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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.

1
Scope

The present document comprises the Technical Report for the Characterization of the 3GPP Audio Codecs, Enhanced aacPlus (Eaac+) and Extended AMR-WB (AMR-WB+), standardized by 3GPP in Release 6 for Packet Switched Streaming Service (PSS), Multimedia Messaging Service (MMS), Multimedia Broadcast and Multicast Service (MBMS), and IMS Messaging Service and Presence Service.

2
References
[1] ITU-R Rec. BS.1534-1  MUSHRA - Method for the subjective assessment of intermediate quality level of coding systems, 2003.

[2] ISO/IEC JTC1/SC29/WG11/N5571, Report on Informal MPEG-4 Extension 1 (Bandwidth Extension) Verification Tests, March 2003.

[3] Tech 3296, EBU Project Group B/AIM, EBU Subjective listening tests on low bit-rate audio codecs, June 2003.

3
Abbreviations

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

ACR


Absolute Category Rating method

AMR-WB+
Extended AMR-WB 

BLER


Block Error Rate

DCR


Degradation Category Rating method

DMOS

Degradation Mean Opinion Score

EBU 


European Broadcasting Union

Eaac+


Enhanced aacPlus

EGPRS

Enhanced General Packet Radio Service

FEC


Forward Error Correction

FER


Frame Error Rate 

ITU-T


International Telecommunications Union - Telecommunications

MBMS

Multi-media Broadcast and Multicast Services

MMS


Multi-media Messaging Service

MOS


Mean Opinion Score

MPEG


Moving Picture Experts Group

MUSHRA
Multiple Stimulus with Hidden Reference and Anchors method

PLR


Packet Loss Rate

PSS


Packet switched Streaming Service

RLC-PDU
Radio Link Control – Protocol Data Unit ?

ROHC


Robust Header Compression

RTP


Real-time transport protocol

UTRAN

UMTS Terrestrial Radio Access Network

4
Subjective Test Results

The main body of this 3GPP technical report summarizes the results from official tests conducted by 3GPP.

Further subjective test results were provided into the standardization process by various parties. Some of these results were part of the verification tasks (see Sections 9.x and 9.y [point to section of FT 3D-Audio test and CT test]). Two other contributions from codec proponents assessing the codecs across different bit rates in the low rate segment up to 24 kbps were provided in earlier phases of the process and are also attached to this TR (link to two attached Ericsson/Nokia documents).  

In addition, there are further reports from other bodies. Annex XYZ comprises test results for the two standardized codecs carried out by ITU-T, where the 3GPP audio codecs served as reference codecs. The Annex also contains references to tests on Eaac+ carried out in MPEG and EBU, which provide information for configurations using the Eaac+ decoder in combination with a non-standardized encoder.   

In the reporting of subjective test results, it is generally agreed that comparisons of results are valid only for conditions conducted within the same experiment. It is not valid, for example, to directly or statistically compare subjective test results for one codec across two bit-rates when those results have been obtained from different experiments. In general, this principle will be observed in the subjective test results presented in the following sections.

4.1
Organization of the Subjective Test Results

This report comprises data from subjective tests derived from standardization exercises organized in 3GPP. Each of the test exercises was conducted in accordance with a test plan and results were provided in a test report. Table 1 summarizes these test exercises including a series label, a description of the tests, and the specific Attachments containing the appropriate test plans and test reports. 

Table 1. Subjective Test Series involved in the Technical Report.

[image: image3.wmf]Standardization Exercise

Label

Test Plan

Test Report

3GPP Audio Codec Characterization Test, Phase 1

CT-P1

Attachment 1A

Attachment 1B

3GPP Audio Codec Characterization Test, Phase 2

CT-P2

Attachment 1A

Attachment 1C

3GPP Audio Codec Low Rate Selection Test

ST-LR

Attachment 1D

Attachment 1E

3GPP Audio Codec High Rate Selection Test

ST-HR

Attachment 1F

Attachment 1G


Table 2 lists the subjective tests that provided the results reported in this document including details such as the test parameters, mode (mono vs. stereo), and number of listening labs. All of the subjective tests described in this report involved some common test parameters. These include the use of 15 subjects and 12 test items where the test items are sub-divided into three classes of Audio Content -- four items each for Music-only, Speech-only, and Mixed Music+Speech audio content. All experiments in CT-P1 and CT-P2 used the same 12 items of material. The ST-LR tests used 24 items in each experiment, but the test items were split into two sets of 12 test items and allocated across to different labs running the same experiment. All experiments in ST-HR used the same 12 test items. 

Table 2. Summary of Subjective Tests Involved in the Technical Report.
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It should be noted that, for both audio codecs, the codecs used in the Characterization Test (i.e., CT-P1 and CT-P2 test series) were different (e.g., bug fixes, optimized configurations) from the candidate codecs used in the earlier Selection Test (i.e., ST-LR and ST-HR test series). 

The Selection test results also provide information how the selected codecs perform in relation to Rel-5 audio codecs.

The sections of this TR are organised as follows:

· Section 5: Performance Characterization for Audio Content

· This section comprises a quality evaluation of the codecs across audio content. It contains results from codec characterization both without and with packet loss. It also contains a similar evaluation from the selection tests. 

· Section 6: Performance Characterization over Bit-rate

· This section comprises the test results from codec characterization assessing the performance of the codecs across bit rate. It highlights quality vs. bit-rate in the lower bit-rate range. This section contains relevant data for PSS, MBMS and MMS services.

· Section 7: Performance based on Selection test results

· This section comprises test results from the codec selection tests demonstrating the performance of the selected codecs relative to that of reference codecs (including audio and wideband speech codecs specified in Rel.5). It covers an intrinsic quality comparison of the codecs and a quality comparison under stressed operating conditions in a lower bit-rate segment up to 24 kbps. The intrinsic quality comparison was designed to target PSS applications without channel impairments, and the stressed operating conditions contained terminal-generated MMS scenarios and PSS with channel impairments. Also included are high-rate codec selection results for a higher bit-rate segment assessing the performance of the Eaac+ codec relative to reference codecs at 32 and 48 kbps. These tests were targeting PSS and MMS applications and did not include AMR-WB+ codec.

· Section 8: Performance Characterization for Error Conditions

· This section comprises the test results from codec characterization assessing the codec performance for various packet loss rates. The tests used the RTP packetization schemes specified for MBMS services as well as a packet loss simulator designed for such purposes. This section is relevant for the design of application layer FEC and the definition of target BLER for MBMS services without FEC. 

· Section  9: Results of Verification Tests

· This section comprises results from codec verification tasks which checked and assessed various codec aspects such as complexity, verification of the fixed point code, frequency response, delay, codec performance with 3D audio signals, rate switching performance, and content dependency.

· Annex A: Test results from other bodies:

· Annex A includes test results carried out by ITU-T, where the two #GPP audio codecs participated as reference codecs. These results consist of two parts, one part obtained by MUSHRA testing of music and mixed material, the other part obtained by MOS and DMOS testing (ACR and DCR) using speech material. The Annex also contains references to tests on Eaac+ carried out in bodies outside of 3GPP, which provide information for configurations using the Eaac+ decoder in combination with a non-standardized encoder.  

All the results shown in this TR are generally valid for all Rel-6 services and applications which are based on the Rel-6 audio codecs. These are Packet switched Streaming Service (PSS), 
Multimedia Messaging Service (MMS), Multimedia Broadcast and Multicast Service (MBMS), IMS Messaging Service and Presence Service. During codec selection certain tests were designed to target a specific application, but are generally valid for all applications with similar constraints (e.g. bit-rate, mono/stereo). The only exception is terminal-generated MMS for which tests with reduced input signal bandwidth were carried out and for which a particularly low-complexity encoder for AMR-WB+ was used.  

4.2
Subjective Test Method

The subjective test results described in this technical report were derived using the MUSHRA (MUltiple Stimulus with Hidden Reference and Anchors) test methodology. The MUSHRA method is an ITU-R standardized test methodology for the subjective assessment of intermediate audio quality [1]. On each trial in a MUSHRA test the subject is presented with an unprocessed audio sample - the “Open Reference” (OR). By definition the quality of the OR is a score of 100 on the MUSHRA quality scale. The subjects’ task is to then evaluate the quality of the same audio sample processed by each of the conditions involved in the test as well as the unprocessed condition, the Hidden Reference (HR), and two or more degraded Anchor conditions, typically low-pass filtered at 3.5kHz and low-pass filtered at 7.0kHz. 

Figure 1 shows an example of a subject’s response interface for a typical MUSHRA trial involving nine audio conditions. The subject is required to listen, first, to the OR (Ref button in the figure) and then to each of the test conditions (buttons A through I in the figure). The assignment of test conditions is randomized among the buttons for each trial. Subjects register their ratings, 1-100, using the scale sliders above each button. The subject’s task is to identify the HR condition and give it a rating of 100 and then to rate the remainder of the conditions relative to the HR condition. Subjects may listen to the samples as many times as they want and adjust their ratings accordingly. Subject’s ratings are used in test analyses only if the subject can reliably identify the HR and correctly order the anchors and the HR.  
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Fig. 1  Example MUSHRA Response Interface.

5
Performance Characterization for Audio Content

Results were extracted from three series of MUSHRA tests to characterize the 3GPP audio codecs for three different classes of audio content -- Music, Speech, and Mixed Music+Speech. Each of the MUSHRA tests described in this technical report involved 12 test items, four items each for Music, Speech, and Mixed audio content. 

5.1

Results from characterization phase 1

Figures 2 and 3 shows results from the experiments conducted in the CT-P1 test series. The Mean scores and 95% Confidence Intervals shown in the figures are based on scores for two labs, 15 listeners, and four test-items per class of audio content (N = 2*15*4 = 120 votes). 
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Fig.2 Audio Content for Audio Codecs Across Bit-rates (Mono Mode)
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Fig.3 Audio Content for Audio Codecs Across Bit-rates (Stereo Mode)

5.2
Results from Characterization phase 2

Results in this sub-section were derived in experiments containing packet losses. Bit-rates mentioned in Figures 20 to 23 represent gross bit-rates including packetization overhead. Further information about the how the packet loss conditions were defined, can be found in Section 8.

Figures 4 and 5 show results for audio content for the tests conducted in the CT-P2 test series for EGPRS under conditions of PLR. Figure 20 shows results for Mono mode and Fig.21 for Stereo Mode. The Mean scores and 95% Confidence Intervals shown in the figure are based on scores for 15 listeners and four test-items per class of audio content (N = 15*4 = 60 votes). 
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Fig.4 Audio Content for Audio Codecs Across PLR (EGPRS Mono Mode)
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Fig.5 Audio Content for Audio Codecs Across PLR (EGPRS Stereo Mode)

Figures 6 and 7 show results for audio content for the tests conducted in the CT-P2 test series for UTRAN, Stereo mode under conditions of PLR. Figure 6 shows results for lower bit-rates (AMR-WB+ at 20kbps and Eaac+ at 32kbps) and Fig.7 for higher bit-rate (both codecs at 40kbps). The Mean scores and 95% Confidence Intervals shown in the figure are based on scores for 15 listeners and four test-items per class of audio content (N = 15*4 = 60 votes). 
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Fig.6 Audio Content for Audio Codecs Across PLR (UTRAN Stereo Mode)
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Fig.7 Audio Content for Audio Codecs Across PLR (UTRAN Stereo Mode)

5.3
Results from Selection Test

Figure 8 summarizes results for a subset of four MUSHRA experiments conducted in the selection series of tests (ST-LR), each experiment involving the two audio codecs for the PSS application. Results are shown for each of the two audio codecs in each of four MUSHRA tests for the three classes of Audio Content. The results shown in Fig. 8 are based on votes from 15 subjects for four test-items per class of audio content in each of four listening labs (N = 15*4*4 = 240 votes). In general, these results show that AMR-WB+ scores better for Speech content, relatively worse for Music content, with Mixed content between those values. On the other hand, Eaac+ scores better for Music content, worse for Speech content, with Mixed content between those values.  
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Fig.8   Results for four ST-LR Tests (Intrinsic Quality) by Class of Audio Content

Figure 9 summarizes results for a second subset of four ST-LR, two experiments for the MMS application and two for the PSS application with 3% frame errors. Results are shown for each of the two audio codecs in each of four MUSHRA tests for the three classes of Audio Content.  
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Fig.9   Results for four ST-LR Tests (Stressed Operating Conditions) by Class of Audio Content

It can be observed from Figures 4 to 9 that Extended AMR-WB tends to perform relatively better for speech than for music, while Enhanced aacPlus tends to perform relatively better for music than for speech.

6

Performance Characterization over Bit-rate

Results from two experiments conducted in the CT-P1 series of tests contribute to the performance characterization of coding bit-rate for the two selected 3GPP audio codecs. 

Figure 10 shows MUSHRA results from the CT-P1 test series for Mono mode. These results are based on the MUSHRA ratings of 15 subjects, 12 test items, and two listening labs (N = 15*12*2 = 360). The experiment was designed to evaluate the performance of two audio codecs across bit-rates in a Mono application. The figure shows average MUSHRA scores for AMR-WB+ at coding rates of 9.75k, 15.2k, and 19kbps (which were suitable configurations of AMR-WB+ for the target bit-rates of 10k, 16k and 20kbit/s) plus a low-complexity mode at 9.75kbps and for Eaac+ at coding rates of 10k, 16k, and 20kbps. Also shown are the Mean MUSHRA scores for the three Anchor conditions -- Low Pass 3.5kHz, Low Pass 7kHz, and the Hidden Reference. In addition to the Mean scores, the figure shows error brackets for each condition indicating the 95% Confidence Intervals. The Mean scores and 95% Confidence Intervals are based on 360 votes as indicated above. The results in Fig.10 confirm that, for both audio codecs, MUSHRA performance increases with increases in bit-rate. Furthermore, at 9.75kbps, the low complexity version of AMR-WB+ (9.75-lc in the figure) scored significantly lower than the standard version. Except for the low complexity version of AMR-WB+, Fig.10 shows that AMR-WB+ achieves a better performance that Eaac+ at all tested bit-rates. Moreover, both codecs show a consistent increase in quality with growing bit-rate.
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Fig.10  MUSHRA Results for AMR-WB+ and Eaac+ across bit-rates (Mono mode)

Figure 11 shows MUSHRA results from the CT-P1 test series for Stereo applications. These results are similar to those in Fig.10 except the audio codecs and anchor conditions were tested in Stereo mode. The figure shows Mean MUSHRA scores with 95% Confidence Intervals for AMR-WB+ at coding rates of 14.25k, 20k, and 27kbps (which were suitable configurations of AMR-WB+ for the target bit-rates of 16k, 21k and 28 kbit/s) and for Eaac+ at coding rates of 16k, 21k, and 28kbps. Also shown are the scores for three Stereo Anchor conditions -- Low Pass 3.5kHz, Low Pass 7kHz, and the Hidden Reference. As in Fig.10, the Mean scores and 95% confidence Intervals are based on 360 votes. Figure 11 shows that both codecs perform relatively similar at all tested bit-rates. Both codecs show a consistent quality increase with growing bit rate.
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Fig.11  MUSHRA Results for AMR-WB+ and Eaac+ across bit-rates (Stereo mode)

7
Performance Based on Selection Tests

The MUSHRA results presented in this section for the application/service specific experiments were conducted in the Selection Test, ST-LR and ST-HR test series. Moreover, the Selection Test experiments involved earlier versions of the two audio codecs, AMR-WB+ and Eaac+.  

7.1
Intrinsic quality comparison in lower bit-rate range (up to 24 kbit/s)

Four MUSHRA experiments were conducted in the ST-LR series of tests which characterize the intrinsic performance of the two 3GPP Rel.6 audio codecs. Figures 12-15 show the results of these experiments. Each experiment involved the two 3GPP Rel.6 audio codecs plus two reference codecs, AMR-WB and AAC, operating at a common bit-rate. Each experiment was conducted in four listening labs. The results shown in Figs.12-15 are based on the MUSHRA ratings of 15 subjects, 12 test items per experiment (2 different test sets used in 2 labs each), and four listening labs (N = 15*12*4 = 720). Two experiments were conducted to evaluate the performance of the audio codecs for PSS applications in Mono mode, two experiments in Stereo mode, and two experiments with 3% FER. 

Figures 12 and 13 show the results for the PSS application in Mono mode at coding rates of 14kbps and 24kbps, respectively. For the PSS application in Mono mode, AMR-WB+ scores higher than Eaac+ at 14kbps (62.6 vs. 51.5) but lower at 24kbps (67.4 vs. 75.8).
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Fig.12  Results at 14kpbs for PSS (Mono)             Fig.13  Results at 24kbps for  PSS (Mono)

Figures 14 and 15 show the results for the PSS application in Stereo mode at coding rates of 18kbps and 24kbps, respectively. For the PSS application in Stereo mode, AMR-WB+ scores higher than Eaac+ at 18kbps (55.6 vs. 53.3) but lower at 24kbps (61.3 vs. 67.1). 
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Fig.14  Results at 18kpbs for PSS (Stereo)         Fig.15  Results at 24kbps for PSS (Stereo)
    

7.2
Quality comparison under stressed operating conditions at lower bit-rates (up to 24kbs) 

Four MUSHRA experiments were conducted in the ST-LR series of tests that characterize the performance of the two 3GPP audio codecs under stressed operating conditions. Each experiment involved the two 3GPP Rel.6 audio codecs plus two reference codecs, AMR-WB and AAC, operating at a common bit-rate for the MMS application and each experiment was conducted in four listening labs. The results shown are based on the MUSHRA ratings of 15 subjects, 12 test items per experiment (2 different test sets used in 2 labs each), and four listening labs (N = 15*12*4 = 720). 

Figures 16 and 17 show the results for the PSS application for 3% FER -- Mono mode at 14kbps and Stereo mode at 24kbps, respectively. In the context of this test, the error conditions were simulated by applying a random frame erasure rate (FER) of 3% to both codecs. Both codecs out-perform the reference codecs by a wide margin when operated under error conditions and show a pattern of behaviour, relative to each other, which is similar to that under unimpaired channel conditions.
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           [image: image21.emf]ST-LR:  24kbps, stereo, 3%FER, PSS
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Fig.16 Results at 14kbps Mono, 3%FER                          Fig.17 Results at 24kbps Stereo, 3%FER 

Figure 18 shows the results for the terminal-generated MMS application, Mono mode at 14kbps and Fig.19 shows the results for Stereo at 18kbps. Both experiments used the low complexity encoder.

[image: image22.emf]ST-LR:  14kbps, Mono, MMS

50.7

44.4

46.2

30.7

31.7

65.3

100.0

0

20

40

60

80

100

AMR-

WB+

Eaac+ AMR-WB aac lp3500 lp7000 hidref

3GPP Audio

Codecs

Reference Codecs Anchors

MUSHRA

          [image: image23.emf]ST-LR:  18kbps, Stereo, MMS
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Fig.18  Results at 14kbps for MMS (Mono)           Fig.19  Results at 18kbps for MMS (Stereo)

For the MMS application in Mono mode at 14kbps, AMR-WB+ scores higher than Eaac+ (50.7 vs. 44.4). However, for the MMS application in Stereo mode at 24kbps, Eaac+ scores higher than AMR-WB+ (50.7 vs. 55.7). It should be noted that the test at 14kbps mono was conducted using samples that were sample-rate limited to 16 kHz. 

7.3 Performance evaluation in higher bit-rate range (up to 48 kbps)

Three MUSHRA experiments were conducted in the ST-HR series of tests designed to characterize the intrinsic performance of one of the two 3GPP Rel.6 audio codecs, Eaac+, at higher bit-rates. Figures 20-22 show the results of these experiments. Each experiment involved the Eaac+ audio codec plus AAC as a reference codec both codecs operating at a common bit-rate and each experiment was conducted in two listening labs. The results shown are based on the MUSHRA ratings of 15 subjects, 12 test items, and two listening labs (N = 15*12*2 = 360). Two test evaluated the intrinsic performance of Eaac+, the third test evaluated error performance, again using random audio frame losses. It can be concluded that Eaac+ out-performs the reference codec by a wide margin under both unimpaired and error conditions.
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Fig.20  MUSHRA Results at 32kbps (Stereo)           Fig.21  MUSHRA Results at 48kbps (Stereo)
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Fig.22  MUSHRA Results at 38kbps with 3% Errors (Stereo)

8
Performance Characterization for Error Conditions

This section comprises the test results from codec characterization assessing the codec performance for various packet loss rates. This section is relevant for the design of application layer FEC and the definition of target BLER for PSS and MBMS services. The chosen test cases do not imply that the codecs should be operated under all the tested packet loss rates.

The processing chain which was used for these tests aimed at resembling a real-world transmission scenario. This includes source encoding, RTP packetization, mapping to RLC-PDUs, de-packetization and decoding. Error insertion was performed on the RLC-PDU level using a simulator software described in [XXX]. RTP packets which were affected by a PDU error were discarded. PDUs and RTP packets were not aligned to each other. The simulation assumed the use of ROHC. All packet loss rates mentioned below refer to RLC-PDU packet loss rates. [add acronyms to list of abbreviations] [note – I have included two docs. from Hari on the PLR issue. Look at them and decide if it helps the document. – your call.
The bit-rates mentioned in this section are gross rates, which include packetization overhead. The performance relative to bit-rate and PLR depends on the chosen packetization and interleaving configuration. Details on packetization, interleaving configurations and source bit-rates can be found in attachment X [S4-050453] for AMR-WB+ and attachment Y [S4-050544] for Eaac+.

Results from the CT-P2 series of subjective tests contribute to the performance characterization of the two 3GPP audio codecs under error conditions expressed in terms of percent Packet Loss Rate (PLR). In all, four MUSHRA experiments were conducted in the CT-P2 series -- two tests for Enhanced General Packet Radio Service (EGPRS), one in Mono Mode and one in Stereo Mode; two tests for under UMTS Terrestrial Radio Access Network (UTRAN), one in Stereo Mode at relatively lower bit-rates and one in Stereo Mode at relatively higher bit-rates. 

Figure 23 shows MUSHRA results for the two 3GPP audio codecs across PLR under EGPRS, Mono mode. Results are shown for AMR-WB+ operating at 16kbps and Eaac+ operating at 20kbps for PLR of 0, 1, 6, and 10%. Figure 24 shows results for EGPRS, Stereo mode with both codecs operating at 24k.
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Fig.23  Results for EGPRS at Four Levels of PLR (Mono mode).
(Bitrates given are gross rates including packetization overhead)
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Fig.24  Results for Audio Codecs for EGPRS at Four Levels of PLR (Stereo mode).
(Bitrates given are gross rates including packetization overhead)

Figure 25 shows MUSHRA results for the two 3GPP audio codecs across PLR under UMTS Terrestrial Radio Access Network (UTRAN), Mono mode with the codecs operating at relatively lower bit-rates. Results are shown for AMR-WB+ operating at 20kbps and Eaac+ operating at 32kbps for PLR of 0, 1, and 5%. Figure 26 shows results for UTRAN, Stereo mode with both codecs operating at 40k.

[image: image29.emf]CT-P2:  UTRAN-Stereo

55.4

49.7

34.5

76.0

70.3

51.0

99.6

47.3

27.4

0

20

40

60

80

100

0% 1% 5% 0% 1% 5% hidref lp7000lp3500

AMR-WB+ (20k) Eaac+ (32k)

3GPP Audio Codecs Anchors

MUSHRA


Fig.25  Results for UTRAN, Lower-rate at Three Levels of PLR (Stereo Mode).
AMR-WB+ was tested at 20kbps, Eaac+ at 32kbps. 
(Bit-rates given are gross rates including packetization overhead)
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Fig.26  Results for UTRAN, Higher-rate at Three Levels of PLR (Stereo Mode).
(Bit-rates given are gross rates including packetization overhead)

In general, the results in Figs. 25 and 26 show that, for EGPRS, MUSHRA performance decreases with increase in PLR. Moreover, the performance profiles across PLR for the two codecs are similar for both the Mono and Stereo tests, and exhibit slightly higher quality losses for AMR-WB+ at higher PLRs. Figures 27 and 28 show a similar trend for UTRAN in Stereo mode -- performance decreases with increase in PLR. However, for the 40kbit/s condition shown in Figure 26 the quality loss with increasing error rate for AMR-WB+ is significantly higher than in the lower bit-rate conditions tested. This might be related to the use of a different RTP packetizer configuration without interleaving for AMR-WB+ in this test case as it can be seen in document [S4-050453]. A similar effect cannot be observed for Enhanced aacPlus. Again, as shown for the EGPRS experiments (Figs. 23 and 24), the performance profiles across PLR for the two codecs and for the two bit-rates are similar in the case of UTRAN.

9
Results of Verification Tests

This section comprises results from codec verification tasks which checked and assessed various codec aspects such as complexity, verification of the fixed point code, frequency response, delay, codec performance with 3D audio signals, rate switching performance, and content dependency. 

9.1
Complexity verification

9.2
Frequency response verification

9.3

Codec delay verification

9.4

Performance verification with 3D audio signal

9.5
Verification of rate switching performance

9.6 Verification of fixed point code

9.7
Verification of source code

9.8
Verification of configuration for CT-P2

9.9
 (last subsection)
Content dependency

One aspect of this verification item was addressed by a contribution from a codec proponent in which a subjective test was conducted to assess the stereo performance of AMR-WB+ and Eaac+ with real-world critical music material having certain signal characteristics. The report on this experiment can be found in Attachment-2 for this TR. 

Annex 1: Test results from other bodies

This Annex comprises test results for the two standardized codecs carried out by ITU-T, where the codecs participated as reference codecs. These results consist of two parts, one part obtained by MUSHRA testing of music and mixed material , the other part obtained by ACR (MOS) and DCR (DMOS) testing of speech material. Attachment-3 contains the complete results for the MUSHRA and ACR and DCR results from the ITU-T tests.

Additional test results by MPEG [2] and EBU [3] provide further information for configurations using the Eaac+ decoder in combination with a non-standardised encoder.  

Since those tests were conducted outside of 3GPP, test conditions, sampling rates and/or bit-rates may not be directly applicable to use cases in a 3GPP environment. 

A1-1: Test results from ITU-T Standardization of G.722-1, Annex C

The results shown in Figs.A1-A6 were derived from experiments involved in the ITU-T standardization of codec G.722.1, Annex C [2], [3]. All six of these experiments were conducted under Mono conditions and involved test items band-limited from 50Hz-14kHz. Two MUSHRA experiments were conducted in the ITU-P2 series of tests [2] that, taken together, characterize the performance of the two 3GPP audio codecs and one reference audio codec across two bit-rates. The MUSHRA tests were conducted with music and mixed content. Figures A1 and A2 show the results of G722-2 MUSHRA tests involving the three audio codecs at 24kbps and 32kbps, respectively. These results are based on the MUSHRA ratings of 20 subjects, 10 test items, and one listening lab (N = 20*10*1 = 200). 

[image: image31.emf]ITU-P2:  24kbps, Mono

72.8

65.8

62.2

35.8

71.0

98.1

0

20

40

60

80

100

AMR-WB+ Eaac+ G.722.1C lp7000 lp10000 hidref

3GPP Audio Codecs Ref. Cod. Anchors

MUSHRA

   [image: image32.emf]ITU-P2:  32kbps, Mono
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 Fig.A1  MUSHRA Results for Audio Codecs               Fig.A2  MUSHRA Results for Audio Codecs                  Operating at 24kbps.



                           Operating at 32kbps.
Figure A3 shows MOS results from the ACR test in Mono mode conducted in the ITU-P1 test series [3]. MOS results are shown for the two 3GPP audio codecs and for one ITU-T reference audio codec, G.722.1-annex C, across two bit-rates, 24k and 32kbps. The MOS tests were conducted with clean speech and speech with various types of background noises. For two of the audio codecs, MOS performance is better at the higher bit-rate (32kbps). However, for AMR-WB+, MOS is higher for 24kbps (4.11) than for 32kbps (3.91). All of the test items involved in the ACR test involved Speech-only audio content.
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Fig.A3  MOS for Audio Codecs at Bit-rates of 24k and 32kbps (Speech-only).
Figures A4, A5, and A6 show results from the three ITU-P1 series of DCR tests, all for the Mono mode. In each of these figures, DMOS results are shown for the three audio codecs across two bit-rates, 24k and 32kbps. The three DCR tests characterize the performance of the audio codecs in background noise conditions. Figure A4 shows DMOS results for Office Noise, Fig.A5 for Interfering Talker, and Fig.A6 for Office Noise plus Interfering Talker. All of the test items involved in the DCR tests also involved Speech-only audio content.
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  [image: image35.emf]ITU-P1:  Interfering talker, Bit-Rate, Mono
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    Fig.A4  DMOS for Audio Codecs at 24k and             Fig.A5  DMOS for Audio Codecs at 24k and    32kbps in Office Background Noise.                         32kbps with Interfering Talker.
[image: image36.emf]ITU-P1:  Office + Interfer. Talker, Bit-Rate, Mono
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Fig.A6  DMOS for Audio Codecs at 24k and 32kbps in Office Noise and Interfering Talker.
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� Note that for this Stereo experiments there are three anchor conditions: 


lp3500 (s12) 	original signal low-pass filtered at 3.5kHz, stereo image reduced by 12dB


lp7000 (s12) 	original signal low-pass filtered at 7.0kHz, stereo image reduced by 12dB


lp7000 (s6) 	original signal low-pass filtered at 7.0kHz, stereo image reduced by 6dB
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