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Wireless World Dolby noise reducer 

1-An introduction to the Dolby noise reduction system 

by Geoffrey Shorter 

This noise-reducer design is intended mainly for hiss reduction in magnetic-tape recording 
machines. The unit can be switched to decode commercially available Dolby B-encoded cassette 
tapes, Dolby B-encoded f.m. radio transmissions (as in the USA), or to encode blank tapes from 
any source. As an alternative, it can be used in trading some of the noise improvement for reduced 
distortion at peak recorded levels. The Wireless World processor can be aligned without any 
additional test instruments, the circuit board being arranged to provide the necessary alignment 
and calibration tones. This article gives background to the B system and to the functioning of the 
noise reducer and subsequent articles describe construction, alignment and calibration of the unit. 
A complete kit is available only through Wireless World (see panel on page 205) 

In audio systems dynamic range can be 
defined as the ratio of the largest to the 
smallest programme signal. Dynamic range 
is typically limited at the high-level end 
by tape saturation or amplifier signal 
handling problems: there is usually a fairly 
well-defined level beyond which com
pression occurs and distortion rises at a 
rapid rate. At the other extreme there is a 
limit on the lowest signal that can be 
handled, set typically by the noise level 
of electronic circuits, tape noise, surface 
noise on discs, or granularity on optical 
soundtracks. 

In concerts, dynamic range can be as 
high as 90 to lOOdB, but once such pro
gramme material has been recorded, 
dynamic range is reduced to 60 or 70dB. 
(When broadcast the range can be as low 
as 20 to 40dB.) In this situation there are 
three options-lose that part of the pro
gramme below noise level, distort the 
peaks, or distort the range by com
pression either manually or automatically. 
None of these options is altogether 
acceptable in itself, all distort the 
original in some way. What is needed is a 
way of getting round this limitation of 
dynamic range without the distortion of 
overmodulation, without losing pro
gramme in noise and without distortion 
of range. Before discussing various 
techniques that have been proposed and 
tried, we will be more specific about 
what is required. 

As well as not introducing any per
ceptible non-linear or dynamic range 
distortion of both steady-state and tran
sient signals, any proposed technique for 
high quality use should not perceptibly 
alter the signal in respect of frequency 
response and transient response. Any 
signal processors must be able to operate 
to the normal constraints of audio 

channels, i.e. operation should not depend 
on freedom from phase and amplitude 
versus frequency errors or changes, nor 
on a linear phase-frequency response; 
channel overload characteristics should 
not be worsened. In addition to compati
bility with transmission channels, there 
must be compatibility between processors 
to the extent that recordings can be inter
changed. In reducing perceptibility of 
noise, there should be no noticeable noise 
modulation effect and ideally all noises 
should be reduced by a similar amount, 
otherwise reducing one kind might unmask 
another. 

Noise-reducing techniques 
"Static" methods. The most well-estab
lished methods of avoiding the constraints 
imposed by high noise levels are "static" 
ones. Examples are the high-frequency 
pre-emphasis, and subsequent de-emphasis, 
applied to f.m. broadcasts and gramo
phone records and the low-frequency pre
emphasis used in tapes. They are static 
because the amount of emphasis given is 
fixed and does not take account of the 
signal in any way. At some frequencies, 
there is thus an intrusion into the possible 
range of levels that signals can occupy 
which may mean that some lower than 
normal limit must be placed on the 
programme level. 

Single-ended methods. An alternative 
approach is the dynamic one of altering 
the level of a signal by an amount that 
depends on the signal level, at either the 
sending/recording end or at the listening 
end. In examining such dynamic tech
niques it is expedient to look at the 
possibilities from a steady-state signal 
level point of view. with the thinking that 
frequency and time-dependent variations 

can be seen as special categories within a 
level classification. In practice, however, 
the success of each kind will undoubtedly 
depend on how well complicated time
varying multi-frequency signal patterns 
are responded to by the processing cir
cuitry; and to whatever psychoacoustic, 
or perceptual, effects such as auditory 
masking, can be discovered and made use 
of. 

The simplest kind of device, within our 
terms of reference, is the low-level noise 
gate, depicted graphically in Fig. l(a), 
which eliminates signals below a certain 
threshold level. More useful is a stepped 
noise gate, where signals and noise below 
a certain threshold are attenuated by a 
finite amount rather than an infinite 
amount-Fig. l(b). There are a host of 
variants on this theme, Fig. l(d) showing 
another possibility. 

A number of commercially-available 
expanders have used the general approach 
of Fig. l(b), including H. H. Scott's 
"dynamic noise suppressor" and R. 
Burwen's "dynamic noise filter", operating 
only at low and high frequencies and with 
a pass band that varies according to signal 
level. The Phi lips "dynamic noise limiter" 
is another example, though its operation 
is restricted to high frequencies. With 
these devices, the bandwidth restriction 
at low signal levels must inevitably cause 
some loss of programme. Further, any 
reduction of noise level that can be 
achieved is likely to be modulated by 
intermittent mid-frequency signal com
ponents, giving rise to what is called 
breathing. Because they are "single
ended" these techniques must result in a 
distortion of dynamic range. Thus you 
can either have the original dynamic 
range plus on reduced noise, or a dis
torted dynamic range and loss of some 
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low-level information with a reduced noise 
level-but not both at the same time. 

Besides altering the level of low
amplitude signals, a similar expansion can 
be achieved by expanding high-amplitude 
signals, Fig. 2(c), but as well as exhibiting 
the two major disadvantages already 
mentioned, this would suffer a third. By 
having a variable-gain element operating at 
a high level there are obviously greater 
risks of generating intrusive unwanted 
signals as a result of overshooting, high 
non-linear distortion and a high circuit 
noise level. 

Dynamic processing is often carried 
out prior to recording or transmission. 
The low-level compression characteristics 
of Figs. l(c) and (e) and the high-level 
characteristic of Figs. 2(a) and (b) both 
enable average signal level to be in
creased relative to the noise level. But in 
themselves they suffer from the same 
disadvantage as do the expanders. Clearly, 
single-ended methods are inappropriate to 
normal high quality reproducing systems. 

Complementary methods. The only way of 
avoiding the difficulty of alteration to 
dynamic range is by the complementary 
method-the dynamic equivalent of 
static "equalization". In complementary 
systems, signal processing before trans
mission and recording, normally com
pression, is followed by an equal degree 
of complementary processing, normally 
expansion, prior to audition so that the 
original dynamic range is restored. Noise 
added by the medium after compression 
is reduced by the degree of expansion 
used. In the expander of Fig. l(b) the 
complementary compressor characteristic 
would be (c) and the complement of (d) 
would be (e). Likewise, the transfer 
characteristics of Figs. 2(b) and (c) form 
another compander system. 

Fig. J. Low-level noise gate (a) simply 
loses both noise and signal below a 
certain threshold level. Finite attenuation 
of low-level signals is achieved with the 
expansion transfer characteristics Qf (b) 
and (d). Such "single-ended" expanders 
reduce noise at the expense of distorting 
dynamic range. Compressors at the signal 
source end can raise low level signal 
above lIoise levels, but similarly distort 
range (c) and (e). 

Fig. 2. High-Ievel limiter and compres
sors (a) and (b) and expanders (c) suffer 
an additional disadvantage because Qf 
processing at a level where distortions 
would be more obvious. 

Fig. 3. Complementary high-level system 
(a) is able to reproduce original 
dynamic range while either reducing 
maximum level to give more overload 
margin (b), reducing noise (c), or 
giving a combination Q{ both. 

Fig. 4. Low-level complementary system 
(a) has the advantage that any distortion 
products are at a low level where they 
are less likely to be audible. 

Another kind of diagram makes it easier 
to visualize what happens so far as levels 
are concerned. Fig. 3(a) is a typified high
level compander characteristic, showing 
both the compression and expansion 
curves. Its equivalent level diagram of 
Fig. 3(b) shows the reduced dynamic 
range (indicated by arrows) where the 
maximum level to be handled by the inter
posing medium is assumed to be the same 
-the region marked "overload margin" 
giving an increased margin against over
load and thus lower distortion. Fig. 3(a) 
shows the same reduced dynamic range 
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produced by the characteristic of Fig. 3(a), 
but with the intermediate gain shifted so 
that the low signal levels can be increased 
in relation to the noise level. 

Fig. 4(a) shows low-level compander 
characteristics, with the level diagram of 
Fig. 4(b) illustrating the use of the com
pressed dynamic range to bring . up the 
low-level signals relative to the noise. 
Fig. 4(c) shows how, by reducing the 
levels by a constant amount, increased 
overload margin can be obtained. (Notice 
the similarity between Figs. 3(b) and 4(c) 
and between Figs. 3(c) and 4(b), the 
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difference being the siting of the region of 
"linear" operation at either a high level 
or a low level. Despite the immediate 
visual contrast between Figs. 3(a) and 4(a) 
there is clearly a close resemblance 
between curves 1.) 

In practice the characteristic curves 
do not have the discontinuities shown, 
corners being rounded to prevent ob
jectionable noise modulation. The curves 
should be capable of easy realization, be 
readily reproducible and the two com
plementary curves must be matched to 
within the required tolerance. 

Two recently-introduced studio com
panders use the general approach of 
Fig. 2(b) and (c), but with a threshold 
that is much lower than indicated. The dbx 
Inc. compander uses a square-law curve 
above a certain threshold (- 60dBm), 
which in logarithmic terms is a 2: I 
compression ratio. The Burwen "noise 
eliminator" uses a cubic law (logarithmi
cally, a 3: I compression ratio) above a 
certain threshold. (A fixed hJ. pre
emphasis and a level-independent band
width are also features of these systems.) 

In general, such high level companding 
techniques suffer from a number of 
drawbacks: poor tracking between the two 
processors, high sensitivity to errors in 
gain in-between processors, overshooting 
and a risk of overmodulation, both of 
which could lead to compression in the 
transmission medium that would go un
corrected on expansion, noise modula
tion by signals, modulation-product 
formation as a result of rapid gain changes, 
all of which are undesirable in a high 
quality link. High level companders can be 
very useful however in telephone circuits 
for example and the Post Office's Lincom-
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In most electronic signal processing 
systems there is usually some maximum 
level beyond which the signal must not 
be allowed to go and to which levels are 
frequently rl!ferred. Transfer charac
teristics are therefore usually given in the 
quadrant shown in which the point of 
rl!ference is made to be some arbitrary 
maximum level, rather than the zero 
signal level Q( Figs. I to 4. (A zero at 
the axes intersection would represent OdB 
and not an origin as in cartesian 
coordinates. ) In practice such curves are 
not discontinuous but are smoothly con
nected to prevent unwanted modulation 
and to permit easy realization and 
matching. 

Fig. 5. Conventional companders use the 
equivalent complementary systems of 
(a) or (b) whereas the Dolby system 

(A and B) uses an additive to method (c) 
enabling processing circuitry to be 
separated from the maill sigllal path. 
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pex scheme is an example of a compander 
in which dynamic range is reduced to 
zero. (Subsequent expansion would not be 
possible were it not for the fact that in
formation on signal amplitudes is con
tained in separate pilot or control 
channel.) 

The low-level method (Fig. 4) has a high 
tolerance of channel gain errors, produces 
modulation distortion at low signal levels 
rather than high levels, and there is less 
risk of overloading the medium. It seems 
a good idea anyway because one might 
expect the ear to be less sensitive to low
amplitude effects than to the same 
effects at high level. This then is the basic 
companding technique chosen for the 
Dolby system. 

Dolby low-level compander 
In conventional companding systems 
there are two equivalent ways of achieving 
compression and expansion. One is to 
derive a control signal, after subjecting 
the input signal to a variable-gain element 
(compressor); expansion or "decoding" 
would then be achieved by the converse 
process-the control signal being derived 
prior to a variable-gain element (ex
pander), Fig. 5(a). The equivalent, alterna
tive, way is to derive the control in the 
compressor part before the variable-gain 
element and to subsequently expand by 
using a control obtained after the variable
gain device, Fig. 5(b). (The first-mentioned 
method is used in the dbx and Burwen 
high-level companders and in the JVe 
a.n.r.s. Iow-level compander.) 

The Dolby technique makes use of a 
different approach-with an important 
difference; compression is achieved by 
deriving a special low-level signal that is 
added to the main signal, and expansion is 
obtained by subtracting a low-level signal 
from the main one, Fig. 5(c). (Within the 
low-level processor block, compression is 
achieved with method (a).) 

Of course, the required corn pander 
characteristics could have been derived 
in the normal way, i.e. by direct action 
of a compressing circuit on the main 
signal path Figs. 5(a) and (b); but in the 
low-level approach the whole range need 
not be subjected to processing. It is 
obviously in the interests of quality that 
low-level signals be processed separately, 
leaving the main signal to a linear path 
whose quality is not restricted by that of 
the variable-gain path. 

Tracking at high levels becomes easier 
using this low-level approach, and a 
tracking error due to channel gain varia
tion would occur at an unobtrusively low 
level. Additionally with this technique, it 
is found that sufficiently accurate tracking 
can be maintained using a control derived 
from peak and average signal values. Thus 
the elaboration of an r.m.s.-derived con
trol, which would strictly be necessary for 
channels having a non-linear phase
frequency response, is avoided. 

Notice that in the subtractive part of 
Fig. 5(c), a negative feedback loop is 
effectively formed in the low-level "con
tribution" to the main path. Advantage of 
this is taken in the Dolby system (and in 
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the Jye a.n.r.s. system) in that an 
identical network to that used to produce 
the additive low-level signal at the encoder, 
can be used in forming the subtractive 
component at the decoder, merely by in
serting the network in the negative feed
back loop of a main path amplifier. 
Among other things this means a single 
processor can be used for both encode 
and decode functions by a suitable switch
ing arrangement. 

In a wide band compander of this kind 
having the kind of characteristic at Fig. 4, 
a low-amplitude signal below the operating 
threshold would result in the maximum 
amount of low-level boost being applied, 
and on decoding the noise level will be 
appropriately reduced; a high-amplitude 
signal would result in no noise reduction. 
Thus an intermittent high-amplitude signal 
could modulate the noise level, producing 
breathing (unless high-level signals were 
present in the same frequency band as the 
noise. This breathing can occur in any 
kind of wide band compander, of course). 

In the Dolby A system this etTect is 
overcome by splitting the audio band into 
sections in the additive signal path, each 
section having its own compression and 
control circuitry. A high-amplitude signal 
in one band will not then prevent noise 
reduction being obtained in bands above 
and below. Within each band, the presence 
of a high-amplitude signal is relied on to 
mask, that is reduce the perceptibility of, 
noise components close to that signal. 
Studies of auditory masking show a shift 
in the hearing threshold in the presence 
of a (masking) tone, which etTect can 
extend upward in frequency to a consider
able extent; downward to a much lesser 
extent, the amount depending on the level 
of the masking tone. 

When the economics of band splitting 
are judged against the extent of this 
masking etTect, the amount of noise re
duction required, and the value of thres
hold level in relation to the benefits of the 
additive technique, it turns out that four 
bands give a satisfactory compromise of 
cost versus performance. Splitting the 
band with 12dB per octave filters in the 
ranges 80Hz low pass, 80Hz to 3kHz 
band pass, 3 to 9kHz band pass, and 
9kHz high pass would give a uniform 
IOdB boost (and hence noise reduction) 
to low-level signals, as determined by 
setting compression threshold at 40dB 
below peak operating level. By making the 
3 to 9kHz bandpass filter into a high
pass filter, an additional boost is obtained, 
gradually increasing from about 5kHz to a 
maximum at 15kHz. The lowest band 
provides reduction in the hum and rumble 
range, the second reduces mainly broad
band noise, tape print-through and cross
talk, while the upper bands reduce hiss. 

Dolby B-type system 
The cost and complexity of the A system 
is not really appropriate to consumer 
products. Moreover, in slow-speed tape 
machines in particular the noise spectrum 
has a ditTerent distribution to that 
occurring in the studio situation, on 
account of the slower tape speed and thin 
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Fig. 6. Noise spectrum of low-noise 
ferriC oxide cassette tape shows problem 
is a mid- to high-frequency one, rather 
than a broadband one for which the 
Dolby A system was developed. � 

Fig. 8. Because the compressor circuit 
is made frequency sensitive in B-type 
processors, frequency at which boost, and 
hence noise reduction, occurs rises with 
increasing input level. Thus noise 
reduction is preserved in the presence of 
mid:frequency signals at high amplitude, 
which would otherwise reduce or prevent 
noise reduction. Curves show response 
below threshold level in presence of 
OdB tones. 
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Fig. 7. In the Dolby B and JVC 
a.n.r.s. systems, low-level high
frequency signals are boosted during 
encoding by lOdB at low levels, the 
amount of boost decreasing as input 
level increases. Characteristics shown 
are amplitude-frequency response curves, 
with input level as a parameter, for the 
encoding process. 

1 k 2k 5k 10k 20k 
FREQUENCY (Hz) 

oxide layers used in tape cassettes. Fig. 6 
gives a typical DIN-weighted noise 
spectrum taken from a low-noise ferric 
oxide tape cassette, showing the nOise 
problem is mainly a mid- to high
frequency one. Noise reduction in the 
B-type system is therefore limited to this 
frequency range and Fig. 7 shows the 
amount of boost (hence noise reduction) 
applied at various input levels; a fixed 
high-pass filter placed in the subsidiary 
signal path, as is done with the lye 
a.n.r.s. system, would achieve this end. 
What, then, about noise modulation 
which in the A system was reduced to 
imperceptible amounts by the multiband 
feature? 

In the B system, such a filter prevents 
high-level low-frequency tones from 
activating the compression circuit, so 
there is no noise modulation by l.f. com
ponents. But there could still be modula
tion by high-level signals close in 

frequency to the filter cut -otT. The trick 
to avoid this, unique to the Dolby B 
circuit, is to move the filter pass band 
higher in frequency, so that the high-level 
signal would then be below the filter pass
band. The curves of Fig. 8 show the 
etTect of the variable-frequency filter 
under the influence of a high-level tone 
at three ditTerent frequencies; the lowest
frequency curve representing the lower 
limit of the combined filter's translation 
in frequency. As the figure shows, with a 
high-amplitude tone of 500Hz applied, 
there is some 8 or 9dB of noise reduction 
at 10kHz; even with a tone at 2kHz there 
is still some noise reduction obtained. 
Had the filter pass band remained fixed, 
these high-level tones would have caused 
the variable-gain element to operate, 
resulting in reduced or zero contribution 
from the subsidiary path, and hence little 
or 110 noise reduction. 

Fig. 9 shows a simplified block diagram 
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of B-type processors, the encoder at (a), 
and the decoder at (b) with the same filter 
and compressor circuitry now in a nega
tive feedback loop. In (b) a phase inversion 
is clearly required, which in (a) it is not. 
A simple dodge, that leads to a simplified 
encode/decode switching arrangement, is 
to re-site this phase inverter in the main 
signal path after the summing amplifier. 
The inverter can now remain in-circuit 
permanently, forming part of the feed
back loop only during decode, Fig. 8(c). 
Circuit operation. The way in which the 
voltage-variable filter and compressor 
operates is interesting. A fixed high-pass 
filter, formed by the parallel combination 
of the 5.6 and 27-nF capacitors (fed 
from a low impedance source, they are 
effectively in parallel) and the 3.3kO re
sistor determines a turnover frequency of 
1.5kHz (Fig. 10). Imagine that a simple 
compressor then follows, i.e. a variable 
attenuator formed by a fixed resistor and 
the f.e.t. voltage-variable resistor (ignoring 
the 4.7nF capacitor). The f.e.t. is to be 
controlled by a direct voltage obtained 
after rectification of the signal passed 
by the filter/f.e.t. combination. Without 
any direct voltage applied to the f.e.t. 
gate, as would be the case for inputs of 
anv level below the filter passband and 
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100n 220k 
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control 

for low-level inputs within the passband, 
the f.e.t. resistance is nominally infinite. 
The filter circuit would thus give minimum 
attenuation of hJ. signals and pass them 
to the main path, allowing hJ. noise 
reduction to be obtained. When an hJ. 
input is of sufficiently high level for the 
control signal to overcome the f.e.t. bias 
(this determining the compression thres
hold), the direct voltage to the gate would 
cause the f.e.t. resistance to fall, attenuat
ing the signal, and reducing the amount 
passed to the main path. As the h.f. signal 
increased, a progressively smaller amount 
would be returned to the main path. 
Operation of this principle is shown by the 
curves in Fig. 7(a), which in fact apply 
to the Dolby B and a.n.r.s. circuits. 

By replacing the fixed resistor with a 
capacitor (4. 7nF) in series with the f.e.t. 
resistance a second, variable, high-pass 
filter is formed. With increasing f.e.t. gate 
voltage, actioned by an increasing signal 
frequency and/or level, the filter char
actenstIc rises in frequency, "over
taking" the fixed filter curve to largely 
determine a new, higher, passband (after 
equilibrium between signal level control 
and filter is reached). Thus the frequency 
at which a significant signal is returned to 
the main path is raised, as depicted in 
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Fig. 9. Characteristics of Fig. 8 are 
realized by a voltage-controlled filter 
and compressor Which adds up to lOdE 
of subsidiary signal to the main path 
during encoding (a). In decoding, a 
similar network is used to subtract from 
the main path (b), the network forming 
part of a negative feedback loop. This 
loop means that identical networks can be 
used for encoding and decoding. By 
placing the phase inversion in the main 
signal path, as shown (c), it can be left 
permanently in-circuit, simplifying encode
decode switching. 

Fig. 10. Output of high-pass filter 
decreases after the compression threshold, 
set by gate bias, has been exceeded by the 
control signal. Response curve of com
bined fixed and variable filter sharpens 
when the two turnover frequencies 
coincide. 

Fig. 11. Control-loop integrator has 
variable attack and decay times depending 
on speed and amplitude of signal changes. 
Large transients cause Dj to conduct, 
shortening loop response time. Super
position of a.c. signal on control loop is 
to allow/e.t. to operate symmetrically, 
thus keeping second harmonic distortion 
to a low level. 

Fig. 8, preserving some hJ. noise 
reduction in the presence of mid-frequency 
signals. In the region where the two filter 
curves are close, the combined filter 
shape is sharpened to around 1OdB/ 
octave, so the effect of the filter action is 
heightened in this region, and the 
immunity of the circuit to noise modula
tion therefore improved. 

Dynamic operation 
To avoid modulation products being 
generated by rapid changes of gain in the 
compressor, which may or may not be 
cancelled in the complementary expansion 
process, a long attack time is desirable in 
the rectifier circuit providing the f.e.t. 
control voltage. On the other hand, a short 
attack time is needed to minimize the effect 
of overshoots, which could have an 
amplitude equal to the amount of 
compression. 

The extremely elegant solution 
chosen is to use a time constant that 
depends on the rate of change of signal. 
Referring to Fig. 11, the 2.7-kO collector 
resistor and the 100-nF capacitor allow 
rapid following of a slowly changing input 
signal. But the time constant of the 
270kO (R41) and 330-nF component gives 
an attack time for the control signal of 
lOOms-long enough to prevent audible 
modulation products being formed. Diode 
Dj is not brought into conduction because 
the voltage drop across it is never large 
enough (the discharge time of the 100-nF 
path being shorter than through the 330-
nF capacitor). For large transient changes 
of input signal the potential across the 
100-nF rises faster than that at the 
330-nF capacitor so Dj conducts, reducing 
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Noise reducer kit 

Complete kits for the Wireless World 
Dolby B noise reducer are available 
through the address given below, 
The two-channel design features: 
• a noise reduction of 1 OdB at 5kHz 

and above 
• switching for both encoding (low

level h.f, compression) and 
decoding 

• a switchable f,m. stereo multiplex 
and bias filter 

• provision for decoding Dolby f.m. 
radio transmissions (as in USA) 

• no equipment needed for 

attack time to around 1 ms or less. Between 
these two extremes charging of the 330-nF 
capacitor is shared by DJ and R4J, as 
determined by the p,d. across them. 

While the effects of transients are 
limited by the variable attack time, high 
amplitude transients require more rigorous 
treatment. Overshoots, as a result of the 
control loop not operating quickly enough, 
are limited to a maximum amplitude of 
2dB by two silicon clipper diodes. When 
added back to the main path the clipped 
subsidiary signal can result in a momentary 
distortion of 1 %, lasting for around 1 or 
2 ms, but this occurs at a time when, 
because of the casual transients in the 
main path, the ear is least susceptible 
to it. 

As with attack time, recovery time is as 
much a problem-it must be so short that 
noise reduction immediately following a 
high amplitude signal is restored within 
the time the ear takes to recover its 
normal hearing threshold, but not so short 
that low-frequency or modulation distortion 
results. The circuitry ensures a 100-ms 
decay time normally, but for large sharp 
reductions in signal level this value is 
reduced. 

In Fig. 11 there is a proportion of a.c. 
signal from the emitter resistors super
imposed on to the direct control voltage. 
This is to maintain symmetry of operation 
in the f.e.t. and thus keep second harmonic 
distortion to a low level by ensuring that 

alignment 
• suitability for both open-reel and 

cassette tape machines 
The kit includes: 
- complete set of com-

ponents for a stereo processor 
- regulated power supply 

components 
- board-mounted DIN sockets and 

push-button switches 
- fibreglass board designed for 

minimum wiring 

- solid mahogany cabinet, chassis, 
two meters, front panel. knobs, 

Vgd=Vgs' Therefore an a.c. signal is applied 
to the gate that is half the value of that 
at the drain. By this means. and by keep
ing the signal voltage at the f.e.!. Iow 
by the capacitance divider prior to the 
f.e.t., distortion is reduced from a peak 
of 0.5% to 0.05% (at I.5kHz and - 15dB), 

This simplified introduction to noise
reducing systems should help in under
standing operation of the B-type circuit, to 
be given in next month's issue in full. 
To be continued. 

Acknowledgement. We wish to thank 
Dolby Laboratories Inc. for their co
operation in developing this Wireless 
World design and particularly Ian Hard
castle for his valuable assistance. 

mounting screws and nuts 

Price is £37.10 inclusive. 
Calibration tapes are available, cost
ing £ 1.94 inclusive for 9. 5cm/s 
open-reel use and tor cassette 

(specify which). 

Send cash with order. making 
cheques payable to I PC Business 
Press Ltd, to : 
Wireless World noise reducer 

General sales department 
Room 11, D o rset House 
Stamford Street 
London SE1 9LU 
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The latest editions of the D.A.T.A. book 
series are now available, covering transistors, 
semiconductor diodes, digital integrated cir
cuits, linear integrated circuits and semi
conductor applications notes. Other annual 
publications in the series include those on 
semiconductor heat sinks, sockets and asso
ciated hardware, discontinued integrated circuits 
and discontinued transistors. Each book lists 
the majority of devices currently available, 
throughout the world, together with their 
relevant parameters. London Information 
(Rowse Muir) Ltd, Index House, Ascot, Berks 
SL57EU. 

Radar Precision and Resolution by G. J. A. 
Bird is aimed at providing the practising 
engineer with an understandable treatment of 
the radar uncertainty function together with a 
foundation of the underlying transform theory. 
Chapters include signal processing methods, 
Laplace and Fourier transforms, Hilbert 
transforms and complex analytical signals. 
Much of the book comprises mathematical 
treatments and worked examples with diagrams 
and graphs where necessary. The text con
cludes with a series of appendices which 
define terminology used in the book. Price 
£5.80, cloth. Pp.160. Pentech Press Ltd, 
8 John Street, London WCIN 2HY. 



Wireless World, June 1975 257 

Wireless World Dolby noise reducer 
2 - Construction 

by Geoffrey Shorter 

This noise reducer design is intended mainly for hiss reduction in magnetic-tape recording 

machines. The unit described can be switched to decode commercially available Dolby 

B-encoded cassette tapes, Dolby B-encoded f.m. radio transmissions (current in the USA), 
or to encode blank tapes from any source. As an alternative it can be used in trading some of 
the noise improvement for reduced distortion at peak recorded levels. Part 1 in the May 
issue gave background to the Dolby system and this part gives details of a design that can 
be built with or without the help of the Wireless World kit. 

This Dolby B noise reduction unit can 
be used with both open-reel and cas
sette tape machines. It is intended for 
decoding Dolby B-encoded tapes and 
f.m. transmissions, and for encoding 
and decoding your own tapes. 

The circuit diagram is split into three 
parts: the main signal path, Fig.  12 (top), 
the subsidiary or side path, Fig. 12 
(bottom), and the circuitry used in 
setting up the unit. 

The input signal to be processed from 
the auxiliary, tuner or tape inputs 
passes via the switching arrangement of 
Fig. 13 to point D in Fig. 12 (top). In 
addition to providing 12dB of gain, Trl 
ensures a proper source impedance for 
the low-pass filter. Filter components LI 
and C5 provide a gradual attenuation 
(-3dB at 28kHz), while the 19kHz filter 
switch brings in additional components 
to give a response ± IdB at 15kHz, 
-31dB at 19kHz and -22dB at 38kHz. 

With h i g h -qua l ity o p e n - r e e l  
machines whose response i s  flat up to 
19kHz, the additional filter may be out 
of circuit when the source is free from 
spurious signals. But because the band
width of signals into the record proces
sor should be the same as that for 
signals entering the playback processor 
for proper matching, it is usually 
advisable to have the filter in, especially 
with cassette machines having a fast
falling response . If there is any risk of 
unwanted signals above audibility, for 
example from a stereo decoder or tape 
bias oscillator, the filter must be 
switched in. If such signals are above 
the compression threshold the noise 
reduction will not operate correctly. 

The direct-coupled pair Tr2 and Tr3 
have a low output impedance for 
driving the voltage-controlled filter and 
it is at this point that the signal path is 
split during encoding. The main signal 

path continues via the summing j unc
tion following R14. 

The final directly-coupled amplifier 
pair Tr4 and Tr5 must be inverting 
because on decoding the subsidiary or 
side signal path is arranged to form a 
feedback path from its output to input 
via RI5 (See Fig . 9c May issue). 

For encoding, the signal at point A 
passes via a series of switches to point B 
in the side-path section, Fig . 12 (bot
tom), and is returned to point E after 
processing. Point G feeds the meter 
ampl ifiers. The processed output is 
available at C, passing through the 
switching arrangement of Fig. 13 to the 
record output socket, Sktl, pin 4. 

In decoding, the signal is taken from a 
recorder via pin 5 of Sktl to point D. The 
output from Tr4, Tr5 at point C is passed 
to the side path at B, through switch 
SWlb in Fig. 13 . Decoded output appears 
at Skt2 (pin 5) via Sw le. 

From the side-path dynamic filter, 
whose operation was described in the 
May issue, the signal is amplified by 
26dB by Tr 6 and Tr 7, and extracted at the 
overshoot suppression diodes, D2 and 
D3. When combined with the main path 
signal via RI5 this results in either a 
boost of up to 10dB during encoding or a 
loss of up to 10dB during decoding. 
(Diode DI forms part of a temperature 
compensation network for the f.e.t. 
bias.) The variable time-constant con
trol-voltage circuit, following Trs and 
described last month, also provides an 
a.c. signal of half the f.e.t. drain voltage. 
This signal, obtained by attenuating the 
26-dB amplified signal with R37 and R44, 
is passed through C20 to Iinearize f.e.t. 
operation .  

Setting-up circuitry (in kit version) 
Because this noise reduction unit can be 
used with a variety of tape recorders, 

the side-path includes its own 400Hz 
oscillator so that a standard-level tone 
can be recorded, played back and the 
processor calibrated for the particular 
tape used. The 400Hz tone is obtained 
by switching the side-p ath circuit 
(Sw3e), to form a Wien-bridge oscillator 
with R46 , C27, C26 and R45 around Trios, 107 
& Trios. Oscillator output is taken from 
point E and applied via point F to the 
processor input, D ,  by Sw3C and SW3a. 
Switch SW3f alters the control time 
constant to prevent oscillator instabili
ty. Potentiometers RV3 and RVI03 are 
used to set the level of the 400Hz tone 
for both left and right channels respec
tively, but only the left-channel side
path circuit is wired to oscillate. This 
adjustment, and that of RVI, 101 and 
RV 2'102' are made with the aid of the right 
channel meter, calibrated in the kit 
design by a further oscillator (Fig. 14). 
This oscillator provides a well-defined 
output of 580mV, whose accuracy is 
determined by the supply line regula
tion of 5%. 

For the kit design the oscillator of Fig . 
14, including the components shown 
by the broken lines and with its output 
feeding the attenuator of R60 and R61 (a), 
provides the 580m V signal to calibrate 
the meter. After this calibration, R4S and 
R57 are removed and the second 
network, (b), of Fig. 14 wired in to 
provide a 5kHz sinewave source for 
aligning the circuit. The input filter coil 
L2 is used temporarily in this oscillator. 

The two meter circuits of the kit 
design use two parts of an LM3900 
Norton or current-dlfferencing ampli
fier in a "perfect diode" arrangement, 
Fig. 15. Because the circuit is set-up at 
low levels, R55 is temporarily reduced in 
value to increase sensitivity for these 
measurements. Additional current gain 
is provided by Tr9. Only the right-chan-
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Fig. 12. Circuit of one channel of the 
stereo Dolby B noise reduction unit. 
Upper circuit is of main signal path, 
input at D, output at C. Point G feeds 
meter circuits of Fig. 15, while point A 
or point C feeds the side-path input B 
(bottom), according to whether encode 

R33 D2 

OSC. 
CAL. � ____ .. ® 

or decode is switched by the interface 
circuit of Fig. 13. Side-path output 
from E is combined with main sIgnal via 
R 15' Connection shown with broken 
line forms a Wien bridge oscillator to 
provide a 4oo-Hz calibration tone. 
Olltrut is via oscillator level controls 

r 
I 
I 
I 
I 
I 
I 
I 

Tre 

R39 

R37 
C'8 

R38 R44 

RV 3> 103 and feeds point F in Fig. 13. 
This additional circuitry, including 
potentiometers and SW3b.e is used on 
one channel only (the left channel in 
the kit design). Resistor R33 is 
omitted in left channel if used as 
an oscillator. 
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Components 

Electrolytic capacitors are 16-v olt 
working (except C2 •. C14> 1l4' C29• and 
C31' 131' Polystyrene capacitors may be 
marked with a "k" multiplier instead of 
"n". (Polyester capacitors are colour 
coded.) 

C"IO, 
C2,102 
C3,103 
C4,104 
C5,105 
C6, lOO 
C7,107 
C8,108 
C9,109 
CIO,IIO 
CII,1I1 
C'2,1I2 
C'3,1I3 
C,., 114 
C'5,1I5 
C'6,1I6 
C17,117 
C,8, 118 
C,9, 119 
C20, 120 
C21,121 
C22,122 
C23,123 
C24 
C25 
C26 
C27 
C28 
C29 
C30 
C31,131 
C32,132 
C33 
Cx(two) 

lOlL electrolytic 
3n 5% polystyrene 
3,9n 5% polystyrene 
lOlL electrolytic 
2,2n 5% polystyrene 
5.6n 1 % polystyrene 
27n 1% polystyrene 
lOlL electrolytic 
lOlL electrolytic 
lOlL electrolytic 
4.7n 1 % polystyrene 
lOlL electrolytic 
lOOn metallized polyester 
47 or 501" 6-volt electrolytic 
lOOn metallized polyester 
lOlL electrolytic 
lOlL electrolytic 
lOOn metallized polyester 
lOOn metallized polyester 
330n metallized polyester 
lOlL electrolytic 
22p polystyrene 
lOlL electrolytic 
1000IL 25-volt electrolytic 
lOlL electrolytic 
IOn metallized polyester 
47n metallized polyester 
lOOn metallized polyester 
lOlL 10-volt electrolytic 
33n metallized polyester 
lOlL 10-volt electrolytic 
330n metallized polyester 
1.5n disc ceramic 
2.7n' polystyrene 

'Values for 50 to 25!'S change in time 
constant. For 75 to 251's change. as in USA, 
use 1.8nF and 39k 0 . 

nel meter is used to measure the low 
levels. 

Circuit options 
The unit can of course be constructed 
without using the kit. Provided that 
normal good practice is followed in 
circuit construction, assembly on Lek
trokit or Vero circuit boards should be 
no problem. But for those constructors 
unfamiliar with normal practice, we 
recommend using either the ful l  kit or a 
smaller p.c. board. This smaller board is 
for a single-channel processor without 
the switching and setting-up circuitry 
of the full stereo board, and is available 
separately. 

If similar functions to those of the kit 
are required the s a m e  s w i t c h i n g  
arrangements o f  Fig. 13  can be used. 
Selected field-effect transistors are 
available separately through Wireless 
World (see panel). 

The simplest possible circuit option is 
for playback of B-encoded cassettes. 
Designed for use as a noise reduction 
unit, the circuits have many more 
facilities than required for a playback
only processor; nevertheless, Fig. 12 can 

Resistors 'I.-watt. 5% tolerance unless 
otherwise stated. 

R",O' 470k R33 
t 22k 

R2,102 47k R34,134 120k 
R3,103 Ik R35,135 47k 
R4,104 470 R36,136 2.7k 
R5,105 43k R37,137 Ik 2% 
R6, lOO 100 R38,138 47 
R7,107 6.8k R39,139 15k 
R8,108 2.2k R40.140 270k 
R9,109 820 R41,141 270k 
RIO,1I0 180 R42,142 220k 
Rl1,1I1 270k R43,143 8.2k 
R,2,112 3,3k R44,144 33 
R,3,113 33k R45 27k 
R14,1I4 150k 2% R46 6.8k 
R,5.115 180k 2% R47 IM 
R,6,1I6 27k R48 IM 
R17,1I7 22k R49 4.7k 
R18a, llSa 150k RSO 2.2M 
R 18b, 118b 150k 2% R51 3.9M 
R 18e, l1Bc lOk R52,152 560 
R,9,1I9 lk R53,153 150k 
R20, 120 33k R54,I54 150k 
R21.121 3.3k 1% Rss 330k 2% 
Rn, 122 47k R'55 330k 
R23,123 2.2k R56,I56 330k 
R24,124 6.8k R57,157 lk 
R2s, 125 2.7k Rss lOk 
R26.126 IM RS9 3.9M 
R27,127 1.8M R60 1l0k 2% 
R28,128 lk R61 lOk 2% 
R29,129 15k R62 15k 2% 
R30, 130 6.2k R63 6.8k 
R31,131 8.2k R .. 82 
Rn 132 lOk Rx(two) 18k* 
t Two needed if ca\. osc. not used. 

Transistors 
Tr I' 101' Tr 5' 105 ZTXI09C, BC109C or 

equivalent 
Tr2, 102> Tr4, 104> Tr6, 10& Tr8,108.Tr9ZTXAll. 

or ZTXI09, BCI09, etc. 
Tr3. '03' Tr71 107 ZTXA21. 2N4058 or 

equivalent 
f.e.ts (two) 2N5458. MPFI04. 2SK30D 

or GR specially selected. 

'E '" 0 .r> 
C 

.c;; 
E 
C 0 
0 c 

be used in this application with an 
enormous simplification of the switch
ing. The circuit can be permanently 
wired in the decode mode, and needs 
only the switch SW4 in Fig. 13. Point C is 
permanently wired to point B via SW4 
and the signal from the head amplifier 
wired to point D via the play cal. 
control. The filter components can be 
omitted if use is to be always limited to 
playback of recorded cassettes .  

Inclusion of the facility for decoding 
B-type f.m. transmissions can be added 
to this basic design simply by retaining 
SW2a and SW'a and associated input 
circuitry .  More simply. the two switches 
can be combined into one. 

Maximum cost-effectiveness is clear
ly obtained with the encode/decode 
version. as almost all of the circuitry is 
common to both modes - see Fig. 9. 
May issue. page 204. The first basic 
simplification possible of this switcha
ble family is omission of the f.m .  facility 
Switch SW2 is eliminated, being per
manently wired in the position shown in 
Fig. 13 .  

If  a sep arate audio osci l lator is 
available. the circuit of Fig. 14  version 
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Diodes 
D" 101' D4, 104> DIO, 11 OA91 
D2,102> D3,103> Ds,lo!> DIIO, 111 IN914 
D6.9 IN4001 or IN4002 
ZDI' 101 BZV19C8V2 (8.2V zen er E-line 

package) 
IC I LM 3900. MC3401 or MC3311 
IC2 Ll31 or TDA1415 

Potentiometers 

RV"IO' 

RV 2,102 
RV 3,103 

RV 4,104 

RV5 

RV 6, lOO 

RV7,107 

RV 8,108 

RV9 

RV,O 

RV" 

lnductors 

5k or 4.7k lin. preset 
(law) 
470 lino preset (gain) 
50k or 47k lino preset 
(400-Hz osc. level) 
50k or 47k log. preset 
(play caJ.) 
5k or 4.7 lin. preset 
(5kHz osc. level) 
20k log. preset 
(record caJ.) 
5k or 4.7k log. preset 
(f.m. caJ.) 
lk lino preset 
(meter caJ.) 
50k dual log/reverse log. 
(record balance) 
50k dual log. 
(record level) 
5k dual log. 
(output level) 

L"IO' 36mH ± 5% (Toko 30569 in kit) 
L2,102 23mH. Q � 60 (Toko 30568 in kit) 
Transformer 2401 17V nominal 
Other parts (all supplied in kit) 

Dual 200-ILA meter. plastic foam. 
wire-ended 14-V 40-mA lamp. fuse and 
holder . 7-button switch unit. 6-pole 
switch (Sw�. mains switch • two 
printed boards • three knobs • three 
DIN sockets • chassis. front panel. 
screws. tag strip. meter bracket • labels, 
connecting wire, mains lead. strain
relief bush. cabinet. 

(b), need not be used. If the unit is to be 
built into a tape machine you may wish 
to omit the meter circuits. and adopt a 
simpler switching scheme.  But you 
would then need an a.c. millivoltmeter 
for setting up. The 400Hz oscillator 
wiring. shown by the broken line in Fig. 
12, could also be omitted if the same 
tape is always used. We recommend 
retention of this feature to take account 
of tapes with different sensitivities (see 
part three).  

Setting-up procedure 
For proper operation, the encoding and 
decoding signal processors and the 
intervening signal channel must be 
matched at all frequencies of interest 
and all levels. Any errors in channel 
gain. on a wideband or frequency-se
lective basis, can produce a mismatch, 
or error. in overall response. But first, 
the circuit must be adjusted to provide 
the correct degree of low-level hJ. 
emphasis and de-emphasis (lOdB at 
5kHz), and the correct threshold level. 
Matching between encode and decode 
modes must be checked. Then the 
processor must be level-matched to the 
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equipment and media (tape of t.m .  
radio) i t  is to b e  used with ; t o  b e  covered 
in part three. 

If the circuit of Fig. 12 is constructed 
without using the kit, apply the follow
mg setting-up procedure tsee part 3 for 
kit). You will need an a.c. millivoltmeter 
and an oscillator, unless you adopt the 
technique using the circuits of Fig. 14 & 
15 ,  as in the kit design. 

Before starting, make sure that the 
f.e.t. gates are shorted to earth.  Start in 
the record mode with the noise reduc
tion switched out (also the ca!. tone off 
and the filter out, if used). 

-Set law control RV1 to produce 
maximum positive voltage on the 
f.e.t .  source. 

-Feed in 5kHz signal at a level to give 
17 .5mV at test point I and note 
signal level at test point 2. 

-Switch in noise reduction and 
adjust gain control RV 2 to give a 
1O ± 0.25dB rise at test point 2. Note 
signal level * .  

-Remote f. e.t .  gate short and adj ust 
law control RV I for a 2 ± 0.25dB 
drop at test point 2. 

-Replace gate short and check that 
level returns to that identified by* . 
Finally, remove gate short. 

Encode/decode matching check. With
out altering the control settings, switch 
to play mode. 

Fig. 1 3. Sw itching interface for one 
channel of Dolby B processor a l lows 
decoding and e ncoding of tapes, 
recording and simultaneous decoding 
Dolby f. m. transmissions (cu rre nt in 
the USA), encoding of normal f. m. 
transmissions, and a normal signal for 
monitoring during recording. 
This arrangement is used in the kit  
design, but could be simpl ified in other 
constructions, for instance by omitting 
Dolby f. m. provision given by SW2 
Switch SW3a appears in both channels, 
but remainder of SW3 is used in one 
channel on ly. Pin numbers on kit  DIN 
sockets a re indicated for both channels 
(dashed boxes for left). 

-Switch out noise reduction and 
short f.e.t. gate. 

-Feed in 5kHz signal at a level to 
give 44mV at test point 2. 

- C h e c k  t h a t  s i g n a l  d r o p s  by 
10 ± 0.5dB when noise reduction is 
switched in. 

-Remove gate short and switch in 
noise reduction. Check that signal 
at test point 2 is 17 .5m V ± 0.5dB. 

Decode-only processor. As with the 
switchable encod e / decode versi o n ,  
ensure that f.e.t .  gates are shorted to 
earth, and switch noise reduction off. 

-Set law control RV1 to pinch-off 
f.e.t. i .e .  maximum positive voltage 
on source. 

-Feed in 5kHz signal to give a level 
of 44mV at test point 2. 

-Switch in noise reduction and 
adjust gain control RV 2 to give a 
fal l  of 10 ± 0.25dB at test point 2 .  
Note signal level'  . 

-Remove gate short and adj ust law 
control RV I to give a rise of 
2 ± O.25dB at test point 2 (should be 
17 .5mV). 

-Replace re.t. gate and check that 
level returns to that indicated by* 

-Remove gate short. 

Meter and oscillator calibration. If the 
meter circuits are to be fitted, calibrate 
them by applying a 580mV tone and 
adjusting for a OdB reading. One of the 
meters can then be used to calibrate the 
400Hz oscillator level, if used. (The 
circuit of Fig. 14 from the kit design 
could be used if fed from a sufficiently 
well-regulated supply line; 5% in the 
circuit of Fig. 12 . )  

-Apply input signal to point D to 
give 580mV at point G .  

-Adj ust RVg  for OdB meter reading. 
-Operate ca!. tone switch (if oscil la-

tor fitted). 
-Adj ust RV 3 to give OdB meter 

reading. 

The umt is now ready for use. But to 
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Fig. 1 4. 0scilla tor circuit used in kit  for 
generating a l -kHz tone (a) for 
calibrating the meters. Though a 
sq uare wave, the magnitude IS chosen 
to give the same reading as a 580-m V 
sine wave. Circuit is subseq uently used 
to provide a 5-kHz circui t  alignment 

tone at (b) by tempora rily using L2" 

Fig. 1 5. Meter circuits using "perfect" 
diode arrange ment. Right-channel 
meter circuit at bottom includes extra 
gain to allow measurement of low 
signal levels during alignment. 

ensure compatibility with commercial
ly-available Dolby tapes, and to ensure 
interch angeabi l i ty  of  t a p e s  fr o m  
machine to machine, i t  must b e  cali
brated using a level-setting tape, to be 
detailed in part three of this article. 

Kit construction 

Successful  operat i o n  of t h e  u n it 
depends on a number of factors. As well 
as proper matching of the unit, strict 
adherence to component tolerances and 
alignment procedure, use of selected 
re.ts, and a low ripple in  the supply line 
are all essential to correct operation. 
For these reasons the parts for the unit 
are available as a complete kit. 

The printed board of the kit is 
designed to keep wiring to an absolute 
minimum; it is for this reason that 
switches, calibration controls, and DIN 
sockets are board-mounted types. First 
thoughts indicated a double-sided board 
would be needed together with plated
through holes, but this would make an 
expensive board. The same effect could 
be achieved with a larger single-sided 
board but would result in a large 
number of links. The relatively large 
number of controls finally decided the 
format. To keep board length down, 
some controls had to be mounted above 
others, and as there was to be a 
minimum of wiring, the top controls are 
mounted on to a separate board. The 
advantage of this sandwich board 
technique is a saving of about 24 links. 

In the instru ct ions ,  c o m p o n ent  
numbers for the left-channel have 1 00 
added to the number for the right 
channel: thus R l2 I  is the left channel 
component corresponding to R21 in the 
right channel. 

Kit assembly instructions 

A number of pins are supplied with each 
kit; in fitting them insert from the track 
side of the board, tap down lightly with 
a hammer and solder into place. Insert 
pins as follows 

-two pins for the transformer input, 
marked Vin close to IC2 

-four pins for right and left meter 
outputs, marked ± M .R. , ± M.L. 

-two pins in resistor R47 position 
-one pin at the end of RS1 close to IC I 

(see Fig. 16) 
-one pin each at the end of Rss, 155 

L E F T  CHANNE L 

C 132 
@-----vvv--I R 155 

C 3 2  
@---vvv-i R55 

R I G H T  C H A N N E L  

close t o  C32 (see Fig. 16) 
-three pins in the L2 position, marked 

with broken lines, next to IC I 
- one pin at the 5kHz oscillator 

output point, marked "osc" 
-six pins in the holes marked E,  R, L;  

E, r and 1 between socket Skt3 and 
C7 • 

There are seven links to be inserted on 
the main board; two further links are 
used if a tuner is to be connected to the 
auxiliary input socket, rather than the 
tuner input. The two f.e.t.-gate links 
should be looped, to allow easy break
ing and making of the gate during 
alignment. Close-tolerance compon
ents, i .e .  resistors of 2% tolerance or 

R50 

( a )  

( b )  

� � 
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c,�® 

+ 15V 

+ 1 5 V 

+ 
C 131  

r-RV108 l;CAL 

better and capacitors of 5% tolerance or 
better, are separately packed. 

- Insert seven or nine l inks ,  as 
appropriate. 

- Mount c lose-tolerance resistors 
R21 . 12 1 - R14, 1 l4  - R1S,l ls - R 18b;1 l8b 
- R37, 137' 

-Follow with close-tolerance capa-
citors C2 102 - C3 103 - C6 lOO - C7 107 
- C I l , I l I : ' , , 

-Mount the remaining fixed resis-
tors and capaCitors identified on 
board ,  excepting C30, R47, Rss

,lss, 
Make sure electrolytic capacitors are 
inserted the correct way round, that is, 
indented end to the hole marked +. 
Note that Rss to R64, Rx and Cx will be 
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left over. in addition to the four 
components already mentioned. 

-Add pre-set potentiometers RVI , IO I 
- RV2,I02 - RV3,I03 - RV4, l04 -
RV5 - RVs,los' 

There are four types of diodes. easily 
identified by the quantities supplied, 
Zener diodes have the connections of 
the E-line package. the + lead corre
sponding to the collector position in Fig, 
17 .  Of the others . the OA9l germanium 
diodes will be the largest and glass-en
capsulated; the rectifier diodes will be 
the four plastics-encapsulated ones; and 
the lN9l4s should be the smallest. of 
either glass or plastics, The band-end is 
to correspond with + on the board. 
Base connections for the transistors are 
shown in Fig.  1 7 ,  The field-effect 
transistors may have various markings 
but nevertheless wil1 have been special
ly selected. Transistors Trl , lo l and Tr5, I05 
must be type ZTX109C . but the remain
ing n-p-n type may be supplied as either 
ZTXAll  or l 09C. IC I is located so that 
the end having the indent or other 
marking corresponds with the board 
marking. Solder next in place 

-diodes ZDI , I OI .  - 0 1 ,1 01 to 05,1 05, 06 

to 09• 0 10.1 10 and 0 1 1 ,1 1 1  
-transistors Trl , I01 Tr5,I 05 (ZTX1 09C). 

Tr3. 103 and Tr7, I 07 (ZTXA2 l) .  field
effect types. fol1owed by remainder 

-integrated circuits IC I lC2. 

When positioning the three DIN sockets 
make sure they are vertical and in line 
with each other. for appearance's sake. 
Check functioning of the push-button 
switches as they are difficult to remove 
once soldered. As the switch board 
markings wi l l  be covered by the  
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p'l n  
l oc a t i o n  

Fig. 1 6. Main board markings show 
seven essential links plus two optional 
lin ks. for use if a tuner is to be 
applied to auxiliary socket. Some pin 
locations are shown. (Boards in kit  
have a slightly d ifferent track 
arrange ment.) 

Fig. 1 7. Socket connections. viewed 
from "holes ". If E-line zener diode is 
used. as suppl ied in kit. the + sign on 
the board should correspond with the 
position of the collector lead in the 
E�line package shown rig ht.  

switches. identify them before assem
bly. Take care to pu sh them fu l1y into 
the board and en sure that they fit 
squarely: any skew will  result  in 
misalignment with the front panel .  Fit 
and solder 

-three DIN sockets 
-switches SWI to SW6 
-inductors LI .  LIOI . L I02. but not L2. 

Sub-printed board Compon
ents are fitted on to the track side of the 
subsidiary printed board. 

-Solder components CX' Rx. 
- So l d er potent iom eters  RV 6 . 1 06 '  

RV7 1 07· 
-Attach plastics adj uster inserts into 

RV6. RV7· 
-Cut off potentiometer legs flush 

with the board. 

The sub-board should be spaced about 
O.09in away from th e top of the main 
swi tches to e n s u re potent iometer  

b 0 Z T X  

cOO e 0 underside 

3 0  

2 

2 
o 

9 fg'\ f . e . t . � � underside 

S O C K E TS 
Skt , - 3 

viewed from 
back 

track view 

centres line up with the front panel 
holes. Matchsticks form convenient 
spacers. 

-Lay matchsticks on SW2a and SWI 
-Position sub-board .  check align-

ment and solder 
-Join areas on sub-board marked R. 

L. r. I to corresponding points on 
main board using twin-screened 
cable. Earth at one end only to 
points marked E. 

-Connect link point on sub-board to 
link point on main board almost 
underneath . 

-Insert links marked "Mpx" for use 
with 25-,us B-Type f.m.  transmis
sions. 

Returning to the main board. be careful 
to align potentiometer spindles hori
zontally. 

-Solder dual potentiometers RV 9 
(log/ reverse log). RV IO• RV I 1 . 

-Check underside of board for so lder 
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Complete kits for the Wireless World 
Dolby B noise red ucer a re ava i l a b l e  
through t h e  add ress g i v e n  be low.  
The two-channe l  des i g n  featu res :  
• a weig hted no ise  red uctio n  of 9 d B  

• switch ing  for both encod i n g  
( Iow-level h . f .  com press ion)  a n d  
decod ing  

• a switchab le  f . m .  stereo m u l t ip lex  
and bias f i l ter  

• provis ion for  decod i n g  Dolby f . m .  
rad io tra nsmiss ions (as i n  USA) 

• no equ ipment needed fo r a l ig n 
ment 

• su ita b i l ity for b oth open-reel and 
cassette tape mach i nes 

shorting and dry j oints. 
-Crop leads to avoid touching chas

sis. 
-Insert thin sheet of card between 

board and chassis. 
-Fix board in position with 6BA 

screws. 

Off-board assembly. Fix in position 

-transformer 
-fuseholder 
-mains switch to meter/ switch 

bracket 
-bracket with tag strip under one 

screw. 

At this point you can tape the meter to 
the bracket temporarily with the piece 
of foam plastic m ateria l  between ; 
normally the meter will be held in 
position by the front panel . Continue 
with off-board wiring 

-transformer secondary to two 
points of tag strip (not earth tag) 

-the two tags to Vin terminals on 
board 

-meter illumination lamp. in series 
with R64, to the two tags, the 
j unction to a th ird tag (not earth 
tag) 

-meter terminal!; to ± M.R.  and 
± M.L. on board (note + terminals 
on meter) 

-mains cable brown lead to trans
former primary via fuseholder and 
switch 

The kit i nc l udes : 
-co m plete set of com ponents for a 

ste reo processor 
- reg u l ated powe r supp ly  com pon

ents 
- boa rd-mounted D I N  sockets a n d  

push- butto n switches 
-fi b re g l ass  board des i g n e d  for 

mi n i m u m  wi r ing  
-sol id  mahogany ca b inet ,  chass is ,  

two meters ,  f ront  pa ne l , knobs ,  
mou nti n g  screws a n d  n uts .  

Pr ice is  £43 i nc l u s ive . 
A s i n g l e -c h a n n e l  p r i n ted -c i r c u i t  
board , i n c l u d i n g  com ponents costs 
£8 . 6 3  i nc lusive (exc l u d i n g  edge 
con nector, £ 1 . 3 7  extra ) .  Se lected 

-mains cable blue lead. via switch to 
transformer primary 

-mains cable earth lead to earthed 
tag on strip 

-insert strain-relief bush in hole and 
pass cable through 

- stick on labels : one to identify 
sockets and play calibration poten
tiometers. the Dolby Laboratories 
label on the rear close to socket 
Skt3 , and the th ird inside chassis 
close to transformer. 

Setting-up procedure for the kit design 
together with calibration detai ls wil l  be 
given in part three of this article. 

f ie ld -effect tra ns istors cost 68p each 
i nc lus ive,  £ 1 . 2 0  for two and £2 . 2 0  
f o r  fo u r .  

Ca l i brat ion ta pes a re ava i lab le ,  
cost ing £ 1 . 9 4  inc lusive for  9 . 5cm / s  
open-ree l  use a n d  fo r ca ssette 
(specify wh ich) .  

Send  ca sh with ord er,  mak ing 
cheques payab le  to I PC Bus i ness 
Press Ltd , to : 

Wi reless World noise red ucer 
Gene ra l  sales depa rtm ent 
Room 1 1 , Dorset H ouse , 
Sta mford Street 
London SE 1 9 LU 

Al low t h ree weeks for de l ivery .  
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Correction to part 1 :  Readers of part 1 
of this article will have noticed a 
discrepancy in referring to JVe's a.n .r.s. 
scheme. Being of the general class of 
Fig.  5(a) , it is incorrect to refer to H • • •  a 
fixed high-pass filter in the subsidiary 
signal path. as is done with the JVC 
a.n .r.s. system, . . .  " (page 203, column 
2). It should be clear that the subsidiary 
signal path of Fig. 5(c) is a feature of the 
Dolby system, arid not JVe's. The Dolby 
filter of course has a variable frequency 
characteristic, whereas the JVC circuit 
uses a fixed turnover frequency. In 
a.n.r.s . •  the filter is in the main signal 
path during encoding and the whole 
compressor is placed in a high-gain 
negative feedback loop during decod
ing. It is therefore incorrect to include 
the parenthetic reference to the JVC 
technique following the reference to 
Fig.  5( c) on page 202 (foot of column 3). 

Dolby Laboratories tell us the amount 
of distortion introduced in the processor 
output as a result of the overshoot 
suppression diodes operating is a few 
times higher than the 1 % figure quoted 
on page 205. As mentioned. this distor
tion is momentary of course. occurring 
when the causal (not casual .  as mis
printed!) programme transients mask 
the distortion. Dolby Laboratories also 
point out that the variable decay time 
mentioned in the following paragraph is 
a feature of the A system only; it is fixed 
at lOOms in the B system.  
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Wireless World Dolby noise reducer 

3 - Kit al ignment and cal ibration 

by Geoffrey Shorter 

Intended mainly for hiss reduction in magnetic-tape recording machines, this noise reduc
tion unit can be switched to decode commercially-available Dolby B-encoded cassette 
tapes, Dolby B-encoded f.m . radio transmissions (current in the USA), or to encode blank 
tapes from any source. As an alternative it can be used in trading some of the noise 
improvement for reduced distortion at peak recorded levels. Part 1 in the May issue gave 
background to the Dolby system and part 2 gave circuit and constructional details 
together with some suggestions for circuit options and alignment procedure. This part 
shows how to set-up the kit version design without using additional equipment and gives 
calibration procedure. 

Constructors who build a Dolby-B 
processor without using the full WW kit 
have the option of using the power 
supply included in the circuit of Fig . 1 2  
o r  o f  using a n  alternative one, for 
instance one built into existing equip
ment. Component values for the circuit 
of Fig . 12 have been optimized to 
provide an overload margin of 1 6dB 
(equivalent to 1200nWb / m  on open
reel) for a 1 5-volt supply, but voltages 
between 1 5  and 24 volts could be used 
provided component voltage ratings are 
c h o s e n  a p p r o p r i a t e l y .  T h e  m a i n  
requirement i s  that supply ripple b e  less 
than 200/-LV r.m.s. Current consumption 
at 15 volts is 20mA per processor; with 
ICI and IC2 it is 30mA. The voltage 
regulator IC2 , whose output is 1 5  volts 
± 5%, is essential if the meter calibration 
oscillator of Fig. 14  is used. Input to the 
regulator should be not greater than 
25V and not less than I B .25V. 

Kit setting-up procedure 
The procedure for setting up the kit 
design is a little more elaborate than the 
basic alignment instructions because it 
is designed to eliminate necessity for 
additional equipment Le.  a.c. mil livolt
meter and variable-frequency a.f. oscil
lator. It therefore includes a facility for 
generating a 5kHz circuit alignment 
tone, as well as a 400Hz calibration tone. 
Two meter amplifiers, and a 5BOmV 
source ( l kHz oscillator) to calibrate the 
meters, are included to obviate the need 
for an a.c. millivoltmeter. 

In using the in-built meter scale in 
setting up, it is better to use close-toler
ance resistors in an attenuator so that 
all measurements can be made at one 
meter r-eading (OdB). Errors in meter 
reading are minimized by this tech-

nique, and errors due to an inaccurate 
scale eliminated. 

Right-channel meter calibration 
The unit is aligned using part of IC I  as a 
meter calibration oscillator. The ampli
fier section of ICI based on pins 10, 1 1  
and 1 2  is first used as shown in Fig. 14 .  
In this mode the amplifier is wired as an 
astable mu l t i v i b r a t o r  s w i t c h i n g  
between the 1 5V supply rail and OV, 
with a mark-to-space ratio of about 1 :  1 
and a frequency of around 1 kHz. The 
real voltage swing is a little less due to 
saturation voltages, but is highly 
repeatable from one sample to another. 

Typical performance 

Noise reduct io n :  bette r t h a n  9 d B  
we i g h ted 

C l i p p i n g  level 1 6 . 5 d B  a bove D o l by 
leve l ( m e a s u red at 1 % t h i rd h a r
m o n i c  content) 

H a rm o n i c  d i stort i o n :  0 . 1 % at D o l by 
leve l  (ty p i c a l ly 0 . 0 5 %  over most  of 
b a n d , r iS i n g  to a m a x i m u m  of 
0 . 1 2 % ) 

S i g n a l-to- n o i s e  ra t i o :  6 6 d B  ( 2 0 H z  to 
2 0 k H z ,  s i g n a l  at D o l b y  leve l )  

Approxi mate voltage rea d i n g s  (AVa 
8) 

col lector e m itte r 
T r ,  9 . 0  0 . 6  
T r 2  1 4 .3 1 . 5 
T r 3  7 . 6  ra i l  
T r 5  ra i l  7 . 6 
Tr6  8 . 8  
T r 7  8 4  ra i l  
T ra 8 . 0  2 . 6  

l e ,  p i n  4 6 . 8V 
p i n  5 7 . 7V 

-Connect resistor R59 (3.9M O )  from 
the pin at R51 to pin 2 or the �' 
position. 

-Wire R58 ( lOk O )  in parallel with R47 
( I M O )  across the pins at R47 
position. 

- F o rm an atten uator  with R so 
( I IOkO 2%) and RSI ( lOkO 2%) in 
series, Fig, 14,  earthing the end of 
RSI by cormecting to pin 3 of �'and 
connecting R60 to pin 1 .  

-Solder one end each o f  R55 (330k O 
2%) and R I55 (330kO )  to their pins. 
Take the other end of R55 to the 
j unction of R60, R61 (R 155 remaining 
floating). Switch on . 

-Adjust RV8 (Fig, 1 5) until the r,h . 
meter reads OdB. Switch off. 

-Remove R55, R58, R59, R60, RSI and do 
not alter the setting of RV 8' 

Circuit alignment 
The now-calibrated r,h. meter is used to 
set the gain and f.e,t .  bias cont!'ols of 
both left and right processors with the 
help of a 5-kHz oscillator, Fig. 14 ,  
adapted from the l -kHz oscil lator 
circuit by using arrangement (b). 

-Solder C30 in position, removing 
and replacing the p.c.b, 

-Solder L2 on to pins 1 and 2 of the 
L2' position. Gently screw in the 
core, 

Right-channel circuit alignment. 

-Connect RS I ( lOkO 2%) between the 
R55 pin and test point 1 (TPl)  on the 
sub-board. 

-wire the oscillator pin, marked 
"osc." to the sub-board pin marked 
R' (input to processor). 

-Set RV 5 (oscillator level) fully 
anticlockwise, Check that no plugs 
are connected into the sockets. 
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Set RV 2> 102 fully anticlockwise. 
Switch on. 

-Select the auxiliary position for 
SW2. Set the balance control RV9 to 
mid-position and the input level 
control RVIO fully clockwise. 

-Ensure the c'alibration tone switch 
Sw3, the noise reduce switch Sw 4, 
and the 1 9-kHz filter switch Sw 6 are 
in the off position (out) , and the 
check tape switch SW5 is in the 
normal position (out). 

-Check that the f.e.t .  gates have 
previously been shorted to ground 
by two looped links. 

-Turn the law control RV 1 fully 
clockwise to pinch-off f.e.t. 

-Switch SW1 to record and adjust 
RV 5 until the meter reads OdB 
(equivalent to 1 7 .5mV at TPI) .  
Switch off. 

-Transfer the end of R61 from TPI on 
the sub-board to TP2 and switch 
on. Meter should read within :t l dB 
of the previous, O -dB reading. Note 
actual reading *. Switch off. 

-Solder R62 ( 1 5 k O  2%) and R63 
(6.8k O )  in series with R61 ( i .e .  
between the R55 pin and TP2), 
decreasing meter sensitivity by 
l OdB. Switch on and check meter 
reading reduces by roughly two 
thirds. 

-Switch on noise reduction, Sw 4 and 

Fig. 1 8. First part in setting-up 
procedure for kit version (left) shows 
arrangement used in calibrating the 
right-channel meter. For aligning the 
noise reduction circuit the meter 
calibration oscillator is changed to a 
5kHz oscillator, using L2 temporarily in 
the Li position (centre). Its output, via 
the "osc" pin, is taken to the processor 
input (R' for the right channel). To 
calibrate the 400Hz oscillator, L2 is put 
in its normal position, the i.c. oscillator 
disabled, and the oscillator output 
taken from TPl or TPl Ol (right). 
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A mplitude response with a n d  without 1 9kHz filter, 

adjust RV2 (gain) to bring back 
meter reading to that noted above 
at *. Switch off. 

-Cut the f.e.t .  gate short for the 
right-hand channel with wire cut
ters and short-circuit R63 increasing 
meter sensitivity by 2dB. Switch on.  

-Adjust RV1 (law) until  meter reads 
as noted above, at *. Switch off. 

- Re -apply f. e . t .  gate short and 
replace R63. Switch on and check 
meter still reads as above, at * 
Switch off. Remove gate short. 

Encode/decode matChing check. 

-Switch SW1 to play and switch 
noise reduction off, Sw 4. 

-Short-circuit R63, leaving R61 and 
R62 connected. Set RV4.1 04 fully 
clockwise. Switch on. 

-Adjust 5-kHz oscillator output level 
control RV5 until meter reads OdB 

(equivalent to 44 mV at TP2 ) .  
Switch off. 

-Switch noise reduction on, Sw 4. 
Short-circuit Rs2 and R63 so that 
only R61 is in circuit. Switch on.  
Meter should read OdB to within 
± I dB.  Switch off. 

Left-channel circuit alignment. Now 
repeat this process for the left channel, 
starting from the point of connecting 
R61 between the R55 pin, (not R 155) and 
the test point - now to be TPI O I  - on 
the sub-board. Note that the right 
channel meter, being calibrated, is still 
used in setting up the left channel, and 
that TPI O I  is to be read for TPI ,  TPI02 
for TP2, RV101 for RV1 , RVlO2 for RV2, 
and that the left-channel f.e .t .  gate
shorting loop is now implied. The "osc" 
pin is to be connected to the point L' on 
the sub-board at the appropriate time. 
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After repeating for the left channel, 
switch off. The gain and law adjust
ments are now complete.  

-Remove the f.e.t. gate shorts,  RsI ,  
RS2 and L2, inserting L2 into its 
normal (final) location. 

400Hz oscillator calibration 
-Solder one end of Rss to its pin and 

connect the other end to TPl .  
-Short pins 1 and 3 t  a t  the L2' 

position, and remove the wire from 
osc pin to point L'. Switch on. 

-Switch SWI to record, press the 
noise reduce switch Sw 4 off and 
switch on the 400-Hz calibration 
tone oscillator, SW3' 

-Adjust RV 3 (oscillator level) until 
the right-channel meter reads OdB. 
Switch off. 

-Transfer the end of Rss from TPl to 
TPlOl  and switch on.  Adjust RVI03 
until the r.h. meter reads OdB. 

-Repeat this procedure because of a 
slight interaction between RV 3 and 
RV 103' Switch off. 

Left-channel meter calibration 
-Disconnect Rss from TPlOl  and 

connect the free end of RI ss to 
TP lOl  and switch on. 

-Adjust RV 109 to obtain OdB at the 
left-channel meter, being careful 
not to disturb RVg. Switch off the 
ca\. tone oscillator. Switch off. 

tExperience has shown that a better method of 
disabling the 5kHz oscillator is to remove RI7' 

19kHz filter adjustment 
-Wire RIss permanently onto the 

main board, replace Rss with RSI 
and connect free end to TPl .  

- Connect a n  f.m. stereo tuner t o  the 
auxiliary input and with the aux
tuner links wired in, switch on and 
t u n e  to a B B C  s t e r e o  t e s t  
transmission . * 

Alternatively ,  if a high accuracy 
(:±: 50Hz) 1 9kHz oscillator i s  available, 
connect its output to point R' on the 
sub-board. 

-With zero a.f. modulation .. adjust 
the record level control RVIO to give 
a OdB meter reading. Switch the 
19kHz filter on, Sws. 

-Adjust � for minimum reading on 
the right-channel meter. Do not 
adjust LI or LIO I .  Increase record 
level for sharper null  near tuning 
point. 

Repeat for the left channe l starting by 
transferring end of RSI from TPl to 
TPI0l , and adjusting LI02 for minimum 
reading. (In using a 1 9kHz oscillator, 
connect to point L' on the sub-board 
and transfer RSI lead from TPl to TPlOl  
before adjusting LI02') 

Calibration 
To ensure interchangeability of all  
Dolby B-encoded tapes and of Dolby 

• Stereophonic test transmissions are broadcast 
about four minutes after the close of Radio 3 
programmes on Mondays and Saturdays. The zero 
a.f. modulation part occurs about 11 m inutes after 
the start and lasts for nearly two minutes. 
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B-equipped machines, the voltage levels 
in the processors must be related to flux 
levels on the tape. A certain amplitude 
level is used that bears a fixed relation
ship to the noise reduction parameters 
and to conditions between encoder and 
decoder. The level chosen corresponds 
with a flux on open-reel tapes and 
c a r t r i d g e s  of 1 8 5 n W b / m ,  w i t h  
200nWb/m for cassette tapes, with a 
deviation of 37.5kHz on f.m.  transmis
sions, and with a voltage level at the 
processor output of 580mV r .m.s .  

This level, often called Dolby level ,  
shou ld not be taken to imply an 
operating level .  If  the level- setting 
meters in the unit are to be used as 
modulation-depth meters, a mark may 
be made on the meter to indicate the 
reference level. W hilst setting this level 
equal to OVU on meters can often lead 
t:> reasonable modulation depths, this is 
not always the case : for cassette 
recorders it is best set at + 3VU. 

The 40 0 H z  osc i l la tor  and tapes 
recorded with a 400Hz tone to the above 
level are used in calibrating units, once 
the circuitry has been set up. When 
playing or recording the standard flux 
level, the 580mV level is set by adj usting 
the play calibration potentiometers 
during play, and the record calibration 
potentiometers during recording. 

Playback-only decks and units. As the 
signal levels on encoded tape cassettes 
are to be related to those in the decoder 
during playback only, the 400Hz oscil
lator is not required and calibration is 
achieved with a calibration cassette, 
containing the reference flux. 
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An alternative to the kit design is this single-channel processor, using the circuit of 
Fig. 12 but excluding power supply, align m e n t  a n d  ca l i b ra t ion c i rc u it ry .  ( Trac k  
diagram will b e  given in a su bseq uent issue.) 

- Switch noise reduction off. 
- Play calibration tape. Set play 

gain control on tape deck to OVU 
on deck meter, if possible, or  to 
mid-position otherwise. 

- Adjust play cal. control for 580m V 
on meter or Dolby level indica
tion, depending on meter used. 

Playback gain controls on the recorder 
in the signal path en route to the 
processor input should not now be 
disturbed. 

Switchable encode/decode processors .. 

Playback calibration 

- Switch to play and switch off 
noise reduction . Connect milli
voltmeter to point G if meters not 
built-in. 

- Play calibration tape. Set play 
gain contrl)l on tap e deck if fitted 
to OVU on deck meter, if possible, 
otherwise to mid-position. 

- Adjust play cal. control for 580m V 
indication. 

This completes playback calibration 
and the play gain controls on the tape 
deck should not be altered. Adj ust 
listening level with the output level 
control following the decoder output 
(as in Fig . l3) .  

Record calibration 
Start by setting record gain control on 
tape deck to mid-position, if fitted. (If 
combined with playback gain, do not 
adj ust.) 

- Switch to record. 
- Fit blank tape (as recommended 

by maker or for which bias is 
correctly adj usted) and feed in 
400Hz at points from external or 
internal oscillator. (If unit has 
been built into cassette machine 
and 400Hz input is via line input 
socket, adj ust record level control 
so that meter reads 580m V, or 
Dolby level.) 

- Record on tape for a few seconds, 
rewind and playback, switching 
to play on the noise reduction 
circuit as well as on the deck. 
Note whether meter shows about 
or below 580m V, or Dolby level. 

- Make small adj ustment to record 
cal. controls in appropriate direc
tion and record 400Hz tone again, 
observing meter reading on play
back. Repeat this procedure as 
many times as necessary to obtain 
correct reading. 

This completes record calibration for 
tapes. If the circuit of Fig . 1 3  or similar 
has been adopted, recording level is 
adj usted with record ba lance and level 
controls on the noise reduction unit, the 
level being j udged by the tape deck's 
normal meters. 

When the noise reduction unit is 
connected to a t hree -head machine 
with a simultaneous m onitoring facility 
the tape signal may be monitored in its 
encoded form by operating the check 
tape switch. 

Simultaneous encode/decode circuits. 
Constructors with three-head machines 
having a s imultaneous monitoring 
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facility can use single-processor boards 
permanently wired in the encode and 
decode modes. If provision for encoded 
f.m. transmissions is required switching 
must be arranged so that encoding does 
not take place during recording. A 
monitor switch can be provided at the 
input to the decoder, to switch from 
tape, via a play cal. potentiometer, to 
source Le. a connection to the encoder 
output via a 580-30mV attenuator, Fig 
19.  
Playback calibration procedure is as 
above, but record calibration is simpli
fied. 

- Set record level controls on tape 
recorder to mid-position. Set 
monitor switch to tape. 

- Record on blank tape, operating 
the calibration tone switch or 
injecting a 400Hz tone from an 
external oscillator. 

- Adjust record cal. control so that 
meter reads 580mV, or Dolby 
level. 

FM calibration. If you wish to set the 
controls for encoded f. m. transmissions, 
currently being transmitted by stations 
in the USA, an approxim ate calibration 
can be achieved by tuning to a local 
station , switching to f.m.  or Dolby f.m. 
and setting the f.m. cal. control to give 
meter readings similar to those obtained 
when playing pre-recorded tapes. More 
accurate adj ustment can be obtained if 
a station can be received which trans
mits the 400Hz calibration tone, identi
fied by a characteristic warbling, or 
alternatively by u sing an f.m .  generator. 
In this last-mentioned case, modulation 
frequency should be set to about 400Hz 
with a peak deviation of 37.5kHz (not 
including pilot tone). 

Change of time-constant for 
encoded f.m. transmissions 
There are two commonly used pre-em
phasis time constants, 50llS and 751ls. 
Under certain conditions, these values 
can lead to reduced modulation at low 
and medium frequencies or severe 
a m p l i t u d e  d i s t o rt i o n  at h i g h  fre 
quencies. In the USA the FCC has 
approved Dolby Laboratories' proposal 
of using 25JlS for encoded transmissions, 
and to receive such broadcasts it is 
necessary to alter the de -emphasis time 
constant. In the circuit of Fig . 1 3  this is 
achieved with components Rx and Cx, 
values being given in the components 
list on page 259 (June) for the change 
from 75 to 251ls and for a change from 50 
to 251ls (not yet authorized in 50llS 
c o u ntr ies) . W h e n  r e c o r d i n g  s u c h  
broadcasts the encoding function o f  the 
noise reduction unit is clearly not 
required and the "Dolby f.m."  switch 
position automatically switches off the 
encoding function. Application of the 
Dolby B system to f.m. broadcasting is 
discussed in two articles in the Journal 
of the A udio Engineering Society, June 
1973, pp.351 -62, and briefly in the July 
1 974 issue of Wireless World, page 237. 
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_ Tune in to whichever of these 
signals is available. 

- Switch to record, and to either 
f.m. or Dolby f.m. 

- Adjust f.m. cal .  control so that 
meter reads 580mV, or Dolby 
level. 

Using the unit 
The calibration procedures described 

theoretically apply to the one tape 
speed used during calibration. Whether 
the calibration will hold for different 
tape speeds depends on the design of the 
deck, so check calibration when speed is 
changed. The calibration tape available 
can be used at 4.75 and 1 9cm/s ,  as well 
as 9.5cm /s.  (For 38cm /s  tape speed, 
where the noise spectrum is wideband, 
applying the B-type system may result 
in the remaining mid and low-frequency 
noise becoming more apparent). When 
the brand of tape is changed it is usually 
necessary to readjust the record ca!.  
controls, the play ca!. setting remaining 
unchanged. The characteristics of cas
sette tape s  are m ore critical ,  and 
changing brand will normally require 
adjustment of bias (and equalization 
when using Cr02 tapes) . 

When the unit is connected to the 
normal input and output points of a tape 
recorder, the recorders own input and 
output controls from part of the cali
brated system. The settings used during 
calibration should not be disturbed, 

Compl ete kits for the Wireless World 
Dol by B n o i se red ucer a re a va i la b le 
through the a d d ress g i v e n  b e l o w .  
T h e  two-c h a n n e l  desi g n  fea t u re s : 
• a weig hted n o ise red uct i o n  of 9 d B  

• switch ing for both encod i n g  
( I ow-level  h . f .  com press i o n )  a n d  
decod i n g  

• a switc h a b l e  f . m .  ste reo m u lt i p l ex 
a n d  b ias f i l ter  

• prov i s i o n  for d ecod i n g  D o l b y  f . m .  
rad i o  tra n s m i ss i o n s  (as i n  U SA) 

• no eq u i p m ent  n eed ed fo r a l ig n 
ment 

• suitab i l ity fo r both open-ree l  a n d  
cassette tape m a c h i n e s  

• check tape switch for  encoded 
mon itori ng i n  th ree-head mach i nes 

input and output level controls being 
provided on the noise reduction unit, 
and it is a good idea to mark the tape 
recorder control settings. 

The amplitude response of the tape 
recorder must be flat and its gain unity, 
measured between point G of the 
processor in record and play, to ensure 
correct operation ,  so that the signal 
voltage in the decoder is the same as 
that at the encoder (to within 2dB). If 
there  is a b a n d w i d t h  r e s t r i c t i o n  
between encoder and decoder, e . g .  i f  the 
response of the recorder does not 
extend up to at least 1 0kHz, a non
complementary situation arises, un less 
of course the encoder input bandwidth 
is similarly limited. 

In using the unit don 't forget that it 
will only reduce noise generated after 

The kit i nc l u d e s :  
-co m p lete set of com p o n e n ts fo r a 

stereo p rocessor 
- reg u l ated powe r s u p p l y  c o m p o n 

ents 
- board- m o u n ted D I N  sockets a n d  

p u sh- button switc hes 
- fi b re g l a s s  board d es i g n e d  f o r  

m i n i m u m w i r i n g  
-sol i d  m a h og a n y  ca b i n et ,  chass i s ,  

two meters ,  front pa n e l , k n o b s ,  
m o u nt i n g  screws a n d  n uts . 

Pr ice is £4 3 i nc l u s i v e .  

A s i n g l e -c h a n n e l  p r i n te d - c i rc u i t  
board , with f . e . t .  costs £ 2 . 5 0 a n d  
£ 8 . 6 3  with a l l  com ponents i n c l u s ive 
(exc l u d i ng edge con n ector,  £ 1 . 3 7  
ext ra) . Sel ected f ie ld -effect tra n s is-
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Fig. 1 9. Monitor 
switch 
arrangement for 
permanently-wired 
p ro c e s s o rs i n  
three-head 
machines. 

the encoder and before the decoder. If 
the input signal is noisy in itself or is 
made noisy by poor circuitry prior to 
encoding, this n oise will be reproduced 
unaltered along with the signal. In some 
cassette decks, the l ine inputs are 
attenuated prior to amplification by a 
sometimes noisy microphone pre
amplifier. 

As the sensitivity of the processor is of 
the order of 30mV, a line input amplifier 
is not required when the circuits are 
built into a tape recorder, and the input 
signal should be taken directly to the 
input gain control via a switch ,  or 
socket with switch,  to disconnect the 
microphone pre-ampl ifier. It 's a good 
idea too to make sure any automatic 
level limiter operates only in the 
microphone input and not in the line 
input. 

tors cost 6 8 p  each i nc l us ive ,  £ 1 . 2 0  
for two a n d  £ 2 . 2 0  f o r  fou r .  

Ca l i b ra t i o n  ta pes a re ava i la b l e ,  
cost i n g  £ 1 . 9 4 i n c l us ive  fo r 9 . 5 c m / s  
o p e n -ree l use a n d  f o r  ca ssette 
(specify w h i c h ) .  

S e n d  ca s h  w i t h  o r d e r ,  m a k i n g  
ch eques paya b l e  t o  I P C  B u s i ness 
Press Ltd , to : 

W i re less World n o i se red ucer  
G en e ra l  sa les  d e p a rt m ent 
Room 1 1 , Dorset H ouse , 
Sta mfo rd Street 
Lond o n  S E 1 9 L U  

A l l ow t n ree weeks f o r  d e l i v e ry .  
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