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1 Introduction
This document comprises the Technical Report for the Characterization of the 3GPP Audio Codecs, Enhanced aacPlus (Eaac+) and Extended AMR-WB (AMR-WB+), selected by 3GPP for standardization for Packet switched Streaming Service (PSS), Multimedia Messaging Service (MMS), Multimedia Broadcast and Multicast Service (MBMS), and IMS Messaging Service and Presence Service. 

1.1 Organization of the Subjective Test Results

This report combines data from subjective tests derived from standardization exercises organized in 3GPP and ITU-T. Table 1 shows the test series for each of these standardization exercises including a description, a series label, and a reference to the report containing the test results. 

Table 1. Test Series involved in the Technical Report.

[image: image1.wmf]Standardization Exercise

Label

Ref.

3GPP Audio Codec High Rate Selection Test

ST-HR

[1]

3GPP Audio Codec Low Rate Selection Test

ST-LR

[2]

3GPP Audio Codec Characterization Test, Phase 1

CT-P1

[3]

3GPP Audio Codec Characterization Test, Phase 2

CT-P2

[4]

ITU-T, Q.10/SG16 G.722.1, Annex C Qualification Test-1

G722-1

[5]

ITU-T, Q.10/SG16 G.722.1, Annex C Qualification Test-2

G722-2

[6]


Each of the test exercises listed in Table 1 was conducted in accordance with a test plan. These test plans described in detail the specific tests involved in the program as well as the methods and procedures for conducting the tests. Table 2 summarizes the subjective tests that provided the results reported in this document including details such as the test methodology, test parameters, test and reference codecs, number of listening labs, number of subjects, number of test items, etc.

In the sections that follow, test results are organized by test parameters (e.g., coding bit-rate, packet loss rate, application/service, etc) rather than by test series. However, where appropriate, the source of the test results are referenced using the test series labels shown in Tables 1 and 2.

Table 2. Summary of Subjective Tests Characterizing the Performance of the 3GPP Audio Codecs.
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Method

Test parameter(s)

Audio codec(s)

Reference codec(s)

Additional test information

ST-HR

MUSHRA

32kbps, stereo

Eaac+

AAC-LC RealAudio

2 labs, 15 subjects, 12 items

ST-HR

MUSHRA

48kbps, stereo

Eaac+

AAC-LC RealAudio

2 labs, 15 subjects, 12 items

ST-HR

MUSHRA

32kbps, stereo, 1% & 3% FER

Eaac+

AAC-LC

2 labs, 15 subjects, 12 items

ST-LR

MUSHRA

14kbps, mono, PSS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

18kbps, stereo, PSS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

24kbps, mono, PSS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

24kbps, stereo, PSS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

14kbps, mono, MMS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

18kbps, stereo, MMS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

14kbps, mono, 3% FER, PSS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

ST-LR

MUSHRA

24kbps, stereo, 3% FER, MMS

Eaac+, AMR-WB+

AAC-LC, AMR-WB

4 labs, 15 subjects, 12 items

CT-P1

MUSHRA

bit-rate, Mono

Eaac+, AMR-WB+

none

2 labs, 15 subjects, 12 items

CT-P1

MUSHRA

bit-rate, Stereo

Eaac+, AMR-WB+

none

2 labs, 15 subjects, 12 items

CT-P2

MUSHRA

PLR, Mono, EGPRS

Eaac+, AMR-WB+

none

1 lab, 15 subjects, 12 items

CT-P2

MUSHRA

PLR, Stereo, EGPRS

Eaac+, AMR-WB+

none

1 lab, 15 subjects, 12 items

CT-P2

MUSHRA

PLR, Stereo, UTRAN, Low rate

Eaac+, AMR-WB+

none

1 lab, 15 subjects, 12 items

CT-P2

MUSHRA

PLR, Stereo, UTRAN, High rate

Eaac+, AMR-WB+

none

1 lab, 15 subjects, 12 items

G722-1

ACR

Clean, Bit-rate

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 32 subjects, 6 talkers

G722-1

DCR

Office noise, Bit-rate

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 32 subjects, 6 talkers

G722-1

DCR

Interfering Talker, Bit-rate

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 32 subjects, 6 talkers

G722-1

DCR

Office noise+Inter.Talker, Bit-rate

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 32 subjects, 6 talkers

G722-2

MUSHRA

24kbps, Mono

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 20 subjects, 10 items

G722-2

MUSHRA

32kbps, Mono

Eaac+, AMR-WB+

G.722.1C, aac -LD

1 lab, 20 subjects, 10 items


1.2 Subjective Test Methods

The subjective test results described in this technical report were derived from three standard subjective test methodologies, MUSHRA, ACR, and DCR. 

1.2.1 MUSHRA Test Methodology

The MUSHRA (MUltiple Stimulus with Hidden Reference and Anchors) method is an ITU-R standardized test methodology for the subjective assessment of intermediate audio quality [6]. 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, e.g., 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.

1.2.2 ACR Test Methodology

The Absolute Category Rating (ACR) method is an ITU-T standardized test methodology for the subjective assessment of overall speech quality [7]. On each trial in an ACR test the subject listens to an audio sample and rates the sample on a five-point quality scale. Figure 2 shows an example of a subject’s response interface for an ACR trial. The average of the ratings for a test condition (across subjects, across samples, etc.) is the Mean Opinion Score (MOS) for that condition.


Fig. 2  Example ACR Response Scale.

1.2.3 DCR Test Methodology

The Degradation Category Rating (DCR) method is an ITU-T standardized test methodology for the subjective assessment of relative speech quality [7]. On each trial in a DCR test the subject listens to an audio sample for a reference (i.e., unprocessed) condition followed by the same sample processed by the test condition. The subject rates the quality of the test condition relative to the reference sample on a five-point degradation scale. Figure 3 shows an example of a subject’s response interface for a DCR trial. The average of the ratings for a test condition (across subjects, across samples, etc.) is the Degradation Mean Opinion Score (DMOS) for that condition.


Fig. 3 Example DCR Response Scale.
1.3 Subjective Test Results

In all of these subjective testing methodologies, MUSHRA, ACR, and DCR, 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 MUSHRA 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 results presented in the following sections.

2 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. The 12 test items used in these MUSHRA experiments included equal distribution among three classes of audio content – four items each for Music-only, Speech-only, and Mixed Music+Speech audio content. 

Figure 4 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 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.1 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.
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Fig.4  MUSHRA Results for AMR-WB+ and Eaac+ across bit-rates (Mono)

Figure 5 shows MUSHRA results from the CT-P1 test series for Stereo applications. These results are similar to those in Fig.4 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 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.4, the Mean scores and 95% confidence Intervals are based on 360 votes. 
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Fig.5  MUSHRA Results for AMR-WB+ and Eaac+ across bit-rates (Stereo)

3 Performance Characterization for Error Conditions

Need a section here explaining Packet Loss Rate.

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. The 12 test items used in these MUSHRA experiments included equal distribution among three classes of audio content – four items each for Music-only, Speech-only, and Mixed Music+Speech audio content. 

Figure 6 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 7 shows results for EGPRS, Stereo mode with both codecs operating at 24k.
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Fig.6  Results for EGPRS, Mono Mode at Four Levels of Packet Loss Rate.
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Fig.7  Results for Audio Codecs for EGPRS, Stereo Mode at Four Levels of Packet Loss Rate.
Figure 8 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 9 shows results for UTRAN, Stereo mode with both codecs operating at 40k.
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Fig.8  Results for UTRAN, Stereo Mode (Lower-rate) at Three Levels of Packet Loss Rate
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Fig.9  Results for UTRAN, Stereo Mode (Higher-rate) at Three Levels of Packet Loss Rate.

In general, the results in Figs. 6 and 7 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. Figures 8 and 9 show a similar trend for UTRAN in Stereo mode -- performance decreases with increase in PLR. Moreover, the performance profiles across PLR for the two codecs and for the two bit-rates are similar.

4 Performance Characterization for Intended Applications and Services

Need a section here describing the various intended services:

Packet switched Streaming Service (PSS)

Multimedia Messaging Service (MMS)

Multimedia Broadcast and Multicast Service (MBMS)

IMS Messaging Service and Presence Service. 
4.1 PSS Application

Six MUSHRA experiments were conducted in the ST-LR series of tests that characterize the performance of the two 3GPP audio codecs for the PSS application. Figures 10-15 show the results of these experiments. Each experiment involved the two 3GPP audio codecs plus two reference codecs, AMR-WB and aac, operating at a common bit-rate for the PSS application and each experiment was conducted in four listening labs. The results shown in Figs. 10-15 are based on the MUSHRA ratings of 15 subjects, 12 test items, 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 10 and 11 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.10  MUSHRA Results for Audio Codecs             Fig.11  MUSHRA Results for Audio Codecs 

        at 14kbps, Mono mode for PSS application.             at 24kbps, Mono mode for PSS application.

Figures 12 and 13 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.12 MUSHRA Results for Audio Codecs            Fig.13 MUSHRA Results for Audio Codecs 

     at 18kbps, Stereo mode for PSS application.           at 24kbps, Stereo mode for PSS application.

Figures 14 and 15 show the results for the PSS application for 3% FER -- Mono mode at 18kbps and Stereo mode at 24kbps, respectively. For the Mono mode at 14kbps with 3%FER, AMR-WB+ scores higher than Eaac+ (52.5 vs. 44.3). However, for the Stereo mode at 24kbps with 3%FER, Eaac+ scores higher thanAMR-WB+ (58.0 vs. 53.3). 
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     Fig.14 MUSHRA Results for Audio Codecs            Fig.15 MUSHRA Results for Audio Codecs 

     at 14kbps, Mono mode, 3%FER for PSS.                at 24kbps, Stereo mode, 3%FER for PSS.

4.2 MMS Application

Two MUSHRA experiments were conducted in the ST-LR series of tests that characterize the performance of the two 3GPP audio codecs for the MMS application. Figures 16 and 17 show the results of these experiments. Each experiment involved the two 3GPP 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 in Figs. 16 and 17 are based on the MUSHRA ratings of 15 subjects, 12 test items, and four listening labs (N = 15*12*4 = 720). 

Figure 16 shows the results for the MMS application, Mono mode at 14kbps and Fig.17 shows the results for MMS, Stereo mode at 18kbps. 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

[image: image16.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: image17.emf]ST-LR:  18kbps, Stereo, MMS

50.7

55.7

46.8

22.8

33.1

62.6

64.2

99.9

0

20

40

60

80

100

AMR-

WB+

Eaac+ AMR-  

WB

aac lp3500  

(s12)

lp7000  

(s12)

lp7000  

(s6)

hidref

3GPP Audio

Codecs

Reference

Codecs

Anchors

MUSHRA


     Fig.16  MUSHRA Results for Audio Codecs             Fig.17  MUSHRA Results for Audio Codecs 

     at 14kbps, Mono mode for MMS application.            at 18kbps, Stereo mode for MMS application.

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).

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 section involved 12 test items, four items each for Music, Speech, and Mixed audio content. 

Figures 18 and 19 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). In general the results in Figs. 18 and 19 show a consistent trend -- AMR-WB+ scores better for Speech content and relatively worse for Music content; Eaac+ scores better for Music content and relatively worse for Speech content.  
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Fig.18 Audio Content for Audio Codecs Across Bit-rates (Mono Mode)
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Fig.19 Audio Content for Audio Codecs Across Bit-rates (Stereo Mode)

Figures 20 and 21 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.20 Audio Content for Audio Codecs Across PLR (EGPRS Mono Mode)
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Fig.21 Audio Content for Audio Codecs Across PLR (EGPRS Stereo Mode)

Figures 22 and 23 show results for audio content for the tests conducted in the CT-P2 test series for UTRAN, Stereo mode under conditions of PLR. Figure 22 shows results for lower bit-rates (AMR-WB+ at 20kbps and Eaac+ at 32kbps) and Fig.21 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.22 Audio Content for Audio Codecs Across PLR (UTRAN Stereo Mode)
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Fig.23 Audio Content for Audio Codecs Across PLR (UTRAN Stereo Mode)

The ST-LR series of experiments also involved test items from the three classes of audio content – Music, Speech, and Mixed Music+Speech. Figure 24 summarizes results for a subset of four ST-LR MUSHRA experiments 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. 24 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.24   MUSHRA Scores for four ST-LR Tests (Series A) for Codecs by Class of Audio Content

Figure 25 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. In general, these results show the same trends as those in Fig.24 -- AMR-WB+ scores better for Speech content, worse for Music content and Eaac+ scores better for Music content, worse for Speech content.  
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Fig.25   MUSHRA Scores for four ST-LR Tests (Series B) for Codecs by Class of Audio Content

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. 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 that, taken together, characterize the performance of the two 3GPP audio codecs and two reference audio codecs across two bit-rates. Figures A1 and A2 show the results of G722-2 MUSHRA tests involving the four 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). 
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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. MOS results are shown for the two 3GPP audio codecs and for two reference audio codecs, G.722.1-annex C and AAC-LD, across two bit-rates, 24k and 32kbps. For three 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 four 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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    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.
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Fig.A6  DMOS for Audio Codecs at 24k and 32kbps in Office Noise and Interfering Talker.

Test results from ST-HR series of tests
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 Which category best describes


 the quality of the sample?





5   Excellent


4   Good


3   Fair


2   Poor


1   Bad








 Which category best describes the second 


 sample compared to the first sample?





 5  Degradation is inaudible


 4  Degradation is audible but not annoying


 3  Degradation is slightly annoying


 2  Degradation is annoying


 1  Degradation is very annoying











Note – this document represents the core discussion (ver.0.4) of the subjective test results characterizing the selected 3GPP audio codecs for TR26.936. It is recognized here that this discussion constitutes a small but significant part of the TR.  
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