- PHASE LOCKED LOOP

IC FLUTTER METER |

Every day, new applications
are -being found for the inte-
grated circuit. One interesting use
in the audio test field has been
published by Signetics: a tape
recorder flutter meter using a
‘phase locked loop’ IC. Signetics,
a leader in the development and
manufacture of integrated cir-
cuits, includes the flutter meter
circuit in their recent PLL appli-
cations kook.

According" to the circuit’s de-
signer, “the Signetics PLL 561B
is used to detect the frequency
variations’ of the playback 3kHz
tone. The VCO frequency is set
to a nominal 3kHz by C, and
‘fine tuning trimmer. The de-
modulated output is AC coupled
to a high input impedance ampli-
fier. An oscilloscope can be used
to measure peak deviations, and
a true RMS voltmeter is used to
make RMS flutter readings.

“The output may be calibrated
by feeding in a 3 kHz tone from

>
<
I =

A—0 v
X

5818
o ac TUMABLE BAND
i AP, L FILTER
. s FILTER IN
18K

an oscillator, and offsetting the
frequency by 1% and measuring.
the output level shift. Good
recorders have RMS flutter of
less than 0.1%. The output can be
filtered to study selected fre-
quency bands.

“Speed variations in the move-
ment of tape across the heads in
a tape recorder cause the play-
back frequency to vary from the
original signal being recorded.
These speed variations are
caused by mechanical problems
associated with the tape drive and
tape guidance mechanisms. The
variation in frequency of the
playback signal is called flutter
and is generally measured over a
frequency range of 5 to 200 Hz.

“Test tapes with low recorded
flutter variations are available to
test playback mechanisms. These
tapes are standardized at 3 kHz.
With systems equipped with
record heads, a 3 kHz tone can be
recorded for analysis.” Hl
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An I.C. Peak Programme Meter

by L. Nelson-Jones, F.IE.R.E.

A design using standard i.c. operational amplifiers to achieve a transformerless 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 a nominal 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 meéter dates back
some 36 years when it was developed to
provide a better means of measuring line
levels in sound broadcasting than that pro-
vided by normal rectifier instruments such
as the VU meter. In particular the instru-
ment was given a slow decay and fast attack
time to ease reading and lessen eye strain,
Early designs were characterized by a very
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 a square wave
transient lasting 4 milliseconds. The decay
time constant used is 1 second, 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 a black 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 a stan-
dard meter there are basically 7 divisions,
with division 4 corresponding to 0dBm on
a 600Q 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 approxi-
mately evenly spaced. The extreme divisions
(1 t0 2, and 6 to 7) represent a greater change
than 4dB, namely 6dB. (Earlier meters
differed in having all divisions except 1 to 2
equalto 4dB.) The present standard calibra-
tion together with the corresponding current
in the meter are shown in Table 1.

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 a fast charge
time, the dynamic qualities of the moving-
coil 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 over-
shoots—two rather conflicting require-
ments. 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 a standard tone level,
tend to seriously underestimate short peaks
on actual programme material.

Peak detection

In most previous PPMs a normal full-wave
rectifier has. been used, (Fig. 1), with a
centre tapped signal transformer; the charge
and discharge time constants being con-
trolled by the two resistors r and 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 recti-
fier, and the consequent non-linearity at low
levels.

The basic circuit of such a peak 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 équals 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 r and R, to
control the charge and discharge time con-
stants, a transistor has been added to ensure
adequate charging current availability. The
practical values of the componemts are
C = 33uF, r = 75Q, R = 30kQ. With such
a large capacitance the peak charging
current through the diode reaches approxi-
mately 100mA, which is well above the
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Table 1.
Input Meter
PPM Level voltage current
reading dBm {peak) (mA).
0 —_ 0 0
1 -14 0.220 0.10
2 -8 0.436 0.22
3 -4 0.690 0.35
4 [ 1.095 0.51
5 +4 1.74 0.67
6 +8 275 0.80
7 +14 5.50 0.93
f.s.d. —undefined 1.00

@m@%

Fig. 1. Conventional PPM using centre-
tapped transformer and full-wave rectifier.

Ic

Fig. 2. Peak detecting circuit.

V;

m"m

Fig. 3. Peak detecting circuit with time
constants added.
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capability of a normal i.c. op-amp, hence
the additional transistor. (In practice r will
be less than 75Q due to the necessity of
allowing for the forward impedance of the
diode, and other components in the ‘charg-
ing’ 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 (2) have a similar 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 detec-
tors 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 a unity gain inverter, as shown in Fig. 4.

Vblus

— Vout

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
a zero set control on the output amplifier
which can largely remove the effect from the
meter deflection.

Gain adjustment is achieved by the single
control Ry for both peak detectors. What-
ever the value of Ry, V,,, 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 capaci-
tor 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 (¥,,,) that is from 0-3 on
the PPM scale, is linear, and is set by the
ratio R /R, since for small output levels
the transistor 7r, is reverse biased. When
the emitter potential of Tr, falls below its
bias voltage ¥; the additional feedback

] ]
| Try Req |
Ry
RX
+Vip =N -
out
Vbius . 1
V.
SV
— V3
—— V4

Fig. 5. Use of a transistor in the feedback
path to provide law correction of transfer
characteristic.

resistor R, is brought into operation in
parallel with R, so that the gain is reduced to

R, Ry,
Rx(Ry+Rf1)

Further feedback resistors R,-R, together
with transistors Tr,-Tr, each controlled by
bias voltages V,-V, respectively, are simi-
larly connected to the amplifier to succes-
sively reduce the gain with increasing

negative output level. The law corrected -

amplifier therefore approximates the de-
sired 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,
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Complete practical circuit

Fig. 7 shows the complete circuit of the peak
programme meter based on the circuits
described above. It is designed to work with
a lmA meter movement to B.B.C. Specifica-
tion ED1477.

There are a few items in this circuit not
covered in the above circuit descriptions.
First, in the feedback network of the law
corrected amplifier a diode has been added
to prevent any appreciable positive excur-
sion of the amplifier’s output on switching
on or off. Secondly, a zero set potentio-
meter is added to this amplifier to take out
the combined zero errors of the four op-
amps which although small enough to
hardly affect the working accuracy is never-
theless 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 con-
nected 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 arrange-
ment allows a much wider range of adjust-
ment than the usual connection, which al-
though 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 ampli-
fier’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 ImA meter to B.B.C. Specification
ED1477, has a resistance of 600Q + 5% so
that with its series resistor of 4.7k (R,s),
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

dBm 14
i 1

1
[¢] 1 2

!
3 4

Vintrms)

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

voltage, or approximately some 8V, corres-
ponding to roughly 150% overdrive—a
reasonable value for meter protection. The
general action of the circuit normally pre-
vents 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, par-
ticularly in the collector currents of 7r, and
Tr,, some measure of isolation from other
equipment sharing the same supply line is
necessary. To this end decoupling by R,,
and C, is provided.

A resistor (R,) of 620Q is included so that
it can be linked into circuit to give a line
terminating impedance of 600Q instead of
the normal line bridging input impedance
of around 16kQ.

Setting-up and performarice

The procedure for setting-up the PPM is a
simple one. First, with zero input voltage,
the zero is set (‘Set 0’ control) RV,,. Next
a level corresponding to —4dBm (reading
3 on the PPM scale) or 490mV r.m.s. sine
wave, 690mV peak, is applied and the
‘Set 3’ control (RV,3) is adjusted to bring
the meter pointer to 3 on the scale. Finally
a level of +8dBm, (réading 6 on the PPM
scale) or 1.94V r.m.s. sine wave (2.75V
peak), is applied to the input and the ‘Set 6
control RV, is adjusted to bring the meter
pointer to 6 on 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

A 30°C rise in temperature (from 17°C)
gave only about 10sA 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. 8 there is a slight droop in the upper
frequency range, and this is due to the
limited slew rate capability of the 741 op-
amp in the peak detectors. Amplifiers

controls to minimize the spread of eriors.
Having completed the sequence of adjust-
ments the meter should read within 0.5dB
at 1kHz 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.
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having a higher slew rate have been tested
and do remove this limitation in the audio
range. The 748 op-amp has a higher speed
performance than the 741 but uses external
compensation; this allows the response to
be tailored to suit any particular need.
Fig. 9 shows how two 748 op-amps may be
used for IC, and ICj;, together with appro-
priate extra components to obtain a flat
frequency response over the whole audio
band. There is still a slight 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 a level as
the lower frequencies, and these lower
frequencies therefore largely determine the
peak amplitude at any time.

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 13-
22mA. The current demand is also depen-
dent on supply voltage being lowest at 16V
and highest at 30V. An absolute maximum
supply voltage of 36V should never. be
exceeded.

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 4 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 (RV,).

Next inputs of —4dBm are connected to
each input in turn and the appropriate
‘Set 3’ control (RV,,) for that channel is
set to give a reading of 3 on the PPM. Finally
the ‘Set 6’ control is set to give a reading of
6 from either input at a level 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. 7 show the section
of circuit omitted on one board and corres-
pond to the dotted lines in Fig. 10.
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Constructional appendix

The circuit is built on a printed circuit
board 34 x 34 inches in size with mounting
centres of 3.1 x 2.1 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 C, be a low leakage type, hence
the specification of a solid dielectric tan-
talum type. An alternative is the solid di-
electric aluminium capacitor such as Mul-
lard type 121 15339 (33uF 16V) or 121 16339
(33uF 25V). However, it should be remem-
bered that these are of 209 selection toler-
ance, and it may be necessary to select one to
the necessary tolerance of 109. 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 con-
struction 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 soldering
(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 R, 56k
R, 2.2k R, 15k
Ry, R, 10k R,y 4.7k
R; 68 R, 1.2
Ry 30k R, 620
Rio 160k Ry, 560
Ry, 220k R,, 270
R, 120k Ry*

All the above are 2% metal oxide or metal film

(e.g. Welwyn MRS or Electrosil TRS).
*Resistor R,; will normally be a wire link.

(For use only where a higher reference line

voltage than 9.1V is to be used.)

R., R, 22k R,s 2.2k

R, 220k R,, 47

All the above are W 5% carbon film (e.g.

Iskra UPMO33 or Mullard CR25).

Capacitors

C, 1uF, 100V poly (1Smm mounting
centres)

C, 33uF, +£10%, 20V solid dielectric
tantalum

C, 220uF, 35V, aluminium electro-
Iytic.

Cy, Cs 10pF, ceramic tube, disc or poly.

Transistors

Try, Tr, BFY52 or 2N2219.

Tryto Trg BCI09.

D,, D, 0A200, 15920.
D, 1544, 1N914, IN916.
D, BZY88-C9V1

9.1V, £5%, 400mW).
IC, 741C (8 pin d.i.L).
IC,, IC, 741C (8 pind.il)or

748C for high-speed version.
IC, 741C (8 pin d.i.l.).
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
RV, RVy, 10k +20%  RV,s 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).

Announcements

Information Retrieval is the title of a course of six
lectures to be held at Twickenham College of
Technology on Monday evenings at 19.00
commencing 6th November. Details from The
Principal, Twickenham College of Technology.
Egerton Road, Twickenham, Middlesex TW2 7SJ.
Fee £3.75.

Pickap arm and turntable parts. Longdendale
Technological Products, suppliers of parts for the
pickup arm and turntable designs published in the
October and November 1971 issues, have moved to
Wood End Industrial Estate, Manchester Road,
Mossley, Manchester.

Arrow Electronics Ltd, 7 Coptfold Road,
Brentwood, Essex, has been formed to provide a
retail mail order distribution service for a range of
components from opto-electronics to +W carbon
resistors; temperature controlled soldering irons to
aluminium boxes; test instruments to the latest
double-wound toroid chokes.

Television Systems and Research Ltd, 63 Woodside
Road, Amersham, Bucks, formed to acquire the
business and assets of the Top Rank Television
Division of Rank Audio Visual Ltd. have been
appointed by TeleMation Ltd to be exclusive
distributors in the U.K. and Ireland of the
TeleMation range of closed circuit TV equipment.

Marconi Space and Defence Systems Ltd is to supply
a cockpit procedures trainer to Flight Safety Inc., the
professional pilot training organization in America,
acting on behalf of Aeroformation. The trainer, to be
completed by late 1973, will be installed in a new
multi-million dollar Aeroformation Training Centre
in Toulouse. Blagnac, France.

Marconi Communications Systems Ltd and
Amalgamated Wireless (Australasia) Ltd are jointly
to supply equipment for the Australian Broadcasting
Commission’s new colour television service.
Scheduled to be operational by March 1975,
Marconi are supplying four of their Mark VIII
automatic colour crmeras and ancillary equipment
with an outside broadcast vehicle.

Consolidated Fisheries Ltd., Grimsby, are to fit their
entire fleet of 15 distant-water trawlers with the new,
world wide, Redifon Omega Navigator.
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H.F. Predictions ——
November

Solar activity is still not declining as rapidly
as expected. The past three years have shown
a check in decline during each September which
has been maintained. This could mean that
the current sunspot cycle will be two years
longer than the eleven year average giving a
minimum in 1975/6.

With this relatively high activity the 26-MHz
broadcast and 28-MHz amateur bands should
be open between 08.00 and 16.00 GMT
throughout the month to South Africa. These
two bands will also be usable for South
America but not so consistently and to North
America only for very short periods, if at all.
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MULTIPLIER/OP AMP CIRCUIT
DETECTS TRUE RMS

To get an RMS vaiue when you can't
afford the time it takes to heat an
element, try this technique. It may not
be feasible for a multimeter but how
about a sampling voltmeter good up to
600 kHz?

Mathematically, the RMS value of a
function is obtained by squaring the
function, averaging It over a time
period I and then taking the square
root:

/ 1 t .
VRMS = 'ff o V24t

In a practical sense this same
technique can also be used to find the
PMS value of a waveform. Using two
multipliers and a pair of op amps, an
RMS detector can be constructed. The
first multiplier is used to square the
input waveform. Since the output of
the multiplier is a current, an op amp
is customarily used to convert this
output to a voltage. The same op amp
may also be used to perform the
averaging function by placing a
capacitor in the feedback path. The

Schematic Diagram of True RMS Detector
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second op amp is used with a
multiplier as the feedback element to
produce the square root configuration.

This method eliminates the
thermal-response time that is prevalent
in most RMS measuring circuits.

The input-voltage range for this
circuit is from 2 to 10 Vpk. For other
ranges, input scaling can be used. Since
the input is dc coupled, the output
voltage includes the dc components of
the input waveform.
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Nuts & Boltsh

Peter Hiscocks

In preparing to perform the extensive se-
ries of tests on cassette wow and flutter
that appear elsewhere in this issue, we
were faced with a problem: we did not
have a readily available wow and flutter
meter. ' We were quoted something like
$300 a month to rent such an instrument,
so we decided to build one ourselves. For-
tunately, a wow and flutter meter can be
simple and inexpensive. The schematic of
our unit is shown below,

The heart of the meter is a Signetics
phase locked loop (PLL) Chip, the
NES565. A phase locked loop is basically a
negative feedback system that compares
the reference frequency (in this case a 3
kHz tone played back from the tape re-
corder) to the frequency generated by its
own internal voltage controlled oscillator
(VCO). If the two are reasonably close
together in frequency, the action of the
PLL is to synchronize the two frequen-
cies.

OJALF ?
’;‘@—f -
INPOT 500 3 X
2 KHz -
FReoam

TAPE

W
o

._,‘..",___.
o

Synchronism is maintained by an ‘‘er-
ror signal” inside the phase locked loop.
As the 3 kHz tone from the tape varies in
frequency, due to variations in the speed
of the tape recorder, the error signal will
vary to cause the internally generated 3
kHz tone to track. The error signal may
then be used as an indicator of frequency
variation in the tape recorder speed, in
other words, the wow and flutter compo-
nent.

The phase locked loop is largely im-
mune to variations in the amplitude of the
tone from the tape, and it’s capable of
acquiring lock even when the incoming
tone and the internal VCO are quite dif-
ferent in frequency.

To calibrate the wow and flutter meter,
a 3 kHz tone is fed directly into the
meter. This is varied by some known
amount (a digital frequency counter is
handy here) and the corresponding

+6v

20 cLTo FFE
! NF cadido RREQLENCY
200k, R2 cA3td4o

—

region of 5 millivolts for a typical tape

change in error voltage measured.

In the circuit shown, the blocking ca-
pacitor Cl removes a large DC compo-
nent from the error voltage signal, pass-
ing signals above about 0.5 Hz. The
CA3140 op amp (IC1) buffers this net-
work and supplies the outside world with
the error signal at a low impedance level.
As it stands, the error signal, due to wow
and flutter signals, is quite small: in the

deck. IC1 could be wired as an amplifier
if the monitoring device needs a larger
signal.

The error signal also contains a certain
amount of 6 kHz frequency; the op amp
low pass filter circuit (IC2) removes this
residual signal. The wow and flutter
waveform is monitored on an oscillo-
scope, the cutoff frequency of the low
pass filter being reduced by adjustment
R2 until the 6 kHz is seen to disap-
pear. B
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PROJECT

POWER METER

An accurate way to determine whats watt in your hi-fi system, with our true reading

power meter

POWER IS PROBABLY the least
understood and most misrepresented
quantity in the electric measurement
system. This is especially so in the
area of audio amplifier and speaker
specifications when terms like peak,
peak to peak, music and RMS are
related to power.

Power is simply the rate at which
energy is being used. It is expressed
in watts and the value may vary from
femtowatts (1012 W), as in the input
power of a FET, to thousands of
megawatts in the power generation
field. The term thousand megawatts
is generally used in preference to the
more correct term. gigawatts.

Power can be calculated simply by
multiplying vojtage and current:

P=E1

in a DC circuit where both voltage

and current remain constant no
problem arises. However in an AC or
a DC circuit where the voltage is not
constant with time, this formula only
holds for instantaneous power as the
power varies with time. Power as we
usually use the term is the time
average of this. If the load is

resistive, i.e. contains no inductance
or capacitance, and we can measure
the RMS value of the voltage, we can
still use this simple formula. However
measuring the RMS voltage is not
easy as most voltmeters measure the
peak or average rectified voltage with’
a s'iitable scaling factor built in to
give a correct result when measuring
a sine wave signal.

Reactive Reaction

If the load is reactive the current and
vcltage will no longer be in phase,

Wi

0.
Li
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i.e. the peaks do not occur at the
same point in time. The difference
can bs expressed either by the phase
angle in degrees or by the cosine of
this angle (known as the power
factor). The current waveform can
either be ahead of the voltage
{leading) or behind it (lagging).
Capacitive circuits give rise to a
leading power factor while inductive
circuits lag.

If working with a sine wave, and if
the power factor is known, the
formula for power can be expressed
as:

P=Elcos g
where #'is the phase angle. In a DC
circuit cos # is unity so the formula
holds for this case as well. An
example is a 40 W fiuorescent light
which takes 430 mA from the 240 V
mains. At first sight, this impliesa »
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power consumption of over 100 W,
until it is realised that its power factor
is about 0.45 lagging. The formula
above, using cos = 0.45, thus gives
a power consumption of only 46.4
W. (The additional 6 odd watts is
dissipated in the ballast.) The product
of voltage and current is known as
the VA rating and is used when
calculating the currents in a circuit. If
a capacitor is connected across a sine
wave AC circuit the current taken can
be calculated by dividing the voltage
by the reactance of the capaitor.
While this circuit draws current, it
has a power factor of very near zero
(90° phase lead) and therefore takes
no power! By adding the correct
amount of capacitance to an
inductive circuit (i.e. the fluorescent
light) the power factor can be altered,
reducing the current drawn (but not
the power).

Confused yet?

Ample Reason

Getting back to audio amplifiers and
their ratings, the problem lies in the
complex nature of the music
waveform and how to specify the
amplifier’s rating. As the waveform is
far from a constant sine wave with
the peak power being anything up to
20 times the avérage, numerous
methods such as peak power, peak to
peak power, music power, etc.
evolved. However, for a long time
there was no set standard, and one
amplifier advertised with a 50 W
(music) rating was in facta 5 W
stereo amplifier. The situation got so
out of hand that the US Government
brought down legislation on how
amplifiers were to be tested. This is
with a continuous sine wave signal
with level set so that the distortion is
at a specified level and power
calculated from the RMS output
voltage: hence the term RMS power.
Note however that the term RMS
refers to the method of
measurement, i.e. the use of RMS
voltage, and it is not the RMS value
of the power waveform. It is, in fact,
the average of the power waveform.

Speakers are just as confusing.
They are normally specified not in
terms of the power they can
dissipate, but the maximum power of
amplifier they are suitable for. This is
due to the fact that music is never
(well, rarely) a continuous sine wave
and the average power in the speaker
may be only 10% of the RMS rating
of the amplifier, even with the
amplifier clipping.
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To measure the power actually
being delivered to the speaker under
music conditions, a wattmeter must
be used.

Design Features

“To multiply current and voltage

together we had the choice of
analogue or digital techniques.
Unfortunately while digital is the ‘in’
thing, offering versatility and
accuracy, it is not fast enough to
calculate the instantaneous power on
high frequencies. We therefore chose
the analogue method.

Looking around the ICs, the only
ones with reasonable price and
availability were the MC1494, 1495
and 1496. The 1496 (or 796) is the
cheapest and most readily available,
but has the disadvantage of not
being able to multiply DC signals or
AC signals with a DC offset. The 1494
and 1495 are about the same price,
and of the two, the 1494 was more
linear and easier to use.

We chose not to use any input

buffer on the voltage input but had to -

pay the penalty of having a lower
input impedance than normal with
voltmeters.

Using the Power Meter

To use the meter we must measure
both voltage and current. There must
be a common point for these
measurements. The current
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connection can be in either of two
ways as shown in the drawings
below. One measures the power out
of the supply and the second the
power into the load. The difference?
The current shunt in the wattmeter
drops one volt when working at the
full range value and this may or may
not affect the reading. At 10 A this
accounts for 10 W which, if the
power being measured is only 100
W, isa 10% error — although if the
measured power is 2400 W the error
is only 0.4%.

The range of the meter is the
product of the individual ranges, i.e.
on 30Vand 1 A the fsdis 30 W,
while 30 Vand 3 A gives T00 W
FSD. To help give a reading
reasonably high on the scale, the
voltage range can be overvoltaged by
a factor of 2. Due to power
dissipation problems this should not
be attempted on the current ranges
The peak voltage or current can be as
high as three times the range value.

Construction

We mounted all the components
associated with the meter and the
switches on a single pc board and if
the same or similar case is to be used
this i1s recommended.

Except for the meter and the
switches the components are
mounted on the ‘normal’ side of the
pc board. These should be mounted p




PROJECT: Power Meter

+15V AcH

R22
18k

AAA A AAAA TIBV
1 12 7 8 15
9 5

1C1
MC1494

-15V

14

VOLTAGE
INPUT  R1
1K
R18
w 47k
1
R3 R4 R20
470k < 15 k 15k
O—
COMMON
R13 R14 R15 R16
0.22 0.68 2.2 6.8
[
O
104 0.03A
CURRENT w2
INPUT

HOW IT WORKS

Fig. 1. The circuit diagram of the audio power meter.

see the separate section. The current out- =
put of this IC is converted to a voltage by -
IC2 with C2 providing the averaging. The

output of this IC with a meter reversing
switch provided. This reversing switch is

Power is the product of current and vol- D7 DS
tage. This holds irrespective of the nature
of the load, provided you are talking about  swa +
instantaneous power. By multiplying cur- A d
rent and voltage together and then taking t T
the average of these instantaneous values 240V ac |
we find the true power. Again this works N -t_l__’
irrespective of the load.

In this circuit the multiplying is done by
IC1 (MC1494), the output of which is a E 240V/30V
current proportional to the product of the o‘j PL30-5VA 06 D8
inputs. For more detailed notes on this IC, ,

meter is then simply wired across the Fig. 2. Power Supply Circuit.

needed not to measure negative power, but
to correct for reversed readings due to
differing external connections.

The power supply is a full wave bridge
with a centre tap giving about ¥20V DC
which is then regulated to the 15 V
required by IC1. Right: meter scale designed for

Adjustments for zeroing the voltage and a 1TmA FSD meter. These scales
current inputs are provided by RV2 and may need to be altered for dif-
RV3 while RV1 compensates fog offsets in fering meter units.
the output. These are supplied b stable :
F4V reference in IC1. Range switching is
done by SW1 and SW2. Protection against
overvoltaging the IC is provided by D1 —
D4. >

Q

n iC3 out
7815 +15V
com
c6 ¥ cs
10
ca 10u On
220
H ov
c5
220 c7 .—_L' .Lcs
10u 100n
com
in Ica out —-15V
7915
A .6

Power range is the product of
the voltage and current ranges.

WATTS ¢

1 mA FSD
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PARTS LIST

R17
—E_J——- = Resistors  all 5% VAW
2 o unless stated
o T ne T R1, 7,24, 26 1k
R19 85 R2 100k
2z R3 470k
=3 R4, 20 15k
oc R5 220R
2 ss s
INPUT 8o R9, 19, 21 10k
R10 1R 1W
l g R11-13 OR22 5W
l R14 OR68 5W
- % £ ‘ R15 2RZ 1W
N = = R16 6R8 1W
s R17 22R
R18 47k
- . S, R22 18k
COMM o w R23, 25 6k8
ON i R27, 28 330k
R29 4k7
l | dped hrd I POTENTIOMETERS
S B 212 ne RV1-3 20k trimmer
nS Rv4 5k trimmer
k4 v O-ﬂ
:.’E] 2z CAPACITORS
- © O ©:s
VOLTAGE 2 oc C1 33p 500V ceramic
INPUT ‘C.D m 3 c2 330n polyester
D Sm C3 33p ceramic
e ] w) C4,5 220u 35V electrolytic
Q {_—?. o C6. 7 10u 25V electrolytic
2 Cc8,9 100n polyester
SEMICONDUCTORS
. IC1 MC1494
IC2 301A
IC3 7815
IC4 7915
D1—-D4 1N914
) D5—D8 1N4004
14
MISCELLANEOUS
» g PCB
-‘-l < SW1, 2 two pole 6 position 10A rotary
®' & + Radiospares
3l 3 2 2 R20 SW3, 4 two pole toggle switches
oL w L“m O .{ th j. Transformer 15-0-15, VA
~ o + Meter TmA FSD
S = - Three binding posts
.‘-] » IL] ES Eg Instrument case 255 x 100 x 205mm
o ) Power cord and clamp
N ® N _— Two knobs
2 Front panel
d 2 aud P ] P _
@\~
O) s A BUYLINES
lD_B) Most of the parts for this project are
; readily available. Two things which
D5 .
—— - may cause trouble are the switch
240V INPUT .{27_'_ assemblies and the quadrant multi-
FROM sw4 plier itself.
- The switch is an RS unit and as
p==-n such can be obtained from any of
2 1 their stockists. As for the IC, Tam-
@4 t tronik — who advertise on page 32
L ——d of this issue — can supply this and
by the time you read this they will be
. able to sell you all the rest as wellt
Fig. 3. Overlay for the Power Meter.
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first with the only critical part of the
assembly in the area of the range
switches. Here the high powered
resistors should be spaced at least
5mm from the PCB as they run hot at
maximum current. Also the leads of
all the reistors in this area should be
cut off close to the pc board after
soldering. This is to give adequate
clearance to the rotary switches. We
used two self tapping screws into the
plastic of the transformer case to help
fix it onto the board. We have made p

O ’
INPUT LOAD
C% 4

CURRENT VOLTAGE
COoM
ETI 138
power meter

Fig. 4. This connection measures the power
into the load.

G >

ANPUT

LOAD

current| | voLTaGe
Com
ETI 138
power meter

Fig. 5. This connection measures the power
out of the supply.
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Fig. 9. Typical connection of a low frequency multiplier. For a
squaring circuit simply parallel the two inputs. In this case pin 6
can be connected to OV and P1 deleted.
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Fig. 7. Typical connections for a wide band multiplier or balanced

modulator.
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Fig. 10. Typical connection of a divide circuit. For the square root
joins pin 9 and 10. Like the squaring circuits pin-6 can be
connected to OV and P1 deleted.
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PROJECT: Power Meter

Full size foil pattern for the power meter.

allowance for either the cermet (VTP)
or the normal carbon trim
pontentiometer.

Calibration
Four adjustments are required, which
are performed as follows:

Select the 1 V and 0.03 A ranges
and switch on. If the meter reads in
reverse, toggle SW3. Don’t worry
about the reading unless it is off
scale. If it is, adjust RV1 to bring it
back towards zero. Now apply a
voitage of about 1V DC to the voltage
input and note the meter deflection.
Adjust RV2" until there is no
deflection when this voltage is
applied. Now apply the voltage to the
current input (it will take about 30
mA) and adjust RV3 until there is no
deflection. Recheck the voltage input .
and readjust if necessary.

Now with no voltage applied
adjust RV1 to give zero output. Apply
exactly 1 V to both current and
voltage inputs and adjust RV4 to
make the meter read FSD.

This is all the calibration that
should be necessary.

About the 1494

The 1494 is a variable
transconductance multiplier with a
bidirectional current source output.
What this means is that it looks at
the voltage on the two points and
gives an output current potential to
the product of the two. Typical
applications include: multiply, divide,
square, square root, phase detection,
frequency doubling, balanced
modulation /demodulation and
electronic gain control. An internal
circuit diagram is given for

those interested.

Values and Limitations

1 For best temperature coefficient
R1 (pin 1 to OV) should be 16k (we
used 15k as it is easier to obtain).
This sets the value of all the current
sources inside the IC (I11=8/R1)

2 The value of Rx {pin 11 to pin 12)
should be = 3x peak input voltage(X)
expressed in k ohms.

3 The value of Ry (pin 7 to pin 8)
should be = 6x peak input voltage(Y)
expressed in k ohms.

4 Choose the scaling factory
required ie Vout=K.Vx.Vy.

5 Load resistance (pin 14 to OV) can
be calculated by

RL=(K.Rx.Ry.)I1)/2

6 If RL is connected between pin 14
and OV without an inverting amp. the
frequency response is limited by the
output capacitance of 10pF.

‘7 For best temperature coefficient

the load between pins 2 and 4 _
should be 8.6k. ’
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Circuit of multimeter for blind students (G. P. Roberts). Tr,and Tr, are silicon p-n-p
types, e.g. BC177, BC187. D, is a 400mW, 4.3V zener diode, e.g. BZX79/C4V3, and
other diodes are small signal silicon types, e.g. BA100, IN914A.

diodes D or D, is able to sink the 3mA
required to operate the “minisonalert”
which produces an _-audible signal at
3500Hz. However, the network consisting
of Rg R, and R, is arranged so that for
values of reference voltage very nearly
equal to the input voltage, the outputs of
both amplifiers go positive, producing an
audible null. The width of the null—a
compromise between accuracy and ease
of setting of R—is adjusted by means
of Ry In practice, the high open loop
gain of the Motorola 1458 dual op-amp
ensures that the “edges” of the null are
quite sharply defined, allowing the null
width to be made as small as 0.2mV.

Where an attenuator raises the source
impedance as seen by the input, the
capacitor C, allows the instrument to be
used to measure d.c. quantities con-
taining moderate amounts of a.c. ripple.
Although slowing the response time, this
facility is useful when poorly regulated
mains supplies are involved. The zener
diode D; is included to further stabilize
the current sources 7r, and Tr, against
changes in battery voltage.

The instruments were built in diecast
aluminium boxes measuring 81in X 5iin
X 2in. A simple in-built attenuator
provides push-button selection of three
voltage ranges (1V, 10V and 100V) and
three current ranges (10mA, 100mA and
1A). A standard linear wirewound
potentiometerwas used for R ; and this, in
conjunction with a large pointer and

embossed scale of 2.2in radius, was
found to be easily read to accuracies of
within 2% of full scale. Front panels were
made from plastic laminate board.
Braille dots were made by pushing
ordinary dress-making pins through tight
fitting holes drilled in the board, and
cutting off their stems flush with the
other side. The panel was also engraved
for the benefit of sighted teachers.

The materials and metalwork were
provided by the School of Mathematics
and Physics, Macquarie University, with
help particularly from Mr Ingram
Paterson.

G. P. Roberts,
Cheltenham,
N.S.W., Australia
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An audible voltmeter and
bridge-indicator
“Bellbird” — an aid for the blind

by R. A. Hoare, B.Sc.

Most of us will realise how much we
owe to our eyes in the pursuit of our
electronics profession or hobby. We
may feel that blindness would comple-
tely end our participation in such
activities, but this is wrong, as many
blind radio amateurs have proved.
However, there are many difficulties
and a major one is the making of
measurements. Various methods have
been devised to enable the blind to read

moving-pointer instruments, and most .

of these use photocells and buzzers.
There are also null-type instruments
with large dials labelled in Braille, but
these are slow and inconvenient. Mo-
dern digital methods seem to offer the
answer.

Clive is a seventh-form physics siu-
dent who has been blind from birth. His
hobby is electronics and he builds all
sorts of things, relying on written
descriptions of the circuits. Sometimes
he is helped by having an integrated
circuit mounted on a larger printed
circuit board as a sub-mount, but apart
from that he is self-reliant. It was with
Clive in mind that a rather old digital
voltmeter (using r.t. logic) was bought
with the idea that it could be used to
give an audible output. The meter could
be used not only in his hobby activities
but also in his 7th form physics experi-
ments and later in his university studies.

The voltmeter is conventional in that
it has three digits with an over-range 1
and an automatic polarity indication.
Overloading results in blanking and an
X display on a Nixie tube. It seemed that
the problem was that of converting the
parallel display, where all the digits are
seen at once, to a serial presentation,
where only one figure is seen at a time. |
believe that a device which announces
the digits orally is available, but this is
expensive and difficult for the lone
worker to make. The information inside
the voltmeter is, of course, in binary
form and there seemed to be no reason
why this should not be suitable for
direct communication with the user, if
translated into suitable sound and
presented bit by bit. There are several
possibilities: changing note length, note
pitch, or note quality. The first method
is used in Morse code but would

Manurewa High School, New Zealand

possibly be confusing in this new
application, unless the five-bit Morse
numerals themselves were used. These
are rather cumbersome and would
present difficulties in decoding. The
translation of a binary 1 into a high
pitched note and a 0 into a low pitched
note seems natural and has proved
acceptablein practice. If the X, +,—and
over-range 1 can be combined into one
digit then we have four 4-bit digits to
convey, in addition to the decimal point,

which suits the capability of a 16 to 1

multiplexer very well. This, as many will
know, is an i.c. with an output which
can take up the state of any one of
sixteen inputs, as selected by the binary
number on four address pins. It was
found possible to invent a simple code
for the prefix digit, thus:

+0 1100
-0 1010
+1 1101
-1 1.0 I 1
X 1111

Measuring instrument being used by
Clive, an electronics hobbyist who has
been blind from birth.

Al} of these are binary numbers greater
than 9, so there is no possibility of
confusion with other digits.

The multiplexer is made to select each
of its 16 inputs in turn by means of a
binary counter connected to its address
pins. The counter is operated by a
multivibrator (two monostables) work-
ing continuously.

We now come to a point where two
distinct design approaches are possible.
There must be pauses between the
digits, a long pause at the end of each
reading, and extra pauses to enable a
brief ‘“‘decimal point” pulse to be
inserted at the correct point between
digits. These delays can be provided
eithier by monostables, which switch off
the counter for a period, or they can be
arranged to span a given number of
counter pulses. The latter method uses a
fully digital system. There are advan-
tages and disadvantages to each sys-
tem, but I was attracted by the simpli-
city and flexibility of the monostable
method because it was difficult to know
in advance the exact time intervals
required, and monostables offer simple
and almost infinite adjustment.

The tone frequencies are provided by
an LMb566 voltage-controlled oscillator,
the output from which is amplified by
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an LM380 2% watt amplifier. The
frequencies generated by this device
depend upon the input direct voltage
and the value of a capacitor connected
-to the i.c. It seemed to be wasteful
merely to use this versatile component
to give two pitches, and a circuit was
devised so that the instrument could
also be used for an entirely different
purpose, as a bridge null-detector. In the
latter application the suitably amplified
out-of-balance voltage from almost any
bridge circuit is used to alter the
frequency. (A bridge rectifier circuit
gives a rise in pitch for both positive and
negative input voltages.) In the digital
application a fixed voltage is switched
in and the multiplexer is used to change
the capacitor values.

Clive had no difficulty in learning the
code. A speed control was fitted, and it
was not long before new timing capaci-

enable sound

tors had to be provided to allow him to
work faster. The rather strange war-
bling note gave rise to the name
“Bellbird,” bearing some resemblance
to the song of that New Zealand bird.

I consider that sighted workers may
have a use for such a machine, as it
enables one to concentrate on the

(Fig. 1. Digital circuits for translating a
‘measured voltage, represented by 'the
digits within the digital voltmeter, into
a series binary code suitable for
triggering a circuit (see Fig. 2) to
produce audible low/high pitches.
Spaces between numbers and readings
are also produced by these circuits,
together with a decimal point when
required.
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circuit under test instead of dividing
attention between that and a “eter
reading. T

Circuit description
For clarity, the digital circuit diagram
(Fig. 1) omits power supplies, irrelevant
connections, and timing resistors and
capacitors. The various delay i.c.s are all
type 74121, though dual devices could
be used. Doubtless improvements could
be made, not least of which would be
the avoidance of “glitches” caused by
race conditions, which are the reason
for small capacitors on the A inputs.
Monostables X and Y, operating asa
multivibrator, cause the binary counter
* 7493 to select, each of the voltmeter
digits in turn to be presented at gate G.
The OR gates A provide the prefix code
already discussed. The action of the
multivibrator is interrupted by gate D,
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input

low/high

which operates whenever the “decimal
space” “decimal pip” or “normal delay”
monostables fire. Gates B control these
in the following way: with S, the
decimal point switch inside the volt-
meter, in the position shown, the
wired-OR output from gates B goes to
logical 0 on a count of C=0,D =0.In the
mid position the output goes to 0 on
C=1, D=0 and in the bottom position
on C=0, D=1. The A and B lines of the
counter output are connected, as well as
the inverted B gates output, to gates E.
It will be seen that the upper gate fires
the decimal-point delay on a count of
0011, 0111 and 1011 in the three switch
positions mentioned. This will put the
decimal delay after the prefix, first or
second digits respectively. When the
decimal delay monostable finishes its
pulse it triggers the decimal-pip monos-
table, which takes over the job of
arresting X and Y and sends a signal to
the sound enable gate.

The lower gate E is operated, giving
normal delay, whenever the A and B
lines are high and the B gates output is
also high, provided that the decimal-pip
monostable has not fired. This means
that it is triggered at the end of digits
when the decimal point signal is not
given. At the end of the whole cycle or
phrase a count of 1111 forces the output
of gate C low, thus firing the phrase-
delay monostable and operating gate F
to send a trigger signal to the voltmeter,
which luckily has provision for this
external control of its cycle. It is
possible that spurious readings would

89

+5V

—

L

10n 10n

L

Try
ena:
Trp -
22k 22k
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Fig. 2. Bridge-indicator and sound
circuit. Switch positions D enable the
circuit to be used in the digital
voltmeter mode, the v.c.0. LM566
producing a low pitch for an input
binary “0” and a high pitch for an
input binary “1”. Switch positions L
enable the circuit to be used as a bridge
null-detector, the null point being at
the point of lowest pitch.

be obtained with some meters if the
outputs were multiplexed while they
were half way through their cycle. In
the Bellbird system the digital voltmeter
measures only between phrases.

It will be noticed that if there is no
connection at S, no decimal point
indication is given.

Bridge indicator-and sound circuit

Referring to Fig. 2, S,, connects the
input of the voltage controlled oscillator
to either the amplified out-of-balance
voltage or to a fixed 2.5V potential, to
give the two modes of operation. At the
same time S,, connects the oscillator to
either C,, for linear operation, or a
circuit controlled by Tr; and Tr, for the
voltmeter application. Safety diodes
protect the LM566 from negative inputs,
which could result from failure or
wrong connections in the previous
circuits. Two type 741 operational
amplifiers perform the tasks of amplify-
ing input signals with gains of 1, 10 and

L
n i&
10n
LT .

100, selected by S,, and adjusting the
d.c. output level to give a suitable range
of tone. The input to the first 741 is
protected by two 5V zener diodes. A
rectifier bridge ensures that when the
output from the first 741 goes either
positive or negative from zero the
oscillator input voltage, and therefore
the tone, will rise. This bridge should be
constructed with germanium diodes to
avoid a large ““dead zone” caused by the
higher forward voltage of silicon types.

The switching circuit enables one or
two capacitors to be connected to the
oscillator, giving high and'low audible
tones.

The audio circuit is as simple as
possible: the a.c. component from
LM566 is attenuated by a volume-con-
trol potentiometer before being fed to
the LM380 amplifier. The loudspeaker
coupling capacitor need not be of a high
value since no low tones are required.

In use no special difficulties were
noted. In linear operation the null point
was obtained by listening for the point
of lowest pitch. Greater sensitivity was
obtained by adjusting S, and lmm
discrimination could easily be obtained
on a metre bridge experiment. In the
digital mode, as already noted, the
learning process was fast. Sighted
pupils were also interested, and as they
had already some knowledge of binary
code they were able to translate for
themselves, though at a slower rate.
After practice, of course, recognition of
the “digit pattern” occurs, as with
Morse code.
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Digital meter for the blind
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A three-decade instrument with audible balance indication

by T. C. R. S. Fowler, B.Sc.

University of Bristol

A combined recording level indicator and
d.c. voltmeter built in 1972 for a blind
man was the forerunner of the instrument
to be described here. In the voltmeter
mode the original instrument indicates the
magnitude of the voltage by the frequency
of an audible output note, and a 12-way
switch enables any one of twelve reference
voltages to be switched in for com-
parison. The reference voltages rise in
constant-ratio (“3dB”) increments from
50mV to 2.26V, an external attenuator
being used at the input to provide higher
voltage ranges as required.

At a later stage, the requirement arose
for a wider range of reference voltages and
it was decided to select the references by
means of rocker switches in a binary-
coded decimal, array. Resistance measure-
ment is now made possible, the complete
instrument becoming a 3-digit volt-
ohmmeter costing around £15.

Instead of giving a continuously-
variable output frequency controlled
directly by the input voltage, the digital
instrument includes a comparator which
causes the audible output frequency to
change abruptly, generally from a ‘steady
high note to a steady low note, as soon
as the reference voltage is made to
exceed the voltage being measured; only
if the two voltages are very nearly equal
does the output frequency “dither” in the
intermediate range.. All three types of
output sound are clearly identifiable, even
by the non-musical!

The 12 rocker switches are arranged in
three columns of four, with weightings of
4, 2, 2 and 1 in each column, most signi-
ficant digit column on the left. In addi-
tion, a lever bar like the spacer bar on a
typewriter actuates a microswitch and
enables one further least significant digit
to be added and removed repeatedly and
easily. Thus the full-scale reading is
“10.00” rather than “9.99”, and the
stabilized voltage is set to 10.000V when
calibration is carried out. '

To take a measurement, all rocker
switches arc initially set to “off” (left-hand
side down); a high note output should
result. The switches are then operated in
order, starting with the most significant
“4”, each being left on if the note does
-not change, but switched off again if the
note changes. Finally a stage is reached

when operating the lever bar causes the
note to change. The state of the rocker
switches, representing the numerical
value of the quantity being measured in
3-digit decimal form, is then read by touch
by the operator.

Circuit description

Fig. 2 is the circuit diagram of the
instrument with the reference voltage
generator network shown in block form;
the circuit of this network is given in
Fig. 3, in which S, to S; inclusive are the
12 rocker switches, and S,; the micro-
switch actuated via the lever bar.

An equivalent circuit for a reference
voltage generator of this type comprises
a direct voltage generator variable in steps
between the terminal voltages of the
stabilized power supply used and of a
constant output resistance R, equal to that
of all the digital-to-analogue network resis-
tors in parallel. Here the equivalent gene-
rator is variable in 10mV steps from 0 to
+ 10 volts, and R, = 0.4R, where R is the
resistor associated with the most signifi-
cant “4”, viz. R, in Fig. 3. (It may be of
interest to note that where the extra least-
significant-digit facility is provided, as by
R,; and S, here, the relationship R, =
0.InR holds for any number of decades,
where R is the “most significant” (lowest)
resistor of the network and n is the

numerical value associated with it.) To
keep power consumption reasonably low
yet the values of R, and the highest re-
sistors R,;, and R,; not unduly high, a
value of approximately 5000 ohms was
chosen for R. In practice, a 4.7kQ
(nominal value) high-stability resistor,
measured and found to be of 4720 ohms,
was used in the prototype for R, and as
the basis for all the other resistors in the
reference voltage network, giving R, =
1888Q and R, R;; = 1.888 MQ. In the
prototype, a “main” resistor close to the
required value was used in combination
with one or more “auxiliary” resistors, in
parallel, in series, or in series-parallel con-
figurations; for example, for R, and R; a
high-stability resistor of nominal value
10kQ) was used as the “main” resistor;
shunting it with two resistors, nominally
470kQ and 10MQ respectively, gave the
required value in both cases. Where, as
in this example, the parallel resistors were
of relatively high value, carbon film types
were considered adequate.

On the 10V and 100/1000V settmgs,
switch S,, connects the output of the
reference voltage generator directly to the
inverting input of the comparator IC, (a
“741” operational amplifier). On the other
ranges, resistive attenuators are used,
the constant output resistance R, of the
reference generator giving attenuation.

crocodile clip leads.

. Fig. 1. The complete instrument. The multiplier lead may be substituted for one of the
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The voltage present between the input
terminals is applied, virtually unattenuated
on the 1V, 5V and 10V ranges, and atten-
uated by a factor of ten on the higher
ranges, between the “0V” line and the
non-inverting input of the comparator IC,,
switch S,; being used to make the neces-
sary connections. On the former group of
ranges the 10kQ resistor R,; and diodes

D,, D, and D, give overload protection,

and R, with C, provide smoothing; on the
higher ranges R,; is replaced by the 1:10
attenuator network R;;, R, R, R,, and
R,,, the last two resistors providing a
small positive bias voltage which compen-
sates for the effect due to the input current
of IC; and the rather high output resis-
tance (about 200kQ) of the attenuator net-
work.

The input resistance on the 50V and
100V ranges is very approximately that of
R,; and R, in series; viz. 2.22 MQ. For
the 500V and 1000V ranges the multiplier
lead is used, adding approximately 20
megohms. Thus the instrument has a
resistance of approximately 22,000 ohms
per volt on the 100V and 1000V ranges,
and 44,000 ohms per volt on the 50V and
500V ranges.

The output state of the comparator IC,
is indicated by the audible output of the
instrument, which is generated by 7r,,
Tr, and associated components forming
an astable circuit, the emitter follower 77;,
and the loudspeaker. Generally, of course,
the output voltage of the comparator is
“hard over” at either the upper or the
lower limit, and the values shown for R,;,
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R,,, R;s and R, were chosen to give a
very distinct, though not extreme, fre-
quency change when the comparator
switches. The values of the capacitors C,
and C; in the astable circuit were made
unequal for power economy. The tonal
quality of the output sound is considered
not unpleasant, although the provision of a
jack socket for headphone operation as
an alternative to the loudspeaker might
nevertheless be a worthwhile addition.

The connection of R,; to the “B+ line
is used to give a rough audible indication
of the positive battery voltage—if this is
low, both frequencies from the astable
circuit are appreciably lower than with the
nominal 18 volts, though still remaining
clearly distinguishable from each other. If
the “B—" voltage is very low, the astable
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circuit will not operate. A further case of
non-operation of the astable circuit should
be mentioned here; it will not start if the
B— voltage is switched on after the B+
voltage; this trouble can be obviated by
the use, as in the prototype, of a two-
position rotary wafer switch for §;, the
wafer contact being filed if necessary to
ensure that the B— supply is always
switched on first. No such filing proved to
..be necessary in the prototype, and non-
starting has not been a problem.

The comparator offset adjustment
potentiometer R, is set so that on all the
voltage ranges, with all the rocker switches
set at “off”, and the input leads short-
circuited, the high output note results, but
pressing the bar to add one least signifi-
cant digit produces the low output note.
(Once set, R;; should seldom need to be
readjusted, so this trimmer is mounted
on a circuit board rather than on the
control panel.) The relevant reading is
thus that obtained from the rocker
switches when these have been set so that
pressing the bar causes the output fre-
quency to change; the extra least signifi-
cant digit added by pressing the bar should
not be included in the reading.

The necessary 10-volt stabilized supply
is generated by means of a second 741
operational amplifier IC,. Reference
diode D, is nominally a 7.5V type, but in
the interest of power economy it is run in
this circuit at under 2mA and gives a
reference of about 6.9V. The accuracy and
stability of the “10-volt” line are never-
theless reasonably satisfactory, variations
being typically less than + 5 mV after an
initial settling period. If a suitable digital
voltmeter is available, the monitoring
terminal 7; and fine adjustment facility
provided by R, on the control panel make
it easy for a sighted person to check and
if necessary readjust the line to 10.000V.

The reference diode voltage also controls,
via temperature compensator Dy, the base
voltage of TR, which provides at its
collector the selection of “constant™ currents
required for the various resistance ranges.
These currents are 1mA, 100pA and S0pA,
respectively, for the 1kQ, 10kQ, and 100kQ
ranges, and SpA for both the 1IMQ and
the “HR” range. Thus the full-scale voltage
is 1V on the first two of these ranges (switch
S, at positions 6 and 5 respectively, S; at
“R”), and 5V on the other three (S, at
position 4, §; at “R”, “IM” and “HR”
respectively).

Since the current from Tr, on each range
is not completely independent of collector
voltage, it is best to trim resistors R ,s to R 5
inclusive to give the correct current when
the maximum resistance for the particular
range is being measured, viz. 1IMQ, 100kQ,
10kQ and 1kQ respectively, using a digital
current meter between the resistor and the
negative (“0-volt”) input terminal. Once
the correct current has been set up, the
current meter should be removed from the
circuit (or short-circuited) to eliminate the
voltage drop introduced by it; accurate
measurements of resistance should then be
possible. The high-stability resistor R, is
switched in on the “HR” range; when R 5
has been trimmed to give the requisite SuA

’

on the IMQ range, switching to the “HR”
range should give a full-scale reading with
no external resistor connected, i.e. withinput
terminals open-circuited. In the prototype
it was preferred to set the current margin-
ally on the low side, giving an open-circuit
reading on the “HR” range of 0.995, so
that the open-circuit reading would remain
measurable even if there were a slight
upward drift subsequently; using this
method the quantity x, the reading obtained
as a fraction of full-scale, referred to later,
is strictly the reading divided by 0.995, but
a good approximation for x when close to
unity is obtained by subtracting the reading
from 0.995, and subtracting the result from

_unity, e.g. a reading of 0.975, giving a

difference of 0.02, would give x=0.98.
(If the open-circuit reading changes after
a time, say t0.0.997, this new value should
of course be substituted for 0.995 in cal-
culating x.) It might be worthwhile to add
a front-panel trimmer for R, to enable the
open-circuit reading to be set to full-scale
each time the “HR” range was used,
enabling x to be read directly.

Diodes D, and D; and the 60mA fuse
are included to protect Tr, in the event of
voltages being applied when the instrument
is set to measure resistance; a high positive
voltage will be “isolated” by the resulting
high-resistance state of D,, while if a nega-
tive voltage is applied D; clamps the
collector of Tr, to the“0-volt” line, the fuse
blowing if the current through the diodes
is excessive. The current-generating circuit
is disconnected from the input terminals in
all case~ except those in which the two
selector switches, S, and S;, are correctly
set for a resistance measurement.

Choice of code

The 4,2,2,1 code was selected for use in
this instrument in preference to the binary
8.4,2,1 code to make it impossible to set up
a number greater than 9 in any decade, as
this might be confusing. The digits 2 to 7
inclusive in each decade can thus each be
set up in two different ways, which fact can
be used for occasional “cross-checks”, and
for short cuts in getting a reading, =.g.if the
first “2” has been found too large, the “1”
in the same decade should next be tried,
“by-passing” the second “2” switch, to
save time in getting the reading.

It would appear that a4,3,1,1 code and a
3,3,2,1 code would offer similar advantages,
and there may be little to choose berween
these three codes from either mathematical
or “hardware” considerations, but perhaps
some “human faetor” reason why one of
the three codes is to be preferred. If it has
not already been done, it would seem desir-
able toresolve this choice as soon as possible,
so that an optimum standard code for this
type of instrument can be made widely
known.

Mains power supplies

Mains-derived d.c. supplies of similar
voltage, viz. nominally + 18V and —3V,
may be used in place of the batteries; as
mentioned above, there is considerable
latitude en these values, + 12V and —2V
being adequate. The “B+”, “B—" and
“—~ input terminal may conveniently be
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used for the connections, and as long as the
on/off switch S, is left at “off” the batteries
need not be removed; but if the positive
supply voltage to beused exceedsthebattery
voltage the positive battery lead should be
unclipped to prevent unwanted conduction
through diode D;; diode D, will of course
continue to give overload protection as
long as the positive rail remains connected
to alow-impedance voltage source.

Construction

Fig. 1 is a photograph of the instrument,
for which a die-cast box approximately
10.75X 6.75 X 2.25 in. has been used.

All the signal terminals, switches and
controls are mounted on the lid of the box,
with labelling as shown for the benefit of
sighted users or helpers. On the underside
of the lid are the two electronic circuit boards
—one carrying the d—a resistor network,
the other all the active devices and associated
components—most of the interconnecting
wiring, and the fuseholder. The two boards
have flexible lead connections and may be
pivoted away from the underside of the lid
for servicing, if necessary.

Only the battery housing and the loud-
speaker are fitted to the lower part of the
box. These are connected by flexible leads
to the relevant points on the underside of
the lid, so that the instrument can be
operated with the lid removed and inverted
for servicing, as shown in Fig. 4. A pivoted
flap locked by a single knurled nut gives
access to both battery housing tubes, one of
which houses two PP4’s for the positive
supply, the other two SP2’s for the negative
supply. The loudspeaker is mounted facing
downwards, a number of holes drilled in
the base of the box, and the rubber feet
which support the unit, providing an
adequate air path for the sound; the speaker
thus occupies no top panel space, and
should also remain relatively dust-free.

For all external connections 4mm socket
terminals are used. The two terminals on the
left in Fig. 1 are the signal input terminals.
For these two plain crocodile clip leads are
provided, together with a third lead (not
shown in Fig. 1) with an insulated probe
clip and a multiplier box a few inches from
the 4mm plug end, containing a series
resistor chain which gives the multiplier
lead a resistance of approximately 20
megohms. This multiplier lead is used, in
either the positive (upper terminal) line or
negative (lower terminal) line, as dppro-
priate, in the measurement of positive and
negative voltages in excess of 100 volts: it
converts the 50-voit and 100-volt ranges to
500-volt and 1000-volt ranges. (Neither
input terminal is connected to the case.
Either can be so connected, as required.)

A little to the right of the input terminals
are a monitoring terminal and screwdriver
adjustment potentiometer for the 10-volt
stabilized supply, while a fourth terminal,
in the upper right-hand corner, enables the
reference voltage present at the comparator
to be monitored or connected to other
equipment.

The two remaining terminals, also on the
right-hand side of the panel, monitor the
positive and negative battery voltages
respectively. The instrument can be used to
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measure its own battery voltages, the
positive one directly; the negative voltage
can be measured by connecting to it the
negative terminal of a 4.5-volt battery,
measuring the net positive voltage and sub-
tracting it from the external battery voltage.

Operation

The rocker switch array and l.s.d. micro-
switch bar are clearly shown in Fig. 1. To
the left of them are the on/off switch and
volume control, and above them (i.e. further
from the operator) are the two range selec-
tion switches. Theright-hand range selection
switch is set to the most anti-clockwise
position (“V”) for all voltage readings, and
to the next position (“R”) for all resistance
ranges except “1M” (1 megohm), for which
the third position of the switch is used, and
“HR” (high resistance), for which the fourth,
most clockwise, switch position is used.

With the right-hand switch set at “V”,
the left-hand range selection switch gives
voltage ranges of 100V, 50V, 10V, 5V, 1V,
and 1V (again), starting at the anti-clock-
wise limit. The first two of these ranges are
converted to 1000V and 500V respectively
by using the multiplier lead in place of one
of the two direct input leads, as described
above. On the 500V, 50V and 5V ranges the
numerical value obtained from the rocker
switches must be divided by two (or the
switch weightings thought of as 2,1,1,4
instead of 4,2,2,1), so that the other ranges,
on which the numerical value obtained is
directly relevant, seem likely to be preferred
except where maximum resolution is
required.

With the right-hand range selection
switch set at “R”, resistance ranges of
1000 ohms, 10,000 ohmsand 100,0000hms
are obtained from the left-hand switch set
at positions 6 (most clockwise), 5 and 4
respectively. For the 1 megohm and high
resistance ranges the left-hand switch is set
at position 4 and the right-hand switch at
“1M” or “HR” as required.

Measurement of resistance is straight-
forward on all but the “HR” range, i.e. the
rocker switches having been set and read,
and the position of the decimal point
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x 0.50 0.667 0.75 0.80 0.833 0.875 090 0.95 0.98 0.99

R (megohms) 1 2 3 4

5 7 9 19 49 99

determined according to the range in use
(as in voltage measurements), the numerical
value obtained is a reading in ohms of the
resistance connected between the input
terminals. On the “HR” range the same
constant current supply is used as on the
‘1 megohm range but, as R, is included in
the circuit, the reading obtained represents
the resistance ofthis and the externalresistor
in parallel, from which the value of the latter
can be calculated (R =x/(1—x) megohms,
where R is the external . resistor being
measured and x the reading obtained as a
fraction of full-scale). This method is used
to avoid the necessity for an even lower
constant current supply on the “HR” range
than the 5 microamps required on the 1
megohm range, as ideally the current used
should be large compared with possible
variations in comparator input current for
the latter to cause negligible inaccuracy.

1
Using the expression | _ ,— | megohms for

R may be found to simplify the mental
arithmetic; the “—1” may be ignored with
little error at very high resistance values.
Where only a rough measurement of a
high resistance is required, it may be found
expedient to do a rough interpolation
between a few memorized spot values on
the “HR” range as shown in the table.

For the blind user wishing to avoid mental
arithmetic completely, a comprehensive
conversion table in braille for the “HR”
range could be prepared, and might be
worthwhile if many high resistance measure-
ments to maximum accuracy were required.
The “HR” range is the one rather compli-
cated range to use on this instrument, but
the facility it gives was considered worthy
of inclusion.

In setting up the rocker switches accord-
ing to the frequéncy (high or low) of the
audible output, the operator performs
manually a sequence of a type which is
carried out electronically in certain a—d

Fig. 4. The unit can be operated when opened for servicing.

converters; this may sound laborious, but
in practice proves quite quick and accept-
able. A blind user has reported, after only
a few days’ use, that setting the switches
takes very little time indeed, and has pointed
out that when using his moving-coil multi-
meter he must allow a little time for the
needle to settle before clamping it; and he
considers the few seconds involved in setting
the switches a small price to pay for the
accuracy of the voltage and resistance
measurements, which was just not available
to him previously.

The readout from the rocker switches
is of course of a clear and positive nature,
requiring no braille labelling, and is hence
readily usable also by blind people not
familiar with braille, as well as by sighted
people.

About people

J. Stuart Sansom, O.B.E., F.LE.R.E., has been
appointed director of studios and engineering
at Thames Television. Mr Sansom began his
career in television in 1953 with a firm work-
ing on the development of high-quality tele-
recording systems, joining Television Wales
and West in 1957 to become head of main-
tenance. He later went to ABC Television as
head of development, in which capacity he
was involved in the investigations into colour
television systems prior to the final choice of
PAL. He became chief engineer of Thames in
1966, and was appointed technical controller
in 1970. Mr Sansom has served on many com-
mittees, including the EBU Technical Com-
mittee.

J. Stuart Sansom
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HE ULTIMATE significant sub-

I jective destination of original or

reproduced sound and noise is
the human ear. Therefore, the varied
responses of the auditory system are
particularly important factors in the re-
production of sound. One of the re-
sponse functions of the human hearing
mechanism is loudness. The purpose of
this paper is to describe a loudness
meter based upon the fundamental
principles of the loudness response of
the human hearing mechanism.

When a sqund or noise of any quality
or structure impinges upon the human
ear, the magnitude of the resultant
sensation is termed the loudness. It is
the intensive attribute of an auditory
sensation in terms of which sounds may
be ordered on a scale extending from
soft to loud. Loudness depends pri-
marily upon sound pressure but it also
depends upon frequency and waveform
of the stimulus. The units on the scale
of loudness should agree with common
experience estimates about the magni-
tude of the sensation. The measurement
of loudness is a significant part of the
audio art because the loudness of a
sound or noise plays an important role
in the reproduction of sound.

Loudness is functionally related to
sound pressure level, frequency, and
waveform. Turning this around, the
sound pressure level as measured by a
sound level meter does not indicate the
loudness of a sound. However, a con-
version can be made in the readings of
a sound level meter employing octave
band pass filters to obtain the loudness.
This is indeed a long and tedious pro-
cess, as the exposition in this paper
will show. What is required is a loud-

"RCA Laboratories, Princeton, N.J.
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ness meter that indicates the loudness
of a sound in real time. Furthermore,
the loudness indication should agree
with the loudness as perceived by the
listener.

There are many uses for a loudness
meter. For example, the loudness meter
can be used to monitor the loudness of
an audio program so that the peak per-
missible levels of all manner of audio
program material will provide the same
loudness to the listener. In the pro-
duction of contemporary recorded music
one of the objectives is to obtain the
maximum loudness. For a certain max-
imum amplitude level of the signal,
which is determined by the constraints
of the record, a loudness meter can be
employed to obtain the maximum pro-
gram loudness by modifications of the
frequency balance and timbre present

in the signal. There are many other
uses for the loudness meter in the mea-
surement of sounds and noises.

Loudness Scale

The establishment of a loudness scale
is a very complicated matter. A large
number of investigators in many coun-
tries have carried out research on the
loudness of a complex sound. A detailed
description of the work is beyond the
scope of this paper. Therefore, only the
basic data on loudness required for the
development of a loudness meter will
be presented.

The unit of loudness is the sone. A
sone is defined as the loudness heard
by typical listeners when confronted
with a 1000 Hz tone at a sound pres-
sure level of 40 phons.

The loudness level of a sound is given
by
- p
P = 201logyg B

where p
P

= loudness level, in phons,
measured sound pressure,
in microbars, and

a sound pressure of
0.0002 microbars

il

The loudness level ' of a sound or
noise is expressed as n phons, when it is
judged by normal listeners to be equally
loud compared to a pure tone of fre-
quency 1000 Hz consisting of a plane
progressive sound wave radiating to the
observer, the sound pressure of which
is n (decibels) above the standard ref-
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erence sound pressure of 0.0002 micro-
bars.

The relation' between loudness in
sones and loudness level in phons is
given by

g = 2 @-40)/10

where S = loudness,; in sones and
P = sound pressure level, in
phons, given by equa-
tion 1.

The relation between the loudness in
sones and the loudness level in phons
is shown by the graph of Fig. 1.

The relation between loudness in
sones and sound pressure in microbars,
shown by the graph of Fig. 2, indicates
that there is a nonlinear relationship
between the loudness in sones and
sound pressure in microbars.

Measurement Of Loudness

In order to provide a measure of the
loudness for the complex sounds of
speech, music, and noise, there must
be a means to separate the complex
sounds into manageable segments. In
particular, to establish the loudness of
a complex sound, at least three speci-
fications must be available as follows:

1. A scale of subjective loudness. This
is termed the sone scale described in
the preceding section.

2. The equal loudness contours for
discrete frequency bands of the com-
plex sound.

3. The rule by which loudness adds
as the discrete frequency bands of the
complex sound are added.

If specifications 1, 2 and 3 can be
established, then the loudness of the
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Fig. 5—Contours of equal loudness in-
dex for octave bands in the audio fre-
guency range.
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complex sounds of speech, music, or
noise can be determined. The objective
and subjective information®** relating
to the specifications of items 1, 2 and 3
have been established by investigators
concerned with the subject of loudness.
Furthermore, these investigators have
shown that the loudness of a complex
sound can be determined from the phys-
ical data on the complex sound in con-
junction with the specifications of items
1, 2 and 3.
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The specific method for determining
the loudness of a complex sound is to
split the audio frequency range into
frequency bands. This is a complex pro-
cedure in which the complexity increases
with the number of frequency bands.
From a practical standpoint there should
be as few frequency bands as possible
without sacrificing frequency selectivity.
A suitable frequency band appears to
be the octave. The frequency response
characteristics of the octave band pass
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filters employed in this development
project are shown in Fig. 3.

The system for determining the sound
pressure level in the ecight different
octave bands in the audio frequency
range is shown in Fig. 4.

When the sound pressure level in each
octave band has been measured, the
next step is the proper summation of
these data to provide the total or over-
all loudness of the complex sound. In
this investigation and development, the
procedure selected for calculating the
loudness of a complex sound is the one
developed by S.S. Stevens.” This is also
the standardized procedure’® as given
in ISO-R532 Method A. In accordance
with this Standard, the relation between
the total loudness and the loudness in-
dex in each octave band is given by

St = 0.7Sy + 03%8

total loudness of the com-
plex sound, in sones,
S = loudness index in each oc-
tave band, and
Sm = greatest of the loudness
indices.

The loudness index is obtained from
the graph of Fig. 5. The sound pressure
level in each octave band is determined
by means of the system of Fig. 4. Em-
ploying the geometric mean frequency
for each octave band, the loudness in-
dex for each octave band is determined
from Fig. 5. Then the total loudness of
the complex sound in sones is computed
by means of equation 3.

€
=2
[y]
=]
[¢]
9]
—
It

Loudness Meter

To provide a loudness meter requires
an automated instrumentation of Fig. 4
incorporating the data of Fig. S and the
procedures of the preceding section
operating in real time. Specifically,
equation 3 shows that the loudness me-
ter must provide the following: the
measurement of the loudness index in
each channel, the summation of the
loudness indices in all the channels, the
selection of the channel with the great-
est loudness index, the proper relation
and summation of the sum of the loud-
ness indices and the highest loudness
index, and an indicating meter with the
proper dynamics to depict the loudness
of the complex sound in sones from the
summation input.

A schematic diagram of the loudness
meter’ is shown in Fig. 6. The signal in-
put is fed to eight octave band pass fil-
ters. The frequency response charac-
teristics of the filters are shown in Fig. 3.
The output of each band pass filter is
followed by an amplifier coupled to a
rectifier, which in turn is followed by
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a microbar-to-loudness-index converter.
The input-output characteristics of the
eight microbar-to-loudness-index con-
verters are shown in Fig. 7. These con-
verters are in the form of nonlinear
active elements as a part of operational
amplifiers and their output is fed to a
d.c. amplifier. The output of these am-
plifiers provides the loudness index for
cach octave channel, and the loudness
index outputs from the eight channels
are added by means of separate direct
current amplifiers and fed to the at-
tenuator coupled to integrating network
and the sone meter. In order to deter-
mine the channel with the highest out-
put, the eight microbar-to-loudness-
index converters are fed to differential
electronic gates in the form of a net-
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Fig. 8—The integrating network and
high speed meter of the loudness meter.
The graph depicts the relation between
the loudness in’sones and the length of
the tone pulse in milliseconds.

work tree, the output of which is fed to
an attenuator coupled to the integrating
network and the sone meter. The two
attenuators are ‘adjusted to obtain the
correct values of 0.7SM and 0.3Z S. Un-
der these conditions the sone meter will
indicate the loudness in sones of an
audio signal input to the loudness meter.

The remaining and very important
subject is the dynamics of the amplitude
characteristic of the indicating meter.
The amplitude response of the indicat-
ing meter system should correspond to
the ear response to individual, repeti-
tive and overlapping short, medium, and
long time pulses of sound and contin-
uous sounds. Since most sounds of
speech and individual musical instru-
ments are of short duration, this then
becomes a very important problem. The
basic question is the loudness of a com-
plex sound as a function of the time the
sound persists. Obviously, a short pulse
of sound of amplitude equal to a long
pulse of sound will exhibit a lower
loudness level. From published data
and data obtained from this develop-
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ment (loudness as a function of the time
length of the sound pulse), the graph
shown in Fig. 8 was drawn. As would
be expected, the loudness of a relatively
short time pulse of sound decreases with
the duration of the time of the pulse.
This data was used to develop an inte-
grating network in conjunction with a
high speed indicating meter. A block
diagram of the integrating network and
the high speed meter for indicating the
output of the loudness meter in sones is
shown in Fig. 8. The integrating net-
work consists of active growth and decay
networks applied to an operational am-
plifier. Since the main intended ap-
plication for this meter was the deter-
mination of the loudness of speech and
music, the integrating network was
tailored to provide the correct indication
of loudness for this type of program
material.

The signal input to the loudness meter
should correspond to the level of the
reproduced sound. For example, the
average listener prefers a loudness level
of the reproduced sound of 80 phons.
The input to the loudness meter should
be adjusted so that a level of 80 phons
will give an indication of 16 sones.

Performance Of The Loudness
Meter

A large number of subjective tests
have been carried out to determine the
performance of the loudness meter em-
ploying reproduced speech and music.
A few of the tests and results will be
described.

Test No. 1. The reproduced sound
level of a musical program was varied
over wide limits. The observers agreed
that the indication of the loudness me-
ter agreed with their sensation of loud-
ness.

Test No. 2. The reproduced sound
level of a speech program was varied
over wide limits. The observers agreed
that the indication of the loudness meter
agreed with sensation of loudness.

Test No. 3. The same musical program
was reproduced in highly compressed
and uncompressed conditions. The com-
pressed program was reproduced at a
level of 2 dB lower than the uncom-
pressed program as read on a conven-
tional volume indicator (VU meter).
The loudness meter indicated a level
3 sones higher for the compressed pro-
gram. Here the two meters indicated a
reversal in the readings. The subjective
evaluation by the observers agreed with
the loudness meter. This shows the con-
ventional volume indicator does not in-
dicate loudness.

Test No. 4. Speech was recorded at
a low speaking level and at an almost

shouting level. The two were reproduced
at the same top level of 80 dB as indi-
cated by a conventional volume indi-
cator (VU meter). The shouting speech
indicated a higher loudness on the loud-
ness meter.-Again the observers agreed
with the loudness meter.

Test No. 5. Employing a contempo-
rary musical program, the loudness me-
ter was used to provide the maximum
loudness for the same peak level as the
unchanged program. The main oper-
ations were compression and changes
in the frequency distribution. Employ-
ing a reproduction peak level of 85 dB
as indicated on a peak reading level
meter, the modified program indicated
a loudness 6 sones higher than the un-
modified program. This is an increase
in loudness level of 6.7 phons which is
indeed a considerable increase in the
sensation of the loudness.

Summary And Conclusion

A loudness meter has been described
which indicates the loudness of an audio
signal. Since the ultimate significant
subjective destination of all original or
reproduced sound is the human ear, a
meter which indicates the loudness as
perceived by the ear is an important
audio instrument. For example, the
loudness meter will become a very use-
ful tool for determining the loudness of
any simple or complex sound or noise,
for monitoring the maximum permis-
sible level of all manner of audio pro-
grams, for obtaining the maximum loud-
ness of an audio program for a certain
maximum peak level, etc.

The author wishes to express his ap-
preciation to R. A. Hackley, D. S.
McCoy, and D. G. Murray for con-
tributions to the development work of
the loudness meter. .3
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A Sound-Level Meter

How to Build and Use a'Sound-L_evel Meter with One-Third Octave Fiﬁers

OST SERIOUS RECORDED-MUSIC

listeners are aware that the sound

they eventually hear depends to
a large extent on the acoustics of their
listening room. Even after determining
the best possible placement for the speak-
ers, and perhaps adding some drapes or a
rug, the system as a whole can sound
muddy, or lack the lifelike quality of the
more-fortunate systems. True realism de-
pends on having a flat frequency response
where you listen, and most rooms will not
cooperate. Fortunately, frequency re-
sponse is easy to vary electronically.
Several devices have appeared recently
which are intended to deal with this
problem, and simple electronic filters are
really quite easy to make. Unhappily, ad-
justing such a filter can be frustrating. It
is difficult to determine just what correc-
tions to make by merely listening to
music. One of the most meaningful ways
of measuring the frequency response of a
hi-fi system is to measure the response of
the system to narrow bands of filtered
noise. The little instrument described in
this article, when combined with a high-
quality omnidirectional microphone, is
capable of making this kind of measure-
ment as well as many others. The sound
level meter is not tricky to build, and
should cost less than fifty dollars.

All the meter needs to measure room
response is a calibrated preamplifier, a
tunable active filter, and a VU meter. To
measure the sound levels of music and
machines, a bass filter is included to give
the standard “A” weightings. The result
is a true sound-level meter, capable of
measuring sounds down to 20 dB SPL
and third-octave noise down to 0 dB
SPL. With a microphone sensitivity of
—60 dB re 1V/ubar, this corresponds to
a pure tone input of only 0.18 xV mms,
making it possible to measure the noise
output of almost anything.

Before describing the circuit, I think I
should say something about the way the
instrument is to be used, and how that
use determines the choice of microphone.
Figure 1 shows the response of my living
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room to pure tones and to third-octave
noise, with the mike placed where I do
most of my listening. The wide variations
in the pure-tone response exist in all
rooms, and correspond to resonances or
standing waves similar to the ones in
organ pipes. The number of possible fre-
quencies for these resonances or standing
waves is very large, since the sound wave
can bounce around the room in many
directions, using combinations of the
walls, floor, and ceiling as reflectors. We
hear the combination of all the reflec-
ions. For some frequencies, these reflec-

20 50 100

90

RELATIVE OUTPUT-dB

60

FREQUENCY -Hz

tions add up in phase, creating a peak,
and for others they cancel each other out,
giving us no sound at all. The ear is much
more sensitive to peaks in the response
than to dips.

Above 200 Hz the response to pure
tones looks similar, except that it becomes
rather difficult to measure. The variations
in the response get very close together on
the dial of the oscillator, and unless you
tune very slowly it is easy to miss them
entirely. ;

Fortunately, music sounds much better
in such a room than this curve would
seem to predict. Musical tones are con-
tinuously changing, and the individual
resonances do not have time to build up.
The response that we subjectively hear is
the average of nearby resonances, and is
a lot smoother than the pure-tone curve.
Unfortunately, it is still not very flat. To

SPECIFICATIONS
Sensitivity 30 to 120 dB SPL when
used with microphone
having sensitivity of —60

dB re 1V/ubar

Frequency 20 to 20,000 Hz in three
Range ranges

Frequency *+10%
Accuracy

Input 100 k ohms at Mic input

Impedance 1.0 Meg at high-level
input

9V at 2.5 mA from tran-
sistor radio battery. Life
about 10 hours.

Power
Required

measure accurately how a room sounds to
music, one must use tones which re-
semble music in the way they waver.
Although music generally wavers about
a semitone, or a twelfth of an octave,
noise filtered through a third-octave filter
gives good results. Figure 1 shows that
the third-octave curve follows the re-
sponse to pure tones. The noise curve
may look smooth, but it must be treated
with respect. A dip or a peak of three
decibels in a third-octave-noise curve is
almost always audible, especially if it oc-
curs between 300 and 2000 Hz.

200

Fig. 1—Low-frequency re-
sponse of the author’s
room with AR-5 placed
near a corner and micro-
phone at room center.
(- -¥3 octave noise;—pure
tones)

The basic principle of this discussion
has been that sound in a room does not
simply come from the speaker to you,
but forms standing waves which sur-
round you. To measure the intensity of
the sound correctly you must use an om-
nidirectional microphone. Cardioid micro-
phones have a predictable response in a
very large room or in an anechoic
chamber, but when put into a standing
wave their output can vary widely.

Microphone Selection

The microphone used must be at least
as good as the system you are trying to
measure. Fortunately, there are many
high-quality omnidirectional condenser
microphones available. These micro-
phones have been designed for recording,
but they can easily be used for sound
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measutement, especially if you do not
need to know the absolute level of the
sound.

There is a complication to using a re-
cording mike. Any omnidirectional micro-
phone is only really omnidirectional at
low frequencies. When the wavelength of
the measured sound becomes close to the
diameter of the microphone, diffraction
effects tend to reduce the response to any
wave which does not come from the
front. If the sound in your room comes
from all directions, some roll-off to the
measured sound will be noticed at high
frequencies. To compensate for this effect
some manufacturers build a treble rise
into the response of microphones designed
to measure noise. These mikes, such as
the B&K 4134, are flat to randomly inci-
dent noise (Fig. 2). Recording mikes are
usually closer to the B&K 4133, with a
flat on-axis response. Most people would
shudder at a treble rise in the on-axis
response, although when using an omni-
directional mike in a large live hall some
treble boost is often necessary.

Notice from Fig. 2 that diffraction
effects depend strongly on the diameter
of the microphone. B&K types 4131 and
4132 are one-inch microphones, 4133 and
4134 are half-inch, and 4135 and 4136
are quarter-inch, For a microphone of
%-inch diameter or less, these diffraction
effects occur mostly above 4 kHz, and
are serious only above 10 kHz. The sound
in a room is usually not omnidirectional
at those frequencies. Some loss of treble
will be noticed. due to the nature of
the microphone, but if it is pointed di-
rectly at the speaker this roll-off is not
too serious. In any case it is not possible
to predict exactly how much it will be.
When making measurements at these
frequencies it is better to look for the
smoothness of the response. If you want
an exact number, the best way to get it
is to point the microphone 90 deg. from
the speaker, and correct the resulting
measurements for the response of the
microphone to randomly incident noise.
Some microphone manufacturers supply
such a curve with the mike. For those
which don’t, it tends to be close to the
response to pure tones at 90 deg. inci-
dence.

The condenser microphone chosen
should have a well known on-axis re-
sponse, and be %-inch diameter or less. If
you intend to make a large number of
speaker measurements, a Y%-inch sound-
measurement microphone might be a
good investment. Otherwise it would be
wise to choose your microphone for its
use in other applications, such as record-
ing. Remember that good omnidirectional
microphones of similar diameter and flat
on-axis response will sound identical.
Cardioid microphones are currently pop-
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Fig. 2—Typical frequency responses of some B & K condenser microphones. 0°=free-
field response at 0° (normal incidence); 90°=free-field response at 90° (grazing inci-
dence); R=random incidence response, and P=pressure response,

ular, but I prefer to use an omni wher-
ever I can. They tend to add echo in a
natural way, and lack the increase in bass
when close to the source of sound.

Making the Measurements

Making speaker measurements is de-
lightfully simple. You just feed some
source of broad-band noise into the
speaker system, and measure the resulting
sound with the meter. Noise which
sounds uniform in frequency content and
has equal energy content per third-octave
band is called pink noise. If you have
such a generator, use it. Otherwise, use
the interstation noise from an FM tuner.
You may have to disconnect the antenna
to get noise which sounds uniform
enough. This noise is not pink, but you
can correct your curves by measuring it
electrically with the meter.

The microphone should be placed in
the position you use for most of your
listening. If yvou get too close to the
speakers, interference between the driv-
ers can give misleading results, although
you can test for high-frequency disper-
sion this way. You should occasionally
turn off the speakers to make sure that
the background sound in the room is

below the level you are measuring.
Measure each speaker separately, since
they usually require different compen-
sation. If you insist on having a compos-
ite curve for the whole system, be sure to
set the tuner on stereo to get independent
noise in both channels. Otherwise inter-
ference eflects can occur.

The measured response is usually less
than wonderfull What can you do about
it> Try moving the speaker first. The
standard things to try are lifting the
speaker off the floor or away from the
wall by a foot or so, to the long side
rather than the short side of a room, or
vice versa. You should avoid having two
reflective surfaces facing each other, I
prefer to make these changes by ear,
using a choral recording or a record of a
familiar voice.

Your response will probably still show
various slopes in the midrange. These
slopes are very important. Try varying
both the settings of the speaker balance
controls and the amplifier tone controls.
If you can’t do much this way, you must
add some compensating networks be-
tween the preamplifier and the amplifier.
If your preamp has low output impedance
when compared to the input impedance
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