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Project Description

The main purpose of this project is
to create a digital audio effect unit
that alters the incoming signal of a
musical instrument via signal
processing

The project is implemented on a
NEXYS-4 Artix-7 FPGA Trainer as
well as utilizing an [2S serial

communication protocol to receive
and transmit audio data
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Experimental Setup

A Used Vivado 2017.2 for development of code

A The output parameters for the design were determined from
the oscilloscope to allow debugging the code if the results
were not as expected.

d A majority of the testing was done by running tests as well as

listening closely to the result to see if the sound released was
the desirable output.



Gain Control

library ieee; gaining: process (saturated, wordin)

use IEEE.std logic 1164.all; begin

use IEEE.numeric_STD.all; if wordin(23) = '0' then
gained <= saturated(22 downto 0)&'1l';
else
gained <= saturated(22 downto 0)&'0';
in std logic; end if;
in std logic; process ining;
i process gaining;
in std logic;
in std logic £ 23 downto 0);
in. std logle vectoc| e ) process (clock, resetn)
out std_logic_vector(23 downto 0));

end gain; E o i 2
if rising edge(clock) then

52 £g g if resetn = '0' then
architecture bhv of gain is
, . 5 = word regged <=
signal input: signed (23 downto 0); n —

signed (23 downto 0); =38
signed (23 downto 0);

signal wo | re std_logic_vector(23 downto 0);

word_regged <= std logic vector(gained);
end if;
begin end if;
end process reg;

input <= signed(wordin);

saturate: process (input)
begin process (enable, resetn, word_regged, input)
if input > x"3FFFFF" then

saturated <= x"3FFFFF";
elsif input < x"C00000" then when '] wordout <= word regged;

saturated <= X"C00000"; hen othe = wordout <= std logic vector (input);

saturated <= input;
end if; en

process saturate; end bhv;




Hard/Soft Clipping




:IE-EI: ‘:il. <:::::j]. . :l[:::’ . ": “:

library IEEE; 28 f (word in(23) = '0') then -- positive valt

use IEEE.std logic 1164.all; 29 if (word in(22 downto 0) > clip_val(22 downto 0)) th
ie d logic word done <= '0'&clip val(22 downto 0);

else

entity hardclipdistortion is word done <= word in;
port( end if;
1 in std logic; else 2o

in std logic; 35 if (not word in(22 downto 0) > clip_val(22 downto 0)) then
in std_logic_vector(23 downto 0); =

36 word_done <= '1'&(not (clip val(22 downto 0)));
out std logic vector (23 downto 0); 2
in std_loglc_vector(23 downto 0) . word_done <= word_in;
); A
— . 9 end
end hardclipdistortion; g
end if;
e . 3 % i 4 end process clipper;
architecture bhv of hardclipdistortion is b
signal clip_val : std logic vector(23 downto 0);
signal = : std_logic_vector(23 downto 0);

signal : std logic vector(23 downto 0); B process (clock, resetn)

signal 1: std logic vector (23 downto 0); 29 begin

begin if rising edge(clock) then
if resetn = '0' then

clip_val <= clipfactor;

word_regged <= (others => '0');

word_in <= wordin; else

word_regged <= word_done;
process (word_in, clip val) end if;
end if;
(word_in(23) = '0') then - positive

= end process reg;
if (word in(22 downto 0)

word_done <= '0'g&clip_val(22 do ) 0);

word done <= word in; wordout <= word regged;

bhv;

& S
end if;




Soft Clip Distortion

IEEE.std logic 1164.all;

use ieee.std logic_arith.all;

.std_logic_signed.all;

istortic

in std logic;
in std logic;
in std logic vector (23
out std logic vector(23

istortion;
softclipdistortion
std_logic vector(23

std_logic_vector (7

std_logic_vector (23

(255 downto 0) std_logic_vector(7 d ) 0);
x"FE", x"FC", x"FA", x"F8", Xx"F6", x"F4", x"F2", x"FO", x"EE", x"EC , ¢ ,X"E2", x"EO0",
x"DE", x"DC DA", x"D8", x"D6", x"D4", x"D2", £ XNCA", X9C <"C 32", x"Co"
x"BE", x"BC", x"BA", x"B8", x"B6", x"B4", x"B2", x"B0", x AC", x"AA", x"A8", x"A6  X"A0",
x"OE", x"9D", x"9B", x"9A", X" 98", x"97", x"95", x"94", x" 92", x"91", x" 90", x"8F", x"8D", x"8C", x"8B", Xx"BA",
x"89", x"88", x"87", x"87", x"86", x"85", x"84", x"84", x"83", x"83", x"82", x"82", x"81 ,x"80", x"80",
x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80 0, x"80"
x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80", x"80" ,x"80", x"80",




wordsgn <= ed(woxrdin) ;

signsgn <= signed(sinewavein) ;
multiplied <= wordsgn*signsgn(:
result <= multiplied (

downto
downto )

reg: process (clock, resetn)
begin
if (rising edge(clock)) then

if resetn = '0' then
word_regged <= (others

else
word regged <= std 1

end if;

end if;

end process reg:;
wordout <= word_regged;

Tremolo

¥

(xresult) ;
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Challenges

[d 8 bit processing on 24 bit audio
d  High frequency noise

A LUT creation

d  Time Varying Filters vs

Modulators vs Non-linear




Demo

https://youtu.be/IMAPpAksYhY



https://youtu.be/lMAPpAksYhY
Michael
Sticky Note
https://www.youtube.com/watch?v=lMAPpAksYhY
This is the original demo video on the powerpoint presentation

https://www.youtube.com/watch?v=oEWNflNBbOk
This is an additional video that wasn’t part of the presentation, but it is showing me playing the unit with an oscilloscope reading real-time. 



