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1 Introduction

This contribution is a report on the IETF AVT Working Group's response to Tdoc SMG2 1137/00 "LS on RTP Encoding of GSM AMR Codec" [reference 1].  The report includes a discussion about what transpired at the IETF AVT Working Group meeting in Pittsburgh, PA, United States on Thursday August 3, 2000.  The report also includes a series of e-mail messages exchanged between Stephen Casner (Chair of IETF AVT Working Group), Colin Perkins (Chair of IETF AVT Working Group), and Peter Barany (Nortel Networks) (see Appendix B of this contribution).  Finally, as a reference, Appendix A of this contribution contains a copy of Tdoc SMG2 1137/00.

2 IETF AVT Working Group Agenda for Thursday August 3, 2000

The IETF AVT Working Group meeting convened on Wednesday and Thursday August 2-3, 2000.  The standardization of the RTP payload format for the GSM AMR speech codec was part of the IETF AVT Working Group agenda on Thursday August 3, 2000.  Tdoc SMG2 1136/00 "LS on RTP Encoding of GSM AMR Codec" was handled/discussed during that part of the IETF AVT Working Group meeting.  That portion of the agenda is shown below:

RTP payload format for AMR (1:00 PM - 3:00 PM EDT, Thursday August 3, 2000)

· Liaison statement from ETSI SMG2 (Barany)


5  minutes

· draft-sjoberg-avt-amr-01.txt (Sjoberg)




5 minutes

· draft-fingscheidt-avt-rtp-amr-00.txt (Wimmer)


5 minutes

· draft-wimmer-amr-01.txt

· Discussion












10 minutes

3 Report

Regarding Tdoc SMG2 1137/00, several of the questions contained therein were answered in advance by Stephen Casner (Chair of IETF AVT Working Group) and Colin Perkins (Chair of IETF AVT Working Group) in e-mail message #4 in Appendix B of this contribution.  The following key remarks by the Chairs in that e-mail message are captured below along with editor's comments reflecting further actions taken during the actual face-to-face meeting.

· RTP payload formats for AMR are certainly within the scope and charter of the AVT working group.

· It should be possible to meet the schedule you propose, at least to get to the point of requesting publication of the drafts as RFCs.  Additional time is consumed for the RFC publication process beyond the control of the working group.

· We have already had presentations of proposed payload formats for AMR at the last IETF meeting in March, and it is our understanding that those proposals were to be merged and the resulting synthesis submitted as a new draft payload format.

Editor's comments: See [reference 3], [reference 4], [reference 5] of this contribution. These proposals are similar.  Note that [reference 2] is a subset of these Internet drafts.  Therefore, a consensus exists among at least 4 vendors (Ericsson, Nokia, Nortel Networks, Siemens).

· The FR, HR and EFR encodings are already addressed in the draft revision of the RTP audio/video profile (which is Internet-Draft draft-ietf-avt-profile-new-08.txt) based on the packetizations specified by ETSI Technical Specification TS 101 318.  Is there any requirement to change these?

Editor's comments: Yes.  An Ad Hoc meeting was held afterwards to discuss this issue.  The attendees were Allison Mankin (IETF Transport Area Director), Stephen Casner (Chair of IETF AVT Working Group), Colin Perkins (Chair of IETF AVT Working Group), Peter Barany (Nortel Networks), Johan Sjoberg (Ericsson). 

Conclusions from Ad Hoc meeting: Colin Perkins suggested that Peter Barany submit Internet drafts to the IETF AVT Working Group reflector proposing new RTP payload formats for the GSM FR, HR, and ERF speech codecs that would make speech frame substitution possible for voice over GERAN PS domain (i.e., incorporate Bad Frame Indicator, BFI, via a "quality indicator bit" in octet 0 of the RTP payload headers of these speech codecs similar to what is being done for the GSM AMR speech codec).  So as not to conflict with existing RTP payload formats for the GSM FR, HR, and EFR speech codecs [reference 6], [reference 7], new MIME registrations will also be proposed.  NOTE: Naturally, other vendors are also free to submit Internet drafts to the IETF AVT Working Group reflector proposing new RTP payload formats for these speech codecs.

There was a consensus that the 4 bit signatures currently specified in octet 0 of the RTP payload formats for the GSM FR, HR, and EFR can be redefined in order to accommodate the "quality indicator bit" (i.e., the BFI parameter). Also, since the need for the new RTP payload formats for the GSM FR, HR, and EFR speech codecs is being driven primarily by the legacy transceiver requirement, there was no perceived need to reorder the speech bits in the existing RTP payload formats for these speech codecs such that the RTP payload formats for these speech codecs discriminate between "perceptually most sensitive" bits (i.e., for GERAN Release 2000 and beyond, these speech codecs will only be used for optimized voice, not for radio access bearers with compressed/noncompressed RTP/UDP/IP headers over the air interface).  This will make it possible to reuse as much software as possible from current implementations of RTP payload formats for the GSM FR, HR, and EFR speech codecs.

· The question of not discarding frames which are partially damaged but not in the most sensitive bits is one which has received some debate at the IP and UDP protocol levels, but that debate has not gone far because such functionality depends upon signaling to/from the link layer.  That signaling does not exist for most links carrying IP.  This question is beyond the scope of AVT, but could be proposed as a new, separate activity within IETF

Editor's comments: There seemed to be some desire on the part of the IETF Transport Area Director to create a new IETF Transport Area Working Group in order to deal with this issue.  Fortunately, both Ericsson and Nortel Networks persuaded her otherwise, indicating that the proposed "quality indicator bit" in octet 0 of the RTP payload formats for the GSM AMR, FR, HR, and EFR speech codecs will solve this problem.

4 Conclusions

Regarding Tdoc SMG2 1137/00, the following conclusions/comments can be made:

· All in all, the IETF AVT Working Group thought that it was an excellent idea for ETSI SMG2 (now 3GPP TSG GERAN) to send a liaison statement to the IETF AVT Working Group regarding this issue.

· Regarding the standardization of RTP payload formats for the GSM AMR speech codec, it should be possible to meet the current proposed GERAN Release 2000 schedule (viz., availability of stable Stage 3 text by December 2000), at least to get to the point of requesting publication of the drafts as RFCs.

· The direction received from the IETF AVT Working Group regarding the incorporation of a "quality indicator bit" in octet 0 of new RTP payload formats for the GSM FR, HR, and EFR speech codecs should satisfy a portion of the legacy transceiver requirements that are specified in [reference 8].
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Appendix A
Tdoc SMG2 1137/00

ETSI STC SMG2


Tdoc SMG2 1137/00

Meeting no 36

Biarritz, France

22-26 May 2000


Agenda Item 5, 6.4

Title: 

LS on RTP Encoding of GSM AMR Codec
Source: 
ETSI STC SMG2
To:
IETF AVT Working Group

Copy:
3GPP TSG SA WG4

Contact: 
ETSI SMG2 Secretary: Paolo.Usai@etsi.fr
ETSI SMG2 is currently discussing the RTP encoding of the adaptive multi-rate (AMR) speech codec.

The AMR speech codec was developed by the European Telecommunications Standards Institute (ETSI). The AMR speech codec has been standardized for GSM and has been chosen by 3rd Generation Partnership Project (3GPP) as the mandatory speech codec for third generation systems.

To preserve high speech quality under a wide range of transmission conditions, the AMR speech codec was designed to provide the following: 

Rate adaptation

The AMR speech codec is a multi-rate speech codec with 8 modes of operation varying from a bit rate of 4.75 kbps up to 12.2 kbps.

DTX

The AMR speech codec is designed with a voice activity detector (VAD) and generator of comfort noise (CN) parameters during silence periods.  Hence, the AMR codec can reduce the number of transmitted bits and packets during silence periods to a minimum.  The operation to send CN parameters at regular intervals during silence periods is called discontinuous transmission (DTX).

Speech Frame Substitution

The AMR speech codec encoded speech bits have different perceptual sensitivity to bit errors.  Cellular systems exploit this by using unequal error protection and detection (UEP and UED). UEP and UED concentrate on the correction and detection of corrupted "perceptually most sensitive" bits.  A speech frame is only regarded as lost or damaged if errors are detected in the most sensitive bits (e.g., via a CRC).

To preserve high speech quality, an indication that certain speech frames have been corrupted during radio transmission (e.g., due to fading channel conditions) is transmitted to the AMR speech decoder in the circuit-switched network (i.e., speech frame quality information is transmitted over the circuit-switched  network).  Armed with this information, the AMR speech decoder can implement speech frame substitution.

Due to the flexibility and robustness of the AMR speech codec, the AMR speech codec is also suitable for applications other than circuit-switched cellular systems (e.g., real-time services over packet-switched cellular systems using RTP).  ETSI SMG2 is currently standardizing real-time service for the GERAN PS domain using the AMR speech codec.  To be optimized for transmission over packet-switched cellular systems such as GERAN PS domain, ETSI SMG2 believes that rate adaptation, DTX, and speech frame substitution functionality must be preserved.

Additionally, due to the requirements to maintain support for legacy transceivers, ETSI SMG2 is currently standardizing real-time service for the GERAN PS domain using the GSM Full-Rate (FR), Half-Rate (HR), and EFR (Enhanced Full-Rate) (which is a subset of the AMR speech codec) speech codecs. These speech codecs also support DTX and speech frame substitution.

The ETSI SMG2 standardization schedule for GERAN using the AMR speech codec (and the FR, HR, and EFR speech codecs)  is rather aggressive (stable Stage 3 text needs to be available by December 2000). Consequently, ETSI SMG2 would like to ask the IETF AVT Working Group the following questions:

· Is the extent of the scope and charter of the IETF AVT Working Group regarding the handling of RFC drafts that propose RTP payload formats for these speech codecs (and their eventual standardization into RFCs) sufficient to meet ETSI SMG2's aggressive standardization schedule for GERAN using the AMR speech codec (and the FR, HR, and EFR speech codecs)?

· How does the IETF AVT Working Group plan to interface with both ETSI SMG2 and 3GPP regarding the standardization of the RTP payload format for the AMR speech codec (and the FR, HR, and EFR speech codecs)?

· SMG2 would like to understand the impact on the standardisation, of the work being done in IETF. SMG2 is responsible for the radio interface standardisation.

It would be very much appreciated if the IETF AVT Working Group would provide feedback regarding the issues discussed in this liaison letter before the August 7-11, 2000 ETSI SMG2 GERAN Workshop #3.  Thank you.

Appendix B
E-Mail Messages

Below are a series of e-mail messages exchanged between Stephen Casner (Chair of IETF AVT Working Group), Colin Perkins (Chair of IETF AVT Working Group), and Peter Barany (Nortel Networks) leading up to the IETF AVT Working Group meeting in Pittsburgh, PA, United States on August 2-3, 2000.

B.1
E-Mail Message #1
-----Original Message-----

From:
Barany, Peter [RICH2:2H16:EXCH] 

Sent:
Wednesday, June 28, 2000 9:20 AM

To:
'casner@acm.org'; 'c.perkins@cs.ucl.ac.uk'

Subject:
Liaison Statement from ETSI SMG2 to IETF AVT Working Group

Importance:
High

Hello,

My name is Peter Barany and I work for Nortel Networks. I regularly attend ETSI SMG2 meetings and our current Work Plan includes the standardization of wireless Internet telephony for EDGE Phase 2 (what we commonly now call GSM/EDGE Radio Access Network or GERAN, for short). We are planning on using the GSM AMR speech codec along with the GSM FR, HR, and EFR speech codecs for this.

On behalf of ETSI SMG2, I am forwarding the attached Liaison Statement to be presented/discussed at the upcoming IETF AVT Working Group meeting in Pittsburgh, PA (July 30 - August 4, 2000). The Liaison Statement discusses issues associated with the RTP payload format for the aforementioned speech codecs.

I plan to attend the next IETF AVT Working Group to represent ETSI SMG2. Please let me know if there is anything that I specifically need to do other than e-mail this Liaison Statement to you. Thank you.

Regards,

Peter Barany

TDMA-EDGE Standards Prime

Nortel Networks

+1 972 685-2471

+1 972 467-8346 (Mobile)

+1 972 684 3775 (Fax)

e-mail: pbarany@nortelnetworks.com

B.2
E-Mail Message #2

-----Original Message-----

From:
Colin Perkins [SMTP:c.perkins@cs.ucl.ac.uk]

Sent:
Wednesday, June 28, 2000 10:27 AM

To:
Barany, Peter [RICH2:2H16:EXCH]

Cc:
'casner@acm.org'

Subject:
Re: Liaison Statement from ETSI SMG2 to IETF AVT Working Group

Peter,

Thank you for sending this liaison statement, we will consider it and respond

in due course. It would be helpful if you could send a copy of this statement

to the AVT working group's mailing list <rem-conf@es.net> such that the group

at large can read and comment on it. We shall also schedule time to discuss

this at our next meeting.

Regards,

Colin
B.3
E-Mail Message #3
-----Original Message-----

From:
Barany, Peter [RICH2:2H16:EXCH] 

Sent:
Friday, June 30, 2000 1:22 PM

To:
'rem-conf@es.net'

Subject:
Liaison Statement (LS) from ETSI SMG2 to IETF AVT Working Group

Hello,

My name is Peter Barany and I work for Nortel Networks. I regularly attend ETSI SMG2 meetings and our current Work Plan includes the standardization of wireless Internet telephony for EDGE Phase 2 (what we commonly now call GSM/EDGE Radio Access Network or GERAN, for short). We are planning on using the GSM AMR speech codec along with the GSM FR, HR, and EFR speech codecs for this.

On behalf of ETSI SMG2, I am forwarding the attached Liaison Statement to be presented/discussed at the upcoming IETF AVT Working Group meeting in Pittsburgh, PA (July 30 - August 4, 2000). The Liaison Statement discusses issues associated with the RTP payload format for the aforementioned speech codecs.

I plan to attend the next IETF AVT Working Group and hope to discuss this issue with you. Thanks.

Regards,

Peter Barany

TDMA-EDGE Standards Prime

Nortel Networks

+1 972 685-2471

+1 972 467-8346 (Mobile)

+1 972 684 3775 (Fax)

e-mail: pbarany@nortelnetworks.com

B.4
E-Mail Message #4

-----Original Message-----

From:
Stephen Casner [SMTP:casner@acm.org]

Sent:
Tuesday, July 11, 2000 5:43 PM

To:
Barany, Peter [RICH2:2H16:EXCH]

Cc:
Colin Perkins; Allison Mankin; Scott Bradner

Subject:
Re: Liaison Statement from ETSI SMG2 to IETF AVT Working Group

Peter,

Here is our preliminary response to the questions in the Liaison

Statement you forwarded.  We expect to discuss these topics at the

upcoming IETF meeting in Pittsburgh July 31 - August 4.

    - Is the extent of the scope and charter of the IETF AVT Working

    Group regarding the handling of RFC drafts that propose RTP

    payload formats for these speech codecs (and their eventual

    standardization into RFCs) sufficient to meet ETSI SMG2's

    aggressive standardization schedule for GERAN using the AMR speech

    codec (and the FR, HR, and EFR speech codecs)?

RTP payload formats for AMR are certainly within the scope and charter

of the AVT working group.  However, the scope and charter do not

determine the schedule for processing the development and publication

of payload format documents.  That is primarily dependent upon the

authors preparing the drafts and responding to comments.  If there are

multiple competing proposals, then more time is required for

discussion.  However, there is no requirement for IETF meetings to

pass or a minimum time to elapse.  It should be possible to meet the

schedule you propose, at least to get to the point of requesting

publication of  the drafts as RFCs.  Additional time is consumed

for the RFC publication process beyond the control of the working

group.

    - How does the IETF AVT Working Group plan to interface with both

    ETSI SMG2 and 3GPP regarding the standardization of the RTP

    payload format for the AMR speech codec (and the FR, HR, and EFR

    speech codecs)?

Primarily through payload formats documents by the developers of the

speech codecs and others in SMG2 and 3GPP -- that is, those who are

experts on the codecs -- being submitted to AVT for review by us as

experts on RTP.

We have already had presentations of proposed payload formats for AMR

at the last IETF meeting in March, and it is our understanding that

those proposals were to be merged and the resulting synthesis

submitted as a new draft payload format.  That has not been received

yet, but is expected to be received before the deadline for the next

meeting.

The FR, HR and EFR encodings are already addressed in the draft

revision of the RTP audio/video profile (which is Internet-Draft

draft-ietf-avt-profile-new-08.txt) based on the packetizations

specified by ETSI Technical Specification TS 101 318.  Is there any

requirement to change these?

    - SMG2 would like to understand the impact on the standardisation,

    of the work being done in IETF. SMG2 is responsible for the radio

    interface standardisation.

To what areas does this question refer?  If you are asking about

aspects beyond the scope of AVT, then the question must be forwarded

to other groups.  For example, there may well be interaction with the

ROHC (header compression) working group, but that group is fairly well

in tune with other standards bodies addressing other parts of the

cellular wireless problem.

The question of not discarding frames which are partially damaged but

not in the most sensitive bits is one which has received some debate

at the IP and UDP protocol levels, but that debate has not gone far

because such functionality depends upon signaling to/from the link

layer.  That signaling does not exist for most links carrying IP.

This question is beyond the scope of AVT, but could be proposed as a

new, separate activity within IETF.







-- Steve & Colin
B.5
E-Mail Message #5

-----Original Message-----

From:
Barany, Peter [RICH2:2H16:EXCH] 

Sent:
Wednesday, July 19, 2000 10:15 AM

To:
'Stephen Casner'

Cc:
Colin Perkins; Allison Mankin; Scott Bradner

Subject:
RE: Liaison Statement from ETSI SMG2 to IETF AVT Working Group

Hello Stephen,

Thanks for the reply. Please see my comments inserted in your e-mail below in "blue" (I hope they show up ... I also put them in ALL CAPITALS just in case they do not).

Regards,

Pete

-----Original Message-----

From:
Stephen Casner [SMTP:casner@acm.org]

Sent:
Tuesday, July 11, 2000 5:43 PM

To:
Barany, Peter [RICH2:2H16:EXCH]

Cc:
Colin Perkins; Allison Mankin; Scott Bradner

Subject:
Re: Liaison Statement from ETSI SMG2 to IETF AVT Working Group

Peter,

Here is our preliminary response to the questions in the Liaison

Statement you forwarded.  We expect to discuss these topics at the

upcoming IETF meeting in Pittsburgh July 31 - August 4.

    - Is the extent of the scope and charter of the IETF AVT Working

    Group regarding the handling of RFC drafts that propose RTP

    payload formats for these speech codecs (and their eventual

    standardization into RFCs) sufficient to meet ETSI SMG2's

    aggressive standardization schedule for GERAN using the AMR speech

    codec (and the FR, HR, and EFR speech codecs)?

RTP payload formats for AMR are certainly within the scope and charter

of the AVT working group.  However, the scope and charter do not

determine the schedule for processing the development and publication

of payload format documents.  That is primarily dependent upon the

authors preparing the drafts and responding to comments.  If there are

multiple competing proposals, then more time is required for

discussion.  However, there is no requirement for IETF meetings to

pass or a minimum time to elapse.  It should be possible to meet the

schedule you propose, at least to get to the point of requesting

publication of  the drafts as RFCs.  Additional time is consumed

for the RFC publication process beyond the control of the working

group.

    - How does the IETF AVT Working Group plan to interface with both

    ETSI SMG2 and 3GPP regarding the standardization of the RTP

    payload format for the AMR speech codec (and the FR, HR, and EFR

    speech codecs)?

Primarily through payload formats documents by the developers of the

speech codecs and others in SMG2 and 3GPP -- that is, those who are

experts on the codecs -- being submitted to AVT for review by us as

experts on RTP.

We have already had presentations of proposed payload formats for AMR

at the last IETF meeting in March, and it is our understanding that

those proposals were to be merged and the resulting synthesis

submitted as a new draft payload format.  That has not been received

yet, but is expected to be received before the deadline for the next

meeting.

The FR, HR and EFR encodings are already addressed in the draft

revision of the RTP audio/video profile (which is Internet-Draft

draft-ietf-avt-profile-new-08.txt) based on the packetizations

specified by ETSI Technical Specification TS 101 318.  Is there any

requirement to change these?

[Barany, Peter [RICH2:2H31:EXCH]]  NORTEL NETWORKS SUBMITTED A PROPOSAL TO ETSI SMG2 (FEB. 2000) WHICH HAD SOMETHING CALLED AN "FQI" OR "FRAME QUALITY INDICATOR" BIT IN THE RTP PAYLOAD HEADER FOR THE AMR CODEC. THIS DEALS WITH THE ABILITY OF THE SYSTEM TO DISCERN WHEN A CRC CHECK HAS FAILED FOR BITS THAT ARE IN ERROR DUE TO TRANSMISSION OVER THE AIR INTERFACE AND THE SUBSEQUENT ABILITY OF THE SYSTEM TO "SET" THE "FQI" BIT APPROPRIATELY IN THE RTP PAYLOAD HEADER SO THAT THE RECEIVING AMR CODEC (OR TRANSCODING PROXY) CAN PERFORM SPEECH FRAME SUBSTITUTION. IT APPEARS THAT THE JOINT ERICSSON/NOKIA DRAFT INCLUDES SOMETHING CALLED A "Q" BIT WHICH PERFORMS THIS SAME FUNCTIONALITY. SO THAT IS FINE. WHILE IT IS INDEED TRUE THAT THE RTP PAYLOAD FORMATS HAVE BEEN DEFINED FOR THE FR, HR, AND ERF CODECS, THEY DO NOT HAVE THIS "FQI" BIT IN THEIR RTP PAYLOAD HEADERS. THEREFORE, AS THESE CODECS ARE CURRENTLY DEFINED, SPEECH FRAME SUBSTITUION IS NOT POSSIBLE AND THEY MAY HAVE TO BE CHANGED (OR NEW DYNAMIC PT MAY NEED TO BE DEFINED ... WE WANT YOUR FEEDBACK AS THE EXPERTS ON THIS SORT OF THING).
    - SMG2 would like to understand the impact on the standardisation,

    of the work being done in IETF. SMG2 is responsible for the radio

    interface standardisation.

To what areas does this question refer?  If you are asking about

aspects beyond the scope of AVT, then the question must be forwarded

to other groups.  For example, there may well be interaction with the

ROHC (header compression) working group, but that group is fairly well

in tune with other standards bodies addressing other parts of the

cellular wireless problem.

[Barany, Peter [RICH2:2H31:EXCH]]  ADMITTEDLY, THIS QUESTION WAS A BIT VAGUE.
The question of not discarding frames which are partially damaged but

not in the most sensitive bits is one which has received some debate

at the IP and UDP protocol levels, but that debate has not gone far

because such functionality depends upon signaling to/from the link

layer.  That signaling does not exist for most links carrying IP.

This question is beyond the scope of AVT, but could be proposed as a

new, separate activity within IETF.

[Barany, Peter [RICH2:2H31:EXCH]]  AGAIN, THIS IS RELATED TO THE SPEECH FRAME SUBSTITUTION ISSUE. PERHAPS WE COULD DISCUSS DURING THE IETF AVT WORKING GROUP MEETING ON WEDNESDAY (AUG. 2?). THANKS.






-- Steve & Colin
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