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Abstract—The goal of this paper is to detail the Analog Filter
Netlist to Digital Filter Statements approach used to obtain the
digital filter from the netlist of the analog filter. This method is
done by replacing each component by its corresponding
companion model and then discretizing the set of equations
which describe in the time domain the behavior of all the circuit’s
components. Finally, the software implementation of the digital
filter consists in the transcription of the discrete-time system of
equations. We show that the selection of step-size might be
sensitive problem for this approach.
Keywords—analog filter; digital filter; netlist

the screen. In both cases the corresponding netlist of
components is available.
The discrete models of the analog filters to obtain digital
filters has been the focus of many previous works, such as [7,
8]. However, to obtain a digital filter directly from the netlist of
an analog filter has been the goal of only recent works.
The Analog Filter Netlist to Digital Filter Statements
Approach of converting an analog filter described by a netlist
to a digital filter consists of the following steps:
1.

First every component of the netlist is replaced by its
corresponding companion model, like in any software
application used for simulation.

2.

For the corresponding companion model, we write the
equations that describe in the time domain the behavior
of every component of the circuit. Since the
description of the behavior of an analog component is
done using continuous-time equations, all these
equations must be discretized to obtain a discrete-time
system of equations. This system of discrete-time
equations describes the corresponding digital filter.

3.

We can finally provide a software code which is
nothing else then a transcription in software of the
system of equations. This gives the software
implementation of the digital filter, and this digital
filter corresponds to the initial analog filter.

I. INTRODUCTION
Infinite Impulse Response Filters (IIR) are often designed
by using analog filters described in transform domain. The
analog filters are then converted to digital filters using
appropriate transformation from analog frequency domain to
digital frequency domain. However, to convert the analog filter
to the digital filter for these standard methods we need to know
in advance the transfer function of the analog filter.
Recently, two methods were proposed to obtain the digital
filter directly from the netlist of the analog filter. The first one
is the Analog Filter Netlist to Digital Filter Statements (AFNDFS) approach, where every component is replaced by its
corresponding companion model and a software code for the
digital filter may be available rapidly [1, 2, 3, 4]. The second
one is the state-space (SS) based approach, which allows
automated conversion of an analog filter described by a
diagram or a netlist to a digital filter described in system
function form [5, 6].
In this work, we shall present in details the AFN-DFS
approach. The paper is organized as follows. In Section II
related works are revised and in Section III the AFN-DFS
method is illustrated for an analog multiple notch filter. The
advantages and the drawbacks of the method are the subject of
Section IV.
II. RELATED WORKS
Any analog circuit may be described using a diagram where
components are drawn or a set of connected icons displayed on
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Consequently, using these remarks, one can use a previous
implementation in analog domain and a software code for the
digital filter may be available.
III. AFN-DFS METHOD FOR THE MULTIPLE NOTCH FILTER
We shall illustrate the AFN-DFS method by an analog filter
which is a multiple notch filter, previously implemented in
television receivers (Fig. 1) [9]. Note that the AFN-DFS
method has been applied for other simple analog circuits in [1,
2, 3, 4].
The output of the filter is the voltage across R8. In case that
one would like to use standard techniques to convert from sdomain to z-domain, the transfer function in s-domain of the
analog filter must be known in advance. As one can see, it is
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not an easy task to find the transfer function of this analog
filter.
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Fig. 1. Analog test filter with passive elements [5].
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One can write the Kirchoff Current Laws:
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On the other hand, for inductors and capacitors the derivatives
have to be substituted by finite differences. In case of forward
Euler algorithm, the system of equations x  f  x, t  is
replaced by xn 1  xn  h  f  xn , tn  Thus the companion
model for inductors and capacitors can be discretized as
follows:

v4  t   v5  t   R 7  i45 R  t 

  t   v7  t   v10  t 
L2  i710

(6)

v8  n   R 6  i80 R  n 

v2  t   v3  t   R 2  i23  t 

v10  t   R5  i100  t 

then the Branch Equations. In case of resistors they can be
written straightforward:
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Fig. 2. Output of the digital filter when the step-size is h = 0.1/Fs.

C1   v2  n  1  v2  n   v6  n  1  v6  n    h  i26  n 
C 2   v3  n  1  v3  n   v6  n  1  v6  n   h  i36  n 

TABLE I.

C 3   v3  n  1  v3  n   v7  n  1  v7  n    h  i37  n 
C 4   v4  n  1  v4  n   v7  n  1  v7  n    h  i47  n 

(8)

C 5   v4  n  1  v4  n   v8  n  1  v8  n    h  i48  n 
C 6   v8  n  1  v8  n    h  i80C  n 
C 7   v5  n  1  v5  n    h  i50C  n 
Here h is the integration step-size and the derivatives have
been substituted with the forward difference formula [10]. For
every statement in the netlist, we have at least one finite
difference equation. While the netlist describes an analog filter,
the set of difference equations describes a digital filter. We
have a set of 28 equations with 28 unknowns, where v1(n) is the
input signal and v5(n) is the output signal.
We need some careful manipulation to solve this system.
Given the capacitors voltages and the inductors currents at time
index n, we compute the rest of voltages and currents from the
circuits. Then we update the capacitance voltages and the
inductors currents at the time index n+1. The script of the
MATLAB file is presented in Table I and this script differs
from the script suggested in [5].
Actually, any iterative procedure might be a source of
divergence. Indeed, the forward Euler algorithm is sensitive to
the settings of parameters, especially to the settings of the stepsize. The forward Euler algorithm is numerically unstable
when large step-sizes are taken. Basically, this instability is due
to the widely different magnitudes of the eigenvalues of the
circuit [11].
In case of implementation presented (Table I), the AFNDFS approach is sensitive with respect to the selection of the
step-size, as one can see in Figs. 2 and 3. If the step-size
slightly changes from h = 0.1/Fs to h = 0.125/Fs, the propose
implementation may diverge.
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THE MATLAB CODE FOR THE AFN-DFS METHOD

F = 40*10^6; Fs = 100*F;
N = 40000; h = 0.1/Fs;
v1 = sin(2*pi*F/Fs*[0:N-1 N]);
v2 = zeros(1,N+1); v3 = zeros(1,N+1);
v4 = zeros(1,N+1); v5 = zeros(1,N+1);
v6 = zeros(1,N+1); v7 = zeros(1,N+1);
v8 = zeros(1,N+1); v9 = zeros(1,N+1);
v10 = zeros(1,N+1);
i69 = zeros(1,N+1); i710 =z eros(1,N+1);
i80L = zeros(1,N+1); i45L = zeros(1,N+1);
i12 = zeros(1,N+1); i23 = zeros(1,N+1);
i34 = zeros(1,N+1); i50R = zeros(1,N+1);
i45R = zeros(1,N+1); i80R = zeros(1,N+1);
i100 = zeros(1,N+1); i90 = zeros(1,N+1);
i26 = zeros(1,N+1); i36 = zeros(1,N+1);
i37 = zeros(1,N+1); i47 = zeros(1,N+1);
i50C = zeros(1,N+1); i48 = zeros(1,N+1);
i80C = zeros(1,N+1);
R1 = 10; R2 = 22; R3 = 1.7; R4 = 27; R5 = 7;
R6 = 100*10^3; R7 = 22*10^3; R8 = 100*10^3;
C1 = 68*10^-12; C2 = 6.8*10^-12; C3 = 5.6*10^-12;
C4 = 5.6*10^-12; C5 = 18*10^-12; C6 = 10*10^-12;
C7 = 22*10^-12;
L1 = 0.376*10^-6; L2 = 1.449*10^-6;
L3 = 0.551*10^-6; L4 = 0.97*10^-6;
for n = 1:N
i12(n) = (v1(n)-v2(n))/R1;
i23(n) = (v2(n)-v3(n))/R2;
i34(n) = (v3(n)-v4(n))/R4;
i45R(n) = (v4(n)-v5(n))/R7;
i50R(n) = v5(n)/R8;
i80R(n) = v8(n)/R6;
i100(n) = i710(n);
i90(n) = i69(n);
i26(n) = i12(n)-i23(n);
i36(n) = i69(n)-i26(n);
i50C(n) = i45L(n)+i45R(n)-i50R(n);
i37(n) = i23(n)-i36(n)-i34(n);
i47(n) = i710(n)-i37(n);
i48(n) = i34(n)-i47(n)-i45L(n)-i45R(n);
i80C(n) = i48(n)-i80R(n)-i80L(n);
v9(n) = R3*i90(n);
v10(n) = R5*i100(n);
i69(n+1) = i69(n)+h/L1*(v6(n)-v9(n));
i710(n+1) = i710(n)+h/L2*(v7(n)-v10(n));
i80L(n+1) = i80L(n)+h/L3*v8(n);
i45L(n+1) = i45L(n)+h/L3*(v4(n)-v5(n));
v5(n+1) = v5(n)+h/C7*i50C(n);
v8(n+1) = v8(n)+h/C6*i80C(n);
v4(n+1) = v4(n)+v8(n+1)-v8(n)+h/C5*i48(n);
v7(n+1) = v7(n)+v4(n+1)-v4(n)-h/C4*i47(n);
v3(n+1) = v3(n)+v7(n+1)-v7(n)+h/C3*i37(n);
v6(n+1) = v6(n)+v3(n+1)-v3(n)-h/C2*i36(n);
v2(n+1) =v 2(n)+v6(n+1)-v6(n)+h/C1*i26(n);
end;
v5min = min(v5);
v5max = max(v5);
figure(); plot(v5); grid;
axis([0 N v5min v5max])
xlabel('n'); ylabel('v_5(n)');
title('OUTPUT OF THE NOTCH FILTER (F=40*10^6;
F_s=100*F; h=0.1/F_s)')

However, when the step-size is h = 0.1/Fs, the output of the
digital filter is much smaller than the input, thus the digital
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filter is indeed a notch filter. Note that the magnitude of the
output is consistent with the results presented in [5].
6

OUTPUT OF THE NOTCH FILTER (F=40*10 ; Fs=100*F; h=0.125/Fs)
20

presented in Table II; we need to elaborate a rather
sophisticated approach. But the AFN-DFS approach as well as
SS approach have been developed having in mind a small
interaction with the user [1].
To conclude the AFN-DFS approach is useful when one
implements the forward Euler formula, but in this case a small
step-size h is needed. This may lead to a large sampling
frequency, which is not always desired.
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V. CONCLUSION
In this paper we have recalled the AFN-DFS approach and
we have discussed advantages and drawbacks of the method.
The method is friendly and rather easy to implement;
however, it sometimes need a small step-size for integration.
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Fig. 3. Output of the digital filter when the step-size is h = 0.125/Fs.
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