Distortion at large
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f(x) Is called the transfert function
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f(x)=Gx where G Is Gain

f(x)

f(x)=2x

In this case, f(X) Is a linear function
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A saturation / clip occurs...



A saturation is called clipping if it is defined like:

a for TS0
flz) =< & for a<c<b
b for x> b

s0, it is perfectly linear in the range [a, b], and clips (cuts)
the signal if it is out of the range.

Simple clip prediction...
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Simple clip prediction...



Output= Alphal x f (x ),ifx >0
Output= Alpha2 x f (x ),ifx <0

1
x=Input X | ———— |, if Input >0
x = Inpu (-‘\fl’hﬂf ) if Inpu

1 :
x = Input x (W ) if Input <0
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Other clipping
functions...
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smootherstep(z) = Sz (z) = { 62° — 15z* + 102°
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Si(z) = —22% + 322,
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A famous simple « disto »
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f(x) = tanh(X)



More advanced disto :-)

fx) = sin (x)(2Ix-Ix1%)

X
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More advanced disto :-)
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flx] = (12x] — 22 sign(x
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Figure 3: FFT of the clean input signal
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Figure 4: FFT of the distorted Signal
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Tube Vacuum !
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Half-wave Rectification
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But f(x) Is not linear ??7??

flx) = (12x| — x°) sign|x)

Sound unwanted
artefacts occurs !!!



But f(x) Is not linear ?7??

f(x) = (12x] — x*) sign(x)
Sound unwanted artefacts occurs !!!

Due to the fact that we don’t have enough data to process correctly figures (the
buffer is too small, but that's not the only reason).

The non linear function creates VALUES that will be consider as « overflow » by
the computer (I do it simple), the overflow data will be interpreted as « low »
values adding « noize » at low frequency ... We need to increase the buffer size
but also to rearrange the non-linear function to gather together real numbers
and gather in another zone zeros or very low values (which can be consider as
bad noize).



We need to create a buffer with
more DATA
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0 SFs Fs 2Fs JFs 4Fs

The goal of oversampling is to give that purple region (the signal bandwidth)
more room before bumping into f¢/2, thus giving us more headroom to run our
processes before we cross into the mirrored region. For example, oversampling by
a factor of 2 should double f¢, and thereby double f;/2 (image credit again goes
to the EarLevel Engineering blog):
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Oversampling 1s adding spaces and filtering !

1. Insert zeros between input samples
2. Lowpass filter at what is now fy/4

3. Run your nonlinear process
4. Repeat the lowpass filter from step 2
5. First order hold into the output buffer



(a) Aliasing after Applying Symmetrical Nonlinear Distortion

(b) Same Distortion Function after 8x Oversampling
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Output spectrum with aliasing due to distortion (a), and the output spectrum after oversam-
pling (b), low-pass filtering (c), and downsampling (d).



My vision for distortion sounds

1. Use a soft clipping characteristic curve that rounds the corners of the waveform
as it approaches the clipping level.

2. Choose the curve to be at least mildly asymmetrical, which will pro- duce even
and odd harmonics. For example, the top and bottom half- waves in Equation (7.4)
could use a different input gain.

3. Use oversampling to control nonharmonic products from aliasing. If the sound is
still too harsh, consider adding a gentle low-pass filter before or after the
nonlinear function.
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Others distortion schema ..
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BOSS DS-1
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Figure 3.2: Partitioning scheme and block diagram for the Boss DS-1 circuit.



DSP

Ql.l}_\ ——

A/D

Preamp FX

18

J(x)

v8

Linear FX

D/A

v

=|=TT7

D/A

&

r—-
\/



Input

Filterbank

—»| Waveshaper 1 |
—{ Waveshaper 2

—» Waveshaper N |

e

-_—— ——

e e e —————



Y ~ I <
L hj L = b
7 1 Bias

offset _|

-

EQ

-

Tube stage —[>—> con ¥

EQ

e

Tube stage

EQ

Tube stage [{-1>—
o

Tube stage

Preamplifier model

Push-pull power amplifier model



Input —» EQ » f(x) —— EQ|—> Output

—

s

—

Interpolate between pre-stored 5

nonlinear polynomial coefficients 2

Signal =
—> . ¥ I p— S
analysis [ — =
Q

8

o

j=

-

f




My distortion
(well 1n dec.2018)
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Code example :
https://github.com/rstephane/MusicPlugin/tree/master/Tarabia
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Version in march 2022 !
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