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Introduction

The 802.20-based air-interface (AI) shall be optimized for high-speed IP-based wireless data services. One of the applications that confirmed to open standards and protocols is VoIP.

Also, The QoS Features in the AI shall provide the required performance of latency, jitter, and packet loss needed to support the use of industry standard codecs applicable to mobile networks. 

 (System Requirements for IEEE 802.20 Mobile Broadband Wireless Access Systems-Version 14) 

Currently, various kinds of VoIP algorithms are appeared and MBWA shall support the flexibility for them. To achieve this system requirement and current trends of VoIP, Evaluation criteria document shall defines how to evaluate AI feature for VoIP related performance with several characteristics; Simple, easy to unify parameter and environment condition, enable to compare with each system;
E-model (ITU-T G.107) , one of the Objective Quality Assessment methods matched to these needs would like to be proposed to adopt of basic measurement for VoIP quality in traffic model in MBWA

Quality Assessment on Voice over IP

For VoIP quality assessment, it is necessary to investigate the communication quality felt by the user between end to end environments. However, the assessment index must also follow an objective and common systematic approach because there are various kinds of factors reflected to the quality. When we consider the approach, we can clarify psychological quality that determine the communication quality and the physical factors of the network and terminals that affect them.  The following figure is the summary of the relationship;
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Fig. 1 Factors that determine the quality of VoIP service

According to the figure,  approaches for one way assessment  (listening MOS) and two way assessment (conventional MOS) with MOS value result  in the Absolute Category Rating(ACR) defined by ITU-T Recommendation P.800 are categorized to Subjective quality assessment.

However in order to maintain a stable assessment result for this MOS testing, it is necessary to have dedicated equipments which are manageable in audio environment and are satisfied to the reference condition.  In addition, a large number of people are also needed for the testing.
In 1998, E-model, which is one of the objective assessment methodologies, was standardized by ITU-T Recommendation G.107 . The G.107 was updated in March 2005 and is now adopted by ETSI, TIA, TTC and so on.  (G.107 (03/2005))
E-Model

E-model is a parameter based algorism based on 20 parameters related to terminal factor, environment factor, Network factor and so on and result is calculated to Rating Value.


R = Ro – Is – Id – Ie-eff + A

Advantage factor

A
Equipment impairment factor

Ie-eff=f4(Ie, Bpl, Ppl)

Delay impairment factor

Id=f3(T, Tr, Ta, RLR, STMR, TELR, WEPL)


Simultaneous impairment factor

Is=f2(Ro, SLR, RLR, STMR, TELR, qdu)　　　　　　　　　　　　　Fig.2 
Basic signal-to-noise ratio

Ro=f1(Nc, SLR,  Ps, Ds, RLR, Pr,  LSTR)



According to C802.20-05/05, Jan 2005 “Comments on Traffic Models open issue”, E-model can estimate conventional MOS value using the R-value. The equation describing the relation between R and conventional MOS values is included in the Annex B of ITU-T Recommendation G107 (03/2005) and  ITU-T Recommendation.


Table 1. Relation between R-value and MOS

	R-value
lower limit 
	MOS
	Speech Transmission Quality Category
	User Satisfaction

	90
	4.34
	Best 
	Very satisfied

	80
	4.03
	High
	Satisfied

	70
	3.6
	Medium
	Some users dissatisfied

	60
	3.1
	Low
	Many users dissatisfied

	50
	2.58
	Poor
	Nearly all users dissatisfied


Equation of R value calculation in detail are as follows (Refer to ITU-T G.107 (03/2005))
R=Ro - Is - Id – Ie-eff + A
(1) Ro=f1(Nc, SLR,  Ps, Ds, RLR, Pr,  LSTR)   :  Basic signal-to-noise ration
      Ro represents in principle the basic signal-to-noise ration including noise sources such as 
circuit noise and room noise. The definition is as follows;
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Nc: 
The sum of all circuit noise powers in dBm0p
Ps: 
Room Noise at the Send Side
SLR: 
Send Loudness Rating
Ds: 
D-Value of Telephone, send side




RLR: 
Receive Loudness Rating
Pr: 
Room Noise at the Receive Side
LSTR: Side tone Masking Rating
(2) Is=f2(Ro, SLR, RLR, STMR, TELR, qdu)　:  A combination of all impairments 
simultaneously
    Is is the sum of all impairments which ocuure more or less simultaneously with voice signal.
     The definition is as follows;
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RLR: 
Receive Loudness Rating
SLR: 
Send Loudness Rating
STMR: Side tone Masking Rating
TELR: Talker Echo Loudness Rating
 
qdu:     Number of Quantization distortion units
(3) Id=f3(T, Tr, Ta, RLR, STMR, TELR, WEPL) :  Impairment caused by delay 
     Id represents all impairment due to delay of voice signal. The definition is as follows;
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RLR: 
Receive Loudness Rating
STMR: Side tone Masking Rating
TELR: Talker Echo Loudness Rating
WEPL: Weight Echo Path Loss
T :
 Mean one-way delay of the echo path
Ta:
 Absolute delay in echo free connections
Tr:
Absolute delay in a 4-wire loop
(4) Ie-eff=f4(Ie, Bpl, Ppl)      : The packet-loss dependent Effictive Equipmet Impairment
Factor
       Ie-eff represents impairtments cause by low bit-rate codec including impairment due to packet 
losses of random distribution. The definition is as follows;
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Ie: 
Equipment impairment factor 
Ppl: 
Packet-loss Probability 
Bpl:
Packet-loss robustness factor 
(5) A       : Advantage Factor

   Advantage Factor A is specified by some provisional environment.
     
Conventional (Wire bound)  




A = 0

Mobility by cellular network in the building


A = 5


Mobility in a geographical area or moving in a vehicle
A = 10


Access to hard-to-reach location



A = 20

(e.g. via multi-hop satellite connections)
* Detail explanations of R value calculation can be refer to ITU-T G.107 (03/2005)

E-model R Value can be calculated with 20 parameters as follows. (ITU-T  G.107(03/05)
Out of the 20detail parameters, default values can be used for 15 which are the voice quality parameters in analog transmission and parameter for terminal design. 
So, only 6 parameters which are related to need to be decided upon to calculate the R value by operation or simulation.

The parameters and default values are defined in ITU-T. G. 108 (09/99). The default values and the clarification are shown in the table below.

Table 2. Input parameters for E-model and the clarification
	Category
	Clarify reason
	Parameter
	Default Value

	Parameters

that use Default value
	Parameter for Quality for Analog transmission 
	Circuit noise referred to 0 dBm-point
	Nc
	-70
	dBm0p

	
	
	Noise floor at the review Side
	Nfor
	-64
	dBmp

	
	
	Weight Echo Path Loss
	WEPL
	110
	dB

	
	Unclear use direction
	Advantage Factor
	A
	0,5,10*1
	-

	
	Environment factor
	Room noise at the send side
	Ps
	35
	dB(A)

	
	
	Room noise at the receive side
	Pr
	35
	dB(A)

	
	Terminal Design Parameter
	Send Loudness Rating
	SLR
	8
	dB

	
	
	Receive Loudness Rating
	RLR
	2
	dB

	
	
	Side tone Masking Rating
	STMR
	15
	dB

	
	
	Listener Side tone Rating
	LSTR
	18
	dB

	
	
	D-value of telephone, send side
	Ds
	3
	-

	
	
	D-value of telephone, receive side
	Dr
	3
	-

	
	
	Talker Echo Loudness Rating (in Ext.NW)
	TELR(1)
	65
	dB

	Parameters

that need simulation or operation for decide values
	VoIP necessary parameter
	Voice quality
	Number of Quantization distortion units
	qdu
	　1
	-

	
	
	
	Equipment impairment factor
	Ie
	　
	-

	
	
	
	Packet-loss robustness factor
	Bpl
	　
	-

	
	
	
	Packet-loss Probability
	Ppl
	　
	%

	
	
	
	Burst Ratio
	BurstR
	
	-

	
	
	Echo
	Talker Echo Loudness Rating (in terminal)
	TELR(2)
	65
	dB

	
	
	Delay
	Absolute delay in echo free connections
	Ta
	　
	ms

	
	
	
	Mean one-way delay of the echo path
	T
	　
	ms

	
	
	
	Absolute delay in a 4-wire loop
	Tr
	　
	ms


*1 Advantage Factor will be decide by the type of communication systems
     e.g.   Conventional Wirebound) 


A = 0

 
 Mobility by cellular network in the building


A = 5


Mobility in a geographical area or moving in a vehicle
A = 10

In ITU-T G.107 (03/05) , All parameters for calculating R value are listed as a default value.

Ie
= 0

Bpl
= 1

Ppl
= 0  

BurstR
= 1

Ta
= 0

T
= 0

Tr
= 0

A
= 0
 The calculation using these vaules results very high quarity with a rating factor  of R = 93.2
At this calculation, each element  constructing  R value (R=Ro - Is - Id – Ie-eff + A) are as follows;

Ro 
= 94.77

Is   
=   1.41


Id   
=   0.15
 
Id-eff 
=   0.00  

A  
=   0.00
On IEEE 802.20 Mobile Broadband Wireless Access Systems,  Factor Id, impairment caused by delay, and Id-eff, Effective Impairment Factor calculated with Ie, Bpl, Ppl, and Burst R parameters

are significant to system performance evaluation. On the other hand, value of  R0, Is and A calculated with default value described in ITU-T G107 (03/05) and  G.108(09/99).
Examples of Ie and Bpl value used to calculate Ie-eff based on several codecs are listed in the ITU-T G.113 (05/02).  
These parameters are related to system performance of delay, Jitter, and Packet-loss and characteristics  of a used codec.

The major codecs used these days for voice communications are listed below.
Table 3.  Example of major codecs and the characteristics

	Standard
	Algorithm
	Sampling Rate(kHz)
	Bit Rate
(kbit/s)
	Frame Length

(msec)
	Theoretical delay
(msec)
	Moss Score
	Main Usage

	ITU-T
G.711
	PCM
	8
	64
	-
	0.125
	4.1
	ISDN/VoIP

	ITU-T
G.723.1
	MP-MLQ/
ACELP
	8
	6.3/5.3
	30
	37.5
	3.9/3.65
	VoIP

	ITU-T
G.726
	ADPCM
	8
	16/24/32/40
	-
	0.125
	3.85
	PHS

	ITU-T
G.728
	LD-CELP
	8
	16
	0.625
	0.625
	3.85
	　

	ITU-T
G.729
	CS-ACELP
	8
	8
	10
	15
	3.92
	PDC

	ITU-T
G.729Annex A
	CS-ACELP
	8
	8
	10
	15
	3.7
	VoIP

	ARIB
STD-27
	PSI-CELP
	8
	3.45
	40
	45
	　
	PDC

	ARIB
STD-27
	VCELP
	8
	6.7
	20
	　
	　
	PDC

	ARIB
STD-27
	ACELP
	8
	6.7
	20
	25
	　
	PDC

	3GPP
GSM 06.10
	RPE-LTP
	8
	13
	20
	　
	3.5
	GSM FR

	3GPP
GSM 06.20
	VSELP
	8
	5.6
	20
	　
	3.5
	GSM HR

	3GPP
GSM 06.60
	ACELP
	8
	12.2
	20
	25
	　
	GSM EFR

	TIA
IS-54
	VSELP
	8
	7.95
	20
	　
	　
	D-AMPS

	TIA
IS-641
	ACELP
	8
	7.4
	20
	25
	　
	D-AMPS

	3GPP
TS 26.071
	AMR
	8
	4.75/5.15/5.9/6.7/7.4/7.95/10.2/12.2
	20
	20/25
	　
	3G

	INMARSAT
	 IMBE
	8
	4.15
	20
	　
	　
	Vessel 

	DDVPC
FS-1016
	CELP
	8
	4.8
	30
	105
	　
	Military

	DDVPC
FS-1015
	LPC-10e
	8
	2.4
	22.5
	90
	　
	Military

	DDVPC
	MELP
	8
	2.4
	22.5
	45.5
	　
	Military

	ITU-T
G.722
	SB-ADPCM
	16
	48/56/64
	0.125
	1.5
	　
	　

	3GPP
TS 26.171
　
ITU-T
G.722.2
	AMR-WB
	16
	6.6/8.85/12.65/14.25/15.85/
18.25/19.85/23.05/23.85
	20
	25
	　
	　


For using several codec algorithms for VoIP freely depends on user needs,  MBWA should not decide specified codec for the R Value calculation.
Instead of specifying the codec, representing the parameters needed to evaluate the R Value makes the assessment method more quantitative and global.
Conclusion

1. Use the R Value of the E-model defined in the ITU-T G.107 (03/2005) for VoIP quality assessment,
2. Adopt the default parameters defined in ITU-T G.108 (09/1999) for the parameters not related to system or Codec in order to calculate the R Value for evaluation of  the VoIP loading performance under similar conditions as much as possible,

3. Calculate the R Value using the detail parameters in R Value calculation without specifying the Codec (Various example of the detail parameters are proposed in ITU-T G.113 (05/2002)
4. Investigate and specify significant parameters for R Value calculation  on Mobile Broadband 
Wireless Access (e.g  Impairment factor due to delay, jitter, packet-loss ) 
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