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Abstract

The impairment factor methodology has been adopted by
telecommunication experts (ITU-T, ETSI) for describing the
relative impact of telephone transmission degradations on the
overall quality of transmitted speech. Input parameters to this
methodology are mainly instrumentally measurable
characteristics of the transmission path, with the exception of
low bit-rate codecs, whose perceptual characteristics still have
to be determined in auditory tests. In this paper, we describe a
new approach for deriving impairment factors for low bit-rate
codecs in a purely instrumental way. Using instrumental
quality prediction models like PESQ or TOSQA, quality
estimations are obtained for the codec under test, as well as for
several reference codecs. The reference conditions are
subsequently used for anchoring the speech codec of interest,
so that the impairments it introduces can be combined with
other degradations in order to obtain an overall quality
estimation for the whole transmission channel. A comparison
with defined values for well-known codecs shows a high
correlation of instrumentally derived impairment factors with
the corresponding defined values, as well as with auditory test
data.

1. Introduction

When modern telecommunication networks (wireline or
mobile telephone networks, VoIP networks) are planned
according to quality considerations, it is important to have an
estimate of the overall quality which can be reached by a
specific network configuration, even before the network has
been set up. Overall quality is influenced by several individual
impairments, caused by the transmission channel, the terminal
equipment, and the acoustic situation the speaker and listener
are located in. In order to have a realistic prediction of the
overall quality mouth-to-ear, a combination of such
impairments has to be taken into account.

Because quality is related to the agreement between system
performance and user requirements (see Jekosch [8] for a
discussion of the term ‘quality’), it can in principle only be
assessed with human test subjects, e.g. by performing auditory
tests under controlled laboratory conditions, or even user
surveys. However, such tests are expensive and time-
consuming. Thus, there is a strong need for prediction models,
which base quality estimations on instrumentally measurable
parameters of the transmission chain [10]. These parameters
should comprehensively describe the perceptually relevant
impairments. Planning experts of telecommunication networks
use e.g. circuit noise levels, echo attenuation and delay,
electro-acoustic sensitivities of the terminal equipment, and
weighted ambient noise levels for this purpose.

The International Telecommunication Union (ITU-T) recently
recommended the so-called E-model as the quality prediction
model to be used for telephone network planning purposes [2].
It produces an overall quality estimate for the whole
transmission chain from mouth to ear, based on the
instrumentally measurable input parameters mentioned above.
The individual degradations are expressed as so-called
‘impairment factors’, which are subtracted from the optimum
quality value Ro (which is determined by the signal-to-noise
ratio on the connection) to form an overall transmission rating
R for the whole connection mouth-to-ear, including all
impairments:

IeIdIsRoR −−−=
The exact formulae to calculate Ro and the impairment factors
Is (for impairments occurring simultaneous to the speech
signal, e.g. too loud connections, non-optimum sidetone, etc.)
and Id (for echoes and pure delay) from the instrumentally
measurable input parameters are not of interest here; instead, it
is important to note that the overall quality is calculated from
the individual impairment factors in an additive way. The
perceptual assumptions underlying this principle are discussed
elsewhere (e.g. [9]).

A main feature of the E-model is that it takes into account the
perceptive effects of low bit-rate codecs. However, in contrast
to the other, more traditional types of impairment which are
covered by the model (noisiness, echo, etc.), there is still no
way of capturing the codec-originated impairments from
instrumental measurements. Two approaches have been
followed until now.

One way is to describe the human perception process as a
“glass box”: input and output signals of the codec are
transformed into perceptually motivated descriptions,
eliminating perceptually irrelevant signal modifications (e.g.
missing time alignment) in a pre-processing step. From this
description, weighted distances or similarities are calculated,
which can be transformed into estimations of overall quality
by means of a transfer function. We will make use of two such
models in the following, namely the TOSQA model developed
by the second author [1], and the new ITU-T standard PESQ
[6].

The second way is to treat the whole codec as a “black box”,
for which a degradation factor (the so-called equipment
impairment factor, Ie, cf. the formula above) can be derived as
the outcome of an auditory experiment. This approach is
mainly followed by network planning experts. A standardized
methodology for calculating Ies from the results of auditory
listening-only tests has recently been recommended by the
ITU-T [5]. Ies derived in this way can be combined with other
impairments to form a prediction for the overall quality of the
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transmission channel in terms of the transmission rating R,
using the E-model.

In order to be – during the network planning phase –
independent of auditory tests, we follow a new approach in
this paper. An equipment impairment factor is calculated on
the basis of instrumental “glass box” models (PESQ,
TOSQA), using defined reference codecs for anchoring the
amount of degradation caused by the codec under
consideration in the impairment framework defined by the
other transmission elements. This approach is described in the
following section. In contrast to direct quality estimations with
“glass box” models, it provides an impairment description
which can be combined with other – more traditional – types
of impairment. The approach is evaluated for a number of
well-known codecs and codec tandems in Section 3. The high
correlation to Ie values defined in the E-model as well as to
auditorily derived Ies shows that the approach can fruitfully be
used for network planning purposes. A discussion and an
outlook on open questions which need to be answered in order
to define a stable methodology concludes the paper.

2. Combinatory approach

Equipment impairment factors can be seen as a simplified
description of degradations caused by low bit-rate codecs, in
relation to other degradations of the transmission channel.
They are not meant to be an exact representation of the
perceived quality, which is, in fact, a multidimensional
attribute. Two prerequisites have to be fulfilled in the
derivation process: all relevant quality or degradation
dimensions associated with the codec have to be captured in
the subjects’ judgments, and the derived Ie values have to be
anchored in the framework of other impairments which is
defined by the E-model.

The methodology which has been developed by the first author
and is now recommended by the ITU-T (P.833 methodology)
aims at respecting these requirements [5][11]. A listening-only
test is carried out, assessing the codec of interest together with
several well-known reference codecs for which Ie values are

already defined with the E-model. Two tables of reference
codecs are given in ITU-T Rec. P.833 for this purpose: one of
codecs in single operation, and the second of asynchronous
codec tandems. Subjects’ judgments are solicited either on a 5-
point ACR quality scale (the so-called MOS scale) or on a
continuous category-ratio scale (CR10 scale). They are
transformed to the transmission rating scale R which is
underlying the E-model. A linear interpolation anchors the Ie
value, which is to be derived for the new codec, in the existing
framework. In a subsequent step, the combination of the newly
derived Ie value with Ie values defined for well-known codecs
is checked. The final Ie value is expected to be additive to the
values for other codecs, and can be combined with other
degradation factors of the E-model (see formula in the last
section).

Starting from this methodology, we propose to replace the
auditory test by an instrumental “glass box” model, both for
the codec under investigation, as well as for the single codec
reference conditions defined in ITU-T Rec. P.833. In this way,
a combination of “glass box” and “black box” approaches is
produced. The resulting structure is illustrated in Figure 1.
Two interfaces between PESQ/TOSQA and the P.833
methodology are possible: either (1) an MOS output is
produced by the “glass box” model, and then fed into the
P.833 methodology; or (2) the output of the instrumental
model is produced on an intermediate (perceptual) level, in
terms of an integral distance or similarity. This distance or
similarity can be directly transformed to the transmission
rating scale R, using an appropriate transfer function.

With this approach, the main advantages of “glass box” and
“black box” methods can be combined. The use of equipment
impairment factors allows – as in the P.833 methodology – to
perform quality predictions for different types of impairments
combined in the network, using the E-model. On the other
hand, it becomes possible to make use of purely instrumental
input parameters, which is a fundamental advantage of PESQ
or TOSQA. These “glass box” models include a certain
amount of “knowledge” from several auditory tests which
have been used for their establishment; thus, it can be assumed
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Figure 1: Combinatory approach for deriving Ie values for low bit-rate codecs.
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that the predictions are test-independent to a certain extent.
However, it has to be noted that both methodologies (“glass
box” as well as “black box”) are finally based on auditory test
data. As a consequence, when the principle used in the E-
model for combining different impairments is no longer
satisfied, or when the “glass box” estimation does not provide
meaningful estimations in terms of MOS, the methodology as
a whole will be doubtful.

3. Evaluation results and discussion

Our combined approach has been tested by processing
recorded speech material (input and output signals of different
codecs) with the two “glass box” models. Four speech
samples were used for each circuit condition, consisting of
two short sentences, read aloud by two male and two female
speakers. The samples have been recorded in a low-noise test
cabinet and were filtered with an IRSmod characteristic
typical for the send part of a handset telephone [4]. They were
subsequently processed through software implementations of
all reference codecs defined in Tab. 1 of ITU-T Rec. P.833,
and through 21 additional low bit-rate codecs, codec tandems
or signal-correlated noise conditions (MNRU, see [3]). For
these 21 additional conditions, Ie values are already defined
by the existing framework, so they can be taken for evaluating
the proposed methodology.

The coded and uncoded speech files are used as an input to
TOSQA and PESQ. Both models provide an output either in
terms of a mean opinion score (MOS) ranging from 1 to 5, or
a weighted perceptual distance. For MOS, a fixed
transformation law to the transmission rating R of the E-
model is defined in ITU-T Rec. P.833:

100:5.4for MOS

107)60(035.01:5.4MOS1.0for

0:0.1for MOS
6

=≥
⋅⋅−⋅+⋅+=<<

==
−

R

RRRMOS

R

The resulting R value for each circuit condition can directly
be transformed into a raw Ie estimation, taking the standard
logarithmic PCM coding (ITU-T Rec. G.711) as a reference
for Ie = 0, i.e. Ie = R (G.711) – R (test condition).

The perceptual distance is transformed to the scale of
impairment factors by using a third order polynomial curve,
which is derived to be monotonous in the range R ∈ [0;80].
The coefficients for this curve have been determined from the
14 reference codecs, and they are given in Table 1.

Table 1: Polynomial transfer function coefficients.

“glass box” model a0 a1 a2 a3

PESQ 29,246 87,963 -41,854 4,6131

TOSQA 143,81 -83,317 22,3 -2,484

The raw Ie values obtained with either transformation are then
subject to the linear interpolation procedure which is defined
in P.833, and which leads to a stable instrumentally derived Ie
values for each circuit condition. Because most of the circuit
conditions contained in the experiment are already codec
tandems, we cannot check the additivity of Ies in an explicit
way (as it is defined in the P.833 methodology); instead, we
have to assume this additivity being fulfilled, a fact which has
to be taken into account when interpreting the experimental
results.

The results are illustrated as scatter plots, comparing the

instrumentally derived Ie values to those defined with the E-
model (Ie,defined). Crosses indicate codec or codec tandem
conditions, diamonds MNRU conditions. In Figures 2 and 3,
these scatter plots are depicted using an MOS based
transformation between the “glass box” model and the P.833
methodology (combination (1) of Figure 1), for PESQ and
TOSQA, respectively. It can be seen that the correlation
between Ie and Ie,defined is high, namely 0.96 for PESQ and
0.94 for TOSQA. This indicates that the methodology leads to
Ie estimations which fit well into the existing impairment
factor framework, as it is defined by the E-model. Because the
Ie,defined values are based on the additivity of Ies, part of the
deviations may be due to this property not being fulfilled.
Both “glass box” models show a nearly equal performance,
although individual results for each circuit condition differ.
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Figure 2: Comparison between instrumentally derived and
defined Ie values, using PESQ and MOS estimations.
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Figure 3: Comparison between instrumentally derived and
defined Ie values, using TOSQA and MOS estimations.

Results for the direct transformation using a third order
polynomial (combination (2) of Figure 1) are very similar to
those obtained using the MOS estimations, and are thus not
reproduced in detail here. Once again, a good agreement
between instrumentally derived and the defined Ie values can
be obtained with both “glass box” models. Correlation is
similarly high, namely 0.96 for PESQ and 0.93 for TOSQA.

Correlations calculated over all circuit conditions are a
common mean for proving the goodness of a model fitting
original data. However, they do not give an indication of how
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well the model performs for a specific range of input
parameters. In our case, equipment impairment factors are
used for the description of low bit-rate codec degradations, in
single and in tandem operation. For individual codecs, they
usually span over the range between 5 and 25, and they are
defined to be additive for asynchronous tandems. If the
correlation coefficients are calculated for the low bit-rate
connections only (the crosses in Figures 2 and 3), correlation
can – for some configurations – be considerably lower. This is
an indication that the methodology performs well in providing
a rough indication of the overall amount of degradation which
is introduced by a codec. On the other hand, it is not meant to
distinguish precisely between two codecs which have a
similar Ie value.

So far, the instrumentally derived Ie values have only been
compared to the values defined in the E-model. This does not
necessarily correspond to quality judgments which can be
obtained in auditory tests. Using the same speech samples,
three listening-only tests have been carried out at T-Nova
labs, Berlin. Because the listening set-up and the choice of
test subjects slightly differed, it is preferred here to treat the
mean results independent for each group. In tests 1 and 3, 13
resp. 28 naïve subjects judged the overall quality on a 5-point
ACR scale (MOS scale), in test 2 ten expert listeners took
part. The mean quality judgments (MOS) have been
transformed to Ie values according to the P.833 methodology.

Table 2 indicates the correlation between the auditorily
derived Ie values and the ones derived instrumentally
according to the methodology proposed in this paper, using
either the MOS transformation procedure or the 3rd order
polynomial. It can be seen that all correlations are
considerably high. Thus, Ie values derived instrumentally
agree not only with model predictions, but also with auditory
test data.

Table 2: Correlation between auditorily and instrumentally
derived Ie values.

“glass box” mod. transform. test 1 test 2 test 3

MOS 0.93 0.94 0.91PESQ

polynomial 0.94 0.95 0.92

MOS 0.94 0.94 0.94TOSQA

polynomial 0.94 0.94 0.94

4. Conclusions and outlook

The evaluation results show that the proposed approach, using
either the MOS output of a “glass box” model as an input to
the P.833 methodology, or a direct transformation law
between perceptual distance and the impairment factor scale,
leads to Ies which fit into the list of existing equipment
impairment factors. Ies derived in this way give a rough, but
valid estimation of the overall degradation introduced by a
specific codec; they are no analytic comparative quantification
of similar codec degradations. Together with the E-model, a
framework is provided which allows codec-originated
degradations to be quantified and compared with other
degradations of the transmission channel. Due to the use of
“glass box” models replacing auditory tests, the approach is a
purely instrumental one. Both PESQ and TOSQA show a
similar overall performance.

In order to provide a stable and precisely described

methodology, there has to be an agreement not only on the
“glass box” model to be used (here: PESQ or TOSQA) and on
the transformation procedure (e.g. using the MOS output, a
polynomial transformation law, or any other transformation
rule), but also on the speech samples the methodology has to
be performed with. Within ITU-T, several databases are
available which have successfully been used for standardizing
“glass box” models, see e.g. [7]. It has to be seen in how far
larger and more balanced databases can reduce prediction
variance.
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