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Abstract 

Perceptual Estimation of Speech Quality (PESQ) [1] is an 
instrumental model to estimate speech quality. This model 
provides quite a good estimation of quality for narrow-band 
transmission. The wideband version of PESQ (WB-PESQ [2]) 
delivers estimates of WB transmission quality. In contrast to 
PESQ, WB-PESQ shows differences between estimated and 
more expressed auditory MOS scores. Based on different 
subjective tests, the detailed analysis of estimated and auditory 
MOS scores provided in this paper shows two problems of 
WB-PESQ: (1) The model under-estimates the quality of 
wideband hybrid speech coders, like G.722.2 [3] and the 
recently normalized G.729.1 [4]; (2) WB-PESQ makes 
differences in quality between male and female talkers. The 
female talkers are under-estimated by WB-PESQ. A 
description of the psychoacoustic model of WB-PESQ and the 
transformation of speech signals in the different stages of this 
psychoacoustic model show where these problems come from. 
Especially WB-PESQ overestimates the degradation due to 
noise in hybrid coders. The implementation of a modified 
WB-PESQ based on this observation shows reliable estimates 
of speech quality which are better in accordance with auditory 
results. 

1. Introduction 

With the increased number of broadband access lines, IP 
networks have become a significant means of speech 
communication. They allow for a greater flexibility of tools 
used during the transmission, like the coders applied in Voice 
over IP (VoIP), and enable wideband speech coding. The use 
of wideband speech coders may yield a better quality of 
transmitted speech by increasing the bandwidth from 300 – 
3400 Hz (e.g.: the classical telephone band) towards 50 – 
7000 Hz. Transmitted speech seams more natural thanks to 
transmission of low frequencies, that include the fundamental 
frequency and the first formant. In addition, transmission of 
high frequencies gives a better intelligibility of fricative 
consonants like "f" or "s" [5]. The evaluation of the resulting 
quality experienced by the user is required for network 
providers and is an important study work item for the ITU-T1. 
Bandwidths as well as other quality degradations like delay or 
distortion need to be assessed in a wideband speech 
communication situation. Subjective tests are the most reliable 
way to determine overall perceived speech quality. However, 
network providers prefer the use of instrumental methods to 
assess speech quality, mainly because they are quicker and 
cheaper than auditory tests. 

                                                           
1 ITU-T: International Telecommunication Union – 
Telecommunication standardization sector 

 
Several instrumental quality prediction models exist to 
estimate the user’s quality judgment in terms of a mean 
opinion score, MOS. One of the most popular models is a 
parametric model, the so-called E-model [6]. It uses 
parameters to describe the different parts of a network, from 
mouth-to-ear. However, more reliable predictions may be 
achieved for an existing network based on a signal analysis. 
Since the voice before introduction into the network is not 
always available, two different kinds of signal-based models 
exist, a full-reference model and a no reference one: 

1. A full-reference model, for example, the PESQ model 
(“Perceptual Evaluation of Speech Quality“) calculates a 
similarity between two audio files: the "clean" input 
signal and the output signal of a speech transmission 
system [1]. 

2. A no-reference model, for example [7], evaluates a signal 
at a specific point in the network, compared to a reference 
that is artificially generated from the transmitted signal. 

Several signal-based models were used for estimation of 
quality under different bandwidth restriction, like TOSQA [8], 
PSQM [9] or PAMS [10]. A study from [11] shows that the 
TOSQA under-estimates the effect of linear distortions and the 
PSQM overestimates it. The most recent model is WB-PESQ 
[2], a wideband extension of the PESQ model, used nowadays 
as the reference for estimation of wideband speech quality. 
Several papers [12]-[14] have studied this wideband extension 
to evaluate its consistency with subjective judgments. The 
evaluation procedure usually consists in analyzing the 
relationship between auditory judgments obtained in a mixed 
bandwidths (NB and WB) listening-only test, MOS_LQSM 
(MOS Listening Quality Subjective Mixed), and their 
corresponding instrumentally-estimated MOS_LQOM (MOS 
Listening Quality Objective Mixed) scores [15]. For example, 
in [12], three wideband speech codecs were evaluated with 
WB-PESQ (G.711 with Packet Loss Concealment in a 
wideband mode, G.722 [16] and G.722.1 [17]). In this study a 
bias was found for the G.722.1, in that MOS_LQOM is 
significantly lower than MOS_LQSM. The same effect was 
observed in [13]-[14] for the G.722.2 codec, although the 
average correlation coefficient is about 0.90. WB-PESQ was 
shown to be able to predict the codec ranking in the listeners' 
judgment, but was not able to quantify the perceptual 
difference between the codecs. 
This paper proposes a similar approach to evaluate the validity 
of the WB-PESQ model for wideband speech transmission. In 
particular, we focus on different kinds of wideband codecs in 
order to validate whether the WB-PESQ model can estimate 
the quality provided by hybrid coders (G.722.2 and G.729.1) 
as well as by waveform coders (G.722). In addition, we try to 
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find the source of the deviation between auditory judgments 
and instrumental quality predictions observed in [12]-[14]. 
Section 2 of this paper describes the different parts of the WB-
PESQ model and its perceptual part in more details. Section 3 
deals with an analysis of estimated test results from WB-PESQ 
as compared to auditory results and points out problems due to 
evaluation with WB-PESQ. Section 4 describes the signal 
transformation used in the perceptual model, for a specific 
condition, and identifies where WB-PESQ inducts a bias in its 
evaluation. Section 5 proposes a modified version of the WB-
PESQ in order to solve the identified issues. An evaluation of 
the corresponding modified model is presented in the Column 
3. Conclusions and outlooks are given in Section 6. 

2. WB-PESQ 

2.1. PESQ, Estimation of Narrow-band Speech Quality 

In this section, we describe the analysis made by PESQ, and in 
particular the different parts of the perceptual model. The 
signal-based model PESQ estimates speech quality for the 
classical telephone band, named here narrow-band (NB). 
Predictions of this model are very well correlated with 
auditory judgments [18], and are composed of four stages: 

1. First, the two input-signals are filtered to simulate the 
listening terminal of the user. For a NB transmission, the 
usual electro-acoustical interface is a handset, simulated 
by an IRS receive filter (receive part of an Intermediate 
Reference System), see Figure 1. 

2. Then, the clean and the degraded files are aligned, to rule 
out the delay and jitter (varying delay) due to modern 
voice transport techniques such as VoIP. This variable-
delay estimation comes from the PAMS objective model 
[19]. 

3. The two signals are compared using a perceptual model. 
This perceptual model mainly consists of a 
psychophysical representation of audio signals in the 
human auditory system. 

4. At last, a mapping function is used to transform the result 
of the comparison to a MOS_LQON (MOS_LQO NB) 
score, i.e. an instrumentally estimated MOS score [20]. 

2.2. WB-PESQ, the Wideband extension of PESQ 

Like PESQ, the WB-PESQ model is based on a comparison of 
two signals. The algorithm of WB-PESQ is very similar to the 
PESQ used for narrow-band speech, except in two points: (1) 
the WB-PESQ input-filter has a flat pass-band characteristic 
up to 7 kHz [21], see Figure 1, instead of the IRS-receive type 
high-pass characteristic used in PESQ; (2) the mapping 
function differs for wideband transmission (transformation to a 
MOS_LQOM score). Based on a first study on the WB-PESQ 
[22], a new mapping function was found to improve the 
correlation of MOS_LQOM scores with auditory test data. 
The time alignment part of the PESQ is independent of the 
bandwidth context, since it works only on the temporal 
dimension. Thus, the following part describes the perceptual 
model and the psychophysical transformation used in more 
details. 
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Figure 1. Filter P.341, IRS receive and input-filter of WB-
PESQ 

2.3. Perceptual Model 

The perceptual model of WB-PESQ, which is the same as 
(NB-) PESQ, comes from PAQM (Perceptual Audio Quality 
Measurement) [23] an objective model made in the earlier 
90th. Then the PAQM was specialized only for the evaluation 
of speech quality and called PSQM. Thus, the different parts 
of this perceptual model come from an evolution of more than 
ten years. We describe here the different stages of this 
perceptual model, and the transformation made to the two 
speech input-signals to follow the "internal psychoacoustic 
sound representation" [24]: 

• Power-time-frequency representation (spectrum) is 
calculated by a FFT for each frame of 32 ms (overlapped 
by 50 %) with a Hanning window. 

• Frequency scale is transformed to a pitch scale of 49 
points. 

• The linear frequency distortion of the system under test 
is compensated for distortion lower than 20 dB. 

• Compensation of the gain variation of the system in 
successive frames. 

• Power scale is transformed to a loudness scale in sone 
using Zwicker's law and the absolute hearing threshold. 

• Calculation of a disturbance density as the difference 
between the loudness-time-pitch representations of the 
two input-signals. 

• Use of a masking model in each time-pitch component. 

• Calculation of a correction factor in order to evaluate the 
introduction of new time-frequency components in the 
degraded signal by the system under test. This factor 
corresponds to the ratio between degraded and reference 
power-time-pitch representation. Multiplication of this 
correction factor with the disturbance density gives an 
asymmetrical disturbance density. 

• The two vectors of frame disturbance and of 
asymmetrical frame disturbance are calculated by a non-
linear averaging (over pitch) of the disturbance density 

2nd ISCA/DEGA Tutorial and Research Workshop on Perceptual Quality of Systems

116



matrix, and of the asymmetrical disturbance density 
matrix. 

• The two values of disturbance and of asymmetrical 
disturbance are calculated by a non-linear averaging 
(over time) of the frame disturbance vector and of the 
asymmetrical frame disturbance vector. 

• The WB-PESQ score is a linear combination of these 
two values. 

3. Evaluation of WB-PESQ 

At the time of its development [21], WB-PESQ was tested on 
the waveform-type WB-codecs available at that point (such as 
the G.722, [16]). For these codecs, and some additional NB-
codecs, WB-PESQ shows a good correlation with subjective 
test data. However, in the meantime, two new WB speech 
codecs have been normalized by the ITU-T: 

1. The wideband version of the Adaptive Multi-Rate 
(AMR-WB), G.722.2 [3], normalized in January 
2002. 

2. The wideband version of the G.729, named G.729 
Embedded Variable, or G.729.1 [4], normalized in 
April 2006. 

Since no validation of WB-PESQ was made with these two 
coders, this paper presents an evaluation of WB-PESQ using 
different database that include these two new codecs, as well 
as additional reference conditions with other NB and WB 
coders (such as G.722). 

3.1. Subjective Tests 

All subjective data presented in this document are results of 
four subjective tests: 

• Test 1 was carried out at France Télécom R&D 
during the characterization phase of the G.722.2 
codec (experiment 2) [25]. 

• Test 2 was carried out at Ruhr-Universität Bochum 
[5]. 

• Test 3, provided by the qualification phase of the 
codec G.729EV [26] (experiment 1b), was carried 
out at France Télécom R&D and uses the candidate 
of France Télécom for the G.729EV normalization, 
which is almost identical with the standardized 
version. 

• Test 4 was carried out in March 2006 at France 
Télécom R&D [27]. 

The auditory test results we use were obtained on a 5-point 
ACR overall quality scale in accordance with ITU-T 
Recommendations P.800 and P.830, using stimuli of different 
bandwidths. Table 1 summarizes the experimental conditions 
which are similar for the four tests. A French database 
(German for the second test) was used as the source material, 
degraded by several codecs at different bit-rates. As a WB 
reference, we used a wideband band-pass (50-7000 Hz) in 
these four tests. All the tests included a set of NB and WB 
speech codecs, except the first one, using only WB conditions, 
and Test 3, using NB, WB and MB (Middle-band: 100 – 5000 
Hz) conditions. Test 4 included also packet-loss conditions. 
Table 2 describes in more details the 4 subjective tests. 

The reference signals were the original speech signals, filtered 
with the P.341 filter show in Figure 1, in order to reflect the 
frequency characteristics of the sending terminal. Then the 
signals were normalized to -26 dBASL, with the ASL (Active 
Speech Level) software of the standard library of ITU [28]. 
Since the noise floor of the signals was always above the 
minimum -75 dBov specified by the application guide for 
PESQ [29], no noise was added to the reference speech 
signals. 
 

Scale ACR listening quality 
Listening level 73 dB SPL at the ear 

reference point 
Number of subjects Minimum of 20 naïve 

listeners 
Listening device monaural headset (WB 

handset Test 2) 
Number of talkers 2 males and 2 females 
Number of sentence 
pairs per talker 

3 (4 in Test 1) 

Table 1. Experimental conditions 

N° Test description 
Test 1 56 WB conditions 

(MNRU, G.722, G.722.1, G.722.2) 
Test 2 9 NB and 9 WB conditions  

(Band-Pass, NB codecs, G.722, G.722.2) 
Test 3 8 NB, 6 MB and 26 WB conditions 

 (MNRU, NB codec, G.722, G.722.2, G.729.1) 
Test 4 30 NB and 30 WB conditions 

 36 conditions with packet-loss  
(NB codecs, G.722, G.722.1, G.722.2, G.729.1)  

Table 2. Tests description 

3.2. Basic Analysis 

Table 3 shows the correlations between auditory judgments 
and WB-PESQ estimations for all the tests. The Pearson 
correlation coefficient (R) and the Root Mean Squared Error 
(RMSE) are impacted by the Band-Pass of the conditions. The 
WB-PESQ shows a bias for WB conditions, values of R for 
WB conditions are slightly lower for two of the tests, and quite 
low for Test 2. In addition RMSE values are slightly higher for 
WB conditions. 
 

Test 
Conditions 1 2 3 4 

All 0.805 0.818 0.925 0.913 
NB - 0.921 0.977 0.914 

R 

WB - 0.648 0.870 0.927 
All 0.869 0.523 0.410 0.457 
NB - 0.466 0.352 0.328 

RMSE 

WB - 0.692 0.448 0.564 

Table 3. Pearson correlation (R) and Root Mean Squared 
Error (RMSE) for NB and WB conditions 
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The next two paragraphs will describe in more details the 
different conditions used in these four tests to find the origin 
of this bias. 

3.3. Codec Analysis 

Since WB-PESQ shows a deviation for WB conditions, we 
describe here results for different WB speech codecs. 
Corresponding R and RMSE values are given in Table 4. 
Since Test 2 has not enough conditions for WB speech codecs, 
only the three other tests are listed here. The correlation and 
RMSE differ between test conditions: WB-PESQ is indeed 
better in evaluating the quality of G.722 coder and reference 
conditions than the others coders. For the latter, MOS_LQSM 
values seem to be consistently underestimated, as illustrated 
by results from Test 4 (see figure 2). 
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Figure 2. Relationship between WB-PESQ values and 
subjective MOS for WB coders in Test 4 

 
Test 

Conditions 1 3 4 
Direct 1.000 0.965 0.964 
G.722 1.000 0.984 0.895 
G.722.1 1.000 - 0.970 
G.722.2 0.882 1.000 0.956 

R 

G.729.1 - 0.794 0.952 
Direct 0.379 0.312 0.187 
G.722 0.434 0.143 0.392 
G.722.1 0.684 - 0.559 
G.722.2 0.899 0.710 0.568 

RMSE 

G.729.1 - 0.470 0.734 

Table 4. Pearson correlation (R) and Root Mean Squared 
Error (RSME) for NB and WB conditions 

Based on the WB coder algorithm of these four speech codecs, 
two kinds of coders can be differentiated: 

1. First, the G.722 and the G.722.1 are waveform 
coders. The G.722 is based on a Sub-band 
Adaptive PCM (SB-ADPCM) and the G.722.1 is 
based on transform technology, the Modulated 
Lapped Transform (MLT). 

2. G.722.2 and G.729.1 are hybrid coders, based on a 
speech production model and a simple model of 

human auditory perception to reduce the bit-rate 
and to minimize the mean squared error between 
input and synthesized speech in a perceptual 
domain. The G.722.2 uses an algebraic code 
excited linear prediction (ACELP) and the G.729.1 
is based on three-stage structure, a CELP for the 
lower band, a parametric coding of the higher band 
by Time-Domain Bandwidth Extension (TD-BWE) 
and a predictive transform coding of the full band 
as Time-Domain Aliasing Cancellation (TDAC). 

3.4. Talker analysis 

Results of Test 4 for hybrid coders plotted in Figure 3 show 
that the bias depends on talkers. We see that the WB-PESQ 
estimation for female voices is significantly lower than the 
auditory judgement, whereas male scores are around the 
diagonal line. Consequently, we notice for all tests in Table 5 
a higher root mean squared error for the female than for the 
male talkers. In addition the correlation coefficient for hybrid 
WB coders is significantly lower than for waveform WB 
coders and WB references (direct and MNRU conditions 
[30]), for both talkers in Test 1 and 3. An Analysis of 
Variance (ANOVA) on MOS scores from Test 1 shows that no 
statistical difference exists between auditory MOS and 
estimated MOS for waveform coders and WB references, 
F(1,20) = 0.39, p = 0.54 for female talkers, F(1,20) = 0.01, p = 
0.93 for male talkers, but estimated MOS are lower compare to 
auditory MOS for hybrid coders (G.722.2 and G.729.1), 
F(1,88) = 63.89, p < 10-11 for male talkers, F(1,88) = 207.64, 
p = 0 for female talkers. 
 

Test 
Conditions 1 3 4 

NB M - 0.981 0.883 
NB F - 0.945 0.920 
WB ref. M 0.923 0.974 0.949 
WB ref. F 0.976 0.964 0.915 
WB hyb. M 0.878 0.862 0.936 

R 
  
  
  

WB hyb. F 0.694 0.880 0.909 
NB M - 0.389 0.375 
NB F -  0.398 0.321 
WB ref. M 0.585 0.480 0.361 
WB ref. F 0.467 0.370 0.540 
WB hyb. M 0.625 0.124 0.454 

RMSE 
  
  
  

WB hyb. F 1.285 0.957 0.884 

Table 5. Pearson correlation (R) and Root Mean Squared 
Error (RSME) for male and female talkers 

In summary, our comparison between MOS_LQSM and 
MOS_LQOM shows that the estimation accuracy of wideband 
speech quality by WB-PESQ depends on the type of codec. 
WB-PESQ estimations seem to be accurate for waveform 
codecs and reference conditions, whereas WB-PESQ under-
estimates the quality delivered by hybrid codecs. This problem 
seems to be talker-dependent. We believe that it is due to the 
higher degree of psychoacoustic modelling integrated in the 
hybrid codecs used in our test: the more a codec makes use of 
the properties of the human auditory perception, the less the 
corresponding effects should be modelled in the evaluation 
model. 
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Based on these results, the next part will describe the origin of 
this bias in the auditory model of the WB-PESQ. 
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Figure 3. Relationship between WB-PESQ estimates and 
auditory MOS scores for male and female talkers in Test 4 

– hybrid coders 

4. Sources of WB-PESQ Bias 

The condition we took for evaluating the auditory model is a 
G.722.2 codec at 8.85 kbit/s for male and female talkers. The 
auditory score for these conditions is 4.50 MOS for the female 
talker (respectively 4.37 for the male) and estimated WB-
PESQ score is 2.34 MOS for the female talker (respectively 
3.90 for the male). Figures 4 and 5 show the frame disturbance 
vectors, (see explanation in Section 2.3), and the audible 
power of these speech files, over all frames of 32 ms, for 
female and male talkers respectively. The asymmetrical 
disturbance used to evaluate the introduction of new time-
frequency components in the degraded signal is usually most 
prominent during silent intervals [24]. In addition, Figure 4 
shows that the audible power of the female reference speech 
file is higher in silent intervals as compared to the male talker 
(respectively 50 dBSPL and 40 dBSPL). Also, the asymmetrical 
frame disturbance for the female talker is significantly higher 
than for the male talker. However, the noise floor levels before 
the auditory model are equivalent for both input-signals (-72 
dBov), thus one stage of the WB-PESQ auditory model had 
amplified the noise floor of the female degraded input-signal 
during silent interval, this may have lead to a lower estimated 
MOS score. This difference appears in many conditions with 
the two hybrid coders G.722.2 and G.729.1, leading to a 
significant difference between male and female talkers. 
Figure 6 shows the compensation of the linear frequency 
response of the G.722.2 codec at 8.85 kbit/s for male and 
female talkers. This compensation is calculated by a ratio of 
the degraded signal spectrum to the reference signal spectrum. 
These spectrum vectors are calculated by an aggregation over 
time (only for speech periods) of the power-time-pitch 
representations (see explanation in Section 2.3). Only points 
of these power-time-pitch representations 20 dB above the 
absolute hearing threshold are taken into account. 
We see on Figure 6 an amplification of 20 dB at 3 points on 
the pitch scales (60 – 100 Hz) for the female talker and at 49 
points (7000 – 8000 Hz) for both talkers. Since the reference 
input-files of WB-PESQ were filtered with a P.341 filter, the 

noise floor of reference signals is quite low outside the WB 
band pass 50 – 7000 Hz. A spectrum analysis of the degraded 
signals shows that the coders G.722.2 and G.729.1 amplify 
frequencies during speech periods, above 7000 Hz and below 
120 Hz for the female voice or 80 Hz for the male voice (see 
Figure 7). Due to the presence of lower frequency components 
in male voices (usually the fundamental frequency of a male 
voice is near 100 Hz) compare to female voices, the 
amplification seen in Figure 6 at 3 points on the pitch scale 
appears only for female voices. 
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Figure 4. Disturbance over frame index with audible 
power for the G.722.2 at 8.85 kbit/s, female talker       

(for 32 ms frames) 
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Figure 5. Disturbance over frame index with audible 
power for the G.722.2 at 8.85 kbit/s, male talker          

(for 32 ms frame) 

In the auditory model the compensation of the linear frequency 
response of the system under study, see above, amplifies the 
reference input-signal over the entire speech sample duration, 
including silent intervals. In addition, the compensation of the 
gain variation in successive frames, see Section 2.3, is 
calculated over the entire pitch scale. Thus, the amplified 
component at 3 points on the pitch scale in the reference 
input-signal introduces an amplification of disturbance 
densities during silent intervals; the noise floor in silent 
intervals is amplified, and asymmetrical disturbance is quite 
high during silent intervals, as seen in Figure 4. 
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Figure 6. Compensation of linear frequency response of 
the G.722.2 at 8.85 kbit/s for both talkers 
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Figure 7. Spectrum of the two input-files of WB-PESQ for 
both talkers 

5. Proposed Modifications of WB-PESQ 

In order to preserve the performance of the WB-PESQ 
algorithm in a NB case, modifications in the WB-PESQ 
auditory model have to be restricted to the frequencies outside 
the NB band-pass 300 – 3400 Hz. Considering the 
transformation to the model's internal pitch scale, these 
frequencies translate into pitch values outside 8 – 41 points 
(for speech files sampled at 16 kHz).  

5.1. Change of the First Filter 

Based on the above identified problem, we think that both 
input-signals of WB-PESQ have to be filtered for frequencies 
outside the WB range 50 – 7000 Hz. The flat input-filter of the 
WB-PESQ simulates a high quality listening device. However, 
even if a high quality terminal with a flat response in the entire 
audible frequency range could be used by a listener, we have 
added a filter according to P.341 [31] to the flat filter of the 
first part of the WB-PESQ, which simulates the frequency 
response of an ideal hands-free wideband terminal. Figure 1 
shows the three filters, IRS receive (NB), P.341 and flat input-
filter of WB-PESQ. With filter P.341, it is assumed that the 
modification of frequency bands beyond 48 points on the 
model pitch scale (i.e. 7000 – 8000 Hz) introduced e.g. by the 
G.722.2 does not lead to an over-amplification of silent 
periods by WB-PESQ's perceptual model, that leads to an 
over-estimated degradation (see Section 3.4). Figure 8 shows 
the compensation of the linear frequency response of the 
condition used in Section 4 for the female talker. We see a 
modification for point 49 on the pitch scale. However, the 
point 3 on the pitch scale is still quite high, since filter P.341 
cuts off only frequencies lower than 50 Hz. 
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Figure 8. Compensation of linear frequency response of 
the G.722.2 at 8.85 kbit/s for the female talker when both 
input-signals of WB-PESQ are filtered with filter P.341 

5.2. Change of the Frequency Compensation 

Auditory MOS show that a distortion in low frequencies has a 
slight impact on overall speech quality. In [32], it has been 
reported that in some auditory tests, conditions with 
bandwidth restrictions of lower frequency components are 
preferred to full wideband conditions. Thus, to minimize the 
contribution of lower frequencies (lower than 150 Hz) in the 
frame disturbance, a weighting function over pitch is applied 
during the aggregation over pitch of disturbance density 
matrix and asymmetrical disturbance density matrix (see 
Section 2.3). In addition, the compensation of the frequency 
response of the system is calculated only for points of power-
time-pitch representations higher than 30 dB above the 
absolute hearing threshold. Thus, the amplification of hybrid-
type coders seen in Section 4 is not considered in calculation 
of frequency compensation. In addition, the linear frequency 
compensation is not applied during silent intervals since this 
compensation is calculated over speech periods. Figure 9 
shows the asymmetrical frame disturbance vector calculated by 
the original and modified WB-PESQ for the hybrid-type codec 
G.729.1 at 32 kbit/s, with 3% packet-loss. 
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Figure 9. Asymmetrical disturbance over frame index 
with audible power for the G.729.1 at 32 kbit/s, with 

3% packet-loss, female talker (for 32 ms frame) 

5.3. Evaluation of the Modified WB-PESQ 

Based on a Matlab implementation, the modified WB-PESQ 
was tested on the speech database from Test 4. With the 
proposed modifications, the average correlation coefficient 
increases from 0.913 to 0.948 and the RMSE decreases from 
0.457 to 0.375. Table 6 shows R and RMSE values for the 
original WB-PESQ and WB-PESQ after modifications for 
Test 4. Figure 10 shows the relationship between auditory 
MOS and the estimation of the modified WB-PESQ. 
Estimation of hybrid codecs becomes more inline with 
auditory MOS, and the difference between male and female 
talkers is reduced, even if the correlation coefficient for male 
talkers increases. In addition, the R value for NB conditions 
shows that the modification applied on the WB-PESQ did not 
change the estimation of NB conditions. The RMSE decreases 
for both talkers, especially for female talkers in hybrid-type 
coders. 
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Figure 10. Relationship between modified-WB-PESQ 
estimates and auditory MOS scores for WB coders in 

Test 4 

Test 4 
Conditions WB-PESQ Mod. WB-PESQ 

M 0.930 0.939 
F 0.860 0.943 
NB 0.914 0.913 

All 

WB 0.927 0.947 
M 0.936 0.936 

R 

WB 
Hybrid F 0.909 0.961 

M 0.396 0.382 
F 0.596 0.403 
NB 0.328 0.353 

All 

WB 0.564 0.401 
M 0.454 0.448 

RMSE 

WB 
Hybrid F 0.884 0.464 

Table 6. Pearson correlation (R) and Root Mean Squared 
Error (RSME) for original and modified WB-PESQ, Test 

4 

6. Conclusions and outlooks 

Based on differences between estimated MOS_LQOM and 
auditory MOS_LQSM highlighted in Section 3 of this paper, 
we found different points where the instrumental speech 
quality model WB-PESQ underestimates the quality delivered 
by wideband hybrid codecs, and especially for female voices. 
A detailed study of the transformation in the auditory part of 
this model shows a compensation of the frequency response of 
these hybrid codecs which leads to a lower MOS_LQOM 
score. Slight changes used only in a WB case provide a better 
evaluation of WB conditions.  
In addition, we thought that the asymmetric disturbance in 
WB-PESQ has to be re-calibrated. This asymmetric 
disturbance was included in PESQ since "in a regular 
telephone conversation when both parties are not talking 
noise on the line becomes audible" [24]. However, wideband 
communication is not a "regular" communication, and we 
expected for a wideband network a high value of the signal to 
noise ratio due to an entire digital transmission without any 
analog process except the electro-acoustical part. 
In addition, "the asymmetric effect is most prominent during 
the silent interval […]. If there is no noise during the silent 
intervals, any difference in- and output leads to a decrease in 
quality" [24]. Since the G.722 coder introduces a perceptible 
noise compare to the WB speech codec G.729.1, the 
asymmetrical disturbance value should be higher for G.722 
compared to G.729.1. The noise floor of hybrid codecs has 
predominance in low frequency components that is not seen as 
a degradation by a listener. However, the asymmetrical 
disturbance value is higher for hybrid codecs and infers a 
lower estimated MOS score, thus the asymmetrical disturbance 
value seems inappropriate for evaluation of this kind of 
coders. 
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