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How to build high-quality filters
out of low-quality parts

If the operational amplifier is wired as a voltage follower,
an active filter can use loose-tolerance resistors

and capacitors—and still perform well

by Ph|l|p R. Geﬁe. Lynoh Cormmunication Sysiems W, Aond, Nev,

O An active filter’s sensitivity to component values is an
important factor in determining its cost. If the circuit is
designed for minimum sensitivity to these valucs, then
ingxpensive low-tolerance components can be used
without harm to its performance.

In the three-pole filter of Fig. 1, the amplifier closed-
loop gain, K, is the parameter that governs sensitivity.
This results from the presence of the factor (1 — K} in
terms of the transfer-function denominator. 1f K is
greater than unity, the denominator will contain negative
terms that lead to high sensitivity. For this reason, the
amplification is provided by an operational amplifier
connected as a voltage follower. In addition to providing
K = 1. use of a voltage follower also saves two gain-
fixing resistors in the op-amp connection.

Low-pass design

If the amplifier in Fig. 1 is a voltage follower and the
resistor values are all 1 ohm, a normalized Butterworth
or Chebyshev filter responsc is obtained by choosing
capacitance values from Table 1. The zero-ripple design
ts the normalized Butterworth Riter. it has an attenua-
tion of 3 decibels at a frequency of 1 radian per second,
and its asymptotic slope in the stopband is 18 ds per
octave. The exact attenuation at any frequency w is given
by the formula:

Con’/€in = 17(1 +®)?

|

Bt

1. Uses looge-tolerance components. The perfermance of this
three-pcle low-pass active filter is insensilive 1o values of resistors
and capacitors if the ampliier gain, K, s unity. Therelore inexipensive
cemponents wilh relatively locse olerances can be used.
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Ripple (dB)

0.01
0.03
0.10
0.30

1.00

Ripple {dB)

Ripple
(dB)

0.01

.02

€.

0.3

=

0.20245

0.091294
0.097357
0.096911
L.ESE1d

0.05872

Ripple factor i}

0.00230524
000653167
0.023293
0.0715123

0.258928

Band-edge frequency we [rad/s)

a = 1dB

(=]

788355

.B6B352

36673

-

20154

1.08934

1.00000

n =2dB

0.914491

1.74229

1.50770

1.307Q7

1.16726

1.05219

Gy

1,350
0.84044
1.0325
1.3145
1.6827

2.3444

a - 3dB

1.00000
1.87718
VG152
1.288493
1.22906

1.09487



The capacitance values corresponding to the nonzero
values of ripple in Table 1 yield Chebyshev filters. These
filters have equiripple passbands, with the edge of the
ripple band at | rad/s. The attenuation for the Cheby-
shev flter designs can be calculated from the voltape-
ratio formula;

Co/€in = 1/[1 + (da' — 3w)]”?

where ¢ is the ripple factor obtained from Table 2. The
user can be cxpected to define the attenuation at the
cdpe of the passband, but the choice of ripple value is
usually left to the designer. As an aid to meeting the
passband edge requirement, Table 3 gives the frequen-
cies for attenuations of 1, 2, and 3 dB for all ripple
values.

As an example, consider the design of a low-pass
Chebyshev filter with 0.3-de ripple and the calculation
of its attenuation at twice the 3-dB frequency.

Frequency scaling

The normalized circuit is shown in Fig. 2, with capaci-
tance values taken from Table 1. Table 2 shows that a
0.3-dp ripple corresponds to ¢ of 0.0715193. The 3-dp
frequency of this filter is given by Table 3 as 1.22906

3. Practical 10-kHz low-pass filter. The
example in the tex! shows how the compon-
ent values in Fig. 2 are scaled to provide the
edge of the ripple band (the highest
frequency at which altenuaticn is equal to or
less than 0.3 dB) at 10 kHz. Bocler compen-
sation is added to voltage follower that uses
a type 741 cperational arnphirer.

€n

Eaut

0.085819 F

2. Normalized low-pass filter. Design of low-pass Chebyshev filter
with 0.3-dB ripple starls with R values of 1 ohm and G values from
Table 1, plus a voltage-tollower op amp 10 make K = 1.

rad/s; at twice this frequency, ie., w = 2.45812 rad/s,
the attenuation is calculated 1o be 0,0716734. Expressed
in decibels, this attenuation is 20 log (0.0716734), or
—22.89 ds.

To scale the design so that the edge of the ripple band
{that is, the highest 0.3-dB frequency) occurs at 10
kilohertz, divide all capacitance values by 2x(10,000).

Cy 0.0736 uF

nove ].AF Lout

LNCOMPENSATED \

§‘- ——
}\

\

C, = 106 pF
Ro = 1k§2

12
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4. High-pass filter. in the rormalized high-pass three-pole aclive
filter, the series capacitors are all 1 F, and the resistor values (in
ohms) are found by reciprocating the numbess in Table 1.

This gives:
Cy = 1.36585 uF
C; = 117.897 ur
Cy = 26.7888 ur

These values are correct but impractical. A practical
design can be obtained by multiplying all impedances by
a suitable scale factor, say 1.500. This gives:

R =R, =Ry = 135008

C, = 910.6 pr
C, = 0.0786 ur
= 0.0179 uF

The frequency response of this filter is the same as that
of the normalized design, ecxcept that all attenuations are
referred to the band-cdge frequency, f, of 10 knz,
instead of to | rad/s. Consequently, the attenuation
formulas serve for the denormalized filters if w is
replaced by {/1..

Gain compensation

These filters require rather precise values of closed-
loop gain, which is why an operational amplifier is used
instead of some simpler unity-gain amplifier. But even
an op amp may require compensation if its open-loop
gain drops to less than 60 dB at the band edge of the
filter.

A voltage divider consisting of resistor R, and capac-
itor C, provides the Boctor compensation, as it is cailed,
by shunting ofl part of the feedback at high frequencics.
R, and C, are given by:

R,Co = 1/(2.6 X 2=f.)

where f, is the 0-dB frequency of the amplifier open-loop
gain curve.

For a 741 op amp, the open-loop pain is less than
40 ds at 10 kez, and the measured value of f, is
581 kuz. Therclore, R, and C, are 1 kilohm and 106
picofarads, respectively. The complete circuit for the 10-
kHz filter in the example, including Boctor compensa-
tton, i1s shown in Fig, 3.

High-pass design

The element values given in Table 1 are the recipro-
cals of the resistances in a normalized high-pass filter, as
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074 kE2
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o—]| = +
01ufF 741 ©
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5. Practical 200-Hz high-pass filter. The example in the text gives
details of the design of this filter, which has 0.3-decibe! ripple above
200 hestz and 31.35-dB atienuation at 60 Hz.

The foilowing equations will yield compenent values for
three-pole active fillers not covered by Table 1. Given:

Eu/€n = /a5 tas"+as+ 1)

with known nurmerical coeflicients as. a,, a.. component
values for the circuit in Fig. 1 are obtained by finding a
positive real root of:

18x* — 12a,x* + (Pa+3a:)x + (Pa; — aa) =0
If xq is such a root, then:

¥ = —ai/ (3" — axo)

Z = 4a, — 3)(0
Then the element values for Fig. 1are K = 1, R, = R,
=R; = 1, Cy = X C; = y, and C3 = z, where
resistances are in ohms and capacitances are in
farads.

shown in Fig. 4. The normalized capacitance values for
the high-pass filter are all 1 farad. In the attenuation
formula used for frequency-response calculations, w
must be replaced by f./f, where f. is the band-edge
frequency: this applies to both normalized and denor-
malized highpass filters.

As an example, consider the design of a high-pass
filter that must pass signals above 200 hertz and must
suppress 60-Hz signals by at least 30 di. Here f./f is
200/60; the voltage-ratio expression shows that a Cheby-
shev filter with 0.3-da ripple will give an attenuation of
31.35 ds. Therefore, the resistors in the normalized
circuit (Fig. 4) have values found from Table | as
follows:

R, = 1/C, = 1/0.085819 = 11.6524 Q
R, = 1/C; = 1/7.4077 = 01350 Q
Ry = 1/C, = [/1.6827 = 0.59428 Q

Frequency-scaling this design to w, = 27(200 Hz) gives
1256.6 for ., and dividing the 1-F capacitances by this
number gives the value C, = C, = C; = 795.8 ur for
the capacitors.

Finally, to get practical component valucs, all the
impedances are multiplied by the factor 7,958 to make
the capacitors 0.1 ur. The resistors then turn out to be as
shown in Fig. 5, tl
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ACtive filter has Stable notch,

and response can be regulated

e e

High Q of zeroes in transfer function is independent of component
balance; notch depth depends on high gain, rather than precision of
parts, and circuit-performance sensitivity to passive elements is low

by James R. Bainter , Motorola Semiconductor Products Inc., Phoenix, Ariz.

[] Many tone-signalling systems require elimination or
rejection of a single frequency or a narrow range of fre-
quencies. To produce this step band, transfer functions
with a notch response have been achieved by both ac-
tive and passive networks. However, all the circuits that
have been used in the past have required accurately
matched component values to produce deep notches.
Unfortunately, aging and temperature variations can
affect the capacitances or Ttesistances of carefully
matched components differently, with the result that

B, = 2R, R, = 2R,
————NW———T————MW——
Gy Gy

——

P

Wy = 1/2“1‘;1
{a)

H RS

{1/R5C3C4) (1/Rq +
(b)

”Hz)

their match is degraded. Aging can thus reduce a rejec-
tion ratio of, say, 60 decibels to as little as 10 dB.

Now this need for perfect matching has been elimi-
nated by an active filter in which the Q, or sharpness, of
the null is a function of amplifier gain, rather than of
precision balancing of passive components. The notch
depth in the new network is constant so long as the gain
remains high, even if resistors and capacitors drift, The
active-filter network can also generate low-pass or high-
pass filter blocks for frequencies above or below the re-
Jection frequency. The passive component sensitivities
of the network are 0.5 or less.

Considering null networks

Among the passive bandstop networks that depend
on the precision with which components are matched is
the symmetrical parallel-T network shown in Fig. 1¢a).
One condition for balance is that the ratio of the series
and shuni capacitors must be proportional to the ratio
of the series and shunt resistors (C2/Ci1 = 4R1/Rz).
This balance, which is independent of frequency, im-
plies that the depth of the notch at the rejection fre-
quency depends solely on the accuracy of passive com-
ponent matching. To get 60 dB of rejection at the notch
frequency. the ratio of C; to Cz must be held within
0.1% over the temperature range of interest.

Ra
— A

Cy

i

;P

o |

1. Null networks. Conventional notch filters mdy be passive circuits
such as the bridged-T network in (&) or active circuits such as the
subtractive arrangement in (D). in either type, the amount of signal
rejection at the notch frequency depends upon ratios of passive
components; therefore, component drift degrades performance.

Electronics/October 2, 1975

2. Zero generatlon. New circuit can generate true zeroes at any fre-
quency for which op amp has high gain, Notch depth is function of
this gain alene, not of component ratios. Filter can combine low-
pass or high-pass characteristics with notch. Pole and zero fre-
quencies and pole Q-factor are independently adjustable.
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HIGH-PASS

R, =200 kS
Rz=1MkQ
fp = 1,367 K.
f; =440 He

0, = Hl

S F—  LDW-PASS
Ry = Mk
Ry =200 k{2
fp = 440 Hz
fe = 1967 Hz

d,- s

=
=
=
=
i
=
=
=

Ry =50 k2

Rg = 5.82 kO
Gy =820 pF
Cz =0.0162 uF
Ky =1

Ky =1

1,000
FREQUERCY iHz)

3. Characteristics. Interchanging Ry and Ry changes hlter response
from !low-pass 10 high-pass. it By is equal to Rs, filter has symmetnical
notch characteristic. Quality factor Q,,, which is measure of how tast
the response returns from the nolch to 1s passband characterislic,
depends on values of resisiances and capacitances.

Ry = 159k
Ry~ 159k
R, = 159 K02
C, = 1,000 pF

TRANSMISSION (dg]

1,000
FREQUENCY {Hz)

2,000

4. Adjustable. Response of unity-gain notch filter is varied by vary-
ing Ry, 1o change Gy value. Notch freguency s 1 kHz.

Other null networks have active circuits that subtract
one signal {rom another to produce a notch at the de-
sired rejection frequency. As an example, Fig. 1(b)
shows a multiple-feedback bandpass active filter con-
nected to a summing amplifier. At the node of Re and
Rz, the input signal is subtracted from the output of the
filier section. The final transfer function is

L‘o( ’ Rs[ 82+ 571/ CaRo+ 1 /TRy - R/ CaR1Ri) + w®
—f 5] =~
e, Ry S5 N/ Op +wn?

where wx is 27 times the notch frequency, and Q. deter-
mines notch width, To preduce a deep notch with this
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c‘ircuil, the middie term in the numerator of lhe\t?q:{g
1on Mus’ ke zero, That is,

R./Ry = (Rs/Rij(I+ Cy/Cy)

This expression shows that the amount of rejection at
the notch frequency depends upon three ratios of pas-
sive components. Therefore, to maintain good notch
depth, these ratios must be accurately set and main-
tained over the range of operating temperature.

Other bandpass filters, such as the state variable or
biquad, may also be used; but they also require balanc-
ing of components, because the filter sections do not in-
herently generate transfer zeroes. -

Generating transter zeroes

The general form for the transfer function of an ac-
tive filter is

Co, 5+ (i (u)s + @t

Iid s+ fup/ Opls + wp?

where w. and @y are the radian frequencies for the
zeroes and poles, and Q. and Qp are the corresponding
quality factors. For infinite Q., the coefficient of s in the
numerator would be zero; this fact suggests that a cir-
cuit with a large gain factor in the denominator of this
s-coefficient must have high Q.. Such a circuit is shown
in Fig. 2. The coeficient of s in the numerator of its
transfer function is

we/ Qr = (1/Ry+1/R3)/ Cy(1 + A) (1)
where w;2 is the constant term in the numerator,

AK1/RIRWC1Ce(1+A), The value of Q. is therefore
given by the expression

Q. = [K1CiA(A+ 1)/ RiRyCo] V2R \R3/(R1+ Ry (2)

If the gain of the operational amplifier, A, is large {on
the order of 10%), Q. is greater than 200. For such high
valucs of A, the transfer function of the circuit in Fig. 2
is effectively

S')'+[K1/(R[R5C1C2}I

e T TR SR+ R)IHCoRIR)) + Ko/ (RaRWC1Co)

(3)

Since this equation has no s term in the numerator, the
transmission function has a deep notch at the frequency
given by

(4)

The notch frequency may shift if component values
drift, but the depth of the notch will not be materially
affected by such drift.

Calculating circuit performance

Equation (3) shows that the zero and pole fre-
quencies, and Qp, for the circuit in Fig. 2 are given by
Eqgs. (4) and

Ko
y =
P T RiR:CiCe )
KaCo Jurz RyR; G
Qp = [R3R4C1 R+R, ©)



w, |2 K1 Ry

N = = = 7
[Ldp] K2 R1 ( )
The gain of the circuit in Fig. 2 at zero frequency is
Ca KiR;
" R (8)

and at infinite frequency is

Ca -
'e—i - 2 (9)

Thus, K1, K2 and Rz/Ry can be used to set the transfer
gain below and above the zero frequency w..

Equations (7), (8), and (9) show how 1o select compo-
nent values so that the circuit will function as a low-
pass, high-pass, or notch filter: it Ky = Kz = 1,
® R greater than Ry gives a Jow-pass filter
® R equal to Ry gives a notch filter
B Rjless than Ry gives a high-pass filter
Figure 3 shows the result of interchanging Ry and Rz to
convert the filter section from low-pass to high-pass.

Resistor R; can be used to adjust Q, without affecting
the zero or pole frequencies; in fact, the circuit can be
designed without R If R is omitted, Q, is

I(QR.;Cz]l/‘.i (10)

Qn'R. e = [ R:;Cli
Resistor R can then he added to lower the total @, 1f
the application requires that the Q;, be adjustable; to
get a given value of Qg R; should be

i
= 1/ OJK:Ca/ RaR:Cy V2~ TR,

When R, 1s included in the circuit its value should be
of similar to that of Ry; otherwise, the output of the op
amp may saturate at the notch frequency. It ts good
practice to let Ry, = Ry when using R in the design.
This value of R results in low sensitivity of Qp to Ry, as
shown below,

The source that drives one of these filler sections
should have a low resistance. The source resistance has
no effect on the notch frequency, but it does affect the
overall gain, wy, and Qn.

The equations defining the component values may be
further simplified for notch filters, in which Ry=Rs and
therefore w, = wp = wx, where ex? = /RIRGiCo 35
the square of the notch frequency. Two sets of notch-fil-
ter equations that are useful to the designers are given
in Table 1. One set of equations applies for the case
where Ry is equal to R;. and the other set applies when
R is infinite; Ky = Kz= | is assumed throughout.

Comparison of Egs. 14 and 17 shows that the compo-
nent value spread is reduced by a factor of four if R, i3
set to infinity; but the fexibility in adjusting Qy is lost.

To design a filter for a given wx, an appropriate Q, is
chosen, and C; is made equal to Cz at some fraction-of-
a-microfarad value that yields convenient resistor sizes.

Figure 4 shows the response of a unily-pain notch
section where fy 1s 1,000 Hz and Q. is varied over the
range from 0.6 to 10 by varying R..

In applications where it is required 1o notch out a sig-
nificant bandwidth. as in the band-rejection filter for a

R, (1
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5. Stopband. Four cascaded nolch sections with different rejection
frequencies and different G, values produce a bandsiop tilter.

TABLE 1
MOTCH-FILTER EQUATIONS

(FOR K; = Kz = 1]

FOR R, = R, l FOR R, ==
-SRI | A, R ——— s
HEE 201y 0, Cy ) ) 3 wy Qp Cy
20, Gp
= Rg = ——— i3 Rs - (16}
Ralze 08 wy Cz () ] : wy Gz
Ca Ry ! Cq Ry
— w2 — 14 —_ =(Q,7 — 1n
s el e
Ci Cl
Ry | Ry . Ay Ci| Cp | Ki| Ko
wy |12 12 —v2|-121 12
iy =112 =112 -W2| =12 172
0, ‘T 1- Rafflg 1 )
Ry < W ST RgRg | TengRs | VE| M2 ye
Oy
e 172 112 V2| 12 112
| R l

Touch-Tone telephone receiver, individual notch sec-
tions can be cascaded. Figure 5 shows the response of
four cascaded notch sections for such an application;
the notch frequencies are 697, 770, 862, and 941 Hz. The
frequencies from 700 to 1,000 Hz are rejected by 25 dB.
And since resistor Ry is common to both w, and ey, the
notch frequency is adjusted by trimming Ru.

The sensitivitics of the singularities and of Q to frac-
tional changes of passive-component values are shown
in Table 2. For Rs = R, or for R, equal infinity, all sen-
sitivities are '2 or less, resulting in active filter sections
that are stable with respect to component drift. U



FOR YEARS, PEOPLE WORKING ON CIRCUIT
theory have been trying 1o do-in the induc-
tor. This is especially true in the audio and
sub-audio regions where inductors are in-
herently big, expensive, difficult to adjusi,
and subject to ficlds and hum pickup. After
a lot of falsc trys and some rather poor
ways of going about this, a batch of solid,
reliable methads now exist that can do the
job. Almost all these methods use low cost,
readily available operational amplifies. In
most of the methods, the energy storage of
an inductor is simulated by taking cnergy
from a power supply and delivering it at
the right point and in the right amount in a
circuit to simulate exactly the bahavior of
ap inductor.

Actually most methods don't work
directly on replacing inductors. lastead,
they look at the whole picture and attempt
10 come up with a functionally equivalent
circuit that does exaetly the same thing that
the original one did, but intemally does it
in a wildly different way, These [unction-
ally cquivalent circuits are often called ge-
tive filters, and an active filter is simply any
circuit that uses al least one operational
amplifier or its equivalent to simulate ex-
actly a circuil that pormally would nced at
least one inductor to get the same result,

A filter itself is any frequency selective
network. Three popular styles are the Jow-
pass filter that passes only low frequencies
and stops higher ones. the bandpass filter
that passes only a few or a range of median
frequencies: and a high-pass filter that al-
lows enly high frequencies to reach is out-
put. A rumble filter on a furptable is a
high-pass filter. The tuning on an AM radia
is a bandpass filler, and the treble cut con-
trol on a hi-fi is a form of low-pass filter.

A comparison

Before we o nto the nuts and bolts
details of how to build your own active fil-
ter, let’s compare a simple active low-pass
filter with an equivalent low-pass passive
one (sec Fig. 1), And, if we wanted to, we

T assive
By egut

fouT
Bin

Fii. 1—-LOW-PASS FILTERS. The passive L-C
type Is simpler, the active is more versaille.

could sclect the L-C ratio of the passive fil-
ter or the ratio of Cl and C2 in the active
filter to get a response that looks like Fig
2.

The way we get the response ditfers
for the two circuils, but the result is the
same. In the passive filter, the inductive re-
actance increases and the capacitive reac-

How Active
Filters Work

Here are full details on how to build filters with
op-amps instead of inductors. This stable and reliable
method works for practically all audio and

sub-audio low-pass, bandpass, and high-pass designs

tance decreases as we inercase [requency,
shunting more and more signal to ground.
In the active filter, we essentially have two
cascaded R-C sections at very high fre-

. quencies that also shunts the signal 1o

ground. The problem is that if we left the
amplifier out of the circuit, the response
would droop very sloppily and very badly
around the cutofl frequency.

0

K
-3
2 TN
o 9 —D.707 VOLTAGE '?O
Cla OR <3dB AT D
3% I cutors NG,
x 18 '?[_i
L L] — N —
é -2k
Q9 A}
-24
v X0.5 X1 X2 X4

CUTOFF FREQUENCY

FIG. 2-RESPONSE OF LOW-PASS FILTER,
Slope shown s 12 dB par octave.

What the op amp does is use circuit
Jeedback via Cl. It takes energy from the
supply and introduces it in the middle of
the R-C network to simulate exactly the
same effect as energy storage in the indue-
tor. Thus no R-C network by itscif can ever
hope o be as good as an L-C one, but an
R-C network with some energy feedback
controlled by an op amp is another story.
and you can replace virtually any L-C net-
work with a proup of op amps, resistors,
and capacitors. In fact, there’s ¢ven things
you <an do actively that you can’t with
conventional circuits. Gain for instance.

We picked this particular response be-
cause it has the maximum possible fatmess
in the passband. It is called a Butterworth
filter. If we ty to sieepen the response
without adding any more parts, we'd get a
hump in the passband, and the size of the
hump would decide the imitia! bat not the
ultimate rate of falloff. Fiters with humps
are called Chebychefl filters if the humps
are in the passhand and Elliprical filters if
the humps are both in the passband and
the stopband. We could also make the re-
sponse less flat and more gradual. This
would improve the pulse response and
overshoot at the expense of till in (he
passband and a more gradual rolloff. The
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best of these is called a Bessedl filter, The
term that controls the shape of the filter
near the cutgff frequency, bul not af very
low or very high frequencies is called the
damping of the filter. The damping is con-
trolled by the L/C ratio in the passive filter
and the Cl to €2 ratio in the active filter,
or by bolding Cl and C2 constant and
changing the ratio of R3 and R4

We picked the Butterworth here be-
cause it is the most popular and the easiest
1o use, Well stick with Butterworth filters
all the way through this story. Other types
are just as easy to build. All you have lo
do s move the damping and cutoff fre-
quencies around a bit.

If we wanted something stecper than a
12-dB-per-octave rolloff, we'd have to add
more parts. Two inductors and a capacitor
would give you a 13-dB-per-octave filter,
and two inductors and two capacitors
would give you a 24-dB-per-octave rollofl,
and sa on. We call this the order of the fil-
ter, Second-, third-, and fourth-order filters
have rolloff rates of 12, 18, and 24-dB-per-
octave, and are the most popular normally
us¢ed. Normally it takes one op amp for a
second or third-order filler and two for a
fourth,

Note that the damping of the filter
controls the response near cutofl, partic-
ularly the flatness in the passband, the time
delay and overshool, and the faitial rate of
fallofl. The order of the filter controls the
ultimate or asymptodic tate of falloff for the
filter.

Why go active?

The operational amplifier serves as a
gain block with a very high input imped-
ance and a very low output impedance. lis
essential function is to provide for energy
feedback to simulate the effect of cnergy
storage in an inductor. Twe nice benefils
are the ability to drive any load and to use
bigher impedance (and almost always
cheaper) components. 3o what are the ben-
efits of an active fiter? What do we gain
and what do we lose when we go active?

The first and obvious thing we lose is
the inducter, along with its cost, size, diffi-
culty of adjusiment, and sensitivity to hum
and other magnetic fields. Note also that
the passive filler has a load resistor. The
value of this resistor is eritical, for if you
change i, the relative effects of the reac-
tance changes of the inductor and capacitor



change and the response shape or the cut-
ofl’ frequency may chamge. This is not true
of the op amp active filter, for the op amp
can drive most any reasonable load without
changing the fiter's response, We can vary
the load from an open circuit down 1o any-
thing the op-amp ean reasonably drive
without changing the response,

The inpul to the op amp Is a very hl(‘h
impedance. This means you <an use h:nh
impedance resistors and capacitors for a
given response at a piven [requency. The
benefits here are obvious. A high-imped-
ance resislor costs the same as a low-ohms
one, but a high-impedance capacitor is
much smaller, and much cheaper.

Passive filters are inherently lossy, and
the best we could expect to hope for would
be slightly less than unity gain. With op
amps and active filter designs, you some-
times can desipgn for any cmwcuit gain you
want. Those we're going to show you have
gains above unmiy,

Another big benefd is tuning, Large
variable capacitors are nonexistenf, while
large variable inductors are expensive and a
pain to adjust. On the active side, we have
resistors RI and R2 and surely changing
them will change the response. For this
particular circuit, we have to change both at
once 1o change frequency without hurting
the damping and response shape. This is
easy to do with a dual pol, and we can cas-
ily et at least a 10:1 mange. Even for slight
tuning adjustments, the Tesistors are easy to
change to get exactly the response you
need. Because of this, active filters are gen-
erally more tuneable and casier to adjust
than passive ones.

A final benefit is a bit subtle, but very
important when we want a fancier higher
order filter with faster cutoff slopes. We can
cascade active filter blocks without any in-
teraction, since they are free from fields
and mutual inductance and since they gen-
erally have a high input impedance and a
low oulput impedance. Cascadeability is a
very big benefit. You sermally can't simply
cascade identical stages, for what was a -3-
dB poinl becomes a -6 and so on. What
you do is lake the math expression for the
higher order filter you want and factor it
inte sceond-order terms, and thea build
cach second-order term separately. Gener-
ally, the individual block responses will be
less damped and appear peaked when com-
pared to the final result

-3dB
BANDWIDTH =

1

Q

Disadvantages and problems

If active filters are so good, why
doesn't everybody use them? First and fore-
most, iU's because very few people under-
stand or appreciate what they are and what
they can do. But, over and above this, therc
are some limitations and disadvantages 1o
their use, Let's take a closer look.

Obvicusly, we need some supply power
and the noise characteristics of the op amp
can effect very low-leve] signals, More im-
portant is the high-frequency limitations of
the operational amplifier. As you increase
operating frequency, an op amps open-loop
gain decreases and ils phase characteristics
change so that you are limited to the upper
frequency you can handle with & given op-
erational amplifier.

For amplifiers like the 741 style or its
dual and quad combinations, a reasonable
upper frequency hmit for active filters is
between 20 and 50 kHz for tow-pass and
high-pass versions, and between 2 and S

10K 5.6%

OP AMP
fouT

T'ms i.016

FIG. 3—ACTIVE FILTERS HAVE GAIN. Pas-
sive types are lossy clrcuits.

e e
/
&N 10K
"' J"""
100K
+
1.6uF Q16
.0016
.16
1-10 10-100 100- 1 kHz-
I kHz 10 kHz

kHz for bandpass designs. If you go to a
higher performance internally compensated
amplifier such as the National LM318, you
can work up into the hundreds of kilohertz.
Finally, if you go to really exotic op amps
you can work higher, and even microwave
active filter structures have been built,
Thus, we have an upper audio limil for ac-
tive filters built with the cheapest available
op amps and a fractional megahertz Hmit
for op amps in the §3 to 35 class.

Bandpass filters meed more gain for
resonance and thus are generally limited to
lower frequencies. One way around the
problem is to distribute the problem among
wo or more op amps so that each only has
1o provide some of the gain.

The low-frequency limit s another
story. It's decided mestly by how much you
want to pay for big capacitors and how
high you're willing to let impedances gel
With FET op amps, this can be a bunch,
and operation down below 0.1 Hertz is cer-
tainly possible. Thus active fillers are ideal
for such sub audio work as brain wave re-
search, seismology, geophysics, and fields
like this.

One limitation, and the big one, is
called the sensitivity problem. You have 1o
ask how the individual components in the
active filter ar¢ poing to <¢hange the re-
sponse if they are cut of tolerance or drifl
with time. For instance, if a particular pa-
rameter such as a gain or a capacilance
value happens to have a sensitivity of 0.5,
the result is a 5% change i cutoff fre-
quency or damping for a [0 change in
component value. On the other hand, if a
1% variation makes a 50% change in some-
thing you've got problems, This is ¢learly
ungood. When picking a way to build ac-
tive filters, you have to be aware of the
sensitivity problems and how to use them.
The method w'll be showing you in a
minute s very well behaved at fixed low
zains and for lower to moderate Q band-
pass designs.

A final limitation is one of method.
There are about a dozen good and proven
ways to design active filters, These all vary
with their ¢ase of understanding and what
they can and cannot do. Some can't handle
all three basic responses. Some allow single
resistor tuning; others allow separate tuning
of bandpass gain, center frequency, and Q.
Some arc well behaved at certain gains, bul
at others are too highly sensitive or actually
unstable. You have to pick a method that
works for you, 15 reliable, behaves well, and

10K 5.6K

LM3ia

FIG. 4—AN ADJUSTABLE LOW-PASS FILTER covering from 1 Hz to 100 kHz In five Irequency
ranges. Switched capaciiors select the bands, ganged polentiometers do the variable luning.

NOVEMBER 1973 ® RADIO-ELECTRONICS 43




does what you want it to. The one we'll be
showing you is very easy to understand,
stable and forgiving of component varia-
tions for fixed low gains, and uscable in the
bandpass case for low to moderate Q’s. It
usually takes two resistors simultanecusly
adjusted to tune, and in the bandpass case,
you cannot separately set the Q, gain, and
center frequency without @ major change in
components.

The methed is called the Sallen-Key or
Voltage Controlied Voltage Source (VCVS)
method, and first appeared in the March
1935 IRE Transactions on Circuit Theory.
Other popular filter methods are called the
Integrator Lag, the Biquadratic Section, the
Multiple Feedback, and the Srate Variable.
Another type of active filter uses the gyrazor
or impedance converter but these generally
take a bunch of parts and have a high-im-
pedance output,

Bullding your own

So, now we should know why we'd
want to use active filters, and Where to go
to get complete design details, let’s concen-
trate on how to actually build one. Here’s a
second-order Butterworth low-pass filter
with a cutoff frequency of 1 kHz and a
gain of 1.6 {see Fig. 3).

The response is identical to the curve

in Fig. 2 with f=1 kHz, 2f=2 kHz,

and so on. As with any low-pass active fil-
ter, there must be a low dc impedance to
ground at the source. Thus your source has
to be less than 10,000 ohms and must pro-
vide a route to ground for the op amp’s
bias current. Again, the response is But-
terworth, piving us the fattest possible
passband, and an attenuation of -3 dB or
0,707 amplitude at the cutoff frequency,
and smoothly falls off at -12 decibels per
octave. This means that in the stopband as
you double frequency, you get only one
quarter the amplitude, and so on,

The above circuit looks deceptively
simple and it is except, that a “magjc” gain
of 1.6 has been used that lets you use equal
resistors, equal capacitors, and still have the
desired shape. Change anything from the
above, and the mathematics behave wildly.
The circuit is forgiving of component varia-
tions and 5% components should be more
than adequate for practically all uses.

To change frequency (in Fig. 1) you
change Rl and R2 to identical val-
ues, or you simultaneously change Cl and
C2 to new values. Raising R dowers the op-
erating frequency. Raising C lowers the op-
erating freguency. Thus, a 5000-chm value
instead of 10,000 chms puts you at a 2 kHz
cutoff frequency, and so on. A 0.032 uF ca-
pacitor value puts you at 500 hertz and so
on. If you change one capacitor, you must
change the other. Similarly if you change
one resistor, you must change the other, or
the response shape will also change.

It’s easy to see how we can use a dual
pot to tune 10:1 and switch capacitors to
get decade ranges. Fig. 4 shows a circuit
that covers any cutoflf frequency you want
from 1 heriz to 100 kHz:

The pot rotation will generaily be non-
linear since the frequency varies inversely
with pot rotation and resistance value. One
way to linearize the pot is to use a dual au-
dio log pot, with a normal taper if the dial
is on the pot shaft and a reverse taper if
the dial is on the panel.

If you just want one frequency differ-

10K 5.6K
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FIG. 5—IN HIGH-PASS FILTERS, the R and C
shunt and series elements are transposed.

ent from 1 kHz, just calculate the capacitor
value you need and change the capacitors,
or change the resistors. It’s simply the ratio
of the capacitors equals the ratio of the fre-
quencies and vice versa for the resistors.

High-pass designs

The high-pass filter is a snap—you in-
side the circuit out and by a network prin-
ciple called duality you're done. Fig. 5 is a
1-kHz Butterworth, second-order high-pass
circuit.

10K 1.6K

’l;—ms 2.016

We can now see another big advantape
o the “magic” gain value of 1.6—this cir-
cuit lets us switch from highpass to lowpass
with a 4pdt switch without any change of
component values.

Steeper skirts

We can cascade two low-pass second-
order sections to get a fourth-order But-
terworth with a 24-dB-per-octave cutoff.
We can’t use identical sections, but we can
make everything identical except for R4
(the feedback resistor) on each section.
Finding the right R4 takes a lot of math,
but here’s the final circuit (see Fig, 6). It
has an overall gain of 2.5

The response is twice as good as be-
fore on a decibel scale. The passband is
twice as flat and still drops only to -3 dB at
the cutoff frequency of 1 kHz. The attenna-
tion drops at 24-dB-per-octave, meaning
that every doubling of frequency gives you
only one-sixteenth the power and so on.

The higher performance circuit is
somewhat harder to tune, since you simul-
taneously have to change four capacitors or

10K 11K

gouT

FIG. 6—-TWO LOW-PASS SECTIONS IN CASCADE produce a fourth-order Butterworth filter with
a rolloff slope of 24 dB per octave. The circuit’s overall gain is about 8 dB.
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OP AMP GAIN MUST GREATLY EXCEED
8Q2 AT OPERATING FREQUENCY

CIRCUIT GAIN = 20
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O— AAA~ K
016
Sa #F 20(10K)
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D16
205 10K
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foUT

20 - NT0K
10K

= OP AMP GAIN MUST GREATLY EXCEED
2Q AT OPERATING FREQUENCY

CIRCUIT GAIN = 2Q

- FIG. 7—ACTIVE BANDPASS CIRCUITS re-

quire high-gain operational amplifiers.

You simply interchange the resistors
and capacitors on the input and you now
have a highpass circuit. Again, if you
change frequency, change both resistors or
both capacitors to identical new values, or
else the response shape will also change.
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. e 001
gy 10K
o—AMA—¢ 2.4 MEG
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’[qu eguT
= LM3I8
GAIN = 16
en 10K o0
160K
""A'
001 10K
E —0
eouT
741
150K GAIN = 16
10K

FIG. 8—CIRCUIT CONSTANTS for bandpass
circult where Q is 8 and frequency s 1 kHz.

four pots. Quadriphonic audio pots are a
neat way to handle the tuning and they are
reasonably available. Highpass to lowpass
switching can be handled by a 8-pole-
double-throw switch or two ganged 4-pole-
double-throw pushbuttons, arranged so one
is up when the other is down and vice

versa,
Other orders and shapes of active filter
(continued on page 71}
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- SERVICING RECORD CHANGERS ACTIVE FILTERS falls off at a more gradual rate of six deci-
(continued from page 53 ; bels per octave. The response shape looks
Jrom page 53) {continued from page 44) like tﬁe diagram in Fig. 9?

Normally, you cascade several poles to
get the desired bandpass response. If we
put the poles on top of one another, we get
a very sharp response that is not very flat
in the passband. We can control the re-
sponse shape by staggering the poles in fre-
quency and by altering their Q. Spreading
the poles flattens out the passband, until fi-
nally you get a dip in the middle if you go
too far. Another more formal way to design
is to build a lowpass filter that does the job
you want and then use a math process
called rtransformation to get the desired
bandpass shape. When you only need two
poles, the simplest thing is to sit down with
a breadboard and experiment with the Q
and staggering for the response you need

are just as easy to do.

Bandpass designs

Bandpass filters are generally much
harder to design and more subtle to use.
About all we have room for here is to show
you two circuits that will do the job (see
Fig. 7). They’re shown for any Q at a cen-
ter frequency of 1 kHz. And here in Fig. 8
are the same circuits for a Q=8: (1 kHz)

The two-amplifier job requires far less
stable gain and works better for higher (s
and higher frequencies. Either circuit gives
you the equivalent of a single series “pole”
or tuned RLC circuit. This circuit, like its
5?1&??2]111???;1?; ?e;l;;;);efe;;urlz gﬁf (the circuit moves around just like the low-
ing off very steeply either side of resonance, pass and bandpass ones do by simulta-

: - e neously changing capacitors or resistors);
s but for very low or very high frequencies, it this is also a trivial problem for any com-

F puter that speaks BASIC, but the math is a
bear otherwise. That's about all the details
on bandpass design we have room for here.
If enough readers are interested, we can
put together another story with complete
design curves for the two-pole bandpass de-
signs in some other issue. R-E

BUILD IN ACTIVE FILTER

Next month in Radio-Electron-
ics Don Lancaster presents com-
plete details on how to build an ac-

FIG. 5—BANDPASS RESPONSE CURVE mea-  live filter to meet your own needs.
sured at 3-dB point depends on circuit Q. Don’t miss if.
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‘\,; OES GNING a US|“G o
ACTIVE FILTERS rart2

CONTINUING TIM ORR’S INSTRUCTIVE SERIES DESIGNED TO HELP THE HOME CONSTAUCTOR
EMPLOY ONE-OF THE MOST USEFUL GIRCUIT BLOCKS AVAILABLE

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

f

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

*IN ALL LOW PASS FILTERS,
THE SIGNAL SOURCE V in MUST
PROVIDE A LOW IMPEDANCE
DC PATH TO GROUND.

; 1%nF
4 g

GAIN IN COMPONENT

RE1 dB  TOLERANCES

| BESSEL _ 10166 U 10% ALL THE RESPONSES ARE
[BUTTERWORTH] 1uigs 0 10% THE SAME FOR A FIRST
‘[CHEBYSHEV__ | 10ké8 0 0%, ORDER FILTER

Fig. 1. A ée_neraf 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 TkHz is required,
“then the resistor/s Rf should be scaled accordingly,
({the Rd resistors aré not altered). For example, if
operation is required at 250Hz, then the Rf in the chart
must be multiplied by 1 000

750

{Normalised 1kHz)
‘Required trequency ot operation)

N -

which is

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 noich.

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

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.

36

pb——0 v out

i
16nF
GAIN IN COMPONENT
RF1 RD1 dB TOLERANCE
BESSEL 8k39 | 10k5- | 23 10%
BUTTERWORTH | 10k66 | 228 4.1 10%
CHEBYSHEV 12k6 48Kk7 6.8 5%

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

V out

GAIN IN COMPONENT
RF1 RFfZ RD2 dB TOLERANCE aF

BESSEL Bk | Tk26 | 215 4.1 1%
BUTTERWORTH | T0K66 | 10k66] 39k2 B.0 10%
]CHEHYSH EV 36ka1| 11k73| 88k5 8.6 2%

Fig. 2b Third Order fow-pass filter. To alter break frequency fhere
1kHz) scale resistors accordingly. .

r

392 RD2

3AKZ RD1

K V out
Vin

15nF )
*_.___... 150F

. GAIM IN COMPONENT
RF1 RD1 RFZ 'RD2 o8 TOLERANCE

BESSEL Tkd5 | Ikza| 6kE0 | 29k 85 10%

BUTTERWORTH ]10k66 | 5k8 [ 10K66 | 48k7 8.3 5%

CHEBYSHEY 24ki1} 42k2 | 11k20] 71k5 152 i%

Fig. 2¢ Fourth Order Low Puss Fifter.

_ m—
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Thére are of course some problems which may
occur. One is that these filters have a voltage gain in
their passhand. Sc 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 filters 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 wark 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. (f Rf is
made too small then large currents have to flow from
the Op amp and this may effect the performance of the
filter. 1f 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.

‘Gharting examples

As an example of using the design tables, let us
solve the following problem. Design an audio ‘scratch’
fiiter, having a break frequency of 7.5kHz and an
attenuation at 15kHz of more than 20dB. The first
decision 10 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 compeonent 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 deSIQn tables for high pass fiiters.

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 rol! 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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ALL THE RESPONSES ARE
THE SAME FOR A FIRST
ORDER SYSTEM

RF1

GAIN IN COMPONENT

RF1 dB8  TOLERANCE
10ké6 ] 0O 10%
10k66 | 0O 10%
10k66 ] 0O 10%

BESSEL
BUTTERWORTH
CHEBYSHEV

38k2 RD1

V out

GAIN IN COMPONENT

RF1 RD1 dB TOLERANCE
BESSEL 13k55 | 10k5 1.3 10%
BUTTERWORTH }10k66 ; 2246 1.6 10%
CHEBYSHEV 9%01 | 48k7 2.2 5%
18nF
15nF _"__l ¥ out

AAAA

RF2

GALN iy COMPONENT
F RF2 RDZ, dB TOLERANCE .
BESSEL 4519

14%19 | 15k68] 21k5 | 4.1 10%
SUTTERWORTH | 10k6 kz| 6.0 10%
CHEBYSHEV k21 9k70| B6ks | 8.6 2%

3

Fig. 3. From the top/ First, second and third order high pass fifters,
12 and 18 dB/octave

break point 1kHz. Final rolf off is 6,

respectively.
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Figure 4 shows a simple bandpass filter known
as a multipte 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 thata
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

Jl—
]
c

R1
o—WA——]
Vin c -
fow —1 ' V out
21 C/R1R2
0="%+/R1/R2
GAIN = —202
1
L
15nF
R2 = 10k66 {2Q)
R1 = 10K66 _—W_V
20
Vin v 15nF —O0
V out

/3
. Q R1 R2 GAIN IN dB
1 5k33 21k32 6 dB
2 2k66 42k66 18.1dB
3 1k77 60k40 25.1 dB
4 1k33 85k33 30.1 dB
5 1k06 106k66 | 34.0 dB

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

M——————

gives a design chart, normalised for 1kHz operation.
First, choose a Q factor and then perform the frequency
scaling. For instance, if the centre is 250Hz, then
multiply both R1 and R2 by a factor of 4. If a high Q is
requwed 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 h|gh Q performance.
2. It is easily tuned.
3. It is versatile, providing bandpass, lowpass and
highpass outputs simultaneously.

38

Fig. 5. The state variable filter is called a universal filter because it

10k

V‘in
MUST RETURN TO
GROUND VA A
LOW IMPEDANCE
PATH

Vout LP

RA

5k 13Q--1)
Sk AR ¥ out BP

GAIN = +0

PHASE AT
RESONANCE = 907

20 LOG Y out
A Vin

+6 dB/OCTAVE ~6 dB/OCTAVE

FREQ.

20 LOG _Yout
A Vin

—12 dB/OCTAVE

FREQ.

fc

20 L0G _VYout
A Vin DOTTED LINE SHOWS A LOW

FREQUENCY PERFORMANCE

+12 dB/OCTAVE

| FREQ.
fc >

can give bandpass, low and high pass outputs — as shown above

Mote that all these responses are second order in nature.

The Q is determined by the ratio of two resistors; RA

and RB, where RA/RB= 30Q--1). The resonant
frequency fc =

1
27 RC
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Notethat. thfere are two C's anddwo Rf §inthe circuit, and
so it ‘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 mdependent of each
other, and so as the resonant frequency is changed, G
remains constant, and visa versa.

(Ip amps

The requirements placed upon the op amps in the
fiter, Fig. 5, are less than that for the multipie
feedback circuit. The op amps need only have an open
loop gain of 3Q at the resonant frequency. Say we have
a Q of 100 and an fc of 10kHz. Therefore the open
loop gain is 300, the frequency is 10kHz and so the

gain bandwidth product needed is 3MHz. When using

a high Q, care must be taken with signal levels. The
gain of the filter is +Q at resonance, and so if you are
filtering a 1V signal with a Q of 100 then you could
expect to get a 100V output signal!

National Semiconductors manufacture an active
fifter integrated circuit, which is a four amp network
that can be used to realise stat& variable filters with Q's

up to 500, and frequencies up to 10kHz. The device is
called AF100.

@ 1S LINEARY PROPORTIONAL TO fo
BANDWITH raw 2 1€

Q
THEREFORE BANDWITH REMAINS

NOMALIZED FOR tkHz OPERATION. CONSTANT
T0 FREQUENCY CHANGE FT, CHANGE
ALL THREE RFs BY AN EQUAL FACTOR

Fig. 6. A Bi-Quad active filter design.

Figure 6 shows a Bi-Quad active filter. It looks very
simitar to the state variable filter, but the small changes
make it behave quite- differently. It only has a bandpass
and a low pass output. The resonant frequency is given
by

1
27CR:

Next month: Comb filters, delay lines and some practtcaf
circuits to build up.

fe=

A o
FRE Y _ 18k
L iy | QUENCY RANGE 20H: — 20kHz VDLTAGE cowrno:. INPUT
6 . ) ,
2 PNP DUAL RV
- TRANSISTOR
120k 10k I.IN
B RNy POt
10nF
™ v
+H2v
380k 20% % % Pt Fheavency poT
POWER SUPPLY : Lo § 22k " CURRENT CONTROL GENERATOR
A CONVERTING LINEAR INPUT
REGULATED VOLTAGES TO LOG CURRENTS
—— — —— — s —— — —_—— e e e e
100k
2
T 741
30K
N §
+
“Vin - D
100k 1F
T
100k
INPUT
LEVEL

;! SET QUT OF BAND
REJECTION
MAXIMUM N T
M. CH
33k 10Kk 33k
DEP
™ AAAN

SWITCH
SELECTS
SEE NOTE

A=A —= TOLP
10k 0ok

ELECTRONICS TODAY INTERNATIONAL — AUGUST 1977

Fg. 7 The state variable filter can also be made ‘o oscillate fas above). It has a variable resonant frequency, it becomes a va{iabfe_frequency
oscillator. This circuit produces twe low distortion sineusoids in phase quadrature: ie, sing and cosine waveforms at low distortion.

BP,L.P,HP FILTER QPERATION *DO NOT LOAD THE BP OR"
QUADRATURE OSCILLATOR. THE LP WiTH LESS THAN

USE THE BP AND LP QUTPUTS . 10k IMPEDANCE
€ NOTCH MODE. USE NOTCH OUTPUT

e
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State-variable filter
has high Q and gain

by Kamil Kraus
Rokycany, Czechoslovakia

Although much work has been done in developing state-
variable filters that use three or two operational ampli-
fiers, earlier designs [Flectronics, April 21, 1982, p. 126]
suffer from a common disadvantage in that the filter’s
center frequency and the Q factor are interdependent.
This new design provides a solution by introducing a
parameter k in the transfer function of the filter.

The circuit uses three op amps, U, through U,, to
realize the filter. U, and U, function as negative and
positive integrators, and U; gompletes the feedback loop.
The second-order state-variable filter in (a) provides a
bandpass output V, and a low-pass output V.. Its trans-
fer function is Vi/Vy, = —Qs/(1+s/Q+s?) and V./V,,

—1/k(1+5/Q+s?) where s Jw/wo, 1/w®
C]CleRz/k, Q = (Csz/kClROv’, and k = R4/R.3.
The parameter wo is the center frequency of the filter.
Using C;, = C; = C in the above equations, R,
I/CQGJ(] and Rz = kQ/Cwo.

The filter in (b) gives a bandpass output V, and a
high-pass output V,. As a resalt, its transfer function
can be written as V/V, = —Qs/(1+s/Q+s% and
V/ Vi —(s/k)/(1+s/Q+5s2) where 1/we?
kC[CzR]Rz and Q = (C]R]/kCQRz)Vz. Lcttiﬂg C[ = C—z
= Cyields R, = Q/woC and R, = 1/wokQC.

As an illustration, the filter in (a) is realized for a Q
factor of 200 and a center frequency of 100 hertz. The
design assumes a value of 1 nanofarad for C, and C,.
With the equations shown above, the values obtained are
R: = 8 kilohms, R; = 320k, R, = 100 , and R, =
100 k2. The gain provided by the filter is A = 1/k =
1,000. The circuit uses components with 1% tolerances to
reduce frequency drift and enhance circuit reliability. [

Designer's casebook is a reguiar feature in Blectronics. We invite readers. to submit original
and unpublishec cireuit ideas and solutions to design problems. Explain briefly but thoroughly
the circuit's operating principle and purpose. We'l pay $75 for sach item published.
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Independent. With inverter U; in the feed-
back loop of the staie-variable active filter, VW
the filter’s center frequency and O factor can
be tuned separately. The filter as shown in V2 L144
(a) gives bandpass and low-pass outputs, 1
and the version in (b) gives bandpass and {b} -
high-pass outputs.
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Active bandpass filter design is
made easy with computer program

RCBAND time-shared software automaticaily determines the component
values needed to build an active bandpass Butterworth or Chebyshev .
filter, in addition to predicting the circuit’s frequency response

by Russell Kincaid and Frederick Shirley, sanders Associates inc., Nashua, N.H.

0J With the assistance of a computer and the right pro-
gram, the often tedious task of designing filters can be
considerably simplified. The time-shared program
presented here, for instance, I€ts the computer crank out
all of the numbers needed for an active band-pass filter
design.

The program, which is called RCBAND, accurately
computes the component values needed to provide the
desired frequency response and permits the engineer to
modify his initial design easily. RCBAND can produce ei-
ther a Butterworth or Chebyshev filter characteristic,
and its output data can provide both a tabulation and a
graph of the predicted frequency response. The pro-
gram is available* without a surcharge from the User
Program Library of Tymshare Inc., which is located in
Palo Alto, Calif.

Program structure

RCBAND employs the state-variable bandpass filter
(see “Examining the state-variable filter,” p. 125) as the
basic filter section that is cascaded to produce the de-
sired filter response. Up to 20 of these sections can be
synthesized. The program normally analyzes the design
as a series of single-pole sections, but custom filters can
also be analyzed if the engineer specifies each section
individually.

Only the basic filter specifications need be known to
use the program—the number of poles desired, the type
of filter characteristic, the center frequency, the band-
width, and the gain. Or these inputs can be specified for
each individual filter sectfon, rather than for the entire
filter.

The flow chart in Fig. 1 shows how RCBAND is struc-
tured. The program is written in NBASIC, the newest ver-
sion of Tymshare’s advanced SuperBASIC language.
RCBAND is organized in a command-level format—that
is, the computer prints a colon (:) and waits for further

*Copies of the RGBAND program listing can be obtained from Fraderick Shirley, Sanders
Assoclates tnc., 856 Canal St., M/8 NCA1-6705, Nashua, N.H. 03080

CIos:ng thé Ioop

Readers who wish to discuss the RCBAND computer
program with the authors may call Russell Kincaid at
(603} .885-4633 or Frederick Shirley at (803) 885-
6239, during business hours the week of May 20.
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Desighing bandpass filters

Bandpass filters can be made either by cascading low-
pass and high-pass filter sections or by cascading stag-
ger-tuned resonators. The low-pass/high-pass approach
is best for wideband applications, while the stagger-
tuned-resonator approach is best applied to narrowband
filters.

The dividing line between the wide and narrowband ap-
proaches is determined by how much gain a section (a
pale-pair) can provide and still have excess gain to oper-
ate the feedback loop. A two-resonator filter, for ex-
ample, will have unity gain in the passband because the
galn of one section offsets the skirt attenuation of the
other. If the bandwidth of the over-all filter is increased by
making the center frequency of one section higher or the
center frequency of the other section lower, the filter gain
will be decreased.

Another point to be considered in deciding between
the two design approaches is the filter’s skirt attenuation.
For a resonator-type filter, the skirt attenuation is approxi-
mately 6 decibels per bandwidth octave, whereas for a
low-pass/high-pass filter, the skirt attenuation is 6 dB per
absolute octave. This means that a filter with a 2-kilohertz
bandwidth centered at 10 kHz will provide an attenuation
of 6 dB at 13 kHz if it's a one-resonator design. Or its at-
tenuation will be 6 dB at 22 kHz if it's an equivalent low-
pass/high-pass design.

The engineer must also choose beiween active and
passive filter designs. Generally, an active filter is
cheaper and lighter than a passive filler at low operating
frequencies, specifically in the audio ranges, where an
active filter works well. The frequency limitation of an ac-
tive design lies in the amplifier.

The amplifier’s performance can be estimated from its
response curve of open-loop gain versus frequency. At
those frequencies where amplifier gain is less than 60 dB,
filter operation will be peor. And at higher frequencies, If
amplifier gain is less than 40 dB, the filter will not work
properly.

The low-pass pole existing in the amplifier tends to
push the peak filter response to lower frequencies. Al-
though this can be compensated for by trimming, the am-
plifier's pole frequency typically varies by 3:1 from unit to
unit, so that trimming is difficult and rather temperature-
sensitive,

Usually, the (Fairchild) 741-type operational amplifier

‘above circuit noise. The remaining sections could then

will work well up to about 1 kHz, and the (National Serni-
conductor) LM101-type op amp, which has feed-forward
compensation, will operate satisfactorily at frequencies
up to around 10 kHz. Even higher frequencies can be
handled by dielectrically isolated op amps such as the
(Harris) HA2600-type unit.

The filter-circuit configuration chosen to implement a
single filter section will also have some effect on perform-
ance. A filter section can contain one, two, or three op
amps. Although it's the most expensive to build, the
three-amplifier approach has two distinct advantages
over the other two circuits—it is the least sensitive to
component variations and the easiest to tune. This three-
amplifier circuit is commonly referred to as the state-vari-
able filter.

At least three parameters are needed to specify the re-
sponse of a bandpass filter: center frequency, bandwidth,
and gain. These parameters are functions of resistance
and capacitance, as well as amplifier gain and band-
width. For optimum p]rerformance, it is best to make the
parameters depend on resistor ratios and RC products
only. This is because the temperature tracking of resisi-
ors and RC products is controllable, but variations in am-
plifier gain and bandwidth are not. :

When the filter's design frequency approaches the am-
plifier's upper limit (the frequency where the gain is down
to 60 dB), the sensitivity of the circuit to amplifier gain
and bandwidth becomes increasingly important. High-Q
designs require more amptifier gain and are less tolerant
of frequency shifts caused by amplifier-bandwidth limita-
tions.

Filter sections can be arranged in any order without af-
fecting the over-all filter response. Also, the gain of one
section may be raised, and the gain of another section
reduced by a corresponding amount. The Q of a filter
section tends to be highest at the band edges, and odd-
ordered filters generally contain a low-Q center-fre-
quency section.

These simple considerations can be used to advantage
in particular applications. For example, in a three-stage
low-level preamplitier filter, the center-tuned section
would be first, providing high gain to raise the signal

have reduced gain to avoid the undesirable condition of
overdrive distortion.

directions from the wser after completing each subtask.
This format is indicated in the flow diagram by the
command-level symbol (a colon) at the input and at the
output of each subroutine function.

Since all the input specifications are stored, the user
has maximum freedom to initiate, modify, or investi-
gate a design in a truly interactive time-sharing mode.
A byproduct of this type of organization is a set of aid
commands that the user can call for at any time if he
needs assistance in working with the program. Two of
these aid commands—HELP and INSTRUCTIONS—are
shown in Fig. 2.

The HELP subroutine prints a list of all the commands
available through the program’s input command rou-
tine, and the INSTRUCTIONS subroutine prints a brief
explanation of the RCBAND program. Another sub-
routine that is included for user convenience is the

124

SCHEMATIC listing, which is also shown in Fig. 2. It
prints a circuit diagram of the standard state-variable
filter section.

The front end of the program documents the run and
initializes the variables, default actions, and user-de-
fined number functions. Although initialization is not
necessary in NBASIC, it does serve to increase computa-
tional efficiency if the program is to be compiled into a
run-only machine-language version.

RCBAND Is easy to use

The default conditions override the normal NBASIC
error messages in case of input error or a program bug.
This enables RCBAND to maintain complete control of
the interaction between the user and the computer so
that the user need never be aware of the NBASIC source
language while working with the program.

Electronlcs/May 16, 1974
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There are three user-defined number functions—they
present computer-output data and accept user-input
data in formats that are meaningful to the engineer.
One function rounds numbers to the number of places
specified by the user so that the printout contains.only
the number of digits required, regardless of number
magnitude. A second function interprets user input in
either scientific (1.23E3) or engineering (1.23 K) units.
And the third function presents output data in engi-
neering units that are five digits in length (101.86 K
rather than 1.0186327E +05).

Subroutines help the user

An input-command routine directs computation to
one of several subroutines. At the completion of a sub-
routine, control is transferred back to the command
level, the printer advances two lines, types a colon (3),

and waits for the user to type an alphanumeric com-
mand like TABLE or GRAPH, _

The ENTER subroutine prompts the user and accepts
the input specifications he enters at his computer termi-
nal. An alternate method of entering input data is pro-
vided by the SECTIONS subroutine, which permits the
user to define a custom filter by specifying each resona-
tor individually. This subroutine is also used when
changing a section by the MODIFY command. The AUTO
SECTIONS subroutine computes the specifications for
cach state-variable filter section from the over-all design
objectives given through the ENTER subroutine.

The frequency scale for the table and graph printouts
is controlled by the SCALE subroutine. The last portion
of this subroutine is called by both the ENTER and SEC-
TIONS subroutines for the initial selection of the fre-
quency scale. The COMPONENTS subroutine permits the

Although it requires three operational amplifiers, the
state-variable active filter can operate at fairly high fre-
guencies and can develop targe values of Q. Moreover,
the operating frequency, gain, and Q of this filter circuit
are independent of each other, and the circuit itself is not
overly sensitive to fluctuations in component values over
the range of operation.

The state-variable filter consists of a summing amplifier
(A1) and two integrators (A; and Ag). The circuit's band-
pass response is taken at the output of integrator A,, The
natural frequencies, «; and w,, of integrators A, and A
are, respectively:

Wy = T/HGCI andwz = 1/9762

The transfer function of these integrators can be defined
in terms of their natural frequencies (which are, of

course, expressed in radians per second):
Bont =~ /Sand ey, = —waBgut/ S

where s is complex frequency. Let three resistance ratios
be defined for summer A;:

7 )91 = Hz/Rl andﬁg = Hg/Rg and ,83 = RE/H4
Then the transier function of summer A can be written
as: ’
€1 = =f16in— f263 + [R4/(Ra+ R;5)]
[7 + Rel(R1+ Ry)/ (RiA3)]Teout
Now the transfer functiof of the entire circuit can be ax-
pressed as:

= Buwis/[s2 + [(1+ 81+ B2)/
(1 + B3)leys + ooy

The principal filter specifications are center frequency
(w,), damping factor ({), and gain constant (k):

eout/ &in

@y = (Bawqwg)/?

§ = Blan/ (B V(T4 Br+ Ba)/ (T + B3)]

K= i )
These variables permit the filter's transfer function to be

written in the standard format of 2 second-order equa-
tion:

Eout/ Cin = K3/(5% + 2{w,5 + w2)

The filter's 3-dB bandwidth (b,) and center-frequency

» Examining the state-variable filter

Bin VA

gain {g,} can be computed from this (ast equation:

Do = 2w, = wy[(1+B1+ Ba)/ (1 + B5)]
Go = Bil(T+Ba)/(T+ B1+ B}

A multiple-pole bandpass filter can be buiit as a series
of one-pole-pair sections like the one shown here. Each
pele pair in the over all filter transfer function is used to
specify the resistor and capacitor values in the corre-
sponding circuit section. The frequency response of any
section is completely determined by center frequency «w,,
3-dB bandwidth b,, and center-frequency gain g,.

To simplify the computation, six of the nine unknown
component values can be preset to reasonable values:

Ry = 1 kilohm

Rs = Rz = 10 kilohms

Cy = Ga = 0.01 microfarad
Rg = R; X G/ C, ohms

These are the computer-selected component default
values used by the RCBAND design program. The re-
maining three resistor values can be determined from
these preset component values and the three known filter
parameters:

He = [1/{w,C)](Re/ As)172

A1 = [wof (Dogo}]{Rafis)* 2

Rs = Ru[(we/ bo)(R3/Ra)1/2
[7+(Ra/Ry) + (Re/Ry)1-11]

The preselecied values suggested for capacitors C, and
C, are scaled by RCBAND ic place the values of resistors
Re and R, within the range of 10 kilohms to 100 kilohms.
When necessary, the values of resistors R, and Ry are
also scaled, with resistor R, decreasing in value and re-
sistor Ry increasing in value so that resistor Ry is always
positive in value.

R

AR
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2, Ald commands., The RCBAND user can ask for HELP, a call that
produces a list of all the program's available commands. Or he can
request INSTRUCTIONS to get a conclse description of what
RCBAND is all about. Another user-convenience call is SCHEMATIC,
which gives the diagram of the filter section used by the program.

126

3. A demonstratlon. In respense to a PRINT command, RCBAND
computes the component values for each section of a four-pole
Chebyshev filter. The desired filter specifications are also printed out
(at the top of the listing) with this command. The filter's frequency re-
sponse can be cbtained as either a tabulation (by using the TABLE
command) or as a plot (by using the GRAPH command).

user to override the computer selection of the indepen-
dent resistor and capacitor values in the individual filter
sections. The AUTO COMPONENTS subroutine, which is
called by the SCALE and COMPONENTS. subroutines,
computes the dependent resistor and capacitor values in
each filter section. :

In the PRINT subroutine, the section specifications
and components values are tabulated for the entire fil-
ter. Additionally, the FREQUENCIES subroutine pro-
duces a table printout of the over-all filter’s response for
user-specified frequencies. The TABLE subroutine prints
this filter-response data (gain, phase, and time delay
versus frequency), and the GRAPH subroutine plots the
filter response. Here, the user can specify the dependent
axis, or he can accept the automatically computer-gen-
erated scaling for the plots.

The HEADING subroutine advances the printer to a
new page and prints the over-all filter characteristics in
a concise heading format. This subroutine is called at
the beginning of the PRINT, TABLE, and GRAPH subrout-
ines. The RESPONSE subroutine computes the filter-re-
sponse data; it is called in before the printout command
in the TABLE and GRAPH subroutines.

A four-pole Chebyshev filter will be designed to show -
how RCBAND works. The filter should have a center fre-
quency of 1 kilohertz, a bandwidth of 100 hertz, a gain

Electronics/May 16, 1974
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of 6.02 decibels, and a passband ripple of 0.5 dB.

This data is given to RCBAND through the ENTER
command. An unacceptable input—one that is am-
biguous or out of range—ijs brought to the user’s atten-
tion by an error routine sd that corrected data can be re-
entered immediately. This prevents a computer run
from aborting neediessly.

Applying the program

The PRINT command will provide a tabulation, as
shown in Fig. 3, of the computed component values in
each of the four filter sections. The section parameters
(center frequency, bandwidth, and gain) are also
printed to help the designer check and/or align the fil-
ter response. This printout, as well as the other major
program printouts, are spaced on 8'%-inch pages with a
short heading on each page labeling the results. (The
format is suitable for inclusion in engineering reports.)
The data is presented in engineering units, rather than
scientific notation, to make the printout easier for the
engineer to interpret. '

Electronlcs/ May 16, 1974

The TABLE and the GRAPH commands produce a tab-
ulation and a plot, respectively, of the frequency re-
sponse of the example filter. These two printouts, which
are included in Fig. 3, give the response in engineering
units—gain is in decibels, phase in degrees, time delay in
seconds, and frequency in hertz.

The GRAPH subroutine used in RCBAND minimizes
printout time by returning the printer carriage, once the
actual data point is ploited, instead of wasting computer
time by “printing” spaces all the way across the page.
The user may select the scale for the gain axis, as done
here, or he may let RCBAND determine it automatically.
The scale for the frequency axis may also be user-se-
lected through the SCALE command.

The schematic of the four-pole Chebyshev ﬁlter is
drawn in Fig, 4, showing the final component values for
all four filter sections. Needless to say, it still remains
for the designer to select the operational amplifiers that
are best for his application.

If narrowband 741-type operational amplifiers, which
have a 60-dB bandwidth of 1 kHz, are used, the response

127




N3k 102 09kE2 10kS2
I ——a—e—n AAA AMAS
M2 161k LBeF 150kQ 0.01uF Wk 155k 001uF 55k 0.01kF
AR A - H__1
. | H
Tk | N8R = = 180 | 484 k2 = =
_:"M Wi __]__ A VA
: SECTION 1 = SECTION 3
WzkL kR 105502 10ks2
1we 167wz 0.00pF gg7x0 001gF 0k 163kQ DOTpF  16.3k0  001pF
;
TR | 119KQ2 = = L L
L e ouT
= SECTION 2 SECTION 4

N e

—

NARRCWBAND OP AMPS /

t— Y/IOEBAND OP AMPS

GAIN [dEl

l

HHG

1,800

1,0 (R 1,16 1,080

FREGUENCY [Hr] —=

4. The real thing. Schematic shows the circuit contiguration and component values of the four-pole Chebyshev filter described in the
RCBAMND printouts of Fig. 3. This filter’s gain-versus-frequency response curve is closer 10 ideal when wideband op amps (like LM101-type
unis) are vsed than when narrowband op amps (like 741-type units) are used. Of course, the cp amp chosen depends on the application.

curve drawn as a dashed color line in the gain-versus-
frequency plot of Fig. 4 is obtained. On the other hand,
if LM101-type operational amplifiers, which provide a
60-dB bandwidth of 10 kHz (with a 3-picofarad compen-
sation capacitor), are used, the frequency response
plotted by the seclid color line results. Notice the similar-
ity of the filter response predicted in the GRAPH print-
out of Fig. 3 to the filter response of the practical filter
plotted in Fig. 4. O

128

BIBLIOGRAPHY

P. Gatle, “RC-Ampiner Resonators 'or Acths Filers,” IEEE Transac¥ons on Circuil Theary,
December 1968, pp. 415415,

A Mincaid ang F, Shitey, "Gat Something Sxta i Fier Deaign,” Bectronic Design, Juno
21, 1969, pp. 114-121,

. Rde, "The Easy ‘Way 10 Cesign Bandpass and Band-Repact Fillers,” Frequency Tech-
nology, March §B70, pp. 1217

Graemo, Tooy, and Husieman, “Operalonal Amoliers—Design and  Apphcations, '
MoGrmw-Hill, New York, 1971, pp 282-328

F. Shirry. "improwe ‘Your Cures Plolting with SuperBAS1C Saftware,”” Emctronic Design,
April 29, 1971, pp. 62-63.

A. Brandt, “Actve Pesonalors Save Gleps in Designing Active Fiers, ™ Clecironics, April 24,
1972, pp. 106-110

G. Shapo, "BASIC Program Performd Low-Pass-to-Bandpass Taanglomalions,” EDN,
dan. 5, 1973, pp. 58-100

Electronics/May 16, 1974



State-variable filter
uses only two op amps

by Charles Croskey
Pannsylvania State University, University Park, Pa.

15

One of the more useful circuits for an active filter de-
sign—the state-variable active filter—can be somewhat
expensive to build because it normally requires three
operational amplifiers. Two of these op amps function
as integrators, while the third is used as an inverter,
since a difference integrator has been rather difficult to
make with a normal op amp.

The state-variable filter in the diagram, however, re-



quires only two op amps. The circuit takes advantage of
the recently introduced integrated quad amplifiers, such
as Motorola’s MC3401 and National’s LM3%00, which
respond to a current difference instead of a voltage dif-
ference. Such amplifiers permit a difference integrator
to be built simply.

The center frequency of the filter’s bandpass function
is still determined by the usual relationship of:

w, = I/RC

For the circuit values shown here, the center frequency
is approximatley 940 hertz. The filter’s damping factor,
and therefore its Q value, can be adjusted by resistors
Rp and Rp. To increase the Q value, some positive feed-
back can be added through resistor Rp; to decrease the
Q value, resistive damping can be added by means of
-resistor Rp. As can be seen from the gain curves drawn
in the figure, the Q value rises to 260 from a nominal
(undamped) value of 248 when a 10-megohm resistor is
used for Rp. Or if a I-megohm resistor is used for Rp,
the filter’s Q value drops to 9.3.

Since the circuit requires only half of a quad ampli-
fier package, the remaining two op amps can be em-
ployed as another filter or for additional gain. The filter
also provides a low-pass output. O

Ellminating an op amp. This state-variable active filter employs only
two op amps, instead of the three normally required. The usual inver-
ter amplifier can be eliminated because the two op amps are con-
nected as difference integrators. To adjust the filter's Q, resistor Rp
or resistor Ry can be added to the circuit. The gain curves show both
damped and undamped responses for the filter.
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O A high pass filter is a handy de-
vice to have around. Depending on
the corner (turnover) frequency you
select it can serve as a hum filter,
distortion meter or highly-selective
audio equalizer. The values of CI,
- C2, C3 and R1 provide a corner fre-
quency of 1000 Hz. The IC has in-
ternal compensation so special wiring
techniques are unnecssary. No pin
conngctions are given because the 741
IC is available in many different pin
configurations. Check the manufac-
_turer’s specs for the particuldr IC
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used. R2 connects to the non-invert-

the output and the inverting (=)
input. - '

ing (4+).input of the IC, R1 between

Cl
(470pF

INPUT

61, 02, £3-470-pF, disc capacitor,

PARTS LIST FOR
AUDIO HIGH PASS FILTER

50 VDC or better

IC1—-741-type operational
amplifier

R1, R2--10 megohms, ¥2-watt
resistor

R3-10,000-0hms, Y2-watt resistor
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