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ABSTRACT

This paper describes a signal processing approach to the problem of
analysis, identification, tracking, and resynthesis of a specified timbre
from a digital recording of a musical dust. Analysis is performed using a
quasi-harmonic sinusoidal representation of the constituent signals, based
on short-time Fourier transform (STFT) methods. The procedure 1is tested
using both real and artificial test signals. Applications include signal
restoration, musicology, digital editing and splicing, musique concrete,
noise reduction, and time-scale ccmpression/expansion.

INTRODUCTION

This paper describes an approach for extracting a single musical veice
from a recorded duet. Unlike many previous investigations which emphasize
signal segmentation for transcription into musical notation [cf., for
example, Moorer, 1975; Schloss, 1985; Chowning and Mont-Reynaud, 1986;
etc.], the goal of the research reported here has been to resynthesize the
separate signals while retaining as much of the original material as
possible. For example, we might like to extract the 'violin' part from a
monaural recording of a violin and cello duet. Some approaches related to

this task have been reported for simultanecus speech [cf., for example,
Everton, 1975; Parsons, 1976; Naylor and Boll, 1987; Lee and Childers,
1988; Danisewicz and Quatieri, 1988; etec.] and for musical signals

[Stockham, 1971; Wold and Despain, 1986].
DESCRIPTION

In order to limit the complexity of the separation procedure, the
following rules govern the input signal: First, only two separate voices
(musical duets) are allowed. Second, we wish to determine the approximate
frequencies of each partial of the two musical voices, so the duet voices
are assumed to be quasi-harmonic. Third, the fundamental frequencies of
the two voices are not allowed to cross during the signal segment under
consideration. Finallv, the signal is assumed to be free from
reverberation and other correlated noise sources, at least to the extent
that these features may not represent additional background signais in the
recording, violating the duet assumption.



Two fundamental research questions guide this project:

1) Hew may we autcomatically obtain accurate estimates of the time-variant
fundamental frequency of each voice from a digital recording of a
duet?

2) Given time-varying fundamental frequency estimates of each voice in a
duet, how may we 1identify and separate the interfering partials
(overtenes) of each voice?

Question (1) treats the problem of estimating the time-variant
frequencies of the spectral components contributed by each voice, while
question (2) involves the fundamental constraints on simultaneous time and
frequency raesclution in the analysis prccess. Note that it is possible to
confront question (2) without solving question (1) if the fundamental
frequencies of the duet can be identified manually.

The complete separation procedure may be summarized as follows:

1) The duet signal is provided, 1including specification of the non-
overlappirg fundamental frequency ranges for each voice of the duet.

2) The short-time Fourier transform (STFT) is calculated for the input
signal, and estimates of the two fundamental frequencies are
determined using a "two-way mismatch" error procedure.

3) The STFT is reduced to a sinusoidal representation [McAulay and
Quatieri, 1986; Smith and Serra, 1987]. Any partials with frequency
spaciry smaller than the resolution bandwidth of the analysis are
identified using the frequency estimates from step 2. These colliding
partials may be corrupted by crosstalk, so they are marked for further
processing. The remaining uncollided partials are segregated into two
lists according to the harmonic series of the two fundamental
frequencies. )

4) For the marked (colliding) partials of step 3, several different
strategies are employed to estimate the individual comporents from the
composite measurement.

5) The repaired partials from step 4 are inserted into the appropriate
segregated lists from step 3, and the separated signals are
regenerated using an additive synthesis procedure.

The procedure has been successful for the separation of several duet
examples. However, the separated signals contain occasional audible
artifacts, indicating the need for further development. Audio examples of
the separation process will be presented.
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