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ABSTRACT

Deep learning-based works for singing voice separation
have performed exceptionally well in the recent past. How-
ever, most of these works do not focus on allowing users
to interact with the model to improve performance. This
can be crucial when deploying the model in real-world
scenarios where music tracks can vary from the original
training data in both genre and instruments. In this paper,
we present a deep learning-based interactive continual learn-
ing framework for singing voice separation that allows users
to fine-tune the vocal separation model to conform it to new
target songs. We use a U-Net-based base model architec-
ture that produces a mask for separating vocals from the
spectrogram, followed by a human-in-the-loop task where
the user provides feedback by marking a few false positives,
i.e., regions in the extracted vocals that should have been
silence. We propose two continual learning algorithms. Ex-
periments substantiate the improvement in singing voice
separation performance by the proposed algorithms over
the base model in intra-dataset and inter-dataset settings.

1. INTRODUCTION

Singing voice or vocal is one the most important feature of
music and is fundamental to human expression. Separation
of vocals from polyphonic music tracks has been a research
problem for quite some time as separated singing voice finds
various applications in tasks like: singer identification [1],
lyric transcription [2], timer based artist clustering [3], beats
and notes tracking [4], lyrics synchronization [5], etc.

The singing voice separation task has been approached
using various signal processing methods such as [6-8] in
the past. In recent years, researchers have significantly im-
proved the performance of vocal separation models using
deep learning techniques [9-14]. Even though these deep
learning-based approaches provide state-of-the-art perfor-
mance, they do not provide the user any way to conform
the model to a particular song or genre and suffer greatly
when new instruments or genres of music are used. This
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Figure 1. Pictorial view of problem statement

limits their scope of application to only songs which are
similar to the training data (e.g. if accompaniment of a test
track has flute, but no song in the training data has flute, the
model performance might suffer). Along with this, in the
field of music, the data is continually evolving, and it is not
feasible to continually create a new dataset to retrain the
model from scratch.

In this work, we have presented a user-friendly human-
in-the-loop framework for continual learning to conform
a U-Net-based deep learning model to target songs/genres
while maintaining the generality of the model and avoiding
overfitting as well as catastrophic forgetting. As shown in
Fig. 1, the base U-net model is used to predict the vocal
and accompaniment stems for the target songs. The model
is then adapted using a human-in-the-loop approach, where
first the human users mark regions in the predicted vocals
where the model had incorrectly predicted vocals. Then this
human feedback is used to update the model parameters,
thereby increasing the model performance on the target
songs. We have proposed two approaches for these fine-
tuning steps that take special care towards increasing the
model’s generalisability.

To show the robustness of our approach, we have ex-
perimented under the intra-dataset condition where the test
data belongs to the same dataset as the original train data as
well as under inter-dataset condition where the model is ini-
tially trained on a different dataset and is adapted to the new
dataset by correcting its mistakes by a human user on ex-
amples from the new-dataset. We also show that using our
methods for singing voice separation increases performance
not only for the songs corrected in the human-in-the-loop
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task but also for new songs that were previously unseen.
The performance has been evaluated on different metrics
which are compared on the basis of subjective separation
quality.

Our contribution can be summarized as follows:

* We propose a human-in-the-loop framework for user
interaction with minimal effort and minimal music
knowledge from the user’s end.

* We present two continual learning techniques for
model fine-tuning with the aim to minimize overfit-
ting and catastrophic forgetting as well as to increase
model generalisability while adapting to a new test
song.

* We show that for voice separation, continual learn-
ing problems mean of SDR is a better measure than
widely used median SDR.

The remaining part of the paper is organized as follows.
In Section 2 we have discussed previous work in the fields
of source separation, human-in-the-loop & continual learn-
ing. In Section 3 we have introduced and explained our
proposed methods. This is followed by details of our exper-
imentation and an analysis of the results in Section 4. We
have concluded with the closing remarks in Section 5. We
have also released the source code along with the paper !

2. PREVIOUS WORK

Many deep learning-based approaches with great perfor-
mance for singing voice separation have been explored in
the recent past. Approaches like [9, 10] use deep RNN ar-
chitectures on the magnitude plot of the short-time fourier
transform (STFT). [11] introduces U-net based approach
to the music domain for singing voice separation. [12] uses
deep CNN architecture to estimate the source label for each
(T-F) bin in the spectrogram. [13, 14] present an approach
for source separation directly in the time domain, thereby
making use of time-domain signals rather than frequency
spectrogram. In this paper, we present our method using U-
net architecture, but our method is independent of the exact
architecture used and can be applied to other architectures
too.

Most of the deep learning-based approaches for singing
voice separation focus only on increasing the model perfor-
mance on benchmark metrics and don’t focus on conform-
ing the model to particular songs and/or genre in a continual
learning setting. Previous work for adapting to particu-
lar songs have been through human feedback approaches
that require either the human to do spectrogram-based
mask editing [15], or provide feedback on the fundamental
notes/frequency of the singing voice in the song [16]. These
approaches hence assume a minimum level of musical un-
derstanding in the user and are highly time-consuming.
Moreover, the performance of these methods involves over-
fitting the model to the particular song making their lifelong
learning aspect weak. Approaches like [17] which use time
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activation of a particular instrument as annotations from
the user don’t use deep learning methods. In this paper,
we propose a simple human-in-the-loop task that requires
minimal music knowledge and can be applied to a large
group of deep learning models.

Learning from an infinite stream of data is studied un-
der the continual learning paradigm. [18] surveyed the dif-
ferent approaches that have been proposed for tackling
this task and divided them into three categories: replay-
based, regularization-based, and parameter isolation meth-
ods. Replay-based methods [19-21] rely on storing ex-
emplars from the original training data or generating data
points similar to the training data using generative models
to prevent forgetting and overfitting. Regularization-based
methods like [22] have proposed freezing important weights
of the initial model and regularizing trainable weights dur-
ing finetuning to deal with catastrophic forgetting. Pa-
rameter isolation methods dedicate separate parameters to
each task in order to prevent catastrophic forgetting, using
techniques such as network pruning [23], introducing new
branches to the model [24] and masking [25]. In this paper,
we adapt replay-based continual learning algorithms to use
for model adaptation on a stream of user annotated data.

3. PROPOSED METHOD
3.1 Problem Setting

The problem of singing voice separation has been formally
defined as given a time-domain polyphonic music signal
M (t), separate M (t) into its constituent signals V'(¢) and
A(t) such that they have minimal interference. Here V()
and A(t) denotes the separated vocals and accompaniment
of the original music signal.

Given a dataset D, we split it into 3 components Dy ain,
Dyrrr and Dygest, where Dypain is used for training the
base model, Dygyry, is used for human in the loop adap-
tation, while Dyeg¢ is the unseen set used for testing the
model as in usual machine learning cases. We first train a
vocal separation model B using Dy,ain Which is our base
model. Next, we define the continual learning human-in-
the-loop task as follows: Given the model B, for each target
song s, ( s € Dyrrr, ) modify the parameters of B based
on human annotations on s, such that its performance on
s and songs similar to s increases. Finally, we evaluate
the performance of our model on the Dyeg¢ set to test that
our model does not suffer from overfitting or catastrophic
forgetting.

3.2 Method Overview

For our base model, we use a U-Net-based model similar
to [26]. The U-Net architecture consists of an encoder-
decoder network made up of convolutional layers with skip
connections between the encoder and decoder layers which
allow retention of any information lost during encoding.
The base model was trained on the Dyyain split of the
MUSDB-18 dataset [27], taking data points (X,Y") from
each music signal M (t) € Dyyain , where X is the corre-
sponding spectrogram sliced from the spectrogram of M ()
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Figure 2. Pipeline for creating synthetic music tracks

and Y is the target mask. We use L1 loss for the vocal
masks and optimize with Adam optimizer, using a learning
rate of 1074,

For the human-in-the-loop adaptation, we have formu-
lated a human annotation task where the human has to mark
segments ¢; with the start and end timestamps, ¢{**"* and
t¢nd, where the estimated vocal track V(t) contains audio
while it should have been silent. Here, ¢ is the segment in-
dex. The annotation task is kept simple, and it is formulated
such that the annotator need not have any specialized mu-
sic skills. During our experiments, we have used a simple
heuristic of keeping only the marked regions that are longer
than 6 seconds in length to ensure uniformity. We have also
developed a GUI interface to make it easier for users to
mark the timestamps.

We use batch gradient-based fine tuning for adapting
the model. L1 loss is used on the vocal mask along with
Adam optimizer, similar to how we had trained our base
model, but with 10 times lower learning rate. We fine-tune
the model for a fixed number of epochs.

3.2.1 Adaptation with Zero Vocal Targets

In the regions ¢; as there are no vocals to extract, the ideal
vocal masks for these regions should identically be equal to
zero. Therefore the target to the model B for these regions
are zero masks. For model adaptation in this method, we
use only the segments ¢; for training as we know their target
masks.

We observed that if we perform direct fine-tuning using
the human annotations of Dgyrry,, our model quickly over-
fits these areas. This makes sense as the learning would
be to identically predict zero instead of the correct vocal
mask. To ensure that the model does not overfit to the new
data and does not forget the knowledge it gained from pre-
vious examples, replay based continual learning method,
which relies on storing a subset of the previous training data
(D¢rain), is used while fine-tuning the model. As shown in
Fig. 3, we update the model on exemplars from the original
training data (Dy¢rain) in conjunction with the data points
extracted from the regions marked by the user during the
HITL task on Dgirr,.
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Figure 3. Replay based continual learning

3.2.2 Adaptation with Synthetic Track

In the above method, the new data points given to the model
from the user annotated regions are expected to be silent.
These are not informative enough to have a good learning.
In order to improve the quality of those new data points, we
decided to combine the human-in-the-loop annotations and
the original training data (Dyyain) to form synthetic music
tracks which provide more informative data points.

As shown in Fig. 2, we create synthetic tracks by su-
perimposing the oracle vocals of songs from Dypain With
the user annotated time frames from Dgyrr,. This is
achieved by extracting the annotated time segments ¢; from
M (t) € DyrrL and repeating it to form the artificial ac-
companiment for the synthetic track. A track is randomly
chosen from Dy,ain, and its oracle vocals are superimposed
on the artificial accompaniment. During the finetuning
stage, we extract data points (X,Y") from these synthetic
tracks, where X is a slice from the spectrogram of the artifi-
cial track and Y is the corresponding slice from the oracle
vocals used for creating that track. As before, the model is
updated in conjunction with these data points and the stored
exemplars from Dypain, using L1 loss and Adam optimizer
with learning rate 1072,

4. EXPERIMENTS AND RESULTS

For the methods proposed in this paper, we have con-
ducted extensive experiments for both inter-dataset and
intra-dataset settings. The results obtained have been tabu-
lated and studied in this section.

Dataset: We have experimented with the standard bench-
mark MUSDB-18 dataset to test the performance of our
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Figure 4. Comparison of model performance ( Mean & Median SDR ) with 10%, 50% and 100% of train data as exemplar

proposed approaches. From the train split, consisting of
100 songs, we have used 90 songs to form Dyyain and the
remaining 10 songs to form Dgyrr,. The test split, which
consists of 50 songs, is used as Dyest-

To simulate inter-dataset conditions, where the inten-
tion is to adapt the model to a new kind of previously
unseen data without the knowledge of true stems, we per-
form human-in-the-loop adaption using a subset of the CC-
Mixter dataset [28] and test the performance on the leftover
test set in CC-Mixter dataset. Table 1 contains the number
of songs in different sets. The MUSDB-18 dataset consisted
of vocals, drums, bass, and the rest of the accompaniment
stems, which we combined to create two stems, vocals, and
accompaniment. The CC-Mixter contained only vocals and
accompaniment stems. For all occurrences in tables, we
denote the MUSDB-18 dataset by MUS and the CC-Mixter
dataset by CCM.

Dataset Dtrain DHITL Dtest
MUS 90 10 50
CCM - 30 20

Table 1. Distribution of the number of songs in different split (
train, HITL & test ) of the datasets

Pre-processing: M (t) is made monaural and re-
sampled to 22050 Hz before its short-time Fourier trans-
form (STFT) is computed > with a window size of 2048
and a stride of 512. The magnitude of these STFT spec-
trograms is divided into windows of shape (1, 1024,512)
[channel, frequency, time] and used as input for our U-net
model, which provides us with a mask for extracting vocals
from the mixture spectrogram. Using spectrogram of M (t)
and this vocal mask from the model, we can compute our
estimated V' (¢) using inverse short-time Fourier transform
(iSTFT).

Evaluation Metric: As proposed by [30], we use the
Signal Distortion Ratio (SDR) for evaluation of predicted
vocal & accompaniment stem®. We aggregate the SDR
using a mean over all 1-second frames to keep one single
metric per song. While many previous works report the

2 computed using librosa [29] library
3We wused the pre-existing library
https://sigsep.github.io/sigsep-mus-eval/

for SDR calculation:

median SDR of each song, we use mean SDR as we found
it’s a better measure to evaluate the performance ( explained
in section 4.3 ). However, to make our work comparable
with other standard works, we have also reported the median
SDR wherever necessary. Due to similar reasons when
dealing with multiple songs, we report the mean of SDR
computed across all songs, whereas many papers report the
median of the song-wise SDR across the songs.

4.1 Adaptation with Zero Vocal Targets

For our replay-based HITL adaptation with zero vocal tar-
gets, we had to identify the number of exemplars needed
during finetuning for the best results. We observe that the
performance of the finetuned models increased on both
the median and mean SDR metrics with the number of
exemplars kept during replay as seen from figure 4. As
a result, for all the models adapted using the zero vocal
targets algorithm, we keep 100% of the training data as
exemplars and finetune the model for a single epoch. Table
2 compares the performance of the base vocal separation
model (U-Net(MUS)) trained on Dy pain of the MUSDB-18
dataset and the model obtained after HITL adaptation with
zero vocal targets (U-Net(MUS) + HITL(MUS)) on the
Dyt set of the MUSDB-18 dataset. The results show
an improvement in the mean SDR for both the Dggypr, and
Dyest sets of the MUSDB-18 dataset. This indicates that
the model finetuned on just the Dyyrr, set did not suffer
from overfitting and was generalizable such that it is able
to learn to improve non-vocal regions in new songs as well.
However, the results in Table 2 show a slight decrease in the
median SDR over both the sets Dy, and Dyest. This is
not a big issue because, as we go on to show in subsequent
sections, mean SDR is a better metric for evaluating the
overall quality of the separated vocals, provided the median
SDR is within a reasonable range of the base model.

To verify the adaptability of our approach, we perform
inter-dataset validation using the CC-Mixter as our target
dataset. We used the pre-trained base model from the pre-
vious experiment and adapted it to this new dataset using
the HITL set ( Dygyry, ) of the CC-Mixter dataset over a
single epoch. We can see from Table 3 that the songs of
the CC-mixter dataset show a significant increment in mean
SDR for the HITL set from -6.29 to -3.37 and for the Test



Model Duitr.  Drest
Mean
U-Net(MUS) 1.38 1.13
U-Net(MUS) + HITL(MUS) 2.32 1.53
Median
U-Net(MUS) 5.02 3.87

U-Net(MUS) + HITL(MUS) ~ 4.81 3.82

Table 2. SDR score on Dyyrrr, and Dyest set of MUS

Model Duity Dtest
Mean
U-Net(MUS) —6.29 —2.35
U-Net(MUS) + HITL(CCM) —3.37 —1.02
Median
U-Net(MUS) —0.37 4.60

U-Net(MUS) + HITL(CCM) 0.27 2.64

Table 3. SDR score on Dyrr1, and Dyest set of CCM

set ( Dyest ) from -2.35 to -1.02. This increment in per-
formance once again exhibits the quick adaptability of the
model to the Dyyrry, set by the HITL process as well as a
general improvement in the ability of the model to suppress
residual noise in songs of both the Dgyrrr, and Dyest sets.
The results in Table 3 however, reveal an issue with the zero
vocal target adaptation methodology. As the new HITL
data points do not have any information about vocals but
rather only about the residual noise which the base model
failed to remove, the finetuned model, after finetuning over
a larger Dy, set of 30 songs, saw a decrement in the
performance on vocals as seen with the decrease in median
SDR of the Dyes¢ set. This shows that our hypothesis about
the zero vocal targets not containing enough information
was true.

4.2 Adaptation with Synthetic Track

Our proposed method of adaptation using synthetic music
tracks, as elaborated in section 3 shows an improvement in
the both mean and median SDR of the Dgrrr, and Dyest
of MUSDB-18 dataset in comparison to the zero vocal
target optimization scheme ( Table 4 ). The model was
trained such that for each synthetic music track, there were
z batches, with each batch containing x data points from the
synthetic music track and y data points randomly chosen
from the training data set. After performing hyperparameter
tuning using grid search, we were able to set the values of
each of the hyperparameters to x=1, z=1, and y=15 for all of
our reported results, Furthermore, the model finetuned using
this strategy was able to perform better than our previous
method using just 20% of the original training data ( D¢rain
), while in comparison, the zero target vocal adaptation
model used 100% of the training data.

Similar to the previous part, we also analyzed the model
performance on inter-dataset conditions. Table 5 shows our
performance on the HITL ( Dgypr, ) and test set ( Dyiest
) of the CC-Mixter dataset. We see that the model is once
again able to improve performance on the mean SDR metric
for both the songs on which the user-provided annotations (
Dy ) as well as on unseen songs ( Dgest ). Furthermore,

Model Duitr.  Drest
Mean
U-Net(MUS) 1.38 1.13
U-Net(MUS) + HITL(MUS) 2.45 1.59
Median
U-Net(MUS) 5.02 3.87

U-Net(MUS) + HITL(MUS) 4.89 3.93

Table 4. SDR score on Dyyrrr, and Dyest set of MUS

Model Duaitr.  Dtest
Mean
U-Net(MUS) —6.29 —2.35
U-Net(MUS) + HITL(CCM) —4.32 —1.36
Median
U-Net(MUS) —0.37 4.60

U-Net(MUS) + HITL(CCM) 0.83 4.46

Table 5. SDR score on Dyyrr1, and Dyest set of CCM

we can see from Table 5 that the issue we faced regarding
decrement in the median SDR due to zero vocal targets
has been completely eradicated. This once again confirms
our hypothesis that the use of synthetic tracks to furnish
data points for our model adaptation provides much more
information to the model regarding both residual noise and
vocal separation. The results in Table 4 and Table 5 show
that using artificial tracks, we get the best of both worlds -
better performance with minimal data requirement.

4.3 Mean SDR over Median SDR

The SDR for a song is estimated using a statistical measure
(mean/median) after determining SDR for each 1-second
frame of the song. Though some previous works on music
source separation have reported their result using median,
they did not involved continual learning. For human-in-the-
loop continual learning problems like ours, we saw mean
to be a better measure of performance than the median.
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Fig 5 shows the graph for SDR (in y -axis) with time(in x-



axis) for the two songs of the test set ( Dest ) of MUSDB18
dataset: Secret Mountains - High Horse and BigTroubles-
Phantom before (blue) and after (orange) the HITL adap-
tation. We examine from the graph that SDR increases by
a considerable margin in the regions with previously low
SDR values. At the same time, in areas with already high
SDR, performance is similar after HITL when compared to
previous base performance. As we can see in fig 5 majority
of data points are inclined towards this higher SDR region
where the SDR remains almost unchanged, so the median
value is not affected after HITL. However, since the mean
considers all the frames equally, we see a considerable rise
in the overall mean SDR score of the song after HITL. The
main aim of the HITL task is to improve the performance
of regions that perform poorly (usually low SDR regions)
by giving feedback to the model about its mistakes which
indeed is happening after performing HITL with our model.
An increase in performance on low SDR regions leads to
an overall improvement in sound quality when heard by
human ears.

4.4 Continual Learning

In order to show that our continual learning approach is
free of overfitting, we iteratively performed the HITL task
3 times, each time with a HITL batch of 10 marked audio
samples. We used the U-Net model trained with MUSDB 18
as Base and performed HITL with HITL set ( Dy, ) of
CC-mixter dataset in a way similar to inter-dataset setting in
the section 4.2. Figure 6 shows the mean and median SDR
values pictorially after each iteration. Note that the SDR
values have been evaluated on the complete CC-mixter test
set ( Dyest ) after each iteration. We see that the median
value remains almost constant, indicating that our model
does not overfit when learning its mistakes on low SDR
parts, and its performance remains intact in other parts.
Moreover, we see that the mean value keeps increasing
gradually with a significant gain after the first iteration itself,
indicating that the model adapts to the new data quickly and
keeps on improving with the addition of more examples,
but doesn’t overfit to HITL set songs.

== Median SDR == Mean SDR

Baseline Iter. 1 lter. 2 Iter. 3

Iteration

Figure 6. Comparison of SDR after each iteration of HITL

For measuring catastrophic forgetting, we computed the
SDR score on the test set of MUSDB-18 ( Dycst ) after

performing HITL fine-tuning on the HITL set of CC-mixter
( DarrrL ). We got a median SDR score of 3.75 and a mean
SDR score of 1.76, which is well within the desired range.

S. CONCLUSION AND FUTURE WORK

In this paper, we present a framework to incorporate human
feedback to improve the performance of vocal separation
models on the existing dataset and adapt the current model
to other kinds of the real-world dataset without requiring ac-
tual vocals stems. We presented two adaptation algorithms
- one using zero vocal targets and the other using synthetic
tracks - the latter performed better than the former in our ex-
periments and also used lesser exemplars from the Dyyain
set, thereby reducing storage requirements and decreas-
ing adaptation time. We showed that our final continual
learning approach minimizes overfitting and catastrophic
forgetting and maximizes generality. We also showed that
reporting mean SDR is a better evaluation criterion than
median SDR in human-in-the-loop source separation tasks.
Also, approaches in this paper are independent of the initial
choice of the deep learning model. They hence could be
used in conjunction with other network types with a little
bit of fine-tuning for hyperparameters for best performance.
Though this paper currently focuses on separating the
vocals from the music signal, future works can explore
extending this to other stems with adequate modifications
to the human-in-the-loop task. Recently there have also
been encouraging works in the field of regularization-based
continual learning in the field of computer vision, and there
are opportunities for future works to incorporate these algo-
rithms in the proposed human-in-the-loop framework.
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