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ABSTRACT

In the planning process of telephone networks, it is important
to have estimates of the speech communication quality which
can be obtained with specific network configurations, even
before the network has been set up. For this aim, network
planning models have been developed. They base quality
predictions on instrumentally measurable input parameters of
the transmission chain, and take conversational factors into
account. In this paper, the most prominent and complete model,
the so-called E-model, is presented in more detail.  The
underlying principles are discussed, and it is shown how new
speech processing equipment (e.g. codecs) can be included in
the model. Comparisons of model quality predictions to
auditory test data show how conversational aspects are covered
by the model, and where modifications can improve quality
prediction output. An outlook identifies the parameters where
work is still needed in order to use network planning models to
reliably predict conversational impacts in modern network
scenarios, and to estimate the influence of the transmission
channel on dialogue system quality.

1. INTRODUCTION

For telephone-operated conversations in human-human as well
as in human-machine communication, valid transmission
channel quality estimates have to take conversational aspects
into account. Speech communication quality cannot be directly
assessed as a degradation from input to output signals, e.g. by
means of an auditory or instrumentally based comparison
between input and output signals of the transmission channel.
Such ‘degradation’ measurements only regard one component
of speech communication quality, namely one-way voice
transmission quality.

In a more analytical picture (Möller, 2000), speech
communication quality refers to (1) factors affecting the
auditory event itself, i.e. the voice transmission quality, (2)
quality factors related to the system’s conversational
capabilities (conversation effectiveness), as well as (3)
communication partner related factors (ease of
communication). One-way as well as conversational features
will contribute to the communication efficiency of a voice
transmission system, and thus to system usability and
acceptability.

In the planning process of telephone networks, the fact has to
be faced that often no prototype network exists which would
enable either an auditory/instrumentally based degradation
measurement, or an assessment in a conversational situation.
Quality prediction models have been developed for this aim,

enabling different quality features to be estimated even before
a communication system has been set up. Three different types
of models can be distinguished.

The first type is an instrumental comparative measure. Such a
model predicts an overall quality level or a relative quality
degradation, based on a weighted difference between input and
output signals of a part of the transmission chain. Several
proposals for algorithms have been made in the last years, and
a new standard for narrow-band telephone transmission has
recently been adopted by the International Telecommunication
Union (ITU-T Delayed Contr. D.140, 2000). Although
extensions towards conversational quality aspects (e.g. echoes)
have been proposed too, it is obvious that such models can in
principle only predict aspects of one-way transmission quality.

The second type of model predicts quality as perceived by the
user in a conversational situation. Such ‘network planning
models’ base their predictions on instrumentally measurable
planning characteristics of the associated network components,
taking the whole transmission chain from the mouth of the user
to the ear of the listener into account. They explicitly model
impairments which refer to the conversational situation,
namely talker echoes and pure delay of the connection. The
most prominent and elaborated of such models is the so-called
E-model. It has been standardized by the ITU-T (ITU-T Rec.
G.107, 2000). A third class of models exists, namely the
monitoring models, which perform instrumental measurements
in operating networks (non-intrusive models) or by setting up
test connections (intrusive models), and then calculate quality
estimates on the basis of the instrumental measurement results.

It is the aim of this paper to present one model of the second
type, the E-model, in more detail (Section 2). Emphasis will be
put on two aspects which are relatively new and not yet fully
elaborated in a scientific sense. The first one is a global
procedure to cover perceptively relevant effects related to  new
signal processing equipment, specifically to speech codecs. A
new methodology is presented for deriving integral quality
degradation values associated with such a specific piece of
equipment (Section 3). The second aspect are the
conversational quality dimensions covered by the E-model. In
Section 4 an analysis is carried out in order to evaluate the
model’s prediction capabilities for these dimensions. An
outlook will be given on aspects which are not yet covered by
the model.

2. THE E-MODEL

Network planning models like the E-model have been
developed as a tool for planning narrow-band telephone
networks. As such, quality predictions of these models are not
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meant to be actual predictions of real network user opinion, in
a specific conversation. Rather, they should be regarded as
comparative indices allowing for a global ranking and a rough
classification of the quality level which can be obtained with
different network configurations.
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Figure 1: Planning configuration of the E-model (Rec. G.107).

The E-model takes into account most of the network
components which may lead to quality degradation in
traditional – analogue as well as digital – telephone networks.
Input parameters to the model are instrumentally measurable
characteristics of the associated terminal, switching and
connection elements. Up to now, predictions are limited to
continuous transmission aspects; specific time-variant
characteristics of mobile and packet-based networks (bursty
errors, fluctuations, clipping, fading, etc.) are not yet taken into
account. Frequency responses and noise spectra are normally
reduced to one-dimensional scalar values; this makes the
planning process easier and permits simple level and SNR
calculations. Transfer characteristics of the individual network
paths are characterized by so-called loudness ratings, i.e. scalar
planning values which reflect – to a limited extent – the
sensitivity of the human ear. The same principle is applied to
different noise sources, which are represented by
psophometrically or A-weighted power levels.

Figure 1 shows the basic planning configuration of the E-
model. All single transmission paths are characterized by their
respective loudness ratings (SLR and RLR or OLR for the main
transmission path, TELR for the talker echo path, WEPL for the
listener echo loop, LSTR or STMR for the listener/talker
sidetone path) and the delay they introduce (pure delay Ta,
mean one-way delay of the talker echo path T, and round trip
delay Tr for the listener echo). Noise sources are described in
terms of weighted power levels (circuit noise Nc and Nfor, and
room noise Ps and Pr). The difference in handset sensitivity
between direct speech sound and diffuse ambient sound is
represented by the so-called D-factor. Whereas waveform
coders are characterized by the amount of quantizing noise they
introduce (qdu), the perceptively relevant effects of non-
waveform low-bitrate coders are taken into account using an
integral quality degradation factor, the so-called equipment
impairment factor Ie.

The E-model algorithm calculates a one-dimensional quality
index for the speech communication quality, based on the input

parameters given in Figure 1. In order to capture a large
amount of perceptively very diverse impairments within one
single quality index, the model makes use of a fundamental
principle derived in the 1960s for impaired video pictures, and
later used in the NTT model OPINE: “The model’s basic
principle is the fact that evaluation of psychological factors (not
physical factors) on a psychological scale is additive” (ITU-T
Suppl. 3 to P-series Rec., 1993). Following this principle, all
individual types of impairment are first transformed to a so-
called “psychological scale”. On this scale, the individual
amounts of degradation can simply be added in order to obtain
an estimation of the overall degradation, or (with a negative
sign) of the overall quality.

A detailed description of the model algorithm is given in ITU-T
Rec. G.107 (2000). The primary output of the E-model is the
transmission rating factor R, an integral quality value for the
whole transmission chain, and for the conversational situation.
It can be calculated from the basic signal-to-noise ratio Ro
(determined by an average speech level and all noise sources),
by subtracting individual impairment factors for degradations
occurring simultaneously (Is) with the speech signal (e.g.
quantizing distortion, non-optimum sidetone, or non-optimum
overall loudness), those occurring delayed (Id) with respect to
the speech signal (e.g. talker or listener echo, pure delay of the
connection), and those resulting from digital speech processing
equipment (Ie):

R Ro Is Id Ie A= − − − +
The expectation factor A has been introduced in order to
roughly cover the different quality expectations for mobile or
cordless telephones. It will not be discussed further in this
paper. From the transmission rating factor R, estimations of
average user opinion can be calculated, in terms of mean
opinion scores (MOS), or a percentage of users judging a
connection good or better (%GoB) or poor or worse (%PoW).

Ro, Is and Id can be calculated from the input parameters given
in Figure 1. It should be noted that, although there is no direct
relationship between Is and Id, interdependencies exist
because of common input parameters. In contrast to that, the
equipment impairment factor Ie is completely independent of
all other impairment factors. It represents the incremental
value of degradation resulting from a specific speech
processing network element (e.g. a codec), and can thus not be
calculated from instrumentally measurable parameters. A
methodology for the derivation of Ie from the results of
auditory tests is presented in the next section.

In the first view, it seems surprising that simple additivity
should hold true for perceptively very diverse types of
impairment (e.g. noise and echo). As a matter of fact, detailed
analyses show that some masking occurs, especially for
moderate levels of noise which may hide other degradations on
the speech signal. Nevertheless, experiences gained in the past
years do not doubt the whole principle when applied to quality
planning of networks. For this application, the overall level of
quality is more important than slight perceptual differences. It
should be noted that the E-model has mainly been derived
under empirical considerations, and only to a limited extent
takes psychoacoustic principles into account.



3. DERIVATION OF EQUIPMENT
IMPAIRMENT FACTORS

Equipment impairment factors have been introduced as a
simplified measure of the perceptual effects related to non-
waveform codecs. They do not represent an exact description of
the effects of each individual codec, which may be very diverse
in perceptive nature. Instead, they represent the relative
degradation in comparison to other impairments present in the
connection. For several standardized and well-known codecs, a
framework of equipment impairment factors has been
established by the ITU-T. When equipment impairment factors
for new pieces of speech processing equipment (e.g. a new
codec) are to be derived, it is important that they fit into the
existing framework. This can be guaranteed by a direct or
indirect comparison with reference conditions.

As long as no instrumental algorithm has been defined,
realistic Ie values can only be derived from the results of
auditory tests. In the following, we discuss a new methodology
for the determination of Ie values which is now proposed for
standardization within ITU-T Study Group 12. Ie values for
unknown pieces of equipment are derived from the results of
auditory listening-only tests, taking conditions with reference
codecs as anchor points. The methodology is precisely
described in ITU-T Contribution COM 12-114 (2000), and a
first evaluation shows that the derived Ie values fit well into
the existing framework, and thus into the E-model.

If an equipment impairment factor for a new piece of
equipment (e.g. a codec) is to be determined, an auditory
listening-only test has to be carried out. For the specific task of
Ie derivation, it is important to include a fixed set of reference
conditions in the test stimuli. These references should be
similar in perceptual nature to the test object, i.e. the new
piece of equipment. Four sets of reference conditions have been
defined, containing codecs with and without transmission
errors, in single and double/triple tandem operation. Test
results can be obtained on a traditional 5-point ACR quality
scale (MOS scale), or alternatively on a continuous category-
ratio scale (CR-10 scale).

The derivation methodology is a 5-step procedure. In the first
step, raw test results have to be transformed on the scale of
impairment factors which is underlying the E-model. This can
be performed using the transformation rules of the E-model.
The outcome of step 1 is a raw equipment impairment factor
Ie,sub that only reflects the specific test it has been derived
from and is not necessarily consistent with other impairment
factors.

To reach consistency, a scatter plot for all reference conditions
can be determined in step 2, representing the experimentally
measured Ie,sub values as a function of the already defined
values (Ie,exp), which are known in case of the reference
codecs. An interpolation line can be drawn in this plot,
minimizing an mse criteria. The interpolation line can then be
used to derive a stable Ie value for the new codec under test,
starting from the mean auditory test result for that codec
(Ie,sub). This new Ie,exp value can already be used as an input
to the E-model, but has not yet proven its additivity to other

equipment impairment factors, namely in tandem operation
with additional codecs.

In the following step 3, an additivity check is performed using
the reference double and triple codec tandems. If the results for
codec tandems differ significantly from what can be expected,
no simple summation of the newly derived Ie value to other
equipment impairment factors can be postulated. Steps 4 and 5
are equivalent to steps 2 and 3, but refer to codecs under
transmission error conditions.

The described methodology allows integral quality degradation
factors to be calculated for new speech processing equipment.
These factors can be used in conjunction with the E-model to
predict speech communication quality mouth-to-ear. However,
it should be noted that the derived Ie values only reflect the
listening-only situation. It is still unclear whether significantly
different values would be obtained from conversational
experiments.

4. EVALUATION OF CONVERSATIONAL
ASPECTS COVERED BY THE E-MODEL

It has been stated that the E-models aims at predicting speech
communication quality, including conversational aspects.
Although a full verification of the model cannot be performed
(due to the large number of possible combinations of the 18
input parameters), this section gives a short overview of how
the E-model can predict conversation degradations resulting
from the transmission channel or user environment. The
evaluation is based on a comparison of E-model predictions to
auditory test results.

Three conversational experiments have been carried out, one
on the effects of ambient room noise at the send side, Ps (at
IKA), and two on the effects of pure delay, Ta (Bellcore and
NTT). The results of the E-model predictions (solid line) are
compared to the mean opinion scores obtained in the tests
(circles and triangles) in Figures 2 and 3, see also Möller
(2000).
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Figure 2: Comparison of E-model predictions (old version:
solid; new version: dashed) and IKA test results for Ps (o:
white noise; ∆: railway station noise).
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Figure 3: Comparison of E-model predictions (solid line) and
conversation test results (o: Bellcore; ∆: NTT) for pure delay.
Test results have been linearly transformed in order to match
E-model predictions in absence of delay.

Figure 2 shows that the original E-model predictions for room
noise at send side are much more curvilinear, i.e. the model
predicts a stronger degradation for increasing room noise level
Ps. Conversation test results for both white noise and railway
station noise suggest a weaker effect. Because the same
tendency has been found in other experiments, a modification
of the E-model formula for calculating Ro from Ps has been
proposed. It takes into account the rule of thumb that a talker in
a noisy environment is able to compensate for half of the
effects of high noise levels, in decibel units (Lombard reflex).
With these changes, the E-model curve is more in line (though
not identical) with auditory test data, cf. Figure 2. Furthermore,
the upper end of the MOS scale has rarely been used by the
test subjects. This may be partly due to the default level of
circuit noise defined by the E-model, and to room noise at the
receive side. The proposed changes have now been included in
an update of the E-model algorithm (ITU-T Rec. G.107, 2000).

Regarding the effects of pure delay, it seems that the E-model
is consistent with what can be found in conversational tests, cf.
Figure 3. However, it should be noted that in the NTT test
subjects were trained to detect delay in conversations prior to
the experiment. With this background, it seems possible that
the NTT results overestimate the annoyance of pure delay.
Experiments carried out by Karis (1991) also reveal only a
slight decrease of overall quality ratings (0.1 MOS) for
relatively long delay (600 ms). Information given in ITU-T
Rec. G.114 (1996) suggests that annoyance is stronger in
highly interactive tasks. The E-model seems to make a worst
case assumption for quality degradation due to long delay,
putting emphasis on interactivity in this case.

5. DISCUSSION AND OUTLOOK

It has been shown that the E-model can predict speech
communication quality as experienced in conversational
situations, based on planning values of telephone networks.
The model takes into account degradations inherent to
traditional networks, including low-bitrate codecs. A

methodology for deriving integral quality degradation values
for such codecs has been presented.

Although prediction quality for conversational aspects seems to
be in relatively good agreement to auditory test data, it should
be noted that several effects are not yet taken into account by
the E-model. In modern networks, background noise
transmission may be different with far end or near end speech,
especially when the channel shows time-variant characteristics
(e.g. due to noise suppression, echo canceller). The double talk
performance is another point which is disregarded by the
current model version. As far as speech codecs are concerned,
it should be noted that the methodology presented here only
derives Ie values for the listening-only situation. It is yet
unclear whether different values would be obtained in a
conversational situation.

The E-model predicts speech communication quality in human-
human conversations. With the introduction of interactive voice
servers in telephone networks, it would be interesting to
investigate how such systems behave under conditions of
transmission impairments. As telephone networks are planned
exclusively for human-human conversations (plus some data),
it cannot be expected that e.g. speech recognizer performance
decreases in the same way as human quality perception does.
First experiments in this respect are presented in an
accompanying paper.
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