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Abstract

In this study, subjective listening test results are reported
where quality of speech quality in noisy environment con-
ditions are addressed. The aim was to design a lab-
oratory experiment that reflects real-life telephony sce-
narios as precisely as possible. For this reason, a range
of recordings and impulse response measurements have
been performed with real VoIP terminals and a mobile
phone mockup mounted to a dummy head. The envi-
ronmental noise was simulated with the loudspeaker sys-
tem and the noise recordings according to ETSI TS 103
224 [1]. An existing Lombard speech database served as
the basis for creating the speech stimuli (So loducha et
al., DAGA 2016 [2]). Moreover, different noise suppres-
sion techniques were applied to the stimuli. The listening
test has been conducted following ITU-T Recommenda-
tion P.835 [3]. This paper presents the experimental re-
sults and discusses the influence of realistic conditions
and speech data in quality testing.

Introduction

In modern telecommunications, telephone calls are often
taking place in a noisy environment. Especially the users
of mobile devices are exposed to a variety of noises which
may disturb the mediated conversations. Noise suppres-
sion (NS) algorithms are applied in this case to help to
deal with background noises, but if not configured prop-
erly may degrade the quality of the speech signal itself.
Hence, in order to study the speech quality in the con-
text of background noise, realistic simulations have to
be performed when conducting corresponding subjective
tests.

Related work

Although there is much research published about how to
develop appropriate NS algorithms, there are not many
reports available on their subjective evaluation. Presum-
ably, most of the testing is performed with available in-
strumental models [4] or takes place with experts in the
field which, however, not fully reflect the results which
would be obtained with non-expert test subjects or real
users. A comprehensive study of noise suppressors is pre-
sented in [5], where different types of algorithms are com-
pared and evaluated in a subjective listening test. In a
more recent study [6], results from three subjective lis-
tening tests are presented where different mobile channels
were tested with NS algorithms and the test method from
[3] was applied. The effect of stressed speech in noisy en-
vironment, the so-called Lombard effect, was addressed
by the authors of this paper in [2].

Stimuli preparation

An existing Lombard speech database was used for gen-
erating the speech stimuli in this test [2]. This is not
a common approach for tests according to ITU-T Rec.
P.835, where normally non-Lombard speech is applied.
This paper aims to study the impact due to the Lom-
bard effect on quality scores in the presence of noise with
and without noise suppressors. It is important to stress
that during the recordings of the Lombard speech a bab-
ble speech noise was presented over headphones to trig-
ger the effect of Lombard speech, however, in the current
experiment also other types of noise were tested. The
used in this test background noise recordings originate
from [1] and their level was scaled in order to achieve
the desired SPL of: 55 dB(A), 70 dB(A), 79 dB and
89 dB. With regard to the assumed average speech level
of 89 dB SPL, these values correspond to: 34, 19, 10 and
0 dB SNR, respectively. It is noted that the A-weighting
rule was not considered in all listed cases during the noise
level measurement. Simulation of conditions with SNR
values significantly lower than 20 dB was important to
thoroughly study the influence of the modern NS algo-
rithms on speech quality, as they usually produce audible
speech distortions only for SNR values close to 0 dB.

To study the Lombard speech impact on quality, two
types of input speech were compared with the same chan-
nel conditions:

1. Regular speech recordings only.

2. Regular or Lombard speech recordings depending on
the background noise level N :

(a) No noise: regular speech,

(b) N = 55 dB(A): Lombard speech for 55 dB(A),

(c) N ≥ 70 dB(A): Lombard speech for 70 dB(A).

For all stimuli the speech level variations where simulated
according to the formula proposed in ITU-T Rec. P.1100
[8]:

I(N) =

 0 for N < 50 dB(A)
0.3(N − 50) for 50 ≤ N < 77 dB(A)
8 for N ≥ 77 dB(A)

(1)
where: I - the dB increase in speech level due to noise
level, N - the long-term A-weighted noise level.

To prepare the stimuli for the current experiment, dif-
ferent procedures were applied. The general overview of
applied processing is listed in Table 1. The first part of
the stimuli set consists of the end-to-end recordings of
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Table 1: The list of tested terminals and applied codecs. The end-to-end recordings were performed with the DECT- and
IP-phone. The cases with the headset and mobile phone mockup were simulated with specified codecs and send-side filters.

Figure 1: Impulse response measurement setup for the send-
side simulation. ’IR’ - impulse response, ’HS’ - handset.
Several impulse responses were measured: from the artificial
mouth of a dummy head and each of the eight noise reproduc-
tion system loudspeakers to the mockups’ microphone (IR1
and IR2-(1-8), respectively).

real terminals, with a DECT- and IP-phone. For this
reason a real VoIP system was installed and a connec-
tion between devices of the same type was established for
the time of recordings. The terminals were mounted on
dummy heads which were placed in the acoustically sep-
arated rooms. At the send-side, the speech samples were
played out by the artificial mouth of the dummy head
and recorded with the first terminal. At the receive-side,
the signal played out by the loudspeaker of the second
terminal was recorded by the artificial ear of the dummy
head.

The stimuli set were complemented by the simulation of
mobile phone mockup and a stereo headset in a noisy
environment. For this reason a range of impulse re-
sponse measurements was done as shown in Figure 1.
After convolution of the speech and noise signals with
measured impulse responses and processing them with
send-side filters and codecs, the NS algorithm was ap-
plied. In this experiment, we applied the NS with a mini-
mum statistics noise power estimation [10] together with
a decision-directed a priori SNR estimation [11] and a
spectral weighting rule of the super Gaussian joint max-
imum a posteriori amplitude estimator [12]. Only the
aggressive setting of the NS was considered which corre-
sponds to the maximal noise attenuation of 20 dB.

Experimental design

The ITU-T Rec. P.835 test method was applied to gather
the insights into how the test subjects rate the noise in-
trusiveness as well as speech and overall quality [3]. This
is reflected in the scores on S-, N- and G-MOS scales
(speech, noise and overall quality, respectively). Each
scale is an 5-point Absolute Category Rating scale [7].
Moreover, the test design followed the recommendations
in [13]. According to the document a specific set of the
reference conditions was applied to span the quality levels
of the stimuli across all three scales. The balanced blocks
experimental design was applied to minimize the depen-
dency on the speaker and the used sentence [14]. In the
case of this experiment the samples recorded with four
different speakers were applied (two male, two female).
Four unique sentences per speaker were used resulting in
16 unique speaker/sentence combinations. In total, 12
reference and 48 test conditions were subjectively tested
in this experiment but only a subset of them will be ad-
dressed in this paper.

Subjective test

The experiment took place in acoustically adapted en-
closures which were primarily designed as a recording
studio. In total, 30 native German speakers took part in
the experiment (12 female, 18 male). Most of them are
students of Ilmenau University of Technology and they
were paid for the participation. Their average age is of
nearly 25 years ranging between 20 and 36 years. None
of the test subjects reported any hearing problems.

The stimuli was presented to the test subjects dioti-
cally with the diffuse-field equalized headphones (Bey-
erdynamic DT-290). The playback level was calibrated
so the active speech level of −40 dBov corresponded
to 65 dB SPL. These levels relate to the experimen-
tal conditions with speech in silence. However, due to
the applied Formula 1 the speech levels reach up to
73 dB SPL for the test conditions where noises louder
than 77 dB(A) SPL are simulated. These measures were
taken to prevent the subjects to be exposed to loud sig-
nals in a test of more than 1 h duration.
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(a) Lombard effect

(b) Terminal effect

Figure 2: Subjective S-, N- and G-MOS values with corresponding 95% confidence intervals for different experimental condi-
tions. Some of the statistically significant differences are determined by t-tests and indicated by ’***’ for p < 0.001 and ’*’
for p < 0.1. (a) A subset of experimental conditions with and without Lombard speech applied. (b) Comparison of different
terminals in terms of bandwidth: ’NB’ - narrowband, ’WB’ - wideband, ’SB’ - super-wideband, ’FB’ - fullband.

Results and discussion

Due to the applied Lombard and non-Lombard speech
recordings with the same test conditions it was possible
to get some insights into the influence of the speech type
on quality ratings and on the performance of the NS algo-
rithm. The comparison results are depicted in Figure 2a.
A series of t-tests was performed to find statistically sig-
nificant differences between the quality ratings. Differ-
ences between results for the two applied speech types
were observed for two of the conditions on the S-MOS
and G-MOS scales (see Figure 2a). In all of these cases,
a cafeteria noise at level of 79dB SPL was applied. How-
ever, the differences could be not indicated for the same
noise at lower SNR and also for the in-car noise at level
of 79dB SPL. In contrast to the study presented in [6],
the Lombard speech in this experiment either did not
change or decreased the speech and overall quality, even
for the conditions with low SNR. This, somewhat surpris-
ing, observation could be only explained by the possible
effect that the test subjects may sense the speakers’ ef-
fort and reflect it in their quality judgments. Regarding

the NS performance, in the cases with cafeteria noise at
79dB SPL the NS algorithm brings significant speech
degradation for stimuli with Lombard speech as com-
pared to these without Lombard effect (t-test, p < 0.01).
It can be concluded that in some cases the NS algorithm
may degrade the speech quality while tested with Lom-
bard speech as it was initially derived for regular speech.
This, however, would need to be confirmed by further
testing.

As already indicated in [5], the NS algorithm dealt much
better with stationary noises than with non-stationary
ones. Accordingly, in this experiment, the in-car noise
was significantly better suppressed than the cafeteria
noise.

Regarding the terminal-effect, significant differences were
observed for different devices, even when the same codec
was applied (see Figure 2b). The quality differences are
probably mostly due to the different frequency charac-
teristics and additional noises and distortions introduced
by the tested devices. It can be clearly observed that for
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all device types the noise intrusiveness is usually higher
in the WB mode rather than narrowband. This is due
to the relatively high coder noise of the ITU-T G.722 in
comparison with the ITU-T G.711 speech codec. Con-
sequently, no noise was noted by the test participants in
the case of the pure PCM coding for SB and FB cases.
The speech quality scores are at similar level for all de-
vices in NB mode, but significant differences appear in
WB mode. Exact impulse response measurement of the
real-terminal microphones’ is relatively difficult without
disassembling the devices, hence, no detailed compari-
son was possible in this study. However, by analyzing
the spectrum of the prepared stimuli it can be clearly
observed that the DECT- and IP-phone have a gentle
roll-off in the lower frequency range in comparison with
the simulations of the headset and mobile phone mockup.
This results in better reproduction of the low-frequency
components for the latter two devices and, presumably,
determining the better S-MOS scores. According to the
DT-290 headset specification, the frequency range of the
microphone is limited to 40 − 12000 Hz which is nar-
rower than the ITU-T standardized SB bandwidth which
is 50 − 14000 Hz. This property was confirmed by the
impulse response measurements. However, looking at the
subjective test results in Figure 2b for the SB and FB
modes there is only a little difference between them. This
confirms a common fact that a limitation of the low fre-
quency range is much more critical for quality than the
high frequency range, i.e., higher than 12000 Hz.

Summary

In the current study, a procedure for creation of a re-
alistic stimuli for subjective testing of speech quality in
noise was presented. The prepared stimuli enabled to test
a range of conditions addressing different noises, a noise
suppression algorithm, the Lombard effect and the termi-
nal types in the context of speech in noise. It was shown
that the application of the Lombard speech has similar
impact on quality as regular speech but there are cases
where it results in significantly lower quality. Moreover,
the applied noise suppressor indicated possibility that it
may be not trained to work with Lombard speech. Even-
tually, by comparing different terminals it was revealed
that they might have different impact on quality due to
their specific spectral characteristics and by introducing
additional noises.
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