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Summary

Quality of Service (QoS) and recently enhanced concept of definition and measurement of
customer experience (QoE) is a widely used concept of service assessment. This theses focus to QoE
measurements and optimization in telecommunications where rapid development of digital
technologies in the area of mobile telephony has led to an increased need for efficient resources
deployment while improving the customer’s subjective impression about the service provided.

Important results have been achieved recently in both subjective and objective domains for
voice and multimedia transmission QoS measurements. In the area of subjective testing several
experiments bringing new ways of understanding of QoE in voice and multimedia transmissions are
described, e.g. experiments with non-native listeners or listeners originating from various socio-
cultural environments. Also extensive conversational experiments challenging the paradigm of 30+
years old results preserved in ITU-T G.107 and G.108 are shown.

In the objective domain, the new application of ITU-T P.863 (POLQA) for e.g. military low-bit
rate connections is described, including the non-native user emulation capability. Also an algorithm
for conversational quality prediction, standardized afterwards by ETSI as TR 103 121 is briefly
mentioned.

Finally, future trends and research areas are sketched.



Souhrn

Kvalita sluzby (QoS) a v nedavné dobé nové definované méreni kvality zakaznické zkuSenosti
(QoE) jsou Siroce rozsitenou koncepci posuzovdni sluzeb. Tyto teze se zaméruji na hodnoceni kvality
zakaznické zkuSenosti v telekomunikacich, kde rychly rozvoj Cdislicovych technologii v oblasti
mobilnich komunikaci ved| ke zvysené potiebé optimalizace vyuzivani zdrojl pfi sou¢asném zlepseni
subjektivniho vnimani sluzby zakaznikem.

V oblasti méreni kvality prenosu hlasu a multimédii bylo v nedavné dobé dosazeno
vyznamného pokroku, a to jak v oblasti subjektivnich tak v oblasti objektivnich metod. V oblasti
subjektivnich méreni jsou popsany experimenty, pfinasejici nové zplsoby uchopeni QoE v oblasti
prenosu hlasu, napt. experimenty s nerodilymi posluchaci ¢i s posluchaci z odliSnych sociokulturnich
vrstev. Ddle jsou predstaveny obsahlé konverzacni experimenty, rozporujici paradigmata stanovena
pred vice jak 30 lety a zakonzervovana v doporucenich ITU-T G.107 a G.108.

V oblasti objektivnich méfeni je popsano nové vyuziti algoritmu ITU-T P.863 (POLQA) pro
napf. vojenské komunikace s nizkymi pfenosovymi rychlostmi s moZnosti emulace uZivatele,
nepouzivajictho ke komunikaci svlj rodny jazyk. Dale je zminén predikéni algoritmus pro odhad
kvality konverzace, ktery byl ndsledné standardizovan organizaci ETSI jako doporuceni TR 103 121.

Zavérem jsou naznaceny trendy a oblasti budouciho vyzkumu.
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1. Introduction

Multiple definitions of Quality of Service (QoS) and Quality of Experience (QoE) exist and
moreover these keep changing with time. Currently, two QoE definitions are recognized widely: one
drafted by ITU and another one by ETSI:

[1] ITU-T P.10/G.100: QoE is the overall acceptability of an application or service, as
perceived subjectively by the end user. Quality of experience includes the complete end-to-end
system effects (client, terminal, network, services infrastructure, etc.). Overall acceptability may be
influenced by user expectations and context.

[2] ETSI STF 354, (2010): QoE is a measure of user performance based on objective and
subjective psychological measures of using a service or product.

Quality of Service (QoS) is defined e.g. in [3] ITU-T E.800 (1994): QoS is the collective effect
of service performance which determine the degree of satisfaction of a user of the service. Thus, QoS
is rather technical term or set of parameters — as highlighted in alternative definition by [4] IETF RFC
2386: QoS is a set of service requirements to be met by the network while transporting a flow.

The following text is focused mostly to QoS and QoE measurements and innovations for voice
transmission in telecommunications. However, similar ideas are applicable for most of other domains
where QoS and QoE concepts are used, e.g. transportation or civil engineering.

Speech transmission during any call in the telecommunication network is affected by many
impairments; including delay, echo, various kinds of noise, speech (de)coding distortions and
artefacts, temporal and amplitude clipping etc. [25] Each transmission impairment has a certain
perceptual impact on the speech transmission quality and in case of multiple impairment types these
can mask each other. The overall quality can be evaluated and expressed in terms of a Mean Opinion
Score (MOS) [5], covering the range from 1 (bad) to 5 (excellent). Speech transmission quality
measurements are widely used to compare different coding and transmission technologies, or to
monitor the network performance. The traditionally proven but expensive subjective methods [5],
involving human listeners assessing many speech samples, have been partially replaced by objective
digital signal processing algorithm based measurements that either compare the original undistorted
signal to the received one [6] (so called intrusive or double-sided algorithms) or process only the
received version [7]. All these methods have been designed and tested on past and contemporary
telecommunication transmission standards that are widely used in common mobile and fixed
telecommunication networks, e.g. those using ‘toll quality’ voice encoding.

Within the last 25 years, several aspects and models of signal processing in the auditory
system have been applied to methods for objective speech quality measurement. In general, most
quality assessment methods, subjective and objective, aim to quantify the quality (or the quality
degradation) of a transmitted speech sample relatively to a non-degraded reference situation.



2. Speech and Multimedia Transmission Assessment Methods

2.1 Subjective methods

Subjective speech quality tests seek to quantify the range of opinions that listeners express
when they listen to speech transmission systems that are under test. For the evaluation of these
systems, many subjective assessment procedures have been developed and standardised over the
past decades [25]. The different methods may be distinguished by many aspects. They can, e.g.,
involve conversational tests or listening-only tests [5]. Conversational tests (i.e., tests where two
subjects have to listen and talk interactively via a transmission system) will achieve a more realistic
test environment for the assessment of speech quality. On the other hand, they are much more time
consuming to perform and are often subject to lower reproducibility [8].

For most cases the method recommended by [5] is therefore a listening-only test. Commonly
used subjective test methods are Absolute Category Methods, Degradation Category Methods,
Detectability Methods, Comparison Category Methods, and Threshold Methods. One widely used
method is the direct evaluation of the speech quality by an Absolute Category Rating (ACR). The
subject is presented with short groups of unrelated sentences which were passed through a system
under test. Typically, the subject's task is to rate his/her impression on a five-point scale with
absolute categories. An estimate of the quality is then the arithmetic mean of the responses of all
subjects which is called the mean opinion score (MOS). Other currently recommended assessment
methods are described e.g. in [9].

Subjective speech quality data acquired with good reliability and reproducibility generally
require large investments in terms of technical equipment and manpower. Such efforts are necessary
and accepted for standardisation or specification tests, that have been performed e.g. to establish
the GSM [10], AMR [11] or recently EVS [12] codec standards. The costs of these tests are, however,
unacceptable during the development of algorithms and devices. Therefore non-auditive
instrumental methods for a quality judgement have been of great interest for a long time already.

2.2 Objective methods

The goal of objective speech transmission QoS measurement is to predict speech
transmission quality based on objective measures of physical parameters and properties of the
speech signal waveform [25]. An automated implementation of an objective test requires
significantly less effort, time and expense than the corresponding subjective tests. On the other
hand, often a considerable difference between objective and subjective test results is observed [13].
In this case subjective results are generally considered to hold the "correct answer". The
performance of objective measures is therefore judged by their respective ability to approximate the
subjective speech quality results as closely as possible.

The most recent achievement of ITU-T is [6] P.863 POLQA, an objective method for predicting
overall listening speech quality from narrowband (300 to 3 400 Hz) to super-wideband (50 to 14 000
Hz). It defines a single algorithm for assessing the speech quality of current and near future
telephony systems utilizing a broad variety of coding, transport and enhancement technologies. The
measurement algorithm is a full reference model which operates by performing a comparison
between a known reference signal and a captured degraded signal. This is consistent with the
algorithms described in previous recommendations ITU-T P.861 and P.862.



3 Advances in subjective testing methods
3.1 Conversation tests to detect delay and echo sensitivity [8], [21]

To confirm or challenge the knowledge of human sensitivity to delay and talker echo as
experienced during telephone conversation reported in [14], a set of conversational tests according
to [15] ITU-T P.805 in English and Czech were run. The author observed already in his past
experiments [16] severe differences in human perception compared to [14]. The test scenarios were
defined in order to create several conversational interactivity levels between the two subjects
involved in each conversation. To take into account the interactivity between the talkers, a new
parameter called Talker Alternation Rate (TAR) is introduced. In some previous works (e.g. by F.
Hammer in [17]), Speaker Alternation Rate (SAR) was used to denote the same, however, SAR can
make confusion having alternative meaning of Specific Absorption Rate. Therefore, authors of this
contribution propose to use TAR instead.

The subjective conversation tests covered the following characteristics:

. 3 coders: G.711 [18] A-law, G.729AB [19] (@ 8kbit/s), AMR-NB [11] (@ 12.2kbit/s)

° 3 delay values: 100, 300, 600 ms one-way delay

. 2 echo situations: weak echo, strong echo, TELR= 46dB, 32dB [20]

. 3 levels of interactivity i.e. different categories. The exact test scenarios can be found

in Annexes B and C of ETSI TR 103 121 [21] and are mostly based on the scenarios
defined in ITU-T P.805 [15].

. 54 conditions in English and 18 conditions in Czech, in total 72 conditions
. 48 votes per condition (equals to 3456 votes in total)
. The equivalent of a reference terminal - real-time adaptation to ES 202 737 [20] in

send and receive direction, with diffuse field correction as per ITU-T Recommendation P.57 [22].

The subjective conversational tests have been performed on 24 English and 8 Czech native
talker pairs. The test environment conformed to ITU-T P.800 [5] requirements. A proprietary
DSP-based real-time network simulator has been designed, assembled, calibrated and used for the
tests. Its terminals have been calibrated on Head and Torso Simulator as specified in [20].
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Fig. 3.1: Subjective test results example: G.711 coder and two tested TELR values (32dB,
46dB) including CI95% uncertainty intervals. Corresponding E-model (G.107) results are shown, too.
The valid measurement points are highlighted by symbols and are located at positions 100, 300 and
600ms, the connecting lines are shown for informative purposes only [21].
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Fig. 3.2: Subjective test results example: G.729AB coder and two tested TELR values (32dB,
46dB) including CI95% uncertainty intervals. Corresponding E-model (G.107) results are shown, too.
The valid measurement points are highlighted by symbols and are located at positions 100, 300 and
600ms, the connecting lines are shown for informative purposes only [21].
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Fig. 3.3: Subjective test results for G.711 coder and TELR = 32dB, split for 3 different
interactivity levels based on TAR analysis, including CI95% uncertainty intervals. Corresponding E-
model (G.107) results are shown, too. The valid measurement points are highlighted by symbols and
are located at positions 100, 300 and 600ms, the connecting lines are shown for informative purposes
only [21].
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Fig. 3.4: Subjective test results for G.729AB coder and TELR = 32dB, split for 3 different
interactivity levels based on TAR analysis, including CI95% uncertainty intervals. Corresponding E-
model (G.107) results are shown, too. The valid measurement points are highlighted by symbols and
are located at positions 100, 300 and 600ms, the connecting lines are shown for informative purposes
only [21].
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As outlined above, the graphs are derived to show the differences between the E-model [14]
and the new approach. In fact, two different values of MOS-CQ are obtained for each combination of
input parameters (codec, delay, echo level, etc.):

-The E-model (G.107) output, recalculated from R to MOS scale (referred further as ,,E-model”)
-MOS-CQS as obtained by subjective tests with appropriate 95% confidence intervals (CI95%)

Results obtained for other coder, TELR and TAR combinations can be found in [21]. For low
echo condition of TELR=46dB, the subjective sensitivity to delay is significantly lower than as
predicted by E-model. The typical difference between MOC-CQS for 100ms and 600ms is for low echo
condition approximately 0.5 MOS. For coders deploying higher perceptual compression (G.729AB)
affecting the listening quality the MOS-CQS becomes for stronger echo (TELR=32dB) non-monotonic
with new local minima located (in our case) at 300ms. Similar effects have been accidentaly reported
by various labs in previous experiment but usually neglected and rendered out by data interpolation.
This feature was first identified in [16].

3.2 Listening tests with subjects originating from different socio-cultural environments [26]

There are many impairment types that can affect conversation experience in
telecommunications. One of the most significant is delay, because it directly influences QoE. As we
said earlier effects of delay can be assessed by means of conversational tests. We focused on
teleconference calls, which are often for business calls or online lessons. Because there are
recommendations only for conversation between two users, the methods from [5] and [15] have
been extended to conversation of three participants.

The relationship between delay and resulting MOS score is known (i.e. [14]) and is reflected
by many algorithms. The way how delay affects users depends on many factors. We aim to prove
that among others it is socio-economic background of user. Therefore, the following tests in Czech
language have been designed. Experiment was conducted in four separate rooms (Fig. 3.5) to avoid
direct contact between the respondents. One of the rooms fully meets the requirements of the
recommendation P.800 - reverberation 182ms, noise below 30 dB SPL(A). The second and third
rooms meet the requirements of reverberation time <500ms, the other parameters have not been
measured in the room. In the fourth room the technical background of the experiment, the network
simulator and seat for experiment supervisor are located.

separate room separate room

for \ central room /‘ for
conversation of the network conversation

simulator

separate room
for
conversation

Fig. 3.5: Test-bed [26]
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Respondent's posts include telephone chassis with standard handset. The signal from a
handset microphone is pre-processed and routed into the central part of the simulator (Fig. 3.6). In
the opposite direction is carried signal to the loudspeaker. The signal from the microphone is pre-
processed in microphone amplifier (SHARK). The central part of the simulator consists of two digital
signal processors. The first processor (DCX A) made a filtration with a Butterworth high-pass filter
48" level, 303Hz and low-pass filter Bessel 24™ level, 3031Hz. Furthermore, the DCX A sets the first
part of the variable delay in the range of 1-582 ms. The processors are connected so that each of the
three inputs of DCX B is the sum of the two different analogue outputs of DCX A. In the DCX the
second part of the delay B is implemented and output signals are carried into the handsets of the
respondents.

MIK 1 SHARK

DSP 110
—
respondent 1
L IN1A OUT 14 INTB
| analog =
MIK 2 SHARK IN 24 DCX A % sumof N2B_, DEX B
psPi110 > oUT 34 | signals |nzs |
~— IN 34
respondent 2 i
MIK 3 SHARK
"1™ pse 110 [—
A
respondent 3 REF 1
REP 2
REP 3

Fig. 3.6: Block diagram of network simulator [26]

Delay is defined as time needed for voice signal to travel from talker to listener. Delay of
telephone call in an IP network has several different causes. On the speaker’s side it is particularly
encoding, packetisation and controller interface. On the side of listener it is buffer, depacketisation
and decoding. Causes of delays in the IP network itself are in particular: limited speed of signal
transmission in the network and signal processing time of involved components such as routers and
converters. The speed of the signal transmission is a particular problem when the call is made for
long distance or part of the route is led via satellite. In this experiment the following values of delay
were adjusted: 62, 337, 612, 887 and 1176ms.

Certain criteria must be met in selection of participants. They are described in detail in [6].
Among others participants should not be experts in area of telecommunication and they should have
no hearing impairments. As it was proven in previous experiments described in (i.e. [23]),
participants are not able to distinguish between individual values of delay sometimes. Therefore all
participants were instructed prior to testing that they should focus on delay.

Because of nature of the experiment participants with different socio-economic background
were needed. We decided to divide participants into two groups named ,,Managers” and , Students”.

,Managers” are people with higher education, with prestigious job position, above average
income and their age is higher than 35. They got used to certain standards and they are willing to pay
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for quality. Also they expect to get quality they paid for. On the contrary, ,Students” have lower
income than average and are willing to easier accept cheaper services. It was not necessary for
participants from this group to be actually studying at the time when tests took place.

55 people participated in our experiment: 43 in group of Students, 9 in group of Managers.
Other 3 participants were part of pre-test session, which was used for selection of conversation
scenarios and proper way of session instruction. The numbers of participants in both groups clearly
show that Managers are much more difficult to acquire for participation in subjective tests.

There are several ways to conduct conversational tests. In this project so called weakly
defined scenarios [15] based on real everyday life situations, 2 to 3 minutes long, were used. We
tried to find scenarios which will be interactive enough and symmetric if possible:

-Selecting gift — selecting a present for friend, every participant have different budget and
preferences

-Work on weekend — unexpected emergency work on weekend, participants already had plans for
-Party — participants are organizing party,

-Sport — participants have to decide which sport they will play, they have different preferences
-Culture event - participants have to decide which culture event they will attend, they have different
preferences

Instructions for participants consisted of two parts — common for all 3 participants and
individual for each of them.

As seen from Figs. 3.7 and 3.8 there is difference between our two groups. In case of both
groups the quality drops with increased delay. It is also clear that confidence intervals are bigger in
case of ,Managers” due to limited number of participants in this group.
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Fig. 3.7: MOS values for the group “Students” [26]
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Fig. 3.8: MOS values for the group “Mangers” [26]

Surprisingly from Fig. 3.9 follows that ,Managers“ are more tolerant to delay than the
,Students”. This finding is directly opposite to original presumption that the ,Managers“ should be
more demanding.

MOS difference
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Fig. 3.9: Difference between the groups “Managers” and “Students” and its CI95.
Important CI95 non-crossings with zero are obvious for the first two and last measured points [26]
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It was proved that there actually is difference between groups of users with different socio-
economic background. It may be considered surprising that the ,Managers”, who we assumed
should be used to higher standard, are less demanding. We suppose that this can be due to their
higher experience with teleconference calls, or even due to the fact that they are usually older than
participants from group of the ,Students”, so they remember older technologies with less quality and
are used to communication for longer distances. This was proven in [24]. On the other hand in [25]
was proven that MOS scale shifts during time even for same group of listeners.

3.3 Listening tests with subjects of different language proficiency [27], [28]

In many practical cases, the communication in the telecommunication network is carrying a
non-native language for one or more conversation participants. Typical examples are e.g.
international and/or roaming calls in today’s public fixed and mobile telecommunication networks or
communications in military radio telecommunication networks during multi-national tactical
operations, international governmental organisations or multi-national companies. There are
procedures to automatically estimate perceived quality of the transmitted speech [6] and their
results correlate well with subjective experiments carried on native speakers and native listeners.
However, it is not clear if the effect of listener non-nativity can affect the quality perception. This
work examined methods to quantify such effects by listening test results performed on non-native
listeners, pre-sorted according their English proficiency.

Unfortunately, there are contradictory hypotheses about such an influence:

. Non-native listeners have higher difficulties to understand the contents even for less
distorted samples as native listeners, thus they should assess quality worse (=giving generally lower
scores) than native listeners.

. Non-native listener’s brain is more occupied by message content decoding than in
case of native listener, thus the quality assessment should not be so detailed, so some impairments
can be missed, thus the final scores should be higher than for native listeners.

A speech database fulfilling P.800 requirements and containing two background noise
conditions (no noise / Hoth noise +10dB SNR) has been recorded on selected coders (PCM 8 bit [18],
GSM 06.10 [10], MELPe 2.4 kbit/s [29]). The final database contained 120 different sentences spoken
by native English speakers. Voices of more than 2 female and 2 male speakers, recorded in studio
environment, have been used. In each case, 15 sentences per condition (noise+coder, see Table 1)
have been prepared. The active speech level as per ITU-T P.56 has been equalized to -26 dBoV that
corresponded then to 79 dB SPL (A) during the listening tests.

Subjective tests have been carried out on naive subjects as required by P.800. Their age was
in the range between 20 and 30. None of them was a native English speaker, the nationalities
represented in the group were: Czech, Slovak, Italian. The English proficiency of each subject has
been verified by short quiz, composed by played-out English sentences/articles and followed by set
of questions to be answered in a written using multiple-choice principle. The language test lasted 7
minutes and was always performed right before the quality testing. The maximum achievable
number of points in the language test was 21. Based on the language test results, the subjects were
assigned to one of 3 categories:

° “Beginners” (0-3 points)
. “Intermediate” (4-10 points)
. “Advanced” (11-21 points)

The subjects were not informed about their results after the language tests.
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Subjective tests as per ITU-T P.800 [5] have been performed on the above mentioned 120
sample database. The subjective listening-only tests have been performed in a critical listening room
where up to 8 listeners can be seated. The reverberation time of the room is 185 ms and natural
background noise less than 25dB SPL (A). The samples have been played-back in random order, by
means of digital playback system with SNR higher than 90 dB. The loudspeakers were actively
compensated to achieve transition ripple less than 0,8 dB in audible frequency range. Multiple
sessions have been run always with different listeners. In total, 36 votes per sample have been
obtained, 13 per “Beginners”, 11 per “Intermediate” and 12 per “Advanced” groups.

For verification purposes, similar subjective tests as described above have been performed
using the same database but on native listeners. This experiment was carried out by the author in Los
Angeles, California, in April 2008. The test subjects were students of Cal Poly Pomona. The purpose of
the test was to compare influence of (non-) nativity and different expectations of both groups of
subjects, coming at the same time from different continents. Test subjects were seated in standard
class room with only basic anechoic measures (plasterboard lining). The play-out system used non-
compensated loudspeakers with transition ripple up to 9 dB in audible frequency range.

Due to different expectations driven by different communication technologies used in
different countries and also due to different environmental conditions (room and equipment) the
experimental results achieved on native and non-native listeners can not be directly compared. This
is also well noticeable from Table 3.3 where Pearson correlation coefficients are reported. The
results coming from native listeners provide significantly lower correlations with all other listener
groups than in the remaining rows (where results between two non-native listener groups are
reported). Note that correlation calculation is invariant to offset and gain changes so the systematic
offset identified between “Advanced” and other non-native groups is not influencing the results in
Table 3.3.

Test results are given in the following tables and figures. A special attention has been paid to
differences in quality perception between Advanced group and the remaining two non-native
(Intermediate and Beginners) groups. Per-condition results are listed in Table 3.2 and shown in Figure
3.10. Figure 3.11 shows results per sample. Both per-condition and per-sample results shown clear
shift in subjective scoring of non-native listeners and the difference between Advanced and both
other groups (Beginners and Intermediate) is about 0.5 MOS for the entire MOS scale. The difference
between Intermediate and Beginners is not so evident (not shown in the pictures) and fits within
confidence intervals of subjective experiments. The results of native listeners testing are reported in
Fig. 3.12.

Table 3.1. Subjective test results (per condition)

MOS-LQSn MOS-LQSn MOS-LQSn
Condition Noise type Coder
Advanced Intermediate Beginners
1 no noise clean 4,38 3,78 3,88
2 no noise PCM 8bit lin. 3,32 2,87 3,09
3 no noise GSM 06.10 2,51 1,81 1,75
4 no noise MELPe 2.4 2,87 2,58 2,44
5 10 dB Hoth clean 3,55 2,74 2,61
6 10 dB Hoth PCM 8bit lin. 2,75 2,35 2,36
7 10 dB Hoth GSM 06.10 1,94 1,48 1,33
8 10 dB Hoth MELPe 2.4 2,16 1,91 1,85
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Fig.3.10: Subjective test results per condition, comparison between “Advanced” and other
(“Intermediate” and “Beginners”) groups. 95% confidence intervals (CI95) are reported [27]
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Fig. 3.11: Subjective test results per sample, comparison between “Advanced” and other
(“Intermediate” and “Beginners”) groups [27]
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Fig. 3.12: Comparison between non-native and native listeners with different expectation factors [27]

Table 3.2. Pearson correlation coefficients between different listener groups (“per condition” results)
[27]

Native Advanced |Intermediate| Beginners
Native 1,000 0,670 0,789 0,758
Advanced 1,000 0,972 0,957
Intermediate 1,000 0,991
Beginners 1,000

It is evident from the results that both non-advanced groups of non-native listeners (means
“Beginners” and “Intermediate”) scored the samples systematically lower than “Advanced” listeners.
It means that the first hypothesis mentioned before was confirmed. The offset is approximately 0.5
MOS along the entire MOS scale.

This systematic offset can be conveniently used to re-map objective algorithm output to
bring the algorithm result closer to “conventionally correct” (meaning subjective) results in case the
communication in the telecommunication network is carrying a non-native language for one or more
conversation. Such correction can impact significantly e.g. threshold-based decisions on link quality
acceptability in automatic measurements performed by network monitoring systems or drive-test
systems.
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4 Advances in objective testing methods

4.1 P.863 Aplication for low bit-rate and high packet-loss connections [28]

To provide the ability to measure voice transmission quality, objective methods like ITU-T
P.863 [6] are widely deployed. Such methods are widely used to compare different coding and
transmission technologies, or to monitor the network performance. All these methods have been
designed and tested on telecommunication transmission standards that are widely used in common
mobile and fixed telecommunication networks, e.g. those using rather good voice encoding. The
application of objective digital signal processing based methods to any other area, such as special
radio communication networks [30] that deploy low bit-rate speech coding and transcoding must be
carefully verified by proper testing and result comparison with subjective assessment. This can widen
algorithm potential applicability area beyond its scope, declared by its authors in [6].

To verify POLQA [6] for low bit-rate coded speech, the following tasks had to be performed:
-Selection of coders and conditions, sample database recording
-Subjective testing
-Objective testing
The following coders have been selected:
-PCM 8bit, 8kSa/s [18]
-GSM 6.10 (Full Rate) [10]
-MELPe 2.4 kbit/s [29]

Two background noise conditions (no noise / Hoth noise +10dB SNR) have been defined. For
each coder and condition combination, 11 different sentences have been recorded, 5 male and 6
female voices, using 2 male and 2 female native speakers. The test language was French as one of the
NATO commanding language. Including original (undistorted) samples, 88 samples have been
generated in total, 25% of them being affected by low bit-rate MELPe coder.

Subjective testing complying to ITU-T P.800 [5] have been performed on the entire database.
Each sample has been evaluated at least by 24 listeners as required by [5] using Opinion Score 1..5.
Afterwards, the per-sample and per-condition MOS values have been calculated by averaging and
confidence intervals CI95 have been calculated. Per condition MOS values are shown in Table 4.1.
below.

Table 4.1. Subjective test results

Condition No. Technology MOS-LQSn
1 Original sample 4,62
2 PCM 8kSa/s 3,22
3 GSM 6.10 2,55
4 MELPe 2.4 2,92
5 Original + Hoth 3,55
6 PCM 8kSa/s + Hoth 3,06
7 GSM 6.10 + Hoth 1,72
8 MELPe 2.4 + Hoth 2,11
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For comparison between subjective and objective results, the following algorithms have been
selected for analysis [6]:

ITU-T P.862 — PESQ
ITU-T P.863 — POLQA narrowband
ITU-T P.863 — POLQA super-wideband

Similarly to subjective test analysis, the objective per-condition MOS values have been
obtained by averaging always 11 results coming from each speech sample. The objective scores are
listed in Table 4.2, see below. Also Pearson correlation coefficient showing the correlation between
particular objective method results and subjective results is reported.

Table 4.2. Objective test results [28].

Condition No. PESQ POLQA NB POLQA SWB
1 4,55 4,48 4,72
2 2,91 3,48 3,11
3 2,63 3,07 1,56
4 2,67 3,40 2,70
5 1,83 2,87 2,83
6 1,79 2,72 2,48
7 1,58 2,5 1,61
8 2,00 2,43 1,87
Correlation with subjective

tests 0,71 0,80 0,92

The results are also shown in Fig. 4.1, combining all 3 objective algorithms and the subjective
results into one graph.
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Fig.4.1 Results of PESQ, POLQA NB and POLQA algorithm and subjective test results
comparison [28]
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The comparison between objective and subjective results shows high correlation between
subjective MOS and POLQA-SWB scores even for speech sample databases including significant
portion of low bit-rate samples. Despite the fact the POLQA algorithm is presented by its authors as
unsuitable for coding technologies below 4 kbit/s, it can be stated that POLQA-SWB can be used even
for low bit-rate coded speech measurements, even though more samples and more languages should
be tested to validate this statement.

4.2 Conversation QoE predictor ETSI TR 103 121 [21]

Today, the current E-model, defined in the ITU-T Recommendation G. 107 [14], is rarely used
to support decisions before changes are implemented in a network due to its complex and obsolete
content. Network planners asking how much impact deployment of a new technology will have on a
QoE. Therefore an algorithmic estimator has been developed that implements the parameters
effectively impacted by these new technologies. Instead of providing instructions for many
parameters, most of which finally are left at their default values, it is better to hide these parameters
inside the tool, and make only most important network parameters available, such as delay, talker
echo, listening quality and interaction level. In order to compare the developed approach with the E-
model, several graphs are provided as a result of the project, comparing subjective results, the new
predictor outputs and the E-model values for a number of variable parameters. The newmodel was
designed and trained based on polynomial fit of subjective test data. Only English data have been
used for the training, but the model was validated for Czech data, too [8]. Its input variable values
are:

-end-to-end delay

-the talker echo (TELR)

-Talker Alternation Rate (TAR)

-Coder used (affecting listening quality)

It should be noted the model is quite simple as the number of parameters is currently
limited. Further subjective data would be needed to properly consider other important parameters,
e.g., the effect of background noise or other possible impairments.

However, for the given set of subjective data it achieves significantly higher correspondence
with conversational subjective data than the E-model in the context of different call types. It also
considers the influence of call interactivity and distorted echo that is not considered by E-model at
all.

The following analyses have been performed and are reported in Table 4.3:

-Pearson correlation coefficient R between MOS-CQS and E-model output. This analysis
shows the differences between existing standardized estimator and subjective test results.
-RMSE* against E-model (root mean squared error with suppressed influence of subjective
testing uncertainty). This analysis shows the differences between the nearest CI95% interval
border and the standardized E-model result (zero if the E-model output is located within the
Cl95% interval).

-Pearson correlation coefficient R between MOS-CQS and the developed predictor output.
This analysis shows the difference between the developed predictor and subjective test
results.

-RMSE* against the developed predictor (root mean squared error with suppressed influence
of subjective testing uncertainty). This analysis shows the differences between the nearest
Cl95% interval border and the developed predictor (zero if the predictor output is located
within the CI95% interval).
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Table 4.3 Result analysis overview [8]

MOS-CQS versus E-model MOS-CQS versus new model
R 0,546 0,911
RMSE 1,984 0,148
RMSE* 1,722 0,029

The comparison of results of tests performed in Czech language and in English language
clearly indicates insignificant systematic offset (0.2 MOS in average) causing Czech testers being
virtually more demanding (more critical), however, the reason of this systematic offset is not clear. It
can be caused e.g. by slightly lower average TAR for Czech tests (32,6) than for English tests (34,4) or
by different age distribution or by other unknown reason.

As follows from Table 4.3, the new estimator outperforms the E-model for the given set of
test conditions in R, RMSE and RMSE* parameters. However, due to the following significant
differences, the estimations provided by the E-model and the new model can not be directly
compared:

The E-model is a complex model taking into account a lot of different parameters and due to
its rather pessimistic results (in particular linked with high delay figures) it delivers safe predictions
during network planning phase or to guarantee a high quality e.g. for business calls. However, its
results are questionable to use during the operational phase and are impaired by a lack of
fundamental inputs like interactivity (characterized by TAR). Also the amount of distortion in echo
caused by multiple coding of the echo signal is not reflected (only TELR and echo delays are
considered).

The new model, on the contrary, provides a good match with MOS-CQS (conversation
quality) because one of its major innovations - taking into account the interactivity between the
talkers and to introduce the new parameter TAR which is very important for the overall quality of
speech conversations. The results provided by the developed model (see graphs presented in the
ETSI TR 103 121 [21]) and a reference implementation give the opportunity to determine the
expected quality of communications, taking into account delay, talker echo, listening quality and TAR.
However, to be wider applicable, it should be extended towards other parameters such as noise
(effects of noisy environments and of noise cancellation), and bandwidth (considering wideband and
super wideband speech).

The developed model applies in particular for new IP-based networks where the end-to-end
delay may be high and could be seen as a model dedicated to NGN and new mobile networks (e.g.
UMTS and LTE). The model has been approved as ETSI TR 103 121 [21] and is available on
http://www.etsi.org/standards
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5. Future research challenges

New areas for QoS and QoE research in telecommunications are emerging due to technology
development and user experience expectations development. The new signal coding principles must
be followed by properly working algorithms for their transmission testing (e.g. EVS [12].). As the
future speech coding techniques might be based rather on speech recognition including emotion
detection etc. and consequent speech synthesis (such approach would greatly reduce required
bandwidth), completely new subjective and objective testing procedures might be needed, covering
much wider area of research (emotion detectors, synthetic speech quality testing, etc.). Small steps
towards this direction are already being made

Another obvious trend in subjective testing is an attempt to bring the test situations and
conditions closer to the real situations where the tested technology will be used in practice. Thus,
subjective testing might be moved from laboratories and anechoic chambers to real environments
and/or parallel mental or physical tasks might be introduced [32]. The new methodologies will thus
incorporate knowledge from field of usability testing, psychology, etc. The challenging task, of
course, will be maintaining or even improving the test repeatability and robustness compared to
current laboratory test procedures.
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