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Abstract—Audio source separation is a difficult machine
learning problem and performance is measured by coparing
extracted signals with the component source signalslowever, if
separation is motivated by the ultimate goal ofe-mixing then
complete separation is not necessary and hence segi@on
difficulty and separation quality are dependent onthe nature of
the re-mix. Here, we use a convolutional deep neuraetwork
(DNN), trained to estimate 'ideal' binary masks for separating
voice from music, to perform re-mixing of the vocalbalance by
operating directly on the individual magnitude commnents of
the musical mixture spectrogram. Our results demortsate that
small changes in vocal gain may be applied with verlittle
distortion to the ultimate re-mix. Our method may be useful for
re-mixing existing mixes.

Index terms—Deep learning, supervised learning, convolution,

source separation, audio re-mixing.

I. INTRODUCTION

Mixing is the process by which component soundsykn
as sources, are superposed to form a mixture.abfitimnal
acoustic music, mixing occurs in the acoustic donaaid the
balance is set by the musicians. In the electramicligital
domains, the balance between musical instrumengetidy
recording or mixing engineers. In both cases, thlarte of
the mix is critical to the aesthetic and perceptyalities of
the music [1]. Once a mix has been made, theremaey
situations in which it might be useful to adjust,re-mix, the
balance between the sources. However, like thengigf ink
and water, the deceptively simple process of miXeaures
an increase in entropy that is exquisitely difftdol undo.

Audio source separation addresses the problem ef
mixing and is often motivated by idealistic goafscomplete
separation. As a result, separation performangeastified in
terms of a comparison between the original soueres the
extracted estimates [2]-[11]. However, if the ukita goal of
separation is to re-balance the mixture [1] them sburce-
focused separation quality measures may not beoppate
because they do not capture the ultimate qualithefre-mix.

A common approach to audio source separation &ppdy
a binary mask to a complex mixture spectrogram,revtiee

mask identifies elements of the spectrogram thhinigeto a
given source. A consequence of this approach is the
production of a masked spectrogram featuring disicoities
that contribute to degraded sound quality that sasared
using the source-focused separation quality meas[irg].
However, if the goal of separation is to re-mix &yplying
new gains to the respective sources at the levethef
individual components of the mixture spectrograrhg t
severity of the mask discontinuities is dependenthe gains
applied. Hence, it is possible to parameterizepttoblem of
separation-for-re-mix in terms of a trade-off betwethe
magnitude of the changes made during re-mixing tred
sound quality of the re-mix itself.

In a previous paper, we used multi-track recordings
(‘stems’) to train a convolutional deep neural natev(DNN)
to make probabilstic predictions [4] of binary masfor
extracting vocals from musical mixtures [5]. Hengsing
binary masks estimated using the voice-extraction
convolutional DNN [5], we applied various gainsthe vocal
components within musical mixtures in order to date
various separate-for-re-mix scenarios. We then eoeth
these estimated re-mixes with idealized re-mixekeft from
the respective re-mixes of the original source comepts)
using the BSS-Eval toolbox [11]. Our results shbat tre-mix
quality is inversely proportional to the degree refmixing
that is applied. In particular, our results demmatstthat there
is a region of re-mix parameter space where objecti
measures of quality are good for small changesin.g

Il. METHOD

U"We consider the problem of re-mixing a mixture itk
simulated ensemble musical performance scenarid tha
features a relatively wide variety of musical cottge each
with at least one vocal component. In each contekich we
call ‘a song’, there are several musical ‘accomipemi’
signals. After the various signals are mixed togetlve refer
to the resulting mixture as ‘a mix’. We used 63yfydroduced
and studio-recorded songs in the training andngstif the
DNN [5]. The songs were taken from the MedleyDBadiaise
[12]; The average song duration was 3.7 minutesn(strd



deviation (STD): +2.7 mins), the average number gpectrogram [4], [5]. We then took the mean of ¢hes
accompaniment stems was 7.2 (STD: 6.6 sources)ttand predictions and subjected it to a ‘confidence’ shi@d ¢);
average number of vocal tracks was 1.8 (STD: t0Bces).

During the traini.ng and later test[r!g of the_ DNMNY Bach 1 for % oStrif > @
song, the source signals were classified as eiteal or non- MY = 1ar (1)
vocal (according to the labels assigned by the eusi 0 for —XicoStvif=Sa

producers). These sounds included male and feniading
voice and ‘rap’. Non-vocal sounds were typical aspanying whereM" refers to the binary mask for the vocal soufEe,
instruments (drums, bass, guitars, piano, percoussiétc). refers to the window size (20),is the time indexj is the
Because the various source sounds were studiodetdhey window index andf is the frequency (bin) index into the
featured minimal bleed (interference) from othaurses. estimated masky. This allowed us to adjust to produce
To produce the mixing contexts, source sounds Wwesk vocal masks at different levels of confidence. Vheal mask
normalized before being linearly summed into eitherocal was then converted from a binary mask to a scaliagix ")
mixture or a non-vocal mixture respectively. Thethe by first multiplying non-zero elements with a gaig) and
separate vocal and non-vocal mixtures were eactk peaen assigning the value 1 to all zero elements;
normalized and summed to provide a complete mixs Th
provided a mixture for each song, similar to thhaduman 1 for Mth =0
.. . . . . . vV — g
mixing engineer, which served as both training feparation 2y = MY v _ 2)
: L gM”, . for M =1
- see [5]) and also served as test mixtures fer k&-mixing. »

All signals and mixtures were monaural and wereptach Thi h h h | K ltiofii th
at a rate of 44.1 kHz. For training, the respectiverce (vocal NS meant that when the scalar mask was multipligd the

/ non-vocal) and mixture signals were transformatoi COMPIEX Spectrogram, the vocal components weregetam

spectrograms using the short-time Fourier transf¢®hFT) gain whilst the backgroqnd/accompanying Instrumenise
with window size of 2048 samples, overlap intergél512 _unaffected.. The resulting re-mixed spectrograms ewer
samples and a Hanning window, giving spectrograrita Wln\f/erted W';[]h a standar(_j overlap-alnd-addd procedtl:_Fr@t
1025 frequency bins. From the source spectrogratvigaay relerence, the Same re-mixes were also pro ucelpp_bylng .
mask was computed and the DNN was trained on tidese the gain @) to the original vo'cal signal bgfore summing with
binary masks for the first 50 songs of the dataJéte the un-a(ljtergd nﬁn-V(g:gl signal. Iﬁ)e-mlx qua(l;ty V\g:'e;
magnitude-only mixture spectrograms computed froenfirst measured using the BSS-EVAL toolbox [11] and isriia

50 songs and the respective ideal binary masks ussd as in terms of sigqal-to-artefac_t ra_ltio (SAR) cqmputexy
training data. This left 13 songs for use as tega.dNote, COmMParing the estimated re-mix with the referericeedr) re-
phase was not used in training the model mix. l.e., separation quality was not directly meas and the

Summarising in brief the method outlined in [5]; eTh sepa_lrate component sources were not taken intmqt:tmthe

I%léa“ty measurement. Re-mix quality was assessdifatent
confidence levels by setting different values cofand in
different re-mix contexts by setting different vasuofg. Note
that, althoughy is defined as a scalar, we refer to its value in
decibels [gain in dB = 106g10(g)] from here onwards.

mixture spectrograms and the corresponding sou
spectrograms were cut up into corresponding windofva0
samples (in time). The windows shifted at intervafs60
samples (i.e., there was no overlap). Thus, forryego-
sample window, for training the models there wamigture
spectrogram matrix of size 1025x20 (frequency birtgme)
samples and an ideal binary mask matrix of the ssize

. . o Ill. RESULTS
This gave approximately 15,000 training exampletie T i i
spectrograms for the 13 test songs were cut up ovi#rlap Figure 1 plots surface contours representing meaR S
intervals of 1 sample. (across the 13 test songs) as a function of bath(gpapplied

We used a feed-forward DNN of size 20500x20500x205¢P the vocal component of the masked mixture amdidence
units (1025 x 20 = 20500) featuring the biased-sigm (a) used in constructing the respective masks. Thieqgiahe

activation function [13] throughout with zero bidsr the p!ot wherea = 0 represents a baseline because it captures the
output layer. Each spectrogram window of size 1028 was distortion (SAR) observed when the unprocessedtirsgar
unpacked into a vector of length 20500. The inpyet was mixture is compared with the respective ideal r&:ndince
the mixture spectrogram (20500 samples) and the DN this ratio tends towards infinity as the startinixtore and re-
trained to synthesize the ideal binary mask abiput layer. Mix converge (atg = 0 dB), there is little interpretable
100 full iterations of stochastic gradient desc8®D) were [Nformation to capture near this point. Therefoifes plots
used for training, each iteration (of SGD) comprsia full feature the range of §>20 dB, where there is a meaningful
sweep of the training data. difference between the measurable effect of thekeths
Probabilistic Binary Mask. Using the DNN to make manipulation and the baseline. Furthermore, thésphave
predictions in a sliding window manner, overlappiag1- Peen split into negative gaing<t5 dB) and positive gains
sample intervals, we obtained a distribution (@@ of mask (9> dB) so that their ranges might be optimized toe

predictions for each time-frequency element of histure visualization. For both negative (Fig. 1a) and pesi(Fig. 2a)
gains distortion (SAR) worsens with increasing gamal both



feature a maximum aroungl = 0.3. Note that, taking into separating voice from background in [5]). Generatlyese
account the different scaling on the z-axes of the results llustrate the trade-off between certainty
respective plots, there is a marked asymmetry lmiwbe (parameterized by) in correcty adjusting the gain of vocal
functions. This is the result of the energy imbatabetween components and the fact thats an index into the cumulative
two respective signals (which causes the ratiotfando be distribution function, meaning that when we areyveertain
centered at a non-zero location). of the classification we have very little signal &aljust.
Fig. 2 plots cross-sections (with 95% confidenderials) Furthermore, since there is no concept of ‘interfiee’ in this
from the same data as a function of gajpfér o = 0.1 (Fig. re-mix paradigm, SAR captures a combination of cdi&in
2b), a = 0.3 (Fig. 2c)p = 0.6 (Fig. 2d) and = 0.9 (Fig. 2e) factors including incorrect mixture ratios and rioear
respectively. Fig. 2a also plots the baseline fefierence, distortion products. Therefore, the peak in the cfiom
which is also superposed on the various plots (Ffpse). represents a cross-over point between correct tacgmé of
Note again the asymmetry (even in the baselinetiumc vocal components, incorrect adjustment of accormmpant
which is equivalent te: = 0 in Fig. 1) that results from energyand any related distortion products.
imbalance as noted above for Fig. 1. At small valofe: (« = In order to illustrate the orthogonal cross sectidrnthe
0.1-0.6; Figs. 2b-d), there is a measurable degfrsaccessful surface plots of Fig. 1, Figure 3 plots mean SAR &snction
re-mixing in evidence (SAR > baseline) bubat 0.9 (Fig. 2e) of « for gains of -20 and 20 dB respectively (shadezhsir
performance is at or below baseline. This is irgiéng given represent 95% confidence intervals). This plosiflates more
that o represents confidence in the mask predictionshef tclearly the mutual peak around-= 0.3.
DNN (large values ofx were most successful in reliably

a Negative gains b Positive gains
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Fig. 1. Re-mixing vocals using a probabilistic coralutional DNN: Mean re-mix distortion versus vocalgain and a. The plots of this
figure represent the overall re-mix distortion (m&AR across the 13 test songs) for various voaigisgand various levels of confidenee.
plots negative gains (i.e., vocals are quieter)aptbts positive gains (i.e., vocals are louder)téNthe z-axis (SAR) is not the same for both

plots.
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Fig. 2. Re-mix distortion as a function of gaind): a plots a baseline comparing the starting mixestaaddeal re-mixes. Paneisto e plot
plot SAR for the re-mixes computed using the prdlsite convolutionanl DNN (as compared with thea re-mixes) for. = 0.1 ), 0.3 €),
0.6 d) and 0.9 €) respectively. Baseline is included on all plais feference. Lines represent mean (across thestZongs) and shaded
areas represent 95% confidence intervals.
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Fig. 3. Re-mix distortion as a function of mask cdidence @):
Mean SAR (across the 13 test songs) for the resnbamputed
using the convolutionanl DNN (as compared withitheal re-mixes)
for g = -20 dB (red) and 20 dB (blue) respectively. Sthdreas
represent 95% confidence intervals.

IV. DISCUSSION ANDCONCLUSION
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We have demonstrated that a convolutional deepaheur

network, trained to separate vocal sounds fromiwithusical
mixtures, can be used to re-mix the vocal balamcenéw
mixtures. We have also illustrated the trade-offneen re-
mix quality and the scale of the gain change inioedl for a
given re-mix. This means that very small adjustrsentthe
mix can be made for relatively little cost in terofdistortion.

Our paradigm features separation/re-mixing whichrtst
from arbitrary mixtures, constructed by peak noigagion (of
both sub-stems and vocal-/non-vocal stems). Althotingse
mixtures crudely resemble the kind of mixing thatrrtan
engineers might do, the present results tend tgesighat the
starting point for the re-mix may be critical. Irarficular,
because the approach is based on STFT decomposition
because it is based on the magnitude component tmy
starting gains are critical. Therefore, future wmlkecessary
to generalize the present paradigm to more realisiking
scenarios, where the target mixtures represent spriog
attempt at mixing (presumably by a human). In addjtwe
have considered relatively crude re-mixing, feamri
large/coarse gain changes that may not represemigéds of
a typical re-mix problem. Therefore, it remaindtoseen how
the present approach will generalize to more réalig-mix
scenarios and to sources other than vocals. Wenalgothat
our convolutional DNN was trained with relativeijtle data
(and relatively few iterations of SGD) and performoa can
likely be improved substantially by improvement tfe
training regime.
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