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   Voice over Internet Protocol (VoIP), the modern telecommunication, 

impacts people around the world because it has several advantages (e.g. 

extra low rates). However, with different philosophy between data and 

voice, voice quality problems often arise and become the unwanted 

consequence of VoIP [1]. To control voice quality of VoIP, many voice 

quality measurement methods, subjective and objective, have been issued 

[2]. Practically, it is difficult to conduct the subjective tests. Therefore, 

objective measurement methods (e.g. E-model), are usually used widely. 

However, the term „voice quality‟ is unclear; different people with 

different language and culture may give different scores although it is 

actually the same. Thus, this research, based on representatives of Thai 

users in Thailand speaking their own language, has been conducted. 

Introduction 

 

Abstract 
 

   This paper starts with a brief look at Thai language and culture, 
background information about E-model, and a survey on previous 
works. Then, presents the results from the study of voice quality 
evaluation referring to packet loss effects using subjective tests 
with a group of Thai subjects speaking their own language and 
results from the objective measurement tests called the E-model. 
The evidence of those results shows that the E-model requires 
calibration for Thai users. The result from the subjective tests has 
been used to improve the E-model so that the enhanced E-model 
can work within Thai environments gaining high accuracy. The 
outcome of this study is the new factor called the Thai bias factor 
to improve/enhance the E-model. This approach may be applied 
to other countries that have their own language and culture.  
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Facts about Thai Language and Thai Users 

   The Thai language is a tonal language, consisting of five tones, used by 

a population of about 65 million people in Thailand. Different tones in 

Thai results in different words. Thai is very different from Western 

languages and other Asian languages (e.g. Chinese, Japanese and Arabic). 

Tone is about changing the fundamental frequency (F0), therefore, Thai 

language is an F0 sensitive language [3]. There is evidence that proves 

Thai subjects have a better perception to Thai sounds than non-Thai 

native speakers (e.g. English and Chinese) and have also better 

perception to Thai sounds, than sounds of another language [4-5]. 

Besides, one of the natures of Thai people is a more compromise cultural 

structure, comparing to Western people.  
 

E-model  

   E-model is the most popular objective methods [2, 6]. The output of the 

E-model is called R-value that can be computed using (1) [7]. R-value 

can be mapped into the mean opinion score (MOS) [8], using (2). 

However, it has been stated that “the E-model has not been fully verified 

by field surveys or laboratory tests for the very large number of possible 

combinations of input parameters” [7].  

 

R  =  Ro-Is-Id-Ieeff+A                                                   (1) 

                            4.5                                                  ; R>100              

MOSCQE   =   1+0.035R+R(R-60)(100-R)7*10-6;0<R<100   (2) 

                            1                  ; R<0      

 
Where: R   =  R-value 

  Ro   =  signal-to-noise-ratio 

  Is   =  simultaneous impairment factor 

  Id   =  delay impairment factor 

  Ieeff   =  equipment impairment factor, including packet loss  

  A  =  advantage factor.  

        MOSCQE  =  mean opinion score – estimated conversational quality 
 

Summary 

   According to cultural and language variation [9-10] and the evidence 

[4-5], it is supposed that the Thai user perception of voice quality to VoIP 

is significantly different from the theory that‟s based on the English 

language. Moreover, previous works [11-20] have not improved the E-
model using subjective results intensively.  

Table I. Comparison between MOSCQS and MOSCQE, where Ns is 

the subject numbers in each test. 

Figure 1. The curves of MOSCQS, MOSCQE and the difference  
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   The subjective results were gained from 49 female and 55 male 

subjects (15-23 years old). Whereas, the E-model results were from the 

repetition times of 30 for each condition (the outliers have been found 
and discarded). The results are in Table I and Figure 1.  
   For this study, the new factor, called the Thai bias factor, which refers 

to packet loss effects, will be used to improve the E-model results. 

However, for E-model, the packet loss impairment factor is referred to 

Ieeff. Whereas, the language impairment factor has been defined as Il in 

[14] already. Therefore, the Thai bias factor, including language 

impairment factor, can be specified as Ilth. 

   Nevertheless, instead of following the way to determine Il as [14], Ilth 

can be found from a simple approach using the differences of MOSCQS 

and MOSCQE, as in (3):  

 

Ilth = K(C1(Ppl)1/3-C2)/100                            (3) 

 

Where: Ilth = the Thai bias factor 

   K   = the F0 sensitiveness factor that is 5 for Thai  

                         because Thai language has 5 tones,  

     while it is 1 for non-tonal languages 

  Ppl  = packet loss probability 

          C1, C2 = the coefficients for Thai language,  

      which are 12.34 and -4.60 respectively.  

   Eventually, Ilth can be combined to the equation (1), then, the 

enhanced E-model can be presented in (4).  However, there are still 

some errors from the E-model enhancement using Ilth, as in Table II. 

 

R = Ro-Is-Id-Ieeff+Ilth+A                              (4) 

Results and E-model 

Enhancement 

Table II. Comparison between the MOSCQS and the improved 

MOSCQE (MOSCQE*), and Errors of the enhanced E-model  

   The design is based on evaluation of voice quality referring to VoIP 

under random packet loss, both subjective and objective tests. Packet 

loss rates were 0%, 5%, 10% and 20%, while the codec is G.711 and 

packet delay was < 10 ms.  

   For subjective tests, each condition was designed to have 24 subjects 

who were students in KMUTNB. The subjective method was 

conversation-opinion tests, using paper based Richard‟s task [8, 21]. The 

advantages of conversation-opinion tests are realism and obtaining two 

sets of data per round. MOSCQS is the final result [22]. For the objective 

tests, the available E-model tool from the TOT Innovation Institute has 

been used to obtain the MOSCQE [22]. Finally, the MOSCQS and MOSCQE 

have been used to find the new factor with Thai users.  

   The two low background noise rooms in the studio at the Central 

Library of KMUTNB were used for the conversation task by two 

participants at the same time. The VoIP system was implemented from 

Asterisk with two SIP phones. This system run as a direct system that 

provides the best possible condition, whereas Dummynet was used to 

generate random packet loss [23].  

Experimental Design  

and Test Facilities 

   After calibrating using the MOSCQS, MOSCQE* has been determined, as 

in Table II, which shows that MOSCQE* values become closer to MOSCQS 

values. However, the equations of E-model and Ilth should be improved 

to obtain more accuracy and reliability because there are still a few 

errors.  

   Nevertheless, the available E-model tool that has been used in this 

study is the only one employed. Therefore, the finding of the second E-

model tool to test under the same conditions and facilities is important. 

From this study, the data collected can be used for research by other 

countries that have their own cultures and languages. Also, the E-model 

should be calibrated by using the MOSCQS from a group of native 
speakers to obtain high accuracy and reliability.  

Discussion 

   This research has enhanced the E-model for use in Thai environments 

particularly, referring to packet loss, using the MOSCQS. Therefore, the 

enhanced E-model should be able to measure voice quality of VoIP in a 

Thai environment for Thai users and gain high accuracy. Besides, if this 

approach is verified and works successfully, it can be applied to other 
countries that have their own language and culture.  

Conclusion 
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Ppl (%) Ns MOSCQS MOSCQE MOSCQS - MOSCQE 

0 26 4.15 4.38 -0.23 

4.58 28 3.75 3.02 0.73 

9.30 26 3.33 2.15 1.18 

19.28 24 2.76 1.45 1.31 

Ppl (%) MOSCQS MOSCQE* 

MOSCQS - MOSCQE* 

(Error) 

Error 

(%) 

0 4.15 4.15 0 0 

4.58 3.75 3.78 0.06 1.60 

9.30 3.33 3.27 0.11 3.30 

19.28 2.76 2.84 0.11 3.99 


