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Abstract-The paper introduces structure characteristics and 

the basic principles of the finite impulse response (FIR) digital 
filter, and gives an efficient FIR filter design based on FPGA. 
Use MATLAB FDATool to determine filter coefficients, and 
designed a 16-order constant coefficient FIR filter by VHDL 

language, take use of QuartuslI to simulate filters, the results 
meet performance requirements. 
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I. INTRODUCTION 

As the word indicates, a filter separates a desired signal 
from unwanted disturbances. For example, when we want to 
remove a disturbance such as noise from an audio signal, we 
design an appropriate filter that passes only the desires signal. 
But only in a few cases can we remove the disturbance 
completely and recover the desired signal; most of the time 
we have to settler for a compromise, most of the disturbance 
is rejected, most of the signal is recovered. The first 
candidate in filter is a linear filter. The main reason for this 
choice is that we have a good understanding of how a linear 
system operates. It is only when a linear design fails or it 
yields unsatisfactory results that we look for other solutions, 
such as nonlinear or, adaptive techniques, for example. 

Digital filters include infinite impulse response (UR) 
digital filter and finite impulse response (FIR) digital filter. 
As the FIR system have a lot of good features, such as only 
zeros, the system stability, operation speed quickly, linear 
phase characteristics and design flexibility, so that FIR has 
been widely used in the digital audio, image processing, data 
transmission, biomedical and other areas. FIR filter has a 
variety of ways to achieve, with the processing of modem 
electronic technology, taking use of field programmable gate 
array FPGA for digital signal processing technology has 
made rapid development, FPGA with high integration, high 
speed and reliability advantages, FIR filter implementation 
using FPGA is becoming a trend. This paper studies used 
FPGA to achieve a 16-order FIR filter design method. 

II. BASIC PRINCIPLE AND STRUCTURE OF FIR FILTER 
Set the unit impulse response h (n) of finite unit impulse 

response filter as the sequence of length N, the transfer 
function usually has the following form: 

N-I 
H(z) =:: L h(n)z-n (1) 

n=O 
Differential equation can be described as 

Yujun Bao 
School of Electronic Information & Electric Engineering 

Changzhou Institute of Technology, CZU 
Chanzhou, China 

N-I 
yen) =:: L h(i)x(n - i) 

i=O 
(2) 

As can be seen from the differential equations, FIR filter 
order is N-I, length is N. System output depends on a 
function of the input, and has no direct relationship with the 
past output, it does not contain feedback branch. The direct
type structure is shown in Fig. 1 [1]. 
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Figure I. Direct-type structure of FIR filter 

If the FIR digital filter unit pulse response h (n) is real 
numbers, h (n) satisfies the even symmetry or odd symmetry, 
that is, 

hen)=:: {h(N-l-n) 0:0:: n:O::N-l,Evensymmetry (3) 
-heN -l-n) 0:0:: n:O:: N -l,Odd symmetry 

The filter has linear phase characteristics. 
When N is even , --1 

H(z) = �>(n)[z-" ±Z-"-1-"1) 
n=() 

When N is odd 

(4) 

H(z) = N£ 1h(n)[z_" ±z-"-l-"')+h(N-I )z-';l (5) 
"_0 2 

In (4) and (5), "+" indicates the even symmetry; "_" 

indicates the odd symmetry. The network structure is shown 
in Fig. 2 and Fig. 3 [I]. 
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Figure 2. Linear phase structure when N is even 
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Figure 3. Linear phase structure when N is odd 
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III. FIR FILTER DESIGN 
If design a 16-order FIR low-pass filter, the filter 

specifications: sampling frequency fs = 10MHz, cut-off 
frequency fc = 1. SMHz. 

A. Filter Coefficients 
FIR filter coefficients can be got from the method of 

window function, the basic idea of window function is to 
have the narrowest main lobe width and side lobes as small 
as possible, so use Hamming window for the filter design. 
Use Matlab special toolbox FDATool to simulate and design 
filter [2], the filter amplitude-frequency characteristics meet 
the requirements, Fig. 4 is magnitude response curve that 
accords with above-mentioned indicators require of filter. 
The filter coefficients are exported to a text file, 16-order 
impulse response coefficients of FIR filters as follows: 

h(O) = h(1S) = 0.0024, 

h(1) = h(14) = -0.0009, 

h(2) = h(13) = -0.0120, 

h(3) = h(12) = -0.02S1, 

h( 4) = h(11) = -0.0084, 

h(S) = h(1 0) = 0.0693, 

h(6) = h(9) = 0.1912, 

h(7) = h(8) = 0.2861 

Magnitude Response in dB 
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Figure 4. Magnitude response 

B. Coefficient quantizations 

4.5 

Matlab simulated pulse-type filter coefficients are 
floating point, it is generally believed that the realization of 
fixed points is with high speed and low costs, floating-point 
is with a higher dynamic range and without the need for 
conversion, but generally the simulation does not support 
floating point, so must change the impulse response 
coefficients into binary numbers. The first method, expand 
the coefficients i2 times, and then converted to binary forms 
[3]. Above 16 order response coefficients are transformed as 
follows: 

h(O) = h(IS) = (9)10 = (1001)2' 

h(1) = h(14) = -(3)10 = -(11)" 

h( 2) = h(13) = -(49)]0 = -(110001) 2' 

h(3) = h(12) = -(102)]0 = -(11 00 11 0), , 

h(4) =h(11) = -(34)]0 =-(100010)" 

h(S) = h(10) = ( 283)10 = (100011011)" 

h(6) = h(9) = (783)10 = (11 00001111)2' 

h(7)=h(8)=(1171)10 =(10010010011), 

C. Achieve filter with VHDL language 
VHDL has strong abstract description ability to support 

hardware design, verification, synthesis and testing. VHDL 
can describe the same logic function in multiple levels, such 
as it can describe the structure of the circuit composition in 
the register level and describe the function and performance 
of the circuit in the behavior level. 16-order FIR digital filter 
VHDL source code is as follows: 

PACKAGE bit define IS 
SUBTYPE BYTE IS INTEGER RANGE -32768 TO 

32767; 
TYPE ARRAY_BYTE IS ARRAY (0 TO IS) OF BYTE; 
END bit_define; 

LIBRARY WORK; 
USE WORK.bit_define.ALL; 

LIBRARY IEEE; 
USE IEEE.STD_LOGIC_1164.ALL; 
USE IEEE.STD_LOGIC_ARITH.ALL; 
ENTITY fir16 IS 

PORT (elk : IN STD_LOGIC; 
x :  IN BYTE; 
y :  OUT BYTE); 

END firl6; 
ARCHITECTURE behave OF fir16 IS 
SIGNAL tap : ARRAY_BYTE; 
BEGIN 
PROCESS 
BEGIN 
WAIT UNTIL elk = '1 ' ;  Y < =  8*tap (0) + tap (0)+ 
8*tap (1S) + tap (1S) -
2*tap (1) - tap (1) -
2*tap (14) - tap (14)-
32* tap (2) - 16* tap (2) - tap (2) -
32* tap (l3) - 16* tap (13) - tap (13) -
64*tap (3) -32* tap (3) - 4* tap (3) -2* tap (3)-
64*tap (12) -32* tap (12) - 4* tap (12) -2* tap (12)-
32* tap (4) - 2* tap (4)-
32* tap (11) - 2* tap (11) + 
2S6* tap (S) + 16* tap (S) +8* tap (S) + 2*tap (S) + tap (S) 
+2S6* tap (10) + 16* tap (10) +8* tap (10) + 2*tap (10) + 
tap (10) + 
S12* tap (6) + 2S6* tap (6) +8* tap (6) +4* tap (6) + 2* 
tap (6) + tap (6) + 
S12* tap (9) + 2S6* tap (9) +8* tap (9) +4* tap (9) + 2* 
tap (9) + tap (9) + 
1024* tap (7) + 128* tap (7) + 16*tap (7) +2* tap (7) + 
tap (7) + 
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1024* tap ( 8) + 128* tap (8) + 16*tap (8) +2* tap (8) + 
tap (8); 
FOR I IN 15 DOWNTO 1 LOOP 
tap (I) <= tap (I-I); 
END LOOP; 
tap (0) <= x; 
END PROCESS; 
END behave; 
This design describes the direct FIR filter of Fig. I with 

VHDL language and this design can be used in both 
symmetry and asymmetry filter. 

IV. SIMULATION ANALYSES 

Fig. 5 is simulation waveforms when the impluse input 
value is 10, simulation results are as unsigned number to 
indicate negative number [4,5]. The following is to test that 
the results of y (n) = h (n) * x are correct or not by 
simulation waveform. From Fig. 5 we know y (5) = 2830, 
and actual value y (0) = h (5) * x = 283 * 10 = 2830, the two 
are equal; another example y (1) is as unsigned 65 506 to 
indecate -30 , that is, 65536-30 = 65506; same method can 
verify the other y (n), the simulation results show that the 
design meets the requirements. 

The second method, if expand the coefficients 28 times, 
and then converted to binary forms [3]. 16 order response 
oefficients are transformed as follows: 

h(O) = h(15) == (0.6144)10 == (0.1001)2' 

h(1) == h(14) == -(0.2304)10 == -(0.0011)2' 

h( 2) == h(13) == -(3.0720)10 == -(11.0001)2' 

h(3) == h(12) == -(6.4256)10 == -(110.0110) 2 , 

h( 4) == h(1l) == -(2.1504)10 == -(10.001 D)" 
h(5) == h(1 0) == (17.7408)10 = (10001.1 011)2' 

h(6) = h(9) == (48.9472)10 == (110000.1111)" 

h(7) == h(8) == (73.2416)10 == (1 001 001.0011)2 

Modify the corresponding program, the simulation 
waveform is shown in Fig. 6. Also when the impluse input 
value is 10. From Fig. 6 we know y (5) = 176, and actual 
value y (0) = h (0) * x = 17.7408 * 10 = 177.408, the 
difference is 1.408; the design meets the requirements 
basically. 

Simulation FPGA chip is EPIK30TCI44-3, 
EPIK30TCI44-3 has 144 pins, the maximum input clock 
frequency is 180MHz, with 1728 macro logical elements, 6 
embedded RAM blocks, each block RAM capacity is 4kbit. 
Comparison of two methods occupied by the logical 
elements, the first method is occupied 58%; the second 
method is occupied 71 %. Therefore, it is not the more bits 
the more logical elements occupied. 

� f1£ 16. sci - lavef ora Ed1 tor L;J[gJ 
Ref. 10.Ons 

Name: Value: 

.... elk 0 � x DO DO 
< I 

Ref: 10.Ons 

Name: Value" 

.... elk �x DO DO 
< I 
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Figure 5. Simulation results when the coefficients expand 212 times 

1 � Time ",1 2c:.:1 9",u,,--s __ -----.ll IntelVal: 1 c2cc:19:.:: u=--s __ ---' 
O.Ons 

Figure 6. Simulation results when the coefficients expand 2' times 

V. CONCLUSION 
performance. Then use VHDL language to describe the 
implementation of the filter, simulation results show that the 
FIR filter designed fully complies with design requirements. FIR filters are widely used in digital signal processing, in 

this article simulate and design a FIR filter based on FPGA. 
First, get 16-order FIR filter response coefficients by Matlab 
toolbox FDA Tool, and analyze the feasibility for the filter 
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