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Abstract

This paper introduces a new method for designing linear-phase FIR filters with a desired shape. The
proposed agorithm adjusts desired filter frequency response based on least squared (LS) method. It can
design full-shaped filters with specified deviation in the entire the frequency band. Also, the trangition bands
can be considered as short as possible without any difficulty athough it may not be necessary. The
simulaion results show that the proposed agorithm can successfully adjust and regulate the deviations of LS
design methods for filters.
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1. Introduction

This paper ams to introduce a smple recursve method for designing desired shape FIR filters. The
proposed agorithm which is based on LS method, updates the coefficients of predefined filter FIR filter to
close its specification as much as possible to desired one. The main criteria in this approach are the
frequency response which has to be the same for design and desired filters. Therefore, it is clear that the
transition bands between the frequencies are not considered. This is because that the transition bands are not
redly a demand of designing. Furthermore, the consideration of the trangition bands [1,2] are usualy
introduced to reduce the Gibbs effect for the least square approximation or to use Chebyshev approximation.
For example, a low pass filter normdly may design in such a way to covey the pass, transition and stop
bands respectively. In most practical cases thereis no separation between the passband and stopband for the
trangtion band. In other words, the spectrum of the desired and undesired signals of ten overlap and it is hard
to specify a point that separates the pass and stop bands and certainly it is impossible to state a band for
separating them. In this way, the trangition band is introduced to reduce or remove the oscillations in the
frequency response near the band edges caused by Gibbs effect. It should be noted that when there are large
pesks in the transition band of filters such as Chebyshev filters, we must care and ater the specifications so
that the peaks are diminated [3].

In addition to trandtion band problem, to design a FIR filter with a specia shape, some methods are
introduced [4]. Some of these filter design algorithms are a kind of optimization, in which the deviation
between the desired and designed filters are minimized [5,6,7]. Some other design algorithms are based on
genetic agorithms [8,9]. Both these methods are computationaly expensive. In this paper a smple effective
recursive agorithm is proposed for desired shape FIR filters and predefined deviation in frequency band.
The smulation results show that the agorithm is very flexible for obtaining the main characteristics of the
desired filter such as transition bands, and less complexity at the same time.

The paper is organized as follows: first the designing of the linear-phase FIR filters using LS method is
introduced. The proposed algorithm is described in section 3. The section 4 explains some considerations to
reduce the computational complexity of proposed agorithm, and findly, the smulation results are presented
and concluded in section 5.

2. Linear-phase Filter design with LS method
A linear-phase filter with impulse response h[ n], may have even symmetric as

h[n] = h[- n] @
Where, its corresponding frequency response can be interpreted by

Wy CI’_ (2)
A(e™) = H0] +a 2hn]cos(wn)

n=1
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It is assumed that the values of the A(e™) at 0£w, £ 2p which are caled designing frequencies, are

i=1,2,..,N
known, and denoted by 1 ). The problem is to compute h[n] coefficients optimally. To minimize the
izlzmm n=01,..,L
eror of desgning according to LS method, this can be done by setting to zero the derivatives of the

following objective function with respect to  h[n] [11].

n=01,.., L

| ) 2 3

E=L4 Hw)- Ae™)? =1 4§10+ & 2 cosvn) - H, Y

2i=1 2i=18 n=l u
Hi=H ()

Hereafter, we cdl Hw) "predefined filter". In continuous frequency domain the above function is reduced
to

sl
E :% dHw) - A aw

Although the LS method is very smple and powerful, and the least square is the main criteria, other
designing requirements can not be taken into account. One of the most important requirements is deviation
limitation. It can be seen in the literature that many methods are proposed to overcome this drawback [5-7],
which in turn the flexibility of the methods may be bst. The fundamental factors which determine the
complexity and affect the results of the LS method are objective function, designing frequencies, and
predefined filter. The method is usudly built on changes of the objective function athough the adjustment of
the predefined filter may also be considered.

(4)

3. New proposed method

The new proposed agorithm for designing any FIR filters with desired shape is an iterative agorithm based
on adjustment of predefined filter. At each step of the agorithm, with characteristics of the current
predefined filter, the design is accomplished. Then, the error between the desired and design filters is
computed as an error signal. Based on this error signa, the predefined filter specifications for the next step
are updated. This process is continued; until the error signd tends to zero. Therefore, the filter coefficients
will be optimized.

Let us define the frequency response of the desired filter as d(f), and ,(f) and d,(f) denote the designed

and predefined filters at nth step, which are shown in Fig.1 At O-th step the desired filter g (f) is the
same as predefined filter. With LS method () is obtained which the error can be defined as

& ()=sur(d, (f)- b,(f))" max{d,(f)- b,()- d(f)0) )
The acceptable deviation,d(f), is defined the difference between the obtained designed and desired filters,

\‘\ d (f)
S I Ny
S
i \-/ \\"‘\
Q " frequency Q frequency

© @
Fig.1
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and sgn indicates the sign function. Fig.1-b and ¢ show the computation process of the error signd. The error
dgnal is nonzero at each frequency in which the designed filter deviation is larger than the acceptable
deviation. In addition, we have,

L dy(f)2 b,(f) then, (f)s o

2 if dy(f)zb,(1) then ¢ (f)e0
Now, the main problem is to minimize the error signd. It is obvious that to decrease the error, and make the
designed filter shape as much as desired one, n (f) has to be increased wheree ()3 0, and decreased
wheree ()£ 0. This can be done by increasing d, (f) any where ¢ (f)s o and decreasing of ¢ (f) any where
e (f)£0. Therefore, to redize this mechanism, dya(f) is computed as follows

dya(f)=d,()" (1+h " e,(f)) 6

which ?>0 shows the convergence speed, and is selected appropriately. The smal value of the convergence
speed makes the computation time very long, and selecting it large, the agorithm may become unstable.
During of the computing the next step predefined filter, it may be negative in some frequencies. To avoid
this, we add a sufficient large number to desired filter source before starting the agorithm, and then subtract
it from h[Q] after the algorithm convergence.
To consider the trandtion bands in the designing, It is Smply redized by choosng a large acceptable
devidtion, d(f), in the trangtion bands. Designing the filter according to LS and with no deviation
congderation, it is sufficient to choose a large d(f) in entire the frequency band. Therefore, from this point
of view, the proposed agorithm is an extension of conventional LS method.

4. Computational complexity
Computatlonal compIeX|ty of the LSfilter designis related to the followi ng equation set

e N oou) - Zdesiw) § o § An |
é N = u gh)g é & - I:I
Pzgélm w,) 2Ialcos( W )cosw,) - zlalcos(w Joos(Lw; ) 3 b g@gzgaﬂH cos(w;) d
8 h : : a c:u g 1]
& y . g o &y o\ 0
g cos(Lw) 2a cos(vai)cos(wi) - 2a cos(Lwi)oos(Lwi )E ;ﬂ H; cos(vai)g
i=1 i=1 i=1 =1

Computation of P isthe most expensive part of the LS computation. But, as eq.(7) shows, it is obvious that
predefined filter ( H, ) contributes only at right side of the equation. Thus, changing the predefined filter

i=1,2:--,N
at each step, it is necessary to recompute this part only. To reduce the complexity, P can be smplified by
choosing w, as

w=(i-9 PL (8)
N 0 2 - Od
g0 N 0 - 2

P=61 0 N - 00
g o ¥ )
g 2 o0 NH

Further computatlon decrease can be achieved when we update only summations parts of the eg.(9) in
which  H,  have been changed. For example, suppose only H, is changed, it & sufficient to update

i=1,2;--,N l<k<N
H, cos(jw, ) in summation parts of eq.(9). The proposed agorithm can be called Extended LS(ELS), or
j=01,---L
Recursive LS(RLS).

5. Simulation results

The proposed agorithm has been smulated for designing different filters and compared the results with LS
method. As an example, the smulation results are shown in Fig.2-3 for three different samples. 0.01, 1000
and 1000 which are selected for ?, N and R, respectively.. Each figure has 7 parts included,
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Desired filter characteristics such as transition bands, maximum acceptable deviation.
Designed filter by LS.

Designed filter by ELS.

Error signal of LS designed filter computed by eq.(5).

Error signal of RLS designed filter computed by eq.(5).

Changes of error during convergence process.

The final filter obtained by ELS.

Qoo oTo

Examples are designing of low-pass and band-stop filters. The comparison of Fig.2-d, and Fig.3-d with
Fig.2-e and Fig.3-e, show that ELS designed filters have very smdler error than LS designed filters. By
comparison of these figures, we can realize the performance of ELS.

Furthermore, the comparison of Fig.2-b and Fig.3-b with Fig.2-c and Fig.3-c is shown that EL S increases the
oscillationsin the entire of the band to reduce unacceptable large deviations.

The Fig.2-g and Fig.3-g show the fina predefined filters. It can be seen that EL S increases predefined filter
value at near band edges to enforce the deviations below the acceptable range. In Fig.(2-f), (3-f), & (4-f) the
error changes of filter during convergence is shown.

In spite of the RLS flexibility, its main drawback is computationa complexity of its computations compared
to LS, which is because of its iterative structure. Thus, ELS may be not good for real-time processing, but
very suitable approach to design any desired-shape FIR filters.

5. Conclusions

In this paper a new iterative dgorithm for designing FIR filters with any desired shape is introduced, which
is caled ELS method. The smulation results show a good performance of ELS with computationaly
expensive with respect to other methods such as LS method. This new method may be not good for rea-time
processing, but very suitable approach to design any linear-phase desired-shape FIR filter.
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Fig. 2. A low-pass filter designing, with degree of 21
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Fig.3. A band-stop filter designing, with degree of 21
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