
Figure 4. Evaluating Desolo Damage and Possible Fix Using Both Score and Spectrogram

“undamaged” f-t cells as well because such residue tends
to create artifact “musical noise” whose suppression de-
serves treatment, mostly from speech enhancement. After
such extra “masking”, we use B u

n;h � Bn;h to denote the
remaining undamaged region.

Second, since Bn 1 ;h 1 \ Bn 2 ;h 2 6=;; n 1 6=n2 for pos-
sibly many different note partials contributing energy to
the same region, we choose one damaged orchestra partial
(n; h) to repair: argmax

(n;h)

P
(t;k )2B n;h

� n gn;h (t; k ) assum-

ing Max-Approximation that only one signal dominates in
each time-frequency cell [3].

Third, in the score we look for consonant intervals such
as octaves, perfect 5th and perfect 4th in the hope to find an
observable partial whose frequency is in a relatively sim-
ple ratio to the damaged one waiting to be “transposed” to.
We call this partial, if exists, a candidate. Usually more
than one candidate exist. Large modulus value, simple fre-
quency ratio and identical instrumentation are factors that
we favor in choosing the best candidate without creating
artifacts. Thus, harmonic transposition can be performed
vertically on the spectrogram (e.g. from 3rd to 5th har-
monic of viola note B3 in Figure 4) if the duration of the
candidate partial covers that of the damaged area.

Fourth, when there is no candidate partial for the par-

tial indexed by (n; h), if there exists a partial (m; i ) whose
time support of its undamaged portion Tu

m;i is adjacent to
the damaged duration Td

n;h and whose frequency bin sup-
port K m;i satisfies K d

n;h � K m;i we can perform phase-
locked modulation with differenced phase sequence esti-
mated from B u

m;i to B d
n;h . The 2 cello partials in Figure 4

are repaired this way.
Occasionally, we are unable to perform either transfor-

mation and label the damaged partial as such.

6. EXPERIMENT RESULTS

We experiment with an excerpt of 45 seconds from the 2nd
movement of Ravel’s piano concerto in G major.

Table 1 lists a breakdown of the number of partials 1

and the number of harmonic transpositions and phase-locked
modulation that our algorithm performed. The last column,
“unable to fix” gives the number of occurrences that no
undamaged orchestra partial is available to estimate phase
from. We relax on that the 4 sections of string instruments
can be used to repair each other by harmonic transposition
but do not allow any harmonic transposition between two
different instruments in the woodwind family. This is be-

1 the number of partials only include partials that have significant spec-
tral energy and are below Nyquist frequency at SR=8000Hz.
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note partial tran.
from

tran.
to

modu-
lation

unable
to re-
pair

oboe 20 85 1 1 0 1
clarinet 6 18 3 3 0 0
flute 6 18 0 0 0 0
violin1 5 42 14 9 0 0
violin2 11 107 34 24 24 2
viola 16 160 33 41 64 5
cello 12 120 43 50 22 6

Table 1. Instrument breakdown of partials being repaired

cause the oboe is sharper than the other two in this excerpt.
At the end the most of damaged partials are fixed in some
way. We also notice that the woodwinds are less damaged
because the notes are very high pitched and too loud to
yield to the solo piano at their time-frequency region, while
the lower string instruments are frequently damaged.

The original, desoloed-but-unrepaired and repaired au-
dio are available at our demo website http://xavier.
informatics.indiana.edu/˜yushan/ISMIR2010
to evaluate the solo mask and improvement from unmask-
ing. Plots in color giving a breakdown of the partials on
the spectrogram are also available.

7. CONCLUSION, EVALUATION AND FUTURE
WORK

Instead of merely extracting one source (instrument) of
sound from the mixture, we distinguish our proposed ISS
method from other known source separation methods by
our explicit repair stage that addresses the audio degrada-
tion caused by the separation procedure. This stage signif-
icantly enhances the perceptual audio quality and boosts
performance measurement such as distortion due to inter-
ferences proposed by Vincent. That the reconstructed note
sounds plausible for some orchestra instruments suggests
that the partial-wise phase/amplitude relationship is a po-
tentially fruitful topic to investigate.

At this stage, we admit that the comparison of our method
of “unmasking” with other missing data inference tech-
niques such as [15] is not available and hence is our future
work. An ideal evaluation of any method of solo/orchestra
separation requires a “ground truth” of the two sources
recorded separately and an artificial mix of the two. How-
ever, such “ground truth” is almost away absent in the real
case and the evaluation is mainly subjective. Our explo-
ration begins with a music sample library to artificially
construct ground truth according to the score while main-
taining the texture of the music of interests.
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