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ABSTRACT

The finite impulse response filters are inherently stable and have
linear phase response property. The main drawback of these
filters is lies in requirement of higher orders for similar
magnitude response compared to Infinite Impulse response
filters. Also the amount of computational complexity needed for
the implementation of the filter, especially for the filters with
narrow transition band is much higher. In order reduce the
computational complexity of narrowband FIR filters, the
interpolated FIR (IFIR) filter technique is used.
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1. INTRODUCTION

Finite impulse response (FIR) filters are considered to be more
useful as compare to the infinite impulse response (lIR) filters
due its desirable characteristics like better stability and linear
phase [1-5]. However, the computational requirements of a FIR
filter along with order of the filter for a given specifications are
usually greater than that of an IIR filter for the same
requirements. This is has very significance in design of
narrowband FIR filter, where filter order can become very large.
It has been proposed by Neuvo et al. [6] that an alternative
approach to narrowband FIR filter design uses two filters in a
cascade arrangement as shown in Fig. 1.
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Fig 1: Interpolated FIR filter

This method helps in reducing the number of multipliers
needed for the design and the implementation, also it still meets
the the narrowband filter specifications. The advantage of this
approach is reduction in the order of the filter. i.e. The combined
order of the two filters is less than that of the single [7-10]
narrowband filter.

This paper is organized as follows. Section 2, gives brief
review of narrowband filters design. The design procedure for
IFIR filter is presented in section 3. Section 4 gives Results and
discussion and conclusions are given in Section 5.

2. NARROWBAND FILTER DESIGN

In this section principle of narrowband low pass filter, whose cut-
off frequencies are considerably lower than the sampling rate is

discussed. Figure 1 shows two stages of IFIR filter. Both filter
stages are processed at the same sampling rate, that means the
sampling rate of output is same as that of input [11-14].

The transfer function G(ZL) is a function of z" in the first
stage. This filter can be implemented with a transversal filter with
the transfer function G(z) - Here each delay element z7'is

replaced by a series of L delay elements as shown in figure 2.
This is equivalent to inserting L-1 zeroes between the original
coefficients of. G(z)
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Fig 2: Transversal (L- delays)

Here, from G(em) to gfete) . the frequency response is

compressed by a factor of L and L-1, image frequency responses
are produced as shown in Figure 3.
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Fig 3: Amplitude frequency responses o] and ‘G(e 1

When same number of coefficients are used, the frequency
response of G(eim) is L times narrower than the frequency

response G(elﬂ) of the prototype. And the filter |(z) is used to
eliminate the image transfer functions. The overall filter

H(z)=G(Z")1(2) (1)

consists of the components of G(z").
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The computational complexity is reduced by a factor of L
due to compression of the spectrum. However, there is addition
of the complexity due to anti-imaging filter I (z) . With an

approximate choice of the factor L, the filter slope of | (z) can
be, made less steep, so that in general I(z) has only small

number of coefficients.
Note that the filter G(z" ) in Figure.1 cannot be operated at a

sampling rate that has been reduced by a factor of L. In each

delay chain Z ~ | L different input values stored are processed at
the original sampling rate. All of these contribute to the final
output signal y(n)- All filter operations are performed at the

original sampling rate with the coefficients
h(0), h(@), h(2).............. h(N —1) . This will reduce the
number of coefficients.

3. DESIGN PROCEDURE FOR IFIR
FILTER

Various methods for designing procedures for IFIR filters
have been developed [15-18]. For the given the cut-off

frequencies Q, and Q. the steps for synthesizing the filter

H (z) are as follows.

Step 1: Determine a suitable interpolation factor L so that
first image frequency response can be separated from the
base band frequency using a filter |(z).

Step 2: Design of the prototype G(z) Wwith the passband
cut-off  frequencies ¢ -, and the stopband cut-off

frequencies o — Lo

Step 3: Choose passband cutoff frequency Q,, of the anti-
imaging filter I(Z) as Q.
Qp =0

Step 4: The Stopband cutoff frequencies Q2  of 1(z) must
be O, =27/L-Q-

v
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Fig 4: Determination of cut-off frequency for the frequency
Gle™)and 1e)

The required passhand ripple 5,;, of the filter H (Z) must be
distributed among the passband ripple of the filter G(Z) and
1(z), and is given by

(1+5P,G)(1+5P.I): 1+ S @)

For small value of the ripple 5,;, can use the approximation.
(5P,G)+(5P.I )Eép ®3)

If the stopband ripple 55 of H(z) is known then stopband
ripple of the filter G(z) and 1(z)are given by

Ssc -(1+5P,| )= Js |

and

0 <0=<Q,

S (L+805)=055 Qg Q<7 @
Provided 5P is small. And also it is possible to make further
approximation

55,(3 :5s,| ~ 0.

4. RESULTS

Here IFIR filter is designed with specifications as given in table
1. The conventional filter design using the Parks McClellan
algorithm [5] would require a higher order. The IFIR design for
interpolated factor L =2 with single-stage of 1(z) uses N=182.

Notice that the system G(z2)| (z) has linear phase property since
G(z )and I(z) have this property.
Table 1. Specifications for the design.

1 Sampling frequency 2000Hz
2 Passband Edge Frequency 0.097

3 Stopband Edge Frequency 0.11m

4 Passband Ripple 0.02

6 Stopband Attenuation 0.001

Figure 5, shows the frequency responses for the IFIR LPF
filters with single-stage (z) and L =2 as well as the

frequency responses for the subfilters, 1(z) andg(z )
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Fig 5: Frequency responses for the IFIR LPF and
Subfilters

5. CONCLUSIONS

The design methodology of interpolated finite impulse
response filter decomposes the sharp narrow pass band filter into
an image suppressor and a periodic model filter. The Interpolated
FIR design efficiently reduces the computational complexity and
also this approach offers advantages during the filter design phase
like reduction in numerical inaccuracies and convergence
difficulties. The IFIR technique allows us to design two filters
G(z) and |(z) of much lower order. The technique can be used

in IFIR Highpass and Bandpass Filter. Also multi stage IFIR
filters further reduce the computational complexity.
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