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Summary
This paper assesses the perceived listening quality of customer support waiting loops using both a subjective
experiment as well as an objective perceptual assessment with POLQA (ITU-T Rec. P.863) and VISQOL. A
modified version of the methodology defined in the ITU-T Rec. P.835 was derived and used in this paper to sub-
jectively assess the listening speech quality, the listening audio quality as well as the overall listening quality of
the waiting loop perceived by the user. It is expected that the perceived listening quality of the customer support
waiting loop can influence the overall quality of the customer support communication service. The waiting loop
consisted of a speech announcement and a music fragment. Both are assessed separately as well as overall. The
results show that the degradations introduced by the investigated codecs and packet loss, representing typical
degradations commonly seen in voice communication over telecommunication networks, seriously impact the
subjectively perceived listening quality of the speech announcement and music fragment as well as the overall
subjectively perceived listening quality of the waiting loop. As expected the listening quality of the music frag-
ment is, in most of the cases, significantly lower than the listening speech quality of the announcement. The
POLQA results show a high correlation between subjective and objective measurements for the listening speech
and audio quality as well as the overall listening quality of the waiting loop. On the other hand, it is shown that
the VISQOL model provides too low correlations between predicted objective and subjective scores for accurate
prediction of the listening speech and audio quality as well as the overall listening quality of the waiting loop.

PACS no. 43.71.Gv, 43.72.Kb

1. Introduction

A large part of current speech communication over tele-
communication networks is represented by customer sup-
port calls. Companies running support lines do their best
to optimize their operational costs and consequently limit
their capacity. Therefore, customers/callers will experi-
ence waiting loops that typically consist of a short “busy
line” announcement and a music excerpt, which is sup-
posed to kill the waiting time. The waiting loop is re-
peated a couple of times till a connection with an oper-
ator is established. It is worth noting here that telecom-
munication networks are usually optimized for transmit-
ting speech signals. So music signals will be degraded
severely when transmitted over telecommunication chan-
nels. This is especially the case when it comes to chan-
nels involving older parametric speech codecs such as the
G.729 [1] and AMR-NB [2] codec. Newer ones, like EVS
[3], are also optimized for music signals. As the waiting
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loop represents an integral part of the customer support
communication it is expected that its listening quality has
an influence on the overall quality of the communication
service. Therefore, it is important to measure and optimize
the perceived listening quality of waiting loops as much
as possible to provide the end user with the best possible
quality. The importance of this issue is also shown in the
corresponding study item of Q9 of ITU-T SG12 dealing
specifically with an objective assessment of audio signals
such as music transmitted over telecommunication links
like WCDMA and LTE with modern codecs and terminals.
Besides the influence of the waiting loop listening quality
on the overall quality of the communication service, this
kind of communication can be also impacted, in terms of
conversational quality, by a performance of Spoken Dia-
logue System (SDS), usually included in a transmission
chain in the context of the customer support lines, or bet-
ter to say its modules, like a speech recognizer, a semantic
analyser, a dialogue manager, etc. As this study is purely
limited to the perceived listening quality of customer sup-
port waiting loops, the interested reader is referred to [4],
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when it comes to the SDS performance impact on the over-
all quality experienced by the end user.

A well-established subjective methodology defined in
ITU-T Rec. P.800 [5] is usually used to assess the listening
quality of speech communication over telecommunication
channels. Objective models such as PESQ (ITU-T Rec.
P.862) [6, 7, 8], POLQA (ITU-T Rec. P.863) [9, 10, 11]
and VISQOL [12, 13] (non-standardized) have been de-
veloped to predict the listening-only speech quality per-
ceived by the end user. On the other hand, neither sub-
jective nor objective methodologies are available when it
comes to a quality assessment of music signals transmit-
ted over telecommunication networks. For the high and
intermediate quality broadcasting context well-established
subjective methodologies like ITU-R Rec. BS.1116-3 [14]
and ITU-R Rec. BS.1534-3 [15] and objective models like
PEAQ (ITU-R Rec. BS. 1387-1) [16, 17], PEMO-Q (non-
standardized) [18], VISQOL Audio (non-standardized)
[19] and POLQA Music (currently under development)
[20] exist to assess audio quality perceived by the end user.

Some work has been carried out to evaluate the quality
of super-wideband speech and audio codecs in the context
of telephone communication and study the performance of
the POLQA model when it comes to digital audio broad-
casting services. In [21], Feiten et al. compared the qual-
ity provided by popular low-delay super-wideband speech
and audio codecs in the context of telecommunication ap-
plications. The MUSHRA test approach was deployed in
this experiment as a subjective methodology. 26 naïve lis-
teners were involved in the subjective test. The test was
divided into two parts, one dedicated to mono test condi-
tions and one dedicated to stereo test conditions. When it
comes to the mono test conditions the following codecs
were used; AAC-ELD operating at 24, 32 and 48 kbps,
AAC-LC operating at 32, 48 and 64 kbps, CELT operating
at 32, 48 and 64 kbps, G.718 operating at 12, 24, 32, 48
and 64 kbps, G.719 operating at 32, 48 and 64 kbps, G.722
at 64 kbps, G.722.1 Annex C operating at 24, 32 and 48
kbps, G.722.2 (AMR-WB) operating at 12.65 and 23.05
kbps, SILK operating at 12, 24, 40 and 64 kbps and Speex
operating at 24, 32 and 44 kbps. The stereo test condi-
tions involved the following codecs AAC-ELD operating
at 48 and 64 kbps, AAC-LD at 64 kbps, CELT operating
at 48, 64 and 96 kbps, G.718 at 64 kbps, G.719 operating
at 64 kbps and Speex operating at 32 and 44 kbps. Test
signals deployed in this experiment covered speech, mu-
sic, speech over/with music and speech with background
noise. It is worth noting here that different test signals were
deployed for the mono and stereo test conditions. The re-
sults obtained for the mono test conditions showed that
an excellent quality can be achieved with a bit rate of 48
kbps, independently of the source signal deployed. When
it comes to the AAC-LC this quality level can be even ob-
tained for 32 kbps. Regarding the results obtained for the
stereo test conditions, excellent quality was achieved for
AAC-ELD operating at 64 and even 48 kbps very closely
followed by CELT operating at 96 kbps and G.719 at 64
kbps.

In [22], Sloan et al. investigated the performance of four
quality prediction models, i.e. VISQOLAudio, PEAQ,
POLQA and PEMO-Q, on three datasets containing full
band audio signals encoded with a variety of mostly audio
codecs; HE-AACv2, MP3, AAC-LC, Opus and Ogg Vor-
bis, namely TCDAudio14, AACvOpus15 and CoreSV14
(bit rates ranging from 24 to 256 kbps). The results
showed that POLQA performed well for high quality au-
dio clips in TCDAudio14 and AACvOpus15 but not for
CoreSV14. Moreover, POLQA performed poorly for all
other treatments, when compared to the predictions of
the other models. The VISQOL Audio model achieved
the best performance on all metrics for two of the three
datasets and was just short of the best accuracy for the
third one.

It is worth noting here that POLQA is a speech quality
model using the concept of idealization [9, 10] and can
thus in general not be used for assessing audio quality.
The POLQA idealization algorithm uses deviations from
the optimal voice timbre in the calculation of the MOS
score. For audio quality assessment that uses music frag-
ments such timbre deviations are not expected to be possi-
ble. Furthermore the POLQA idealization algorithm uses
the concept of noise suppression in the reference signal, a
concept that is expected to fail in the assessment of music
signals.

To the best of our knowledge, there is no work deal-
ing specifically with the listening quality of waiting loops
as used in customer support calls. Therefore, we study
the impact of different speech codecs, representing typical
codecs deployed in current telecommunication networks,
including packet loss on the listening speech and audio
quality as well as the overall listening quality perceived
by the end user. A subjective test is carried out that uses
a modified version of subjective methodology defined in
the ITU-T Rec. P.835 [23] originally developed for evalu-
ating the quality provided by speech communication sys-
tems that include noise suppression algorithms. Moreover,
we also check the performance of the POLQA 2014 model
and the VISQOL model, i.e. version 238, for the inves-
tigated conditions. It should be noted here that for both,
POLQA and VISQOL, the speech model was used for pre-
dicting the listening speech and audio quality as well as
the overall listening quality because the degradations in-
troduced by telecommunication networks are more severe
than targeted in the objective modelling approach for mu-
sic. The performance of the POLQA and VISQOL models
is assessed by comparing the predictions with subjective
quality scores obtained from the test described in this pa-
per. The aim of this study is two-fold: firstly, we would
like to know to what extent degradations introduced by
the investigated codecs and packet loss have an impact
on the listening speech and audio quality as well as the
overall listening quality perceived by the end user in the
context of the waiting loops. Secondly, we would like to
see whether the POLQA and VISQOL models are able to
provide valid predictions of the perceived listening speech
and audio quality as well as the overall perceived listening
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quality for the given application domain using a speech,
music and combined speech and music signal respectively.

The remaining of the paper is organized as follows. Sec-
tion 2 describes the subjective test carried out within this
study and its results. In Section 3, the experimental results
obtained from the prediction models are compared with
the subjective data presented in this paper and discussed.
Section 4 provides the final conclusions.

2. Subjective test

The first aim of this study is to quantify the impact of
degradations introduced by the investigated codecs, in-
cluding packet loss, on the quality perceived by the end
user. To this aim, a subjective listening-only test is carried
out in which subjects judged the quality of waiting loops
that are composed of a speech announcement (in Slovak)
and music fragment. The following subsections provide a
description of this test and the results that are obtained.

2.1. Experiment description

A modified version of subjective methodology defined in
the ITU-T Rec. P.835 was used to perform the subjective
listening-only test. The P.835 methodology was selected
for the subjective test because it, in our view, represents
the best candidate among the considered methodologies,
i.e. ITU-T Rec. P.835, ITU-T Rec. P.806 [24] and ITU-
T Rec.1301 [25], as it asks for three different aspects of
a stimulus and is well established in the telephone com-
munication quality assessment community. When it comes
to the P.835 methodology, it is important to mention here
that it recommends to present each stimulus thrice, and
to collect a rating on one of the three assessed aspects,
i.e. speech distortion, background noise intrusiveness and
overall quality, using different rating scales after each pre-
sentation. In comparison to the original P.835 methodol-
ogy, speech distortion and background noise intrusiveness
aspects were replaced by speech quality (S-MOS) and
audio quality (A-MOS) respectively. Moreover, when it
comes to speech quality and audio quality evaluation, the
subjects listened to and assessed only the corresponding
part of the samples, i.e. the short announcement (speech
quality) and the music excerpt (audio quality). Note that
in P.835 noise impact assessment the background noise is
also present in the speech and thus one has to use the com-
plete noisy speech file in the assessment of both the speech
distortion and the noise intrusiveness. In the waiting loop
experiment the speech and audio quality can be assessed
independently. Similarly as in the P.835 case, an overall
quality (O-MOS) was also assessed.

For all the quality aspects investigated in this study,
i.e. speech quality, audio quality and overall quality, a
five-point ACR (Absolute Category Rating) scale was de-
ployed. The rest of the P.835 test protocol was fully fol-
lowed in this subjective test. In all experiments, up to 2
listeners were seated in a small listening room (acousti-
cally treated) with a background noise below 20 dB SPL

(A). All subjects were Slovak Nationals whose first lan-
guage was Slovak. All together, 34 listeners (17 male, 17
female, 20–58 years, mean 36.33 years) participated in the
test. The subjects were remunerated for their efforts. The
samples were played out using high quality studio equip-
ment in a random order and diotically presented (presen-
tation level: 73 dB SPL (A)) to the test subjects.

Four different 12 seconds long samples replicating a
typical waiting loop, i.e. containing the short announce-
ment in Slovak language and music excerpt both lasting
around 5 seconds, were used in this test. As, according to
our experience, male voices, either in a synthetic or hu-
man form, dominate when it comes to the announcements,
a male voice was deployed in this case. One of the reasons
for the male human and synthetic voice dominance is its
higher accurateness (human and synthetic voice) and per-
suasiveness (synthetic voice) than that of a female voice,
see [26] for more detail. As the focus of this paper is
on the impact of telecom degradations on music signals,
only one male human voice was used for the announce-
ment. On the other hand, 4 different music excerpts cover-
ing a wide range of genres (music mood according to the
Thayer’s arousal-valence emotion plane, see [27] for more
detail) from an instrumental jazz (calm), a psychedelic
music (peaceful) and to a popular instrumental (excited)
and electronic (happy) music, representing typical waiting
loop music, were used. It is worth noting here that the mu-
sic was, in all the cases, without a singing voice.

Twenty-seven test conditions representing typical
degradations commonly seen in voice communication over
telecommunication networks were investigated in this test,
see Table I. In order to emulate a typical telecommunica-
tion channel, the samples were filtered by the following
filters:
• a PCM filter (test conditions involving ITU-T G.711

and ITU-T G.729 codecs)
• an MSIN and LP35 filter (test conditions involving

AMR-NB and EVS-NB codecs)
• a P.341 filter (test conditions involving ITU-T G.711.1,

AMR-WB, EVS-WB, ITU-T G.729.1 codecs)
• a 14KBP filter (test conditions involving EVS-SWB

codec).
More details of these filters can be found in ITU-T Rec.
G.191 [28].

Regarding the packet loss, four different loss locations
were simulated in the samples in order to take into ac-
count the location of the loss in the waiting loop. Both
random (Bernoulli loss model) and bursty (Gilbert model)
loss distributions were covered. Packet loss was generated
by deleting short segments of speech and music (after ap-
plying the codecs and filters), corresponding to an actual
length of the speech codec frame (varying depending on
the codec), to ensure the same loss distribution for all the
test conditions involving packet loss and a derogation of
both speech and music parts of the samples. This approach
has not allowed us to deploy a packet loss concealment
technique and thus represents the worst case scenario. The
packet loss rates deployed in the experiment were selected
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Počta, Beerends: Listening quality of waiting loops ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 105 (2019)

Table I. Description of the test conditions used in the subjective
test.

No. Description of test condition

1 ITU-T G.711.1 codec at 96 kbps (Wideband speech
codec) [29]

2 ITU-T G.711.1 codec at 96 kbps + 10% Packet loss
3 ITU-T G.711.1 codec at 96 kbps + 20% Packet loss
4 ITU-T G.729.1 codec at 32 kbps (Wideband speech

codec) [30]
5 ITU-T G.729.1 codec at 32 kbps + 10% Packet loss
6 ITU-T G.729.1 codec at 32 kbps + 20% Packet loss
7 EVS-SWB codec at 5.9 kbps (Multiband speech codec

operating in Super-wideband (SWB) mode) [3]
8 EVS-SWB codec at 5.9 kbps + 10% Packet loss
9 EVS-SWB codec at 5.9 kbps + 20% Packet loss
10 EVS-WB codec at 5.9 kbps (Multiband speech codec

operating in Wideband (WB) mode) [3]
11 EVS-WB codec at 5.9 kbps + 10% Packet loss
12 EVS-WB codec at 5.9 kbps + 20% Packet loss
13 ITU-T G.711 codec (Narrowband speech codec) [31]
14 ITU-T G.711 codec + 10% Packet loss
15 ITU-T G.711 codec + 20% Packet loss
16 EVS-NB codec at 5.9 kbps (Multiband speech codec

operating in Narrowband (NB) mode) [3]
17 EVS-NB codec at 5.9 kbps + 10% Packet loss
18 EVS-NB codec at 5.9 kbps + 20% Packet loss
19 AMR-WB codec at 6.6 kbps (Wideband speech codec)

[32]
20 AMR-WB codec at 6.6 kbps + 10% Packet loss
21 AMR-WB codec at 6.6 kbps + 20% Packet loss
22 ITU-T G.729 codec (Narrowband speech codec) [1]
23 ITU-T G.729 codec + 10% Packet loss
24 ITU-T G.729 codec + 20% Packet loss
25 AMR-NB codec at 4.75 kbps (Narrowband speech

codec) [2]
26 AMR-NB codec at 4.75 kbps + 10% Packet loss
27 AMR-NB codec at 4.75 kbps + 20% Packet loss

to cover a broad range of packet loss rates experienced by
the end user in the current telecommunication networks,
especially in the case of Over-The-Top Voice over IP ser-
vices.

The four samples were processed by the test conditions
listed in Table I to yield to 108 test items. The 108 test
items were divided into two test sessions balanced from a
size and degradation perspective in order to avoid subject
fatigue as advised in ITU-T Rec. P.835.

In order to ensure that each participant of the test prop-
erly understood his/her task a familiarization session con-
sisting of two parts preceded each test. In the first part test
subjects listened to 4 items representing the typical wait-
ing loop degraded by 4 different conditions corresponding
to those to be used in the main test. These conditions cov-
ered the whole degradation range and types, namely the
test conditions No. 4, 7, 21 and 25 listed in Table I. The
aim of the first part was to put the subjects into the context
of the experiment. The second part of the familiarization
consisted of 16 items (8 test conditions, i.e. No. 1, 7, 9,
10, 16, 17, 19 and 25, and 2 samples) covering again all
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Figure 1. Effect of codec and packet loss on average O-MOS. The
vertical bars show 95% CI computed over 136 O-MOS values
(34 subjective scores per sample for 4 samples).

the range of the degradations included in the main test. The
aim of this part was to familiarize the subjects with the test
procedure and rating scale using a different speaker and
different typical waiting loop music fragments as those to
be used in the main test in order to prevent boredom. This
was carried out by running a short part of the main test.
The different speaker and music fragments were used in
both parts of the familiarization session. The overall test
time per subject was 79.5 minutes on average including an
instruction session, the familiarization session, 2 test ses-
sions and 10 minutes long rest-break.

2.2. Experimental results

Figure 1 presents the results of the subjective test for the
test conditions, i.e. codec and packet loss impact, aver-
aged over 136 values (34 scores per sample for 4 samples)
for the overall evaluation (O-MOS, the overall MOS over
speech and audio). The results are downwardly ordered on
the basis of the 0% packet loss values and show a lower
than expected quality for the AMR-WB condition. In gen-
eral a WB condition will have a higher quality than a NB
condition while the results show that the AMR-WB condi-
tion has about the same quality as the EVS-NB condition.
As expected the results show a rapid decrease in quality as
a function of packet loss, see red and white bars for more
detail.

A three-way analysis of variance (ANOVA) test was
conducted on the O-MOS values using codec, sample and
packet loss as fixed factors (Table II). The effect of packet
loss was found to be highly statistically significant (the
highest F-ratio of 2760.1, p < 0.001). Furthermore, the ef-
fect of codec was also highly statistically significant with
F = 47.6, p < 0.001. The last factor investigated in the
ANOVA test was the sample factor and it turned out to
have a weaker effect on the O-MOS values than the pre-
vious factors on their own (F = 46.13, p < 0.001) but was
also highly statistically significant. Regarding interactions
of all the involved factors, the results show that all of them
were highly statistically significant. Moreover, the high-
est F-ratio was reported for an interaction of the codec
and packet loss (F = 18.81, p < 0.001), followed by an
interaction of the sample and packet loss (F = 4.38, p <
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Table II. Summary of ANOVA test conducted on the O-MOS values.

Effect SS df MS F p

Codec 207.80 8 25.97 47.60 0.0000
Sample 75.51 3 25.17 46.13 0.0000
Packet loss 3012.18 2 1506.09 2760.10 0.0000
Codec*Sample 31.77 24 1.32 2.43 0.0001
Codec*Packet loss 164.23 16 10.26 18.81 0.0000
Sample*Packet loss 14.34 6 2.39 4.38 0.0002
Error 1970.94 3612 0.55

Total 5476.78 3671

0.001) and the codec and sample (F = 2.43, p < 0.001).
To summarize, the results of the ANOVA test reveal that
subjects are much more sensitive to the packet loss than to
the codec and sample, and highly statistically significant
interactions between all the investigated factors are found.

The average S-MOS (speech MOS) values obtained
from the subjective test are presented in Figure 2. Re-
garding the results reported for the packet loss of 0%, a
trend is more or less the same as that reported for O-
MOS values above although the AMR-WB codec now
provides a slightly better performance than the EVS-NB
codec. When it comes to the impact of packet loss we
see the same rapid decrease in quality as a function of
the loss as reported above for the O-MOS values (see red
and white bars for more detail). The reported S-MOS val-
ues are mostly higher than those reported for O-MOS with
the exception of the test condition involving the AMR-WB
codec with 10% packet loss.

A three-way analysis of variance (ANOVA) test was
conducted on the S-MOS values using codec, sample and
packet loss as fixed factors (Table III). The highest F-ratio
(F = 2818.14) was determined for the packet loss factor.
The effect of packet loss was found to be highly statisti-
cally significant (p < 0.001). Moreover, the codec factor
appeared to have a weaker effect on the S-MOS values
than the packet loss factor with F = 37.89. Furthermore,
the effect of codec was again highly statistically significant
(p < 0.001). The last factor investigated in the ANOVA test
was the sample factor and it turned out to have a weaker
effect on the S-MOS values than the packet loss and codec
factors on their own even though it is also highly statis-
tically significant, (F = 25.05, p < 0.001). Regarding in-
teractions of all the involved factors, the results show that
all factors are highly statistically significant. To summa-
rize, the results of the ANOVA test reveal that listeners are
much more sensitive to the packet loss than to the codec
and sample, and highly statistically significant interactions
between all the investigated factors are found.

Figure 3 reports the average A-MOS (audio MOS) val-
ues obtained from the subjective test. When it comes to
the packet loss of 0%, a trend is again more or less the
same as that reported above although the AMR-WB now
provides a slightly lower performance than the EVS-NB
codec. As expected the AMR codec is less suited for mu-
sic signals than the EVS codec. Regarding the packet loss
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Figure 2. Effect of codec and packet loss on average S-MOS. The
vertical bars show 95% CI computed over 136 S-MOS values (34
subjective scores per sample for 4 samples).
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Figure 3. Effect of codec and packet loss on average A-MOS. The
vertical bars show 95% CI computed over 136 A-MOS values
(34 subjective scores per sample for 4 samples).

impact, the trend here follows the trend already reported
for O-MOS and S-MOS values. It is worth noting here
that the reported A-MOS values are mostly lower than
those reported for O-MOS with the exception of the test
conditions involving the G.711.1 codec and 10 and 20%
packet loss and G.729.1 codec and 20% packet loss. More-
over, it should be noted here that the reported A-MOS
values are also mostly lower than those reported for S-
MOS with the exception of the test conditions involving
the G.711.1 codec and 10% packet loss and G.729.1 codec
and 20% packet loss. All the quality aspects investigated in
this study, i.e. speech quality (S-MOS), audio quality (A-
MOS) and overall quality (O-MOS) are excellently corre-
lated. To be more precise, the following correlations were
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Table III. Summary of ANOVA test conducted on the S-MOS values.

Effect SS df MS F p

Codec 166.71 8 20.84 37.89 0.0000
Sample 41.33 3 13.78 25.05 0.0000
Packet loss 3099.97 2 1549.98 2818.14 0.0000
Codec*Sample 39.99 24 1.67 3.03 0.0000
Codec*Packet loss 179.81 16 11.24 20.43 0.0000
Sample*Packet loss 13.93 6 2.32 4.22 0.0003
Error 1986.61 3612 0.55

Total 5528.35 3671

Table IV. Summary of ANOVA test conducted on the A-MOS values.

Effect SS df MS F p

Codec 298.94 8 37.37 62.89 0.0000
Sample 135.94 3 45.31 76.26 0.0000
Packet loss 2484.01 2 1242.01 2090.32 0.0000
Codec*Sample 51.27 24 2.14 3.60 0.0000
Codec*Packet loss 164.55 16 10.28 17.31 0.0000
Sample*Packet loss 17.48 6 2.91 4.90 0.0001
Error 2146.15 3612 0.59

Total 5298.34 3671

obtained 0.9979 (O-MOS vs S-MOS), 0.9957 (O-MOS vs
A-MOS) and 0.9902 (S-MOS vs A-MOS).

A three-way analysis of variance (ANOVA) test was
conducted on the A-MOS values using codec, sample and
packet loss as fixed factors (Table IV). The effect of packet
loss was again found to be highly statistically significant
(the highest F-ratio of 2090.32, p < 0.001). Furthermore,
the effect of sample was also highly statistically signifi-
cant with F =76.26, p < 0.001. The last factor investigated
in the ANOVA test was the codec factor and it turned out
to have a weaker effect on the A-MOS values than the pre-
vious factors on their own (F = 62.89, p < 0.001) but was
also highly statistically significant. Regarding interactions
of all the involved factors, the results show that all of them
were highly statistically significant. Moreover, the highest
F-ratio was reported for an interaction of the codec and
packet loss (F = 17.31, p < 0.001), followed by an inter-
action of the sample and packet loss (F = 4.9, p < 0.001)
and the codec and sample (F = 3.6, p < 0.001). To summa-
rize, the results of the ANOVA test reveal that subjects are
much more sensitive to the packet loss than to the sample
and codec, and highly statistically significant interactions
between the investigated factors are found.

3. Objective test

In this section, the subjective results are compared to the
predictions made with the POLQA 2014 model as well as
the VISQOL model version 238. The comparison is per-
formed for all the experimental conditions.

Figures 4–9 compare the subjective scores obtained
from the test described in Section 2 with the POLQA and
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Figure 4. Correlation between the subjective results and POLQA
predictions (POLQA MOS) for the subjectively perceived listen-
ing quality of the speech fragment (S-MOS).

VISQOL predictions. In order to model the experimental
context of the particular experiment, 3rd order monotonic
regressions are used in the calculation of the correlation
and RMSE* between the corresponding subjective qual-
ity scores and POLQA and VISQOL MOS values. More
details on the exact procedure can be found in [33]. A
similar approach was also used in the standardization pro-
cess of the PESQ and POLQA model and allows to ig-
nore bias and context effects which are caused by the ex-
perimental context. More detail about the mapping pro-
cedure specifically designed for the POLQA model can
be found in [34]. It can be observed from Figure 4 that
the correlation results achieved for the POLQA model are
excellent for the S-MOS scores representing the subjec-
tively perceived listening quality of the speech fragment.
Moreover, the reported RMSE* value is rather small. This
does not come as a surprise as the POLQA model was de-
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Figure 5. Correlation between the subjective results and VISQOL
predictions (VISQOL MOS) for the subjectively perceived lis-
tening quality of the speech fragment (S-MOS).
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Figure 6. Correlation between the subjective results and POLQA
predictions (POLQA MOS) for the subjectively perceived listen-
ing audio quality of the music fragment (A-MOS).

signed to predict speech listening quality in a wide vari-
ety of conditions. On the other hand, when it comes to
the VISQOL model performance, we can clearly see from
Figure 5 that the VISQOL model performs worse than
the POLQA model but the correlation is still rather good.
In addition to that, a rather high value of the RMSE* is
reported for the VISQOL model and the S-MOS scores.
The lower performance of VISQOL was rather surprising
for us as the VISQOL model has competed well with the
POLQA model in the study published in [13] including the
similar degradations as those deployed in this study.

Figure 6 shows that the A-MOS scores, representing
the subjectively perceived audio quality of the music frag-
ment, and the POLQA MOS values correlate also on an
excellent level with a correlation coefficient of 0.937. The
RMSE* value is a bit larger than that reported for the S-
MOS scores but still excellent considering the fact that
POLQA was not designed to predict audio quality of mu-
sic fragments. When comparing these results with the re-
sults published in [22], we can see that the performance of
the POLQA model here is much better than that reported
in [22]. Figure 7 depicts the correlation between the sub-
jective results and VISQOL predictions for the A-MOS
scores. We can clearly see from this figure that the corre-
lation is lower than for the POLQA model but still rather
good considering the fact that VISQOL was not designed
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Figure 7. Correlation between the subjective results and VISQOL
predictions (VISQOL MOS) for the subjectively perceived lis-
tening audio quality of the music fragment (A-MOS).
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Figure 8. Correlation between the subjective results and POLQA
predictions (POLQA MOS) for the overall subjectively per-
ceived listening quality of the waiting loop (O-MOS).
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Figure 9. Correlation between the subjective results and VISQOL
predictions (VISQOL MOS) for the overall subjectively per-
ceived listening quality of the waiting loop (O-MOS).

to predict audio quality of music fragments. The reported
RMSE* value is again rather high. It should be noted here
that the lowest RMSE* value was obtained in this case.

Figure 8 compares the O-MOS scores typifying the
overall subjectively perceived listening quality of the wait-
ing loop and POLQA predictions. The performance of the
POLQA model is a bit better than that reported for the
S-MOS and A-MOS scores above with a correlation of
0.984. Moreover, the lowest RMSE* value was obtained
in this case. A comparison of the O-MOS scores and
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VISQOL predictions is presented in Figure 9. In compar-
ison to the POLQA behavior, the performance in terms of
the correlation coefficient was only a bit better than that re-
ported for the A-MOS scores above. It is worth noting here
that the best performance of the VISQOL model from the
correlation coefficient perspective was reported for the S-
MOS scores. Contrary to the POLQA behavior, the highest
RMSE* value was achieved in this case. To sum up, in all
the cases, the correlations obtained for the POLQA model
are above 0.9, a level that allows to make reliable qual-
ity predictions. On the top of it, the reported low RMSE*
values allow practical use. Regarding the VISQOL perfor-
mance, the reported correlations are well below the level
that allows to make reliable quality predictions. Moreover,
as the obtained RMSE* values are rather high, they do not
allow practical use in this context.

4. Conclusions

A large part of current speech communication over tele-
communication networks is represented by customer sup-
port calls. In these calls the listening quality of the waiting
loop is one of the important issues. These loops mostly use
a speech announcement and a music fragment. The modi-
fied version of the methodology defined in the ITU-T Rec.
P.835 was derived and used in this paper to subjectively
assess a listening speech quality, a listening audio qual-
ity as well as an overall listening quality of the waiting
loop perceived by the user. Moreover, the performance of
the POLQA 2014 model and the VISQOL model (version
238) for the investigated conditions was evaluated in this
study.

We show that the degradations introduced by the inves-
tigated codecs and packet loss, representing typical degra-
dations commonly seen in voice communication over tele-
communication networks, have a serious impact on the
subjectively perceived listening quality of the speech an-
nouncement and music fragment as well as the overall sub-
jectively perceived listening quality of the waiting loop.
Moreover, as expected, the listening quality of the mu-
sic fragment is, in most of the cases, significantly lower
than the listening speech quality of the announcement. The
overall listening quality of the waiting loop is mostly lower
than the listening speech quality. All the quality aspects
investigated in this study, i.e. the listening quality of the
speech announcement, the listening quality of the music
fragment and the overall quality of the waiting loop are ex-
cellently correlated. In our view, a different ratio between
the speech announcement and music fragment would lead
to the similar results.

Furthermore we show that the ITU-T standard for lis-
tening speech quality assessment (POLQA – ITU-T Rec.
P.863) can be used to predict the listening speech qual-
ity of the speech announcement in customer support wait-
ing loops. We also show that, contrary to the expectation,
POLQA can be used to predict the listening audio quality
of the music fragment and the overall listening quality of
the waiting loop. The best accuracy was achieved for the

overall listening quality of the waiting loop, very closely
followed by the listening speech and audio quality. When
the reported excellent accuracy of the POLQA model will
be confirmed by other tests conducted within the corre-
sponding study item of the Q9 of ITU-T SG12, the vali-
dated factors listed in an application guide for recommen-
dation ITU-T P.863 [34] can be updated accordingly. In
contrast to the information reported above for the POLQA
model, the VISQOL model is not capable to provide valid
predictions of neither the listening speech and audio qual-
ity nor the overall listening quality of the waiting loop.

The modified version of the methodology defined in the
ITU-T Rec. P.835 has provided in this study rather stable
results when it comes to all the investigated quality as-
pects. When this behavior will be confirmed by other tests,
the modified version of the P.835 methodology can be pro-
posed as a new method to assess a listening speech and au-
dio quality as well as an overall listening quality perceived
by the end user in the context of mixed scenarios involving
a transmission of both speech and music signals over tele-
communication networks, e.g. customer support waiting
loops. As clearly expected, a music genre/music emotion
has proved to be a rather influential factor in this study
when it comes to the listening audio quality (the strongest
effect) as well as the overall quality of the waiting loop.

As regards future work, one aspect is to validate the sta-
ble behavior of the modified version of the methodology
defined in the ITU-T Rec. P.835. Another aspect is that
the excellent accuracy of the POLQA model achieved in
this study needs further verification. Finally, a study com-
paring a performance of speech codecs optimized also for
music signals, e.g. EVS codec, with those optimized only
for speech signals in terms of audio quality perceived by
the end user in the context of telecommunication scenarios
would be of great interest of research community.
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