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Abstract—Subjective speech quality assessment (SSQA) is
critical for evaluating speech samples as perceived by human
listeners. While model-based SSQA has enjoyed great success
thanks to the development of deep neural networks (DNNs),
generalization remains a key challenge, especially for unseen,
out-of-domain data. To benchmark the generalization abilities
of SSQA models, we present MOS-Bench, a diverse collection
of datasets. In addition, we also introduce SHEET, an open-
source toolkit containing complete recipes to conduct SSQA ex-
periments. We provided benchmark results for MOS-Bench, and
we also explored multi-dataset training to enhance generalization.
Additionally, we proposed a new performance metric, best score
difference/ratio, and used latent space visualizations to explain
model behavior, offering valuable insights for future research.

Index Terms—subjective speech quality assessment, mean opin-
ion score, generalization ability, benchmark

I. INTRODUCTION

SPEECH quality assessment (SQA) refers to evaluating
the quality of a speech sample. In this work, we are

particularly interested in subjective speech quality assessment
(SSQA). Since most “end-listeners” of speech are human,
the most accurate way to assess perceived quality is through
subjective listening tests [1]. A common listening test protocol
is the mean opinion score (MOS) test, where the quality of a
query speech sample is represented as the average of ratings
from multiple listeners, usually on a 5-point scale. However,
conducting listening tests is inarguably very costly and time-
consuming. Therefore, researchers have dedicated efforts to
developing automated objective evaluation methods, which can
ease the evaluation process and accelerate the development
iteration.

Objective measures can be categorized into two types [2],
[3]. A signal-based metric usually measures the distance
or similarity between the query and a reference. However,
researchers found that most signal-based methods do not
correlate well with human perception [4], which is essential
if the goal of the objective metrics is to replace listening
tests. Another shortcoming is that signal-based metrics are
usually intrusive (or reference-based, double-ended), which
means that a reference sample is needed. The choice of the
reference is essential to the correctness of the metric, which
can be a difficult task. For synthetic speech samples generated
by text-to-speech (TTS) or voice conversion (VC) systems, it is
often impossible to find the proper reference sample. Therefore
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A non-intrusive (or reference-free, single-ended) metric would
be more convenient to use, thus more attractive.

Another line of work focusing on model-based metrics
is therefore attractive. These methods directly learn from
a subjective speech rating dataset that consists of ⟨speech,
human rating⟩ pairs, thus they correlate better with human
perception compared to signal-based methods. Also, most of
the model-based metrics are non-intrusive (with exceptions
like SpeechBERTScore [5]), making them easy to use. The
development of model-based approaches has been greatly ac-
celerated by deep neural networks (DNNs) in the past decade.
In the VoiceMOS Challenge (VMC) 2022 [6], a scientific
competition for promoting SSQA, it was shown that the best-
performing system achieved a high correlation (0.959) with
human ratings.

However, SSQA models suffer from generalization ability
issues, as shown in [7]. In machine learning, generaliza-
tion ability refers to the model’s capacity to make accurate
predictions across a wide variety of conditions, beyond the
dataset it was trained on. In the context of SSQA, we identify
generalization ability in terms of two aspects.

• Ranking correctness: the ability to correctly rank sam-
ples, either at the utterance-level or system-level.

• Faithfulness: the ability to make predictions that are
faithful to humans.

Generalization is especially difficult in SSQA due to the
nature of how listening tests are conducted. Each listening
test represents a unique context, with different contents (text,
speakers, etc.), recruited listeners, ranges of systems being
evaluated, and even instructions. A test set could be either in-
domain or out-of-domain1 w.r.t. an SSQA model. The former
means the test samples and the ratings come from the same
listening test as that of the training set, and the latter means
they come from different listening tests. In VMC’23 where
participants were asked to make zero-shot predictions on three
out-of-domain test sets [8], most teams struggled to excel in
all test sets, even if their model did well in one of the sets.
This result motivated us to study the generalization ability in
a more standard, large-scale setting.

In this work, we present MOS-Bench, a collection of
datasets for training and benchmarking subjective speech qual-
ity predictors. We also introduce SHEET, which stands for the
Speech Human Evaluation Estimation Toolkit2. SHEET is an
all-in-one toolkit for SSQA research, with support of several

1Making predictions for out-of-domain test sets is also referred to as zero-
shot prediction [8].

2Available at https://github.com/unilight/sheet.
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representative DNN-based SSQA models. In our experiments,
we provide benchmark results of the twelve test sets in MOS-
Bench. We also explored training SSQA models by pooling
multiple training datasets, with the motivation to improve the
generalization ability.

The main contributions of this work are listed as follows.
• MOS-Bench was presented, which contains seven train-

ing sets and twelve test sets, covering different sampling
frequencies, languages, and speech types, from synthetic
speech generated by TTS, VC, speech enhancement (SE)
systems, to non-synthetic speech such as transmitted,
noisy and reverberant speech.

• SHEET was developed for research purposes, providing
complete recipes to conduct SSQA experiments, from
data processing, training to benchmarking.

• We proposed a new metric called best score differ-
ence/ratio, with the motivation to assess the overall
performance of the SSQA models.

• We investigated training SSQA models with multiple
datasets, and found it could improve the generalization
ability, without sacrificing much the performance of in-
domain test sets.

• We confirmed that the visualization of the training and
test set samples in the latent space of the SSQA models
could be used to explain the generalization ability.

II. RELATED WORKS

In the following subsections, we review three techniques
that have been applied to improve the generalization ability of
SSQA models.

A. Transfer learning

Transfer learning refers to pre-training models on one task
and reusing them on a different task, in order to leverage
learned knowledge to improve performance. In speech pro-
cessing, self-supervised learning (SSL) based transfer learning
has been shown to be extremely effective [9]. Essentially,
self-supervised pre-training is conducted first on a large-scale
unlabeled speech dataset w.r.t. some pretext task, such as
contrastive learning [10] or masked prediction [11], [12].
Then, a task-specific prediction head is appended on the pre-
trained model, and the whole model is fine-tuned with a
labeled dataset for the downstream task.

While there have been many attempts to apply SSL in
the task of SSQA [13]–[16], perhaps the most representative
approach is SSL-MOS [7], where the authors applied a very
simple model architecture by attaching a linear head onto
SSL models. SSL-MOS was shown to not only improve
performance on in-domain datasets but also provide reasonable
correlations in the zero-shot setting.

While the above-mentioned methods rely on a labeled
dataset during fine-tuning, unsupervised approaches based
on pre-trained models have been showing potential in the
zero-shot setting recently. By pre-training on natural speech
only, the models internally learn a so-called reference model,
where knowledge of what a natural, high-quality speech sam-
ple sounds like is encoded. Given an input speech sample,

SpeechLMScore [17] measures the likelihood w.r.t. a genera-
tive speech unit language model, and VQScore [18] measures
the quantization error w.r.t. a vector quantized autoencoder.
Experiments showed that these methods demonstrate superior
generalization ability in zero-shot settings, which is possibly
because they avoid the risk of overfitting.

B. Ensemble learning
The aim of ensemble learning is to reduce model vari-

ance and improve robustness by combining multiple models.
For instance, UTMOS [19], which was the top-performing
team in VMC’22, performed stacking [20] with a set of
strong and weak learners. For strong learners, the authors
employed modified SSL-MOS models with additional tech-
niques including contrastive learning, listener modeling [21],
and phoneme encodings. For weak learners, they employed
regression models including linear regression, decision tree,
and kernel methods. The inputs to these weak learners were
SSL features. LE-SSL-MOS [22], the top performing team in
VMC’23, combined scores from multiple models, including a
vanilla SSL-MOS model, an SSL-MOS model with listener
modeling, a SpeechLMScore model, and the confidence score
of an ASR model. LE-SSL-MOS was the only team in
VMC’23 that performed well on all tracks, demonstrating its
strong generalization ability.

C. Training with multiple listening test datasets
Perhaps the most straightforward way to increase gener-

alization ability is to simply train with more data. Doing
so allows the model to learn a broader and more diverse
set of patterns, reducing the risk of overfitting to specific
data points and better capturing underlying relationships that
generalize well to unseen data. However, as listening tests
are costly, it is difficult to rate a large amount of samples in
one test. Researchers have therefore been interested in training
SSQA models with data from multiple listening test datasets.
A naive method is to simply pool several datasets into one
large training set. However, some claim that such an approach
suffers from a so-called “corpus effect” as defined in [23]. The
corpus effect refers to the problem of the same type of speech
receiving different scores on different listening tests. For
instance, it was reported that the same TTS system received a
lower score when systems with higher qualities were present
in the listening test [24]. This is because MOS can be affected
by listener preferences and the range of conditions included in
one listening test. The latter is sometimes called the “range-
equalizing bias” [25].

A traditional approach to deal with this problem is to define
a set of common anchors to be included in all listening
test datasets. However, if the datasets used different sources,
then they often do not contain the same anchors. The bias-
aware loss was proposed in [26] to assign different weights
to different datasets, with the cost of a complicated training
process. Listener modeling [21], [27] could solve the listener
bias problem, with the requirement of listener labels. Recently,
the AlignNet was proposed [28], with a much simpler training
process compared to the bias-aware loss but better perfor-
mance.
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TABLE I: Details of MOS-Bench.

Partition Name Domain Language fs (kHz) # Samples
(train/dev) Listener label

Train
& dev

BVCC train [29] TTS, VC, clean speech English 16000 4944/1066 Yes

SOMOS train [30] TTS, clean speech English 24000 14100/3000 Yes

SingMOS train [31] SVS, SVC, clean singing voice Chinese, Japanese 16000 2000/544 No

NISQA train [32] simulated distorted speech,
real distorted speech, clean speech English 48000 11020/2700 No

TMHINT-QI train [33] simulated noisy speech,
enhanced speech, clean speech Taiwanese Mandarin 16000 11644/1293 Yes

Tencent train [34] simulated distorted speech, clean speech Chinese 16000 10408/1155 No

PSTN train [35] PSTN calls, simulated distorted speech English 8000 52839/5870 No

Test

BVCC test [29] TTS, VC, clean speech English 16000 1066

N/A

SOMOS test [30] TTS, clean speech English 24000 3000

NISQA TEST FOR [32] simulated distorted speech, VoIP calls English 48000 240

NISQA TEST P501 [32] simulated distorted speech, VoIP calls English 48000 240

NISQA TEST LIVETALK [32] real noisy speech, VoIP calls German 48000 232

TMHINT-QI test [33] simulated noisy speech,
enhanced speech, clean speech Taiwanese Mandarin 16000 1978

VMC’22 OOD track (BC’19) [6], [36] TTS, clean speech Chinese 16000 540

VMC’23 track 1a (BC’23 Hub) [8], [37] TTS, clean speech French 22050 882

VMC’23 track 1a (BC’23 Spoke) [8], [37] TTS, clean speech French 22050 578

VMC’23 track 2 (SVCC’23) [8], [38] SVC, clean singing voice English 24000 4040

VMC’23 track 3 (TMHINT-QI(S)) [8], [39] simulated noisy speech,
enhanced speech, clean speech Taiwanese Mandarin 16000 1960

VMC’24 track 2 (SingMOS test) [31], [40] SVS, SVC, clean singing voice Chinese, Japanese 16000 645

III. DESCRIPTION OF MOS-BENCH

A. General description

Table I summarizes the MOS-Bench collection presented
in this work. It contains the test partition, which consists of
twelve datasets, and also the train and dev partition, which
consists of seven datasets. All datasets included in MOS-
Bench are publicly available and can be easily accessed. The
listening test protocol in each dataset was an MOS test with
scores ranging from 1 to 5. For datasets with an official
train/dev/test split, the test set is included in the test partition,
and serves as the datasets in the in-domain experiments. For
datasets that only provided a train set, we split it into a
train/dev set with a 9:1 ratio. Finally, we also included several
datasets that are not seen during training, which are essentially
test sets from the past VMCs.

The MOS-Bench demonstrates a diverse collection of
datasets with different properties. First, the domains covered
in MOS-Bench span from synthetic audio including TTS, VC,
SVS, SVC, and enhanced speech, to speech that underwent
a variety of distortions, including artificially added and real
noise, reverberation, VoIP, transmission, and replay. In terms of
languages, MOS-Bench covers six languages in total: English,
Chinese, Taiwanese Mandarin, Japanese, French, and German.
MOS-Bench also covers a wide range of sampling frequencies,
going from 8000 Hz to 48000 Hz. Also, some training datasets
provide listener-wise scores, allowing for listener modeling
techniques.

In the following subsection, we briefly describe the proper-
ties of each dataset. For details, please refer to the respective

original papers.

B. Brief descriptions of each dataset

1) BVCC: The BVCC dataset [29] is a large-scale listening
test covering English samples from 187 different TTS and
VC systems, which mainly come from past years of the
Blizzard Challenges (BC) and Voice Conversion Challenges
(VCC), as well as published samples from ESPnet-TTS [41].
Each sample was rated by 8 distinct listeners, and listener
demographics were collected. We used the official partition,
where the dev and test sets contain unseen synthesis systems,
speakers, texts, and listeners not in the train set while the rating
distribution of each set is matched as closely as possible.

2) SOMOS: The SOMOS dataset [30] contains samples
from 200 neural TTS systems, which were all trained on
LJSpeech [42], a single-speaker English female corpus, with
a shared LPCNet vocoder [43]. These TTS systems differ
mainly in the acoustic model architecture, as well as input
variations, including syntactic, linguistic, and prosody clues.
In addition, clean speech samples were also included. Each
sample was rated by at least seventeen listeners. We used the
official train/dev/test partition within the clean set.

3) SingMOS: The SingMOS dataset [31] focuses on
singing voices, and collects samples from a total of 35 modern
neural SVS and SVC systems, including natural singing voice
samples. These systems are trained on open-source Chinese
and Japanese singing voice datasets. Each sample was rated by
five listeners. The SingMOS dataset was also used in VMC’24
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track 2, and we used the official train/dev/test split in the
challenge.

4) NISQA: The NISQA dataset [32] was designed to
evaluate speech with distortions occurring in communica-
tion networks. In MOS-Bench, the train and dev sets com-
bined the NISQA TRAIN SIM, NISQA TRAIN LIVE and
NISQA VAL SIM, NISQA VAL LIVE sets, respectively.
The NISQA TRAIN SIM and NISQA VAL SIM sets con-
tained (1) simulated speech distortions, such as packet loss,
bandpass filter, different codecs and clipping. (2) artificially
added background noises. The NISQA TRAIN LIVE and
NISQA VAL LIVE sets contained live Skype and phone
recordings, with real distortions created during recording, such
as keyboard typing and street noise. Each sample in these four
sets was rated by five listeners.

The NISQA TEST P501, NISQA TEST FOR and
NISQA TEST LIVETALK sets were used as the test sets in
MOS-Bench3. The NISQA TEST P501 and NISQA TEST
FOR sets included samples with simulated distortions, as well
as live VoIP calls where speech samples were played back
directly from the laptop, followed by simulated packet-loss,
warping, low-bitrate, etc. Each sample in these two sets was
rated by thirty listeners. Finally, NISQA TEST LIVETALK
is a German dataset with real phone call recordings, where
talkers spoke directly into the terminal device in different
backgrounds with different distortions. Talkers called either
through the mobile network or via VoIP. Each sample in these
two sets was rated by 24 listeners.

5) TMHINT-QI: The TMHINT-QI dataset [33] contained
Taiwanese Mandarin samples added with four artificial noise
types (babble, street, pink, and white) at four signal-to-noise
(SNR) ratio levels (-2, 0, 2, and 5), along with their enhanced
versions using five speech enhancement systems. We used the
official train/dev/test split. It is worthwhile noticing that all
noise types, SNR levels, and enhancement systems are the
same across the splits.

6) Tencent: The Tencent dataset [34] was a Chinese dataset
designed for speech quality assessment in online conference
scenarios. First, samples from three publicly available datasets
were artificially distorted with either background noise, clip-
ping, or codec compression loss. Then, noise suppression and
packet loss concealment were applied to simulate a realistic
online conference scenario. In addition, samples with either
simulated reverberation or recorded in a reverberant environ-
ment were also considered, each with a different room size and
reverberation delay. Most samples have a sampling frequency
of 16 kHz, while some are in 48 kHz. Each sample was
rated by more than twenty listeners. As part of the dataset
of the ConferencingSpeech2022 challenge, the organizers only
provided the training partition. Therefore, we used a random
9:1 train/dev split.

7) PSTN: The PSTN dataset [35] was collected to study
the speech quality of the public switched telephone network.
Similar to the Tencent dataset, the PSTN dataset was also
part of the ConferencingSpeech2022 challenge, so we used the

3The NISQA TEST NSC set was excluded since it was not publicly
available anymore.

filtered version provided by the organizers and used a random
9:1 train/dev split. The PSTN dataset contains automatically
conducted phone calls between a PSTN and a VoIP endpoint.
The 500,000 original automated calls were further filtered to
maintain a reasonable quality distribution. Then, background
noises were artificially added to simulate real-world phone
calls.

8) VMC’22 OOD track (BC’19): The VMC’22 OOD track
[6] adopted the Blizzard Challenge 2019 [36] listening test
data. This set contains Chinese TTS samples.

9) VMC’23 track 1a and 1b (BC’23 Hub and Spoke: The
VMC’23 tracks 1a and 1b [8] used the Blizzard Challenge
2023 [37] listening test data. The task setting in the Blizzard
Challenge 2023 was French TTS, with two subtasks: the
main Hub task provided 50 hours of training data from a
female speaker, and the Spoke task was a speaker adaptation
task where 2 hours of data from a different female speaker
was provided. Two different listening tests were conducted
separately on the submitted TTS samples for these two tasks.

10) VMC’23 track 2 (SVCC’23): The VMC’23 track 2
[8] adopted the Voice Conversion Challenge (VCC) 2023
[38] listening test data. SVCC’23 focused on singing voice
conversion, where there were two tasks: an in-domain task,
where the singing voice samples of the target were provided,
and a cross-domain task, where the normal voice samples were
provided. Each sample was rated by six listeners.

11) VMC’23 track 3 (TMHINT-QI 2: The VMC’23 track
3 [8] used the TMHINT-QI(S) [39] dataset. The base speech
samples and the noisy utterance generation process were the
same as those in the TMHINT-QI dataset. Two out of five
enhancement methods in TMHINT-QI(S) were different from
those in TMHINT-QI, resulting in a partially different five
enhancement methods. In addition, a separate listening test
with non-overlapping listeners was conducted.

IV. SHEET AND SUPPORTED MODELS

In this section, we introduce SHEET, the toolkit we de-
veloped towards a complete setup for SSQA benchmarking
experiments, including all the experiments conducted in this
paper. One important feature of SHEET is to provide training
scripts of subjective speech quality predictors: while there are
many toolkits that provide ready-to-use metrics45, few provide
the function to train new predictors.

A. Overview
The structure of SHEET follows the design of popular

speech processing toolkits like Kaldi [44] and ESPnet [45].
Specifically, in such a design, there are two core parts: a recipe
is a collection of bash or python scripts that provides easy-to-
understand instructions to complete an experiment, from data
preprocessing, model training to evaluation. In practice, each
dataset has one recipe, and there are many configuration files
to choose from, each representing a set of hyper-parameters
of the model and the training procedure. Another core part of
the toolkit is the library part, where the model architectures
and training logic are implemented.

4https://github.com/tarepan/SpeechMOS
5https://github.com/Takaaki-Saeki/DiscreteSpeechMetrics
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Fig. 1: Main models and inference methods supported in SHEET, the open-source toolkit developed.

B. Main model backbone: SSL-MOS

The main model backbone adopted in most experiments in
this work is SSL-MOS [7], due to its simplicity compared to
other SSL-based models, as described in Section II-A. The top
left of Figure 1 is an illustration of SSL-MOS. The original
SSL-MOS simply adds a linear output layer on top of a speech
SSL model and fine-tunes the whole model on a subjective
speech rating dataset with a simple L1 loss. The modified
SSL-MOS in SHEET is different from that in the official
implementation in the following ways6: (1) the frame-wise
output representations of the SSL model were first averaged
over the time axis before sending to the proceeding layers,
while in our implementation the average operation took place
at last, (2) we replaced the linear layer with a two-layer feed-
forward neural network, (3) techniques like range clipping,
repetitive padding and clipped MSE loss [27] were used.

C. Naive kNN inference

In a recent work [46], the authors used the term parametric
inference mode to refer to using a decoder to generate the
final score, which is opposed to the non-parametric inference
modes they promoted in their paper. Inspired by them, in this
work, we explore a retrieval-based, non-parametric inference
method named naive kNN7. The naive kNN inference method
can be built on any SSQA model with a feature extractor-like
module f (for instance, the SSL model in SSL-MOS serves
as the feature extractor).

The bottom left of Figure 1 is an illustration of the naive
kNN inference method. Here we give the formulation of the
naive kNN inference method. We first train an SSQA model
with a dataset D = {(xi, si)}i, where si is the subjective

6In our experiments, only with these modifications could we reproduce the
same level of results as in the original paper.

7Our re-implementation of the complete RAMP model (including k-net and
λ-net [46]) did not provide a significant improvement over the naive kNN
method but with the cost of an additional training step, thus we do not report
those results.

rating w.r.t. the training speech sample xi. After training, we
can derive a datastore from D as: Ddatastore = {(f(xi), yi)}i.
Then, during inference, given an input speech sample query
xq , we retrieve k nearest neighbors w.r.t. xq from Ddatastore,
using a pre-defined distance function dis(·, ·). The retrieved k
nearest neighbor set can be expressed as follows:

N = {(di, si)}ki=1, (1)

where di is the distance between the representations of the
input query and the neighbor: di = dis(f(xq), f(xi)). Finally,
the output score of the naive kNN method can be expressed
as:

ŝkNN =
∑

(di,si)∈N

edi

∑k
j=1 e

dj

· si, (2)

where the first term in the summation is to normalize the
distances with a softmax function.

D. Multiple datasets training with SSL-MOS

For training with multiple datasets, one could employ naive
multiple dataset training, which is to simply pool all available
training datasets into a large one and train an orthodox SSQA
model like SSL-MOS with it. As many papers have claimed, in
theory, such a method suffers from the corpus effect, possibly
resulting in a lower prediction performance.

E. Modified AlignNet

The AlignNet was a model designed to tackle the corpus
effect in multiple dataset training [28]. Based on its drawbacks,
we made several changes and proposed the modified AlignNet.
Despite the changes, they have essentially the same core idea,
which is illustrated in the top right of Figure 1.

Both the AlignNet and the modified AlignNet consist of
an encoder and a decoder8. In the forward pass, the encoder

8Referred to as the AudioNet and Aligner in the original paper, respectively.
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output is fused with a dataset embedding, and is then sent to
the decoder to output the final score. The core idea is similar
to listener modeling [21], [27], which is to have the encoder
behave in a dataset-independent fashion, whose output is then
mapped to the dataset-specific score by the decoder. Two other
implementation details worth mentioning are (1) the output of
the encoder is a score, which is a scalar, rather than a vector
representation, and (2) the encoder was based on MOSNet, a
convolutional recurrent neural network structure proposed in
[47].

An obvious problem of AlignNet is that a dataset embedding
would still be needed during inference. The solution proposed
in the original paper is to select a reference dataset from
all the training datasets beforehand. During training, for all
the samples in the reference dataset, the decoder is forced
to become the identity function. Then, during inference, the
embedding of the reference dataset is used, regardless of the
type of the input speech. Such an approach can also ground
the encoder to produce meaningful quality scores. However,
the behavior of AlignNet will largely depend on the choice
of the reference dataset. For instance, the experiments in the
original paper used NISQA as the reference dataset, and there
would be an obvious mismatch when the input speech is from
a TTS system.

We therefore propose the modified AlignNet. First, instead
of using a MOSNet-like encoder, we simply use an SSL
model, following SSL-MOS. Second, the encoder output is not
a scalar but vector representations, to align with the design
of SSL-MOS. The biggest modification is a new inference
method inspired by retrieval-based methods [46]. We name
this method domain embedding retrieval, which is illustrated
in the bottom right of Figure 1. During inference, we find the
nearest neighbor of the input query in the SSL representation
space, and send the dataset embedding of that neighbor along
with the output of the SSL model to the decoder to get the final
score. Since the decoder is used, according to the definition in
Section IV-C, the domain embedding retrieval method is also
categorized in parametric inference.

F. Multiple dataset fine-tuning (MDF)
SHEET also supports a training technique for multiple

dataset training called multi dataset fine-tuning (MDF), which
was proposed in [28]. Specifically, the SSQA model is first
pre-trained on a single dataset, and then fine-tuned on multi-
ple datasets, including the dataset used for pre-training. The
authors claimed that pre-training avoids falling to local minima
by learning meaningful representations and balances the mis-
aligned scores from different training datasets. However, they
tested MDF on in-domain test sets only. Thus, in Section V-C,
we re-examine its effectiveness in the out-of-domain setting.

V. EXPERIMENTS

The experiments in this paper are divided into two parts.
First, in Section V-B we examined the out-of-domain general-
ization ability of SSQA models trained on one single dataset.
Then, in Section V-C we explored whether training with
multiple datasets could improve both in-domain prediction
performance and out-of-domain generalization abilities.

(a) Utterance level score distribu-
tion

(b) Scatter plot of system level
score distribution

Fig. 2: Distribution plot of an SSL-MOS model trained on
NISQA and tested on VMC’23 track 1a.

A. Experimental settings

1) Datasets: The SSQA models in Section V-B were
trained with one of the seven training datasets presented in
Table I, and the models in Section V-C were trained by pooling
the seven datasets together.

2) Model and training settings: The SSQA models in Sec-
tion V-B were SSL-MOS. For the experiments in Section V-C‘,
we tried two models: (1) SSL-MOS with naive multiple dataset
training, and (2) modified AlignNet. Unless specified, the SSL
model in all SSL-MOS and modified AlignNet models was
wav2vec 2.0 [10], and the output from the last layer was used.
Since the wav2vec 2.0 model only takes 16 kHz waveforms
as input, all input speech samples were resampled to 16 kHz.

For all experiments, we report results averaged over three
random seed runs. For all experiments, the training batch size
was set to 16, and the SGD optimizer with an initial learning
rate of 0.001 and a momentum of 0.9 was used. All training
runs were allowed to execute for a maximum of 100,000 steps,
but we kept track of the 5 best models according to certain
criteria on the validation set. If the 5 best checkpoints had not
been updated for 2000 steps, the training automatically halts.

3) Conventional evaluation metrics: For datasets that con-
tain mostly synthetic speech, following the VMC series, we
mainly reported two evaluation metrics: system-level mean
squared error (Sys MSE) and system-level spearman rank
correlation coefficient (Sys SRCC). The reason to report
system-level metrics is that in scientific challenges like BC or
VCC, researchers are more interested in the ranking between
systems. On the other hand, for datasets in non-synthetic-
speech domains, since it is difficult to define a “system” in
such domains, we mainly reported two evaluation metrics:
utterance-level mean squared error (Utt MSE) and utterance-
level and system-level linear correlation coefficient (Utt LCC).

Here we would like to emphasize the importance of the
MSE metric. MSE is a useful metric to reflect the faithfulness
(recall the definition in Section I) of the SSQA model. Figure 2
shows an example. Although the system-level SRCC was not
bad (0.684), it could be observed that all predicted scores are
skewed to the range of 4.0 to 5.0, which is obviously not
faithful. This problem could be fortunately caught by the high
MSE value (1.394).

4) Best score difference and best score ratio: Since there
are twelve test sets in MOS-Bench, we seek a comprehensive



JOURNAL OF LATEX CLASS FILES, VOL. 14, NO. 8, AUGUST 2015 7

TABLE II: Breakdown of best score difference/ratio results
in the single dataset training experiments with synthetic and
non-synthetic test sets.

Training
dataset

Synthetic Non-synthetic Average

MSE LCC/
SRCC MSE LCC/

SRCC MSE LCC/
SRCC

BVCC 1.386 80.9% 0.993 84.9% 1.222 82.6%

SOMOS 1.016 58.6% 0.657 44.4% 0.866 52.6%

SingMOS 0.499 52.6% 1.440 40.8% 0.891 47.7%

NISQA 0.548 81.8% 0.379 94.2% 0.478 87.0%

TMHINT-QI 1.378 47.5% 1.521 82.1% 1.438 61.9%

PSTN 0.559 86.4% 0.430 93.3% 0.505 89.3%

Tencent 1.176 69.3% 0.793 84.8% 1.016 75.7%

metric to assess the overall performance. Therefore, we pro-
pose two new metrics: best score difference and best score
ratio. With respect to a specific test set, these two metrics are
defined as:

best score difference := MSE of a specific model

− MSE of the best performing model,

best score ratio :=
LCC/SRCC of a specific model

LCC/SRCC of the best performing model
.

The definition of the “best performing” model can be flexible.
In each of the two experiments in Sections V-B and V-C, we
will use different definitions. Finally, we can average all best
score difference/ratio numbers over the twelve test sets to get
an overall metric to assess the generalization ability.

5) Visualization using SSL embeddings: We attempted to
explain the generalization ability of the trained SSQA models
by visualizing the SSL embeddings, following [13]. Specifi-
cally, given an input speech sample from a dataset of interest,
the SSL model in the trained SSQA model was used to extract
frame-level features, which were then averaged over the time
axis to obtain one SSL embedding. After all embeddings were
extracted, the t-SNE algorithm [48] was used to visualize the
embeddings in 2-dimensional space. When visualizing test
sets, to balance out different dataset sizes, we randomly chose
100 samples from each set.

B. Single dataset training experiments

In this subsection, we are interested in the following re-
search question:

RQ1: Does training on certain datasets offer a better
generalization ability over the other datasets?

Therefore, using the datasets listed in Table I, we trained SSL-
MOS models using the seven training datasets, and examined
their generalization ability when tested on the twelve test sets.
For synthetic speech datasets (BVCC, SOMOS, SingMOS),
the model selection criterion during training was set to
the system-level SRCC. For non-synthetic speech datasets
(NISQA, TMHINT-QI, PSTN, Tencent), the criterion was
set to utterance-level LCC. When calculating the best score

difference and ratio numbers, the “best model” was defined
as the best model among the seven models trained with the
respective training dataset.

1) Best score results: Figure 3 shows the best score re-
sults. Table II shows a further breakdown of the scores by
synthetic/non-synthetic test sets. For raw metric numbers,
please refer to the Supplementary Materials.

First, from Figure 3, for each test set, we first tried to
idntify which training dataset yielded the best performance.
For BVCC, SOMOS, SingMOS and TMHINT-QI, since their
test sets are from the same listening tests of their training
sets, the best-scoring models for those test sets are those
trained with the respective training sets. On the other hand,
we also have some surprising results. For instance, we would
expect that for test sets like VMC’22 OOD track, VMC’23
tracks 1a, and VMC’23 track 2 which contained synthetic
speech samples, SSQA models trained on synthetic speech
datasets like BVCC, SOMOS or SingMOS would yield a better
score. Nonetheless, the best-performing models were trained
on datasets like NISQA, TMHINT-QI and PSTN.

Next, we looked at the average scores. For best score
difference/ratio, the top 2 performing models were trained on
PSTN and NISQA. BVCC placed third in best score ratio,
although suffering from a high best score difference. This is
a surprising result, because PSTN and NISQA do not contain
synthetic samples, and it is natural to assume that SSQA
models trained on these two datasets would perform poorly on
synthetic test sets. Vice versa for BVCC. However, looking at
Table II, we confirmed that even on synthetic test sets, models
trained on PSTN and NISQA were still the top 2 performing
ones. BVCC, although containing only natural and synthetic
samples, also yielded a good average best score ratio on non-
synthetic sets.

2) Visualization: Following the visualization process de-
scribed in Section V-A5, for each SSQA model, we visualized
the SSL embeddings of the samples in the training set and test
sets. Below, we only show a subset of the visualization results.
Please refer to the Supplementary Materials for the complete
set of figures.

We tried to explain the results in Figure 3 and Table II
by visualization. First, Figure 4 shows the visualization of
BVCC and NISQA. It could be seen that the training samples
(black dots) provided a good coverage over the test sets. On the
other hand, Figure 5 shows the visualization of two datasets
that did not perform well. For SingMOS, it could be observed
that the training samples mostly covered synthetic samples,
and as a result, in Table II, the performance on synthetic test
sets was better than that on non-synthetic test sets. Tencent
demonstrated the opposite behavior.

3) Ablation study by unifying dataset sizes: It seems like
we could draw a conclusion that: without collecting an SSQA
dataset like BVCC that contains a large variety of synthetic
samples, one can simply collect a non-synthetic dataset (like
NISQA and PSTN), and achieve great performance on both
synthetic and non-synthetic test sets. However, one could argue
that the good performance of NISQA and PSTN over BVCC
is the dataset size. Therefore, we conducted an ablation study
by randomly subsampling subsets of the PSTN and NISQA
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Fig. 3: Best score difference and best score ratio result for single dataset training experiments. For best score difference, the
more saturated the color, the closer the score to 0. For best score ratio, the more saturated the color, the closer the score to
100%.

(a) BVCC (b) NISQA

Fig. 4: SSL embedding visualization of SSQA models trained
on one single dataset. The dots are colored using set labels.
Black dots indicate training samples.

datasets such that they are of the same size of that of BVCC.
Furthermore, we also subsampled PSTN such that it has the
same size of that of NISQA. We then trained SSL-MOS
models on these datasets.

Table III shows the ablation study results. First, when the
training samples were around 5000, the best score ratio of
BVCC outperformed those of NISQA and PSTN. However,
the best score difference of BVCC is still much worse than
those of NISQA and PSTN. Then, we observed that when the
training samples were around 10000, NISQA outperformed

(a) SingMOS (b) Tencent

Fig. 5: SSL embedding visualization of SSQA models
trained on one single dataset. The dots are colored using
synthetic(orange)/non-synthetic (yellow) labels. Black dots
indicate training samples.

PSTN in terms of both best score difference and ratio. To
conclude, we cannot eliminate the influence of dataset size,
although it is not the only important factor. Nonetheless,
readers should note that it is much easier to curate large non-
synthetic datasets like NISQA and PSTN compared to BVCC,
as the latter requires to collect samples from a large number
of synthetic systems.
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Fig. 6: Best score difference and best score ratio result for multiple datasets training experiments. Red boxes indicate a best
score difference smaller than 0. Green boxes indicate a best score ratio larger than 100%.

TABLE III: Ablation study results on dataset size in single
dataset training experiments, broken down with synthetic and
non-synthetic tests.

Training
dataset

# training
samples

Synthetic Non-synthetic Average

MSE LCC/
SRCC MSE LCC/

SRCC MSE LCC/
SRCC

BVCC 4974 1.386 80.9% 0.993 84.9% 1.222 82.6%
NISQA 4974 0.431 74.3% 0.387 93.1% 0.413 82.1%
PSTN 4974 0.738 74.0% 0.567 89.1% 0.667 80.3%

NISQA 11020 0.548 81.8% 0.379 94.2% 0.478 87.0%
PSTN 11020 0.555 82.3% 0.454 92.1% 0.513 86.4%

PSTN 52839 0.559 86.4% 0.430 93.3% 0.505 89.3%

C. Multiple datasets training results

In this subsection, we are interested in the following re-
search question:

RQ2: Does training on multiple datasets improve
the generalization ability?

We therefore trained SSQA models by merging the seven
training datasets listed in Table I. We trained two types of
models, namely SSL-MOS (with naive multiple dataset train-

(a) SSL-MOS
without MDF

(b) Modified AlignNet
without MDF

Fig. 7: SSL embedding visualization of SSQA models trained
on multiple datasets. The dots are colored using set labels.
Black dots indicate training samples.

ing) and the modified AlignNet. For SSL-MOS, we reported
results of two inference modes: parametric and naive kNN, as
described in Section IV-C. For Modified AlignNet, we also
reported results of two inference modes: domain embedding
retrieval and naive kNN, described in Sections IV-E and IV-C,
respectively. We also reported results with and without MDF.
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The pre-training dataset was NISQA, following [28].
Since we are interested in “improvements”, when calculat-

ing best score difference/ratio, the “best model” was defined
as the best-performing model in the single dataset experiments
in Figure 3.

1) Best score results: Figure 6 shows the best score results.
For raw metric numbers, please refer to the Supplementary
Materials.

First, we examined the results test set-wise. On in-domain
test sets (BVCC, SOMOS, SingMOS and TMHINT-QI), while
it was difficult to improve upon SRCC, improvements on MSE
were observed, except for SingMOS. On SingMOS, it was
difficult to get any improvement. We suspected the reason to
be that SingMOS train was too small (2000 samples) compared
to other training sets. On out-of-domain non-synthetic test
sets (NISQA and VMC’23 track 3), we observed mostly
improvements, while some were on par. It was worthwhile
noting that the modified AlignNet performed worse than SSL-
MOS in this category. Finally, on out-of-domain synthetic
test sets (VMC’22 OOD track and VMC’23 tracks 1 and 2),
we observed mostly improvements, except for VMC’22 OOD
track and best score ratio in VMC’23 track 1a.

Next, we checked whether MDF is an effective technique.
Looking at the row of average scores in Figure 6, while
MDF improved SSL-MOS in both parametric and naive kNN
inference modes (except for best score difference in naive kNN
inference), and on modified AlignNet, it degraded modified
AlignNet in both domain embedding retrieval and naive kNN
inference (except for best score ratio in naive kNN inference).
Hence, the effectiveness of MDF needs to be further examined.

We then investigated the advantage of naive kNN inference
over parametric inference. It could be clearly observed that
while the best score ratio numbers were worse, a clear im-
provement in the best score difference was present in all model
variants. This indicates that a non-parametric inference mode
like naive kNN offers better faithfulness.

Finally, we identify the best combinations for SSL-MOS
and modified AlignNet based on the best score ratio. The
best model was SSL-MOS with MDF in parametric infer-
ence mode, with an average best score difference/ratio of
−0.129/98.6%, and the second best was modified AlignNet
without MDF in parametric inference mode, with an average
best score difference/ratio of −0.120/97.5%. The high per-
formance of SSL-MOS suggests that, at least in our setting,
the corpus effect might not exist, and moreover, the modified
AlignNet could not yield better performance. While the highest
best score ratio was 98.6%, which was smaller than 100%,
we observed that there was only one test set that the model
struggled with (VMC’23 track 1a), and for other test sets,
especially other tracks in VMC’23 which were out-of-domain,
the model offered large improvements. This supports the
claim that training with multiple datasets could improve the
generalization ability, without sacrificing the performance of
in-domain data.

2) Visualization: Figure 7 is the visualization the SSL
embeddings of the samples in the training set and the test
sets, using the SSL-MOS and modified AlignNet models, both
without MDF. We can see that both models provided a good

coverage of the test sets. However, it was difficult to explain
set-wise performance differences based on this visualization.

VI. CONCLUSION

In this work, we tried to address the problem of generaliza-
tion, a key challenge in SSQA, by introducing MOS-Bench, a
comprehensive collection of datasets for training and evaluat-
ing SSQA models, and SHEET, a toolkit designed to facilitate
SSQA research. Additionally, we proposed a novel metric,
best score difference/ratio, to better assess model performance
across diverse test sets. Through extensive experiments, we
demonstrated that training SSQA models on multiple datasets
improves generalization without compromising in-domain per-
formance. We further showed that latent space visualization
serves as an effective tool for analyzing generalization ability,
shedding light on the behavior of SSQA models.

Perhaps the most interesting and important takeaway mes-
sage is that non-synthetic training datasets like NISQA and
PSTN offer a good generalization ability that not only applies
to non-synthetic but also synthetic speech samples. While
researchers have dedicated a great amount of effort to curating
synthetic speech datasets like BVCC and SOMOS with diverse
conditions, the findings in this work open up the possibility
of eliminating such a need.
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I. ADDITIONAL EXPERIMENTAL RESULTS

Figure 1 shows the raw MSE and LCC/SRCC values of
the single training dataset experiments. Figure 2 shows the
visualization results of the single dataset training experiments.
Figure 3 shows the raw MSE and LCC/SRCC values of the
multiple training dataset experiments.
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Fig. 1: Raw scores of the single dataset training experiments.
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(a) BVCC (b) SOMOS

(c) SingMOS (d) NISQA

(e) TMHINT-QI (f) Tencent

(g) PSTN

Fig. 2: SSL embedding visualization of SSQA models trained on one single dataset. For each subfigure, the right-hand side
figure colored the dots using set labels, and the left-hand side figure colored the dotes using synthetic/non-synthetic labels.
Black dots indicate training samples.



4

Fig. 3: Raw scores of the multiple dataset training experiments.


