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Amoyopevetalr - avtiypagn, omodnkevon kot Ovoun g mopovcog
gpyaciag, €& OAOKANPOL 1 TUNUOTOC OVTNAG, YL EUTOPIKO GKOTO.
Emtpéneton m avardnmwon, amobnkevon kot Savopr] yuo OKOmO pn
KEPOOGKOTIKO, EKTALOEVTIKNG 1 EPELVNTIKNG PVONG, VIO TNV TPovTHOEST
VO OVOQEPETAL 1| TTNYT TPOEAEVOTG KOl VO O10TPEITOL TO POV UVULLOL.
Epotpato mov agopodv tn ypnomn e epyaciog yio KepOOGKOTIKO 6KOTH
TPENEL VO, AmeLOVVOVTOL TTPOG TOVS GVYYPUPEIC.

Ot andyelg KoL T0 GUUTEPACLOTO TOV TEPLEXOVTOL GE OTO TO EYYPOPO
ekppdlovv TOVG oLvYYpoaelg kou Oev mpEmel v gpunvevdel  OTL
AVTITPOGMOTEVOLV TIG emionues B€oeig tov Teyvoroyukov Exmaidevuticond
[opOpatog Iepoud .



Iepiinyn

H mopovoa mruylokn epyoacio £xel wg otd0 TV AvATTLEN EVOC GLGTNUOTOS YNPLOKNG
ene&epyaciog GNUaTOG YOV Yo TN dnpovpyia akovotikdv epé (Audio effect) pe ypron
npoypappatiiopevov  dwrtdEewv  moAdv  (FPGAS). To obotmuo  dwyepileton
LLOVOKOVOAKO NYNTIKO GNHOL Kol UTOPEL v EQAPUOCEL 6 VT, OVOAOY LE TNV ETIAOYY
TOL ¥pNoTn, pia mowdia epé, dnwg mopapdpemon (distortion), nyd (echo), yopwdio
(chorus) KA aALG Kot SLOPOPETIKA YNOLOKA GIATPO TEXEPACUEVNC KPOVGTIKNG ATOKPIONG
(FIR).

OAot ot aAydpiBpotr viomolovvtal o€ mpayuatikd ypovo (real-time) pe oplOuntikn
otafepng vrodiactolng (fixed point) pe axpifeia 16 dvadikdv yneiov Kot 1 cvyvoTTU
derypotoAnyiag Tov onpartog givor 44100 Hz. To cvotpa vAoromOnke 610 avorTLEINKO
ovotnpa DE1 g TERASIC, to omoio dwabéter éva FPGA CYCLON Il g ALTERA kot
0 o106 AC, 1 e€opoimon Kat 1) VAOTOINGT] TOL GLGTHLLATOG £YVE LE YPTION TS YADGGOG
neptypaens vAkov VHDL oto mepiBdrirov QUARTUS Il. H emioyn tov avomrtvéiokon
DEL1 éywe yati extog and to FPGA dtafétet kot oAokAnpopévo chotnpa £16600v/e£050V
avaAOYIKOD GNUATOG, TO Omoio TEPAOUPAVEL KOTAAANAO K®OWKOTONTI] OKOVGTIKOV
ofuotog (audio codec) ywo TV UETATPOTN TOL OVOAOYIKOD GNUOTOS GE YNOLOKO Kot
avTioTPOQaL.

Ot petpnoelg mov €ywvav pe ypnon tov Aoyiopkov Praxis smiPefaimcav v opdn
Aertovpyio. TOL CLOTNUOTOG KOl £OEEAV IKOVOTONTIKY] COUMTOOTN HE TS OempnTikég

OTOKPIGELS TOV AVTICTOY®V 0AYOPIOU®V Kol TV YyNeoK®V GIATPOV TOv GYEOAoTNKOY
oto MATLAB.

Aé€e1c — KAhg101d

AKOVOTIKT, YOG, MYNTIKA @&, ynolokn eneéepyacio onuotoc (DSP), ynoeakd eidtpa.



Abstract

This project aims at developing a digital audio signal processing system for the creation of
audio effects using programmable gate arrays (FPGAS). The system manages a single
channel audio signal and can apply to it, depending on the user's choice, a variety of effects
such as distortion, echo, chorus, etc., as well as different digital finite impulse response
filters (FIR ).

All algorithms are implemented in real-time in a fixed point numeric with a 16 bits
accuracy and the sampling frequency of the signal is 44100Hz. The system was
implemented in the TERASIC development system DE1, which contains an ALTERA
CYCLON 1l FPGA and the design, simulation and implementation of the system were
realised using the VHDL description language in the QUARTUS Il environment. The
development system DE1 was chosen because, besides the FPGA, it also possesses an
integrated analogue input / output system, which includes an appropriate audio codec for

converting the analog signal to digital and vice versa.

The measurements made using the Praxis software, confirmed the correct operation of the
system and indicated a satisfactory match with the theoretical responses of the

corresponding algorithms and digital filters designed in MATLAB.
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