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Resumo— A demanda por alta qualidade de experiência em
sistemas de comunicação tem aumentado com a utilização de
sistemas de teleconferência, o que, por sua vez, estimulou a
procura por sistemas confiáveis de avaliação de qualidade.
Ferramentas para monitoração durante a operação do sistema,
em particular, permitem que os sinais sendo transmitidos tenham
a sua qualidade avaliada e as degradações que o estão atingindo
identificadas sem interrupção do serviço. Neste artigo, são apresentados dois cenários para monitoração de qualidade de sistemas
de teleconferência, cada um contendo dois pontos de medição
onde podem ser posicionadas ferramentas de monitoração nãointrusiva (INMDs). São levantados os tipos de degradação que
podem ser monitorados em cada ponto de medição, além de
critérios para o projeto dos respectivos INMDs. Os modelos propostos podem servir de guia para a geração de sinais degradados
adequados para testes subjetivos.
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Abstract— Teleconference systems have increased the demand
for high quality of experience in speech communication, which,
in turn, calls for reliable quality assessment tools. In-service
monitoring tools, in particular, aim to assess the quality of the
transmitted signal as well as to identify impairments that might
occur during the operation of the system. This paper presents
two scenarios for quality monitoring of teleconference systems,
each of them containing two measurement points where in-service
non-intrusive measurement devices (INMDs) can be located. The
impairment types that can be monitored at each measurement
point are elicited, as well as design constraints on their respective
INMDs. The proposed models can also guide the generation of
impaired signals to be employed in subjective listening tests.
Keywords— teleconference, acoustic
intrusive quality assessment, INMD
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I. I NTRODUCTION
The ubiquitous presence of speech communications has led
to an increase in demand for quality of experience [14]. Modern teleconference systems, in particular, call for dedicated
quality assessment tools that guarantee the satisfaction of their
users’ high expectation.
The most reliable method for measuring the quality of a
speech communication system is through subjective listening
tests. In such tests, the quality of a given signal is measured
by asking a group of subjects to grade it in a given scale,
and averaging the attributed grades so as to obtain a single
mean opinion score (MOS). Since the set-up and execution
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of subjective listening tests is time-consuming and expensive [3], [8], [2], computational (so-called objective) methods
to emulate them gained attention of both research and industry
communities [13], [6]. These automatic quality assessment
(QA) methods can be signal-based [14], such as the PESQ
algorithm [13], or parametric [14], such as the E-Model [12].
Another possible way to classify these tools is regarding the
stage in which they are to be employed in a communication
system. A QA tool can be used during system design, maintenance, or operation1, each phase requiring different tools with
varying specifications.
During the design and maintenance phases, the operator
has complete control over the system and can perform as
many tests on the system as desired. Intrusive double-ended
(i.e., where both degraded and non-degraded signals are available) [14] QA tools can be employed to predict the perceptual
quality of the transmission systems [5], [6], [18] and/or to
identify possible problems [16]. A set of test points [2] must
be properly defined, as briefly discussed in Section II-A, for
this task.
Quality assessment of systems during their operation, on
the other hand, calls for tools that are able to work nonintrusively [14]. Such monitoring devices [17] must access the
transmission system internally, in order to gather the necessary
information without interruption.
In ITU standard P.651 [11], different In-Service NonIntrusive Measurement Devices (INMD) for voice-grade parameters, in both circuit-switched and packed-based telephony
networks, are specified. As defined in that document, “The
parameters which are accessible via INMD measurements can
only be obtained from the signals (of one direction or of both
directions) at one specific point in the network.”, hence each
INMD is located at a single point at the network and can be
double-ended or single-ended (i.e., where only the degraded
signal is available to the INMD) [14].
This paper describes a general model for teleconference
systems including measurement points where INMDs can
be connected, and elicits degradations that can be identified/assessed at each location. Ideally, an INMD located at
a given measurement point could house a signal-based [15]
QA tool or a degradation type classifier [16] responsible for
monitoring the quality of the telepresence system during its
operation.
The structure of the paper is as follows. In Section II,
the teleconference model originally presented in [2] is briefly
described. The new non-intrusive scenario for teleconference
1A

similar categorization is performed in [15].

XXIX SIMPÓSIO BRASILEIRO DE TELECOMUNICAÇÕES - SBrT’11, 02-05 DE OUTUBRO DE 2011, CURITIBA, PR

Room 2

Room 1
Talk

H1 (z)
HN1i (z)
N1i

Listen

Fig. 1.

in

HN1i

out

(z)

Listen

H2′ (z)

M1 (z)

M2 (z)

Network

HN2i (z)
in

HN2i

H1′ (z)

out

N2i

(z)

H2 (z)

Talk

Complete teleconference model. Figure adapted from [2].

systems is presented in Section III. In Section IV, the conclusions are drawn.

and reverberation due to the local room impulse response
(RIR).

II. T ELECONFERENCE M ODEL
In this section, the model used as a starting point for
the creation of both intrusive and non-intrusive scenarios is
reviewed. This model was originally presented in [2] and is
restricted to a conversation between two participants.
An overall model for a teleconference system is shown
in Figure 1. In that figure, one can see 1 in Room 1 in
conversation with 2 in Room 2. Voice coming out of the
mouth of 1 reaches his/her own ears (through direct path
only, for the sake of simplicity) and microphone 1 through
Room 1 response H1 (z). Each noise signal N1i from a given
source (such as an air-conditioner or a computer) i inside the
room, after being modified by and along their respective
paths, reaches the talker’s ears and microphone 1 also. On the
other hand, voice coming from Room 2 through loudspeaker
in Room 1 is directed to the ears of Talker 1 through room
response H1′ (z), and is acoustically fed back to microphone
via M1 (z). An analogous description suits Room 2. Networkinduced degradations such as delay, attenuation, packet loss,
and jitter are implicitly depicted inside the grey box.
In [2], two scenarios for intrusive quality assessment of
teleconference systems based on the model shown in Figure 1
were described. These two scenarios are briefly presented in
the next section.
A. Intrusive QA Scenario
The objective of the intrusive scenarios is twofold [2]: (1)
representing the targeted impairments in a way that allows the
controlled generation of a comprehensive database of degraded
signals to aid in the development of automatic QA tools; (2)
allowing the definition of access points to reference signals
as well as signals under test that are meaningful for both
subjective and objective tests.
The model depicted in Figure 1 can be simplified to allow
the independent characterization of echo, noise and reverberation effects in each room. This can be done by separating the
general model in two parts: local scenario and remote scenario.
The so-called local scenario is shown in Figure 2. It can
characterize degradations acoustically generated at the talker’s
side, i.e. background noise originated by local sources (N 1 )
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Fig. 2.

Local scenario model [2].
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Remote scenario model [2].

The so-called remote scenario is shown in Figure 3. It
can characterize degradations acoustically generated at the
talker’s opposite side, i.e. mainly acoustic echo resulting from
loudspeaker-microphone coupling combined with transmission
paths’ delay. Local effects are discarded, as if H1 (z) = 1
and N 1 = 0 in Figure 2. Possible network distortions are
not considered, and the effect of the signal transmission is
summarized by delay l and gain G. Additive noise N 2 and
room response M2 (z) make for a more realistic modeling of
the remote part.
In both cases, the multiple noise sources have been encapsulated into a single one (N 1 or N 2 ) with
N 1 (z) =

M
1 −1
X
i=0

and
N 2 (z) =

M
2 −1
X
i=0

HN1i (z)N1i (z)

(1)

HN2i (z)N1i (z),

(2)

in

in

where M1 and M2 are the numbers of noise sources in Room
1 and Room 2, respectively.
A description of how these two scenarios can be used in
intrusive QA tests can be found in [2].
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Simplified teleconference model. Only the transmission/reception cycle for talker 1 is considered.

The two models presented in this section are unsuitable for
non-intrusive QA because: (1) their signal capture points are
not readily available for in-service acquisition; (2) they focus
in acoustically-induced degradations, which is a reasonable
constraint for network testing when different degradation
sources can be de-coupled but is not the case for online
measurement. In the next section, two new models specifically
devised for online monitoring of teleconference systems are
described.
III. M ONITORING S CENARIO
In this section, two new scenarios for teleconference systems are presented. Their target is to provide meaningful
measurement points for non-intrusive quality monitoring of a
teleconference system. Even though these test points have been
intended for objective quality measurements, their possible use
for subjective listening tests is also discussed.
Once more, the starting point is the overall teleconference
model depicted in Figure 1, from which the simplified model
shown in Figure 4 is derived. In the latter:
1) Only the transmission/reception cycle related to the
voice of talker 1 is considered.
2) A single additive noise signal as a combination of several
noise sources is considered inside each room.
3) Room response HNj (z) represents the path from the
single noise source Nj to the microphone in Room j,
with j ∈ {1, 2}.
4) The received signal is taken at the loudspeaker output,
hence the room response from the loudspeaker to the
talker’s ears is disregarded.
Item 1 above implies that the monitoring strategies considered
henceforth operate only when just one talker is active, i.e.
there is no double-talk. In practice, this would require the
use of a double-talk detector [9] in tandem with the quality
monitoring tools. A similar simplification as the one described
in Item 2 was also made in Section II-A [2], and was found
to be a reasonable compromise between the simplicity of the
model and its generality. The asumption in Item 4 regards the
fact that a monitoring system has only access to the signal
up to the loudspeaker output, and that possible impairments
occurring between the loudspeaker and the subject’s ears are
unobservable from a monitoring point of view.

In the next two sections, the model depicted in Figure 4
is further divided into two scenarios: one responsible for
degradations that might occur due to the direct path between
Room 1 and Room 2; and the other responsible for the
degradations that might occur due to the feedback path from/to
Room 1. Of course, both models can be side-reversed.
A. Direct Path Model
In this scenario, shown in Figure 5, degradations that occur
through the transmission system when there is no feedback
between the two rooms are considered. This can happen if the
Acoustic Echo Cancelers at both ends are working properly
or if headphones are used in Room 2 instead of loudspeakers.
Room 1
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Network
TP1

TP2

Y2

N1

Fig. 5.

Direct path scenario. TP in the diagram stands for “test point”.

Two test points, TP1 and TP2, are identified in this scenario.
The first allows the evaluation of the signal that is going
to be transmitted to Room 2, whereas the second allows
the evaluation of the signal received in Room 2. Below,
the degradations that can be detected at each test point are
described.
• TP1: acoustic degradations that might occur in Room 1
(reverberation and background noise), plus possible nonlinear distortions caused by the audio capturing device
(microphone and A/D converter), such as magnitude
clipping.
• TP2: all degradations at TP1 plus network distortions,
such as coding artifacts, jitter, and signal gaps.
TP1 in the Direct Path Model is similar to the test point of
the Local Scenario described in Section II-A, in the sense
that both consider almost the same degradations. On the other
hand, TP2 is a more encompassing evaluation point, since it
allows the inclusion of network-induced impairments, and thus
estimating the overall perceptual quality for a listener located
at Room 2 when acoustic degradations originated inside Room
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2 are disregarded2. Both test points are single-ended, i.e. they
only have access to the degraded signal.
As regards subjective listening tests, for TP1, Degradation
Category Rating [10] tests similar to the ones suggested
in [2] can be performed, as long as the reference signal is
also captured, which can be done the same way as in the
Local Scenario. Alternatively, Absolute Category Rating [10]
(ACR) tests can be carried out by submitting to evaluation
only the signal observed at this test point. ACR tests are the
most adequate for application to the signals detected at TP2.
It should be noted that the number of combinations of
impairments that may occur at TP2 can make the design
of monitoring tools too challenging a task. In any case, the
degradation decomposition approach proposed in [19], [20]
can be applied at each test point. This way, quality evaluation
is carried out over three proposed quality dimensions [20],
making the monitoring system more robust to impairment type
combinations. A similar approach is being considered for the
new ITU standard P.863 for full-reference quality evaluation of
speech signals [7]. Moreover, subjective listening tests can also
be carried out to assess each quality dimension separately [4],
by considering only those impairments associated with the
dimension under test.

related to the Remote Scenario (see Section II-A) if the
network is simplified to only gain and delay. TP2, on the other
hand, is of particular interest if one needs to isolate the effect
of the AEC, in order to monitor its performance.
TP1 cannot be used to directly provide signals for subjective
listening tests. This happens because echo is perceived only
when the feedback signal Y1 is acoustically summed with the
signal X 1 . Hence, in order to perform subjective listening
tests for TP1, the degraded signal actually evaluated should be
X 1 + Y1 . In this case, as mentioned before, both the reference
and degraded signals of TP1 are exactly the same as the ones
defined for the Remote Scenario, assuming that the effect
of the AEC is simply an attenuation of the feedback speech
signal. As with TP1, the signals at TP2 need to be conformed
before being used in listening tests. Alternatively, TP1 can be
also used in talking-quality3 subjective tests, such as the ones
used in [1]; in this case the model can be used to generate the
degraded signal in real-time, while the subject speaks.
No degradation decomposition in terms of those described
in [20], [19] can be made at any test point in this scenario,
since echo-degraded signals have not been considered in those
works’ experiments.
IV. C ONCLUSION

B. Feedback Path Model
In this scenario, depicted in Figure 6, only those degradations related to the feedback path caused by coupling between
microphone and loudspeakers inside Room 2 are considered.
Differently from the direct path model, now the acoustic echo
canceler (AEC) at room 2 is explicitly shown. The degradations occurring inside Room 1 are not taken into account, since
they can be evaluated via the direct path scenario. Moreover,
the acoustic coupling that happens in Room 1 (due to M1 (z))
is also neglected for two reasons: (1) the AEC at Room 1 is
assumed to be working properly; (2) a high signal attenuation
is expected due to the double feedback loop. Two test points
Room 1
X1

Room 2
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Network
TP1
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TP2

ACKNOWLEDGMENT
N2

Y1
Fig. 6.

Feedback path model. TP in the diagram stands for “test point”

were envisaged for this model:
• TP1: that allows the evaluation of the acoustic echo and
noise originated in Room 2.
• TP2: that allows the evaluation of the AEC located at
Room 2.
Both test points are double-ended, having access to both
reference and degraded signals. TP1 in particular is closely
2 The

latter could be measured by a reversed TP1.

In this work, two new scenarios for non-intrusive monitoring
of teleconference systems were described, related to the direct
and the feedback paths. For each scenario, test points (TP)
suitable for degradation type identification and quality assessment were proposed. For the case of the feedback path model,
it was found that double-ended non-intrusive measurement
points could be used for detecting and assessing the system
as regards acoustic echo. For the direct path model, singleended measurement points can be used to assess acoustic
degradations induced by the room where the talker is located
as well as possible network distortions. These assessment
points allow the development of dedicated tools for online
quality monitoring of teleconference systems. Also, the design
of subjective listening tests that can be employed as groundtruth for this kind of QA tools can be guided by knowing
which degradations are accessible at each measurement point,
as described in this paper.
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