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ABSTRACT
Speech enhancement techniques improve the quality or the intel-

ligibility of an audio signal by removing unwanted noise. It is used
as preprocessing in numerous applications such as speech recogni-
tion, hearing aids, broadcasting and telephony. The evaluation of
such algorithms often relies on reference-based objective metrics
that are shown to correlate poorly with human perception. In or-
der to evaluate audio quality as perceived by human observers it is
thus fundamental to resort to subjective quality assessment and in
doing so we identify subgroups of users where the subjective as-
sessments correlate better to objective metrics. In this paper, a user
evaluation based on crowdsourcing (subjective) and the Compari-
son Category Rating (CCR) method is compared against the DNS-
MOS, ViSQOL and 3QUEST (objective) metrics. The overall qual-
ity scores of three speech enhancement algorithms from real time
communications (RTC) are used in the comparison using the P.808
toolkit. Results indicate that while the CCR scale allows partici-
pants to identify differences between processed and unprocessed au-
dio samples, two groups of preferences emerge: some users rate
positively by focusing on noise suppression processing, while oth-
ers rate negatively by focusing mainly on speech quality. We further
present results on the parameters, size considerations and speaker
variations that are critical and should be considered when designing
the CCR-based crowdsourcing evaluation1.

Index Terms— Speech Quality, Objective Metric, Subjective
Evaluation, Crowdsourcing, P.808, Speech Enhancement

1. INTRODUCTION

With the increasing use of hybrid work environments in recent years,
there is a need for excellent audio quality in online communication,
for both work and personal environments. Multimedia conferenc-
ing platforms, or Real-Time Communications (RTC), such as Teams,
Zoom and Amazon Chime, are familiar Voice Over Internet Protocol
(VoIP) systems used for these purposes. RTC commonly use noise
suppressors to remove background noise, reverberation, and distor-
tions from speech. However, they are also prone to adding arte-
facts and lowering the perceived quality of speech. Speech quality
is commonly used by telecommunication service providers to op-
timize their enhancement algorithms. However predicting speech
quality reliably is still an open problem [1]. When the original clean
signal is available, objective metrics such as perceptual evaluation
of speech quality (PESQ) [2] and virtual speech quality objective

1The generated VoIP signals and the source codes are available at:
http://bit.ly/3lcFQqi

Fig. 1: Pipeline of data generation and CCR experiment.

listener (ViSQOL) [3], have been widely used in the research com-
munity to benchmark speech enhancement algorithms [4]. These
metrics are called full reference metrics or intrusive metric and they
compare the degraded signal to the clean signal in a perceptual do-
main to obtain a measure based on a psycho-acoustic sound repre-
sentation [5, 6]. This measure of fit between the reference and the
degraded is then mapped on a 1 to 5 scale using a cognitive model in
order to predict the Mean Opinion Score (MOS). However, these ob-
jective metrics are shown to correlate poorly with human perception
[7, 8].

When the original clean signal is not available, assessing the
quality of speech has to be carried out by means of subjective speech
quality metrics, listening tests or crowdsourcing tests. Subjective
metrics are normally designed to predict the MOS following the
Telecommunication Sector of the International Telecommunication
Union (ITU-T) Recommendation P.800 [9]. There are three main
test methods. Absolute Category Rating (ACR) consists of a single
test condition (a snippet of audio) being presented to the users at a
time. They should then give a quality rating on an ACR scale where
Excellent equals to 5 and Bad equals to 1. The test conditions are
presented in random order for each participant. The average score
given by all participants, for each condition, is the MOS. In Degra-
dation Category Rating (DCR) tests, the audience compares a pro-
cessed sample (B) with a reference sample (A) on a five-point degra-
dation category rating scale. Sound samples are always listened to
in pairs of A–B or with repeating A–B–A–B. Finally, in Comparison
Category Rating (CCR) method, participants also listen to a refer-
ence and a processed stimuli but in random order (A-B or B-A), and
rate the quality of the second sample relative to the first sample on a
scale ranging from -3 to 3 (a 7 points Likert scale). The sign of vote
is later corrected to compare the quality of the processed sample to
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the unprocessed. The average of these votes leads to Comparison
Mean Opinion Scores (CMOS).

ACR, DCR and CCR procedures are traditionally conducted in a
controlled environment to reduce the impact of variables unrelated to
the purpose of the test. Crowdsourcing consists of carrying out qual-
ity assessment tasks in a crowd of Internet users, on a microtasking
platform on which participants are paid for their service. The par-
ticipants are given the freedom to choose the working environment
and the listening devices which in turn increases the variability of the
scores and provides less control over the quality of the answers [10].
In contrast, subjective testing benefits greatly from crowdsourcing,
including lower costs, higher speed, greater flexibility, scalability,
and access to a diverse group of participants [11]. ITU-T Rec. P.808
provides guidelines for the ACR paradigm on how to perform the
speech quality assessment using crowdsourcing to reduce the vari-
ance of the test results due to the lack of a controlled environment.
In addition, [12] showed the reliability and validity of using CCR in
the crowd for evaluating codec distortions.

The goal of this paper is to assess the suitability of the CCR
test for evaluating speech enhancement algorithms. The contribu-
tions are: 1. We provide a database of pairs of clean, noisy and en-
hanced signals from three predominant VoIP solutions on the market.
2. We show that the user ratings are bimodal, whereby we recom-
mend analysis models that account for the bimodality (Sec. 3.1). To
the best of our knowledge, this is the first work that presents empiri-
cal evidence on the bimodal phenomenon from experimental crowd-
sourced data. 3. We assess the suitability of the CCR methodology
to evaluate speech enhancement algorithms and investigate CCR rat-
ings against objective measures (Sec. 3.2). Also, through our exper-
imental design we identify subgroups of users where the subjective
assessments correlate better to objective metrics. 4. We investigate
the design choices in terms of the conditions, number of clips and
speaker types and their influence on the crowd responses (Sec. 3.3).

2. EXPERIMENTAL DESIGN

2.1. Dataset Design

The overall data consists of clean speech signals, noise signals,
noisy signals and enhanced signals of 10 seconds duration. The
clean speech signals created for the experiment are taken from the
Voice Cloning ToolKit (VCTK) [13]. The VCTK dataset consists
of around 23 thousand utterances from 110 speakers recorded at
48kHz. From these clean speech files, 5 sentences from a male
speaker and 5 sentences from a female speaker are selected. Re-
garding the noises, Scaper2 [14] is used to create 8 noises of 10
seconds by mixing a continuous background noise (from office,
cafeteria or park scenario) with transient noises common in these
environments (see Table 1). The background noise data used is
from the 2017 Detection and Classification of Acoustic Scenes and
Events (DCASE) dataset [15], while the transient noises are from
the Freesound [16] website. The noisy signals are generated by
adding the noise signals to the different clean speech files with a
signal-to-noise ratio (SNR) of -3dB or 9dB. The speech level is
previously adjusted to -30dB or -50dB SPL, which is a measure of

the amplitude (10 log 10

√
1
N

N∑
i=1

x2
i = −50dB with signal values

between -1 and 1). The total duration of transient noise in a clip is
around 3s or 9s (30% and 90% of the total clip duration). There are
24 noisy conditions, defined by the multiple combinations of speech

2https://github.com/justinsalamon/scaper

(a) (b)

Fig. 2: (a) Probability density estimate of scores given by all workers
and its distribution fitting. (b) Histogram of mean score per worker.

level, SNR, type of background noise and amount of transient noise
targeted (2× 2× 3× 2 = 24); yielding 240 noisy clips (24× 10).

Table 1: Transient noise added over each background noise.

Office Cafeteria Park

Ringing, Cupboard-door
key & Mouse clicks

Stacking-cups
Microwave & Slurping

Birds, Footsteps
Car-horns

The enhanced signals are obtained by processing the noisy sig-
nals through the following RTCs: Teams3, Zoom4 and Amazon
Chime5, obtaining 720 enhanced signals in total and 72 test condi-
tions (24 noisy conditions x 3 algorithms). The system comprised
of two different computers to simulate a one-to-one online meet-
ing, and a python script to playback and record the signals. The
sender plays the noisy signals while the receiver records the signal
processed by the RTC in real time. The obtained enhanced signal
depends on the characteristics of the input signal, the RTC used
and the mode set for the noise suppression. A sampling rate of
48kHz and a noise suppression feature set to auto, allow us to obtain
wide-band audio for Teams, super wide-band audio for Zoom, and
full-band audio for Chime. We also found that Teams and Chime
have an automatic gain control feature to always transmit the input
signal at a fixed level. Therefore, the signals were normalised to
have the same loudness prior to human rating. The visual modality
was disabled for all tests.

2.2. Methods and tools

We conducted subjective evaluation using crowdsourcing and CCR
method. It was highlighted to users that overall quality included dis-
tortion or noise added/removed on/from the clip and their perceived
speech quality. 8 pairs of clips were presented per assignment plus
one gold question. The gold question presented the raters with the
noisy signal as both, processed and unprocessed samples. The ex-
pected response was 0±1 (’sounded about the same’), and was used
to filter usable responses.

P.808 Toolkit [17] and Amazon Mechanical Turk6 (MTurk) were
used to set up, publish and manage the CCR experiment and the an-
swers collected. Figure 1 shows a diagram summarising the data
generation step and the set up of the CCR experiment. For the same

3https://www.microsoft.com/en/microsoft-teams/group-chat-software
4https://zoom.us/
5https://aws.amazon.com/es/chime/
6https://www.mturk.com/



dataset, objective metrics of different nature were also calculated:
ViSQOL7 was selected as an objective metric whose rating is mainly
based on signal processing principles [3, 18]; 3QUEST as a met-
ric based on subjective listening test scores [19, 4]; and DNSMOS
P.8358 as a metric based on crowdsourcing ratings [20, 21]. The
scores of these objective metrics range from 1 to 5 (i.e. ACR scale).

3. RESULTS AND DISCUSSION

216 workers participated in the CCR experiment and, 626 out of
810 assignments were accepted to be used for analysis after passing
the data screening process. This step included a test of the correct
use of both earpods, an environment suitability test and a gold stan-
dard question as specified in the ITU-T Rec. P.808 [22]. Enough
variance in the scores was also required. Overall, 5008 votes (626
assignments×8 clips) were collected and, on average, there were 69
votes per test condition (208 votes per noisy condition). To address
the high variance in the crowd votes, we use CMOS per test condi-
tion computed as:

CMOScond =
1

M

M∑
i=1

xi with x =

∑N
j=1 yj

N
(1)

where M is the number of clips per condition, xi is the CMOS of a
clip, yj is the vote given by a worker for a clip and N is the num-
ber of votes per clip. The objective metrics DNSMOS, ViSQOL or
3QUEST are abbreviated in the analyses as DNS (-S, B, O), ViS and
3Q (-S, N, G), respectively (speech, background/noise, overall).

3.1. Bimodality in CMOS

We begin by inspecting the distribution of scores of the crowd. The
histogram of all the scores presented in Fig. 2a depicts a bimodal
distribution, and the average score per worker in Fig. 2b presents a
division of preferences: some workers tend to rate positively while
others rate negatively. We use linear fixed-effects models (FEM)
to study the influence of the modes on the correspondence to the
objective measures in statistical terms, formulated as follows [23]:

YALL = α+ βCMOS + ϵ, (2)

YP−N = α+ βCMOS + γFP−N + ϵ, (3)

where α, β and γ are the coefficients of the fixed factors and
Y , CMOS and FP−N are the objective metric, CMOS and posi-
tive/negative assignment of the CMOS, respectively. ϵ ∼ N(0, σ2)
is the residual. Further on, we perform analysis of variance (ANOVA)
between the fitted models to inspect if the model in Eq. 3 offers a sig-
nificantly higher fit between the objective measures and the CMOS
than the model in Eq. 2 [23]. The results illustrated in Tab. 2 depict
that the fixed-effect model incorporating the positive-negative affili-
ation of the CMOS (Eq. 3): 1. has larger and significant coefficients,
and 2. shows significantly better fit as per the p-value from the
ANOVA model. Hence, including the positive-negative affiliation
results in greater predictability of the objective measures.

A possible explanation for this phenomenon is that positive
workers like the noise suppression of the systems while negative
workers find the residual noise disturbing, or dislike the artefacts
added to the enhanced signals [24]. To assess this hypothesis,
Spearman’s rank correlation and their corresponding p-values were
computed over the mean scores per condition for all the scores, for

7https://github.com/google/visqol
8https://github.com/microsoft/DNS-Challenge

Table 2: Coefficients, (standard errors) and ANOVA between
FEMs (Eq. 2), with positive-negative affiliation in Eq. 3. The largest
CMOS coefficients for each objective metric is emphasized.

Obj-metric Workers Factors (Coeff (std-error)) ANOVA
CMOS Pos-Neg (= 1) Pr(> F )

DNS-S All .054 (.023)∗∗ – –
P-N .522 (.059)∗∗∗ −1.111 (.133)∗∗∗ 4.9e-14∗∗∗

DNS-B All .050 (0.032) – –
P-N .491 (.094)∗∗∗ -1.045 (.211)∗∗∗ 2.e-06∗∗∗

DNS-O All .070 (.036)∗∗ – –
P-N .687 (.097)∗∗∗ -1.461 (.218)∗∗∗ 4.5e-10∗∗∗

ViS All .057 (.024)∗∗ – –
P-N .51 (.062)∗∗∗ -1.172 (.139)∗∗∗ 3.5e-14∗∗∗

3Q-S All .059 (.033)∗ – –
P-N .574 (.092)∗∗∗ -1.22 (.207)∗∗∗ 2.65e-08∗∗∗

3Q-N All .052(.055) – –
P-N .50 (.16)∗∗∗ -1.073 (.37)∗∗∗ 0.005∗∗

3Q-G All .064∗(.035) – –
P-N .63 (.098)∗∗∗ -1.336 (.22)∗∗∗ 1.08e-08∗∗∗

Table 3: Correlations between CMOS and MOS of objective met-
rics by average score per condition. Higher correlations of pos/neg
workers are highlighted in green . The p-values of the correlations
are lower than p < 0.05 except for CMOS-Noise case vs 3QUEST.

Metric CMOS
Speech Noise Overall

All Neg Pos All Neg Pos All Neg Pos
DNS 0.69 0.68 0.54 0.47 0.36 0.50 0.57 0.56 0.50

ViSQOL – – – – – – 0.67 0.65 0.57
3QUEST 0.50 0.62 0.31 0.28 0.05 0.43 0.53 0.47 0.48

only positive scores, and for only negative scores. The results in
Tab. 3 show a positive correlation between the subjective scores and
the different objective metrics. However, the correlations with the
noise metrics are lower than with the speech metrics. Also, taking
into account the division of workers regarding subjective scores
reveals that positive workers correlate better with noise metrics,
confirming the statement that positive workers focus more on noise
reduction than on speech quality. On the other hand, negative work-
ers strongly correlate with speech metrics, meaning these workers
focus mainly on the speech quality of the files. The single scores
from ViSQOL correlate with both positive and negative workers.

3.2. CCR-CMOS versus objective metric
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Fig. 3: Coefficient plot for CMOS (Eq. 4). The p-values are shown
by ∗p < 0.05; ∗∗p < 0.0035. Note that the x-axes ranges differ.

The analysis models in the rest of the paper accounts for the
positive-negative modalities of the scores. To study the correspon-
dence between the objective metric and the CMOS, we use linear
FEM that incorporates all the condition parameters as follows:

YP−N = α+βCMOS+γSNR+δSL+λNE+ηNT +ζFalg+ϵ,
(4)



Table 4: Influence of the condition parameters on the CMOS re-
sponses as formulated in Eq. 5.

Condition parameters CMOS(Coefficient (Std-error))

Positive Negative

SNR (9dB) 0.298 (0.079)∗∗∗∗ 0.384 (0.054)∗∗∗∗
Speech-level (-30dB) 0.099 (0.079) 0.260 (0.054)∗∗∗∗
Noise-events (90%) 0.016 (0.079) 0.059 (0.054)
Noise-type (office) 0.108 (0.096) −0.110∗ (0.066)
Noise-type (park) 0.297 (0.096)∗∗∗∗ 0.014 (0.066)
Algorithm (2) −0.243 (0.096)∗∗∗ 0.134 (0.066)∗∗

Algorithm (3) −0.023 (0.096) 0.041 (0.066)

Adjusted R2 0.271 0.520

Note: ∗p<0.1; ∗∗p<0.05; ∗∗∗p<0.025; ∗∗∗∗p<0.01

where SL is the speech level, NE is the amount of transient noise,
NT is the type of background noise, Falg is the enhancement al-
gorithm being evaluated and ϵ ∼ N(0, σ2) is the residual. Y is
the response variable representing the objective metrics. The coef-
ficients and the standard errors for CMOS along with the p-values
are illustrated in Fig. 3. With α = 0.05 and accounting for multiple
testing, we apply Bonferroni correction whereby α̂ = α

14
= 0.0035.

The adjusted-R2 for all the comparisons are comparable. Our ob-
servations are that 1. the CMOS has the highest, significant coeffi-
cient with respect to 3QUEST (Neg) indicating that the CMOS cor-
responds best to 3QUEST (Neg); 2. In general, the scores from the
negative mode have higher coefficients than the scores from the posi-
tive mode; 3. CMOS from neither the positive nor the negative mode
show significant predictability of DNS-B or 3Q-N.

3.3. Crowdsourcing-design based on statistical evidence

In the following sections, we will present results on 1. condition
parameters that are significant in the study, 2. speakers’ influence on
user ratings and objective measures, 3. impact of number of clips on
the predictability of CMOS.
Influence of condition parameters: We employ FEM to study the
relationship between the obtained CMOS from the crowd and the
condition parameters, whereby we incorporate the parameters in
each condition as a factor in the model:

CMOSP−N = α+βSNR+γSL+δNE +ηNT +ζFalg+ ϵ. (5)

We compute the models separately for the positive and negative
modes. With α = 0.05 and accounting for multiple testing, we
apply Bonferroni correction and obtain α̂ = α

2
= 0.025. The

coefficients and standard-errors of each condition is shown in Tab. 4
in addition to the p-values. We observe the following: 1. SNR
shows large coefficients for both modes, hence indicating higher
influence on the crowd responses. 2. Speech-level seems to effect
the negative mode, and 3. noise-type, specifically park shows higher
predictability for the positive mode. 4. From the adjusted-R2 values,
the condition parameters account for lower variance in the positive
mode than in the negative mode, hence indicating the different pref-
erences of the crowd in each mode.
Influence of speakers on responses and objective metric: Two
speakers (one male, one female) were used for the 10 speech clips.
To study the influence of speakers on both, the CMOS responses
and the objective measures, we modify the formulation in Eq. 4 to
incorporate the clips as a random effect (θFCl ∼ N(0, σCl)) and
the speaker/gender (FSp) as a fixed effect as follows:

Y = α+ βCMOS + γSNR+ δSL + ζNE + ηNT

+ λFP−N + νFSp + θFCl + ϵ
(6)

thereby employing a linear mixed-effects model (LMER) [25]. We
observed no statistical differences in the CMOS responses based on
the speaker. However, the observations presented in Tab. 5 indicate
that the speaker seems to have a significant effect on DNSMOS. Note
that with α = 0.05 and accounting for multiple testing via Bonfer-
roni correction the corrected value is α̂ = α

7
= 0.0071. Since only

two speakers (one male and female each) were used in the study, this
needs to be further investigated with larger variation in speakers.

Table 5: Coefficients, standard errors for random-effects model with
speaker factor Eq. 6.

Obj-metric Factors (Coefficient (Std-error))
CMOS Pos-Neg (= 1) Speaker/Gender(M)

DNS-S .038 (.008)∗∗∗ .08 (.02)∗∗∗ .38 (.09)∗∗∗
DNS-B .013 (.012) -.027 (.03) .21 (.05)∗∗∗
DNS-O .04 (.01)∗∗∗ -.08 (.03)∗∗ .36 (.10)∗∗

ViS .03 (.007)∗∗∗ -.07 (.018)∗∗∗ .04 (.04)

3Q-S .08 (.017)∗∗∗ -.17 (.05)∗∗∗ -0.17 (.10)
3Q-N 0.02 (.02) -.05 (.06) .11 (.04)∗∗

3Q-G .06 (.02)∗∗∗ -.14 (.04)∗∗∗ -.06 (.08)

Note: ∗∗p<0.05; ∗∗∗p<0.0071
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Fig. 4: Influence of the number of clips on the correspondence of
average CMOS to the objective measures.

Crowd-size limits: Due to the high variance in the CMOS response
and limits on the resources to expand the crowd-size, we analyse the
CMOS responses on condition level as per Eq.1. While previous
research has addressed the optimal number of responses per condi-
tion [26], there is limited research on the influence of the number
of clips per condition. We investigate how the predictability of the
CMOS changes as the clip sample-size is increased (2, 4, 6, 8, 10)
while maintaining an equal number of clips by each speaker within
the sample. The resulting mean coefficients and the standard devia-
tion, and the adjusted-R2 over the combinations for each sample-size
are illustrated in Fig. 4. We observe that 1. The rate of change in the
coefficients and adjusted-R2 is similar for all objective measures.
2. For the negative mode, sample size increase seems to have no ef-
fect on 3QUEST-N. 3. Since the rate-of-increase in coefficients and
adjusted-R2 is decreasing but not saturating as sample-size → 10,
we conclude #clips > 10 are necessary to obtain CCR-CMOS that
correspond better to the state-of-the-art evaluation metric.

4. CONCLUSIONS

The goals of this work were to investigate the use of CCR to eval-
uate speech enhancement models and explore the parameters that



are critical in designing such experiments. The findings are as fol-
lows: 1. The bimodal distribution and the statistical correspondence
between the positive and negative CMOS scores and the objective
measures (Fig. 2a, 2b, Tab. 2, Tab. 3) indicate the need to analyse
the positive-negative modes of responses separately or incorporate
the positive-negative affiliation of the responses within the analysis.
The higher scale available in the CCR methodology allows to dif-
ferentiate the scores into different groups based on the user’s pref-
erence over noise reduction or quality of speech. 2. A higher and
significant correlation is calculated for positive workers and noise
type, while the correlation is better between negative workers and
the speech level (Tab. 4). SNR showed a significant effect over both
positive and negative groups of CMOS responses. 3. Condition-level
analysis (Fig. 3) showed higher statistical correspondence and hence
predictability to the objective measures considered in this paper, in
comparison to the clip/signal level analysis (Tab. 5).
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zger, and T. Hoßfeld, “Towards speech quality assessment

using a crowdsourcing approach: evaluation of standardized
methods,” Quality and User Experience, vol. 6, no. 1, pp. 1–
21, 2021.

[11] T. Hoßfeld, M. Hirth, J. Redi, F. Mazza, P. Korshunov,
B. Naderi, M. Seufert, B. Gardlo, S. Egger, and C. Keimel,
“Best practices and recommendations for crowdsourced qoe-
lessons learned from the qualinet task force” crowdsourcing”,”
2014.
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