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to reach other regions of expressivity (see [16] where more
than 2 dimensions are used to synthesize singing voice). As
3 dimensions remains manageable and viewable by human,
it has been chosen to select one spectral feature among the
ones defined above to be the third dimension of our synthesis

engine.
It has been observed that the COG and the
Spectral FlatnessMeasure are highly correlated.

Conserving these two descriptors is useless since they
bring similar information. It has been thus chosen to conserve
the COG because it is widely used in the MIR domain.
Concerning the three tristimuli, only the first is kept since
the two others are highly correlated with the first one. Fig.
7, 8 and 9 show respectively the distribution of COG,
Spectral Decrease and Tristimulus; for the first piece of
the database.

Fig. 7. Spectral CoG vs. Energy/Notes for the first piece of the database.

Fig. 8. Spectral decrease vs. Energy/Notes for the first piece of the database.

In order to select one feature among the three ones, the
3D space is projected on a 2D space by representing the
distribution of each of these features according to the fun-
damental frequency. Fig. 10, 11 and 12 show respectively the
distribution of C'OG, Spectral Decrease and Tristimulus,
for the five pieces of the database according to the notes.

Among the three features, one has to find the one which
shows the highest variation for each zone of note and energy,
but with a sufficient density of frames in order to have large
possibilities of exploration. When looking at Fig. 10, 11 and
12, one can see that COG is the feature that meets the best
these conditions.

Fig. 9. First tristimulus vs. Energy/Notes for the first piece of the database.

Fig. 10. Spectral CoG vs. Notes for the five pieces of the database.
Fig. 11. Spectral decrease vs. Notes for the five pieces of the database.
Fig. 12. First tristimulus vs. Notes for the five pieces of the database.

Three features are thus considered in our system to car-
acterize violin frames: the energy, the fundamental frequency
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and the spectral center of gravity. In order to test strategies
of synthesis, the database is split in two parts: the frame
belonging to the first piece and the ones belonging to the four
other pieces. The distribution of these two parts is shown in
Fig. 13.
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Fig. 13. The two parts of the database in the 3D space.

IV. BROWSING THE CLOUD FOR SYNTHESIS

Let us note by x(; ;), the 4" frame of the i*" violin piece of
the database and by X(; ;) its corresponding vector of features.
We also name x; the frame x(; ;) selected at time ¢ and X
its vector of features.

We need to find a sequence of T database frames
(z1,...,x7) whose features (X1, ..., Xr) best match a given
sequence of features (Y7, ..., Yr), whether these are extracted
from an actual violin piece or produced by some gesture-based
heuristic. The sequence of X; needs to be consistent in many
ways (realistic and continuous feature trajectories, overall
acoustic and musical quality, ...). Moreover the selection
process has to be fast enough to be used in a real-time
environment such as Max or Pd.

A. Clustering and Pruning

First a standard k-means clustering is performed on the fj-
Energy-CoG normalized space of features so that its 150000
frames are spread around 128 centroids C}, (k = 1,...,128).
This k-means clustering is achieved thanks to Spider', a Mat-
lab library of objects for machine learning purpose, released
under the terms of the GPL. The result of the clustering in the
fo-Energy space is shown in Figure 14

Note that this clustering is an offline process that has to
be done only once, when the database is created. Obviously
a clustering for every X; sequence generation would be
everything but a real-time process.

Then for every vector Y; that has to be matched by a vector
X, from the database we find the k-means centroid C}, that
minimizes M (Y;, C), the Mahalanobis distance,

M(Y;,Cr) = /(Y ~ CTS LY, - Cp), )

Uhttp://www.kyb.tuebingen.mpg.de/bs/people/spider
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Fig. 14. Result of the k-mean clustering. Horizontal axis is fo, verical axis
is energy. Red dots marks the position of the cluster centroids.

where X is the covariance matrix of all the X(; ;) in the
database.

X will be selected amid the subset of vectors X;
attached to that centroid. Let us denote by X** that subset.

In order to reduce the algorithm duration we can downsize
that subset by discarding all the elements of X** whose
Mahalanobis distance to the target vector Y; is beyond a certain
threshold. Another approach is to limit the number of frames
in the subset to the N closest to Y;. We selected the latter in
our implementation and fixed N = 10.

Finally the last step, detailed in section IV-B, is to add some
continuity constraint when selecting one of the N remaining
vectors in X%t to match Y; .

B. Selection

The continuity constraint is added through a Viterbi-based
method. Indeed the X; sequence has to minimize a global cost
which is a cumulative sum of target and concatenation costs.

The target costs at time ¢ are computed as the Mahalanobis
distance between each one of the N X%* and the target
Y;. These distances have already been computed during the
pruning step.

As for the concatenation cost, it corresponds to “the price
to pay” to go from one of the N vectors of X*:-1 at time
t — 1 to one of the N vectors of X** at time t. A zero cost
should correspond to a transition between two vectors that are
in successive order in the original data used in the database.

For instance, if one of the X**=1 is X, g4) and one of the
X* is X (2,65 (i.e. respectively the 64" and 65" frames of
the second violin piece), the concatenation cost between the
two should be null since they can be concatenated seamlessly.
Another way to phrase this is : “if the frame at time ¢t — 1
is X(; ;) then the optimal frame at time ¢ would be frame
Xij+1)-

Therefore we measure the concatenation cost between a
feature vector X(; ;) from X*-1 and X(; ;) from X% as
the Mahalanobis distance between X ; ;1) and Xy ;).

Finally the sequence X, ..., X7 is obtained by using the
Viterbi algorithm to minimize the overall cost dp.

6 = min(dy—1 + M (X j1), X(irjn)) + M(XF V), (10)

where each J; is a N-dimension vector and
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61 = M(X™.17) (11)

Then X7 is selected as

X7 = argmin(dr), (12)

and then the backtracking step of the algorithm selects every
X, starting with ¢ =T — 1, and so on.

X = argmin(d; + M(X (i j11), Xi41)), (13)

that is to say Xy will be the X; ;) whose following frame
X(i,j+1) minimizes the overall cost to go to Xy;.

V. CONCLUSION

In this project we had the opportunity of extensively study a
sound space which was not in the track of what we did before.
It gave us the possibility to develop our analysis tools (pitch
analysis, pitch marking, spectral feature computation) in new
directions. The problem of content-oriented sound synthesis
with extra-small timing resolution has also been developed. In
this context we can conclude that violin sound is particularly
difficult to process by overlap-add and that new tracks have
to be discussed in this field.
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