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Signal processing methods make possible such a mixing of signals that their overlapping in the time-frequency
plane is reduced. This can be achieved by reducing the number of overlapping signals by discarding contributions
from weaker signals and leaving only contributions from stronger ones. When applied to acoustic signals, this is
referred to by the authors as selective mixing of sounds. Previous research has shown, that this rule, when applied
to signals of musical instruments can provide some perceptual advantages over simple adding up the sound sources.
In this paper, an experiment was carried out to determine the threshold of the value of relative energy of sound
sources to control the decision about discarding a contribution from a particular sound source.
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1. Introduction

Selective mixing of sounds is a speci�c technique devel-
oped for the production of musical recordings, which is
currently under development. It is based on the reason-
ing related to the properties of hearing, brie�y presented
below.

The segregation of sounds from simultaneous sound
sources becomes di�cult for the ear when it is loaded
with too much information. This paper is concerned with
the following concept: given multiple acoustic sources,
excessive information could be removed in those time-
frequency regions, where numerous overlapping contri-
butions from sources occur, by discarding some contribu-
tions, with the purpose that the remaining information
from other contributions is segregated more e�ectively.
This is performed by converting individual time signals
representing sound sources into the time-frequency do-
main and then performing the comparison of energy of
all signals in all time-frequency cells. In the utmost form
of this processing, all contributions except the strongest
one are discarded in each cell. This type of processing
results in complete removal of spectro-temporal overlap
between individual acoustic sources. Experiments have
proved that the removal of large parts of signals of mu-
sical instruments or speech in the time-frequency do-
main may not be perceived in their mixture at all [1].
Other experiments in this area have revealed that the
ear can use information contained in very small areas of
the time-frequency plane, thus supporting the two known
hypotheses in this �eld [2�6]. No minimum size of a time-
frequency region that would contribute to perception of
sounds was found.

While some attempts to use similar processing can be
found in the literature, they were aimed at audibility of
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the e�ect [7, 8] or coding of audio signals [9, 10] but not
at the improvement of quality of audio mixes.
The paradigm of selective mixing was presented in [11]

and consequences of selective mixing in its utmost form
of removal of spectral overlap in the case of speech sig-
nals were studied in [12]. Some listening experiments
conducted by the authors indicated that statistically sig-
ni�cant majority of listeners chose processed recordings
as more detailed. A part of these experiments is reported
in this paper.
For practical applications in audio engineering, a more

useful version of selective mixing consists in removing a
number of sound sources from a given time-frequency re-
gion, and leaving there several others, which contribute
most to perception. A number of approaches for choos-
ing sound sources to be discarded are possible. All of
them lead to checking the value of energy of a sound
source against a threshold, but the reference point of
such threshold may be attained by di�erent strategies.
A straightforward one was assumed in this paper, and
the e�ect of the value of a threshold on qualitative as-
sessment of musical mixes was investigated by listening
tests.

2. Formulation of the problem

A number of simultaneous sound sources can be ar-
ranged according to amplitudes of sounds they produce.
The same can be done in any local region of the time-
frequency plane. The principal mode of application of
selective mixing is upon individual time-frequency cells.
A hypothetical example of arrangement of contributions
of energy from a number of sound sources in one cell is
shown in Fig. 1.
The acoustic signals from independent sound sources

are uncorrelated, therefore the total energy is equal to
the arithmetic sum of individual energies:

ST =

N∑
i=1

Si. (1)

The key issue in the application of selective mixing is
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Fig. 1. An arrangement of simultaneous sound sources
contributing to one time-frequency cell, according to
their local amplitudes. Si � value of energy of a sound
source in the cell, ST � total value of energy in the cell.
Energy values are decreasing with increasing index, as
suggested graphically.

how many sound sources should be discarded. Two basic
approaches are possible.

1. In each time-frequency cell there is the same num-
ber of contributing sound sources. That number
is �xed for the entire audio recording, for example
two, three or more. The sources chosen are taken
successively from the ordered list (as in Fig. 1),
starting from the one with the highest amplitude.

2. In each time-frequency cell there is a speci�c num-
ber of contributing sound sources.

Option 2 provides more �exibility. As only an integer
number of sources can be used, di�erences between two,
three or four sources are meaningful and thus adjust-
ments in approach 1 can only be applied in coarse steps.
Therefore, the decision must be taken for each individual
cell.
There is a number of possible approaches to this deci-

sion, but a straightforward one is based on the ratio of
energy of each particular source Si to the sum of energies
of all sources ST

t =
Si

ST
. (2)

For the ease of conventional use in acoustics this can be
expressed in decibels:

r [dB] = 10 log
Si

ST
= 10 logSi − 10 logST . (3)

In the practical computational procedure, in each cell
those sources are discarded energies of which are below
a threshold r.
As the perceptual results of selective mixing are highly

subjective, there exists no method to determine the ap-
propriate value of r in an analytic way. Presumably, this
will depend on the musical material to be mixed. In this

paper, the value of r was evaluated for two similar pieces
of music, by experimental assessment carried out by a
panel of listeners.

3. Stimuli

Two sets of sound tracks were prepared on the basis
of excerpts from two di�erent pieces of instrumental jazz
music, further referred to as �jazz1� and �jazz2�. Both
sets were mixes of eight tracks: two keyboards, guitar,
bass guitar, saxophone, kick drum, snare drum and over-
head. �Jazz1� lasted 8 seconds. �Jazz2� was a di�erent
piece of music played by the same musicians on the same
instruments and lasted 10 seconds. The sets, i.e. mixes,
di�ered only in the mixing method used. Each mix was
prepared in four versions: one conventional mix (�orig-
inal�) and three di�erent variants of selective mix. Pa-
rameter r (threshold) in selective mixes was set to three
di�erent values: �6 dB, �8 dB, and �12 dB.
In order that perceptual e�ect is favourably assessed

by listeners, the spectrograms of original sounds (tracks)
need to be smoothed [13]. The detailed parameters of
smoothing have little in�uence on perception, therefore
just perceptually acceptable parameters were used in
preparation of stimuli for this paper.
The process of selection reduces the total energy of au-

dio mixes, as some sound sources are discarded. There-
fore, RMS of all generated samples within a set was nor-
malised to avoid any bias resulting from uneven loudness
of mixes.

4. Procedure

Participants of the test were asked to listen to and
evaluate selected aspects of a number of sound samples.
The test was performed in silenced rooms of a recording
studio. Each participant worked separately, using a ded-
icated computer software that controlled the procedure.
Computers were equipped with external audio interfaces:
M-Audio Fast Track Pro or M-Audio Fast Track Ultra
8R, and stimuli were reproduced by means of closed head-
phones Beyerdynamic DT 770 Pro. The original tracks
and mixes were stereophonic.
The test was attended by two groups of participants.

The �rst one (Group I) consisted of 33 students of the
major of acoustical engineering. This group evaluated
�jazz1�. The second one (Group II), consisting of 20
students of the same speciality, evaluated �jazz2�. The
groups did not intersect. Group I has undergone audio-
gram examination, and only one listener mildly exceeded
the 20 dB limit at two frequencies, but his results were
not excluded. Audiograms of the participants of Group II
were not obtained, but none of them reported any prob-
lems in hearing. The test procedure was similar in case
of both groups.
The function of the software was to present, upon a

listener's request, a chosen sound sample, and record the
answers. Depending on the group, all presented samples
were either �jazz1� or �jazz2�. Samples were named with
letters from �A� to �D� denoting the type of processing:
original (unprocessed), �6 dB, �8 dB, and �12 dB, but
the assignment was random for each of the two groups.
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Users were not informed about the nature of di�er-
ences between samples. Each subject was asked to listen
to each sample at least 16 (the �rst group) or 20 (the sec-
ond group) times in any order and evaluate each sample
using an integer scale from 0 (very poor) to 5 (excel-
lent) in each of six categories: spaciousness, localisation
of sources, clarity, lack of distortion, lack of noise, and
general impression.
The test could have been completed only if each sample

was evaluated in every category. By that time the listener
was allowed to change his/her evaluation any number of
times.
Due to the nature of the procedure, no training ses-

sion was necessary. There was no time limit and no up-
per limit for the number of replays. Test sessions lasted
about 15 minutes in the �rst and 25 minutes in the second
group.

5. Test results

Due to the fact that two di�erent sets of samples were
used during the test, the results were analysed separately
in both groups (Table). In the graphs (Figs. 2�8) Series
I and Series II represent results obtained with Group I
and Group II, respectively.

Fig. 2. Average scores and standard deviations of the
sound quality evaluation in the category �spaciousness�,
depending on the value of threshold r in both groups of
listeners.

Fig. 3. Average scores and standard deviations of the
sound quality evaluation in the category �localisation of
sources�, depending on the value of threshold r in both
groups of listeners.

Generally, results in Group II display lower scores, ex-
cept for some categories in case of �6 dB threshold (spa-
ciousness, localisation of sources, and general impression)

Fig. 4. Average scores and standard deviations of the
sound quality evaluation in the category �clarity�, de-
pending on the value of threshold r in both groups of
listeners.

Fig. 5. Average scores and standard deviations of the
sound quality evaluation in the category �lack of dis-
tortion�, depending on the value of threshold r in both
groups of listeners.

Fig. 6. Average scores and standard deviations of the
sound quality evaluation in the category �lack of noise�,
depending on the value of threshold r in both groups of
listeners.

Fig. 7. Average scores and standard deviations of the
sound quality evaluation in the category �general im-
pression�, depending on the value of threshold r in both
groups of listeners.
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Fig. 8. The mean of scores, depending on the value of
threshold r in both groups of listeners.

and some in case of �8 dB (clarity, lack of noise). In
Group I, the highest mean score was assigned to the

variant with �8 dB threshold, but the di�erences in the
mean scores among categories were statistically insignif-
icant, except the di�erence between the scores for �8 dB
(highest score) and �6 dB (lowest score) which is sig-
ni�cant at p < 0.02 (normal distribution assumed). In
Group II, the highest mean score was assigned to the ver-
sion with �6 dB threshold, with nearly the same score for
�8 dB version and slightly lower score for �12 dB version.
The di�erences between these versions were statistically
insigni�cant, while the di�erence between each of them
and the original version (conventional mix) was signi�-
cant. For di�erences between �6 dB and �8 dB threshold
versions and the original version the signi�cance level was
p < 0.01, compared to p < 0.05 for di�erences between
the �12 dB and the original version (t distribution).

TABLE

Average scores and standard deviations of the sound quality evaluation in six categories, depending on the value of
threshold r.

r [dB] Spaciousness Localisation Clarity Lack of Lack of General Mean

of sources distortion noise impression score

Group I

−∞ (unprocessed) 3.36± 1.22 3.33± 1.05 3.33± 1.11 3.45± 1.15 4.03± 0.95 3.52± 1.20 3.51± 1.13

�12 3.27± 1.15 3.30± 1.10 3.42± 0.97 3.82± 1.01 3.97± 0.95 3.33± 0.96 3.52± 1.05

�8 3.67± 1.02 3.61± 1.03 3.55± 0.87 3.76± 0.97 4.09± 0.91 3.79± 0.96 3.74± 0.97

�6 2.85± 1.09 3.06± 1.14 3.73± 0.94 3.42± 1.28 4.24± 0.71 3.03± 1.21 3.39± 1.17

Group II

−∞ (unprocessed) 2.95± 1.32 2.75± 1.21 2.95± 1.39 2.40± 1.19 2.20± 1.44 2.20± 1.28 2.58± 1.32

�12 3.25± 1.02 2.85± 1.42 3.40± 1.05 3.10± 1.48 3.05± 1.36 3.25± 1.12 3.15± 1.24

�8 2.90± 1.12 2.95± 1.28 3.60± 1.27 3.15± 1.57 4.10± 1.02 2.95± 1.05 3.28± 1.28

�6 3.30± 0.98 3.10± 1.21 3.35± 1.04 3.25± 1.29 3.35± 0.99 3.40± 1.19 3.29± 1.10

If results of both groups are combined (Figs. 9�10),
the best score of 3.566 is obtained for the �8 dB version,
and the second best for �12 dB version. The lowest joint
score is for the original: 3.154. The di�erence between
the means for �8 dB version and the original is signi�cant
at p < 0.01 (normal distribution). The results shown in
Figs. 9 and 10 were obtained by averaging weighted with
numbers of listeners in both series.

The results in particular categories are less consistent.

Susceptibility of individual categories to the value of
threshold r was examined by calculating the variance of
results in each of the categories. Each term in variance
sum was calculated as weighted average of the results in
series I and II. The susceptibility thus obtained is shown
in Fig. 11.

Distinctively highest variance was obtained in the cat-
egory �lack of noise�. In this category the weighted mean
score (4.094) was highest for r = −8 dB. The lowest
score was assigned to unprocessed version, and the di�er-
ence between the two was statistically signi�cant. This
di�erence was particularly pronounced in series II. An

Fig. 9. General impression evaluation depending on
the value of threshold r averaged in both groups of lis-
teners.

unexpected interpretation of this result is that the per-
ception of the original versions were perceived as noisy,
when compared to selective versions. The second highest
variance was for lack of distortion, and comparison with
data in Table I indicates that the processed versions were
perceived as less distorted. The lowest value of variance
was obtained for localisation.
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Fig. 10. The mean of scores depending on the value of
threshold r averaged in both groups of listeners.

Fig. 11. The variance of results in individual cate-
gories. Terms in variances were weighted averages of
the results in series I and II.

6. Conclusions

The combined results for series I and II, as far as the
mean of all scores and the most important category of
general impression are concerned, indicate the value of
threshold r of �8 dB as the most favourable. From these
results it can be concluded, that for the musical mixes
with a similar number of simultaneous sound sources, the
level of threshold r of �8 dB seems to be close to optimal
one. There were eight tracks in the investigated stimuli
but as is the case in most kinds of music, not all sound
sources sounded at individual instants of time and the
number of currently active sources was varying.
The second most preferred value of the threshold when

averaged over series I and II was -12 dB. There were
some di�erences between the series. In series I, the most
preferred value of the threshold was �8 dB, while in series
II it was �6 dB.
The di�erences between preferences for particular

thresholds were not considerable. In series I, only the
di�erence between �8 dB and �6 dB was statistically sig-
ni�cant, while in series II all processed versions (�6, �8
and �12 dB) were found signi�cantly better than the un-

processed version (corresponding to threshold r = −∞).
The advantage of the �8 dB version versus the unpro-
cessed version is also signi�cant when the results of series
I and II are averaged.
The perception of the e�ect was demonstrated to be

sensitive to the value of threshold, as its change from
�8 dB to �6 dB resulted in the shift of the mean score
from the highest to the lowest in series I.
The comparison of variances in particular categories of

assessment has demonstrated that the category �lack of
noise� was the most susceptible to the value of thresh-
old r. The di�erence in ratings between r = −∞ and
r = −8 dB in that category was statistically signi�cant
and indicated, that listeners perceived selectively mixed
versions as less noisy.
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