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Status of This Meno

This docunent specifies an Internet standards track protocol for the
Internet conmmunity, and requests discussion and suggestions for

i mprovenents. Please refer to the current edition of the "Internet
O ficial Protocol Standards" (STD 1) for the standardi zati on state
and status of this protocol. Distribution of this neno is unlimted.

Copyright Notice

Copyright (c) 2008 | ETF Trust and the persons identified as the
docunment authors. All rights reserved.

This docunent is subject to BCP 78 and the I ETF Trust’s Lega
Provisions Relating to | ETF Docunents (http://trustee.ietf.org/
license-info) in effect on the date of publication of this docunent.
Pl ease revi ew these docunents carefully, as they describe your rights
and restrictions with respect to this docunent.

Abstract

This docunent specifies a Real-tinme Transport Protocol (RTP) payl oad
format to be used for the | TU Tel ecomuni cati on Standardi zati on
Sector (ITUT) G 711.1 audio codec. Two nedia type registrations are
al so incl uded.
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1. Introduction

The |1 TU Tel econmuni cati on Standardi zati on Sector (I TU-T)
Recommendation G 711.1 [ITU- G 711.1] is an enbedded w deband
extension of the Recommendation G 711 [I TU-G 711] audio codec. This
docunent specifies a payload format for packetization of G 711.1
encoded audio signals into the Real-tine Transport Protocol (RTP)

The key words "MJST", "MJST NOT", "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", " RECOMMENDED', "MAY", and "OPTIONAL" in this
docunment are to be interpreted as described in [RFC2119].

2. Background

G 711.1 is a G 711 enbedded wi deband speech and audi o codi ng

al gorithmoperating at 64, 80, and 96 kbps. At 64 kbps, G 711.1 is
fully interoperable with G 711. Hence, an efficient deploynent in
existing G 711-based Voice over IP (VolP) infrastructures is

f oreseen.

The codec operates on 5-ns frames, and the default sanpling rate is

16 kHz. Input and output at 8 kHz are al so supported for narrowband
nodes.
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The encoder produces an enbedded bitstream structured in three | ayers
corresponding to three available bit rates: 64, 80, and 96 kbps. The
bitstream can be truncated at the decoder side or by any conponent of
t he conmuni cation systemto adjust, "on the fly", the bit rate to the
desired val ue.

The following table gives nore details on these | ayers

S e e S +
| Layer | Description | Bit rate
Fomm - o e e e e e e e e e e e e m o Fom e e - +
| LO | G 711 conpatible | 64 kbps

| L1 | narrowband enhancenent | 16 kbps

| L2 | wi deband enhancenent | 16 kbps
S e S +

Tabl e 1: Layers description

The conbi nati ons of these three layers results in the definition of
four nodes, as per the follow ng table.

[ S S +
| Mode | LO| L1 | L2 | Audio band | Bit rate
Hom - - I TR Sy U Fomm e - +
| RL | x | | | narrowband | 64 kbps

| RRa | x | x | | narrowband | 80 kbps

| RRb | x | | x | w deband | 80 kbps

| R3 | x | x | x | wdeband | 96 kbps
Hom - - B T I ey Fom e e - +

Tabl e 2: Modes description
3. RTP Header Usage

The format of the RTP header is specified in [ RFC3550]. The payl oad
format defined in this docunent uses the fields of the header in a
manner consistent with that specification

marker (M:
G 711.1 does not define anything specific regarding D scontinuous
Transm ssion (DTX), a.k.a. silence suppression. Codec-independent
mechani sns nay be used, |ike the generic confort-noi se payl oad
format defined in [ RFC3389].

For applications that send either no packets or occasiona
confort-noi se packets during silence, the first packet of a
tal kspurt -- that is, the first packet after a silence period
during which packets have not been transmitted contiguously --
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4,

4.

SHOULD be di stingui shed by setting the marker bit in the RTP data
header to one. The marker bit in all other packets is zero. The
begi nning of a tal kspurt MAY be used to adjust the playout delay
to reflect changi ng network del ays. Applications w thout silence
suppressi on MIUST set the marker bit to zero.

payl oad type (PT):

The assignment of an RTP payl oad type for this packet format is
out side the scope of this docunent, and will not be specified
here. It is expected that the RTP profile under which this

payl oad format is being used will assign a payload type for this
codec or specify that the payload type is to be bound dynamically
(see Section 5.3).

ti mestanp:

The RTP tinmestanp clock frequency is the sane as the default
sampling frequency: 16 kHz.

G 711.1 has also the capability to operate with 8-kHz sanpl ed

i nput/out put signals. It does not affect the bitstream and the
decoder does not require a priori know edge about the sanpling
rate of the original signal at the input of the encoder.
Ther ef ore, depending on the inplenmentation and the audi o acoustic
capabilities of the devices, the input of the encoder and/or the
out put of the decoder can be configured at 8 kHz; however, a
16-kHz RTP clock rate MJUST al ways be used

The duration of one frame is 5 nms, corresponding to 80 sanples at
16 kHz. Thus, the timestanp is increased by 80 for each
consecutive frame.

Payl oad For nat
The conpl ete payl oad consists of a payl oad header of 1 octet,
foll owed by one or nore consecutive G 711.1 audio franes of the sane
node.

The node may change between packets, but not within a packet.

Payl oad Header

The payl oad header is illustrated bel ow

01234567
S e e Sup
[O000O0 M |
R S
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The five nost significant bits are reserved for further extension and
MJUST be set to zero and MJST be ignored by receivers.

The Mode Index (M) field (3 bits) gives the node of the foll ow ng
frane(s) as per the table:

R ook R +
| Mode Index | G 711.1 node | Frame size
TR o e e TR +
| 1 | R1 | 40 octets
| 2 | R2a | 50 octets
| 3 | R2b | 50 octets
| 4 | R3 | 60 octets
R oo R +

Tabl e 3: Modes in payl oad header

Al other values of M are reserved for future use and MJST NOT be
used.

Payl oads received with an undefined M val ue MJUST be di scarded.
If a restricted node-set has been set up by the signaling (see
Section 5), payloads received with an M value not in this set MJST
be di scarded.

4.2. Audio Data
After this payload header, the consecutive audio franes are packed in
order of time, that is, oldest first. Al franes MIST be of the sane
node, indicated by the M field of the payl oad header
Wthin a frame, layers are always packed in the sane order: LO then

L1 for node R2a, LO then L2 for node R2b, LO then L1 then L2 for node
R3. This is illustrated bel ow
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o e e e e e e e e e e e e e e e e e e e mm ==

RL | LO
o e e e e e e e e e e e e e m .=
T T g +

R2a | LO L1 |
S e T +
I e +

R2b | LO L2 |
T T g +
e e T S +

R3 | LO L1 | L2 |
e oo +

The size of one frane is given by the node,

act ual

as per Table 3, and the

nunber of frames is easy to infer fromthe size of the audio

data part:
nb_frames = (size_of _audio_data) / (size_of_one_frane).

Only full frames nust be considered. So if there is a remainder to
t he division above, the corresponding renaining bytes in the received
payl oad MJST be i gnored.

5. Payl oad Format Paraneters

This section defines the paraneters that nmay be used to configure
optional features in the G 711.1 RTP transmi ssion.

Both A-law and nmu-law G 711 are supported in the core layer LO, but
there is no interoperability between A-law and nu-law. So two nedia
types with the same paraneters will be defined: audi o/ PCMA-WB f or
A-1aw core, and audi o/ PCMJWB for mu-law core. This is consistent
wi th the audi o/ PCMA and audi o/ PCMJ nedi a types separation for G 711
audi o.

The paraneters are defined here as part of the nedia subtype
registrations for the G 711.1 codec. A mapping of the paraneters
into the Session Description Protocol (SDP) [RFC4566] is al so

provi ded for those applications that use SDP. 1In control protocols
that do not use MME or SDP, the nedia type paraneters nust be napped
to the appropriate format used with that control protocol.
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5.1. PCMVA-VWB Media Type Registration

This registration is done using the tenplate defined in [ RFC4288] and
foll owi ng [ RFC4855] .

Type nane: audio
Subt ype nanme: PCMA- VB
Requi red paraneters: none
Optional paraneters:
node-set: restricts the active codec node set to a subset of al
nodes. Possible values are a commua-separated |ist of nbpdes
fromthe set: 1, 2, 3, 4 (see Mdde Index in Table 3 of RFC
5391). The nodes are listed in order of preference; first is
preferred. |If npde-set is specified, franes encoded w th nodes
out side of the subset MUST NOT be sent in any RTP payload. |If
not present, all codec nodes are all owed.
ptime: the recommended length of tine (in mlliseconds)
represented by the nedia in a packet. It should be an integer
multiple of 5 ns (the frane size). See Section 6 of RFC 4566.
maxptime: the maxinumlength of tine (in milliseconds) that can
be encapsulated in a packet. It should be an integer multiple
of 5 ms (the franme size). See Section 6 of RFC 4566.

Encodi ng considerations: This nedia type is franed and contains
binary data. See Section 4.8 of RFC 4288.

Security considerations: See Section 8 of RFC 5391
Interoperability considerations: none
Publ i shed specification: RFC 5391

Applications that use this nedia type: Audio and vi deo conferencing
t ool s.

Addi ti onal information: none

Person & email address to contact for further information: Aurelien
Sol I aud, aurelien. sol | aud@range-ftgroup. com

I nt ended usage: COVMON
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Restrictions on usage: This nedia type depends on RTP fram ng, and
hence is only defined for transfer via RTP.
Aut hor: Aurelien Sollaud

Change controller: |ETF Audi o/ Video Transport working group del egat ed
fromthe | ESG

5.2. PCMJWB Media Type Registration

This registration is done using the tenplate defined in [ RFC4288] and
foll owi ng [ RFC4855] .

Type nane: audio
Subt ype name: PCMJ VB
Requi red paraneters: none
Optional paraneters
nmode-set: restricts the active codec node-set to a subset of al
nodes. Possible values are a commma-separated |ist of nbpdes
fromthe set: 1, 2, 3, 4 (see Mdde Index in Table 3 of RFC
5391). The nodes are listed in order of preference; first is
preferred. |f node-set is specified, frames encoded w th nodes
outside of the subset MJST NOT be sent in any RTP payload. |If
not present, all codec nodes are all owed.
ptinme: the recommended length of tine (in mlliseconds)
represented by the nedia in a packet. It should be an integer
multiple of 5 ms (the frame size). See Section 6 of RFC 4566.
maxptime: the maxi mumlength of time (in mlliseconds) that can
be encapsulated in a packet. It should be an integer nultiple
of 5 ns (the frane size). See Section 6 of RFC 4566.

Encodi ng considerations: This nedia type is franed and contains
bi nary data. See Section 4.8 of RFC 4288.

Security considerations: See Section 8 of RFC 5391.
Interoperability considerations: none
Publ i shed specification: RFC 5391

Applications that use this nedia type: Audio and vi deo conferencing
t ool s.
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Addi ti onal information: none

Person & emnil address to contact for further information: Aurelien
Sol I aud, aurelien.sollaud@range-ftgroup.com

I nt ended usage: COVMON

Restrictions on usage: This nedia type depends on RTP fram ng, and
hence is only defined for transfer via RTP.

Aut hor: Aurelien Soll aud

Change controller: |ETF Audi o/ Video Transport working group del egat ed
fromthe | ESG

5.3. Mapping to SDP Paraneters

The information carried in the nedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)

[ RFC4566], which is commonly used to describe RTP sessions. Wen SDP
is used to specify sessions enploying the G 711.1 codec, the mapping
is as follows:

o0 The nedia type ("audio") goes in SDP "m=" as the nedi a nane.

0 The nedia subtype ("PCVA-WB" or "PCMJWB"') goes in SDP "a=rt pnap"
as the encoding name. The RTP clock rate in "a=rtpnmap" MJIST be
16000 for G 711.1.

0 The paraneter "node-set" goes in the SDP "a=fmp" attribute by
copying it as a "nobde-set=<val ue>" string.

0 The paraneters "ptine" and "maxptime" go in the SDP "a=ptine" and
"a=maxptine" attributes, respectively.

5.3.1. Ofer-Answer Mbdel Consi derations

The follow ng considerations apply when using SDP of fer-answer
procedures [RFC3264] to negotiate the use of G 711.1 payload in RTP

0o Since G711.1 is an extension of G 711, the offerer SHOULD
announce G 711 support in its "mrFaudio" line, with G 711.1
preferred. This will allow interoperability with both G 711.1 and
G 711-only capable parties. This is done by offering the PCVA
medi a subtype in addition to PCVA-WB, and/or PCMJ in addition to
PCMJ- W\B.

Sol | aud St andards Track [ Page 9]



RFC 5391 RTP Payl oad Format for G 711.1 Novernber 2008

Bel ow i s an exanple part of such an offer, for A-law

mFaudi o 54874 RTP/ AVP 96 8
a=rtpmap: 96 PCVA- B/ 16000
a=rtpmap: 8 PCMA/ 8000

As a renminder, the payload format for G711 is defined in Section
4.5.14 of [RFC3551].

0 The "node-set" paraneter is bi-directional; i.e., the restricted
node-set applies to nedia both to be received and sent by the
declaring entity. |If a node-set was supplied in the offer, the
answerer MJST return either the sane node-set or a subset of this
node-set. The answerer MAY change the preference order. |If no
node- set was supplied in the offer, the anwerer MAY return a node-
set to restrict the possible nodes. |In any case, the node-set in

the answer then applies for both offerer and answerer. The
of ferer MUST NOT send franes of a node that has been renoved by
t he answerer.

For nulticast sessions, if "node-set" is supplied in the offer,
the answerer SHALL only participate in the session if it supports
the of fered node-set.

0 The paraneters "ptine" and "maxptime" will in nost cases not
affect interoperability. The SDP of fer-answer handling of the
"ptine" paraneter is described in [RFC3264]. The "naxptine"
paraneter MJUST be handl ed in the same way.

0 Any unknown paraneter in an offer MJST be ignored by the receiver
and MUST NOT be included in the answer.

Bel ow are sonme exanple parts of SDP offer-answer exchanges.

0 Exanple 1

Ofer: G711.1 all nodes, with G 711 fall back, prefers nu-law
mFaudi o 54874 RTP/ AVP 96 97 0 8
a=rtpmap: 96 PCMJ WB/ 16000
a=rtpmap: 97 PCVA- WB/ 16000
a=rtpmap: 0 PCMJ 8000
a=rtpnmap: 8 PCMA/ 8000

Answer: all nodes accepted, both mu- and A-Iaw.
mFaudi o 59452 RTP/ AVP 96 97
a=rtpmap: 96 PCMJ WB/ 16000
a=rtpmap: 97 PCVA- WB/ 16000
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0 Exanple 2

Ofer: G711.1 all nodes, with G 711 fallback, prefers A-law
nmraudi o 54874 RTP/ AVP 96 97 8 0
a=rtpmap: 96 PCVA- WB/ 16000
a=rtpmap: 97 PCMJ WB/ 16000

Answer: wants only A-law node R3
mFaudi o 59452 RTP/ AVP 96
a=rtpmap: 96 PCVA- WB/ 16000
a=fnt p: 96 node-set=4

o0 Exanple 3

Ofer: G711.1 A-lawwith two nodes, R2b and R3, with R3 preferred
mraudi o 54874 RTP/ AVP 96
a=rtpmap: 96 PCVA- WB/ 16000
a=fm p: 96 node-set=4, 3

Answer: accept ed
mFaudi o 59452 RTP/ AVP 96
a=rtpmap: 96 PCVA- WB/ 16000
a=fm p: 96 node-set=4,3

If the answerer had wanted to restrict to one node, it would have
answered with only one value in the node-set, for exanple node-
set =3 for npde R2b.

5.3.2. Decl arati ve SDP Consi derati ons

For declarative use of SDP, nothing specific is defined for this
payl oad format. The configuration given by the SDP MJUST be used when
sendi ng and/or receiving nmedia in the session.

6. G 711 Interoperability

The LO layer of G 711.1 is fully interoperable with G711, and is
enmbedded in all nodes of G 711.1. This provides an easy G 711.1 -
G 711 transcodi ng process.

A gateway or any other network device receiving a G 711.1 packet can
easily extract a G 711-conpati bl e payl oad, w thout the need to decode
and re-encode the audio signal. 1t sinply has to take the audi o data
of the payl oad, and strip the upper layers (L1 and/or L2), if any.

If a G 711.1 packet contains several frames, the concatenation of the
LO layers of each frane will forma G 711-conpati bl e payl oad.
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7.

Congestion Control

Congestion control for RTP SHALL be used in accordance with [ RFC3550]
and any appropriate profile (for exanple, [RFC3551]).

The enbedded nature of G 711.1 audio data can be hel pful for
congestion control, since a coding node with a lower bit rate can be
sel ected when needed. This property is usable only when nultiple
nodes have been negotiated (either no "node-set" paraneter in the SDP
or a "node-set" with at |east two nodes).

The nunber of frames encapsul ated in each RTP payl oad i nfluences the
overal |l bandw dth of the RTP stream due to the header overhead.
Packing nore franes in each RTP payl oad can reduce the nunber of
packets sent and hence the header overhead, at the expense of

i ncreased del ay and reduced error robustness.

Security Considerations

RTP packets using the payload format defined in this specification
are subject to the general security considerations discussed in the
RTP specification [ RFC3550] and any appropriate profile (for exanple,
[ RFC3551]) .

As this format transports encoded speech/audi o, the main security

i ssues include confidentiality, integrity protection, and

aut henti cation of the speech/audio itself. The payload format itself
does not have any built-in security nmechani sms. Any suitable

ext ernal nechani sns, such as the Secure Real -time Transport Protoco
(SRTP) [RFC3711], MAY be used

This payl oad format and the G 711.1 encoding do not exhibit any
significant non-uniformity in the receiver-end conputational |oad,
and thus they are unlikely to pose a denial-of-service threat due to
the recei pt of pathol ogical datagranms. 1In addition, they do not
contain any type of active content such as scripts.

| ANA Consi der ati ons

Two new nedi a subtypes (audi o/ PCMA-WB and audi o/ PCMJ WB) have been
registered by 1 ANA. See Sections 5.1 and 5. 2.
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