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Abstract

To ensure a baseline level of interoperability between WbRTC
clients, [I-D.ietf-rtcweb-audio] requires a mninmm set of codecs.
However, to maxim ze the possibility to establish the session w thout
the need for audio transcoding, it is also recommended to include in
the offer other suitable audio codecs that are available to the

br owser.

Thi s docunent provides sonme 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 docunents of the Internet Engineering
Task Force (IETF). Note that other groups nay al so 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 docunents 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. I nt roducti on

As indicated in [I-D.ietf-rtcweb-overview], it has been anti ci pated
that WebRTC will not remain an isolated island and that some WbRTC
endpoints will need to communicate with devices used in other

exi sting networks with the help of a gateway. Therefore, in order to
maxi m 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 audi o codecs that are
avai l able to the browser. This docunent provides some guidelines on
the suitable codecs to be considered for WebRTC clients to address
the nost relevant interoperability use cases.

The codecs considered in this docunent are reconmended to be
supported and included in the Ofer only for WebRTC clients for which
interoperability with other non WbRTC end points and non WbRTC
based services is relevant as described in sections 5.1.2, 5.2.2 and
5.3.2. O her 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 deployed |like the PSTN, the
PLMN, the IMS, H. 323 networks.

3. Rati onal e for additional WbRTC codecs

The mandatory inplenmentation of OPUS [ RFC6716] in WbRTC clients can
guarantee the codec interoperability (wthout transcoding) at the
state of the art voice quality (better than narrow band "PSTN'

qual ity) between WbRTC clients. The WbRTC technol ogy i s however
expected to be used to communicate 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. VoOLTE, VIiLTE) or to
interoperate with fixed or nobile Grcuit Swmtched or Vol P services
i ke mobile 3GPP 3G 2G Circuit Switched voice or DECT based Vol P

t el ephony. Consequently, a significant nunber of calls are likely to
occur between term nals supporting WebRTC clients and other term nals
i ke nobile handsets, fixed VolP termnals, DECT termnals that do
not support WebRTC clients nor inplenment OPUS. As a consequence,
these calls are likely to be either of |ow narrow band PSTN qual ity
using G 711 at both ends or affected by transcodi ng operations. The
dr awbacks of such transcodi ng operations are recall ed bel ow
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4.

Degr aded 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 nobst of transcoding
use cases with AMR-WB at 12.65 kbit/s and in the sane range for

ot her w 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 clearly degrades the user perceived quality of
service |leading to shorter and less 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, w deband communi cation coul d be maintai ned but

wi th degraded quality (MOS scores of transcodi ng between AMR- VB
12. 65 kbit/s and OPUS at 16 kbit/s in both directions are
significantly [ ower than those of AMR-WB at 12.65 kbit/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 cascading of different packet

| oss recovery algorithnms may result in a quality bel ow the
acceptable Iimt for the custoners.

Degraded user experience with respect to conversati onal
interactivity: the degradation of conversational interactivity is
due to the increase of end to end |atency for both directions that
is introduced by the transcodi ng operations. Transcoding requires
full de-packetization for decoding of the media stream (including
nmechani sms of de-jitter buffering and packet |oss recovery) then
re-encodi ng, re-packetization and re-sending. The del ays produced
by all these operations are additive and may increase the end to
end del ay beyond acceptable limts like wwth nore than 1s end to
end | atency.

Addi tional costs in networks: transcodi ng pl aces inportant

addi tional costs on network gateways nainly related to codec

i npl enent ati on, codecs |icense, deploynents, testing and
validation costs. It nust be noted that transcodi ng of w deband
to wi deband would require nore CPU and be nore costly than between
nar r owband codecs.

Addi ti onal suitable codecs for WebRTC

The foll ow 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
[imtative 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
reconmended 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-WB Ceneral description

The Adaptive Milti-Rate WdeBand (AMR-WB) is a 3GPP defined speech
codec that is nmandatory to inplenent in any 3GPP term nal that
supports w deband speech comrunication. It is being used in circuit
swi tched nobil e tel ephony services and new nul ti nedi a tel ephony
services over |IP/IM and 4G VoLTE, specified by GSMA as voice | M5
profile for VOLTE in [IR 92]. More detailed information on AVR-VB
can be found in [IR36]. [IR 36] includes references for all 3GPP
AMR-WB rel ated specifications including detail ed codec description
and Source code.

4.1.2. WebRTC rel evant use case for AVR-V\B

The market of voice personal comunication is driven by nobile
termnals. AVR-VWB is now i npl emented in several hundreds of devices
nodel s and nore than 130 HD nobile networks in 80 countries with a
custoner base of nmore than 300 mllions. A high nunber of calls are
consequently likely to occur between WbRTC clients and nobile 3GPP
termnals. The use of AVMR-WB by WDbRTC clients would consequently
all ow transcoding free interoperation with all nobile 3GPP w deband

termnal. Besides, WDbRTC clients running on nobile term nals
(smartphones) may reuse the AMR-VB codec al ready inplenented on these
devi ces.

4.1.3. Cuidelines for AVMR WB usage and inplenentati on with WbRTC

Qui delines for inplenmenting and using AMR-WB and ensuri ng
interoperability with 3GPP nobile services can be found in

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

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

o Ofer AMRINn addition to AMR-WB with AVR-WB, being a w deband
codec, listed first as preferred payload type with respect to
ot her narrow band codecs (AVR, G 711...)and w th Bandw dt h
Efficient payload format preferred.

0 Be capable of operating AMR-WB with any subset of the nine codec
nodes and source controlled rate operation. Ofer at |east one
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AMR-WB configuration with paraneter settings as defined in

Table 6.1 of [TS 26.114]. In 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. AMR
4.2.1. AMR General description

Adaptive Multi-Rate (AMR) is a 3GPP defined speech codec that is
mandatory to inplenent in any 3GPP term nal that supports voice
conmuni cation, i.e. several hundred mllions of termnals. This

i ncl ude both nobil e phone calls using GSM and 3G cel | ul ar systens as
wel |l as nmultinedia tel ephony services over |IP/I M5 and 4G VOLTE, such
as GSVA voice IMs profile for VOLTE in [IR 92]. 1In addition to

i npacts |listed above, support of AMR can avoi d degradi ng the high
efficiency over nobile radi o access.

4.2.2. \WebRTC rel evant use case for AMR

A user of a WeDbRTC endpoint on a device integrating an AVR nodul e
wants to communi cate with another user that can only be reached on a
nmobi | e device that only supports AMR Al though nore and nore

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

4.2.3. Cuidelines for AVR usage and inplenentation with WbRTC

Gui delines for inplenenting and using AMR with purpose to ensure
interoperability wwth 3GPP nobile services can be found in

[TS26.114]. In order to ensure interoperability with 4G VOLTE as
speci fied by GSMA, the nore specific IM profile for voice derived
from|[TS26.114] should be considered in [IR 92]. 1In order to

maxi m ze the possibility of successful call establishnent for WbRTC
client offering AMR, it is inportant that the WDbRTC client:

o Be capable of operating AMR with any subset of the eight codec
nodes and source controlled rate operation.

o Ofer at |east one configuration with paraneter settings as

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

4.3. G722
4.3.1. G 722 CGeneral description

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

mandat ory w deband codec for New Generation DECT with purpose to
greatly increase the voice quality by extending the bandw 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 m ni mum requirenents for HD voice | ogo
usage on "fixed" devices; i.e., broadband connections using the G 722
codec.

4.3.2. WDRTC rel evant use case for G 722

G 722 is the wi deband codec required for DECT CAT-iq termnals. The
mar ket for DECT cordel ess phones including DECT chi pset is nore than
150 MIlions per year and CAT-1Qis a registered trade nake in 47
countries worldwi de. G 722 has al so been specified by ETSI in

[ TS181005] as mandatory wi deband codec for IMS nultinmedia tel ephony
conmmuni cati on service and suppl enentary services using fixed

br oadband access. The support of G 722 woul d consequently all ow
transcoding free IP interoperation between WbRTC client and fi xed
Vol P term nals including DECT / CAT-1Q term nals supporting G 722.
Besi des, WbRTC client running on fixed termnals inplenenting G 722
may reuse the G 722 codec al ready inpl enmented on these devices.

4.3.3. Cuidelines for G 722 usage and i npl enentation
Qui delines for inplenmenting and using G 722 with purpose to ensure
interoperability with Multinedi a Tel ephony services overs | M5 can be
found in section 7 of [TS26.114]. Additional information of G 722
i npl 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.
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Security Consi derations
| ANA Consi derati ons
None.
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