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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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