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Abstract 
Wideband speech codecs usually provide better perceptual 
speech quality than their narrowband counterparts, but they 
still degrade quality compared to an uncoded transmission 
path. In order to quantify these degradations, a new method-
ology is presented which derives a one-dimensional quality 
index on the basis of instrumental measurements. This index 
can be used to rank different wideband speech codecs 
according to their degradations and to calculate overall quality 
in conjunction with other degradations, like packet loss. We 
apply this methodology to derive respective indices for the 
new G.711.1 codec. 
Index Terms: speech codec, evaluation, quality, impairment 
factor, wideband speech transmission 

1. Introduction 
Wideband speech systems transmitting the audio bandwidth 
between 50 and 7000 Hz promise a better speech quality com-
pared to their standard narrowband (300-3400 Hz) counter-
parts. In the optimum case, wideband speech transmission 
may show up to 30% quality improvement. However, 
wideband speech is usually not transmitted in an 
uncompressed way, because of the bandwidth limitations 
inherent to modern transmission systems like 3G mobile 
networks and VoIP. 

Several speech codecs have been developed for the com-
pression: Sub-band Adaptive Differential Pulse Code Modu-
lation (ADPCM) operating at 48-64 kbit/s and standardized in 
ITU-T Rec. G.722 [2], Modified Lapped Transform Coding 
(MLTC) at 24-32 kbit/s and standardized in ITU-T Rec. 
G.722.1 [3], or Adaptive Multi-Rate (AMR) Code-Excited 
Linear Predictive (CELP) codecs at 6.6-23.85 kbit/s and stan-
dardized in ITU-T Rec. G.722.2 [4] are examples of com-
monly used codecs which are recommended by the Telecom-
munication Standardization Section of the International Tele-
communication Union, ITU-T. Recently, the ITU-T has devel-
oped a wideband version of its logarithmic PCM codec, see 
ITU-T Rec. G.711.1 [5]. Although it is known that all these 
codecs introduce degradations compared to the uncompressed 
(i.e. linear PCM with 16 bit quantization per sample) case, 
quantifying the respective degradation is still cumbersome. 

For narrowband speech codecs, the ITU-T has developed 
the so-called impairment factor principle which is described in 
ITU-T Rec. G.113 [6]. The idea is to quantify degradations in 
terms of an integral loss in quality compared to the optimum 
case, on the so-called transmission rating scale. This scale 
should reflect the psychological basis of quality judgments, 
and it is assumed that different types of degradations are addi-
tive on this scale. The scale ranges from 0 (lowest imaginable 

quality) to 100 (optimum quality) for narrowband telephone 
networks; a standard digital connection (Integrated Services 
Digital Network, ISDN) obtains a score of 93.2, due to low 
noises commonly assumed at the receiver’s side. ITU-T and 
ETSI have developed the so-called E-model, a parametric 
model intended for network planning, to calculate the trans-
mission rating as a function of different degradations. Its latest 
version is standardized in ITU-T Rec. G.107 [7]. 

There is less knowledge on the quality related to wide-
band speech transmission. First investigations by Raake [8] 
which are extended in [1] show that the transmission rating 
scale needs to be extended to around 129 for wideband trans-
mission, corresponding roughly to the mentioned 30% quality 
improvement. This maximum value can however only be 
reached in exceptional cases, namely with 16 kHz sampling 
frequency and 16 bit quantization, corresponding to a source 
coding bitrate of 256 kbit/s. Usually speech is coded at a lower 
bitrate, and the transmission rating will be lower as well. 

Recently, the ITU-T has introduced a methodology 
quantifying the degradation on the extended [0;129] transmis-
sion rating scale by means of a so-called equipment impair-
ment factor, Ie,wb. This factor describes the quality degrada-
tion in an integral way, disregarding specific quality dimen-
sions (like coloration, noisiness, etc.). It can be derived from 
the results of auditory listening-only tests, following a well-
defined normalization procedure. This procedure rules out 
biases which stem from the characteristics of the auditory test, 
like language, quality range, listener background, etc. It has 
been standardized in ITU-T Rec. P.833.1 [9], and mainly ex-
tends the respective procedure of the narrowband case, see 
ITU-T Rec. P.833 [10]. 

Auditory tests, however, are expensive and time-con-
suming. They can rarely be used when optimizing a new co-
dec, or when doing a quick check of which codec might be 
used for a specific purpose. Thus, it would be desirable to 
replace the auditory test of [9] by an instrumental measure-
ment which can be applied without huge experimental effort. 
The instrumental measurement can provide the input and the 
output signal of the transmission path. Using these signals, so-
called “objective models” estimate the quality of the output 
signal by comparing it to the (undistorted) input signal on an 
auditory-perception basis. The ITU-T has adopted the Per-
ceptual Evaluation of Speech Quality (PESQ) model for this 
purpose, which comes with a wideband extension in ITU-T 
Rec. P.862.2 [11], the Wideband PESQ (WB-PESQ). 

In this paper, we will make use of this model in order to 
replace the auditory tests of the ITU-T Rec. P.833.1 method-
ology by an instrumental measurement. The new methodology 
leads to an estimation of Ie,wb values without further need to 
carry out expensive tests. Following the authors’ proposal, it 
has recently been adopted by ITU-T as a new Recommenda-
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tion P.834.1 [12]. Section 2 described the most important steps 
of this methodology. In Section 3, we make use of the 
methodology to derive a first Ie,wb estimation for the new 
G.711.1 codec, and compare the values to the ones obtained 
with the corresponding auditory methodology. We further use 
the methodology in Section 4 to derive a value for a new pa-
rameter describing codec robustness against packet loss. Some 
conclusions are drawn in Section 5, with the perspective of a 
new wideband E-model which still needs to be developed.   

2. P.834.1 methodology 
The instrumental methodology for deriving wideband equip-
ment impairment factors follow the same principle already 
used in the corresponding auditory procedure of ITU-T Rec. 
P.833.1. It consists of 4 steps (see [12] for details): 
1. Averaged auditory ratings on a 5-point absolute category 

rating scale, so-called mean opinion scores (MOS), are 
estimated for a number of transmission conditions, using 
the WB-PESQ or a different instrumental model. The 
conditions usually involve a new codec for which the 
Ie,wb value is still unknown, as well as a minimum of 12 
reference codecs for which Ie,wb values are already 
known. These MOS values are transformed to the nar-
rowband transmission rating scale [0;100] and linearly 
expanded to the range [0;129]. Raw Ie,wb values are then 
calculated as the difference between the transmission 
rating of the undistorted (codec-free) condition and the 
one of the codec condition under consideration. 

2. A linear interpolation line is drawn between the Ie,wb 
values of the known reference codecs obtained from the 
instrumental estimations, and the known values given in 
ITU-T Rec. G.113, minimizing the least squared error. 
This interpolation line reflects the specificities of the 
particular speech files and the instrumental model used 
for MOS derivation, and sets them into a relationship 
with the well-established values which have been derived 
from large number of auditory tests, carried out under 
various experimental conditions. 

3. Using this interpolation line, the raw Ie,wb values for the 
new codec are normalized, leading to a more stable Ie,wb 
value by reducing the test specificities. 

4. The Ie,wb value of the new codec is finally tested for its 
additivity to the values of other codecs, which is impor-
tant for codec tandeming. In case that the additivity is not 
fulfilled, the overall degradation of tandems involving 
the new codec cannot simply be calculated as the sum of 
the individual Ie,wb values. 

The procedure may in principle be used with any model which 
is able to estimate MOS values for wideband speech codecs in 
a valid and reliable way. Currently, the ITU-T recommends 
WB-PESQ for this purpose. In order to reduce as much as 
possible the scatter in the derivation procedure, reference 
speech files are provided together with Rec. P.834.1. They 
consist of 4 short sequences of two sentences (approx. 8 s each 
sequence) spoken by 4 American English, Japanese and 
French speakers (2 female, 2 male). Because the sentence ma-
terial is too limited to also be usable in an auditory test, these 
files have been disregarded for the following experiments. 

3. Ie,wb values for the G.711.1 codec 
In order to check the validity of the new methodology, an 
auditory test has been carried out at NTT Service Integration 
Labs, in the Japanese language. The test followed the recom-
mendations given in ITU-T Rec. P.800 [13] with respect to the 

stimulus material, processing, listening situation and data col-
lection. It contained 169 transmission conditions: 

• 12 mandatory reference wideband conditions of Table 1 
of [12] involving linear PCM (undistorted) as well as 
G.722, G.722.1 and G.722.2 codecs at bitrates between 
6.6 and 64 kbit/s 

• 3 further wideband reference conditions involving the 
G.722.2 codec at non-mandatory bitrates 12.65, 18.25 
and 23.85 kbit/s 

• 4 conditions of the G.711.1 codec in R2b (80 kbit/s) and 
R3 (96 kbit/s) modes and A- and μ-law 

• 8 conditions of the same G.711.1 codec modes in double 
and triple tandem operation with itself 

• 48 mixed tandem conditions between the G.711.1 codec 
and one of the reference codecs 

• 64 wideband conditions with varying degree of random 
or bursty packet loss, and different wideband speech 
codecs; the non-random packet loss will not be further 
discussed in this paper, and we adopted no PLC to cover 
the full range of quality levels in the test 

• 30 narrowband conditions with varying degree of ran-
dom or bursty packet loss, and different narrowband 
speech codecs; these conditions have been added to 
check the consistency with existing narrowband equip-
ment impairment factor values and are not further dis-
cussed here 

For each condition, 4 source samples originating from 4 dif-
ferent speakers (2m, 2f) were first filtered through a wideband 
reference filter according to ITU-T Rec. P.341 [14], level-
normalized to -26 dB below the overload point of the digital 
system, and then processed through the codec (tandem) under 
test. For the packet-loss conditions, the loss profile was also 
varied for each speaker and each test session. 

The processed speech files were presented to 40 naïve 
listeners via binaural headphones, distributed over 5 test ses-
sions, each of them containing both NB and WB conditions in 
a randomized order. Diotic listening was preferred over 
monaural one because we consider this to be the realistic 
situation in WB telephony. From the individual ratings, MOS 
values have been calculated for each speech sample and then 
averaged per test condition. In addition, the input and output 
speech files for each condition have been processed by WB-
PESQ in order to obtain MOS estimations for each sample and 
test condition, respectively. 

Following the instrumental (P.834.1) as well as the 
auditory (P.833.1) procedure, Ie,wb values have been derived 
for the G.711.1 codec, as well as for all reference codecs and 
codec tandems. The interpolation lines obtained in both cases 
are depicted in Figure 1, and the normalized numerical values 
of the most important conditions are listed in Table 1. 

Table 1: Auditory MOS and Ie,wb values for the 
G.711.1 (R2b and R3 mode, A- and μ-law) and 

reference codecs.  

No Codec Bitrate 
kbit/s 

MOS Ie,wb 
P.834.1 

Ie,wb
P.833.1

Ie,wb
G.113

1 undistorted 256 3.79  -28 -3 0 
2 G.722.2 23.05 3.57  10 5 1 
3 G.722.2 19.85 3.49  13 7 3 
4 G.722.2 15.85 3.45  16 8 7 
5 G.722.2 14.25 3.32  17 12 10 
6 G.722 64 3.58  -3 4 13 
7 G.722.1 32 3.19  19 16 13 
8 G.722.1 24 3.02  21 21 19 
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No Codec Bitrate
kbit/s 

MOS Ie,wb 
P.834.1 

Ie,wb
P.833.1

Ie,wb
G.113

9 G.722 56 3.48  3 8 20 
10 G.722.2 8.85 2.68  35 31 26 
11 G.722 48 2.82  18 27 31 
12 G.722.2 6.6 2.16  48 46 41 
65 G.722.2 23.85 3.48  10 7 8 
66 G.722.2 18.25 3.49  13 7 5 
67 G.722.2 12.65 3.29  19 13 13 
61 G.711.1(R2b,A) 80 3.62  2 3 -- 
62 G.711.1(R2b,μ) 80 3.69  0 1 -- 
63 G.711.1(R3,A) 96 3.73  -28 -1 -- 
64 G.711.1(R3,μ) 96 3.76  -28 -2 -- 
68 G.711.1(R2b,A)*2 80 3.21  13 16 -- 
69 G.711.1(R2b,μ)*2 80 3.28  13 14 -- 
72 G.711.1(R3,A)*2 96 3.75  -23 -1 -- 
74 G.711.1(R3,μ)*2 96 3.62  -23 3 -- 
70 G.711.1(R2b,A)*3 80 3.11  20 19 -- 
71 G.711.1(R2b,μ)*3 80 3.03  20 21 -- 
73 G.711.1(R3,A)*3 96 3.71  -18 0 -- 
75 G.711.1(R3,μ)*3 96 3.69  -18 1 -- 

 

 
Figure 1: Interpolation line of Ie,wb values derived for 
the reference codecs from the auditory test (top) and 
the WB-PESQ model (bottom). 

Table 1 and Figure 1 both show several deviations 
between the instrumentally-derived (P.834.1), the auditorily-
derived (P.833.1) and the defined values (G.113) for the 
reference codecs (conditions 1-12 and 65-67). The auditorily-
derived values are in all cases closer to the defined ones than 
the instrumentally-derived values. This deviation is also 
reflected in the interpolation line which is closer to the diago-
nal for the auditory test data. The deviations show that the 
instrumental model still struggles in estimating the right MOS 
values. Also note the three conditions of the G.722 codec 
which have much higher defined values (points below the 
diagonal line). So far, it is unclear whether the deviations stem 
from particular combination of speech files and codecs, or 
whether the defined values are too pessimistic. 

Using the interpolation line, new Ie,wb values have been 
derived for the varieties of the G.711.1 codec. For the auditory 
test, column 6 of Table 1 shows that the R3 mode of the codec 
obtains Ie,wb values between -2 and -1, and the R2b mode 
between 1 and 3, depending on the compression law (A or μ) 
applied. Obviously, the negative values for the R3 mode are 
not directly meaningful. They show in turn that the Ie,wb 
value for this mode is between the one for the undistorted 
connection (no degradation, Ie,wb = -3 in this test) and the 
value of the best known codec so far (G.722.2@23.05 kbit/s, 
Ie,wb = 5 in this test). In ITU-T Rec. G.113, the Ie,wb value 
for the G.722.2@23.05 kbit/s is defined to be 1, and the clean 
connection should obtain an Ie,wb of zero. Thus, we conclude 
that the Ie,wb value for the R3 mode of the G.711.1 codec 
should be either 0 or 1, irrespective of the compression law (A 
or μ). For the R2b mode, the derived Ie,wb values are 1 and 3, 
still slightly lower than the one derived for the G.722.2@ 
23.05 kbit/s. Thus, on the basis of the auditory test results, we 
propose to define the following Ie,wb values: 

• G.711.1 mode R3, A-law or μ-law: Ie,wb = 0 
• G.711.1 mode R2b, A-law or μ-law: Ie,wb = 1 

These values fit into the list of already defined ones of ITU-T 
Rec. G.113. 

The same procedure has also been applied to the instru-
mentally-estimated MOS values, resulting in the values of 
column 5 of Table 1. Over the 169 conditions included in the 
test, the Pearson correlation between the instrumentally-
derived and auditorily-derived Ie,wb is as high as 0.94. Once 
again, the R3 mode of the codec obtains raw negative Ie,wb 
values, and the R2b mode values close to the origin. Obvi-
ously, the strongly negative values for the R3 mode are not 
meaningful; they show that the Ie,wb value for this mode is 
identical to the one for the undistorted connection (no degra-
dation, Ie,wb = -28 in this test). We conclude once again that 
the Ie,wb value for the R3 mode of the G.711.1 codec should 
be set to 0. For the R2b mode, the derived Ie,wb values are 0 
and 2, and are still lower than the one derived for the G.722.2 
@ 23.05 kbit/s. The defined value for the latter codec is 1. 
Thus, we propose the following Ie,wb values from the results 
of the instrumental measurements: 

• G.711.1 mode R3, A-law or μ-law: Ie,wb = 0 
• G.711.1 mode R2b, A-law or μ-law: Ie,wb = 1 

These values are identical to the ones obtained from the 
auditory-based methodology. 

The equipment impairment factor values derived so far 
do not necessarily satisfy the additivity property of Ie,wb 
values (step 4). This has tentatively been checked for tandems 
of the new codec with itself. The final eight rows of Table 1 
show that double and even triple tandems of the G.711.1 mode 
R3 codec obtain Ie,wb values which are close to 0, or even 
negative Ie,wb values. Thus, the assumption of Ie,wb = 0 for 
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this codec seems to be satisfied, even in case of tandems with 
itself. The situation is however different for the G.711.1 mode 
R2b. Here, the tandems show higher values than the simple 
sum of the individual Ie,wb values. Thus, the additivity 
property of Ie,wb values does not seem to be satisfied for self 
tandems of the R2b codec mode. 

4. Packet loss robustness factor values 
The Ie,wb values derived so far reflect the degradation due to 
the coding-decoding process alone, without any transmission 
errors. However, in Voice-over-IP scenarios where wideband 
speech transmission is frequently used, packets may get lost or 
discarded. The resulting additional degradation may be cap-
tured by changing the Ie,wb value to an effective one (includ-
ing both codec and packet-loss degradations), using the for-
mula given in the new Appendix II of ITU-T Rec. G.107: 
 

wbBplPpl
PplwbIewbIeeffwbIe

,
),95(,,,

+
⋅−+=  (1) 

In this formula, Ppl is the percentage of randomly lost packets, 
and Bpl,wb is a factor describing the robustness of the codec 
and packet-loss concealment applied towards random loss. In 
this case, Ie,wb values are limited to 0 to avoid strong negative 
values. Bpl,wb values for some reference codecs have recently 
been defined in Appendix IV to Rec. G.113; a corresponding 
formula for non-random (e.g. bursty) loss is still missing. 

Table 2: Bpl,wb values for different codecs. 

Codec Bitrate 
kbit/s 

Bpl,wb 
P.834.1 

Bpl,wb 
P.833.1 

Bpl,wb
G.113 

G.722 64 2.0 2.6 7.1 
G.722.2 12.65 4.3 3.7 4.3 
G.711.1 (R2b,A) 80 9.3 10.9  
G.711.1 (R2b,μ) 80 9.0 10.6  
G.711.1 (R3,A) 96 12.5 11.6  
G.711.1 (R3,μ) 96 12.5 10.5  

 
Table 2 shows the already defined and the newly derived 

Bpl,wb values. Apparently the robustness factor for the 
G.722.2 codec at 12.65 kbit/s is well estimated by the instru-
mental procedure, even better that by the auditory one. In turn, 
the value for the G.722 codec is underestimated in both cases, 
which is probably due to not applying any packet-loss 
concealment in the test. For the G.711.1 codec, the newly-
derived values are in the range 9-11 for the R2b and 10.5-12.5 
for the R3 mode. Over the 8 codecs impaired by packet-loss, 
the Pearson correlation between the instrumentally-derived 
and auditorily-derived Bpl,wb is 0.937. Even if this method 
seems quite reliable, these values should be investigated 
further before coming up with a final conclusion.  

5. Conclusions and future work 
We presented a new methodology for quantifying the quality 
degradation introduced by wideband speech codecs. In con-
trast to the methodology described in ITU-T Rec. P.833.1, this 
methodology makes use of a so-called “objective model” – 
namely WB-PESQ – in order to derive stable values; thus, the 
experimental effort is largely reduced. Despite the inevitable 
estimation error introduced by the objective model, the nor-
malization procedure of the methodology is effective in ruling 
out test- and model-specific effects and coming to conclusions 
which allow ranking the quality of new codecs in a framework 
of already-defined ones. The method has recently been ac-
cepted as a new Recommendation P.834.1 in ITU-T. 

The methodology has been applied to deriving Ie,wb val-
ues and Bpl,wb values for the new G.711.1 speech codec. For 
Ie,wb, the instrumental methods comes to the same conclu-
sions than the corresponding auditory one, namely that the 
wideband equipment impairment factors for the R3 mode are 
zero, and one for the R2b mode. Considering the large spread 
in the raw estimations, this may come to a surprise, but it 
shows the effectiveness of the applied normalization proce-
dure. For Bpl,wb, initial values show an acceptable agreement 
between instrumental and auditory procedures. 

In the future, we would like to further validate the meth-
odology with new auditory test data. In addition, we need to 
address the problem of bursty packet loss. Finally, coding and 
packet loss degradations need to be combined with other ones, 
like noise, delay and echo. The E-model opens this perspec-
tive, but it still needs to be adapted to the wideband case. We 
assume that the methodology presented here may be helpful in 
supporting such an adaptation, as the normalization procedure 
may also be useful for other types of degradations. The meth-
odology may also be extended towards super-wideband (50-
14000 Hz) and fullband (20-20000 Hz) transmission. 
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