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1. Introduction
The MBWA system is developed to provide services that are typical for the information age.  Among the services it must provide voice service based on IP protocol. As the IP network is a highly heterogeneous network with large number of distributed delay sources, the network delay and the delay jitter pose the major issues in the application of voice over IP.  On the other hand the wireless network is subject to large variation of channel quality among user locations as well as during a connection, depending on the user mobility.  A MBWA system has to deal with the delay and the delay jitter, coming from both the fixed network and the wireless network. In addition to the physical environment of the wireless radio channel, a modern wireless network typically implements multi-rate voice codec to cope with the variation of the channel condition and improves the network performance and service quality.  As signaling across the entire network is needed to support the multi-rate codec,  the combined impact by the IP core network and the modern wireless network on the voice quality is a very complex issue.  In order to evaluate the service capability of a specific design of MBWA for VoIP, it is not appropriate to select a model that maps the voice activity on the channel usage directly, as was done for the modeling of traditional circuit switched network.  In a circuit switched network, the channel occupation is proportional to the speech activity. As long as the speech activity is modeled, the same model would also apply to the channel occupation. But in a modern telecommunication network with multi-rate voice codec, the talk activity is not necessarily mapped to channel occupancy, since the speech frames are protected differently for different code against the channel impairment. It is therefore, inappropriate to use the model for voice activity to model the channel occupancy. 

The technology of the state-of-the-art digital speech processing goes even further into the physiological and psychological characterization of the speech and conversation to explore methods that would further reduce the impairment of an IP network. Such approaches would keep any attempt to model the voice service as equivalent to the channel usage even further from realistic.  When the study on the speech goes into more details, it reveals that the prevailed mathematical model does not characterize the voice properly.

All these indicate that a pure modeling based simulation approach may not be the appropriate avenue towards a proper characterization and fair evaluation of the voice quality delivered by a MBWA system.  Based on this understanding, we advise the group to depart from analytical attempt in dealing with VoIP and propose a hybrid method to characterize and evaluate the speech quality in a MBWA system.

2. Voice Codec

There are many voice codec for digital voice communications that are developed in many standard organizations such as ITU, ETSI, TIA, 3GPP and 3GPP2.  While they all can be deployed for the VoIP applications, the codec group AMR/AMR-WB  are of particular interest, because it is adopted by IETF.

AMR/AMR-WB as defined [2] was originally proposed for circuit switched digital mobile radio systems. Due to the flexibility and robustness, they are adopted by  3GPP for packet switched service, and recently for real time service by IETF [3]. In order to illustrate the interaction between the channel and the voice transportation, we use the following example of the application of AMR: 

An AMR frame is only declared being damaged when bits errors are found in the most sensitive bits, e.g. the class A bits. For less sensitive bits, error can be tolerated. The number of class A bits in AMR  are for instance

	Index
	Mode
	Class A bits
	Total speech bits/frame

	0
	4.75
	42
	95

	1
	5.15
	49
	103

	2
	5.9
	55
	118

	3
	6.7
	58
	134

	4
	7.4
	61
	148

	5
	7.95
	75
	159

	6
	10.2
	65
	204

	7
	12.2
	81
	244

	8
	SID
	39
	39


In [3] the payload format of AMR and AMR-WB, as well as the in-band signaling are specified. Class B and C bits are less significant, but the latest trend is that even they are not necessarily thrown away when the class A bits are damaged.

In conjunction with the development of Session Description Protocol (SDP), the group IETF has also specified the payload format and the signaling protocol for the VoIP in [3], in which AMR and AMR-WB are quintessential components of the concept.  The protocol allows for the flexibility with bandwidth-efficient format, octet-aligned format, robust sorting, interleaving, CRC, UEP etc. so that by means of  parameters the quality-bandwidth trade-off can be dynamically selected during the operation.

3. Characterization of Speech

In VoIP application, the delay buffer management is a central issue. As the application is very delay and jitter sensitive,  delay and jitter buffers are normally added to reduce the loss of speech frames. Adding jitter buffers to the delay buffers would increase the entire delay budget, tighten the operation margin.  [4] gives an example of modern approaches in dealing with jitter in the voice application. Instead of managing buffer in the receiver, it manipulates the talk spurt, utilizing the physiological and psychological potential of the human conversation. This opens a new avenue to the QoS management and signaling for VoIP. This shows, depending on the technologies deployed, the impact of the fixed network and radio channel may have different consequences for the channel usage, as well as for the quality of the voice service.  

4. Discussion

While Markov process has been used to model the voice activity in a speech, it is a rather rough approximation and, as such, may be accepte for the circuit switched telecommunication link to characterize the channel occupation.  However, the fact that the Markov process is widely used for modeling the speech in the digital mobile communication is not due to the merit that it is a good model, rather the availability and convenience in terms of computer simulation and mathematical manipulation.  As a modern telecommunication network requires much more detailed information of speech in order to provide acceptable service, using the Markov model to simulate the channel usage in order to assess the service quality and capacity doe not appear to be the method of choice.  In addition, in the context of  AMR/RTP/UDP/IP, an adaptive layer exist between the speech samples and the usage of the radio channel, which deprives any legitimacy of using a Markov model, even assumed that it models the speech activities sufficiently,  to simulate the channel usage in computer simulation with the purpose of a network performance evaluation. Services such as VoIP in a modern IP based mobile network should be evaluated with more adequate methods, such as MOS tests or MUSHRA tests.

5. MOS  Evaluation

The evaluation of the voice quality requires 5 devices:

1. Speaker Sound Card

2. Up-Link Radio Link

3. Up-Link Radio Access Network

4. Core IP Network

5. Down-Link Radio Access Network

6. Down-Link Radio Link

7. Listener Sound Card

The application of VoIP in MBWA follows the chain 1-2-3-4-5-6-7 and reversely. Roughly speaking it can be illustrated as Figure 1. 
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Figure 1:  Terminal 1 is communicating with terminal 2 using voice service

All these components can be implemented as computer a simulator, that comprises two MBWA access network simulator in addition to a network simulator.   

As depicted by Fig.1, the principle of the evaluation is the MOS test for the speech quality.  A set of speech samples are provided and digitized.  Packet error statistics is generated by the network simulation, which consists of radio access simulator and the network simulator,  and injected into the digitized speech packet.  At the receive end test listeners are employed to deliver the opinion score to describe the quality for each speech session. The result is then process by means of appropriate statistic methods.


Figure 2: Principle of MOS Test Approach
Alternatively, test persons can be employed on both ends of the simulator, instead of using speech samples,  and a live dialogue on pre-specified topic be performed to get the MOS.

6. Open Issues

In order to evaluate VoIP for MBWA, following issues need to be resolved by IEEE802.20:

1. Voice Sampling (sampling rate, digitization law etc.)

2. Core IP Network assumptions (delay statistics)

3. Voice Codec to be used

4. Experiment Design and MOS Evaluation Methods (ANOVA, MANOVA etc)

5. Buffer and scheduler assumptions for the MBWA (handling of delay and jitter)

6. Recommendation

We propose to open the work item,  include the method into the Evaluation Document and resolve the open issues.
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