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ABSTRACT

This paper presents mpv or “many Phase Vocoders”; a
simple way of modifying a Phase Vocoder to simulate the
use of several Phase Vocoders at a lower computational
cost. It then explores its possible and current applications
as well as its benefits and weaknesses.

1. INTRODUCTION

A Phase Vocoder is an FFT-based technique for time scal-
ing and pitch transposition of a fixed or recorded sound.
It was originally developed for speech encoding. While
it is a powerful technique, it is also computationally ex-
pensive. As a consequence, the use of multiple instances
of this technique in live computer music performance is
limited by computational power. mpv or ”many phase
vocoders” is a simple modification to the phase voco-der
algorithm that allows, given certain considerations, to sim-
ulate the use of several phase vocoders at a lower compu-
tational cost.

1.1. Outline

The remainder of this article is organized as follows. Sec-
tion 2 gives an account of previous work on which mpv
builds upon and presents the changes to the original tech-
nique used in mpv. Sections 3 and 4 present the com-
putational improvements versus the conditions where this
technique might not be ideal. Finally, Section 5 presents a
few cases where the algorithm has been applied success-
fully and what some potential uses might be.

2. PREVIOUS WORK AND MODIFICATIONS

Originally proposed by Flanagan [4] and implemented as
an FFT technique by Portnoff [8], the phase vocoder was
later used for computer music applications by [5] and [3].
This technique is developed on the basis of Puckette’s im-
plementation [9] in the Pure Data Environment [10]. mpv
is based on the I07.phase.vocoder.pd example patch of the
Pure Data distribution, version 0.43.

A representation of the original phase vocoder (or pv)
is shown in Figure 1. It can be divided into two big pro-
cesses: reading point and analysis-synthesis.

The reading point process feeds the analysis-synthesis
process two overlapping windows of a sound of which
one is 1/4 of a window behind therefore having an overlap

Figure 1. Design of a phase vocoder.

of 3/4 of a window. These two overlapping windows are
known as “front and back windows”. The reading point
process allows for the control of the location in the sample
and the pitch transposition. The analysis-synthesis pro-
cess finds the change of phase between these windows and
adds it to the phase of the previous analysis.

In mpv both the analysis-synthesis and the reading
point processes are left intact, however, there are several
instances of the latter. In other words, there are many in-
dependent reading points. Their output signals are added,
multiplied by an amplitude control and sent to the analysis-
synthesis process. The process is shown in Figure 2.

Figure 2. mpv process layout.

mailto:jo2357@columbia.edu


3. RESULTS

To compare these results, the cpu consumption of each of
these processes was measured. The measurements were
taken in a mac book pro computer with a 2.26Ghz, 3Mb
L2 Cache, Intel Core 2 Duo processor running OS X 10.6.8
11. Both pv and mpv use a window size of 2048 points and
an overlap of 4. In figure 3., the vertical axis represents
cpu consumption and the horizontal axis represents the
number of instances of additional phase vocoders versus
additional reading points within one mpv.

Figure 3. Marginal cpu consumption for mpv and pv

In the origin, we have one full phase vocoder with one
reading point and one analysis-synthesis process. The pv
curve reflects the marginal cpu increase for every new pv
instance - that is, for the increment of both reading point
and analysis-sysnthesis processes for each instance. The
mpv curve reflects the marginal cpu increase for every new
reading point process within one mpv.

As it can be clearly seen, there is a substantial cpu
process difference that can be used to either have more
power for other processes that might have to happen at
the same time or have more reading points in an mpv than
instances of emphpv’s that a cpu can handle.

4. CONSIDERATIONS

4.1. A Sinusoidal Model

Lets imagine we have two sounds that are sweeping sinu-
soids. In a first case, we have these two sounds in the same
audio file and therefore can only be modified together. In
a second case, we have them in separate files and can be
modified independently. The principle behind mpv is that
of additive synthesis: the analysis-synthesis process does
not care if the sounds it receives are being read from a pre-
mixed (or pre-added) file or read from separate files and
added right before the analysis as in the case of mpv.

Phase Vocoders are based on sinusoidal models of sound.
As such, noisier sounds are harder to transform without
noticeable artifacts, because the analysis-synthesis pro-
cess is trying to fit a non-sinusoidal sound into a sinu-
soidal model. In this sense, both the pv and mpv present a
limitation.

Harmonic sounds, of not very low pitch, are easier to
stretch and transpose because sinusoidal components tend
to be at a reasonable distance from each other so as to not
cause any conflict, given adequate window sizes and sam-
ple rate. Increasing frequency resolution decreases time
resolution and vice versa. Dolson [3] explains it in the
following way:

“[a phase vocoder] fails when there is more
than a single partial in a given band, or when
the time-varying amplitude or frequency of
the bandpass signal changes too rapidly. ‘Too
rapidly’ means that the amplitude and frequen-
cy are not relatively constant over the dura-
tion of a single FFT”

A potential problem of using mpv is that by adding
several sounds harmonics form different sounds might end
up too close to each other, rendering the model incapable
of finding a good solution within the sinusoidal model.
For example, the analysis-synthesis process is incapable
of re-synthesizing beating and results in audible artifacts.

In other words, as sounds get more complex, the phase
vocoder is less capable of discerning the individual sinu-
soidal components. This is true of both the pv and mpv,
however the mpv is more likely to reach this problem as it
deliberately adds complexity to the sound to be analyzed.

Considering these issues, one needs to decide whether
sounds are added into an mpv or treated separately in dif-
ferent pv’s and added after the analysis-synthesis process.

On the other hand, while “artifacts” might emerge, it is
important for the composer/ author to determine whether
these are intolerable, tolerable or perhaps a welcome out-
come after all.

If these results were to be deemed undesirable, the
technique can still be useful if the composer chooses to
work with sounds that do provide desirable results. I have
worked with this technique already and do not complain.
However, when attempting to re-create these artifacts feed-
ing the algorithm less than ideal sounds, then they are
clearly audible.

4.2. A Single Mixed Output

As it is to be expected, because sounds are pre-mixed be-
fore the analysis process, the output is also a mix. This
does not allow for independent spatialization and or fur-
ther independent processing after the analysis-synthesis
process. However, each reading point can be sent to sev-
eral analysis-synthesis processes. Controlling the ampli-
tudes of these reading points might be used to control spa-
tial processes.

5. APPLICATIONS

The pv was effectively used in Wishart’s composition Vox
5 [12] and Bailey et al.[1] have suggested its use for in-
strument design. I have used pv’s in several of my com-
positions with the Silent Drum [7] and MANO controllers



[6]. However, this technique is computationally expensive
and its use in large numbers can easily overflow the com-
putational resources of a system. Mpv was developed as a
means to achieve similar results with less computation.

Mpv can be used in several situations depending on
the context. I have successfully used this algorithm in
the composition of new works including 9 gardens for
MANO Controller.

It has already been used successfully in Roger Reynolds
SMEARZ algorithm by Roger Reynolds, as implemented
by the author [11] where it is used to achieve the simulta-
neous stretching of several parts of the same sound. This
algorithm is used in the works Seasons, Dream Mirror
and Marked Music. This implementation uses 64 reading
points and 3 outputs.

I am currently working on using this technique to in-
terpolate between grains classified and ordered with Brent’s
timbre analysis toolkit for Pure Data [2], achieving timbal
navigation of a multidimensional space.

The code and audio examples are available at the fol-
lowing address: www.jaimeoliver.pe/mpv

6. CONCLUSIONS

The modifications done to a phase vocoder or pv here
called mpv, can provide the illusion of having many phase
vocoders at a lower computational cost. Depending on the
sound material being transformed, this reduction in com-
putation may cause artifacts. These artifacts might not
necessarily be undesirable or perceivable.
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