DISPROP User's Manual

SECTION 4

IIR FILTER DESIGN AND EVALUATION:
A CASE STUDY

Many of the considerations that go into designing a filter and evaluating its performance in fixed-point finite-
wordlength arithmetic are treated in this Section. We focus on an IIR filter because of the many subtleties
involved in structuring and scaling of IIR filters in fixed-point arithmetic.

By contrast there are few finite-wordlength effects to consider in FIR filter implementation. DISPRO retains a
symmetric impulse response, even for rounded coefficients, so that linear phase is assured. Roundoff noise
does not accumulate (because there is no feedback), and a double-length accumulator removes all roundoff
noise in the single-length output samples. Accumulator overflow may occur, but the only remedies are scaling
of all coefficients (thus changing passband gain) or scaling of the input samples.

4.1 Outline of Design and Evaluation Procedure

The case study presented here is predicated upon the use of tones for assessing the magnitude and phase
response of an Elliptic function filter operating in 16-bit arithmetic, and using 16-bit precision coefficients. A
bandpass filter will be designed, its output computed using a three tone excitation, and the FFT spectra of
input and output compared in order to evaluate the actual finite-wordlength performance. The frequency of the
three tones will be chosen so that there will be one tone in the passband and one tone in each stopband. It is
our purpose in this section to discuss the kinds of information needed in order to be confident of the filter's
performance, the tools that DISPRO gives you for obtaining this information, and the sorts of considerations
you must be aware of when relying upon FFT-derived spectral data. We begin with the last-named topic:
characteristics of an FFT-computed spectrum. '

First, some terminology: the computation of a frequency spectrum from N uniformly spaced samples of a time
function (or signal) is performed with the Discrete Fourier Transform (DFT) formula. An FFT is the fast
algorithm that is used to compute the DFT frequency components. In DISPRO we always use values of N that
are powers of 2 (up to a maximum of 8192). For N real-valued time samples (only real-valued signals are
processed in DISPRO) there will be N/2 complex-valued DFT frequency samples computed by the FFT.
These DFT frequency components represent the positive-frequency spectrum from d-c to one half the sampling
frequency, FS/2—also called the Nyquist frequency. Let the spacing between time samples be T sec., where T
= 1/FS, and FS is the sampling frequency in Hz. The time duration of the samples processed by the FFT is
NT. In the DET—which could more properly be called the discrete Fourier series rather than transform—the
duration NT is interpreted as the period of a periodic time function, one of whose periods is described by the
N samples. Thus all spectral components in the computed DFT spectrum will be at the harmonics of 1/NT.
This is entirely consistent with the previous statement that N/2 frequency samples are in the interval 0 to FS/2,
as can be seen by calculating the spacing between samples as (FS/2)/(N/2) = FS/N = I/NT. Thus the k-th

DFT frequency component will be at a frequency of k/NT = k*FS/N Hz.
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The importance of these DFT frequency component values to the process of filter response evaluation derives
from our desire to measure as accurately as possible the magnitude and phase of input and output tones, and
thus deduce the actual magnitude and phase response of the filter. Using tones at DFT component frequencies
will make the process accurate because the FFT-computed spectra will be exact it the N samples, or the NT
seconds of data, contain an integer number of periods of the tones. For tones not at DFT component
frequencies the energy of the tone is always split among a number of DFT values. In constructing a set of test
tones the problem always arises of satisfying simultaneously the requirements that the tones be at or near the
desired test frequencies, that they be DFT component frequencies, and that an integral number of cycles of
each tone be contained in the N samples processed by the FFT. We can usually satisfy the first two of these
requirements reasonably well, but satisfaction of the third requirement is possible only for harmonically-related
frequencies—a condition which is usually incompatible with the first two requirements. Consequently, we try
to minimize the inaccuracy associated with processing a non integral number of cycles of a tone by processing
a large number of cycles; the idea is that we can get a more accurate spectrum value from 1000.5 cycles than
from 1.5 cycles.

The following is a synopsis of the steps to be taken:
1. Design the filter using preliminary specifications.
. Quantize coefficients to 15 bits-plus-sign, and check frequency response.
. Select FFT size and frequencies for test tones.
. Generate test excitation file.
. Compute impulse response and forced time response for the two available IIR filter topologies: namely
the canonic and merged-biquad forms.
. Use FFT to compute input and output signal spectra.
7. Compare computed to ideal filter response.

o W

)}

Note that the files produced during this example will be rather large: the excitation file TONES3.EXC will be
almost 170K bytes, and after the impulse and forced time responses are stored in the filter data file
ELLIPO6A.FDF it will grow to almost 630K bytes. Reading and writing of these files will take an appreciable
length of time—tens of seconds—so be patient! The time excitation signals and time responses produced in this
example are the largest possible in DISPRO, and thus represent a sort of worst case for the time involved in
processing data files.

4.2 Filter design

The filter we have chosen for this illustration is admittedly rather extreme in its specifications—being an
exceedingly narrow bandpass filter. The justification for this very high-performance design is that it illustrates
many of the aspects of IIR filter implementation which regularly give users problems, and it allows us to show
off the way in which DISPRO lets you tackle and solve these problems.

We choose a sampling frequency FS = 44.444 KHz, and passband edges of 11.323 KHz and 11.343 KHz.
The passband will have a 0.1 dB ripple, and we would like 60 dB attenuation at and below 11.233 KHz, and at
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and above 11.433 KHz. We select the Compare Designs option from the Design pull-down menu filter. We
specify a bandpass characteristic and input the specifications. The resulting table shows that, as usual, the
Elliptic filter is the most efficient; we select this category (note the extremely long length of 1341 needed for
the PMR equiripple FIR—sharp cutoff filters are clearly realized more efficiently in IIR form so long as the
phase response is not critical).

For a bandpass filter the order must be even; because the computed order is 5.5196 we will choose 6 for the
filter order and then adjust the stopband edges to get a slight improvement in the sharpness of cutoff. Having
decided to proceed with the filter design we are now transferred to the BANDTRAN module where the filter
coefficients are calculated and optionally scaled. Selecting the first menu item will automatically order the
biquad sections with the largest magnitude poles first, and then scale the A coefficients so as to achieve 0 dB
transmissions from the input of the filter to the output of each biquad section. If the AUTOMATIC option is
not chosen, we can specify any biquad order that we wish, and also elect to scale for 0 dB transmissions or
not. We choose the AUTOMATIC option, and the default filter data file name; the floating-point precision
coefficients together with the specifications are written to the filter data file. Selecting the QUANTIZE option
transfers us to the ROUNDCOF module where we can print out the filter specifications and the 16-bit
coefficient values as shown in Fig. 4-1.

Although we have designed an Elliptic function filter, precisely the same procedure is followed for the other

TIR filter categories. A slightly different but recognizably similar procedure holds for FIR filters. In DISPRO
the user interface is as uniform as possible across all filter categories.

4.3 Frequency Responses

We return to the DISPRO command level and select the Frequency-Response main menu item; the current
design file is then available by selection on the pop-up menu. In the FCOMPLOT module we first select item
#2 and round the coefficients to 15 bits-plus-sign (this is a quantization that is local to this module).
Quantizing coefficients to finite-wordlength fixed-point values affects the frequency response primarily through
the modification of pole and zero values.

Computing, plotting, and printing frequency response values is the next step. We don't show the frequency
response for floating point coefficients because it is exactly what we asked for in the specifications (this is true
for TIR filters but not for FIR). We can generate the frequency response plots in Fig. 4-2. Note that the Band
Boundaries are based on the filter specifications and thus represent the response attainable with floating-point-
precision coefficients. From experience with IIR designs we expect the passband to be affected most by
coefficient rounding. If you blow up the passband to see it in greater detail, as in FIG. 4-2(c), you will find
that the ripple now has a range of 0.14 dB; depending upon your application this may or may not be a
significant departure from your specifications. If it is a significant departure then you will have to try the
other categories of IIR filters to see if you can more closely meet your original specifications; this may not be
possible because the Butterworth and Chebyshev designs will be of at least order 8, and possibly 10, in order
to give the desired selectivity, and, as the filter order increases we would expect to see more frequency
response degradation appear. Ultimately it may prove impossible to meet the filter specifications in 16-bit
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ELLIPTIC BANDPASS FILTER OF ORDER 6 07-11-1990
FILE A:\ELLIPO6A.FDF 10:03:27
Sampling frequency (Hz) 44.4440E+03
End of lower stopband (Hz) 11.2584E+03
Beginning of passband (Hz) 11.3230E+03
End of passband (Hz) 11.3430E+03
Beginning of upper stopband (Hz) 11.4076E+03
Maximum passband attenuation (dB) .1
Minimum stopband attenuation (dB) 60
Coefficient wordlength: 15 bits plus sign
COEFFICIENTS OF SECOND-ORDER SECTIONS
1 +D2Z°-1+E 2°-2
A _____________________
1+BZ°-1+ C 27-2
A D E B C
1 0.1488953 0.08706665 1.000000 0.06613159 0.9986572
4879 2853 2167 32724
2 0.1527710 0.03842163 1.000000 0.05929565 0.9986572
5006 1259 1943 32724
3 0.001373291 0.000000 -1.000000 0.06268311 0.9972534
45 0] 2054 32678

* Coefficients from file ELLIPO6A.FDF for wordlength of 15

COEFF DECIMAL INTEGER HEX(2's-complement)
A( 1) 0.1488953 4879 130F
B( 1) 0.0661316 2167 0877
c( 1) 0.9986572 32724 7FD4
D( 1) 0.0870667 2853 0B25
E( 1) 1.0000000

A( 2) 0.1527710 5006 138E
B( 2) 0.0592957 1943 0797
c( 2) 0.9986572 32724 7FD4
D( 2) 0.0384216 1259 04EB
E( 2) 1.0000000

A( 3) 0.0013733 45 002D
B( 3) 0.0626831 2054 0806
c( 3) 0.9972534 32678 7FA6
D( 3) 0.0000000 0 0000
E( 3) -1.0000000

[Output from options 2 and 4 on ROUNDCOF module menu (Coefficients/Quantize selection on main menu)]

FIGURE 4-1
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File: A:\ELLIPOGA.FDF 07-11-1990 / 11:54:27
Frequency response: 0 Hz to 22222 Hz Coefficients: 15 bits plus sign
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FIGURE 42 FREQUENCY RESPONSE FOR EXAMPLE FILTER (16-BIT COEFFICIENTS)
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File: A:\ELLIPO6A.FDF 07-11-1990 / 11:56:00
Frequency response: 11000 Hz to 12000 Hz Coefficients: 15 bits plus sign
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(b) Expanded frequency scale — band boundaries based on filter specifications

FIGURE 4-2 FREQUENCY RESPONSE FOR EXAMPLE FILTER (16-BIT COEFFICIENTS)
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File: A:\ELLIPOGA.FDF 07-11-1990 7/ 11:59:41
Frequency response: 11300 Hz to 11350 Hz Coefficients: 15 bits plus sign
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FIGURE 4-2 FREQUENCY RESPONSE FOR EXAMPLE FILTER (16-BIT COEFFICIENTS)
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arithmetic, forcing the use of a longer wordlength. For the purposes of this illustrative design we will accept
the results thus far and proceed with the filter simulation.

4.4 Creating an Excitation File

Recalling the discussion of Sect. 4.1 we should choose test tones that are at DFT component frequencies if we
wish to obtain accurate results from computing the spectrum of the simulated filter output. The filter has been
designed to pass a 11.333 KHz tone, which is not an integer submultiple of the 44.444 KHz sampling
frequency. In addition, we should choose a DFT size which will give a reasonable resolution of the filter
passband. Tackling this problem first, we have that the filter passband is 20 Hz wide; because the DFT
resolution is FS/N where FS = 44.444 KHz we must use either N = 4096 or N = 8192 for the DFT size in
order to get more than one DFT spectrum point in the passband. With N = 4096 the DFT component spacing
is 10.8506 Hz; the component number for 11.333 KHz would be 1044.46 so we choose component #1044 with
a frequency of 11.32801 KHz as the test tone for the passband. We also choose components #1030 and #1058
for the lower and upper stopband test tones, respectively, because the corresponding frequencies are close to
the position of minimum attenuation in the upper and lower stopbands. While computing the frequency
response for the 15 bits-plus-sign coefficients we can choose to print/display the frequency response at the
frequencies of the three test tones. After selecting to look at single frequencies we input the frequency values
11.1761e3, 11.32801e3, and 11.4799¢3 Hz. The display shows the results as

FREQUENCY RESPONSE COMPUTATION--SELECTED POINTS
Coefficients: floating point
FILE A:\ELLIPO6A.FDF

Frequency (HZ) Magnitude Magnitude(dB) Phase (Deg)
11.1761E+03 995.967E-06 -60.0351 82.9223
11.3280E+03 0.988525 -0.100244 45,3940
11.4799E+03 999.798E-06 -60.0018 —-82.4431

Thus, if our filter design performs well in fixed-point arithmetic we should expect to see the two tones in the
stop bands attenuated by 59 dB or so relative to the tone in the passband.

The Generate Test Signal menu selection will be used to create the excitation file. But before we do that we
must know the duration of the impulse response of the filter in order to put enough samples in the excitation
sequence so that we shall obtain 4096 samples of steady-state response in the output.

To determine the impulse response duration we select the Compute Impulse/Step Response menu item. We
give a fuller discussion of the time response computation module in the next section; for now we simply state
that it was necessary to compute the impulse response in floating point arithmetic for the merged-biquads
topology because there was no impulse response sequence in 16-bit arithmetic! This is an interesting
illustration of the little-appreciated fact that digital filters operating in finite-precision arithmetic are
fundamentally nonlinear devices: this nonlinear behavior manifests itself mostly when signals are too
large—overflow—or, as in this case, when signals are too small—underflow. Admittedly, this is an extreme
example of an IIR filter and this is the reason for the dramatic behavior when we attempt to compute the
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merged-biquad topology impulse response in 16-bit arithmetic, namely that the signal level becomes so small
that rounding the 32-bit accumulator to 16 bits produces a zero value—hence no output. Note that the impulse
response in 16-bit arithmetic for the canonic form topology does not exist either when we choose Al == 1, but
does when we set Al = 1 for each biquad and thus admit a larger signal level into the resonator (poles) section
of each biquad.

Plotting the computed impulse response on a linear magnitude scale would not give us sufficient resolution to
determine when it has decayed by 60 dB or more. For that reason the time-domain plotting module in
DISPRO offers the option of plotting the magnitude of a time function on a dB scale. Fig. 4-3 shows the dB
magnitude of the filter impulse response, as computed for the merged-biquad topology in floating-point
arithmetic. We can see that the impulse response magnitude doesn't decay by 60 dB until after sample #11000.
To be safe we will elect to compute the maximum length time response in DISPRO—16384 samples—and
process the last 4096 samples of the response. Because the last sample is number 16383 this means we will
FFT the 4096 samples from #12288 to #16383.

As a result of this analysis we must generate 16384 sample of an excitation signal—again, the maximum length
that DISPRO supports.

The Generate Test Signal selection transfers us to the WAVEGEN module where we will create a file with
16384 samples of a waveform containing the three sinusoidal components. A periodic waveform may be
synthesized from its Fourier series coefficients, or each component can be specified by its magnitude and
phase; in addition the component frequencies can be specified directly in Hz, or as harmonics of a fundamental
frequency. We choose to specify magnitude and phase, and to express the frequency values directly. Note
that the phase angle choices are arbitrary in this case so we set them all to zero. Each of the three tones is
specified as having unit amplitude; this will require us to scale down the input to the filter because the sum of
the three tones will have an amplitude very close to 3.0. (Note that this waveform is not periodic.)

We chose the name TONES3.EXC for the excitation file; note that the .EXC extension is supplied by default,
but may be overridden. You may optionally enter a descriptive line as a label in the file; when the file is
accessed by the time response module, the time-domain plotting module, or the spectral analysis module this
label will be reproduced on the screen for your convenience. We enter the label "Three tones @ 1.0
amplitude: 11.1761, 11.32801, & 11.4799 KHz". For convenience in identifying the samples in the file the
actual signal parameters are always placed in a block at the end of the file. For example, in the TONES3.EXC

file the block is

"<SP> Signal parameters: sampling frequency (Hz) = ",44444
"Sum of sinusoids”

"Frequency (Hz), Bmplitude, Phase(Deg)"

11176.1,1,0

11328,1,0

11479.9,1,0

Because all files created and processed by DISPRO are in ASCII you can always directly examine the file
contents with any editor or listing program.
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