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Abstract

In this Paper, we present a VLSI implementation of the low-pass-phase and cascade FIR filter for the low-power design.
Dynamic power can be controlled by the power supply. We have proposed a VHDL implementation of the low-pass FIR
filter. A discrete system output is transmitted to MATLAB to generate the frequency response. To make the pipeline more
synchronous, we use a ROM based on arrays to store the output between stages. An FIR is brought into a linear and a
cascade phase in the system and the energy consumption and the frequency response are analyzed.
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Introduction

A finite impulse response (FIR) filter is a filter whose impulse response is of finite duration or response to any finite
length input, because it settles to zero in finite time[1]. The impulse response of an Nth-order discrete-time FIR filter lasts
exactly N + 1 sample from first nonzero element through last nonzero element, before it then settles to zero.FIR filter

can be discrete-time or continuous-time and digital or analog [2].FIR filter output is shown by following equation.

N-1

Vinl=he -x[n—k]

f£=U

o«
x[n] represents the filter input.Hk represents the filter coefficients[n] represents the filter output. N is the number of filter
coefficients (order of the filter).On taking z-transform of the above equation we get
W) = X ) +0 X 40 X ) 4 +hy 00X
)
The equation of Y (z ) can be directly represented by a block diagram as shown in fig 1 and this structure is called

Directform structure or Fd.R filter [3]. The direct form structure provides a direct relation between time domain and

z- domain equations.
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Fig 1 Direct Form structure of FIR Filter

The frequency response of FIR filter is presented by Hd (¢“). So the equation for DFT coefficients H (k)

can be written as:

HE)=Hale )| m=e ™

mk

o

Where = V=1 =0 1. 1)

;
- 3)
The samples of impulse response h (n) is given by,
(1) When N is odd,
o .
hin)= —= H{0)+2 le?eH(}rjs- ¥
L L ]
(4)
(2) When N is even,
1 % L] |_ j Inik -|
Hor) = H©)+2 Y RelHE) » |
k=1 L J
(®)
Now the Transfer Function H (z) of the filter is given by z- transform of h (n).
N-1
H(o)= Zfﬂ:n -
()
The magnitude responseH (e ) is given by A( @ ),where
N-1
-1
— n)cos(@n)
(6)
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The frequency response H (e j“’) is given by,

H(e/*)=H(:z .
e*)=H() |, @

Cascade and Linear Phase Fir Filter

A. Cascade FIR Filter

The transfer function of a FIR system,

X0 : T 9)

The transfer function of FIR system is (N-1)th order polynomial in z. As a alternative to the Direct form [4], this
polynomial can be factorized into first and second order factors and the transfer function H (z) can be expressed as a
product of first and second order factors or sections as shown in equation [5],

It . , AT ,
B = ﬁ =H O B 6 <8 08 x0) =115 ¢
Whers, -
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{ 01 li 2
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H@=h +h - : First order section
i 0 li (10)
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Fig 2 Cascade structure of FIR Filter
The individual second order or first order sections can be realized either in direct form structure or linear phase structure
[6].- The overall system is obtained by cascading the individual sections as shown in fig 2. The number of calculations

and the memory requirement depends on the realization of individual sections [7].

Coefficient VHOL Frquency
Computation Implam entation Rezponse
for Cascade Design for ®  Andlyzing for
FIR. Filter Cascade FIR Cascade FIR
Filter Filter

Fig 3 Block Diagram of Implementation of Cascade FIR Filter

Algorithm:

1. We calculate the coefficients with the help of following formula using MATLAB.
N-1
I S j2MInk
h(n) = ~ H(0)+2 Z Re| H(k)e ¥
k=1

!

2. In VHDL implementation, find the output of first stage as H; (2).

a) Multiply the input with coefficient.
M = X(2) * hy

b) Now add all the multiplicants to find the output of first stage.

3. Similarly in next two stages of cascade structure we repeat the 2" step.
4. Thus we calculate the output of last stage as final output Y (z).
5. Now frequency response generated by using MATLAB.
B. Linear phase FIR Filter
If the impulse response is symmetric about its origin, linear phase results. If all zero filter has a linear phase response, a
special non-recursive structure that reduces the number of multiplications by approximately one half can be
implemented. The impulse response for a casual filter begins at zero and ends at N-1 [8].
A. linear phase FIR filter of length N is characterized by
h(n) =h(N -1 -n)
The symmetry property of a linear phase FIR filter is used to reduce the multipliers required in these realization [9].

Using this condition, the z-transform of the impulse response can be expressed as:

h(n) = h(N =1-n) (11)

The symmetry property of a linear phase FIR filter is used to reduce the multipliers required in these realization [9].
Using this condition, the z-transform of the impulse response can be expressed as:
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N-1
H(z) = Z[h(n)]=> h(n)z™
n={

(12)
For N even
N,
H(z)= > h{n)[z_” 4z W }
n=( (13)
The output transform
Flz)= HE)X() = O+ @)+ |7+
] Ny X
X2+ +Fr{*?—1] 22 4z X(2)
- (14)
Here N/2 multipliers are required [10].
Xz PR o oF —y
M =l M i - J\ ¥ =l
_|z’:\:| _:../':\ _|/__| _|- @ ] _,": .
; ¥ i T v
— i =% i & -—=£ 5 £
ey |_{lr\__'| '_ 1
T' L] v, kil Y. h{2) v 7 - V. H[T -]]|
% . X o £ W
) i) ol B o
Fig 4 Linear phase structure of FIR Filter when N is even
For N odd,
N-3
-1 42 .
H(z)=h(~—)z T + Y hn)|z™ +274]
= n=0 (15)
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N +1

Here ( ) multipliers are required [11].
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Fig 5 Linear phase structure of FIR Filter when N is odd
The linear phase FIR system recognition require approximately only half the number of multipliers than direct form and
cascade form realizations [12]. The samples obtained by sampling ideal frequency response are DFT coefficients. The

complex DFT coefficients obtain by sampling frequency response always exist as conjugate pairs [13].
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Fig 6 Block Diagram of Implementation of Linear Phase FIR Filter

Algorithm:
We calculate the coefficients with  the
using MATLAB.
N-1
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2. In VHDL implementation, find the output Y (z) of proposed design of linear phase FIR filter .

a) We separate the inputs into 1 stage and 2" stage.

b) Now add the first input of first stage with last input of second stage and then increase the input of first
stage and decrease the input of second stage. L = Q1 + Qqp

¢) Now multiply the result of above addition with coefficients.
d) Now add all the multiplicands to find the output.
3. Now frequency response generated by using MATLAB.

Result

Area(no. of LUT)

100 -
80
60 V
40 ® Area(no. of LUT)
20 /
-
] T T
Basic FIR Cascade Linear
FIR phase
FIR
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Fig. 10: Graphical Comparison of Delay*Power
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Name of Area Speed Power Delay
filter (no. of | delay(ns) {(mW) power
LUT) product
(ns-mWwW)
Basic 3 1.558 0.662 1.031
FIR
Cascade 68 5.898 0.872 5.143
FIR
Linear 82 3.259 0.903 2.942
phase
FIR
Table 1 Overall Comparison of Basic FIR, Cascade FIR and Linear Phase FIR Filters Design
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Conclusion

Table 1 shows the Overall Comparison of Basic FIR, Cascade FIR and Linear Phase FIR Filters Design. It is clear that

there is a decrease in circuitry, power consumption of Cascade FIR as compared to the Linear Phase FIR design But an

increase in time consumption of Cascade FIR as compared to the Linear Phase FIR design. The overall product of delay

(ns) and power (mW) of Linear Phase Fitler is reduced by 42.79% as compared to Cascade Filter, which shows the

improvement in Linear Phase FIR Filter Design results.
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