Chapter 5

How does an audio effects processor perform
pitch-shifting?

"Christmas, Christmas time is near, Time for toys and time for cheer, ..."
The chipmunk song (Bagdasarian 1958)

T. Dutoit (°), J. Laroche (*)

(°) Faculté Polytechnique de Mons, Belgium
(*) Creative Labs, Inc., Scotts Valley, California

The old-fashioned charm of modified high-pitched voices has recently
been revived by the American movie Alvin and the Chipmunks, based on
the popular group and animated series of the same name which dates back
from the fifties. These voices were originally performed by recording
speech spoken (or sung) slowlier (typically at half the normal speed), and
then accelerating (“pitching-up”) the playback (typically at double speed,
thereby increasing the pitch by one octave). The same effect can now be
created digitally and in real time; it is widely used today in computer mu-
sic.

5.1 Background — The phase vocoder

It has been shown in Chapter 3 (3.1.2 and 3.2.4) that linear transforms and
their inverse can be seen as sub-band analysis/synthesis filter banks. The
main idea behind the phase vocoder, which originally appeared in (Flana-
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gan and Golden 1966 ') for speech transmission, is precisely that of using a
discrete Fourier transform (DFT) as a filter bank for sub-band processing
of signals (5.1.1). This, as we shall see, is a particular case of the more
general Short-Time Fourier Transform (STFT) processing (5.1.2) with
special care to perfect reconstruction of the input signal (5.1.3), which
opens the way to non-linear processing effects, such as time-scale modifi-
cation (5.1.4), pitch-shifting (5.1.5), harmonization, etc.

5.1.1 DFT-based signal processing

The most straightforward embodiment for frequency-based processing of
an audio signal x(n) is given in Fig. 5.1 and Fig. 5.2. Input frames x con-
taining N samples [x(mN), x(mN+1), ..., x(mN+N-1)] are used as input for
an N-bin DFT. The N resulting complex frequency-domain values
X=[Xo(m), X;(m), ..., Xy.;(m)] are given by:
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Fig. 5.1 N-bin DFT-based signal processing: block diagram

! Flanagan and Golden called this system the phase vocoder after H. Dudley's
channel vocoder, which only transmitted the spectral envelope (i.e. a gross es-
timation of the amplitude spectrum) of speech, while spectral details were sent
in a separate channel and modeled though a voiced/unvoiced generator. In con-
trast, in the phase vocoder, phase information was sent together with amplitude
information, and brought a lot more information on the speech excitation.
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They are changed into Y=[Yy(m), Y;(m),..., Yn.;(m)] according to the target
audio effect A, and an inverse DFT produces output audio samples
y=[y(mM), y(mM+1), ..., y(mM+N-1)].

As already explained in Chapter 3, Xj(m) can also be interpreted, for a
fixed value of k, as the result of passing the input signal through a sub-
band filter Hy(z) whose frequency response Hy(¢) is centered on €, and

whose impulse response is given by:
h (n)={L e, e % ., e D% 00,.} (5.2)

and further decimating its output by a factor N (Fig. 5.3). These sub-band
processing and block-processing views are very complimentary (Fig. 5.4)
and will be used often in this Chapter.

Notice that in this first simple embodiment, the input and output frames
do not overlap: all sub-band signals X;(m) (k=0,1,...N-1) are implicitly
downsampled by a factor N compared to the sampling rate of the input sig-
nal x(n).
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Fig. 5.2 N-bin DFT-based signal processing: frame-based view
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Fig. 5.3 N-channel DFT-based signal processing: sub-band processing view
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Fig. 5.4 Block processing vs. sub-band signal processing views, in the time-
frequency domain (after Dolson, 1986). The former examines the outputs of all
sub-band filters at a given instant, while the latter focuses on the output of a single
sub-band filter over time.

5.1.2 STFT-based signal processing

The setting depicted in Fig. 5.1 has three apparent problems for the type of
non-linear processing we will apply to sub-band signals in this Chapter.
These problems are respectively related to frequency selectivity, frame
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shift, and to the so-called blocking effect. Solving them implies, as we shall
see, to use analysis weighting window, overlapping, and synthesis weight-
ing windows.

Analysis weighting windows

DFT filter banks are not frequency selective, as already shown in Fig 3.19,
which reveals important side lobes in the frequency response of each filter.
This is a serious problem for the design of a phase vocoder: as we will see
in Section 5.1.4, the processing applied to each sub-band signal in a phase
vocoder is based on the hypothesis that, when the input signal is composed
of sinusoidal components (called partials, in computer music), each sub-
band signal will depend on at most one partial.

A solution is to use an analysis weighting window before the DFT2. As a
matter of fact, the frequency response of the filter banks implemented by
such a weighted DFT is the Fourier Transform of the weighting window it-
self. Using windows such as Hanning, Hamming, Blackman, or others,
makes it possible to decrease the level of side lobes, at the expense of en-
larging the bandwidth of each sub-band filter (Fig. 5.5). This drawback can
easily be compensated by increasing N, the number of samples in each in-
put frame.

Overlapping analysis frames

In Fig. 5.2, the sampling period of each sub-band signal, i.e. the shift M
between successive DFT frames y, was explicitly set to N samples, while
the normalized bandwidth of each sub-band signal Xj(m) is approximately
equal to 2/N (the width of the main lobe of the DFT of the weighting win-
dow, which is implicitly rectangular in Fig. 5.2). According to Shannon's
theorem, we should have:

Lsp

<

(5.3)
M<t
B

where B/F, is the normalized bandwidth of the weighting window. To
avoid aliasing, sub-band signals should thus be sampled with a sampling
period smaller than N/2 samples, i.e., input DFT frames should have an
overlap greater than N/2 (Fig. 5.6).

2 Notice that weighting windows are not always necessary in STFT-based
processing. For FFT-based linear time-invariant filtering, for instance, overlap-
ping rectangular windows do the job (Smith 2007).
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Fig. 5.5 Discrete time Fourier transform of various weighting windows of length
N=16 samples, multiplied by a sine wave at 1/4™ of the sampling frequency. The
main lobe width of the rectangular, Hanning, and Blackman windows is respec-

tively equal to 2/N, =4/N, and =6/N; side lobes are respectively 13 dB, 31 dB, and
57 dB lower than the main lobe.

x(n) [ [ [ [ |

Fig. 5.6 Analysis frames with a frame shift M=N/2 (to be compared to the top of
Fig. 5.2)

In practice though, we know that if we apply no modification to sub-
band signals, i.e. if we set Y (m)= Xi(m), the output signal y(n) will be
strictly equal to the input signal x(n). This paradox is only apparent: in
practice, each sub-band signal is indeed aliased, but the aliasing between
adjacent sub-bands cancels itself, as shown in our study of perfect recon-

struction filters (3.1.1). This, however, only strictly holds provided no
processing is applied to sub-band signals.
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In contrast, given the complex sub-band signal processing performed in
the phase vocoder, it is safer to set the frame shift M in accordance with
the Shannon theorem, i.e. to a maximum value of N/2 for a rectangular
window, N /4 for a Hanning window, and N/6 for a Blackman window.
Besides, we will see in 5.1.4 that the hypotheses underlying sub-band
processing in the phase vocoder impose the same constraint.

This transforms our initial DFT (5.1) into the more general short-time
Fourier transform (STFT):

N-1
X, (m) =Y x(n+mM)w(n)e ™ (k=0, 1, ..., N-1) (5.4)

n=|

Synthesis weighting windows
Since the analysis is based on overlapping input frames, synthesis is per-
formed by summing overlapping output frames (as in Fig 3.7). However,
when non-linear block-adaptive sub-band processing is performed, as in
the phase vocoder, processing discontinuities appear at synthesis frame
boundaries. This has already been mentioned in 3.1.2.

A partial® solution to this problem is to use synthesis weighting windows
before adding overlapping output frames. The resulting processing scheme
is termed as Weighted OverLap-Add (WOLA):

Yy = 3y, (n—mM)w(n-mM)

m=—o0o

(5.5)
] 1 N-1 ino
with y_(n) :WZY" (m)e
k=0

where in practice the number of terms in the first summation is limited by
the finite length N of the weighting window w(n). The association of IFFT
and WOLA is sometimes referred to as Inverse short-time Fourier trans-
form (ISTFT).

Fig. 5.7 shows the final block-processing view for STFT-based signal
processing: an STFT-based analysis block, whose output (amplitudes and
phases) is processed and sent to an ISTFT block. The corresponding sub-
band processing view is not repeated here: it is still that of Fig. 5.3 pro-

3 The use of synthesis weighting windows only spreads discontinuities around the
overlap area of successive frames, it does not cancel them. As a result, special
care has to be taken to avoid introducing avoidable discontinuities in modified
STFTs (see 5.1.4).
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vided the down- and upsampling ratios are set to M rather than N, and in
which filters H(z) and G(z) now also account for the effect of the non-
rectangular weighting window.

STFT ISTFT
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W‘ X,(m) Y,(m)
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Fig. 5.7 STFT-based signal processing: block processing view

5.1.3 Perfect reconstruction

The results obtained with an STFT-based signal processing system ob-
viously depend on the weighting window used, and on the shift between
successive analysis windows.

Assuming the analysis and synthesis windows are identical, and making
the further assumption that DFTs are not modified, WOLA's output is giv-
en by:

00

y(n)= > x(nwx(n—mM) (5.6)

m=—o0

Perfect reconstruction is therefore achieved when*:

i w2(n-mM)=1 VneZ (5.7)

m=—oo

4 Notice the similarity between this condition and (3.18), in which only m=0 and 1
are taken into account, since in the Modulated Lapped Transform the frame shift
M is set to half the frame length N.
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This condition is sometimes called the Constant OverLap Add (COLA)
constraint, applied here on w*(n). It depends on the shape of the weighting
window w(n) and on the ratio of the frame shift M to the frame length V.

A simple example is that of the square root of the triangular (or Bartlett)
window with M=N/2. The Hanning (or Hann) window with M=N/4 is
usually preferred (Fig. 5.8), as its Fourier transform exhibits a better com-
promise between the level of its side lobes and the width of its pass-band.
The square root of the Hanning window can also be used with M=N/2 5.
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Fig. 5.8 Overlap-adding triangular windows with M=N/2 (left) and squared Han-
ning windows M=N/4 (right)

Usual weighting windows, when used in the COLA conditions, sum up
to K#1 (Fig. 5.8). Using the Poisson Summation Formula, it is easy to
show that the value of K is given by (Smith 2007b):

N-1

w2(n
K - 20: (n) (5.8)
M
It is then easy to multiply the weighting window by 1/sqrt(K) to enforce
(5.7).

5.1.4 Time scale modification with the phase vocoder

The phase vocoder is a specific implementation of an STFT-based
processing system in which:
1. The input signal is assumed to be composed of a sum of (not nec-
essarily harmonic) sinusoidal terms, named partials:

5 The square root of the Hanning window is nothing else than the sinusoidal win-
dow of the Modulated Lapped Transform (MLT) used in perceptual audio cod-
ers (3.1.1), with a frame shift set to half the frame-length.
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X() =3 A cos(ng, +4) 59)

where P is the number of partials, 4; and ¢, are their amplitudes
and initial phases, and ¢; are their normalized angular frequencies
(p=w/F; [rad/sample]). The value of N, + @ gives the instanta-

neous phase of the ith partial at sample 7.

2. The output of each DFT bin is assumed to be mainly influenced by
a single partial. As already mentioned in 5.1.1, satisfying this con-
dition implies to choose long input frames, since the width of the
main spectral lobe of the analysis window depends on the number
N of samples in the frame.

When these assumptions are verifieds, it is easy to show that the output
of each DFT channel X;(m) (k=0,..,N-1) is a complex exponential function
over m. For simplicity, let us assume that the input signal is a single im-
aginary exponential:

x(n) = Ae™*? (5.10)
Then X;(m) is given by:

N-1
X, (m) =" Aelrmedyy(n)e "
n=0

= (AZeJ”‘V"Q“w(n)jelmM‘””’ k=01, .. N1 1D

n=0

= H, ()™

where H(¢) is the frequency response of the k™ analysis sub-band filter for
frequency ¢ and therefore does not depend on m. The output of each DFT
channel is thus an imaginary exponential function whose angular frequen-
cy M@ only depends on the frequency ¢ of the underlying partial (and not
on the central frequency () of the DFT bin). As a result, it is predictable
from any of its past values:

| X (m+D)H X, (m)| (5.12)

¢ Clearly, these conditions are antagonistic. Since the partials of an audio signal
are generally modulated in amplitude and frequency, condition 1 is only valid
for short frames, while verifying condition 2 requires long input frames.
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and ZX, (M+1)=2X, (m)+Me

where ZX, (M) is the instantaneous phase of the output of the kth DFT

channel (Fig. 5.10). Notice that only a wrapped version of this phase is
available in practice, since it is computed as an arctangent and therefore
obtained in the range [-7,7].

Time-scale modification, with horizontal phase locking

Modifying the duration of the input signal can then be achieved by setting
an analysis frame shift M, in (5.5) lower (time expansion) or higher (time
compression) than the synthesis frame shift M, 7, and adapting the DFT
channel values Y(m) accordingly:

Y (M) X, (m)]
(5.13)
and ZY, (M+1) = 2Y, (m)+ Mg, (M)

in which ¢y(m) is the frequency of the partial which mainly influences
Xk(m)

The initial synthesis phases £Y, (0) are simply set to the corresponding
analysis phases £X, (0), and the subsequent values are obtained from

(5.13). This operation is termed as horizontal phase locking (Fig. 5.9), as it
ensures phase coherence across frames in each DFT channel independently
of its neighbors. In other words, it guarantees that the short-time synthesis
frames y,,(n) in (5.5) will overlap coherently®.

Obtaining @(m) from (5.12), though, is not straightforward. Since the

values of ZX,(m) and £X,(m+1) are only known modulo 2w, we

have:
X, (Mm+D)—-2X, (m)=Mg, (m)+127 (5.14)
where / is an a priori unknown integer constant. Let us rewrite (5.14) as:
ZX, (M+D)—-2X (M) =M (6, (m)+Q,)+127 (5.15)

where 6(m) is the frequency offset between ¢ (m) and Q (Fig. 5.10).

7 The synthesis frame shift M is left constant, rather than the analysis frame shift
M, so as to take the COLA constraint into account.
8 Remember that this is only valid, though, for constant frequency partials.
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Fig. 5.9 The phase vocoder (after Arfib et al. 2002)

If we assume that g (m) is small enough for |M &, (m)| to be less than r, and
if []ox denotes the reduction of the phase to its principal value in [-mt,7],
then:

(M6, (M)],, =[£X, (M+D~2X, (M)~ M, ~127],,

(5.16)
M@, (m) =[£X, (M+1) - 2X, (M) -MQ, ]27r

which gives the expected value of §,(m).

Phase i
[rad] :

|
|
ZX, ()= - i
|

Time [samples]

n+mM n+(m'+1)M

Fig. 5.10 Theoretical phase increment from frame m to frame m+1 in DFT channel
k due to a main partial with frequency ¢(m) in its band-pass. In practice, X;(m)
and X (m+1) are only known modulo 27 (this is not shown here).
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The assumption on the small value of g(m) can be translated into an
offset » in DFT bins whose central frequency is close enough to ¢(m) for
(5.16) to be applicable:

|M (b%jkﬂ

| b |< l
2M
Since the half main spectral lobe width of a Hanning window covers ap-
proximately 2 bins, we conclude that, if a Hanning-based vocoder is de-
signed in such a way that horizontal phase locking should be applied to the
whole main lobe around each partial, then the frame shift A must be such
that M<N/4. This condition happens to be identical as the one derived in
5.1.2.

(5.17)

Time-scale modification, with horizontal and vertical phase locking
The two most prominent time-scaling artifacts of the classical phase vo-
coder expose above are transient smearing and phasiness. Both occur even
with modification factors close to one. Transient smearing is heard as a
slight loss of percussiveness in the signal. Piano signals, for instance, may
be perceived as having less "bite". Phasiness is heard as a characteristic co-
loration of the signal; in particular, time-expanded speech often sounds as
if the speaker is much further from the microphone than in the original re-
cording. Phasiness can be minimized by not only ensuring phase consis-
tency within each DFT channel over time, but also as we shall see by en-
suring phase coherency across the channels in a given synthesis frame. A
system implementing both horizontal and vertical phase locking is called a
phase-locked vocoder.

Coming back to the simple case of a single imaginary exponential, and
further assuming that the weighting window is rectangular, H,(¢) in (5.11)
becomes:

N-1 n(0-00) 1_ejN(¢ka)
Hk((/))=ze = 1_elv)
n=0
Nt sinN@-Q) ) k=0, 1, .. N-I)  (518)
_ i) 2
Sin (¢_Qk)

2
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Since the bracketed expression in (5.18) is positive in its main lobe, the
following cross-channel phase relationship exists in the main lobe:

CN-1
I ()

Hi.(p)-H, (p)=e * (5.19)
—e N

This relationship is even simplified if the weighted samples are first circu-

larly shifted by (N-1)/2 samples® before the DFT, as this introduces an ad-

ditional linear phase factor which cancels the influence of Q; in H(¢). As

a result, (5.19) becomes:

He1(@)—Hi(9) =0 (5.20)

This result can easily be generalized to any weighting window.

Puckette (1995) proposed a method called loose phase locking, in which
the phase in each synthesis channel is implicitly influenced by the phases
of the surrounding synthesis channels. The method first computes the syn-
thesis phases in all channels £Y,(Mm+1) according to (5.13), and then

modifies the results as:
2Y ' (m+1) = Z(Y (m=1)+Y, (m)+Y, (m+1)) (,k=0,1,..,N-1) (5.21)

As a result, if a DFT channel is the maximum of the DFT magnitudes, its
phase is basically unchanged, since Y, (m—1) and Y, (M+1) have a much

lower amplitude. Conversely, the phase of a channel surrounding the max-
imum will roughly be set to that of the maximum: the channels around the
peaks of the DFT are roughly phase locked.

The fundamental limitation (and also the attraction) of the loose phase
locking scheme is that it avoids any explicit determination of the signal
structure: the same calculation is performed in every channel, independent-
ly of its content. Laroche and Dolson (1999) have proposed an improved
phase locking scheme, named rigid phase locking and based on the explicit
identification of peaks in the spectrum. Their new phase-updating tech-
nique starts with a coarse peak-picking stage where vocoder channels are
searched for local maxima. In the simplest implementation, a channel
whose amplitude is larger than its four nearest neighbors is said to be a
peak. The series of peaks divides the frequency axis into regions of in-

° In practice, since FFTs are used for implementing the phase vocoder, N is even,
and samples are shifted by N/2. Consequently, (5.20) is only approximately ve-
rified.
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flence located around each peak. The basic idea is then to update the phas-
es for the peak channels only, according to (5.13): the phases of the re-
maining channels within each region are then locked in some way to the
phase of the peak channel. In particular, in their so-called identity phase
locking scheme, Laroche and Dolson constrain the synthesis phases around
each peak to be related in the same way as the analyses phases. If p is the
index of dominant peak channel, the phases of all channels & (k#p) in the
peak's region of influence are set to:

ZY, (m)=2Y (m)+£X, (m)—£X (m)  (k=0, 1, ..., N-1) (5.22)

Another improvement is also proposed by the authors in the scaled
phase locking scheme, which accounts for the fact that peak channels may
evolve with time.

5.1.5 Pitch shifting with the phase vocoder

The resampling-based approach

The standard pitch-scale modification technique combines time-scale mod-
ification and resampling. Assuming a pitch-scale modification by a factor
f is desired (i.e., all frequencies must be multiplied by f), the first stage
consists of using the phase-vocoder to perform a factor time-scale modifi-
cation of the signal (its duration is multiplied by /). In the second stage,
the resulting signal is resampled at a new sampling frequency F,/f , where
F is the original sampling period. The output signal ends up with the same
duration as the original signal, but its frequency content has been expanded
by a factor f during the resampling stage, which is the desired result (Fig.
5.11).

A0 A Time Stretching ﬂﬂr ) Al
IR Phase Vocoder U\ JU Upsampling

Al Al Downsamplin ﬂ}, ,1[} Time Compressing il il i
AR pling A Phase Vocoder

Fig. 5.11 A possible implementation of a pitch-shifter using a phase vocoder. Top:
downward pitch-scaling (£ < 1); Bottom: upward pitch scaling.

Note that it is possible to reverse the order of these two stages, which
yields the same result if the window size is multiplied by £ in the phase-
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vocoder time-scaling stage. However, the cost of the algorithm is a func-
tion of the modification factor and of the order in which the two stages are
performed. For example, for upward pitch-shifting (f > 1), it is more ad-
vantageous to resample first and then time-scale, because the resampling
stage yields a shorter signal. For downward pitch-shifting, it is better to
time-scale first and then resample, because the time-scaling stage yields a
signal of smaller duration (as shown on Fig. 5.11).

This standard technique has several drawbacks. Its computational cost is
a function of the modification factor. If the order in which the two stages
are performed is fixed, the cost becomes increasingly large for larger up-
ward or downward modifications. An algorithm with a fixed cost is usually
preferable. Another drawback of the standard technique is that only one
”linear” pitch-scale modification is allowed i.e., the frequencies of all the
components are multiplied by the same factor . As a result, harmonizing a
signal (i.e., adding several copies pitch-shifted with different factors) re-
quires repeated processing at a prohibitive cost for real-time applications.

The STFT-based approach

A more flexible algorithm has been proposed by Laroche and Dolson
(1999b), which allows non-linear frequency modifications, enabling the
same kind of alterations that usually require non real-time sinusoidal anal-
ysis/synthesis techniques.

The underlying idea behind the new techniques consists of identifying
peaks in the short-term Fourier transform, and then translating them to new
arbitrary frequencies. If the relative amplitudes and phases of the bins
around a sinusoidal peak are preserved during the translation, then the
time-domain signal corresponding to the shifted peak is simply a sinusoid
at a different frequency, modulated by the same analysis window.

For instance, in the case of a single imaginary exponential signal
x(n) = Ae/™** input frames will be of the form:

X, (N) = Aw(n+mM el "o+ (5.23)

and (5.11) shows that X;(m) only depends on & via (¢ - (). As a result,
imposing'’:

Y (M) = X @ 6ymoan (M) (k=0,1,...,N -1 (5.24)

19 Notice the "mod N" in (5.24), which makes sure that, if a shifted region of influ-
ence spills out of the frequency range [0,27], it is simply reflected back into
[0,27] after complex conjugation (indicated by our non standard use of the "(*)"
notation) to account for the fact that the original signal is real.
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in which § is an integer number of DFT bins, will result in output frames
of the form:

y.(n) = Aw(n+mM)gl(merae)s (5.25)

2
with Ap =S N - These output frames, however, will not overlap-add

coherently into:

. 2z
y(n) = Aeln(wSW)ﬂb (5.26)

since (5.24) does not ensure that the peak phases are consistent from one
frame to the next. As a matter of fact, since the frequency has been
changed from ¢ to @+Ag, phase coherency requires rotating all phases by
MA@ and accumulating this rotation for each new frame, which results in
the final pitch-scaling scheme:

Yo (M) = X 5ymoan (M €™2 (K =0,1,..., N ~1) (527)

Pitch-shifting a more complex signal is achieved by first detecting spec-
tral peaks and regions of influence, as in the phase-locked vocoder, and
then shifting each region of influence separately by £, using (5.27) with
A@p=(f-1)¢ . Shifted areas of influence that overlap in frequency are simp-
ly added together.

When the value of the frequency shift A@ does not correspond to an in-
teger number of bins S (which is the most general case), it can either be
rounded to the closest integer value of S (which is very acceptable for large
DFT sizes and low sampling rates, for which DFT channel are very nar-
row), or linear interpolation can be used to distribute each shifted bin into
existing DFT bins (see Laroche and Dolson 1999b).

It is useful to note that because the channels around a given peak are ro-
tated by the same angle, the differences between the phases of the channels
around a peak in the input STFT are preserved in the output STFT short-
term Fourier transform. This is similar to the “Identity Phase-Locking”
scheme, which dramatically minimizes the phasiness artifact often encoun-
tered in phase-vocoder time or pitch-scale modifications.

Notice also, finally, that the exact value of the frequency ¢ of each par-
tial is not required, since only Ag is used in (5.27). This is an important
savings compared to the standard phase vocoder, and makes this approach
more robust.



166  T. Dutoit, J. Laroche

5.2 MATLAB proof of concept: ASP_audio_effects.m

In this section, we show that STFT-based signal processing provides very
flexible tools for audio signal processing. We start by radically modifying
the phases of the STFT, to create a robotization effect (5.2.1). Then we ex-
amine the MATLAB implementation of a phase vocoder, with and without
vertical phase locking (5.2.2). We conclude the Chapter with two pitch-
scale modification algorithms, which use the phase vocoder in various as-
pects (5.2.3).

5.2.1 STFT-based audio signal processing

We first implement a basic STFT-based processing scheme, using the
same weighting window for both analysis and synthesis, and with very
simple processing of the intermediate DFTs.

Weighting windows

Since weighting windows play an important part in STFT-based signal
processing, it is interesting to check their features first. MATLAB propos-
es a handy tool for that: the wvtooT function. Let us use it for comparing
the rectangular, Hanning, and Blackman windows. Clearly, the spectral
leakage of the Hanning and Blackman windows are lower than those of the
rectangular and sqrt(Hanning) windows. By zooming on the the main spec-
tral lobes, one can check that this is compensated by a higher lobe width
(Fig. 5.12): the spectral width of the rectangular window is half that of the
Hanning window, and a third of that of the Blackman window.

N=100;
wvtool (boxcar(N) ,hanning(N) ,blackman(N));

The Constant OverLap-Add (COLA) constraint

Let us now examine the operations involved in weighted overlap-add
(WOLA). When no modification of the analysis frames is performed, one
can to the least expect the output signal to be very close to the input signal.
In particular, a constant input signal should result in a constant output sig-
nal. This condition is termed as Constant OverLap-Add (COLA) con-
straint. It is only strictly met for specific choices of the weighting window
and of the window shift, as we shall see. We now check this on a chirp
signal.
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Fig. 5.12 The 100-samples rectangular, Hanning, and Blackman weighting win-
dows (left) and their main spectral properties (right)

Fs=8000; .
input_signal=chirp((0:Fs)/Fs,0,1,2000)";
specgram(input_signal,1024,Fs,256);
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Fig. 5.13 Spectrogram of a chirp. Left: original signal; Right: after weighted over-
lap-add using a Hanning window and a frame shift set to half the frame length
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We actually use the periodic version of the Hanning window, which bet-
ter meets the COLA constraint for various values of the frame shift than
the default symmetric version. It is easy to plot the SNR of the analysis-
synthesis process, for a variable frame shift between 1 and 512 samples
and a frame length N of 512 samples (Fig. 5.14, left). The resulting SNR is
indeed very high for values of the frame shift M equal to N/4, N/S,
N/16, ..., 1. These values are said to meet the COLA constraint for the
squared Hanning window. In practice, values of the frame shift that do not
meet the COLA constraint can still be used, provided the related SNR is
higher than the local signal-to-mask ratio (SMR) due to psycho-acoustic
effects (see Chapter 3). Using the highest possible value for the frame shift
while still reaching a very high SNR minimizes the computational load of
the system.

COLA_check=zeros (1ength(input_signal),2);
frame_length=512;
for frame_shift=1:frame_length

% Amplitude normalization for 1mpos1ng unity COLA
window=hanning (frame_length, 'periodic');
COLA_ratio=sum(window. *w1ndow)/frame sh1ft,
window=window/sqrt(COLA_ratio);

output_signal=zeros(length(input_signal),1);
pin=0; % current position_in the input signal
pout=0; % current position in the output signal

while pin+frame_length<length(input_signal)

% creat1n% analysis frames
analysis_frame = .
input_ s1gna1(p1n+1 pin+frame_length).* window;

% Leaving analysis frames untouched
synthesis_frame=analysis_frame;

% weighted OverLap-Add (WOLA)

output_signal (pout+1:pout+frame_length) =
output_signal(pout+1l:pout+frame_ 1ength)+
synthesis_frame.*window;

% Checking COLA for two values of the frame shift
if (frame_shift==frame_length/2)
COLA_check(pout+1:pout+frame_ 1en?th yD=..
COLA_check(pout+1:pout+frame_length, 1)
+window. *window;
elseif (frame_shift= =frame_ length/4)
COLA_check(pout+1:pout+frame_length,2)=..
COLA_check(pout+1:pout+frame_ 1ength 2)
d +window. *window;
end;

pin=pin+frame_shift;
pout=pout+frame_shift;

end;
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% Storing the output signal for frame shift = frame_length/2
if (frame_shift==frame_length/2)

4 output_half=output_signal;
end;

% Using the homemade snr function introduced in Chapter 2,
% and dro ?p1ng the first and last frames, which are only
% partially over1aﬁ -added
snr_values(frame_shift)= snr
input_signal(frame_ 1ength+1 end-frame_length),...
output_signal(frame_length+1l:end-frame_length),0);

end

plot((1:frame_length) /frame_length,snr_values);

IHH Il "|””|

0 01 02 03 04 05 06 07 08 09 1 0 1000 2000 3000 4000 5000 6000 7000 8000 9000
frame shift/rame length samples

~

Fig. 5.14 Examining the COLA constraint for a Hanning window. Left: SNR for
various values of the ratio frame shift/frame length; Right: result of the OLA with
M=N/2 (non COLA) and N/4 (COLA)

When the input signal is a unity constant, the output signal can indeed
be close to unity... or not, depending the value of the frame shift. For the
Hanning window, obviously, a frame shift of N/4 meets the COLA con-
straint, while N/2 leads to an important amplitude ripple (Fig. 5.14, right).
These values also depend on the weighting window. '

plot(coLA_check(:,1)); hold o
plot(coLA_check(:,2), 'k--", "I1new1dth ,2); hold off;

A bad choice of the frame shift may lead to important perceptual degra-
dation of the output audio signal, as confirmed by listening to the output
produced for M=N/2 (see Fig. 5.13, right for the related spectrogram).

soundsc (output_half, Fs);

1 See Appendix 1 in the audio_effects.m file for a test on the square-root Han-
ning window.
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specgram(output_half,1024,Fs,256);

STFT-based signal processing

We now add an STFT/ISTFT step. The choice of the frame length N, of
the type of weighting window and of the frame shift, depends on the type
of processing applied to frequency bands. For frequency-selective
processing, a large value of N is required, as the bandwidth of the DFT
channels is inversely proportional to . In this Section, we will implement
a simple robotization effect on a speech signal, which is not a frequency-
selective modification. We therefore set N to 256 samples (but many other
values would match our goal). We choose a Hanning window, with a
frame shift of 80 samples. This value does not meet the COLA constraint
for the Hanning window, but the effect we will apply here does not attempt
to maintain the integrity of the input signal anyway.

Let us process the speech.wav file, which contains the sentence Paint
the circuits sampled at 8 kHz. We first plot its spectrogram using the same
frame length and frame shift as that of our STFT. The resulting plot is not
especially pretty, but it shows exactly the data that we will process. The
spectrogram reveals the harmonic structure of the signal, and shows that its
pitch is a function of time (Fig. 5.15, left).

frame_length=256;

frame_shift=80;

window=hanning (frame_length, 'periodic');
COLA_ratio=sum(window. *window) /frame_shift;
window=window/sqrt(COLA_ratio);

[input_signal,Fs]=wavread('speech.wav');
specgram(input_signal, frame_length, Fs,window) ;
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Fig. 5.15 Spectrogram of the sentence Paint the circuits. Left: original signal, as
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When no processing of the intermediate DFTs is performed, the output
signal is thus equal to the input signal. It is easy to modify the amplitudes
or the phases of the STFT, to produce audio effects. Let us test a simple
robotization effect, for instance, by setting all phases to zero. This produc-
es a disruptive perceptual effect, at the periodicity of the frame shift (Fig.
5.16). When the shift is chosen small enough, and the effect is applied to
speech, it is perceived as artificial constant pitch. This simple effect ap-
pears on the spectrogram as a horizontal reshaping of the harmonics (Fig.
5.15, right). It reveals the importance of phases modifications (and more
specifically of phase discontinuities) in the perception of a sound.

06
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0.2 ' ' ' ' : :
0.04 006 008 0.1 012 014 016 0.18
0.15
0.1 .
0.0 .
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0.04 006 008 0.1 012 014 016 0.1

Time [ms]

Fig. 5.16 Zoom on the first vowel of Paint the circuits. Top: original signal; Bot-
tom: robotized signal with frame shift set to 10 ms (hence producing an artificial
pitch of 100 Hz)

output_signal=zeros(length(input_signal),l);
pin=0;pout=0;

while pin+frame_length<length(input_signal)

% STFT
analysis_frame=input_signal(pin+l:pin+frame_length).* window;
dft=fft(analysis_frame);

% Setting all phases to zero
dft=abs (dft);

% ISTFT

synthesis_frame=ifft(dft).*window;

output_signal(pout+l:pout+frame_length) = ...
output_signal(pout+l:pout+frame_length)+synthesis_frame;
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pin=pin+frame_shift;
pout=pout+frame_shift;
end;

%1%oom on a few ms of signal, before and after robotization
ciT;

range=(400:1400);

subplot(211);

plot(range/Fs,input_signal(range))

subplot(212);

plot(range/Fs,output_signal(range))

specgram(output_signal,frame_length,Fs,window) ;

5.2.2 Time scale modification

In this Section we examine methods for modifying the duration of an input
signal without changing its audio spectral characteristics (e.g., without
changing the pitch of any of the instruments). The test sentence we use
here contains several chunks, sampled at 44100 Hz (Fig. 5.17, left). It
starts with 1000 Hz sine wave, followed by a speech excerpt. The sound of
a (single) violin comes next, followed by an excerpt of a more complex
polyphonic musical piece (Time by Pink Floyd).

[input_signal,Fs]=wavread('time_scaling.wav');

frame_length=2048;
frame_shift=frame_length/4;

window=hanning (frame_length, 'periodic');
COLA_ratio=sum(window. *window)/frame_shift;
window=window/sqrt(COLA_ratio);

specgram(input_signal,frame_length, Fs,window) ;

Frequency
Frequency

Fig. 5.17 Spectrogram of the test signal. Left: original signal; Right: after time-
stretching by a factor of two
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Interpolating the signal

Increasing the length of the input signal by a factor of two, for instance, is
easily obtained by interpolating the signal, using the resample function
provided by MATLAB, and not telling the digital-to-analog converter
(DAC) about the sampling frequency change. This operation, however, al-
so changes the frequency content of the signal: all frequencies are divided
by two. Similarly, speeding-up the signal by a factor two would multiply
all frequencies by two. This is sometimes referred to as the "chipmunk ef-
fect". Notice incidentally the aliasing introduced by the imperfect low-pass
filter used by resample (Fig. 5.17, right).

resampled_signal=resample(input_signal,2,1);

specgram(resampled_signal, frame_length,Fs,window) ;

Time-scale modification with Weighted OverLap-Add (WOLA)

It is also possible to modify the time scale by decomposing it into ovelap-
ping frames, changing the analysis frame shift into a different synthesis
frame shift, and applying weighted overlap-add (WOLA) to the resulting
synthesis frames. While this technique works well for unstructured signals,
its application to harmonic signals produces unpleasant audio artifacts at
the frequency of the synthesis frame rate, due to the loss of synchronicity
between excerpts of the same partials in overlapping synthesis frames (Fig.
5.18). This somehow reminds us of the robotization effect obtained in Sec-
tion 1.3.

frame_length=2048;

synthesis_frame_ shift=frame_ 1ength/4

window=hanning (frame_length, per1od1c );
COLA_ratio=sum(window. *w1ndow)/synthes1s frame_shift;
window=window/sqrt(COLA_ratio);

time_scaling_ratio=2.85;
analysis_frame_shift=..
round(synthesis_ frame shift/time_scaling_ratio);

pin=0;pout=0;
output_signal=zeros(time_scaling_ratio*length(input_signal),l);

while (pin+frame_length<length(input_signal)) .
&& (pout+frame_length<length(output_ s1gna1))

ana1ysas_frame = input_signal(pin+1l:pin+frame_length).*...

window;

synthesis_frame = analysis_frame.* window;

output_signal(pout+l: pout+frame_length) =
output_signal(pout+l:pout+frame_ 1ength)+synthes1s frame;

pin=pin+analysis_frame_shift;
pout=pout+synthesis_frame_shift;

% Saving frames for later use
if (pin==2*analysis_frame_shift) % 3rd frame



174  T. Dutoit, J. Laroche

frame_3=synthesis_frame;
elseif (pin==3*analysis_ frame _shift) % 4th frame
4 frame_4=synthesis_frame;
end;

end;

% Plot two overlapping synthesis frames and show the resulting
output signal

ax(l) subplot(211);

ran e—(2*synthes1s frame_shift:2*synthesis_frame_shift+...
rame_length-1);

1ot(range/Fs,frame_3)

old on;

ran e—(3*synthes1s frame_shift:3*synthesis_frame_shift+...
rame_length-1);

p1ot(range/Fs ,frame_4,'r")

ax(2)=subplot(212);

range=(2*synthesis_frame_shift:3*synthesis_frame_shift+...
rame_length-1);

p1ot(range/Fs output signal(range))

x1abel1('Time [ms

11nkaxes(ax, Y

set(gca, x11m ,[0 045 0.06]1);

soundsc(output_signal,Fs);

“toss 0.08 0.085 0.06 Tous 0.08 0.088 0.08

02 04 . .
0.045 0.05 0.055 0.06 0.045 0.05 0055 008
Time [s] Time [s]

Fig. 5.18 Time-scale modification of a sinusoidal signal. Top: zoom on the over-
lap of two successive synthesis frames; Bottom: the resulting output signal; Left:
using WOLA alone; Right: using the phase vocoder.

Time-scale modification with the phase vocoder

Let us now modify the time scale of the input signal without affecting its
frequency content, by using a phase vocoder, which is a STFT-based sig-
nal processing system with specific hypotheses on the STFT. Time-scaling
is again achieved by modifying the analysis frame shift without changing
the synthesis frame shift, but the STFT has to be modified, so as to avoid
creating phase mismatches between overlapped synthesis frames.
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We use the periodic Hanning window, which provides a low spectral
leakage while its main spectral lobe width is limited to 4*F/N. The choice
of the frame length N is dictated by a maximum bandwidth constraint for
the DFT sub-band filters, since the phase vocoder is based on the hypothe-
sis that each DFT bin is mainly influenced by a single partial, i.e. a sinu-
soidal component with constant frequency. For a Hanning window, each
sinusoidal component will drive 4 DFT bins, the width of each is F,/N.
Clearly, the higher the value of N, the better the selectivity of the sub-band
filters. On the other hand, a high value of N tends to break the stationarity
hypothesis on the analysis frame (i.e., the frequency of partials will no
longer be constant). We set N to 2048 samples here, which imposes the
width of each DFT bin to 21 Hz, and the bandwidth of the DFT sub-band
filters to 86 Hz. We set the frame shift to N/4=512 samples, which meets
the COLA constraint for the Hanning window. What is more, this choice
obeys the Shannon theorem for the output of each DTF bin, seen as the
output of a sub-band filter. The result is much closer to what is expected
(Fig. 5.19).

NFFT=2048;

frame_length=NFFT;
synthesis_frame_shift=frame_length/4;

window=hanning (frame_length, 'periodic');
COLA_ratio=sum(window.*window)/synthesis_frame_shift;
window=window/sqrt(COLA_ratio);

time_scaling_ratio=2.65; . .

analysis_frame_shift=round(synthesis_frame_shift/...
time_scaling_ratio);

% Central frequency of each DFT channel

DFT_bin_freqs=((0:NFFT/2-1)*2*pi/NFFT)"';

pin=0;pout=0;

output_signa1=zeros(t1me_sca11ng_ratio*]ength(input_signa]),1);
last_analysis_phase=zeros(NFFT/2,1);
last_synthesis_phase=zeros(NFFT/2,1);

while (pin+frame_length<length(input_signal)) ...
&& (pout+frame_length<length(output_signal))

% STFT

analysis_frame=input_signal(pin+l:pin+frame_length).* window;
dft=fft(fftshift(analysis_frame));

dft=dft(L:NFFT/2);

% PHASE MODIFICATION

% Find phase for each bin, compute by how much it increased

% since last frame.

this_analysis_phase = angle(dft);

delta_phase = this_ana1Ksis_phase - Tast_analysis_phase;

phase_increment=delta_phase-analysis_frame_shift...
*DFT_bin_freqs;

% Estimate the frequency of the main partial for each bin
principal_determination=mod(phase_increment+pi,2*pi)-pi;
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partials_freg=principal_determination/analysis_frame_shift+...
DFT_bin_fregs;

% Update the phase in each bin
this_synthesis_phase=last_synthesis_phase+...
synthesis_frame_shift*partials_freq;

% Compute DFT of the synthesis frame
dft= abs(dft).* exp(j*this_synthesis_phase);

% Remember phases
last_analysis_phase=this_analysis_phase;
last_synthesis_phase=this_synthesis_phase;

% ISTFT
dft(NFFT/2+2:NFFT)=F11i ﬁ1 r(dft(2:NFFT/2)");
synthesis_frame = fftshift(real(ifft(dft))).* window;
output_signal(pout+l:pout+frame_length) = ...
output_signal (pout+1l:pout+frame_length)+synthesis_frame;

pin=pint+analysis_frame_shift;
pout=pout+synthesis_frame_shift;

% Saving the estimated frequency of partials for later use
if (pin==2*analysis_frame_shift) ¥ 3rd frame
partials_freq_3=partials_freq;
end;
end;

specgram(output_signal(1l:end-5000),frame_length, Fs,window);

Frequency
Frequency

2 4 B w2

Fig. 5.19 Spectrogram of the test signal after time-stretching by a factor 2.85 using
a phase vocoder with horizontal phase locking (left) and with both horizontal and
vertical phase locking (right)

The phasing effect we had observed in the previous method has now
disappeared (Fig. 5.18, right).

Let us check how the normalized frequency of the initial sinusoid (i.e.
1000*2*n/F; = 0.142 rad/s) has been estimated. The first spectral line of
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the sinusoid mainly influences DTF bins around index
1000/(44100/2048)=46.43. As observed on Fig. 5.20 (left), bins 42 to 51
(which correspond to the main spectral lobe) have indeed measured the
correct frequency.

subplot(2,1,1);
plot((0: NFFI'/Z 1, par't1a'ls freq_3);
set(gca, 'x1im' ,[25 71);

subplot(2,1,2);

third_frame= =input_ s1ﬁna1(2*ana1ysis_frame_shift:z*ana1ysis_fra
me_shift+frame_lengt

dft=Fft(third_frame.* w1ndo

dft= 20*1oglo(abs(dft(1 NFFT/Z))),

plot((0: NFFT/2 1),dft);

set(gca, 'x1im"',[25 67]);
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Fig. 5.20 Estimated (normalized) frequency of the partials in DFT bins 25 to 65
(top) and spectral amplitude for the same bins (bottom), in a phase vocoder. Left:
in the sinusoid; Right: in more complex polyphonic music

However, for more complex sounds (as in the last frame of our test sig-

nal), the estimated partial frequency in neighboring bins vary a lot (Fig.
5.20, right).

subplot(2,1,1);
plot((0: NFFr/2 1, part1a1s freq);
set(gca, 'x1im' ,[25 71);

subplot(2,1,2);

dft= fft(ana'lys1s frame) ;

dft= 20*10910(abs(dft(1 NFFT/Z))),
plot((0: NFFr/2 1),dft);

set(gca, 'x1im"', [25 67]),

As a result, although the spectrogram of the time-scaled signal looks
similar to that of the original signal (except of course for the time axis), it
exhibits significant phasiness and transient smearing.
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The phase-locked vocoder

We have seen in the previous paragraphs that, in the case of a sinusoidal
input signal, the estimated frequency of the main partial in several neigh-
boring DFT bins (around the frequency of the sinusoid) is somehow con-
stant. One of the reasons of the phasiness in the previous version of the
phase vocoder comes from the fact that it does not enforce this effect. If
other small amplitude partials are added to the sinusoid, each DFT bin
computes its own partial frequency, so that these estimations in neighbor-
ing bins will only coincide by chance. The phase-locked vocoder changes
this, by locking the estimation of partial frequencies in bins surrounding
spectral peaks. This is called vertical phase-locking. In the following
MATLAB lines, we give an implementation of the phase modification
stage in the identity phase-locking scheme proposed in (Laroche and Dol-
son 1999).

MATLAB function involved:

e function [maxpeaks,minpeaks] = findpeaks(x) returns the in-
dexes of the local maxima (maxpeaks) and of the local minima (minpeaks)
in array X.

% PHASE MODIFICATION

% Find phase for each bin, compute by how much it increased

% since last frame.

this_analysis_phase = angle(dft);

delta_phase = this_ ana1Ks1s _phase - last ana1¥s1s phase,

phase_increment=delta_phase-analysis_frame_shift*
DFT_bin_fregs;

% Find peaks in D
peaks = f1ndpeaks(abs(dft)),

% Estimate the frequency of the main partial for each bin
pr1nc1pa1 —determination(peaks)=
od(phase_increment| peaks) il ,2*pi)-pi;
part1a1s freq(peaks =principal_ eterm1nat1on(peaks)/
analysis_frame_shift+DFT_| bin freqs(peaks),

% Find regions of influence around peal
regions = round(0.5*(peaks(1l:end- 1)+peaks(2 end)));
regions = [1;regions;NFFT/2];

% Set the frequency of partials in regions of influence to
% that of the peak (this is not strictly needed; it is used
% for subsequent plots)
for i=1:Tlength(peaks)
partials_ freqﬁreg1ons(1) regions(i+1)) =
q partials_freq(peaks(i));
en

% Update the phase for each peak
this_synthesis_phase(peaks)=1last_synthesis_phase(peaks)+...
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synthesis_frame_shift*partials_freq(peaks);

% force identity phase locking in regions of influence
for i=1:1ength(peaks)
this_synthesis_phase(regions(i):regions(i+1)) = ...
this_synthesis_phase(peaks(i)) +...
this_analysis_phase(regions(i):regions(i+1))-...
q this_analysis_phase(peaks(i));
en

As a result of vertical phase-locking, a much larger number of bins
around the main spectral line of our sinusoid have been assigned the same
partial frequency. More importantly, this property has been enforced in
more complex sounds, as shown in the last frame of our test signal.
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Fig. 5.21 Estimated (normalized) frequency of the partials in DFT bins 25 to 65
(top) and spectral amplitude for the same bins (bottom), in a phase-locked vocod-
er. Left: in the sinusoid; Right: in more complex polyphonic music

The result is improved, although it is still far from natural. It is possible
to attenuate transient smearing by using separate analysis windows for sta-
tionary and transient sounds (as done in the MPEG audio coders). We do
not examine this option here.

5.2.3 Pitch modification

The simplest way to produce a modification of the frequency axis of a sig-
nal is simply to resample it, as already seen in Section 2.1. This method,
however, also produces time modification. In this Section we focus on me-
thods for modifying the pitch of an input signal without changing its dura-
tion.
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Time-scale modification and resampling

In order to avoid the time-scaling effect of a simple resampling-based ap-
proach, a compensatory time-scale modification can be applied, using a
phase vocoder. Let us multiply the pitch by a factor 0.7, for instance. We
first multiply the duration of the input signal by 0.7, and then resample it
by 10/7, so as to recover the original number of samples.

MATLAB function involved:

function [output_signal] = phase_locked_vocoder(input_signal,
time_scaling_ratio) is a simple implementation of the phase locked vo-
coder described in (Laroche and Dolson 1999).

[input_signal,Fs]=wavread('time_scaling.wav');

time_scaling_ratio=0.7;
resampling_ratio=2;

output_signal=phase_locked_vocoder(input_signal,...
. time_scaling_ratio); .
pitch_modified_signal=resample(output_signal,10,7);

soundsc(input_si gr_]a'! ,Fs);
soundsc(pitch_modified_signal,Fs);

The time scale of the output signal is now identical to that of the input
signal. Notice again the aliasing introduced by the imperfect low-pass filter
used by resample (Fig. 5.22, left).

specgram(pitch_modified_signal(l:end-5000),frame_length,...
Fs,window) ;

Fraquency
Fraquency

Fig. 5.22 Spectrogram of the test signal after pitch modification by a factor 0.7,
using a phase vocoder followed by a resampling stage (left) and a fully integrated
STFT-based approach (right)
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The STFT-based approach

It is also possible, and much easier, to perform pitch modification in the
frequency domain by translating partials to new frequencies, i.e. inside the
phase vocoder. This technique is much more flexible, as it allows for non-
linear modification of the frequency axis.

Notice that the implementation we give below is the simplest possible
version: the peak frequencies are not interpolated for better precision, and
the shifting is rounded to an integer number of bins. This will produce
modulation artifacts on sweeping sinusoids, and phasing artifacts on audio
signals such as speech. Moreover, when shifting the pitch down, peaks are
truncated at DC, whereas they should be reflected with a conjugation sign.

NFFT=2048;

frame_1ength=NFFT;
frame_shift=frame_length/4;

window=hanning (frame_ 1ength 'periodic');
COLA_ratio=sum(window. *w1ndow)/frame shift;
window=window/sqrt(COLA_ratio);

pitch_scaling_ratio=0.7;

% Central frequency of each DFT channel
DFT_bin_freqs=((0:NFFT/2-1)*2*pi/NFFT)";

pin=0;pout=0;

output_signal=zeros(length(input_signal),1);
accumulated_rotation_angles=zeros(1, NFFT/2),

while pin+frame_length<length(input_signal)

% STFT

analysis_frame = input_signal(pin+1l:pin+frame_length)..
.* window;

dft=Ffft(fftshift(analysis_frame));

dft=dft(1:NFFT/2);

% Find peaks i
peaks = f1ndpeaks(abs(dft)),

% Find regions of influence around_ peaks
regions = round(0.5*(peaks(1:end- 1)+peaks(2 end)));
regions [1;regions;NFFT/2];

% Move each peak in frequency according to modification
% factor.

modified_dft = zeros(size(dft));
for u=1:length(peaks)

% Locate old and new bin.
old_bin = peaks(u)-1;
new_bin round(pitch_scaling_ratio*old_bin);

% Be sure to stay within O0-NFFT/2 when

% shifting/copying the peak bins

if(new_bin-old_bin+regions(u) >= NFFT/2) break; end;

if(new_bin-old_bin+regions(u+l) >= NFFT/2)
regions(u+l) = NFFT/2 - new_bin + old_bin;
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end
1f(new bin-old b1n+reg1ons(u) <= 0)

q regions(u) = 1 - new_bin + old_bin;
end;

% Compute the rotation angle required, which has

% to be cumulated from frame to frame

rotation_angles=accumulated_rotation_angles(old_bin+1l)...
+ 2*pi*Frame_shift*(new_bin-old_bin)/NFFT;

% overlap/add the bins around the peak, changing the

% phases accordingly

mod1f1ed dft(new_| 1n -old_bin+(regions(u) :regions(u+l)))= ...
modi fied_dft(new_bin-old_bin+(regions(u):regions(u+l)))...
+ dft(reg1ons(u) regions(u+l)) * exp(j*rotation_angles);

accumulated_rotation_angles((regions(u):regions(u+l))) = ...
rotation_angles;

end

% I

mod1f1ed _dft(NFFT/2+2:NFFT)=f1ipTr(modified_dft(2:NFFT/2)");

synthesis_frame = fftshift(real(ifft(modified_dft))).* window;

output_signal (pout+l:pout+frame_length) =
output_signal(pout+1:pout+frame_ 'Iength)+synthes1s frame;

pin=pin+frame_shift;
pout=pout+frame_shift;

end;

The time scale of the output signal is still identical to that of the input
signal, and the frequency content above Fs*time_scaling_ratio is set to
zero (Fig. 5.22, right).

specgram(output_signal(1l:end-5000),frame_length, Fs,window);

5.3 Going further

For people interested in the use of transforms for audio processing, (Se-
thares 2007) is an excellent reference.

An important research area for phase vocoders is that of transient detec-
tion, for avoiding the transient smearing effect mentioned in this Chapter
(see Robel 2003 for instance).

One of the extensions of phase vocoders which have not been dealt with
in this Chapter is the fact that not only phases but also amplitudes should
be modified when performing time-scale modifications. In the frequency
domain, a chirp sinusoid has a wider spectral lobe than a constant-
frequency sinusoid. Exploiting this fact, however, would imply an impor-
tant increase in computational and algorithmic complexity. Sinusoidal
modeling techniques (McAulay and Quatieri 1986), which have been de-
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veloped in parallel to the phase vocoder, are more suited to handle such ef-
fects.

For monophonic signals, such as speech, a number of time-domain
techniques known as synchronized OLA (SOLA) have also been devel-
oped with great success for time scaling and pitch modification, given their
very low computational cost compared to the phase vocoder. The wavefom
Similarity SOLA (WSOLA), and pitch-synchronous (PSOLA) techniques
are presented in a unified framework in Verhelst et al. (2000). Their limi-
tations are exposed in (Laroche 1998).

The multi-band resynthesis OLA (MBROLA) technique (Dutoit 1993)
attempts to take the best of both worlds: it performs off-line frequency-
domain modifications of the signal to make it more amenable to time-
domain time scaling and pitch modification. Recently, Laroche (2003) has
also proposed a vocoder-based technique for monophonic sources, relying
on a (possibly online) pitch detection, and able to perform very flexible
pitch and formant modifications.

5.4 Conclusion

Modifying the duration or the pitch of a sound is not as easy as it might
seem at first sight. Simply changing the sampling rate only partially does
the job. In this Chapter, we have implemented a phase-locked vocoder and
tested it for time scale and pitch scale modification. We have seen that
processing the signal in the STFT domain provides better results, although
not perfect yet. One of the reasons for the remaining artifacts lies in the in-
terpretation of the input signal in terms of partials, which are neither easy
to spot, nor even always clearly defined (in transients, for instance). For
pitch shifting, we have also implemented an all-spectral approach, which is
simpler than using a phase coder followed by a sampling rate converter,
but still exhibits artifacts.
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