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Introduction

This contribution proposes text for the section on Voice (VoIP) traffic model in the IEEE 802.20 evaluation criteria document [1]. The proposed text below is based on the contributions that have been previously discussed in the working group, listed as follows: C802.20-04/12 [1], C802.20-04/37 [3] and C802.20-05/05 [4]. 

Current Text 

“4.3.5
Voice (VoIP)

The voice traffic model will be implemented as voice over IP (VoIP). Voice will in general follow a Markov source model with different rates (full rate, half rate, etc.) with a corresponding set of transition probabilities between different rates.”

Proposed text to follow the current text
Option 1:
Generate voice traffic with voice activity factor of 0.4 and the following percentage mix of voice data rate: 
· 29% at 8.6 kbps (full rate)

· 4% at 4.3 kbps (half rate)
· 7% at 2.1 kbps (quarter rate) 
· 60% at 1 kbps (one-eighth rate)
The transition probabilities between each of these 4 states can be found in TIA/EIA/IS-871 [5]. Frame duration of 20 ms as supported by this type of vocoder [6] should be used.
Assumptions on overhead due to protocol headers need to be specified by the proponents. 
Option 2:
Generate voice traffic with voice activity factor of 0.4 and the following percentage mix of voice data rate:
· 40% at 8 kbps (Active)
· 60% at 0 kbps (Inactive)
Frame duration of 10 ms as supported by this type of vocoder [7] should be used. 
The Markov model is shown in Fig. 1. Assume that the average dwell time in the active state and inactive (idle) states are 1 second and 1.5 seconds respectively, i.e., 
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With frame duration of 10ms, the number of frames generated in 1 second is 100. Thus, the corresponding transition probabilities are as follows:
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Assumptions on overhead due to protocol headers need to be specified by the proponents. 

[image: image3.emf]Inactive

0 kbps

Active

8 kbps

P(A|I)

P(I|A)

1-P(I|A) 1-P(A|I)

[image: image4.emf]Inactive

0 kbps

Active

8 kbps

P(A|I)

P(I|A)

1-P(I|A) 1-P(A|I)


Performance / QoS criteria

The performance / QoS criteria can be included in section 15 Fairness Criteria of the evaluation criteria document [1]. As VoIP belongs to the real-time, interactive traffic class, the following performance criteria are proposed based on the QoS performance data in TIA/EIA/IS-810A [4, 8],  ITU-T recommendations G.1010 [9] and 3GPP TS 22.105 [10]. 
For VoIP traffic type, the QoS criteria can be used as the fairness criteria. In the best effort traffic types, e.g. full-buffer, FTP, unfair situation can happen when a few heavy users consume all resources in the system such that other users could not have a fair share of the system resources. In contrast, each VoIP or similar conversational class traffic user may not need to consume a large amount of system resources typically, but the QoS requirements for the traffic type will need to be met.
Proposed text that can be included in section 15 is as follows. See Contribution on “Proposed text for Fairness/QoS criteria for 802.20 proposal evaluation” [11] for a more complete description. 

For VoIP traffic type, the QoS criteria are listed as follows:
· Packet loss ratio < 2%
· One way Network Delay < 150 ms
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Fig. � SEQ Fig. \* ARABIC �1�	Markov model for vocoder with 2 states
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