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1 Introduction
This document specifies the test conditions for a verification test of the subjective audio quality of MPEG-4 AAC when applied over a model of an error prone UMTS radio channel. For the UMTS radio channel a simulation model for layer I, II, and III is used. This verification test will focus on the MPEG-4 AAC_LC and AAC_LTP object types (note that in the context of this test, the AAC_LTP object type is equivalent to the AAC_Scalable object type (base layer)). In this scenario AAC frames will be delivered on simulated RLC packets, with at least one AAC frame in one RLC packet. The general assumption in this test is that a single bit error in an RLC packet leads to a complete loss of all AAC frames in this packet. For that reason the error resilience enhanced AAC object types are not used, as no additional benefit could be gained. 

2 Test Setup

2.1 Overview

Figure 1 shows the general test setup. AAC encoded frames are applied to a UMTS channel simulator. In the simulator erroneous frames are marked and an error indication / frame erasure flag is passed to the decoder, which assumes that all of these frames are completely lost.
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Figure 1: General test setup
2.2 Overview of UMTS channel simulator

Figure 2 shows the UMTS simulator setup. First, one or three AAC encoded frames together with a six byte header, which represents a four byte RLC header plus a 2 byte compressed RTP/UDP/IP header, are packed into a simulated RLC packet. Then the error pattern is applied to this simulated packet and all frames in a packet, which at least contains one erroneous bit are marked as bad. The basic coder configuration information as contained in the MPEG-4 AudioSpecificConfig() is assumed to be transmitted through an error-free control channel.
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Figure 2: UMTS simulator setup
2.3 Error Patterns

Four bit error patterns (different error conditions), representative for UMTS channel errors, are used:

1. ITU Error pattern 64 kbit/s 1.0 (Ia)

2. ITU Error Pattern 64 kbit/s 0.3 (Ib)

3. Ericsson pattern 18681.3 (Ea)

4. Ericsson pattern 18681.4 (Eb)

2.4 Test session setup

All test conditions are assessed in two MUSHRA (see section 5) test  sessions. Table 1 and Table 2 show the combinations of codecs, packaging schemes, and error patterns under test and the reference/anchor signals:

Noise Levels, Statistical properties: MNRU [bs810].

Table 1: Overview of Test Session A

Codec under test
Codec name
Error Pattern

A1
AAC_LC
1 Frame/ RTP Packet
ITU (Ia)

A2
AAC_LTP 
1 Frame/ RTP Packet
ITU (Ib)

A3
AAC_LC
3 Frames/ RTP Packet
ITU (Ia)

A4
AAC_LC
1 Frame/ RTP Packet
Ericsson (Eb)

A5
AAC_LC
3 Frame/ RTP Packet
Ericsson (Ea)

R1
AAC_LC error-free operation

Noise level:  –INF dB
n.a.

R2
AAC_LC error-free operation

Noise level:  –40 dB
n.a.

R3
AAC_LC error-free operation

Noise level:  –30 dB
n.a.

R4
AAC_LC error-free operation

Noise level:  –20 dB
n.a.

R5
AAC_LC error-free operation

Noise level:  –10 dB
n.a.

Table 2: Overview of Test Session B

Codec under test
Codec name
Error Pattern

B1
AAC_LC
1 Frame/ RTP Packet
ITU (Ib)

B2
AAC_LC
3 Frames/ RTP Packet
ITU (Ib)

B3
AAC_LC
1 Frame/ RTP Packet
Ericsson (Ea)

B4
AAC_LTP
1 Frame/ RTP Packet
Ericsson (Ea)

R1
AAC_LC error-free operation

Noise level:  –INF dB
n.a.

R2
AAC_LC error-free operation

Noise level:  –40 dB
n.a.

R3
AAC_LC error-free operation

Noise level:  –30 dB
n.a.

R4
AAC_LC error-free operation

Noise level:  –20 dB
n.a.

R5
AAC_LC error-free operation

Noise level:  –10 dB
n.a.

All items are concatenated prior to encoding in order to increase the statistical significance of the results in case of test conditions with low error rates. After decoding the concatenated sequence is split again into eight items. The listening test and quality assessment is carried out on these eight items.

2.5 AAC LC and AAC_LTP codec setup

Table 3 displays the basic audio coding parameters for the AAC_LC and AAC_LTP object types.

Table 3: AAC_LC and AAC_LTP coding parameters

Sampling rate
32 kHz

Number of audio channels
2

Bit rate (AAC source coding)
64 kbit/s

Frame size
1024 samples, 32 ms

Avg. bit/frame
2048

No manual tuning is permitted on encoder or decoder. In the decoder concealment procedures are used to lower the audible effects of the lost frames.
3 Test Schedule
Activity
 Time line
Responsibility 
Comments

Finalize workplan
 9 Feb.
AHG meeting


Error patterns upload to ftp site at FhG
12 Feb.
Ericcson, Philips


error simulator ready
14 Feb.
FhG


channel simulation / error insertion, decoded items and erroneous bit streams on FTP site
14 – 19 Feb.
FhG


Item cutting, test preparation
20 Feb.
FhG


grading phase (listening)
21 – 23 Feb.
Philips + FhG + ST + Matsushita + Siemens


analysis + report
26 Feb.
Philips + FhG + ST + Matsushita + Siemens


SA4 #16 meeting
26 Feb. – 2 March



4 Program Material
All items are 32 kHz sampling rate, stereo. The duration for each item is approximately 10 sec. 

4.1 Items to be used for training

No.
Item number
Item name
Category

1
Item_t01
Pitch pipe
Single instrument

2
Item_t02
Suzanne Vega
Music

3
Item_t03
Male English
Speech

4.2 Items to be used for listening test

No.
Item number
Item name
Category

1
Item_01
Castanets
Single instrument

2
Item_02
Contemporary pop music
Music

3
Item_03
Tracey Chapman
Complex

4
Item_04
Speech + Music
Speech with background music

5
Item_05
Orchestral piece
Music

6
Item_06
Male German speech
Speech

7
Item_07
Glockenspiel
Single instrument

8
Item_08
Classic
Music

5 Listening Test Specifications

5.1 Test Method and Test Design

„Subjective assessment of sound quality“ according to [m5179] (MUSHRA) is applied. This method is proposed to become standardized at EBU and ITU-R. The most current draft is provided together with this document.

The listening test design is defined as follows:

· at least 10 listeners for each test site

· expert listeners are preferred

· stimuli presentation is not fixed, the test subject has the possibility to switch between all instances of the audio signal in any order and as often as it wants 

· computer-based  test setup

· headphones STAX (preferred STAX LAMBDA PRO)

· one listener at a time due to computer based grading procedure

· the test will be preceded by a training

· training with the corresponding selected training items

5.2 Training of Subjects

Prior to the grading phase training to the subjects must be applied. The following aspects should be taken into account:

· Training has to be performed for test session A

· If several reference signals are used within a test session, all of them should be used.

The first step of training is the replay of the test excerpts in order to become familiar with the categories of test excerpts.

The second step of training is the replay of the corresponding training items. The test site has to guide the subjects in discussing the perceived artifacts. However, subjects are not allowed to talk about grades in order to avoid bias in individual grading.

The replay order of the training excerpts and the number of repetitions are under the responsibility of the listening test sites.

The final step of the training is to run a dummy grading of the training items using the grading facility (paper sheet or on-screen display) to become familiar with this tool for the following grading phase. 

The goal of the preceded training is to make the subjects familiar what to listen to and how to grade.

6 Acceptance criteria

The goal of this test is to build confidence with respect to the error robustness of the AAC coder in error conditions typical for UMTS. This is the first time that this kind of test is executed for a high-quality audio coder. It is therefore not the intention of this test to get absolute grades as no comparison material is available. The outcome of this test will be some performance curve as function of error conditions (BER). The main acceptance criterion will be that the AAC coder should not break down in quality for error conditions  typical for UMTS. 

7 Guidance to the Final Test Report

The results provided by the test sites will be compiled in the final test report. Details related to the codecs under test, the test material and the test specifications are elaborated within this working plan and are intended to be used as a basis for paragraphs of the final test report. 

8 Glossary

AAC_LC
Advanced Audio Coding – Low Complexity object type 

AAC_LTP
Advanced Audio Coding – Long-Term Prediction object type

BER
Bit Error Rate

CRC
Cyclic Redundancy Check

ER_AAC_LC
Error Resilient version of AAC_LC

ER_AAC_LTP
Error Resilient version of AAC_LTP

EP
Error Protection

FEC
Forward Error Correction

HCR
Huffman Codebook Reordering (error resilience tool for AAC spectral data, defined in MPEG-4 Audio Version 2)

LATM
Low-overhead Audio Transport Multiplex

MNRU
Modulated Noise Reference Unit

MPEG
Moving Pictures Experts Group

VCB
Virtual Codebooks (error resilience tool for AAC section data, defined in  MPEG-4 Audio Version 2)
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