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1. Test Environments
In the draft TR for the work item “Performance Characterization of the Optimized Jitter Buffer Management over VoIP Service”,  a chapter is reserved for subjective tests. 

It was agreed that both listening-only and conversational tests, following the requirements of ITU-P.800, would be performed. Aside from the codec related test requirements that assure the statistical usefulness of the results, the most important aspects specific to the subject: What do we expect from the tests? How can we minimize the impacts of confounding factors? This contribution makes proposals to address these questions.

The following are possible definitions for the tests, where the time of speech activities between consecutive conversational turns is referred to as "speaking time”, and the codec test conditions remains unchanged across the tests.

2. Listening Only

The goal of this test is to evaluate the impact of the jitter management schemes on the speech quality when the channel is subject to jitter. A spoken text, consisting of a number of talk spurts with natural gaps in between, is sent through the transmission channel. [NOTE:  We should specify a speech corpus here.  I have one, but we should check with Alan Sharpley, who may know what has been done historically.]  At the receiver the algorithm of jitter management is applied under the constraints that the text duration after playback remains the same as the original text duration. The error between these two durations is computed as an additional metric.  The text duration here corresponds to the speaking period in a conversation.

3. Conversation

The goal of this test is to evaluate the impact of the jitter management schemes on a conversation. Conversation topic and duration are predefined. Each speech frame is tagged with a time stamp, so that the receive time can be compared with the transmit time to determine the real delay. This makes it possible to mark the time of the conversational turns and determine the speaking time. Then, for each given scheme the RMS of the difference between the speaking time before encoding at the transmitter and the speaking time after playback at the receiver can be determined during the test.

4. Reference

Both the conversation test and listening-only tests are compared with their respective reference tests. In a reference test, the same conditions of the actual test (listening-only/conversation) apply except the jitter management scheme. Here, at the receiver a jitter buffering scheme of fixed buffer length is used instead. For this scheme,  conversation delay shall be measured as additional metrics.  

5. Test Environments

This will consist of two parts: 

1. Tests under controlled network environment:

Tests under a controlled network environment will be used to study the problem-specific constraints and causal relations. The results of such tests enable conclusions about the speech codec performance over the air-interface of type HSDPA/HSUPA.

2. Tests under given sample network environment:

Tests under given sample network environments will demonstrate the operation of the speech codec in a simulated network environment with as many parameters as possible. It gives a snapshot of the possible operative scenarios.  This can be used to evaluate the quantitative performance only when the parameters to be evaluated are limited to those of upper layers.

6. Recommendation
Include the proposed text into [2 ]. 
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