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Abstract—In a voice-over-IP (VoIP) communication there are 

different factors that degrade the voice signal quality, and these 
degradations need to be evaluated in real time. In this scenario, 
the non-intrusive metrics such as the ITU-T P.563 
recommendation are the most indicated. However, this metric 
has not a suitable performance if compared with intrusive 
metrics. In this study, an adjustment function is proposed to 
improve the P.563 metric's performance considering the packet 
loss parameter. The results show that the performance in relation 
to ITU-T P.862 was improved, obtaining a Pearson- correlation-
coefficient and a maximum error of 0.99 and 0.40, respectively. 

Keywords—VoIP, Speech Quality, objective metrics, P.563, 
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I.  INTRODUCTION 

The speech communication quality is a determinant factor 
in user fidelity with telecommunication services operator. For 
this reason, the study of evaluation methods for speech quality 
is of great relevance. These methods can generate an index of 
speech quality, which can be used to improve a communication 
system's performance, increasing the user’s quality of 
experience (QoE). 

In general, these methods might be classified into two 
major groups: subjective and objective. Subjective methods are 
based on audition tests conducted in a controlled laboratory 
where volunteers follow the procedures that the test's 
supervisor establishes. An example of this subjective method is 
given by the ITU-T P.800  recommendation [1]. The subjective 
methods are the most exact and also serve to determine the 
performance of an objective metric [1].  

 There are different types of metrics or objective estimators 
of voice quality, each one focused on specific purposes or 
services. There are metrics called non-intrusive, because they 
just analyze the degraded signal voice at a specific point and / 
or in the end point of the connection [1]. On the other hand, 
there are other assessment metrics called intrusive metrics, 
such as ITU-T P.862 [2] and POLQA [3] recommendations, 
that provide better performance in relation to the results of 
subjective tests. However, they need a reference speech signal 
to compare with the degraded speech signal; thus, they might 
not be applicable in real-time services. 

Therefore, considering a VoIP service, the P.563 [4] non-
intrusive metric installed at the user’s terminals could be of 
great interest to assess the speech communication quality. 

Although there are many studies which shows that the 
performance provided by this metric in VoIP service can be 
improved [5], [6] and [7]. This is due to the intrinsic 
characteristics of the algorithm that implements the P.563 
metric, which is mainly based on the analysis of the vocal tract 
[4], and is not planned to consider external factors, such as, 
packet losses in an IP network. 

Considering this limitation, Abareghi et al. [8] proposed the 
addition of a new distortion class to the P.563 algorithm in 
order to contemplate network conditions in the evaluation 
process. Other researches [9] and [10] propose new objective 
and non-intrusive methods, in which the first is based on 
statistic learning method, and the second, is based on Fuzzy 
Gaussian Mixture Model (FGMM) and Fuzzy Neural Network 
(FNN). 

According to [11], the aspects of user’s QoE are a vital 
factor to ensure the customer's satisfaction, and the packet loss 
in IP communication is a key point in this question. Thus, the 
study of a packet loss model is the main objective of 
researches, such as [11] and [12]. 

Similarly to the researches cited above, this study also 
needs to simulate the packet loss in an IP network in order to 
obtain the degraded signal at the end point of the 
communication. For this purpose, the Wav2Rtp [13] software 
was utilized, which is based on two-state Markov chain model 
[11], [12], [14]- [15], which is a widely used model for this 
type of simulation. 

The main objective of this study is to propose a function 
based in the packet loss parameter, which is inserted into the 
P.563 algorithm, this is accomplished by adjusting the Mean 
Opinion Score (MOS) index. In order to get the mathematical 
model of this function, tests with different scenarios of packet 
loss and different speech signals were executed, obtaining for 
each scenario a MOS index from both ITU-T P.563 and 8.62 
recommendations. Once the proposed model is determined, 
new test scenarios were performed and the results of the 
proposed model were compared with subjective assessment 
scores. Thus, the proposed model is a hybrid metric because 
considers both the voice signal and network parameters. In the 
validation tests of the proposed solution, a better performance 
of P.563 was observed in the VoIP service. 

In this context, this work  is divided in: Section II, in which 
the main methodologies of speech quality assessment are 
presented with emphasis in P.563 metric; Section III, that 
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describes the proposed model of the adjustment function; 
Section IV, where the test's  methodology is presented; Section 
V will present the obtained results, and finally, Section VI are 
the conclusions. 

II. SPEECH QUALITY ASSESSMENT METHODS 

 
The voice quality assessment tests can be executed 

following objective or subjective methods. The first one uses 
an algorithm, and the second one is based on user’s opinion. 

A. Subjective Methods  

The ITU-T P.800 recommendation describes methods and 
procedures for conducting subjective assessment of quality of 
transmission. The subjective evaluations of equipment and 
telecommunications systems should at first be conducted using 
only listeners or conversational methods of subjective tests [6]. 
These methods include the following tests: 

 Conversation opinion tests: Laboratory conversation 
tests are preferred, as far as possible, to reproduce, in 
the controlled laboratory, the actual service condition 
experienced by telephone customers. It is important 
that the simulated conditions in these tests are correctly 
specified, configured and accurately measured before 
and after each experiment [1]. 

 Listening opinion tests: It is not expected that these 
tests reach the same standards of realism that 
conversational tests and the restrictions are thus less 
severe in some aspects. The recommended test method 
for listening tests is the Absolute Category Rating 
(ACR), which is in conformance with the Category 
Judgment method recommended for conversation tests. 
The category scores are applied to a small group of 
unrelated sentences, and each one passed through a 
series of standard procedures. This is a method already 
solidified and has been applied to analog and digital 
telephone connections, and telecommunications 
devices, such as digital codecs [1]. 

 Interview and survey tests: If the rather large amount 
of effort needed is available, and the effort is justified, 
the transmission quality can be determined by "service 
observations". Recommended ways of performing this 
test, including questions to be asked to the 
interviewing customers, are given in P.82 
recommendation. To maintain a high degree of 
precision is necessary to execute at least 100 
interviews per condition. Although it has as 
disadvantage the fact of having little control over the 
detailed characteristics of the telephone connection, 
this method provides a global appreciation of how the 
equipment performs in a real setting [1]. 

Several principles are evaluated in this test and each gets a 
score of 1 to 5, where 1 represents the worst case and 5 
represents the best. The scores are given by the participants are 
computed and the average of the values is calculated, which is 
called MOS. Table I presents the scale for the signal quality 
assessment, used in conversational tests and audition. 

In recent years, a new approach of subjective tests for 
multimedia signal quality assessment is gaining popularity. 
This new approach takes advantage of the crowdsourcing 
concept, in which several workers perform a specific task and 

receive a monetary compensation. The main problem in 
conducting subjective tests in laboratories is the time 
consumed and the cost related to the infrastructure required. 
Currently, some researches performed quality assessment of 
multimedia applications via the Internet through remote 
assessors. Nowadays, there are some commercial solutions 
that have a user's database with users that are registered as 
workers. Also, this solution accepts different task descriptions 
to be performed by the workers. Moreover, some 
crowdsourcing solutions use social networks to perform some 
tasks without any payment. In this work, the crowdsourcing 
methodology is used to validate the performance of our 
proposed solution. 

 

TABLE I.  MOS  SCALE  

Signal Quality Score 
Excellent 5 
Good 4 
Fair 3 
Poor 2 
Bad 1 

 

B. Objective Methods 

An objective method determines an MOS index using an 
algorithm, for example, P.862 [2] and P.563 [4], and these 
metrics can be classified as intrusive and non-intrusive, 
respectively.  

According to [4], a method is considered intrusive when a 
copy of the speech signal before the transmission is necessary 
in order that it can be compared to the degraded signal in the 
other transmission extremity. Conversely, a method is 
considered non-intrusive when only the degraded speech signal 
is needed. Fig. 1 demonstrates the difference between these 
two distinct approaches. 

 

Fig. 1.  Difference between intrusive and non-intrusive models [4]. 

The P.563 algorithm is applied in the voice quality 
prediction without a separate reference signal, and for this 
reason, is indicated for the real-time monitoring of 
communication networks and for the evaluation of unknown 
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voice sources at the final extremity, or at a given point of a 
phone connection [4].  

On the other hand, the P.862 algorithm, known as 
Perceptual Evaluation of Speech Quality (PESQ) compares an 
original signal X(t) with a degraded signal Y(t) that is the result 
of X(t) after passing through the communication system. The 
PESQ output is a prediction of the perceived quality that would 
be given by assessors in a subjective test [2]. 

III. PROPOSED MODEL 

A solution that uses the proposed hybrid model is 
represented by Fig. 2.  This model enables the calculation of a   
MOS index more correlated with the MOS values obtained 
from the P.862 intrusive method, which is validated with 
subjective tests. 

 

 

Fig. 2.  Solution architecture proposal based on Rec. ITU T P.563 and the 
packet loss parameter. 

The proposed hybrid model is based on the MOS index 
obtained from the P.563 algorithm, which analyzes a speech 
signal segment and the packet loss rate parameter. Thus, the 
obtained MOS index by P.563 is adjusted by a f function, 
whose output value approximates the results obtained by P.862. 

The f function is modeled through experimental tests, in 
which twenty seven audio files extracted from a reference 
database were utilized. The reference database is named 
ANITA (Audio Enhancement Database In Secured Telecom 
Applications) [16], and it considers different speakers, 
including both male and female genres.   

Each audio file was degraded simulating network package 
losses. This was accomplished by utilizing the wav2rtp tool.  
The percentage of packet losses in each file can be controlled 
and thirty packet losses probabilities were generated in this 
process, which are: 0.5% up to 10% with steps of 0.5 and 
probabilities of 11% up to 20% with 1% steps. The wav2rtp 
tool was performed 100 times for each file considering a 
standard deviation of 2.5%. Consequently, a total of 810 
degraded files were analyzed by P.563 and P.862 algorithms. 
With the obtained results the f adjustment function was 
achieved, for example, for the scenario of n% of packet loss, 
considering the audio file 1 (Arq-1) the following relation is 
obtained: 

%
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1 %
1

( .862 )

( .563 )
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Arq

MOS P
f
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                                           (1) 

In which, MOS(P.862) and MOS(P.563) represent the MOS 
index values obtained from the P.862 and P.563 algorithms, 
respectively. Thus, the value of %n

meanf  is the arithmetic average 

of the f values obtained for each of the 27 degraded files with 
n% packet loss. As stated before, 30 possible values for n were 

considered, f' discrete function is defined as 

],...,,[ %%1%5.0' n
meanmeanmean ffff  .  

In order that f ' is not restricted only for 30 cases of packet 
loss, f '' has been used to model the function f (n) using the 
linear regression approach, with the following polynomial 
function:  

3 2( )f n n n n D                                      (2)                      

IV. TESTS METHODOLOGY 

A. Voice Data Base 

The voice signals used in the tests were taken from the 
database ANITA that contains voice files in different 
languages, with native and non-native speakers, and includes 
men and women recordings in normal, stress and panic 
conditions. These recordings were made in a laboratory 
environment with acoustic considerations [16]. In addition, 
ANITA has files recorded considering different noise source, 
such as wind, traffic, and siren. The recordings were stored in 
.wav files with 16 kHz Mono, a 16-bit rate, except for the siren 
.wav file that was recorded in stereo [16].  

B. Packet Loss Model 

The primary works about loss or error modeling occurred in 
the mid-1960s, and was based on errors related to telephone 
channels [17]. From then until the present date, several studies, 
such as [14], [18]-[20] contributed creating simulation models 
for packet loss, and other works use them for VoIP test 
scenarios [21]. Therefore, this work used the model described 
in [19] known as Gilbert-Elliott Model, which corresponds to 
the Markov chain of two states [14]. 

According to Yajnik et al. [14], the loss process in a 
Markov chain of two states is modeled as discrete-time. The 
current state, Xi  of a stochastic process depends only of its 
previous value, that is, Xi1.  The author also states that this 
model is unlike to the Bernoulli model and it is able to capture 
the dependence between consecutive losses, but it has an 
additional parameter. The two parameters, p  and q, are the  
probabilities of transition between the two states described in 
(3) and (4) as follows: 

  
p  P[Xi 1 | Xi1  0],   e q  P[Xi  0 | Xi1 1]       (3) 

The probability estimators of p  and q, for a sample are: 
 

ˆ p  n01 /n0 ;     ˆ q  n10 /n1                                                (4) 
 

In (4), for the observed time sequence, n01 is the number 
of times where 1 follows 0, and the parameter n10 is the 
number of times that 0 follows 1. Thus, n0  is the number of 0s 
and n1 is the number of 1s.  

The distribution of successful execution for the application 
of this model is f ( j)  ˆ p (1 ˆ p ) j1 for j 1,2,....  and the 

distribution for the loss of execution is f ( j)  ˆ q (1 ˆ q ) j1 for 
j 1,2,.... [14]. 

Thus, the implemented algorithm in Wav2Rtp tool stores to 
begin the execution, the input parameters that are: the 
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probability of loss of the current package when the previous 
packet was lost (a), and the probability of loss of the current 
packet when the previous packet was not lost (b). After it 
validates the informed values by the user for these 
probabilities, is not allowing values less than 0 or greater than 
1. Each new package, the algorithm retrieves the current state 
of the file being degraded, then checks whether the last packet 
was lost, if so, uses the value of (a), and if not, the value of (b). 
In sequence, generates a random number, and if this is less than 
the value of the probability previously selected, causes the loss 
of the current package. This process is repeated until the entire 
file is processed.  

C. Tests Description 

As already described, the ANITA audio files were degraded 
by the Wav2Rtp software.  Thus, from a voice file named 
original, degraded versions of the same voice with different 
packet loss rates could be obtained, and then, these degraded 
files were evaluated by the software of the ITU-T 
recommendations P.862 [2] and P.563 [4] to obtain the MOS 
indexes.  It was necessary to resample the ANITA audio files 
from 16 kHz [16] to  8 kHz since Wav2Rtp only works with 
this sample rate. For this process the Audacity software version 
2.0.6 [22] was used.  

After this processing the Rec. P.862 and P.563 software 
were processed in these files, and the MOS values were 
obtained.  

However, considering the huge mechanical work of 
repeating all these commands for each of the various ANITA 
database files, realized the need of develop a software whose 
purpose is to automate the execution of Wav2Rtp, P.862 and 
P.563. This software was developed using Java language with 
Swing API in aggregation with the Database Management 
System (DBMS) MySQL, and the tool for generating reports 
iReport. 

In summary, this software receives the home directory of 
the ANITA database, a textual ID to be assigned to this 
execution, the speaker gender, the codec, a list of loss rates, 
and a value in milliseconds that determines the interval 
between executions of Wav2Rtp. Finally, general data relating 
to the used configuration and specific data from each file are 
stored on the software database. 

At the end, a report is generated with different packet loss 
rates and the MOS values calculated for each file, allowing the 
analysis of results. Thus, new scenarios with different packet 
loss rates can be created quickly and easily.  

With all this information available in the database, the 
analyses process even gained in dynamics, considering the fact 
that through the Structured Query Language (SQL) of DBMS 
was possible at any time calculations and analyses without the 
necessity of executing the software again to evaluate and index 
generation. 

V. RESULTS 

Considering that the current literature, that highlights that 
Rec. P.862 is one of the most reliable methods for assessing 
speech quality, the preliminary tests were performed 
comparing the obtained MOS values through P.563 and P.862 
algorithms.  As an example, Fig. 3 shows the results for the file 
"m_27_en_c_se06" from ANITA database. Other files in the 
same database were analyzed with different results, but with a 
similar pattern of behavior. 
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Fig. 3.  MOS indexes obtained through P.563 and P.860 algorithms for 30 
scenarios of packet loss 

Using (1) the average values for each packet loss scenario 
were obtained: f’’= [1.02; 0.98; 0.94; 0.91; 0.88; 0.84; 0.81; 
0.79; 0.76; 0.74; 0.73; 0.71; 0.70; 0.68; 0.67; 0.65; 0.64; 0.63; 
0.62; 0.61; 0.60; 0.58; 0.57; 0.56; 0.55; 0.54; 0.53; 0.53; 0.52; 
0.52]. 

With the values of f’’, the function f(n) was modeled using 
(2), where α = -2 x 10-5; β = 0.001; γ = -0.043 and D = 1.059. 

With the f(n) adjustment function already defined, the 
initial values obtained by P.563 were reassessed, as shown 
below: 

 

 
Fig. 4.  The adjusted MOS index obtained by P.563 and the proposed f(n) 

The results of f(n) performance evaluation regarding to 
P.862 results, considering the average MOS index of all 
evaluated audio files (30 impairment scenarios with packet loss 
rate) are presented in  Table II.  

TABLE II.  PERFORMANCE EVALUATION OF THE PROPOSE FUNCTION F(N) 

 Pearson 
Correlation 
Coefficient 

(PCC) 

Maximum 
Absolute 

Error 

P.563 original vs. 
P.862 

0.9606 1.392 

P.563 adjusted by 
F(n) vs. P.862 

0.9973 0.406 

 
 

Fig. 5 shows the discrete values of  f ’ and  the proposed 
f(n). The value of the coefficient of determination (R2) between 
these two functions is 0.998, which is a highly reliable value.  

It is worth noting that the function f(n) can accept different 
values of packet loss rate, which are monitored and extracted 
from a real IP network.  

Also, the solution proposed can be used to evaluate real 
time services as VoIP, and also it has low complexity; 
therefore, consumes low processing resources considering the 
characteristic of current electronic devices. 

P.563 f (n) Adjusted MOS 
index
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Fig. 5.  Adjustment function based on the MOS indexes obtained through 
P.563 and P.860 algorithms for 30 scenarios of packet loss rate 

In order to validate the performance of the proposed 
solution, three additional files of ANITA database were 
evaluated These files are different from the used to model f(n). 
Each file was degraded with 3 different packet loss rate 
scenarios, which were of: 2%, 5% and 11%, obtaining nine 
different voice files to be evaluated. These remote subjective 
tests were performed using a crowdsourcing method, more 
specifically, using a commercial platform. For this, a web 
interface was built, in which the test instructions were specified 
and the voice files to be evaluated were uploaded.  

Each voice file has been evaluated by 60 remote users, due 
to the fact that the crowdsourcing platform establishes 30 as the 
minimum number of participants for each campaign; thus, two 
campaigns were launched for each voice file. The results 
obtained are presented in Fig. 6. 
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Fig. 6.  Performance evaluation of the solution proposed regarding 
subjective tests using 9 impairment scenarios of audio files with PLR 

As can be observed from Fig. 6, the MOS index granted by 
the remote users are similar to the values estimated by our 
proposed solution. In this case, the maximum error was of 0.47, 
considering the same 5-point MOS scale. It is worth noting that 
there are few samples to determine a reliable PCC value. 

VI. CONCLUSIONS 

In this work, a method to improve the P.563 algorithm's 
performance was proposed based on a function that adjusts the 
output value P.563.   This was accomplished by simulating the 
packet loss effect in an IP network for VoIP communication. 
The results can be considered satisfactory, since the proposed 
method considering the P.862 results as reference reached an 
PCC and a maximum error of 0.99 and 0.40, respectively. 
Furthermore, remote subjective tests were conducted, and their 
results also demonstrated the high performance reached by the 
solution composed by the f(n) function and P.563 algorithm.  

Also, the proposed methodology can be easily applied in 
real time services, and it has low cost in processing voice 
signals considering the current electronic devices.  
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