IMPLEMENTING DIGITAL FILTER USING PROGRAMMABLE
LOGIC DEVICE FOR EDUCATIONAL AIMS *

Lraglad il aaY Agua pll ALY Adbaial ) gall aladiiady oad ) g pa LTS
Bashar Seddik Mohamad-Ali * Ziyad Khalf Farej

Abstract:

Implementing digital filters mathematically, and verifying their functions, is an
easy task with the help of many available CAD software such as MATLAB. But
implementing hardware digital filters with fixed function IC’s and verifying their
function is a difficult task particularly for under graduate students in electrical and
electronic engineering. However, with the emerging of Programmable Logic Devices
(PLD’s), and Field Programmable Gate Array (FPGA) devices, implementing hardware
digital filters became an easy task. This paper shows how a programmable hardware
first order filters can be implemented, synthesized, and simulated using (MAX+PLUS II,
ver.10) development software. MATLAB filter design tool were used to determine the
filter coefficients, and then these coefficients are fed to the PLD inputs, to get the desired
filter specifications. The response of the implemented filter in the PLD device has been
verified by comparing it to the response of MATLAB filter of the same type.
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Introduction:

Implementing a digital filter can be either using simulation software (running on general
purpose processors), or using hardware devices. The first approach can not be used in real
time systems due to its slow speed, but it is flexible. While in the second approach (using the
conventional hardware devices), high sampling rate (high performance) can be reached, but
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they are expensive and not flexible. The approaches to the hardware implementation of digital
filtering algorithms are either general purpose digital signal processing chips for audio
applications, or special purpose digital filtering chips and application-specific integrated
circuits (ASICs) for higher rates [1, 2]. However, recent advances in the PLD and FPGA
devices technology have made PLDs more superior, and attractive for implementing digital
filters [3, 4, 5, 6]. PLD and FPGA implementation approach has both flexibility of software,
and performance of ASICs. Moreover, reconfigurable PLDs have opened a new era in
practical training, due to the ease of design and implementation in comparison with fixed
functions devices. PLD devices can be reconfigured times and times again to implement
different logic designs as required in practical training. The later merit of PLDs has
encouraged authors to use PLD devices for educational aid (for example in computer
architecture [7] ). In this work, a Complex PLD is used to implement an Infinite Impulse
Response (IIR) digital filter, for educational aid in practical training. An IIR filter circuit has
been decomposed into two basic sections; the poles circuit, and the zeros circuit. Filter
coefficients were determined using MATLAB digital filter design tool, and then these
coefficients were fed to a Complex PLD device to get the corresponding filter characteristics.
The implemented filter can be tested by applying a sampled signal, and watching the filter
response. The filter response can be also compared with the response of the MATLAB
designed filter.

Digital filter basics:

There are two basic types of digital filters, Finite Impulse Response (FIR) and Infinite
Impulse Response (IIR) filters. The general form of the digital filter equation is [8]:

Y(n):ZN:b,.X(n—i)+ZN:aiY(n—i) o (D

where y(n) is the current filter output, the y(n-i)’s are previous filter outputs, the x(n-i)’s are
current or previous filter inputs, the ai’s are the filter’s feedback coefficients corresponding to
the poles of the filter, , the bi’s are the filter’s feed forward coefficients corresponding to the
zeros of the filter, and N is the filter’s order. IIR filters have one or more nonzero feedback
coefficients. That is, as a result of the feedback term, if the filter has one or more poles, once
the filter has been excited with an impulse there is always an output. FIR filters have no non-
zero feedback coefficient. That is, the filter has only zeros, and once it has been excited with
an impulse, the output is present for only a finite (N) number of computational cycles.

A general filter transfer function can be derived as follows;

Substituting for X(n-1) = Z" X(n), and Y(n-i) = Z" Y(n), equation (1) can be rewritten as

Y(n) :ZN:b,Z’iX(n) +ZN:aiZ’iY(n) .. (2
Hence;
Y(n)(l—ZN:al.Z"‘):X(n)(b0 +ZN:bI.Z‘i) .. 3

Figure 1 shows common IIR architecture, which is a direct implementation of equation (3).
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Figure 1 Common IIR filter architecture
Finally the general transfer function of an IIR filter will be;
N .
by+ ) bZ™
v "2
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Implementing 1st order IIR filter:

For the purpose of this work, a first order IIR filter has been implemented on a CPLD
(ATF1508AS of Atmel). Implementing a digital filter on a PLD can be either in a bit serial
(pipelining) method [3, 6], or in bit-parallel method [5]. While the bit-serial method does not
consume large number of resources, it requires more clock cycles to produce a single sample.
However, the bit-parallel method consumes more resources, but it has high performance
speed. In this work the bit-parallel method has been used since it is simpler to implement and
to understand as educational aid. The general transfer function (equation 4) of 1* order IIR
filter can be written as;

b, +bZ""
H(z)=2—"1"— . (5
(=5 (5)
Multiplying both nominator and denominator by Z;
byZ +b
H(z)=—""""1 . (6)

1
This equation indicates that the filter has a single pole at Z = a;, and a single zero at Z=-byby
in Z-plane. Figure 2 shows a direct implementation for equation (6). This IIR filter circuit can
be divided into two sections for the purpose of education.
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Figure 2 First order IIR filter

The first section is the zeros circuit, which is responsible for the zeros in the Z-plane, and its
output is given by;

K(n)=X(n)b, +bZ7") .. (7
Hence
K(n)ZbO_i_blZ*l (8)
X(n)

Where X(n) is the input signal samples to the filter.
The second section is the poles circuit, which has an output given by;

Y(n)=a,Z'Y(n)+ K(n) .. (9
Hence

Y(n) _ 1 (10)
K(n) 1-aZ o

Multiplying equation (8) by (10);

by+bZ™"
M:H(Z)ZLH ..(11)
X(n) l-aZ
This is the same as equation (5). Consider the case where by = b; = b so that the zero in Z-
plane will be at Z= -1. In this case the zeros circuit is more simplified to have only one

multiplier (as shown in Figure 3).



Figure 3 Simplified first order IIR filter

This simple circuit of digital filter can be used to analyze the digital filter for educational aid.
Coefficients a;, and b can be determined using MATLAB filter design tool box from the
desired filter characteristics (low pass or high pass, sampling frequency, cutoff frequency,
...etc). The pole and the zero positions on z-plane can be noticed by the student in the digital
tool box. Then the determined coefficients can be applied to the CPLD inputs in binary form
to get the desired hardware digital filter characteristics. The student can be familiar with the
followings through this design cycle;

1. The effect of changing the ratio of the cutoff frequency to the sampling frequency
(Fc/Fs), on (a, and b) coefficients.

2. The relation between (a, and b) coefficients with the positions of the poles and zeros
on z-plane.

3. Finally the effect of the positions of poles and zeros in z-plane with the type of filter
(high pass, low pass, band pass).

CPLD realization of the IIR filter :

Each section (the zeros and the poles circuits) has been implemented on a separate
CPLD device, so that the output of the zeros section, and the poles section can be noticed by
the student (as binary numbers). The filter circuit shown in (Fig. 3) was realized, and
synthesized using (MAX+PLUS II ver. 10) software of Altera.

1. Zeros circuit realization

The zeros circuit inputs are 8-bit binary vector X[7..0] (Fig. 4), while its outputs are 8-
bit binary vector K[7..0]. The coefficient (b) is a 4-bit binary positive number a[3..0] with a
range of (0 to 15). Since the used multiplier does not support signed numbers, an absolute
function was used to complement the negative number before multiplier, and an add /subtract
circuit was used to convert the output of multiplier back to a negative number (two’s
complement). A second add /subtract circuit was used to add the delayed input to the present
input. The latter add /subtract circuit is controlled through (AS) input, to obtain a positive or
negative coefficient of the delayed input. Notice that the multiplier output is a 12-bit number
bX[11..0], while only the higher 8-bit of this number is fed to the add /subtract circuit. This



arrangement is to change the range of (a) coefficient to be 16 binary weight values (from 0 to
0.9375), which correspond to (0.0000 to 0.1111) in binary.
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Figure 4 Schematic capture design of the zeros circuit
2. Poles circuit realization

The poles circuit inputs is an 8-bit binary vector K[7..0], which is the output of the
zeros circuit (as shown in Fig. 5). The output of this circuit should be the 8-bit binary vector
Y[7..0] (before the delay circuit), but the actual output of the filter is being taken from the
output of the delay circuit O[7..0], so that signals fluctuation in the add /subtract circuit output
due to signals skew is not shown in the filter output. The a; coefficient is a 4-bit binary
positive number, which has 16 binary weight numbers in the range of (0 to 0.9375). Negative
coefficient can be applied by controlling the add /subtract circuit to be a subtract circuit
through AS2 input. An absolute circuit together with the add /subtract control line have been
used to coupe with negative numbers which may be fed to the multiplier input.
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Figure 5 Schematic capture design of the poles circuit

Testing the CPLD filter:

Once the filter coefficients are determined using MATLAB filter design tool, these
coefficients are rounded to the nearest binary weight number, then the equivalent binary
number is applied to the CPLD coefficients inputs b[3..0], and a[3..0]. At this point the CPLD
i1s configured to the desired filter specifications, which are selected in the MATLAB filter
design tool. The CPLD filter can now accept a sampled input signals (in binary) at its inputs
X[7..0], and can give the corresponding filter response in its outputs O[7..0]. The CPLD filter
was tested by comparing its unit step, impulse, and sine wave responses with the
corresponding responses obtained by MATLAB commands.

1. Impulse and step responses

Table 1 shows the impulse response (for five clock pulses) of butterworth low pass
filter with Fc /Fs = 0.25 in MATLAB calculations, and in the designed CPLD. An error of
1.58% 1is shown due to the available binary coefficients of only four digits fraction. Table 2
compares the step response of the same filter in MATLAB calculations, and the designed
CPLD. Nearly the same error% is obtained due to the same reason mentioned above. These
responses can be easily calculated by the student. Notice that for the above filter only the
zeros section of the filter is effective, since the coefficient (a = 0).



Tablel Comparison of impulse response in both MATLAB and CPLD

Normalized MATLAB CPLD Response Normalized
Clock Response a=0.0000,b=0.5 CPLD Error %
a=0.000094, b =0.49995 | Impulse magnitude= 63 | Response
0 0.5000 31 0.4921 1.58
1 0.5000 31 0.4921 1.58
2 0.0000 0 0 0
3 0.0000 0 0 0
4 0.0000 0 0 0
Table2 Comparison of step response in both MATLAB and CPLD
Normalized MATLAB CPLD Response Normalized
Clock Response a=0.0000,b=0.5 CPLD Error %
a=0.000094, b = 0.49995 Step magnitude= 63 Response
0 0.5000 31 0.4921 1.58
1 0.9999 62 0.9841 1.58
2 1.0000 62 0.9841 1.59
3 1.0000 62 0.9841 1.59
4 1.0000 62 0.9841 1.59

2. The sine wave response

The sine wave response has been tested by comparing it to the MATLAB response of
a filter which has the following specifications;

Type : low pass butterworth,

Cutoff to sampling frequency ratio FcFs = 0.15,

MATLAB filter coefficients a = 0.3249, b = 0.3375,

CPLD filter coefficient a =b = 0.3125 (nearest binary weight) = 0.0101 (in binary).

The maximum sample magnitude of the sine wave which is applied to the CPLD, is
taken as 3F (in hexadecimal) = 63 (in decimal). The time responses of a sine wave at three
different frequencies (0.025*Fs, 0.154*Fs, 0.25*Fs) have been calculated in MATLAB filter
design tool, then they are compared to the simulated CPLD response. Figure 6 shows the
simulated CPLD response of (41) samples of one cycle sine wave, which gives a frequency of
(1/40)*Fs = 0.025*Fs. Figure 7 shows a comparison between MATLAB, and CPLD responses
at this frequency . Figures 8, and 9 show the simulated CPLD response and a comparison
between MATLAB, and CPLD responses of sine waves at 0.154*Fs, and 0.25*Fs
respectively. It is clear from the mentioned figures that there is always an error between the
MATLAB and CPLD responses. This error is due to the rounding of the MATLAB
coefficients to the nearest binary weighted numbers in CPLD. Also it is clear that as the
frequency of the input sine wave is increased, the response of the low pass filter get smaller in
magnitude.
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Figure 6 CPLD simulated low pass filter response of sine wave at frequency = 0.025 Fs
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Figure 7 CPLD and MATLAB low pass Filter response of sine wave at frequency = 0.025Fs
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Figure 8 (a) CPLD simulated response at frequency = 0.154Fs
Caomparision between CPLD and MATLAE response at F= 0.154F s
1 T T T T
% | =+ Input samples L
i < @ MATLAB response | £ |
0.8 Ir? "| % CPLD response ; N
: o p
0Bl . , +. i
» I'.-*- il II. {:}
i) N ! a4
- 0.4 - Y , y ¥ .
E y T ¥ !
2 gal ¥ | . ) i
= - ! 1 ) "
% & 1| E v lI.
E 1 o
= O ! ! % ]
£ ’ ) L
T 0oL | . \ i
E \ S \ -
= 04t : i : *
(! & . ! ;
06 . i PR i
: . ) oy i
: e} \ 5
08} . . ! .
l". B \"‘u _\_drl
-1 1 1 i 1 1 1 1
a 2 4 5] & 10 12 14
Sarmples

Figure 8 (b) CPLD, and MATLAB low pass Filter response of sine wave at frequency = 0.154Fs
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Figure 9 (a) CPLD simulated response at frequency = 0.25Fs
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Figure 9 (b) CPLD, and MATLAB low pass Filter response of sine wave at frequency = 0.25Fs



Conclusions:

A CPLD-based 1* order filter has been implemented to help students to understand,
and to be familiar with the design, and the function of digital filters. This can be achieved
through practicing in the calculation of filter coefficients for certain specifications, and then
applying these coefficients to the CPLD design to get the desired filter specifications. The
student can also practice calculating the output of the designed filter, which is an accumulated
number from the present sample and the previous feedback sample. Highest order filter can be
designed using more advanced PLD (FPGA).
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