
SNR[dB]
proposed1 proposed2 NMF2D correctclustering

data(1): 0–10 sec 5.62 -9.05 -0.16 5.94
data(2): 5–15 sec 4.87 -0.71 -0.88 4.88
data(3): 10–20 sec 4.41 -8.88 -0.30 4.45
data(4): 15–25 sec 0.25 -6.23 -2.82 2.52
data(5): 20–30 sec 2.08 -2.86 -1.29 3.34
data(6): 25–35 sec 3.00 -7.82 -0.48 3.66
data(7): 30–40 sec 0.72 -3.17 -1.12 1.48
data(8): 35–45 sec 1.11 -5.71 -3.15 1.42
data(9): 40–50 sec 2.70 -13.13 -1.65 3.93

average 2.75 -6.40 -1.32 3.51

Table3. SNR results of the evaluated algorithm in dB.
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Figure 4. An input signal with three instrumental tracks
(flute, oboe, and bassoon). Spectrogram (upper) and cor-
responding waveform (lower).

The average improvement value of correct clustering is
3.54 dB. For two data (data (2) and data (3)) proposed
method 1 and correct clustering mark almost same val-
ues. It shows that clustering step is maximally effective.
In some other data proposed method sets close values to
correct clustering.

Comparing SNR values between proposed method 1 and
2, it shows that in clustering step the contribution of the
gain vector disjointness is effective.

The SNR values of NMF2D method are lower than that
of proposed method 1. The reason is considered to be that,
in these real music data, the NMF2D assumption that all
notes for an instrument is an identical pitch shifted time-
frequency signature does not hold.

Figures 4 , 5 and 6 show an example of experimental
results: figure 4 is an input signal in which three instru-
mental signals (flute, oboe and bassoon) are mixed, figure
5 is a source signal with bassoon sounds, figure 6 is a sepa-
rated signal which is corresponded to the bassoon’s source
signal. Even in other two instrumental sounds the results
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Figure 5. A source signal (bassoon track) of the mixture
shown in figure 4.

Figure6. A separated signal (bassoon track) from the mix-
ture shown in figure 4.



equaledto it.

5. CONCLUSION

This paper discussed a method for monophonic instrument
sound separation. The method used nonnegative matrix
factorization to factorize the spectrogram of the input sig-
nal into components. Then we introduced an criterion that
measured two distinguish components: basis spectrum sim-
ilarity and temporal activity disjointness. The grouping
was done by clustering components under this measure.
The experiment results showed that in some data the pro-
posed method marked values equal to the correct clustering
which employed source signals.

Future work includes the improvement of nonnegative
matrix factorization by including the proposed criterion,
that aims at accuracy enhancement of the decomposition.
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