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1. Introduction

The characterisation of default codecs of the packet switched conversational multimedia service is still open in 3GPP. This contribution presents an overview on the experiments carried out to evaluate speech quality of Voice over IP (VoIP) traffic run over simulated 3G WCDMA radio link using AMR-WB speech codec. The results are presented for information only to open up the discussion on default codec characterisation. In addition, the contribution presents some preliminary ideas regarding the characterisation of conversational multimedia codecs as well as finalisation of AMR-WB characterisation.

Section 2 describes the subjective evaluation of AMR-WB in packet switched network and provides the results. Section 3 lists some of the required actions to start the characterisation.

2. Subjective evaluation of AMR-WB

The purpose of the AMR-WB listening test experiments was to evaluate the usefulness of the AMR RTP format options designed to provide enhanced robustness against transmission errors [3]. 

2.1 Codecs under test

The speech quality evaluation experiment dealt with AMR-WB in different (radio channel) error conditions when using either “robust sorting” or “crc” options of the AMR RTP payload format. The test conditions and RTP payload format was intended for conversational type application. Therefore, other payload format options, such as interleaving, were not tested.

2.2 Network conditions

Since the main purpose of the tests was to evaluate the AMR RTP payload format options, we used somewhat simplified network modelling to limit the errors to occur only due to transmission errors on radio link(s). 

The WCDMA radio channel condition used in simulations was Vehicle A at 50 km/h. The simulated channel was 16 kbit/s (= 40 bytes in every 20 ms transmission time interval). The applied channel error patterns were simply inserted to IP/UDP/RTP packets. The packets larger than 40 bytes were segmented accordingly to 20 ms transport time intervals. We used radio link models with FER=1% and FER=3%, and applied these either only for one radio link (uplink only) or for two radio links (uplink + downlink). 

To simplify the test conditions, the core network part was assumed not to introduce any packet losses, and also the delay caused by the network was assumed to be static. Thus, the simulation set-up did not introduce dropped frames/packets due to jitter buffer operation either.

The simulated basic protocol stack was IPv6/UDP/RTP with ROHC header compression [4] in each simulated radio link. We had also test cases with UDP lite [5] and ‘classic’ UDP to enable comparison for cases where we can utilize AMR RTP payload format options for better error robustness.

2.3 Test conditions

The tests were performed in Nokia Research Center Tampere listening test facilities conforming ITU standards for listening laboratory. Total of 32 naïve Listeners were recruited. Listeners were required to have normal hearing in at least one ear. All listeners had Finnish as native language. Samples were presented monaurally to the listeners preferred ear over a high quality headphone with other earpiece removed.

Reference conditions for all experiments included Modulated Noise Reference Units (MNRU) at 6, 15, 24, 33 and 42 dB. The experiment also included uncoded case (“direct”) as high quality reference. All test samples consisted of two sentences in Finnish as clean speech without environmental background noise. 

2.4 AMR-WB evaluation

The AMR-WB experiment consisted of 19 different test conditions, as listed in Table 1. The main motivation behind this experiment was to compare “robust sorting” and “crc” options combined with UED provided by UDP lite against conventional approach using UDP without any tolerance to bit errors. To illustrate performance in different scenarios the test conditions included different radio link conditions and packet sizes (as number of frames per packet). AMR-WB codec at 12.65 kbit/s mode was used for all test conditions. The graph in Figure 1 presents the results.

	#
	Condition name
	Packetization options
	FER (UL)
	FER (DL)
	Frames per packet
	Payload size
	UDP Checksum coverage

	1
	Error-free
	-
	-
	-
	-
	-
	-

	2
	ul1_udp
	-
	1%
	-
	1
	33 bytes
	33 (100%)

	3
	ul1_udplite
	-
	1%
	-
	1
	33 bytes
	11 (33%)

	4
	ul1_udplite_crc
	Crc
	1%
	-
	1
	35 bytes
	2 (6%)

	5
	ul1_udp_x3
	-
	1%
	-
	3
	98 bytes
	98 (100%)

	6
	ul1_udplite_x3
	robust sorting
	1%
	-
	3
	100 bytes
	31 (31%)

	7
	ul1_udplite_crc_x3
	Crc
	1%
	-
	3
	103 bytes
	4 (4%)

	8
	ul3_udp
	-
	3%
	-
	1
	33 bytes
	33 (100%)

	9
	ul3_udplite
	-
	3%
	-
	1
	33 bytes
	11 (33%)

	10
	ul3_udplite_crc
	Crc
	3%
	-
	1
	35 bytes
	2 (6%)

	11
	ul3_udp_x3
	-
	3%
	-
	3
	98 bytes
	98 (100%)

	12
	ul3_udplite_x3
	robust sorting
	3%
	-
	3
	100 bytes
	31 (31%)

	13
	ul3_udplite_crc_x3
	Crc
	3%
	-
	3
	103 bytes
	4 (4%)

	14
	ul3_dl3_udp
	-
	3%
	3%
	1
	33 bytes
	33 (100%)

	15
	ul3_dl3_udplite
	-
	3%
	3%
	1
	33 bytes
	11 (33%)

	16
	ul3_dl3_udplite_crc
	Crc
	3%
	3%
	1
	35 bytes
	2 (6%)

	17
	ul3_dl3_udp_x3
	-
	3%
	3%
	3
	98 bytes
	98 (100%)

	18
	ul3_dl3_udplite_x3
	robust sorting
	3%
	3%
	3
	100 bytes
	31 (31%)

	19
	ul3_dl3_udplite_crc_x3
	Crc
	3%
	3%
	3
	103 bytes
	4 (4%)


Table 1: Test conditions for AMR-WB experiment (UL = uplink, DL = downlink, “checksum coverage” indicates number of speech payload bytes covered by UDP or UDP lite checksum, note that in practice this checksum also covers RTP header).
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Figure 1: Results of the AMR-WB experiment (CIL=95% confidence interval lower limit, CIU=95% confidence interval upper limit).

2.5 Conclusions on the test results

The listening tests presented in this section provide some information about the AMR-WB transport payload functionalities and performance in channel error conditions. The overall performance degradation of the codec in frame errors does not seem to differ between packet and circuit switched networks. 

3. Characterisation

The tests described in Section 2 give some indication about the codec performance characterisation in packet switched networks. However, the end-to-end network model in this particular test was simplified since more emphasis was given to AMR and AMR-WB payload functionality. In addition, the test covered transport format functionality, such as multiple frames in a packet, UDP lite and crc options, which are not specified for 3GPP conversational multimedia. 

To finalise the characterisation of the conversational multimedia service default codecs and AMR-WB more extensive testing is needed. And, in addition to speech media type, the other media types specified in conversational multimedia services should also be added in the test plan. 

3.1 Test plan

To start the characterisation testing, a test plan is needed. The plan should cover for examples the items below:

Codecs:

· Codec for each media type (audio and video).

· Different source bit rates. 

· Subjective or objective testing of video.

· Joint speech and video transmission.

· Test conditions. 

Radio network conditions:

· Several radio channel bit rates need to be covered since the specified speech and video codecs may operate on several different bit rates.

· Different frame (packet) error ratios.

· Different channel models.

· Different RLC modes may imply different performance characteristics.

· For AMR-WB, the channel models could be the same that were used in circuit switched testing. That would simplify the testing and give better understanding of the performance of the codec in packet switched environment.

Core network conditions:

· Jitter and packet loss characteristics may not need to be modelled. Jitter modelling would imply that the simulated receiver and media decoder need to have a jitter buffer to cope with the varying latency.

Number of experiments:

· Speech in channel error conditions

· Video in channel error conditions

3.2 Characterisation schedule

The test plan should be finalised at latest by the TSG-SA4 #23 meeting in September after which the processing of the samples and testing could be started. The required funding may only be estimated after the number of experiments and required work is known.

4. Conclusions

This contribution provided listening test results of AMR-WB speech codecs in packet switched network. The modelled end-to-end network was simplified since the main emphasis of the test was on transport functionality evaluation. To open the discussion and proceed with the characterisation of 3GPP packet switched conversational multimedia default codecs some ideas for the characterisation test plan were listed. 
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