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ITU-T Q.8/12 is dealing with the E-model, a network planning tool which provides transmission rating estimates for narrow-band end-to-end transmission scenarios. The current version of the E-model is given in ITU-T Rec. G.107 (2005).
Within the E-model, the effect of codecs is taken into account by so-called equipment impairment factors, Ie. An equipment impairment factor quantifies the additional degradation introduced by a specific speech codec on the transmission rating scale underlying the E-model. Ie values for a number of codecs are defined in Appendix I to ITU-T Rec. G.113 (2007). They have been derived from a large number of subjective experiments in the past, and seem to be relatively stable.

In order to allow the E-model to also predict quality for transmission scenarios involving the AMR narrow-band codecs, corresponding equipment impairment factors have to be determined. Q.8/12 obtained the subjective test results from a number of experiments which consider the narrow-band versions of AMR. From these tests, we used only the ones which address the impact of codecs without background noise, and used only the conditions which do not include transmission errors. More specifically, we used results from the following tests:
	Test
	Lab
	Purpose

	Characterization, Test 1a
	AT&T, Berkom
	Effect of Errors in Clean Speech Conditions in Full Rate

	Characterization, Test 1b
	AT&T, Berkom
	Effect of Errors in Clean Speech Conditions in Half Rate

	Characterization, Test 2
	Berkom, Nortel
	Interoperability Tests

	Characterization, Test 6
	AT&T, COMSAT
	Influence of the Listening and Input Levels and Tandeming in Clean Speech

	3G, Test 1a, 1b and 1c
	Dynastat, COMSAT, NTT
	Clean Speech Performance Under Static Error Conditions


Based on the subjective MOS values, equipment impairment factors have been derived using the methodology which is described in ITU-T Rec. P.833 (2003). This methodology requires a number of reference codec conditions to be included in the same test the new Ie values are derived from. As the corresponding values for these codecs are known, they can be used for normalizing the newly-derived Ie values so that they fit into the existing values given in Appendix I to ITU-T Rec. G.113. Although the tests given above do not include all references required in ITU-T P.833, the methodology is considered to be stable enough to also provide reasonable values with fewer references.
Details on the tests used, the applied methodology and the obtained results can be found in COM 12-C182, cf. the attached document. Comparing the derived values with some of the values which are considered to be “equivalent” to AMR at the bitrates of 12.2 (GSM-EFR), 7.4 (IS-641) and 6.7 kbit/s (PDC-EFR), we discovered larger deviations especially for the 12.2 and 6.7 kbit/s versions. The obtained Ie values and the ones defined for the “equivalent” codecs are summarized in the following table.

	Codec and bit-rate (kbit/s)
	Derived Ie value
	Equivalences
	Defined Ie in G.113

	AMR-NB 12.20
	8.9
	GSM-EFR
	5

	AMR-NB 10.20
	9.4
	
	

	AMR-NB 7.95
	11.2
	
	

	AMR-NB 7.40
	11.6
	IS-641
	10

	AMR-NB 6.70
	12.7
	PDC-EFR (Japanese PDC)
	24

	AMR-NB 5.90
	15.6
	
	

	AMR-NB 5.15
	16.9
	
	

	AMR-NB 4.75
	17.9
	
	


SG12 would like to kindly ask 3GPP experts to help clarifying the observed differences. From the obtained values, it seems that AMR-NB at 12.2 kbit/s is of slightly lower quality than GSM-EFR, and that AMR-NB at 6.7 kbit/s is considerably better than PDC-EFR. We would like to get insight in what the “equivalence” mean, i.e. whether there is bit-exact correspondence between the codecs or not, and whether the amount and the direction of the differences (i.e. which is the better/worse codes) is considered to be right or not.

In case that the reasons for the obtained differences can be clarified, ITU-T SG12 would be happy to include stable equipment impairment factors values for the AMR-NB codec variants into its Rec. G.113, so that the E-model can be used with these codecs as well.
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Provisional Equipment Impairment Factors Ie for the Narrow-band Adaptative Multi-Rate (AMR) Speech Codec


Summary


This contribution describes an analysis of speech quality experiments in order to derive equipment impairment factors (Ie) for the narrow-band Adaptative Multi-Rate (AMR) speech codec [1]. These impairment factors are calculated based on a normalization procedure following the ITU-T Recommendation P.833 [2]. Since the auditory tests used in this contribution do not include frame-loss conditions but mobile transmission errors instead (C/I in dB), no Bpl parameter (packet-loss robustness fator) was estimated from the auditory MOS.

Auditory Experiments


For speech transmission networks, the E-model [3] is used as a speech quality prediction model for transmission planning purposes. In this model, the equipment impairment factor Ie is used for describing the degradations associated with a specific coding-decoding process. Ie values are calculated on a so-called transmission rating scale (or R-scale) reflecting the overall quality of the connection. Details on the approach can be found in Rec. G.107 [3]. The overall transmission rating R can finally be transformed onto an estimation of a mean opinion score, MOS, and vice-versa.

Overall, 34 auditory tests have been performed during the Characterization phase of the Adaptative-Multi-rate (AMR) codec in 1999 [4]. In addition, four other tests were carried-out in order to characterize AMR codec in the third generation mobile network. A general analysis of the obtained results is given in [5]. For the purpose of this contribution, eleven auditory tests were selected; (i) four tests from the first characterization phase, each of them carried out in two languages, and (ii) three tests from the characterization phase for the third generation network. These eleven tests have been performed in accordance with Recommendations P.800 [6]. Results were obtained on a 5-point ACR overall quality scale. Mean Opinion Scores, MOS, were derived from the experimental results. Table 1 summarizes the auditory tests and experimental conditions. The protocol and test-plans of these experiments are described in detail in [5].

Unfortunately, the plans of these tests were not made for the purpose of a normalization procedure following the ITU-T Recommendation P.833 [2]. Consequently, only few of the reference codecs required in Rec. P.833 were included.

Several equivalences exist between the narrow-band AMR and standardized speech codecs. These equivalences are given in Table 2. A second goal of this paper is to check these equivalences. As an example, the highest bit-rate of the AMR (12.2 kbit/s) is bit-exact equivalent to the GSM-EFR.


Table 1: Experimental conditions


		Test

		Lab

		Purpose

		References



		Characterization, Test 1a

		AT&T, Berkom

		Effect of Errors in Clean Speech Conditions in Full Rate

		GSM-EFR



		Characterization, Test 1b

		AT&T, Berkom

		Effect of Errors in Clean Speech Conditions in Half Rate

		G.728, GSM-EFR, GSM-FR, GSM-HR, 



		Characterization, Test 2

		Berkom, Nortel

		Interoperability Tests

		GSM-FR, GSM-HR



		Characterization, Test 6

		AT&T, COMSAT

		Influence of the Listening and Input Levels and Tandeming in Clean Speech

		G.729, GSM-EFR, GSM-FR, GSM-HR



		3G, Test 1a, 1b and 1c

		Dynastat, COMSAT, NTT

		Clean Speech Performance Under Static Error Conditions

		G.729, G.726, G.723.1, IS-127, GSM-FR





Table 2: Equivalences of AMR and other codecs

		Bit-rate (kbit/s)

		Equivalences

		Ie G.113 [6]



		12.20

		GSM-EFR

		5



		10.20

		

		



		7.95

		

		



		7.40

		IS-641

		10



		6.70

		PDC-EFR (Japanese PDC)

		24



		5.90

		

		



		5.15

		

		



		4.75

		

		





Derivation


Auditory MOS values of these eleven experiments were used to derive equipment impairment factors. However, in order to obtain reliable Ies, a specific protocol is needed. At first, the auditory MOS values are transformed towards the R-scale underlying the E-model. The Ie values are then defined as the difference between the “direct” condition and the condition under study. Since in none of the test MOS values higher than 4.5 have been obtained, these values can directly be transformed to the R-scale. Table 3 shows the resulting Ie values for the eleven auditory tests and the average values. At first, as expected, the equipment impairment factor increases when the bit-rate of the AMR speech codec decreases. In addition, a gap is obtained between the AMR codec at the highest bit-rate and the GSM-EFR codec. All averaged Ie values for the reference conditions are higher than the Ie values standardized in the ITU-T Rec. 113 [7]. Consequently, a normalization procedure following the ITU-T recommendation P.833 was applied. A linear relationship computed by:


y = a * x + b


is estimated between the expected Ie values of the references include in each test, and the auditory Ie shown in Table 3. The Figure 1 shows a linear interpolation for experiment 1b (Berkom) from the first characterization phase. Table 4 gives the results obtained after the normalization step.

Table 3: Ie values

		Codec

		Bit-rate (kbit/s)

		1a

		1b

		2

		6

		3G


1a

		3G


1b

		3G


1c

		Average



		Direct

		-

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0

		0.0



		G.728

		16

		

		

		3.2

		17.8

		

		

		

		

		

		

		

		10.5



		GSM-EFR

		12.2

		5.7

		13.2

		-1.4

		9.7

		

		

		5.3

		9.1

		

		

		

		6.9



		GSM-FR

		

		

		

		16.6

		27.9

		26.9

		27.0

		19.2

		21.5

		35.0

		39.3

		37.4

		27.9



		GSM-HR

		

		

		

		18.9

		31.7

		29.1

		29.6

		22.0

		19.3

		

		

		

		25.1



		AMR

		12.2

		8.2

		11.4

		

		

		12.6

		10.2

		9.3

		12.9

		16.6

		29.4

		20.6

		14.6



		AMR

		10.2

		4.4

		11.9

		

		

		12.4

		14.0

		11.4

		12.7

		20.1

		31.2

		19.2

		15.3



		AMR

		7.95

		7.9

		16.1

		5.3

		10.6

		18.6

		18.4

		13.7

		13.9

		25.9

		33.3

		19.0

		16.6



		AMR

		7.40

		11.7

		16.3

		9.9

		15.7

		15.5

		16.8

		12.9

		11.8

		26.9

		30.5

		23.0

		17.3



		AMR

		6.70

		12.0

		18.8

		9.3

		15.7

		18.6

		23.2

		15.0

		11.8

		29.4

		30.3

		19.0

		18.5



		AMR

		5.90

		13.8

		19.5

		14.9

		22.2

		24.9

		26.3

		16.8

		13.1

		32.3

		34.0

		24.8

		22.0



		AMR

		5.15

		16.4

		26.0

		13.6

		22.4

		24.1

		27.6

		19.9

		16.2

		36.7

		37.9

		23.4

		24.0



		AMR

		4.75

		18.7

		24.0

		17.0

		23.9

		27.1

		28.6

		20.2

		17.3

		36.3

		38.1

		23.6

		25.0



		G.729

		8

		

		

		

		

		

		

		12.6

		14.4

		25.0

		28.0

		21.2

		20.2



		G.729

		11.8

		

		

		

		

		

		

		8.4

		9.8

		

		

		

		9.1



		G.729

		6.4

		

		

		

		

		

		

		16.3

		14.6

		

		

		

		15.4



		G.726

		32

		

		

		

		

		

		

		

		

		20.9

		28.3

		17.3

		22.2



		G.723.1

		6.3

		

		

		

		

		

		

		

		

		28.7

		31.8

		21.4

		27.3
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Figure 2: Linear interpolation of reference codecs from Test 1b (lab: Berkom) following the Rec. P.833


In Table 4, we observe a negative Ie value for the direct condition. This effect is due to the normalization step. For the reference codecs, we obtain similar Ie values as expected for mobile network codec; GSM-EFR, GSM-FR and GSM-HR. However, for the ITU-T speech codec, the normalized Ie values are slightly higher or lower than expected; G.728 at 16 kbit/s, G.723.1 at 6.3 kbit/s and G.729 at 8 kbit/s.  For the AMR codec, the equipment impairment factor increases with decreasing bit-rate. At last, the AMR codec at 12.2 kbit/s obtains a lower quality than his equivalent codec, GSM-EFR. The same trend is obtained for the AMR at 7.4 kbit/s. This bit-rate should be equivalent to the IS-641 speech codec. However, the AMR obtains a lower quality. For the last equivalence, the AMR codec at 6.7 kbit/s obtains a better quality than is equivalent codec PDC-EFR.

Table 4: Averaged normalized impairment factor values Ie833, firstly derive Ie, and expected Ie from ITU-T Rec. G.113

		Codec

		Bit-rate (kbit/s)

		Ie

		Ie833

		Exp Ie [7]



		Direct

		-

		0.0

		-0.9

		0



		G.728

		16

		10.5

		9.1

		7



		GSM-EFR

		12.2

		6.9

		5.3

		5



		GSM-FR

		

		27.9

		20.4

		20



		GSM-HR

		

		25.1

		23.8

		23



		AMR

		12.2

		14.6

		8.9

		5



		AMR

		10.2

		15.3

		9.4

		



		AMR

		7.95

		16.6

		11.2

		



		AMR

		7.40

		17.3

		11.6

		10



		AMR

		6.70

		18.5

		12.7

		24



		AMR

		5.90

		22.0

		15.6

		



		AMR

		5.15

		24.0

		16.9

		



		AMR

		4.75

		25.0

		17.9

		



		G.729

		8

		20.2

		11.8

		10



		G.729

		11.8

		9.1

		9.1

		



		G.729

		6.4

		15.4

		15.4

		



		G.726

		32

		22.2

		9.3

		7



		G.723.1

		6.3

		27.3

		12.0

		15





Conclusion


In this contribution, we try to estimate Ie values for the Adaptative Multi-Rate (AMR) codec. We followed the methodology given in ITU-T Rec. P.833. We found the expected values for the mobile network speech codec (GSM). We propose that consistent results of this contribution be included into Appendix I to Rec. G.113 [7]; however, before this can be done, the “equivalences” between some of the AMR codecs and other codecs – in particular for the AMR-NB@6.7 kbit/s and PDC-EFR – have to be clarified, because the resulting Ie values differ. Proper Ie values for the AMR speech codec should be included for all bit-rates instead of equivalences.
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