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The integration of the autocorrelation function (r-ACF) over finite temporal windows presents well known signal analysis problems. This work shows

how it is possible to perform the computation taking advantage from acknowledged methods and at the same time avoiding common problems. The

aim of this work is to suggest how to obtain the most accurate results, optimizing the computation algorithms. In particular, this study investigates

how much different r-ACF integration methods affect the computed values of t.. The main results of previous r-ACF studies are discussed, then

different integration solutions are applied to two reference sample tracks, analyzing the corresponding significant factors. Finally, different

optimization techniques of the integration parameters are presented and compared, with particular attention to their computational load.
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1. INTRODUCTION

In Ando’s subjective preference theory for the sound field
in concert halls a central role is played by the so called running
autocorrelation function, r-ACF of music [1]. In particular,
the effective duration of r-ACF, 1., has to be calculated. In
existing literature different methods can be found to perform
such calculation, having elaborate definitions and leading to

different values of 1. for the same music piece.

2. METHOD

2.1 Test sample tracks

To compare the results of this work with previous studies
on the same subject, two motifs widely used in the literature
have been selected: the motif A (Gibbons: Royal Pavane) and
the motif B (Malcolm: Sinfonietta) [2].

2.2 Running analysis
The normalized r-ACF is a function of time lag (t) that can

be formulated as [5]:

. _ O(1;¢,2T) (D
ot2l) = g ouar)
O(1;1,2T) = [ p(E)p(E + T)d§ @

In expression (1) p(&) represents an A-weighted signal and
2T is the temporal window amplitude centered at time t. The
effects of time window amplitude 27 on the r-ACF are

examined in [2, 6]. Precisely, in [2] the long-time r-ACF
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(27=30-35 s) is studied; in [4] a iterative method for fitting 27
by calculation of effective duration 1. is proposed.

The choice of 2T is not standardized but often depending
on the genre of music or type of acoustic signal [4].
Recent works in the domain of neurophysiology attribute to the
auditory system a 27=200-250 ms asymmetric temporal
window [3]. In the r-ACF analysis different kind of temporal
windows are possible, but in this work only rectangular
windows are considered, while the use of different window

shapes (also considered in [5]) is left to future studies.

2.3 Evaluation of T,

The effective duration of the r-ACF is defined as the time
lag at which the envelope of the absolute value of r-ACF is
fallen by -10 dB [1]. In previous studies [2, 5] different
methods for determining 7, are presented.

The peak detecting method considers as linear the initial part
of the logarithm of r-ACF amplitude and calculate 7. by
interpolation of the local peaks found in the first 5 dB of decay.
Another way to find 1. makes use of the Schroeder backward
integration technique [2]. The similarity of the results of this
method with the subjective impression is criticized in [2]. In
[5] it is stated that the accuracy of this method is strictly
related to the initial time of the backward integration.

7. can also be derived from Hilbert transform. In fact, the
envelope of r-ACF corresponds to the absolute value of Hilbert

transform [2].
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Fig. 1. Motif A, Peak detection method, 2T=250ms (magenta), 2s (black)

Fig. 2.
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Motif A, Peak detection method, 2T=250ms (magenta), 2s (black)

tls]

10log10|acf| [dB]

Fig. 3. (Te)min Motif A, Peak detection method, 2T=250ms

10log10jact] [d4B]

Fig. 4. (Te)min Motif A, Peak detection method, 2T=2s

Fig. 6.

Fig. 5. Motif A, Schroeder integral method, 2T=2s
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Fig. 8. (T ), Motif A, Hilbert transform m., 2T=2s
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Fig. 9. Motif B, Peak detection method, 2T=250ms (magenta), 2s (black)
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Fig. 12. Motif B, Schroeder integral method, 2T=2s
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Fig. 13. Motif B, Hilbert transform m., 2T=250ms (magenta), 2s (black)
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Fig. 10. Motif B, Peak detection method, 2T=250ms
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Fig. 11. (Te)min Motif B, Peak detection method, 2T=2s
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Fig. 15. (T ) Motif B, Hilbert transform m., 2T=2s
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3. RESULTS

The peak detection method is reliable in the case of motif A
(2T=2s) but not for motif B and motif A (case 27=250ms).
(Fig. 3,4, 10, 11). One possible solution to test the validity of
this method can be realized drawing the number of peaks
detected in the first 5 dB (Fig.2,9).

There are one or two peaks for motif A in the first 5 dB. If we
fix the threshold at 10 dB, the regression curve may intercept
too many peaks in the secondary ‘lobe’ of the autocorrelation
function. These peaks could be too relevant in the
interpolation. A temporal threshold of 50 ms has been
proposed [5], that generally cuts all the peaks located in the

secondary ‘lobes’.

For the Motif A, it can be seen that starting the backward
Schroeder integration from 250 ms there is a good
approximation of the envelope of ACF, while using 2s
produces an over-estimation of the r-ACF (Fig. 5). In a certain
cases the values of 7, are directly related to the choice of 27
and initial time of integration. We can observe something
similar to what reported in [5], but with different values.
According to [3] 200-250 ms can be considered a good

compromise.

Unlike the peak method, the Hilbert transform is influenced by
some secondary lobes only for the temporal windows where T,
is large anyway (Fig. 6, 13). Knowing the envelope (the
absolute value of Hilbert transform) it is easy to filter the

secondary lobes with a negligible energetic content.

4. CONCLUSIONS

This comparison of existing literature on the determination
of 1, shows that some proposed methods are quite elaborate and
difficult to be used. This work presents the analysis of the
envelope of r-ACF through Hilbert transform.

It can be concluded that:

- The amplitude of the temporal window, 27, influences
the results in all proposed methods. In abstract signal theory an
amplitude as large as possible could seem advisable, while in
acoustical applications related to the perception of human
beings it may be interesting to relate the amplitude of temporal
window analysis to the amplitude of auditory system's temporal

window [7].
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- The determination of t. by interpolation of the peaks
located in the first 5 dB may result in a loss of accuracy.

- The determination of 7, by Schroeder integration is to be
performed choosing as the initial point of the backward
integration a carefully selected value, otherwise the result will
be overestimated. On the other hand, this is the method most
suitable for real-time computation.

- The determination of 7, by Hilbert transform turns out to
be the most accurate and is now practically feasible; therefore it

is proposed for future applications.
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