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Abstract:

In this paper, Taylor series expansion is used to design the variable 1IR fractional
delay filter. The proposed design is based upon collective response of two IIR filters
having first-order. The Al-alaoui operator with a-approximation differentiator and
reasonable modifications in this differentiator are caused to be designing these filters.
The constructed Farrow structure is more computationally efficient than existing
structures. In the end, to illustrate the effectiveness of proposed design approach
magnitude response and group delay response are shown.
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1. Introduction

In many areas of digital signal processing fields, a system which can provide fraction of
unit delay is required. The Fractional delay can be classified into two categories, fixed
fractional delay and variable fractional delay. The concept on design of VFD techniques
comes in reality once Farrow structure was presented [1]. Variable fractional delay filter
will give more flexibility and more interesting areas compare to fixed fractional delay.
There are many applications include time delay estimation [2], speech coding [3], speech
assisted video processing [4], beam steering of antenna array, modeling of music
instruments, comb filter design and analog djgital conversion etc. [5-15]. An excellent
survey is presented in tutorial paper [12-13]. The desired frequency response of variable

fractional delay filter is given by (1).

Ha(w, p) = e7/w(*P) @)
Where delay "I" is an integer delay, and "p" is a variable or adjustable fractional delay in
range of [-0.5 to 0.5]. The transfer function of FIR filters to approximate the frequency

response given by Farrow as (2).

H(zp) = X a(p)Z™" @

Where a.(p) represents the coefficients of filter which depends upon two variables r, p
& N is the order of the filter. However to design the IIR filters Al-alaoui operator with a-
approximation transform is used as it attempts to obtain better approximation [16-19]
comparing to bilinear transform impulse invariant technique. The bilinear transform

introduces a warping effect due to its nonlinearity, whereas impulse invariant technique
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Figure 1: Farrow Structure for FD with adjustable delay ‘p’.
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Figure 2: Comparison between Ideal Differentiator and Al-Alaoui Operator at different
a-values.

affected by the many to one mapping condition. In particular [16-17], the approach
interpolates the rectangular integration rules and the trapezoidal integration rule. In [16]
a fixed weighting of 0.75 was assigned to the rectangular rule and 0.25 for the
trapezoidal rule, while in [17] the interpolation was parameterized with a-parameter. The
operator developed in [17] may be designated as the parameterized Al-alaoui operator. In
[19] the a-approximation is proposed. Hence, combining the Al-alaoui operator with o-
approximation construct a better differentiator then existing transforms. In Figure 2
magnitude responses of Al-alaoui operator with different a-approximation values are
compared with the Ideal differentiator, which helps in to getting best value a. A
considerable change in differentiator give another IIR filter. Hence, using these filters
proposed structure in Figure 3 is more computationally efficient than the Farrow
structure in Figure 1. Finally, the related researches can be found in [21] and [22].

However, the idea of structuring of VFD filter using first-order IIR filters is novel.

2. DESIGN METHOD
In this section, design of the variable fractional delay filter using Taylor series expansion
is described. The desired fractional delay response as shown in (1), where the e=/*? can

be expanded by Taylor series as a polynomial of ‘p’ as in (3).

e_ij — Z:_O (_j‘l/(v!p)k ( 3)

it can be rewritten as
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Because the fractional delay is in the range of [-0.5 to 0.5], the term O(pM*?1)

approaches zero when M is very large. Thus, it can be approximated as (4).

. Mk
emi ) E Gukpk @
k=0 k!

Now here, the term “jw” can be realized by any digital

differentiator filter G(z) as (5).

M Kk
e =) EXE@)" (5)

If integer delay is also incorporated in (5), then

e—iw(+p) = [Z:[:O%(G(Z))kpk]z—l (6)

But, here the ‘I’ is independent of k, so z~! term (integer delay) can be taken inside the

summation; finally the proposed filter is given by (7).

M
e~ w(+p) = Z _(-k1|)k (G(2))k ™! pk (7
k=0 ;

Here, the proposed filter G(z) is the collective response of filters G,(z) & G,(z). Both
the filters are IR filters having order of only of (1, 1). The G,(z) filter is derived from

the Al-alaoui operator with a-approximation factor as shown in (8).

Gy(2) = ——— (8)

T (1-a)+az
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The exact value of o is decided by the Figure 2, in which magnitude responses at
different values of o are shown.

According to that a suitable value of a is taken which fulfill the objective of designed
filter. The G,(z) filter is workable in lower half of nyquist band as its magnitude and
group delay responses are not corrupted with error in this range. Now, both magnitude
and group delay responses to be lies at upper half of nyquist band another filter G,(z)
has to be proposed. It is seen that some Iogicgl modifications in G,(z) give the idea of
G,(z) as (9).

G,(2) =

Hence at last, the collective responses of both filters span in complete nyquist band.

1 z+1

E(l—a)—az (9)

3. Results

In this section, to illustrate the effectiveness of performance of the proposed designed
method magnitude response and group delay response are shown in Figure 4. To
evaluate the performance parameters chosen to design the filters are filter order is (1, 1)
and fractional delay ‘p’ lies in full range from -0.5 to 0.5 with integer delay ‘I’ of 6. Itis
clearly seen in Figure 4 that magnitude response is very near to ideal response which
should be ‘1’ for complete nyquist band although it has some error below 0.2r and
above 0.8m. The strength of the proposed method lies in the group delay response as it is
very accurate to ideal response which should be sum of integer delay and fractional delay
for full nyquist band. Now, three aspects of the efficiency are used to compare the

Farrow structure in Figure 1 with the proposed structure in Figure 3.

3.1.Storage requirement
For implementation of the proposed structure, only coefficients of a first order IR filters

need to be stored in memory.

3.2.Restriction free FD value
In Farrow structure, the integer delay is fixed whereas the proposed structure has a

universal response for all value of integer delay and fractional delay.
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3.3.Number Of Sub-Filters

The Farrow structure has M+ 1 sub-filters G(z), but in our structure number of sub-

filters M is very less (only-3).

Thus, the proposed structure is more computationally efficient than the existing design.
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Figure 3:Proposed Farrow structure based on designed VFD filter
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4. Conclusion

In this paper, variable fractional delay IIR filter is designed with the help of Taylor
series. Proposed method based structure is more computationally efficient than the
existing design as coefficient storage requirement is very less for first-order only.
However, magnitude response of design method has some deviation below 0.27 and
above 0.8r frequency bands. So there is possibility of design a filter such that which
magnitude response should lie for complete nyquist band with the help of Taylor Series

or other such expansion series.
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