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These nine Mullard Audio Transistors cover 
every· application from 40mW to 40W 

More and more transistorised equipment is becomin£ 
available for domestic entertainment. Mullard 

is helping to speed the day with a harmonious range of transistors for 
all audio applications: Outputs from 40mW to 40W. 

Note for equipment makers who are planning new models: 
Details of the range and the usual Mullard advisory services are ~eady for you. 

Mullard· 
Mullard House, Torrington Place, London, W.C.1. Telephone: Langham 6633 Telex: 22281 

4WW-lOS FOR FURTHER DETAILS. 
CA 5824 
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Audio Topics 
WHAT will be the topics of conversation (occasionally of declamation) to be heard 

among the knots of enthusiasts as they move from floor to floor of the Audio Festival and 

Fair demonstrations at the Russell Hotel in London this month? Headphones versus 

loudspeakers, cross-field magnetic recording? Almost certainly transistor amplifiers of 

every class from A to D (pulse width modulated). 
The choice of circuitry for transistor high-quality amplifiers is wider than ever and 

we foresee much argument between the devotees of what must now be regarded as the 

tried basic conventional deSJigns of Toby and Dinsdale, Tharma and · Osborne, and the 

modulated pulse amplifiers stimulated by D. R. Birt's article in this journal two years 

ago and represented in this issue by the design described by G. F. Turnbull and J. M. 

Townsend. 
The advent of the transistor has reopened argument about the power ratings of ampli

fiers. This interests us not only because it is a frequent cause of wrangles between 

advertisers and customers (in spite of the fact that most of our readers are sufficiently well 

informed to apply the principle of caveat emptor effectively) but because it has shown how 

our attitudes and judgments in matters of this kind are conditioned by precedent. 

Power in electrical engineering is the root-mean-square power of a sine wave. What 

more natural, then, than to rate an amplifier on the same basis, even though it is not 

normally used to boil an egg, make tea or even to reproduce sine waves? 

No one is going to argue that an amplifier which will be called upon to reproduce 

music at a satisfying level in an average living room is any the worse for being able to 

sustain indefinitely an undistorted sine-wave power of, say, 10 watts r.m.s. which, incident

ally, means · that 20 watts peak power will be touched twice in every cycle. On music 

it will be called upon to touch peak power less than 1% of the time and the average power 

· wlll be 20 dB below this, or 200 milliwatts if one is a purist and insists on preserving the 

dynamic range of the original sound. But the B.B.C. and the gramophone recording com

panies are not giving you the original peak powers anyway. If they did their service 

areas would shrink and the record groove walls would break down; both know to a 

nicety just how to fit good sound between the limits of background noise and over

modulation. 
Thinking like electrical engineers in terms of sine-wave power has hitherto done no 

one any harm because valve amplifiers are robust pieces of equipment, at least in the 

sense that if you don't drop them you can abuse them in the matter of occasional over

loading and mishaps with bias and in ninety-nine times out of a hundred get away with 

it with no more to show than a slight brightening of the glow of the anodes. 

Habits of thought induced by long experience with valves are likely not only to be wrong 

but costly when applied to transistor amplifiers. Basically the difference is in the size 

and accessibility of the heat generating surfaces in valves and solid-state devices; the semi

conductor solids are poor conductors, the junctions are buried and are also more vulnerable 

to heat. So the limiting factor is the junction temperature and the temperature gradients 

between it and the heat sinks. While the junction may be capable of handling the normal 

quota of peaks met with in music it may not survive sustained sine-wave power at the 

full output. Allowing generously for compression of dynamic range at the source, a ratio 

of lOdB betwe~n peak and average power could mean that a 10 watt (peak) amplifier 

might be required to run (and be tested) at the equivalent of a sustained sine-wave r.m.s. 

power of only 50 milliwatts. It all depends on the type of circuit and the rating of the 

transistors used. 
Clearly there is a need for rethinking on the rating of transistor amplifiers and the old 

single figure accepted for valve amplifiers may no longer be sufficient. For class A and 

B transistor amplifiers we can still give one (possibly small) figure for sustained power 

performance at a specified distortion level, but the question of testing for distortion at ' 

peak powers is one. which still needs to be settled. 
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A Feedback P·ulse Width Modulate:d 

By G. F. TURNBULL,* M.sc., and J. M . . TOWNSEND,* M.sc. 

THE advantages of on-off control systems, that is 
systems in which the power is controlled by a two
state switch, have been recognized for a long time in 

indmtrial applications, but only recently has serious 
.;::oiisideration been given to the possibility of audio power 
amplification using the technique, the main · problem 
~eing the difficulty of obtai11ing a suitable switch capable 
of operation at a high enough frequency. 

The biggest advantage possessed by systems of this 
· type is that large powers can be controlled by switches 
which themselves dissipate only a small amount of power. 
The overall ·power efficiency of the amplifying system is 
thus increased compared with the conventional (i.e. 
continuous control) type of power amplifier. Other 
advantages of th~ on-off type of system, compactness for 
example, stem from this principal fact, which enables 
heat dissipating surfaces of large physical size to be 
dispensed with. . 
· The switching frequency of such systems must be 
several times higher than the highest freque11cy to be 
amplified, which rp.ay be taken as 20kc/s for audio work. 
Mechanical switches are therefore completely imprac
ticable. 

It has recently become possible to use both transistors 
and valves as switches at these frequencies but with 
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Fig. I. (a) Diagrammatic form of simple 
on-off system. (b) Voltage waveform 
across load. (c) Block diagram of the 
simplest type of on-off audio amplifier. 
(d) Switch characteristic, showing 
method of generating variable shape 
square wave. 

valves the voltage and current values for a given power 
are not suitable to enable them to be coupled directly to 
a loudspeaker unless a special loudspeaker having a voice 
coil resistance of about ·lk D is used and these are relatively 
expensive. Transistors, however, are basically high 
current, low voltage devices which makes them ideal for 
coupling directly to the low impedance of a loudspeaker. 

This article describes the development of a transistor 
low power feedback audio amplifier which employs on-off 
control of the loudspeaker and h!ls a simple circuit which 
is not particularly critical on component tolerances, and 
is quite simple to set up to the required operating 
conditions. 

A simple form of on-off control of a loudspeaker is 
shown in Fig. l(a), where the loudspeaker is connected by 
a switch to a voltage source. The voltage waveform 
appearing across the loudspeaker is shown in -Fig. l(b). 
The average value of the loudspeaker voltage is given by:-

VT1 
VL = ··- -

T 1 + T 2 

where T 1 and T 2 are respectively the times for which the 
switch remains dosed and for which it remains open. 
The mean level of the loudspeaker voltage can thus be 
varied by alteration of the ratio of the times T 1 and T 2• 
In an audio amplifying system this variation will be 
produced by the audio signal. The general form of the 
amplifier will thus be that shown in Fig. l(c), where the 
switch is operated by a signal derived by addition of 
the audio signal and the switching waveform which is a 
continuous oscillation. This is shown graphically in 
Fig. l(d). The switch is shown as possessing a certain 
amount of hysteresis (i.e. the point at which it changes 
state is dependent upon the direction of the change). 
This is a necessary feature of a two-state switch in order 
to ensure positive changes of state at well defined points 
on the characteristic. 

For a fixed switching waveform it is possible to draw a 
curve relating the mean level of the load voltage to the . 
instantaneous value of the a.udio signal. This curve can 
then be considered as the input versus output curve for 
the non-linearity (in this case the switch) modified by the 
switching waveform. 

The exact shape of the modified non-linearity will 
depend upon the particular switching waveform used and 
it is possible to calculate the curve for ~ny waveform. The 
best switching waveform to use is that which ·gives · a 
linear input versus output curve, since any curvature of the 
amplifier characteristic will cause harmonic distortion of 
the : ~pdio .signal. It can be shown th~t , a switching 
waveform which is a . symmetrical triangle will .give a 
modified non-linearity wh,ich is exactly . .linear between , 
two limits which are set by the ratio of the hysteretic 
width of the switch (28) to the pk-pk height (6) of the 

- triangular switching waveform (see Appendix 1). The 
mo<;iified non-linearity for a hysteretic switch for two 

*Electrical Engineering Laboratories, Manchester University, ., ' · 
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valves the voltage and current values for a given power 
are not suitable to enable them to be coupled directly to 
a loudspeaker unless a special loudspeaker having a voice 
coil resistance of about Ikn is used and these are relatively 
expensive. Transistors, however, are basically high 
current, low voltage devices which makes them ideal for 
coupling directly to the low impedance of a loudspeaker. 

This article describes the development of a transistor 
low power feedback audio amplifier which employs on-off 
control of the loudspeaker and has a simple circuit which 
is not particularly critical on component tolerances, and 
is quite simple to set up to the required operating 
conditions. 

A simple form of on-off control of a loudspeaker is 
shown in Fig. 1(a), where the loudspeaker is connected by 
a switch to a voltage source. The voltage waveform 
appearing across the loudspeaker is shown in Fig. 1(b). 
The average value of the loudspeaker voltage is given by:— 

VT, V . 11 _ 
T, T T2 

where T, and T2 are respectively the times for which the 
switch remains closed and for which it remains open. 
The mean level of the loudspeaker voltage can thus be 
varied by alteration of the ratio of the times T, and T2. 
In an audio amplifying system this variation will be 
produced by the audio signal. The general form of the 
amplifier will thus be that shown in Fig. 1(c), where the 
switch is operated by a signal derived by addition of 
the audio signal and the switching waveform which is a 
continuous oscillation. This is shown graphically in 
Fig, 1(d). The switch is shown as possessing a certain 
amount of hysteresis (i.e. the point at which it changes 
state is dependent upon the direction of the change). 
This is a necessary feature of a two-state switch in order 
to ensure positive changes of state at well defined points 
on the characteristic. 

For a fixed switching waveform it is possible to draw a 
curve relating the mean level of the load voltage to the, 
instantaneous value of the audio signal. This curve can 
then be considered as the input versus output curve for 
the non-linearity (in this case the switch) modified by the 
switching waveform. 

The exact shape of the modified non-linearity will 
depend upon the particular switching waveform used and 
it is possible to calculate the curve for any waveform. The 
best switching waveform to use is that which gives a 
linear input versus output curve, since any curvature of the 
amplifier characteristic will cause harmonic distortion of 
the audio signal, ft can be shown that a switching 
waveform which is a symmetrical triangle will give a 
modified non-linearity which is exactly linear between 
two limits which are set by the ratio of the hysteretic 
width of the switch (28) to the pk-pk height (A) of the 
triangular switching waveform (see Appendix 1). The 
modified non-linearity for a hysteretic switch for two 

^Electrical Engineering Laboratories, Manchester University, 
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Fig. 2. Modi(led_jnput versus output curves for a hysteretic switch 
operated by tdangtilar waves of different sizes. 

values of · D. is' shown in. Fig. 2. As can be seen, for 
6. = 88 the ·effective gain through the modified non- · 
linearity is greater 'than for 6. = l6o, but the range of 
control is '!"educed be-cause of the effect of the hysteresis 
of the switch. . In ·Order to obtain both high gain and full 
range of output level, the hysteretic width must be made 
very small. The most direct implementation of on-off 
control would thus use a switch with very low hysteresis, 
switched by a waveform generated by the addition of a 
very small triangle and the audio .signal. 

Before a system can be designed, however, it is necessary 
to decide upon the exact form to be taken by the switch. 
In general, the simple type of switch shown in Fig. l(a) 
suffers from several disadvantages. The biggest of the 
disadvantages arises from the fact that when the system 
is operating at the centre of the linear region, as would be 
the case, for example, when no audio signal were present, 
there is a mean current V /2R flowing in the load, since 
T 1 = T 2• This results in the loudspeaker being displaced 
from its no-nnal equilibrium position and may alter the 
loudspeaker characteristics and introduce distortion of the 
audio ·signals. A further disadvantage of the simple 
system is that stray capacity across the load will cause the · 
square ;wave to be asymmetrical. This is shClwn dotted in 
Fig. · l(b). · This · asymmetry will cause -curvature of the 
modified non-linear· characteristic and, therefore, dis
tortion to the audio signal which is again undesirable. 

The disadvantages of the simple switch are largely 
overcome in the double switch system ·shown in Fig. 
3(a). The·· practical implementation of this system can 
be achieved by following a .simple switch (operated by 
the triangular ·waveform)- by the arrangement shown in 
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Fig. 3(b). Since the load is driven in both. directions . 
from a low impedance source the effect of stray capacity 
is very much redl,lced, and is approximately the same on 
both edges. The square wave across the load, when · 
T 1 = T 2, h,as a mean level of zero and since in audio 
applications the d.c. component of the audio signal is 
always zero, the loudspeaker load can in fact be driven 
via a capacitor. In this case the battery supply need not 
be centre tapped, the load being returned to either the 
positive or the negative end of the supply. As statf d 
earlier, the frequency of operation of the switch must te 
greater than 20 kc/s in · an audio system, and at these 
frequencies the effect of extra capacitance in all parts 
of the switch cannot be neglected. Due to imperfections · 
in the driving waveform and stray capacity at the output 
the edges of the square wave will in fact occupy a finite 
time and although use ·of a double switch makes the 
edges more nearly symmetrical, the finite · slopes of the 
edges will cause a certain amount of curvature of the 
modified non-linearity, mainly at the ends of the linear. 
range, since it is there that the output wave will depart 
most from the ideal. The time occupied by the change 
over from one state to the other will . have a further effect 
since during this time the product of voltage and current 
in the switching transistors is not ·zero. The power 
dissipated in the switching transistors will therefore 
increase as the proportion of the total time occupied by 
the edges of the square wave is increased. It is apparently 
most important therefore to ensure that the edges of the 
square wave occupy only a very small portion of the 
duration of the · square wave, in order to keep both 
distortion and power dissipation to a low level. The 
actual power dissipated in each output transistor is 
calculated in Appendix 2. 

Amplifier Design 

In order . to ascertain the potentialities of the on-off type 
of audio system a small, low power system was con
structed to the following specification: 

(1). Power output 2 watts r.m.s. into a 15 ohm loud
speaker. 

(2). Frequency response within ± 3dB from 50 cjs to 
20 kc/s. 

(3). Amplifier sensitivity such that lOOmV r.m.s. input 
signal shall produce full output. 

(4). Input imp.edance approximately lOkn. 
The specification was chosen so that the system would 

be comparable with low power amplifiers of more con-

Fig. 3. (a) Double switch on-off system. (b) Practical implementation 
of (o) using two transistors. 
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Fig. 2. Modified input versus output curves for a hysteretic switch 
operated by triangular waves of different sizes. 

values of A is shown in Fig. 2. As can be seen, for 
A = 88 the effective gain through the modified non- 
linearity is greater than for A = 168, but the range of 
control is reduced because of the effect of the hysteresis 
of the switch. In order to obtain both high gain and full 
range of output level, the hysteretic width must be made 
very small. The most direct implementation of on-off 
control would thus use a switch with very low hysteresis, 
switched by a waveform generated by the addition of a 
very small triangle and the audio signal. 

Before a system can be designed, however, it is necessary 
to decide upon the exact form to be taken by the switch. 
In general, the simple type of switch shown in Fig. 1(a) 
suffers from several disadvantages. The biggest of the 
disadvantages arises from the fact that when the system 
is operating at the centre of the linear region, as would be 
the case, for example, when no audio signal were present, 
there is a mean current V/2R flowing in the load, since 
T, = T2. This results in the loudspeaker being displaced 
from its normal equilibrium position and may alter the 
loudspeaker characteristics and introduce distortion of the 
audio signals. A further disadvantage of the simple 
system is that stray capacity across the load will cause the 
square wave to be asymmetrical. This is shown dotted in 
Fig. 1(b). This asymmetry will cause curvature of the 
modified non-linear characteristic and, therefore, dis- 
tortion to the audio signal which is again undesirable. 

The disadvantages of the simple switch are largely 
overcome in the double switch system shown in Fig. 
3(a). The practical implementation of this system can 
be achieved by following a simple switch (operated by 
the triangular waveform) by the arrangement shown in 

Fig. 3(b). Since the load is driven in both directions 
from a low impedance source the effect of stray capacity 
is very much reduced, and is approximately the same on 
both edges. The square wave across the load, when 
T1=T2, has a mean level of zero and since in audio 
applications the d.c. component of the audio signal is 
always zero, the loudspeaker load can in fact be driven 
via a capacitor. In this case the battery supply need not 
be centre tapped, the load being returned to either the 
positive or the negative end of the supply. As statrd 
earlier, the frequency of operation of the switch must be 
greater than 20 kc/s in an audio system, and at these 
frequencies the effect of extra capacitance in all parts 
of the switch cannot be neglected. Due to imperfections 
in the driving waveform and stray capacity at the output 
the edges of the square wave will in fact occupy a finite 
time and although use of a double switch makes the 
edges more nearly symmetrical, the finite slopes of the 
edges will cause a certain amount of curvature of the 
modified non-linearity, mainly at the ends of the linear 
range, since it is there that the output wave will depart 
most from the ideal. The time occupied by the change 
over from one state to the other will have a further effect 
since during this time the product of voltage and current 
in the switching transistors is not zero. The power 
dissipated in the switching transistors will therefore 
increase as the proportion of the total time occupied by 
the edges of the square wave is increased. It is apparently 
most important therefore to ensure that the edges of the 
square wave occupy only a very small portion of the 
duration of the square wave, in order to keep both 
distortion and power dissipation to a low level. The 
actual power dissipated in each output transistor is 
calculated in Appendix 2. 

Amplifier Design 

In order to ascertain the potentialities of the on-off type 
of audio system a small, low power system was con- 
structed to the following specification; 

(1). Power output 2 watts r.m.s. into a 15 ohm loud- 
speaker. 

(2). Frequency response within 3dB from 50 c/s to 
20 kc/s. 

(3). Amplifier sensitivity such that lOOmV r.m.s. input 
signal shall produce full output. 

(4). Input impedance approximately 10k A. 
The specification was chosen so that the system would 

be comparable with low power amplifiers of more con- 

Fig. 3. (a) Double switch on-off system, (b) Practical implementation 
of (a) using two transistors. 
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Fig. 4. Circuit diagram of the open-loop audio amplifier. 

ventional design. Various aspects of the design procedure 
will now be considered. 

Design of the Switch 

Neglecting the bottoming potentials the maximum power 
in the loudspeaker (see Fig. 3(b)) will be given by 

V2 
(Po) lllfiX = SR 

so that the output square wave should have a pk-pk 
height of about 16V. Thus the supply to the system is 
fixed at 16V. The peak load current will then be approxi
mately O.SA, so that the output switching transistors 
must be capable of handling this current. With the 
arrangement of Fig. 3(b) it is necessary to ensure that 
sufficient base . current can be provided to hold the 
output transistors sufficiently well bottomed. The 
switch is shown in Fig. 4. In order that the triangle 
generator (Tr1) shall not be heavily loaded, the switch 
is made up of three current gain stages (Tr2, Tr4 and 
Tr5/Tr6) and one stage of voltage gain (Tr3). Positive 
feedback is provided of a magnitude just sufficient to 
ensure that the switch has only two states, thus keeping 
the hysteretic width of the switch characteristic to a 
minimum. 

Tr5 and Tr6, the output switching transistors, · are 
driven from the emitter follower transistor Tr4 which 
has one of its emitter resistors bootstrapped via C 3 to 
enable it to hold Tr6 fully bottomed during the positive 
half of the square wave. C 3 must be large enough to 
provide an almost constant potential during the period 
that Tr6 remains bottomed, and the emitter resistor is 
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chosen so that it can supply the necessary base current 
to hold Tr6 bottomed whilst the collector current of Tr6 
is 500mA. Tr4 is driven from a positive gain amplifier 
Tr2/Tr3 which has a load resistor bootstrapped by C2 
to ensure that Tr4 and TrS are well bottomed during the 
negative half cycle of the square wave. T he positive 
feedback is taken via the resistor Rb to the base of Tr2 
from the output. In the design R1 is set to 560k n. 
Values larger than this give a region of continuous 
variation in output potential which during normal 
operation will only slow the edges of the output square 
wave· and possibly the subsequent increase i n power 
could be tolerated. Even so this is surely to be avoided 
if possible and furthermore, under freak conditions (e.g. , 
removal of the triangle), the output could attain potentials 
between the two supply lines with probable excessive 
dissipation in the output stage. 

Switching Waveform Generator 
The triangular switching waveform is obtained by inte
grating a square wave, which is obtained from a multi
vibrator circuit. The minimum permissible oscillation 
frequency of the switch is about 50 kc/s and the actual 
one used is 100 kc/s. An emitter-coupled multivibrator 
produces a good square wave at this frequency provided 
the transistors are not allowed to bottom. The multi
vibrator comprises transistors Tr7 and Tr8 (Fig. 4) and 
Tr 1 is connected as a feedback summing integrator. 
The frequency of the square wave is set by varying C 4 , 

and the lOk n potentiometer on the base of Tr8 is used to 
adjust the shape of the square waves at the collectors to 
be symmetrical, that is to have a mark to space ratio of 
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Fig. 4. Circuit diagram of the open-loop audio amplifier. 

ventional design. Various aspects of the design procedure 
will now be considered. 

Design of the Switch 

Neglecting the bottoming potentials the maximum power 
in the loudspeaker (see Fig. 3(b)) will be given by 

V2 

max 

so that the output square wave should have a pk—pk 
height of about 16V. Thus the supply to the system is 
fixed at 16V. The peak load current will then be approxi- 
mately 0.5Aj so that the output switching transistors 
must be capable of handling this current. With the 
arrangement of Fig. 3(b) it is necessary to ensure that 
sufficient base current can be provided to hold the 
output transistors sufficiently well bottomed. The 
switch is shown in Fig. 4. In order that the triangle 
generator (Trl) shall not be heavily loaded, the switch 
is made up of three current gain stages (Tr2, Tr4 and 
Tr5/Tr6) and one stage of voltage gain (Tr3). Positive 
feedback is provided of a magnitude just sufficient to 
ensure that the switch has only two states, thus keeping 
the hysteretic width of the switch characteristic to a 
minimum. 

Tr5 and Tr6, the output switching transistors, are 
driven from the emitter follower transistor Tr4 which 
has one of its emitter resistors bootstrapped via C3 to 
enable it to hold Tr6 fully bottomed during the positive 
half of the square wave. C. must be large enough to 
provide an almost constant potential during the period 
that Tr6 remains bottomed, and the emitter resistor is 

Switching Waveform Generator 

The triangular switching waveform is obtained by inte- 
grating a square wave, which is obtained from a multi- 
vibrator circuit. The minimum permissible oscillation 
frequency of the switch is about 50 kc/s and the actual 
one used is 100 kc/s. An emitter-coupled multivibrator 
produces a good square wave at this frequency provided 
the transistors are not allowed to bottom. The multi- 
vibrator comprises transistors Tr7 and Tr8 (Fig. 4) and 
Trl is connected as a feedback summing integrator. 
The frequency of the square wave is set by varying C „ 
and the 10kn potentiometer on the base of Tr8 is used to 
adjust the shape of the square waves at the collectors to 
be symmetrical, that is to have a mark to space ratio of 

chosen so that it can supply the necessary base current 
to hold Tr6 bottomed whilst the collector current of Tr6 
is 500mA. Tr4 is driven from a positive gain amplifier 
Tr2/Tr3 which has a load resistor bootstrapped by C2 
to ensure that Tr4 and Tr5 are well bottomed during the 
negative half cycle of the square wave. The positive 
feedback is taken via the resistor R6 to the base of Tr2 
from the output. In the design Ri is set to 560k O. 
Values larger than this give a region of continuous 
variation in output potential which during normal 
operation will only slow the edges of the output square 
wave and possibly the subsequent increase in power 
could be tolerated. Even so this is surely to be avoided 
if possible and furthermore, under freak conditions (e.g., 
removal of the triangle), the output could attain potentials 
between the two supply lines with probable excessive 
dissipation in the output stage. 
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.:ig. 5. Circuit of summing integrator with imperfect amplifier. 

unity. Referring to Fig. 5, the transfer function of 
an amplifier of gain A, with input impedance Rim con
nected as an integrator, is:-

e0 R 0.A 1 
ei ~ . 1 + pC_R_ c_C_1_+_A_) 

wh~re R 0 is the parallel resistance ?f R 1, Rin and R 2• 

To obtain this transfer function it IS necessary to con
sid ~r the audio input point to be earthed (since the audio 
sig~al is normally derived from a low impedance source). 

This equation may now be used in the design of the 
integrator. Before this can be done, however, it is necrs
sary to decide on the distribution of the gain between the 
integrator and the modified switch. The overall audio 
voltage gain required is about sixty times. If it is attempted 
to obtain all this gain from the modified switch, then even 
a very small hysteretic width can restrict the extent of the 
linear region quite appreciably, and in addition the effect 
of a small drift in the output stages of the switching 
circuit will cause the operating point of the modified 
non-linearity to move from the centre of the linear region 
by a large amount, this obviously being undesirable. 
If the gain of the modified non-linearity is set to be 
approximately 3 then with the value of hysteresis chosen 
the linear region exter ds over almost the whole range of 
possible mean levels of the output, and at the same time 
drift effects are reduced. Having decided upon the g!:lin 
through the switch to the audio signal the pk-pk ht ight 
of the triangle must be 16/3 ~ 5 V and the integrator 
must have an output swing capable of accommodating 
this size of triangle. The emitter of. Tr2 is held at the 
mid-point of the supply by a low impedance resistance 
chain, and since the switch has only a very small hysteresis 
the mid-point of the triangle, and thus the mean level 
of the collector of Trl will be at this potential. Under 
conditions of peak drive, the triangle will not intersect 
with the switch operating point and thus the integrator 
must be capable of accommodating a swing of ± 5 V at the 
output. 

As previously stated, the integrator transistor is used 
for the dual purpose of generating the triangular wave
form, and adding the audio waveform to it. The input 
resistor {Ri~ for the audio signal is a lOk n resistor to 
obtain the required input impedance. If we make the 
C)llxtor current in Trl when the collector potential 
is at the centre of the supply, about 200 J.LA, this will 
allow sufficient ·C:Urrent to charge the feedback capacitor 
and operate the switch, and at the same time give an input 
impedance at the base of Tr1 of about IOkn. In the 
equation for the transfer function of the integrator to 
the audio signal (obtained by replacing R 2 by R 1 in the 
previous equation) we therefore have:-

Rc ~ 5k.G and R 1 = IOkn (assuming R 2 > > 5k0) 
The measured value of A was found to be approxi

mately 40, so that the d.c. gain through the integrator will 
be about . 20 to both the triangle and the audio signal. 
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The gain to the audio signal will remain within 3dB 
of the d.c. gain up to a frequency given by:-

/ = 1 
27TRcC1{1 + A) 

this frequency must be greater than at least 2Ukc;s. 
Substitution of the above values leads to a maximum 
value for C 1 of approximately 25pF. With this value of 
feedback capacity and with R 2 = 27k0 the square wave 
required to produce a triangle of 5 V pk-pk is about 
0. 7 V pk-pk. R 2 must not be made too large since this 
will reduce the gain of the integrator as far as the square 
wave is concerned. This will cause exponential curvature 
of the triangles and consequent distortion of the me>dified 
non~linear characteristic. With R 2 set to 27k n, the square 
wave height is adjusted by variation of the collector 
resistors of Tr7 and Tr8 to obtain the 5 V pk-pk of the 
triangular waveform at the integrator output. 

Test of the System 

The system constructed according to the above design 
procedure was tested for frequency response and dis
tortion. The frequency response curve is shown in Fig. 6 
and the distortion terms at certain points in the system 
are given in Table 1. Both frequency response and 

TABLE I 
Distortion in open-loop amplifier at 2V r.m.s. across loudspeaker 

POINT IN SYSTEM I f (= I kc/s.) u I ,. 4f 
,------

Input 1 40mV (CdB) - 52dB - S.tdB >- 60dB 

Integrator Output 0.7V (OdB) - 34dB - SOdB >- 60dB 

Loudspeaker 2V (OdB) . - 31dB r- <:CdB > - 60dB 

---------~ f ( = ICkc/s.) 2f --~1 4f 

-------~-----

Input I 60mV (OdB) - 52dB - 52dB I > - 60dB 
Integrator Output , 0.7V (OdB) -- 33dB 

1 
- SOdB > - 60dB 

Loudspeaker l 2V (OdB) . - 36d.B I - SOdB >- 60dB 

distortion were measured at an output swing of 2 V 
r.m.s. across a simulated loudspeaker load of 15 n and 
5 mH in series. The low frequency fall-off in frequency 
response is due to the coupling capacitor on the input, 
and can be varied to suit particular requirements. The 
high frequency fall-off is wholly due to the integrator, 
since it was found that the integrator frequency response 
and the overall frequency response were identical in shape. 
The combined effect of the feedback capacitor, the miller 
capacitance of the transistor and stray capacitance, 
has apparently doubled the effective integrator time con
stant since the 3dB point is at 9kc/s rather than the 
20kc/s designed for. 

The distortion figures show that a large part of the 

Fig. 6. Amplitude-frequency response of open-loop amplifier. 
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The gain to the audio signal will remain within 3dB 
of the d.c. gain up to a frequency given by:— 

* a^AO+A) 
this frequency must be greater than at least 20kc/s. 
Substitution of the above values leads to a maximum 
value for Q of approximately 25pF. With this value of 
feedback capacity and with R, - 27k n the square wave 
required to produce a triangle of 5 V pk—pk is about 
0.7 V pk—pk. R3 must not be made too large since this 
will reduce the gain of the integrator as far as the square 
wave is concerned. This will cause exponential curvature 
of the triangles and consequent distortion of the modified 
non-linear characteristic. With R2 set to 27k £7, the square 
wave height is adjusted by variation of the collector 
resistors of Tr7 and Tr8 to obtain the 5 V pk—pk of the 
triangular waveform at the integrator output. 

Test of the System 

The system constructed according to the above design 
procedure was tested for frequency response and dis- 
tortion. The frequency response curve is shown in Fig. 6 
and the distortion terms at certain points in the system 
are given in Table 1. Both frequency response and 

TABLE I 
Distortion in open-loop amplifier at 2V r.m.s. across loudspeaker 

POINT IN SYSTEM f (-Ikc/s.) 2f 3f 4f 

Input 
Integrator Output 
Loudspeaker 

-lOmV (CdB) 
0.7V (OdB) 
2V (OdB) 

— 52dB -34dB 
- 3ldB 

-5^dB 
— 50dB 
-<CdB 

> — 60d B 
> — 60d B 
> — 60d B 

f (=ICkc/s.) If 3f 4f 

Input Integrator Output 
Loudspeaker 

60mV (OdB) 
0.7V (OdB) 
2V (OdB) 

— 52dB 
— 33dB 
— 36dB 

— 52d B 
-50dB 
- 50dB 

> — 60dB 
> — 60d B 
> — 60d B . 

distortion were measured at an output swing of 2 V 
r.m.s. across a simulated loudspeaker load of 15 and 
5 mH in series. The low frequency fall-off in frequency 
response is due to the coupling capacitor on the input, 
and can be varied to suit particular requirements. The 
high frequency fall-off is wholly due to the integrator, 
since it was found that the integrator frequency response 
and the overall frequency response were identical in shape. 
The combined effect of the feedback capacitor, the miller 
capacitance of the transistor and stray capacitance, 
has apparently doubled the effective integrator time con- 
stant since the 3dB point is at 9kc/s rather than the 
20kc/s designed for. 

The distortion figures show that a large part of the 

rig. 5. Circuit of summing integrator with imperfect amplifier. 

unity. Referring to Fig. 5, the transfer function of 
an amplifier of gain A, with input impedance R,,,, con- 
nected as an integrator, is:- 

e0 = RC.A 1  
el R2 l+pCRc(l+A) 

where Rc is the parallel resistance of R,, R,„ and R2. 
To obtain this transfer function it is necessary to con- 
sid.T the audio input point to be earthed (since the audio 
signal is normally derived from a low impedance source). 

This equation may now be used in the design of the 
integrator. Before this can be done, however, it is nect s- 
sary to decide on the distribution of the gain between the 
integrator and the modified switch. The overall audio 
voltage gain required is about sixty times. If it is attempted 
to obtain all this gain from the modified switch, then even 
a very small hysteretic width can restrict the extent of the 
linear region quite appreciably, and in addition the effect 
of a small drift in the output stages of the switching 
circuit will cause the operating point of the modified 
non-linearity to move from the centre of the linear region 
by a large amount, this obviously being undesirable. 
If the gain of the modified non-linearity is set to be 
approximately 3 then with the value of hysteresis chosen 
the linear region exterds over almost the whole range of 
possible mean levels of the output, and at the same time 
drift effects are reduced. Having decided upon the g-in 
through the switch to the audio signal the pk—pk height 
of the triangle must be 16/3 ^ 5 V and the integrator 
must have an output swing capable of accommodating 
this size of triangle. The emitter of Tr2 is held at the 
mid-point of the supply by a low impedance resistance 
chain, and since the switch has only a very small hysteresis 
the mid-point of the triangle, and thus the mean level 
of the collector of Trl will be at this potential. Under 
conditions of peak drive, the triangle will not intersect 
with the switch operating point and thus the integrator 
must be capable of accommodating a swing of ±5 V at the 
output. 

As previously stated, the integrator transistor is used 
for the dual purpose of generating the triangular wave- 
form, and adding the audio waveform to it. The input 
resistor (R,) for the audio signal is a 10k H resistor to 
obtain the required input impedance. If we make the 
CDlbctor current in Trl when the collector potential 
is at the centre of the supply, about 200 nA, this will 
allow sufficient current to charge the feedback capacitor 
and operate die switch, and at the same time give an input 
impedance at the base of Trl of about 10k U, In the 
equation for the transfer function of the integrator to 
the audio signal (obtained by replacing R., by R, in the 
previous equation) we therefore have;— 

Rc sa 5kO and R, lOkQ (assuming R, >> 5kfi) 
The measured value of A was found to be approxi- 

mately 40, so that the d.c. gain through the integrator will 
be about 20 to both the triangle and the audio signal. 

Fig. 6. Amplitude—frequency response of open-loop amplifier. 
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Fig. 7. Characteristics of open-loop amplifier. (a) Relay input v. relay output;· (Input I Vfcm, output 2Vfcm.) (b) Overall input v. output characteristic. (Input SOmVjcm, output 2Vjcm.) 

distortion of the amplifier occurs in the integrator stage. 
This must be due to the larg:- swings which are required 
at the integrator output. 

The input 7.'ersus output characteristics of various parts 
of th~ system were displayed on an oscilloscope and 
photographed; these are shown in Fig. 7. The curvature 
of the input-output characteristic for the switch shows 
that there is significant distortion through this element 
as well as through the integrator. 

Since: the system functions as a modulator, sidebands 
will be produced. For large audio inputs at high fre
quencies these sidebands can be quite large and, more 
important, they can be frequencies which are in the 
audio spectrum and can thus be heard as unwanted high 
frequency outputs. In the system tested with large 
input signals at 10 kc/s these sidebands could both be 
heard and measured with a wave analyser and were 
found to be rather obtrusive. 

The system so far described has a performance which is 
rather mediocre, particularly in respect of its distortion 
figures. It does, however, have the main advantages of 
on-off systems in general, notably low power dissipation. 
However, it is a relatively complex system since to produce 
the switching waveform a square wave generator must be 
built. This generator has no function as far as the audio 
signal is concerned. A further disadvantage found in 
practice during tests on the system was that the operating 
point tended to move by quite large amounts away from 
the centre of the linear region. This effect is caused by 
relative drift between the · operating point of the switch 
and the mean level of the triangle. It produces un
desirable asymmetrical limitation of the output swing 
and increased distortion. 

Various means may be empioyed to improve the system 
performance. The distortion can be reduced by improving 
the integrator design. This will improve the shape of the 
triangular waveform and !hus improve the linearity of the 
modified switch characteristic, whilst at the same time 
it will possibly reduce . the distortion through: th,e ·inte
grator to the audio sigrial. The improved integrator will 
almost certainly require extra transistors. 

The audio sigmil could be applied direct to the switch, 
thus eliminating one source of distortion from the audio 
path. This would waste potential audio gain and further 
increase the complexity of the system since additional 
amplifying . stages would then be required to obtain the 
desired audio gain. · 

Without increasing the complexity of the system, the 
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only alternative seems to be to attempt to reduce the 
triangle size, possibly even to the point where the audio 
signal can be applied directly to the switch. To maintain 
the same gain would require a triangle · height of · 290m V 
pk-pk. This would require that both the relative · drift 
and the hysteretic width be well below this figure. These 
extremely stringent conditions mean that the optimum 
design for the present configuration arid the_, specification 

Fig. 8. Characteristics of an oscillating loop. (a) Block diagram of 
the loop. (b) Oscillation frequency of the loop and the d.c. ·input to the 
switch as function of the mean level of the output. (c) Low frequency 
equivalent circuit of the loop. 
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Fig. 7. Characteristics cf open-loop amplifier, [a] Relay input v. relay output. {Input I V/cm, output 2Vjcm.) (b) Overall input v. output charac- 
teristic. (Input SOmVjcm, output ZVJcm.) r 

distortion of the amplifier occurs in the integrator stage. 
This must be due tc the larg? swings which are required 
at; the integrator output. 

The input versus output characteristics of various parts 
of the system were displayed on an oscilloscope and 
photographed; these are shown in Fig. 7. The curvature 
of the input-output characteristic for the switch shows 
that there is significant distortion through this element 
as well as through the integrator. 

Since the system functions as a modulator, sidebands 
will he produced. For large audio inputs at high fre- 
quencies these sidebands can be quite large and, more 
important, they can, be frequencies which are in the 
audio spectrum and can thus be heard as unwanted high 
frequency outputs. In the system tested with large 
input signals at lOkc/s these sidebands could both be 
heard and measured with a wave analyser and were 
found to be rather obtrusive. 

The system, so far described has a performance which is 
rather mediocre, particularly in respect of its distortion 
figures. It does, however, have the main advantages of 
on-off systems in general, notably low power dissipation. 
However, it is a relatively complex system since to produce 
the switching waveform a square wave generator must be 
built. This generator has no function as far as the audio 
signal is concerned. A further disadvantage found in 
practice during tests on the system was that the operating 
point tended to move by quite large amounts away from 
the centre of the linear region. This effect is caused by 
relative drift between the operating point of the switch 
and the mean level of the triangle. It produces un- 
desirable asymmetrical limitation of the output swing 
and increased distortion. 

Various means may be empioyed to improve the system 
performance. The distortion can be reduced by improving 
the integrator design. This will improve the shape of the 
triangular waveform and thus improve the linearity of the 
modified switch characteristic, whilst at the same time 
it will possibly reduce the distortion through the inte- 
grator to the audio signal. The improved integrator will 
almost certainly require extra transistors. 

The audio signal could be applied direct to the switch, 
thus eliminating one source of distortion from the audio 
path. This would waste potential audio gain and further 
increase the complexity of the system since additional 
amplifying stages would then be required to obtain the 
desired audio gain. 

Without increasing the complexity of the system, the 

only alternative seems to be to attempt to reduce the 
triangle size, possibly even to the point where the audio 
signal can be applied directly to the switch. To maintain 
the same gain would require a triangle height of 260mV 
pk—pk. This would require that both the relative drift 
and the hysteretic width be well below this figure. These 
extremely stringent conditions mean that the optimum 
design for the present configuration and the specification 

Fig. 8. Characteristics of an oscillating loop, (a) Block diagram of 
the loop, (b) Oscillation frequency of the loop and the d.c. input to the 
switch as function of the mean level of the output, (c) Low frequency 
equivalent circuit of the loop. 
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Fig. 9. Circuit dia.gram of the closed-loop on-off arJdio amplifier. 

adopted is . probably somewhere between this solution 
and the system described. 

The square wave generator could be dispensed with 
altogether merely by connec;ting the loudsp(;!aker driving 
point (i.e. the emitters of Tr5 .and Tr6) to the integrator 
input base by a resistor. This causes a negative feed
back oscillation to be .set up due to the phase shift around 
the loop, resulting in a ;square wave {)scillation across 
the loudspeaker, whose .mean level is controlled by the 
audio input signal in such a way that the average input 
signal. Jnt:Q the integrator base is approximately zero. 
It is important to note that in this oscillating system 
there is inherent negative feedback to the audio signal. 
This has ·certain advantages just as feedback has .advan
tages in !more conventional systems. It can .reduce dis
torti<m due to the amplifier, and it can increase the system 
bandwidth. ·The overall ;gain of the system :is better defined 
and the requirements for ripple in a mains derived power 
supply are reduced. It .reduces the output impedance 
of the amplifier, thus driving the · loudspeaker from a 
low impedance source which is necessary to damp out 
loudspeaker resonances at low frequencies. 

Theoretical Aspects of the Closed-loop 
System 

As noted previously the closed loop system functions in a 
totally .different way from the open loop system. The 
pk~pk height of the triangle .is now constant at o, and 
different values of the mark-space .ratio of the output 
square ·wave are obtained by varyi~ the slope of the 
sides of the triangle {see Fig. · B{a)),. The limitation'S 
of the integrator performance . will cause the triangle sides 
to be · f>at.t of ·exponential ·curyes_, and will thus modify 
the effective :input versus ou:tpti.t c1.1rves for th.e .sw.itdl. 
It ·is possible to analyse the dosed loop sy:$tem ·~ is 
s~ Jwn in Fig. 8(a)..* The integrator here has the transfer 
function:-

e0 K 
i; = l+pT. 

The hysteretic width of the switch is 2 a and its two output 

*"A Method for the Theoretical Analysis of Relay Amplifiers." ·G. F. 
Turnbull, 9. P. Atherton and J. M ·. Townsend; to be published in Proc. 
i.E. E. 
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levels are ±h. · For this system it is found that:-

2hK B n-{1 
coth - + coth --o A .\ 

n- {11 
sinh ~A 

sinh~ j 
where . ,\ = 21TT X fosc Clo se being the oscillation fre
quency of the loop), Y .i is the. switch d .c. input, i.e. the 
. f1 T 
ID:ean level of the switching waveform, and n- f1 = T: · 
(comparing Fig. 8(a) and Fig. l(b)). From these results 
it is possible to draw curves relating oscillation freqtL ncy 
and d.c. input to the switch (yi) .with the mean leve.t of 
the output. These are shown in Fig. 8(b) for the case. 
when K = 1 .and ·o/h = t . Examination of the curve 
for y i shows that the switch behaves as a gain of about 5 
over a large region Qf the characteristic which has con
siderable .curvature over its full range. The oscillation 
frequency can be seen. to vary considerably over the full 
range Q[ output. Both oscillation frequency and gain 
are dependent on the ratio of 8/h (being high when 8/h 
is small) and also on the integrator d.c. gain K. 'I he 
bigger the value of K the higher the gain through the 
switch to the d . c. signaL (For K = CD, y i is always ze-ro.) 

So far as the audio input and output are .concerned, we 
may represent the system to that shown in Fig. 8(c) whlch 
is a feedback loop ,containing a saturating amplifier. 
The frequency response of .a self-oscillating ioop of this 
type can be calculated although the calculation is labor
ious. Theoretical results indicate that the frequency 
respon%t! is almost flat up to about one half of the oscilla
tion frequeney provided that the gain K is large. 

Design .Details of the Closed-loop Sys.tem 

The main elements of the dosed loop system, notably 
the switch and the integrator are ·common to both 
systems, and in order to allow a fair comparison to be 
made between the two systems, the same switch and the 
same integrator were used as for the open loop system, 
the only difference is. that the square wave from the 
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Circuit diagram of the closed-loop on-off audio amplifier. 

adopted is probably somewhere between this solution 
and the system described. 

The square wave generator could be dispensed with 
altogether merely by connecting the loudspeaker driving 
point (i.e. the emitters of Tr5 and Tr6) to the integrator 
input base by a resistor. This causes a negative feed- 
back oscillation to be set up due to the phase shift around 
the loop, resulting in a square wave oscillation across 
the loudspeaker, whose mean level is controlled by the 
audio input signal in such a way that the average input 
signal into the integrator base is approximately zero. 
It is important to note that in this oscillating system 
there is inherent negative feedback to the audio signal. 
This has certain advantages just as feedback has advan- 
tages in more conventional systems. It can reduce dis- 
tortion due to the amplifier, and it can increase the system 
bandwidth. The overall gain of the system is better defined 
and the requirements for ripple in a mains derived power 
supply are reduced. It reduces the output impedance 
of the amplifier, thus driving the loudspeaker from a 
low impedance source which is necessary to damp out 
loudspeaker resonances at low frequencies. 

Theoretical Aspects of the Closed-loop 
System 

As noted previously the closed loop system functions in a 
totally different way from the open loop system. The 
pk-pk height of the triangle is now constant at 6, and 
different values of the mark-space ratio of the output 
square wave are obtained by varying the slope of the 
sides of the triangle (see Fig. 8(a)). The limitations 
of the integrator performance will cause the triangle sides 
to be part of exponential curves, and will thus modify 
the effective input versus output curves for the switch. 
It is possible to analyse the closed loop system which is 
sh 3wn in Fig. 8(a).* The integrator here has the transfer 
function:— 

_ K 
eg 14 pT. 

The hysteretic width of the switch is 2 8 and its two output 

*"A Method for the Theoretical Analysis of Relay Amplifiers." G. F, 
Turnbull, B. P. Atherton and J. M. Townsend, to be published in Proc. 
I.£.E. 

levels are ^h. For this system it is found that:- 
2hK B u 77 — fl 
 = coth - + coth ----— 8 A A 

yyr _ " 
2hK _ 2 

sinh 77/j 

sinh - A 
where A = 277T X /ose (fose being the oscillation fre- 
quency of the loop), r, is the switch d.c. input, i.e. the 

^ T 
mean level of the switching waveform, and   = ' n — p 1 2 
(comparing Fig. 8(a) and Fig. 1(b)). From these results 
it is possible to draw curves relating oscillation frequ ncy 
and d.c. input to the switch (yj) with the mean level of 
the output. These are shown in Fig. 8(b) for the case 
when K = 1 and 3/h = 1. Examination of the curve 
for n shows that the switch behaves as a gain of about 5 
over a large region of the characteristic which has con- 
siderable curvature over its full range. The oscillation 
frequency can be seen to vary considerably over the full 
range of output. Both oscillation frequency and gain 
are dependent on the ratio of S/h (being high when 5/h 
is small) and also on the integrator d.c. gain K. The 
bigger the value of K the higher the gain through the 
switch to the d.c. signal. (For K = go, y,- is always zero.) 

So far as the audio input and output are concerned, we 
may represent the system to that shown in Fig. 8(c) which 
is a feedback loop containing a saturating amplifier. 
The frequency response of a self-oscillating loop of this 
type can be calculated although the calculation is labor- 
ious. Theoretical results indicate that the frequency 
response is almost flat up to about one half of the oscilla- 
tion frequency provided that the gain K is large. 

Design Details of the Closed-loop System 

The main elements of the closed loop system, notably 
the switch and the integrator are common to both 
systems, and in order to allow a fair comparison to be 
made between the two systems, the same switch and the 
same integrator were used as for the open loop system, 
the only difference is that the square wave from the 
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fig. 10. Amplitude-frequency response of closed-loop amplifier. 

output is taken to the integrator via a 560k n resistor. 
This defines the gain to the audio signal as 560/10 = 56. 
The feedback capacitor round the integrator was ad
justed · to make the oscillation frequency when T 1 = T 2 

about 100 'kc/s. With zero input signal the square wave 
was initially set to be symmetrical by adjustment of a 
50k n potentiometer between base and emitter of the 
integrator transistor. The practical circuit is shown in 
Fig. 9. 

Test of the Closed-Loop System 

The closed loop system described was tested in the same 
way as the open-loop system described previously, and 
the: results are shown in Fig. 10 and Table 2. One 
f8.ctor immediately apparent from Fig. 10 is that the 

TABLE 2 
Distortion in closed-loop amplifier at 2V r.m.s. across loudspeaker 

l P-~INTIN- SYST-E~ ~ f( ~-l~cf~.) r 2f 3f 4f 
~------------

Input 1 40mV (OdB) J -- 52dB -54dB >- 60dB 
I Loudspeaker , 2V (OdB) I · -40dB - 52dB - SOdB 
---------, 

l_f~:!~~_:~ 2f 3f 4f 

Input 1 40mV (OdB) I -- 52dB - 54dB >- 60dB 
. Loudspeaker 2V (OdB) -- 40dB - 52dB - SOdB 

frequency response of the · closed-loop system is rather 
better than that of the open loop system, in spite of the 
fact that the integrator capacitor .was about five times as 
large in the closed-loop system as it was in the open-loop 
system. Comparison between Table 1 and Table 2 also 
shows that the overall distortion is very much reduced 
in the closed-loop case. Photographs of the overall input 
versus output and switch input versus output characteris
tics of the amplifier were taken and are shown in Fig. 1 L 
The effect of the feedback in improving the distortion 
in a non-linear system is clearly seen. Measurement 
of the signals at the input and output of the switch 
indicated that the gain through the switch to small 
signals was about 200, thus giving a low frequency 
open-loop gain of about 75 (the integrator d.c. gain 
(A) being about 40, as before). Fig. 12(a) shows the 
shape of the switching waveform and the output wave
form from the switch in the closed-loop amplifier. 
Fig. 12(b) shows the same waveforms in the open-loop 

Fig. II. Characteristics of the c/osed~loop amplifier. (a) Relay input v. relay output. (Input SOmVfcm, output 2Vfcm.) l(b) Overall input v. output. 
(Input SOmVfcm, output 2Vfcm.) 

Fig. 12. (a) Switching and ourput waveforms in the dosed-loop amplifier. (Top IOOmVfcm, 2p.sec!cm; boitom 5Vicm, 2p.secfcm.) (b) Switchi~g 
ana output wavefotms in the open-loop amplifier. (Top 2Vjcm, Sp.secjcm; bottom 5Vjcm, S;1secjcm.) (c) Loudspeaker driving waveform for closed
loop amplifier driven with 6 kcjs signal. 
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TABLE 2 
Distortion in closed-loop amplifier at 2V r.m.s. across loudspeaker 

; POINT IN SYSTEM f( -lkc/s.) 2f 3f 4f 
! Input Loudspeaker 

-lOmV (OdB) 
2V (OdB) 

52dB 
40dB 

- 54dB 
- 52dB 

> — 60d B 
— 50dB 

f( lOkc/s.) 2f 3f 4f 
Input Loudspeaker j 

40mV (OdB) 1 2V (OdB) 
52dB 

- 40dB 
— 54dB 
— 52d B 

>-60dB 
— 50d B 

frequency response of the closed-loop system is rather 
better than that of the open loop system, in spite of the 
fact that the integrator capacitor was about five times as 
large in the closed-loop system as it was in the open-loop 
system. Comparison between Table 1 and Table 2 also 
shows that the overall distortion is very much reduced 
in the closed-loop case. Photographs of the overall input 
versus output and switch input versus output characteris- 
tics of the amplifier were taken and are shown in Fig. 11. 
The effect of the feedback in improving the distortion 
in a non-linear system is clearly seen. Measurement 
of the signals at the input and output of the switch 
indicated that the gain through the switch to small 
signals was about 200, thus giving a low frequency 
open-loop gain of about 75 (the integrator d.c. gain 
(A) being about 40, as before). Fig. 12(a) shows the 
shape of the switching waveform and the output wave- 
form from the switch in the closed-loop amplifier. 
Fig. 12(b) shows the same waveforms in the open-loop 
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fig. 10. Amplitude—frequency response of closed-loop amplifier. 

output is taken to the integrator via a 560k n resistor. 
This defines the gain to the audio signal as 560/10 = 56. 
The feedback capacitor round the integrator was ad- 
justed to make the oscillation frequency when T, T. 
about 100 kc/s. With zero input signal the square wave 
was initially set to be symmetrical by adjustment of a 
50k U potentiometer between base and emitter of the 
integrator transistor. The practical circuit is shown in 
Fig. 9. 

Test of the Closed-Loop System 

The closed loop system described was tested in the same 
way as the open-loop system described previously, and 
the results are shown in Fig. 10 and Table 2. One 
factor immediately apparent from Fig. 10 is that the 

r :F>y.m (H i 

Fig. 11. Characteristics of the closed-loop amplifier, (a) Relay input v. relay output. (Input SOmY/cm, oiripui IVjcrn.) [(£/) Overall input v. output. 
(Input SCmV/cm, output 2V/cm.) 
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Fig. 12. (a) Switching and output waveforms in the closed-loop amplifier. (Top lOOmVjcm, l/jseclcm; bottom SVfcm, 2fisec/cm.) (b) Switching 
and output waveforms in the open-loop amplifier. (Top 2V/cm. Susec/cm; bottom SVIcm, Siiseclcm.) (c) Loudspeaker driving waveform for closed- 
loop amplifier driven with 6 kc/s signal. 
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amplifier, and Fig. 12(c) is included since it illustrates 
the principle of operation of the on-off type of system, 
being a photograph of the output waveform as a function 
of time · when the system is modulated by a sinusoidal 

· signal. 
The sideband components at the output of the 

system mentioned earlier in the tests on the open-loop 
amplifier represent spurious signals. These should be 
reduced by the negative feedback over the audio region 
when the negative feedback is operative. It was found 

· during tests that this was indeed the case; over the 
audio range there was almost complete suppression of 
these unwanted signals. · 

The frequency change measured in the amplifier as 
a function of mean output level was very close to that 
theoretically predicted for the case when K = w which is 

A= A0 [ 1 - ( ~ r J 
where A0 is the maximum oscillation frequency, so that 
the frequency change over the working range of the 
amplifier is not so great as is suggested by Fig. 8(b)." 

Conclusions 

Two types of on-off audio amplifier have been described 
and the performance of the two systems using the same 
principal components has been compared in a way which 
was considered to be the most fair to both systems. Whilst 
it is obviously possible to construct an open-loop system 
to give an extremely good performance it would appear 
that a closed-loop system can be made to give the same 
performance with every much less complexity, and thus 
at a lower cost. In the systems described every attempt 
was made · to use transistors of minimum cost throughout 
and no transistor used cost more than ten shillings. 

The output power achieved in the circuits described 
may be considered rather low. The decision to keep to 
a low power circuit was taken because it was desired to 
achieve small size · and low cost, and there appears to be 
a dearth of cheap transistors in small cans which will 
handle collector currents of greater than 500mA, par
ticularly in the npn category. Higher output can, how
ever, be obtained by uprating everything in the circuit, 
once suitable output transistors have been obtained. 
An alternative solution would be to use parallel operation 
of the output transistors. It would be advisable under 
these circumstances to include a small resistor in each 
emitter lead to ensure equal current sharing between the 
transistors. It is also possible to use four transistors 
in a bridge Circuit for .the output stage, with an increase 
of a factor of four in the power output for a given supply 
This system has · the disadvantage that the loudspeaker 
is " floating " relative to the supply so that it is extremely 
difficult to. employ the circuit in a closed loop system. 
It also use's twice as many transistors in the output stage 
since the current rating of the transistors sti11 needs to be 
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Fig. 14. Approximate conditions in the output stage during change 
of state. 
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Fig. 15. Closed-loop ampiifier with pre-amplifier and power supply. 
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amplifier, and Fig. 12(c) is included since it illustrates 
the principle of operation of the on-off type of system, 
being a photograph of the output waveform as a function 
of time when the system is modulated by a sinusoidal 
signai. 

The sideband components at the output of the 
system mentioned earlier in the tests on the open-loop 
amplifier represent spurious signals. These should be 
reduced by the negative feedback over the audio region 
when the negative feedback is operative. It was found 
during tests that this was indeed the case; over the 
audio range there was almost complete suppression of 
these unwanted signals. 

The frequency change measured in the amplifier as 
a function of mean output level was very close to that 
theoretically predicted for the case when K=oo which is 

where A0 is the maximum oscillation frequency, so that 
the frequency change over the working range of the 
amplifier is not so great as is suggested by Fig. 8(b)." 
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Fig. 14. Approximate conditions in the output stage during change 
of state. 

Conclusions 

Two types of on-off audio amplifier have been described 
and the performance of the two systems using the same 
principal components has been compared in a way which 
was considered to be the most fair to both systems. Whilst 
it is obviously possible to construct an open-loop system 
to give an extremely good performance it would appear 
that a closed-loop system can be made to give the same 
performance with every much less complexity, and thus 
at a lower cost. In the systems described every attempt 
was made to use transistors of minimum cost throughout 
and no transistor used cost more than ten shillings. 

The output power achieved in the circuits described 
may be considered rather low. The decision to keep to 
a low power circuit was taken because it was desired to 
achieve small size and low cost, and there appears to be 
a dearth of cheap transistors in small cans which will 
handle collector currents of greater than 50GmA, par- 
ticularly in the npn category. Higher output can, how- 
ever, be obtained by uprating everything in the circuit, 
once suitable output transistors have been obtained. 
An alternative solution would be to use parallel operation 
of the output transistors. It would be advisable under 
these circumstances to include a small resistor in each 
emitter lead to ensure equal current sharing between the 
transistors. It is also possible to use four transistors 
in a bridge circuit for the output stage, with an increase 
of a factor of four in the power output for a given supply 
This system has the disadvantage that the loudspeaker 
is " floating " relative to the supply so that it is extremely 
difficult to employ the circuit in a closed loop system. 
It also use's twice as many transistors in the output stage 
since the current rating of the transistors still needs to be 
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the same as .in the case when the supply yoltag~ is doubled, 
to obtain the higl;ler power.output: · · : . . 

One disadvantage of on-off systems running at 100 kc/s 
which is brought out by practical tests is that of radiation. 
The circuit whether open or closed loop, is a prolific 
source of radiated harmonics and this is a serious dis
advantage if it is to be driven from a medium wave 
tuner. Radiation can, however, be reduced very greatly 
by screening the amplifier. No interference has been 
caused to neighbouring equipment working in anything 
but th~ long and medium wave bands, and the field of 
radiation from an enclosed system does not appear to 
extend more than a few feet. 

Comments on the actual power efficiency are contained 
in Appendix 2. 

Power Supply 
The circuit of a mains power supply suitable for driving 
the amplifier is shown in Fig~ 13. The value of the 
smoothing condenser is large enough to give a hum level 
at the output of the amplifier which is about - 80dB . 
relative to full output. There is insufficient smoothing to 
give a satisfactory hum level in the open-loop amplifier. 

Fig. 15 shows a photograph of the prototype closed
loop audio system with an input pre-amplifier equalised 
for f.m. radio, l.p. and standard play recordings, etc. 
The system is sensitive enough to be driven from a 
magnetodynamic pick-up. . The whole system including 
the mains power supply is contained in an aluminium 
box llin. x 3in. x 2in., and the majority of the space in 
the box is taken up by the potentiometers and the 10,000 ,uF 
smoothing condenser in the power supply. 

APPENDIX I 
Calculation of the Modified Switch Characteristic 

Referring to Fig. 2, assume that the triangular switching 
waveform is displaced to the . right by an amounty i 
This corresponds to the situation which occurs . in · the 
open-loop system (Fig. 1 (c) ) when the a1,1dio input signal 
has .an instantaneous value +Yi· 

Denoting T 2in Fig. 1 (b) by Til = t 2 -tu where t 2 and 
t1 are the times at which the switch operates measured 
from the zero on the triangle in Fig. 4:-

. :.· . . . 7T 

. t1 = 7T +D. (ri+ 3) 

· ·t 2 = 21t- i(r- is) 

21T 
i.e. . t2 ~ 1r- E. Yi 

T hus the meanlevel of the output is given by:-

eo = h(t+ ri/.1::.) 
The characteristic . e0 versus y i does ·not extend over the 
whole range from 0 to h_, since some value of e0 are physic
ally unrealizable because the triangle does not intersect 
with the relay operating point. This occurs when 

ll'i + Sj~ .-~ ,· 

The limiting values on the .characteristic are thu::. 
() 

e0 =h(l -E._) 

() 
and e0 = h(b) 

The fraction of the · total characteristic actually covered by 
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the linear region is ·. (1 :__ · ~ ) , and the gain in the. linear · 

region of the modified characteristic is h.;.6.. . . 
With the values used in the open-loop system described 

(i.e. h = 16 volts) J:i._ = 5 volts and ~ . = 100 mV) the 

percentage of the range covered is 100 [ t · -.;0~00] . = 9?% 

and t~e gain is 16/5= 3.4. 

APPENDIX 2 
Calculation of the Power Dissipation in the O utput 

Transistors · 

Referring to Fig. 14:_, the p~wer (P) dissipated in . each 
output transistor is obtained by considering each of the 
four regions in turn, each region being integrated 
separately. 

p =~IT V.I dt 
0 . 

:. P ~ T ,!T, [ r· [zv -:- (2V-V "") ;J :~'.dt 

JTl- Ta V 
+ 

0 

. V bott · R dt 

+ I:' [ V ''" + (2V-V ,,,,) .f-.] 
+ J:2-~b 2V Ico dt] 

Thus the total power in each transistor is 

[
v .. Vt ] 
R - RTb dt 

p = __ V2 (Ta + Tb) .+ 6RVIc0(T2-Tb) 
1 [VVbott (3Tt-2T a + T b) + ] 

Tt+T2 . 3R . . 
. ' - . . 

In the design d~scribed, 
T 1 + T 2 = 7.5 ,usee. 

T a = 0.4 f..I-Sec, T b = 0.5 fLSec. 

V bott = 0.3V, leo = lmA (maximum) 
V = 8V, R = 15 ohms 

giving P approximately 250 mW in each transistor . 

This gives an efficiency of~~~ = 80%. If the oscil

lation frequency were reduced to 50 kc/s, making (T 1 + T 2) 

= 20 ,usee. then this increases the efficiency to almost 
90%. With this frequency of oscillation the frequency 
response of the closed loop system is still very good. 
The use of higher frequency transistors can, of ~ourse, 
increase the efficiency even more. 

"Signal Flow Diagrams" 
In W. Grant's article in the :fc-:_l,Jruary issue, the mathematical 

· working in Theorem 2g.l (page 96) should end as 

C = ac + b 
1 - cd 

Also, the right-hand diagram in Example 3d.2 (page 97 ) is 
~ncorrectly annotated. It should be: 

E 
O> 
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the same as in the case when the supply voltage is doubled, 
to obtain the higher power output. 

One disadvantage of on-off systems running at 100 kc/s 
which is brought out by practical tests is that of radiation. 
The circuit whether open or closed loop, is a prolific 
source of radiated harmonics and this is a serious dis- 
advantage if it is to be driven from a medium wave 
tuner. Radiation can, however, be reduced very greatly 
by screening the amplifier. No interference has been 
caused to neighbouring equipment working in anything 
but the long and medium wave bands, and the field of 
radiation from an enclosed system does not appear to 
extend more than a few feet. 

Comments on the actual power efficiency are contained 
in Appendix 2. 

Power Supply 
The circuit of a mains power supply suitable for driving 
the amplifier is shown in Fig. 13. The value of the 
smoothing condenser is large enough to give a hum level 
at the output of the amplifier which is about — 80dB 
relative to full output. There is insufficient smoothing to 
give a satisfactory hum level in the open-loop amplifier. 

Fig. 15 shows a photograph of the prototype closed- 
loop audio system with an input pre-amplifier equalised 
for f.m. radio, l.p. and standard play recordings, etc. 
The system is sensitive enough to be driven from a 
magnetodynamic pick-up. The whole system including 
the mains power supply is contained in an aluminium 
box llin. x 3in. x 2in., and the majority of the space in 
the box is taken up by the potentiometers and the 10,000mF 
smoothing condenser in the power supply. 

APPENDIX I 
Calculation of the Modified Switch Characteristic 

Referring to Fig. 2, assume that the triangular switching 
waveform is displaced to the right by an amounty, 
This corresponds to the situation which occurs in the 
open-loop system (Fig. 1 (c) ) when the audio input signal 
has an instantaneous value -by,-. 

Denoting T2 in Fig. 1 (b) by T2 where t, and 
ty are the times at which the switch operates measured 
from the zero on the triangle in Fig. 4:— 

tj = w +-- (y,-T S) 
A 

Thus the mean level of the output is given by:— 
"o ^ h(H ViiA) 

The characteristic e0 versus y,; does not extend over the 
whole range from 0 to h, since some value of e0 are physic- 
ally unrealizable because the triangle does not intersect 
with the relay operating point. This occurs when 

! /; =8i:> ^ 

The limiting values on the characteristic are thus 

eo — h(l — --) 

(2 8 \ 
1 — ^ an^ the gain in the linear 

region of the modified characteristic is h/A. 
With the values used in the open-loop system described 

(i.e. h = 16 volts) A = 5 volts and S = 100 mV) the 

percentage of the range covered is 100 [l — J^,] = 96% 
t SOOO-t 

and the gain is 16/5= 3.4. 

APPENDIX 2 
Calculation of the Power Dissipation in the Output 

T ransistors 
Referring to Fig. 14, the power (P) dissipated in each 
output transistor is obtained by considering each of the 
four regions in turn, each region being integrated 
separately. 

Ti+T. r- [2V - (2V-V bott), 
-Jo 

+ (2V-V boU) 
t [A 
tJ L1 

2V I =dt 

Thus the total power in each transistor is 
, rVV60;((3T1-2To+T6) + 

P = -r IT Va (Tg + Tt) + 6RVIC,(T.,-T,) 11 + 12 22^ 

In the design described, 
T, + T2 = 7.5 lasec. 

Ta = 0.4 ,usec, T6 = 0.5 /jsec. 
V boti = 0.3V, I,,,, - 1mA (maximum) 

V = 8V, R = 15 ohms 
giving P approximately 250 mW in each transistor. 

This gives an efficiency of = 80%- If the oscil- 

lation frequency were reduced to 50 kc/s, making (Ti +T,,) 
= 20 jusec. then this increases the efficiency to almost 
90%. With this frequency of oscillation the frequency 
response of the closed loop system is still very good. 
The use of higher frequency transistors can, of course, 
increase the efficiency even more. 

"Signal Flow Diagrams" 

In W. Grant's article in the February issue, the mathematical 
working in Theorem 2g. 1 (page 96) should end as 

__ ac + b 
1 cd 

Also, the right-hand diagram in Example 3d.2 (page 97) is 
mcorrectly annotated. It should be; 

and e„ = h(--) 
A 

The fraction of the total characteristic actually covered by 
t)AI 
abd (e + fff) 
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MATRIX ALGEBRA 
2. - ITS APPLJCA TION TO CIRCUIT ANALYSIS 

READERS of last month's article on matrix algebra 
· will recall that many arrangements of linear com

ponents may be regarded as four-terminal networks 
such networks being represented · by a "black-box" 
as in Fig. 1. 

ll tz 
'"" ~ ~ 

~ 

Fig. I 

With circuit arrangements that can be reduced to two
terminal networks we find it very convenient to describe 
such a network by the simple expression R + jX. 
Unfortunately such a simple expression is inadequate for 
four-terminal networks because of the increased number 
of variables involved. However, we saw that a two-by-two 
matrix is a sufficiently simple and adequate expression 
to describe four-terminal networks, the elements of such 
a matrix giving valuable information about the network's 
behaviour. 

The four independent variables vD i~' v 2, i 2 may give 
rise to six different ways of describing the external 
behaviour of the network. For our purpose we need only 
consider four of these ways. 
The first, discussed in detail in the previous article may 
be expressed by the two equations :-

v1 = a 11 V 2 - a 12 iz (1) 
i1 = a21 Vz - a22 iz (2) 

which in matrix form reduces to :-

(
1

~1) = [A] (v:! . J 
h - lz ; 

The elements of the A-matrix describe the particular 
network involved; and by applying certain rules we saw 
how combinations of networks in cascade could be des
cribed by a single matrix, the latter being obtained by 
multiplying together the individual matrices of the 
networks making up the combination (see Fig. 2). 
The transfer function of the composite network was one 
of the most valuable items of information obtained from 
a consideration of the elements of [A]. 

Circuits are not always, however, made up of networks 
connected in cascade as above. We may have networks 
connected in parallel (e.g. the parallel-T filter) or in 
series at their inputs and outputs; or we may have the 
inputs in series and the outputs in parallel. In such cases 

Fig. 2 
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the A-matrix may not be the best description available. 
Other matrices are possible and, . especially for certain 
ttansistor work, these alternatives have distinct advantages 
over the A-matrix. For those readers who are just starting 

· on transistor work it is hoped that this article will show 
how some of the parameters associated with transistors 
arise; and perhaps they will then take some comfort in 
the fact that some order does indeed exist among the 
bewildering number of parameters that can be used. 

The A-matrix and other matrices are all obtained by 
using one central idea or theme. From the quantities 
Vu iD v 2, i 2 in Fig. 1 we may regard any pair as known 
and the other pair as unknown. With v2 and i 2 known, 
v1 and i 1 can be expressed as in equations (I) and (2). 
From these equations the A-matrix is defined. Similarly 
the following matrices may be obtained: 

i1 = Yu V1 + Y12 Vz (3) 
iz = Y21 V1 + Y22 Vz (4) 

which in matrix form is 

(5) 

The elements of the y-matrix are known as the y-para
meters since each has the dimensions of an admittance. 
The matrices are particularly useful when analysing 
circuits consisting of two networks in parallel at their 
input and output terminals (Fig. 3). 
The overall matrix is given by [Y] = [Y1] + [Y 2] i.e. the 
elements in corresponding positions in [Y 1] and [Y 2] are 
merely added. An example of an analysis using this tech
nique is given later. 

If we take as our starting point 
v 1 = Zu i 1 + Z12 i2 (6) 
'fJ2 = Z21 i1 + Zzz i2 (7) 

· which in matrix form is 

(vl) = ( Zn Z12') t>) = [Z] t:>) 
Vz z21 z22 , t?. \ . <l 

we obtain the z-matrix for the network. The z-matrices 
are most useful in the analysis of networks arranged 
in series as in Figure 4. 

The overall matrix is given by [Z] = [Z1] + [Z2] 

The individual elements of a z-matrix all have the 
dimensions of an impedance. 

The last matrix we need consider is the h-matrix. It is 
this matrix that is most useful when considering transis
tors. The individual elements of this matrix are the 

*Rutherford College ?f Tec,hnology, Newcastle-upon-Tyne. 
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2. - ITS APPLICATION TO CIRCUIT ANALYSIS By G. H. OLSEN,* b.sc. a.m.i.e.r.e. 

READERS of last month's article on matrix algebra 
will recall that many arrangements of linear com- 
ponents may be regarded as four-terminal networks 

such networks being represented by a " black-box" 
as in Fig. 1. 

With circuit arrangements that can be reduced to two- 
terminal networks we find it very convenient to describe 
such a network by the simple expression R + jX. 
Unfortunately such a simple expression is inadequate for 
four-terminal networks because of the increased number 
of variables involved. However, we saw that a two-by-two 
matrix is a sufficiently simple and adequate expression 
to describe four-terminal networks, the elements of such 
a matrix giving valuable information about the network's 
behaviour. 

The four independent variables f,, i,, v2, ;'2 may give 
rise to six different ways of describing the external 
behaviour of the network. For our purpose we need only 
consider four of these ways. 
The first, discussed in detail in the previous article may 
be expressed by the two equations 

t'l = 3]! f2 3]9 • • ==• * . . (1} 
l\ = 321 t'o - 322 • - • • • • • (2) 

which in matrix form reduces to :— 

\—i2 / 
The elements of the A-matrix describe the particular 

network involved; and by applying certain rules we saw 
how combinations of networks in cascade could be des- 
cribed by a single matrix, the latter being obtained by 
multiplying together the individual matrices of the 
networks making up the combination (see Fig. 2). 
The transfer function of the composite network was one 
of the most valuable items of information obtained from 
a consideration of the elements of [A], 

Circuits are not always, however, made up of networks 
connected in cascade as above. We may have networks 
connected in parallel (e.g. the parallel-T filter) or in 
series at their inputs and outputs; or we may have the 
inputs in series and the outputs in parallel. In such cases 

the A-matrix may not be the best description available. 
Other matrices are possible and, especially for certain 
transistor work, these alternatives have distinct advantages 
over the A-matrix. For those readers who are just starting 
on transistor work it is hoped that this article will show 
how some of the parameters associated with transistors 
arise; and perhaps they will then take some comfort in 
the fact that some order does indeed exist among the 
bewildering number of parameters that can be used. 

The A-matrix and other matrices are all obtained by 
using one central idea or theme. From the quantities 
vu fj, v-t, i2 in Fig. 1 we may regard any pair as known 
and the other pair as unknown. With v2 and L known, 
tij and i\ can be expressed as in equations (1) and (2). 
From these equations the A-matrix is defined. Similarly 
the following matrices may be obtained: 

h =- Yn th + yi2 ^2  (3) 
*2 = Yai »x T Yii Vt  (4) 

which in matrix form is 

{h) = (yi1 yv!){Vl) m(V]) .. .. (5) 
VV Tai Yaa/ VV \vj 

The elements of the y-matrix are known as the y-para- 
meters since each has the dimensions of an admittance. 
The matrices are particularly useful when analysing 
circuits consisting of two networks in parallel at their 
input and output terminals (Fig. 3). 
The overall matrix is given by [Y] [Yj] + [Yo] i.e. the 
elements in corresponding positions in [YJ and [Y2] are 
merely added. An example of an analysis using this tech- 
nique is given later. 

If we take as our starting point 
Vi ^ zn fj + z12 i,  (6) 

which in matrix form is 

Z21 222/ \^2/ 
[Z] ( 

we obtain the 2-matrix for the network. The z-matrices 
are most useful in the analysis of networks arranged 
in series as in Figure 4. 

The overall matrix is given by [Z] - [Z, | + [Zn] 
The individual elements of a z-matrix all have the 
dimensions of an impedance. 

The last matrix we need consider is the h-matrix. It is 
this matrix that is most useful when considering transis- 
tors. The individual elements of this matrix are the 

*Rutherford College of Technology, Newcastle-upon-Tyne. 
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WHERE [A]= [A,] [A2] [AJ] F 
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hybrid or h-parameters often quoted by manufacturers 
of transistors. The matrix is defined from the folloWing ·· 
equatiorts:-

v1 = h1i i 1 + h12 V2 · · •• 

· i2 = h21 i1 + h22 v 2 

which in matrix form is:-

Fig. 4 

Fig. s 

' (8) . 

(9) 

In circuit analysis the h-matrices are most useful in 
the configuration of Fig. 5. 
The overall h..,matrix is given by [H] = [H1] + [H2] ~ 

Consider now the transistor manufacturer's dilemma 
when wishing to publish design data on his products. 
The matrices described so far each have their advantages 
when applied to suitable circuit configurations; but from 
the manufacturer's point he wishes to describe his 
transistors with parameters that can easily be measured 
accurately and unfortunately the z- and y-parameters 
do not permit of easy determination because of the way 
in which they are defined. An examination of the h
plrameters shows that they · can all be determined easily 

Fig. 6 

and accurately. This is why the h-parameters are now 
widely used in manufacturers' data sheets, in textbooks 
and articles. D . N. Tilsley in the May 1964 issue .of the 
Wireless World (p229) has described the parameters in 
detail and it is thus unnecessary to go over the same 
ground again. It is essential however to point out that 
it will be necessary to be able to convert the h-parameters 
into the corresponding z-, y- and A-parameters depend
ing upon the particular circuit arrangement it is wished 
to examine. Since no one can rapidly convert one set 
into another from first principles every time a conversion 
is required it is usual to refer to a table. There is nothing 
complicated about the use of the tables. Like the log. 
tables with the trig. ratios etc., and the tables of Laplace 
transforms, the tables of matrix conversions should be 
readily available to all electronic engineers especially 
in examinations. Such a table is given in Table 1. Only 
one symbol used has not been defined so far, and that 

· is the one used for the determinant of a matrix. Taking 
the A-matrix as an example we have 

Applications 
When using matrices in circuit analysis we must first 
determine the most useful matrix form to use. As an 
example let us take the case of the parallel twin- T net
work shown hi Figure 6. 

To obtain the overall matrix of this -configuration we 

TABLE 1 

CONVERSION FROM I To 

an IAI a22 -IAI h - a12 hl2 = IAI ' Z11 = - Z12=- Yu= - Y12 = -- u--
A-Matrix parameters a21 a21 a12 a12 a22 a22 

IAI =au a22- a12 a21 1 a22 -1 au -1 h - a21 Z21 = -- Z22 =- Y21 = -- Y22=- h21=- 22--· a21 a21 a12 a12 a22 a22 

. zu a1" = ~ Z22 -z12 hu = EJ h _ Z12 a11 = -· Yu =lZf Y12 = Tzl 12 - -
z-parameters z.21 - Z21 . Z22 Z22 . 

lzl 1 1 
= z u Z22 -z12 Z21 Z22 - z21 zu h2t = -z21 a21 =- a22=- Y21 = lZJ- Y22 = jZf h22 =-Z21 Z21 Z22 Z22 

-y~~ ' -1 
.. 

Y22 · -'-Yt2 1 h
12 

= - Yt2 zu = lYl Zt2 := lYI a11 = -- a12 = - hu =-
y-parameters Y21 Y21 Yu zu 

IYI = YuY22 -y12Y21 -Y2t Yu -IYI - Yn h _ Y21 h22 =lL' Zt2 = lYI Z22 = IYT a21 = -- a22 =-- 21 ..,..--
Y21 · Y21 Yu · Yu -----------------

lhl hl2 . . 1 -h12 -lhl -hn Ztt= - Zt2 = h22 . Yn=h Y12 =~ · at_I = h21 a12 = h 2:i 
b-parameters h22 . 11 ' .11 

lhl = hnh22 -h12h21 . -h21 1 
., 

h21 Y22 = Jhl -h22 ---,:.1 
Z2t = h22 z22 = h22 Y21= hn hu a21 = . h2~ a22 = ll2t 
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hybrid or h-parameters often quoted by manufacturers 
of transistors. The matrix is defined from the following 
equations:— 

fi --h,, z, : h12D2 .. .. .. .. (8). 

^*2 ^ h21 ix + h22 ^2 • • • • • • •. (9) 
which in matrix form is:— 

GMtb (:><) 

In circuit analysis the h-matrices are most useful in 
the configuration of Fig. 5. 
The overall h-matrix is given by [H] = [H,] + [H2]. 

Consider now the transistor manufacturer's dilemma 
when wishing to publish design data on his products. 
The matrices described so far each have their advantages 
when applied to suitable circuit configurationsi but from 
the manufacturer's point he wishes to describe his 
transistors with parameters that can easily be measured 
accurately and unfortunately the z- and y-parameters 
do not permit of easy determination because of the way 
in which they are defined. An examination of the h- 
parameters shows that they can all be determined easily 

 —II   ,—1,— 
0 " R I R 0 

zc: 

0 

1 < 
=< 

f 1 
>1 
i 

and accurately. This is why the h-parameters are now 
widely used in manufacturers' data sheets, in textbooks 
and articles. D. N. Tilsley in the May 1964 issue of the 
Wireless World (p229) has described the parameters in 
detail and it is thus unnecessary to go over the same 
grotmd again. It is essential however to point out that 
it will be necessary to be able to convert the h-parameters 
into the corresponding z-, y- and A-parameters depend- 
ing upon the particular circuit arrangement it is wished 
to examine. Since no one can rapidly convert one set 
into another from first principles every time a conversion 
is required it is usual to refer to a table. There is nothing 
complicated about the use of the tables. Like the log. 
tables with the trig, ratios etc., and the tables of Laplace 
transforms, the tables of matrix conversions should be 
readily available to all electronic engineers especially 
in examinations. Such a table is given in Table 1. Only 
one symbol used has not been defined so far, and that 
is the one used for the determinant of a matrix. Taking 
the A-matrix as an example we have 

[A] = (ai1 a'2 ) and det. A (written ]A|) = an a22-a12 a2l, \<*21 **22/ 

Applications 
When using matrices in circuit analysis we must first 
determine the most useful matrix form to use. As an 
example let us take the case of the parallel twin- T net- 
work shown in Figure 6. 

To obtain the overall matrix of this configuration we 

TABLE 1 

CONVERSION FROM 

A-Matrix parameters 

an 
a21 

2 - |A1 212 - ^  a21 yn _ ^22 
a12 

1 
a21 

7 
a22 22 ~ a21 721 

- 1 
312 

311 a22 ^ a12 a21 

h-parameters 
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first note that two T-networks are connected in parallel 
at their input and output terminals. The y-parameters 
are therefore used since simple addition of th;:: y-elements 
for each T -network gives us the overall y-matrix. If 
only the A-m:ltrix parameters are known we would 
proceed as follows:-

R 

~ 
o~I-o 

Fig. 7 

The A-matrix of the T -network can be found from 
the individual matrices of the · components as shown in 
the last article. The result (see 'Fig. 7) is given by 

[A] _ _ (1_1 + 2jwCR 2R + 2jwCR~ \ _ (' 7.. f3). 
1 - . ) -- · S:lY 2jwC 1 + 2ju>CR · y 7.. . 

(It should be noted in passing that IAI ,_,,: 1, a prop~rty of 
th;:: A-matrices of passive linear symmetrical networks). 
Using th -~ conversion table 

Similarly the A-matrix of the network of Fig. 8 is 
given by 

A2 = c -~ZG where Z = - -2Z + Z2G) 1 
1 + ZG jwC 

and G = 2/R 

,B~) 
(J. 

Thus 

( 
x'/W -1/{3' ) 

[Y2l =_ l /f3' r:t.'/f3' 

The overall y-matrix for the parallel T -network is 
therefore 

From Eqn. (3) + ( 4) the .transfer function is - y 21 /y 22 
i.e. (f3 + f3') /( af3' + 7.' {3) . For infinite attenuation 
f3 + f3' = 0. 

R 
2 

fig. 8 
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This occurs when w = w f) say. 

. . 2R + 2jw0 C R
2 + jw~C - w/~2R = 0 

1 
•• wf) = cR. 

Infinite attenuation therefore results at a frequency 
( , = l /(2rrCR). 

Before loo:dng at the application of matrix algebra to 
transistor circuit analysis let us consider the symbol 
conventions used since we need to be quite clear about 
the interpretation of any symbol. As the h-parameters 
appear in the conversion table they apply to transistors 
used in the grounded-base mode of operation. When 
considering the grounded-emitter mode the same ex
pressions are used ex·:::ept that all the h's are primed thus, 
h' w h'12 etc. By considering the defining equations 
(8) and (9) we see that h 21 =--.: r:t. (when v 2 = 0 i.e. the 
output is short circuited to a. c.); h 21 is therefore the current 
gain in the grounded base mode of operation. h' 21 = a' = {3 
i.e. the current gain of a grounded-emitter transistor. 
We also have the conventional symbols described by 
D. N. Tilsley where h'u =: hie; h'12 =-~~ hre; h'21 = h.re and 
h'22 = hoe· 

The matter of conventions is not yet settled and many 
writers still go by preference. This writer prefers the 
numeral subscripts since the position in the matrix 
requires no effort on the part of the memory; additionally, 
the letter subscripts refer to English words such as 
" forward " and " reverse " and these are not likely to 
be adopted by non:-English-spcakii1g countries. 

With many important practical circuits -we often 
need to know one or more of the following: input 
impedance, voltage gain, current gain, power gain and 
output impedance . All of this information is available 
in compact form wlr:n using matrices. Take _as an 

. easy example a straightforward transistor amplifier, 
Fig. 9(a) and its matrix equivalent, Fig. 9(b ). , 

Regarding this as two four-terminal networks in 
cascade we find it convenient to use A-matrices. The 
overall A-matrix will give the information we need; 
but let us say that only the h-parameters are available 
from the manufacturer's data. We first convert the 
h-pa'ram:::ters to A-parameters, using the table; then 
multiply th~ matrix by that representing the load. The 
overall matrix [A] is given by ·· 

- h' ) 
- I tl) (1 0 h 21 

-1 G( 1.· ~here GL 
h 1

2L -

The required information can then be easily extracted. 

first note that two T-networks are connected in parallel 
at their input and output terminals. The y-parameters 
are therefore used since simple addition of the y-elements 
for each T-network gives us the overall y-matrix. If 
only the A-matrix parameters are known we would 
proceed as follows:— 

This occurs when w = say, 

2R + 2) m C R2 r • 2
r - 

2 = 0 

The A-matrix of the T-network can be found from 
the individual matrices of the components as shown in 
the last article. The result (see Fig. 7) is given by 

1 ! 2jcuCR 2R - 2jaJCR2.1 , a B\ 
[Al]~UuC ' 1 2jo)CR ;^ir.)S3y- 

(It should be noted in passing that |A[ ^ 1, a property of 
the A-matriccs of passive linear symmetrical networks). 
Using the conversion table 

a 1 
P ~ B 

i X 
R B, 

Similarly the A-matrix of the network of Fig. 8 is 
given by 

,1+ZG 2Z + Z2G\ u 1 
A' ( G 1 + ZG ) where ' - jwC 

The overall y-matrix for the parallel T-network is 
therefore 

f + l-" -(J + p') 

A' l) CK) 
From Eqn. (3) 
i.e. (fJ b pyi* 
J3 + j3' = 0. 

(4) the transfer function is — y^i/y^.z 
+ v-'B). For infinite attenuation 

Infinite attenuation therefore results at a frequency 
f„ - 1/(2 ttCR). 

Before looking at the application of matrix algebra to 
transistor circuit analysis let us consider the symbol 
conventions used since we need to be quite clear about 
the interpretation of any symbol. As the h-parameters 
appear in the conversion table they apply to transistors 
used in the grounded-base mode of operation. When 
considering the grounded-emitter mode the same ex- 
pressions are used except that all the h's are primed thus, 
h'm h',2 etc. By considering the defining equations 
(8) and (9) we see that h21 - x (when = 0 i.e. the 
output is short circuited to a.c.); h2l is therefore the current 
gain in the grounded base mode of operation, h — a' = ,8 
i.e. the current gain of a grounded-emitter transistor. 
We also have the conventional symbols described by 
D. N. Tilsley where h'^ ^ hie; h'12 =- h(.e; h'21 = hu and 
h 22 h. 

The matter of conventions is not yet settled and many 
writers still go by preference. This writer prefers the 
numeral subscripts since the position in the matrix 
requires no effort on the part of the memory^ additionally, 
the letter subscripts refer to English words such as 
" forward " and " reverse " and these are not likely to 
be adopted by non-English-speaking countries. 

With many important practical circuits we often 
need to know one or more of the following: input 
impedance, voltage gain, current gain, power gain and 
output impedance. All of this information is available 
in compact form wh n using matrices. Take as an 
easy example a straightforward transistor amplifier. 
Fig. 9(a) and its matrix equivalent, Fig. 9(b). 

Regarding this as two four-terminal networks in 
cascade we find it convenient to use A-matrices. The 
overall A-matrix will give the information we need; 
but let us say that only the h-parameters are available 
from the manufacturer's data. We first convert the 
h-paramcters to A-parameters, using the table; then 
multiply the matrix by that representing the load. The 
overall matrix [A] is given by 

where G, = „ 

The required information can then be easily extracted. 

-Jh'| - h'u\ 
h 2i h u \ 

—h'22 
h 2i hki / 
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Fig. 10 

For example the voltage gain will be given by the 
reciprocal of the a11 · element of [A] 

. -h·21 
t.e. jh'l +-Gh'

11 

Suppose therefore that h'11 = 1k n, h'12 = 3 X 10-4 h'21 
= 50andh'22 = 50~-tu thenjh'l = 50 x 10-3 -150 x I0-4 

= 35 x 10-'3 ; The voltage gain is therefore -50/ 
(35 x 10- 3 + G L x 103). For a 5.6k load resistor the 
voltage gain is therefore 235. The input resistance is 
found from equations (1) and (2) to be a11/a21 of [A] 
(i2 being zero for the cascaded pair). This turns out to be 

h'11 + jh'j RL 
Rin = 1 + h,

22 
RL = 930 (approx.) 

If feedback is introduced by omitting the by-pass capaci
tor across the emitter resistor ( = 1k n say) we have 
Fig. 10 as a four-terminal equivalent. 

The procedure here would be to notice that since the 
transistor and emitter resistor networks are in series at 
their inputs and outputs we require the z-parameters of 
each network. Addition gives the overall z-matrix 
which can then be converted to the A-matrix and multi
plied by the A-matrix for the load resistor. It will be 
found that the inteqnediate working becomes rather 
cumbersome if symbols are retained so, if the con
figuration includes a transistor and emitter resistor with 
known parameters it is better to work out the numerical 
values of the matrix elements as one goes along. Once 
the overall A.:matrix is obtained the voltage and current 
gains, and input and output impedances are readily 
determined. Provided the writer has done his homework 
satisfactorily readers should find that the gain is now 
F:::i 5.5 and the input resistance about 39k n. / 

Although matrix algebra is not the answer to every 
problem of circuit analysis, it is a powerful tool that 
ought to be more widely used. Criticism that precise 
formulations are a waste of time with transistor circuits 
(because of the wide spread of transistor parameters) 
is not likely to be permanently valid. As manufacturing 
techniques improve better control of parameters will 
be effected. In any case some attempt should be made 
at analysing the circuits we use; and it is hoped that these 
articles have gone some way in encouraging readers 
to adopt matrix methods where appropriate .. 

THIS MONTH'S CONFERENCES & EXHIBITIONS 
LONDON 
Apr. 11-14 Chelsea Coli. of Science 

Educational Requirements for the Professional Inspection 
& Quality Engineer 

(Instn. of Engineering Inspection, 616 Grand Buildings, Trafalgar 
Sq., W.C.2.) · 

Apr . .21.:.30 . . Olympia & Earls Court 
International Engineering Exhibition · 
(F. W. Bridges & Sons, 1-19 New Oxford St., W.C.l.) 

Apr. 22-25 Hotel Russell 
International Audio Festival & Fair 
(C. Rex-Hassan, 42 Manchester St., W.l.) 

Apr. 30 & May 1 Royal Hotel 
Technical Publications & Aids to Technical Publications 
(Technical Publications Assoc., 17 Bluebridge Ave., Brookmans 
Park, Herts.) 

BIRMINGHAM 
Apr. 5-7 The University 

Conference on Elementary Particles 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.l) 

BRISTOL 
Apr. 7-9 The University 

Stress Analysis Conference 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.l) 

MANCHESTER 
Apr. 5-8 Col. of Science & Tech. 

Physics Exhibition 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.l.) 

NOTTINGHAM 
Apr. 6-9 The University 

Automatic Control Convention 
(Inst. Mechanical Engineers, 1 Birdcage Walk, S.W.1) 

OVERSEAS 
Apr. 5-10 Paris 

Symposium on Memory Techniques 
(Societe · Francaise d'Electroniciens et des Radioelectriciens, 
10 avenue Pierre-Larousse~ Malakoff (Seine)) . 

172 

Apr. 8-13 Paris 
Electronic Components Exhibition 
(F.N.I.E., 16 rue de Presles, Paris 15e) 

Apr. 8-13 Paris 
Audio Equipment Exhibition 
(F.N.I.E., 16 rue de Presles, Paris lSe) 

Apr. 12-17 Los Angeles 
Technical Conference 
(S.M.P.T.E., 9 East 41st St., New York 17, N.Y.) 

Apr. 13-15 Houston 
Telemetering Conference 
(R. W. Towle, Advanced Technology Labs., 369 Whisman Rd., 
Mountain View, Cal.) 

Apr. 14-15 Cincinnati 
Electronics and Instrumentation Conference 
(J. R. Ebbeler, Avco Corp., 2630 Glendale-Milford Rd., Cin
cinnati) 

Apr. 20-22 New York 
Symposium on System Theory 
(Polytechnic Institute of Brooklyn, 333 Jay St., Brooklyn 1, N .Y.) 

Apr. 20-22 Atlantic City 
Frequency Control Symposium ' 
(M. F. Timm, U.S. Army Electronics Labs., Fort Monmouth) 

Apr. 21-23 Pittsburgh 
Optimization Techniques 
(I.E.E.E., Box A, Lenox Hill Station, New York 21, N.Y.) 

Apr. 21-23 , Washington 
Nonlinear Magnetics 
(Dr. E. W. Pugh, IBM Building, 703-2, Poughkeepsie, N.Y.) 

Apr. 24-May 2 Hariover 
Hanover Fair 
(Schenkers Ltd., 13 Finsbury Sq., London, E.C.2) 

"Simple Transistor Power Supply ":-In Fig. 4, page 139 
of the March issue, the resistances assume a meter resistance 
of 14500 (0.5 rnA, f.s .d.). In the second paragraph, left
hand column, page 140 the reference is to Fig. (a) (not (b)) 
and in the performance table the ripple should be in 
millivolts. 
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hi k2 

For example the voltage gain will be given by the 
reciprocal of the an element of [A] 

hai  
, e- lh'| + Gh'n 

Suppose therefore that h'u = IkO, h'12 = 3x lO"4 h'21 
= 50andh'22 = thenjh'l = 50 x Kb3 —150 X 10"4 

= 35 x lO-3. The voltage gain is therefore —50/ 
(35 x 10 3 + G, x 103). For a 5.6k load resistor the 
voltage gain is therefore 235. The input resistance is 
found from equations (1) and (2) to be a11/a2| of [A] 
(f2 being zero for the cascaded pair). This turns out to be 

+ ih'l R, 930 (approx.) 

If feedback is introduced by omitting the by-pass capaci- 
tor across the emitter resistor (= Ikn say) we have 
Fig. 10 as a four-terminal equivalent. 

The procedure here would be to notice that since the 
transistor and emitter resistor networks are in series at 
their inputs and outputs we require the z-parameters of 
each network. Addition gives the overall z-matrix 
which can then be converted to the A-matrix and multi- 
plied by the A-matrix for the load resistor. It will be 
found that the intermediate working becomes rather 
cumbersome if symbols are retained so, if the con- 
figuration includes a transistor and emitter resistor with 
known parameters it is better to work out the numerical 
values of the matrix elements as one goes along. Once 
the overall A-matrix is obtained the voltage and current 
gains, and input and output impedances are readily 
determined. Provided the writer has done his homework 
satisfactorily readers should find that the gain is now 

and the input resistance about 39k Q. 
Although matrix algebra is not the answer to every 

problem of circuit analysis, it is a powerful tool that 
ought to be more widely used. Criticism that precise 
formulations are a waste of time with transistor circuits 
(because of the wide spread of transistor parameters) 
is not likely to be permanently valid. As manufacturing 
techniques improve better control of parameters will 
be effected. In any case some attempt should be made 
at analysing the circuits we use; and it is hoped that these 
articles have gone some way in encouraging readers 
to adopt matrix methods where appropriate. 

THIS MONTH'S CONFERENCES & EXHIBITIONS 

LONDON 
Apr. 11-14 Chelsea Coll. of Science 

Educational Requirements for the Professional Inspection 
& Quality Engineer 

(Instn. of Engineering Inspection, 616 Grand Buildings, Trafalgar 
Sq., W.C.2.) 

Apr. 21-30 Olympia & Earls Court 
International Engineering Exhibition 
(F. W. Bridges & Sons, 1-19 New Oxford St., W.C.I.) 

Apr. 22-25 _ Hotel Russell 
International Audio Festival & Fair 
(C. Rex-Hassan, 42 Manchester St., W.l.) 

Apr. 30 & May 1 Royal Hotel 
Technical Publications & Aids to Technical Publications 
(Technical Publications Assoc., 17 Bluebridge Ave., Brookmans 
Park, Herts.) 

BIRMINGHAM 
Apr. 5-7 The University 

Conference on Elementary Particles 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.I) 

BRISTOL 
Apr. 7-9 The University 

Stress Analysis Conference 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.I) 

MANCHESTER 
Apr. 5-8 _ Col. of Sc 

Physics Exhibition 
(Inst. Phys. & Phys. Soc., 47 Belgrave Sq., S.W.I.) 

Col. of Science & Tech. 

NOTTINGHAM 
Apr. 6-9 The University 

Automatic Control Convention 
(Inst. Mechanical Engineers, 1 Birdcage Walk, S.W.I) 

OVERSEAS 
Apr. 5-10 _ Pans 

Symposium on Memory Techniques 
(Societe Francaise d'Electroniciens et des Radioclectriciens, 
10 avenue Pierre-Larousse, Maiakoff (Seine)) 

Apr. 8-13 Paris 
Electronic Components Exhibition 
(F.N.I.E., 16 rue de Presles, Paris 15e) 

Apr. 8-13 Paris 
Audio Equipment Exhibition 
(F.N.I.E., 16 rue de Presles, Paris 15e) 

Apr. 12-17 Los Angeles 
Technical Conference 
(S.M.P.T.E., 9 East 41st St., New York 17, N.Y.) 

Apr. 13-15 Houston 
Telemetering Conference 
(R. W. Towle, Advanced Technology Labs., 369 Whisman Rd., 
Mountain View, Cal.) 

Apr. 14-15 Cincinnati 
Electronics and Instrumentation Conference 
(J, R. Ebbeler, Avco Corp., 2630 Glendale-Milford Rd., Cin- 
cinnati) 

Apr. 20-22 New York 
Symposium on System Theory 
(Polytechnic Institute of Brooklyn, 333 Jay St., Brooklyn 1, N.Y.) 

Apr. 20-22 Atlantic City 
Frequency Control Symposium 
(M. F. Timm, U.S. Army Electronics Labs., Fort Monmouth) 

Apr, 21-23 Pittsburgh 
Optimization Techniques 
(I.E.E.E., Box A, Lenox Hill Station, New York 21, N.Y.) 

Apr. 21-23 Washington 
Nonlinear Magnetics 
(Dr. E. W. Pugh, IBM Building, 703-2, Poughkeepsie, N.Y.) 

Apr. 24-May 2 Hanover 
Hanover Fair 
(Schenkers Ltd., 13 Finsbury Sq., London, E.C.2) 

"Simple Transistor Power Supply":—In Fig. 4, page 139 
of the .March issue, the resistances assume a meter resistance 
of 14500 (0.5 mA, f.s.d.). In the second paragraph, left- 
hand column, page 140 the reference is to Fig. (a) (not (b)) 
and in the performance table the ripple should be in 
mt'Hivolts. 
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MANUFACTURERS' PRODUCTS 

Plug-in Component Module 
A NEW component board unit con
sisting of a twenty-two way plug-ln 
base (identical to that used for the Key
switch P33 relay) and a circuit com
ponent board enclosed in a transparent 
dust-proof cover has been introduced by 
Keyswitch Relays Ltd., of 120-132 
Cricklewood Lane, London, N.W.2. 
The component mounting area is 
3·125 X 2·218 X 1·093 in and as a demon
stration of what can be achieved, Key
switch have successfully built into a 
standard unit a ring counter stage com
plete with power pack. This included 
11 trigger tubes, 11 diodes, 65 resistors 
and 35 capacitors. 

Longitudinal copper strips 0·0015 in 
thick and spaced at 0·2 in intervals are 
bonded to the board which is pierced 
with a regular matrix of holes. The 
maximum working voltage between ad
jacent copper strips is 500 volts d.c. 
The price of the Type 304 plug-in com
ponent board unit is 30s. 
4WW 301 for further details 

Cold-cathode Indicator Diode 
AMBIENT illumination does not inter
fere with the operation of the new 
ZA1004 cold-cathode indicator tube from 
Mullard Ltd. This tube is primarily 
intended as a display device for 
medium/low voltage .transistor circuits 
and a prominent feature is that the con
trol voltage is less than 10 volts and in 
certain circuits may be kept as low as 
3.5 V. The tube has -a breakdown volt
age of 93.5 V maximum, an extinction 
voltage of 83.5 V minimum, and a pre
ferred cathode current of 1 rnA. Mini
mum illumination at a distance of 2 mm 
from the bulb surface is 45 lux. The 
makers claim a life expectancy of 2,500 
hours when the tube is operated at a 
constant cathode current of 1 rnA and 
a bulb temperature of 35 o C. 
4WW 302 for further details 

Temperature Gauge 
A COMPACT portable temperature 
gauge suitable for measuring tempera
tures to an accuracy of 1 % . from 
- 20°C to + l20°C has been introduced 
by Startronic Ltd., of 117a-119a Malden 
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.NEW ELECTRONIC EQUIPMENT AND ACCESSORIES 

Road, New Malden, Surrey. Thi.! 
instrument has two scales covering 
-20 to +55 and +50 to + 120oC and 
can be located so:ne distance away 
from the probe without s·eriously 
affecting the accuracy. In fact, a lead 
resistance of 2!2 only introduces ±"C 
error at 100°C. 

·A selection of matched thermistor -; 
are available for the measurement of 
surface temperatures and a selection of 
probes can be supplied for the measure
ment of gas or liquid temperatures. 
Other accessories include a ten-way 
selector box and a selection of leads . 
The instrument weighs 4 lb and 
measures (case size) 2! X 5t X 7~ in. The 
price is £31. 
4WW 303 for further details 

Capacitance Bridge 
A THREE-TERMINAL 100 kc/s 
capacitance bridge able to measure 

0.0002 to 110.000 pF with a basic 
accuracy of 0.1 ''{; has been dev~loped 
by the Boonton Electronics Corpora
tion, of New Jersey. This instrument, 
known as the Model 74D, may also be 
used for the measurement of conduc
tance, from 0.0001 to 1,000 micromhos, 
and shut resistance, from l,OOOI2 to 
1,000 MD. 

Features of the Model 74D include a 
continuously variable test signal from 
1 mV to 4 V, an internal bias adjustable 
from -7 V to + 144 V, provision for 
external bias up to ± 400 V, negligible 
warm-up drift, and less than 0.001 pF 
capacitance drift in 24 hours. 

The Model 74D may also be used as 
a comparison bridge or for " go "-" no
go" testing, as a d. c. output P' OJOr
tional to the bridge unbalance is 
provided. 

This instrument is obtainable in the 
United Kingdom through Livingston 
Laboratories Ltd., of 31 Camden Road, 

Two Type ZAI004 cold-cai.hode indicator diodes 
from Mullard. 

Plug-in component board unit 
from Keyswitch Relays Ltd. 

Wide-r.ange three terminal capacitance bridge 
manufactured by the Boonton Electronics Corp. 

Battery-operated Model /42 tem
perature gauge from Startronic Ltd. 
It covers the range - 20 ~ to 
-j- I20 '' C. 
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NEW ELECTRONIC EQUIPMENT AND ACCESSORIES 

Plug-in Component Module 
A NEW component board unit con- 
sisting of a twenty-two way plug-in 
base (identical to that used for the Key- 
switch P33 relay) and a circuit com- 
ponent board enclosed in a transparent 
dust-proof cover has been introduced by 
Keyswitch Relays Ltd., of 120-132 
Cricklewood Lane, London, N.W.2. 
The component mounting area is 
3-125 X 2-218 X 1 093 in and as a demon- 
stration of what can be achieved, Key- 
switch have successfully built into a 
standard unit a ring counter stage com- 
plete with power pack. This included 
11 trigger tubes, 11 diodes, 65 resistors 
and 35 capacitors. 

Longitudinal copper strips 0-0015 in 
thick and spaced at 0-2 in intervals are 
bonded to the board which is pierced 
with a regular matrix of holes. The 
maximum working voltage between ad- 
jacent copper strips is 500 volts d.c. 
The price of the Type 304 plug-in com- 
ponent board unit is 30s. 
4WW 301 for further details 

Cold-cathode Indicator Diode 
AMBIENT illumination does not inter- 
fere with the operation of the new 
ZA1004 cold-cathode indicator tube from 
Mullard Ltd. This tube is primarily 
intended as a display device for 
medium/low voltage transistor circuits 
and a prominent feature is that the con- 
trol voltage is less than 10 volts and in 
certain circuits may be kept as low as 
3.5 V. The tube has-a breakdown volt- 
age of 93.5 V maximum, an extinction 
voltage of 83.5 V minimum, and a pre- 
ferred cathode current of 1 mA. Mini- 
mum illumination at a distance of 2 mm 
from the bulb surface is 45 lux. The 
makers claim a life expectancy of 2,500 
hours when the tube is operated at a 
constant cathode current of 1mA and 
a bulb temperature of 35" C. =
4WW 302 for further details 

Temperature Gauge 
A COMPACT portable temperature 
gauge suitable for measuring tempera- 
tures to an accuracy of 1% from 
—20°C to +120°C has been introduced 
by Startronic Ltd., of 117a-119a Maiden 

Road, New Maiden, Surrey. The 
instrument has two scales covering 
— 20 to +55 and +50 to +120oC and 
can be located some distance away 
from the probe without seriously 
affecting the accuracy. In fact, a lead 
resistance of 2!i only introduces t'C 
error at 100oC. 

A selection of matched thermistors 
are available for the measurement of 
surface temperatures and a selection of 
probes can be supplied for the measure- 
ment of gas or liquid temperatures. 
Other accessories include a ten-way 
selector box and a selection of leads. 
The instrument weighs 4 lb and 
measures (case size) 2Jx5iX7| in. The 
price is £31. 
4WW 303 for further details 

Capacitance Bridge 
A THREE-TERMINAL lOOkc/s 
capacitance bridge able to measure 

0.0002 to 110.000 pF with a basic 
accuracy of 0.1% has been developed 
by the Boonton Electronics Corpora- 
tion, of New Jersey. This instrument, 
known as the Model 74D, may also be 
used tor the measurement of conduc- 
tance, from 0,0001 to 1,000 micromhos, 
and shut resistance, from 1,00012 to 
1,000 MO. 

Features of the Model 74D include a 
continuously variable test signal from 
1 mV to 4 V, an internal bias adjustable 
from —7 V to +144 V, provision for 
external bias up to +400V, negligible 
warm-up drift, and less than 0,001 pF 
capacitance drift in 24 hours. 

The Model 74D may also be used as 
a comparison bridge or for " go no- 
go" testing, as a d.c. output propor- 
tional to the bridge unbalance is 
provided. 

This instrument is obtainable in the 
United Kingdom through Livingston 
Laboratories Ltd., of 31 Camden Road, 
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Two Type ZAI004 cold-caihode indicator diodes 
from Mullard. 

Plug-in component board unit 
from Keyswitch Relays Ltd. 
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Wide-range three terminal capacitance bridge 
manufactured by the Boonfon Electronics Corp. 

(55- — V „ 

Battery-operated Model 142 tem- 
perature gauge from Startronic Ltd. 
It covers the range —20' to 
+ /20,C. 

Wireless World, April 1965 173 


