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Abstract

To ensure a baseline |evel of interoperability between WbRTC
clients, [I-D.ietf-rtcweb-audio] requires a mninumset of codecs
However, to maxinize the possibility to establish the session without
the need for audio transcoding, it is also recommended to include in
the of fer other suitable audio codecs that are available to the

br owser.

Thi s docunent provides sone guidelines on the suitable codecs to be
consi dered for WbRTC clients to address the nost rel evant
interoperability use cases.

Status of This Meno

This Internet-Draft is submtted in full conformance with the
provi sions of BCP 78 and BCP 79.

Internet-Drafts are working docunments of the Internet Engineering
Task Force (IETF). Note that other groups may also distribute
wor ki ng docunents as Internet-Drafts. The list of current Internet-
Drafts is at http://datatracker.ietf.org/drafts/current/.

Internet-Drafts are draft docunments valid for a maxi num of six nonths
and may be updated, replaced, or obsol eted by other docunents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress."
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1. Introduction

As indicated in [I-D.ietf-rtcweb-overview, it has been anti cipated
that WebRTC will not rermain an isolated island and that some WbRTC
endpoints will need to conmunicate with devices used in other
existing networks with the help of a gateway. Therefore, in order to
maxi ni ze the possibility to establish the session w thout the need
for audio transcoding, it is recommended in [I-D.ietf-rtcweb-audi 0]
to include in the offer other suitable audio codecs that are
available to the browser. This docunent provides sone guidelines on
the suitable codecs to be considered for WbRTC clients to address
the nost relevant interoperability use cases.

The codecs considered in this docunment are recommended to be
supported and included in the Ofer only for WebRTC clients for which
interoperability with other non WebRTC end poi nts and non WebRTC
based services is relevant as described in sections 5.1.2, 5.2.2 and
5.3.2. Oher use cases may justify offering other additional codecs
to avoid transcodings. It is the intent of this docunent to

i nventory and docunent any other additional interoperability use
cases and codecs if needed.

2. Definitions

Legacy networks: In this draft, |egacy networks enconpass the
conversational networks that are already depl oyed like the PSTN, the
PLMN, the I M5, H. 323 networks.

3. Rationale for additional WbRTC codecs

The mandatory i npl enentati on of OPUS [ RFC6716] in WebRTC clients can
guarantee the codec interoperability (w thout transcoding) at the
state of the art voice quality (better than narrow band "PSTN'
quality) between WbRTC clients. The WDbRTC technol ogy i s however
expected to be used to conmunicate with other types of clients using
ot her technologies. It can be used for instance as an access
technology to 3GPP | M5 services (e.g. VOLTE, VIiLTE) or to
interoperate with fixed or nobile Crcuit Switched or Vol P services
like mobile 3GPP 3G 2G Circuit Switched voice or DECT based Vol P

tel ephony. Consequently, a significant nunber of calls are likely to
occur between terninals supporting WbRTC clients and other termnals
i ke nmobile handsets, fixed VolP terninals, DECT terninals that do
not support WebRTC clients nor inplement OPUS. As a consequence,
these calls are likely to be either of |ow narrow band PSTN quality
using G 711 at both ends or affected by transcodi ng operations. The
drawbacks of such transcodi ng operations are recall ed bel ow
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4.

Degraded user experience with respect to voice quality: voice
quality is significantly degraded by transcodi ng. For instance,
the degradation is around 0.2 to 0.3 MOS for nost of transcoding
use cases with AMR-WB at 12.65 kbit/s and in the sane range for

ot her wi deband transcoding cases. It should be stressed that if
G 711 is used as a fall back codec for interoperation, w deband
voice quality will be lost. Such bandw dth reduction effect down
to narrow band cl early degrades the user perceived quality of
service leading to shorter and |l ess frequent calls. Such a switch
to G711 is less than desirable or acceptable choice for
custoners. |If transcoding is perfornmed between OPUS and any ot her
wi deband codec, wi deband conmuni cation coul d be mai ntai ned but
with degraded quality (MOS scores of transcodi ng between AVR-VB
12.65kbit/s and OPUS at 16 kbit/s in both directions are
significantly |l ower than those of AMR-WB at 12.65kbit/s or OPUS at
16 kbit/s). Furthernore, in degraded conditions, the addition of
defects, like audio artifacts due to packet |osses, and the audio
effects resulting fromthe cascadi ng of different packet |oss
recovery algorithnms may result in a quality bel ow the acceptable
limt for the customers

Degraded user experience with respect to conversationa
interactivity: the degradation of conversational interactivity is
due to the increase of end to end latency for both directions that
is introduced by the transcodi ng operations. Transcoding requires
full de-packetization for decoding of the nedia stream (including
mechani sns of de-jitter buffering and packet |oss recovery) then
re-encodi ng, re-packetization and re-sending. The delays produced
by all these operations are additive and nay increase the end to
end del ay beyond acceptable linmts Iike with nore than 1s end to
end | at ency.

Addi tional costs in networks: transcodi ng pl aces inportant
additional costs on network gateways mainly related to codec

i mpl enent ati on, codecs |icense, deploynents, testing and
validation costs. It must be noted that transcodi ng of w deband
to wi deband woul d require nore CPU and be nore costly than between
narr owband codecs

Addi ti onal suitable codecs for WbRTC

The followi ng codecs are considered as rel evant suitable codecs with
respect to the general purpose described in section 4. This list

reflects the current status of WebRTC foreseen use cases. It is not
limtative and opened to further inclusion of other codecs for which
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rel evant use cases can be identified. These additional codecs are
recommended to be included in the offer in addition to OPUS and G 711
according to the foreseen interoperability cases to be addressed.

4.1. AVR-WB
4.1.1. AMR-VB Ceneral description

The Adaptive Miulti-Rate WdeBand (AMR-WB) is a 3GPP defined speech
codec that is mandatory to inplenent in any 3GPP terninal that
supports w deband speech comrunication. It is being used in circuit
switched nobile tel ephony services and new nul ti nmedi a tel ephony
services over | P/IM5 and 4d VOLTE, specified by GSMA as voice | M5
profile for VOLTE in [IR 92]. Mre detailed information on AMR-VB
can be found in [IR 36]. [IR 36] includes references for all 3GPP
AVR-VB rel ated specifications including detail ed codec description
and Source code.

4.1.2. WDRTC rel evant use case for AVR-VB

The mar ket of voice personal comunication is driven by nobile
termnals. AVR-WB is now inplenented in nore than 200 devi ces nobdel s
and 85 HD nobile networks in 60 countries with a custoner base of
more than 100 million. A high nunber of calls are consequently
likely to occur between WbRTC clients and nobile 3GPP termnals.

The use of AMR-WB by WebRTC clients woul d consequently all ow
transcoding free interoperation with all nobile 3GPP w deband

termnal. Besides, WbRTC clients running on nobile termnals
(smart phones) may reuse the AMR-WB codec al ready inpl enented on these
devi ces.

4.1.3. Cuidelines for AVR-WB usage and inplenentation with WbRTC

Gui delines for inplenenting and using AMR-WB and ensuring
interoperability with 3GPP nobile services can be found in

[TS26.114]. In order to ensure interoperability with 4G VoLTE as
specified by GSMA, the nore specific IMs profile for voice derived
from[TS26.114] should be considered in [IR92]. 1In order to

maxi m ze the possibility of successful call establishnment for WbRTC
client offering AVRRWB it is inportant that the WbRTC client:

o Ofer AMRin addition to AMR-WB with AVMR-WB, being a w deband
codec, listed first as preferred payl oad type with respect to
ot her narrow band codecs (AMR, G 711...)and with Bandwi dth
Ef ficient payload format preferred.

0 Be capable of operating AMR-WB with any subset of the nine codec
nmodes and source controlled rate operation. O fer at |east one

Proust, et al. Expires July 20, 2015 [ Page 5]



Internet-Draft WebRTC audi o codecs for interop January 2015

AVR-WB configuration with parameter settings as defined in

Table 6.1 of [TS 26.114]. 1In order to maxim ze the
interoperability and quality this offer does not restrict the
codec nodes offered. Restrictions in the use of codec nodes may
be included in the answer.

4.2. AWR
4.2.1. AMR General description

Adaptive Miulti-Rate (AMR) is a 3GPP defined speech codec that is
mandatory to inplenment in any 3GPP terminal that supports voice
conmuni cation, i.e. several hundred nillions of terminals. This

i ncl ude both nobil e phone calls using GSM and 3G cel lul ar systens as
well as nultinmedia tel ephony services over |IP/IM5 and 4G VOLTE, such
as GSMA voice IMS profile for VOLTE in [IR92]. 1In addition to

i mpacts |isted above, support of AMR can avoid degradi ng the high
efficiency over nobile radio access.

4.2.2. WDRTC rel evant use case for AMR

A user of a WebRTC endpoint on a device integrating an AVMR nodul e
wants to conmuni cate with another user that can only be reached on a
mobi | e device that only supports AMR Al t hough nore and nore

term nal devices are now "HD voi ce" and support AMR-WB; there is
still a high nunmber of |egacy term nals supporting only AMR
(termnals with no wi deband / HD Voi ce capabilities) are still used.
The use of AMR by WebRTC client would consequently allow transcodi ng
free interoperation with all nobile 3GPP terminals. Besides, WbRTC
client running on nobile term nals (smartphones) may reuse the AWVR
codec al ready inplenented on these devices.

4.2.3. Cuidelines for AVR usage and inplenentation with WbRTC

Guidelines for inplenenting and using AVR with purpose to ensure
interoperability with 3GPP nobile services can be found in

[TS26.114]. In order to ensure interoperability with 4G VoLTE as
specified by GSMA, the nore specific IMs profile for voice derived
from[TS26.114] should be considered in [IR92]. 1In order to

maxi m ze the possibility of successful call establishnment for WbRTC
client offering AVR, it is inportant that the WbRTC client:

0 Be capable of operating AMR with any subset of the eight codec
nmodes and source controlled rate operation

o Ofer at least one configuration with paraneter settings as

defined in Table 6.1 and Table 6.2 of [TS26.114]. |In order to
maxi nm ze the interoperability and quality this offer shall not
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restrict AMR codec npdes offered. Restrictions in the use of
codec nodes may be included in the answer.

4.3. G722
4.3.1. G 722 General description

G 722 is an I TU-T defined wi deband speech codec. [G 722] was
approved by ITUT in 1988. It is a royalty free codec that is comon
in a wide range of terminals and end-points supporting w deband
speech and requiring | ow conplexity. The conplexity of G 722 is
estimated to 10 M PS [ EN300175-8] which is 2.5 to 3 tinmes |ower than
AVR-VWB. Especially, G 722 has been chosen by ETSI DECT as the

mandat ory wi deband codec for New Generation DECT with purpose to
greatly increase the voice quality by extending the bandwi dth from
narrow band to wi deband. G 722 is the w deband codec required for
CAT-iq DECT certified termnal and the V2.0 of CAT-iq specifications
have been approved by GSMA as mini mnum requirenments for HD voice |ogo
usage on "fixed" devices; i.e., broadband connections using the G 722
codec.

4,.3.2. WebRTC rel evant use case for G 722

G 722 is the w deband codec required for DECT CAT-iq term nals. The
mar ket for DECT cordel ess phones including DECT chipset is nore than
150 MIlions per year and CAT-1Q is a registered trade nake in 47
countries worldw de. G 722 has al so been specified by ETSI in

[ TS181005] as mandatory w deband codec for IMS nultinedia tel ephony
communi cati on service and suppl enentary services using fixed

br oadband access. The support of G 722 would consequently all ow
transcoding free I P interoperation between WbRTC client and fixed
Vol P terminals including DECT / CAT-1Q term nals supporting G 722.
Besi des, WeDRTC client running on fixed termnals inplenenting G 722
may reuse the G 722 codec already inplenented on these devices.

4.3.3. CQuidelines for G 722 usage and inpl enentation
Quidelines for inmplenenting and using G 722 with purpose to ensure
interoperability with Miltinmedia Tel ephony services overs | M5 can be
found in section 7 of [TS26.114]. Additional information of G 722
i mpl ementation in DECT can be found in [EN300175-8] and full codec
description and C source code in [G 722].

4.4. O her codecs

O her interoperability use cases may justify the use of other codecs.
Sone further update of this Draft may provide under this section
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addi ti onal use case description and codec inplenentation guidelines
for these codecs.

5. Security Considerations

6. | ANA Consi derations
None.
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