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1 Introduction

As part of the WB-AMR Verification Phase, Deutsche Telekom (DT) did participate in the testing of the candidate's performance. DT has performed some test of the WB-AMR candidate with respect to the candidate's performance when transmitting music signals. The results of the experiments are based on the analysis of expert listeners. 

This contribution describes the tests that have been performed at Deutsche Telekom and the corresponding results. 

2 Test Design

2.1 Music signals

Four different music signals have been used: 


classical, instrumental: 

Beethoven, Symphony No. 9, part 2
   (49sec) 


classical, vocal:


Beethoven, Fidelio  (26sec)


modern, instrumental:

M. Knopfler (Guitar)  (31sec)


modern, vocal:


Beatles, "Help"  (31sec)

By using this selection, a wide variety of different styles is covered in the analysis. 

The signals were sampled at 48kHz and cut to the durations listed above. All signals start from a quiet phase of the music. Therefore, no windowing had to be applied to the signal in the beginning. In the end, the signals have not been windowed, but always ended in relatively faint part of the music. 

2.2 Codec and reference conditions

The following table lists the conditions that have been processed for each of the four long files: 

	C01
	Mode 8   (23.85 kbit/s)
	DTX = 0

	C02
	Mode 5   (18.25 kbit/s)
	DTX = 0

	C03
	Mode 2   (12.65 kbit/s)
	DTX = 0

	C04
	Mode 0   (6.6 kbit/s)
	DTX = 0

	C05
	Mode 8 
	DTX = 1

	C06
	Mode 5 
	DTX = 1

	C07
	Mode 2 
	DTX = 1

	C08
	Mode 0 
	DTX = 1

	C09
	g.722 @ 48 kbit/s
	-

	C10
	direct
	-


Table 1: List of Conditions used for the test

2.3 Processing

2.3.1 Pre-processing

· The original input music signals have been sampled at 48 kHz. 

· A reasonable part of the signal has been extracted (see section 2.1). 

· The signals have been down-sampled to 16 kHz sampling rate by using the high quality FIR downsampling filter ("HQ3") of the ITU-T UGST "filter" program. 

· The 16kHz signal is then filtered using the P.341 send-mask FIR filter. 

· The level of the signals has been adjusted to -26 dBov using the "sv56demo" program of the ITU-T UGST library. The "-rms" flag has been used, i.e. no speech activity detection took place for the calculation of the signal's energy. 

· Finally, each sample of the signal is rounded from 16 bit to 14 bit representation.

This preprocessing methodology follows the preprocessing rules defined in the Selection Phase Test Plan (AMR WB-8b). The resulting signals have been stored in a separate directory. They are referred to as "preprocessed" signals. 

2.3.2 main processing

Main processing does involve the encoder and the decoder only. For each of the codec conditions in Table 1, the codec was called using

coder     [-dtx]  mode   infile outfile_tmp

decoder   outfile_tmp  outfile

We did use version 1.2 of the Nokia encoder and decoder program, which was delivered via e-mail to us on January, 31st, 2001. The difference from Version 1.1 (which has been sent via Disk before) to Version 1.2 is a modified DTX solution. Only the source files related to dtx have been changed.  The "-dtx"-Option has been used for conditions 05, 06, 07, and 08, only.  

The reference codec G.722 was executed using 

g722demo    infile  outfile  3

which is the calling sequence to be used for G.722 operating at 48 kbit/s. 

2.3.3 post-processing

After the main-processing, each signal was again rounded from 16 Bits to 14 bits.  As in the Selection Phase Test Plan (AMR WB-8b), no filtering was applied to the wideband signals during the post processing. 

3 Expert Listening test

The processed signals were analysed and compared by some of DT's speech coding experts. For the listening, we did use binaural headphones (mono signal, binaural presentation) as well as loudspeakers.  The complete list of conditions and the corresponding bit rates were known to all listeners from the file names being presented. All experts listened to the files in full length. 

The impression of the subjective quality was then described by each listener. The impressions were discussed within the group of  experts. For each bit rate, the summary agreed by all listeners is listed below. 

4 Results

4.1 General impression

Using music as input signal, the intrinsic properties of the CELP speech coding algorithm become more obvious: Whenever speech (i.e. singing) is present, the coding quality seems to be better than the coding quality of instrumental music, because the speech is usually transmitted better than instrumental music.  For instrumental parts of the music, degradations and distortions become more audible. 

4.2 Bit rates of the WB-AMR candidate 

For the highest bit rate of 23.85 kbit/s (mode 8), the experts usually rated the quality of the music signal  similar or very close to the quality of the G.722 codec at 48 kbit/s.  For some music samples (Beethoven 9th symphony, Beatles), there are audible degradations, which led to the conclusion that G.722 is sometimes equivalent, sometimes slightly preferred to the WB-AMR candidate. This high bit rate mode, however, was generally felt acceptable by all experts. But it should be noted, that this analysis is not able to decide whether G722@48 kbit/s is equivalent or superior to the WB-AMR candidate at 23.85 kbit/s in a statistical sense.

For medium bit rate at 18.25 kbit/s (mode 5), all experts agreed in preferring the subjective quality of the G.722@48 kbit/s. For music transmission, the quality of the WB-AMR candidate was felt acceptable by two experts, while three experts did consider the quality not acceptable.

After listening to the processed files at 12.65 kbit/s (mode 2), all experts agreed that the music signals are significantly distorted. It was felt, that the quality of the music signal is not sufficient for music transmission at this bit rate.

At bit rates as low as 6.60 kbit/s (mode 0), we perceived very strong degradation. However, the processed signals are still recognizable as music. 

4.3 Effect of DTX

The experiments indicate, that DTX on or off does not have a relevant influence on the perceived music's quality. In fact, it is generally inaudible whether DTX was set to 0 or 1. 

5 Summary

The WB-AMR Codec candidate's performance with music signals is satisfactory at the highest bit rate of 23.85 kbit/s. However, it should be noted that even at this bit rate, the experts could not reach consensus on the question of full equivalence to the G.722 codec at 48 kbit/s.  For all other bit rates that have been considered in this test, the quality was felt significantly below the quality of G.722@48kbit/s. 

During the listening, we did not observe any clicks or instabilities in the processsed samples of any bit rate of the AMR-WB candidate codec. The processed signals were always recognizable as music.

Note: This document has been typeset with an Apple LaserWriter 12-640 PS printer driver under Windows NT (A4 paper). For an equivalent pagination, please use the same printer driver.  Note a pdf version of this document is also available.



Page: 1 of 1
Page: 4 of 4 


