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ABSTRACT 

This paper describes a system for the Multiple Fun-
damental Frequency Estimation and Tracking task in 
MIREX (Music Information Retrieval Evaluation eX-
change) 2010. It decomposes the spectral energy of the 
signal in the time-frequency domain into pitch models. 
Each pitch is modelled by 3-dimensional Gaussian Mix-
ture structure.  EM algorithm is used to estimate the pa-
rameters in the model.   

1. INTRODUCTION 

The goal of multiple pitch estimation is to estimate 
fundamental frequencies of multiple harmonic signals 
simultaneously present in an input musical signal. It is 
considered a difficult problem mainly due to large over-
lap between the overtones of different pitches—a pheno-
menon common in Western music, where combinations 
of sounds that share partials are preferred for their plea-
sant sound. 

HTC is a multipitch analyzer proposed in [1]. It de-
composes the energy patterns of observed power spec-
trum into clusters such that each of them represents a sin-
gle source and then can extract the note events such as 
fundamental frequency, intensity, onset and duration of 
notes from polyphonic audio signals. The sources are 
modeled by superimposed HTC source models, which is 
a harmonically constrained Gaussian mixture. HTC try to 
fit mixture of the source models to observed power spec-
trum by updating model parameters and clustering the 
energy patterns using EM algorithm. 

2. MODEL DESCRIPTION 

HTC model approximates the observed power spectro-
gram of input music signal W(x;t) (where x is the log-
frequency and t is the time) with a sum of K parametric 
models, each of which represents a single continuous 
pitch in the input signal. Every pitch model is composed 
of a fundamental partial (F0) and N harmonic partials. 
Since we do not know in advance what the signal sources 
are, it is important for the pitch model to be as flexible as 
possible. It should also be nonnegative since we model a 
nonnegative power spectra. We have chosen to use a  

Table 1. Parameters of Harmonic Temporal Model 
parameter Physical meaning ߤ௞ ሺݐሻ Pitch contour of the kth pitch ݓ௞  Energy of the kth pitch ݒ௞,௡ Relative energy of nth partial in kth pitch ݑ௞,௡,௬ 

Coefficient of the power envelop function of  
kth model, nth partial, yth kernel ߬௞  Onset time ܻ߶௞,௡,௬ duration(Y is constant) ߪ௞  

Diffusion in the frequency direction of the 
harmonics 

 

mixture of Gaussian functions due to its simplicity and 
flexibility. The list of model's parameters is shown in Ta-
ble 1.  

We have employed the EM algorithm to estimate all of 
the model's parameters. We assume that the energy densi-
ty W(x;t) has an unknown fuzzy membership to the kth 
model, introduced as a spectral masking function . To 
minimize the difference between the observed power 
spectrogram time series W(x;t) and the pitch model , we 
use the Kullback–Leibler (KL) divergence as the global 
cost function;  

∑＝ܬ     ׭ ݉௞ሺݔ, ;ݔሻܹሺݐ ݃݋ሻ݈ݐ ௠ೖሺ௫,௧ሻௐሺ௫;௧ሻ௤ೖሺ௫,௧;ఏሻ஽௞          (1) 

under the constraint; ∑ ݉௞௞ ሺݔ, ሻݐ ൌ 1, 0 ൏ ݉௞ ሺݔ, ሻݐ ൏ 1, ,ݔ׊   (2)            ,ݐ׊
The M-step can be realized by the iteration of the up-

date the parameters depending on each acoustic object, 
which can be obtained analytically by the combination of 
an undetermined multipliers Lagrange’s method. 

3. IMPLEMENTATION 

 The system is implemented in C with standard C li-
brary. Performance of this system varies depending on 
the complexity of audio input, especially on the number 
of sources. The more the number of sources exists in an 
input, the longer time to estimate model parameters tends 
to become. It is because usually one source model is 
needed to fit one source on the input power spectrum. 
This system is originally intended to be an converter from 
audio signal to MIDI data. Therefore it assumes that the 
fundamental frequency of a source is constant while the 



  
 

note is active. Fluctuation of the frequency is ignored. 
And also output of fundamental frequency is quantized at 
the frequency of each note number of MIDI. Frame 
length of spectrum produced with Gabor Wavelet Trans-
form is 10ms and frequency range is between 50Hz and 
about 2.5kHz. 
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