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The Adaptive Filter for EEG Artifact Cancellation and the Feedback
Output Control Algorithm on the DSP Board
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Abstract : The adaptive filter is proposed for removing EOG from measured EEG on the frontal lobe.
The proposed adaptive filter has been implemented and the feedback output control algorithm has been
employed to control the alpha wave ratio on the basis of TMS320C31 DSP board with the on-line and
real time performance. The feedback algorithm controls the input voltage of stimulating devices on the
portable bio-feedback system. The EEG data are acquired at the Fp and Fpe localization and are
processed by the proposed adaptive filter. We demonstrated that the proposed adaptive filter could
effectively remove EOG from the measured EEG on the frontal lobe and the feedback algorithm is proper

to control the output voltage of DSP board using the ratio of the alpha wave.
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Fig. 1. Block diagram of the adaptive filter.
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Fig. 2. Flowchart of the adaptive filter algorithm.

II. DSPA&HOIAl el RiotEt HSHES +8 ¢
mew S0l Yuals

A ZHS-We e TMS320C31L DSPAAAH] E
g Agstr] siste] SnUSL ALsgon o
o we m2a@g 3gsdct DSPed B
e BSEE 09 6A 2o 9A4 dsd
AZozryg ZAY HAE= HABF AAFEGL
2ot DSPR.=AY] 12bit A/DEAIY I
. gAY Ase ez WEsHo DSP zold)
JEEn Aotg gy duBel £3¥F o,
1%it D/AMBI|E Fste oz A J3E
gt dae At HEHeld o8l EOGHE
€ AAAND ¢4 EEGHRE Fael TMS320C31
DSPe] 12bit A/DHR7IS] AF 7T 4% EEG
HRAAN FHF BHL B AT G AL
stA Hx 2 %o wek Az, 3, £ AF A0
A 12bit D/AMEIY 23S HFEE 4 B
T} AeAbe Aol DSPEE2XE kA Est AA
d HAE 32T & A& 2 ol Fi9 DSP

- 549 -



ne22g Mss 445 uE LCDE Fd 44
goT HAT £ fov PC2 A4H Hnel F
B4 54 3L S Ao

CH2

=== b}
1| Signal acqusition | Digial ||
I | Oscille
| : o -scope
: Pre-amplifier Analog | ® 0
" Input |
| |
| ]
]
l o4

===

==
I[ 12-bit A/D HAdupdve filter H 12-bit D/A I:
]

! TMS320C31 DSP Board 1 ,

Alpha wave
ratlo calculation H LCD display l
Control
feedback value

OQOutpat to
stimulator

Laptop computer

a9 3. DSPREAMY 48 BEL
Fig. 3. Block diagram of implementation on DSP
board.

C Start D)
¥

The protessed EEG data inputby ADC duringinterrupt
when sample am ounts to 128

T

=

[ Sampled 128 inputs analyze through DFT I

¥

ICalmhu ratio of alpha wave in brain from valuesof th .|

frequency spectrum

¥

Calculated Alpharatie value display to LCD |

¥

[ Frequency analyzed data is transmitted by pc and ]

observed the spectrum by ceal time

Y

Outpur DAC when interrupting l

¥

I Stimulation output voltage contralled by alpha ratio l

[

a9 4 ded 284 Ao gudE
Fig. 4. The control algorithm for the feedback
output voltage.

o3 4= A=y 2AY Ao duE EEE
& BdF3n Ad. oe Ay AZLH £ ¥
z2E5ojals ¢4 Mo dsA Fae] TMS320C31
DSPE o] 83lo discrete fourier transform(DFT)E
Za4 EAS ANSAM HAA HFdqA gnsel
42 A a2z Fa9 DSPaMe 2 At
¥ dnge uE olgste] ALl AAHE A
2 o3y fd 4uRE FUMNE 5+ e W
Fo2 AZE F Bt oy HA=W He 4E 3
AY 2oz AolaA HH, g9ud G4 uie)
sz=wl HEe AQte 2718 DSPE= Qe T2
Yoz Aostqcd.

V. Ay dx

A9e AsRest QAR Vsd A o
A AYHAASA sy WA APe F
Fopugiet.

RS FEUSIY Y VY A

£ i g

‘.

(b) 5 B e St V] 1\_;)”\4’\ ,'WM«,"\ '-"\\4"*")

{c) i i s »»\/;" “~_,\;" NN, ™, ,"\'\;’M“n

L £ g £ £ ) 3 T s

N o

(d) ;-Wﬁ-p“——q‘\M"v"- -

£ £ =1 TR £ S 6 Ep e

Y 5 AANEH AFYAMY AsAR: (a) 4,
(b) Ae¢dy Ady 29, (o) 34LH 3 &9
2 (d) At 2P HFEF

Fig. 5. Signal processing of the frontal lobe at the
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model.
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Fig. 6. The EEG and spectrums on the DSP before
and after real time processing: (a) input, (b) input
spectrum, (c) output, and (d) output spectrum.
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Fig. 7. The feedback value of the output control
algorithm: (a) alpha wave ratio and (b) output
voltage.
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