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Proposed Text for Evaluation of VoIP (Voice over IP) in MBWA

VoIP facilitates transportation of digitized voice information by IP packets over packet switched networks instead of circuit switched networks. Voice communication quality is a subjective concept: Human perceived voice quality expressed as the MOS (Mean Opinion Score) is the ultimate measure of voice services as it relates directly to end user experience and expectations. Human opinions of a call are based on several factors based on over call quality volume, intelligibility, speaker identification and natural ness. Furthermore, physical factors such as delay, echo, loss of speech information and noise also affect human’s opinion. MOS values may be obtained by Subjective tests (ITU P.800) or Objective perceptual methods (PESQ, PAMS). However subjective measurements are laborious, time consuming, expensive and have lack of repeatability and hence can’t be suitable for evaluation of VoIP quality in.  Though the objective methods PESQ offer advantages over subjective tests, but they are intrusive in nature because they compare the degraded speech signal to the original one that is injected in to the system under test and are not license free. ITU-T G.107 defines an objective model known as E-Model based on Network, Speech, Terminal/Device parameters to estimate/predict the perceived quality of VoIP session. The primary output of the E-Model is transmission rating factor R (Total Value Index) that can be mapped one-to-one to an estimated MOS.
R = Ro – Is – Id –Ie-eff+ A
Ro = 
Basic Signal to Noise Ratio that represent subjective quality impairment due to circuit noise, room noise at sending and receiving sides, and subscriber line noise. 

Is =
Represents subjective quality impairments due to loudness, side tone, and quantization distortion: associated with circuit switch networks and none of them are function packet transport.

Id = 
Represents subjective quality impairments due to talker echo, listener echo, and absolute delay

Ie-eff =Represents subjective quality impairments due to low bit rate CODEC, packet/cell loss, etc.

A = 
Advantage Factor

The E-model defines 20 different parameters each with a default value and their ranges of values are defined. If all parameters are set to the default values, the calculation

results in a very high quality with a rating factor of Rdefault = 93.2, which is also defined as the intrinsic quality of a voice call with a mouth-to-ear delay of 0 ms. The intrinsic quality of a

packetized voice call transported without packet loss in the G.711 format corresponds to this Rdefault = 93.2. 
However, for MBWA system specific impairments such as Packet Loss, Delay etc considered, the effective R factor for such system needs to be estimated by incorporating equipment impairment factor, delay factor The effective R factor is
RMBWA = 93.2 – Id – Ie-eff 
Also Id, the impairment factor representing all impairments due to delay of voice signals is further subdivided into the three factors Idte, Idle and Idd:



 
Id = Idte +  Idle +  Idd
Idte gives an estimate for the impairments due to Talker Echo, Idle represents impairments due to Listener Echo and Idd, a loss of intreractivity,  represents the impairment caused by too-long absolute delay Ta, which occurs even with perfect echo cancelling. In the PSTN, EL is typically 21 dB (due to 4-to-2 wire hybrid echo). If the packetized voice call is terminated over the PSTN to a traditional phone, EL is much greater thann21 dB. If the packetized voice call is terminated over a packet-based network on  a PC, the EL is likely to be smaller (<21 dB) due to acoustic echo in the PC and IP-phones have EL better than 40 dB.  For packetized voice calls , EL = infinity corresponds to s perfect echo control and EL= 51 corresponds to efficient echo controller. 

For an echo loss of 21 dB, the rating R drops below 70 at a mouth-to-ear delay of 25 ms. For calls with perfect echo control, the rating R drops below 70 at a mouth-to-ear delay of 400 ms. Hence, ITU-T Recommendations G.114 and G.131 ensure that traditional PSTN calls have a rating R of at least 70.
Id = Idd

For Ta ( 100 ms:
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The values for the Equipment Impairment Factor Ie of elements using low bit rate codecs are not related to other input parameters. They depend on subjective mean opinion score test results as well as on network experience. Refer to Appendix I/G.113 [5] for the actually recommended values of Ie.

Specific impairment factor values for codec operation under random  packet-loss have formerly been treated using tabulated, packet-loss dependent Ie-values. Now, the Packet-loss Robustness Factor Bpl is defined as codec specific value. The packet-loss dependent Effective Equipment Impairment Factor Ie-eff is derived using the codec specific value for the Equipment Impairment Factor at zero packet-loss Ie and the Packet-loss Robustness Factor Bpl, both listed in Appendix I/G.113 for several codecs. With the Packet-loss Probability Ppl, Ie-eff  is calculated using the formula with BurstR is being set =1 (corresponding Random nature of Packet Loss probability),
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As can be seen from this formula, the Effective Equipment Impairment Factor in case of Ppl = 0 (no packet-loss) is equal to the Ie value defined in Appendix I/G.113.
Ie represents the effect of degradation introduced by CODECs, Packet Loss. G.113 –Appendix (2002) provided provides parameters for use in calculating Ie from  CODEC type and Packet Loss rate.

	Codec
	Rate (Kbps)
	Packet Size (msec)
	Ie
	Bpl

	G 711 + PLC
	64
	10
	0
	25.1

	G 711
	64
	10
	0
	4.3

	G.723.1+VAD
	6.3
	30
	15
	16.1

	G.729A + VAD
	8
	20
	11
	19.0

	GSM EFR
	12.2
	20
	5
	10


Coming to the VoIP traffic Characterization, Human speech is traditionally modeled as sequence of alternate talk and silence periods whose durations are exponentially distributed and referred as to ON-OFF model. On the other hand all of the presently available Codecs  with VAD (Voice Activity Detection) have the ability to improve the speech quality by reproducing Speakers back ground by generating special frame type called SID (Silence Insert Descriptor). SID frames are generated during Voice Inactivity Period.  
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