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ABSTRACT
We present a real-time percussive beat tracking algorithm for synchronisation within live music. A percussive
detection function that represents the percussive component of the audio input is created by an efficient
method for median filtering. Dynamic programming techniques are used to predict the beat locations and
update a cumulative beat function. It is possible to use the percussive component of the spectrogram to
create functions which correlate with kick and snare events, thereby generating a prediction of drum pattern
events.

1. INTRODUCTION
Beat tracking algorithms aim to replicate the human ability to tap along in time with a song. Whilst this task
appears to be simple for humans, it has proved difficult
to perform this task automatically, with little recent improvement in results across the standard databases on [1].
On rock and pop material, where the beat has a relatively
steady tempo and there are salient percussive events, algorithms have tended to be more successful.
An early system, BTS, by Goto and Muraka [2] exploited
the regularity of kick and snare patterns on alternating
strong and weak beats. Template matching was used to
learn the characteristic bass drum and snare drum signal
for current song. Multiple agents interpret information
according to their individual hypotheses and the system
makes beat predictions according to those made by the
strongest agent. Subsequent work tended to look at continuous features such as the onset detection function [3],
a form of novelty representation, or the power envelopes
of a set of sub-bands [4]. These features act as input to
methods such as comb filter resonators [4] [5] and autocorrelation [6] which detect regularity in the signal.
Fitzgerald [7] proposed median filtering as a method to
distinguish percussive events, characterised by vertical
lines in the spectrogram, from harmonic events, which
can be characterised by horizontal lines. Median filtering
takes place across frequencies and temporal bins of the
spectrogram to create a percussive and harmonic component respectively. Weiner filtering is then used to create a percussive mask and the percussive component of

the spectrogram is created by point-wise multiplication
of the original spectrogram with the mask. In this paper,
we describe a beat tracker utilising this method, which is
designed for music with percussive content.
2. PERCUSSIVE BEAT TRACKING
Figure 1 shows an overview of how the percussive component spectrogram is created. To perform real-time median filtering, we exploit the computation that has been
carried out at the previous time step [8]. The percussive detection function at each temporal bin is created
by summing the percussive spectrogram across all frequency bins. Functions which correlate to kick and snare
events can be created by summing selected bands of the
percussive spectrogram, using the bins up to 120Hz for
kick and those between 200 and 500 Hz for snare.
An estimation of tempo is obtained by using the autocorrelation method described by Davies and Plumbley
[6]. To prevent sudden leaps, when tracking tempo we
limit changes in tempo to adjacent bins and choose the
peak value. To predict beat locations, we make use of
the cumulative detection function [9], based on the dynamic programming approach by Ellis [10], which quantifies the extent to which periodic peaks in the percussive
signal occur at the current tempo hypothesis. Beat predictions are made iteratively on the eighth note between
expected beat times by comparing the predicted beat time
with the cumulative detection function. We adapt the parameters which control the systems behaviour according
to how well the observed data fits our prediction.
In our implementation, the median filtering takes place
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Fig. 1: Overview of the alogrithm.
over 17 frames of the FFT, with a framesize of 2048
samples and a hopsize of 512 samples. This introduces
a fixed latency of 8 FFT frames (93 msec) before the
percussive detection function is calculated for any given
frame. We then look for peaks in this signal which correspond to percussive events played on the beat. By recursively partitioning the audio into successively smaller
frames and finding the greatest change in energy between
neighbouring frames, we can specify an exact location
for each onset. In live performance, this procedure helps
to synchronise as close as possible to the beat.
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