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Figure 7.1 Digital audio effects based on analysis, transformation and synthesis (resynthesis).
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Figure 7.2 Time-frequency processing based on the phase vocoder: analysis, transformation and

synthesis.

Esquema geral dos efeitos digitais baseados na representação
tempo-frequência:

1. Análise: x(n)↔ X (k).

2. Transformação: X̃ (k) = f (X (k)).

3. Resśıntese: x̃(n)↔ X̃ (k).



Introdução

Phase Vocoder:

1. Análise:
I Janela deslizante de

tamanho finito.
I FFTs consecutivas do

sinal x(n).
I Espectro variante no

tempo: X (n, k) =
|X (n, k)|e iϕ(n,k),
k = 0, 1, . . .N − 1.

2. Transformação:
modificações em
|X (n, k)| e ϕ(n, k).

3. Resśıntese: IFFT, soma
de senóides, overlap-add,
etc.
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Figure 7.2 Time-frequency processing based on the phase vocoder: analysis, transformation and

synthesis.



Short-Time Fourier Transform (STFT)

Se x(n) ∈ CZ é um sinal e h(n) ∈ CZ uma janela centrada em
n = 0, a STFT é definida por:

X (n, k) =
∞∑

m=−∞
x(m)h(n −m)W mk

N

= XR(n, k) + iXI (n, k) = |X (n, k)| · e iϕ(n,k),

com WN = e−i2π/N .
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Figure 7.3 Sliding analysis window and short-time Fourier transform.

implementation, which filters the input signal with hk(n) given by (7.4), as shown in the lower

left part of Figure 7.4. This implementation leads directly to the complex-valued bandpass sig-

nals X̃(n, k). If the equivalent baseband signals X(n, k) are necessary, they can be computed by

multiplication with W nk
N . The operations for the modulation by W nk

N yielding X(n, k) and back

modulation by W−nk
N (lower left part of Figure 7.4) are only shown to point out the equivalence

of both implementations.
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Modelo de soma de banco de filtros
Análise

Definimos, para k = 0, . . . ,N − 1:

hk(n) = h(n)W−nk
N

Hk(e iω) = H(e i(ω−ωk )), ωk =
2π

N
k.

Assim, obtemos N sinais passa-banda:

yk(n) = X̃ (n, k) =
∞∑

m=−∞
x(m)hk(n −m) =

=
∞∑

m=−∞
x(m)h(n −m)W

−(n−m)k
N (2.1)

= W−nk
N

∞∑
m=−∞

x(m)h(n −m)W mk
N =

= W−nk
N X (n, k). (2.2)



Modelo de soma de banco de filtros
Śıntese

y(n) =
N−1∑
k=0

yk(n) =
N−1∑
k=0

X̃ (n, k) =
N−1∑
k=0

X (n, k)W−nk
N
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Figure 7.4 Filter bank description of the short-time Fourier transform. Two implementations of

the kth channel are shown in the lower left part. The discrete-time and discrete-frequency plane

is shown in the right part. The marked bandpass signals yk(n) are the horizontal samples X̃(n, k).

The different frequency bands Yk corresponding to each bandpass signal are shown on top of the

filter bank. The frequency bands for the baseband signal X(n, k) and the bandpass signal X̃(n, k)

are shown in the lower right part.

The output sequence y(n) is the sum of the bandpass signals according to

y(n) =

N−1
∑

k=0

yk(n) =

N−1
∑

k=0

X̃(n, k) =

N−1
∑

k=0

X(n, k)W−nk
N . (7.11)

The output signals yk(n) are complex-valued sequences X̃(n, k). For a real-valued input signal

x(n) the bandpass signals satisfy the property yk(n) = X̃(n, k) = X̃∗(n, N − k) = y∗
N−k(n). For a

channel stacking with ωk = 2πk
N

we get the frequency bands shown in the upper part of Figure 7.4.

The property X̃(n, k) = X̃∗(n, N − k), together with the channel stacking can be used for the

formulation of real-valued bandpass signals (real-valued kth channel)

ŷk(n) = X̃(n, k) + X̃(n,N − k) = X̃(n, k) + X̃∗(n, k) (7.12)

= |X(n, k)| ·
[

ej ϕ̃(n,k) + e−j ϕ̃(n,k)
]

(7.13)



Modelo de soma de banco de filtros
Simetria em sinais reais (1/2)

Se x(n) ∈ R, vale:

yk(n) = X̃ (n, k) = X̃ ∗(n,N − k) = y∗N−k(n),

e podemos definir:

ŷk = X̃ (n, k) + X̃ (n,N − k) = X̃ (n, k) + X̃ ∗(n, k)

= |X (n, k)| ·
[
e iϕ̃(n,k) + e−iϕ̃(n,k)

]
=

= 2|X (n, k)| · cos (ϕ̃(n, k)),

para k = 1, . . . , N2 − 1.



Modelo de soma de banco de filtros
Simetria em sinais reais (2/2)

O que leva às seguintes equações de análise:

ŷ0(n) = y0(n), k = 0.

ŷk(n) = 2|X (n, k)| cos (ωkn + ϕ(n, k)), k = 1, . . . ,
N

2
− 1.

ŷN
2

(n) = yN
2

(n), k =
N

2
.

A equação de śıntese fica:

y(n) =

N/2∑
k=0

ŷk(n).



Estrutura da apresentação
Introdução

Modelos básicos de Phase Vocoder
Soma de banco de filtros
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Modelo de análise/śıntese bloco-a-bloco
Análise

Se o tamanho do salto de análise é Ra, a análise do s−ésimo bloco
é dada por:

X (sRa, k) =
∞∑

m=−∞
x(m)h(sRa −m)W mk

N

= W sRak
N

∞∑
m=−∞

x(m)h(sRa −m)W
−(sRa−m)k
N

= W sRak
N · X̃ (sRa, k)

= XR(sRa, k) + iXI (sRa, k) = |X (sRa, k)| · e iϕ(sRa,k),

com k = 0, 1, . . . ,N − 1.



Modelo de análise/śıntese bloco-a-bloco
Śıntese

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

y(n) =
∞∑

s=−∞
f (n − sRs)ys(n − sRs),

sendo que ys é dado por:

ys(n) =
1

N

N−1∑
k=0

[
W−sRsk

N Y (sRs , k)
]

W−nk
N

com k = 0, 1, . . . ,N − 1.



Modelo de análise/śıntese bloco-a-blocoPHASE VOCODER BASICS 225

X(sRa,k )

FFT

x (m ).h (sRa−m )

Circular shift

N samples

IFFT

Circular shift+
windowing

y (n )

n

k

0 21

0
1

N−1

8
Time index

F
re

q
u
e
n
c
y
 i
n
d
e
x

16

s
0 1 2

Block index

x (m ).h (−m) x (m ).h (8−m)x (m )

Overlap+add

Ra

N

n
0 Ra

2Ra

x (m ).h (16−m )

Y(sRs,k )

Time-frequency
Processing

WN

sRa k

WN

−sRs k

~
X (sRa,k )

~
Y (sRs,k )

~
X (8,k )

~
X (16,k )

~
X (0,k )

Rs

Figure 7.5 Phase vocoder using the FFT/IFFT for the short-time Fourier transform. The analysis

hop size Ra determines the sampling of the two-dimensional time-frequency grid. Time-frequency

processing allows the reconstruction with a synthesis hop size Rs .

where the short-time Fourier transform is sampled every Ra samples in time and s denotes the time

index of the short-time transform at the decimated sampling rate. This means that the time index is

now n = sRa , where Ra denotes the analysis hop size. The analysis window is denoted by h(n).

Notice that X(n, k) and X̃(n, k) in the FFT implementation can also be found in the filter bank

approach. The circular shift of the windowed segment before the FFT and after the IFFT is derived

in [CR83] and provides a zero-phase analysis and synthesis regarding the center of the window.

Further details will be discussed in the next section. Spectral modifications in the time-frequency

plane can now be done, which yields Y (sRs, k), where Rs is the synthesis hop size. The synthesis

algorithm [Cro80] is given by

y(n) =

∞
∑

s=−∞

f (n − sRs)ys(n − sRs) (7.23)

with ys(n) =

1

N

N−1
∑

k=0

[

W
−sRsk
N Y (sRs, k)

]

W−nk
N ,
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Figure 7.6 Magnitude |X(n, k)| (upper plot) and phase ϕ̃(n, k) (lower plot) display of a sliding

Fourier transform with a hop size Ra = 1 or a filter-bank analysis approach. For the upper display

the grey value (black = 0 and white = maximum amplitude) represents the magnitude range. In

the lower display the phase values are in the range −π ≤ ϕ̃(n, k) ≤ π .

XR(n, k) = |X(n, k)| cos(ϕ(n, k)) (7.26)

XI (n, k) = |X(n, k)| sin(ϕ(n, k)). (7.27)

The difference from classical bandpass filtering is that here the output signal is located in the

baseband. This representation leads to a slowly varying phase ϕ(n, k) and the derivation of the
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Implementação: banco de filtros - soma de senóides

A análise pode ser vista como fruto de uma convolução:

X (n, k) =
[
x(n) · e−iωkn

]
∗ h(n) = |X (n, k)|e iϕ(n,k)

= XR(n, k) + iXI (n, k),

com:

XR(n, k) = |X (n, k)| cos(ϕ(n, k))

XI (n, k) = |X (n, k)| sin(ϕ(n, k)).
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phase is a measure of the frequency deviation from the center frequency ωk . A sinusoid x(n) =

cos[ωkn + ϕ0] with frequency ωk can be written as x(n) = cos[ϕ̃(n)], where ϕ̃(n) = ωkn + ϕ0.

The derivation of ϕ̃(n) gives the frequency ωk =
dϕ̃(n)

dn
. The derivation of the phase ϕ̃(n, k) at the

output of a bandpass filter is termed the instantaneous frequency given by

ωi(n, k) = 2πfi(n, k)/fS (7.28)

=
d

dn
ϕ̃(n, k) (7.29)

= ωk +
d

dn
ϕ(n, k) (7.30)

= ωk + ϕ(n, k) − ϕ(n − 1, k) (7.31)

⇒ fi(n, k) =

(

k

N
+

ϕ(n, k) − ϕ(n − 1, k)

2π

)

· fS . (7.32)

The instantaneous frequency can be described in a musical way as the frequency of the filter output

signal in the filter-bank approach. The phase of the baseband output signal is ϕ(n, k) and the phase

of the bandpass output signal is ϕ̃(n, k) = ωkn + ϕ(n, k) (see Figure 7.8). As soon as we have the

228 TIME-FREQUENCY PROCESSING

x (n )

Analysis
0

|X (n,k )|

Baseband Baseband

|Y (n,k )|

jy (n,k )jx(n,k )

Analysis
1

Analysis
k

Analysis
N−1

Synthesis
0

Synthesis
1

Synthesis
k

Synthesis
N−1

Magnitude
and phase
processing

Magnitude
and phase
processing

Magnitude
and phase
processing

Magnitude
and phase
processing

Bank of
oscillators

yN−1(n )

yk(n )

y (n )

y1(n )

y0(n )

Figure 7.7 Filter-bank implementation.

~
Y(n,k)

Bandpass

Analysis

Y(n,k)
Baseband

Magnitude
and phase
processing

Magnitude
phase

Real +
Imag.
Part

Synthesis:
Oscillator with variable
magnitude and phase

WN = e jwkn−nk
WN = e− jwknnk

yk(n )

X(n,k)

x (n )
h(n)

|X(n,k)| |Y (n,k )|

jy(n,k )jx(n,k )

Figure 7.8 Heterodyne-filter implementation.

phase is a measure of the frequency deviation from the center frequency ωk . A sinusoid x(n) =

cos[ωkn + ϕ0] with frequency ωk can be written as x(n) = cos[ϕ̃(n)], where ϕ̃(n) = ωkn + ϕ0.

The derivation of ϕ̃(n) gives the frequency ωk =
dϕ̃(n)

dn
. The derivation of the phase ϕ̃(n, k) at the

output of a bandpass filter is termed the instantaneous frequency given by

ωi(n, k) = 2πfi(n, k)/fS (7.28)

=
d

dn
ϕ̃(n, k) (7.29)

= ωk +
d

dn
ϕ(n, k) (7.30)

= ωk + ϕ(n, k) − ϕ(n − 1, k) (7.31)

⇒ fi(n, k) =

(

k

N
+

ϕ(n, k) − ϕ(n − 1, k)

2π

)

· fS . (7.32)

The instantaneous frequency can be described in a musical way as the frequency of the filter output

signal in the filter-bank approach. The phase of the baseband output signal is ϕ(n, k) and the phase

of the bandpass output signal is ϕ̃(n, k) = ωkn + ϕ(n, k) (see Figure 7.8). As soon as we have the



Implementação: banco de filtros - soma de senóides
Frequência instantânea

A frequência instantânea é dada pela derivada da fase na sáıda do
filtro passa-banda:

ωi (n, k) =
2π

fS
fi (n, k) =

d

dn
ϕ̃(n, k)

=
d

dn
(ωkn + ϕ(n, k))

= ωk +
d

dn
ϕ(n, k)

= ωk + ϕ(n, k)− ϕ(n − 1, k)

O que dá:

fi (n, k) =

(
k

N
+
ω(n, k)− ω(n − 1, k)

2π

)
· fS .



Implementação: banco de filtros - soma de senóides
Śıntese

Cálculo da fase a partir de uma frequência instantânea modificada:

ϕ̃(n, k) = ϕ̃(0, k) +

∫ nT

0
2πfi (τ, k)dτ

O sinal de sáıda é dado por:

Ỹ (n, k) = |Y (n, k)|e iϕY (n,k) · e iωkn

= Y (n, k)e iωkn

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

y(n) =
N−1∑
k=0

Ỹ (n, k) =
N−1∑
k=0

Y (n, k) · e iωkn

=

N/2∑
k=0

A(n, k) cos [ωkn + ϕY (n, k)]
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Implementação: FFT - IFFT

232 TIME-FREQUENCY PROCESSING

%----- listening and saving the output -----

DAFx_out = DAFx_out(nChannel+1:nChannel+L) / max(abs(DAFx_out));

soundsc(DAFx_out, FS);

wavwrite(DAFx_out, FS, ’la_filter_nothing.wav’);

7.3.2 Direct FFT/IFFT approach

The FFT algorithm also calculates the values of the magnitudes and phases within a time frame,

allowing a shorter calculation time. So many analysis-synthesis algorithms use this transform. There

are different ways to interpret a sliding Fourier transform, and consequently to invent a method of

resynthesis starting from this time-frequency representation. The first one is to apply the inverse

FFT on each short-time spectrum and use the overlap-add method to reconstruct the signal. The

second one is to consider a horizontal line of the time-frequency representation (constant frequency

versus time) and to reconstruct a filtered version for each line. The third one is to consider each

point of the time-frequency representation and to make a sum of small grains called gaborets . In

each interpretation one must test the ability of obtaining a perfect reconstruction if one does not

modify the representation. Another important fact is the ability to provide effect implementations

that do not have too many artifacts when one modifies on purpose the values of the sliding FFT,

especially in operations such as time stretching or filtering.

We now describe the direct FFT/IFFT approach. A time-frequency representation can be seen

as a series of overlapping FFTs with or without windowing. As the FFT is invertible, one can

reconstruct a sound by adding the inverse FFT of a vertical line (constant time versus frequency),

as shown in Figure 7.9.

t1 t2

t

f

Figure 7.9 FFT and IFFT: vertical line interpretation. At two time instances two spectra are used

to compute two time segments.

A perfect reconstruction can be achieved, if the sum of the overlapping windows is unity (see

Figure 7.10). A modification of the FFT values can produce time aliasing, which can be avoided

PHASE VOCODER IMPLEMENTATIONS 233

0 100 200 300 400 500 600 700 800 900 1000

0

0.2

0.4

0.6

0.8

1

n →

x
(n

)

Sum of the square of overlapped Hanning windows

Figure 7.10 Sum of small windows.

0 1000 2000

0

−0.5

−20

−40

−60

−80

−100−1

−1

−2

−3

0.5

1

0

−0.5

−1

0.5

1

n →

Original grain x (n )

0 1000 2000 3000

0

−20

−40

−60

−80

−100

0
Original FFT magnitude

f /Hz →

0 1000 2000 3000

0

1

2

3

−1

−2

−3

0

1

2

3

Original FFT phase

f /Hz →

0 1000 2000 3000

Transformed FFT magnitude

f /Hz →

0 1000 2000 3000

Transformed FFT phase

f /Hz →

0 1000 2000

n →

Transformed grain y (n )

Figure 7.11 Sound windowing, FFT modification and IFFT.

by either zero-padded windows or using windowing after the inverse FFT. In this case the product

of the two windows has to be unity. An example is shown in Figure 7.11. This implementation

will be used most frequently in this chapter.

The following M-file 7.3 shows a phase vocoder implementation based on the direct FFT/IFFT

approach, where the routine itself is given two vectors for the sound, a window and a hop size.
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by either zero-padded windows or using windowing after the inverse FFT. In this case the product

of the two windows has to be unity. An example is shown in Figure 7.11. This implementation

will be used most frequently in this chapter.

The following M-file 7.3 shows a phase vocoder implementation based on the direct FFT/IFFT

approach, where the routine itself is given two vectors for the sound, a window and a hop size.



Implementação: FFT - IFFT

PHASE VOCODER IMPLEMENTATIONS 235

impulse would be zero phase. This is done by a circular shift of the signal, which is a commutation

of the first and second part of the buffer. The discrete-time Fourier transform of x̂(n) = x(n −

N/2) is X̂(ejω) = e−jω N
2 X(ejω). With ωk =

2π
N

k the discrete Fourier transform gives X̂(k) =

e−j 2π
N

k N
2 X(k), which is equivalent to X̂(k) = (−1)kX(k). The circular shift in time domain can

be achieved by multiplying the result of the FFT by (−1)k . With this circular shift, the output

of the FFT is equivalent to a filter bank, with zero phase filters. When analyzing a sine wave,

the display of the values of the phase ϕ̃(n, k) of the time-frequency representation will follow

the phase of the sinusoid. When analyzing a harmonic sound, one obtains a tree with successive

branches corresponding to every harmonic (top of Figure 7.12).

n →

k
 →

(a)
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Figure 7.12 Different phase representations: (a) ϕ̃(n, k) and (b) ϕ(n, k) = ϕ̃(n, k) − 2πmk/N .

If we want to take an absolute value as the origin of time, we have to switch to the notation

used in Section 7.2. We have to multiply the result of the FFT by Wmk
N , where m is the time sample

in the middle of the FFT and k is the number of the bin of the FFT. In this way the display of the

phase ϕ(n, k) (bottom of Figure 7.12) corresponds to a frequency which is the difference between

the frequency of the analyzed signal (here a sine wave) delivered by the FFT and the analyzing

frequency (the center of the bin). The phase ϕ(n, k) is calculated as ϕ(n, k) = ϕ̃(n, k) − 2πmk/N

(N length of FFT, k number of the bin, m time index).

7.3.3 FFT analysis/sum of sinusoids approach

Conversely, one can read a time-frequency representation with horizontal lines, as shown in

Figure 7.13. Each point on a horizontal line can be seen as the convolution of the original signal
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Figure 7.13 Filter-bank approach: horizontal line interpretation.

with an FIR filter, whose filter coefficients have been given by (7.4). The filter-bank approach is

very close to the heterodyne-filter implementation. The difference comes from the fact that for het-

erodyne filtering the complex exponential is running with time and the sliding FFT is considering

for each point the same phase initiation of the complex exponential. It means that the heterodyne

filter measures the phase deviation between a cosine and the filtered signal, and the sliding FFT

measures the phase with a time origin at zero.

The reconstruction of a sliding FFT on a horizontal line with a hop size of one is performed by

filtering of this line with the filter corresponding to the frequency bin (see Figure 7.13). However, if

the analysis hop size is greater than one, we need to interpolate the magnitude values |X(n, k)| and

phase values ϕ̃(n, k). Phase interpolation is based on phase unwrapping, which will be explained

in Section 7.3.5. Combining phase interpolation with linear interpolation of the magnitudes

|X(n, k)| allows the reconstruction of the sound by the addition of a bank of oscillators, as given

in (7.37).

M-file 7.4 illustrates the interpolation and the sum of sinusoids. Starting from the magnitudes

and phases taken from a sliding FFT the synthesis implementation is performed by a bank of

oscillators. It uses linear interpolation of the magnitudes and phases.

M-file 7.4 (VX_bank_nothing.m)

% VX_bank_nothing.m [DAFXbook, 2nd ed., chapter 7]

%===== This program performs an FFT analysis and oscillator bank synthesis

clear; clf

%----- user data -----

n1 = 200; % analysis step [samples]

n2 = n1; % synthesis step [samples]

s_win = 2048; % window size [samples]

[DAFx_in, FS] = wavread(’la.wav’);

%----- initialize windows, arrays, etc -----

w1 = hanning(s_win, ’periodic’); % input window

w2 = w1; % output window

L = length(DAFx_in);

DAFx_in = [zeros(s_win, 1); DAFx_in; ...

zeros(s_win-mod(L,n1),1)] / max(abs(DAFx_in)); % 0-pad & normalize

DAFx_out = zeros(length(DAFx_in),1);

ll = s_win/2;

omega = 2*pi*n1*[0:ll-1]’/s_win;

phi0 = zeros(ll,1);

r0 = zeros(ll,1);

psi = zeros(ll,1);

grain = zeros(s_win,1);

res = zeros(n2,1);
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Figure 7.14 Gaboret approach: the upper left part shows real and imaginary values of a gaboret

and the upper right part shows a possible 3D repesentation with axes t , x and y. The lower part

shows a gaboret associated to a specific point of a time-frequency representation (for every point

we can generate a gaboret in the time domain and then make the sum of all gaborets).

can be found in [QC93, WR90]. The reconstruction from a time-frequency representation is the

sum of gaborets weighted by the values of this time-frequency plane according to

y(n) =

∞∑

s=−∞

N−1∑

k=0

Y (sRs, k)f (n − sRs)W
−nk
N . (7.38)

Although this point of view is totally equivalent to windowing plus FFT/IFFT plus window-

ing, it allows a good comprehension of what happens in case of modification of a point in

the plane.

The reconstruction of one single point of a time-frequency representation yields a gaboret

in the time domain, as shown in Figure 7.15. Then a new time-frequency representation of this

gaboret is computed. We get a new image, which is the called the reproducing kernel associated

with the transform. This new time-frequency representation is different from the single point of

the original time-frequency representation.

So a time-frequency representation of a real signal has some constraints: each value of the

time-frequency plane must be the convolution of the neighborhood by the reproducing kernel

associated with the transformation. This means that if an image (time-frequency representation) is

not valid and if we force the reconstruction of a sound by the weighted summation of gaborets,

the time-frequency representation of this transformed sound will be in a different form than the

initial time-frequency representation. There is no way to avoid this and the beautiful art of making

good transforms often relies on the ability to provide “quasi-valid” representations [AD93].

This reproducing kernel is only a 2 D extension of the well-known problem of windowing: we

find the shape of the FFT of the window around one horizontal ray. But it brings new aspects. When

we have two spectral lines, their time-frequency representations are blurred and, when summed,

appear as beats. Illustrative examples are shown in Figure 7.16. The shape of the reproducing kernel

A śıntese é dada por:

y(n) =
∞∑

s=−∞

N−1∑
k=0

Y (sRs , k)f (n − sRs)W−nk
N
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Figure 7.15 Reproducing kernel: the lower three plots represent the forced gaboret and the

reproducing kernel consisting of spectrogram and phasogram. (Note: phase values only make

sense when the magnitude is not too small.)

depends on the shape of the window and is the key point for differences in representations between

different windows. The matter of finding spectral lines starting from time-frequency representations

is the subject of Chapter 10. Here we only consider the fact that any signal can be generated as

the sum of small gaborets. Frequency estimations in bins are obviously biased by the interaction

between rays and additional noise.

The following M-file 7.5 demonstrates the gaboret analysis and synthesis approach.

M-file 7.5 (VX_gab_nothing.m)

% VX_gab_nothing.m [DAFXbook, 2nd ed., chapter 7]

%==== This program performs signal convolution with gaborets

clear; clf
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Figure 7.16 Spectrogram and phasogram examples: (a) upper part: the effect of the reproducing

kernel is to thicken the line and giving a rotating phase at the frequency of the sinusoid; (b) middle

part: for two sinusoids we have two lines with two rotations, if the window is large; (c) lower part:

for two sinusoids with a shorter window the two lines mix and we can see beating.

%----- user data -----

n1 = 128; % analysis step [samples]

n2 = n1; % synthesis step [samples]

s_win = 512; % window size [samples]

[DAFx_in, FS] = wavread(’la.wav’);

%----- initialize windows, arrays, etc -----

window = hanning(s_win, ’periodic’); % input window

nChannel = s_win/2;

L = length(DAFx_in);

DAFx_in = [zeros(s_win, 1); DAFx_in; ...

zeros(s_win-mod(L,n1),1)] / max(abs(DAFx_in));

DAFx_out = zeros(length(DAFx_in),1); % 0-pad & normalize

%----- initialize calculation of gaborets -----

t = (-s_win/2:s_win/2-1);

gab = zeros(nChannel,s_win);

for k=1:nChannel

wk = 2*pi*i*(k/s_win);

gab(k,:) = window’.*exp(wk*t);
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A n−ésima fase do k−ésimo sinal de sáıda do banco de filtros é:

ϕ̃(n, k) = ϕ(n, k) +
2π

N︸︷︷︸
ωk

n
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Figure 7.17 Principle argument function (MATLAB code and illustrative plot).
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Figure 7.18 Basics of phase computations for frequency bin k.

frequency ωk exists, we can compute a target phase ϕ̃t ((s + 1)Ra) from the previous phase value

ϕ̃(sRa) according to

ϕ̃t ((s + 1)Ra) = ϕ̃(sRa) + ωkRa . (7.39)

The unwrapped phase

ϕ̃u((s + 1)Ra) = ϕ̃t ((s + 1)Ra) + ϕ̃d((s + 1)Ra) (7.40)

is computed by the target phase ϕ̃t ((s + 1)Ra) plus a deviation phase ϕ̃d((s + 1)Ra). This deviation

phase can be computed by the measured phase ϕ̃((s + 1)Ra) and the target phase ϕ̃t ((s + 1)Ra)

according to

ϕ̃d ((s + 1)Ra) = princarg [ϕ̃((s + 1)Ra) − ϕ̃t ((s + 1)Ra)] . (7.41)

1 function phase = princarg(phase_in)

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

princarg.m
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frequency ωk exists, we can compute a target phase ϕ̃t ((s + 1)Ra) from the previous phase value

ϕ̃(sRa) according to

ϕ̃t ((s + 1)Ra) = ϕ̃(sRa) + ωkRa . (7.39)

The unwrapped phase

ϕ̃u((s + 1)Ra) = ϕ̃t ((s + 1)Ra) + ϕ̃d((s + 1)Ra) (7.40)

is computed by the target phase ϕ̃t ((s + 1)Ra) plus a deviation phase ϕ̃d((s + 1)Ra). This deviation

phase can be computed by the measured phase ϕ̃((s + 1)Ra) and the target phase ϕ̃t ((s + 1)Ra)

according to

ϕ̃d ((s + 1)Ra) = princarg [ϕ̃((s + 1)Ra) − ϕ̃t ((s + 1)Ra)] . (7.41)

Diferença de fase desenrolada:

∆ϕ((s + 1)Ra) = ωkRa + princarg(ϕ̃((s + 1)Ra)− ϕ̃(sRa)− ωkRa)

E a frequência instantânea para o ı́ndice k no instante (s + 1)Ra:

fi ((s + 1)Ra) =
1

2π

∆ϕ((s + 1)Ra)

Ra
fS



Efeitos, operações e atributos perceptuais

2
4

4
T

IM
E

-F
R

E
Q

U
E

N
C

Y
P

R
O

C
E

S
S

IN
G

Time

Pitch-Shifting Time-Scaling

Phase
Vocoder

Digital
Implementation

Technique

Applied
Processing

Perceptual
Attribute

Semantic
Descriptors

slower,
faster

higher,
lower

Time-Frequency
Domain

Processing
Domain

RA [n ] ≠ RS [n ]

Effect Name

Pitch

1) time-scale N2[n ]/N1[n ]
2) resample N1[n ]/N2[n ]

Filtering

Timbre &
Sound Quality

Dispersion
Stable/transient

separation
MutationRobotization Whisperization Denoising

Y (n,k ) =
X (n,k ).H(n,k )

H (n,k ) = eiφ(k )

Y (n,k) = f (X(n,k ))
f(x) = x2 / (x+c )

Y(n,k ) = f (|X1(n,k )|,|X1(n,k )|)
. g (φ1(n,k ),φ2(n,k ))

1) RS [n ] = Fsamp / F0(n)
2) φ(n,k ) = 0 at bin center
3) 0-pad between 2 grains

φ(n,k ) = rand(), or
|X (n,k)| = rand() |Y(n,k )| = |X(n,k )| if freq.

dev. (f) < ∆, 0 otherwise

modify |X (n,k )| onlymodify φ(n,k ) onlymodify N1[n ], N2[n ] modify RA[n ], RS[n ]
Control

Parameters

synthetic,
monotone

modify both |X (n,k )| and φ(n,k)

synthetic,
mutant, hybrid

whispering
voice

Figure 7.19 Summary of time-frequency domain digital audio effects, with their relative operations and the perceptual attributes that are mainly

modified.
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h(n) = eαn sin(2πfn) ⇔ H(k) = FFT (h(n))
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Figure 7.20 Circular convolution and fast convolution.

frequency domain by multiplication of the corresponding FFTs Y (k) = X(k) · H(k). This technique
is called fast convolution (see Figure 7.20) and is performed by the following steps:

(1) Zero-pad the signal segment x(n) and the impulse response h(n) up to length 2N .

(2) Take the 2N-point FFT of these two signals.

(3) Perform multiplication Y (k) = X(k) · H(k) with k = 0, 1, . . . , 2N − 1.

(4) Take the 2N-point IFFT of Y (k), which yields y(n) with n = 0, 1, . . . , 2N − 1.

Now we can work with successive segments of length N of the original signal (which is equivalent
to using a rectangular window), zero-pad each segment up to the length 2N and perform the fast
convolution with the filter impulse response. The results of each convolution are added in an
overlap-add procedure, as shown in Figure 7.21. The algorithm can be summarized as:

(1) Start from an FIR filter of length N + 1, zero pad it to 2N and take its FFT ⇒ H(k).

(2) Partition the signal into segments xi(n) of length N and zero-pad each segment up to
length 2N .

(3) For each zero-padded segment si(n) perform the FFT Xi(k) with k = 0, 1, . . . , 2N − 1.

(4) Perform the multiplication Yi(k) = Xi(k) · H(k).

(5) Take the inverse FFT of these products Yi(k).

(6) Overlap-add the convolution results (see Figure 7.21).

The following M-file 7.7 demonstrates the FFT filtering algorithm.

M-file 7.7 (VX_filter.m)

% VX_filter.m [DAFXbook, 2nd ed., chapter 7]
%===== This program performs time-frequency filtering
%===== after calculation of the fir (here band pass)

clear; clf

%----- user data -----
fig_plot = 0; % use any value except 0 or [] to plot figures
s_FIR = 1280; % length of the fir [samples]

Convolução rápida:

1. Preencha os sinais x(n) e h(n) com zeros até o tamanho 2N.

2. Calcule X (k) e H(k), as FFTs de 2N pontos dos dois sinais.

3. Calcule Y (k) = X (k)H(k) para k = 0, . . . , 2N − 1.

4. y(n) = IFFT (Y (k)).
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1 %−−−−− u s e r data −−−−−
2 s F I R = 1 2 8 0 ; % l e n g t h o f t h e f i r [ s a m p l e s ]
3 s w i n = 2∗ s F I R ; % window s i z e [ s a m p l e s ] f o r z e r o padd ing
4 % . . .
5 %−−−−− i n i t i a l i z e c a l c u l a t i o n o f f i r −−−−−
6 x = ( 1 : s F I R ) ;
7 f r = 1000/FS ;
8 a l p h a = −0.002;
9 f i r = ( exp ( a l p h a∗x ) .∗ s i n (2∗ p i∗ f r ∗x ) ) ’ ; % FIR c o e f f s

10 f i r 2 = [ f i r ; z e r o s ( s w in−s FIR , 1 ) ] ;
11 f c o r r = f f t ( f i r 2 ) ;
12 % . . .
13 w h i l e p in<pend
14 g r a i n = [ DAFx in ( p i n +1: p i n+s F I R ) ; v e c p a d ] ;
15 % ===========================================
16 f t = f f t ( g r a i n ) .∗ f c o r r ;
17 g r a i n = ( r e a l ( i f f t ( f t ) ) ) ;
18 % ===========================================
19 DAFx out ( p i n +1: p i n+s w i n ) = . . .
20 DAFx out ( p i n +1: p i n+s w i n ) + g r a i n ;
21 p i n = p i n + s F I R ;
22 end

VX filter.m
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Figure 7.21 FFT filtering.

The design of an N-point FIR filter derived from frequency-domain specifications is a
classical problem of signal processing. A simple design algorithm is the frequency sampling
method [Zöl05].

7.4.2 Dispersion

When a sound is transmitted over telecommunications lines, some of the frequency bands are
delayed. This spreads a sound in time, with some components of the signal being delayed. It is
usually considered a default in telecommunications, but can be used musically. This dispersion
effect is especially significant on transients, where the sound loses its coherence, but can also blur
the steady-state parts. Actually, this is what happens with the phase vocoder when time scaling
and if the phase is not locked. Each frequency bin coding the same partial has a different phase
unfolding and then frequency, and the resulting phase of the synthesized partial may differ from
the one in the original sound, resulting in dispersion.

A dispersion effect can be simulated by a filter, especially an FIR filter, whose frequency
response has a frequency-dependent time delay. The only change to the previous program is to
change the calculation of the FIR vector fir. We will now describe several filter designs for a
dispersion effect.

Design 1 As an example, a linear chirp signal is a sine wave with linearly increasing frequency
and has the property of having a time delay proportional to its frequency. A mathematical definition
of a linear chirp signal starting from frequency zero and going to frequency f1 during time t1 is
given by

Chirp(t) = sin(αt2) with α = π
f1

t1
. (7.44)

Sampling of this chirp signal yields the coefficients for an FIR filter. Time-frequency representations
of a linear and an exponential chirp signal are shown in Figure 7.22a.

Design 2 It is also possible to numerically approximate a chirp by integrating an arbitrary
frequency function of time. In this case the MATLAB function cumsum can be used to calculate
the phase ϕ(n) = ∫ nT

0 2πf (τ)dτ + ϕ(0) as the integral of the time-dependent frequency f (t).
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Figure 7.22 Time-frequency representations: (a) linear/exponential chirp signal and (b) time-

frequency warping for the linear/exponential chirp.

A linear chirp with 300 samples can be computed by the MATLAB instructions:

n = 300;

x = (1:n)/n;

f0 = 50;

f1 = 4000;

freq = 2*pi * (f0+(f1-f0)*x) / 44100;

fir = (sin(cumsum(freq)))’;

and an exponential chirp by

n = 300;

x = (1:n)/n;

f0 = 50;

f1 = 4000;

rap = f1/f0;

freq = (2*pi*f0/44100) * (rap.^x);

fir = (sin(cumsum(freq)))’;

Any other frequency function f (t) can be used for the calculation of freq.

Design 3 Nevertheless these chirp signals deliver the frequency as a function of time delay.

We would be more likely to define the time delay as a function of frequency. This is only possible

with the previous technique if the function is monotonous. Thus in a more general case we can use

the phase information of an FFT as an indication of the time delay corresponding to a frequency

bin: the phase of a delayed signal x(n − M), which has a discrete Fourier transform X(k)e−jM 2πk
N

with k = 0, 1, . . . , N/2, is ϕ(k) = −M 2πk
N

, where M is the delay in samples, k is the number of

the frequency bin and N is the length of the FFT.

A variable delay for each frequency bin can be achieved by replacing the fixed value M (the

delay of each frequency bin) by a function M(k), which leads to X(k)e−jM(k) 2πk
N . For example,

a linearly increasing time delay for each frequency bin is given by M(k) = M ·
k
N

with k =

0, 1, . . . , N/2 − 1. The derivation of the FIR coefficients can be achieved by performing an IFFT

of the positive part of the spectrum and then taking the real part of the resulting complex-valued

1 n = 3 0 0 ;
2 x = ( 1 : n )/ n ;
3 f 0 = 5 0 ;
4 f 1 = 4 0 0 0 ;
5 %−−−−− l i n e a r c h i r p −−−−−
6 f r e q = 2∗ p i ∗ ( f 0 +(f1−f 0 )∗ x ) / 44100 ;
7 %−−−−− e x p o n e n t i a l c h i r p −−−−−
8 rap = f 1 / f 0 ;
9 f r e q = (2∗ p i∗ f 0 /44100) ∗ ( rap . ˆ x ) ;

10 %−−−−− f i l t e r c o e f f i c i e n t s −−−−−
11 f i r = ( s i n ( cumsum ( f r e q ) ) ) ’ ;

Computando um trinado.
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Robotização

Ideia: aplicar uma altura fixa através do anulamento das fases.
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grain = fftshift(real(ifft(r))).*w2;

% ===========================================

DAFx_out(pout+1:pout+s_win) = ...

DAFx_out(pout+1:pout+s_win) + grain;

pin = pin + n1;

pout = pout + n2;

end

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU

toc

%----- listening and saving the output -----

% DAFx_in = DAFx_in(s_win+1:s_win+L);

DAFx_out = DAFx_out(s_win+1:s_win+L) / max(abs(DAFx_out));

soundsc(DAFx_out, FS);

wavwrite(DAFx_out, FS, ’redwheel_robot.wav’);

This is one of the shortest programs we can have, however its effect is very strong. The only

drawback is that the n1 value in this program has to be an integer. The frequency of the robot is

Fs/n1, where Fs is the sampling frequency. If the hop size is not an integer value, it is possible

to use an interpolation scheme in order to dispatch the grain of two samples. This may happen if

the hop size is calculated directly from a fundamental frequency value. An example is shown in

Figure 7.30.
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Figure 7.30 Example of robotization with a flute signal.

1 f = f f t ( g r a i n ) ;
2 r = abs ( f ) ;
3 g r a i n = f f t s h i f t ( r e a l ( i f f t ( r ) ) ) .∗w2 ;

VX filter.m
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Murmurização
Ideia: Adicionar uma fase aleatória a cada coeficiente obtido
através da FFT.
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soundsc(DAFx_out, FS);

wavwrite(DAFx_out, FS, ’whisper2.wav’);

It is also possible to make a random variation of the magnitude and keep the phase. An

example is shown in Figure 7.31. This gives another way to implement whisperization, which can

be achieved by the following MATLAB kernel:

%===========================================

f = fft(fftshift(grain));

r = abs(f).*randn(lfen,1);

phi = angle(f);

ft = (r.* exp(i*phi));

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

%===========================================
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Figure 7.31 Example of whisperization with a flute signal.

7.4.9 Denoising

A musician may want to emphasize some specific areas of a spectrum and lower the noise within

a sound. Though this is achieved more perfectly by the use of a sinusoidal model (see Chapter

10), another approach is the use of denoising algorithms. The algorithm we describe uses a non-

linear spectral subtraction technique [Vas96]. Further techniques can be found in [Cap94]. A

time-frequency analysis and resynthesis are performed, with an extraction of the magnitude and

phase information. The phase is kept as it is, while the magnitude is processed in such a way

1 f = f f t ( f f t s h i f t ( g r a i n ) ) ;
2 r = abs ( f ) ;
3 p h i = 2∗ p i∗ rand ( s win , 1 ) ;
4 f t = ( r .∗ exp ( i ∗p h i ) ) ;
5 g r a i n = f f t s h i f t ( r e a l ( i f f t ( f t ) ) ) .∗w2 ;

VX filter.m
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Compressão/expansão temporal

Ideia: mudar a escala temporal sem alterar o conteúdo espectral.
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The time-stretching algorithm mainly consists of providing a synthesis grid which is different
from the analysis grid, and to find a way to reconstruct a signal from the values on this grid.
Though it is possible to use any stretching factor, we will here only deal with the case where we
use an integer both for the analysis hop size Ra , and for the synthesis hop size Rs .

As seen in Section 7.3, changing the values and their coordinates on a time-frequency repre-
sentation is generally not a valid operation, in the sense that the resulting representation is not the
sliding Fourier transform of a real signal. However, it is always possible to force the reconstruction
of a sound from an arbitrary image, but the time-frequency representation of the signal issued from
this forced synthesis will be different from what was expected. The goal of a good transformation
algorithm is to find a strategy that preserves the time-stretching aspect without introducing too
many artifacts.

The classical way of using a phase vocoder for time stretching is to keep the magnitude
unchanged and to modify the phase in such a way that the instantaneous frequencies are preserved.
Providing that the grid is enlarged from an analysis hop size Ra to a synthesis hop size Rs , this
means that the new phase values must satisfy �ψ(k) = Rs

Ra
�ϕ(k) (see Figure 7.23). Once the grid

is filled with these values one can reconstruct a signal using either the filter-bank approach or the
block-by-block IFFT approach.

n (samples)

k (bins)

Rs

j~(sRa,k ) j~((s+1)Ra,k )

Δj(k ) Δy(k ) = (Rs/Ra)Δj (k )

n (samples)

y
~

(sRs,k ) y
~

((s+1)Rs,k )

Ra

Figure 7.23 Time-stretching principle: analysis with hop size Ra gives the time-frequency grid
shown in the left part, where �ϕ(k) = ϕ̃((s + 1)Ra, k) − ϕ̃(sRa, k) denotes the phase difference
between the unwrapped phases. The synthesis is performed from the modified time-frequency
grid with hop size Rs and the phase difference �ψ(k) = ψ̃((s + 1)Rs, k) − ψ̃(sRs, k), which is
illustrated in the right part.

Filter-bank approach (sum of sinusoids)

In the FFT analysis/sum of sinusoids synthesis approach, we calculate the instantaneous frequency
for each bin and integrate the corresponding phase increment in order to reconstruct a signal as the
weighted sum of cosines of the phases. However, here the hop size for the resynthesis is different
from the analysis. Therefore the following steps are necessary:

(1) Calculate the phase increment per sample by dψ(k) = �ϕ(k)/Ra .

(2) For the output samples of the resynthesis integrate this value according to ψ̃(n + 1, k) =
ψ̃(n, k) + dψ(k).



Compressão/expansão temporal
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(3) Sum the intermediate signals which yields y(n) =

∑N/2
k=0 A(n, k) cos(ψ̃(n, k)) (see

Figure 7.24).
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y
~

(sRs,k )

A(sRs,k )

s (n ) = Σ A(n,k ).cos(y
~

(n,k ))
k

A((s+1)Rs,k )

y
~

((s+1)Rs,k )

Figure 7.24 Calculation of time-frequency samples. Given the values of A and ψ̃ on the repre-

sentation grid, we can perform linear interpolation with a hop size between two successive values

on the grid. The reconstruction is achieved by a summation of weighted cosines.

A complete MATLAB program for time stretching is given by M-file 7.8.

M-file 7.8 (VX_tstretch_bank.m)

% VX_tstretch_bank.m [DAFXbook, 2nd ed., chapter 7]

%===== This program performs time stretching

%===== using the oscillator bank approach

clear; clf

%----- user data -----

n1 = 256; % analysis step increment [samples]

n2 = 512; % synthesis step increment [samples]

s_win = 2048; % analysis window length [samples]

[DAFx_in, FS] = wavread(’la.wav’);

%----- initialize windows, arrays, etc -----

tstretch_ratio = n2/n1

w1 = hanning(s_win, ’periodic’); % analysis window

w2 = w1; % synthesis window

L = length(DAFx_in);

DAFx_in = [zeros(s_win, 1); DAFx_in; ...

zeros(s_win-mod(L,n1),1)] / max(abs(DAFx_in)); % 0-pad & normalize

DAFx_out = zeros(s_win+ceil(length(DAFx_in)*tstretch_ratio),1);

grain = zeros(s_win,1);

ll = s_win/2;

omega = 2*pi*n1*[0:ll-1]’/s_win;

phi0 = zeros(ll,1);

r0 = zeros(ll,1);

psi = zeros(ll,1);

res = zeros(n2,1);

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU

pin = 0;

pout = 0;

1 % ===========================================
2 f c = f f t ( f f t s h i f t ( g r a i n ) ) ;
3 f = f c ( 1 : l l ) ;
4 r = abs ( f ) ;
5 p h i = a n g l e ( f ) ;
6 %−−−−− c a l c u l a t e phase i n c r e m e n t p e r b l o c k −−−−−
7 d e l t a p h i = omega + p r i n c a r g ( phi−phi0−omega ) ;
8 %−−−−− c a l c u l a t e phase & mag i n c r e m e n t s p e r sample −−−−−
9 d e l t a r = ( r−r 0 ) / n2 ; % f o r s y n t h e s i s

10 d e l t a p s i = d e l t a p h i / n1 ; % d e r i v e d from a n a l y s i s
11 %−−−−− computing output s a m p l e s f o r c u r r e n t b l o c k −−−−−
12 f o r k=1: n2
13 r 0 = r 0 + d e l t a r ;
14 p s i = p s i + d e l t a p s i ;
15 r e s ( k ) = r0 ’∗ cos ( p s i ) ;
16 end
17 %−−−−− v a l u e s f o r p r o c e s s i n g n e x t b l o c k −−−−−
18 p h i 0 = p h i ;
19 r 0 = r ;
20 p s i = p r i n c a r g ( p s i ) ;
21 % ===========================================

VX tstretch bank.m
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Alteração de altura

Ideia: mudar a altura musical do sinal sem alterar a escala
temporal.
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(ratio N1/N2)In OutTime Stretching

(ratio N2/N1)

Figure 7.25 Resampling of a time-stretching algorithm.
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Figure 7.26 Pitch shifting with the filter-bank approach: the analysis gives the time-frequency
grid with analysis hop size Ra . For the synthesis the hop size is set to Rs = Ra and the phase
difference is calculated according to �ψ(k) = transpo �ϕ(k).

to time stretching. Resampling a time-stretched signal with the inverse of the time-stretching ratio
performs pitch shifting and going back to the initial duration of the signal (see Figure 7.25). There
are, however, alternative solutions which allow the direct calculation of a pitch-shifted version of
a sound.

Filter-bank approach (sum of sinusoids)

In the time-stretching algorithm using the sum of sinusoids (see Section 7.3) we have an evaluation
of instantaneous frequencies. As a matter of fact transposing all the instantaneous frequencies can
lead to an efficient pitch-shifting algorithm. Therefore the following steps have to be performed
(see Figure 7.26):

(1) Calculate the phase increment per sample by dϕ(k) = �ϕ(k)/Ra .

(2) Multiply the phase increment by the transposition factor transpo and integrate the modified
phase increment according to ψ̃(n + 1, k) = ψ̃(n, k)+ transpo ·�ϕ(k)/Ra .

(3) Calculate the sum of sinusoids: when the transposition factor is greater than one, keep only
frequencies under the Nyquist frequency bin N/2. This can be done by taking only the
N/(2*transpo) frequency bins.

The following M-file 7.12 is similar to the program given by M-file 7.8 with the exception
of a few lines: the definition of the hop size and the resynthesis phase increment have been
changed.



Estrutura da apresentação
Introdução

Modelos básicos de Phase Vocoder
Soma de banco de filtros
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Panorâmica espectral

Conclusões



Separação de componentes estáveis e transitórios
Ideia: Identificação de componentes “estáveis em frequência” e
eliminação de componentes “transitórios”.
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Figure 7.28 Evaluation of stable/unstable grains.

condition. In other words, only gaborets that follow the “frequency stability over time” condition

are kept during the reconstruction. The following M-file 7.14 follows this guideline.

M-file 7.14 (VX_stable.m)

% VX_stable.m [DAFXbook, 2nd ed., chapter 7]

%===== this program extracts the stable components of a signal

clear; clf

%----- user data -----

test = 0.4

n1 = 256; % analysis step [samples]

n2 = n1; % synthesis step [samples]

s_win = 2048; % analysis window length [samples]

[DAFx_in,FS] = wavread(’redwheel.wav’);

%----- initialize windows, arrays, etc -----

w1 = hanning(s_win, ’periodic’); % analysis window

w2 = w1; % synthesis window

L = length(DAFx_in);

DAFx_in = [zeros(s_win, 1); DAFx_in; ...

zeros(s_win-mod(L,n1),1)] / max(abs(DAFx_in));

DAFx_out = zeros(length(DAFx_in),1);

devcent = 2*pi*n1/s_win;

vtest = test * devcent

grain = zeros(s_win,1);

theta1 = zeros(s_win,1);

theta2 = zeros(s_win,1);

tic

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU

pin = 0;

pout = 0;

pend = length(DAFx_in)-s_win;

while pin<pend

grain = DAFx_in(pin+1:pin+s_win).* w1;

%===========================================

f = fft(fftshift(grain));

theta = angle(f);

1 % ===========================================
2 f = f f t ( f f t s h i f t ( g r a i n ) ) ;
3 t h e t a = a n g l e ( f ) ;
4 dev = p r i n c a r g ( t h e t a − 2∗ t h e t a 1 + t h e t a 2 ) ;
5 % p l o t ( dev ) ; drawnow ;
6 %−−−− s e t to 0 magnitude v a l u e s below ’ t e s t ’ t h r e s h o l d
7 f t = f .∗ ( abs ( dev ) < v t e s t ) ;
8 g r a i n = f f t s h i f t ( r e a l ( i f f t ( f t ) ) ) .∗w2 ;
9 t h e t a 2 = t h e t a 1 ;

10 t h e t a 1 = t h e t a ;
11 % ===========================================

VX stable.m.
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FFT - IFFT
FFT - soma de senóides
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Mutação entre dois sons
Ideia: gerar uma representação arbitrária em tempo frequência a
partir de dois sinais originais e construir um sinal a partir dela.
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Figure 7.29 Basic principle of spectral mutations.

so that many combinations are possible. Not all of them are musically relevant, and the result also

depends upon the nature of the sounds that are combined.

The following M-file 7.15 performs a mutation between two sounds where the magnitude is

coming from one sound and the phase from the other. Then only a few lines need to be changed

to give different variations.

M-file 7.15 (VX_mutation.m)

% VX_mutation.m [DAFXbook, 2nd ed., chapter 7]

%===== this program performs a mutation between two sounds,

%===== taking the phase of the first one and the modulus

%===== of the second one, and using:

%===== w1 and w2 windows (analysis and synthesis)

%===== WLen is the length of the windows

%===== n1 and n2: steps (in samples) for the analysis and synthesis

clear; clf

%----- user data -----

n1 = 512;

n2 = n1;

WLen = 2048;

w1 = hanningz(WLen);

w2 = w1;

[DAFx_in1,FS] = wavread(’x1.wav’);

DAFx_in2 = wavread(’x2.wav’);

%----- initializations -----

L = min(length(DAFx_in1),length(DAFx_in2));

DAFx_in1 = [zeros(WLen, 1); DAFx_in1; ...

zeros(WLen-mod(L,n1),1)] / max(abs(DAFx_in1));

DAFx_in2 = [zeros(WLen, 1); DAFx_in2; ...

zeros(WLen-mod(L,n1),1)] / max(abs(DAFx_in2));

DAFx_out = zeros(length(DAFx_in1),1);

tic

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU

pin = 0;

pout = 0;

pend = length(DAFx_in1) - WLen;

while pin<pend

1 % ===========================================
2 f 1 = f f t ( f f t s h i f t ( g r a i n 1 ) ) ;
3 r 1 = abs ( f 1 ) ;
4 t h e t a 1 = a n g l e ( f 1 ) ;
5 f 2 = f f t ( f f t s h i f t ( g r a i n 2 ) ) ;
6 r 2 = abs ( f 2 ) ;
7 t h e t a 2 = a n g l e ( f 2 ) ;
8 %−−−−− t h e n e x t two l i n e s can be changed a c c o r d i n g to t h e e f f e c t
9 r = r 1 ;

10 t h e t a = t h e t a 2 ;
11 f t = ( r .∗ exp ( i ∗ t h e t a ) ) ;
12 g r a i n = f f t s h i f t ( r e a l ( i f f t ( f t ) ) ) .∗w2 ;
13 % ===========================================

VX mutation.m
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Mutação entre dois sons
Denoising
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Denoising

Ideia: atenuar “rúıdo” no doḿınio da frequência.

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

f (x) =
x2

x + c
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Figure 7.32 Non-linear function for a noise gate.

that it keeps the high-level values while attenuating the lower ones, in such a way as to attenuate

the noise. This can also be seen as a bank of noise gates on different channels, because on each

bin we perform a non-linear operation. The denoised magnitude vector Xd(n, k) = f (X(n, k)) of

the denoised signal is then the output of a noise gate with a non-linear function f (x). A basic

example of such a function is f (x) = x2/(x + c), which is shown in Figure 7.32. It can also be

seen as the multiplication of the magnitude vector by a correction factor x/(x + c). The result of

such a waveshaping function on the magnitude spectrum keeps the high values of the magnitude

and lowers the small ones. Then the phase of the initial signal is reintroduced and the sound is

reconstructed by overlapping grains with the help of an IFFT. The following M-file 7.18 follows

this guideline.

M-file 7.18 (VX_denoise.m)

% VX_denoise.m [DAFXbook, 2nd ed., chapter 7]

%===== This program makes a denoising of a sound

clear; clf

%----- user data -----

n1 = 512; % analysis step [samples]

n2 = n1; % synthesis step [samples]

s_win = 2048; % analysis window length [samples]

[DAFx_in,FS] = wavread(’redwheel.wav’);

%----- initialize windows, arrays, etc -----

w1 = hanning(s_win, ’periodic’); % analysis window

w2 = w1; % synthesis window

L = length(DAFx_in);

DAFx_in = [zeros(s_win, 1); DAFx_in; ...

zeros(s_win-mod(L,n1),1)] / max(abs(DAFx_in));

DAFx_out = zeros(length(DAFx_in),1);

hs_win = s_win/2;

coef = 0.01;

freq = (0:1:299)/s_win*44100;

tic

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU
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pin = 0;

pout = 0;

pend = length(DAFx_in) - s_win;

while pin<pend

grain = DAFx_in(pin+1:pin+s_win).* w1;

%===========================================

f = fft(grain);

r = abs(f)/hs_win;

ft = f.*r. / (r+coef);

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

% ===========================================

DAFx_out(pout+1:pout+s_win) = ...

DAFx_out(pout+1:pout+s_win) + grain;

pin = pin + n1;

pout = pout + n2;

end

%UUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUUU

toc

%----- listening and saving the output -----

% DAFx_in = DAFx_in(s_win+1:s_win+L);

DAFx_out = DAFx_out(s_win+1:s_win+L);

soundsc(DAFx_out, FS);

wavwrite(DAFx_out, FS, ’x1_denoise.wav’);

An example is shown in Figure 7.33. It is of course possible to introduce different noise-gate

functions instead of the simple ones we have chosen. For instance, the formulation

ft = f.*r. / (r+coef);

can be replaced by the following one:

ft = f.*r. / max(r,coef);

With the first formulation, a bias is introduced to the magnitude of each frequency bin, whereas

in the second formulaiton, the bias is only introduced for frequency bins that are actually

denoised.
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Figure 7.33 The left plot shows the windowed FFT of a flute sound. The right plot shows the

same FFT after noise gating each bin using the r/(r+coef) gating function with c = 0.01.

1 w h i l e p in<pend
2 g r a i n = DAFx in ( p i n +1: p i n+s w i n ) .∗ w1 ;
3 % ===========================================
4 f = f f t ( g r a i n ) ;
5 r = abs ( f )/ h s w i n ;
6 f t = f .∗ r . / ( r+c o e f ) ;
7 g r a i n = ( r e a l ( i f f t ( f t ) ) ) .∗ w2 ;
8 % ===========================================
9 DAFx out ( pout +1: pout+s w i n ) = . . .

10 DAFx out ( pout +1: pout+s w i n ) + g r a i n ;
11 p i n = p i n + n1 ;
12 pout = pout + n2 ;
13 end

VX denoise.m
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Panorâmica espectral

Ideia: separação de componentes espectrais em canais diferentes.

A lei de Blumlein:

sin Θ(n, k) =
gL(n, k)− gR(n, k)

gL(n, k) + gR(n, k)
sin Θt

Se Θ = 45o , o espectro de sáıda de cada canal é dado por:

XL(n, k) =

√
2

2
(cos Θ(n, k) + sin Θ(n, k)) · X (n, k)

XR(n, k) =

√
2

2
(cos Θ(n, k)− sin Θ(n, k)) · X (n, k)
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% DAFx_in = DAFx_in(s_win+1:s_win+L);

DAFx_out = DAFx_out(s_win+1:s_win+L,:) / max(max(abs(DAFx_out)));

soundsc(DAFx_out, FS);

wavwrite(DAFx_out, FS, ’x1_specpan.wav’);
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Figure 7.34 Spectral panning of the magnitude spectrum of a single frame, using a wave form

as the panning angle. Each frequency bin of the original STFT X(n, k) (centered with θ = 0, in

gray) is panoramized with constant power.

Spectral panning offers many applications, which are listed to show the variety of possibilities:

(1) Pseudo-source separation when combined with a multi-pitch detector.

(2) Arbitrary panning when the θ(n, k) value is not related to the spectral content of the sound.

(3) Vomito effect, when the azimuth angles are refreshed too often (i.e., every frame at a

50 Hz rate), the fast motions of sound also implies timbre modulations (as the amplitude

modulation has a frequency higher than 20 Hz), both of which result in some unpleasant

effects for the listener.

7.5 Conclusion

The starting point of this chapter was the computation of a time-frequency representation of a

sound, to manipulate this representation and reproduce a sound. At first sight this may appear as

an easy task, but we have seen that the basis for this time-frequency processing needs a careful

description of the fundamentals, because the term ‘vocoder’ can cover different implementations.

We also explained that the arbitrary manipulation of time-frequency representations renders images

1 g r a i n = DAFx in ( p i n +1: p i n+s w i n ) .∗ w1 ;
2 % ===========================================
3 f = f f t ( g r a i n ) ;
4 %−−−− compute l e f t and r i g h t spectrum w i t h B l u m l e i n law a t 45 d e g r e e s
5 f t L = c o e f ∗ f .∗ ( cos ( t h e t a ) + s i n ( t h e t a ) ) ;
6 f t R = c o e f ∗ f .∗ ( cos ( t h e t a ) − s i n ( t h e t a ) ) ;
7 g r a i n L = ( r e a l ( i f f t ( f t L ) ) ) .∗w2 ;
8 g r a i n R = ( r e a l ( i f f t ( f t R ) ) ) .∗w2 ;
9 % ===========================================

10 DAFx out ( pout +1: pout+s win , 1 ) = DAFx out ( pout +1: pout+s win , 1 ) + g r a i n L ;
11 DAFx out ( pout +1: pout+s win , 2 ) = DAFx out ( pout +1: pout+s win , 2 ) + g r a i n R ;
12 p i n = p i n + n1 ;
13 pout = pout + n2 ;

VX specpan.m
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