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4.3.5 Voice (VoIP)
A VoIP call shall be assumed to be between one MBWA user (mobile station) and one wired user, and shall pass through the base station. The link between the base station and the wired user shall be as mentioned in the Backhaul Network Modeling Section. For simplicity, only domestic routes shall be considered.
VoIP Traffic Source
The MBWA system shall use a ITU G.729 codec to generate traffic on both the forward and reverse links. The various modifications to G.729 (as suggested in the ITU annexes) shall not be considered for evaluation.
Each packet produced by the vocoder shall be appended with a 4 byte header that accounts for UDP/IP overhead, after compression with a header compression.

Performance Metric

The following metrics shall be evaluated for each VoIP user. The metrics shall be evaluated separately for the forward and reverse links.
1. Mean Delay (T​​​a): On the forward link, the delay is measured from the point the voice packet is generated at the wired origin point to the time it is delivered at the mobile station.  On the reverse link, the delay is measured from the point the voice packet is generated at the mobile station to the point it is delivered to the wired termination point.
2. Packet Loss Probability (Ppl, measured in percents): The packet loss probability is measured separately on the reverse and forward links.
The effect of jitter and higher order delay moments shall not be considered for performance evaluation.
The following set of formulas shall be used to compute a R-factor as a function of the delay and packet loss probabilities.  Proposals with better R-factors shall be considered to have better performance.

RMBWA = 93.2 – Id – Ie-eff
The quantity Id is defined as given below

Id = Idd

For Ta ( 100 ms:
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with:
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Further, Ie-eff is defined as shown below, with Ie=11 and Bpl = 19% (note that Ppl is measured in percents).
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The results shall include a histogram of R values for VoIP users in the system. Additionally, a histogram of packet delays may be included.
Discussion
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.

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 
Here Id, the impairment factor representing all impairments due to delay of voice signals Talker Echo, Listener Echo and Idd, a loss of interactivity, represents the impairment caused by too-long absolute delay Ta, which occurs even with perfect echo canceling.  Here we assume perfect Jitter operation resulting no packet loss and additional delay introduced by jitter. 

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 codec specific Packet-loss Robustness Factor Bpl
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. For a G.729 Codec Ie = 11, and  for random packet loss Bpl = 19.

VoIP performance shall be compared on the basis of the cdf of the R values generated as a result of simulating the proposed codec traffic. As a default the G.729 decoder shall be simulated with an assumed 4 byte IP header.
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