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Abstract 

This paper describes a series of four conversation tests, which 
were carried out in order to assess speech quality under de-
gradations occurring in combined PSTN/ISDN/VoIP net-
works. Based on the test results, the validity of predictions by 
the model currently recommended by the ITU-T for network 
planning (the E-model, [1]) is discussed. 

1. Introduction 

Today, users have a variety of telecommunication services at 
their disposal. They are based on different transmission tech-
niques. With mobile telephony, the stationary speech quality 
degradations known from traditional wire-line telephone net-
works are complemented by non-stationary ones. With 
packet-based transmission techniques such as Voice over IP 
(VoIP), time-varying degradations may become important 
also for wire-line networks. These distortions such as frame- 
or packet-loss and jitter are of perceptually different nature 
than stationary or signal-correlated degradations like noise or 
echo.  

Not only do different network types with different 
transmission techniques co-exist, they are also more and more 
used in combination. In many usage scenarios, users do not 
necessarily know what network types are applied in their 
connection. Hence, the type of degradations they encounter 
may not match their expectation towards the service. 

Network planners want to have a one-dimensional esti-
mate at their disposal which quantifies the quality to be per-
ceived by such a user before the actual network is being set 
up. At the same time, however, the planner needs to identify 
the sources for quality degradations introduced by the net-
work. A parametric description of telephone networks is gen-
erally used for this purpose (e.g. [1]). As the quality estimate 
is to be available before network set-up, quality models were 
developed mapping network parameters to quality judgements 
obtained from human subjects in auditory tests (for a general 
description of models cf. [2]). 

The network planning model currently recommended by 
the International Telecommunication Union (ITU-T) is the so-
called E-model [1]. It is based on the assumption that the 
impairment caused by a certain type of degradation can be 
transformed onto a psychological (quality) scale, and that 
different types of impairment are additive on this scale. 

Currently, time-varying distortions are covered by the E-
model in a very limited way. Packet-loss distributions other 
than random have so far only been modelled with respect to 
monitoring of quality in telephone networks (cf. [3]). Two 
main problems have to be solved before time-varying distor-
tions such as packet-loss can reliably be included:  

• A general parametric description of loss-distribution has 
to be defined that can be used with the model.  

• The validity of the additivity-assumption in the presence 
of time varying distortions has to be verified.  

Both problems are linked to more fundamental questions: 
Knowing the influence of loss-distribution on quality gives 
insight into temporal aspects of quality, while knowing how 
different degradation types are interrelated and integrated to 
an overall quality judgement helps revealing the quality di-
mensions of modern telephone networks. 

This paper addresses the second issue from an applica-
tion-oriented perspective: A series of four auditory conversa-
tion tests is described in which different types of stationary 
degradations were presented in combination with time-
varying distortions. In these tests, random packet-loss of dif-
ferent loss-rates was used as time-varying distortion type.1

Although random losses are not typical of real networks, this 
degradation type was chosen as a reference. The collected test 
data may provide information also on quality under stationary 
distortions combined with non-random loss, which is often 
modelled as a combination of periods of low and high random 
loss [3][5]. 

2. Paradigm and Experimental Set-up 

The experiments described in this paper take an approach 
different from most of the studies reported elsewhere (e.g. [4] 
[5]). Firstly, the majority of such studies address time-varying 
distortions in isolation, partly focusing on different types of 
loss-distribution. Secondly, such tests are mainly performed 
in one of two ways: Either signal-based quality measures like 
the ITU-T recommended PESQ [6] are applied for quality 
assessment in combination with instrumental measurements 
on the network or parts of the network, or subjective listen-
ing-only tests are carried out (e.g. according to [14]). In con-
trast to these procedures, the tests described here were carried 
out in a conversational situation under controlled conditions 
for combined distortions, using the ‘Short Conversation Test’ 
(SCT) scenarios described in [7]. The distortions were simu-
lated based on a parametric description of telephone net-
works. 

2.1. Parametric Description 

Most characteristics of a telephone network can be described 
in a parametric way. Examples for such parameters are  

• loudness ratings of the main speech transmission path 
(send loudness-rating SLR, receive loudness rating RLR,

1 Random: probability of losing a packet does not depend on 
whether the previous packet has been lost or received. 
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overall loudness rating OLR, which are measures of 
weighted transmission loss / attenuation),  

• talker echo loudness rating and delay (TELR and T),

• absolute delay Ta,

• side tone loudness ratings (STMR and LSTR),

• different noise sources (circuit noise Nc, narrow-band;
noise floor Nfor, wide-band; room noises at send and re-
ceive side, Ps and Pr).

The parameters can be classified according to the type of 
quality features2 they mainly impact: Listening factors – ele-
ments related to one-way transmission quality – and  conver-
sational factors – elements affecting conversation effective-
ness [9]. In the tests described here, the listening factor 
‘packet-loss’ is combined with the listening factor ‘noise’ 
(Nfor) or with one of the two conversational factors delay and 
talker echo (Ta; TELR).

2.2. E-Model 

The E-model is based on the parametric description of the 
transmission path [1]. Its fundamental assumption is that dif-
ferent degradations –impairments – can be transformed onto a 
psychological scale as impairment factors. On this scale, the 
degradations are assumed to be additive, yielding a transmis-
sion rating R for the particular transmission condition. This is 
reflected by the basic formula of the E-model, equation (1): 

AeffIeIdIsRoR +−−−= ,  (1) 

Here, R is the Transmission Rating Factor, ranging from 0 to 
100 (100 for the best possible quality). It results from the 
transmission quality due to the ‘Basic Signal-to-Noise Ratio’ 
R0 that is degraded by additional impairments. R0 is calculated 
from the send loudness rating SLR and the sum of all noise 
sources present on the line (Nc and Nfor) and in the rooms at 
send and receive side (Ps and Pr). Is is the ‘Simultaneous 
Impairment Factor’ for degradations occurring simultaneously 
to the transmitted speech signal, such as excessive loudness, 
listener side-tone and signal-correlated noise. The ‘Delayed 
Impairment Factor’ Id accounts for the degradations delayed 
to the speech signal, such as echoes (e.g. talker echo, with 
TELR and T) or absolute delay Ta. The fact that the model 
takes such delayed impairments into account is what makes it 
applicable to predicting quality in a conversational situation. 
A, the ‘Advantage Factor’, is an additional factor quantifying 
the effect of user expectation. 

Ie,eff is the ‘Effective Equipment Impairment Factor’ for 
specific speech processing equipment such as speech codecs. 
It also includes the effect of random packet-loss, based on the 
equation 

BplPpl

Ppl
IeIeeffIe

+
⋅−+= )95(, . (2) 

The ‘Equipment Impairment Factor’ Ie is a codec-specific 
value derived from auditory listening tests. Bpl is the ‘Packet-
loss Robustness Factor’, which is codec-specific, too. Rec-

2 Quality elements: What a network-planner has at hand for 
shaping the quality of a service; quality features: Features 
perceived by a user relevant to quality [8]. 

ommended values for both Ie and Bpl for different codecs can 
be found in [10]. Note that Equation (2) was formulated 
based on listening test results [11], and has not yet been vali-
dated in a conversational situation. 

In [1], rules are given for conversion of the ‘Transmission 
Rating Factor’ to Mean Opinion Score (MOS) as obtained in 
subjective quality tests and vice versa. 

2.3. Additivity of Impairments 

The assumption of impairment additivity on the transmission 
rating scale implies independence of the different impair-
ments. Yet, apart from the ‘Effective Equipment Impairment 
Factor’, all other impairment factors are composed of several 
joint input parameters, resulting in some interdependence. In 
contrast to Is and Id, the ‘Effective Equipment Impairment 
Factor’ defined by equation (2) is composed only of input 
parameters not contributing to any other impairment factors. 
In theory, this impairment type should consequently be addi-
tive to other impairment types. 

The assumption of impairment additivity was initially 
based on findings reported for the assessment of impaired 
video pictures [12]. Only a few experiments are reported in 
the literature addressing the effect of combined distortions on 
speech quality in telecommunications, and more specifically 
on the relation between corresponding impairment factors. 
For the case of codecs without transmission errors, some re-
sults on the evaluation of the additivity of codec impairment 
(Ie) and impairment caused by room noise at receive side (Pr)
were presented in [9]. It was found that E-model predictions 
are too optimistic for moderate levels of room noise, and that 
the differences between codecs perceived in otherwise clear 
connections are masked. In spite of some mismatch between 
test results and model predictions, impairment additivity was 
assumed to be reasonably valid for practical application.  

However, because of its independence on other input-
parameters, additivity of Ie,eff under packet-loss with other 
impairment types has still to be shown. This is the goal of the 
present study. If impairments are found to be handled incor-
rectly in the E-model, this could be due to two reasons: 

• An incorrect transformation of the individual degrada-
tion onto the R-scale 

• The assumption of additivity is incorrect for specific 
combinations of impairments. 

2.4. Simulation Tool 

An online-tool for simulating the majority of degradations 
typical of PSTN/ISDN/VoIP-networks was used. It was de-
veloped at IKA based on the parametric network description 
outlined above. It consists of two different sub-system, one 
for PSTN/ISDN, and one for VoIP networks (for more details 
cf. [13]). The sub-systems were combined in a way that re-
flects a VoIP-typical usage scenario, with a handset-telephone 
as the user interface (PSTN–VoIP–PSTN). The characteristics 
of the handsets were adjusted to the ‘Intermediate Reference 
System’ (IRS, [15]). The overall simulation configuration is 
depicted in Figure 1. For the introduction of packet-loss, the 
NISTNet network simulation was used (www.nist.gov, 2001). 
The option of introducing interruptions was disabled. 
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2.5. Test Conditions 

The first test consisted mainly of noisy connections of differ-
ent subscriber line-noise levels Nfor combined with coding 
under different packet-loss percentages Ppl (SCT1.1 and 1.2). 
The second series was aimed at combinations of absolute 
delay Ta and packet-loss (SCT2), and the third series at the 
combined effect of packet-loss and talker echo (SCT3).  

Due to the non-perfect terminal coupling loss (TCL) of 
the applied handsets, an SLR of 13 dB was used in SCT2 
(packet-loss and delay), in order to avoid additional effects of 
talker echo. Therefore, SCT1 – which was supposed to serve 
for comparison to both SCT2 and SCT3 – was carried out in 
two different versions, one with SLR set to 13 dB (SCT1.1), 
and one with SLR = 8 dB (SCT1.2). The SLR-settings were 
applied to all conditions of each SCT1.1 and SCT1.2, in order 
to keep the loudness ratings of all conditions within one test-
run at the same level.  

SCT1.1 
SCT2 

SCT1.2 
SCT3 

SCT1.1 
SCT2 

SCT1.2 
SCT3 

Codecs 
G.711 (20 ms) 

G.729 A (20 ms)
Ta

60 ms (G.729) 
66 ms (G.711) 

Ie; Bpl 
  0;   4.3 (G.711) 
11; 19.0 (G.729) 

T
30 ms (G.729) 
33 ms (G.711)

VAD disabled Tr 0 ms
SLR 13 dB 8 dB WEPL 110 dB
RLR 2 dB TELR 65 dB
STMR  15 dB Nc -70 dBm0p
LSTR 16 dB Nfor -64 dBmp
Ds=Dr 1 Ps=Pr 35 dB(A)

Table 1: General simulation settings for SCTs 1-3 

As a side-effect, a comparison of the two series allows con-
clusions on the effect of speech level in case of packet-loss 
and noise. 

SCT1.1 + 1.2 SCT2 SCT3 
#

Ppl
[%] Cod. 

Nfor 
[dBmp]

Cod. 
Ta 

[ms]
Cod. 

T
[ms]

TELR
[dB] 

1 0 G.711 -64 G.711 66 G.711 33 65 
2 0 G.711 -40 G.729 60 G.729 30 65 
3 0 G.729 -64 G.729 200 G.729 100 20 
4 3 G.729 -64 G.729 200 G.729 100 20 
5 5 G.729 -64 G.729 200 G.729 100 20 
6 15 G.729 -64 G.729 200 G.729 100 20 
7 0 G.729 -50 G.729 400 G.729 100 35 
8 3 G.729 -50 G.729 400 G.729 100 35 
9 5 G.729 -50 G.729 400 G.729 100 35 

10 15 G.729 -50 G.729 400 G.729 100 35 
11 0 G.729 -40 G.729 600 G.729 100 50 
12 3 G.729 -40 G.729 600 G.729 100 50 
13 5 G.729 -40 G.729 600 G.729 100 50 
14 15 G.729 -40 G.729 600 G.729 100 50 

Table 2: Simulation settings for SCT1.1 – SCT3 

As the compression technique, the VoIP-typical codec 
G.729A (CS-ACELP, ITU-T Rec. G.729 Annex A) was cho-
sen, with a frame size of 20 ms, and as an anchor-point a 
“clean” connection with G.711 (logarithmic PCM, a-law, 
ITU-T Rec. G.711). The G.729A codec has a built-in packet-
loss concealment algorithm (PLC). The current version of the 
IKA-VoIP simulation system allows voice activity detection 
(VAD) to be enabled only in one direction. In order to obtain 
comparable quality judgments from both interlocutors of each 
test-run, VAD was disabled. Consequently, packet-loss was 

Figure 1: Combined PSTN/ISDN- and VoIP- simulation system (cf.[9], [10])
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not only affecting packets containing actual voice data. This is 
acceptable, as it can be assumed that in case of random loss 
during a longer conversation the percentage of lost packets 
containing speech data is similar to that of lost packets con-
taining pauses. All other additional signal processing options 
provided by the VoIP gateways were disabled (e.g. echo can-
cellation, etc.). 

The non-zero delays T and Ta in Table 1 are due to the 
processing time of the VoIP system. Characteristics that were 
varied in one of the test series are shaded. All other test spe-
cific settings are listed in Table 2. For each SCT, 14 different 
conditions were used. Note that no modulated noise reference 
unit (MNRU, [16]) was used in the test for anchoring pur-
poses, as is often done when comparability of tests at different 
test-sites is sought. However, the usage of the MNRU has 
been questioned as to whether it leads to valid results as refer-
ence for perceptually different types of degradations, i.e. in 
the context of evaluating low-bitrate codecs. Instead of using 
additional anchoring conditions, it was tried to cover the 
whole range of the applied rating scales by relying on E-
model predictions. 

It has to be mentioned that talker echo is introduced in a 
way that does not exactly reflect real VoIP networks. In our 
system, the echo-path includes only one VoIP-trunk, so that 
coding of as well as packet-loss on the echo are not resulting 
from tandeming of two VoIP-trunks. As symmetrical degrada-
tions are investigated, this limitation is necessary in order to 
avoid a closed echo-loop. 

2.6. Test Procedure 

Two conversation partners participated in each test run. They 
were placed in separate, acoustically shielded office rooms, 
each of which was equipped with a traditional handset-
telephone. The subjects were instructed to imagine a normal 
wire-line telephone connection. They were asked to carry out 
a number of dialogue tasks according to previously defined 
scenarios (short conversation test (SCT) scenarios, [7]). The 
dialogue tasks comprise telephone typical scenarios like re-
serving a plane ticket or ordering a pizza. They lead to con-
versations of 2 – 3 minutes duration.  

The instructions were handed out in written form, includ-
ing the explanation of the applied rating scales. Two different 
scales were used: The MOS-scale (Absolute Category Rating 
scale, ACR) traditionally applied to quality evaluation of 
telecommunication systems (cf. [14]), and the so-called CR-
10 degradation-scale introduced by Borg [17], and proposed 
for quality assessment in telecommunications by Möller [9]. 
The ratings on the MOS and the CR-10 scales are highly cor-
related (Pearson’s correlation coefficient between –0.8 and  
–0.9 for the different SCTs). For the sake of the clarity of this 
presentation, the focus of the following analyses will be on 
the MOS-ratings. The English version of the MOS scale is 
depicted in Figure 2.  

Excellent good fair poor bad 
5  4 3 2 1 

Figure 2: Conversation quality scale (‘MOS-scale’) [14]   

The scenarios as well as the rating scales were presented in 
paper form. Each test pair of subjects was asked to carry out 
15 conversations over 14 different connections – the clean 

G.711 connection was presented twice, once at the beginning 
of each test run in order to familiarize the subjects with the 
test scenarios and to serve as reference connection. Prior to 
the actual test, the subjects were asked to read a text dialogue 
across four selected connections, so that they would become 
acquainted with the quality ranges in the test. Note that the 
subjects were not instructed to pay any attention to a specific 
type of impairment. In the actual test, every pair was pre-
sented a different randomized order of test conditions. After 
each conversation, the subjects were asked to judge the over-
all quality (MOS) and the degradation (CR-10) of the line 
they had just been using. 

2.7. Test subjects 

Each test series was carried out with 22 test subjects (11 test-
pairs) who were naïve with respect to the test task and  
conditions. They were to their own account normal hearing. 
The subjects were paid for their participation in the tests. The 
majority of subjects were recruited from the university’s stu-
dents, and therefore resulted in a low average age of 25.8 
years (age range 18 – 63 years). Of the 88 subjects, 41 were 
female, and 47 male. 

3. Results and Discussion 

3.1. Packet-Loss 

The conditions #3 - #6 of SCT1.1, 1.2 and 2.1, and the condi-
tions #11 - #14 of SCT3 can be regarded as mainly being 
affected by packet-loss (cf. Table 2). Here, the additional 
degradation is set to the least degrading setting of each SCT. 
The results for these conditions are depicted in Figure 3, to-
gether with the predictions obtained from the E-model. Note 
that the model-curves are different for each SCT, as the input-
parameters are different (cf. Tables 1 and 2).  

As can be seen form the graphs, the test results show good 
agreement with the model predictions. All curves have a simi-
lar shape of MOS over packet-loss as the ones derived with 
the model. Hence, it can be stated that Equation (2), which 
was formulated  based on listening test, leads to valid predic-
tions in a conversational situation. This finding is in-line with 
the similarity between listening and conversation test results 
reported by Gros and Chateau for non-random loss [18]. 

Interestingly, the offsets to be observed between E-model 
prediction and test results for SCT1.1 and SCT1.2 point into 
opposite directions: For conditions #3 – #6, test results for 
SCT1.1 are comparable to what the E-model predicts for 
SCT1.2-settings and vice versa. Although the E-model re-
gards higher transmission loss (higher loudness rating) at 
equal level of Nfor as negative with regard to quality, the test 
results show the reverse effect: Lower transmission loss seems 
to make the degradations both due to G.729 A coding without 
and with packet-loss more audible. The noise floor of  
–64dBmp seems to mask this degradation when transmission 
loss (SLR) is higher, leading to more positive judgements, 
particularly for low packet-loss. 

The results for SCT2 are in good agreement with the 
model. However, the results are considerably lower than in 
case of SCT1.1 with equal SLR of 13 dB. It can be assumed 
that this is caused by the fact that the delay presented in the 
other conditions of SCT2 was not perceived as degradation by 
the subjects. This effect will be described in more detail in 
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section 3.3. Thus, packet-loss was perceived as the only deg-
radation, so that more attention was paid to the perceptual 
effects caused by such non-linear processes (coding alone as 
well as packet-loss).  

In the test series on talker echo (SCT3), the decrease of 
quality over packet-loss was less prominent than predicted by 
the E-model. This implies that throughout SCT3 the attention 
of subjects was distracted from packet-loss by the fact that 
talker-echo was presented in the same test-series. This effect 
shows even for connections with little or almost not notice-
able echo (cf. Figure 3, SCT3; cond. #3 – #6: TELR = 50 dB, 
T = 100 ms).  

SCT1.2 and SCT3 were carried out with the same setting 
of SLR = 8 dB. Nevertheless, a considerable difference can be 
observed for the mean ratings of the condition with 15% 
packet-loss. In this case, SCT3 ratings are about 0.5 points 
MOS worse than SCT1.2 ratings. While in SCT3 subjects 
were distracted from the listening factor ‘packet-loss’ by the 
conversation factor ‘echo’, the subjects of SCT2 were pointed 
only to listening factors. This probably lead to more critical 
ratings. 

In summary, it can be said that in case of G.729A with 20 
ms packet length the individual impairment due to random 
packet-loss is well predicted by the E-model. Hence, the 
transformation onto the R-scale seems to yield valid results. 

3.2. SCT1: Packet-Loss and Noise floor 

For SCT1.1 and SCT1.2, the ratings of the G.711 reference 
condition are in line with the E-model predictions (SCT1.1: 
MOS_model = MOS_test = 4.2; SCT1.2: MOS_model = 
MOS_test = 4.4). The standard deviations of MOS are below 
1 MOS in most cases of SCT1.1 (apart from conditions #4 
and #5) and on average of 0.7 MOS, which is within the lim-
its of conversation tests involving this scale. For SCT1.2, the 
standard deviation is around 0.7 MOS for all conditions. 

The results for conditions #3 - #14 of SCT1.1 and SCT1.2 
are depicted in Figure 4 and 5, where MOS is plotted over 
noise floor Nfor, with Ppl as the variable parameter. The main 
observations from these figures can be summarized as fol-
lows:  

• For conditions without packet-loss, the E-model predic-
tions as a function of noise floor show a similar shape as 
the test results do.  

• The predictions for SCT1.1 (higher loudness rating SLR)
are more pessimistic than the test results. 

• For packet-loss below 5%, the predictions for SCT1.2 
(lower SLR) are more optimistic than the test results.  

• Explanations: There is a general, more negative tendency 
of ratings in SCT1.2, which may be due to the increased 
attention paid to purely listening degradations. These 
were more audible in SCT1.2 because of the lower SLR
(cf. Section 3.1), apparently resulting also in lower rat-
ings for G.729 A without packet-loss. 

• E.g.: For Nfor = –50 dBmp, differentiation between 
packet-loss rates not higher than 5% is reduced (both 
SCT1.1 and 1.2). This supports the interpretation that the 
effect of low packet-loss is partly masked by additional 
noise. 

Figure 3: Test results obtained for ‘only’ 
packet-loss in the different SCTs (MOS) and 

comparison to E-model predictions. 

Figure 4: SCT1.1 (SLR = 13 dB); MOS over 
Nfor for different packet-loss rates Ppl

Figure 5: SCT1.2 (SLR = 8 dB); MOS over 
Nfor for different packet-loss rates Ppl
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From these results it is not possible to say whether noise floor 
as individual parameter is handled correctly by the E-model. 
This is due to the fact that the degradation of the G.729A 
coding was presented in addition, even when no packet-loss 
was introduced. However, the shape of the test curves are in-
line with model predictions. Due to restrictions in the simula-
tion set-up, Nfor was the noise source chosen, in order to 
avoid transmission of the noise across the VoIP-trunk (cf. 
Figure 1). If Nfor is handled correctly by the E-model has not 
yet been validated, in contrast to most other input parameters 
to the model (cf. [9]). 

Obviously, interactions SLR * Nfor, Nfor * (codec, Ppl)
and SLR * (codec, Ppl) are to be observed. The interaction 
SLR * Nfor is considered by the E-model in some way. SLR,
however, shows an interaction with the distortion introduced 
by the applied codec (with and without packet-loss), which is 
not reflected by the model (interaction SLR * (codec, Ppl)).
The interaction Nfor * (Ie, Ppl) is indicated by the fact that for 
low packet-loss rates and medium noise levels, MOS is less 
dependent on packet-loss than predicted, implying partial 
masking. This effect is more prominent in SCT1.1, showing 
an additional interaction with the speech level.  

3.3. SCT2: Packet-Loss and Delay 

For SCT2, the mean rating of the G.711 reference condition is 
similar to the prediction (MOS_model = MOS_test = 4.2). 
The standard deviations of MOS are below 1 MOS in most 
cases (apart from condition #4) and on average of 0.8 MOS. 
In the analysis of SCT2, only the MOS-ratings will be fo-
cused on. 

Figure 6 shows the results for conditions #3 – #14 of 
SCT3, where MOS is plotted as a function of packet-loss for 
different delays, together with the corresponding E-model 
predictions. As can be seen from the curves, even delays of up 
to 600 ms had no influence on quality. This stands in stark 
contrast to the model predictions, which imply a considerable 
quality impact of delay. 

These results are similar to findings reported in [9] and 
[19]. The E-model was designed for predicting quality in case 
of delay for highly interactive tasks. The conversations carried 
out in the present tests were not highly interactive. However, 
some interaction was required, but the subjects may have 
ascribed delayed reactions to the conversation task or the 
partner, not to the line. Also, degradations due to packet-loss 
are, as they affect listening quality directly, perceptually more 
obvious than delay. In addition, the subjects all had prior 
experience with mobile telecommunications. Thus, they may 
have been more tolerant towards delay. Nevertheless, it can be 
said that for the present tests the transformation of delay onto 
the impairment scale within the E-model does not work satis-
factorily. 

What is interesting to observe is that for medium packet-
loss, quality seems to improve when delay is increased. One 
reason could be that the attention for listening factors (more 
related to the form than to the content) of the subjects is re-
duced due to the fact that they wait for the partner’s response 
(the content). Yet the effect is not statistically significant.  

In summary, it can be said that for conversations that are 
not highly interactive, combinations of packet-loss and delay 
are not well covered by the E-model. This is mostly due to the 
fact that delay is not well covered. The additivity assumption 
cannot directly be validated, if the impairment due to an indi-

vidual parameter is not well predicted. Additional packet-loss, 
however, may distract users from the effect of delay.  

3.4. SCT3: Packet-Loss and Talker Echo 

The mean rating for SCT3, condition #1 of 4.1 MOS is below 
the predicted MOS of 4.4. In general, the MOS-scale was not 
fully exploited by the subjects. Standard deviations for MOS 
are 0.8 on average. 

In Figure 7 the results for MOS are plotted over talker 
echo loudness rating (T = 100 ms). The packet-loss rate is a 
variable parameter. The following observations can be made 
with respect to packet-loss and talker echo when presented in 
isolation: 

• The results for talker echo alone (no packet-loss) and 
packet-loss alone (no talker echo) are not well predicted 
by the model.  

• The ratings are in general more positive than predicted 
by the E-model, especially for low MOS-values. 

However, talker echo was found to be predicted reasonably 
well by the E-model in previous studies [9]. Hence, the trans-
formation onto the impairment scale for TELR alone should 
work well. The transformation of packet-loss alone onto the 
impairment scale was found to work well in the present study, 
cf. Section 3.1. Thus, the more positive test results could be 
related to the conditions chosen in the test, several of which 
were predicted to yield an MOS of 1. This may have lowered 
the expectation (or better reference) of the subjects so that the 
resolution for lower MOS was increased.  

Furthermore, talker-echo was not presented in clean con-
nections coded with G.711, but instead with G.729A which 
introduces some audible distortion. Packet-loss, on the other 
hand side, was not presented without echo. A TELR of 50dB 
is low but audible. Consequently, there may be some interac-
tion between non-linear signal degradation (here low-bitrate 
coding) and echo even if one of the two is only little audible. 

The results for conditions where both degradation types 
are presented in combination confirm the interaction: 

Figure 6: MOS for SCT2 and E-model predic-
tion, plotted over packet-loss Ppl with Ta as pa-

rameter. 
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• The effect of packet-loss is reduced by talker echo. For 
decreasing TELR (louder echo), the ability of subjects to 
differentiate between different packet-loss rates is de-
graded. 

• The impact of talker-echo is reduced with increasing 
packet-loss.  

It can be concluded that the two degradation types effect each 
other in their impact on speech quality. This is different from 
how the E-model predicts it. The additivity of the impair-
ments is limited.  

The limited additivity observed in this test can be under-
stood more easily when the ratings of the individual subjects 
are analysed in more detail. An analysis of variance-
components was carried out for MOS on a per-subject basis 
using Ppl and TELR as factors. Three different groups of sub-

jects could be observed for whom either Ppl, TELR or the 
interaction of both explain the main contribution to the MOS-
variance. A hierarchical cluster-analysis reveals that 5 sub-
jects belong to the group mainly effected by Ppl*TELR, 7 
subjects to the group effected mainly by Ppl and 10 subjects 
to the group effected mostly by TELR. The grouping shows 
that it is not sufficient to purely explain the combined effect 
of echo and packet-loss from the signal. In other words, a 
reduced impact due to echo is not the case for all subjects. 
Instead, it depends on the focus of the individual subject, if 
packet-loss, talker echo or the combination of both dictate the 
perceived quality. 

In order to yield more comparable results, subjective rat-
ings were linearly transformed taking the connections for 
G.711 (no echo, no packet-loss, condition #1) and G.729 A 
(no packet-loss, TELR = 20 dB, condition #4) as extreme 
points. The transformation was carried out so that the test 
MOS for these conditions would correspond to the MOS pre-
dicted by the E-model (4.39 and 1.0 MOS respectively). The 
resulting curve for 0% packet-loss is depicted in Figure 8 as a 
function of TELR, with Ppl as a variable parameter. 

For comparison, the data as reported by Möller for G.711 
(marked as ‘IKA’) are shown, together with the correspond-
ing E-model predictions (results from an SCT with T =  
100 ms, otherwise E-model default settings, [9]). These data 
were transformed in the same way as the results for G.729 of 
the present test. As can be seen from the graph, the SCT3 
results are in agreement with the E-model predictions for 
error-free G.711 when echo is louder, and are more negative 
than model predictions for G.729 when echo is lower. Echo 
dominates over the effect of G.729A for decreasing TELR.
For SCT3, the slope of transformed MOS over TELR is 
considerably lower than for the transformed G.711 test data, 
and lower also than for the E-model predictions. This effect is 
even more pronounced for the conditions with non-zero 
packet-loss, which are not shown in Figure 8 for clarity rea-
sons. In summary, the following hypotheses can be made:  

• On the signal level, non-linear processes (coding alone 
and especially packet-loss) have an influence on talker 
echo (e.g. packet-loss on the echo). 

• In situations of double talk, the degradation due to 
packet-loss are partially masked by high talker echo. 

• Perceptually, the quality impacts of the dimensions re-
lated to non-linear processes and to talker echo are not 
additive. 

However, from the test data it cannot be decided which of the 
effects is most prominent. 

4. Conclusions and Outlook 

For cases of random packet-loss only, the E-model predic-
tions are in good agreement with data obtained in our conver-
sation tests.  The corresponding transformation of packet-loss 
rate onto the transmission rating scale of the E-model seems 
to yield valid predictions.  

It was found that listening level in combination with non-
linear distortions is of greater importance than generally as-
sumed. This interaction is not well captured by the E-model. 
For combinations of noise floor and packet-loss, the model 
works satisfactorily and the additivity assumption can – for 
application purposes – be justified. However, partial masking 

Figure 7: SCT3: MOS over TELR, with Ppl as pa-
rameter (T = 100ms); note that the point at TELR = 

65 dB was obtained for T = 30 ms.

Figure 8: Linearly transformed MOS over TELR,
with Ppl as parameter (T = 100ms). In addition, a 
transformed MOS curve and model prediction for 

G.711 from a previous test are depicted [9].
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of packet-loss by noise is not covered. Both the effects of 
noise and of speech level together with packet-loss should be 
considered in future updates of the model. 

Delay was found to have only very limited influence on 
quality for the conversation tests described here, in contrast to 
E-model predictions. However, the tests were not highly in-
teractive, and the handling of delay in the E-model was laid 
out to yield safe predictions for highly interactive tasks. In 
that case, though, it can be expected that a combination of 
delay with packet-loss will lead to even stronger degradations 
of quality. Especially burst packet-loss can be assumed to 
have a high impact on quality in highly interactive conversa-
tions, which should be investigated further in the future. For 
safe application of the E-model, the current algorithm may 
remain unchanged, so that predictions are not too optimistic 
when conversations are highly interactive. 

Echo and packet-loss show an interaction in their influ-
ence on quality. Packet-loss on the echo will probably reduce 
its impact, due to the changes to the echo signal. From a 
user’s perspective, echo and packet-loss seem to be related to 
very different quality dimensions. Consequently, quality can-
not easily be related to each of these in isolation, when both 
degradation types are presented in the same test. Furthermore, 
different subjects seem to have a different sensitivity towards 
the two degradation types. This leads to equivocal ratings 
when both are presented in combination. Thus, additivity of 
the two impairment types is restricted and should be ad-
dressed in more detail in further studies. 

In future tests, the investigations described here will be 
complemented by quality-data for combinations of different 
types of degradations with non-random packet-loss. This way, 
the feature of being non-stationary will be emphasized and the 
validity of impairment additivity be tested for degradations 
more typical for real networks. In order to investigate the 
dependency on codec and packet-loss concealment, other 
codecs with alternative concealment strategies should be in-
vestigated. 
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