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Introducao

Short-time
Spectra
Analysis

Frequency

Transformation

Synthesis

.

Esquema geral dos efeitos digitais baseados na representacio
tempo-frequéncia:

1. Anadlise: x(n) <> X(k).

2. Transformacdo: X(k) = f(X(k)).

3. Ressintese: X(n) < X(k).



Introducao

Phase Vocoder:
1. Analise:

» Janela deslizante de
tamanho finito.

» FFTs consecutivas do
sinal x(n).

» Espectro variante no
tempo: X(n, k) =
|X(n, k)|e'#(nh),
k=0,1,...N—1.

2. Transformacao:
modificacGes em
X (n. k)| e @(n, k).

3. Ressintese: IFFT, soma
de sendides, overlap-add,
etc.
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Short-Time Fourier Transform (STFT)

Se x(n) € C” é um sinal e h(n) € C% uma janela centrada em
n=20, a STFT é definida por:

o0

X(n k)= Y x(m)h(n— m)Wg*

m=—0o0

= Xg(n, k) + iX;(n, k) = |X(n, k)| - e"#("h),

com Wy = e~ 27/N,



Janela de andlise deslizante e STFT
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Modelo de soma de banco de filtros
Analise

Definimos, para k =0,..., N — 1:

hi(n) = h(n) Wy "™

. . ‘ 2
Hi(e™) = H(e'@ ), wy = ==k,
N
Assim, obtemos N sinais passa-banda:
ye(n) = X(n, k)= > x(m)h(n—m) =
- i x(mYh(n — myWy("=mk(21)
" .
o [e'e]
= Wy™ > x(m)h(n— m)Wi* =
m=—o0

= Wy™X(n, k). (2.2)



Modelo de soma de banco de filtros

Sintese



Modelo de soma de banco de filtros

x(n)

x(n)

x(n)

yk(n)
- ¥
o X(n,k X(n,k)

Baseband | Bandpass

—nk
117

v Wiv
(5» X(n,k) »Q—
)

P h(n) Wy~

X(n,

yk(n)

X(n,k)
Bandpass

Bandpass Baseband

Frequency index

o=

w

X(8,k)

0000000000 O0OO0O|]
o
o
0000000000 O0O0O0O|]
©000000000O0OO0O|]

0000000000 O0OO O[]

9
o
)
o
)
)
o
)
o
)
o
o
)
o
o

0000000000 O0OO0O|]
©000000000O0O0O0O|]
0000000000 O0OO0O|]
©0000000000O0O0O|9

/
o
ol
o
o
o
o
o
o
o
o
o
o
o
o
o
S

Wn-1(n)

N
3

8

Time index

Xic Xy

0 @k

Baseband Bandpass

3



Modelo de soma de banco de filtros

Simetria em sinais reais (1/2)

Se x(n) € R, vale:
yi(n) = X(n, k) = X*(n, N — k) = yj_(n),
e podemos definir:
9k = X(n, k) + X(n, N — k) = X(n, k) + X*(n, k)
= [X(n, k)| - [eisﬁ(n,k) i e—i¢(n7k)} —
= 2|X(n, k)| - cos (&(n, k)),

N
para k=1,...,5 — 1.



Modelo de soma de banco de filtros

Simetria em sinais reais (2/2)

O que leva as seguintes equacdes de andlise:

Yo(n) = yo(n), k=0
Vk(n) = 2|X(n, k)| cos (wxkn + ¢(n, k)), k=1, .,g -1
N

A equacdo de sintese fica:
N/2

y(n) =7 9k(n).
k=0
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Modelo de analise/sintese bloco-a-bloco

Anilise

Se o tamanho do salto de anélise é R,, a analise do s—ésimo bloco

é dada por:
X(sRa,k) = D x(m)h(sRs — m)Wg*
o [e'e]
= WiRk S x(m)h(sR, — m) Wy, ek
m=—o0

= Wik . X(sR., k)
= Xg(sRa, k) 4 iX;(sRa, k) = | X (sRa, k)| - e#(sRa:k)

comk=0,1,....N—1.



Modelo de analise/sintese bloco-a-bloco

Sintese

Se Y(sRs, k) é o espectro modificado (sendo que Rs é o tamanho
do salto de sintese), a sintese do s—ésimo bloco é dada por:

o0

y(n)= Y f(n—sRs)ys(n—sRs),
sendo que ys é dado por:
=
yo(n) = % | Wa kY (sRe, k)| Wiy™
k=0

com k=0,1,...,N—1.



Modelo de analise/sintese bloco-a-bloco
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Representacdes de amplitude e fase
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Implementac3o: banco de filtros - soma de sendides

A anélise pode ser vista como fruto de uma convolug¢3o:

X(n,K) = [x(n) - 7] « h(n) = |X(n, k)|
= XR(nv k) + in(”a k)a

com:

Xin(n, k) = X (n, k)| cos(e(n, K))
Xi(n, k) = |X(n, k)|sin(e(n, k)).



Implementac3o: banco de filtros - soma de sendides

Bank of
oscillators
Analysis Magnitude Synthesis yo(n)
0 and phase 0
——— | processing |—————»
Analysis Magnitude Synthesis 4 (n)
- 1 and phase 1
——— | processing »
x(n) y(n)
o—e
[X(n.k)l [Y(n.k)l
| ———» Magnitude |——> ! Yi(n)
Analysis agnitu Synthesis K
Pt and phase wy(nyk) P
processing f———»
Baseband Baseband
Analysis Magnitude Synthesis yN’1(n)
> NoA and phase N—t
———»| processing ——p
Synthesis:
Oscillator with variable
Analysis magnitude and phase
nk -nk .
Wy = e—j{uk" Wy = e/mk"
[X(nK) ——|y(n,k)| |
x(n) Magnitude Magnitude Real + Yi(n)
— h(n) p%ase l @x(n,K) | andphase |¢,(n,k) Imag. X) —
X(n,k) |_processing | Part | ¥(n,k) Vink)
Baseband Bandpass




Implementac3o: banco de filtros - soma de sendides

Frequéncia instantanea

A frequéncia instantanea é dada pela derivada da fase na saida do
filtro passa-banda:

27 d .
wi(na k) = ?sf;(mk) = %‘P(”»k)

= 9 (en + o(n. )

d
= — k
e+ Lotn k)
= wk + 90(”, k) - (,0([1 - 15 k)

O que da:

fi(n, k) = (II:/ L) _2‘*;(” — k)> fs.



Implementac3o: banco de filtros - soma de sendides
Sintese
Calculo da fase a partir de uma frequéncia instantanea modificada:

nT
&(n, k) = @(0, k) + / 2nfi(r, k)dT
0
O sinal de saida é dado por:

Y (n, k) = |Y(n, k)|e/®y(mk) . giwin
= Y(n, k)e™x"

E a ressintese é a soma dos sinais passa-banda modificados:

N—1 N—1

y(n) = Y(n, k) = Y(n, k) - e'xn
k=0 k=0
N/2

=Y A(n, k)cos[wkn+ @y(n, k)]
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Implementacdo: FFT - IFFT
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Implementacdo: FFT - IFFT
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Implementacgao . FFT - IFFT

A

u i
\ !
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Implementacdo: FFT - soma de sendides
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Implementacdo: Gaborets

A sintese é dada por:

co N-1

= ) > Y(sRs, k)f(

s=—00 k=0

R )WNnk



Implementacdo: Gaborets

f st f
A
x W Kernel
t t
Arbitrary image - - -— Signal - - -+ Time-frequency
representation
Gaboret
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Implementacdo: Gaborets
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Implementacao: phase unwrapping

A n—ésima fase do k—ésimo sinal de saida do banco de filtros é:

2r
Qp(na k) = QO(I’I, k) + N n
~—
Wk
y = princarg[x]
10 »
. L
;
g o
H
-10 L7
-5 .
-5 -10 0 5 10
Xinrad —
1| function phase = princarg(phase_in)

2 phase = mod(phase_in+pi, -2*pi) + pi

princarg.m



Implementacao: phase unwrapping

@(n)
p Pt((s+1)Ry)
8 -y princarg[#((s+1)R,) - #t((s+1)R,)
s } ?\(pu((s+1) ) =27m+ F((s+1)Ry)
_ 7 Ap((s+1)RI)| |
3 W(S'qva?‘,' | 0 Measured phase
- I B Target phase
! 1)R
T (P‘ﬂ((s"') ) ® Unwrapped phase
1
n
"R, (s+1)R,

'l

Diferenca de fase desenrolada:
Ap((s + 1)R,) = wiRs + princarg($((s + 1)Ra) — G(sRs) — wkRa)
E a frequéncia instantanea para o indice k no instante (s + 1)R,:

1 86((s+DRs)

fil(s+1)R,) = o= R,



Efeitos, operacdes e atributos perceptuais

Semantic higher, slower,
Descriptors lower faster

Perceptual " "
Attribute Pitch = Time =

Timbre &
Sound Quality

ettect Name  ((Pitch-Shitting ) ((Time-Scaling ) ((Robotization ) (Mutation ) (Whisperization ) (Denoising Stableftransient

Applied |1) time-scale No[n]/N4[n] Raln] = Rgln]

Processing|2) resample N;[n)/Ny[n] 1) Rsn] = Foamp / Fo(n) o(n,k) = rand(), or||Y(n,K) =
2) o(n,k) = 0 at bin center |X(Yn 0l = rand’() ’,(X') )
3) 0-pad between 2 grains| i
Y(n.k) = (X (n. kL IXy(mK)D)
- 9(01(nk).0(n,K))
Control oty Ny [T, Noln]] [modify Ry[n], Rgln]| [modify o(n,k) only] [modify both |X(n.k) and o(nk)] [modify [X(n.)] only]
Processing Time-Frequency
Domain Domain
Digital
Implementation

Technique
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Filtros em tempo-frequéncia

h(n) = e*"sin(2nfn) < H(k) = FFT(h(n))

Impulse response of the FIR

h(n)
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Magnitude spectrum of the FIR
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Filtros em tempo-frequéncia

(o] —
(] —m

Circular convolution

Convolucao rapida:
1.

Calcule Y(k)
y(n) =

= N

1

Time aliasing

x(n)
h(n)

Fast convolution

Preencha os sinais x(n) e h(n) com zeros até o tamanho 2N.
Calcule X (k) e H(k), as FFTs de 2N pontos dos dois sinais.
= X(k)H(k) para k =0,...
IFFT(Y (k)).

2N — 1.



Filtros em tempo-frequéncia

WNOUAWN

%——— user data

s-FIR = 1280; % length of the fir [samples]

s_win = 2xs_FIR; % window size [samples] for zero padding
% ...

%——— initialize calculation of fir

X = (1:s_FIR);

fr = 1000/FS;

alpha = —0.002;

fir = (exp(alphaxx).xsin(2xpixfrxx))’; % FIR coeffs
fir2 = [fir; zeros(s-win—s_FIR ,1)];

fcorr = fft(fir2);

% ...

while pin<pend
grain = [DAFx.in(pin+1:pin+s_FIR); vec_pad];
%

ft
grain

fft(grain) .x fcorr;
(real (ifft(ft)));

%

DAFx_out(pin+1l:pints_win) = ...
DAFx_out(pin+1l:pints_win) + grain;
pin = pin + s_FIR;
end

VX filter.m Overlap

+ add

xa(n) | () | xaln) [ xgn) | -eee

X1(n)'h(n)

x4(n)*h(n)

y(n)

|
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Dispersao

Ideia: Atrasar componentes do sinal através de um filtro cuja
resposta em frequéncia imp&e atrasos que dependem da frequéncia.

Exponential

VvV VVVVL f
@ (b)

300;
(1:n)/n;
50;

1

2

3 ;

4 4000;

5% ——— linear chirp
6| freq = 2xpi * (fO4+(f1—f0)xx) / 44100;
7

8

9

0

1

%——— exponential chirp
f1/f0;

(2% pi*f0/44100) * (rap."x);
%——— filter coefficients
fir = (sin(cumsum(freq)))’;

Computando um trinado.
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Robotizacdo
Ideia: aplicar uma altura fixa através do anulamento das fases.

Spectrogram Robotization — Spectrogram
100

80

60

k—

40

20

100 200 300 400 500

Phasogram

100

80

60

k—

40

20

1 f = fft(grain);
2 r = abs(f);
3 grain = fftshift(real(ifft(r))).*xw2;

VX filter.m
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Murmurizacao

Ideia: Adicionar uma fase aleatéria a cada coeficiente obtido
através da FFT.

Spectrogram Whisperization — Spectrogram
100 100 —
80
60
T T
x x~
40
20
100 200 300 400 500 200 300
Phasogram Whisperization — Phasogram
TR ”
0 80
, 60
x
40
20
100 200 300 200 300 400 500
n— n—
1 f = fft(fftshift(grain));
2 r = abs(f);
3 phi = 2xpixrand(s_win , 1);
4 ft = (r.x exp(ixphi));
5 grain = fftshift(real (ifft(ft))).*w2;

VX filter.m
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Compressdo/expansdo temporal

Ideia: mudar a escala temporal sem alterar o contelido espectral.

k (bins)
Ag(k) AY(k) = (Rs/Ra)Aw (K)
PSR K| P+ RLK) T(sRok)  |[F((s+1)Rek)
R, Rs

n (samples) n (samples)



Compressdo/expansdo temporal

1 %

2 fc = fft(fftshift(grain));

3 foo= fc(l:11);

4 r = abs(f);

5 phi = angle(f);

6 %——— calculate phase increment per block

7 delta_phi = omega + princarg(phi—phi0—omega);

8 %——— calculate phase & mag increments per sample

9 delta.r = (r—r0) / n2; % for synthesis

10 delta_psi = delta_phi / nl; % derived from analysis

11 %——— computing output samples for current block

12 for k=1:n2

13 r0 = r0 + delta.r;

14 psi = psi + delta_psi; Qe

15 res(k) = r0'scos(psi); | T

16 end A(sRg,k) TA((S+1)F{S,k)

17 %——— values for processing next block

18 phi0 = phi; T

19 r0 =r; T

20 psi = princarg(psi); -

21 % ~ ~
T ¥ (SRgk) ¥ ((s+1)Rg,k)

VX_tstretch_bank.m

U U n (samples)
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Alterac3o de altura

Ideia: mudar a altura musical do sinal sem alterar a escala

temporal.
X k (bins)
\ Agp(k) Ay(k) = transpo-Ag(k)
§(sRak) [7((s+1)RLK) T(sRkK) [F(s+1)RLA)
Ha Rs= Ra

n (samples) n (samples)
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Separacdo de componentes estdveis e transitdrios

Ideia: Identificacdo de componentes “estaveis em frequéncia” e

eliminacdo de componentes “transitérios”.

B
Target phase

E

%

1%

2 f = fft(fftshift(grain));

3 theta = angle(f);

4 dev = princarg(theta — 2xthetal + theta2);
5% plot(dev);drawnow;

6 %—— set to 0 magnitude values below 'test’' threshold
7 ft = f.x(abs(dev) < vtest);

8 grain = fftshift(real (ifft(ft))).*w2;

9 theta2 = thetal;

10 thetal = theta;

11| %

VX_stable.m.
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Mutacdo entre dois sons

Ideia: gerar uma representacdo arbitraria em tempo frequéncia a
partir de dois sinais originais e construir um sinal a partir dela.

Magnitude 1
Sound 1
e
[ wagniuae 2 || Prase |7
Sound 2
ez |

Phase 2
1| %
2 f1 = fft(fftshift(grainl));
3 rl = abs(fl);
4 thetal = angle(f1);
5 f2 = fft(fftshift(grain2));
6 r2 = abs(f2);
7 theta2 = angle(f2);
8 %——— the next two lines can be changed according to the effect
9 r =rl;
10 theta = theta2;
11 ft = (r.* exp(ixtheta));
12 grain = fftshift(real (ifft(ft))).*w2;
13| %

VX_mutation.m
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Denoising

Ideia: atenuar “ruido” no dominio da frequéncia.

Xq(n, k) = f(X(n, k))

2
X
f(x) =
X+ c
f(x) = x2/(x+c) f(x) = x/(x+c)
0 T 0 T
20} i
w0l | —10t
T T
g -eof 18
R | 2=r
x =
= 100} 1 = 0l
-120 E
,1 40 1 ! ! 740 1 ! !
-80 -60 —-40 -20 0 -80 -60 -40 -20

xindB — xindB —



Denoising

Original spectrum Denoised spectrum
-20 -20
-30 -30
T T
o 40 o 40
{=4 {=4
g -50 g -50
2 2
% —-60 % —-60
= 0 = 0
-80 -80
0 2000 4000 6000 8000 0 2000 4000 6000 8000
finHz — fin Hz —
1| while pin<pend
2 grain = DAFx_in(pin+1:pints_win) .x wl;
3| %
4 f = fft(grain);
5 r = abs(f)/hs_win;
6 ft = f.xr./ (r+coef);
7 grain = (real (ifft(ft))) .* w2;
8| %
9 DAFx_out(pout+1:poutts_win) =
10 DAFx_out(pout+1:pout+s_win) + graln;
11 pin = pin + nl;
12 pout = pout + n2;
13| end

VX_denoise.m
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Panoramica espectral

Ideia: separacido de componentes espectrais em canais diferentes.

A lei de Blumlein:

. gL(nvk)_gR(”7k) .
O(n, k) = ©
SO0 = o (n, k) + grln, k) " O

Se © = 45°, o espectro de saida de cada canal é dado por:
2
Xi(n, k) = \g(cos@(n, k) + sin©(n, k)) - X(n, k)

Xr(n, k) = \f(cos O©(n, k) —sin©(n, k)) - X(n, k)



Panoramica espectral

2000

S

4000

pectral panoramization

6000

8000
10000 12000
fIlHz —

%

0N A WN

©

%

el el
W N = O

%—— compute left and right spectrum with Blumlein law at 45 degrees

DAFx_out(pout+1:pout+s_win,1) + grainlL;
DAFx_out(pout+1:pout+s_win,2) + grainR;

grain = DAFx.in(pin+1l:pints_win) .x wl;

f = fft(grain);

ftL = coef x f .x (cos(theta) + sin(theta));
ftR = coef x f .x (cos(theta) — sin(theta));
grainL = (real (ifft(ftL))).*xw2;

grainR = (real (ifft(ftR))).»xw2;
DAFx_out(pout+1:poutt+s_win 1) =
DAFx_out(pout+1:pout+s_win ,2) =

pin = pin + nl;

pout = pout + n2;

VX_specpan.m




Fim! 0.O
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