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Addi tional WebRTC Audi o Codecs for Interoperability

Abstract

To ensure a baseline of interoperability between WbRTC endpoints, a
m ni nrum set of required codecs is specified. However, to maxim ze
the possibility of establishing the session w thout the need for
audi o transcoding, it is also recormmended to include in the offer

ot her suitable audio codecs that are available to the browser.

Thi s docunent provides sonme guidelines on the suitable codecs to be
consi dered for WebRTC endpoints to address the use cases nost
relevant to interoperability.

Status of This Meno

This docunent is not an Internet Standards Track specification; it is
publ i shed for informational purposes.

This docunent is a product of the Internet Engi neering Task Force
(IETF). It has been approved for publication by the Internet

Engi neering Steering G oup (IESG. Not all docunents approved by the
| ESG are a candidate for any level of Internet Standard; see

Section 2 of RFC 5741.

I nformation about the current status of this docunent, any errata,

and how to provide feedback on it may be obtai ned at
http://ww. rfc-editor.org/info/rfc7875
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I ntroduction

As indicated in [OVERVIEW, it has been anticipated that WbRTC wil |
not remain an isolated island and that sone WebRTC endpoints will
need to conmuni cate with devices used in other existing networks with
the help of a gateway. Therefore, in order to nmaximnze the
possibility of establishing the session w thout the need for audio
transcoding, it is recommended in [RFC7874] to include in the offer
ot her suitable audi o codecs beyond those that are mandatory to

i npl ement. This docunent provides some guidelines on the suitable
codecs to be considered for WebRTC endpoints to address the use cases
nost relevant to interoperability.

The codecs considered in this docunent are recomended to be
supported and included in the offer, only for WbRTC endpoints for
which interoperability with other non-WbRTC endpoi nts and non-
WebRTC- based services is relevant as described in Sections 4.1.2,
4.2.2, and 4.3.2. Oher use cases nmay justify offering other
addi ti onal codecs to avoid transcodi ng.

Definitions and Abbreviations

0 Legacy networks: In this docunment, |egacy networks enconpass the
conversational networks that are already depl oyed |ike the PSTN,
the PLMN, the IP/I M5 networks offering Vol P services, including
3GPP "4G' Evol ved Packet System [TS23.002] supporting voice over
LTE (VoLTE) radio access [IR 92].

0 WebRTC endpoint: A WbRTC endpoint can be a WDbRTC browser or a
WebRTC non-browser (al so called "WbRTC device" or "WbRTC native
application") as defined in [ OVERVI EW.

o AMR Adaptive Milti-Rate

0 AVR-VB: Adaptive Milti-Rate W deband

o CAT-iqg: Cordless Advanced Technology - internet and quality

o DECT: Digital Enhanced Cordl ess Tel ecommuni cati ons

o IMs IP Miltinmedia Subsystens

o0 LTE: Long Term Evolution (3GPP "4G' wirel ess data transm ssion
st andar d)

o MOS: Mean pinion Score, defined in I TU T Recomendati on P. 800
[ P. 800]
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3.

0 PSTN. Public Switched Tel ephone Network
0 PLMN: Public Land Mobil e Network
o VoOLTE: Voice over LTE

Rational e for Additional WDbRTC Codecs

The mandatory i npl enentati on of Cpus [ RFC6716] in WebRTC endpoi nts
can guarantee codec interoperability (w thout transcoding) at state-
of -the-art voice quality (better than narrow band "PSTN' quality)

bet ween WebRTC endpoints. The WbRTC technol ogy is al so expected to
be used to communicate with other types of endpoints using other
technol ogies. It can be used for instance as an access technology to
VOLTE services (Voice over LTE as specified in [IR 92]) or to
interoperate with fixed or nobile Crcuit-Switched or Vol P services
like nmobile Grcuit-Switched voice over 3GPP 2G 3G nobil e networks

[ TS23.002] or DECT-based Vol P tel ephony [ EN300175-1]. Consequently,
a significant nunmber of calls are likely to occur between termnals
supporting WbRTC endpoints and other termnals |ike nobile handsets,
fixed VolP terninals, and DECT terminals that do not support WbRTC
endpoi nts nor inplenment Opus. As a consequence, these calls are
likely to be either of |ow narrow band PSTN quality using G 711

[G 711] at both ends or affected by transcodi ng operations. The
drawback of such transcodi ng operations are |listed bel ow

0 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 the
transcodi ng use cases with AMR-WB codec (Section 4.1) at 12.65
kbit/s and in the sane range for other w deband transcodi ng cases.
It should be stressed that if G 711 is used as a fallback codec
for interoperation, w deband voice quality will be lost. Such
bandwi dth reduction effect down to narrow band cl early degrades
the user-perceived quality of service leading to shorter and | ess
frequent calls. Such a switch to G711 is a choice for custoners
If transcoding is perforned between Opus and any ot her w deband
codec, w deband conmunication could be maintained but with
degraded quality (MOSs of transcodi ng between AMR-WB at 12. 65
kbit/s and OQpus 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).
Furt hernore, in degraded conditions, the addition of defects, like
(a) audio artifacts due to packet |osses and (b) audio effects due
to the cascadi ng of different packet |oss recovery algorithnms, may
result in a quality below the acceptable linmt for the custoners.
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4.

4.

4.

4.

o0 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 resending. The delays produced
by all these operations are additive and nay increase the end-to-
end delay up to 1 second, much beyond the acceptable linit.

0 Additional cost in networks: transcoding places inportant
addi tional cost on network gateways nmainly related to codec
i mpl enent ati on, codecs |icenses, deploynent, testing and
validation cost. It nust be noted that transcodi ng of wi deband to
wi deband woul d require nore CPU processing and be nore costly than
transcodi ng bet ween narrowband codecs.

Addi ti onal Suitable Codecs for WbRTC

The followi ng are considered rel evant codecs with respect to the
general purpose described in Section 3. This list reflects the

current status of foreseen use cases for WbRTC. It is not
limtative; it is open to inclusion of other codecs for which
rel evant use cases can be identified. 1t’s recommended to include

codecs (in addition to Qous and G 711) according to the foreseen
interoperability cases to be addressed.

AMR- \B
.1. AMR-WB Ceneral Description

The Adaptive Milti-Rate WdeBand (AMR-WB) is a 3GPP-defined speech
codec that is mandatory to inplenent in any 3GPP terninal that
supports w deband speech conmmuni cation. It is being used in circuit-
swi tched nobil e tel ephony services and new nul tinedia tel ephony
services over IP/IMS. It is specially used for voice over LTE as
specified by GSMA in [IR 92]. More detailed information on AVR- B
can be found in [IR 36]. References for AVR VB-rel ated
specifications including the detail ed codec description and source
code are in [TS26.171], [TS26.173], [TS26.190], and [TS26.204].

.2. WebRTC- Rel evant Use Case for AMR- VB

The mar ket of personal voice communication is driven by nobile
termnals. AMR-WB is now very widely inplenented in devices and
networ ks offering "HD voice", where "HD' stands for "High
Definition". Consequently, a high nunber of calls are likely to
occur between WebRTC endpoints and nobile 3GPP terminals offering
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AVR-WB. Thus, the use of AVR-WB by WebRTC endpoi nts woul d al | ow
transcodi ng-free interoperation with all nobile 3GPP w deband
termnals. Besides, WbRTC endpoints running on nobile termnals
(smart phones) may reuse the AMR-WB codec al ready inplenented on those
devi ces.

4.1.3. Qidelines for AMR-WB Usage and | npl enentation with WbRTC

4.

4.

2.

2.

The payload format to be used for AMR-WB is described in [ RFC4867]
with a bandwi dth-efficient format and one speech frane encapsul at ed
in each RTP packet. Further guidelines for inplenenting and using
AVR-WB and ensuring interoperability with 3GPP nobil e services can be

found in [TS26.114]. 1In order to ensure interoperability with 4@
VOLTE as specified by GSMA, the nore specific IMS profile for voice
derived from[TS26.114] should be considered in [IR92]. |In order to

maxi m ze the possibility of successful call establishment for WbRTC
endpoints offering AMR-WB, it is inportant that the WDbRTC endpoints:

o Ofer AMRIin addition to AMR-WB, with AMR-WB |isted first (AVR-VB
bei ng a wi deband codec) as the preferred payload type with respect
to other narrow band codecs (AVR, G 711, etc.) and with a
bandwi dt h-effi ci ent payl oad format preferred.

0 Be capable of operating AMR-WB with any subset of the nine codec
nodes and source-controlled rate operation.

o Ofer at |east one AMR-WB configuration with paranmeter settings as
defined in Table 6.1 of [TS26.114]. |In order to maxim ze
interoperability and quality, this offer does not restrict the
codec nodes offered. Restrictions on the use of codec nodes may
be included in the answer.

AMR
1. AMR General Description

Adaptive Miulti-Rate (AMR) is a 3GPP-defined speech codec that is
mandatory to inplenent in any 3GPP terminal that supports voice
conmuni cation. This includes both nobile phone calls using GSM and
3G cellular systens as well as multinmedia tel ephony services over |P/
I M5 and 4@ VOLTE, such as the GSMA voice IMs profile for VOLTE in
[TR 92]. References for AMR-rel ated specifications including

detai |l ed codec description and source code are [TS26.071],

[ TS26.073], [TS26.090], and [TS26.104].
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4. 2.

4.2

4. 3.

Pro

2. WebRTC Rel evant Use Case for AMR

A user of a WDRTC endpoint on a device integrating an AMR nodul e
wants to conmuni cate with anot her user that can only be reached on a
nmobi | e device that only supports AVMR Al though nore and nore

term nal devices are now "HD voi ce" and support AVR-WB; there are
still a high nunber of |egacy terminals supporting only AMR
(terminals with no wi deband / HD voice capabilities) that are still
in use. The use of AMR by WDbRTC endpoi nts woul d consequently all ow
transcoding free interoperation with all nobile 3GPP term nal s.

Besi des, WeDbRTC endpoints running on nobile term nals (smartphones)
may reuse the AVR codec already inplenented on these devices.

.3. Cuidelines for AVR Usage and | nplenentation with WbRTC

The payl oad format to be used for AVR is described in [ RFC4867] with
bandwi dth efficient format and one speech franme encapsul ated in each
RTP packet. Further guidelines for inplenenting and using AMR with
purpose to ensure interoperability with 3GPP nobile services can be

found in [TS26.114]. In order to ensure interoperability with 4@
VOLTE as specified by GSMA, the nore specific IMS profile for voice
derived from[TS26.114] should be considered in [IR 92]. |In order to

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

0 Be capable of operating AVMR with any subset of the eight codec
nodes and source-controlled rate operation.

o Ofer at |east one configuration with paranmeter settings as
defined in Tables 6.1 and 6.2 of [TS26.114]. 1In order to maximn ze
the interoperability and quality, this offer shall not restrict
AMR codec nodes offered. Restrictions on the use of codec nodes
may be included in the answer.

G 722
1. G 722 General Description

G722 [G722] is an | TU-T-defined wi deband speech codec. G 722 was
approved by the ITU-T in 1988. It is a royalty-free codec that is
common in a wide range of terminals and endpoi nts supporting w deband
speech and requiring | ow conplexity. The conplexity of G 722 is
estinated to 10 M PS [ EN300175-8], which is 2.5 to 3 tinmes |ower than
AMR-VWB. In particular, G 722 has been chosen by ETSI DECT as the
mandat ory wi deband codec for New Generation DECT in order to greatly
i ncrease the voice quality by extending the bandw dth from narrow
band to wi deband. G 722 is the wi deband codec required for term nals
that are certified as CAT-iq DECT, and version 2.0 of the CAT-iq
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speci ficati ons have been approved by GSMA as the m ni numrequirenents
for the "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 termi nals. DECT
cordl ess phones are still widely used to offer short-range wirel ess
connection to PSTN or Vol P services. G 722 has al so been specified
by ETSI in [TS181005] as the mandatory wi deband codec for | M5

mul ti medi a tel ephony conmuni cation service and suppl enmentary services
using fixed broadband access. The support of G 722 woul d
consequently all ow transcoding-free I P interoperation between WbRTC
endpoints and fixed Vol P term nals including DECT CAT-iq term nals
supporting G 722. Besides, WbRTC endpoints running on fixed
termnals that inplement G 722 may reuse the G 722 codec al ready

i npl ement ed on these devi ces.

4.3.3. Qiidelines for G 722 Usage and | nplenentation with WbRTC

The payload format to be used for G 722 is defined in [ RFC3551] with
each octet of the stream of octets produced by the codec to be octet-
aligned in an RTP packet. The sanpling frequency for the G 722 codec
is 16 kHz, but the RTP clock rate is set to 8000 Hz in SDP to stay
backward conpatible with an erroneous definition in the origina
versi on of the RTP audio/video profile. Further guidelines for

i mpl ementing and using G 722 to ensure interoperability with

mul ti medi a tel ephony services over I M5 can be found in Section 7 of

[ TS26.114]. Additional information about the G 722 inplenentation in
DECT can be found in [ EN300175-8], and the full codec description and
C source code are in [G 722].

5. Security Considerations

Rel evant security considerations can be found in [ RFC7874], "WebRTC
Audi o Codec and Processing Requirenents". |nplenenters maki ng use of
t he additional codecs considered in this docunent are advised to al so
refer nmore specifically to the "Security Considerations" sections of

[ RFC4867] (for AVR and AVR-WB) and [ RFC3551] (for the RTP audi o/ video
profile).
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