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Abstract

Music is an integral part of human culture, embodying human intelligence and
creativity, of which songs compose an essential part. While various aspects of song
generation have been explored by previous works, such as singing voice, vocal
composition and instrumental arrangement, etc., generating songs with both vocals
and accompaniment given lyrics remains a significant challenge, hindering the
application of music generation models in the real world. In this light, we propose
SongCreator, a song-generation system designed to tackle this challenge. The
model features two novel designs: a meticulously designed dual-sequence language
model (DSLM) to capture the information of vocals and accompaniment for song
generation, and a series of attention mask strategies for DSLM, which allows our
model to understand, generate and edit songs, making it suitable for various song-
related generation tasks by utilizing specific attention masks. Extensive experiments
demonstrate the effectiveness of SongCreator by achieving state-of-the-art or
competitive performances on all eight tasks. Notably, it surpasses previous works
by a large margin in lyrics-to-song and lyrics-to-vocals. Additionally, it is able to
independently control the acoustic conditions of the vocals and accompaniment
in the generated song through different audio prompts, exhibiting its potential
applicability. Our samples are available at https://thuhcsi.github.i0/SongCreator/.

1 Introduction

Music is an integral part of human culture, embodying human intelligence and creativity. Songs
combining vocals and accompaniment compose an essential part of it, whose generation has been
a hotspot in both academia and industry in recent years. Although with the rapid advancements in
generative models, communities have witnessed the applications of Artificial Intelligence Generated
Content (AIGC) models in the generation of texts [1H3l], images [4H6] and speeches [[7H11], it still
remains a big question whether we can replicate the successes in song generation, which demands
coordination among various complex elements such as instruments, rhythm, melody and vocals.
Currently creating high-level songs with both vocals and accompaniment still requires substantial
human effort in composition, instrument arrangement, singing, and so on, a process requiring a great
deal of time and expertise. Lyrics-to-song generative models could lower the barrier to entry for
novices and improve the workflow of experienced artists.

Previous works mostly explored specific aspects of song generation, as listed in Table[I] Although
they exhibit abilities in vocal composition, instrumental arrangement and harmonious generation,
none of them is able to combine these three for high-quality lyrics-to-song generation. To this
end, Jukebox [[12] can be seen as the first and only attempt from published literature so far to
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Table 1: A comparison of song generation with related tasks in the literature. We use Composition
to denote whether the model can complete vocal composition, Arrangement to denote whether the
model can arrange the instrumental accompaniment, and Harmony to denote whether vocals and
accompaniment sound harmonious and pleasant together.

Tasks Inputs Outputs  Composition  Arrangement  Harmony
Singing Voice Synthesis [15H20] Scores Vocals X X X
SongComposer [21] Lyrics Vocals v X X
Text-to-Music [22H25] Text Description Music X v X
Accompaniment Generation [26H30] Vocals Music X v v
Song Generation Lyrics Song v v v

simultaneously generate vocals and accompaniment in a song from lyrics using a single model.
However, it exhibits two major limitations. Firstly, this approach treats the combination of vocals
and accompaniment as an entity. While the design facilitates the generation of songs, it ignores
the mutual influence between vocals and accompaniment, resulting in vocals that sound unnatural
and a lack of musicality in both the melody and accompaniment, and inhibiting the independent
controllability of the generated vocals and accompaniment. Secondly, it is confined to performing
specific tasks of lyrics-to-song generation, which restricts the broader application of song generation
models in complex musical scenarios, including the generation of vocals or instrumental music, as
well as universal song generation tasks such as song editing and accompaniment-to-vocal generation.
Recently, while the industry has seen the emergence of song generation tools like Suno [13]] and Udio
[14], neither has disclosed their methodologies nor has expanded into universal song generation tasks.

In this work, we introduce SongCreator, a system designed to generate high-quality songs with
harmoniously coordinated vocals and accompaniment based on lyrics. It is worth mentioning that by
learning composition and arrangement abilities during training, SongCreator can also be applied to
universal song generation tasks, as shown in Appendix [B] including (but not limited to) lyrics-to-vocal,
accompaniment-to-song and song editing. Formalized as a combination of a language model (LM)
and a latent diffusion model (LDM) [31], SongCreator features a novel dual-sequence language model
(DSLM), which utilizes two decoders to separately model vocals and accompaniment information,
and employs a dynamic bidirectional cross-attention module to capture the influences between
these two sequences. This approach treats vocals and accompaniment within a song as separate
but interrelated sequences, effectively reducing their mutual influence during training. Additionally,
inspired by UniLM [32]] and GLM [33]], we design a series of attention mask strategies for DSLM,
which enables SongCreator to complete song generation tasks of various forms, such as editing,
understanding and generation in a unified manner. Our contributions can be summarized as follows:

* We propose a novel dual-sequence language model for song generation. Compared to
previous ones, it not only emphasizes the respective quality of vocals and accompaniment,
but also learns their mutual influences to coordinate them into harmonious songs, greatly
enhancing the quality of generations.

* We propose a series of attention mask strategies for song generation, which endows our
model with the ability to unify song generation tasks of various forms, such as lyrics-to-song,
accompaniment-to-song and song editing. It also makes multi-task training feasible for
SongCreator, which underlies its versatile generation ability.

* On top of the mechanisms above, we propose a versatile system for song generation. It can
be readily applied to lyrics-based vocals/song generation, or even editing. It also supports
universal conditioning and generation: given any one of the vocals or accompaniment as
a condition, SongCreator is able to generate the other. Moreover, SongCreator is able to
generate songs with separate audio prompts for vocals and accompaniment.

* We conduct extensive experiments to demonstrate the abilities of our system in the eight
tasks shown in Appendix [B] Ablation experiments justify the effectiveness of our designs.

2 Related Work

Singing voice synthesis Singing Voice Synthesis (SVS) [15H20] aims at synthesize vocals given
scores, has made great progress in recent years. Several works attempt to adopt transformer models
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Figure 1: The overview of SongCreator. The BEST-RQ tokens is a proxy that bridges the DSLM and
the latent diffusion model.

[L5], generative adversarial networks [16] and conditional variational autoencoder [17} 18] for SVS.
Recently, research [[19, 20] focuses on enhancing the quality of synthesized vocals through diffusion
models, demonstrating state-of-the-art (SOTA) performance. Similarly, SongCreator also employs a
diffusion model to improve the quality of synthesized songs. However, compared to traditional SVS
methods that require additional scores composed by humans, SongCreator facilitates composing and
arranging songs directly from lyrics and generates complete songs with accompaniment.

Music generation Music generation has been long studied under various setups. Early efforts
[34, 135] primarily focus on generating symbolic music, which is confined to fixed instrumental
timbres and lacks expressiveness. Several works [[12] 22l 25/ 36] have achieved text-to-music
generation by tokenizing music into discrete sequences that can be further processed by language
models (LMs) [2 13]]. Singsong [29]] and Melodist [30] follow a similar approach for accompaniment
generation. Diffusion models [37H39]], as another competitive class of generative models, have
also delivered impressive results in music generation. Many emerging methods [24} 140-42] use
latent diffusion model (LDM) to generate high-quality and high-fidelity music. Recently, MeLoDy
[23]] and AudioLDM 2 [43]] introduce a novel solution by combining the advantages of LMs and
LDM, demonstrating SOTA performances with high fidelity and musicality. However, these methods
are designed for generating non-vocal music and limited to specific task such as text-to-music or
vocal-to-accompaniment. By leveraging the DSLM, SongCreator can effectively model songs that
include both vocals and accompaniment, and it can also extend to various song generation tasks.

Speech editing and synthesis Speech editing requires to alter a segment within a speech to match
the target transcript. Early methods [44-48]] utilized the surrounding speech context as a condition,
enabling models to generate the masked segment. Subsequently, several works [11}149-51] attempted
to establish a unified model for both speech editing and text-to-speech (TTS). However, despite
their impressive achievements, these efforts are restricted to handing clean signals only, and required
duration information for each phoneme. It restricts the applicability of such methods in song or vocal
editing. Recently, the advancement of LMs significantly promoted progress in speech generation,
particularly in zero-shot TTS [9, 52} 53] and speech editing [54-56]. Different from these works
that only focus on speech, to our knowledge, we are the first to implement song and vocal editing.
Additionally, through a serious of attention mask strategies, our proposed SongCreator provides a
general solution that enables a single system to handle multiple tasks in song generation.

3 Method

3.1 Overview

Let x € A represent a song audio. A song generation process can be defined as f : C — X,
where C is the set of conditioning signals. In this work, we consider a flexibly conditioned song
generation system f with C € C, accepting a variety of optional inputs including lyrics, vocal prompt,
accompaniment prompt, pre-determined vocal track and pre-determined accompaniment track. The



vocal tokens accompaniment tokens

LM head layer Song Decoder LM head layer
Attention mask strategies for BCA ¥ ¥ X

Vocal Decoder ‘ Decoder
Feed Forward Feed Forward
— e
£ >

R4/ IR C _____ - ,_,._,K_/\L,E_ | o W W

23 k3
Attention mask strategies for SA XN | | crossAttention «—— Cross Attention | | XN

i)
x . 1%
Self Attention elf Attention J‘ }
! { x
Lyrics Encoder r
(1) Causal (2) Non-causal |

Two attention modules in the vocal decoder Vocals/Vocal prompt Lyrics Accompaniment/Accompaniment prompt

i

Figure 2: The overview of DSLM with the attention mask strategies. The DSLM can utilize
specific attention mask strategy to achieve different song generation tasks. We illustrate multiple
attention mask strategies of what each vocal token’s representation attend to in both self-attention and
bidirectional cross-attention. Attention mask strategies in the accompaniment decoder are similar.

high flexibility of conditions empowers the controllability of our model, so that different elements
within the generated songs can be customized as needed.

However, end-to-end generating a high-fidelity song x from C with a neural network f remains
challenging to date. In the same spirit as previous works [23} 25} 36], we introduce a language-alike
discrete sequence (a.k.a., semantic tokens), denoted as S = (S,...,Sy), to capture significant
structural information in song and to embody LMs as the “brain” of our system for writing songs.

As illustrated in Figure E], to obtain the semantic tokens, we train a BEST-RQ [57]] on an unlabeled
dataset containing songs, vocals and music, and conduct vector quantization over its intermediate
hidden representations. These tokens encapsulate sufficient semantic and acoustic details that are
necessary for reconstructing x. With such a purpose, an LDM, consisting of a VAE and a diffusion
model, is trained to decode the semantic tokens into high-quality song audio, in a way similar to [23]].
Since both BEST-RQ and LDM were trained and re-produced with open-source implementations,
their respective details are beyond the focus of this paper, and are described in Appendix [A.2A.3]

To predict the semantic tokens S given C, we designed a novel form of LM — dual-sequence
language model (DSLM) for multi-condition song generation, as illustrated in Figure[2] Specifically,
DSLM includes three decoders, respectively adopting semantic tokens of vocals (i.e., S, € S,),
accompaniment (i.e., S, € S,), and song (i.e., Sy € S;) as the prediction targets. Mathematically,
we define DSLM : C — S; x &, x S,. By applying an off-the-shelf source separation algorithm
to a large corpus of songs with lyrics, a large volume of paired data can be manufactured for the
multi-target generation task of interest.

The remainder of this section presents the main contribution of this paper — DSLM, and the attention
mask strategies for DSLM.

3.2 Dual-sequence language model

Formally speaking, the proposed dual-sequence language model (DSLM) is tasked with the gen-
eration of (Sg, S,,S,) given C. An overview of the proposed architecture is presented in Figure
[2l Concerning the quadratic complexity of Transformer with respect to sequence length, instead of
processing the concatenated sequences of multiple target sequences token-by-token as in [29], in
DSLM we utilize different decoders to model the semantic tokens of vocals S,, and accompaniment
S, and harmoniously combine them to generate the semantic tokens of song S;.

The proposed DSLM consists of a lyrics encoder, two decoders (one for vocals and one for accom-
paniment) inter-connected through a bidirectional cross-attention module, and a final song decoder.
The lyrics encoder is built upon a stack of Transformer encoder layers, which, as a architecture
widely adopted in speech synthesis [[7,[10], extracts critical information related to the pronunciation
of the lyrics Ciyyics. On the other hand, the vocal decoder and accompaniment decoder are together
composed of multiple DSLM blocks. Each DSLM block is composed of a self-attention (SA) layer,
a cross-attention (CA) layer, a bidirectional cross-attention (BCA) layer and a feed-forward layer.



The cross-attention layer is utilized to attend the information from lyrics encoder, , which has been
widely applied in previous works on speech synthesis [58} 159] and audio generation [60, [61]]. For
vocal decoder, it models the alignment between the lyrics and vocals. For accompaniment decoder, it
extracts semantic information from the lyrics for generating accompaniment Moreover, in a complete
song, the vocal and accompaniment parts have a complex interrelationship. The accompaniment must
complement the vocal track without overshadowing them, ensuring that both parts work together to
highlight the song’s expressive and artistic intents. To understand and model this interrelationship,
we introduce a bidirectional cross-attention (BCA) layer, which consists of two symmetrical cross-
attention mechanisms. For example, in the vocal decoder, the BCA allows the model to attend to the
generated parts of accompaniment while generating vocals, making arrangements accordingly. The
BCA layer is then defined as follows:

Q,=H,W¢, K,=H,WJ, V,=HW/ M
M, — {0, allow to attend ' )
—o0, prevent from attending
Q.K, )
A, = softmax * +M 3)
( Vi

where H,,, H, € R7*? denote the previous layer’s outputs from the vocal decoder and accompani-
ment decoder, respectively. These outputs are linearly projected to a triple of queries, keys and values
with learnable weights W@ WE WV ¢ Rdn*dx_respectively, and the mask matrix M € RT*7 is
used to control whether a pair of tokens can be attended to each other. Here, we use 7" to denote the
length of tokens in LM, and use d}, and dj, to denote the hidden size and attention layer size.

The vocal decoder and accompaniment decoder treats the generation of semantic tokens as conditional
language modeling tasks, performing autoregressive predictions token by token. Leveraging the
in-context learning capabilities of the language model, we can control various acoustic conditions
of the generated audio with a prompting technique. Given a vocal prompt (represented by semantic
tokens), denoted as SU, it tends to control a mixture of speaker, vocal melody, and tempo. Similarly,
given an accompaniment prompt (represented by semantic tokens), denoted as S, it tends to control
instruments, musical melody, and rhythm. The semantic tokens of prompt audio are passed as a prefix
to the DSLM and the model uses this prefix to sequentially predict the following token sequence.
Taking the vocal decoder 6, as an example. The task of the vocal decoder can be formulated as:

T
p(sv|clyricsa Sv; avocal) = Hp(sv,t‘sv,<ta Sa,<t7 ClyriC57 Sv; avocal) (4)
t=0

Then, we concatenate the embeddings E,,, E, € R7*4: from outputs of these two decoders. The
combined embeddings E, € R7>2% are fed into a song decoder composed of multiple Transformer
blocks to non-autoregressively generate the semantic token sequence for the complete song, achieving
a natural and seamless integration of vocals and instruments, which can be simply represented as:

T

p(ss|Ev,Ea§esong) = Hp(ss,t‘svasa;esong) 4)
t=0

3.3 Attention mask strategies for universal song generation

In both self-attention (SA) layer and bidirectional cross-attention (BCA) layer, we employ the mask
matrix M as shown in Equation 2[to control the access of the semantic tokens to be predicted. As
shown in Figure 2| we implement multiple mask strategies for SA and BCA using different M.

Specifically, we employ two different masking strategies for the SA to control each semantic token’s
access to the context within the same sequence. One strategy is the causal attention mask, where the
representation of each token can only access the leftward context tokens and itself. This approach
predicts a token conditioned on its historical (left) context, thereby learning generation and continua-
tion capabilities, but it is difficult to fully capture the dependencies between the context. The other
strategy is the non-causal attention mask, where all token can attend to each other within the same



Table 2: Specific attention mask strategy of all tasks supported by SongCreator. [-] indicates that the
condition is optional. * indicates that our proposed model achieves significant improvements in this
task.

Tasks Conditions Outputs SA mask BCA mask
Lyrics-to-song™ Lyrics, [Vocal prompt], [Accompaniment prompt] Song, Vocals Causal, Causal BR
Lyrics-to-vocals* Lyrics, [Vocal prompt] Vocals Causal, Causal BR
Accompaniment-to-song Lyrics, Accompaniment, [Vocal prompt] Song, Vocals  Causal, Non-causal A2V
Vocals-to-song Vocals, [Lyrics], [Accompaniment prompt] Song, Music Non-causal, Causal V2A
Music continuation Accompaniment prompt Music None, Causal None
Song editing* Lyrics, Vocals, Accompaniment Song, Vocals Causal, Causal BR
Vocals editing Lyrics, Vocals Vocals Causal, None None
Vocals editing in song* Lyrics, Vocals, Accompaniment Song, Vocals  Causal, Non-causal A2V

sequence. It incorporates contextual information from the entire sequence, and can generate more
comprehensive and enriched context representations than the causal approach.

For BCA, we design four masking strategies to control the mutual attention between the semantic
token sequences representing vocals and accompaniment. The bidirectional mask (BR) allows
representations in both the vocal sequence and accompaniment sequence to attend to representations
in the other sequence. However, when predicting the token at time step ¢, it can only attend to the
representation of tokens in the other sequence at time step less than or equal to ¢. For example, the
representation H, ; of semantic token S, ; can only pay attention to H, <; , but not to H, ~;. It
attempts to capture the relationships between vocals and accompaniment, but does not consider the
full context of the other sequence, leading to certain limitations when one sequence is pre-determined.
As a supplement, the accompaniment-to-vocals (A2V) and vocals-to-accompaniment (V2A) strategies
allow one sequence to attend to all tokens in the other sequence. Take the A2V as an example, the
tokens in vocal sequence can attend to the full context of the accompaniment sequence, while tokens
in the accompaniment sequence are not allowed to attend to the vocal sequence. In this way, the
vocal decoder can generate vocals based on the complete accompaniment information. Similarly, the
V2A strategy allows the model to predict accompaniment tokens conditioned on the entire vocals
sequence. Additionally, the None strategy means neither sequence can attend to the other, supporting
the independent generation of instrumental music or vocals.

By employing different mask strategies for SA and BCA, as well as the input format, a single
SongCreator can achieve competitive performance on multiple song generation tasks, as shown in
Table 2] and Appendix [B] We also demonstrate in the ablation studies that the specific attention mask
we employed for each task are effective. Furthermore, we support additional tasks shown on our
demo page.

3.4 Training Setup

We investigate a multi-task training setup, in which the model is trained on several tasks to enhance
its composition, arrangement, and comprehension abilities. We consider the following three tasks:

Song generation from lyrics In this task, the SA in both the vocals decoder and the accompaniment
decoder employs the causal attention mask to simultaneously generate vocal and accompaniment
semantic tokens. For BCA, 80% of the time we use the bidirectional attention mask to learn how to
generate harmoniously coordinated vocals and accompaniment. In the remaining 20% of the time,
we use the None strategy to allow the model to learn to generate accompaniment or vocal track
independently. This probability setting was inspired by classifier-free guidance related work [54,162]
to ensure it does not disrupt the training of the BCA.

Song generation from pre-determined accompaniment or vocals Take the accompaniment is
determined as an example, in this task, the SA in the vocals decoder maintains the causal mask to
generate vocals, while the SA in the accompaniment decoder employs the non-causal mask, with the
BCA using the A2V strategy. Note that for the non-causal mask, we randomly mask 20% of tokens
in the input sequence, to encourage the model to learn the relationships between context tokens.
Furthermore, for the above two training tasks, we provide the model with a vocal and accompaniment
prompt to encourage the model to learn to control the acoustic conditions of the generated audio.



Song editing The song editing task combines the above two tasks. The difference is that we
randomly select a span of tokens from the end of the target sequence to replace the audio prompt,
using a special token <EDIT> in between to distinguish the editing task from the generation task.

In all training tasks, the vocal decoder and accompaniment decoder are trained using the next token
prediction objective, and the song decoder predicts the semantic tokens of the complete song based
on the embeddings extracted from the vocal decoder and accompaniment decoder. After that, we
calculate the cross-entropy loss for vocals, accompaniment and song, and optimize the DSLM with
the sum of these losses. Calculating the loss of the song also helps the model effectively reduce
the impact of the source separation tool on the overall quality of the generated song. Note that we
follow previous works [54,63] and calculate the loss on all tokens, not just the masked tokens, for
non-causal strategy. Moreover, we also mask the lyrics 20% of the time to encourage the model to
attempt unconditional generation.

4 Experiments

4.1 Experimental setup

Data and model DSLM is trained on 8,500 hours of song data with lyrics (approximately 270,000
songs). We employed an automatic speech recognition (ASR) model to provide timestamps for each
sentence in the lyrics and a voice activity detection (VAD) model to detect silent segments. Then, we
select appropriate silent segments to split the dataset into 1.7M clips, each no longer than 30 seconds
and ensuring the completeness of the sentences. Each clip is input into the Demucs [64} 65] music
source separation model to extract vocals and accompaniment. Our DSLM has approximately 0.6B
parameters. Detailed configurations are shown in Appendix [A.T]

Training and Inference During training, we train the DSLM for 500K steps using 8 NVIDIA
A800 GPUs, with a batch size of 8 for each GPU. Adam optimizer is used with 53 = 0.9, 8 =
0.98,¢ = 1079 and follow the same learning rate schedule in [66]. Consistently, top-k sampling is
adopted for inference, in which £ and temperature are set to 50 and 0.9, respectively.

Evaluations Most tasks are evaluated using both objective and subjective metricsE] For objective
evaluations, Fréchet Audio Distance (FAD) [67] is used to evaluate the generation fidelity; Mel
Cepstral Distortion (MCD) is used to measure the spectral distance between the synthesized and
Ground Truth; Speaker Embedding Cosine Similarity (SECS) is used for the similarity of speaker
identity. For subjective evaluations, we utilize the commonly used mean opinion score (MOS)
tests. In various tasks, we assess multiple aspects: musicality, quality (focusing on clarity and
intelligibility), style similarity (including speaker, melody and instruments), harmony between vocals
and accompaniment, and naturalness. Moreover, AB preference tests are also conducted. The
appendix [G]shows details of the evaluations.

Baselines We conducted comprehensive comparisons between SongCreator and multiple baselines
on each task. First, we establish two baseline models for each task. One is SongCreator (Single)
trained on a specific sequence generation task, and the other replaces DSLM with GPT [68] in
SongCreator to predict the target sequence, named GPT. For lyrics-to-song, we directly conditioned
SOTA music generation models, MusicLM [25]] and MusicGen [22], on lyrics to predict songs.
Furthermore, we add another baseline where GPT is used to first predict vocals and then predict the
song, named GPT (Vocals & Song). For lyrics-to-vocals, in addition to MusicLM, we also introduce
the SOTA text-to-speech method VALL-E [9]. For vocals-to-song and accompaniment-to-song, we
utilize the structure proposed in SingSong [29] to perform these two tasks, respectively. To ensure
a fair comparison, we replace the semantic and acoustic tokens with BEST-RQ [57]] tokens and
use our latent diffusion model to convert them into the waveform, establishing another baseline,
SingSong (Diffusion). For music continuation, we employ AudioLM [36] as a baseline. The detailed
implementations of each baseline are shown in Appendix[C]

4.2 The results of tasks

?Following the setting of DiffSinger [19], vocals generation tasks don’t report the objective results.



Table 3: Lyrics-to-song evaluation without audio Table 4: Lyrics-to-vocals evaluation without audio

prompt. prompt.

Model ‘ FAD | Musicality T Quality 1 Model \ Musicality 1 Quality 1

Ground Truth | - 4.3+0.04 4.09 +0.05 Ground Truth | 3.894£0.09 3.91+0.07
MusicLM 6.47 3.21£0.09  3.25+0.07 MusicLM 3.31+£0.06 3.35+0.06
MusicGen 2.31 3.08£0.06 2.99+0.06 VALL - E 3.15+0.08 3.23+0.06
GPT 8.18 3.32£0.10  3.26 £0.08 GPT 3.64+0.07 3.58+0.07

5

GPT (Vocals & Song) | 11.23  3.55+0.09  3.64 £0.07 SongCreator 398+004 3.79+005
SongCreator 2.14 4.25+0.05 4.08+0.06 SongCreator (Vocal Only) | 3.68+0.06  3.63 4+ 0.05
SongCreator (Single) 3.04 3.85+£0.06 3.75+0.05 SongCreator (Single) 3.53+£0.06 3.64+0.05

Table 5: Prompt-based lyrics-to-song. We sample Table 6: Prompt-based lyrics-to-vocals. We sample

the prompt at random from a held-out set. the prompt at random from a held-out set.
Model | FAD| MCD | Musicalityt Similarity 1 Model | SECS+ Musicality t  Similarity
Ground Truth ‘ - - 4.04+0.06  3.79+0.09 Ground Truth ‘ 0.62 3.63 £0.08 3.57 £0.08
MusicGen 1.90 9.78 3.46 £0.11 3.27+£0.11 VALL - E 0.66 3.34 £0.07 3.30 £ 0.08
SongCreator 2.06 8.44 4.01 +£0.07 3.82+0.08 SongCreator 0.68 3.57+0.06 3.55+0.07

Lyrics-to-song As shown in Table [3] our proposed SongCreator significantly outperforms the base-
lines across all three metrics, confirming the effectiveness of SongCreator. The difference between
SongCreator and Ground Truth is merely 0.05 and 0.01 for musicality and quality, respectively.
SongCreator (Single) and GPT (Vocals & Song) perform better than other baselines, demonstrating
the difficulty of directly modeling the complete song. Additionally, we use the same lyrics from the
demos of the previous SOTA model Jukebox [[12] and conduct the AB preference test. As shown in
Table[T5] SongCreator is preferred over Jukebox 60% of the time.

To investigate the ability of SongCreator to maintain acoustic conditions from prompts, we compared
it with MusicGen. The results are shown in Table[5} SongCreator achieved scores of 4.01 in musicality
and 3.82 in similarity, considerably improving upon MusicGen’s scores of 3.46 and 3.27, with only a
slightly lower score of 0.16 in FAD. In addition, SongCreator can independently control the acoustic
conditions of the vocals and accompaniment in the generated song. This capability is lacking in
previous methods and results can be found on the demo page.

Lyrics-to-vocals SongCreator provides two inference methods for lyrics-to-vocals. One is similar
to lyrics-to-song, where the model considers the relationship between the vocals and accompaniment
to generate both vocal and accompaniment tokens, but we only use the generated vocals. The other
doesn’t use BCA and the accompaniment decoder, relying solely on the vocal decoder to generate the
vocals, named SongCreator (Vocal Only). As shown in Tabled SongCreator (Vocal Only) achieves
scores of 3.68 in musicality and 3.63 in quality, comparable to the performance of SongCreator
(Single) and GPT. However, after considering the relationship between vocals and accompaniment,
SongCreator surpasses these models with a substantially higher score of 3.98 in musically. In this
study, we also conduct a zero-shot evaluation of the vocals between our proposed model and VALL-E.
Table 6] presents the results. From the performance evaluated by MOS and SECS, our proposed model
outperforms VALL-E, especially in terms of similarity, demonstrating SongCreator’s robust zero-shot
clone ability for generating vocals.

Vocals-to-song and accompaniment-to-song As shown in Table [7] and Table [8] our proposed
SongCreator gets comparable results with recent SOTA models in terms of musicality and harmony.

Table 7: Vocals-to-song evaluation. Table 8: Accompaniment-to-song evaluation.
Model ‘ FAD | Musicality T Harmony 1 Model ‘ FAD | Musicality T Harmony 1
Ground Truth |- 412+0.05 3.91£0.08  Ground Truth | - 415+0.07  4.11£0.07
SingSong 337  3.67+0.10 3.63+0.08  SingSong 182 3.36+0.06 3.42=+0.07

SingSong (Diffusion) | 4.13 3.71£0.08 3.67£0.06 SingSong (Diffusion) | 2.98 3.66£0.06 3.65+£0.05
GPT 3.07 3.73+£0.07  3.69£0.07 GPT 1.64 3.53£0.08  3.53+£0.09

SongCreator 1.88 3.77+0.08 3.77+0.07 SongCreator 124 3.67+0.05 3.78+0.06
SongCreator (Single) | 1.46 3.58+£0.08  3.65£0.06 SongCreator (Single) | 1.23 3.60£0.07  3.62£0.06




For the FAD score, our model reaches 1.88 and 1.24 on the two tasks, respectively, outperforming
SingSong. A possible reason is that our model considers the complete song, rather than just the
partially separated vocals considered in SingSong. In addition, we used the same vocals (6 samples)
in SingSong’s demos to generate songs with our model, and asked subjects to choose their preferred
songs. As shown in Table[T6] SingSong gets an extra preference (54.1%) over SongCreator (30%).
We speculate one of the reasons is that SingSong uses a large-scale high-quality dataset (46k hours).

Music Continuation For the music continuation task,
we compare different models by generating 10s music

Table 9: Music continuation evaluation.

based on a Ss instrumental music prompt. As illustrated  Model |FAD | Musicality 1 Similarity 1
in Table[9] we can see that SongCreator achieves com- "Ground Truth | - 394011 3.70+0.10
parable results with AudioLM and GPT. This indicates -~ 133 3951010 3781008
that SongCreator can effectively continue the musical — gpr 128 3.90+0.10 373+ 0.11

elements in the prompt, providing the capability to con-  SongCreator | 1.54 3.97 +£0.08 3.83 £ 0.08
trol the accompaniment in song generation.

Table 10: Song editing evaluation. Table 11: Vocals editing evaluation.
Model | FAD| MCD| Musicality t Naturalness t Model | SECST Musicality ¥ Naturalness 1
Ground Truth ‘ - - 4.08 +£0.07 3.99 £+ 0.06 Ground Truth ‘ - 3.65 +0.08 3.45+0.07
GPT ‘ 2.29 8.30 3.84 +£0.07 3.72 £ 0.06 GPT ‘ 0.87 3.64 +0.07 3.43+0.07
SongCreator 1.81 7.90 4.01+0.06 3.78+0.07 SongCreator 0.87 3.68 +0.06 3.31 £ 0.06

SongCreator (Single) 1.87 7.85 3.93+0.08 3.75+0.08 SongCreator (Single) 0.87 3.63 £ 0.06 3.41 4+ 0.06

Editing tasks To evaluate the performance on editing tasks, we manually constructed a dataset of
30 song editing examples, as shown in Appendix [D] Table [I0] presents the results of song editing.
We can see that SongCreator gets comparable performance in terms of naturalness to the baselines.
However, benefiting from its strong ability to generate song, SongCreator surpasses these baselines
in musicality, achieving a score of 4.01. In the vocal editing, as shown in Table[IT] all three models
achieve relatively close performance in both subjective and objective evaluations. To demonstrate the
editing ability of SongCreator, we further conduct the AB preference test on three tasks: song editing,
vocals editing, and vocals editing in song. In each task, SongCreator restores the masked song using
its original lyrics and compares it with the audio samples reconstructed using BEST-RQ encoding and
LDM decoding to eliminate the potential impact from the encoding and decoding processes during
our experiments. The results are shown in Table In all tasks, there is no significant difference
between the generated song and the Ground Truth (p > 0.01), where the p-values are calculated
using the Wilcoxon signed-rank test. This means that humans judge the edited song produced by
SongCreator to be as natural as the original unedited song.

4.3 Ablation Studies

The influence of multi-task training Through previous experiments, we can find that multi-task
training significant improves most tasks, especially in lyrics-to-song. This indicates that the DSLM
effectively capture the shared information between different tasks, such as composition, arrangement
and the relationship between vocals and accompaniment.

The influence of bidirectional cross-attention
layer We evaluate the SongCreator and the Lyrics-to-song
model without using BCA on lyrics-to-song and
lyrics-to-vocals. Figure [3] shows the results.
When the BCA is removed from the DSLM, the
performance on lyrics-to-song exhibit a marked

85% 1% 14%

Lyrics-to-vocals

deterioration, suggesting utilizing BCA is help- 2% % 2%
ful for the model generate harmonious vocals
and accompaniment. Interestingly, the perfor- SongCreator SongCreator w/o BCA NP

mance also declined on the lyrics-to-vocals task,
demonstrating that learning the relationships be-
tween vocals and accompaniment is also bene-
ficial for generating vocals.

Figure 3: Results of the AB preference test be-
tween SongCreator and the model without using
BCA.



Lyrics-to-song
The influence of attention mask strategies
in self-attention layer To validate our de-
signed SA mask strategies, we disable the non- Vocals-to-song
causal mask of SA during training and conduct
an AB preference test to compare this version
with SongCreator on three tasks: lyrics-to-song, Accompaniment-to-song
vocals-to-song, and accompaniment-to-song. As
shown in Figure[d] the performance on all three
tasks showed significant degradation, especially
for vocals-to-song. These results indicate that SongCreator SongCreator w/o SA mask NP
incorporating the non-causal attention mask as-
sists the learning of the relationships within the
context and provides additional contextual infor-
mation for generation.

57% 4% 39%

68% 6% 26%

62% 6% 32%

Figure 4: Results of the AB preference test be-
tween SongCreator and the model without using
non-causal mask in SA.

The influence of attention mask strategies in bidirectional cross-attention layer To validate
our designed BCA mask strategies, we conduct AB preference tests for the lyrics-to-song and
accompaniment-to-song tasks. For lyrics-to-song, we compared BR strategy with A2V, V2A and
None strategy. As shown in Table [I8] replacing the BR strategy with other strategies leads to a
significant performance deterioration, demonstrating that the BR strategy is helpful for the model
generate harmonious vocals and accompaniment. The None strategy, which disregards the relationship
between vocals and accompaniment, performed the worst. In accompaniment-to-song, we compared
A2V strategy with BR strategy. Table[T9]shows the results, We find that participants preferred the
song generated with the A2V strategy. We believe that this is because the A2V strategy provides
more context about the accompaniment sequence when generating vocals.

5 Conclusion and Discussion

Conclusion In this paper, we propose SongCreator, a system designed for lyrics-based song
generation. We introduce a dual-sequence language model (DSLM) to separately model vocals and
accompaniment information, and employs a dynamic bidirectional cross-attention module to capture
the influences between these two sequences, with designing a serious of attention mask strategies for
DSLM. In experiments, the proposed SongCreator provides competitive performance on all eight
tasks.

Limitations We acknowledge the limitations of our proposed SongCreator. Due to the challenges in
collecting data, SongCreator currently cannot control the genre and style of the output songs through
text descriptions. Besides, the interference from accompaniment in the song makes it difficult for
BEST-RQ to fully encode the vocal information, imposing a limited clarity of the synthesized vocals —
in further work, we hope to extract better semantic representations for songs. Another issue is that the
proposed model can only generate songs up to 30s, which is insufficient for supporting the generation
of songs with complete structures.

Broader Impact We believe that our work has huge potential to develop into a song creation tool
for content creators or novices to seamlessly express their creative pursuits with a low entry barrier,
while also streamline and improve the workflow of experienced music producers. However, the
potential negative impacts of SongCreator can’t be overlooked. One of the primary concerns is the
ability to replicate someone’s voice with the vocal prompt, which could be exploited in the generation
of misinformation, deepfake audio, or any harmful content. We are committed to advancing the field
responsibly, and therefore, the checkpoints trained on the full dataset will not be released.
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A Training and Implementation Details

A.1 Dual-sequence language model

Our DSLM consists of a lyrics encoder and three decoders. The lyrics encoder is a 4-layer Transformer
[66] with 1024 hidden size. The vocal decoder and accompaniment decoder have a similar architecture
that contains 8 DSLM layers with 1024 hidden size. The song decoder also consists of 4 feed-forward
Transformer layers with 1024 hidden size. We provide detailed hyper-parameter settings about this
model configuration in Table[T2] We collected approximately 8500 hours of songs with lyrics from
the internet for model training, comprising part of the DISCO-10M [69] dataset and some in-house
datasets.

Table 12: Hyper-parameters of DSLM model

Hyper-parameter Value
Encoder Layers 4
Hidden Size 1024
Lyrics Encoder Attention Head 16
Feed-Forward Dim 4096
Max Context Length (in #tokens) | 256
Decoder Layers 8
Hidden Size 1024
Vocal Decoder & Accompaniment Decoder | Attention Head 16
Feed-Forward Dim 4096
Max Context Length (in #tokens) | 1500
Decoder Layers 4
Hidden Size 1024
Song Decoder Attention Head 16
Feed-Forward Dim 4096
Max Context Length (in #tokens) | 1500
Total Number of Parameters 631M

A.2 BEST-RQ with vector quantization

BERT-based Speech pre-Training with Random-projection Quantizer (BEST-RQ) [57] is a simple
and effective self-supervised learning model that learns representations from audio data without
manually labeled annotations. This self-supervised algorithm helps alleviate the scarcity of song data
with lyrics and provides a robust foundation for the entire generation system.

Our implementation of BEST-RQ was based on an open-source libraryﬂ In particular, our implementa-
tion follows the same architecture as of BEST-RQ [57], but with a codebook’s vocabulary size of 1024.
For feature extraction, 80-dimensional log Mel-spectrograms are extracted with 24kHz sampling
rate with a hop size of 480 and fed into the model to obtain a 5S0Hz sequence of 1024-dimensional
latent representations. We train this model, which has approximately 0.6 billion parameters, using
our prepared 100k hours of audio data in the self-supervised learning (SSL) manner described in [57]].
Furthermore, as we aim to achieve universal song generation, our training dataset includes not only
complete songs with vocals and accompaniment but also separate instrumental music and vocals.
This diverse dataset ensures that our model gains a comprehensive understanding of different music
elements and their interactions, enhancing its ability to generate a wide array of musical and vocal
outputs.

Next, we train a Vector Quantization (VQ) module to quantize the 1024-dimensional latent representa-
tions extracted from the 14th layer of the Conformer within the BEST-RQ model. Our implementation
of the VQ module was based on an open-source libraryE] with codebook size of 16384 and codebook
dimensional with 32. By combining BEST-RQ and the VQ module, we can extract 5S0Hz semantic
token sequences from the audio.

3Implemented based on: https://github.com/lucasnewman/best-rq-pytorch,
*Implemented based on: https://github.com/lucidrains/vector-quantize-pytorch)
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Table 13: Reconstructed music performance results for different semantic tokenizers.
Model ViSQOL

HuBERT 2.47
MERT 2.90
MusicFM 2.94

BEST-RQ  3.05

Moreover, we offer a comparison of various prevalent semantic tokenizers, such as HuBERT [70],
MERT [71] and MusicFM [72]]. In this experiment, we train a latent diffusion model (LDM) for each
tokenizer to convert sequences of quantized representations into audio, and randomly selected 50
song segments for fair comparison. To better evaluate the performance of reconstructing music with
different semantic tokenizers, we use ViSQOL [73] as an audio quality assessment metric. As shown
in Table[I3] BEST-RQ providing a greater advantage in music reconstruction.

A.3 Latent diffusion model

As shown in Figure m we train a latent diffusion model (LDM) as a renderer, which converts a
50Hz semantic token sequence into a 44.1kHz audio, such as songs, vocals, and instrumental music.
In contrast to DDPM [38]], which directly models the raw training data, LDM operates on a low-
dimensional latent space to significantly reduce the computational cost and improve the generation
stability. Our implementation of the latent diffusion model was based on the open-source Stable
Audiop| The reproduced latent diffusion model is composed of a VAE and a U-NET-based conditioned
diffusion model.

In particular, for the VAE, we use the same encoder-decoder network architecture as in DAC. E]To
train the VAE, we first adopted the pre-trained model provided in DAC, then fine-tuned the encoder
and decoder components (i.e., replacing the vector quantizers with a diagonal Gaussian re-sampler
as in LDM). We retained the frequency-domain reconstruction loss, discriminators and adversarial
loss from DAC and added a KL loss typically used for training VAEs. The VAE was trained on
our prepared dataset of 100k hours of songs data, which is the same as the one used for training
BEST-RQ. For the network configurations, the encoder (downsampler) uses strides of [4, 4, 8, 8],
d_model of 128 and latent_dim of 64, where the 64-dim matrix is employed as the mean and variance
of VAE latents (in 32-dim). Besides, the decoder (upsampler) uses strides of [8, 8, 4, 4] and hidden
channels of 1536 to transform the 64-dim latents back to 44.1kHz audio. Based on this pre-trained
VAE, we subsequently train a diffusion model in a way similar to Stable Audio 1.0, except having
32-dim latents as targets and semantic tokens as conditions.

B The details of all tasks supported by SongCreator

Benefiting from our specially designed attention mask strategies and multi-task training approach,
SongCreator can effectively support the following eight tasks:

Lyrics-to-song This task aims to generate a complete song that includes harmoniously integrated
vocal and accompaniment from lyrics. Therefore, we use the causal mask for the SA in both vocal and
accompaniment decoders to support autoregressive generation. Regarding the BCA mask strategies,
since vocals and accompaniment need to be generated simultaneously, we use the BR strategy to
consider the interrelationship between vocals and accompaniment so as to ensure the harmony of
vocals and accompaniment.

SongCreator supports to control various acoustic conditions in the generated song by providing
optional prompts. The vocal prompt can control speaker, vocal melody, and tempo, while the
accompaniment prompt can control instruments, musical melody, and rhythm. The vocal prompt
and accompaniment prompt can either be present simultaneously, exist individually, or be absent
altogether.

STmplemented based on: https://github.com/Stability-Al/stable-audio-tools,
SImplemented based on: https://github.com/descriptinc/descript-audio-codec,
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Lyrics-to-vocals This task aims to generate the vocals without accompaniment based on the given
lyrics. As mentioned before, we use the same attention mask strategy as lyrics-to-song task to support
better vocal generation. In this case, the vocal prompt can be provided to control the speaker, melody,
and tempo of the generated vocals.

Accompaniment-to-song The purpose of this task is to supplement the vocal track of a song based
on the given lyrics for a pre-determined accompaniment track. The vocal track in generated song
should complement the input accompaniment track to create a coherent song. To better encode the
contextual representation of the input accompaniment track, we use a non-causal mask strategy for
the SA in accompaniment decoder. For the SA in vocal decoder, we use a causal mask strategy for
autoregressive sequence generation. And to ensure that the generated vocal sequence can consider
the full context of the input accompaniment track, we use the A2V strategy in BCA. Similar to
lyrics-to-vocals, the generated vocals can also be controlled using the vocal prompt.

Vocals-to-song Contrary to the accompaniment-to-song task, the purpose of this task is to generate
harmonious accompaniment for the input vocal track and combine them to create a coherent song.
Thus, in this task, the attention mask strategy is set up in contrast to the Accompaniment-to-song task.
Similarly, the generated accompaniment can be controlled by the accompaniment prompt.

Music continuation This task is expected to generate instrumental music, which is coherent with
the accompaniment prompt in terms of instruments, melody, harmony and rhythm. In this task, we
only utilize the accompaniment decoder and use a causal mask in SA for sequence generation. And
to support independent accompaniment sequence generation, we use the None strategy in BCA.

Song editing This task requires a model to alter a segment within a song to match a target lyrics.
The modified segment must be coherent with the unedited parts of the original song, i.e., maintaining
the speaker, instruments, melody and rhythm. Considering that it has similar requirements to the
lyrics-to-song task, we use the same attention mask strategy.

Vocals editing This task is similar to song editing, but the modification target is changed from the
complete song to the vocals without accompaniment. Thus, we only utilize the vocal decoder and
use a causal mask in SA for vocal sequence generation. And to support independent vocal sequence
generation, we use the None strategy in BCA.

Vocals editing in song This is a unique capability of SongCreator, which modifies the content of
the vocal track in a song while keeping the original accompaniment track unchanged. It means that
the modified vocal segment not only maintains coherence with the unedited vocal track of the original
song but also harmonizes with the accompaniment in the original song. Considering that it has similar
requirements to the accompaniment-to-song task, we use the same attention mask strategy.

C Detailed baseline settings

All baselines are trained using similar strategies to those used for DSLM, includes the same dataset,
training resources, optimizer settings, and similar parameter scales. Each model was trained for 500K
steps. Additionally, for a fair comparison, baselines with semantic tokens as the prediction target
(e.g., GPT, SingSong (Diffusion)) shared the same BEST-RQ and LDM modules as DSLM. Here are
the implementation details for each baselines:

SongCreator (Single) Our proposed SongCreator is trained on multiple tasks. For comparison, we
keep the model’s structure and hyperparameters and train it on different specific tasks, resulting in
SongCreator (Single) for each task.

GPT Inspired by UniAudio [51]], we set up this baseline model, treating each task as a conditional
language modeling task. For each task, we first tokenize both the conditional and target audio
using BEST-RQ. Then, we concatenate the source-target pair as a single sequence and perform the
next-token prediction task using GPT [68]. Our implementation of GPT was based on an open-
source library[] that contains 24 Transformer layers with 1024 hidden size and 4096 feed-forward

"Implemented based on: https://github.com/karpathy/nanoGPT,
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dimensional. Finally, we convert the predicted semantic token sequence into audio by the pre-trained
latent diffusion model.

MusicLM  MusicLM [235]] has demonstrated excellent performance in text-to-music generation.
Inspired by this, we attempted to employ its methods to lyrics-to-song and lyrics-to-vocals. Specif-
ically, to achieve this, we make some modifications to the open-source libraryE] First, we replace
the MuLan in MusicLM with a lyrics encoder to better encode phoneme information, and replace
w2v-BERT with BEST-RQ to more effectively extract semantic tokens from songs. Additionally,
since SoundStream [74] is not open-source, we used the widely adopted Encodec [[75]] as a substitute.
Our reproduced MusicLM follows the same hyperparameters as [25], using 24 layers of decoder-only
Transformers for both the semantic stage and acoustic stage.

MusicGen In addition to MusicLM, MusicGen [22] is another SOTA model in text-to-music
generation. Our implementation of MusicGen for lyrics-to-song is based on the official open-source
libraryﬂ It directly predicts the acoustic tokens extracted by Encodec from the lyrics, without
additional semantic tokens. Similar to other baselines, we also use 24 Transformer layers to ensure
this model has approximately 0.6B parameters. Moreover, considering that MusicGen allows control
the generated output through prompts, we also compared it with our proposed SongCreator for the
prompt-based lyrics-to-song evaluation.

VALL-E Recently, language model-based text-to-speech models (e.g., VALL-E) have shown the
capability of generating high-quality personalized speech with a 3s acoustic prompt. Considering the
similarity between text-to-speech and lyrics-to-vocals tasks, we attempted to directly apply VALL-E
to the lyrics-to-vocals. Our implementation is based on the open-source library| "| To ensure a fair
comparison, both the autoregressive transformer decoder and the non-autoregressive transformer
decoder in VALL-E are composed of 24 layers, 16 attention heads, an embedding dimension of 1024,
and feed-forward layers of dimensionality 4096. And we also compared the zero-shot voice cloning
abilities of SongCreator and VALL-E.

AudioLM To validate the performance of SongCreator in music continuation, we implement
AudioLM [36] based on the open-source code Similar to our settings with MusicLM, we replace
w2v-BERT with BEST-RQ and Soundstream with Encodec in AudioLM. Additionally, we also used
a 24-layer decoder-only transformer structure for both the semantic and acoustic stages.

SingSong SingSong [29]] has demonstrated excellent performance in vocals-to-accompaniment
generation. In this work, we reproduce SingSong based on our previous implementation of AudioLM
and utilize it as a baseline for the vocals-to-song task. We follow the same setup as SingSong
[29], which generates the accompaniment based on the vocals first and then mixes the vocals and
accompaniment to produce the complete song. To eliminate the influence of the pre-trained latent
diffusion model, we also directly use it to convert the semantic tokens predicted by SingSong into
audio without requiring an additional acoustic modeling stage. This new baseline is named SingSong
(BEST-RQ).

Additionally, we established two baselines for the accompaniment-to-song task by concatenating the
lyrics as another condition before the semantic token sequence of accompaniment. In this setup, the
prediction target of this model is the semantic tokens of vocals in the song.

D The editing dataset

We performed insertion, deletion or substitution operations on the original lyrics, with editing spans
ranging from 1 to 15 words. Examples of the song editing dataset are shown in table[T4]

8Implemented based on: https://github.com/lucidrains/musiclm-pytorch,
“Implemented based on: https://github.com/facebookresearch/audiocraft,
"Implemented based on: https:/github.com/lifeiteng/vall-e,
"Tmplemented based on: https://github.com/lucidrains/audiolm-pytorchl
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Table 14: Examples of the song editing dataset.

Edit Types

Original Lyrics

Edited Lyrics

insertion

deletion

substitution

substitution

substitution

deletion

insertion

substitution

Will you let me know. If you have the
key.

Was it something that i said? I tried
my best, yeah, all for you. I can see
it in your eyes, the way you lie, 'm
such a fool;

Cause you had your chance, but he
chose her first. It must be time, it
must be time that heals. You must
need time.

I can remember the feeling of being
small. Praying to a god I don’t be-
lieve in.

Love you forever, that’s for sure. And
promise, I’'ll keep you warm. Our
love, shines bright like the sun.

I don’t wanna be adored I wanna
adore you. You’re in a car driving
home. Leaving oceans and mountains
between us, oh no.

Aa-aa-ah. Losing all emotions, I
didn’t feel nothing. In need of atten-
tion but nobody’s looking.

I’'m take a sad girl, turn into a bad
girl. Even at your worst, you're better
than the rest.

Will you let me know. If you truly
hold the answer to my heart, have
the key.

Was it something that I said? I tried
my best, yeah, all for you. The way
you lie, I’'m such a fool.

Cause you had your chance, but she
caught his eye before you. Seems
like fate, seems like fate that heals.
you must need time.

Feeling so tiny, whispering to a god
I don’t believe in.

Love you forever, that’s for sure. Vow
to hold you close, provide comfort
through every storm, warm. Our
love, shines bright like the sun.

I don’t wanna be adored I wanna
adore you. Leaving oceans and moun-
tains between us, oh no.

Aa-aa-ah. Losing all emotions, I
didn’t feel nothing. in need of a sign,
a glance, just something to show me
I’m seen of attention but nobody’s
looking.

I’'m take a sad girl, turn into a queen.
Even at your worst, you're better than
the rest.

E Results of the AB preference test

Table 15: Results of the AB preference test between SongCreator and Jukebox in lyrics-to-song. N/P

denotes “no preference".

Table 16: Results of the AB preference test between SongCreator and Singsong in vocals-to-song.

SongCreator

Jukebox

N/P

60% 38.5%

1.5%

N/P denotes “no preference".

SongCreator

SingSong

N/P

30% 54.1%

15.9%
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Table 17: Results of the AB preference test between SongCreator and the Ground Truth in different
edit tasks. N/P denotes “no preference".

Tasks | SongCreator Ground Truth N/P
Song Editing 48% 40% 12%
Vocal Editing 53% 33% 14%
Vocal Editing in Song 32% 52% 16%

Table 18: Results of the AB preference test for using different attention mask strategies in BAC on
the lyrics-to-song task.

BR A2V V2A None N/P

76%  20% - - 4%
71% - 25% - 4%
85% - - 14% 1%

Table 19: Results of the AB preference test for using different attention mask strategies in BAC on
the Accompaniment-to-song task.

BR A2V N/P
27% 59% 14%

F Results of the inference speed

Table 20: The real-time factor (RTF) for different models on a single NVIDIA V100 GPU with a
batch size of 1 during inference.

Model | RTF
MusicLM 14.545
MusicGen 2.104
GPT 1.525
GPT (Vocals & Song) | 3.059
SongCreator | 2793

To evaluate the inference speed, we supplement the evaluation by comparing the real-time factor
(RTF) for SongCreator and other baselines. RTF represents the time (in seconds) required for the
system to synthesize one second of waveform. The evaluation was performed on a single NVIDIA
V100 GPU with a batch size of 1. We randomly selected 20 generated audio samples, each longer
than 20 seconds, to conduct the evaluation.

As shown in Table [20} the results indicate that methods utilizing a single LM module are significantly
faster than MusicLM, which employs multiple LMs in cascading manner. Taking into account the
experiments corresponding to Table [3| we observe that although GPT and MusicGen, which only
model the song token sequence, are faster than GPT (Vocals & Song) and SongCreator, which predict
multiple sequences, this gain in speed comes at the cost of reduced performance. In comparison to
GPT (Vocals & Song), our proposed SongCreator, which leverages DSLM to simultaneously model
both vocals and accompaniment, achieves not only faster speeds but also better results.
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G Detailed experimental settings

G.1 Details in objective evaluations

Here, we provide details of the objective evaluations.

FAD Fréchet Audio Distance (FAD) [67] is used to evaluate the generation fidelity of music. We
calculate FAD based on the distribution distance between the feature of the target an generated audios,
extracted from VGGish [76] model.

MCD Mel-cepstral distortion (MCD) is a signal-level quality metrics derived from human auditory
research, which measures the spectral distance between the synthesized and reference mel-spectrum
features. In our research, we attempt to use it to indicate the distance between the generated song and
the Ground Truth.

SECS Speaker Embedding Cosine Similarity (SECS) is a widely used metrics in the speech
generation, employed to evaluate the similarity of speaker identify. We use the speaker encoder of
the Resemblyzer package{lz] to compute the SECS between the prompt vocals and synthesized vocals.

G.2 Details in subjective evaluations

For lyrics-to-song and lyrics-to-vocals, we focus on the musicality and quality of the generated songs.
We conducted MOS (Mean Opinion Score) tests for both aspects, providing subjects with detailed
descriptions, and report both mean and CI95 scores of our MOS tests. In these tests, subjects are
specifically asked to focus on the musicality and quality of the song in each respective test. The
subjects present and rate the samples, and each subject is asked to evaluate the subjective musicality
and quality on a 1-5 scale.

For the prompt-based lyrics-to-song, prompt-based lyrics-to-vocals and music continuation, in
addition to musicality, we also asked subjects to focus on the similarity between the generated vocals
and accompaniment (if present) to the provided reference audio. In this evaluation, subjects are
instructed to ignored the differences in content and audio quality, and to evaluate how well the
synthesized results matched the reference audio.

For the prompt-based vocals-to-song and accompaniment-to-song, in addition to musicality, we
follow SingSong [29] to ask subjects to focus on the harmony between the vocals and accompaniment.
We write explicit instructions to ask the subjects to assess the generated song.

For song editing and vocals editing, in addition to musicality, we also conduct naturalness MOS.
This test is aimed to make subjects judge whether the audio appears to have been edited based on its
naturalness. In addition, AB preference test is also conducted to ask subjects to give their preferences
between a pair of songs.

Our MOS tests are crowd-sourced and conducted by 25 listening subjects, while the AB preference
tests are conducted by 20 listening subjects. All the screenshots of instruction for subjects have been
shown in Figure [5}11} We paid $10 to subjects hourly and totally spent about $600 on participant
compensation. We tell the subjects that the data will be used in scientific research.

"2Implemented based on: https:/github.com/resemble-ai/Resemblyzer
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MOS - Musicality

Sample 1 [Lyrics: we never sleep; we never try; when you are with me; i wanna stay; i wanna stay here with you
(ooh); 'cause you make me feel like; i could be driving you all night; and i'll find your lips in the streetlights;]

» TW2RFRS1GtrtisRDbAtKgE_S5 00:00/00:22 Q)

MOS - Musicality ==

Musicality score from 1to 5, where a higher score indicates better musicality.

1: Completely unacceptable, cannot even be called a song.

2: Quite poor, the entire song is unpleasant to listen to.

3: Acceptable, overall it feels like a song, but the composition technique is poor, with some
parts being uncomfortable to listen to.

4: Quite good, the song has a certain aesthetic quality, with only minor flaws.

5: Excellent, it is very natural, like a real song, and | would like to listen to it again.

Sample 1

unacceptable excellent

i
Xt

d sins 4

Figure 5: The screenshot of MOS test in musicality evaluation.

MOS - Quality

Sample 1 [Lyrics: is this something i need; or something that i want? do you remember the feeling; the feeling
the lines were starting to blur?]

[ 5uVbwEGg2r7vp3LIgDpog2_1 00:00/ 00:17 )
MOS - Quality ==
Quality score from 1to 5, where a higher score indicates better quality (focusing on clarity
and intelligibility).
1: Completely unacceptable, the audio quality is very poor, entirely noise;
2: Quite poor, poor audio quality with serious noise, many parts of the song are inaudible;
3: Acceptable, some noise present, but overall tolerable;
4: Quite good, the audio is intelligible and the singing content is clear;
5: Excellent, the singing content is very clear without noise.
Sample 1
unacceptable excellent
R’R
a wsas 2

Figure 6: The screenshot of MOS test in sound quality evaluation.
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MOS - Harmony

Sample 1 [Lyrics: just a smiling face; i can see she's headed for a tragedy; i wanna save the girl; but it's not my
place;]

p 09e3BRXugHSJGymMpdYmix 2 00:00/00:18 gy

MOS - Harmony E#

Harmony score from 1to 5, where a higher score indicates better harmony between the
vocals and the accompaniment.

1: Completely unacceptable, the vocals and accompaniment are completely independent.

2: Quite poor, only a small part of the vocals and accompaniment match, the rest feels
discordant.

3: Acceptable, most of the vocals and accompaniment match, but there are some discordant
sections.

4: Quite good, the vocals and accompaniment are almost matched, with only a small part off-
beat, causing slight discordance.

5: Excellent, the vocals and accompaniment perfectly match, with no sense of discordance.

Sample 1

unacceptable excellent

t

o
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e

o s 2

Figure 7: The screenshot of MOS test in harmony evaluation.
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MOS - Style Similarity

Reference Audio:

» 0gliwkRrnvWUIIxbdXMaoM_6_prompt 00:00 / 00:06 )

Sample 1 [Lyrics: regret the days gone by; and all my alibis; it makes me want to cry; but you're out of my life
when i'm saying; i'm saying goodbye,]

’ 0gliwkRrnvWUIIxbdXMaoM_3 00:00/00:15 )

MOS - Style Similarity &=

Style Similarity score from 1to 5, where a higher score indicates that the song more closely
resembles the style of the reference audio, taking into account factors such as the singer’s
timbre, melody, and the presence of instruments, if applicable.

1: Completely unacceptable, the style of the song is totally unrelated to the reference audio.
2: Quite poor, there is a noticeable difference in the overall style and the singer's timbre
between them.

3: Acceptable, the style of the song and the singer's timbre are simliar to the reference audio.
4: Quite good, the style of the song and the singer's timbre are close to the reference audio,
they are nearly identical to some extent.

5: Excellent, the style of the song and the singer's timbre are essentially consistent with the
reference audio.

Sample 1

unacceptable excellent

t

Hi
X

Figure 8: The screenshot of MOS test in similarity evaluation.
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MOS - Naturalness

Sample 1 [Lyrics: black and white; fever burning in the night; just a shade; in a room without a light; see your

face; can't remember where i am; outer space;]

> 1A0cUa83VO0rvAo0OF7jpvn_0 00:00 / 00:16 i

MOS - Naturalness E#

Naturalness score from 1 to 5, where a higher score indicates more natural song.

1: Completely unacceptable, not only is it evident that modifications were made, but these

changes also severely impair the listening experience.

2: Quite poor, it is obvious that the audio has been modified, with many incoherent parts

making the song unpleasant.

3: Acceptable, the song has some abrupt changes in certain parts, likely due to modifications,

but the modified result is still tolerable.

4: Quite good, the song might seem a bit unnatural in some places, but it's not obvious, and

it's not certain that these were man-made changes.

5: Excellent, there is no discernible trace of modification, which suggests that the song was

not altered.

Sample 1

unacceptable excellent

o BiEas

Figure 9: The screenshot of MOS test in naturalness evaluation.

ABX preference test for song generation

There are 20 tests of songs below, each test containing two audio samples. Please compare and choose your

favorite audio sample from each test based on your intuition.

Test1

Lyrics: Don't you know it's gonna be alright; let the darkness fade away; and you, you gotta feel the same; let

the fire burn;

Sample A:

1 ABX preference for test 1
®% xg

() A Sample A
() B SampleB

© C NoPreference

Figure 10: The screenshot of AB preference test.
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ABX preference test for vocal editing

There are 37 tests of vocals below, each test containing two audio samples, one of which has been edited.
Please compare and choose the audio sample that you think sounds more natural or the one you prefer, based
on your intuition.

Test1

Lyrics: you're stuck in my head; stuck on my heart; stuck on my body; i wanna go; get outta here; i'm sick of the
party; i'd run away; i'd run away with you

Sample A:

» TW2RFRS1GtrtIsRDbAtKgE_O 00:00/00:15 Q)

Sample B:

» TW2RFRS1GtrtIsSRDbAtKgE_O 00:00/00:15 i@

i ABX for test 1
#a ==

) A Sample A
) B Sample B

) C No Preference

Figure 11: The screenshot of AB preference test.
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NeurlIPS Paper Checklist

1. Claims

Question: Do the main claims made in the abstract and introduction accurately reflect the
paper’s contributions and scope?

Answer: [Yes]

Justification: We have ensured that the main claims made in the abstract and introduction
accurately reflect the paper’s contributions and scope.

Guidelines:

* The answer NA means that the abstract and introduction do not include the claims
made in the paper.

* The abstract and/or introduction should clearly state the claims made, including the
contributions made in the paper and important assumptions and limitations. A No or
NA answer to this question will not be perceived well by the reviewers.

* The claims made should match theoretical and experimental results, and reflect how
much the results can be expected to generalize to other settings.

* It is fine to include aspirational goals as motivation as long as it is clear that these goals
are not attained by the paper.

2. Limitations
Question: Does the paper discuss the limitations of the work performed by the authors?
Answer: [Yes]
Justification: We have thoroughly discussed the limitations of our work in Section 5}
Guidelines:

* The answer NA means that the paper has no limitation while the answer No means that
the paper has limitations, but those are not discussed in the paper.

* The authors are encouraged to create a separate "Limitations" section in their paper.

* The paper should point out any strong assumptions and how robust the results are to
violations of these assumptions (e.g., independence assumptions, noiseless settings,
model well-specification, asymptotic approximations only holding locally). The authors
should reflect on how these assumptions might be violated in practice and what the
implications would be.

* The authors should reflect on the scope of the claims made, e.g., if the approach was
only tested on a few datasets or with a few runs. In general, empirical results often
depend on implicit assumptions, which should be articulated.

* The authors should reflect on the factors that influence the performance of the approach.
For example, a facial recognition algorithm may perform poorly when image resolution
is low or images are taken in low lighting. Or a speech-to-text system might not be
used reliably to provide closed captions for online lectures because it fails to handle
technical jargon.

* The authors should discuss the computational efficiency of the proposed algorithms
and how they scale with dataset size.

* If applicable, the authors should discuss possible limitations of their approach to
address problems of privacy and fairness.

* While the authors might fear that complete honesty about limitations might be used by
reviewers as grounds for rejection, a worse outcome might be that reviewers discover
limitations that aren’t acknowledged in the paper. The authors should use their best
judgment and recognize that individual actions in favor of transparency play an impor-
tant role in developing norms that preserve the integrity of the community. Reviewers
will be specifically instructed to not penalize honesty concerning limitations.

3. Theory Assumptions and Proofs

Question: For each theoretical result, does the paper provide the full set of assumptions and
a complete (and correct) proof?

Answer: [NA]
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Justification: Our paper does not include theoretical results.
Guidelines:

* The answer NA means that the paper does not include theoretical results.

 All the theorems, formulas, and proofs in the paper should be numbered and cross-
referenced.

* All assumptions should be clearly stated or referenced in the statement of any theorems.

* The proofs can either appear in the main paper or the supplemental material, but if
they appear in the supplemental material, the authors are encouraged to provide a short
proof sketch to provide intuition.

* Inversely, any informal proof provided in the core of the paper should be complemented
by formal proofs provided in appendix or supplemental material.

* Theorems and Lemmas that the proof relies upon should be properly referenced.
4. Experimental Result Reproducibility

Question: Does the paper fully disclose all the information needed to reproduce the main ex-
perimental results of the paper to the extent that it affects the main claims and/or conclusions
of the paper (regardless of whether the code and data are provided or not)?

Answer: [Yes]

Justification: We have clearly and comprehensively described the architecture and training
strategy of our model in Section 3] and provided detailed hyperparameters in Appendix[A]to
facilitate replication of the model.

Guidelines:

* The answer NA means that the paper does not include experiments.

* If the paper includes experiments, a No answer to this question will not be perceived
well by the reviewers: Making the paper reproducible is important, regardless of
whether the code and data are provided or not.

If the contribution is a dataset and/or model, the authors should describe the steps taken
to make their results reproducible or verifiable.

Depending on the contribution, reproducibility can be accomplished in various ways.
For example, if the contribution is a novel architecture, describing the architecture fully
might suffice, or if the contribution is a specific model and empirical evaluation, it may
be necessary to either make it possible for others to replicate the model with the same
dataset, or provide access to the model. In general. releasing code and data is often
one good way to accomplish this, but reproducibility can also be provided via detailed
instructions for how to replicate the results, access to a hosted model (e.g., in the case
of a large language model), releasing of a model checkpoint, or other means that are
appropriate to the research performed.

While NeurIPS does not require releasing code, the conference does require all submis-
sions to provide some reasonable avenue for reproducibility, which may depend on the
nature of the contribution. For example

(a) If the contribution is primarily a new algorithm, the paper should make it clear how
to reproduce that algorithm.

(b) If the contribution is primarily a new model architecture, the paper should describe
the architecture clearly and fully.

(c) If the contribution is a new model (e.g., a large language model), then there should
either be a way to access this model for reproducing the results or a way to reproduce
the model (e.g., with an open-source dataset or instructions for how to construct
the dataset).

(d) We recognize that reproducibility may be tricky in some cases, in which case
authors are welcome to describe the particular way they provide for reproducibility.
In the case of closed-source models, it may be that access to the model is limited in
some way (e.g., to registered users), but it should be possible for other researchers
to have some path to reproducing or verifying the results.

5. Open access to data and code
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Question: Does the paper provide open access to the data and code, with sufficient instruc-
tions to faithfully reproduce the main experimental results, as described in supplemental
material?

Answer:

Justification: We have provided instructions on data access and preparation in Section4.1]
and Appendix [A]

Guidelines:

* The answer NA means that paper does not include experiments requiring code.

* Please see the NeurIPS code and data submission guidelines (https://nips.cc/
public/guides/CodeSubmissionPolicy) for more details.

* While we encourage the release of code and data, we understand that this might not be
possible, so “No” is an acceptable answer. Papers cannot be rejected simply for not
including code, unless this is central to the contribution (e.g., for a new open-source
benchmark).

* The instructions should contain the exact command and environment needed to run to
reproduce the results. See the NeurIPS code and data submission guidelines (https:
//nips.cc/public/guides/CodeSubmissionPolicy) for more details.

* The authors should provide instructions on data access and preparation, including how
to access the raw data, preprocessed data, intermediate data, and generated data, etc.

* The authors should provide scripts to reproduce all experimental results for the new
proposed method and baselines. If only a subset of experiments are reproducible, they
should state which ones are omitted from the script and why.

* At submission time, to preserve anonymity, the authors should release anonymized
versions (if applicable).

* Providing as much information as possible in supplemental material (appended to the
paper) is recommended, but including URLSs to data and code is permitted.
6. Experimental Setting/Details

Question: Does the paper specify all the training and test details (e.g., data splits, hyper-
parameters, how they were chosen, type of optimizer, etc.) necessary to understand the
results?

Answer: [Yes]

Justification: We have provided all the training and test details in Section[4.T|and Appendix

[Al
Guidelines:

* The answer NA means that the paper does not include experiments.

* The experimental setting should be presented in the core of the paper to a level of detail
that is necessary to appreciate the results and make sense of them.

* The full details can be provided either with the code, in appendix, or as supplemental
material.

7. Experiment Statistical Significance

Question: Does the paper report error bars suitably and correctly defined or other appropriate
information about the statistical significance of the experiments?

Answer: [Yes]

Justification: We have reported 95% confidence intervals (CI95) and the results of statistical
significance tests for the experiments that support the main claims of the paper.

Guidelines:

* The answer NA means that the paper does not include experiments.

* The authors should answer "Yes" if the results are accompanied by error bars, confi-
dence intervals, or statistical significance tests, at least for the experiments that support
the main claims of the paper.
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10.

* The factors of variability that the error bars are capturing should be clearly stated (for
example, train/test split, initialization, random drawing of some parameter, or overall
run with given experimental conditions).

* The method for calculating the error bars should be explained (closed form formula,
call to a library function, bootstrap, etc.)

* The assumptions made should be given (e.g., Normally distributed errors).

* It should be clear whether the error bar is the standard deviation or the standard error
of the mean.

It is OK to report 1-sigma error bars, but one should state it. The authors should
preferably report a 2-sigma error bar than state that they have a 96% CI, if the hypothesis
of Normality of errors is not verified.

¢ For asymmetric distributions, the authors should be careful not to show in tables or
figures symmetric error bars that would yield results that are out of range (e.g. negative
error rates).

* If error bars are reported in tables or plots, The authors should explain in the text how
they were calculated and reference the corresponding figures or tables in the text.

Experiments Compute Resources

Question: For each experiment, does the paper provide sufficient information on the com-
puter resources (type of compute workers, memory, time of execution) needed to reproduce
the experiments?

Answer: [Yes]

Justification: Our experiments were conducted using GPUs, and detailed information about
the computational resources is provided in Section[d.1]

Guidelines:

» The answer NA means that the paper does not include experiments.

 The paper should indicate the type of compute workers CPU or GPU, internal cluster,
or cloud provider, including relevant memory and storage.

* The paper should provide the amount of compute required for each of the individual
experimental runs as well as estimate the total compute.

* The paper should disclose whether the full research project required more compute
than the experiments reported in the paper (e.g., preliminary or failed experiments that
didn’t make it into the paper).

. Code Of Ethics

Question: Does the research conducted in the paper conform, in every respect, with the
NeurIPS Code of Ethics https://neurips.cc/public/EthicsGuidelines?

Answer: [Yes]

Justification: We confirm that our research conforms, in every respect, with the NeurIPS
Code of Ethics.

Guidelines:

¢ The answer NA means that the authors have not reviewed the NeurIPS Code of Ethics.

* If the authors answer No, they should explain the special circumstances that require a
deviation from the Code of Ethics.

* The authors should make sure to preserve anonymity (e.g., if there is a special consid-
eration due to laws or regulations in their jurisdiction).

Broader Impacts

Question: Does the paper discuss both potential positive societal impacts and negative
societal impacts of the work performed?

Answer: [Yes]

Justification: We have discussed both potential positive societal impacts and negative societal
impacts of the work performed in Section 3]

Guidelines:
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» The answer NA means that there is no societal impact of the work performed.

o If the authors answer NA or No, they should explain why their work has no societal
impact or why the paper does not address societal impact.

» Examples of negative societal impacts include potential malicious or unintended uses
(e.g., disinformation, generating fake profiles, surveillance), fairness considerations
(e.g., deployment of technologies that could make decisions that unfairly impact specific
groups), privacy considerations, and security considerations.

* The conference expects that many papers will be foundational research and not tied
to particular applications, let alone deployments. However, if there is a direct path to
any negative applications, the authors should point it out. For example, it is legitimate
to point out that an improvement in the quality of generative models could be used to
generate deepfakes for disinformation. On the other hand, it is not needed to point out
that a generic algorithm for optimizing neural networks could enable people to train
models that generate Deepfakes faster.

 The authors should consider possible harms that could arise when the technology is
being used as intended and functioning correctly, harms that could arise when the
technology is being used as intended but gives incorrect results, and harms following
from (intentional or unintentional) misuse of the technology.

* If there are negative societal impacts, the authors could also discuss possible mitigation
strategies (e.g., gated release of models, providing defenses in addition to attacks,
mechanisms for monitoring misuse, mechanisms to monitor how a system learns from
feedback over time, improving the efficiency and accessibility of ML).

Safeguards

Question: Does the paper describe safeguards that have been put in place for responsible
release of data or models that have a high risk for misuse (e.g., pretrained language models,
image generators, or scraped datasets)?

Answer: [NA]
Justification: The paper poses no such risks.
Guidelines:

* The answer NA means that the paper poses no such risks.

* Released models that have a high risk for misuse or dual-use should be released with
necessary safeguards to allow for controlled use of the model, for example by requiring
that users adhere to usage guidelines or restrictions to access the model or implementing
safety filters.

* Datasets that have been scraped from the Internet could pose safety risks. The authors
should describe how they avoided releasing unsafe images.

* We recognize that providing effective safeguards is challenging, and many papers do
not require this, but we encourage authors to take this into account and make a best
faith effort.

Licenses for existing assets

Question: Are the creators or original owners of assets (e.g., code, data, models), used in
the paper, properly credited and are the license and terms of use explicitly mentioned and
properly respected?

Answer: [Yes]

Justification: The creators or original owners of assets used in the paper have been properly
credited, and the original papers have been cited or URLs have been provided.

Guidelines:
* The answer NA means that the paper does not use existing assets.

* The authors should cite the original paper that produced the code package or dataset.

* The authors should state which version of the asset is used and, if possible, include a
URL.

* The name of the license (e.g., CC-BY 4.0) should be included for each asset.
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14.

15.

* For scraped data from a particular source (e.g., website), the copyright and terms of
service of that source should be provided.

o If assets are released, the license, copyright information, and terms of use in the
package should be provided. For popular datasets, paperswithcode.com/datasets
has curated licenses for some datasets. Their licensing guide can help determine the
license of a dataset.

* For existing datasets that are re-packaged, both the original license and the license of
the derived asset (if it has changed) should be provided.

* If this information is not available online, the authors are encouraged to reach out to
the asset’s creators.
New Assets

Question: Are new assets introduced in the paper well documented and is the documentation
provided alongside the assets?

Answer: [NA]
Justification: The paper does not release new assets.
Guidelines:

» The answer NA means that the paper does not release new assets.

* Researchers should communicate the details of the dataset/code/model as part of their
submissions via structured templates. This includes details about training, license,
limitations, etc.

* The paper should discuss whether and how consent was obtained from people whose
asset is used.

* At submission time, remember to anonymize your assets (if applicable). You can either
create an anonymized URL or include an anonymized zip file.

Crowdsourcing and Research with Human Subjects

Question: For crowdsourcing experiments and research with human subjects, does the paper
include the full text of instructions given to participants and screenshots, if applicable, as
well as details about compensation (if any)?

Answer: [Yes]

Justification: We conducted crowdsourcing experiments, and in Appendix we have
provided the full text of the instructions given to subjects along with screenshots. Details
about compensation are also included.

Guidelines:

* The answer NA means that the paper does not involve crowdsourcing nor research with
human subjects.

* Including this information in the supplemental material is fine, but if the main contribu-
tion of the paper involves human subjects, then as much detail as possible should be
included in the main paper.

* According to the NeurIPS Code of Ethics, workers involved in data collection, curation,
or other labor should be paid at least the minimum wage in the country of the data
collector.

Institutional Review Board (IRB) Approvals or Equivalent for Research with Human
Subjects

Question: Does the paper describe potential risks incurred by study participants, whether
such risks were disclosed to the subjects, and whether Institutional Review Board (IRB)
approvals (or an equivalent approval/review based on the requirements of your country or
institution) were obtained?

Answer: [Yes]
Justification: We disclosed all potential risks to the subjects.
Guidelines:

* The answer NA means that the paper does not involve crowdsourcing nor research with
human subjects.
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* Depending on the country in which research is conducted, IRB approval (or equivalent)
may be required for any human subjects research. If you obtained IRB approval, you
should clearly state this in the paper.

* We recognize that the procedures for this may vary significantly between institutions
and locations, and we expect authors to adhere to the NeurIPS Code of Ethics and the
guidelines for their institution.

* For initial submissions, do not include any information that would break anonymity (if
applicable), such as the institution conducting the review.
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