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Abstract

Expressive music synthesis (EMS) for violin performance is a challeng-
ing task due to the disagreement among music performers in the interpre-
tation of expressive musical terms (EMTs), scarcity of labeled recordings,
and limited generalization ability of the synthesis model. These challenges
create trade-offs between model effectiveness, diversity of generated re-
sults, and controllability of the synthesis system, making it essential to
conduct a comparative study on EMS model design. This paper explores
two violin EMS approaches. The end-to-end approach is a modification
of a state-of-the-art text-to-speech generator. The parameter-controlled
approach is based on a simple parameter sampling process that can ren-
der note lengths and other parameters compatible with MIDI-DDSP. We
study these two approaches (in total, three model variants) through ob-
jective and subjective experiments and discuss several key issues of EMS
based on the results.

1 Introduction
Like human-performed music, computer-generated music should also be en-
dowed with expressive power. Synthesizing music performances from symbolic
music data (e.g., MIDI, musicXML) conditioned on a designated expressive
music term (EMT)1 represents a further step forward emotion-conditioned mu-
sic generation and other innovative techniques [27]. This task, coined as the
expression-conditioned music synthesis (EMS) task, is more than the tradi-
tional task of generating real-world, human-like music performance (called per-
formance generation) [5,9,24]: the EMS task allows one to change the expression

1In this paper, we refer to EMT as the Italian musical terms which describe an emotion,
feeling, image or metaphor of a section of music (e.g., the ten EMTs labeled in the SCREAM-
MAC-EMT dataset [13]). To facilitate the discussion, we distinguish expressive music terms
from the articulation marks (e.g., accent/staccato, tempo, and dynamics), although articula-
tion marks are surely related to music expression. An EMT includes, but is not limited to
music emotion.
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of a music performance from one to another. This task requires several subtasks
such as identifying key features that determine the expressions of a musical per-
formance, understanding the long-term dependency between EMTs and musical
structure, synthesizing expressive performances according to the key features,
and studying all of these tasks across various musical genres and styles.

To the best of our knowledge, the EMS task is still a less-explored research
topic. There are some obvious challenges. First, EMS requires audio recording
data with EMT annotation, but such kinds of data are scarce. Even the most
scaled dataset to our knowledge (i.e. the SCREAM-MAC-EMT dataset [13],
which is used in this paper) still lacks diversity as there are only 10 short pieces of
music being performed. This hinders the modeling the high-level concepts such
as EMTs. Second, EMTs are highly subjective and context dependent. Both
listeners and performers may disagree in the interpretation of EMT in music
performance. Also, considering the potential of computer-human interaction, an
EMS system should also support controllability, such as output editing, adding
articulation on some specific notes, and the support of different input format.
To summarize, the research of EMT still faces a few open problems, including
the achievability of EMT-conditioned generation, design of EMS inputs and
outputs, diversity control, and the choice of models.

In this paper, we study these issues by exploring the performance of two EMS
approaches in violin performance. First, the end-to-end approach is a modifi-
cation of a state-of-the-art text-to-speech generator. Second, the parameter-
controlled approach is based on a simple parameter sampling process that can
render note lengths and parameters compatible with MIDI-DDSP [25]. Also,
we consider a modified system which supports musicXML file input can have
articulation symbols as input. From the results, we report some challenges in
EMS comparing to the task of generating human-like performance. Results in-
dicate that judging some EMTs is even hard for human beings. Also, we notice
that the parameter-controlled model performs better when the human perfor-
mance is preferred, while the end-to-end model performs better when human
and machine can not be distinguished easily.

2 Related work
Expressive music performance is a multidisciplinary research field and involves
quite diverse topics, ranging from analysis to generation. For the analysis part,
analyzing the tempo or micro-timing in music performance is therefore a cen-
tral topic in music performance analysis [1,4,12]. Previous research has mostly
focused on studying how the time-varying behavior of tempo and inter-onset
interval (IOI) related to different music structures and expressions, performers,
and eras [8, 20, 21]. A systematic review regarding music performance analysis
can be seen in [12]. A few previous works mentioned the importance of analyz-
ing expressive violin performances. Molina-Solana et al. modeled Implication-
Realization patterns [19] from audio data and utilized the patterns to classify 23
different violinists’ performances [18]. Zhao et al. proposed a model that clas-
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sified nine violinists using note-level timbre features and machine learning [28].
Marchini et al. analyzed three kinds of expressions (i.e., mechanical, normal and
exaggerated) in the performance of string quartets based on four sets of features
(i.e., sound level, note lengthening, vibrato extent and bow velocity) [16]. Li et
al. firstly proposed a dataset and performed classification over 11 EMTs [13].
These works all emphasized the importance of extracting musically meaningful
features in note-, phrase-,and other levels of music structure. While previous
research assumes the dependency between EMT and musical structures [2] [14]
and styles [3], a recent study has shown that there may be some structure- and
style-independent factors that determine the characteristics of EMT [10].

In the literature of music synthesis, a number of works mentioned music ex-
pressiveness, though the term expressive here usually refers to natural, human-
like, or realistic performance rather than specific EMT. For example, Jonason
proposed a model based on bidirectional long-short memory (BLSTM) that
generates pitch and loudness contours [11]. The MIDI-DDSP model consid-
ers 6 parameters to condition on the decoder [25]. Shih et al. considers note
duration (ND), key overlap time (KOT), energy and vibrato rate (VR) and vi-
brato extent (VE) and uses them to imitate two violin maestros’ (Heifetz amd
Oistrakh) playing style [22]. The traditional synthesizers used for expressive
music performance include concatenative synthesis [15], phase vocoders, and
others. Recently, end-to-end music synthesis models have caught wide atten-
tion. Dong et al. proposed a Transformer-based score-to-music synthesize for
violin sounds [5]. There are quite limited works which use expressive musi-
cal terms as condition. Yang et al. demonstrated an EMS model using note
segmentation and manipulation of note duration, note vibrato and phrase-level
dynamics, taking the phase vocoder as the synthesizer [27].

3 Method
Given a symbolic music file (e.g., MIDI, musicXML), the objective of EMS is
generating an audio recording with a target EMT. Figure 1 illustrates the whole
system diagram of our experiments. We consider two types of EMS models, the
parameter-controlled one (lower part of Figure 1) and the end-to-end one (upper
part of Figure 1). It should be noted that the parameter-controlled model has
two variants, one taking the MIDI as input and the other taking musicXML as
input. All the three models can be regarded as zero-shot music generation as
they work for unseen data. These models will be discussed later on.

3.1 Data
We used the SCREAM-MAC-EMT dataset, the largest EMT dataset of violin
performance to our knowledge, as the training dataset. The dataset comprises
40 violinists’ performance on 10 pieces of music, and each piece is performed
with five suitable EMTs. The dataset contains the performance recordings in 10
EMTs: Tranquillo (calm), Grazioso (graceful), Scherzando (playful), Risoluto
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Figure 1: Diagram of the end-to-end and the parameter-controlled EMS models.
The training data are illustrated in blue and the bold blue arrows represents
the actions in the training process. Italic texts represent the required inputs in
the synthesis process. The two variants of the parameter-controlled model are
illustrated as the solid-line and the dashed-line arrows in the lower left corner,
where one represents MIDI input and the other is musicXML input (i.e., adding
articulation).

(declarative), Maestoso (dignified), Affettuoso (affection), Espressivo (expres-
sive), Agitato (restless), Con Brio (energetic), and Cantabile (like singing). In
addition to the five EMTs, every musician performed a non-expressive version
(denoted as None) for each piece. As a result, the dataset contains 2400 ex-
cerpts, as each of the 10 classical music pieces was interpreted in 6 different
versions by 40 violinists. More information about the dataset, such as the
EMTs used in each piece of music, is provided in [13].

3.2 Model 1: Gaussian MIDI-DDSP
In the parameter-controlled model, we utilized MIDI-DDSP [25], a general
symbolic-to-music synthesizer based on Differentiable Digital Signal Process-
ing (DDSP) [6], as our audio synthesizer at the final stage of the model. Our
goal is then simplified to the generation of the MIDI-DDSP parameters. In our
work, according to the target EMT we aim to transform into, we consider a very
simple way of parameter generation: we adjust the model of each MIDI-DDSP
parameter as a Gaussian distribution, which mean and variance can be directly
derived from the distribution of that parameter in the training data. The gen-
eration process is then simplified into the rendering of Gaussian distributions of
the independent parameters. This model is denoted as Gaussian MIDI-DDSP.

The pipeline of Gaussian MIDI-DDSP incorporates the rendering of the
MIDI and the rendering the MIDI-DDSP parameters (see the lower part of
Figure 1). In the step of MIDI rendering, we sample values of first three fea-
ture (tempo, normalized IOI, note coverage) from their Gaussian distribution,
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and use the values to modify the onset time and offset time of each note event
in the input MIDI file. In MIDI-DDSP parameter rendering, we sample the
values of the rest five features from Gaussian distributions as the parameter in-
puts for MIDI-DDSP, and feed the modified MIDI file and sampled parameters
into MIDI-DDSP to obtain the final audio recording. Since the normalization
and the sampling process of these parameters are similar, they are introduced
together as follows.

3.2.1 Parameter normalization

For the jth recording under the ith expression xij , only the tempo feature Tij

is a piece-level feature. The rest seven features (normalized IOI, note coverage,
volume, volume fluctuation, peak position, vibrato, and brightness) are all note-
level features. For the kth note in the recording xij , the 7-dimensional features
are represented as zijk = {Îijk, Ĉijk, V̂ijk, F̂ijk, P̂ijk, R̂ijk, B̂ijk}. It is noted that
all the features in zijk are dimensionless.

Given the pair of onset and offset time (oijk, fijk) (in second) and the note
value nijk (in beat) for the kth note in xij , the tempo feature is described as

Tij =
total length
total beat

=
fijK − oij1∑

k nijk
. (1)

The interonset interval (IOI) for the kth note is Iijk = oij(k+1) − oijk, and its
normalized IOI Îijk is defined as

Îijk =
actual length

standard length
=

Iijk
nijk ∗ αijk

, (2)

where αijk is average value of the IOI per beat in the xij . Similarly, the note
coverage for the kth note Ĉijk can obtained by the equation Ĉijk = (fijk −
oijk)/Iijk.

The rest five features are parameters for MIDI-DDSP. Applying the equa-
tions and methods in [25] to the kth note in xij , We then have 1) Volume Vijk

(in dB), the mean amplitude of the kth note; 2) Volume fluctuation Fijk (in dB),
the standard deviation of the amplitude curve; 3) Peak position P̂ijk, the nor-
malized location of the highest volume in the kth note; 4) Vibrato Rijk (in Hz),
the mean frequency of vibrato; and 5) Brightness Bijk, spectral centroid of the
harmonic distribution. It should be noted that we did not compute the attack
parameters ourselves; rather, we used the parameters generated by MIDI-DDSP
as our synthesis parameter.

It is noted that Vijk, Fijk, Rijk, and Bijk are still unnormalized and
MIDI-DDSP requires all five values in the scale within [0, 1]. Thus, we apply
Min-max normalization for each feature above, where the Min-max pairs are
(−80,maxk(Vijk)), (mink(Fijk),maxk(Fijk)), (mink(Rijk),maxk(Rijk)), and
(mink(Bijk),maxk(Bijk)), respectively.
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ppp pp p mp mf f ff fff
.164 .313 .484 .564 .664 .773 .890 1.00

Table 1: Mapping from dynamic markings to the volume parameter (Vijk) in
MIDI-DDSP.

3.2.2 Formulation of Gaussian distribution

To simplify our model, we assume the tempo feature Tij can be described as
a sample from an independent Gaussian distribution N T

i , and the distribution
only depends on the musical expression. In order to reconstruct the Gaussian
distribution, we calculate the mean µT

i and the variance {σT
i }2 from our data,

and the Gaussian distribution for Tij is N T
i = N (µT

i , σ
T
i ). Likewise, we have the

similar approach for each note-level feature in zijk. Given a feature X̂ijk ∈ zijk,
the Gaussian distribution for the feature X̂ijk is Ni

X̂ = N (µX̂
i , σX̂

i ).

3.2.3 MIDI-DDSP inference

Given any MIDI file y with K musical notes and K sets of five parameters
(volume, volume fluctuation, peak position, vibrato, and brightness) for all
notes, the neural network MIDI-DDSP f is capable of synthesizing an audio
performance. To select proper parameters for the style of the ith expression,
the process is similar to Section 3.2.4. We simply sample all features from its
corresponding distribution K times, and concatenate all samples as the param-
eter input. To be more specific, and the audio output can be described as
f(y′, [pk]

K
k=1), where y′ is our modified MIDI file and the kth set of parameters

is defined as pk = {πk ∼ N X̂
i |X̂ ∈ {V̂ , F̂ , P̂ , R̂, B̂}}.

In practice, the distribution is adjusted to a truncated Gaussian distribution
during every sampling process in Section 3.2.4 and 3.2.3, which helps the sta-
bility of the output result. The upper bound and lower bound of the truncated
Gaussian distribution are set to [µ+ σ, µ− σ].

3.2.4 MIDI pre-processing in the inference stage

Given the input MIDI file y, we can obtain its Tempo T and the kth onset-offset
pairs of its note events (ok, fk). After sampling the targeted tempo τ ∼ N T

i , we
need to scale the original tempo to the target one by setting new onset times
and offset times for y as (o′k, f

′
k) = (τ ′ok, τ

′fk), where τ ′ = T
τ . Next, we adjust

IOIs in y by sampling normalized IOI ιk ∼ N Î
i by K times and resetting the

new onset time as o′′k = ιk−1(o
′
k − o′k−1) + Sk−2, where Sk =

∑k
1 o

′′
k . Finally,

the new offset time f ′′
k is determined by the kth sample from the note coverage

distribution κk ∼ N Ĉ
i and set to f ′′

k = o′′k +κk(o
′′
k+1 − o′′k). The pairs of (o′′k , f

′′
k )

will be the onset-offset pair for the modified MIDI file y′.
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staccato accent marcato tenuto legato
.545 .600 .655 .545 .227

Table 2: Empirical mapping from articulation symbols to the attack parameter
in MIDI-DDSP.

3.3 Model 2: Gaussian MusicXML-DDSP
Using musicXML files as the input of a paremeter-controlled EMS model has
an advantage that the articulation symbols (which are omitted in the MIDI
format) can be directly parsed into the system. That means, the musicXML
format can serve as an interface for users who want to designate articulation
symbols to specific notes in the input. We have developed a musicXML parser
which converts XML files into a user-friendly format, enabling users to upload
their edited scores directly and extract the necessary data seamlessly. This
model is denoted as Gaussian MusicXML-DDSP.

We built a simple, one-to-one mapping table which maps the articulation
symbols to MIDI-DDSP parameters. The mappings are built according to do-
main knowledge. For example, Tables 1 and 2 outline the parameter ranges
of dynamics and articulations. To map the values of the volume parameter,
we have utilized Avid’s Sibelius 5 [23], a notation software that offers default
MIDI velocity values associated with dynamic markings and have normalized
the velocity differences accordingly. Similarly, to map the values of the attack
parameter, we have consulted the definition of articulation velocity in MuseScore
instruments.xml and conducted experiments using the MIDI-DDSP system with
the writer’s knowledge of sound sense. This approach ensures that our simula-
tion accurately captures the intricacies of musical expressions.

In the synthesis stage, a note without articulation/ dynamic symbols is sim-
ply processed with the parameters rendered from Gaussian MIDI-DDSP. If a
dynamic marking exists, we need to take care of both the volume parameter
from Gaussian MIDI-DDSP and the one from the mapping in Table 1. Here we
adopt a scaling scheme with mf as the default volume. For example, if a note
is rendered a value 0.661 and is marked with p, then the modified volume pa-
rameter becomes 0.661 (rendered volume)×0.484 (volume of p)/0.664 (volume
of mf )=0.482.

3.4 Model 3: End-to-end model
Unlike the previous method of using various low-level features as controllable
inputs, the end-to-end model only takes MIDI and EMT as input and directly
generates the final audio. The upper part of Figure 1 shows the flowchart
of the model. In view of the fact that such a task is very similar to multi-
speaker text-to-speech (TTS) with text and speaker label as input, we adopted
the architecture of state-of-the-art TTS model StyleSpeech [17] and made some
adjustments such as to fit the purpose of our EMS task. The main four changes
are as follows. First, the end-to-end model first takes a sequence of midi pitches
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as input, and converts them into note-level pitch embeddings. This part replaces
the phoneme embedding in StyleSpeech. Second, we replaced the Mel-Style
encoder, which was originally used for extracting speaker-dependent features,
with performer embedding and expression embedding. The two embeddings are
fed into several linear layers and then add up to form a style vector, which is
used as a feature to control the intermediate layers of the encoder and decoder.
It should be noted that the performer embedding is required only in the training
stage. Third, Since the pitch and duration information is already provided by
the MIDI input, we removed the variance adapters that were originally used to
predict pitch, energy, and duration. In our preliminary experiments, we found
that predicting energy did not improve overall generation results. Finally, we
utilized Parallel WaveGAN (PWG) as the vocoder to convert mel-spectrogram
to audio [26].

4 Experiment

4.1 Experiment setup
We consider two experiments: EMT classification and questionnaire-based sub-
jective evaluation. As the first part, the purpose of EMT classification is to
understand the machine’s ability in distinguishing the performance with dif-
ferent EMT. Also, this part is a benchmark experiment in performing deep
learning-based EMT classification, since this tasks has never done before. The
classification result can then be compared to the previously reported result
in [13], which was based on the support vector machine (SVM). We report the
result with confusion table and the values of precision (P), recall (R), as well as
F1-score (F1).

The subjective test of the EMS task is quite challenging. Executing a sub-
jective test which covers all the EMTs in the dataset is undoable; if doing so, the
number of questions and the recordings to be listened to will exceed human’s
tolerance. Therefore, we have to select a subset of the EMTs rather than all
in our questionnaire. In the first part of the questionnaire, we provided a few
recordings from the SCREAM-MAC-EMT dataset to and asked participants to
guess the EMT that the performer interpreted in the recording. The questions
were in multiple choice format: participants just need select one out of the five
choices. This parts represents a background survey for us to understand the
feasibility as well as the limitation how human judges the EMT, and is not
strongly related to the main purpose of the subjective test.

In the second part of the questionnaire, for each question, we present four
audio recordings, which are the same piece of music 1) from the dataset (i.e.,
Ground truth), 2) synthesized by the End-to-End model, 3) Gaussian MIDI-
DDSP, and 4) Gaussian MusicXML-DDSP, all are with the same EMT. The
name of the song and the corresponding EMT are presented to the participants.
Participants are asked to listen to the recording and answer four questions (Q1)
Which performance sounds most like the EMT? (Q2) Which performance sounds

8



Objective test Subjective test
[13] This work EMS performance Human-like
F1 Pre Rec F1 G E M X G E M X

Scherzando .763 .490 .825 .614 20.5 -16 -10 5.5 16.5 -9 0 -7
Tranquillo .800 .739 .761 .750 30 0 -29 1 21 -15 -2 -4
Cantabile .532 .344 .149 .208 16 1 -4 -13 19 -12 3 -10
Espressivo .451 .584 .506 .542 25 -6 -15 -4 24 -12 -7 -5
Maestoso .618 .676 .590 .630 18 9 -23 -4 22 -11 -3 -8

Table 3: The experiment results, including the EMT classification (precision,
recall, and F1-score) of EMT classification and the average EMS and human-like
performance scores in the subject test. The four models under comparison are
from the dataset (G), end-to-end model (E), Gaussian MIDI-DDSP (M) and
Gaussian musicXML-DDSP (X).

least like the EMT? (Q3) Which recording sounds most like a human perfor-
mance? (Q4) Which recording sounds leasst like a human performance? Six
questions were given, and therefore 24 audio recordings from both human and
models were presented. Designing the questions in such an EMT-informed and
comparative manner is to save participants’ time, as judging the EMT of one
recording at a time is somehow beyond human’s effort.

We selected five EMTs for the second part of the subject test (see Table
3). We removed the EMTs which are too similar to each other and difficult to
distinguish. For example, Affettuoso is removed since it is hard to be distin-
guished from Cantabile according to our domain knowledge. Also, we select the
EMTs according to the EMT classification results: the selected EMTs should
contains the ones which achieve high F1-score (e.g., Tranquillo) and the ones
which performs bad (e.g., Cantabile) Two songs are taken to generate the audio
recording: Theme of Twelve Variations on ‘Ah vous dirai-je, Maman’ by W. A.
Mozart, and Élégie by Gabriel Faureé. All the generated results are transported
to the same key.

We calculate two evaluation metrics for each model in our subjective test:
1) EMS performance score, being the number of votes in Q1 minus the number
of votes in Q2, and 2) human-like performance score, being the number of
votes in Q3 minus the number of votes in Q4. For example, for the recordings
synthesized with Scherzando, if 10 people said the recordings of model X is
most like Scherzando while 3 people said model X is least like it, then the EMS
performance score is 10-3=7, the net votes for the model X. The higher the
value, the better the model performs.

4.2 EMT classification
In this section of our experiment, we use an expression classifier based on Audio
Spectrogram Transformer (AST) to evaluate the generated audio [7]. We took
the pretrained model from the official AST repo and replaced the last output
layer with a linear layer that outputs 11 expression classes. We split the violin
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Figure 2: Confusion matrix of EMT classification.

dataset into 9/1 train/valid, and fine tune the whole model for 5k steps. The
batch size is set to 8, and we use the Adam optimizer with learning rate sets to
1e-5 for fine tuning.

Figure 2 shows the confusion matrix of the 11 classes of EMTs. It can
be seen that major confusions are in certain EMTs, demonstrated by the low
recall in Cantabile, and the low precision Affetuoso and Grazioso. The left part
of Table 3 lists the resulting precision, recall and F1-score of selected EMT.
Comparing to the results reported in [13], the classification model adopted in this
work outperforms the SVM model in Expressivo and Maestoso, while still falls
behind in Scherzando, Tranquilo and Cantabile. Generally speaking, though
the adopted deep learning model performs well in various audio classification
tasks, it does not gain strong benefits in EMT classification.

4.3 Subjective evaluation
4.3.1 Results of the pre-test

The results of first part of the subjective test reveals the challenges for human to
“guess the EMT” in a multiple choice format. As an informal test, we just report
two noteworthy observations. First, for the recordings in Scherzando, only 22%
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of the participants could guess them correctly, while 44% participants guessed
Cantabile and 28% guessed Tranquillo. This is surprising when compared to
the EMT classification result, where Scherzando actually achieves a high recall
at 82.5%. We found that such a result is hard to discuss since it not only
depends on the participant’s understanding of Scherzando but also depends on
their understanding of other EMTs listed in the question. The participant’s
choice turns unreliable in this case, as the definition of each EMT in their mind
would be interdependent when putting multiple EMTs together.

Second, for the recordings in Tranquillo, 44% of participants correctly an-
swer it, while 26% of them guessed them as Maestoso. Again, Tranquillo is an
EMT which can be classified the best with machine learning models (Recall =
76.1%). This somehow indicates the limitation of our experiment scenario: some
EMTs require more contextual information in order to be properly identified.
Tranquillo is the EMT which highly depends on volume, and the “tranquility”
can be effectively perceived only when compared to another louder recordings.
Apart from volume, there are arguably no strong features that can help to dis-
tinguish a Tranquillo performance for others. These observations suggest us not
to use multiple-choice questions to study subjective perception of EMTs.

4.3.2 Model comparison

In the second part of the questionnaire, 32 participants (more than one half
have more than five years of music training experience) answered the questions
and the average scores of all the questions are summarized in the right part of
Table 3. First, for EMS performance, although GT unsurprisingly outperforms
other models, there are still differences in performance across different EMTs.
For instance, the majority of participants votes GT for Tranquillo (EMS per-
formance score = 30), while interestingly, for Cantabile the net votes for GT
drop to 16, only the number of half of participants. In other words, listeners
consider that the gap between human performance and the synthesized audio is
not that wide for Cantabile, in comparison to Tranquillo. This is probably be-
cause that there is less consistency among humans in telling the exact meaning
of the EMT. Such a gap between human and machine is somehow related to the
EMT classification results (see the left part of Table 3) though the relationship
is not significant.

Second, we observe that when the EMS performance score of GT is lower,
participants are more likely to take the End-to-End model as the best EMS
model (see the case of Maestoso and Cantabile). Conversely, when EMS perfor-
mance score of GT is high, participants tend to select the Gaussian MusicXML-
DDSP model as the best EMS model (see the case of Tranquillo and Espressivo).
This implies that the features related to the GT-prevailing EMTs (e.g., Tran-
quillo and Expressivo) can be more explicitly described with the note-level fea-
tures (e.g., IOI, volume, etc) and the articulations. On the other hand, for those
EMTs which meanings are vague (e.g., Cantabile), end-to-end modeling could
outperform parameter-controlled approaches. To summarize, the performance
of different models on EMS highly depends on the target EMT.
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Third, in the right part of Table 3, the resulting human-like performance
scores behaves quite different from EMS performance scores. In general, people
prefer Gaussian MIDI-DDSP, followed by Gaussian musicXML-DDSP and the
end-to-end model, regardless of the chosen target EMT. To summarize, when
discussing the music performance generation problem using the state-of-the-art
neural synthesizers, some models appear to be consistently better than others
and the trend is independent from the target EMT. On the other hand, the
EMS task is indeed more complicated than music performance generation as
the ranks of different models depend on the target EMT.

Lastly, it should be mentioned that the inference time of the three models
differs a lot. While generating a 40-sec music clip using the end-to-end model
costs less than 2 secs with GPU, the inference time using either MIDI-DDSP
or musicXML-DDSP models on the same clip takes around 3-4 minutes. This
is probably because MIDI-DDSP is built upon the recurrent neural networks,
which tend to be slower in the inference stage.

5 Concluding remarks
The three models discussed in this paper covers several aspects related to the de-
velopment of an EMS system, including the ambiguity between different EMTs,
human-like performance, note-level control, articulation, limitation of human
listeners, and inference time. We have identified some correlations, such as
the trade-off between the inference time and the human-like performance score.
However, we also observe that even considering the state-of-the-art models,
EMT classification is still a task more challenging than general audio classifi-
cation, and also, the EMS task is more challenging than the traditional music
performance generation problem. None of the three models are found to be
consistently superior to the others.

The thing we discover most insightful in this work is the relation between
the EMS performance and the gap between human and machine. This implies
that understanding human’s limitation in interpreting/ judging EMTs in perfor-
mance could be as important as training a model that fits the data of human’s
performance. Hence, future research in this area should consider a broader
range of factors, especially human factors that may influence the expressive
performances.
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