VoIP-based Calibration of the DQX Model

Christos Tsiaras, Manuel Résch, Burkhard Stiller
University of Zurich, Department of Informatics (IF1), Communication Systems Group (CSG)
Binzmiihlestrasse 14, CH-8050 Ziirich, Switzerland
tsiaras@ifi.uzh.ch, manuel.roesch@uzh.ch, stiller@ifi.uzh.ch

Abstract—In the Internet Protocol (IP) ecosystem, Qual-
ity-of-Experience (QoE) is important information needed
by Service Providers (SP) to improve their services. How-
ever, end-user’s satisfaction, which can be reflected by QoE
metrics, cannot be easily measured like technical variables,
such as bandwidth and latency. QoE can either be esti-
mated through mathematical models or it can be measured
through an experimental setup. In this work a Voice-over-
Internet Protocol-based (VoIP) QoE measurement setup
has been designed to capture end-user’s QoE in VoIP ser-
vices. The data measured during these experiments are
used to define all necessary parameters of the Deterministic
QoE model (DQX) in this VoIP scenario. Such a calibration
of the model is essential to adapt it to the particular service
and its technical and non-technical conditions in which it is
used. Furthermore, those DQX results achieved are com-
pared with those results of the IQX Hypothesis and the E-
Model, being proposed by the ITU-T. Thus, it is finally
shown that DQX can capture more accurately end-user’s
QOoE in VoIP scenarios.

Index Terms—Quality-of-Experience (QoE), Voice-over-IP
(VoIP), Mean Opinion Score (MOS), E-model, 1QX
Hypothesis, DQX model

1. INTRODUCTION

Quality-of-Service (QoS) is defined application-specif-
ically by a value threshold of technical variables such as
latency, packet loss, and bandwidth. These values are
well known for different technologies and services and
they can be measured [11]. Furthermore, selected values
of those variables are often used for marketing purposes,
e.g., Mobile Network Operators (MNO) and Internet Ser-
vice Providers (ISP) advertise high bandwidth” or high
performance”. However, QoS variables are not explicitly
linked to the end-user’s satisfaction. It is naive to con-
clude that end-users’ Quality-of-Experience (QoE) can
be increased by adjusting one QoS variable, because the
relationship between QoS variables and end-users’ expe-
rience depends on the Type-of-Service (ToS). Large
latency can serve as an example here, since latency has a
higher negative effect on Voice-over-Internet Protocol
(VoIP) services than on video streaming [5].

Therefore, this work here is focused on defining the
deterministic relationship between QoS variables and
QoE in the VoIP scenario. The four step QoE formaliza-
tion methodology in this work reads as follows: (1)
Define an experimental setup allowing for the emulation
of various network connection performance settings on
jitter, latency, packet loss, and bandwidth; (2) perform
test VoIP calls in pre-defined experimental setups and
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collect QoE-related feedback from end-users in terms of
Mean Opinion Scores (MOS) [7]; (3) use the feedback
collected to determine through non-linear regression the
Deterministic QoE (DQX) model parameters for different
variables in this VoIP scenario; and (4) compare DQX
[24] to the two QoE-predicting models, the exponential
relationship connecting QoS parameters, called 1QX
Hypothesis [3], and the E-model [12] of the Telecommu-
nication Standardization Sector of the International Tele-
communication Union (ITU-T).

In support of the accurately and timely measurement of
QoE for VoIP services a Web Real-Time Communica-
tions (WebRTC) VoIP client was newly designed and
developed such that it collects directly all necessary user
feedback from experimental VoIP calls under different
network conditions in various scenarios. Those varying
network conditions are emulated by the network emula-
tion framework WANem [23], which utilizes a real net-
work. Therefore, three computers were attached to each
other through a switch via Local Area Network (LAN)
cables. Using such an experimental architecture guaran-
tees a fully controlled network emulation that is not influ-
enced by external traffic.

This experimental setup served for the collection of
more than 500 data points and was used to evaluate how
accurate the previously mentioned QoE-predicting mod-
els [3][12] reflect these collected data points. In this
experiment, it was shown that the DQX model is the
most accurate model to capture QoE in given scenarios.
Moreover, there exist by now two additional evaluations
of the DQX model concerning (a) the influence factor of
a variable that affects QoE and (b) the proposed equation
that estimates QoE, when multiple variables are consid-
ered simultaneously.

The remainder of this work is structured as follows.
The background and related work is discussed in Section
II. Section III describes the design and utilization of the
experimental setup. Section IV presents results collected
and evaluates the outcome by comparing the DQX model
to related work. Finally, Section V summarizes this work,
draws conclusions and discusses critical thoughts
required for future work.

II. BACKGROUND AND RELATED WORK

While the MOS [7] determines a commonly agreed
upon scheme to evaluate VoIP services from an end-
user’s perspective, different QoE models exist in the lit-
erature, capturing QoE for various services. The most
well known QoE models are (1) the E-model [4] for VoIP



services and (2) the IQX Hypothesis [3] which is a
generic exponential QoE model. DQX will be compared
with those two models, to show that it captures in a more
accurate way the end-users’ satisfaction.

A. Mean Opinion Score (MOS)

To capture the end-user’s experience in QoE experi-
ments, the five-point opinion scale recommended by the
ITU [7] was applied. This opinion scale is used in many
QoE-related research and determines an excellent basis
for comparing results. This scale defines scores from one
to five, while each score defines a certain meaning. The
ITU recommendation [8] assigns to each score an
English word (cf. Table 1).

Table 1: MOS Levels of End-to End Perceived Quality

Score Quality
5 Excellent
4 Good
3 Fair
2 Poor
1 Bad

B. E-model

The E-Model is a transmission planning tool that can
be used to predict QoE for a typical telephone user in an
end-to-end (e2e) conversational scenario. The model
takes a wide range of transmission variables into account
and it can be used to assess the voice quality of wired and
wireless services, based on circuit-switched and packet-
switched technology [4].

The output of this model is — in contrast to other mod-
els — not in form of MOS values. The E-model uses the
Transmission Rating Factor R as output, which can be
transformed into MOS and, therefore, it becomes possi-
ble to compare the E-model to other models [12], too.

The E-Model uses mathematical algorithms based on
the analysis of a large number of subjective tests with a
wide range of transmission variables. These algorithms
can transform transmission variables into “impairment
factors”. According to the E-model tutorial [4], five
impairment factors are used to calculate the R value.

*Ro: Expresses the basic signal-to-noise ratio, includ-
ing various noise sources, such as circuit noise and
room noise.

*Is: This term takes impairments into account that exist
more or less simultaneously with the voice signal,
such as, (a) too loud speech level, non-optimum
Overall Loudness Rating (OLR), (b) non-optimum
Side Tone Masking Rating (STMR), and (c¢) impair-
ment caused by quantizing distortion.

*Id: This factor represents all impairments that are
caused by too long absolute delay and potential echo
effects on both talker’s and listener’s side.

le: Equipment impairment factor represents impair-
ments that are caused by the respective codec used
and packet-loss.

*A: The advantage, or expectation factor, considers the
advantage of service access. E£.g., a user in a region
which is hard to provide connectivity, such as regions
where a satellite link is needed, expects a lower qual-
ity, and therefore, tolerates more impairment.

Equation 1 considers all impairment factors to calcu-

late the R value [12]:

R=Ro-Is—Id—Ie+ A4 ))

All impairment factors are calculated through algo-
rithms that take several transmission variables as input.
An overview over all variables being used for the calcu-
lation is illustrated in Figure 1, where a telephone con-
nection and all impairment factors affecting the quality of
the conversation according to the E-Model is illustrated.

As can be seen in Figure 1 the E-Model has a high
complexity considering many different parameters. A
detailed calculation of each impairment factor can be
found in the ITU-T recommendation G.107 [12]. A ques-
tion of this work is if the DQX model which has a com-
paratively low complexity can keep up with the E-Model.
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Fig. 1: Reference Connection of the E-Model [12]

C. 10X Hypothesis

The IQX hypothesis proposes a generic formula, which
can predict QoE for specific QoS variables. While many
formulas in this field are based on a logarithmic relation-
ship between QoS and QoE, such as the ITU-T formula
in [6] or the formula in [17], the IQX hypothesis applies
an exponential approach. This approach is proven to be
more accurate through non-linear regression and compar-
ison of the correlation coefficient [3].

The exponential formula is derived from the idea that
the change of QoE depends on the current level of QoE,
given the same amount of change of the QoS value.
When a linear dependence on the QoE level is assumed,
the relationship can be written as a differential equation
and this equation can be resolved to the final formula of
this Hypothesis (cf. Equation 2) [3]

gg—zg~—(QoE—y)—>QoE =a-eBQ9+y ()

Equation 2 contains the three parameters a, B, and y
which must be determined by experimental sessions



where non-linear regression is applied to the collected
MOS. Such a regression was made in a VoIP scenario for
packet loss and the resulting formula, including the found
values for a, B and v, is presented in Equation 3 and illus-
trated in Figure 2 [3].
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Fig. 2: QoE Mapping Function of Packet Loss Ratio in the
1QX Hypothesis [3]
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Fig. 3: IV and DV of the DQX Model [24]

D. Deterministic QoE Model (DQOX)

The DQX model [24] is illustrated in Figure 3 through
an exemplary plot of the two types of variables, which
DQX considers affecting QoE. DQX, like the 1QX
Hypothesis, uses an exponential approach to link QoS
variables and QoE. The difference between the two mod-
els is that DQX is deterministic and, furthermore, pro-
poses a way to calculate QoE with multiple QoS
variables as an input. This work here has its main focus
on the DQX model.

For every service, there are diverse technical, such as
latency or bandwidth, as well as non-technical variables,
such as price, which affect QoE. The model distinguishes

between two types of such variables. There are (a)
Increasing Variables (IV), which increase the user’s satis-
faction with their growth, and there are (b) Decreasing
Variables (DV), which do the opposite. For all these vari-
ables there exists a certain value at which the user is sat-
isfied with the service. These values are called expected
variable values and they are either defined in the Service
Level Agreement (SLA) between the service provider
and the customer, or by service-specific constraints. The
expected variable value — see Figure 3 in the DQX for-
malization — is the x, value and the end-user’s satisfac-
tion corresponding to x is defined as e

The idea of the model is that there is a minimum user
satisfaction ¢ and a maximum user satisfaction M. The
IV curve begins in (x,,;, u) and crosses (x,, ey towards
(X,uae M). For the DV curve it is vice versa, QoE begins
with the user satisfaction (x,,;,, M) and decreases through
(xg ep) towards (x,,,. u). The benefit of the DQX
approach is that it adds logic behind the IQX hypothesis
parameters a, 3, and y, which are defined in [3] through a
non-linear regression.

Since the shape of the graph differs for each service,
technology, and user-base, the model introduces the
influence factor m. As illustrated in Figure 4, the m value
leads to different shaped graphs. For small values the
graph is flat and for high values of m it steepens [24].
Thus, m shows how fast QoE is affected by a given fluc-
tuation of a variable.
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Fig. 4: IV Example with Different m Values in DQX Model

Moreover the model differs between the m value
describing the QoE curve above and below x,. Depend-
ing on the variable’s value x, m is called m " if x>x or m™
if x<x,. For x=x,, m does not influence the QoE curve at
all [24]. In general m might be a function of the variable’s
value x (m=f{x)). However, in this work only two values
of the influence factor have been considered. The m value
used for the graph for x above x is called m* and the m
value used for the graph for x below x, is called m".

The equation for IV is defined in Equation 4. The
parameter /4 stands for the difference between the maxi-
mum and the minimum QoE score (h = M-u), m is the



influence factor and A is a coefficient that is defined
through the expected variable value x,. Equation 5 shows
how A can be derived from Equation 4 [24]. For DV there
is an analog equation (cf. Equation 6), where the factor A
is defined like in the IV case [24].

~(n 2™

e (x) =h-(1-e )+ )

-m h
ei(xO) = eo<:>7\, = Xy hl(m) (5)

e (x) =h- e B = xgmln(e h H) ©)
=

The DQX model also introduces an equation for multi-
ple variables. The equation uses the single variable equa-
tions (Equation 4 and Equation 6) and combines them as
seen at Equation 7 [24].

E(x)=p+h- - e;y q(x;) — p"
wen [T 5—) a)
k=1

The idea of this Equation 7 is that even if only one
variable outperforms the overall QoE score will still
reflect it. Thus, for every variable a QoE score is calcu-
lated. All respective scores are weighted with the expo-
nent wy, depending on the relevance of the particular
variable and multiplied. Finally, the resulting percentage
is applied to the rating scale.

Since the DQX model has no defined rating as an out-
come, the maximum value M, the e, value, and the mini-
mum value ¢ must be defined in advance and the output
will be according to that. Respecting the ITU-T MOS
scale, in this work here, the maximum selected is M=5,
ep is 4, and the minimum is u=1. Thus, the difference A
between the two parameters is therefore, 4. Inserting
these parameters into Equation4, Equation 6, and
Equation 7, results in the following formulas that pro-
duce MOS-compliant DQX score values [24].

Increasing Variable:

—(n-x™)

e(x) = 4-(1-¢ )+ 1L,A = x,"In(4)  ®

Decreasing Variable:

e (x) =4. eV LA = xamln(g) ©)

Multiple Variables:
N ore (x,)— 179"
E(x) = 1+4-H[—”d R J (10
k=1

III. EXPERIMENTAL SETUP

The experimental setup is based on the WANem
framework for network emulation and a WebRTC mes-
senger that was implemented during this work. Moreover
the ITU recommendation P.800 [8] was considered for
the experimental procedure.

A. Architecture (H/W and S/W)

A key element of the QoE evaluation architecture used
in this work is a WebRTC messenger called “QoEssen-
ger”. WebRTC is World Wide Web Consortium (W3C)
draft standard for real-time communication between
browsers [26]. The goal of WebRTC is plug-in-free low-
cost communication in real-time between any browser.
And with communication not only audio and video com-
munication is meant, but also the direct exchange of data.
So with the help of WebRTC it is possible to create a
Peer-to-Peer (P2P) connection from browser to browser
and send audio, video and data over it. This WebRTC
approach has been chosen because it is the new trend in
the field of the VoIP communication, it is open source
and there is no software necessary other than a browser
on the client side [25].

Web©< RTC
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Fig. 5: Experimental Setup

Additionally, the WANem [23] framework for network
emulation was used. This software, which is based on the
Linux Operating System (OS) Knoppnix [18], is convinc-
ing because it makes use of the well-accepted open
source network tool for Linux called NetEm [15][20].
Furthermore, WANem provides the possibility to build a
UI on top of it, which facilitates the flexibility to create a
control panel that meets with precision the demands of an
QoE evaluation experiment, such as the easy setup of dif-
ferent scenarios with diverse latency, bandwidth, packet
loss and jitter settings to be tested, as well as the auto-
mated collection of the user ratings.

The architecture using WANem is illustrated in Figure
5. There are four computers connected in a local LAN
through a switch. Two computers run the QoEssenger,
one computer runs an Apache [1] web server, a node.js
[14] signaling server as well as a MySQL [1] data base
and the last computer runs the WANem tool that can
emulate the network. The WANem works as follows: The
routing table of the two computers that run the QoEssen-
ger is modified in such a manner, that all the packets are
routed to the other peer through the computer that runs
WANem. This computer is responsible for the network
emulation. E.g., if the packet loss is set to 50%, the
WANem computer will drop every second packet that is
routed through.Such architecture with LAN cables and a
switch is necessary to guarantee a controlled network
environment without the interferences that happen in a
Wireless LAN (WLAN) network.



B. Experimental Procedure

The experimental procedure besides the hardware and
software -related information, includes some important
information concerning (a) the participants group (sub-
jects) and (b) the procedure of the experiments.

The subjects of the experimental procedure of this
work were 34 volunteers at the University of Zurich and
the High School of Willisau in Switzerland. The volun-
teers were mainly computer science students between 20
and 25 years old. However, the overall age distribution
range of the subjects was from 16 to 63 years old. A pair
of two randomly selected subjects participated in several
voice calls with different technical parameters. Each sub-
ject rated the quality of each call separately after the end
of the call.

The goal of the overall experimental procedure was to
affect as little as possible the QoE rating of each subject.
Firstly, the number and the duration of the test calls
defined carefully, so that the experiment about the human
experience would not demand from a subject to actively
participate for more than 30 minutes in voice calls. Oth-
erwise, it was assumed that the subjects would become
annoyed and/or bored and their answers would be influ-
enced by emotions which would decrease the quality of
the results. Thus, to avoid such situation, the total dura-
tion of each experimental session designed to not exceed
one hour.

Having a fixed interview length influenced the deci-
sion concerning the number and the duration of the test
calls. There is a trade-off between the number of mea-
surements and the confidence of the results. If the test
calls are longer, fewer experiments can be performed
within a fixed time-frame. It was assumed that people are
not able to have a free and balanced conversation of 45
second on their own since it does not seem to be enough
time to develop a proper conversation, especially
between strangers. Thus, the following method was used
to support the conversation in the test calls: At the begin-
ning of the experiment each participant got around 300
easy general knowledge questions [16][21] and the sub-
jects had to ask and answer them alternately. This
approach led to a fluent and balanced conversation with-
out distracting the subjects from their evaluation task.

The decision about the procedure of the interview was
as follows:

0-5 min Introduction, explanation of the experi-
ment and rating system
5-25 min 16 Test Calls, around 45 seconds calling
time + 15 seconds voting time each
25-30 min  Question and Answers about the calling
experience

IV. RESULTS

The following evaluation is based on the MOS of 34
subjects, which produced in total more than 500 end-
user’s opinion score ratings at an overall calling time of

approximately 6 hours. 80% of these ratings were col-
lected in a single variable scenario, where only one vari-
able was adjusted. The remainder of these ratings were
mixed variable scenarios, where multiple variables were
adjusted. The main focus of this work’s QoE measure-
ments was on the single variable scenarios, since DQX
only demands knowledge of expected variable values and
influence factors of individual variables to predict QoE
considering multiple variables. The primary goal of this
work was to calibrate DQX for the VoIP scenario. Thus,
the data were collected for this purpose. The secondary
goal of this work was to validate the DQX prediction per-
formance in the multiple variables scenario. It was
assumed that less but equally distributed set of data
points would be sufficient to reveal the potential inaccu-
racy of the DQX model.

Although the DQX model can be calibrated for diverse
technical and non-technical variables, in this work, the
focus is on four technical variables: jitter, latency, packet
loss and bandwidth. The DQX model needs for every
technical variable an expected variable value x, [24].
The WebRTC technology that was used in this work is
relatively young and rich literature, that can be used to
find possible expected variable values, does not yet exist.
Thus, the x, values and references as of Table 2 were
used for this evaluation.

Table 2: x() and References Used for the Evaluation

Variable X0 Reference
Latency 150 ms ITU [5]]9]
Jitter 100 ms Cisco [2]
Packet Loss 5% Opus Documentation [22]
Bandwidth 64 kbit/s | WebRTC Official Blog [27]

A. Single Variables

Here those results of scenarios are presented, where
only one variable was affected. E.g., in a scenario with
5% packet loss, the latency and jitter was set to 0 ms and
the bandwidth was unlimited. Table 3 summarizes the
influence factors (m) values found for each variable and
the Goodness-of-Fit (GoF) for each m expressed as R?
value.

Table 3: Results of the Single Variable Scenarios

Latency Packet loss Jitter Bandwidth
my 0,40 0,09 1,06 4,53
R -0,65 0,85 0,96 0,75
m; 0,32 0,73 0,59 0,47
R 0,75 0,95 0,96 0,94

These high R? values show that the DQX model is able
to capture QoE of end users quite accurately.
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Fig. 6: DQX Model Fit and Comparison for Latency

The resulting graphs of the DQX model were also
compared to the other two QoE-predicting models during
this work. Figure 6 shows two plots which show the com-
parison between the DQX and the E-model (dashed line)
QOE results as a function of latency. IQX Hypothesis is
missing in Figure 6 because there are no IQX data avail-
able for latency.

It is noticeable in Figure 6 that the E-Model proposes
lower MOS values than the fitted DQX model most of
the time (there is not an equation proposed by IQX mod-
eling MOS and latency). So for example for a latency of
1600ms the MOS for the E-Model is 1.79 and for the
DQX-Model 2.875. The DQX QoE value is probably too
high for such a high latency value. The reason for such
high values could be the following. Latency is something
that is not directly annoying, like a bad audio quality. It is
something that gets more annoying the longer and faster
a conversation becomes. Latency is not that disturbing in
a short conversation with small talk characteristics. The
conversations of the experiments had exactly these char-
acteristics. Thus, it was assumed that the subjects did not
report low MOS for high latency.

Since the collected MOS values seemed rather high,
some extra experiments were performed with longer
experimental calls in which only latency was tested. For
these calls, three different conversational tasks proposed
by the ITU-T were tested: (a) a travel office role play, (b)
a random number verification task and (c) a contacts
exchange task [11]. The results of these extra tests were
unexpected. The subjects rated still high. For a test sce-
nario with 1500ms latency the MOS was still 3.17.
Therefore, it is further assumed that not only the duration
and the type of conversational task are responsible for the
unexpected outcome. It is possible that a cultural phe-
nomenon leads to such results. As stated in [11] MOS can
vary due to cultural differences. Except four subjects, all
of them spoke Swiss German which is a rather slow lan-
guage and therefore latency probably disturbs less. This
hypothesis is supported by a test call between a Russian
and an Italian participant held in English which seemed
to be faster and more interactive than most of the native

Swiss German speakers’ conversations. However, a proof
of this phenomenon could not be found in the literature
and since the sample was not large enough it stays only a
hypothesis.
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This experiment showed that E-model would be inca-
pable to spot such behavior while DQX could predict the
right MOS with high accuracy with the right influence
factor selection. Thus, it is shown that E-model is not
suitable for every VoIP scenario. The MOS depends on
the service and the respective users. Therefore a model
that allows flexible calibration, such as DQX, is needed
to predict QoE accurately in diverse scenarios.

In Figure 7 the MOS as a function of the packet loss is
illustrated and compared to the E-Model and the 1QX
Hypothesis. The DQX model appears to capture QoE bet-
ter than the E-model and the IQX hypothesis. In the IQX
hypothesis work [3] the Internet Low Bitrate Codec
(iLBC) was used during the measurements. For the E-
Model calculation tool [4] the G.711 Codec [13] is
assumed, and the codec in the experiments of this work
was Opus [22]. The reason of having different codecs is
that there was no control in codecs used in the related
work and the use of the same codecs was not possible in
WebRTC by the time of the experiments. However, Opus
has advanced error correction mechanisms similar to the
most advanced version of G.711 that is used in the E-
Model and the one of the IQX hypothesis experiments,
therefore the results presented here are comparable.

Another important result of this work is the analysis of
the development of the influence factor values (m).
During the analysis of the experiment‘s results, it was
examined if the m, which needs to be determined empiri-
cally, remains constant, or if it is necessary to further
adjust it during the evolution of a variable’s value (x).
This analysis has been conducted by fitting the DQX
model through all two neighbored data points and the so
determined m values were compared to each other. Figure
8 illustrates this comparison and shows that m should not
be considered to be constant in every case. Just for the
variable jitter the influence factor m values appear to be
almost constant, since m oscillates around an almost hor-
izontal line. Thus, as a result, it can be said that treating



m as a constant is only valid for small fluctuations of a
variable, and further research towards the selection of m
values must be found in future work.
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Fig. 8: Development of the m Values

B. Multiple Variables

This part evaluates the DQX model for scenarios
where multiple variables were tested. Since the main
focus was on single variable tests, there are not so many
data points for these mixed scenarios. However, it was
sufficient to run basic evaluations for different values of
latency (L), packet loss (PL), jitter (J), and bandwidth

(B).

Table 4: Collected MOS for Mixed Variables Compared to the

Calculated MOS

L (ms) | PL(%) | J(ms) | B (ms) C"(’g‘t’f{ege%m DOX
600 10 0 3,13 (0,69) 2,59
500 7 0 3,56 (0.73) 2,82
500 10 0 3,00 (0.67) 2,63
500 10 0 60 3,25 (0,46) 2,05
400 0 0 75 3,38 (0.74) 3,09
400 7 0 0 3,25 (0,71) 2,87
400 20 0 75 2,50 (0.93) 1,95
250 10 0 0 2,80 (0.63) 2,77
0 0 64 3,88 (0.64) 3,08
0 7 0 98 3,88 (0.64) 3,26
0 10 0 60 3,25 (0.46) 2,60
0 12 0 98 3,25 (0.71) 2,89
0 0 300 63 3,13 (0.83) 2,64
0 12 400 0 2,63 (0.74) 221

In this work 14 multiple variables scenarios were
tested and their results are summarized in Table 4. The
first four columns indicate which variable values were
tested. Column five and six contain the MOS collected

from the subjects in experiments as well as the standard
deviations of these collected ratings. The last column
shows the MOS calculated by the Equation 10 of the
DQX model using the parameters determined by the sin-
gle variable scenarios.

Comparing these results in Table 4 it has to be noted
that Equation 10 creates promising results, since the dif-
ferences between calculated and collected MOS are
small. The mean of all MOS differences is 0.53, which is
small for an unadjusted calculation where all weights
equal 1. Each variable’s weight serves as another degree
of freedom, allowing further calibration of DQX. How-
ever, there is not a sufficient amount of data points to
make any significant statement in this work. Thus, in
such cases the additional degree of freedom that DQX
allows for could not be used. Considering these high
standard deviations of those measurements, another thor-
ough verification should be done in future to validate the
accuracy of the DQX model in VoIP scenarios.

The result of this multiple variables scenario (latency
and packet loss) is illustrated in Figure 9, where two vari-
ables are mixed. The 3D-curve is the calculated DQX
model for the two variables and the large black bullets
show the MOS collected. The size of these bullets has
been chosen for visualization purposes and they should
be ideally cut in half by the 3D-curve of the DQX model.
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Fig. 9: 3D-Graph of the DQX Model for Multiple Variables

C. Further Calibration of the DOX Model

During this work two further calibrations of the DQX
model for the VoIP scenario have been performed. The
first one defines an adjusted MOS scale. As with the E-
Model under normal conditions a MOS of 4.41 is
expected [14], similar findings were made during experi-
ments here. With all subjects an uninfluenced scenario
was performed to observe the maximum possible MOS.
The result is a MOS of 4.432, being very close to the one
from the E-Model. The next assumption made now is that
there does not exist any MOS higher than 4.432 and,
therefore, the new scale is from 1 to 4.432.

The second calibration which can be done due to the
DQX model is an adjustment of the x, parameter. Such
an adaptation of x, is a contradiction to the idea of the



DQX model, because this parameter should be deter-
mined before experiments according to the SLA or ser-
vice characteristics. However, one could argue that often
x, values are not precisely defined and the reality might
vary from proposed values in the literature. Therefore, as
a second, further calibration x, values can be determined
like the m values through a non-linear least square regres-
sion.

When these two further calibrations are applied to the
DQX model, the GOF improves for all variables in single
variable scenarios and this improvement of the GOF
results in more accurate MOS calculations in the multiple
variables scenario. This means that the mean difference
between the MOS collected and the MOS calculated
drops from 0.53 (c.f. Subsection B) to 0.21. Such differ-
ence is low regarding the fact that there is no calibration
of these weight factors.

5

DQX-Model

sl (m-:0.61, m+:0.8) ||
' ® Collected MOS
Standard Deviation
4r (0: 0.765)
0 ol \,\‘;ﬁ\“ ——— E-Model
@ < ®
c
S
£ 3 T —
o
g 2.5t
=
2 -
151
1 1 1 1
0 500 1000 1500 2000
Latency (ms)
Fig. 10: Adjusted DQX Model Fit for Latency
5 e
@
s 4.
Q
»
s
£ 3.
a
o
&2
i
=
1 o
1500\
10007\

500 ) . :
30 20 10
Packet Loss (%)

40

Latency (ms) g 50

Fig. 11: 3D-Graph of the Adjusted DQX Model

The improvement through this calibration is also illus-
trated in Figure 10, where the DQX model is further cali-
brated for the variable delay. Compared to Figure 6,
which shows the uncalibrated version of the model, the
graph of the DQX model is now closer to the data points
collected. Thus, this calibration of the minimum and

maximum MOS and the expected variable’s value (x;)
leads to a significant increment of the GOF R’ value,
compared to the unadjusted DQX model.

Figure 11 presents the adjusted DQX model 3D-curve
in the two variables scenario (latency and packet loss). It
can be seen that the 3D-curve cuts through more large
black bullets than in Figure 9. Thus, it estimates better
the MOS collected.

V. SUMMARY, CONCLUSION, AND FUTURE WORK

This paper designed and implemented a QoE measure-
ment experiment setup, which is able to save and replay a
sequence of different network scenarios emulations.
Moreover, this setup provided the possibility to save user
ratings and perform an application-specific analysis with
adjustable variables being emulated and encompassing
jitter, latency, packet loss, and bandwidth. The VoIP mes-
senger — developed based on the WebRTC technology
— collected over 500 data points in experiments with a
total of 34 subjects.

The data collected was used to calculate DQX results
for each scenario and respective MOS results were used
to define those parameters of the DQX model for VoIP
services. The evaluation performed three steps for each
variable: (1) the DQX model was fitted through the MOS
collected and the resulting GOF and the value of the
influence factors m were analyzed; (2) the resulting DQX
model was compared to the ITU-T E-Model and the IQX
hypothesis; (3) these variables were evaluated in a mixed
scenario with other variables.

It was shown that the DQX model reaches a high GoF.
Moreover, an outcome of the analysis of m values is that
they are not constant and further research is required in
this area, to determine a model with a non-constant m
value. Additionally, this work showed that the formula
for multiple variables of the DQX model produces prom-
ising results, specifically for the set of measurements
with mixed variables, which were performed. The DQX
formula adopted for mixed values is also promising,
especially if it is used with further calibration techniques
concerning the MOS co-domain and the appropriate x,
selection. All these findings lead to the conclusion that
DQX is a highly adaptable and precise model, which out-
performs all other state of the art models. Having pro-
vided the influence factor m for different services, the
DQX model becomes a powerful and useful tool for ser-
vice providers to predict and improve their services in
terms of QoE.

However, in general it has to be stated with respect to
the experiments performed that a sample of 34 subjects
may not be fully ideal to generate representative data.
Moreover the large cluster in the subject’s age and gender
distribution may not be favorable. The largest part of
these subjects were men between 20 and 25 years, since
the experiments took place in the Department of Infor-
matics and the majority of students showed a technical
background.

The noise-cancellation capable headset used in the
experiment was unfamiliar to wear and the strong noise



attenuation impacted the subjects as they could not hear
their own voice. On one hand, such a headset was import-
ant to guarantee that people can focus on the audio and
that they are not disturbed by environmental noise. On
the other hand, it is always a bias, whenever people feel
uncomfortable during an experiment. Thus, a final rec-
ommendation on which headset is ideal for QoE mea-
surements in VoIP services cannot be given.

Additionally, the measurement setup can be extended
with further adjustable variables, like packet corruption,
reordering, and duplication, since such an adjustment is
already foreseen by the framework implemented. Addi-
tionally, QoE experiments of other IP-based services with
different variables and variable values are foreseen. Next
steps in the context of the DQX model will cover an anal-
ysis of different services, such as video streaming, Inter-
net browsing, multi-player gaming, and finally in
services where non technical variables, such as the price
of a service, can also affect QoE. The assumptions made
on influence factors m are planned to be confirmed in a
larger-scale experiment and the formula for mixed vari-
ables will be evaluated in more detail with different
weight factors.
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