenience of the need for more substantial power
supply equipment and more massive heat sinks.
Some thought, in discussions with interested friends, has been
given to the implications of this unlooked-for discovery, and a
tentative theory has been evolved which is offered for what it is
worth. It is postulated that these tonal differences arise because
the normal moving-coil loudspeaker, in its associated housing,
can present avery complex reactive load at frequencies associated
with structural resonances, and that this might provoke transient
overshoot when used with a class B amplifier, when a point of
inflection in the applied waveform chanced to coincide with the
point of transistor cross-over, at which point, because of the
abrupt change in the input parameters of the output transistors,
the loop stability margins and output damping will be less good.
In these circumstances, the desired function of the poweramplifier output circuit in damping out the cone-response
irregularities of the speaker may be performed worse at the very
places in the loudspeaker frequency-response curve where the
damping is most needed.
It should be emphasized that tbe differences observed in these
experiments are small, and unlikely to be noticed except in direct
side-by-side comparison. The perfectionist may, however, prefer
class A to class B in transistor circuitry if he can get adequate
output power for his needs that way.

•

• e
. • ..

• •

Layout of single channel of 10 + 10 watt amplifier on standard
4in x 4lin 'Lektrokir s.r.b.p. pin board.

Underside of completed amplifier, with base cover removed, showing
external box-form heat sink.

Listener fatigue
In the experience of the author, the performance of most wellLooking down on the completed amplifier.
designed audio power amplifiers is really very good, and the
differences between one design and another are likely to be small
in comparison with the differences between alternative loudspeaker systems, for example, and of the transistor designs so far
In practice it was found that an amplifier with an impeccable
encountered, not one could be considered as unpleasing to the ear.
performance on paper could be quite worrying to listen to under
However, with the growing use of solid-state power amplifiers,
certain conditions. This appears to arise and be particularly
puzzling tales of 'listener fatigue' have been heard among the
associated with transistor power amplifiers because most of these
cognoscenti, as something which all but the most expensive tranare easily able to deliver large amounts of power at supersonic
sistor amplifiers will cause the listener, in contradistinction with
frequencies, which the speakers in a high quality system will
good valve-operated amplifiers. This seemed to be worth investiendeavour to present to the listener. In this context it should be
gation, to discover whether there was any foundation for this
remembered that in an amplifier which has aflat power response
allegation.
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from 30 Hz to 180 kHz, 90% of this power spectrum will be supersonic.
This unwanted output can arise in two ways. It can be because
of wide spectrum 'white noise' from apreamplifier with asignificant amount of hiss—this can happen if a valve preamplifier is
mismatched into the few thousand ohms input impedance of a
transistor power amplifier, and will also cause the system performance to be unnaturally lacking in bass. Trouble of this type

can also arise if transient instability or high frequency 'ringing'
occurs, for example when a reactive load is used with aclass B
amplifier having poor cross-over point stability.
Reference
1. Bailey, A. R., 'High-performance Transistor Amplifier', Wireless
World, November 1966; '30-Watt High Fidelity Amplifier', May 1968;
and 'Output Transistor Protection in A.F. Amplifiers', June 1968.

Letters to the Editor
Minimum standing
current in class A
1 read the article by Mr. J. L. Linsley
Hood, in the April issue of W. W. with
great interest, and the results he has
achieved are certainly excellent for so
simple a design. However Ithink he has
done the cause of class A amplifiers a
slight disservice, by the figures for minimum standing current (Table 1, p. 73 )
which are considerably above the true
minimum figures, a fact which I have
checked in practice.
The value of standing current required
to just enable the output to swing to the
points where one or other of the output
transistors is bottomed depends on the
desired output power and load impedance. These factors also dictate the minimum supply voltage. These values ofvoltage
are Vs.„,,, = 2'‘,/ 2Pour .R ioad ± 2 V„...
(from P0„, = V21
R where V is the r.m.s.
output). Likewise the peak current may be
determined /p
k =

which equals

2P out •
RI
oad
oad
/2 P

NI

RI
oad

Now the standing current need be only
half this value, since the change in load
current is due to the upper transistor
cutting off and the lower transistor
doubling its current (or vice versa), atotal
change of current which must flow
through the load of twice that originally
flowing in the transistors, i.e. the standing
current. Evaluating these for 10 watts and
8-ohm load we get (ignoring 1
1,... s,„.)
figures of 25.3 volts and 790 mA giving a
total dissipation of exactly 20 watts,
which is in agreement with the theory for
such a'perfect' stage (i.e. 50 % efficiency).
In practice we must add the figure of
2 lice. sat as stated by Mr. Linsley Hood.
We thus get figures of 26.5 Vand 990 mA.
The corresponding figures for a 10-watt
output are 16.7 Vat 1.29 A (3ohm), and
360 Vat 580 mA (15 ohm). In practice we
must also add an allowance to the current
to provide for the variation which will take
place due to temperature, etc. This excess
current is especially necessary in the design
described, where the only thing having

any appreciable control of the standing
current is the current gain of the output
pair. I feel that this point was not
sufficiently emphasized, or for that matter,
the fact that to use any given pair of
output transistors, and obtain the correct
standing current needs quite a range of
the total value of R2 ± R2,from the
values quoted of 100 -I- 560 ohms (for
the 8-ohm case) for ahigh gain pair down
to say 68 -I- 150 ohms for 1110 = 40.
These lower values mean a considerable
drop in loop gain, which probably accounts for much of the increased distortion, with lower gain transistors. These
lower value resistors would in fact reduce
the feedback by about 10 dB. If the circuit
of Fig. 10 is used it will also be necessary
to use lower values for R1 and R2 to
allow for an excess current which may
then be controlled. Itherefore question
the contention of page 74 that the circuit
allows for 'precise control of the series
current without affecting. .the distortion
characteristics'. Any reduction of loop
gain must increase the distortion.
I have just measured a very similar
stage to that described and find that for
an 8-ohm load and 10-watt output, a
supply of around the 27 volts quoted and a
standing current of 850 to 900 mA is
ideal.
L. NELSON-JONES,
Bournemouth,
Hants.
The author replies:
I thank Mr. Nelson-Jones for his comments. Taking his second point first, it is
evident that the current gains of the output transistors (particularly Tr 2)influence
the standing current through the output
chain. However, due to the flattening effect
of operation at high junction currents and
temperatures, the current variation from
transistor to transistor with a given
value of R1 + R2 is much less than the
manufacturer's quote range of HFE (30200) would suggest. The tests which I
made last year with limit-value devices
gave a spread of + 150 mA, when the
current gains of the devices were badly
matched, and rather less than this with
limit-value matched pairs.
It had been in my mind at the time of
writing the article that the constructor of
the circuit should make adjustments to
WorldRadioHistory

the value of R2 (not RI,which is part of
the bootstrap circuit) to obtain the correct
standing current, and made the comment
(p. 72 )that 'the resistor R2
can be used to set the static current of the
output stages'. The use of a variable
resistor, in series with some suitable fixed
value, would have facilitated the setting of
this, and Ihad from time to time wished
in retrospect that Ihad suggested this, as
an alternative. Where this arrangement is
adopted, however, care must be exercised
in the layout of the leads to the potentiometer to avoid undesirable output-input
feedback capacitances. The potentiometer should also be at the end of R2
nearest to R1.
With regard to Mr. Nelson-Jones's first
point (about the correct standing current
for aclass A stage of this type) the calculations he shows are correct, and are substantially identical to those which Imade
myself in the initial stages of the design of
this amplifier. However, in the particular
case of aclass A design of this type which
cannot provide a load current which
increases with demand, three further
points must be considered.
I. The simple calculation of the ratio of
peak-to-mean currents, as in the equations
above, gives an answer which is valid only
for symmetrical waveforms. Most of the
waveforms in speech and music, for which
such an amplifier will be used, are unsymmetrical and some allowance must be
made for this.
2. The calculations assume that the load is
resistive. In practice, loudspeakers present
reactive loads, also their impedance may
fall to lower than the nominal value.
3. The optimum performance of the output stage is given when the current swing
does not take either transistor into current
cutoff.
Because of these considerations, which
were confirmed experimentally, I suggested a value of quiescent current which
was in excess of the bare minimum 'sine
wave into resistive load' value, even
though this involves an increase in the
thermal dissipation of the system. Safety
factors can always be cut down—provided that one knows the circumstances.
J. L. LINSLEY HOOD
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New Approach to Class B Amplifier
Design
by Peter Blomley*

1

The class B amplifier has established itself
as the most versatile and lowest cost amplifier known. This is mainly due to the
excellent work in the field of semiconductor circuit design by H. C. Lin', R. C.
Bowes', R. Tobey and J. Dinsdale, A. R.
Bailey 4 and P. J. BaxandalP. In this
article it is hoped to complement the work
of these designers by putting forward a
new approacht which may solve some of
the problems inherent in present designs.
Conventional approach

*Allen Clark Research Centre (Plessey), Caswell,
Northants.
1The subject of patent application 53916/69.

Input signal

Output
signal current

Fig.l. Block diagram of conventional class B amplifier with the two halves of a
complementary output stage represented by sub-amplifiers X and Y.

e of peak output (

1

A definition of aclass B amplifier could be
'one in which the operating point of each
output device is set at the lower extreme of
its transfer characteristic. Hence in apushpull design, for any symmetrical input
signal, each output device conducts only
one half of the output waveform'. This
method of operation gives the amplifier
zero (or nearly zero) quiescent power
consumption, high efficiency and excellent
peak current drive capability. It is unfortunate that the sacrifice paid for these virtues
is the problem of ensuring alinear transfer
of signal drive from one output device to
the other.
So that the class B system can be
analysed it is useful to approach the
output circuit as two separate amplifiers (labelled X and Y in Fig. 1for Convenience), the outputs of which combine
to give the complete signal. This is
shown in diagrammatic form in Fig. 1,
where it is assumed that the blocks representing the amplifiers form the equivalent
of a complementary output stage.
The transfer characteristic for one of
these 'sub-amplifiers' is shown in Fig. 2,
where above the bias point A the characteristic is extremely linear and below it
becomes a combination of linear and
exponential relationships. The designer's
task is to define this last region so accurately
that when it is combined with that of the
other sub-amplifier, the overall gain will
remain constant (i.e. as the gain of one subamplifier decreases, the other increases
equally to compensate).
The workings of aclass B output circuit
can be clarified by the use of gm diagrams,
these being aplot of gain—or in this case

'OUT

Non-linear
region

Input voltage

Bias
point

Fig.2. Transfer characteristic of sub-amplifier X which is linear above bias point A and
non-linear below. In conventional class B, non-linear regions of X and Y sub-amplifiers
have to be accurately
matched to give overall linearity.
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TEST CIRCUIT

KEY
Bias voltage(V)

o

1
2
3
4
5
6
7
8
9
10

0.4
0.8
1.2
1.6
2.0
2.4
2.8
3.2
3.6

Gain and mutual conductance

mutual conductance—of the complete output circuit against drive voltage. The ideal
would, of course, be astraight line parallel
to the input voltage axis (indicating there is
no change of gain with input swing), but
regrettably this is not the case with designs
popular at the moment. To provide acomparison of the different types of output
circuits, Ihave prepared gain plots showing
the effects of different bias levels, these
being illustrated in Figs. 3 and 4. From
these it is now easy to see the characteristic
change in gain which can occur during the
transfer from one sub-amplifier to the other.
Referring to Fig. 3about a10% gain change
occurs during transfer, whatever the bias
level is set at.
The output circuit in Fig. 4 is a
quasi-complementary type giving most
interesting results. The main conclusion is
that it is impossible to bias this circuit for
symmetrical gain change and in practice
it proves very difficult to establish which
biasing point would give the best results
concerning the rate of gain change.
This method of describing aclass Bamplifier can give an insight into the problems
involved with aconventional design. First,
each sub-amplifier has to have two regions
in its transfer characteristic:
—the constant gain region (above bias
point A in Fig. 2)
—the non-linear region (below this point).
Second, the non-linear region of each subamplifier has to be complementary to its
partner, otherwise the situation shown in
the gm diagrams (Figs. 3& 4) will occur. An
interesting point is that the only reason why
the non-linear region of the transfer curve
is important is because the input signal
normally traverses this region as well as the
linear portion. If this was not the case most

FIDELITY

Output voltage

'<—
50mV

Fig.4. Curves for quasi-complementary output circuit show impossibility of biasing
circuit for symmetrical gain change.

of the design problems in class B amplifiers would be solved.
It is difficult to realize at first that aclass
B amplifier has to have this non-linear
region in the sub-amplifier characteristic
so that the two halves of the waveform can

TEST CIRCUIT

KEY
Bias voltage(V)
0.2
0.4
0.6
0.8
1.0
1.2

9
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1.6
1.8
2,0

e

Gain and mutual conductance

0

1
2
3
4
5
6
7

1-4

11

Output voltage

50mV

Fig.3. Gain—or mutual conductance—of simple symmetrical output circuit showing
change in gain which can occur during transfer from one sub-amplifier to the other.
Effect of different bias levels is shown.
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be separated. With conventional designs
this is abuilt-in feature, but it need not be
so. Assuming we define class A operation
to include any amplifier where the input
signal never traverses the non-linear region,
the sub-amplifiers of aclass Bamplifier can
operate in class A as long as the input signals are uni-directional. To accomplish
this the required non-linear element is
placed before the sub-amplifier inputs.
New approach
Now the key to the problem is in the
proposition that each sub-amplifier should
be considered as aseparate class A design,
hence distortion generated by each of these
units can be held to an extremely low level
as long as the input signal can be prevented
from driving the amplifier into the cut-off
region. In the new approach, the output
sub-amplifiers are biased above the nonlinear region and uni-directional signals are
fed into the input. This arrangement is
illustrated in Fig. 5, where the necessary
circuit changes are shown by comparison
with Fig. 1. The obvious difference is the
addition of the two diodes at the input
which produce the uni-directional signal to
drive the output sub-amplifiers. The linear
transfer of signal between the two amplifiers is now dominated by this signal splitter.
Signal splitter. As the name implies the
task of the signal splitter in aclass Bamplifier is to segregate the top and bottom halves
of the signal waveform. Normally this is
achieved by using the non-linear characteristics of each half of the output stage,
but as this particular approach leads to
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problems, the new approach separates the
two functions of amplifying and signal
splitting completely.
To explain the problems involved with
the design of asignal splitter it is usual to
establish the ideal and see how this can be
approached practically. As it happens there
are two ideal 'half characteristics which
will give alinear cross-over when they are
combined. The first, and obvious one, has
aconduction path only in one direction and
absolutely zero in the other. The other is
more complicated and has three regions—
linear region (large positive inputs), anonlinear region (transfer coefficient is proportional to signal) and a reverse region
(transfer coefficient is zero).
The difficult region is the non-linear one.
This will only give alinear crossover when
it is combined with another conjugate
characteristic. Not only this, but the relationship between the linear and non-linear
portion has to be accurately defined.
Normally this is achieved by altering the
quiescent current in the signal splitter for
minimum crossover distortion. Thus using
this approach in the signal splitter means
that the non-linear region has to be complementary to its partner and also that the
linear and non-linear regions have to be
accurately related. If additional constraints are imposed—due to devicespreads
and temperature changes—the situation
can become very difficult unless asimple
approach is used.
Returning to the first type of signal
splitter, the immediate comparison which
can be drawn is the simplicity of the
characteristic. There are no interactions
between each element and only one region
has to be accurately defined. Ideally, therefore, this type of characteristic should be
easy to control once asuitable device configuration is found.
Ideal element. The simple p-n diode fabricated in silicon can have a forward-toreverse current ratio of 10'°; thus it
approaches the ideal almost within the
boundaries of measurement. This is however only considering the forward characteristic under conditions of current drive.
If a voltage source were used the forward
transfer would revert to the familiar exponential relationship between input voltage
and output current (Fig. 6a). If a signal
splitter is now made of two of these diodes
and acurrent of changing direction fed into
the common point, then from Kirchhofrs
second law the current must flow either in
diode D, or diode D, depending on the
direction of signal current flow. The transfer
coefficient for the diode must be unity, as
it is only atwo-terminal device, hence this
type of signal splitter is extremely linear
under the conditions of current drive (Fig.
6b).

Output signa'
current

Input signal

Fig.5. New approach to class B amplifier in which sub-amplifiers are biased above
non-linear region and fed with uni-directional signals produced by the diodes. This
effectively transfers signal splitting from the sub-amplifiers to aseparate part of the
circuit.
A +M-

t
vi

L
QL.11_
Q

4
0
r

+IouT

I
a

120

SINN n (1. VIN
q
IN

80

40

(a)

—120

—60

60

120
Input

voltage (mV)

—80

—120

V

M

Ia

(b)
TEST CIRCUIT

Input

current (mA )
Tapped
battery
0-2V

*UT o-5m A
Fig.6(a). Transfer characteristic of voltage driven diode signal splitter.
Fig.6(b). Linear transfer characteristic of current driven diodes.

Transistor signal splitter. The use of a
transistor as a signal splitter (Fig. 7) logically follows that of a p-n diode simply
because the emitter-base junction has
almost identical characteristics to that of a
diode. Exactly where the transistor is
superior to that of the diode depends on

the design approach but in most cases the
level-shifting property of a bipolar device
is the main reason. This is very useful in
apractical design but care has to be taken
in the selection of the type of device. There is
a problem with the use of transistors as
signal splitters due to the emitter-base
depletion capacitance. Under conditions of
WorldRadioHistory

low injection this can add an additional
phase lag during the crossover period.
The problem can be overcome by using
silicon planar devices with very high transition frequency (fr) or by selecting
devices in which the fr is dominated by
the diffusion capacitance as fr remains
constant down to very low emitter currents.

80

HIGH

Synchronous signal splitter. There is a
limit to the speed at which the diode or
transistor signal splitter will transfer the
signal path between the sub-amplifiers.
If a synchronous signal splitter is used the
time taken can be reduced to a few
nanoseconds. This makes true class B
operation possible at frequencies far higher
than the audio spectrum. The system
diagram is shown in Fig. 8(a). Instead of
using the characteristics of the devices, as
in the signal splitter which separates the
two halves of the waveform, switches
Tr, and Tr, are turned on and off at the
required time by another amplifier labelled

ST. This is a high-gain amplifier with a
small amount of hysteresis, and as soon as
the input exceeds a predetermined level
the output from the trigger (amplifier ST)
will change its polarity and turn on Tr,
or n2,
depending on the signal direction,
Fig. 8(b). This therefore gives almost the ideal
signal splitting characteristics but the added
complication might spoil its commercial
possibilities.
Performance of the new design
The transistor signal splitter and the output
stage circuit have a combined charac-

'IN

M.QS.T.

BIPOLAR

DIODE

Fig. 7. Types of signal splitter. Transistor type has the advantage of level shifting.

Output signal
Input signal

(a)

Output
Transfer characteristic
of sub-amp. X
Non-linear
region

+6v

Transfer region

Input voltage

Transfer of characteristic
of sub-amp. Y

—

Hysteresis region

6

(b)
Fig.8(a). Synchronous signal splitter, with fast switching time, allows new approach
to be used at frequencies well above audible range.
Fig.8(b). Operation of synchronous splitter of Fig.8(a). When input level exceeds a
pre-determined level, output changes polarity and turns on Tr, or Tr,.
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teristic shown in Fig. 9 which demonstrates the excellent gain linearity. It is only
when the bias of the sub-amplifiers is
decreased below its optimum, allowing the
output signal excursions to trace the nonlinear region of the characteristic, that
distortion begins to rise sharply. Further
studies of these curves reveal that increasing
the quiescent current through the output
devices does not degrade, or for that matter
improve, the crossover performance of
the output circuit. Keeping this in mind
it is therefore possible to design aclass B
amplifier without any bias adjustment.
This assumes that the designer can guarantee that spreads in active devices and
resistance values do not permit the quiescent current to fall below the level where
the mutual conductance of the amplifier
begins to decrease.
In this discussion about the performance
of the design as awhole it would be fitting
if the sub-amplifier design is mentioned.
With conventional designs this two- or
three-transistor element is fraught with
compromises, one of the most serious
being the decision on the inclusion of abaseemitter 'turn-oft' resistance for the power
transistor. Such a combination generates
what can be called 'dead zone' distortion,
mainly due to the change in slope of the
transfer characteristic at zero crossing.
One example of this is shown in Fig. 10
where, as predicted, the lower the value of
resistance the more pronounced is the
effect. It is very tempting to exclude this
resistance altogether, especially if the
current drive approach has been adopted,
but the penalty would be a poor highfrequency performance coupled with overload recovery problems. This dilemma is
aggravated if the designer decides to use
homotaxial base powder devices (chosen for
the robust nature of their construction and
freedom from secondary breakdown)
because the input diffusion and depletion
capacitance is very high, hence the gainbandwidth product of the device is relatively low (e.g. silicon planar f90MHz,
homotaxial base fre, 1MHz). In the latter
case it is essential that the resistor is
included. However, if the approach suggested in this article is adopted the subamplifier will never enter this non-linear
region, thus the base-emitter turn off
resistance can be included in the circuit to
improve the performance without undue
complications.
Once the decision has been taken to use
the new approach the best circuit configuration has to be found and here again
nature's swings and roundabouts create a
difficult
situation
where compromise
seems necessary. One of the criteria I
used was that of thermal performance,
following an initial consideration of the
electrical properties of each configuration.
The power transistor chip can change its
temperature by tens of degrees centigrade
during a power cycle, this being reflected
by a corresponding change in the baseemitter voltage (VBE)of the device. If the
voltage bias to the sub-amplifier is applied
directly to the power device (Fig. 11a), any
change in the VBE will cause aconsiderable
change in quiescent current and in turn an
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I
LK Approx bias 20mA

ncreasing bias
current

—
I
+
0
Input current

Gain and mutual conductance

Fig.9. Combined characteristic of transistor splitter and output circuit shows
excellent gain linearity.

Input voltage (V)
Fig.10. Transfer characteristic for conventional two-transistor sub-amplifier showing
worsening effect of reducing the base-emitter 'turn-off' resistance of the power
transistor. This normally generates 'dead zone' distortion due to the change in slope
at zero crossing but is avoided in the new approach.

(a)

(b)

(c)

Fig.11. (a) Change in VBE with temperature causes considerable change in bias current
WorldRadioHistory
which could adversely affect intermodulation distortion. Circuits
in (b) and (c) avoid this.

increase in distortion at low frequencies
which could adversely affect the intermodulation performance of the amplifier
as a whole. An, improved design is shown
in Fig. 11(b) and a more elegant version
similar to that used in the Quad amplifier 6,
in Fig. 11(c). It is on this latter example that
I have concentrated most design effort,
mainly because the performance advantages tend to outweigh the increased cost of
pre-driver devices.
Returning now to an examination of the
performance of the whole amplifier—the
total distortion through the audio range can
readily be made less than 0.1% before
applying feedback, this performance being
repeatable at almost any level of quiescent
current.
Future designs
The use of class B amplifiers is not, of
course, confined to the field of audio and in
fact the ideas set out in this article lend
themselves to applications in the highfrequency (> 1MHz) spectrum. The poor
cross-modulation performance of present
designs is usually due to the presence of
non-linearities in the crossover region,
hence substantial improvements can be
expected in this direction.
Other applications where an ultra-low
distortion amplifier of low stand-by power
and high output capability is needed can be
seen, examples of such devices being
portable standard oscillators and meter
calibration amplifiers. In the next article a
practical design for a 30-watt audio
amplifier is discussed in detail and future
proposals developed in diagrammatic form.
(To be concluded)
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New Approach to Class B Amplifier Design
by Peter Blomley*

This article describes a 30-watt amplifier design which embodies the author's
approach to class B design, outlined last issue. Although further work on this
approach is still needed, the design illustrates the kind of problems involved.
The author also discusses the application of integrated components in future
designs.
The general design of acomplete amplifier
using the new approach is relatively conventional except for the inclusion of the signal
splitter (described last month). In principle,
the design of each half of the output stage
is made simpler as there is no cut-off, hence

removing the necessity for predicting the
performance in the cross-over region.
Examination of the circuit (Fig. 1) shows
that the amplifier consists of three sections,
the input amplifier, signal splitter and output
amplifier.

*Allen
Clarke
Research
Towcester, Northants.

Input amplifier. This converts the input
voltage into a proportional output current

Laboratory

(Plessey),

D1

R7

0+

IN916

R-17

22k

0-5

R20
500

R1

loo

BC212K
Tr7

which drives the signal splitter. To enhance
the performance of the amplifier as awhole,
this section should have areasonable mutual
conductance (1A/V) and good linearity
(1%). The latter does not represent aserious
problem as the input amplifier is alow-level
class A amplifier, but care is needed to
control the maximum value of g otherwise
frequency compensation problems arise.
Signal splitter. As many fundamental
details of the signal splitter were described
last month, further details are confined to
the biasing system. If perfect bipolar devices
were available and ideal current sources
existed, voltage bias across the emitter-base
junction would not be needed, but such
situations do not exist and distortions due
to conditions falling short of the ideal can
be rendered negligible by employing simple
bias diodes (Fig. 2). This reduces the voltage
excursion at the input to the signal splitter
from 1.2V to 300mV pk-pk. The waveform
with asinusoidal output current is shown in
Fig. 3.
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MJ481
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2N3906
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Tr 3
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1,491e
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R21
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D2

IN916

4•7k

Fig. 1. Complete power amplifier circuit using new approach. Design gives harmonic
distortion of 0.01% at all power levels and intermodulation distortion of 0.003%.
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Output stages. This now is one of the easiest
to design. As long as the gain remains
constant throughout the output cycle all
is well. In the initial version, used to evaluate
system performance, a compromise was
reached between complexity, performance
and cost. Thus individual adjustment potentiometers were used instead of the matched
devices.
The output sub-amplifiers are similar to
the Quad triples, these giving excellent
linearity down to very low output currents,
coupled with outstanding thermal stability.
To compensate for the effect of ambient
temperature changes on the quiescent
current of the amplifier, diodes D,and D,
cancel V
BE changes in transistors Tr, and
Ir,. It may have occurred to the reader that
diodes in the forward path of the amplifier
loop could generate appreciable distortion.
However, in practice the maximum change
in current is about 4:1 and thus almost
corresponds to the change in collector
current of transistors Tr, and Tr,. In this
way the change in voltage drop across the
transistors compensates for the change in
the diodes. Even if this did not occur, the
resultant gain change for the output subamplifier is less than 4% for /
out values
between 0 and 2A. The problem can be
alleviated by increasing the current into
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diodes D, and D, and adding one resistor,
but the advantages gained from this are
negligible.

Circuit description
The function of Tr„ Tr,, and Tr, is to
convert an error voltage—the difference
between the input and feedback voltage—
into aproportional output current. Now to
produce the required mutual conductance
of this stage (1AN) without sacrificing
either noise performance or linearity, the
design in Fig. 1was used. Starting at the
input transistor Tr„ this p-n-p type is used
mainly as alevel shifter. If we assume that the

current gain of Tr, was extremely large
(>500), then this input stage would have a
maximum voltage gain of about five—not
very much! If voltage gain was increased
to the theoretical maximum of 30 (by
decreasing the value ofR, and R4)problems
would arise with the voltage offset at the
speaker output due to increased emitter
current flowing through R, and base current
flowing through R.
Assuming for the moment that this first
stage gain is a reasonable compromise, it
now becomes obvious that the noise and
distortion performance is dictated by the
next stage. This stage (Tr 2,
R8)is astraightforward class A amplifier with very high

Vbi as (per device)
0.7
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•
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Vertical and horizontal scales = 0.2 millisecicm

Fig. 2. Input amplifier converts signal voltage to aproportional current to feed
transistor signal splitter. Bias diodes reduce voltage excursion from 1.2V to 300mV
pk-pk. Bottom trace is current signal input to splitter.
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gain (typically 400) and low distortion due
to the limited modulation index of the
collector current (0.04 max). The peak 2nd
harmonic voltage generated is about 10/./V
and, assuming this is referred to the input
of the first stage, it represents less than
0.001% 2nd harmonic distortion with feedback. Thus this second stage is the work
horse of the input section, the third device
Tr, being used both as abuffer to reduce
the loading of R,, on R„ and to convert
the voltage changes across R, into an
output current to drive the emitters of the
signal splitter.
Resistor 12, 0 performs two functions in
this last stage of the input section. It defines
the conversion constant Engmen for the
stage, and it governs the maximum current
which can be driven out of the collector of
Tr,. (This maximum current is defined by
using the conducting voltages ofD, and Tr,
and the value of R10 .) Therefore this input
section seems to have excellent performance
during normal operation, but what can
happen during an overload?
If the input transient was negative all
would be well due to Tr, entering saturation.
But if the transient was positive Tr, would
turn off completely, the potential across
R, 0 rising toward that at the end of Rs.(Tr,
would also be completely cut off.) This
would cause excess currents to flow in Tr„
upsetting the bias chain R. D,. D„ R9.
After the excessive input signal is removed
some time would elapse before recovery
would take place, hence diode D, clamps
the voltage and maintains Tr, in full conduction to reduce recovery time and improve
amplifier stability.
While discussing the problem of recovery
from overload, the charge across the compensation capacitor C, has also to be taken
into account. The time for the accumulated
charge to decay is afunction of the amount
of charge and the rate of decay. If the rate
of decay is constant, the only way to reduce
the recovery time is to limit the accumulated
chargé (in terms of voltage). Diode D, performs this function as well as clamping the
voltage across R10 at IV thus limiting drive
current into the signal splitter.
The second section is the signal splitter,
unique to this approach, and consists of
transistors Tr, and Tr, plus a current
source transistor Tr,. The signal current
into the emitter of Tr, or Tr, is derived by
subtraction of two current levels, one constant and set by the voltage across R9,and
the other the output current of the input
section. This signal current either appears at
the collector of Tr,—causing a voltage
change across R„—or at the collector of
Tr,—causing avoltage change across 12, 1.
These voltage changes are converted into
positive and negative output currents in the
output section, which are then added together to give the final waveform. The
current gain of the output sections which
are conventional triples are governed by the
ratio of R,„ to R„and R,, to R, 8,
and in this
case the gain of 1000 seemed reasonable.
To keep the output triples above the
minimum conduction level a bias current
is provided by R„. The procedure adopted
for setting the standing current is to first
set R„ and R„ to minimum (diode end).

Amplifier
output
waveform

-a-

i"—

•>1

200}ts/cm

Fig. 3. Voltage excursion at signal splitter input with corresponding sinusoidal amplifier
output current (R L =1511).
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Set quiescent current with R„ and increase
R2,until there is asmall increase in current.
The only part still to be described is the
biasing chain R7-D,-D,-R 8-C,. This provides the half supply voltage for the base
of Tr, (decoupled by C,), aload for the class
A stage Tr„ and sets devices Tr, and Tr,
at the minimum conduction level required
for good phase response during cross-over
—by using the voltage across D, and D2.
By increasing the value of C, it is possible to
reduce the rate of charging of the speaker
coupling capacitor, eliminating 'thump', but
capacitor size becomes very large.
Returning for a moment to the input
section, Tr, is in asimilar position to that
used in many amplifiers, but instead of
driving another stage (Tr,) which only
requires a limited voltage swing, it is the
prime mover for the output section. To have
sufficient drive capability the quiescent
current in this stage may well need to be
10mA—instead of the lmA in mine—and
the voltage swing on the collector will be
the full supply voltage (50 volts).
It now seems clear why the distortion
of many amplifiers rises at low frequencies.
The dissipation change of this device during
avoltage cycle could be 500mW pk-pk in
the case Ihave quoted giving an emitterbase voltage change at low frequencies of
about 100mV. This change, even if we
assumed it is basically alinear function of
voltage, will cause a non-linear change in
the input device and hence aconsiderable
rise in distortion at low frequencies. In my
amplifier the maximum dissipation change
in Tr 2 will be less than ImW, thus eliminating this form of distortion and improving
intermodulation performance.
Performance
The measurement of distortion created
some difficulties especially when cbn-
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Fig. 4. Spectra made with a wave
analyser showed no difference between
spectra of outputs from oscillator and
amplifier. Plots were made with
(a) lkHz and (b) 10kHz signals and
were identical at all three power levels.
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Fig. 5. Null method of assessing amplifier distortion shows distortion products to be well
down in the noise. Deflection of 4cm represents 0.003% peak distortion at 10 watts
(3kHz, 150 load).

sidering the range of frequencies over
which this amplifier operates. The methods
employed can be separated into two distinct techniques—spectrum analysis and
nulling methods. To realize the first technique, an oscillator with apure, single-line
spectrum was needed, but the only one
available at the time, approaching areasonable performance, was the Si 451 produced
by J. Sugden & Co, having arange up to
30kHz. This was found (excellent as it is)
to be inadequate to permit the measurement of amplifier distortion.
So difficult in fact was the problem that
it is impossible to publish distortion curves
with any degree of confidence in their
truth, but it can be said that using the
Hewlett Packard 3590 wave analyser
there was no discernible dierence between
a plot of the distortion of the oscillator
and that taken after the oscillator output
had been passed through the amplifier.
Plots were taken over the frequency range
100Hz to 20kHz and powers of 100mW
to 25W. As amatter of interest the spectrum
plots of the amplifier are shown in Fig. 4
for lkHz and 10kHz and at several power
levels. The second method attempted was
rather more successful but unfortunately
does not present information in a usable
form because it involves acomparison of
output and input signals. It is also not a
sequential test as in the previous method
and as aresult problems were encountered
in successfully nulling the output against
the input of the amplifier, due to the phasing
of the signals and the earth loops generated
by the measurement method. After considerable adjustment of the phase compensation and spurious pick-up difficulties
the photograph Fig. 5 was obtained. Here
the distortion generated is right in the
noise (- 120dB down from 20V r.m.s.)
and the total deflection of 4cm represents
0.003% peak distortion at 10 watts and
a frequency of 3kHz, chosen for easiest
phase cancellation. The spikes usually
evident in the difference waveform with
this type of amplifier are completely absent, even with reactive loads, indicating
that stability in the cross-over region must
be excellent.
Intermodulation performance
The use of these two techniques is limited
in one way or another to the evaluation of
WorldRadioHistory
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Fig. 6. Result offeeding 5kHz and
200Hz signals in a 16:1 power ratio
into amplifier. Intermodulation products
f1 +f2 and A-f, are 90dB below 200 Hz
signal. Other spectral lines are due to
generator distortion.

amplifier linearity. The main advantage is,
of course, that adirect numerical value of
distortion is obtained which can be used
in comparison with other amplifiers.
The intermodulation test does not rely
on low-distortion oscillators of signal
cancelling techniques—in fact the only
component which limits the measurement
accuracy is the wave analyser itself. The
real drawback is seen when an interpretation of the results is necessary! The method
adopted is to "sweep" the transfer characteristic of the amplifier with alow-frequency
signal of large amplitude, and to "measure".
the slope of the characteristic with a lowlevel high-frequency signal. The two
frequencies selected were 200Hz and 5kHz
in apower ratio of 16:1.
The results not only ease the assessment
of the amplifier performance in an absolute
sense but also give some form of subjective
measurement for comparison with other
elements in the system. The results obtained in Fig. 6 indicate an excellent performance, the intermodulation products
f, + f, and f, - f, are -90dB below the
sweeping signal (200Hz) all other spectral
lines being due to generator distortion.
Amplitude-frequency response
The type of frequency compensation used
for this amplifier is unusual, mainly as a
result of the system design. The open-loop
gain begins to fall off at about 4kHz and
continues on a6dB/octave roll-off to about
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500kHz where the second pole of the output section starts to contribute excess
phase shift. The choice of the position of
the dominant compensation was adifficult
one. If it was placed in the output section,
as is normally the case, the gain of the
input amplifier would have to be restricted
at low frequencies, affecting the distortion
performance of the amplifier.
Another choice was using the dominant
lag to encompass the output section as
well as part of the input amplifier. This
would lead to instability internal to the loop
enclosed by the dominant lag and thus an
internal pole would have to be introduced
to remedy this condition. The final choice
(shown in Fig. 7) gives the single-pole
compensation needed for unconditional
stability coupled with minimal high-frequency distortion. The inherent pole in
the output section is subdued by the feedback resistance R, (so far as the main loop
is concerned) but gives the required unconditional stability of the output section.
The performance with reactive loads
will be spoilt if the output impedance of

Compensation
loop

...
11111111111111111W-%:

2Amp/cml

14—*I
50»s /cm

Fig. 9. Performance with a capacitative load. Capacitor in feedback loop effectively
reduces maximum rate of change of voltage across load. Overshoot is much less when
fed from a pre-amplifier.
Performance—with 60V regulated supply
20 watts into 15 ohms
30 watts into 8 ohms
30Hz to 100kHz (— 3dB)
power response
output impedance
0.1 ohm at 1
kHz
total harmonic distortion
< 0.01% throughout audio band and all
power levels
intermodulate distortion
< 0.003%
voltage gain
100
noise level
— 120dB below full power
maximum peak output current
± 3 amps, approx.
output power

the amplifier is controlled by the overall
feedback loop, i.e
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This is the equation of a second-order
system, where al(lig n,) V (CIL), and the
natural freqoency of oscillation is wo =
IIT = 11V (LC). If the amplifier has an
overshoot it must be due to the overall
amplifier having an a-value approaching
zero. If we now assume typical values and
examine the worst case condition, g„, =
10AIV, f, = 4kHz and a = 0.1 (20dB
peak), then C = 4,/./F and le, = 250kHz.
If this was aperfect model for the amplifier the overshoot would be excessive, but
in practice the output impedance is not
only a function of frequency but also of
output current. Thus a gets larger (less
overshoot) as the output current increases.
The basic assumption of this simple analysis is that the output impedance is controlled by the main feedback loop, but in
this amplifier resistor R, generates another
loop which effectively places a damping
resistance across the apparent output
inductance (Fig. 8).

Fig. 8. Power amplifier equivalent circuit.
Simple analysis shows output impedance
is controlled by main feedback loop,
but in practice R, generates another
loop effectively placing a damping
resistance across the apparent output
inductance.

current

} Load
voltage

20V/cm

where f, is the signal frequency and f2 the
open-loop —3dB frequency. This expression has a simple analogy with a series
inductance and resistance, where R = IIg
and L = 112 ng„,
A little more workt shows that if a
capacitive load is used the amplifier would
have a response given by

Fig. 7. Single-pole frequency
compensation method used gives
unconditional stability coupled with
minimal h.f. distortion.

1
.Amplif
ier
output

The only remaining improvement to
the transient performance of the amplifier
is by pole-zero cancellation using the feedt See for instance "Active filters" F. E. J. Girling
and E. F. Good, Wireless World, vol. 75, Sept.
1969, pp. 403-8.
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back element. If this term seems somewhat
academic, an alternative is to study the
overshoot with asecond-order system with
various inputs. If the input is an ideal step
the amplifier will give theoretical overshoots, but if the rate of rise of the input
waveform is decreased the overshoot will
reduce and eventually disappear. The
capacitor (a zero) in the feedback loop is
really reducing the maximum rate of change
of the voltage across the load and hence
the degree of excitation given to this inherently oscillatory system. By using this
type of compensation excellent performance
with reactive loads has been finally achieved
(Fig. 9). The overshoot with capacitative
loads, such as 4mF, is about 50% with an
ideal step input and far less when fed via
a preamplifier, thus no difficulties should
be experienced with any normal load.
Electrostatic loads. The distortion characteristic with this type of load was still
insignificant below 10kHz and gave a
gradual rise up to 20kHz where it was
still less than 0.05% at maximum output*.
Square-wave performance is shown in
Fig. 10 at maximum *output. The ringing
is due to the finite output impedance converting the ringing current in the inductance
and capacitance of the load into ripples in
the output, plus the overshoot of the
amplifier itself.
Future developments
The amplifier design is hopefully only a
source of ideas which may encourage further research into the whole approach to
design. So that the trend may be continued, future proposals are outlined in
Fig. 11. Here, the main difference is that

4- Maximum output is dictated by peak current
output capability.
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the output subamplifiers are oriented
toward the use of integrated components.
It has become obvious that past problems
with class B amplifiers originated with
the stabilization of the quiescent current
to
give
zero
cross-over
distortion.
Attempts were made to use diodes to compensate for device VBE changes with
fluctuations in the ambient temperature—
the independent variations due to device
dissipation could not be eliminated. Most
of the time the diode did its job and the
voltage defined by the combination of
transistor and diode remained constant.
This constant voltage was used in conjunction with low-value resistors to set
the quiescent current in the output circuits.
If now an integrated component is used
both the diode and the transistor are on
the same chip and, apart from minor
fluctuations, the combination is isothermal.
As a result the quiescent current is a
function only of the setting voltage and
not ambient temperature or differential
device temperatures. The accuracy with
which the current can be set is largely
governed by the offset voltage of the
transistor pair. Typical values of + 4mV
which would represent a + 8mA inaccuracy in the quiescent current using
0.5-ohm feedback resistors are readily
obtained. With such an arrangement a
reasonable quiescent current for the subamplifiers would be 30mA, the worst case
figures would be 24mA and 38mA. Both
of these values are well above the low
conductance current level (5mA) which is
required for good linearity of the subamplifiers.
The advantage of the new approach is
fairly evident when it is realized that as
long as the amplifiers are above the nonlinear region, the spreads introduced in
the sub-amplifier quiescent current will
not cause the class AB situation of overbiasing (shown last month) characteristic
of present designs. It is now possible to
design an output stage without the normal
trim potentiometers, thus giving a degree
of freedom in production not possible with
current amplifiers. The performance of the
amplifier, once checked at the end of a
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II
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Fig. 10. Square-wave performance when driving electrostatic load at 1kHz (a) and
10kHz (b). Top traces are voltage and lower traces current out of sub-amplifier. Ringing
is due to output impedance converting ringing current in L, and C, into ripples in the
output.
production line can be guaranteed for
operation in any climate and for any
period of time.

Possible applications
The performance of an amplifier of this
calibre is, in my opinion, wasted in a
conventional audio set-up. In most cases,
the transducers will be the weakest link.
The approach used in the design of the
output sub-amplifiers does not rely on
complementary matched devices—in fact,
in most cases n-p-n devices are preferred
for their superior secondary breakdown
characteristics. This represents considerable reduction in amplifier costs especially
in the 100-watt region as presently available devices boast a VcE0 of 120V with

100 watts dissipation at acost of less than
75p.
The ultimate use for this amplifier
would appear to lie with the high-power
professional market where the performance of cascaded amplifiers in asystem
would have to be excellent. Use in other
fields would be mainly governed by the
expected gain in performance or reduction
in cost. A possible application would be
as a portable standard oscillator, perhaps
meter calibration amplifiers, or even
high-frequency low-distortion class B
transmitter amplifiers. However, these are
only inspired guesses which may interest
those working in these relevant fields.
Thanks are due to Peter J. Baxandall
for his advice and encouragement and to
Hewlett Packard and the Plessey Co. for
use of their facilities.

Output

Output

Typical values: — R1 — 0•5r1

R -470

R2— 100
R3 — 470
Possible devices
Output

Fig. 11. Proposals for integrated components in output sub-amplifier.
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A Non-resonant Loudspeaker
Enclosure Design
Using acoustic transmission line with low-pass filter characteristics
By A. R. Bailey

M.Sc.(Eng.), Ph.D., A.M.I.E.E.

Over the years, the design of loudspeaker
units has progressed steadily until some
are now available with very good performance capabilities. In particular, the
advent of expanded polystyrene as acone
1
material has greatly reduced the distortions due to cone break-up.
Unfortunately, the design of loudspeaker cabinets has not kept pace with
these developments, and there is little
doubt that many enclosures now introduce more coloration than that produced
by good loudspeakers. The loudspeaker
enclosure to be described was developed
to give as little coloration as possible, but
to understand its evolution it is necessary
to return to basic principles.
By far the largest number of current
loudspeaker cabinets are based on the
"bass reflex" cabinet design'. This is
shown in Fig. 1as asectional view. This
cabinet appears to have only a relatively
short path-length between the back and
the front of the cone and would therefore
be expected to give relatively poor 1.f.
response. In fact the response at low
frequencies can be quite large, this being
due to the cabinet having aHelmholz air1
% column resonance at about the lowest
frequency being reproduced. In the
reference given previously, the theory is
well explained.
Unfortunately, this resonance in the
cabinet causes coloration in the bass
* Bradford Institute of Technology.

CLOSED
CABINET

;
•.,

- PORT

—1.>

Fig.
I.
Section
through bass reflex
cabinet.

RELATIVE OUTPUT (dB)

LOUDSPEAKER
UNIT

output of the system. This "ringing" on
bass transients can be very noticeable,
particularly on such instruments as string
bass.
In addition the cabinet itself is frequently unlagged and consequently the
sound is still emerging long after the
original signal has stopped. Very heavy
lagging is necessary to stop this effect and
in so doing the cabinet "Q" is reduced so
that the bass reflex action is lost.
Sine-wave testing does not necessarily
show up the defects of aspeaker system.
Rapid cut-off at the edges of a flat
response can make it sound far worse
than aslower rate of fall at the edges of a
system with apparently a poorer bandwidth. This is shown in Fig. 2.
The effect of the abrupt change in slope
of the amplitude/frequency characteristic
is to give "ringing" at the frequency where
the slope change takes place. This
effect is unavoidable and is the necessary
price to pay for the extension of bandwidth by the use of resonance effects. It
is for this reason that loudspeaker systems
can sound very "boomy" in the bass,
even though the measured amplitude
response shows no resonant peaks.
One method of testing that has not
apparently been widely used is that of
impulse-testing of loudspeaker cabinets.
This method is very powerful and is
described later on. For the moment it is
sufficient to state that it confirmed that

BANDWIDTH or 8
BANDWIDTH OF A—a.

LOG FREQUENCY

Fig. 2. Response curves having different transient responses.
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Fig. 3. Section through acoustic labyrinth
cabinet.

normal loudspeaker enclosures are not
very good.
It is now apparent that it is the sound
waves produced at the rear of the cone
that have to be absorbed if delayed
output and resonances are to be avoided.
Acoustic labyrinths 2 have been used in
the past in an attempt to "lose" the
sound down multiple paths. Such an
enclosure is shown in Fig. 3, but the size
needed is excessive. Unless there is
adequate internal lagging, then these
cabinets will also possess pronounced
energy storage and the consequent lack of
sound clarity.
Transmission line approach
The only safe method of removing the
rear cone sound energy is by transmitting
it down an infinite transmission line.
This is obviously impracticable so the
nearest approximation was examined.
If atransmission line for acoustic waves
is filled with a light acoustically-resistive
medium, then the transmitted wave will be
rapidly attenuated. After a certain distance the wave will be so weak that a
blockage of the line will give only a
minute reflected wave back to the speaker
cone. The magnitude of the reflected
wave can be determined by the standingwave ratio immediately behind the
speaker.
The choice of acoustic absorbing
material will greatly affect the final
performance so an initial investigation
was made into the reflecting properties of
various acoustic transmission line ter-
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minations. Many materials including
glass fibre were tried, but the best results
were obtained from long fibre wool.
This gave a remarkably good absorption
down to quite low frequencies. A
typical set of the curves obtained is
shown in Fig. 4.
For practical purposes a long pipe is
not desirable so experiments were then
made with a folded pipe of total length
of about 8ft. This was built as shown in
Fig. 5, the far end of the pipe having a
pivoted flap so that characteristics could
be taken with both open and shortcircuit terminations. The results proved
most interesting.
With the port closed the loudspeaker
gave a very good performance with a
slightly weak bass response. Sine-wave
testing confirmed that the bass response
fell by several dB below 60 c/s although
the cone amplitude doubled for ahalving
of the input frequency. The trouble was
finally traced to diffraction effects, the
radiated wave-front changing its polar
response at low frequencies. The effective bass response could be changed very
markedly by positioning the cabinet
away from a wall. The bass response
then fell even further due to the increased
diffraction at low frequencies. For test
purposes a plain wall backing was used.

BUNG OUTLINE
40

REFLECTED WAVE/INCIDENT WAVE

35

, r.

.r rs r'•_ti,''‘

20

15

10

Fig. 4. Reflection characteristics of acoustic absorbents.
from two spaced sources, the diffraction
effects would be reduced.
As the wool-filled line acts as alow-pass
filter, the radiation from the vent cuts off
before cancellation can occur at the
higher frequencies. The rapid cut-off of
this acoustic line is shown in Fig. 6. This
shows the sound pressure at the port end
of the line with the port closed.
Impulse response
As the performance so far appeared to be
satisfactory it was decided to investigate
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Fig. 5. Experimental acoustic transmission line cabinet.
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Opening the port had two effects.
First, the bass response was improved to
become approximately flat and secondly
the cone excursion was greatly reduced
between 30 and 50 c/s. The bass improvement was due to the line length
being such that the delayed bass wave
from the line was in phase with that
radiated by the front of the cone. Also
as the bass frequencies were radiated

LOUDSPEAKER
UNIT

30

80

90

100

110

FREQUENCY (c/s)

Fig. 6. Sound pressure in closed vent of experimental cabinet.
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the impulse response of the loudspeaker
cabinet. The square-wave testing of
loudspeaker units had previously shown
that it was not possible to generate agood
square-wave of sound pressure, let alone
an impulse. Several mechanical methods
Fig. 7. (a) Impulse response of acoustic
transmission line loudspeaker cabinet.
(b) Impulse response of bass-reflex cabinet
identical in volume to (a). (c) Impulse
response of bass-reflex cabinet with internal
lagging.
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were then tried but none proved to be
really satisfactory. The author is therefore indebted to his colleague, R. V.
Leedham, for suggesting the use of
exploding wires as a standard impulse
source.
Exploding wires proved to be a
delightfully simple and accurate method
of generating an acoustic impulse.
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Basically the method involved discharging
a low inductance capacitor of high value
(1000 p,F) charged to about 250 V through
1cm of 40 s.w.g. tinned copper wire.
The wire is vapourized almost instantaneously and the acoustic impulse produced had arise time well into the supersonic region. Spark-generated impulses
could have been used, but ahigh-voltage
source is necessary of considerable stored
energy if an adequate impulse is to be
produced. As exploding wires were less
lethal experimentally and only needed
standard power supplies, the use of a
spark source was not pursued.
The measuring microphone used had a
working bandwidth of 30 to 10 kc/s and
was used inside the cabinet at a distance
of 18in from the exploding wire source.
The exploding wire was operated at the
position where the loudspeaker would be
used, the loudspeaker opening being
blanked off.
The results appear in Fig. 7a, the initial
impulse being just discernible. The
results were felt to be very creditable, the
large damped oscillation being the
flexure of the in blockboard immediately
behind the exploding wire. The experiment was then repeated with a bassreflex cabinet of identical size having a
port area of some 24in 2 and unlagged
internally. The results were markedly
dissimilar. Acoustically a much louder
hollow explosion could be heard and the
microphone pickup showed a far larger
spurious output for a much longer time.
This is shown in Fig. 7b, the sensitivity
and time scales being identical with that
of the previous test.
The cabinet was then lagged internally
with sound absorbent and the test was
repeated. The result is shown in Fig. 7c,
the resonance obviously being better
damped but still far worse than the line
type of cabinet.
Listening tests proved that the cabinet
had a "cleaner" sound than the bass
reflex type, the effect of the line being very
noticeable in its lack of coloration on
speech. Transient response was definitely better on the line speaker, the sound
being more "tight" and natural.
For obvious reasons it is preferable to
have the long axis of the loudspeaker in
the vertical plane. The cabinet ducting
arrangement was therefore rearranged
and one commercial form is as shown in
Fig. 8. To make the most of the cabinet
it is obvious that the loudspeaker units
must not possess large colorations of their
own. The units quoted give very good
performance although other equally good
units may be available. The cross-over
frequency used is 1500 c/s.
The frequency-amplitude response of
the complete loudspeaker system is shown

TIGHTLY-PACKED
SHORT FIBRE
WOOL

LOUDSPEAKER
UNIT

F.E.F. 8139
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Fig. 8. Production version of the acousticline
loudspeaker
cabinet.

FRONT ELEVATION

Cabinet material

in solid Afrormosia and

in laminated wood.

Internal partitions braced down centre line of cabinet.

in Fig. 9. The rate of fall at the low
frequency end is creditably slow and far
better than the majority of systems in use.
It is not unknown for rates of cut-off to
be as high as 18 dB per octave and to
start very rapidly. This gives rise to a
"heavy" bass effect that some people
prefer; it is, however, not natural.
The bass resonant frequency of the
speaker unit is below 15 c/s in the enclosure (about 30 c/s in free air) and
quite well damped, so this will have no
noticeable effect on the output. As the
acoustic loading of the pipe is, therefore,
dominating the speaker unit, the lowfrequency waveform will be better as the
non-linearity in the loudspeaker unit
suspension will be swamped by the linear
acoustic loading.
The final subjective tests were very
good. The sound quality is effortless and
natural. At first hearing the bass sounds
to be deficient but extended tests show
that this is not so, it is merely that one
has been conditioned to hearing resonant
bass. The overall effect is surprisingly
unexciting—only natural. In over a
year's use of the system the author has
noted, however, that musical listeners
were very impressed with the result.
Practical Points
The cabinet design is not critical, and
many variations are possible. The only

cardinal point is that of keeping the pipe
area above that of the cone. A rather
strangled result can occur if an attempt is
made to save space by restricting the pipe
area much below that of the speaker cone.
It must also be noted that apoor speaker
does not usually sound much better in a
good cabinet as the speaker deficiencies
dwarf the improvement.
The application of the principle of the
design is the subjective of a Patent, but
there is no restriction, of course, on
private individuals making cabinets for
their own use. For the amateur constructor the following points may be of
use:—
(1) The cabinet should be make of thick
acoustically dead material, chipboard
being generally better than plywood.
Due to the absence of high internal
pressures and the absorbing effect of the
wool, the cabinet thickness and bracing
are not as important as in the case of the
bass-reflex.
(2) Acute bends in the pipe should be
arranged to occur as far from the loudspeaker cone as possible to reduce the
magnitude of standing waves due to
reflections.
(3) The wool should be of long fibre
length and packed fairly loosely, about
one pound to every two to three cubic
feet. Long-fibre wool of the correct specification can be obtained from John W.
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Pennington Ltd, Midland Wool Warehouses, Briggate, Shipley, Yorkshire, at a
cost of 75p plus v.a.t. per pound.
(4) Either spray the wool with mothproofer or take other suitable action or
the cabinet performance may suffer from
an ageing process.
The author has constructed several
different cabinets of totally different sizes

and geometry, and apart from narrow
pipes and badly angled bends the performance has been remarkably similar.
In fact alow resonance 4in unit has been
used effectively and gave agood output at
35 c/s. The power handling capacity
was, however, limited.
Acknowledgements.—In conclusion the
author would like to thank Radford
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Electronics Ltd. for permission to give the
details shown in Fig. 8. Also thanks are
due to R. V. Leedham and other colleagues for their help and criticism.
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Letters to the Editor
Non-resonant Loudspeaker
Enclosure
SINCE writing the article on the nonresonant loudspeaker, Ihave been examining further the performance of acoustic
absorbents. Of those that are readily
available, kapok is about the best but is
not up to the performance of long wool.
If the kapok is very well teased out then
its properties are quite good. Unfortunately however it gradually compacts
with use and the acoustic performance
suffers accordingly. It may be possible
to support it with wire netting, but this in
turn can give resonance troubles.
The short fibre wool mentioned originally is very uncritical and cotton wool,
kapok, or any usual cushion stuffing
material is quite suitable. The purpose
is only that of mid-frequency absorption
and this is easily done by most textile
materials.
ARTHUR R. BAILEY

Bradford
IT was particularly interesting to read
Dr. A. R. Bailey's article describing anonresonant loudspeaker enclosure, using a
transmission line as a load. I would
agree entirely with his contention that it
is difficult to design aconventional reflex
cabinet which is devoid of boom when
reproducing the double bass or one which
does not produce objectionable coloration
of orchestral bass transients. However,
I have established that it is possible to
remove this defect from the conventional
bass reflex cabinet by filling the interior
of the cabinet with a fibrous material
which provides a resistive load to the
cone at low frequencies.
This system also becomes virtually nonresonant and was named aresistive reflex
cabinet. The principle was used commercially early in 1962 and was the
subject of a patent application on my
behalf in May 1961. It is not unlikely
that the subjective impression of music
reproduced by means of aresistive reflex
cabinet would compare favourably with
Dr. Bailey's system, although their
design concepts are clearly different.
Further research and development has
established that reflex cabinets of only
1ft 3 can be made virtually non-resonant

in the frequency range above 30 c/s.
The bass quality is life-like and there is
an absence of boom or chestiness in
speech. As aresult of further research I
have established that the amplifier stability margin at the bass resonance
frequency is more satisfactory with such a
loudspeaker, and that the transient
response of the amplifier and loudspeaker
in tandem is well damped. Undoubtedly
Dr. Bailey's system possesses the same
virtue. It is perhaps strange that speech
should sound coloured when the main
system resonance is around 40 to 50 c/s.
This phenomenon appears to be due to
the fact that the d.c. component of the
distortion produced in the amplifier
appears as a pulse when there is a rapid
change of signal level unless the feedback
loop is d.c. coupled throughout or has a
very long time constant. This internally
generated pulse excites the transient
response of the amplifier speaker combination and gives rise not only to boomy
speech and music, but to excitation of
speaker cone resonances as well.
It would seem then that those people
who maintain that no two amplifierspeaker combinations should alike are
probably right after all.
The
transient
testing
procedures
adopted by Dr. Bailey undoubtedly show
up the spurious coloration of an enclosure
very well.
Another alternative method which I
have found useful is to apply a step
function to the speech coil from a leadacid battery by means of a mercury
switch. The latter produces very fast
rise times without contact effects. Any
spurious coloration is revealed outdoors
or in an anechoic chamber. It is by the
same process possible to identify whether
the loudspeaker or room acoustics are
producing unsatisfactory bass response.
J. R. OGILVIE

Sevenoaks, Kent.
The author replies:—
I was very interested to read Mr.
Ogilvie's comments with regard to loudspeaker systems. There are, however,
one or two points that Iwould like to
comment on.
Firstly, there is the perennial problem
of obtaining the best possible performance
WorldRadioHistory

from small loudspeaker enclosures. This
has always been a difficult requirement
due to diffraction and other effects. I
would agree with Mr. Ogilvie that it is
possible to make a small bass reflex
cabinet virtually non-resonant, but Ihave
always found that the small port size
necessary for a low Helmholz resonance
gives very little benefit unless the cabinet
is very resonant. If he has indeed solved
the problem, then there will be many
people grateful to him.
I would be interested to know the
method of damping that Mr. Ogilvie uses,
as all that Ihave tried in small systems
either put up the effective stiffness of the
enclosed air to an unacceptable value, or
alternatively cause distortion due to the
non-linear air friction effects. These
same shortcomings exist in the damping
materials used in the now popular closedbox systems. Too much stuffing in a
bookshelf speaker can make it sound
terrible.
Regarding the effect of resonant
speaker systems on their driving amplifiers; I will agree that the speaker
impedance can rise steeply at resonance
peaks, but this should not upset any
reasonable amplifier except perhaps under
overload conditions. A good amplifier
should give a satisfactory transient
response at the bass end even with an
open-circuit as a load. Overloads on
output voltage levels should also not be
capable of seriously upsetting the amplifier, irrespective of the output load
conditions. Any high-fidelity amplifier
worthy of that name should not be upset
by load conditions to an audible degree,
but then I would agree that there are
some amplifiers that are not as good as
their title suggests.
Regarding the coloration of speech by
resonant speaker systems. I feel that
Mr. Ogilvie is being confused between
the lowest continuous tone that can be
sung and the complex components of
speech. The explosive components of
speech have constituents that extend
below the audible spectrum, these being
easily isolated by a third-octave band
filter. It is these components that are
subjected to the bass resonance frequency of cabinets and speakers and
cause the resulting coloration.
Iam rather puzzled by the reference to
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d.c. components of distortion producing
coloration effects. This is contrary to
my own experience, where tone-burst
testing an amplifier with bandwidthlimited waves gave no measurable d.c.
components whatever. With a low-distortion amplifier Iwould not expect that
any distortion products could produce
audible colouring from resonances, due
to their extremely low level.
When deciding on how to impulse-test
loudspeaker enclosures, step waveforms
were applied to loudspeakers and their
acoustic outputs examined. Unfortunately no loudspeaker was found with a
sufficiently good performance for the
purpose. Even the best tested had far
more coloration than that of the acoustic
line cabinet to be tested. Certainly there
is still useful work to be done before
loudspeakers can be classed as giving
true reproduction.
ARTHUR R. BAILEY

1

1

Loudspeaker Enclosures
DR. BAILEY'S loudspeaker design
which he described in the October issue
of Wireless World, is aresurrection of the
almost forgotten labyrinth enclosure
which was popular many years ago, and
is still regarded in some quarters as being
potentially superior in performance to
bass reflex types. It bears no direct
relationship to the labyrinth enclosure to
which Dr. Bailey attaches the name, and
in its usual form its chief disadvantage is
the monstrous size required to attain the
low frequency performance demanded by
modern standards.
It is surprising at first sight, that the
excellent bass response, shown by the
curve Dr. Bailey gives us, can be produced by aphase inverting line only some
7ft. long. This will have its "free air,"
half-wave resonance, necessary to achieve
the phase inversion required between the
rear of the loudspeaker cone and the port
opening, at 80 c/s. Below 40 c/s this
results in the output from the port containing acomponent which is in antiphase
with that from the loudspeaker cone,
decreasing the total output and increasing
the rate of fall off.
This is not the case with Dr. Bailey's
enclosure, the output being well maintained to frequencies appreciably below
30 c/s, and it must be inferred that the
phase inversion occurs by some means
other than the free air resonance. There
is a retarding effect on the waves within
the enclosure, decreasing the frequency
of its resonance, and thereby lowering the
frequency at which phase inversion
occurs. As the wool filling is the only
difference between this enclosure and the
simple labyrinth, it would appear that
this is responsible for this effect, and there
is asimple, if perhaps incomplete, explanation which indicates that this is the case.
If we consider two waves of the same
frequency, but having different velocities,
then:Ao
y
o
— = — where 4 and A
i are the

wavelengths corresponding to y, and y
1.
But y = —
E ,where E is the elasticity of
P
the propagating medium and pits density.
Hence

Áo
=
A,

-

-

Ei

!where
po

1:

?to, E0

and pocorrespond to free air conditions and
E1and picorrespond to those in the filled
enclosure.
With two assumptions, we can simplify
this expression and relate it approximately
to the amount of material added to the
enclosure.
Firstly, it appears reasonable to assume
that with aloosely packed filling, little air
will be displaced. Also the fibres are
themselves relatively incompressible compared with the remaining air. We can
therefore say that

.°,-- 1approximately

since we can expect little change in the
elasticity due to the filling.
Secondly, it seems quite probable that,
for frequencies where there is little
attenuation in the filled line, the filling,
being highly compliant, will respond to
the air movement, and its mass will
effectively add to that of the air. Thus
the density of the propagating medium
will be higher than that of air, and to
a fairly close approximation, can be
assumed to be the density of air plus the
filling rate.
The expression
reduces to

given

above

only does it in this case provide a reduction of 2-6 times in the line length, but
also in the other dimensions. The
required volume has been shrunk from a
gargantuan 100ft 3 to a domesticated
5-5ft 3.
This is a remarkable achievement and
with its possibilities for further improvement and application is of far greater
importance than the other, coincidental,
properties of Dr. Bailey's enclosure.
E. A. HARMAN

Chorley, Lancs.

SIX years ago, the writer tested a labyrinth cabinet almost identical to that
described as an acoustic transmission line
cabinet by Dr. Bailey in the October issue.
Response curves taken under free-field
conditions are shown in the Figure.
Variations of cabinet and absorbent gave
the same result of numerous resonances,
as also did afolded horn. The curve for
atotally enclosed cabinet of less than half
the volume is included for comparison;
provided the cabinet is not long and
narrow, only the fundamental is present.
These results were given in alecture to the
(then) Brit.I.R.E. on January 24th, 1962.
Similar results were obtained many years
ago by H. J. Leak and J. Bolingbroke.
The original labyrinth was essentially a

now

jp-i.„,. \ Ipo x r

Ai—
Po
Po
where ris the filling rate.
It would appear that the half wavelength resonance of Dr. Bailey's enclosure
occurs at 30 c/s corresponding to a free
air wavelength of 36ft. But the wavelength corresponding to the unfilled
enclosure is 2 x 7--- 14ft.
Hence ào = 36ft., A, = 14ft.,
and pi = 6-6 po = 0-5 lb/ft 3, taking
Po = 0-075 lb/ft 3 at room temperature.
This means that the filling must be
added at a rate of 0-425 lb/ft 3 or 1lb to
every 2-3ft 3 of enclosure, which is within
the range recommended by Dr. Bailey.
It is interesting to note that the line can
be tuned to the required resonance by
addition or subtraction of filling; this
was always a difficulty with the simple
labyrinth, since the fundamental resonance of the system changes with achange
of line length, and "cut and try" could be
expensive on timber. Furthermore, the
use of other media is indicated since it is
the weight added which is important.
Provided that the low-pass characteristic
can be correctly maintained, higher
packing densities could be used to reduce
still further the enclosure size.
So far as the reduction of spurious
resonances is concerned, many of the
small airtight enclosures currently available are filled with a fibrous damping
medium. But it is doubtful if any of
them use the velocity retardation effect at
undamped frequencies other than by
accident. Certainly none could use it to
better effect than the labyrinth, where not
WorldRadioHistory
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Mr. Barlow's response curves. (a) labyrinth lined with in thick cotton wool;
impedance peaks: 87, 140, 180, 230, 330,
460, 720 and 870 c/s (fundamental 44 c/s):
(b) labyrinth completely filled with cotton
wool; impedance peaks: 74, 100 and
340 c/s (fundamental 23 c/s). The dotted
curve is for a totally enclosed cabinet half
filled with cotton wool; impedance peaks:
fundamental only 65 c/s.
resonant device, in which the resonances
and anti-resonances were used to equalize
the speaker output. It will be noted that
the rate of cut off of the totally enclosed
cabinet is similar to that of the absorbentfilled labyrinth, and can be varied if need
be by design. When measured standing
against a wall, as is done by Dr. Bailey,
the response of the labyrinth may tail off
more gradually, but this would apply also
to the totally enclosed cabinet. If it is
desired to tail off the bass gradually from
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a relatively high frequency, there are
simpler and less resonant devices than the
labyrinth for doing this.
D. A. BARLOW
H. J. Leak & Co.,
London, W.3
The author replies:—I read Mr. Harman's
letter with great interest as his theory is
borne out in practice. The velocity of
sound in wool is considerably slower than
in free-air, and is also slower than can be
accounted for by the difference between
isothermal and adiabatic compression of
the air. The wool mass is definitely
slowing down the wave front, but as there
cannot be perfect coupling between the
wool and the air the effect will be somewhat less than given by Mr. Harman's
calculation. On the other hand the
wave will be slowed by the isothermal
effects of the wool as well, so the error in
assuming perfect coupling will be reduced.
As Mr. Harman surmises, the velocity
of sound can be slowed down very
greatly in a high packing density, but
unfortunately this gives rise to high back
pressure on the loudspeaker cone due to
the very restricted air passages. There is
therefore a maximum packing density

that can be used without giving astrangled
effect to the sound. The maximum density varies with speaker design and
cabinet design, but is far greater than the
density used in the cabinet described.
Regarding Mr. Barlow's letter, I feel
that he must have misunderstood the
article. This may have been my fault,
but the cabinet design is based on a
transmission line (which should have
no reflections) having energy absorbing
properties at all but the lowest frequencies.
There is no desire to form a labyrinth
(dictionary definition—with many turnings) at all. In fact every turning tends
to cause reflections and these are contrary
to what is required.
Without knowing what design of
cabinet Mr. Barlow used, it is difficult to
be analytical of his results. It may be of
interest, however, to note that cotton wool
has not proved to be a suitable material
from the tests that I carried out. I
would disagree that the rates of cut-off
are the same in the second figure, my
constructed asymptotes on the mean
rate of cut-off give the labyrinth a 5 dB
per actave slower rate of fall.
Incidentally my own response curve
was taken with B. & K. equipment with
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the speaker back to the wall of a60 ft long
laboratory, the microphone being 1ft in
front of the speaker midway between the
speaker and vent axes. A free-field
response was not given as this is intolerably bass-heavy if a flat characteristic is
obtained. A floor and a wall were felt
necessary to simulate the effect of normal
domestic listening conditions.
If Mr. Barlow is still convinced that a
closed cabinet gives better performance,
then Iwill be only too happy to give him
a demonstration of the system's capabilities. A 25 c/s pure sine wave can be
generated acoustically by the system. A
very large enclosed cabinet would be
needed for this as the cone resonance is
increased by the enclosed air. Incidentally, the effective system resonance of the
transmission line speaker is below 15 c/s
for the design given. The cone resonance as such may be above or below its
free-space figure depending on the sign
of the reflected reactance of the transmission line. This factor, however, has
little significance as line loads the cone
resistively to such a degree that reactive
effects are negligible within the audible
range.
ARTHUR R. BAILEY

HART ELECTRONICS

JESAUDIO Instrumentation

Full range of ultra high quality Audio Kits to Wireless World and
other designs. All our products offer a unique combination of
brilliant PCB design and highest grade components to produce a
finished unit equal to or surpassing the best ready made equipment. In fact our kits are assembled in many overseas markets.
Our latest release is this FM Tuner:

Illustrated the Si453 Audio Oscillator
SPECIAL FEATURES:
* very low distortion content—less than 0.05%
* an output conforming to RIAA recording
characteristics
* battery operation for no ripple or hum loop
* square wave output of fast rise time
£45.00

Si451 Millivoltmeter
* 20 ranges also with variable control permitting easy reading of
relative frequency response
£40.00
also available
Si452 Distortion Measuring Unit
* low cost distortion measurement down to 0.01% with comprehensive facilities including L.F. cut switch, etc.
£35.00
ALL PRICES PLUS V.A.T.

J. E. SUGDEN& CO. LTD., CARR STREET, CLECKHEATON,
YORKS. BD19 5LA.
Tel: 09762 -2501
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By keeping abreast of available components and technology we
have been able to produce atuner with an advanced specification
which is also easy to build. There are no coils to wind and no
alignment is needed. Tuning is by pre-set push buttons and an
integrated circuit stereo decoder is used.
Full details of this along with Bailey amplifiers, pre-amps, Stuart
tape circuits and tape heads are all in our FREE LIST.

Send 9" x 4" SAE for your copy now.
HART ELECTRONICS, PENYLAN MILL, OSINESTRY, SALOP.
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Low-cost High-quality Loudspeaker
Design for frequencies above 100Hz. 1-Construction and assembly
by P. J. Baxandall,

B.Sc. (Eng.), F.I.E.E., F.I.E.R.E.

This loudspeaker may be built by the home constructor for a
total expenditure in the region of £10. While it does not have the
extended bass response of some much more expensive loudspeakers, it is nevertheless unusually free from the colorations
and hangover effects which are unfortunately still a feature
of the majority of commercial designs'. Consequently, on many
types of programme material, it will be found to give considerably
better reproduction than is obtained with many much more costly
loudspeakers.
On speech, both male and female, the loudspeaker reaches
a very high standard of performance. Using a high-grade capacitor microphone out of doors, an almost deceptive degree of
realism can be achieved in the reproduction of familiar voices.
While many people who have heard the loudspeaker on music
seem to find the bass response fairly adequate, direct comparison,
particularly on organ music or large-scale orchestral music, with a
good loudspeaker, such as a B.B.C. monitor', leaves listeners in
no doubt that the reduced response below about 100 Hz constitutes the main shortcoming of the design*. Consequently it is
recommended that, where space permits, the basic low-cost loudspeaker should be augmented, at frequencies below about 100 Hz,
by aseparate woofer. Because this has to cover afrequency range
of only about one octave, in arather uncritical part of the spectrum, there is much latitude in its choice and almost any old 12-in
unit, such as can be bought second-hand for apound or two, can
be pressed into service.
In astereo system, one such woofer can be shared very satisfactorily between the two channels, and because these very low
Of course, some small-scale music of great beauty contains almost no
frequencies below 100 Hz and is therefore virtually unaffected by this shortcoming.

The complete low-cost loudspeaker. The size of the cabinet is
I8in. X 12in. X 10in.(deep).

frequencies convey almost no sense of position, the woofer can
be placed in any convenient position in the room. When circumstances permit, the possibility of mounting the woofer unit in a
hole in the floor, ceiling or awall may be worth considering, as it
saves the space and labour of cabinetwork.
Suitable circuit arrangements for such a three-speaker steTeo
system will be discussed in Part 2 of this article, and it will be
shown how the relative levels from the woofer and the other two
loudspeakers may be adjusted to give nicely balanced reproduction in listening rooms having different acoustical properties.
A complete stereo system on the above lines can thus be built
for no more than about £20, and is capable of a surprisingly
high standard of reproduction. Even direct comparison with a
pair of Quad electrostatic loudspeakers does not always reveal
any obvious shortcomings, though careful listening over aperiod
of time makes it evident, in particular, that the lower intermodulation and hangover distortion of the electrostatic speakers
results in greater clarity and separation of instruments particularly
at high volume levels. Nevertheless, the low-cost system is capable
of quite impressive volume and clarity in the reproduction of
orchestral and choral music in rooms of normal living room size,
and in much music of a quieter nature listeners have shown no
marked preference for one or the other speaker system.
Evolution of the design
The following thoughts were significant in the evolution of
the present design, which aims to satisfy an evident demand for
the best possible quality of reproduction at areally low price:
(a) Large loudspeaker units suitable for awide frequency range
are expensive and need augmenting by atweeter for really firstclass results.
(b) Smaller circular units, e.g. 8in., often suffer from undesirable
hangover effects in the lower-middle-frequency range" 4""
and the unpleasant sound of these cannot be fully removed by
electrical equalization. However, it was mentioned by Dr. G. F.
Dutton of E.M.I. at the discussion following Mr. Shorter's
paper' that the use of elliptical rather than circular diaphragms
gives amarked reduction in hangover distortion, which is caused
by diaphragm vibration persisting in low-damped radial modes
after the cessation of the signal.
(c) The surprisingly good results given by a commercial loudspeaker known as the CO Reproducer', which used a cheap
elliptical unit almost the same as that employed in the present
design, served further to direct the author's attention to the
virtues of elliptical diaphragms, and preliminary measurements
on such a unit showed that it had an axial frequency response
which, if its main departures from levelness were to be corrected
by a cheap and simple electrical equalizer, would give a sufficiently uniform and wide-range response to meet the requirements
of very high quality reproduction—except that some sacrifice of
performance at very low frequencies seemed virtually unavoidable.
(d) The use of asingle unit to cover the whole frequency range
also simplifies matters by avoiding the problem of the unnatural
changes in polar response which are liable to occur in the crossover regions of multiple-unit systems'.
(e) While the exploitation of cabinet panel resonances to modify
the frequency response over certain ranges is adodge which has
sometimes been employed with a degree of success in cheap
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designs, it was felt to be such a tricky and unpredictable technique that it would probably be much better avoided.
(f) The notion that very high flux densities are essential for good
transient response, while a widely propagated belief, is not in
accordance with much practical experiencet.
Consequently the fact that the cheap elliptical unit being considered had arather small magnet was not regarded as of much
significance in this context.
(g) Of much greater significance was felt to be the fact that only
quite small diaphragm excursions, in the region of + 1 mm,
can be made without running into considerable suspension nonlinearity and non-linearity caused by the rather skimpy nature
of the coil and magnet geometry. Indeed it is still asource of some
surprise that such substantial volume can be obtained in practice
without these non-linear effects giving any obvious subjective
impairment of the reproduction.
The basic recipe adopted thus involves no more than the use, in
association with a simple electrical equalizer, of a particularly
suitable, though quite cheap, elliptical unit having a plasticized
surround, mounted in a totally enclosed box made rigid by internal bracing and containing felt damping material to reduce
standing-wave effects and provide some additional damping of
the main diaphragm resonance.
The size of the box is such that the stiffness of the enclosed
air at low frequencies, referred to the diaphragm is about equal
to the mechanical stiffness of the diaphragm suspension, resulting
in a resonant frequency of about 100 Hz. This size of box is
quite convenient to accommodate, and the improvement in
bass performance given by even quite alarge increase in volume
would not be great. Moreover, the greater the overall stiffness,
the less will be the intermodulation distortion whet; strong lowfrequency signals are fed to the unit, e.g. at 40 Hz, at the same
time as higher frequeilcies. The size of box adopted is thus
thought to be a good all-round compromise.
While the use of a vented enclosure has been carefully considered, such an arrangement would either result in a considerable increase in intermodulation distortion in the presence of
large inputs at very low frequencies, or, if the Helmholtz resonant
frequency were made low enough to avoid this danger, the
response at very low frequencies would be at alower level than
that at higher frequencies, requiring further electrical equalization. For normal circumstances, the simple totally enclosed
box seemed to be the best choice, therefore.
The use of an equalizer of fixed design, not adjusted to suit
individual loudspeaker units, will obviously be satisfactory only
if the variations in response of the units in production is sufficiently small. All that can be said is that of several units checked,
bought over aperiod of several years, all have had the same main
features in their frequency responses, fairly closely matched by
the equalizer characteristic. Thus, while it cannot be guaranteed
that every loudspeaker built to the present design will have quite
such a good frequency response as the prototype, it seems virtually certain that the equalizer will always effect a marked improvement in the results.
Frequency response curves
The full-line curve in Fig. 1shows the measured axial frequency
response of the loudspeaker without the equalizers. It will be
seen that, ignoring the numerous small wiggles (which appear
in virtually all loudspeaker response curves if the frequency is
varied slowly enough), the main features of this curve are aregion
of excessive output centred broadly just below 700 Hz, and
another similar region centred at about 7kHz.
tA weak magnet may give rise to apeak in the frequency response in the
region of the main resonant frequency of the diaphragm'. While this is not
necessarily undesirable if it occurs well below 100 Hz, where some degree
of ringing does not seem to give subjectively noticeable impairment of transient response, it can in any case be damped down by acoustic means, e.g.
by a close-fitting felt cover over the loudspeaker unit, if this is thought
desirable. At higher frequencies, many of the diaphragm resonances are so
weakly coupled to the coil that little electromagnetic damping can occur
even if the flux density is very high.
t This measurement was made out of doors using a small home-made
omnidirectional capacitor microphone at a distance of 2ft. 6 in. from the
front of the loudspeaker and at aheight of 4ft above ground, on axis. The
microphone was used in the r.f. bridge system described in Reference 6, and•
its pressure calibration was obtained by developing a constant alternating
force on the diaphragm by means of an oscillator voltage applied in series
with a d.c. polarizing voltage. To avoid any significant error at high frequencies due to pressure doubling, the capsule was then placed in front of
the loudspeaker with its Iin, diameter diaphragm in ahorizontal plane.
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Fig. 1. Full-line: unequalized axial frequency response of loudspeaker.
Broken line: inverse of equalizer frequency response.
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Fig. 2. Basic equalizer circuit.

The basic equalizer circuit designed to correct the Fig. 1
response is shown in Fig. 2. However, because 16 µF is an inconveniently large capacitance, the practical equalizer circuit
is arranged as in Fig. 3. The full-line curve in Fig. 4shows how
the equalizer causes the voltage across the speech coil to vary
with frequency for aconstant amplifier output voltage. Referring
to Fig. 1again, the broken-line curve is an inverted version of
the full-line curve in Fig. 4, and shows that the equalizer characteristic is quite well matched to the main features of the loudspeaker response. (The broken-line curve in Fig. 4simply shows
the effect of removing the damping resistors from the equalizer
circuit.)
Fig. 5 shows the overall axial response curve of the loudspeaker with the equalizer incorporated and it will be seen that
most of this lies within ±3 dB limits from 100 Hz to over 10kHz,
the general balance of low, medium and high-frequency response
being within even finer limits.
The loudspeaker unit. The unit is an Elac 15-ohm 9in. X 5in.
elliptical unit, Type 59 RM/109, manufactured by Electro
Acoustic Industries Ltd., Stamford Works, Broad Lane, Tottenham, London N.15. The retail price is £2.47 plus v.a.t. When
ordering state that 15-ohm impedance is required.
Constructing the equalizer
The equalizer circuit has already been given in Fig. 3. The inductors both employ 0.014 in. silicon iron laminations, InterService No. 421. These are conveniently obtainable in kits
from the Belclere Company Ltd., 385/387, Cowley Road, Oxford.
Each kit consists of astack of Silcor 107 laminations, a bobbin
and asteel shroud. For each equalizer, two kits are required
Kit GN/Silcor (.
1
7
,
1 in. stack) Price 78p
Kit GX/Silcor (I in. stack) Price £1.08
It is essential to specify 'T' and 'Li' laminations when ordering,
as the firm now normally supplies `E' and 'I' types, but has agreed
to supply 'T' and 'LP laminations for this equalizer when requested to do so.
L, winding. The tapped inductor L, uses the larger GX size
core stack. First wind on 110 turns of 28 s.w.g. enamelled copper
wire in four neat layers. Then wind on, in the sanie direction,
330 turns of 34 s.w.g. enam., making 440 turns for the whole
bobbin. The 330 turns need not be wound in accurate layers—
just wound on reasonably tidily. There is no need for any insulation between sections, but the outside of the winding should
preferably be protected by empire cloth or thick paper.
L, core. Place all the T's through the bobbin tunnel from one
side. Place all the U's in the shroud, with small pieces of cardboard, or Il
i in. s.r.b.p. ('Paxolin') Iin. x îin. as shown in Fig.
6, to prevent the steel shroud coming too close to the core gaps.
Each of the three gaps should be 0.025 in., which must, of

WorldRadioHistory

HIGH

FIDELITY

95

DESIGNS

course, be formed by inserting suitable insulating material.
In the absence of other facilities, use may be made of the fact
that the outside cover of Wireless World has been made of paper
of thickness approximating closely to 0.005 in. for at least ten
years! Thus insert five thicknesses of this paper in each gap.
It will be found convenient to cut strips of widths approximately
in. and I in. for the outside and central gaps respectively and to
fold these strips in zig-zag fashion to form five thicknesses.
With these gap-spacers in position, the shroud should be screwed
down tightly onto the wooden baseboard, in. No. 6roundhead
woodscrews being suitable.
L1 connections. The enamelled wires from the bobbin should
be carefully bared with sandpaper or emery paper and soldered
to the three tags of a tagstrip screwed down to the baseboard
as shown in Fig. 6 and the photograph below. The beginning
of the winding (inner end of the 28 s.w.g. section) should go to
the tag nearest to the end of the baseboard, the outer end of
the 28 s.w.g. section and the inner end of the 34 s.w.g. section
going to the middle tag to form the tapping point. The outer end
of the 34 s.w.g. section goes to the tag nearest the middle of the
baseboard.
L2 winding. The untapped inductor uses the smaller, size GN,
core stack. Wind on 86 turns of 24 s.w.g. enam. in four neat
layers and cover with empire cloth or paper. (For winding this
and the other inductor, asimple gadget may be improvised, using
bits and pieces from the junk box, Meccano, etc., for rotating the bobbin. There is no need for a turns counter—the
number of turns is small enough to be counted without difficulty
mentally!) If an aluminium or other non-ferrous shroud is used
instead of the sheet steel one employed in the prototype (supplied
by Belclere), the winding turns should be increased to 95. Also,
because of the increased shunt loss resistance then obtained, the
damping resistor value (Fig. 3) should be reduced from 120 ohms
to 68 ohms. The use of an aluminium shroud for inductor Li
has no significant effect on the inductance value or losses, owing
to the much smaller air gap.
L2core. Insert all the T's through the bobbin tunnel from one side
and place the shroud over the core so that the tops of the T's
lie inside the top of the shroud. A piece of* in. thick soft packing
material measuring 1in. x in. should now be obtained. This is
placed between the bobbin and the wooden baseboard so that the
bobbin and laminations are pressed securely up into the shroud
when the latter is screwed down.
No U laminations are employed for this inductor.
Wire supply. The three gauges of enamelled copper wire required
(24, 28 and 34 s.w.g.) may be conveniently obtained, in a minimum quantity of 2oz each, from Post Radio Supplies, 33, Bourne
Gardens, London, E.4.
The three 2-oz reels contain enough wire for at least four
equalizers.
Other components. The other components required for the
equalizer are all readily obtainable, including tag strips, from
Radiospares Ltd. through any radio dealer. Tubular 1eLF paper
capacitors, 250 V d.c. wkg., ± 20% tolerance, are suitable.
Tests. Provided the above instructions have been carefully
carried out, it is virtually certain that the equalizer will function
correctly. However, if an oscillator is available, it is worth while
to check that, with aconstant voltage fed to the series combination of equalizer and loudspeaker, the voltage across the loudspeaker varies with frequency approximately as shown in Fig. 4.

The equalizer.
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Fig. 3. Practical equalizer circuit.
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Fig. 4. Measured frequency response from amplifier output to speechcoil. Full line: with damping resistors as in Fig. 3. Broken line:
without damping resistors.
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Fig. 5. Axial frequency response of loudspeaker, with equalizer.

The exact position of the lower-frequency dip is slightly
dependent on the a.c. voltage at which it is determined. With
a source voltage of 2 V r.m.s., the dip will occur about 20 Hz
lower in frequency than with a source voltage of 0.2 V r.m.s.
For voltage levels above 2V r.m.s., the fall-off in dip frequency
with increasing level is more gradual. (This effect is due to the
fact that the initial a.c. permeability of silicon iron is rather low
compared with its value at higher flux densities; the effect is
well diluted by the presence of gaps, however, and does not seem
to give rise to any subjectively noticeable distortion.)
The performance of the equalizer may be regarded as satisfactory provided the measured results fall within the following
limits:

(a) Low-frequency dip, with a test voltage of about 2 V r.m.s.
applied to the combination of equalizer and loudspeaker,
580 to 800 Hz.
(b) High-frequency dip (almost independent of test voltage)
6200 to 7900 Hz.
(c) Magnitude of dips (almost independent of test voltage),
relative to response at 1700 Hz, —5 to —8 dB.
In the unlikely event of the performance falling outside any of
the above limits, adjustments may be made as follows:
To correct (a), adjust gap of Li.Increasing the spacer thickness
by 0.005 in. will raise dip frequency about 40 Hz.
To correct (b), the value of C, may be modified or, alternatively,
the number of turns on L2 may be adjusted. Removing 5 turns
will raise the dip frequency about 400 Hz.
To correct (c), alter the appropriate damping resistor value.
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The author used kin. gaboon plywood, but veneered chipboard (`Weyroc') is a satisfactory alternative. While minor
changes to the dimensions shown in Fig. 7may be made to suit
individual requirements, the volume of the cabinet should preferably be kept about as shown.
The cabinet is held together by a combination of Cascamite
glue and Iin. countersunk woodscrews, screwed into the inside
of the cabinet sides through the kin. x kin, wooden strips
shown. The local timber yard supplied the latter, and also the
1-in. x kin. strip for fixing the speaker mounting board,
in ramin, a beautifully straight-grained, but quite cheap, hardwood ideally suited to the purpose.
The bottom of the cabinet should be fixed with screws only
(no glue) so that it can be removed easily for extracting the
speaker mounting board, should this become necessary at any
time for renewal of the expanded aluminium or Tygan covering
—see photograph on page 97.
The use of mitred corner joints at the top corners of the cabinet
allows the veneer to extend right up to the corner, and unlike
some other corner joints 7 can be cut by the amateur without
special rabbet-cutting tools. The author had not previously
tried cutting mitred joints for box corners, but found it surprisingly easy to produce athoroughly neat job.
The aim should be to cut the wood very slightly off 45°,
so that when the screws are tightened into the kin. X kin.
strip, the mitred joint is sure to close tightly at the outside of the
box.

Fig. 6. Constructional details of equalizer.

Equalizer intermodulation distortion. Variation in inductance
of L1 and L2 with the instantaneous value of large low-frequency
signal currents flowing through them is apossible cause of intermodulation distortion. A test showed, however, that the inductance of L1 dropped by less than 2% when a direct current of
0.25 A was passed through the whole winding, equivalent to a
current of 1A through that part of the winding traversed by lowfrequency signal currents. The effect in L2, because of the much
larger gap, will be even smaller. It is obvious, without further
calculation, that the distortion caused will be considerably smaller
than that introduced by non-linearities in the loudspeaker unit
itself.
Alternative equalizer design. While the above method of constructing the equalizer is attractively cheap, some readers may
find it more convenient to use Mullard Vinkors. Brief winding
details are:
L1:99 turns of 28 s.w.g. plus 297 turns of 34 s.w.g. on Mullard
35 mm, p. c = 63, Vinkor. (LA2102 core and slug, DT2180
bobbin, plus DT2151 or DT2187 casing or DT2234 mounting
clip.)
L2: 49 turns of 24 s.w.g. on Mullard 25 mm, Is e = 63, Vinkor.
(LA2302 core and slug, DT2I 79 bobbin, plus DT2149 or
DT2185 casing or DT2228 mounting clip.)
The resistor R, across L2 should be 68 ohms as compared with
120 ohms in the Belclere version—this allows for the lower losses
of the Vinkor. R, remains at 470 ohms.
Equalizer kit. A complete kit of parts for the equalizer, including
ready-wound inductors on laminated cores, may be obtained
from Peak Sound (Harrow) Ltd., 32 St. Judes Road, Englefield
Green, Egham, Surrey. The price is £1 16s. The author understands that this company will also supply a kit of parts for the
complete loudspeaker (including cabinet parts).
Constructing the cabinet
While some readers may prefer to buy a cabinet and adapt it
to the present design, there must be many others who, like the
author, find woodwork an enjoyable and rewarding pastime and
would prefer to make their own. For this reason full details and
afew constructional hints and tips are given.

Either Tygan or expanded aluminium may be used for the front
of the loudspeaker, according to choice. While expanded aluminium causes slightly less acoustic obstruction, many people
prefer the appearance of Tygan. Expanded aluminium may be
obtained from the Expanded Metal Company Ltd., P.O. Box 14,
Stranton Works, West Hartlepool, Co. Durham.
A suitable type is List Ref. No. 363A in plain aluminium
(22 s.w.g.). It is made in standard sheets 4ft x 2ft, in which the
'long way of mesh' (which must be horizontal when mounted in
the loudspeaker, for satisfactory appearance) runs along the
4-ft dimension. Half a sheet, 2ft x 2 ft, is therefore a sensible
quantity to order for two loudspeaker cabinets. A piece 2 ft x
6in. will be left over, but will probably come in useful sooner or
later.
Two of the four cabinets made by the author are wax polished
with expanded aluminium fronts. After very thorough sandpapering, finishing with No. 1sandpaper, one thin coat of white
French polish was put on quickly with acloth rubber, followed by
wax polishing with Meltonian white shoe polish. Nothing could
be much easier and quicker than this finish, which is nevertheless
very pleasing. The other two cabinets, however, are painted white
and have pattern U528 Tygan.
If expanded aluminium is used, it is important that it should
be fixed in such a way that it cannot rattle. The author glued
a kin, wide strip of I-in, thick felt round the periphery of the
front surface of the speaker mounting board, thus separating the
main area of the expanded aluminium from the board. To make
doubly sure the aluminium would not vibrate against the board,
kin, squares of kin, felt were stuck to the board at four positions
round the outside of the speaker hole. This felt, the speaker
mounting board and the edge of the cone-fixing cardboard on
the speaker unit should be painted matt black, to prevent any
of these being visible through the expanded aluminium. As
previously mentioned, the 'little louvres' of the expanded aluminium should be horizontal rather than vertical: there is also
a right way up to mount this material which gives minimum
transparency from the usual viewing angles. Even the two sides
of a piece of expanded aluminium will be found on careful
inspection to be slightly different, and it is worth putting it the
same way round if two cabinets are being built for stereo working.
When Tygan is used, the strips to space it from the speaker
board need not be of soft material, and kin. hardboard is suitable**. The Tygan may be stuck round the edges of the board

•• It might be thought that with cloth there would be no need to space it
away from the board. It is easily demonstrated, however, that if the cloth is
touching the board but is not stuck to it, buzzing sounds are produced at
certain low frequencies. The trouble with sticking the Tygan to the front of
the board is that it is liable to make the outline of the speaker hole visible
from the front.

WorldRadioHistory

HIGH FIDELITY

97

DESIGNS

I in Veneered Plywood .,
2or chipboard (Weyroc
with mitred corners

3
in
4
Shelf

4ins

—
21 in Fibrous
Insulating
board

II
IIii

iin Hardboard

Opening for
terminal board

3
Carpet felt
16
2thicknesses

Hardwood,
corners mitred

7
—In

8

lin
Hardwood
2 x !in
2

I.
win HardbOard

I in Felt
8

in Hardwood

Expanded
aluminium

n Fibrous insulating board,
glued to hardboard

Paint-black

Hole for
speaker unit

Section X-X

itn

Fig. 7. Cabinet construction details.

with Evo-stik impact adhesive, care being taken to keep the warp
and woof running parallel to the board edges. If this is not got
quite right at first, it is possible to pull the Tygan off in the
appropriate place and reposition it slightly—but every effort
should be made to get it right first time nevertheless.
Finally, the heat treatment recommended by Mr. Briggs
in Reference 7 should be applied—a bar-type electric radiator
'should be held about six inches away from the mesh for about

lb

five seconds, when the heat begins to contract the fibre. Remove
the radiator immediately aslight movement is seen in the Tygan,
otherwise excessive contraction will be induced'.
Before finally mounting the speaker unit, check that the coil
leads are correctly positioned and in no danger of rattling
against the diaphragm or the speaker chassis.
Wooden strips of cross-section 1-in. X kin, should be screwed
and glued edgewise on, using 14-in. No. 8countersunk screws,
to the insides of the cabinet sides, top and bottom at adistance
from the front edges sufficient to accommodate the thickness
of the speaker mounting board after it has been fitted with
expanded aluminium or Tygan. This distance is 4 in. in the
author's cabinets, but it is as well to tailor it to suit the speaker
boards as made. The aim is to make the latter an easy sliding fit
between the 1-in. x 4-in. strips and the inside of the front mitred
mouldings when later fitted. The board is secured in place by
screws into it through holes drilled in the 1-in. x 4-in. strips.
The 4-in. x 4-in, strips shown may then be screwed and
glued suitably in place and the carcase of the cabinet assembled.
The bottom, however, should not be glued in position, so that it
can be removed by undoing screws only, as previously mentioned.
The strips should, of course, be spaced from the back of the
cabinet by an appropriate amount, to accommodate the thickness
of the back cover.
The cabinet back could be made of 4-in, plywood or Weyroc
like the sides, but the author used a slight modification of a
B.B.C. recipe', 1-in. hardboard being glued to 4-in, builder's
insulating board, as shown in the photograph on the right. This
gives acomposite board which is considerably lighter than wood
of the same thickness and which also possesses desirable selfdamping properties.
The choice of cross-section for the mitred front mouldings of
the cabinet exerts asubtle effect on the appearance, and can be
left to individual preference. The moulding should be glued
to the carefully planed front edge of the cabinet, but a few
1-in. or 11-in, panel pins will make it much easier to position the
mouldings nicely and ensure that they remain properly positioned
while the glue sets. The panel pins should be punched down
below the wood surface, and each hole filled with plastic wood
made by mixing a drop or two of Durofix with plenty of wood
dust obtained from sandpapering a nearby part of the same
moulding. Allow to dry very thoroughly before finally sandpapering flush—the pin positions should then be almost invisible.

Components of cabinet, showing removable base, and the elliptical
loudspeaker unit.

interior of completed loudspeaker, with the two-layer felt 'curtain'
partly removed to show the felt 'hat' over the drive unit. The
removable back (right) is made from hardboard and insulating board.
WorldRadioHistory
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The moulding attached to the bottom of the cabinet should not
be glued near its corners, otherwise the bottom will cease to be
easily removable.
The î in. thick `shelf' provides a firm anchorage for both the
sides and the back of the cabinet (the back being screwed to the
edge of the shelf) and thus reduces the tendency for these parts
to vibrate in 'drum' fashion.
There are obviously various possibilities for the signal connections. The author made a rectangular cut-out in the back of
the cabinet, 2 in. x II in., and fitted behind it a 4 in. s.r.b.p.
('Paxolin') board carrying two nickel plated 2B.A. screw terminals
—all available from RS Components Ltd. through radio dealers.
It is important to keep the cabinet reasonably free from air
leaks. One easily overlooked source of leak can arise when expanded aluminium is used, if it is bent right round the edges
of the speaker mounting board and onto the back surface of
the board. Even though the board is held tightly by screws
against the 1-in. x 4-in, strips fixed to the cabinet sides, there
is nevertheless an air leak round the edges of the board through
the interstices of the expanded aluminium. It was found experimentally that the diaphragm displacement at 40 Hz was reduced
several times on sealing this leak, and there must, of course, be
an accompanying reduction in intermodulation distortion. There
is a good case, therefore, for cutting the expanded aluminium
only !, in. larger than the speaker mounting board all round,
and fixing it with tacks into the edge of the board, thus obviating
the leak.
After finally assembling the cabinet, with the unit in place,
about 30 in. of red-and-black flex should be soldered to the
speaker tags, of which one is marked red by the makers. One
piece of ordinary carpet felt, about
in. tick and measuring
14 in.
11 in.tt should now be tacked in place with six tacks
spaced out round the unit, producing a sort of roughly fitting
felt hat over the unit. This will provide considerable damping
of the low-frequency resonance and will consequently reduce the
acoustic output in the 100 Hz region. Without it, there may be
a slight tendency towards coloration of male speech. With
two thicknesses of felt tacked down more closely with a larger
number of tacks, the bass response will be decidedly thin. If
no woofer is to be used, some constructors may prefer the
compromise of omitting this felt cover altogether—speech may
then sound a little too full in the bass, but the musical reproduction may be thought better.
After dealing with the above, a'curtain' made from two pieces
of approximately ?
6 in. carpet felt, each measuring about 19 in.
13 in., should be tacked loosely in place inside the cabinet as
a sort of diaphragm dividing the space into two halves, with the
loudspeaker unit in one half.
The equalizer should now be screwed to the shelf and wired
in series with one of the leads from the unit to the terminal
board. The terminal connected to the red lead should be marked
appropriately if stereo operation is envisaged.
The back should be thoroughly screwed on, using three

Remember
to get all your

High Fidelity
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from

Henry's
When the individual circuits in this book
were first published, Henrys could probably
have sold you the components you needed
to build each piece of hi-fidelity equipment.
Although several years have passed since
some of these circuits appeared in Wireless
World, most components can still be
obtained at Henrys store in Edgware Road!
*U.K.'s largest stockists of electronic components
and equipment.
*No. 1for semi-conductors
*Trade, Educational and Export supplied.

screws along each edge plus three more along its middle to fix
it to the edge of the shelf.
Finally, four rubber feet, available from most hardware
shops, may be screwed to the bottom of the loudspeaker—or a
piece of felt may be stuck on if preferred.

*Electronics specialists for more than 30 years.

tt The pieces used by the author weighed approx. 1.6 oz.

*Distributors of the famous Texan Hi -Fi Stereo
Amplifier Kit.
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Low-cost High-quality Loudspeaker
2. Using the loudspeaker: Determining the electro -mechanical
constants of the drive unit
by P. J. Baxandall,

1

B.Sc. (Eng.), F.LE.E., FIER E.

An amplifier capable of giving asine-wave mean output power* of
about 10 W into a 15- n resistance load is quite sufficient for
operating the low-cost loudspeaker. The use of higher output
levels will give gross distortion and may cause permanent damage
to the loudspeaker.
Measurements on the loudspeaker (described later in the article)
yield an efficiency figure of about 1%, so that a10-W amplifier is
capable of producing from the loudspeaker a sine-wave mean
acoustic power output of about 100 mW. From reference 8, this
would be expected to give, in an average living room of, say,
1,500 cu ft, asound intensity nearly 100 dB up on the standard
reference level of 2 x 10- 6newton/sq metre r.m.s. This is about the
intensity experienced in agood seat in aconcert hall during very
loud climaxes of orchestral music, though many musical people
choose to listen at considerably lower levels at home. (An
independent check with a microphone of known sensitivity, at
1metre on axis out of doors, also gave an intensity of about 100
dB up on 2 x 10- 6 N/m 2 for full output from a 10-W amplifier.)
Comparison in the author's living room of the measured sound
intensity of agrand piano, and of the reproduction of arecording
of this piano via the low-cost loudspeaker, showed that the loudspeaker, when driven by a10-W amplifier (not overloaded), could
produce an intensity very nearly, but not quite, equal to that of the
piano itself when played at extreme fortissimo.
As mentioned earlier, the use of awoofer is really well worth
while, adding depth and warmth to the reproduction, improving
the naturalness of the balance and reducing listening fatigue.
In amono system, the simple arrangement shown in Fig. 8has
been found very satisfactory, provided the woofer sensitivity is
high enough. A suitable recipe for the choke is as follows:
Core, bobbin and shroud. 13e1clere Kit LX, in Silcor (11-in, stack
of 0.014-in. laminations, Inter-Service No. 417, maximum dimension 21 in.) at £.1.50.
Winding. 300 turns of 24 s.w.g. enam.
The choke gaps may be adjusted, using cardboard or other
insulating material, to vary the output of the woofer, and Fig. 9
shows the effect of so doing on the voltage across a 15- û woofer
•The author does not like the term 'r.m.s. output power', despite its
almost universal use nowadays. The product of r.m.s. voltage and r.m.s.
current is not r.m.s. power, but mean power.

Peter J. Baxandall held an amateur
radio licence (2AZS) while at
King's College School, Wimbledon,
but became increasingly fascinated
by the problems of low-distortion
sound reproduction, electrical
musical instruments, etc. He
obtained his degree in electrical
power engineering at Cardiff
Technical College in 1942, later
becoming aradio instructor in the
Hankey Radio Training Course
there. He moved in 1944 to T.R.E.
(now R.R.E.), Malvern, and
worked on microwave techniques
for the first two years before
joining F. C. Williams's team on
electronic circuit research work. He
has latterly co-operated with
industry in developing transistor
power amplifiers.
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loudspeaker system
with woofer.
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mounted on a baffle board. The best setting may be determined
subjectively.
In astereo system, the simplest arrangement is to feed asingle
woofer plus choke from the power amplifier of one channel only.
This may seem very crude, because the woofer does not receive the
proper sum signal, but the fact remains that it is fairly satisfactory
in practice. It is conceivable, of course, that one might come across
a stereo record with nearly all the low bass in the channel not
feeding the woofer, but the author has yet to meet such acase
among classical records.
If, however, the above simple solution does not seem attractive,
there is more than one possible way of feeding the woofer with a
genuine sum signal. A very satisfactory method is to connect
the woofer plus choke between the live output terminals of the
two power amplifiers and introduce a simple unity-gain phaseinverting stage at a suitable point in one channel, probably between the control unit and the power amplifier. The connections
to one of the smaller loudspeakers must, of course, also be reversed, to restore the loudspeaker outputs to their correct phasing.
(The alternative scheme of reversing the connections to one half
of the stereo pickup is not such a good idea as it might at first
sight appear to be—quite apart from the fact that it does not cater
for the stereo radio aspect of the problem. This is because, while
it will work all right under stereo conditions, the normal control
unit switching arrangements connect the two halves of the pickup
in parallel under mono conditions, giving, ideally, zero output if
the connections to one half have been reversed.)
An incidental advantage of feeding the woofer from the two
power amplifiers as just described is that the signal level is 6dB
higher than when fed from only one amplifier, assuming the two
amplifiers give in-phase contributions to the woofer at these very
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Fig. 10. Stereo
system with phaseinverting
transformer for
feeding woofer.

low frequencies.t If the bass output is too powerful, it may, of
course, be reduced by decreasing the choke gap, but it is probable
that the extra output at these very low bass frequencies will be
felt to be beneficial in most rooms.'
An alternative and equally effective method for obtaining the
sum signal for feeding the woofer is shown in Fig. 10. The transformer can employ a Belclere Kit LX, as used for the woofer
choke, each winding consisting of 150 turns (in one section) of
24 s.w.g. enamelled wire. The laminations should be interleaved,
i.e., no gap.
The connection of atransformer, as in Fig. 10, directly across
the output of some transistor amplifiers of the type having no
output transformer, is, however, inadvisable, being likely to lead
to the breakdown of one or both of the output transistors should
an accidental very-low-frequency overload occur—caused, for
example, by mishandling the pickup. This is because the transformer inductance presents the transistors, at very low frequencies,
with a low value of almost purely reactive load, giving an
instantaneous combination of high collector current and high
collector voltage not met under more normal load conditions. No
trouble with such breakdown effects is likely to be experienced
with valve amplifiers, however.
An economical scheme, which feeds the woofer with agenuine
sum signal without requiring atransformer, and which can be used
quite safely with a transistor amplifier, involves connecting two
resistors, of about 15 û each, in series between the live output
terminals of the two power amplifiers, the woofer and its series
choke being fed from their junction. While this arrangement
draws extra power from the amplifiers, and gives reduced electromagnetic damping of the woofer, it has been found to work quite
nicely in practice. The resistors should preferably be wirewound, with arating of at least 3W each.
Yet another arrangement, which may be favoured by readers
possessing aspare mono amplifier, is shown in Fig. 1. It is here
assumed that the amplifier input impedance is at least 100 kû.
If it is lower than this, the impedance values in the circuits should
all be reduced appropriately.
The circuit shown in Fig. 12, which is believed to have been
used on the Continent, has the advantage of requiring neither
special iron-cored components nor an extra amplifier. It cannot
be strongly recommended, however; the resonant interaction of
the motional impedances of the three loudspeakers leading to
peculiar dips and peaks in the frequency response which are
difficult to predict or control satisfactorily.
A system employing asingle woofer operated off the sum signal
can give considerably less turntable rumble than anormal system,
and this is avery real advantage. Rumble vibrations tend to be
largely in avertical plane, and the single woofer is non-responsive
to vertical stylus movements, which normally represent the stereo
difference signal. When two separate full-range loudspeakers are
used, vertical stylus movements give, ideally, equal and antiphase
outputs from the loudspeakers, but, because of acoustic effects in
the room, the outputs do not, in general, cancel at the listener's
ears—indeed, if they did, there would be no stereo effect! The loss
of stereo effect inherent in the use of asingle woofer does not seem
to matter, provided, as in the present scheme, it is confined to very
low frequencies only.
Measurements on the drive unit
The electro-mechanical constants of the loudspeaker drive unit
were determined by the following set of measurements and calculations.
The unmounted loudspeaker unit was placed face upwards on a
table and fed at low level from an oscillator via a 1,000- nseries
resistor. An oscilloscope (10 mV/cm sensitivity) connected across
the speech coil enabled the oscillator to be set to the diaphragm
resonant frequency, f
o,as indicated by a maximum waveform
amplitude. A series of ordinary brass balance weights was then
carefully placed on the diaphragm near the coil, giving modified
values of resonant frequency. A graph of (1/1) 2 against the mass
tAn objection to the scheme might seem to be that each amplifier will
'see' a load impedance of only half the woofer-plus-choke impedance.
However, because the impedance of a nominally 15-D speaker is much
higher than 15 s) in the region of its resonant frequency, except, perhaps,
if it is mounted in a phase-inverter cabinet, and because of the high impedance of the choke at higher frequencies, it is found in practice that there is
little reduction in the apparent power-handling capability of the system.

Low-cost
loudspeakers
equalizers)

ci nc.

Fig. 11. Stereo
system with
separate amplifier
for feeding woofer.

Fig. 12. Simple
stereo system with
capacitor across
woofer—not
strongly
recommended.

added was then plotted. This was a good straight line, with an
intercept at —5.7 gm, so the effective diaphragm mass was taken
to be of this magnitude. The total mass corresponding to a
particular resonant frequency could then be obtained, enabling
the diaphragm suspension compliance to be determined from the
relationship:
fo

1
2a• -../MC

(1)

where: M = mass in kilogrammes, C = compliance in metres
per newton, fo = resonant frequency in Hz.
The value obtained for the compliance was 0.67 mm/N.
A little wire tripod was then made, whose feet rested on the
junction between the central dome and the paper diaphragm. This
tripod carried a fine pointer arranged to indicate displacement
against a scale of millimetres fixed to a wooden 'bridge' resting
on the loudspeaker frame. With care, it was found possible to
estimate tenths of a millimetre. Measured direct currents were
then passed through the coil, in both directions, and a graph of
displacement against current plotted. This was fairly straight,
with aslope of 4.5 mm/amp, up to about ± 1mm. From this figure
and the compliance figure previously obtained, a force/current
relationship of 6.7 newtons/amp was deducted.
The aim was to obtain all the values of the mechanical elements
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represented by the analogous electrical circuit of Fig. 13 8, '
0$The
suffixes D and C are used for quantities associated directly with
the diaphragm and cabinet respectively. F is the force which
would be produced by the speech coil if it were prevented from
moving. This force, as already mentioned, is 6.7 N/A. If E is the
amplifier output e.m.f. in volts, and if we take the sum,R,„„ of the
coil resistance (13.5 0) and the amplifier output resistance as
15 0, then F = 6.7 x E/15, i.e., F = x 0.45 newtons.
REM in Fig. 13 is the mechanical resistance introduced by
electromagnetic damping, i.e., it is the ratio of the force produced
by the speech coil when blocked to the velocity if would have if
completely free and massless. It may be shown that:
F) 2
REM = (7
X=
1
.nror

w.r.t.

diaphragm

cc

cabinet volume
(diaphragm area) 2

Si grammes
REM
(= 3m.k.s
mech ohms)
F=E ampi x0'45 newtons

R

Current
representing
diaphragm
velocity
Cc
01mmiNT

Fig. 13. Analogous
electrical circuit
representing
mechanical system
of loudspeaker unit
and cabinet.

(2)

where: Fl Iis in N/A, it„, is in ohms, R EM is in m.k.s. mechanical
ohms.
For the present loudspeaker unit, R EM comes out at 3m.k.s.
mechanical ohms.
Cc is the compliance associated with the volume of air enclosed
in the cabinet, referred to the diagram. It is obvious that the larger
the diaphragm area, the greater will be the increase of air pressure
in the cabinet for agiven diaphragm movement, and that agiven
increase in pressure will produce a force on the diaphragm
proportional to its area. Hence:
(Air compliance)

CD
0.67mmiN

(3)

(An alternative method of calculation involves the use of acoustical
impedances rather than mechanical impedances. Acoustical impedance
is pressure/volume-current rather than force/velocity. Compliance is
then volume change/pressure and is afunction of cabinet volume only
and not diaphragm area.)
When the air in the cabinet is suddenly compressed, its temperature rises. If the increased pressure is maintained, the air will cool
down again, giving a further volume reduction. Thus, for very
slow changes, the compliance is higher than for faster changes..
When, as normally applies for aloudspeaker cabinet, even at low
audio frequencies, there is no time for the air to cool down after
compression, the operation is said to be adiabatic, as compared
with isothermal for very slow changes.
The effective diaphragm area for the Elac unit used, measured
to the 'mid-point' of the surround, is approximately 0.0164 sq m.
The effective cabinet volume is approximately 0.0252 cu m. This
leads to the result that, with adiabatic operation, the compliance
of the air, referred to the diaphragm, is 0.70 mm/N.
It will be noticed that the compliance due to the air is about
equal to that of the unit itself, giving arise in resonant frequency
by afactor of about V2. The calculated resonant frequency in the
cabinet is 114 Hz, which agrees quite reasonably with that determined experimentally. (A complicating factor is that it is found in
practice that the resonant frequency of the unit depends considerably on the applied voltage at which it is measured.)
The remaining element to be determined in Fig. 13 is the
mechanical resistance R, representing diaphragm suspension
losses and radiation resistance. The latter varies rapidly with
frequency, but the value of R at the resonant frequency is of
particular interest. One of the simplest methods for determining R
is to connect the contacts of arelay in series with the speech coil
and ad.c. supply such as adry cell. The relay is operated at some
quite low frequency, e.g., 1Hz, by means of amultivibrator, or in
some other convenient way. When the contacts open, the electrical
resistance in the speech-coil circuit becomes infinite, makingR Em
zero. The only resistance effective in the mechanical circuit is then
R, and a damped oscillatory voltage appears across the coil, as
shown in Fig. 14. The Q value may be determined from the rate of
decay of the oscillation, and aconvenient fact is that the Q value is
equal to the number of half cycles that occur while the oscillation
amplitude is decaying from avalue of unity to avalue of 0.21 of

Fig. 14 (Left). Open-circuit coil voltage following interruption of
current.
Fig. 15 (Right). As for Fig. 14, but with air leak in cabinet.

unity. This test performed on the present loudspeaker, with no
felt in the cabinet, gave aQ value of 15 and anatural frequency of
110 Hz. The reactance of the 5.7. gm diaphragm mass at 110 Hz is
3.9 m.k.s. mechanical ohms, so that, with Q = 15, R is 3.9 ± 15,
i.e., 0.26 m.k.s. mechanical ohms. Thus, when the unit is fed
from a low impedance source, the total mechanical resistance is
3.26 m.k.s. mechanical ohms, and the Q value is 3.9/3.26, i.e.,1.2.
It was interesting to observe that, while a nice simple exponentially damped sine wave was obtained with the cabinet properly
sealed, quite asmall leak, such as that mentioned earlier, caused
by incorrectly-fitted expanded aluminium, converted the waveform to a much more complex one, somewhat as sketched in
Fig. 15.
The question now arises as to how much of the above 0.26 m.k.s.
mechanical ohms figure for R is caused by radiation resistance.
The diaphragm area of 0.0164 sq m is the same as for acircular
diaphragm of radius 7.2 cm. The radiation resistance seen by a
diaphragm, which is 420 m.k.s. mechanical ohms per sq m at high
frequencies, where the wavelength is small compared with the
diaphragm radius, falls off inversely as the square of the frequency
from a corner frequency at which radius/wavelength = 0.25.
For a radius of 7.2 cm, the wavelength is thus 28.8 cm, corresponding to afrequency of 1170 Hz. Hence at any frequency, f,
considerably lower than this, the radiation component of the
mechanical resistance in Fig. 13 is 0.0164 x 420 x (f/1170) 2,
i.e., 5.0 x lo 6f2 m.k.s. mechanical ohms.
The acoustical power radiated is equal to the square of the
diaphragm velocity times this radiation resistance-equivalent to
'P = I2R' in an electrical circuit. Hence the radiated power will
be independent of frequency if the diaphragm velocity is proportional to 1/f. At frequencies well above resonance in the Fig. 13
circuit, the reactance of M D becomes the dominant mechanical
impedance, giving a velocity of F/ 2/
7
1MD. As already discussed,
F = E x 0.45 newtons, M D is 5.7 grammes. The radiation resistance is 5.0 x 10-6 f' m.k.s. mechanical ohms. Hence the power
radiated is:
FE x 0.45 x 11 2
[271 X 5.7 x 10-3

x 5.0 Y 10-6f2W

= E2 x 0.80 mW.

A 10-W amplifier designed for a 15-n load will give an output
voltage of 12.2 V r.m.s., so that, from the above, the acoustic
output from the loudspeaker at 10-W level is 120 mW. Hence, for
tThe analogy used is that voltage represents force, current represents
velocity. Hence voltage/current, i.e., electrical impedance, represents
practical purposes, the efficiency may be taken as 1.2 %.
force/velocity, i.e., mechanical impedance. Just as the reactance of an
In the Fig. 13 circuit, the power output is (current) 2 x (radiainductance L is 2.fL, so the mechanical reactance of amass M is 24M
WorldRadioHistory
tion resistance). But radiation resistance is proportional to
mechanical ohms, etc.
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frequency) 2.Hence power output is proportional to (current x
frequency) 2.Now the voltage across the inductance is proportional to (current x frequency), and this leads to the useful idea,
pointed out by D. E. L. Shorter in reference 2, that the output
power is proportional to the square of this voltage, or the pressure
produced by the loudspeaker in free space is proportional to the
voltage across the inductance. In this context, the circuit may
Fig. 16.
Rearrangement of
Fig. 13.
Voltage
cc acoustic
output

conveniently be redrawn as shown in Fig. 16. This is awell known
circuit, whose normalized frequency response is given in reference
11. With a Q-value of 1.2, as determined above, the response
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would be expected to exhibit a peak of 2.4 dB just above the
resonant frequency and to become asymptotic at very low frequencies to a 40 dB/decade (12 dB/octave) line going through
0dB at the resonant frequency. The measured acoustic frequency
response of the loudspeaker, Fig. 5 in Part I, will be seen to
approximate fairly closely to this at low frequencies.
In conclusion, readers employing Vinkor for mounting clips
for the equalizers may find it convenient to order mounting
boards. These are DT 2233 for the larger core and DT 2227 for
the smaller core. If, however, the whole equalizer is built on a
piece of 1/16th inch s.r.b.p., holes for attaching the clips may be
drilled in this and there is no need to employ Mullard boards.
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Electrostatic Headphone Design
Instructions for making a simple and inexpensive high-quality unit
by Philip D. Harvey,

•

B.Sc.

The design described below, like that published in 1968', is based on the constant
charge push-pull principle schematically
illustrated in Fig. 1. The constant charge is
derived by feeding the diaphragm from a
high resistance R, and relying on the
capacitance of the earphone to store the
charge.
Basic requirements in construction are
that:
1. the fixed plates be rigid, acoustically
transparent, and both flat and conducting
on the inner surface;
2. the spacers be flat, of uniform thickness
and, above all, insulating; and that
3. the diaphragm be flexible and light.
In all, three models were constructed. In
producing fixed plates for the final model
the electro-mechanical analogy described
in Appendix B was used.
Stroboscopic examination of an earphone
had shown that the diaphragm behaves as
an elliptical vibrating piston with major and
minor axes set by the spacers. These dimensions were set at 75 x45 mm to cover the
ear. A short transmission "tunnel" is employed to improve low-frequency coupling
with the ear. This extension is lined to
reduce resonances.
The fixed plates are of single-sided copperplated fibre-glass. Hole area is 30%—
sufficient to ensure acoustical transparency
without sacrificing rigidity. The holes must
be deburred after drilling.
To remove the risk of charge leakage at
the edges of the board and at the connecting
bolt holes (due perhaps to tearing of the
diaphragm and consequent shorting) about
2mm of copper is removed from the edges
of the board round the connecting bolt
holes (see Figs 2and 3) to prevent charge
leakage should the diaphragm tear at the
edges.
The spacers, made of polyvinyl acetate,
are cut in one piece from asheet to avoid
poorly insulating joints. These are drilled,
using the fixed plates as templates, and
deburred.
To make a safe connection of high voltage leads, two methods can be employed
for the outer plates:
(a) Alternate unrounded corners of each
fixed plate are removed to allow aconnection to be made to the other fixed plate.
'High-quality Electrostatic Headphones' by J. P.
Wilson, Wireless World, Dec. 1968.

Plasticine can be used for insulating the
connection. The principle is illustrated in
Figs 4and 5.
(b) A small hole may be drilled in one
corner of the fixed plate, and the copper
side of the board slightly countersunk. The
insulation of the signal wire is then stripped
off, the inner being tinned and fed through
the hole, as shown in Fig. 6. The well,
created by countersinking, is now filled
with solder which makes good contact
with both the wire and copper plating. By
grinding this surface flat we have a good
safe connection.
To insulate the diaphragm connection
it was decided to utilize the insulating
properties of both the fixed plates and the
transmission tunnel. The connection was
brought to the surface of one fixed plate
by a brass bush as shown in Fig. 7. The
connection was then made harmlessly
between the tunnel and board.
The film for the diaphragm is prepared
by taping it crease free over a wooden
frame of inside dimensions 200 x250 mm.
The frame, with the film now flat and under
tension on its upper surface, was placed
over a sheet of glass 240 x190mm of
slightly greater thickness than the frame.
Under these conditions it was easier to rub
Aquadag on and off the film. This should
be continuous until surface resistivity is
10 8 û. The prepared film is next mounted
on one spacer using double-sided Sellotape
with the resistive side exposed, and laid on
to the other spacer and afixed plate with
the brass bush inserted. The brass bush

Fig. 3. Mould used
for the transmission
tunnel, and typical
results achieved.
WorldRadioHistory

(a)

e.h.t.

Fixed plate

(b)

2d

Diaphragm

Fixed plate

Fig. I. Push-pull electrostatic sound
generator.
The array of holes are 3mm dia.,
5mm apart giving
(1.e:

2.252%100%

hole area

30% hole area)
10cm

6•5cm

Cu. plating removed for 2mm
4BA clearance hole countersunk by 2mm

Fig. 2. Plan view offixed plate.
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Upper fixed plate

Fig. 4. One corner offinal model.

now contacts the resistive coating, although
it might be neCessary to use some Aquadag
on the contacting surfaces. The other fixed
plate is laid on the assembly, followed by
the transmission tunnel ready drilled, enabling the parts to be fastened together with
nylon nuts and bolts. The components are
shown in Fig. 5.
Before testing, the earphone is heated by
warm air to tighten the diaphragm and
remove any slight creases in it.

Transmission tunnel details
The transmission tunnel must be light and
strong, and transmit the sound produced
by the earphone to the ear. The simplest
shape to do this is shown in Fig. 9. The
only readily available group of materials to
fulfil the above conditions is the plastics.
These also have an advantage of damping
incident sound, whereas metals tend to
'ring'.
The idea of casting the tunnel from
polystyrene was investigated. Experiments
led to the use of a wooden mould. It was
found that if the mould was left overwaxed,
then the excess wax was melted during the
ensuing catalytic process, and this enabled
the polystyrene to be removed from the
mould whilst it was still pliable. Provided
it was well supported whilst setting fully,
the result was quite acceptable. Both the
mould used (made of two parts for easier
positive removal) and atypical positive are
shown in Fig. 3.
Tunnels of both clear and coloured polystyrene were made, and it seems that the
colouring material used gave the tunnel
added strength.
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It was found that latex foam rubber, used
for lining the tunnel because of its excellent
sound absorbing properties, was best cut on
the bandsaw.
Variation of the other component
elements
Under given conditions of signal and bias
voltages, the two components affecting the
earphone's performance are:
(a) The spacers—the thickness of which
determine E and hence sound output.
Spacer thicknesses of 018, 0.25, (>37, 062
and 1mm were tried. Decreasing the spacer
thickness did not alter the frequency
response but raised the sound level. Construction difficulties increased as spacer
thickness decreased due to the slight and
unavoidable warping of the fixed plates.
This did not become too bad until ionization of the air was also a problem (see
below).
Silicon resin bonded paper, paxolin, and
dry paper were also tried as spacer materials.
No difference was observed in the performance and it is concluded that any
material having a resistivity greater than
10" ncm would be satisfactory.
(b) The diaphragm—through which no
appreciable current should flow in less than
half the time period of the lowest frequency
to be reproduced. This ensures constant
charge conditions. If one assumes the
diaphragm to be perfectly conducting, and
the earphones to have capacitance C farads,
and further that the lower limit of audibility
is 27 Hz, then the diaphragm must be fed
via aresistance R ohms, such that;
RC>

Signal wire
insulation

Solder

Fig. 6. Cross-section of alternative final
model.
Upper fixed
plate
Diaphragm

Lead-through
brass bush

Signal wire
insulation

Lower
fixed
plate
Transmission
tunnel

Connect ng
Nylon nut and bolt

Fig. 7. Cross-section through connection to
diaphragm.

2 x127 (approx.).

C is calculated as 330 pF from C = —
EA
d
whence R>

1x10' 2
54 x 330 i.e.

R> 6x10' Si

Due to the high value of this resistance it is
easier to make the diaphragm resistive than
feed it through an external resistance.
Experiments were made with sheets of
10 f2 surface resistivity and greater. As
expected the bass response improves as the
resistance increases. The high-frequency

o

Fig. 8. The completed final earphone.

o

o

o

o

o

Cross section
through
transmission tunnel

Fig. 5. Component
parts of the final
model.
WorldRadioHistory

Fig. 9. Basic transmission-tunnel shape.
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response also improves, due presumably to
the lower mass resulting from less graphite
on the film. As some charging current must
flow on to the diaphragm there is some limit
to how high the resistance can be. Best
results were obtained at the limit of
measurability, i.e. a surface resistivity of
approximately le n.
Hospital anti-static polythene was tried
and though it worked, the type available
was thick and heavy, with asurface resistivity of only le n. Hence both high and
low frequencies suffered.
Various materials of the same type
(Vitafilm) were obtained from local supermarkets. These were analysed spectroscopically and found to be the same material
with the exception of that supplied by
Sainsbury's. Microscopic analysis then
showed that Vitafilm because of its porosity
was not very suitable. The film made by
The Borden Chemical Company was judged
to be best closely followed by that made by
Filmco in Durham.
Further tests to discover how best to
apply homogenous resistive coating to the
film were made on Borden's film. The use of
evaporation techniques were first studied,
but these posed three problems. In the conventional evaporator the film surface
exposed was not large enough for an even
film to be deposited over asufficiently large
area. Also at the low temperature required
(not to destroy the film) oxidation of the
depositing metal occurred. Finally when a
film was deposited the metal permeated the
plastic, altering its properties such that it
became brittle and unusable.
Dry graphite powder rubbed into the
surface did not alter its resistivity, presumably because the particles did not interlink
and form molecule chains.
Finally amethod was considered whereby
aconducting medium could be sprayed as a
solution in a liquid that would attack the
film and hence give apermanently resistive
surface. Graphite does not readily dissolve
in any p.v.c. solvent, and so could not be
used. A solution of silver in methyl acetate
(Silver Dag) was sprayed on to a film,
soaped to lower surface tension. The results
were encouraging but aless active solvent
would have to be used. Before pursuing
this method, diluted Aquadag was substituted for Silver Dag and found to leave a
completely uniform layer of graphite on the
film when dry. Although this coating could
be made fairly thick its resistivity remained
immeasurably high until it was rubbed.
Experience soon showed the amount that
had to be sprayed for the required resistivity.

Drive circuits
Provisional model
The circuit shown in Fig. 10 employs the
output stage of acommercial valve amplifier. The surface resistivity of the diaphragm
must be greater than le LI and hence the
10 û resistor in the feed line to the diaphragm is not necessary, but an added
safety precaution.
It was found that the 0.01 µF isolating
capacitors were sufficiently leaky to allow
the outer plates to attain a high voltage,
and the diaphragm could be earthed as an

alternative form of bias. This makes the
diaphragm an effective negative charge.
This is not desirable because asteady high
voltage on the outer conducting plates
could be dangerous.
With the earphones in the circuit as
shown, distortion was apparent, even at
low acoustic levels. This was thought to be
due to the output transformer. This amplifier was not designed to operate at maximum
output continuously, and under these conditions inter-modulation distortion sets in.
The earphones require ahigh voltage signal,
but very little current With this in mind an
amplifier to deliver adistortion free signal
was designed.

Designed valve amplifier
With aspacing of 0.37 nun (which changed
by only 10% at full bass output) the
maximum permissible voltage between the
diaphragm and either fixed plate, to avoid
ionization of the air between them, is

1000 V. With 300 V on the diaphragm this
means that the maximum peak-to-peak
voltage level on one plate can be 500 V.
This leaves a large margin of safety for
humid days or signal surges. The circuit of
Fig. 11 was used giving only 400 V peak
signal, as the valves and components were
readily available. It gave no distortion
observable on an oscilloscope, even without
negative feedback, due presumably to the
light loading on the amplifier.
Its use gave immediately discernible
improvement in output level and fidelity.

Designed transistor amplifier
40 V rails are commonly available on
transistor amplifiers and the circuit of
Fig. 12 was built giving 32V peak signal.
Using MO V rectified mains on the diaphragm gave abarely audible output.
The circuit of Fig. 13 was designed to
give 300 V peak output Any n-p-n silicon
transistor with a hfe > 50 at 1mA and a

+350V

+40V

oM
0.01p.

10M
Load

10M
Output

0-01p.

33k
I
I
I
I
Electrostatic earphone

HIGH

39k

39k

33k

2.2k

Anodes of
output valves

Fig. 10. Modified output of acommercial
valve amplifier.

Fig. 12. Differential amplifier providing
32 Voutput.

59k

680k

0.1k
82k

I

0111

ECC83
2.2M

68k
68k

0.1p.

0•14

Fig. 11. Specially designed valve amplifier.
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Earphone
e.h.t

V„> 35V will do for the first stage. The
transistors in the differential stage should
preferably be matched.
Three potentiometers are included to set
up the amplifier to its optimum performance. First use R1 to match the base
voltages of Tr i and Tr 2;then adjust R3 to
make the average collector voltage of Tr 3
and Tr4 115 V. Finally, using R2, balance
these collector voltages; repeat this procedure until both Tr 3 and Tr4 collectors are
at 155 V.

Measurement and analysis
From the section below and Appendix A
the optimum of all the variables may be
found. Although the thinner the spacers
used the more the acoustic output obtained,
it was found with the thinner ones ((>18 and
0.25 mm) that the air ionized on more
humid days. This was apparent as aclicking
noise, varying in repetition rate from one to
ten hertz. It arose because constructionally
the fixed plates are never equidistant from
the diaphragm, and the air between the
diaphragm and closest plate ionizes first.
This allows attraction to the other plate
increasing E, so that air here ionizes while
the other reconstitutes itself. This effect is
eliminated by reducing the voltage on the
centre plate, but this necessarily reduces
sensitivity.
The 0.37 mm spacers were therefore
chosen and aplot of output versus central
electrode potential revealed a levelling off
at about 600 V. This is unexplained, but
below this value the measured output is
very near to the calculated value.
Many listeners were satisfied with volume
and fidelity using 350 V on the diaphragm
and the designed valve amplifier. There
were many comments on the "depth" of
the sound, which is due to the fact that
plane waves are arriving at the ear, and
these are normally associated with adistant
source by the hearing mechanisms. When
in use on astereo system this effect makes
it easier to identify the direction from which
the sound appears to come.

Results achieved
Traces of the frequency responses are given
with markings of 10dB intervals and at
the frequencies 20 Hz, 100 Hz, 200 Hz,
1kHz, 2kHz, 10 kHz and 20 kHz.
Fig. 14 gives the responses with different
input signal voltages. The effect of increasing this voltage should be the same as
decreasing spacer thickness. The relative
graphs show this to be true, though the
relative amplitudes differ.
Fig. 15 displays the difference made by
altering the potential on the centre electrode.
Fig. 16 displays the difference in characteristic responses when plotted in the open
air, and when plotted in the artificial ear.
Fig. 17 shows the best response achieved
and corresponds to all the variables being
optimised. The component specification
for this is:
spacers—polyvinyl
acetate
0-37 mm
thick;
diaphragm—Borden Chemical's plasti-

-F36V

82k

Fig. 13. Suitable transistor drive amplifier providing 300V peak output.

e.h.t. 400V

100V rm.s.
60V r.m.s.

10dBT

Fig. 14. Response
for different
signal-voltage
levels.

30V r.m.s.

20

100

200

1k

2k

10k

20k

Hz

Signal volts 100V rms.

600V
400V
200V

10dBI

Fig. 15. Response
for diffèrent
diaphragm
voltages.

20

100

200

1k

2k

10k

20k

Hz

Signal volts 100Vr.m.s.
e.h.t.

400V

Plotted in artificial ear

10dB

Fig. 16. Comparison of response
in open air to that
in artificial ear.

Plotted at 10cm distance of air
20

200

1k

2k

10k

20k

2k

10k

1
20k

Hz

-

Fig. 17. Comparison of best
earphone constructed with the
published response
of aKoss ESP6
unit.

100

Optimised model
Koss ESP 6's

iodBir
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cized p.v.c. sheeting 15 µ in thick, sheet
resistivity 10 9
Safety
There are no uninsulated connections carrying high voltage near to the ear. Provided
the connections at the signal generator are
also well insulated, there is no danger of a
fatal shock. There is always the danger of
the diaphragm splitting, but even if it were
to lacerate and protrude from afixed plate,
it would come up against the polyurethane
foam the earphone is lined with. (This
avoids cavity resonances in the sound
conveyed to the ear, as well as insulating the
ear.) If the diaphragm managed to touch
the ear, then in the worst case at least
10 8 11 on the film would allow only 3.5 µA
to flow through the body, even assuming
the body to be adead short!

The conventional B & K frequency
plotting apparatus was then set up, and a
constant peak-voltage sine-wave output
fed to one plate with the other earthed. The
inner electrode is maintained at, say 400 V
by an h.t. supply. The frequency is swept
continuously throughout the audio range
20-20,000 Hz, synchronized to a chart
recorder into which the output of the microphone amplifier is fed.
Measuring diaphragm surface

In order to achieve a broad frequency
response it is essential to have slack
suspension, and a low mass radiator. The
first has been achieved by the use of a
diaphragm which can be under quite high
stress on its own plane, whilst a relatively
low force can cause deflection in a transverse direction. In this design the mass of
the radiator is no more than that of alayer
of adjacent air a few millimetres in thickness. This could further be reduced by
using afilm resistive by manufacture.
The effect of resonances in this particular
shape of diaphragm has not been investigated as the response curve does not indicate
trouble of this kind. Three final points are
worth making:
(a) The behaviour of the charge on the film
is still largely unexplained as is the levelling
off of the response with greater than 600 V
on the diaphragm;
(b) Double-sided boards which prevent
warping, along with more sophisticated
construction techniques, should yield a
system of adequate acoustic output using
much smaller signal and bias voltages; and
(c) The quantities of different types of distortion present could be measured. Results
obtained and listening tests indicate their
virtual absence at low sound levels.

Apply 250 V d.c. across two electrodes one
inch long and one inch apart. The current
flow is measured. Sufficient accuracy was
obtained by quoting the result as Px10"
where both P and N are integers.
APPENDIX B
This is employed to determine the output
expected from the earphones, and the
frequency response expected. The calculations performed assume values either already
determined for the final model or values of
the materials readily available.
Fig. 18 gives the equivalent mechanical
circuits of the earphones, where the mass m
is the mass per unit area of the diaphragm.
The spring S is the suspension of the
diaphragm in the transverse direction. The
damping, 2R„, in the centre frequency
band, is due to the impedance of the air.
Fo is the peak force per unit area on the
diaphragm.
Employing the electrical analogy of this
circuit gives us Fig. 19. The mass per unit
area becomes an inductance of M henries.
The suspension becomes a capacitance of
S-1 farads. The damping becomes aresistance of 2R„, û, and the force avoltage of
Fo sin tot V.

Without elaborate equipment, such as a
probe microphone, this is difficult to do.
Furthermore the earphones under test
were not always safe to wear. For these
reasons the ear was simulated for the tests.
Artificial ears are readily available, and
commonly have avolume of 6cubic centimetres. The volume enclosed by the transmission tunnel is nearly twenty times this,
and the addition of the ear's volume makes
little difference to its response. The B & K
microphone used for the tests was one
inch in diameter, about the same as the
opening to the ear. The flat wooden plate
used for holding the microphone was lined
with polyurethane foam, to simulate the
coefficient of reflection of the skin.

S cannot be easily measured in situ, but a
comparison with a conventional 4 inch
loudspeaker indicated the same order of
magnitude. It is calculated accurately knowing the free resonance to be at 55 Hz.
From Fig. 19 we know:
Focos cot

/=

amps,

(14 x10 -2 jw+—+820)
and that at resonance /is real.
Hence

2.4 x10 -2 :K0

=

S
./C0

giving S = 24 x10 3 newtons per metre.
Because power a current 2, the —6dB
points are given by
cot.
co hm =- 820

co h = 35,000.

Therefore the —6dB points are expected
to be at .5 Hz and 6000 Hz. In the region
between these two points the movement of
the plate is opposed only by the resistance
of the air, so that the device is almost 100%
efficient.
A light, thin material, such as that from
the Borden Chemical Company considerably extends the flat response.
In order to determine the expected output, the equation Fo = qE0 is utilised. The
charge per unit area, q, is determined from
the expression:
—

C xV

2E.Vd,

area

d

where Vd, is the voltage applied to the
diaphragm, and d is the thickness of the
spacers:
Hence
25 01
1,„v„
F —
x
°
area
2d
= 1.95 x10 -2 y
0 newtons per metre'
A loudness of 100 dBm is considered
adequate, whence Fo = 2 newtons per
metre'.

APPENDIX A
Measuring the response of the
earphone on the ear

M =
x10 -2 kg m-2 (Vitafilm)
2R„, = 2pc
= 820 Rayl in the mid-frequency band.

resistivity

The electro-mechanical analogy
Suggested improvements

We know that:

2R m

Fc, sin llYt

Fig. 18. Equivalent mechanical circuit of
earphone.
2R

ohms

JOOM henries

S-1 farads

Fig. 19. Circuit given by the
electro-mechanical analogy.
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This is achieved by signal voltages V„ of the
order of 100 V in the region 6kHz to
10 kHz. This is not a signal voltage sufficient to cause ionization of the air with
350 V on the diaphragm.
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An I.C. Peak Programme Meter
by L. Nelson-Jones,

F.I.E.R.E.

A design using standard i.c. operational amplifiers to achieve atransformerless design to the
specification of the British Broadcasting Corporation, who pioneered this type of level indicator.
Mono or stereo applications are catered for in the design, with separate or common meter
indication. The circuit is stable against temperature and supply voltage variations, and is designed
for use with anominal 24V supply (16-30V). The main design aims were to obtain accuracy,
stability, ease of law adjustment, and repeatability from one unit to another.
The peak programme meter dates back
some 36 years when it was developed to
provide a better means of measuring line
levels in sound broadcasting than that provided by normal rectifier instruments such
as the VU meter. In particular the instrument was given aslow decay and fast attack
time to ease reading and lessen eye strain.
Early designs were characterized by avery
rapid response to transient peaks, but this
was later modified since it was found that
in practice the ear cannot easily detect the
distortion produced by the clipping of very
short duration peaks. The final attack time
figure decided upon, and which is still
standard, was 2.4 milliseconds. Such a
response corresponds to a meter reading
reaching 80% of peak using asquare wave
transient lasting 4milliseconds. The decay
time constant used is 1second, which is a
compromise between ease of reading and a
response quick enough to record following
peaks.
The graduations on the indicating meter
were kept small in number and ablack scale
with white markings used to make for ease
of reading. The basic scale division was
chosen as 4dB, this being two steps of the
standard B.B.C. fader controls. On astandard meter there are basically 7divisions,
with division 4corresponding to OdBm on
a6000 line (0.775V r.m.s. sine wave, 1.095V
peak).
The response of the peak programme
meter (PPM) is approximately logarithmic
and the divisions on the meter are approximately evenly spaced. The extreme divisions
(Ito 2, and 6to 7) represent agreater change
than 4dB, namely 6dB. (Earlier meters
differed in having all divisions except 1to 2
equal to 4dB.) The present standard calibration together with the corresponding current
in the meter are shown in Table I.
The meter figures given are for B.B.C.
Meter Specification ED1477, the one chosen
for the design to be described.
In order to make good use of afast charge
time, the dynamic qualities of the movingcoil meter movement itself must be tightly
controlled and considerably faster than that

of normal movements. The meter must also
be correctly damped to avoid large overshoots—two rather conflicting requirements. Whilst PPM circuits will work with
standard meter movements the accuracy
will be somewhat impaired unless the
correct movement is used. In particular a
circuit using a normal meter movement
will, when set up on astandard tone level,
tend to seriously underestimate short peaks
on actual programme material.
Peak detection
In most previous PPMs anormal full-wave
rectifier has. been used, (Fig. 1), with a
centre tapped signal transformer; the charge
and discharge time constants being controlled by the two resistors rand R.
With the advent of integrated circuit
operational amplifiers, however, one can
now make an accurate peak rectifier without
the need to use large voltage swings in order
to overcome the forward drop of the rectifier, and the consequent non-linearity at low
levels.
The basic circuit of such apeak detector
is shown in Fig. 2. On a rising positive
input, the output of the op-amp rises
positively until the signal fed back to the
inverting input of the op-amp via the diode
D equals the level at the non-inverting
input of the op-amp. When the input level
falls, the diode D ceases to conduct as it
becomes reverse biased, and the previous
peak is stored on the capacitor C until such
time as the input rises above the voltage to
which the capacitor is charged, when the
voltage on the capacitor again follows the
input.
In practice the author has modified the
basic circuit of Fig. 2 to that of Fig. 3.
Apart from the two resistors rand R, to
control the charge and discharge time constants, atransistor has been added to ensure
adequate charging current availability. The
practical values of the components are
C = 33µF, r= 7511, R = 30k.Q. With such
a large capacitance the peak charging
current through the diode reaches approximately 100mA, which is well above the
WorldRadioHistory

Table 1.
PPM
reading

Level
dBm

1
2
3
4
5
6
7
f.s.d.

-14
-8
-4

Input
voltage
(peak)

Meter
current
(mA)

0.220
0.436
0.690
1.095
1.74
2.75
5.50

0.10
0.22
0.35
0.51
0.67
0.80
0.93
1.00

o

o
+4
+8
+14
—undefined

Fig. I. Conventional PPM using centretapped transformer and full-wave rectifier.

Fig. 2. Peak detecting circuit.

Fig. 3. Peak detecting èircuit with time
constants added.
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capability of a normal i.e. op-amp, hence
the additional transistor. (In practice rwill
be less than 7512 due to the necessity of
allowing for the forward impedance of the
diode, and other components in the 'charging' path.)
The peak detector described operates only
on positive peaks, whereas in a practical
PPM it is necessary to measure positive and
negative peaks equally, and to this end it is
necessary to either (a) have asimilar peak
detector of reversed polarity to detect the
negative peaks or (b) to have a second
similar peak detector and precede it with a
unity gain phase inverter.
It was decided .to take the second course
since it allowed the two positive peak detectors to be combined, sharing a common
capacitor, charge and discharge resistors.
In this way the highest peak from either
detector will automatically be selected.
The unity gain inverter can of course be a
centre tapped transformer as in previous
PPMs, or else another op-amp connected
as aunity gain inverter, as shown in Fig. 4.

109

Fig. 5. Use of atransistor in the feedback
path to provide law correction of transfer
characteristic.
resistor /211 is brought into operation in
parallel with Ryso that the gain is reduced to
Ry•
Rfl
R„(R y+Rf

Fig. 4. Unity gain inverting circuit.
Provided that the loading on the two
outputs is small, both the a.c. and d.c.
levels will be equal except for the phasing.
Since the input to the two peak detectors is
the non-inverting input of two op-amps the
loading is in fact quite low. The difference
of d.c. level due to the unequal base supply
resistances of the two peak detectors is
approximately equal to the typical offsets
of the i.cs, and is therefore fairly negligible
when compared to the signal levels, i.e. they
are less than 10% of the lowest division (1 on
the PPM = 0.22V pk). In addition there is
azero set control on the output amplifier
which can largely remove the effect from the
meter deflection.
Gain adjustment is achieved by the single
control R for both peak detectors. Whatever the value of Rv,
and V (Fig. 4)
will remain equal and opposite to one
another so far as signal excursions are
concerned, although at the same d.c. level.
Law corrected output amplifier
The voltage across the peak storage capacitor is applied to a law corrected summing
amplifier, whose input resistance (and hence
the discharge time constant) will be set by
an input resistor R, to the summing point.
The basic principle of this amplifier is
illustrated in simplified form in Fig. 5.
The initial gain for voltages close to the
bias voltage line (Vb )that is from 0-3 on
the PPM scale, is linear, and is set by the
ratio RyIR. since for small output levels
the transistor Tr, is reverse biased. When
the emitter potential of Tr, falls below its
bias voltage V, the additional feedback

Further feedback resistors Rf2 -R 14 together
with transistors Tr 2-Tr, each controlled by
bias voltages V2- V4 respectively, are similarly connected to the amplifier to successively reduce the gain with increasing
negative output level. The law corrected
amplifier therefore approximates the desired curve of input versus output with a
five section linear gain curve as shown in
Fig. 6. The choice of feedback resistors and
bias voltages is made to get the best match to
the actual smooth curve. In practice this was
done by graphical methods together with
calculation. The values were finally adjusted
by trial and error to get the best result,
together with the use of standard E24
values. The choice of values possible is
almost infinite depending on the choice of
break points.

Complete practical circuit
Fig. 7shows the complete circuit of the peak
programme meter based on the circuits
described above. It is designed to work with
a1mA meter movement to B.B.C. Specification ED1477.
There are afew items in this circuit not
covered in the above circuit descriptions.
First, in the feedback network of the law
corrected amplifier adiode has been added
to prevent any appreciable positive excursion of the amplifier's output on switching
on or off. Secondly, a zero set potentiometer is added to this amplifier to take out
the combined zero errors of the four opamps which although small enough to
hardly affect the working accuracy is nevertheless rather annoying visually in the
absence of an input level.
The zero set potentiometer is the usual
value for the type 741 op-amp but is connected in a somewhat different manner.
Instead of being connected between the
two offset points of the 741 and the negative
supply line, a resistor is connected to the
slider of the potentiometer and returned
instead to the 9.1V bias line. This arrangement allows amuch wider range of adjustment than the usual connection, which although adequate to cope with the offset of
one 741 op-amp is not sufficient to cope
with the combined offset of four op-amps if
these should unfortunately be additive.
The d.c. operating level of all stages is
determined by the bias supply of +9.1V
stabilized by the zener diode D, which also
supplies the bias chain for the output amplifier's feedback network. This bias chain has
an overall adjustment in order that the exact
law correction of the completed instrument
may be set up, and the tolerances of the
various elements allowed for—in particular
that of the zener diode stabilized voltage.
The 1
mA meter to B.B.C. Specification
ED1477, has aresistance of 60012 +5% so
that with its series resistor of 4.71(12 (R 15 ),
full-scale deflection corresponds to —5.3V
with respect to the +9.1-volt bias line.
Maximum overdrive of the meter is limited
therefore to a little less than the bias line

Fig. 6. Low corrected transfer curve approximated by afive section linear characteristic.
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Fig. 7. Complete practical circuit of PPM.

voltage, or approximately some 8V, corresponding to roughly 150% overdrive—a
reasonable value for meter protection. The
general action of the circuit normally prevents reverse deflection, but in any case the
diode in the feedback circuit prevents more
than 0.6V being applied to the meter,
corresponding to —11% deflection.
Due to the very high peak currents
occurring in the peak rectifier circuit, particularly in the collector currents of Tr iand
Tr 2,some measure of isolation from other
equipment sharing the same supply line is
necessary. To this end decoupling by R22
and C 3 is provided.
A resistor (R 1)of 6200 is included so that
it can be linked into circuit to give a line
terminating impedance of 6000 instead of
the normal line bridging input impedance
of around 16k.0.

controls to minimize the spread of eriors.
Having completed the sequence of adjustments the meter should read within 0,5dB
at lkHz at all scale marks, although f.s.d.
is as stated in Table 1 undefined (it will
usually correspond to around 5.3V r.m.s.
sine wave).
Performance versus temperature. The PPM
has very little variation with temperature.

Setting-up and performance
The procedure for setting-up the PPM is a
simple one. First, with zero input voltage,
the zero is set (Set 0' control) RV2 4 . Next
a level corresponding to —4dBm (reading
3on the PPM scale) or 490mV r.m.s. sine
wave, 690mV peak, is applied and the
`Set 3' control (R V23 )is adjusted to bring
the meter pointer to 3on the scale. Finally
alevel of +8dBm, (reading 6on the PPM
scale) or 1.94V r.m.s. sine wave (2.75V
peak), is applied to the input and the `Set 6'
control R1(2,is adjusted to bring the meter
pointer to 6on the scale. The meter is then
checked at 0, 1, 2, 3, 4, 5, 6, 7, and f.s.d.
points as listed in Table 1, and any small
adjustment made to the Set' 0, 3, and 6
WorldRadioHistory

A 30°C rise in temperature (from 17°C)
gave only about 10µA change in meter
current at any point of the scale, i.e. about
1% of f.s.d.
Performance versus frequency. As shown in
Fig. 8there is a slight droop in the upper
frequency range, and this is due to the
limited slew rate capability of the 741 opamp in the peak detectors. Amplifiers
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7

5
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3
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2

2

0-2
MO,

020

100

10k

1k

Hz

Fig. 8. Frequency response of prototype PPM.
C4
10p

Fig. 9. Configuration of circuit using
alternative 748C op-amps.

Performance versus supply voltage. Over
the range of 16 to 30V there is little visible
change of reading at any level of input. The
circuit is designed for operation from a
nominal 24-volt supply. Supply current is
somewhat dependent on input level, and is
typically 14mA at zero input, rises fairly
rapidly as input is applied, and reaches
20mA at full scale. There will be some
variation from unit to unit but at 24V the
current should remain in the limits 1322mA. The current demand is also dependent on supply voltage being lowest at 16V
and highest at 30V. An absolute maximum
supply voltage of 36V should never be
exceeded.

748C

C
5

748C

+C)-

•

+24V

0

i

I

RV23
(set 3)

input
1
RV24

(set 6)

(set 0)

OV ++.411-01,mw

o

OV

+24V

o

.,R V
23

r
input

(set 3)

omit all components
within dotted line
on this side
(see main circuit diagram)

2

OV

Fig. 10. Outline ofprinted circuit panel for mono or stereo.

In
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having ahigher slew rate have been tested
and do remove this limitation in the audio
range. The 748 op-amp has ahigher speed
performance than the 741 but uses external
compensation; this allows the response to
be tailored to suit any particular need.
Fig. 9shows how two 748 op-amps may be
used for /C2 and /C 3,together with appropriate extra components to obtain a fiat
frequency response over the whole audio
band. There is still aslight fall off at 20kHz
but this is greatly reduced as compared to
the 741 op-amp.
In practice does this h.f. droop matter?
The author would argue that for the
monitoring of practical speech and music
levels it does not matter to any noticeable
extent. This is because of two factors.
First, there is the attack response time of
2.5ms used in the circuit, meaning that a
level must last for several milliseconds to
register near to its true peak level, and
secondly, in general, frequencies above
about 5kHz do not exist at as high alevel as
the lower frequencies, and these lower
frequencies therefore largely determine the
peak amplitude at any time.

o

OV

•

Connections for stereo use with a
single common meter
For economic or space reasons, it may be
desired to use two PPM circuits with a
common meter, and the printed circuits
were designed with this in mind as an
option. The method of interconnection is
shown in Fig. 10 where two input circuits
up to point B are used, with only one
output circuit from point A onwards. The
bias supply is made common to both boards
by linking points C together.
To set up the meters in this method of
connection the zero is first set at nil input
level (to both inputs), 'Set 0' control (R V2).
Next inputs of —4dBm are connected to
each input in turn and the appropriate
'Set 3' control (R V23 )for that channel is
set to give areading of 3on the PPM. Finally
the 'Set 6' control is set to give areading of
6from either input at alevel of +8dBm.
For the setting of the 'Set 3' and 'Set 6'
controls both inputs may be connected in
parallel and the switches shown in Fig. 10
operated to select the channel to be set up.
The dotted lines in Fig. 7show the section
of circuit omitted on one board and correspond to the dotted lines in Fig. 10.
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Constructional appendix
The circuit is built on a printed circuit
board 34 x3-1 inches in size with mounting
centres of 3.1 x2.1 inches (6BA). The board,
which is suitable for either the circuit with
741s in all stages or the higher speed circuit
with 748s in the peak rectification stages, is
shown in prototype form in the photograph.
Layout of production boards will differ
slightly but all component positions are
silk screened onto the component side of
the board.
It is essential that the charge storage
capacitor C2 be alow leakage type, hence
the specification of a solid dielectric tantalum type. An alternative is the solid dielectric aluminium capacitor such as Mullard type 121 15339 (33µF 16V) or 121 16339
(33µF 25V). However, it should be remembered that these are of 20% selection tolerance, and it may be necessary to select one to
the necessary tolerance of 10%. In general
normal aluminium electrolytics are not
suitable, due to their high leakage (especially
at elevated temperature) and very wide

tolerance, even of the higher quality type
(e.g. Mullard C428 is — 10 +50%).
No special techniques are used in the construction and the only precautions needed
are to ensure correct insertion of the 8-pin
dual-in-line op-amp packages, and to avoid
shorts on the board due to careless sceldering
(a miniature soldering iron is, these days,
essential for printed circuit work). Mounting
pads are used under the 6 transistors but
are not absolutely essential. Connections
are by 14-0076 p.v.c. covered leads as
shown in the photograph.
All component parts in kit form together
with Ernest Turner PPM meters type 642
are available from Key Electronics, P.O.
Box No. 7, Bournemouth, BH7 7BS, Hants.
Components list
Resistors
R,
620
R13
56k
R2
2.2k
RI4
15k
R3,R4 10k
R15
4.7k
R,
68
R„
1.2k
R8
30k
R18
620
R10
160k
R19
560
R„
220k
R20
270
RI2
120k
R21 *
All the above are 2% metal oxide or metal film
(e.g. Welwyn MRS or Electrosil TR5).
*Resistor R21 will normally be a wire link.
(For •use only where a higher reference line
voltage than 9.1V is to be used.)

The

FORGESTONE
400

ahigh quality
colour television receiver.
A complete and up-to-the-minute
Electronic Kit*
with all these plus features ...
9 integrated circuits
Ready-built and
aligned IF module
High quality components
Plugs and sockets for
easy panel removal
Full technical
construction manual

Thick film resistor units

R,, R7 22k
RI, 2.2k
R9
220k
R22
47
All the above are kW 5% carbon film (e.g.
Iskra UPM033 or Mullard CR25).
Capacitors
C,
le, 100V poly (15rnm mounting
centres)
C2
33µF, +10%, 20V solid dielectric
tantalum
C,
220µF, 35V, aluminium electrolytic.
C4,C5
10pF, ceramic tube, disc or poly.
Transistors
Tr i,Tr 2
BFY52 or 2N2219.
Tr 3 to Tr, BC109.
DI,D2
D3
D4

0A200, 1S920.
1S44, 1N914, 1N916.
BZY88-C9V1
(9.1V, ± 5%, 400mW).
/C,
741C (8 pin d.i.1.).
/C 2,/C,
741C (8 pin d.i.1.) or
748C for high-speed version.
/C4
741C (8 pin
N.B. The TO-99 versions (multi-lead TO-5),
of the 741 and 748 may also be used since
they have the same lead layout and are easily
arranged in d.i.l. lead configuration. Jermyn
Industries Ltd., type MON -8L mounting pad
may be used to achieve this end.
Preset potentiometers
RV23 ,R1,24 10k ±20%
RV2, 5k ±20%
Open cermet potentiometers (R.S. Components
or A.B. Electronic Components).
Semi-sealed type Morganite 81E may also be
fitted (also from R.S. Components).

LONG FIBRE WOOL
FOR TRANSMISSION — LINE LOUDSPEAKER
ENCLOSURES SUPPLIED BY THE ONLY
MANUFACTURERS OF THE ORIGINAL
SPECIFICATION APPROVED BY DR. BAILEY

Glass epoxy
printed circuit panels
Fully isolated power supply
Each module kit
available separately
LT supply regulator

•less cabinet, which can be manufactured yourself
from normal DIY sources.

Price 75p per lb. plus 10% V.A.T. including U.K. postage,
orders with remittance to:

Send for further details of the Forgestone 400 ...
the quality kit for the constructor of today.

JOHN W. PENNINGTON (DOWLEY GAP) LTD.

Forgestone Components

MIDLAND WOOL WAREHOUSES,
BRIGGATE, WINDHILL,

FORGESTONE COLOUR DEVELOPMENTS LIMITED
Ketteringham, VVymondham, Norfolk
Telephone: Norwich 810453 (STD 0603)

SHIPLEY, YORKS.
Telephone: 0274 51241.
•
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TRANSFORMERS

NEW
FROMASP

,

BRIDGE RECTIFIERS

AUTO
TRANS-

SAFETY ISOLATING

FORMERS

Print. 120 ,240V. Sec. 120/240V. Centre Tap with screen
VA
(Watts)

Cased versions are 240 Volt Mains to 115 Volts.
smart steel cased units coated in tough resin with
power lead, fuse and 115 Volt American tope
socket up to 500VA, above 500VA cable entry.
VA
(Watts)

Ref.
No.

20
75
150
200
300
500
1000
2000
3000

113
64
4
65
66
67
84
95
73

Price
Cased
E

Price
Open
E

Post,

1.32
2.63
3.29
3.96
4.64
8.03
13.5C
25.3C
33.0C

5.56
9.50
15.92
29.70

20VA version uncoated.

,,

0.22
0.30
0 39
0.40
0.52
06 ,
C 8:

9.48
12.05
14.00
15.80
30.70
60.95
79.63

Open
E
3.74
4.16
7.48
9.57
11.44
13.20
27.46
55.44
72.49

Post
L
0.38
0.52
0.52
0.65
0.80
1.00
1.20
0.A.
0.A.

PRIMARY 200/240V.
SECONDARY 12, IS, 20, 24,
30V.

500VA.

Over 500VA

a-

ea,
-

MILLIAMPS

Sec. I

Sec. 2

Sec. 1

3-0-3
0.6
0-6
9-0-9
0-9
0-8-9
0-8-9
15-0-15
0-15
20-0-20
0-20
0-15-20
0-20
0-20
20-12-0
12-20
0-15.20
0-15-27
0-15.27

0-6
0-6
0-9
0-8.9
0-8-9
0-15
0:20
0-15-20
0-20
0.15-20
0-15-20
0-15-27
0-15-27

AMPS

SEND FOR THE ASP COMPONENTS
CATALOGUE ALL ITEMS SHOlifoN ARE
EX-STOCK AND CAN 9E DESPATCHED
IN 24 HOURS

No.

200
238
500
500
234
1000
1000
212
100
13
330
330
235
500
500
207
1000
1000
208
40
240
200
200
236
30
241
150
150
237
500
500
205
300
300
214
3500 NO Screen 1116
700
221
(D.C.)
1000
1000
206
500
500
203
1000
1000
204

12 and 24 VOLTS
12V
0.3
0.5
1
2
4
6
8
10
12
16
20
30
40
60

TYPE

Sec. 1

24V
0.15
0.25
0.5
1
2
3
4
5
6

a

10
15
20
30

PRICE

Post

L
1.23
1.30
1.68
1.23
1.13
2.28
3.03
1.23
1.30
1.23
1.30
2.97
1.76
3.00
1.55

0.10
0.10
0.22
0.10
0.10
0.22
0.30
0.10
0.10
0.10
0.10
0.38
0.22
0.40
0.30

3.80
3.08
3.24

0.38
0.38
0.38

PRIMARY 200.240 Volts
TYPE
PRICE
No.
E
242
1.34
111
1.34
213
1.59
71
2.09
18
2.75
70
3.56
108
3.96
72
4.67
116
5.67
I/
6.64
115
10.23
18/
13.75
232
18.26
221,
22.52

Post
0.22
0.22
0.22
0.22
0.38
0.42
0.52
0.52
0.52
0.52
0.69
0.97
1.00
1.10

Price

50
100
200
600

0.25
0.25
0.28
0.30

P. I. V.
P.I.V.
RI.V •
P.I.V.

FOUR AMP
100 P.I.V.
200 P.I.V.
400 P.I.V.
600 P.I.V.

30 VOLTS

sockets up to

VOLTS

..cPts.

_

_5

PR ICE'

MINIATURE & EQUIPMENT
Primary 240V with Screen

POWER UNIT Type P6200

•-

Cased

149
150
151
152
153
154
156
158
159

American outlet
Cable Entry.

0.30

•

REF
No.

CASED VERSION in plastic coated steel case with
Powerlead. Please state 115V or 240V output British or

c tuse

2.52
Tapped at 115. 200. 220. 240

Supplying 6 or 9 .
mA
lo moulded case rc•A mains Plug
2 metre outo, eau
multiplug g.s ng _
sockets and 3.5 --Price £2.25. n5s: 1:5

60
100
200
250
350
500
1000
2000
3000

ONE AMP

AMPS
0.5
1
2
3
4
5
6
•
10

Rel.
No.
112
79
3
20
21
51
117
88
89

0.55
0.50
0.65
0.75

400 P.1.V.

Pr,
0.35
0.40
0.45
0.50

SIX
50
100
200
400

0.65
0.70
0.80
0.90

TWO AMP
50 P.I.V.
100 P.I.V.
200 P..

AMP
P.I.V.
P.I.V.
P.I.V.
P.I.V.

ELECTRONIC MAINS TIMER

Price

Post

1.58
2.20
3.19
3.96
4.68
5.80
6.91
9.00
10.00

0.22
0.38
0.38
0.42
0.52
0.52
0.52
0.67
0.67

50 VOLTS

A reliable unit
ideal foi
timing
Bathroom/Toilet
Ventilators,
Stairway /
Cloakroom
Lighting
etc.
Gives up to 30 wins, delay
before Switching Off. (Delay ,
1.30 mies. adiustable. Max
Load: 400 VA or
1000
Watts resistive Ivory Case:
3 j‘ in. X 3 V. in. X 210. Fitbrig Instructions included.
Trade Price:
C5.80. Post
20p.

MAINS KEYNECTOR

PRIMARY 200/240V.
SECONDARY 24, 30, 48, 60V.

AMPS

Rel.
No.

Price

Post

0.5

124

2.10

0.38

1
2
3
4
5
6
•
10

126
127
125
123
40
120
121
122

2.97
5.77
7.15
9.35
11.55
13.57
16.00
19.40

0.38
0.42
0.52
0.67
0.67
0.82
1.00
1.00

12

189

21.62

1.10

The

sale, quick

connector

for electrical aPPliance. 13
Amp rating, fused will con.
neuf a number of appliances
quickly and safely to the
mains,
ideal
for
testing,
demonstrating, window displays, etc., Warning Light,
interlocked HD Prevent con necting when live. Trade
Price: £2.95. Post 25p.

PLEASE ADD 10% FOR VAT.

60 VOLTS
PRIMARY 200/240V.
SECONDARY 19, 25, 33, 10,
50V.

2
3
4
6

Het.
No.
102
103
104
105
106
107

2.11
3.03
4.29
5.77
7.48
11.00

0.30
0.38
0.42
0.52
0.52
0.67

8
10

118
119

14.19
17.60

0.97
0.97

AMPS
0.5

Price

Post

MI

BYRE HOUSE,SIMMON IMI
DS RD.
WINCHEAP, CANTERBURY
KENT CT1 3RW
Tel: Canterbury (0227) 52436

* ELECTRONIC
PIANO KIT
iteneeie,

*SYNTHESISER
KIT

THE MOST VERSATILE EDUCATIONAL KITS

1

IN ANY ONE OF OUR KITS WE OFFER A VARIETY
OF PROJECTS OBTAINABLE ELSEWHERE ONLY AT
FAR GREATER COST.
. encapsulated in unbreakable transparent
e,ectronics symbols. Perfect connections are
.
.-•e••••.ng or wiring.

4

•

.

• r .•
:•_-

-ace

INCRED413LE
_

-

VAL- AE..-E V AN_ A._S
Ka 2A - X
:1---4-s - .•

OW

Ka IADX --*--

e•o«. •ments £25.25
As 3A plus solar cell experi_
._
cared control panel, etc., etc.

Kr! 44.2 a - •X e.
•a•z
.•

z.ZerT:

Dept. HFS
J.•

-ç

7r DceSS.

kit-form specially

separately

i.e.

draw-bars,

key contacts, M.O.S. master oscillators,

keyboards, pedal boards, stop tabs,

I.C.s, transistors, coils etc., for W/W ELECTRONIC
PIANO and W/W SYNTHESISER.
Send

up kits in stages.

50p for catalogue which

includes 5 X 10p

vouchers or send your own parts list, enclosing S.A.E.
for quotation.
ELVINS ELECTRONIC MUSICAL INSTRUMENTS,

Cheque/P.O. lot 7p for literature) to:

Designers and Component suppliers to the music industry

E ectroni-K it Ltd.,

12 Brett Road,

sStreet, London, E.C.1.

Hackney,

Satisfaction guaranteed

ELECTRONI-KIT LTD, 408 St.John's Street,
London, EC1. [01-278 4579)

in

months. All .specialised components can be purchased

Battery, VAT., p. & p. etc. and are correct at

r-e•.•-•e r'

models

and the whole project can be extended over several

.
experiments included in the three larger
. • , -r,, •‘:.r classroom and laboratory use.

Pa u••.•

5 superb

generous after sales service you can build in sections

•-•ents £33.95 As 3ADX plus Relay and Meter
or-, volume-, output-, field intensity-,
a•nrneter, illuminometer, etc., and many,
7: Duild

are

designed for the D-I -Y enthusiast. With our free and

•-: -A:led with every kit.

oiea---•-•ents £20.45 As 2A plus electronic birds, cats,
-- 1 . :^0171e,
light & sound, burglar alarms, wireless
ces etc., etc.

408St

There

t•az..!---4- ,
a £10.45
Radios, alarms, amplifiers, micro
.---_•. -.YECers, etc., etc.

Ka 3A - 'X
s-e.--s 7;1>"
*.e

Aoc
.-

ELECTRONIC ORGAN KITS

dismantle and rebuild projects any
experiments too. Completely safe - all

WorldRadioHistory

London E8 1JP
Tel: 01-986 8455

HIGH

Al 2

Wireless World

The wallchart shows the allocation of
frequencies within the radio spectrum
ranging from 3 kHz to 300 G Hz and is scaled
on eight logarithmic bands contriving 15
main categories of transmissions which are
identified by colours. All the important spot
frequencies and 'special interest' frequencies
are marked. The information is taken from
the ITU and has been condensed into easily
read chart form. Measures 2' 11" x 1' 11".

FULL COLOUR WALLCHART
OF FREQUENCY
ALLOCATIONS
80p
wireleSS Weld
wageartot treQuencY

FIDELITY DESIGNS

ORDER FORM

i
,eaten.

e

To: I
PC Electrical-Electronic Press Ltd.,
General Sales Dept., Room 11,
32 Stamford Street, London SE1 9LU
we.

111 le I II et
WO.

e "'II

•

•

IOH 1111A01 _

eti

I
enclose remittance value £
(cheque/p.o. payable to I
PC Business.
Press Ltd.)

1111110111111111-hh-01•14—

' ' --

nvk i
• vs

node".

%M.

'1,1•

regli 4001011"11.
•

ei tot •0111,"

Please send me
copies of the
Wireless World Wallchart of Frequency
Allocations at 80p each inclusive.

Name
(please print)
Address

awn

•
Registered in England No. 677128
Regd. office: Dorset House, Stamford Street,
London SE1 9LU

•

INDEX TO ADVERTISERS
Page
Antiference Limited
ASP Limited

Inside Front Cover
All, Facing Editorial Page 112

BI-Pre Pak Limited

A8, Facing Editorial Page

57

Chinaglia
Chromasonic Electronics
CT Electronics
..

AS, Facing Editorial Page
A9, Facing Editorial Page
Inside Back Cover

56
60

Electroni-Kit Limited
..
Elvins Electronic Musical Instruments
EMI Electronics Ltd.

All, Facing Editorial Page 112
All, Facing Editorial Page 112
8

Forgestone Components

..

112

Hart Electronics (London)
Henry's Radio Limited
..

92
98

Icon Design
!LP Electronics Ltd.
Integrex Limited

22
Al, Facing Editorial Page
A10, Facing Editorial Page

32
61

Olson Electronics Limited

A10, Facing Editorial Page

61

Pennington, John W.
Phoenix Electronics (Portsmouth) Ltd.
Powertran Electronics
..

112
A4, Facing Editorial Page
33
A6 & A7, Between Editorial Pages 56 & 57

Quality Electronics Limited
Rola Celestion
Sinclair Radionics Limited
Sugden, J. E., & Co. Ltd.
Wilmslow Audio

..

WorldRadioHistory

C. T. ELECTRONICS
NOW

AT

267

159
250
250
259
259
250
25p
309
559
450
44p
449
259
250
259
250
509
300
309
600
18p
14p
140
14p
160
120
129
120
14p
14p

8C18,
8C184
8C212
BC213
BC214
BC238
BC239
BCY30
BCY31
BCY32
BCY33
BCY34
BCY38
CV 39
BCY55
BCY70
BCY71
BCY72
60121

lo
130
15p
15p
150
140
140
Nts
550
950
&So
4SP
SOO
ISP
£1 28
220
24o
264

'a

0•24
0•31
80132
B0153
80156
BDY11
BFI 52
BF194
BF195
BF196
BFX29
BFX84
13F)(85
8FX86
BFX87
BFX88
BF444
BFY50
BEYS1
BFYS2
BEY53
8E490
BSWa
BSY9 A
BY127
BY164
15103
VJ340
VJ481
1
.
1 .280'
V .290•
✓534
V.0520
V.052'
V. £2955
• .E3355
✓V•5 13
wpr.•:,2

75p
75p
75p
75p
75p
75p
£1 44
200
14p
15p
15p
309
309
309
309
309
30p
50p
259
259
250
25p
600
40p
75p
12p
209
60p
15o
50D
95D
£1 20
£2 20
54D
750
NP
60o
759
£1 95
'Sp
£3p
144
4S0

01.545 -

259

:1.54M

440

l4KT404
1
1
41(1-773
NKT774
OAS
0A10
0A47
0A70
OM'
0A90
0A91
0A200
0A202
0A210
0A211
0C16
0C19
0C22
0C26
0C28
0C35
0C44
0C45
0071
0075
0076
0077

SOp
25p
259
259
50p
10p
12p
10p
10p
10p
10p
10p
350
359
909
850
559
65p
650
60p
200
20p
17P
2Sp
259
409
25p
290
299
40p
299
25P
299
500
60p
75p
Op
50p
400
650
7515
£1 OS
£1 SS
£3 35
£3 OS
719
950
64D
780
50
850
LI 26

0083
0084
OC' 39
OC'e

oc ,. :

OC* -•
0C2X

0C2•1`0
OC.2•:?
" 0794.
0 34
>3' A
9 324
.334
>3.44
0 254
.3E4
9 4• A
9 424,
.0•50

Mo
259
259
-5o

=

DIGITAL INTEGRATED CIRCUITS
5147400
SN7407
$147402
N74433
5147404
SN7405
SN7406
5147407
SN7408
5147409
5147410
5N741
SN7412
5N7413
5147416
SN7417
SN7420
5N7422
SN7423
5147425
SN7427

20;
209
200
20;
29;
25F
250
40c
40;
450
21D
24p
420
féo
460
àéo
2110
30:

Sts -4:-.
5•4 -4X
5.1 -622
51.-4.2
Sts -4) “t -‘4:

S...44.:
5% -44)
.5 -ara
S% -ar"
O1s-r•rà
.5 1,-4 1
55 -41'
O•'et.
05 -0S:

48c
41.

SPP
do
-14
-Io
Ido
350
--50

55a1
S% -d-E
%-reT
5503•
55030
5S -4é•55 -er+
S
5N -4X
5s , i.
55 -te:
ON -45 ::
S.et.
SN -',5
51.-eie
5N-4 ;SS"-,

£1 05
£2 01
£2
LI "5
£2 II
2SO
25o
210
Des
309
Mc

5• -s I-

54ts
140
Nc
£1 25
400
£1 09
950
45p
-S
P
£1 24
75p
'
50
SISP
£1 90
El 23
£2 54
Ei 99
£1 43
150

TIP34B
TIP3SB
TIP36B
TIP29C
TIP30C
TIP31C
TIP32C
TIP33C
TIP34C
TIP35C
TIP36C
TISSE
ZTX107
ZTX300
ZTX500
ZTX501
ZTX504
ZTX531
ZTX550
114914
1N916
1144001
1144002
1N4003
1N4004
lN4005
1N4006
1N4007
1144148
2N696
214697
25698
25 -06
2N706A
214708
214930
2141132
2141302
2145303
2141304
2141305
2191306
2141307
2141308
2N1309
2141613
2141711
2142150
2/42217
2142250
252219
252222

51474110
51174118
51474119
SN74121
SN74122
51474123
S1.74141
Sts -4145
Sts'4'5,7
St4 -r•f:
Sts -rt:
55 -et ,
5-4' 05
S'.74 156
SN4 157
55 -4160
S•v -4.61
51.-4162
554163
5., -4•64
5S -4165

£1 75
£2 90
£3 ISO
75p
85p
909
£1 10
£1 35
£2 00
£3 25
£4 25
40p
15p
15p
lop
20p
509
30p
300
lip
8p
70
SP
Sp
10 0
12P
13p
7p
340
259

25D
12p
15 0
15p
20 0
259

2fp
SOP
2Sp
25D
259

35P
p

250
259
659

25p

»p

39 0
25p
sop
£1 -00
£1 90
Sop
£1 35
£2 70
£1 00
£1 50
£3 35
£1 10
£1 35
£2 00
£1 55
£1 55
£1 IS
£2 541
£2 60
£3 40
£3411
£2 75
£4 it
£4 00

2N2222A
2N2398
2N2646
2N2846
2142904
2N2905
2N2906
2142907
2N2926G
2143053
2N30S4
2N3055
2N3232
2143440
2N3702
2N3703
2143704
2143705
2N3706
2143707
2N3708
2143709
2143771
2N3772
2143773
2143819
2143820
2143864
2N3904
2143905
2144058
2144059
2144000
2144061
2144526
2144280
2144287
2N4288
2N4289
2N4290
2144444
2N4871
2145191
2NS194
40360
40361
40062

SN74167
SN 74170
SN 74174
SN74175
SN74176
SN74177
SN74180
SN74181
51474182
SN74184
58174185
SN74190
51474191
SN 74192
$N74193
$N74194
SN 74195
$1474100
SN74197
55174198
SN74199

25p
70p
50p
£1 50
309
45p
25p
309
539
25p
60p
65p
70p
609
14p
12p
129
129
12p
12p
120
149
£2 80
£3 00
£3 40
35p
559
85p
22p
22p
12p
12p
120
14p
17p
15p
159
159
150
15p
£1 90
359
969
£1 10
50p
50p
55p
£6 25
£4 10
£2 00
£1 35
£1 60
£1 00
£1 55
£7 00
£2 00
£2 45
£2 40
£1 85
£1 95
£2 00
£2 00
£2 50
£1 85
£1 50
£1 50
£4 60
£4 60

open-New Components

Having all

tee

the

components

under

one

s-m

a-e

stuc -s ta-

,

i-cso•

-

a -cae.

- -

r_a-a-lee
- ;re

an enormous range of components to choose
problems

getting your

components

then

a

409
56p
110p
650
900
629
629
90p
£1 00
85D
909
£1 60
45p
709
900
350
£1 90
90p

BRIDGE
RECTIFIERS
WO2 1A 200V
38p
BY164 14A 200V
579
MDA952i2 6A
100V
000
ZENER DIODES
BZY88 Series 400mW
3 3V-33V, 5%.... 109
1SW range
259
10W range
450
L.E.D.

TIL209
HP5082
MA2082R

L.D.R.

NE555 Timer

26p
20p
259
600
900

• -.•
e-

-rsts
•

Underground is Chiswick Park, and there are no ra-•
TRIACS
TXL2288 BA 400V
SCOOD
SC40E
SC45D
SC45E
SC5013
SC50E
DIAC

'o-

me -me

• _

come

from 9.30 a.m, through till 6.0 p.m. Monday to Sat_ -

S.C.R.s
CRS1105
CRS1/10
CRS1/20
CRS1/40
CRS1/60
CRS3/10
CRS3I20
CRS3140
CRS71400
CRS161100
CRS161200
CRS16)600
C106B
C106D
40669
TIC44
2N4444
EIT10/500A

ORP12

Shop

speedier service on the counter, and on the -a

270 ACTON LANE,
LONDON W.4

AND

semiconductors

AC -:
AC'25
AC126
AC127
AC128
AC176
AC187
AC1I38
AD140
A0149
AD161
AD162
AF114
AF115
AF116
AF117
AF118
AF172
BA102
BA112
BA114
BC107
BC108
BC109
BC109C
Bete'
BC .411
re
BC 5
BC 57
BC)

Now

larger and will enable us to have greate

-

SPECIAL
OFFERS

959
£1 40
£1 65
£1 70
£2 10
£2 42
£2 70
259

LINEAR I.C.s
LM309K 5V. 1A.
Voltage Reg... £210
LM723C 2 37V. 150mA
Voltage Reg... £105
MF C4000 25OrnW
Audio
60p
TBA800 5 Watt
Audio
£1 SO
709C Op Amp D.1.L./
TO99
450
741C
Op
Amp
8,14
D.I.L.IT099
55p
748C
Op
Amp
D.I.L
759
747C
Dual
Do
Amp
£1 20
ZN414 Radio I.C. £1 25
TAD100 Radio I.C.
Filter
£1 90
CA3014
£1 55
CA3018
£1 00
CA3028
£1 20
CA3036
£1 09
CA3046
959
CA3048
£2 35
CA3075
£1 60
CA30900
£4 85
MC1303L
£2 20
SN76023 6w audio
with circuit
£1 75

*

*

MINIATURE
MERS.

BRI,

*

MAINS

240V,

TRANSFOR-

SEC,

12V,

100MA.

Manuf.: Hinchley. Size: 36 x 45 x 40mm.
F.C.

53mm.

Price

1 6Sp.

100 60p

ea.,

1000 50p ea., 10,000 40p ea.
3 CORE

PVC

CABLE.

GREY

Price

100m

INSULATED MAINS
ML6650.

£4 50,

3 x 7,0-2mm.

1000m

£35,

10.000m

£330.
o 47mfd.

SOV

ACITOR.
P.C.

MYLAR

Size

Mount.

Iin.

Price

FILM

x

CAP-

x 0-65in.

100

6.8p

ea.,

1000

Sp ea., 10,000 4.3p ea.
240V

A.C.

operation;

SOLENOID.

twin

coll.

Reversible

Sipe approx.

2/

x

I x lin. 90p ea.

ALUMINIUM BOXES
A87 21.Si a1¡in
A138 404 x1¡in
ABS 4 021
11in
4.810 4 051
1Iin
Alt 4x2¡ x2mn
AB12 3020 lin
4.814 7x5 x2¡in
AB15 8.6 x3in
AB16 10 x7 03mn
AB17 10 x4¡ x3in
A1318 12 x5 03mn
AB19 5100 03in

50p
50p
50p
50p
649
44p
049
£1 08
£1 22
£1 08
£1 20
£1 60

30

UMMARKED

0071

TRANSIS-

TORS £1-00.
25

Unmarked

250mW

Zenerdlode,

4.7V, 5.1V, 6.2V, 7.5V, 9.1V,

10V.

Mea-

sured and tested, EI-00.
Please state voltages required.
50 GE Diode 0A47 equivalent [1 .00.

V41 VU METER
£2.50
The V41 is calibrated -20 to +3 and 0-100%,"malung
.t suitable for use as a recording level meter or as a
power output indicator.
Sensitivity: 130 trA. Internal resistance: 600
ohms. Dimensions:40 x40 x29 mm.

TRANSFORMER:

Douglas.

115,

Sec.

200,

220,

240.

Pri.

0,

25-0-25-0-6V.

£4.50 + 50p. P.P.
TRANSFORMER,

Pri.

0,

115,

160,

205, 225, 245. Sec. 35-0-35, I.2A. £4 -50
ALSO STOCKED
Electrolytic
capacitors:
Mullard,
Sprague,
LorlIn, etc. Polyester, polystyrene,
silver mica, capacitors, polycarbonate, etc.
Resistors:
watt-I0 watt.
Potentiometers: Carbon,
set, rectilinear multiturn.

wirewound,

pre-

MULLARD

TUBULAR

UHF

TRIMMERS

Type

092,

CERAMIC

(Professional).

0.8-2 .2pF.;

991, 0-5-1;3pF. Price

Antex soldering irons.
Switches: Rotary, slide, toggle, etc.

+

50p. P.P.

801,

0.8-2.2pF.,

10p ea.

Quantity discounts, please telephone.

Cable.
Vero board

1000pF.

FEEDTHROUGH

CAPACI-

TOR Sp ea.

V.A.T.
Unless otherwise stated all prices are EXCLUSIVE of V.A.T. Please add 10% to all orders.
Carriage: orders under £.5 -I- 20p. Over £.5
post free.

MINIATURE TUBULAR P.C. TRIMMERS, 3.5, 13pF.. 6, 30pF., 10p ea.
4 p do Varley 700(2 Relay, SOp ea.

AUDIO ACCESSORY SHOP, 17 TURNHAM GREEN TERRACE, CHISWICK W.4
VALVE AMPLIFIERS
£12 94
£24 S4
£.7" 54

5V, a-•
15 Wa 30 Was•

5.
•5C et
1-X et 371

£36 25
£75 90
£124 50

TRANSISTOR AMPLIFIERS
PAL Prase 51...
FAL ID scc V.

Ea! 53

A- P^ase 1DOW.

DISCO CONSOLES
arc 99
Pu ,

sco
rms. Amp.)

£69 95

DISCO LIGHTING
011 Wheel 6 in. dia
£5 25
Suitable ¡rpm Motor
£1 00
Strobe 4 Joule
£25 00
Single Flash Box
£7 50
(100W Red. Blue, Gn., Vol.)
Triple Flash Box
£16 25
150W Projector plus Wheel
£25

£123 75

For 805 gin -Toena.
1348
13 8 -.-Twee•e•
12in xTweee•

£3
£5
£5
£7
£9

•

t •95

ALSO: Aua ,o C
-.Ors
Systems, M .es V : S'a - :s Soca -e - Cr.,
Plynths, Cove's e7.

0DD.•,

-

54

Full Range of Eagle
and
TTC
Products
available at Discount
Prices.

S ze approx. 18 x18 x

Li 75,d.

HEADPHONES
Type H.202 Fezo,.•es
s
•s - Vc...me controls on each channel.
Freq. rescc-se
:0Ce,
-ce:a - te 4..6 ohms. £4 54.

With
twin
tweeters
crossover, 10 watt.
Post 25p.

and

£4.50

CHASSIS SPEAKERS: Goodmans,
etc.

Fane, Celestion,

ALSO IN STOCK

Se'eo
es

REXINE COVERED SPEAKER CABINETS
Suitable
â u 0 5.7
.,e -a•es '2 - spea4er
Bo, £9 00.
SPEAKER CLOTH
Available in 13 ac•

50
00
75
50
00

E.M.I. 13i
8in.
SPEAKER SALE!

Dual
cone
plasticised
roll
surround. Large ceramic magnet.
50-10,000
cs.
Bass
resonance
65
cis.
8 ohm
impedance.
8m.
10
watt.
Each. Post 25p.

£3.75

-:W.

Prices include V.A.T.
TEAK VENEERED SPEAKER CABINETS

8in. HI-FI SPEAKER

Secondhand Bargain
Basement Now Open
High Quality Hi -Fi
and
Audio
Equipment,

Reel to Reel Tape by BASF, E.M.I., R.T.C.
Cassettes: Memorex, Phillips, etc.
Generous

discounts on

purchases.

Please send

Bib Hi -Fi accessories.

All mail order and enquiries to 270 Acton Lane
WorldRadioHistory

bulk

S.A.E. for price list.

Tel: 01-994 6275

t

•

Half aCentury of sound experience!
Celestion
Loudspeakers for

the

<1

Perfectionist
WorldRadioHistory

ROLA CELESTION LTD.
DITTON WORKS, FOXHALL ROAD, IPSWICH, SUFFOLK IP3 8JP

