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DESIGNING AND
USING ACTIVE FILTERS

A short series by Tim Orr which will enable the home constructor to utilise circuits of high

complexity as easily as plugging in a resistor.

here is no doubt that active filters are very useful
Tdevices. Also, there is no shortage of literature on

the subject. This would seem to suggest that
designing active filters is a. fairly straightforward busi-
ness. Well, itis and itisn't. Itis if you read this article. It
isn't if you read the aforementioned literature. Most of
the books on this subject have filled our heads with
terms such as poles and zeros, Laplace transforms,

gransfer functions, etc, which haven’t actually helped us .

to design anything!

Some basic theory

it is advisable to quickly run through some basic terms
and expressions. Firstly, consider a simple low pass
filter, Fig. 1a. The frequency response (Fig. 1b) is
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Fig. 1a. Simple low pass filter.
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nearly flat until the break point, derﬁoted by fb. After
this point the response rolls off at 6dB/octave, that is
signals above this frequency are increasingly attenuat-
ed. The break point is defined as being the frequency
where the resistance equals the capacitive reactance.
When this occurs, the output js attenuated to
0.707(—3dB) of the input. Although the resistance
equals the capacitive reactance, the output is not half of
the input. (This is because it is the vector sum of the two
and hence equals 0.707 of the input!)

As the frequency response is a rather complex curve
it is very useful to use a straight line approximation to it.
These lines are called asymptotes (Fig. 1c). Note that the
frequency response graph uses the convention of
logarithmic scales, octaves or decades along the
frequency axis, and dBs -along the vertical axis
representing output voltage divided by input voltage.

Phase shift with respect to frequency is also often
plotted as in Fig. 1d. These two (the phase and
frequency response plots) are known as Bode diagrams
and are generally considered the most useful way of
representing a filter's performance.

You will note that for the lowpass filter of Flg 1a, the
phase shift starts at O, is 45 at fb and then
approaches 90" as the frequency approaches infinity.
This is not an active filter, it is composed entirely of
passive components which means that its output
cannot be effectively loaded without changing its
performance.

oP AMP
VOLTAGE
FOLLOWER

V out

4

Fig. 1e. Active filter to perform the same task as the passive
circuit of Fig. 1a.

Fig. 1e shows the same filter but in its active form,

the op amp being used as a voltage follower serving
only to isolate the filter's output. This type of filter is

known as a First Order filter — a measure of the roll off
slope.

When a more rapid slope is required, a higher order

filter structure (one with more reactive elemems) must
be used. This is dealt with later.
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Filter type Low pass

Filter order First order

Roll off slope —6dB/octave or —20dB/decade
(the same)

Breakpoint fb fo=1/2nCR Hz
Phase shift at fb ] 45

TABLE 1.  Summary of low pass filter of Fig. 1.

Passing highs

Next, let us consider the simple high pass filter of
Fig. 2a. It is the complement of the low pass filter, the
elements having been interchanged. Therefore it is not

]
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Fig. 2a. Simple high-pass active filter.

20 LOG Yout
Vin

&

BREAKPOINT

0dR
-3dB

—i FREQ

fb

Fig. 2b. Frequency response of the high-pass filter.
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Fig. Zc. Phase v frequency plot of the same filter.

difficult to accept the complementary phase and
frequency response curves of Fig. 2b. Note that the
break point is the same and so is the roll off slope
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Filter typé High pass

Filter order First order

Roll off slope +6dB/octave or +20dB/decade
Break point fb | fb=1/2nCR Hz

Phase shift at fb | 45

TABLE 2. Summary of the high pass filter Fig. 2.

Passing bands

The next type to be considered is a simple band pass
filter shown in Fig. 3a. Although it uses an inductor it is
only to illustrate the bandpass theory. Later on in this
series, inductors will be replaced by their active
equivalents. -

The frequency response (Fig. 3b) shows that this
circuit -is symmeirical, having roll off slopes of
GdB/octave on either side of its RESONANT peak. This

Al
1l O
L c CENTRE FREQUENCY fc
fc = —
Vin R V out 2.\ LC
WHERE fc IS IN Hz
L IS IN HENRYS
C 1S IN FARADS
—Q0
TUNED CIRCUIT
Fig. 3a. Simple band-pass filter.
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Fig. 3b. Band-pass frequency response.
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Fig. 3c. Band-pass phase response.

filter is known as a second order filter, because it has
two reactive sections, the L and the C. The C is
responsible for the + 6dB/octave portion of the slope,
the L for the —6dB/octave portion. But where these
two slopes should meet, the response of the filter
peaks and the®slopes become much larger (Reson-




.ance). The sharpness of this peak is described as the
Quality of the filter, the Q factor. Resonance occurs at a
frequency known as the Centre frequency denoted by
fc

The bandpass filter is so called because it only
passes signals within a certain bandwidth, which is
defined as being the frequency range contained
between the two points that are 3dB below the resonant
peak. There is a fixed relationship between Centre
frequency (fc), bandwidth (fbw) and Q factor, given by
Q=fc/fbw

The centre frequency is given by fc~1/2m\/LC Hz.
This is only approximate, as it assumes that the value of
R is relatively low. As R decreases, the Q factor
increases. Thus R has the effect of damping the
resonances, and so as it approaches zero ohms, Q
approaches infinity.

The phase shift is shown in Fig. 3c. As this filter is a
second order structure, then the total phase movement
will be twice that for a first order structure, i.e. 180
Fig. 3d shows the phase and frequency responses for
different values of Q. Note that a high Q has a very
rapid rate of change of phase, a low Q has only a slow
rate of change.
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Fig. 3d. Effect of varying Q on the frequency and phase
characteristics.

Time please

Bandpassfilters also have a time resppnse, as opposed
to their ‘frequency response. When an impulse is
applied to a bandpass filter it rings (Fig. 3e). The filter
oscillates at the centre frequency, fc, the amplitude of
the oscillations decaying exponentially in time. The
ringing time, Tr, is the time taken for the oscillations to
decay to 37% of their initial value. Ringing time is
related to the Q and fc by the following equation:

Tr=Q/2xfc
When a high Q filter has been constructed, it may prove
difficult to measure its Q factor accurately due to the
narrowness of its bandwidth. However, if the filter is
made to ring, a reasonably accurate measurement of
the Q can be obtained by measuring Tr and fc.

RINGING AT fc
INPUT | BAND PAss |ouTPuT
— @l FILTER | 5

fc )
IMPULSE
gE)(PONENTlI[\)IE DECAY

© IN AMPLITU
\
7;72 uzé)%H:&m

T ring

AMPLITUDE DECAYED
TO 37% OF ORIGINAL

Fig. 3e. Ringing in a band-pass filter.

Filter type
Filter order
Roll off slopes

Band pass !

Second order !

+ and —6dB/octave greater
near to rescnance

Centre frequency fc | fc~1/2m\/LC

Phase shift at fc 0 .

Q factor fc /tbw where fbw is the

3dB bandwidth

3dB bandwidth fbw | fc/Q

Ringing time, Tr Q/ 2mfc

TABLE 3. Summary of band-pass filter.

Failed band ,

Another common filter structure is the band reject or
notch filter. There are many ways of realising this filter,
one of which is shown in Fig. 4. The input signal is
subtracted from the bandpass output. By adjusting Ra

with respect to R, complete cancellation can be
btained at fc.

Vin —}k_
2nd ORDER fo
BANDPASS 3

¢ “VEiILTER

& V out

> R a
SET NOTCH DEPTH

INVERTER

Fig. 4. Notch filter using Op-Amps.

Thus the centre frequency of the bandpass filter is
the centre frequency of the notch, whose depth can be
varied by altering Ra.

Very deep notches are possible, 50dB is easily
obtained. As the Q of the bandpass filter is increased,
so is the Q of the notch filter. However, Ra will have to
be reset for each value of Q.

Filter Order

Consider the ideal low pass filter shown in Fig. 5a
Its response is flat right up until the break frequency 0.
Frequencies above fb are attenuated to nothing! You
won't be surprised to learn that filters like this don't
exist. However, it is a common requirement to produce
filters with very steep roll off slopes and this is achieved
by designing filters with lots of sections, to increase the
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filter order. Each reactive element in the filter increases
the filter order by one, therefore a low pass active filter
with three capacitors is known as a third order filter and
will have an ultimate roll off of three times 6dB /octave,
which is 18dB/octave.

However, designing a third order lowpass filter is not
just a simple case of sticking three first order RC circuits
in a line. What you get when you do this is a very soggy
‘curve indeed! The filter should be flat in the pass band,
then it should turn over and rapidly assume its ultimate
roll off slope. Examples of this type of Maximally flat
filter are shown in Figs 5b and c. The effect of order
number upon a bandpass filter is shown in Fig. 5d.
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n=4 -12dB/OCTAVE
n=6 -18dB/OCTAVE

$ FREQ.

Fig. 5a. Ideal low-pass response:
b, c, Examples of maximally flat filter responses.

d, Effect upon band-pass filter of increasing order
numbers. k

Later on in this series the circuit diagrams and
design charts are given for various filter types and order
numbers. It would seem that to get a filter to approach
its ideal response, all that is needed is to increase the
order number. This is in fact true, but there are certain
tolerance problems. (When 8th order filters are
designed, component tolerances of about 1% are
required!)
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Which filter shape?

The type of filter that is chosen to do a particular job wili
depend on what parameters are thought to be
important. There are three basic characteristics to be,
considered :lowpass and highpass filters only).

1. Good transient response.

2. Maximum flatness of the filter within its passband.
3. Maximum rolloff slope outside the passband.

The type of filter used should be chosen to fit the job
that they are being designed for. The filters have been
categorised into three basic types for the purpose of
simplicity.

Filter number 1 is known as a Bessel filter. Its phase
changes almost linearly with frequency. It is useful for
systems where a good transient response is required,
such as joining the dots up on the output of a digital to
analogue converter. It has a very poor initial roll off
slope.

Filter number 2 is known as a Butterworth filter. It has

.the flattest pass band possible. Its other two parameters

are a compromise. That is it has a reasonable overshoot
and a fairly fast initial roll off.

Filter number 3 is known as’'a Chebyshev filter. It has
some ripple in its pass band, although this is small, and
a very fast initial roll off, and a poor transient response.

20 LOG Y out
& Vin

0d8

-3d8B i_____

BESSEL FILTER

BUTTERWORTH

3 dB DIP CHEBYSHEV

—p> FREQ.
2fb

ATTENUATION AT FIRST OCTAVE (2 fb)

*3 dB CHEBYSHEV | 17 | 28| 39 | 51| 62| 75
BUTTERWORTH 12 | 18| 24} 30| 36| 42
n/FILTER ORDER 2 3{ 45161} 7

*NOTE THE IMPROVED ATTENUATION

Fig. 6. Response of all three types of filter discussed, with
table showing variation of attenuation between them.




DESIGNING AND USING

ACTIVE FILTERS

PART 2

Continuing Tim Orr’s instructive series designed to help the home constructor employ one of the

most useful circuitl blocks available

The following section contains all the information
needed to be able to build low and high pass filters,
of first, second, third and fourth order to Bessel,
Butterworth and Chebyshev characteristics.

Low pass

Figure 1 shows a first order low pass filter. In all the
examples to follow the filters have been designed for
1kHz operation. Equal component value ‘Sallen and

_'—o W out

——-O V out

“IN ALL LOW PASS FILTERS,
THE SIGNAL SOURCE V in MUST

15nF
‘;/ PROVIDE A LOW IMPEDANCE
DC PATH TO GROUND.

GAIN IN COMPONENT

7
Bt
L1
15nF
GAIN IN COMPONENT
RF1 RD1’ dB TOLERANCE
BESSEL 8k39 | 10k5 2.3 10%
BUTTERWORTH | 10k66 22k6 4.1 10%
CHEBYSHEV 12k6 48k7 6.8 5%

Fig. 2a Second Order low pass filter design, break frequency =

QF1 dB TOLERANCES
BESSEL L0k66 o 10% ALL THE RESPONSES ARE
BUTTERWORTH| 1okéc | o 10% THE SAME FOR A FIRST
[CHEBYSREV | 10m66 | o 10% ORDER FILTER

Fig. 1. A general circuit for a first order low pass filter.

Key' filters have been used as the basic building blocks.
If operation at a frequency other than 1kHz is required,
then the resistor/s Rf should be scaled accordingly,
(the Rd resistors are not altered). For example, if
operation is required at 250Hz, then the Rf in the chart
must be multiplied by

TkHz.
39k2 RD2
—0
V out
Vin RF1
;15'1»:
’ 5l
GAIN IN COMPONENT L1}
RF1RF2 RD2 dB  TOLERANCE nF
BESSEL 8k | 7126 | 21ks | 4.1 10%

which is

1000
250
(Normalised 1kHz)
(Required frequency of operation)

= 4

BUTTERWORTH | 10k66 | 10k66 | 39k2 6.0

10%

CHEBYSHEV 35k41

11k73| 66k5

8.6

2%

Figure .2 shows second, third ‘and fourth 'order
_filters. The design procedure is as follows: -

1. Decide which type of filter is required, higH, low,
bandpass or notch. o

2. In the case of high or low pass, decide which type of
response is required, Bessel, Butterworth or Cheby-
shev.

3. Next, what filter order is needed. This will have led
you to a particular order filter with components
designed for 1kHz operation.

4. Scale the Rf components so that the' filter will
operate at the required frequency.

5. Build and test the filter.

Fig. 2b. Third Order low-pass filter. To alter break frequency
{here 1kHz) scale resistors accordingly.

39k2 RD2
39k2 RD1

VA RF2 RF2 —O
—W\A« N V out

15nF
I 15nF

[T

§150F i
p

1w 15n

GAIN IN COMPONENT

RF1 RD1 RF2 'RD2 d8 TOLERANCE
BESSEL 7k45 ] 3k24 | 6k60 | 2914 5.6 10"
BUTTERWORTH |10k66 5k9 | 10k66 | 4Bk7 8.3 5.
CHEBYSHEV 24k11 ] 42k2 | 11k20 | 71k5 15.2 1

Fig. 2¢ Fourth Order Low Pass Filter.
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There are of course some problems which may
occur One is that these filters have a voltage gain in
their passband. So you might find that although you
have got the required frequency response there is an
unexpected signal gain.

This may cause some problems with op-amp
bandwidth. As a rule of thumb, the op amps should
have 10 to 100 times more bandwidth than the product
of the filter's maximum operating frequency times the
individual stage gain of each section. If the op amp runs
out of bandwidth or introduces a phase shift then the
filter is not going to work properly. For the examples
given, if you use a 741 as the op amp then a frequency
limit of approximately 10kHz should be imposed. (If an
LM318 is_used then the limit can go to 200kHz).
Another problem is one of range of values of Rf. If Rfis
made too small then large currents have to flow from
the Op amp and this may effect the performance of the
filter. If Rf is too large there may be hum pick-up
problems and DC offset voltage problems due to bias
currents. Therefore, keep Rf between 1k and 100k. If
Rf needs to exceed this range, scale the capacitor as
well.

Charting examples

As an example of using the design tables, let us
solve the following problem. Design an audio ‘scratch’
filter, having a break frequency of 7.5kHz and an
attenuation at 15kHz of more than 20dB. The first
decision to be made is what type of response do we
want? A roll off of more than 20dB/octave is quite
steep and so the Bessel filter is ruled out. The
Chebyshev filter has a poor transient response and at
7.5kHz we would hear it ringing. Therefore a
Butterworth response should be used. Next, the filter
order. Third order gives us — 18dB/octave which is not
sufficient, fourth order gives -—24dB/octave. Hence
what is needed is a fourth order Butterworth design (fig.
2c).

The break frequency is 7.5kHz and so the resistors
Rf1 and Rf2 have to be divided by 7.5. This gives
Rf1 = 1k42, Rf2 = 1k42, Rd1 = 5k9, Rd2 = 48k7,
C=15nF, and the component tolerance is 5%. Now we
must fit preferred values to the resistors.

Rd2 becomes 47k, Rd1 becomes 6k2 (this is just
over the limit of tolerance) Rf1 and Rf2 are a problem.
Even when taken to the nearest E24 value they are
outside the component tolerance allowed. There are
two solutions; use the nearest E96 T% resistor or use
1k5. This will lower the break frequency by about 6%,
but as this is only an audio filter no one will probably be
any the wiser! )

High Pass
Figure 3 gives the design tables for high pass filters
The design procedure is exactly the same as that for low
pass filters.

Band Pass

Several second order band pass filters can be
cascaded to produce a different response shape which,
like those discussed earlier for the low and high pass
filters. can be optimised to give maximum roll off, or
maximum pass band ‘flatness’. However, these tend to
get rather difficult to design and so only second order
filters will be discussed
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Vin
> RE1  ALL THE RESPONSES ARE
THE SAME FOR A FIRST
ORDER SYSTEM
GAIN IN COMPONENT
RF1 d8  TOLERANCE
BESSEL 10k66| O 10%
BUTTERWORTH | 10k66| O 10%
CHEBYSHEV 10k66 | O 10%

30k2 RD1

V out

| GAIN IN COMPONENT
RF1 RD1 dB  TOLERANCE

BESSEL 13k55 | 10k5 1.3 10%
BUTTERWORTH | 10k66 | [22k6 1.6 10%
CHEBYSHEV 9k01 | 148k7 2.2 5%

15nF

oL ——

V out

GAIN IN COMPONENT
dB

RF1 RF2 RD2 TOLERANCE
BESSEL 14k19 | 15k68] 21k5 | 4.1 10%
SUTTERWORTH | 10k66 | 10k6€] 39k2 | 60 10%
CHEBYSHEV 3k21 9k7C| 66k5| 86 2%

Fig. 3. From the top! First, second and third order high pass
filters, break point 1kHz. Final roll off is 6, 12 and 18 dB/octave
respectively.




Figure 4 shows a simple bandpass filter known
as a multiple feedback circuit. This circuit. can only
provide low values of Q up to about 5. It will probably
oscillate if it is designed to give a higher Q. Note that a
high Q implies a large gain at the centre frequency
Therefore care must be taken to ensure the op amp has
enough bandwidth to cope with the situation. Fig. 4

| .
[ 1]
C
—— NV NVN——0
. R2
O~ WAA——] |
Vin c & o)
fo = <1 V out
27 C+/ R1R2
Q=%VR1/R2
GAIN = —202 :
/)
il
111
15nF
R2 = 10k66 (2Q)
R1 - 10k66 —VVWA—
2Q
O—AAMA——] |
Vin 15nF S—e
V out
Z
Q R1 R2 GAIN IN dB|
1 5k33 21k32 6 dB
2 2k66 42k66 18.1dB
3 1k77 60k40 25.1dB
4 1k33 85k33 30.1dB
5 1k06 106k66 34.0dB

Fig. 4. A multiple feedback bandpass filter. The centre circuit is
normalised for 1kHz. The table is the design table for this circuit.
To change the centre frequency change R, and R, by an equal
factor.

[

gives a design chart, normalised for 1kHz operation.
First, choose a Q factor and then perfédrm the frequenicy
scaling. For instance, if the centre is 250Hz, then
multiply both R1 and R2 by a factor of 4 If a high Q is
required, then a multiple op amp circuit must be used
The ‘state variable’ and the 'Bi-Quad’ are two such
circuits and Q's as high as 500 may be obtained with
them.

‘Figure 5 shows a state variable filter. It has three
major features which are
1. It can provide a stable high Q performance
2. Itis easily tuned
3. It is versatile, providing bandpass. lownass and
highpass outputs simultaneously

10k

O AAAA

Vin

I
MUST RETURN TO
GROUND VIA A
LOW IMPEDANCE
PATH

Vout LP

5k (301 (B

V out BP

GAIN +Q

PHASE AT
RESONANCE - 90°

20 LOG Yout

& Vin

+6 dB/OCTAVE —6 dB/OCTAVE

FREQ.
fe l
20L0G _Vout
& Vin
—12 dB/OCTAVE
l FREQ.
fc

20L0G _Vout

* Vin

DOTTED LINE SHOWS A LOW
FREQUENCY PERFORMANCE

+12 dB/OCTAVE

| FREQ.
fc —>

Fig. 5. The state variable filter is called a universal filter because
it can give bandpass, low and high pass outputs — as shown
above. Note that all these responses are second order in nature.

The Qs determinea by the ratio of two resistors. RA
and KRB where RA FB= 3Q--1. The resonant
frequency fc =

1
27 RC.
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Note that there aretwo C's and two Rf'sin the circuit, and
so if the filter is to be tuneable, then both Rf’s should
change by an equal amount (the Rf’s can be a stereo
pot).

You will note that Q and fc are independent of each
other, and so as the resonant frequency is changed, Q
remains constant, and vice versa.

Op amps
The requirements placed upon the op amps in the
filter, Fig. 5. are less than that for the multiple

. fe = ——

feedback CirCUlt. The op amps need Only have an open 7,; € 2rcRE QIS LINEARLY PROPORTIONAL TO I
loop gain of 3Q at the resonant frequency. Say we have a- 80 panemOTION

a Q of 100 and an fc of 10kHz. Therefore the open NORMALIZED FOR 1 kHz OPERATION THEREFORE BANDWIDTH REMAINS
loop gain is 300, the frequency is 10kHz and so the TRl Paron, OV

gain bandwidth product needed is 3MHz. When using  Fig. 6. A Bi-Quad active filter design.
a high Q, care must be taken with signal levels. The
gain of the filter is +0Q at resonance, and so if you are

S

filtering a 1V signal with a Q of 100 then you could Figure 6 shows a Bi-Quad active filter. It looks,very
expect to geta 1(_)OV output signal! similar to the state variable filter, but the small changes
National Semlponductors manufacture an active make it behave quite differently. It only has a bandpass
filter integrated circuit, which is a four amp network and a low pass output. The resonant frequency is given
that can be used to realise state variable filters with Q's by 1 P
up to 500, and frequencies up to 10kHz. The device is fc= ~—==—
called AF100. 2=CRi
s FREQUENCY RANGE 20Hz — 20kHz 18K
> 741 —ANNA——0 VOLTAGE CONTROL INPUT
6 1V/DECANE
2 PNP DUAL +12V
- TRANSISTOR
120k 10k LIN
COARSE
FREQUENCY POT
10nF

™ 1 v
+12v
10k LIN
390k 2 2% FINE FREQUENCY POT
2
PO SUPPLY 2 CURRENT CONTROL GENERATOR
REGULATED CONVERTING LINEAR INPUT

-12v ‘ —12v VOLTAGES TO LOG CURRENTS
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Fig. 7. The state variable filter can also be made to oscillate (as above). It has a variable resonant frequency, it becomes a variable

:”I‘;?:::Lc“y oscillator. This circuit produces two low distortion sinusoids in phase quadrature; ie, sine and cosine waveforms at low
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ESIGNING AND USING ACTIVE
ILTERS PART 3

Concluding our detailed examination of this partieular building biock Tim Orr takes a good look at

band pass and band reject circuits.

Band reject [notch] filters

So far notch filters have been realised in this article by.
two methods; by mixing a bandpass signal with the
original or by mixing the low and high pass outputs.
There are of course, many other methods of obtaining a
notch.

Firstly, the Twin T circuit, Fig. 1.

ve V out 20106 Yout

Vin

FREQ

c2
e P Hs
Low o 2- RC
] WHERE fc = 1kHz

C = 15nF
C2 = 30nf
R =10k66
R2 =5k33

Fig. 1. Twin-T band notch filter configuration.

This is interesting, in as much as by using only
resistors and capacitors, a notch response can be
obtained! However, as this filter is passive, only a low Q
is possible. This circuit is not used very much, because
it has six components that determine its notch
frequency. However, it is of interest to note that, when
the Twin T is placed in the feedback loop of a high gain
‘inverting amplifier, a bandpass response is obtained
Also if R is made variable it is possible to move the
centre frequency, although in doing so, the Q varies.
This has been the basis of many Wah Wah effects
pedals, Fig. 2.

|

|

o—b—| I

Vin I

|

|

o I rooT PEDAL |

SET GAIN SO THAT N CONTROL —® > <€¢— —

e c2

OSCILLATION OCCURS IQF FREQUENCY T |

[ R2 |

l TWIN T |
CIRCUIT

i [

| |

Vv - —_- —_- - - — —- = = — — 4

Fig. 2. Block Diagram of a typical Waa-Waa Pedal.
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Another method of obtaining a notch is to use the
‘Allpass’ filter, Fig. 3. The frequency response shows
that its output is flat! Not much of a filter | hear you
saying. However, it suffers a phase shift which goes
from 180°, through 90° at fc, to 0. By cascading two
of these filters, the phase shift is doubled.

R* R*
JUST KEEP THE
Vin TWO R* EQUAL
O0—9¢
. -
V out
20L0G Mout
& Vin )
0dR v
]
]
]
]
]
(]
B FREQ.

fc=

20 LOG _Yout
* Vin

0dB |

—{ FREQ.

fc = 1kHz

Fig. 3. All-Pass filter. At the top is the circuit for such a device.
its frequency and phase response are shown below it, with the
obtainable notch at the bottom.
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If we then mix the phase delayed signal with the
original, a notch response is obtained. This is because at
fc the two signals have the same magnitude, but the
opposite phase and so they cancel each other out.

If the notch is to be made tuneable, then the RC time
constants must be varied. For a small tuning range just
one R can be varied, for a large tuning range then the
R's must be realised with a 'stereo’ pot.

All change

If lots of Allpass filters are cascaded then several
notches can be produced. This type of filter is known as
a comb filter. Note that it takes two Allpass filters to
produce a usable 180 phase shift, and therefore every
notch in the comb requires two Allpass sections. By
making the R's variable then the notches can be made
“to move up and down in frequency. This filter forms the
well known ‘phasing’ effect unit, widely used in the
music industry to produce colouration!

Fig. 4 shows a small section of just such a unit. A
CMOS chip is used to provide a MATCHED set of six
MOS FETS. A common voltage is used to control the
MOS FETS channel resistance. Thus as the control
voltage varies then so do the six MOSFET resistors, and
the three notches move in unison along the frequency
axis.

V out
1/6 CMOS FET ARRAY

Vin 10nF USE CD4049 OR CD4010
100k

VOLTAGE
CONTROL
INPUT

20 LOG Yout

A Vin
0dB
—§> FREQ.

Fig. 4. One section of a comb filter. The response produced by
the full (six times above) circuit is shown below the circuit.
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USE A TDA1022 (MULLARD)

O ANALOGUE DELAY
LINE DELAY TIME 1

Vin

TIME DELAY CONTRCL

V out

-1

INVERTER

20 LOG Y out

LIN FREQ.

2 3 4 5
T T T

Fig. 5. Alternative method of producing a comb filter using a
Mullard delay line.

Another form of comb filter is shown in Fig. 5.

Instead of a phase delay line, a time delay line is
used. This produces a large number of notches which
are linearly spread along the frequency axis, their
spacing being determined by the delay time

A bucket brigade delay line can be used to
implement the time delay and this can be made
variable. This type of filter is known as a Flanger, which
is a superior type of phasing unit, and is used to
generate high quality phasing effects. An even more
impressive sound can be produced by adding some
feedback around the delay line. A multi peak, high Q
filter is formed which makes very interesting musical

~sounds when swept.

Variable Tuning

Very often a variable centre or cut off frequency is
wanted. This causes problems in filters of order greater
than two. simply because getting ganged potentio-
meters with more than two sections is difficult. One well
known manufacturer uses four presets mounted on a
common spindle to produce a fourth order Rumble and
scratch filter. For manually controlled filters, the
resistors are made variable by wusing ganged
potentiometers or switched resistor networks

The switches can be mechanically operated or
electronically controlled, Fig. 6. An alternative method
of switching control is to use mark /space modulation,
Fig. 7. This has the advantage of being a
continuously variable control with a useable sweep
range of 100 to 1. Also. lots of sections can be used.
and they will a// track Therefore, if two CD4016 packs
were used (4 transmission gates per pack), then an
eighth order variable frequency filter could be con-
structed. There are, of course, problems.
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T L

Ta
TG
18
——ANAN— TG -4
tc
—— ANV TG
T

CONTROL VOLTAGES A,B,C,D
PROVIDE A RANGE OF 15
VALUES OF RESISTANCE.

—bf T

CMOS CD4016 or CD4066

Fig. 6: _Va_rying the tuning of an active filter by use of CD4016
transmission gates (TG) to switch in different resjstor values.

1. The switching waveform must be several times
higher in_frequency than the highest frequency to be
filtered

2 More circuitry, to generate the switching waveform
Is required

3. Switching noise is generated.

FREQUENCY
CONTROL

VARIABLE
MARK/SPACE
WAVE FORM

+7V

SWEEP RANGE 100Hz -- 10kH2

Fig. 7. Another method of varying the notch frequency, mark /

space ratio modulation, has the ad i i
space vantage of possessing a wide

14

Multiplying FETS

Voltage controlled resistors can be used. These take
the form of junction or MOS FETS, where the gate
voltage controls the channel resistance, Rds. The
problems with this method are that the characteristics
from FET to FET vary considerably and also the Rds
does not have a predictable relationship to the gate
voltage. Also, to avoid distortion, low signal levels must
be used. Nevertheless, FETS are used in many variable
filters such as phasing units. :

A set of six MOS FETS having matched characteris-
tics can be obtained from a CD4049 or a CD4010
pack. Alternatively LED photo conductor arrays can be:
used. The LED produces light which controls the photo’
conductor’s resistance, the two devices being housed in
a lightproof box. Large signals can be handled with very
low distortion and low noise generation

Again there are drawbacks The units are quite
expensive, the relationship between LED current and
photo conductor resistance is rather unpredictable and
the photo conducter’'s characteristics drift. Another
method of varying a filter frequency is to use electronic
multipliers. A two quadrant multiplier function can be
used to vary the gain of a stage and so produce
frequency scaling.

Some Audio Circuits
Active filters have found great use in equalising

audio signals, from.tone controls on a domestic Hi-Fi to
parametric equalisers in recording studios. Fig. 8

Tuf 12k 100k 12k

o ;—/\NV\I—NW
47nf -I-aw

12k

an? 3

'I 820R + vV out

3k9 k(L]

470k
TREBLE

20 LOG V. out
& Vin
+20
0dB '
|
[
—20 .

% FREQ.
BASS 1kHz TREBLE

Fig. 8: Simple tone control circuit, with the lift and cut responses
shown beneath it.
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USE A 100k LINEAR SLIDER
SEE CHART FOR VALUES

OF C1 AND C2
2«4 100k |
I
I
‘THIS SECTION IS REPEATED 1
MAKING A TOTAL OF |
10 SECTIONS. |
Fig. 9: A design for a graphic equaliser, using active filters. The
CHANNEL above circuit is repeated however many times you wish. Use the
CENTRE table on the left to calculate values.
FREQ.
IN Hz C1 c2
32 180n 18n v
t
64 100n 10n 20 LOG V—°‘—‘—
n
125 47n 4n7 4 ] 3
250 22n 2n2 +12
| 500 12n 1n2
1000 5né 560p o, 1 ONE CHANNEL WITH FULL LIFT
0 abq 2 SAME CHANNEL WITH FULL CUT
2000 207 270 3 ALL CHANNELS ON FULL LIFT
4000 tnb 150
8000 680p 68p
16000 360p 36p 2
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shows a common tone control with just bass and
treble functions. Cut and lift ranges are 20dBs. If a more
flexible control of the spectrum is needed then a ten
band graphic equaliser (Fig. 9) could come in handy.

Testing Designs

Once the process of designing active filters has been
reduced to a simple procedure, testing them should
also be made as easy as possible. The most basic is to
use a swept sinewave oscillator (Fig. 10).

SWEPT SINEWAVE
]
SWEPT ¥

SINEWAVE VR
OSCILLATORV P
SWEEH Von
_*" RAMP

0OSCILLOSCOPE

re

X CIRCUIT
FREQUENCY
RESPONSE

Fig. 10: Testing active filters using a_
sweep oscillation.

CIRCUIN
UNDER
TEST

V out Y

-
VARIABLE
SWEEP
TIME
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> FREQ.

An XY oscilloscopeis used to display amplitude(linear)
against frequency (log). The ideal display would be log
amplitude, but this is not so easy to obtain. The beauty of
this method of testing is that the display is real time and
so any changes made to the filter, like varying one of the
capacitors, appear instantly on the oscilloscope. If high
Q's or rapid roll offs at low frequencies are involved then
the sweep time will have to be reduced, otherwise the
effects of Ringing, will ‘Time smear’ the display. The
harmonic distortion of the sinewave can be quite large,
0.5 to 2.0% without causing too much of a display
problem for most filter designs.




A FEW CHEAP

TRICKS!

Want a stable low voitage? Want to fire a thyristor without using unijunctions, or even
make a thyristor? Whatever your semiconductor problem there is probably a cheap

way round it.

When you look over all the circuits that are published in
the time of one month, you might imagine you'd need
several rooms just to hold all the semiconductors that are
needed. It's not really so and the cunning experimenter
can use several dodges to get by with a very limited stock
indeed. There are several project designers, for example,
who manage to test out their ideas using no more than
two trapsistor types, a 2N2219 and a 2N2905. These
are silicon switching transistors which look exactly alike
and differ only in polarity — the 2219 is NPN and the
2305 is PNP. How's it done? Read on.

c

&)

e

Fig. 1. Structure of a transistor. {(a) The semiconductor sand-
wich, (b} connection of two diodes which gives the same
readings when connected to resistance meters, (¢) symbol (RPN
ilfustrated).

Basically, a transistor is constructed like two back-to-
back diodes (Fig. 1), the difference being that both
diodes form part of one crystal. We can, therefore, use a
transistor to substitute as a diode. Which bit do we use?
The collector and base terminals form:one diode, a high
reverse voltage diode which will pass quite large cur-
rents. Transistors of the 2N2219 variety will dissipate
0.8W at the collector, so that their collector base diodes
can be quite happily used in bridge rectifier circuits for
up to 30 V supplies, keeping the emitter open circuit or
shorted to the base.

A Bit Of Bias

The base-emitter diode, on-the other hand, is much more
of a small signal diode, more suited to low current, low

+V

NO CONNECTION

Fig. 2. Using the base/emitter junction of a transistor as a
detector diode. The 1M resistor keeps the junction slightly
conducting, so increasing the sensitivity.

voltage work. One minor drawback is that you can't
approach the small forward voltage of a germanium
diode, but there's no law to say you can’t apply a bit of
bias, as in Fig. 2. This makes the base emitter diode into
a good, sensitive detector. While we're on the subject of
detectors, why not be different and use an emitter
follower detector, as in Fig. 3? It's a darn sight more
linear than a straightforward diode, and has a low output
impedance and high input impedance as well.

The circuit is a simple one. A capacitor is connected
across the emitter resistor of an emitter follower. The size
of the capacitor should be such that the time constant of
emitter resistor x capacitor is small compared to the time
of an audio wave but large compared to the time of the

O+6v

Q1 Q1 CAN BE ANY AUDIO
TRANSISTOR, SUCH AS BC109

Fig. 3. The emitter-follower detector.
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CHARGE DISCHARGE

Fig. 4. Action of the emitter-follower detector. Capacitor C is
charged by the current through @1 during the positive part of a
cycle, but can discharge only slowly through R. The voltage
across C follows audio frequency changes, but not radio
frequency changes.

RF wave. Time constants of 10 to 100 uS are usually
suitable for AM radio circuits, so that a typical circuit
might use Tk emitter resistance and 20n (that's 0.02u)
capacitance. The action is also straightforward (Fig. 4).
The positive RF wave makes the transistor conduct, so
‘that C1 charges up to the positive peak of the wave.
Because the time constant is large compared to the time
of one RF wave, though, the voltage at the emitter drops
only slightly as the wave goes through the remainder of
its cycle and the transistor cuts off until around the peak
of the next RF wave. The AF modulation, however,
makes the peaks of the RF signal occur at different
voltages, tracing out the audio waveform, so that the
audio signal appears at the emitter, with very little trace
of RF so that nothing much in the way of filtering is
needed. The emitter-follower detector also has lower
distortion than the conventional diode detector.

Transistor Zener

-We're not finished with diodes, though. The base-
emitter diode of most planar silicon transistors (and that
means most ‘'modern’ silicon transistors manufactured
in the last 15 years) will act as a zener diode. The circuit
of Fig. 5 shows how this can be checked. The voltage
across the base-emitter junction will stabilise at anything
from 7 V to 18 V, depending on the construction of the
transistor, when power is applied. You don’t need to
keep a drawer full of zener diodes, just make these
2N2219's work for their living.

This zener diode action, incidentally, can cause some
odd effects in circuits where a negative pulse is applied

VOLTMETER

NOT
(JL CONNECTED

Fig. 5. Checking the zener voltages of a silicon transistor.
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between collector and emitter. With the transistor the

A few circuits specify phototransistors, which aren’t

Fig. 6. Conventional multivibrator circuit.

to the base of a transistor. Multivibrator circuits, for
example, operating on voltages greater than 7 V, suffer
from this. Theory says that the time period of the MV is
1.4CR(Fig. 6), because the capacitor always charges up
from —V to about OV whatever the value of V. The
reason is that when one transistor conducts its collector
voltage shoots down by about V volts, and the capacitor
coupling to the next base makes that base move from
about OV to —V. Since the transistor switches on again
at just above OV, the capacitor always charges to half
way between —V and +V, no matter what the value of V
is. That theory doesn't apply if the base-emitter junction
zeners, because the voltage at the base will be clipped by
the zener action. We find therefore, that the frequency of
the MV increases as we increase the voltage, whatever
the books say about it!

Want a stable value of low voltage? Try the circuits of
Fig. 7. The voltage between collector and emitter of a
transistor is always low when the transistor is bottomed,
with the base positive (NPN transistor) and a load
resistor limiting the amount of current that can pass

conventional way round, the voltage between collector
and emitter can go as low as 0.2 V, but even lower
voltages can be obtained if the transistor is inverted,
with the emitter connected through the load resistor to
the positive line and the collector to the negative rail.
This, for example, can be very useful for clamping
circuits if a small DC ‘offset’ is needed, but care should
be taken to keep the currents low. Transistors are much
more easily damaged when they are operated this way
round.

Paint-scraping Saves

always easy to obtain and sometimes (shop around!)
costly. Now there isn't much you can do to make

O— (a) O 5 (b) ©

Fig. 7. Obtaining very low stabilised voitages (a) conventional
method, (b) using an ‘inverted’ transistor. for lower voltage
output.




10,000u
3V,

o—]

Fig. 8. Using a common-base amplifier. Note that the input
capacitor must be of a very large value.

phototransistors out of modern silicon metal or plastic
cased transistors, because light just doesn’t pass
through these materials. The old germanium transistors,
like the OC72 series, were packaged in glass cases,
however, and the cases then painted over. The reason
for the paint is simple — any transistor junction will act
as a light detector, so that a transistor in a glass case will
be a phototransistor unless it is covered up! Scrape the
paint off, and you have the phototransistor you need.
Since old OC72’s can often be dot in lots at pennies,
each, and the photo version, the OCP72, seems to fetch
nearly a pound, it certainly saves money to do some
paint scraping!

Ever want to drive a transistor amplifier from a really
low-impedance source? There aren’t many home-made
ribbon microphones around, but a moving coil louds-
peaker makes a useful microphone apart from its low
resistance of 3R or so.'Remedy here is to make use of the
first type of transistor amplifying circuit that was ever
used, the common-base circuit. In a common-base
amplifier, the base is decoupled, with no signal input.
The signal is fed into the emitter circuit, and taken in the
usual way from the collector, using capacitors to keep
the bias voltages correct. Advantages? There's voltage
gain for a start, but the main advantage is that the input
resistance is very low, offering a better match to the low
resistance of the ‘microphone’. Incidentally, a transistor
operated this way round will amplify and oscillate at
higher frequencies than is usually possible in the normal
(common emitter) configuration.

Phase Splitting

This is an example of using a transistor to match
impedances, like a transformer. The other impedance —

4

O ~QO6V

10k

N

10u

ko 1\,

6k8
Tk

O O

Fig. 9. The transistor phase-splitter.

Fig. 10. Modified phase-splitter with equal output resistances.

transforming circuit is, of course, the well known emitter
follower, with a high input impedance and low output
impedance. If you need the phase splitter action of a
transformer, but don’t have a suitable transformer, don't
get wound up, just try the circuit of Fig. 9. If you're
driving signals into a low impedance of course, you may
find that the difference between the impedance level at
the collector and at the emitter causes bother (the
impedance at the collector is equal to the collector load
resistor, the impedance at the emitter is only a few ohms;
roughly 25 ohms when the steady bias current is TmA).
In that case, another transistor added to the circuit
equalises things a bit, as shown in Fig. 10.

You might think that the possibilities of the transistor
were about exhausted; but we’ve only been using them
in ones so far. When we start using transistors in twos
and threes, we can substitute a lot more devices.

Unijunctions

Unijunctions, for example. Who's got a set of unijunc-
tions around? Useful little devices. In circuits like Fig. 11
they provide an oscillator which gives a pulse output
ideal for firing thyristors. The wiley experimenter doesn’t
worry if the unijunction drawer is empty, though. He
connects up the circuit of Fig 12, which does pretty well
all that a single-package unijunction will do, with the
additional advantage that the firing voltage can be
variable.

The action is like this. Point B, where the base of Q1 is
connected to the collector of Q2 is connected to a
potential divider, resistors R1 and R2. For most appli-
cations, these resistors will be equal, using (typically)
47k to 10k values. The circuit will pass no current while
the voltage at point A, the emitter of Q1, is less than the
voltage at point B, because Q1 is cut off (PNP,

L o

Fig. 11. A unijunction oscillator. A negrative pulse is obtained at
A, a positive pulse at B, and sawtooth at C.
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R1

A R4

SAWTOOTH

PULSEO
Q1

1l
1]
o
Q

a2 R2

Fig. 12. A two-transistor equivalent of a unijunction.

remember), and it holds Q2 cut off as well. When point A
reaches a voltage around 0.5 V higher than the voltage
at point B, though, Q1 starts to conduct, and current
starts to flow into the base of Q2, causing Q2 also to
conduct. With Q2 conducting, the extra voltage drop
across R1 causes the voltage at B to drop, dragging the
voltage of point A with it. If the base current of Q1, is
likely to be exceeded (as usually happens if there is a
capacitor connected to point A), a small series resistor
R4 (about 100R) is a good protective system. Note, by
the way, that when a unijunction or this replacement is
used in a timebase circuit, the value of the charging
resistor, R3, must not be too low, otherwise the circuit
can ‘stick’, not oscillating. A value of around 47k is
usually regarded as a safe minimum, so that if the
frequency is controlled by a variable, a 47k should be
connected in series. The firing point of the unijunction
substitute can be varied to some extent by making the
voltage at point B variable, using a preset potentiometer,
in place of R1, R2.

There is a limit, however, to the voltage range which
can be used — if the voltage is too high, the circuit may
not fire, if it's too low the circuit passes current con-
tinuously.

Another advantage, of course, of the circuit of Fig. 12
is that power transistors can be used. In this way, higher
current pulses can be obtained than we can get from
small unijunctions. ,

DIY Thyristor

You don’t have to be stuck for, lack of a thyristor, either.
The circuit of Fig. 13 simulates the action of a thyristor,
with the anode, cathode and gate connections as
marked. With the 'gate’ at cathode voltage, Q2 is shut
off, so that its collector voltage is high. With the collector
voltage of Q2 high, the base voltage of Q1 is also high.
Since Q1 is a PNP type, having the base high means

A

Fig. 13. Using two transistors in place of a thyristor.
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Fig. 14. The Darlington pair circuit — this behaves like one single
transistor with a very high value of current gain.

keeping Q1 shut off. Now when the ‘gate’ lead is made
more positive, so that Q2 starts to draw current, the
current through the collector of Q2 is drawn through the
base of Q1, ensuring that Q1 conducts. This in turn
means that the base of Q2 is connected to thé positive
supply through the collector of Q1, keeping the pair of
transistors switched on.

Don’t expect to replace a large thyristor with this
circuit, because the current between ‘anode’ and
‘cathode’ all passes through the base-emitter junctions.
For medium-power transistors, such as the 2N2219 or
BFY50 the absolute maximum base current is about 100
mA, and 50 mA is a safer limit. Power transistors such as
the BD131, BD132 will stand up to 0.5 A through the
base-emitter junction. The circuit will, incidentally,
switch off if a negative pulse is applied to the ‘gate’ from
a low impedance. In this respect, the circuit is similar to
that of a small thyristor, most of which can also be
switched off in the same way.

Changing Bias

Transistors in bunches can also be used to solve
awkward problems. Suppose you want to substitute a
transistor with another type which needs much more
bias current. One way round, of course, is to adjust all
the bias circuits. A much easier method is to make use of
two transistors, with one emitter driving the base of the

—O

220R ORS

FROM +n 10
DRIVER ﬂj'—O SPEAKER

5
220R oR

O

Fig. 15. A quasi-complementary output stage. The power,
transistors can both be MPN types.




next (Fig. 14). If the two share the same collector lead,
this circuit is called the Darlington pair, but if the
collector of the first transistor is returned directly to the
power supply the circuit is simply an emitter follower
feeding a common emitter amplifier. The difference
between the two is that in the Darlington pair circuit,
signal can feedback from the|collector of Q2 through Q1
to the base of Q2, so reducing the voltage gain of the
circuit considerably.

A two-transistor circuit can also be used to ‘create’ a
PNP power transistor from an NPN one. The circuit uses
a PNP medium power transi!s(or (such as the 2N2905)
coupled to the NPN power transistor, so that the com-
bination behaves like a PNP power transistor. Like all
two-transistor circuits, though, there is a penalty in the
form of a change in DC levels. When two NPN's (or 2
PNP’s) are coupled in a Dajlington circuit, the voltage
between the first base and the second emitter is more
than 1V, when the circuit is correctly biased, instead of
the 0.55 — 0.6 V we assume for a single transistor. For
the PNP — NPN pair, the voltage is /ess than that for a
single transistor — the base voltage of the power
transistor will be 0.7 V or so above its emitter voltage,
but the base voltage of the PNP transistor will be 0.6 V or
so /ess, so that the DC input to the base of the PNP
transistor is very close to the DC emitter voltage of the
NPN one. The base-emitter voltages of these two will
never be identical because the NPN power transistor will
always be passing a much larger current than the PNP
transistor.

Tapehead Drivers
We're still not finished with the two-transistor arrange-

s
I+
W

|

i

Fig. 16. A cascade stage. The load Z can be a tuned circuit or a
high-value resistor providing the bias resistors are chosen to suit.

ments. Fig. 16 shows what is called a cascade circuit,
with a common-emitter transistor Q1 driving a
common-base stage Q2 directly coupled to it. This
arrangement can also be treated as if it were one single
transistor with the high gain of.a common emitter
transistor and the very high output resistance of a
common-base transistor. It's an ideal arrangement for
driving tuned circuits (because the high output resist-
ance places very little load on the circuit) or tapeheads
(because the high output resistance can ensure that the
current signal into the tapehead is almost constant over a
wide frequency range).

Circuits such as these described here make full use of
transistors, exploiting more of their potential than the
usual run of common emitter and emitter follower
circuits. Make them work harder!

| 8

WOULD WE
LIE TO YOU?

No, we wouldn’t. Electronics /s easy — unless you’re trying
to learn about it from some dry-as-dust textbook containing
page after page of equations. What is needed is a comprehen-
sive and simply-written guide which explains the theory —
and the practice — of electronics step by step. So we've
provided such a guide, by collecting together our popular
series Electronics — It’s Easy. Originally published in three
parts, the demand was so great that we have reprinted it as
a single volume.

Electronics — It’s Easy looks clearly and logically at
the whole of this far-ranging subject, starting with the basic
concepts and working through to the how and why of
today’s technology. You can obtain your copy by sending a
cheque or postal order (payable to Modmags Ltd) for £3.60
plus 80p postage and packing to: Sales Office (Specials),
Modmags Ltd., 145 Charing Cross Road, London WC2H
OEE. Please write your name and address on the back of
your remittance.
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DIGITAL TO
- ANALOGUE
TECHNIQUES

Digital to Analogue conversion (DAC) is a fast growing section of electronics. Tim Orr
explains some of the more practical applications. ’

lectronics has changed enormously in the past ten
Eyears, having swung away from valves, ger-
manium transistors, even from discrete devices
themiselves. The trend is towards more and more com-
plex integrated circuits, complete systems in a chip,
large scale integration (LSl). Also the trend has swung
heavily towards digitally based systems rather than
analogue ones, partly because the IC manufacturers can
get a greater success rate from making digital devices
and partly because there are very many applications
which can only be contemplated with a digital device.
Such examples as pocket calculators'and microproces-
sors spring immediately to mind. However there are
several areas where analogue techniques present the
only realistic solution (at this moment in time), such as
tone controls in an audio amplifier. In fact, good cases
can be made out for both analogue and digital systems
and there are many examples where both are needed. In
these it will be necessary to change from the analogue to
the digital world or vice versa and to do this, some sort of
conversion process has to be practised.

Digital to Analogue Conversion

The job of a digital to analogue converter (DAC) is to
convert a binary code (a digital data word) into an
analogue voltage. The data word is a digital representa-
tion of that analogue voltage. Thus if we presented the
DAC with a digital word that was linearly increasing in
magnitude, the output would be. a linearly increasing
analogue voltage. This digital word would be the output
of a binary counter driven by a constant clock frequency
The analogue output is a linear ramp, or rather a linear
staircase where the step size is controlled by the "'size”
of the DAC. If the DAC is an 8 bit device, ie it can accept
data words 8 bits wide, then it can generate a possible 2¢

CK el

T

COUNTER DAC

Fig 1. Converting binary code to analogue voltage.
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discrete output levels. Now 28 is 256, so therefore an 8
bit DAC could generate a staircase with 256 steps in it.
The resolution of the DAC is thus 1 partin 256, or rather
a change of one LSB (least significant bit) in the data
word will make the output voltage change by 1/256th
of the full scale output.

To get really fine resolution then a high performance
DAC is needed. DAC prices seem to be almost linearly
proportional to their resolution. | have got several DAC's
amongst my collection of bits. There is an 8 bit DAC
costing about £4, a 12 bit DAC costing about £35and a
16 bit DAC costing just over £200. Itis now possible to
buy a monolithic (a single IC) DAC with a bit size of 6,
8, 10 and 12, but above this the devices are usually
.modular.

Size And Resolve

Fig 2 shows the relationship between DAC size and
resolution. Notice thata 16 bit DAC with a 10V full'scale
output is made up of a staggering 65,536 discrete

VOLTAGE 4\
MAGNIFIED
VIEW OF
OUTPUT
LSB STEPS,
iy
Av
—_—
.
TIME

‘ANALOGUE
B0 GuTPUT

21




WORDLENGTH RESOLUTION MAXIMUM BIT SIZE
n 1PART IN 2n THEORETICAL ASSUMING
DYNAMIC FULL SCALE
RANGE =10V
1y 2 . _j._.6dB - L 50V ]
2 .. 4| a8 | "2s5v |
3 8 18dB _ 1.25V
4. 6} 24dB | 0625V |
5 . .3 ] 308 Jo-0312v. ]
64 36dB ._0.156V

Fig 2. Relationship between size and resolution.

levels each 152 pVinsize. (There is also available an 18
bit device, costing a small fortune). The larger the bit size.
of the DAC, the larger is the dynamic range (best signal
to noise ratio) of its output. This increases by 6 dB per
bit. Thus a 10 bit DAC can give a best range of 60 dB.

~ The human anatomy has developed over the last few
-million years to respond to its environment. This has
resulted in the following performance figures. The
sensitivity of the eye to colour is not that good. Colour
television transmission doesn’t give much of .its band-
width to the colour part of the signal. Have a look ata TV
and see how well defined the colour is; it is usually just
"'sort of smeared around’’ the subject. Thus itis possible
to get quite good digital video using only 4 bits for the
colour. The eye sensitivity to resolution is somewhat
better, but even so an 8 bit oscilloscope memory will
look fairly continuous, giving little indication that it is
made up of discrete steps.

Ear Lead

However the ear can still outperform present day
technology. Using a 16 bit high quality audio system a
trained ear can still detect the difference between the
digitally processed sound and the original. Thus, when
using DAC's in professional audio equipment great care
‘has to be taken to eliminate all types of aberrations in the
system. These digital abberrations don’t just worsen the

GLITCHES

¥
' {

TIMING SIGNAL

_JJJ_LLL FAST CUT AUDIO

signal to noise ratio (as an analogue system might), but
they produce discordant harmonic distortion, sidebands
like those obtained from ring modulation and other little
funnies.

Figure 3 shows a DAC system in operation. The
output of the DAC is meant to produce nice clean square
wave steps, but the leading edges of these steps always
have small spikes (glitches), caused by the switching
times associated with the DAC’s internal workings.
These glitches are not regular in nature and so filtering
cannot eliminate them. The glitches give the sound a

““dirty’’ quality, or, if the system is an oscu|loscope
display it produces fuzzy pictures.

The glitches can be removed with a little module
called a DEGLITCHER, fig 4. This is a logic controlled
sample and hold which holds during the glitch period,
but otherwise tracks the signal from the DAC. Thus the
glitches are ignored. The output from the deglitcher then
passes through a low pass filter and this removes the
“stepped’’ quality of the signal and produces a smooth
analogue output. The cut off frequency of this filter is
very important and is related to the data rate of the DAC,
The rule of thumb is that the filter cut off frequency
should always be less than half of the data rate
frequency.

Buying And Building -

DAC'’s can be bought fairly cheaply as complete IC's or
they can be constructed out of generally available parts,

fig 5. This circuit uses precision buffers (a CD4041 will

do), E24 resistors and a FET op amp. The buffers are run

from a+ 10 V supply and their purpose is to provide high
(+10 V) and low (0 V) outputs with low source resist-:
ance.

They are driven by a 6 bit data word, the MSB (most
significant bit) thus drives the 7k5 resistor, the LSB
ileast significant bit) the 240k resistor. So, when the

MSB changes, the output of the op amp will move by a
large amount ;5 V), but when the LSB changes the

output will only change a little (OV156). Going from the
MSB down to the LSB, each bit has only half the effect of
its predecessor. This is obtained by doubling the resistor
values (7k5, 15k, 30k, 60k, 120k, 240k).

A 6 bit DAC can produce 2° discrete output levels.
Now 2°%is 64 and so the overall resistor tolerance should
be + 1 partin 2 x 64, which comes outat = 0.8%. This
type of DAC is known as a resistance ladder DAC, but in
its presented form it is rather limited. For instance, a 10
bit device would require a resistor range of 1024 to 1
and a tolerance of 0.05%.

Fig 3. A DAC system in opera--
tion.

— e DE-— OUTPUT
’I; n BT ~&1 GLiTcHer [ O LN o %= (FREE OF
ANALOGUE BLITCHER PASS FILTER QUANTATISATION
HORD STEPS)
WORD : OUTPUT
(n BITS) | (OPTIONAL) =
RESOLUTION '

OF 1 PART IN 2P
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) |
DAC 2> DEGLITCHER ourt Fig 4. A deglitcher system in  conTroL ”"—“jl‘— |
IN ™ operation. l i
?
T
. \_VERY FAST !
SAMPLE AND HOLD |
CONTROL our l ':
DATA WORD e
[Lss MsB |
i . o) N\ f‘
T PRECISION BUFFERS
0V OR +10V
/ \/ Fig 5. Building 2 DAC circuit
from discrete parts.
7k5
30!(}
40k 20k + F60k 5 30K
2 1 e 0 15k 745
7%5
RESISTOR - o
R '
TOB.EgORAA CE : + TLO81 DAC OUTPUT
. 0V TO —9.84V
oo e W
DATA
WORD
) (8 BIT)
LSB MSB l

PRECISION BUFFERS
0V OR $10V OUTPUTS
(CD4041 COULD BE USED)

ALL 2R
R R
Dremrmic B
TLNA DAC
(FET OP AMP) OUTPUT
0709961V
2R )
R= 75k 0.2% TOLERANCE
2R = 150k 0.2% TOLERANCE
VSB  LSB
BINARY CODE 0000 0000 OUTPUT VOLTAGE = 0.0V
BINARY CODE 1111 1111 OUTPUT VOLTAGE = 9.961V
Fig 6. An R-2R ladder.
J15v
Multlple Choice still applies. Also the ratio between the resistor value and the

The D o buffer ON/OFF resistance is important. The 2R resistors
e AC shown in Fig 8 overcomes the problem of multiplicity connected to the buffers should ideally be 2R — (the buffer
of resistor values; only two are needed. The resistor tolerance output resistance).
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Counting On This

A “counting’’ type ADC is composed of a fast comparator, a
gate, a counter and a DAC. This is why ADC's always cost more
than DAC’s, the ADC uses a DAC to do the conversion.
Assuming that the analog input is positive, and the DAC
produces a positive output, the conversion operation is as
follows:
1) The signal ‘‘start conversion’’ is generated. This resets the
counter to all zero’s, the DAC output goes to zero, the compara-
tor output goes high and so the clock is allowed to enter the
counter. Thus the count proceeds and the DAC generates a
positive going staircase.
2) When the DAC output exceeds the level of the analog input
the comparator output goes low, the counter stops. This is the
end of the coniversion, and the data that is held on the counters
output is the data output. it would then be transferred to some
latches, and held there until the next conversion is finished.
This data word describes as precisely as is possible the
magnitude of the analogue input. Although simple to operate,
this method has a major disadvantage, it is slow. Imagine that
the ADC is a 10 bit device and the clock frequency is 500KHz,
then the longest conversion time will be 1024 counts at 2, Sec
per count which is 2.048mSec, this means that the conversion
rate will be less than 500 per second.

END OF
CONVERSION
Y
COUNTER

COMPARATOR

ANALOG INPUT
Vel START
LONVERSION

DATA WORD
OUTPUTY

DAC

(+Ve GOING!

ANALOG INPUT

Ao

TIME

R N STOP COUNT
START CONVERSION TN CRCONvERSION

DAC OUTPUT

START COUNT

Memory Planning

ADDRESS

SINEWAVE
ROM

UP/ DOWRN

cK COUNTER

The data that drives DAC’s can come from several sources. It
could be generated by computation or read from a programmed
memory as shown. In this example a ROM (read only memory),
has been programmed with the data necessary to produce a

DATA

‘DIGITAL’
SINEWAVE
oUTPUT

DAC

R

sinewave. An updown counter provides the address for the
ROM and the data is converted into an analog output by the
DAC. The clock frequency divided by the size of the counter
determines the sinewave frequency.

INPUT

SIGNAL .
i SAMPLE OuUTPUT
— & AND ° b -
HOLD \
N ) SAMPLE Pid—-HOLD
i
i HIGH = SAMPLE
conTROL -/ LOW = HOLD

N CONTROL CONTROL

INPUT SIGNAL /\_//\/\/
CONTROL -_—
HIGH
LOW

oUTPUT
SIGNAL

A
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Data Lining

Another method of generating data is to convert analogue
information into digital words. The signa! must first be passed
through a low pass filter, the cut off frequency of which must be
less than half of the conversion frequency. The signal is then
“held’” in a sample and hold unit so that the ADC can do its
conversion on a static signal. Contro! logic sends comm2ands t0
the ADC giving it various instructions. The sequence of evensis
is:

1) Tell sample and hoid to HOLD.

2) Tell ADC to start conversion {SC).

3) Conversion finished, generate end of convessicn signal
(EOC).

4) Tell sample and hold to SAMPLE.

The process then repeats itself. The sample and hold mechanism
is shown at left. Generally, in one period and the input signal
several ADC conversions will be done. The data generated is
then stored, processed or transmitted.

GENERALLY THE SAMPLE RATE |S
INPUT MUCH FASTER THAN THE INPUT
" SIGNAL FREQUENCY
\-
hli\\/
= -
L.

OUTFUT

-
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‘Mark Time

Yet another type of DAC, a mark space modulation DAC is

- - DATA
shown above. The data word is presented to one side of a wonod> A N amaroRn B <:] COUNTER
magnitude comparator, the output from a fast running counter to

the other. When the counter is greater than the data word the

A>B output goes low. The output is a mark space waveform the A>B
ratio of which is linearly proportional to the magnitude of the
data word. The mark space signal operates a precision switch,
the output of which is lowpass filtered, providing a smoothed croex
DC output. This type of DAC requires a fast running counter, but
gives a relatively low bandwidth output signal. It is a good
solution for a system where lots of slow moving outputs are +Vref
required, because the counter can be common to all the DAC's. 1
»| pass b —o oUTPUT
/7177 DIGITALLY FILTER
CONTROLLED
SWITCH
FILTERED OUTPUT
. )
MARK SPACE SIGNAL "
FROM SWITCH T
Multiplexed Sound System
ADDRESS GENERATOR B DATA TO
AND SEQUENCE
VARIOUS
GENERATOR RECEIVING
UNITS 2
3 BIT
ADDRESS
8 8 WAY ¢ ‘ -
CHANNEL MULTI— SAMPLE
TAPE . AND e ADC
PLAYER ,PLEXER HOLD
SERIAL
OUTPUT
'RECEIVING ADDRESS
UNIT DECODING

y

SHIFT
B REGISTER

| > DAC  fmeeee—pel AMPLIFIER

Rlext time you are on an aircraft with a multichannel mus

system, it is quite possible that the sound you are hearing via
your stethoscope is digitally generated. The sounds are usually
stored on a multichannel tape player and each channel is
connected to a multiplexer. This is a digitally controlled rotary
switch and it is continually scanning all the audio channels. The
output of the multiplexer is then fed to the ADC. Thus each
channel is converted to a digital code. This digital code is then

ELECTRONICS CIRCUIT DESIGN — SPRING 1980

LOUDSPEAKER

transmitted in serial mode and mixed with a sync puise. The
transmitted information is a series of serial data words, each
representing a small piece of the eight music channels, plus
some synchronisation data which passes down a two wire
system to each receiving unit. This saves wire weight, there is
less crosstalk and low pickup due to the high noise immunity of
digital systems.
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Digital Echo Chamber

There are several professional echo chambers that are all digital.
The audio input is converted into a digital word and then putinto
a parallel set of shiftregisters. A 10 bit system would use 10 sets
of registers. The clock that starts the ADC conversion also shifts
the data along the shift registers. The data coming out of the
shift registers is then converted back into an analogue voltage by
“the DAC. It is then filtered and mixed with the original signal.

The echo can be made to repeat indefinitely by using the
digital recirculate path around the shift registers. The amount of
digital storage required is rather large. Let us assume that we
want a good quality echo. This would be a 10kHz bandwidth,
60 dB dynamic range which implies a clockrate of about 25k z
and a 10 bit system. Thus to store 1 second of sound (to give one
second delay}, we would need 10 3 25,000 bits of memory, 0.25
Mbits!

The usual solution to this dilemma is to get longer delays at
the expense of bandwidth. Thus a 1 second delay would be 1kHz
bandwidth, a 0.1 second detay would be 10 kHz bandwidth. This
would only require 25K of memory.

' AUDIO
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EC"'CULATE pa,
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INPUT

FILTER

ADC
nBIT

n SHIFT
REGISTERS

DAC
nBIT

DIGITAL
SECTION

Laser Light Show.

DATA RECORDED

- ON DIGITAL
’ TAPE RECORDER

0

One of the recent laser light shows in London used a digital tape
recorder to store the data for the show. Two outputs were
produced which were converted into control voltages by DAC's.
These voitages were then used to manipulate the X and Y
Co-ordinates of the laser. Thus it was possible to draw pictures
and cartoon characters with a moving laser beam.
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Digital Memory for an Oscilloscope.

Y INPUT SIGNAL

I [y
" @ —
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There are several products on the market that enable an ordinary
oscilloscope to store waveform information. This is particularly
useful if you are trying to capture non-repeating events. The
system is very similar to the digital echo unit, there is an ABC, a
memory and a DAC. Also there is a trigger circuit so that one
shot events can be captured and a ramp generator to produce the
Xsweep. The output of the DAC is rather interesting, because it
is not low pass filtered, but it uses a linear point interpolation
device. Basically, what this does is to join up the dots, so that a’
waveform that is represented by only a few points, can be made
to look like the original signal. The visual results of interpolation
are very good indeed.
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M390

SINd THE

THE LM3900N QUAD
AMPLIFIER

One of the most noticeable trends

in modern electronics is for more and
more components to be packed into
smaller and smaller spaces. One
example of this trend is the fairly new
LM3900 device which is manufactured
by - the National
Company. It contains four separate
internally compensated amplifiers in a
single 14 pin dual-in-line
encapsulation.

All four amplifiers are fabricated on
a single silicon chip. Each amplifier
contains seven transistors, a diode and
a capacitor, whilst other internal
components are used in the bias and
power supplies.

One might expect that new devices
of this type would be quite expensive,
but the LM3900 is available at only
£0.57 each in small quantities and is
even cheaper in quantities of over 25
devices.

CONNECTIONS

The connections of the four separate
amplifiers are shown in Fig.1. Each
amplifier has a non-inverting input
(marked +), an inverting input
{(marked —) and an output connection.

In addition, there is a single common
positive supply connection and a
common ground connection (negative
supply line) for the whole device.

INTERNAL CIRCUIT

Conventional high gain amplifiers
employ a differential input stage to
provide inverting and non-inverting
inputs, but a rather different approach
is employed in the LM3900N. A
‘current mirror’ is employed in the
non-inverting input circuit, the current
‘reflected” in this mirror being
subtracted from that which enters the
inverting input.

This type of amplifier therefore acts
as a differential stage by amplifying
the difference between two currents

'

Semiconductor!

‘amplifier  from  the

rather than the difference between
two voltages (as in a conventional
amplifier).

The type of amplifier used in the
LM3900N may be referred to as a
‘Norton’ amplifier, since Norton is the
name of the person who developed a
theorem relating the current flowing in
a circuit to the equivalent current
generator and shunt impedance.

Further details of the circuitry
employed in these interesting
amplifiers are given in the report by
T.M. Frederiksen, W.M. Howard and
R.S. Sleeth entitled "“The LM3900N —
A New Current-Differencing Quad of
Input Amplifiers’’; this is available
from National Semiconductor (U.K.)
Ltd., 301 Haspur Centre, Horne
Lane, Bedford MK40O1TR, under the
number AN-72.

INPUT 3+ INPUT 4- OuUTPUT 3

Al INPUT a4+ OUTPUT 4 INPUT 3 -

lm 13 12 11 10 9 8

1 2

INPUT 1+ INPUT 2 OUTPUT 1 GND

INPUT 2+ INPUT 1-

Fig. 1. The connections of the LM3900N.

OUTPUT 2

. INVERTING
Fig. 2. The symbol INPUT
for one of the
Norton amplifiers

of the LM3900N.
PUT

SYMBOL

The symbol recommended for each
of the four Norton amplifier stages in
the device is shown in Fig.2. This
symbol distinguishes this type of
standard
operational amplifier symbol and
avoids confusion in circuits.

The symbol of Fig.2 contains an
indication that there is a current
source between the inverting and
non-inverting inputs and implies that
the amplifier uses a current mode of
operation. In addition, the circuit
symbol indicates. that current s
removed from the inverting input,
whilst the arrow. on the non-inverting
input shows that this functions as a
current input. :
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NON-INVERTING

QUTPUT -

PERFORMANCE

The LM3900N has the advantage
that it can operate from a single
supply voltage over the range of 4 to
36 V. Most conventional operational
amplifiers require supplies symmetrical
with respect to ground (typicaily 15
V); the LM3900N can be used with
such supply lines if desired.

The maximum peak to peak output
amplitude of an LM3900N amplifier is
only 1V less than the supply voltage
employed. The current consumed
from the power supply is typically 6.2
mA (maximum 10 mA).

The typical voltage gain of each
amplifier is 2800 or nearly 70 dB. The
minimum gain of any amplifier is
1200. The variation of this gain with
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Fig. 3. Comparison of the gain of the

1. M3900N with that of a 741 amplifier

at various frequencies.

frequency is compared with that of
the well known type 741 operational
amplifier in Fig.3. It can be seen that
the LM3900N amplifiers provide
about 10 dB more gain at all
frequencies above 1 kHz.

APPLICATIONS ’
The Norton amplifiers used in the
LM3900N device entail the use of
somewhat different circuit design
techniques than those wused with
conventional operational amplifiers.

The inverting input of the LM3900N

amplifiers must be supplied with a
steady biasing current. The current to
the non-inverting input modulates that
to the inverting input. The fact that
current can pass between the input
terminals leads to some unusual
applications.

Both inputs of each of the amplifiers
in the LM3900N are clamped by
diodes so as to keep their potentials
almost constant at one diode voltage
drop (about 0.5 V) above the ground
potential of pin 7. External input
voltages must therefore be converted
to input currents by placing series
resistors in each input circuit.

USE AS AN AC
AMPLIFIER

The LM3900N forms wuseful ac
amplifiers, since its output can be
biased to any desired steady voltage
within the range of the output voltage
swing. The ac gain is independent of
the biasing level and the single power
supply ; required greatly simplifies
circuit design.

A simple ac amplifier circuit is shown
in Fig.4. The gain is approximately
equal to R2/Rj or 10 with the circuit
values shown. The mean potential at.
the output is half the supply voltage.
The value of R3 should be twice that
of Rz, since the current passing

through each of these resistors is

then the same. The positive supply
and ground connections are not
shown in Fig. 4 for simplicity, but R
should be returned to the same
positive supply line as that used to’
feed pin 14.

The circuit of Fig.4 provides a phase
inverted output. Any ripple on the

28

R2
JLe

R1
WPUT " 100k$ 2
| AV
By 0.054F
ouTPUT
A3
M8
Fig. 4. A simple a.c. amplifier circuit.
R3
e
ouTPuT
c R1 . ——
INPUT T 100k<2 i
A, 1 ANV

R4
51k

R2
msL

l !
C2

R5
S1k{)

Fig. 5. A simple non-inverting a.c. amplifier.
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Fig. 7. An amplifier which has a gain con rro-//ed by an input voltage.
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Fig. 9. A simple square-wave generator.
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Fig. 11. A voltage controlled oscillator which produces triangular and square-waves.

. power supply line will appear on the
.- output at half amplitude.

~ NON-INVERTING AC
- AMPLIFIER

The circuit of Fig.5 shows an

amplifier which provides an output in
phase with the input. The gain is equal
to R3/(R1 + rq) where rq is the small
signal impedance of the input diode.
The value of rg is equal to 0.026
divided by the current passing through

R to the non-inverting input.

The capacitor values should be
chosen so that the impedance of these
components is considerably less than
the circuit impedance at the points
concerned.

HIGH IMPEDANCE AND
HIGH GAIN

The circuits of Figs.4 and 5 have an
input resistance, Ry, of 100 k chm. If
this resistor is increased to provide a
higher input impedance, the gain of
the circuit will fall. However, the
circuit of Fig.6 has been designed so
that it provides both a high input
impedance and a high gain using a
simple amplifier. With the component
values shown, the input impedance is
one megohm and the gain 100.

The voliage applied to R, is made
equal to the output voltage (which is
half the supply voltage). The value of
R2 is equal to the sum of R3 and Rj;
these resistors set the dc bias. If
desired, R2 may be made 4 megohms
and its lower end connected to the V*
supply.

Resistors R4 and Rs form a potential
divider so that only 1/100 of the
alternating output voltage is developed
across the C» — Rs circuit. This
fraction of  the output voltage is fed
back to the inverting input via R3. As
R3z and R; are equal, the gain is
R4/Rs. As R 5 is decreased, the gain
approaches the open loop gain of the
amplifier.

VOLTAGE CONTROLLED
GAIN ,

An amplifier with a gain which can
be controlled by the value of a steady
applied voltage is shown in Fig.7.

A current flows from the positive
supply through R3 to provide a bias
which prevents the output of the
amplifier from being driven to
saturation as the control voltage is
varied. When D2 is non-conducting,
the currents passing through both Rz
and R3 enter the non-inverting input
and the gain is a maximum. This
occurs when the control voltage
approaches 10 V.

The gain is a minimum when the
control voltage is zero. In this case D2
is conducting and only the current
passing through R3 enters the
non-inverting input of the amplifier.

DIRECT COUPLED POWER
AMPLIFIER

In the circuit of Fig.8, the output
from an LM3900N amplifier is fed to a
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