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Abstract
This paper deals with the investigation of PESQ’s behavior under independent and dependent loss conditions from an
Active-Speech-Ratio perspective. This reference signal characteristic is defined very broadly by ITU-T
Recommendation P.862.3. That is the reason to investigate an impact of this characteristic on speech quality
prediction more in-depth. The ITU-T G.729AB encoding scheme is deployed in this study. We assess the variability
of PESQ’s predictions with respect to Active-Speech-Ratios and loss conditions. Our results show that an increase in
amount of speech in the reference signal (expressed by the Active-Speech-Ratio characteristic) may result in an
increase of the reference signal sensitivity to packet loss change and also PESQ’s predictions accuracy improving.
Predictions accuracy could be even improved by higher packet losses.
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Introduction

Voice over Internet Protocol (VoIP), the transmission of
packetized voice over IP networks, has gained much
attention in recent years. It is expected to carry more
and more voice traffic for its cost-effective service.
However, present-day Internet, which was originally
designed for data communications, provides best-effort
service only, posing several technical challenges for real
time VoIP applications. Speech quality is impaired by
packet loss, delay and jitter. Assessment of perceived
speech quality in the IP networks becomes an
imperative task to manufacturers as well as to service
providers.
Speech quality is judged by human listeners and hence
it is inherently subjective. The Mean Opinion Score
(MOS) test, defined by ITU-T Recommendation P.800
[1], is widely accepted as a norm for speech quality
assessment. Subjective testing is expensive and timeconsuming. That is the reason that subjective testing is
impractical for the frequent testing such as routine
network monitoring. Objective test methods have been
developed in recent years. They can be classified into
two categories: signal-based methods and parameterbased methods. Intrusive signal based methods use two
signals as the input to the measurements, namely, a

reference signal and a degraded signal, which is the
output of the system under test. They identify the
audible distortions based on the perceptual domain
representation of two signals incorporating human
auditory models. These methods include Perceptual
Speech Quality Measure (PSQM) [2], Measuring
Normalizing System (MNB) [3, 4], Perceptual Analysis
Measurement System (PAMS) [5], and Perceptual
Evaluation of Speech Quality (PESQ) [6, 7]. Among
them, PSQM [8] and PESQ [9] were standardized by the
ITU-T Recommendations such as P.861 and P.862
respectively. Parameter-based methods predict the
speech quality through a computation model instead of
using a real measurement. E-model is a typical model,
defined by ITU-T Recommendation G.107. The Emodel includes a set of parameters characterizing endto-end voice transmission as its input, and the output (Rvalue) then can be transformed into the MOS-Listening
Quality Estimated narrowband (MOS-LQEn) values.
The PSQM algorithm is based on comparison of the
power spectrum of the corresponding sections of
reference and degraded signals. The results of this
algorithm more correlate with the results of listening
tests, in comparison with E-model. At the present, this
algorithm is no longer used due to a coarse timealignment. Instead of it, the algorithm PESQ is rather

used. PESQ combines merits of PAMS and PSQM99 (an
updated version PSQM), and adds new methods for
transfer function equalization and averaging distortions
over time. The algorithm PESQ facilitates with very
fine time-alignment and one single interruption is also
taken into account in the calculation of MOS. It can be
used in wider range of network conditions, and gives
higher correlation with subjective tests and the other
objective algorithms [6-7, 9]. Unlike the conversational
model, PESQ is a listening-only model; the degraded
sample is time-aligned with the reference sample during
pre-processing. The PESQMOS values do not reflect the
effects of delay on speech quality. The disadvantages
include impossibility to use it for codec’s with data rate
lower than 4 kbps and higher calculation load what is
caused by recursions in the algorithm.
The characteristics of reference signals for objective
speech quality measurements provided by PESQ are
defined in Section 7 of the ITU-T Recommendation
P.862.3 [10]. Two reference signal characteristics are
defined very broadly by this Recommendation from our
point of view, namely the length of reference signal and
Active-Speech-Ratio. The above-mentioned document
recommends to use the reference signals in duration in
the range from 8 seconds to 30 seconds for the purpose
of PESQ’s measurements. The speech activity in the
reference signals, which can be measured according to
ITU-T Recommendation P.56 [11], should be between
40% and 80% of their length. We suppose that those
two characteristics can have an impact on final PESQ’s
predictions. The detailed investigation of both
characteristics has been proposed in [12] from PESQ’s
prediction perspective. Some very important issues raise
from [12] especially in the case of Active-Speech-Ratio
experiment. That is the reason for exhaustive
investigation of the impact of different Active-SpeechRatios on speech quality prediction provided by PESQ
from dependent and independent losses perspective.
Some works have been carried out on study of PESQ’s
behavior under single frame, uniform and dependent
losses. In [13], the verification of PESQ performance in
case of single frame losses has been conducted by
means of formal listening only tests. The tests have
proved that PESQ predicts the impact of single frame
losses precisely. In [14], an investigation how subjects
perceive bursty losses and how current objective
measurement methods, such as PSQM, MNB, Enhanced
Modified Bark Spectral Distance (EMBSD) and PESQ,
correlate with subjective test results under burst loss
conditions has been reported. Preliminary results have
shown that PESQ displays an obvious sensitivity to
bursty conditions compared to human subjects (it is
more sensitive than subjects when loss burstiness is high
and less sensitive when it is low). In [15], a study of

PESQ’s behavior from networking perspective
(dependent and uniform losses) has been presented. It
seems that PESQ maintains reasonable correlation with
subjective scores even when the network conditions are
bad. Also, the deviations seem to be systematic from
subjective scores, which suggest that a simple
compensation factor might be found (for instance,
derived from network conditions) and used to improve
the results.
Here we focus on an impact of different Active-SpeechRatios on speech quality prediction provided by PESQ
in case of independent and dependent losses. The
reference signals with Active-Speech-Ratios of 42, 62
and 82% are investigated and the ITU-T G.729AB
encoding scheme is deployed in this study. We assess
the variability of PESQ’s predictions with respect to
Active-Speech-Ratios and loss conditions.
The rest of the paper is organized as follows: Section 2
introduces experimental scenario and experiments
carried out in this study. In Section 3, the experimental
results are presented and discussed. Section 4 concludes
the paper and suggests some future studies.
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Experiment description

2.1 Experimental scenario
One-way VoIP session was established between two
hosts (VoIP Sender and VoIP Receiver), via the loss
simulator (Figure 1). In case of loss simulator, two
currently most widely used models have been deployed
for the purpose of packet loss modeling, namely
Bernoulli and Gilbert loss model. More details about
loss models can be found in Section 2.2.

Fig.1 Experimental scenario
For this experiment the ITU-T G.729AB encoding
scheme [16] was chosen. In the measurements, two
frames were encapsulated into a single packet; thus
corresponding to a packet size of 20 milliseconds.
Adaptive jitter buffer, G.729AB’s native packet loss
concealment (PLC), and Voice Activity Detection
(VAD)/Discontinuous Transmission (DTX) were

implemented in the VoIP clients used. The jitter buffer
does not play any role in case of this experiment
because of small constant jitter inserted by the loss
simulator during the measurement. The Comfort Noise
Generator (CNG) was disabled in case of this
experiment.
The reference signals described in Section 2.3 were
utilized for transmission through the given VoIP
connection. Finally, speech quality was assessed by
PESQ and then converted to MOS-Listening Quality
Objective narrowband (MOS-LQOn) values by this
equation:

y = 0.999 +

4.999 − 0.999
1 + e −1.4945* x + 4.6607

2.2 Packet loss models
Packet loss is a major source of speech impairment in
VoIP. Such a loss may be caused by discarding packets
in the IP networks (network loss) or by dropping
packets at the gateway/terminal due to late arrival (late
loss).
Several models [19, 20] have been proposed for
modelling network losses, the currently most widely
used of them will be briefly discussed in the following
subsections.
Bernoulli model

In the Bernoulli loss model, each packet loss is
independent (memoryless), regardless of whether the
previous packet is lost or not. In this case, there is only
one parameter, the average packet loss rate, which is the
number of lost packets divided by the total number of
transmitted packets in a trace.
2.2.2

ulp =

p
p+q

(2)

The clp and ulp are used in the paper to characterize the
loss behavior of the network.

(1)

where x and y represent the raw PESQ score and the
mapped MOS-LQOn, respectively. The equation
mentioned is defined by ITU-T Recommendation
P.862.1 [17]. In case of PESQ score calculation, we
used some batch data processing techniques proposed in
[18].

2.2.1

unconditional loss probability (ulp). The ulp provides a
measure of the average packet loss rate and is given by:

Gilbert model

Most research in VoIP networks uses a Gilbert model to
represent packet loss characteristics [19-21]. In 2-state
Gilbert model as shown in Figure 2, State 0 is for a
packet received (no loss) and State 1 is for a packet
dropped (loss). p is the probability that a packet will be
dropped given that the previous packet was received. 1q is the probability that a packet will be dropped given
that the previous packet was dropped. 1-q is also
referred to as the conditional loss probability (clp). The
probability of being in State 1 is referred to as

Fig.2 Gilbert model
Sixteen independent loss and dependent loss conditions
were chosen to cover cases of interest. They consist of
combinations of packet loss rate (from 0% to 15%) in
case of independent losses and unconditional loss
probability (ulp, 0%, 1.5%, 3%, 5%, 10% and 15%),
conditional loss probability (clp, 15%, 30% and 50%) in
case of dependent losses and 20 initial seeds to simulate
different loss locations in both cases.
2.3 Reference signals
The reference signals selection should follow the
criteria given by ITU-T Recommendations P.830 [22]
and P.800 [1]. The reference signals should include
talkspurts separated by silence periods, and are normally
of 1-3 seconds long. They should also be active for 4080% of their duration. The reference signals are
composed of speech records. In our experiments, these
speech records were taken from a Slovak speech
database. In each set, two female and two male speech
utterances were used. The reference signals were stored
in 16-bit, 8000 Hz linear PCM. Background noise was
not present.
Reference signals in length of 30 seconds with ActiveSpeech-Ratios of 42, 62 and 82% were applied. All
reference signals used were spoken by the same people
(as defined in Table 1), also for different ActiveSpeech-Ratios. The differences between reference
signals used are only in case of number of talkspurts
(sentences), resulting in different Active-Speech-Ratios.
In case of higher Active-Speech-Ratios, the new
sentences were added, as an extension. The decision
about using reference signals in length of 30 seconds
came from our previous published work [12]. The tests
have proved that this length provides more accurate
results in comparison with other investigated lengths
therefore enables more precise investigation of an

impact of different Active-Speech-Ratios on speech
quality prediction, assessed by PESQ. The long
reference signals usage for the speech quality
assessment by PESQ has been also investigated in [23].
The experimental results have shown that for this
purpose it is possible to use a longer reference signals
and the author has proposed extending the maximum
length of reference signals to 30 seconds. The results of
this work have been included in ITU-T
Recommendation P.862.3.
Table 1 Active-Speech-Ratios and numbers of
talkspursts of the reference signals
Reference
signal
Male1
Male2
Female1
Female2
Average
value

ActiveSpeechRatio of
42%
40.183
(6)
43.249
(6)
43.677
(6)
41.780
(4)
42.222
(5.5)

ActiveSpeechRatio of
62%
60.333
(8)
63.861
(9)
62.065
(8)
62.054
(6)
62.078
(7.75)

ActiveSpeechRatio of
82%
82.516
(10)
80.612
(11)
84.180
(10)
82.121
(8)
82.375
(9.75)

The Active-Speech-Ratios and numbers of talkspurts
(active speech periods) for each of the reference signals
used are presented in Table 1. The Active-Speech-Ratio
measurement process has to follow the criteria given by
ITU-T Recommendation P.56. Those ratios were
measured by means of ITU-T Recommendation G.191’s
software tool [24], known as sv56.
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Experimental results

The measurements were independently performed 80
times (20 different loss locations/patterns and 4
reference signals) under the same packet loss
(independent losses) and the same pair of ulp and clp
(dependent losses). The average MOS-LQOn score, 95%
Confidence Interval (CI) and Mean Absolute Deviation
(MAD) were calculated. The next subsections describe
experimental results for the both examined types of
losses in more details.
3.1 Experimental results for independent losses
Using a Bernoulli model gives us the possibility to
analyze PESQ’s behavior only from two perspectives,
namely packet loss and Active-Speech-Ratio. Figures 3
and 4 depict differences between investigated ActiveSpeech-Ratios in speech quality evaluation, provided by
PESQ. It can be seen from above-mentioned figures that
the difference in Active-Speech-Ratio has a significant
impact on overall speech quality. This fact contributes
our preliminary assumption that an increasing amount

of speech (Active-Speech-Ratio) in reference signal has
to result in increase of reference signal sensitivity to
packet loss change. That may be explained by
increase/decrease of information (speech) loss
probability at the same packet loss ratio in the case of
using higher/lower Active-Speech-Ratio. It is caused by
a greater number of active speech periods in reference
signals with higher Active-Speech-Ratio. The
probability of information loss is greater if more periods
are available. It means that it is possible to capture more
impairments of speech quality in such a case. By
capturing the majority of existing impairments, we are
able to get a better insight about speech quality in
investigated telecommunication network (especially in
VoIP case) which turns to more reliable and accurate
evaluation of investigated transmission line from this
point of view.

Fig.3 MOS-LQOn as a function of packet loss for
different Active-Speech-Ratios in case of
independent losses. The vertical bars show 95 % CI
(derived from 80 measurements) for each loss.
The above-mentioned effect is depicted in Figure 3. In
more detail, it can be seen in this figure that MOSLQOn for higher Active-Speech-Ratio (82%) decreases
faster in comparison with ratios 42% and 62%.
However, it can be seen from Figure 3, that one bias has
been obtained in case of 1% packet loss. It could be
explained by a bit more captured losses at active speech
periods (effective losses) in case of 62% Active-SpeechRatio. For instance, in the mentioned case we captured
approximately 15 loss events and only one odd effective
loss could have big impact on final PESQ score.
Apparently, this effect is mainly occurred at lower
packet losses, where the difference between captured
effective losses is small.

3.2 Experimental results for dependent losses

Fig.4 MOS-LQOn versus packet loss and ActiveSpeech-Ratio for independent losses.
Figure 5 shows MAD of MOS-LQOn’s, which has been
obtained for this experiment. It can be seen from Figure
5 that the accuracy of predictions is much more in case
of higher Active-Speech-Ratios, especially when
network condition degrade (packet loss increase). First
fact is related to sensitivity effect mentioned above and
second one could be explained by higher probability of
losses obtained at active speech intervals (effective loss
probability) at higher packet losses. More effective
losses may lead to small variation in PESQ score. If the
higher Active-Speech-Ratio is used, this effect could be
even more markedly achieved. This effect could be
characterized as the sensitivity effect gain.

Using a Gilbert model extends our possibilities to
investigate PESQ’s behavior to three perspectives,
namely ulp, clp and naturally Active-Speech-Ratio. The
experimental results for all investigated clp’s are
depicted in Figures 6, 7 and 8. We can observe how
speech quality drops, as expected, with both clp and ulp.
Also, it is clear that the different Active-Speech-Ratios
could seriously influence the quality in case of
dependent losses. Obviously, we obtained same effect
as in first case (independent losses). It means that using
higher Active-Speech-Ratio leads to increase of
reference signal sensitivity to packet loss change, also in
case of dependent losses. One more bias in comparison
with fist case has been achieved in case of 3% ulp
(Figure 6). The reason for that is same as mentioned
above.

Fig.6 MOS-LQOn as a function of unconditional loss
probability for different Active-Speech-Ratios in case of
dependent losses (clp = 30%). Other detailed
descriptions of Figure 3 apply appropriately.

Fig.5 MAD of MOS-LQOn’s at each point of loss space
and Active-Speech-Ratio in case of independent losses.
A two-way analysis of variance (ANOVA) was
conducted on MOS-LQOn’s using packet loss and
Active-Speech-Ratio as fixed factors (Appendix 7.1,
Table 2). We found clearly the highest F-ratio for the
packet loss (F = 456.38, p < 0.01). Moreover, the
Active-Speech-Ratio factor showed a little bit weaker
effect on quality than packet loss, with F = 153.87, p <
0.01.

In Figure 9, we can see the MAD of MOS-LQOn’s for
30% clp. Unsurprisingly, PESQ’s accuracy behavior is
also similar as obtained in previous case. Interestingly,
the highest deviation has been obtained at 0% packet
loss. At this time, we have no theory that could explain
this phenomenon. Naturally, that is a point for a future
investigation because exhaustive study is needed to
validate, and interpret this phenomenon. On basis of
those results, we can pronounce that higher ActiveSpeech-Ratio usage may lead to PESQ’s predictions
accuracy improving, especially in case of higher packet
loss values.
Three two-way ANOVA’s were similarly carried out on
MOS-LQOn’s for all investigated clp’s, using ulp and
Active-Speech-Ratio as fixed factors (Appendix 7.2,
Tables 3-5). We obtained similar results as in case of
independent losses.

our motivation for finding of the feasible average
Active-Speech-Ratios for some languages or types of
languages and conversational scenarios. Naturally, an
issue of Active-Speech-Ratio setup with regards to
different languages and conversational scenarios is also
open for discussion. Average Active-Speech-Ratios
adjustment might enable to provide an assessment of
speech quality more reliably. Nowadays, such improved
assessment of speech quality is demanded to be
involved into Quality of Service in real VoIP scenarios
to make comparison among network providers more
feasible.
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Fig.7 MOS-LQOn versus unconditional loss probability
and Active-Speech-Ratio for dependent losses (clp =
50%).

Fig.8 MOS-LQOn versus unconditional loss probability
and Active-Speech-Ratio for dependent losses (clp =
15%).

Conclusions and future work

This paper has investigated an impact of different
Active-Speech-Ratios of an input reference signals in
PESQ based speech quality prediction in case of
dependent and independent losses. The main goal of this
study is to gain a better understanding of behavior of the
PESQ’s predictions under different Active-SpeechRatios. The results presented in the paper have approved
our hypothesis that an increase in amount of speech in
the reference signal (expressed by the Active-SpeechRatio characteristic) may result in an increase of the
reference signal sensitivity to packet loss change and
also PESQ’s predictions accuracy improving.
Predictions accuracy could be even improved by higher
packet losses.
A future work will focus towards the following issues.
At first, we would like to verify our results by
subjective tests. We are currently preparing the
subjective tests in cooperation with MESAQIN’s
laboratory in Prague (Czech Republic). Secondly, we
will attempt to find out an appropriate average ActiveSpeech-Ratios for some languages or type of languages
and conversational scenarios. Apparently, this point
could be very interesting for other speech quality
laboratories around the world. By this investigation, we
might refine on the existing broadly recommended
Active-Speech-Ratios (40% - 80%), defined by ITU-T
Recommendation P.862.3 and provide for more reliable
speech quality assessment, provided by PESQ. Thirdly,
we plan to exhaustively study the highest MAD at 0%
packet loss and find out the reason for that.
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Fig.9 MAD of MOS-LQOn’s at each point of loss space
and Active-Speech-Ratio in case of dependent losses
(clp = 30%).
The experimental results show that the change of
Active-Speech-Ratio has a significant impact on overall
speech quality in both investigated cases. This fact is
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Appendix

7.1 Independent losses
Table 2 provides the results of the analysis of variance
(ANOVA) carried out on the objective independent
losses test results (Dependent variable: MOS-LQOn)
described in more detail in Section 3.1.
Table 2 Summary of ANOVA conducted on MOSLQOn’s in case of independent losses
Effect
Packet loss
(1)
ActiveSpeechRatio (2)
(1)*(2)
Error
Total

SS

df

MS

F

p

171.476

15

11.4318

456.38

0.0000

7.708

2

3.8541

153.87

0.0000

3.577
94.985
277.746

30
3792
3839

0.1192
0.025

4.76

0.0000

7.2 Dependent losses
In Tables 3, 4 and 5, the results of the analysis of
variance (ANOVA) for the dependent losses test results
and all investigated clp’s (Dependent variable: MOSLQOn) are shown. More details about this can be found
in Section 3.2.
Table 3 Summary of ANOVA conducted on the MOSLQOn’s in case of dependent losses (clp = 50%)
Effect
ulp (1)
ActiveSpeech-Ratio
(2)
(1)*(2)
Error
Total

SS
82.681

df
5

MS
16.5362

F
524.1

p
0.0000

1.994

2

0.9969

31.6

0.0000

1.882
44.867
131.423

10
1422
1439

0.1882
0.0316

5.96

0.0000

Table 4 Summary of ANOVA conducted on the MOSLQOn’s in case of dependent losses (clp = 30%)
Effect
ulp (1)
ActiveSpeech-Ratio
(2)
(1)*(2)
Error
Total

SS
94.003

df
5

MS
18.8005

F
635.6

p
0.0000

0.879

2

0.4397

14.87

0.0000

1.61
42.062
138.554

10
1422
1439

0.161
0.0296

5.44

0.0000

Table 5 Summary of ANOVA conducted on MOSLQOn’s in case of dependent losses (clp = 15%)
Effect
ulp (1)
ActiveSpeechRatio (2)
(1)*(2)
Error
Total

SS
68.802

df
5

MS
13.7604

F
384.59

p
0.0000

0.952

2

0.4758

13.3

0.0000

1.639
50.879
122.271

10
1422
1439

0.1639
0.0358

4.58

0.0000

