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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.
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Abbreviations

For the purposes of the present document, the following abbreviations apply:

4
General Overview

5
Jitter Buffer Performance Characterization

Test Methodology

Figure 1 and Figure 2 illustrate the test configurations to be considered in this document.


Figure 1: Test configuration for one direction (listening only)




Figure 2: Test configuration for two directions (conversation)
5.1.1 Listening Only Test:  P.800.Sec.6.2 – Listening Opinion Test

The purpose of this test is to determine the performance boundaries of the jitter buffer management methods. Annex A of P.800 applies.  The test investigates the effect of different algorithms on the clean speech.  Tests for different algorithms are not compared with each other.
[Editor’s note: available in S4-060152]
5.1.2 Conversational Test: P.800.Sec.6.1—Conversation Opinion Test

The purpose of this test is to perform subjective evaluation of jitter buffer management methods under a controlled simulated network environment. Annex A of P.800 applies. The goal is to investigate the effects of the different algorithms on the conversation quality in a controlled environment of a  reference physical transmission system.
5.2 Test Bed Description 

5.2.1 Overview

A test bed consists of 
· a test laboratory, 
· VoIP clients and 
· an intermediate reference system that represents the physical transmission link.  
The test laboratory and the intermediate reference system will be discussed in the following, and the VoIP clients  will be discussed in a later section. 
5.2.2 Description of VoIMS Sender and Receiver

Speech frames of 20 ms will be generated at the sender as following:  Each frame is created by sampling the raw data, applying A/D conversion and encoding the bits as defined by [13].   
5.2.3 Description of  HSDPA/HSUPA Simulator   

[Editor’s note: description of the test system based on HSDPA/HSUPA air-interface, e.g, from S4-050579]

[Editor’s note: back up simulator based on S4-06091]

5.2.4 Test Environment

Table 1: Noise types 

	Noise type
	Level (dB A)

	Car
	[60]

	Street
	[55]

	Cafeteria
	[60]


Table 2: Test details 

	Listening Level
	1
	79 dBSPL

	Listeners
	32
	Naïve Listeners

	Groups
	16
	2 subjects/group

	Rating Scales
	5
	 P.800.1 MOS-LQS (ACR)

	Languages
	3
	TBD

	Listening System
	1
	Monaural headset audio bandwidth 3.4kHz   . The other ear is open.

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T Recommendation P.800: Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1), except when background noise is needed .


5.2.5 Test Conditions 

5.2.6 Anchor/Reference  Condition 1

Table 1: Test conditions for conversational tests with AMR-NB

	Cond.

	Background noise in Room A
	Background noise in Room B
	Experimental factors



	
	
	
	Target 
Frame Loss Rate
	Radio cond.

(Chan.type)
	Mode (fixed  delay)


	1
	Hoth
	Hoth
	  0.01
	PA3
	5.9  kbit/s ( [200 ]ms)

	2
	Hoth
	Hoth
	      0.01
	PA3
	12.2 kbit/s ([300 ]ms)

	3
	Car
	Hoth
	      0.01
	VA30
	12.2 kbit/s ([200] ms)

	    4
	Hoth
	Car
	      0.01
	VA30
	12,2 kbit/s ( [200] ms)

	5
	Cafeteria
	Hoth
	      0.01
	PA3
	5.9 kbit/s ( [200 ]ms)

	6
	Hoth
	Cafeteria
	      0.01
	PA3
	5.9  kbit/s ( [200 ]ms)

	7
	Street
	Hoth
	     0.01
	PA3
	12.2kbit/s ( [200]ms)

	8
	Hoth
	Street
	     0.01
	PA3
	12.2kbit/s ([200 ]ms)


[Editor’s note 1: source S4-060104]
[Editor’s note 2: decision to be made on whether to apply the same trace to both AMR 5.9 and AMR 12.2, or  to remove AMR_5.9] 
5.2.7 Anchor/Reference  Condition 2

Table 2: Test conditions for conversational tests with AMR-WB

	Cond.

	Background noise in Room A
	Background noise in Room B
	Experimental factors



	
	
	
	Target 
Frame Loss Rate
	Radio cond.

(Chan.type)
	Mode (fixed  delay)


	
	
	
	
	
	

	2
	Hoth
	Hoth
	      0.01
	PA3
	12.65 kbit/s ([300 ]ms)

	3
	Car
	Hoth
	      0.01
	VA30
	12.65 kbit/s ([200] ms)

	    4
	Hoth
	Car
	      0.01
	VA30
	12,65 kbit/s ( [200] ms)

	
	
	
	
	
	

	
	
	
	
	
	

	7
	Street
	Hoth
	     0.01
	PA3
	12.65kbit/s ( [200]ms)

	8
	Hoth
	Street
	     0.01
	PA3
	12.65kbit/s ([200 ]ms)


[Editor’s note: the same network trace for AMR-NB will be used for AMR-WB] 
6 Description of  VoIP Clients

6.1  Principle

The basic configuration of the test  is specified as following: 
The scenario is a UE to UE conversation, which allows symmetrical configuration of both ends of the VoIP clients.  The two parties involved are referred to as UE-A and UE-B. The conversation is defined as an exchange of alternating talkspurts from UE-A and UE-B. The time between the finishing utterance of a talkspurt and the receiving the first voice of the following talkspurt from the other party is denoted as the alternation time  
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[image: image4.wmf]t

l

T

2

 for the time from listen to talk. Both quantities are assumed strictly positive and bounded by a minimal value intrinsic to the individuals involved.

A system delay  
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 is given  as the delay from transmitting UE to the receiving UE.  The quantity is measured from the end of a speech frame that is sampled at the transmitting UE to the end of the same frame output by the receiving D/A converter. 
The buffer allocation at the receiver can be characterized by time 
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   At least one  speech frame the has to be buffered for playback.  With  the presence of delay jitter more buffered frames may be required.  Excessive buffering during a conversation may have adverse effect on the perceived alternation time, which will have impact on the subjective quality of the conversation.
From the time when UE-B  finishes the last  talk-spurt to the time the first talk-spurts arrives at UE-B, a time of
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can be measured, it is the time that UE-B waits until it hears the first voice from the UE-A after UE-B finished the last  talkspurt.  This time provides a metric for the characterization of performance impact due to the delay jitter one the conversation.
6.2 Algorithm 1: Fixed Jitter Buffer (baseline)

Values of 
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 are fixed and correspond to the expectation of the maximum delay.
6.2 Algorithm 2: Adaptive Jitter Buffer

Values of 
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 are variable and adaptive to the speech activity.

7
Analysis of Test Results

7.1. Analysis of the Test Results for the Jitter Management  Algorithm 1
7.2. Analysis of the Test Results for the Jitter Management Algorithm 2

7.3. Analysis of the Test Results for the Jitter Management Algorithm 3
8
Conclusions
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� .This table needs to be duplicated for fixed jitter buffer and adaptive jitter buffer





� The frame loss refers to the loss of the RLC packets detected at the receiver





� The fixed delay comprises the delay values measured at the RLC receiver output without jitter. By the test the fixed delay is added to the non-negative entries of the jitter trace generated by the simulator.
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