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1. Introduction

A Study Item on “A interface over IP” was agreed at GERAN #35. At GERAN #36 meeting common consensus on using RFC profile recommended by ITU-T for user plane has been reached.  Unfortunately, the existing RFC3551 [1] has not yet included the profile of HR which has been eventually designed in TS 101 138 ITU-T Recommendation [2]. 
From technical point of view there should be no obstacle on the way to use the profile of HR for GERAN. 
This contribution reviewed the HR profile in TS 101 138 with minor changes on the chapter numbers and proposed the way forward on AoIP issue.

2. RFC Profile in TS 101 138
2.1
GSM 06.20 half rate codec

The GSM half rate codec has frame length of 112 bits. Every frame is encoded into one 14 octet (112 bit) buffer. There shall be no signature.

The bits in RTP buffer are numbered from r1 (the most significant bit of first octet) to r112  (the least significant bit of last octet). Within the GSM 06.20 codec parameter bits are numbered in big-endian manner.

The order of occurrence of the codec parameters in the buffer is the same as order of occurrence over the Abis as defined in annex B of ETS 300 969 [5].

The discontinuous transmission (ETS 300 972 [7]) and the generation of comfort noise (ETS 300 971 [6]) is integral part of the half rate codec. RTP implementations shall be able to support DTX according to [6], [7].
2.2
Encoding of speech frames

There are two alternative formats of a ETS 300 969 [5] speech frames. The first form is for codec mode 0 (unvoiced speech), the second form is for modes 1, 2 and 3 (voiced speech).

Table 2: The order of GSM 06.20 half rate speech codec parameters in RTP buffer (MODE=0)
	Parameter
	No. of bits
	Bit No. (MSB-LSB)

	R0
	5
	r1 - r5

	LPC1
	11
	r6 - r16

	LPC2
	9
	r17 - r25

	LPC3
	8
	r26 - r33

	INT_LPC
	1
	r34

	MODE
	2
	r35 - r36

	CODE1_1
	7
	r37 - r43

	CODE2_1
	7
	r44 - r50

	GSP0_1
	5
	r51 - r55

	CODE1_2
	7
	r56 - r62

	CODE2_2
	7
	r63 - r69

	GSP0_2
	5
	r70 - r74

	CODE1_3
	7
	r75 - r81

	CODE2_3
	7
	r82 - r88

	GSP0_3
	5
	r89 - r93

	CODE1_4
	7
	r94 - r100

	CODE2_4
	7
	r101 - r107

	GSP0_4
	5
	r108 - r112


Table 3: The order of GSM 06.20 half rate speech codec parameters in RTP buffer (MODE=1, 2 or 3)
	Parameter
	No. of bits
	Bit No. (MSB-LSB)

	R0
	5
	r1 - r5

	LPC1
	11
	r6 - r16

	LPC2
	9
	r17 - r25

	LPC3
	8
	r26 - r33

	INT_LPC
	1
	r34

	MODE
	2
	r35 - r36

	LAG_1
	8
	r37 - r44

	CODE1
	9
	r45 - r53

	GSP0_1
	5
	r54 - r58

	LAG_2
	4
	r59 - r62

	CODE2
	9
	r63 - r71

	GSP0_2
	5
	r72 - r76

	LAG_3
	4
	r77 - r80

	CODE3
	9
	r81 - r89

	GSP0_3
	5
	r90 - r94

	LAG_4
	4
	r95 - r98

	CODE4
	9
	r99 - r107

	GSP0_4
	5
	r108 - r112


2.3
Encoding of silence indication frames
The half-rate codec SID frame is encoded according to the ETS 300 971 [6].

A SID frame is identified by a SID codeword consisting of 79 bits which are all 1. The parameters in table 4 have to be set as shown in order to mark a frame as a SID frame.

Table 4: SID codeword for half rate speech codec

	Parameter
	No. of bits
	Value (Hex)

	INT_LPC
	1
	116
	　

	MODE
	2
	316
	　

	LAG_1
	8
	FF16
	　

	CODE1
	9
	1FF16
	　

	GSP0_1
	5
	1F16
	　

	LAG_2
	4
	F16
	　

	CODE2
	9
	1FF16
	　

	GSP0_2
	5
	1F16
	　

	LAG_3
	4
	F16
	　

	CODE3
	9
	1FF16
	　

	GSP0_3
	5
	1F16
	　

	LAG_4
	4
	F16
	　

	CODE4
	9
	1FF16
	　

	GSP0_4
	5
	1F16
	　


2.4
Encoding of scrambled speech frames
The use of the scrambled field is for further study.

3. Conclusions

It is proposed the following steps in order to push the progress of AoIP TR to meet the requirements of operators.
Step 1:  AoIP interesting companies are encouraged to comment on the technical issue of HR RFC profile mentioned above, probably offline since the lack of expertises on RFC issues in G2 meeting.

Step 2: If common consensus would be reached by interesting companies, 3GPP GERAN2 kindly takes the RFC profile specified in [2] as the packetization method of HR in AoIP TR prior to append HR profile into RFC3551 officially by IETF.
Step 3: AoIP interesting companies are invited together to append HR profile into RFC3551 ITU-T recommendation quickly and officially through the effort of IETF delegates. Step 2 and step 3 could be done in parallel.
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