Linear Phase FIR Filter Implemented on
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» Transfer function of the filter is H(z) =
 Finite Impulse Response (FIR) Filters: M = 0, no feedback
N
 The function of N-order FIR Filter is H(z) = Z h(k)z™*
=0

» The finite impulse response filter input-output relationship
as follows

yln]=x[n]*hn] = 2 xX[k]hln - k]



Introduction
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The structure of N-order FIR Filter
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« Linear-phase FIR filters

1. The ability to have an exactly linear phase response
1s the one of the most important of FIR filters

H(w) = ‘H (W)‘em(w) where @(w) = —wn,

2. A general FIR filter does not have a linear phase

response but this property 1s satisfied when h(n)=h
(N-1-n)



Introduction

» Symmetric impulse response linear phase FIR transfer function
can be written as follows:

When N is odd: H(z)= y hn)z™" = 2Eh[n](z” +27 V) 4 h(g)z'i
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Introduction

» Symmetric impulse response linear phase FIR transfer function

can be written as follows: Nal
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When N is even: H(z)= E Wnlz™" = 2 Hnl(z™" + 2 V™)
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Objective

e The input signal is [99, 0, 0, 0, 70, 0, O,
O, 99, 0, 0, 0, 70, 0, O, O...]

 This project is to use FPGA to design and
implement a 17-Order Linear Phase FIR Filter
which has 8-bit input and 8-bit output,
Fs=44kHz, Fc=10.4kHz.




Implementation

)

* First we use Matlab Simulink to design and calculate the filter
coefficients

— Current Filter Information _Fitter Coefficients
Numerator: A
-0.023£83271368522305 =
i -0.035814778123825552
Structure:  Direct-Form FIR 0.025205336264718343
Order: 16 0.05£5458561737483¢€1
i -0.026338218116276707
Bl R -0.1017445165290334¢
Source:  Designed 0.02703&716306747251
0.31£8418%5457411¢&32 B
0.47272727272727272
0.31£8418%5457411¢&32
0.027036716306747251 7
=N _1N1744C515C2CN323244
( Store Fitter ... )
[ Fitter Manager ... |
__Response Type_—_____ _Filter Order —Frequency Specifications _Magnitude Specifications
® ’Lowpass V‘ (%) Specify order: Units: ’Hz vl
Highpass
8Bandpass O Minimum order Fs: (44000 ||| The attenuation at cutoff
() Bandstop _ Options Fc: 10400 frequencies is fixed at 6 dB
- - [] Scale Passhand
L O |pifferentiator v . | (half the passband gain)
:"@ |_Design Method Windowy: Kaiser %
Y=l OR ’Butterworth v} Beta: =
EE
FIR
@ @ lWindow v ]




Implementation

— Fiter Specifications
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Implementation

* Impulse Response

__Impulse Response
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Implementation

* Magnitude and Phase Response

— Magnitude (dB) and Phase Responses
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Implementation

* Make the FIR coefficients to be integers

Columns 1 through T

—0. 0469 -0.0703 0. 05038 0.1133 —0. 0508 -0. 2031 0. 0547

Columns 8 through 14

0.6328 0.9453 0.6328 0.0547 -0.2031 —0. 05038 0.1133

Columns 15 through 17T

0.0508 -0.0703 -0.0469

>> Hum* (2°8)

ans =

Columns 1 through 13

-12 -18 13 29 -13 -52 14 162 242 162 14 -52 -13

Columns 14 through 17T

29 13 -18 -12




* We get FIR filter parameters are [-12 -18 13 29 -13 -52
14 162 242 14 -52 -13 29 13 -18 -12]

° 171s odd, so we use the diagram (see below) to design.
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Use 4 kinds of modules
(Registers, Adders,
Subtractors, Multipliers)
to design the FIR filter.

According to functions of
the various modules, I use

VHDL to make them work
well.
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Schematic diagram of the FIR filter



Implementation

® The overall circuit diagram




Result and Discussion

Quartus IT Yersion

Revision Name

Top~level Entity Name

Family

Device

Timing Models

Met timing requirements

Total logic elements
Total combinational functions
Dedicated logic registers

Total registers

Total pins

Total wirtual pins

Total memory bits

Embedded Multiplier 9-bit elements

17

9.1 Build 222 10/21/2009 ST Web Edition
fir

fir

Cyclone II
EPZ2CTOFS96CE

Final

Tes

BIT f 68,416 (1 % )
527 /S 68,416 (<1 % )
435 /68,416 (<1 % )
435

18 /6822 (3 %)

0

0/ 1,152,000 (0 % )
0/300 CO%)

S e s ~



- We use the input signal X=[99, 0, 0, 0, 70, 0, 0,

O,

99,

o, 0, 0, 70, 0, O, O, 99, O, O, O, 70, O,

0o, 0, 99, 0, 0, O, 70, 0O, O, O]

Hame

Value

16. 8¢

Din S¢

clear S
clk S

Dout S

) ps 80.ll3 ns IBD.IU ns 24D.IU ns 320'|0 ns 400.I0 ns 480.I0 ns SSU.IU ns 64U.IU ns TZU.IU ns SUO.ID ns 880.ID ns 950.|D nsl

16. 875 ns

-
N C G S G G G G S GO C S S S C S G G 0

LU U U U U U U U U U U U U U U U LU

i ;




The simulation report of the FIR filter

Val t [ ps 80.0 ns 160.0 ns 240.0 ns 320.0 ns 400.0 ns 480.0 ns S60.0 ns 640.0 ns T20.0 ns ‘
ue a 1 1 1 1 1 1 1 1 1
16.88 ns |16.875 ns

@ Din seg@t(o)@)(o)@)(o@o0)?0)(0)@)(0):?0)(0)@)(0)@)(0
9 clear S0

> 10 clk S i igiginigigininigiginininininininigipgigipinininigiginginiginininininininini;
o 11 Dout S0 0 } ey 3 & S48 O 55 D @D DB O < TVE B Y B 6 < TVER B 2 B B

Hame

g
<

7
o

-
-

=
=

-l

Use Matlab to calculate the convolution.

H=[_12a_18313’299_137_52314’162,2423162714}‘529_137297139_18a_12];
X=[99,0,0,0,70,0,0,0,99,0,0,0,70,0,0,0,99,0,0,0,70,0,0,0,99,0,0,0,70,0,0,0];
Y=conv(X,H)/512

Then we will get the theoretical value.



theoretical value Simulation result

yIO] 38.508 37 By comparison, We see

i 24699 24 that the simulation results
y[2] 8.9121 8 .

V3] 1508 " and the theoretical value of
Y4l 24.777 24 the output signal are nearly
yg ;5;; 185 the same. So we get the

y .

¥ea 22,699 24 expected outcome!

y[8] 38.598 37

y[9] 24.699 24

y[10] 8.9121 8

y[11] 15.24 15

y[12] 24777 24

y[13] 15.24 15

y[14] 8.9121 8

y[15] 24.699 24

y[16] 38.508 37

y[17] 24.699 24
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THANK YOU!




