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ABSTRACT

Broadcasters will increasingly use audio contribution over Internet protocol (ACIP). So far, no dedicated
Quality of Experience (QoE) prediction framework exists. In this paper, we present a novel non-intrusive
parametric QoE rating framework for such a professional broadband audio communication using Voice over
IP (VoIP) technology, based on the extended E-model for telephone networks (ITU-T Rec. G.107). For
this, we propose an R-factor scale extension to a maximum value of 157, instead of 129 as is used for
wideband. Finally, our QoE rating model provides separated impairment factors for the delay, loss, coding
and bandwidth impairment. The model was developed based on our proposal for instrumental evaluation as
well as subjective experience by experts.

1. INTRODUCTION
Broadcast audio contribution generally refers to an ex-
change of professional audio material, normally between
remote sites and broadcasting stations. The contribu-
tion use cases range from simple outside broadcasts (e.g.
sports commentary) to complex interactive audio com-
munication, which are explicitly for broadcasting to the
radio listener.

Presently, public radio broadcasters established their au-
dio contribution links mainly using the synchronous
circuit-switched Integrated Services Digital Network
(ISDN). ISDN is set to disappear in the future, being
replaced by packet-switched Voice over IP (VoIP) tech-
nology run on managed networks [19] as well as on the
best effort Internet, which provide no more than statis-
tical Quality of Service (QoS) guarantees. In contrast,
the ISDN QoS satisfies the broadcaster’s audio contribu-
tion needs by providingguaranteed services meeting the
requirements with high availability. In VoIP networks,
these guarantees disappear and QoS parameters such as
data rate and network delay can vary over time. Addi-
tionally, packet loss can occur, resulting in loss of audio
data.

So far, only intelligibility-optimized speech conversa-
tion over IP respective delay-tolerant audio streaming

has been extensively researched. However, many Audio
Contribution over IP (ACIP) use cases require a much
lower end-to-end delay compared to VoIP in order to en-
sure high interactivity. The main difference in terms of
listening-only quality between speech and audio commu-
nication over IP is the required audio bandwidth. The
audio bandwidth for VoIP of 3 kHz narrowband and 7
kHz wideband extends to above 15 kHz for broadband
audio communication. Moreover, the desire for a most
accurate sound reproduction when using ACIP leads to
less acceptance of coding artifacts or packet loss, which
would then need to be concealed by complex reconstruc-
tion.

Available objective QoE assessment methods for speech
and audio quality evaluation are not directly usable for
a quality rating of ACIP applications [6]. To fill the
gap, we designed a dedicated non-intrusive parametric
QoE model for conversational quality rating, based on
the E-model [9] approach. The applications for such a
QoE assessment model for ACIP are versatile. They in-
clude e.g. transmission planning and set-up optimiza-
tion before starting a connection, real-time quality moni-
toring and transmission rating after a conversation using
ACIP technology. All these tasks can further be used for
a QoS improvement at the application layer (especially
for real-time control) incorporating a cross-layer impair-
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ment trade-off [5]. While ACIP ideally requires a low
delay connection where impairments due to IP packet
loss are possible, estimates of the conversational quality
are necessary for finding a perceptually optimal trade-off
between delay and audio signal quality, which represent
the associated interaction and listening QoE respectively
[21].

Our contributions can be summarized as:

1. We propose a broadband extension of the wideband
R-factor from the extended E-model to enable a
conversational quality prediction for ACIP. The ap-
proach relies on an extrapolation of the bandwidth
impairment model for wideband [15] to fullband.

2. We present a delay impairment factor for ACIP
as well as a derivation methodology for fullband
equipment impairment factors from instrumental
models, based on a novel listening-only quality
evaluation approach for broadband, which we pre-
sented in detail in [6]. Furthermore, we introduce
a necessary set of reference conditions for ACIP,
based on our own objective QoE evaluations [5].

3. We propose a non-intrusive parametric QoE assess-
ment model for ACIP quality rating, providing sep-
arated impairment factors for the delay, loss, coding
and bandwidth impairment.

2. AUDIO CONTRIBUTION OVER IP
The European Broadcasting Union (EBU) N/ACIP
project group recently published a technical specifica-
tion for professional audio contribution over networks
using IP technology [4]. The recommendation devel-
oped by the EBU N/ACIP project group includes well
known coding algorithms (see Section 2.1) as well as
signaling standards (SIP/SDP1) and transport protocols
(RTP/UDP2) specified by the Internet Engineering Task
Force (IETF) for real-time communication services over
IP, e.g. VoIP. The N/ACIP project group also provides
QoS parameters for different ACIP use cases. In Table
2, these operational requirements are presented while we
added VoIP QoS specifications [15] in order to compare
the different communication applications.

1SIP: Session Initiation Protocol (IETF RFC 3261), SDP: Session
Description Protocol (IETF RFC 4566).

2RTP: Real-time Transmission Protocol (IETF RFC 3550), UDP:
User Datagram Protocol (IETF RFC 768).

2.1. ACIP Audio Codecs
The N/ACIP project group made four common audio

coding formats mandatory in order to create a common
ground for compatibility among ACIP equipment. The
mandatory audio coding algorithms are ITU-T G.711,
ITU-T G.722, ISO MPEG-1/2 Layer 2 and Linear PCM.
Hence, we defined usual configurations of these as
anchors leading to reference conditions for the fullband
equipment impairment factor derivation (see Section
5.3). In addition to the mandatory set, the EBU also
specified recommended and optional coding algorithms.
The recommended formats are ISO MPEG-1/2 Layer 3,
MPEG-4 AAC-LC (low complexity Advanced Audio
Coding) and MPEG-4 AAC-LD (low delay). Optionally
it further mentions amongst others the proprietary
Enhanced APT-X (Eapt-X) algorithm, which we also
used for our model design.

2.2. Quality Impairments
The most important impairment on the interaction qual-
ity in ACIP is the value of the overall end-to-end delay
de2e, where the impairment worsens the higher the la-
tency becomes. Possible listening-only quality degrada-
tions in ACIP can be categorized into two classes: the
coding algorithm impairments and possiblenetwork im-
pairments due to packet loss [5]. The coding algorithm
impairments due to coding artifacts depend mainly on the
performance of the algorithm typec, the coding bitraterc

as well as possible restrictions of the audio bandwidthB.

B [kHz] Fs [kHz] Example Codec

Narrowband (NB) 300-3400 8 ITU-T G.711
Wideband (WB) 50-7000 16 ITU-T G.722
Super-WB (SB) 70-12000 24 Skype SILK [22]
Ultra-WB (UB) 40-15000 32 Eapt-X
Fullband (FB) 20-22000 48 MPEG [20]

Table 1: Bandwidths in audio communication.

Generally, the audio bandwidthB, which depends on the
used audio sampling frequencyFs, is an important factor
determining the audio quality in terms of acoustics and
human perception [24]. In Table 1, an overview of differ-
ent audio bandwidths used in digital audio transmission
and specifically for IP-based communication services is
presented with examples of coding algorithms for the
respective bandwidths. The classification here is based
on definitions for speech communication [15] but we ex-
tended these for broadband audio communication.
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QoS Parameter Outside Broadcasts Interviews Discussions VoIP
Concerts Sports News

End-to-end Delay [ms] < 500 contribution,< 50 talkback < 100 < 100 150-400

Audio Bandwidth [kHz] 15-20 7-15 3.5-12 7-12 12-20 3.5-7

Table 2: Operational requirements for different audio contribution use cases and VoIP.

The perceived audio quality based on coding impair-
ments, assessed with a Mean Opinion Score (MOS) met-
ric, can be described in general3 as MOScoding = f (c)
with the vector of coding parameters for each coding al-
gorithm,c = [c,rc,Fs,Q,B,ch]T . For the coding impair-
ment analysis, the packet loss ratioρ needs to beρ = 0.

The impairments to the perceived audio quality due
to network packet loss are determined by the amount
of packets lost, the burstiness of the loss process as
well as the packet sizeL of the continuous bit rate
(CBR) audio stream because the larger the packet is the
more consecutive audio information gets lost. These
impairments can also be described by a QoE metric,
with respect to loss now asMOSloss = f (Ploss,c,L),
while the packet loss process here is characterized by the
state transition matrixPloss of a 2-state Markov model
[18]. This relatively simple two-parameter model fully
describes a short-term loss process allowing for loss
correlation [15]. The parameters of the Markov model
can be directly related to the packet loss ratioρ and the
mean loss periodµ in packets [5].

3. MOS TERMINOLOGY
In the last Section, the Mean Opinion Score was intro-

duced. To better identify the quality category and assess-
ment method to which aMOS value refers, aMOS ter-
minology was defined in ITU-T Rec. P.800.1 [11]. Table
3 lists the identifiers. The differentMOS types receive a
suffix with respect to the quality category (“LQ” for lis-
tening, “CQ” for conversational quality) and assessment
method (“S” for subjective assessment, “O” for objective
assessment and “E” for an estimate based on a quality
prediction model as the E-model presented in Section 4).

3We did not regard quantization distortions due to the sampling res-
olution Q or the impairment to the perceived audio quality due to dif-
ferent channel configurationsch (e.g. mono or stereo transmission).

The different metrics in Table 3 can further be differenti-
ated with respect to the audio bandwidth of the transmis-
sion system. Therefore, the ITU-T recommends to use
of anotherMOS suffix to differentiate between a narrow-
band (“n”) or wideband (“w”) transmission system under
test. This additional suffix is neglected in this work for
convenience even more because mostly the quality as-
sessment with respect to fullband transmission systems
is regarded, which is not standardized yet.

Listening-only Conversational

Subjective MOS LQS MOS CQS
Objective MOS LQO MOS CQO
Estimated MOS LQE MOS CQE

Table 3: Mean Opinion Score (MOS) terminology.

4. THE E-MODEL
In the following, we present the parametric E-model for
conversational quality assessment which we used as a ba-
sis framework for our broadband QoE rating model for
ACIP. The E-model is currently the ITU-T recommenda-
tion for a mathematical model with which to perform a
speech transmission rating (ITU-T Rec. G.107 [9]). It
gives a QoE estimate based on instrumentally measur-
able characteristics of the system [15]. Its main advan-
tage is the ability to predict the overallconversational
quality, among others due to the incorporation of both
equipment impairments on listening quality, as well as
impairments due to transmission delay. The main char-
acteristics of the E-model are that it is parameter-based
and non-intrusive.

The E-model is usable for estimating the transmission
quality during network planning and set-up optimiza-
tion [13], but also for operational monitoring [2] or for
perceptually-driven QoS optimization [21]. Until now
however, it is only suitable for speech communication up

AES 38TH INTERNATIONAL CONFERENCE, Piteå, Sweden, 2010 June 13–15
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to wideband transmission and therefore not directly ap-
plicable for fullband quality rating.

The E-model outputs the transmission rating factorR
(∈ [0,100] for narrowband), where 100 indicates a user
satisfaction of “very satisfied”. TheR-factor is obtained
by summing up different impairment factors. Herewith
different scalar input parameters (i.e. signal-to-noise ra-
tio, packet loss or transmission delay) are grouped into
different classes of impairments. The assumption behind
this approach is animpairment additivity [15]. The R-
factor is comprised of

R0− Is − Id − Ie,e f f +A = R , (1)

where the basic transmission rating factorR0 reflects the
signal-to-noise ratio, the simultaneous impairment factor
Is accounts for degradations which occur in the transmit-
ted speech signal (e.g. signal-correlated noise) and the
delay impairment factorId includes the delay and echo
impacts in a bidirectional transmission. The advantage
factor A stands for some “advantage in access”, for ex-
ample if a wireless system is used and the mobile access
is able to compensate some of the quality degradation.
Ie,e f f is the effective equipment impairment factor which
is a function of the packet loss ratioρ and the equip-
ment impairment factorIe = Ie,e f f (ρ = 0), i.e. of degra-
dations due to lossy coding. The E-model accounts for
independent “random” packet loss since its revision in
2002. Following a proposal by [15], the rational func-
tion model was later extended fordependent packet loss
based on the 2-state Markov model [18]. Another ap-
proach is used in [21], where the E-model compatibil-
ity was not an explicit demand. Here a non-linear least-
squares curve fitting for a logarithmic model is proposed,
which so far has only been used for the description of in-
dependent loss impairments.

The E-model for a narrowband transmission rating has
R0 = 93.2. For wideband transmission, theR-factor
range is extended to 129, based on subjective evalua-
tions [15], and by definition, the basic transmission rat-
ing factor R0,WB = 129. TheR-factor can be mapped
to a MOS CQE ∈ [1;4.5]. The inverse mapping from
MOS CQE to theR-factor can be achieved with the com-
plicated Candono’s Formula [9]. In [21], a 3rd-order
polynomial fitting is proposed for a simplification of this
mapping. For the wideband case, theMOS-to-R-factor
formula is stretched by a linear or non-linear model,
proposed in [14] and [15], i.e. for the linear model

RWB = 1.29 RNB. This approach was exploited for the
fullband case.

When narrowband results forIe exist (i.e. from the
“provisional planning values” list in the ITU-T Rec.
G.113 [10]), the respective wideband valueIe,WB can be
obtained by simple shifting,Ie,WB = 35.8+ Ie,NB.

4.1. Considering Bandwidth Impairment
The consideration of an impairment factor for linear dis-
tortion of narrowband and wideband speech transmission
was proposed in [23], based on findings in [15]. The so
called bandwidth impairment factorIbw represents linear
distortions due to band limitations, until now contained
in the equipment impairment factorIe. This now consists
of Ie,WB = Ibw + Ires, whereIres is the residual portion of
Ie and reflects the coding algorithm impairment (i.e. the
non-linear distortions). The idea behind this approach is,
that with wideband consumer telephony transmission, a
narrowband codec is perceived as distorted in compari-
son with a wideband codec.

To obtainIbw, the resultingMOS values from subjective
auditory tests were mapped on theR-factor scale. A for-
mula forIbw was then found by curve fitting in [15] as

Ibw = 3.5·10−2 |s|−6.7·10−3s−7.4 zbw +129.2 (2)

with s = fc −9.9 (zbw +101.8) , (3)

where fc is the center frequency in Hz (calculated by
the geometric mean of the lower frequencyflow and
the upper frequencyfup), and zbw is the transmission
bandwidth in Bark [24], also calculated from the limiting
frequenciesflow and fup.

4.2. Equipment Impairment Factor Derivation
While the provisional planning values in ITU-T Rec.

G.113 [10] are only specified for a limited set of nar-
rowband and wideband codecs (e.g. ITU-T G.711 and
G.722), sometimes newIe results for new coding algo-
rithms have to be derived. This can be achieved based on
subjective evaluations. Because the subjective approach
requires a greater effort, a methodology for the derivation
of equipment impairment factors from instrumental mod-
els is also proposed in ITU-T Rec. P.834 for narrowband
codecs using the Perceptual Evaluation of Speech Qual-
ity (PESQ) algorithm (ITU-T Rec. P.862) and in ITU-T
Rec. P.834.1 [12] for wideband codecs using WB-PESQ
(ITU-T Rec. P.862.2) [17]. The latter was proposed in
[14].
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5. PROPOSED QOE RATING MODEL
We chose the E-model as the basic framework for our

broadband QoE rating model for ACIP because it is in-
herently extendable to fullband quality rating and allows
for the incorporation of both equipment related impair-
ments, such as coding characteristics and network packet
loss, as well as the impairment due to transmission delay.
First, we simplified the generalR-factor formula of the
E-model focusing on coding and IP transmission impair-
ments, resulting in

RFB = R0,FB − Ie,e f f ,FB − Id,ACIP (4)

with the fullband basic transmission rating factorR0,FB

and the delay impairment factorId,ACIP, dedicated to au-
dio contribution (see Section 5.2). The fullband equip-
ment impairment factorIe,e f f ,FB can further be separated
into

Ie,e f f ,FB = Ibw,FB + Ires,FB + Iloss,FB , (5)

with the bandwidth impairment factorIbw,FB represent-
ing linear bandwidth distortions for the fullband case and
Ires,FB representing non-linear coding distortions. The
loss impairment factorIloss,FB includes a continuous QoE
model for the loss-only perception. It is obtained through
non-linear least-squares curve-fitting of discrete experi-
ment outcomes using a logarithmic model dependent on
the packet loss ratioρ [21],

Iloss,FB = a ln((1+b)ρ) . (6)

Hence, our ACIP QoE rating framework includes sep-
arate models for the delay, loss, coding and bandwidth
impairments, which are the most important factors for
audio contribution applications. We excluded the advan-
tage factor for now and the simultaneous impairment fac-
tor Is of the E-model is also neglected, because a perfect
audio source is assumed.

The challenge then was to find a reasonable fullband
basic transmission rating factorR0,FB as well as the
mathematical models for the delay impairment factor
Id,ACIP = f (de2e) and the fullband equipment impairment
factorIe,e f f ,FB = f (Ploss,c,L).

5.1. The Fullband R-Factor
First, we present the necessaryR-factor scale extension

for a fullband quality rating exploiting the bandwidth im-
pairment model approach (see Section 4.1). For this, we

extrapolated the model for wideband speech communica-
tion to the full audio bandwidth in order to deriveR0,FB.
This was justified by a comparison of the model out-
comes for different audio bandwidths up to fullband with
subjective results from such literature as from the EBU
research [3], objective measurements from the PEMO-Q
algorithm [8] and subjective appraisal from experts.

In [15] it is stated that the wideband advantage over nar-
rowband is in the range of 1.3-1.5 pointsMOS. Using
this as groundwork, we compared this result with objec-
tive difference grade (ODG) results from the PEMO-Q
algorithm [8] for bandwidth-only impairments, since it
is the best suited instrumental method for evaluating high
impairments on audio quality [1], as with the bandwidth
restriction by downsampling for example from 48 to 16
kHz. For the PEMO-Q evaluations, a 16 bit linear PCM
testfile was evaluated withFs = 48, 32, 16 and 8 kHz,
which result in respective audio bandwidth restrictions
with cutoff frequencies of approx. 22, 15, 7.5 and 3.5
kHz [5].

Results from EBU subjective listening tests [3], obtained
with the MUSHRA method (Multi Stimulus Test with
Hidden Reference and Anchors), were attained for low
bitrate codec evaluation. An examination of this showed
that one property of the MUSHRA method is especially
interesting: it uses a fullband hidden reference and hid-
den anchors which are low-pass filtered versions of the
reference. The QoE evaluations in [3] used two anchors
limited to 3.5 kHz and 7 kHz respectively. The overall
quality gradings for the hidden reference and anchors are
also given next to the codec results. We assume that these
results can be used for the comparison in our work, even
if the Continuous Quality Scale (CQS ∈ [0,100]) of the
MUSHRA method is not directly relatable to theMOS
scale.

The averaged results of the EBU listening tests are noted
in Table 4, compared with respectiveIbw results and the
ODG scores obtained with the PEMO-Q algorithm. In
Table 5, the relative advantages of wideband to narrow-
band and ultra-wideband respective fullband to wide-
band are depicted.

In general, all methods give results with the same trend.
Wideband transmission has a high advantage over nar-
rowband while for ultra-wideband compared to wide-
band a similar but slightly higher advantage can be read
out of the table, but it is necessary to assume a non-linear
dependence between small MUSHRACQS results and
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Bandwidth Fs [kHz] Ibw ODG MUSHRA CQS

Narrowband 8 35.4 -2.15 27
Wideband 16 6.7 -1.19 52
Ultra-WB 32 -25.47 -0.10 ≈ 95 4

Fullband 48 -27.89 0 100

Table 4: Different bandwidth impairment measures.

respective results of the other measures, which is reason-
able. For the fullband advantage with respect to ultra-
wideband, only a small improvement results for all meth-
ods. This result is meaningful, and has been confirmed
by the subjective impression of consulted quality experts.
It is furthermore in accordance with the psychoacousti-
cal phenomenon that the sensibility of the human ear de-
creases for higher frequencies (exponential decrease for
frequencies above 10 kHz [24]). The so called hearing
area for audio signals has its limits for most subjects be-
tween 16 and 18 kHz and the limit decreases with age.

Finally, we assumed an applicability of the wideband
bandwidth impairment model extrapolation based on the
assumption of a linear dependence between theIbw and
the PEMO-QODG values (squared 2-norm of the resid-
ual: 0.22). This allows us to use the difference inIbw

between the best possible wideband transmission (audio
bandwidth 200-7000 Hz [15] and linear PCM coding)
with Ibw = 0 and the result for undistorted fullband trans-
mission (linear PCM withFs = 48 kHz) for extending the
widebandR-factor scale to fullband using∆Ibw ≈ 28. We
therefore propose the fullband basic transmission factor
to be

R0,FB = R0,WB +∆Ibw = 129+28= 157 . (7)

5.2. A Delay Impairment Factor for ACIP
In the following, the formulation of the delay impair-

ment factor for ACIP is addressed. Usually, for formu-
lating a delay impairment factorId for a communication
service’s use case, extensive subjective conversational
tests are necessary (refer [7] for telephony) which require
an even larger effort compared to subjective listening-
only tests. Furthermore, the perception of delay strongly
depends on the conversational situation, since conversa-
tion situations are strongly influenced by the degree of
interaction between the participants [7]. Hence, a delay
perception model must be geared to the use case it is ded-
icated for. While ACIP has various use cases with differ-

4Result from non-linear curve fitting betweenODG values and
MUSHRA CQS results.

Rel. advantage inB ∆MOS LQS ∆ODG ∆Ibw ∆CQS

WB to NB ≈ 1.4 1 28.7 25
Ultra-WB to WB 1.1 32.2 ≈ 43
FB to WB 1.2 34.6 48

Table 5: Relative bandwidth impairments.

ent expectations on the delay (resulting in different delay
models), the focus in the following is on the applications
requiring high interactivity, e.g. “live discussions”. For a
delay impairment factor dedicated to this ACIP applica-
tion, a conceptually simple but promising approach was
chosen to enable an incorporation of the delay impair-
ment on the perceived QoS in the QoE prediction frame-
work. It must be stated here that it cannot be assumed,
that this method reaches the accuracy of conversational
tests.

In the operational requirements for different audio con-
tribution use cases, presented in Table 2, a maximum
one-way delay of 100 ms is specified for interviews or
discussions. This was used as anchor for the delay model
derivation. Different approaches forId are available. Our
decision to use the AT&T simplified model [21] is based
on the fact that it is relatively simple, has a linear increase
even for higher delays which are even less tolerated for
interactive ACIP and most important: it has a precise
turning point where the slope increases, easy realized
using the step function. For the dedicated ACIP ap-
proach, the turning point of the AT&T simplified model
was shifted to the left to introduce the stricter delay re-
quirements. The result was furthermore rescaled from
the ordinary narrowband design to the fullband frame-
work. In Fig. 1 the resulting characteristic can be ob-
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Fig. 1: Model for Id,ACIP versus one-way delayde2e.
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served. The underlying delay impairment factor is given
by

Id = 0.024de2e+0.11(de2e−d0) ·H(de2e−d0) , (8)

which is the original AT&T simplified model but with a
turning point atd0 = 100 ms instead of usingd0 = 177.3
ms. H(x) is the step function. The ACIP delay im-
pairment factor results after the linear conversation to
fullband asId,ACIP = 1.57 Id .

5.3. Fullband Equipment Impairment Factors
Because with this work a new fullband quality rating

model based on the E-model is proposed, until now no
provisional planning values such as specified by the
ITU-T for the narrowband and wideband cases exist
(see Section 4.2). Furthermore, a methodology for
the derivation of equipment impairment factors from
instrumental models for the fullband case is missing so
far. Fortunately, the principle approach in the ITU-T
Rec. P.834.1 [12] (for wideband) can be modified for
the fullband case, since our approach is based on the
E-model concept. Therefore, the challenge was to find
an equipment impairment factor derivation methodology
for the fullband case. We hereby assume that the
WB-PESQ algorithm can also be used for the fullband
transmission quality rating, if results from the Percep-
tual Evaluation of Audio Quality (PEAQ) algorithm
(ITU-R Rec. BS.1387-1) [1] are considered as well
(see below). The goal was to find a reasonable mapping
Ie,e f f ,FB ⇐⇒ MOS. This is addressed in Section 5.3.2.

5.3.1. Objective QoE Evaluations
Primarily, for the design of the desired equipment im-

pairment model, a basis of QoE rating results with re-
spect to different values of quantitative model parame-
ters must exist (e.g. parameters from the audio stream).
Therefore, normally, subjective tests are performed. In-
stead we decided to focus on objective evaluation be-
cause subjective auditory testing is expensive and slow,

Coding Algorithm Channels rc [kbit/s] Fs [kHz]

MPEG Layer2 (1) 2 384 48
MPEG Layer2 (2) 2 256 48
Eapt-X (1) 2 384 48
Eapt-X (2) 2 256 32
Eapt-X (3) 1 64 16
ITU-T G.722 / G.711 1 64 16/8

Table 6: Selected ACIP coding algorithms.

Fig. 2: PEAQ modified WB-PESQ results in comparison
to the raw WB-PESQ scores (dashed).

which makes it unsuitable for day-to-day quality evalua-
tions which we required. However, we cross-checked the
suitability of our model and results by individual expert
testing.

We used the WB-PESQ as well as the PEAQ algorithm
for objectively quantifying the user perceived audio qual-
ity for different equipment impairments due to the us-
age of VoIP technology. We combined the method’s
scores to a new QoE metric, based on a linear combi-
nation of the used objective methods, presented in [6].
Thereby, we exploited the ability of the PEAQ algorithm
to describe small impairments on fullband audio sig-
nals, while the WB-PESQ algorithm more ideally rates
stronger impairments and accounts for possible impair-
ments due to packet loss. Furthermore, some evaluations
in [16] showed, that it can also be used for the evalu-
ation of wideband mono audio signals. This trade-off
approach was chosen because so far no unified fullband
method for objective audio quality evaluation is avail-
able, which would also regard impairments possibly in-
troduced by IP-based transmissions.

Finally, we calculated WB-PESQ scores with respect to
coding and loss impairments while we took necessary
results of the PEAQ algorithm with respect to coding
impairments from already existing evaluations5. For the
loss evaluation, a loss process characterization based on
a 2-state Markov process [18] has been derived, which
allows for taking bursty loss into account. We performed
our experiments in a dedicated application-oriented
experimental environment for the coding algorithm
configurations specified in Table 6. Our experimental
methodology is illustrated in depth in [5], where we also

5These PEAQ results are recorded in a measurement report from
M. Karle (Hessischer Rundfunk, 2006)
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present results with respect to coding and packet loss,
furthermore considering different IP packet lengths. In
Fig. 2, the PEAQ modified WB-PESQ results of our
QoE metric in comparison to the raw WB-PESQ scores
are demonstrated forρ = 0.

5.3.2. Methodology for Ie,FB Derivation
The focus in the following is on clean transmission (i.e.
no packet loss). Nevertheless, we also used theIe,FB

derivation methodology for computing impairment fac-
tor anchors for results with respect to packet loss ratios
ρ 6= 0 and mean loss periodsµ ≥ 1 to later interpolate
the discrete results for different loss ratios to an compre-
hensiveIe,e f f ,FB using a non-linear least-squares curve
fitting strategy [5].

In principle, the procedure for the derivation of equip-
ment impairment factors is analogous to the narrow-
band and wideband case (see Section 4.2): the derived
MOS LQO values based on the WB-PESQ and PEAQ
evaluations are mapped to aMOS LQS which is then
transformed on the fullbandR-factor scale. From the
obtainedR-factor estimateŝRFB a raw equipment impair-
ment factorK is calculated withR̂FB = R0,FB−K. K is fi-
nally mapped to the desiredIe,FB value with an adjusting
function derived with reference conditions. This ensures
that the fullband results are consistent with the results of
the E-model for narrowband and wideband transmission.
An overview of the procedure is given in Fig. 3 (for de-
tails, confer [5]). It can be summarized as:

MOSLQO =⇒ MOSLQS =⇒ R̂FB =⇒ K =⇒ Ie,FB . (9)

In the following, we describe the mapping of the
MOS LQS to the R̂FB as well as the transformation of
theK value to a stableIe,FB.

For the mapping of theMOS LQS to the R̂FB, the cal-
culatedMOS estimations based on the objective evalua-
tions (see Section 5.3.1) are first transformed to the non-
extendedRNB-scale (range[0,100]). We hereby used the

Codec name Channels Fs [kHz] rc [kbit/s] Ie,FB

16 bit lin. PCM 2 48 1536 0
MPEG L2 2 48 384 0.2
Eapt-X 2 32 256 6.5
Eapt-X 1 16 64 36.7
ITU-T G.722 1 16 64 41
ITU-T G.711 1 8 64 63.8

Table 7: Ie,FB reference conditions.

Fig. 3: Methodology for the derivation ofIe,FB.

relationship ofMOS andR-factor from the narrowband
E-model, which still reflects the narrowband use of the
MOS scale assumed by the original E-model [12]. For
obtaining results which reflect the superior quality of
fullband transmission to the narrowband and wideband
cases, theR-factor scale is linearly extended to the full-
band case withRFB = 1.57 RNB.

In the last step, the obtainedK value has to be trans-
formed to a stableIe,FB value. This required the design
of a transformation function. ThisK to Ie,FB mapping
was found by using reference conditions, which firstly
had to be defined because until now, no reference
conditions forIe,FB are available. For this, we derived
6 reference conditions, 3 of which were derived during
the methodology design process for audio coding
algorithms to ensure a high correlation of the results
with the underlying QoE results of the WB-PESQ and
PEAQ algorithm, as well as subjective impressions.
Conditions 4-6 are: the undistorted linear fullband case,
the narrowband speech codec ITU-T G.711 and the
wideband codec ITU-T G.722. For all these coding
algorithms we computed rawK values following the
steps of the methodology described before. Then, the
reference conditions for ITU-T G.711 and ITU-T G.722
were obtained by shifting the wideband values from the
provisional planning values in ITU-T Rec. G.113 [10] to
fullband withIe,FB = Ie,WB +28, following the wideband
principle, while for the undistorted linear fullband
case we definedIe,FB = 0. In Table 7 the 6 reference
conditions are listed with their basic configuration, and
finally fullband equipment impairment factors are given
by Ie,FB. The interrelationship of rawK and defined
Ie,FB values were then used to derive the normalization
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Page 8 of 10



Graubner et al. QoE Assessment for ACIP

function by section-wise linear and non-linear curve
fitting.

5.4. Bandwidth Impairment Factor
We finally incorporate the concept for a separate band-
width impairment factor (see Section 4.1) in our fullband
QoE model. For this, We simply shiftedIbw for wideband
to the fullband R-factor scale,

Ibw,FB = Ibw,WB +∆Ibw = Ibw,WB +28 , (10)

using the wideband to fullband rating conversion pre-
sented in Section 5.3.2. Therefore, the best performance
without perceived bandwidth impairments is now shifted
to full audio bandwidth withIbw,FB = 0. The previously
best rating for the bandwidth 200-7000 Hz which re-
sulted inIbw,WB = 0, is now rated withIbw,FB = 28.

Analogous to [23], the obtained final fullband equipment
impairment factors for ACIP algorithms are plotted
against their resulting bandwidth impairment and
coding-only impairment in Fig. 4. The reasonable
results consolidate the proposed solutions and give a
nice picture of the different impairment relations to the
total equipment impairment value.

6. CONCLUSIONS AND FURTHER WORK
In this paper, we proposed a non-intrusive parametric
QoE assessment model for ACIP quality rating, provid-
ing separated impairment factors for the delay, loss, cod-
ing and bandwidth impairment. For this, we derived a
broadband extension of the widebandR-factor of the ex-
tended E-model to enable the conversational quality pre-
diction for ACIP. Moreover, we presented a delay im-
pairment factor for ACIP, as well as a derivation method-
ology for fullband equipment impairment factors from
instrumental models, based on our novel listening-only
quality evaluation approach for broadband. We also pro-
posed a necessary set of reference conditions for ACIP.

Our findings correlate well with subjective expert opin-
ions, while the validation of the framework with sophis-
ticated subjective testing is desirable. Alternatively, the
accuracy of our approach may be investigated in the fu-
ture with the broadband P.OLQA model (Objective Lis-
tening Quality Assessment), which is still in standardiza-
tion process in the ITU-T [17].

For a comprehensive quality rating, the framework
should be further extended. Until now, only the packet

Fig. 4: Ie,FB (white),Ibw,FB (black) andIres,FB (beige) for
the examined coding algorithms.

loss and delay impairments were parametrized, while the
model can be enhanced if also parametric models for
the QoE dependence on coding bitrate, packet size and
loss burstiness are incorporated. Moreover, the advan-
tage of using stereo instead of mono transmission was
not considered so far. Also the E-model advantage factor
A could be incorporated for describing an access advan-
tage. For example, in an extreme case where someone
is exclusively at a catastrophe location and has mobile
communication access via mobile phone, so that he can
give some live comments for a broadcasting station, then
A will be high because the audio quality is then not the
main issue, it prevails the advantage of actuality com-
bined with the access possibility. Hence, actuality and
exclusiveness of transmitted information may be consid-
ered in this measure. Furthermore, a greater set of au-
dio coding algorithms potentially useful for professional
audio communication should be evaluated (e.g. AMR-
WB+, AAC ELD). Thereby, also their packet loss con-
cealment methods should be examined with respect to
the QoE for quantifying their advantage and capabilities.
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