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1 Signal Decomposition Model
The main assumption of our spectrum decomposition method is that the short-term
Fourier transform (STFT) of our audio signal, Y is a linear combination of NC ele-
mentary spectra, also named basis components. This can be expressed as Y = BG
where Y ∈ RNS×1 is the spectrum at a given frame m, NS being the size of the spec-
trum. B ∈ RNS×NC is the matrix whose columns are the basis components, it is also
referred to as the basis matrix. G ∈ RNC×1 is a vector of component gains for the
current frame.

Our focus is on low latency, unsupervised applications which require the decompo-
sition of each spectrum frame to be done very quickly. Therefore, we will only consider
solutions in which the basis components B are constant and fixed a priori.

It is obvious that the choice of the basis matrix has a large influence on the de-
composition results. It is not in the scope of this article to study the effect of the basis
matrix, but rather to propose a computationally cheap method to perform the decom-
position given a suitable basis matrix.

As in many other NMF based [1, 2] approaches we set the basis matrix to be com-
posed of a set ofNP single pitch multiple-harmonic spectra. However in order to model
harmonic sources of different timbres we must allow different spectral envelopes. This
is done by filtering the single pitch components with a filterbank of NF filters. This
results in a total of NP ·NF harmonic basis components.

Modeling only harmonic sources is often not enough to explain all the possible
observed spectra. In [3] the authors propose modelling wideband components to re-
construct transient sounds or background noise. We take a similar approach by adding
to our basis matrix the spectra of the filters in our filterbank as wideband components.
This results in a total of NC = (NP + 1) ·NF .

The spectra components can be defined as:
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Ei[ω] =

F∑
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Bi,k[ω] =

{
Uk[ω]Ei[ω] if i ≤ NP

Uk[ω] if i = NP + 1
(1)
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Figure 1: Two components of our basis matrix B. Top shows Ei[ω] for a frequency of
480Hz. Middle shows Uk[ω] for two consecutive values of k. Bottom shows Bi,k[ω]
for the Ei[ω] and Uk[ω] shown above.

with H = (1 − α)F . Where α is a coefficient to control the frequency overlap
between the components, F is the frame size, Sr the sample rate, w[n] is the analysis
window,Nh is the number of harmonics of our components,Bi,k is the spectrum of the
component of ith pitch filtered by kth filter. Uk is the spectrum of the kth filter in our
filterbank. Uk is constructed as a sequence of NF Hann windows, linearly distributed
in the Mel scale and with a 50% overlap.

The column vectorsBi,k are stacked horizontally to form the matrixB. This results
in the spectrum Bi,k of the component of ith pitch and kth filter being the column
vector BiNF+k.
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