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Abst ract

I nternational Tel ecomunication Union (I TUT) Recomrendation G 722.1
is a wide-band audi o codec. This docunent describes the payl oad
format for including G 722.1-generated bit streans within an RTP
packet. The docunent al so describes the syntax and senantics of the
Session Description Protocol (SDP) paraneters needed to support

G 722.1 audi o codec.

Status of This Meno

Thi s docunent specifies an Internet standards track protocol for the
Internet community, and requests discussion and suggestions for

i nprovenents. Please refer to the current edition of the "Internet
Oficial Protocol Standards" (STD 1) for the standardization state
and status of this protocol. Distribution of this nmeno is unlimted.
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1. Introduction

ITUT G722.1 [ITU.Gr221] is a |lowconplexity coder; it conpresses 50
Hz - 14 kHz audio signals into one of the following bit rates: 24
kbit/s, 32 kbit/s, or 48 kbit/s.

The coder may be used for speech, nusic, and other types of audio.
Sone of the applications for which this coder is suitable are:

0 Real -time communications such as vi deoconferencing and tel ephony
0 Streamng audio

o Archival and nmessaging

ITUT G722.1 [ITU. Gr221] uses 20-ns frames and a sanpling rate cl ock
of 16 kHz or 32kHz. The encodi ng and decodi ng al gorithm can change
the bit rate at any 20-nms frane boundary, but no bit rate change
notification is provided in-band with the bit stream

For any given bit rate, the nunber of bits in a frame is a constant.
Wthin this fixed frane, G 722.1 uses variable-length coding (e.qg.,
Huf f man codi ng) to represent nost of the encoded parameters. All
vari abl e-1 ength codes are transmitted in order fromthe |l eftnost bit

(rmost significant bit -- MSB) to the rightnost bit (least significant
bit -- LSB), see [ITU. Gr221] for nore details.
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The I TU-T standardi zed bit rates for G 722.1 are 24 kbit/s or
32kbit/s at 16 Khz sanmple rate, and 24 kbit/s, 32 kbit/s, or 48
kbit/s at 32 Khz sanple rate. However, the coding algorithmitself
has the capability to run at any user-specified bit rate (not just
24, 32, and 48 kbit/s) while maintaining an audi o bandwi dth of 50 Hz
to 14 kHz. This rate change is acconplished by a |inear scaling of
the codec operation, resulting in franes with size in bits equal to
1/50 of the corresponding bit rate.

Ter mi nol ogy

The key words "MJST", "MJST NOT*, "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMVENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [ RFC2119] and
indicate requirement |levels for conmpliant RTP inpl enentations.

RTP Usage for G 722.1
RTP G 722.1 Header Fields

The RTP header is defined in the RTP specification [RFC3550]. This
section defines how fields in the RTP header are used.

Payl oad Type (PT): The assignnent of an RTP payload type for this
packet format is outside the scope of this docunment; it is
specified by the RTP profile under which this payload format is
used, or it is signaled dynam cally out-of-band (e.g., using SDP).

Marker (M bit: The Mbit is set to zero.
Extension (X) bit: Defined by the RTP profil e used.

Ti mestanp: A 32-bit word that corresponds to the sanpling instant
for the first frame in the RTP packet. The sanpling frequency can
be 16 Khz or 32 Khz. The RTP tinmestanp clock frequency of 32 Khz
SHOULD be used unless only an RTP stream sanpled at 16 Khz is
going to be sent.

RTP Payl oad Format for G 722.1
The RTP payload for G 722.1 has the format shown in Figure 1. No

addi ti onal header fields specific to this payload format are
required.
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+ one or nmore frames of G 722.1 |
| ce |
B i s T T i i o S o T Ji I
Figure 1. RTP payload for G 722.1

Because bit rate is not signaled in-band, a separate out-of-band
method is REQURED to indicate the bit rate (see Section 5 for an
exanpl e of signaling bit rate information using SDP). For the

payl oad format specified here, the bit rate MJST remain constant for
a particular payload type value. An application MAY switch bit rates
and clock rates from packet to packet by defining different payl oad
type val ues and swi tchi ng between them

The use of Huffman coding neans that it is not possible to identify
the various encoded paraneters/fields contained within the bit stream
wi thout first conpletely decoding the entire frame. For the purposes
of packetizing the bit streamin RTP, it is only necessary to

consi der the sequence of bits as output by the G 722.1 encoder and to
present the same sequence to the decoder. The payl oad format

descri bed here maintains this sequence.

When operating at 24 kbit/s, 480 bits (60 octets) are produced per
frane. Wen operating at 32 kbit/s, 640 bits (80 octets) are
produced per frame. Wen operating at 48 kbit/s, 960 bits (120
octets) are produced per frame. Thus, all three bit rates allow for
octet alignnment without the need for padding bits.

Figure 2 illustrates how the G 722.1 bit stream MJST be mapped into
an octet-aligned RTP payl oad.
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first bit | ast bit
transmitted transmitted
i T S S O S i i S
I

+ sequence of bits (480, 640, or 960) generated by the |
| G 722.1 encoder for transnission |
R e i I e e S il ok S TR S R S S e S e ol ot (I S N

B i T R e S R b i T I S TRl i SR S S R o o o =
| MSB... LSB|MSB... LSB| | MSB... LSB
R S i i i S e R e e i ks ST R SR S S S T
RTP RTP RTP
octet 1 octet 2 oct et
60, 80, 120

Figure 2: The G 722.1 encoder bit streamis split into
a sequence of octets (60, 80, or 120 dependi ng on
the bit rate), and each octet is in turn
mapped into an RTP octet.

VWhen operating at non-standard rates, the payload format MJIST foll ow
the guidelines illustrated in Figure 2. It is RECOMVENDED t hat

val ues in the range 16000 to 48000 be used. Non-standard rates MJST

have a value that is a nultiple of 400 (this maintains octet

al i gnment and does not then require (undefined) padding bits for each
franme if not octet aligned). For exanple, a bit rate of 16.4 kbit/s

will result in a frame of size 328 bits or 41 octets, which is mapped
into RTP per Figure 2.

3.3. Miltiple G722.1 Franes in an RTP Packet

A sender may include nore than one consecutive G 722.1 frane in a
singl e RTP packet .

Senders have the followi ng additional restrictions:

0 Sender SHOULD NOT include nmore G 722.1 frames in a single RTP
packet than will fit in the MU of the RTP transport protocol

o Al franmes contained in a single RTP packet MJUST be of the sane

| ength and sanpled at the sane clock rate. They MJST have the
same bit rate (octets per frane)
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o Franes MJUST NOT be split between RTP packets.

It is RECOVWENDED t hat the nunmber of frames contained within an RTP
packet be consistent with the application. For exanple, in a

tel ephony application where delay is inportant, the fewer frames per
packet, the |ower the delay; whereas for a delay-insensitive
stream ng or messagi ng application, many frames per packet woul d be
accept abl e.

3.4. Computing the Nunber of G 722.1 Franes

I nformation describing the nunber of frames contained in an RTP
packet is not transmitted as part of the RTP payload. The only way
to determne the nunber of G 722.1 franes is to count the tota
nunber of octets within the RTP packet and divide the octet count by
the nunber of expected octets per frane. This expected octet-per-
frame count is derived fromthe bit rate and is therefore a function
of the payl oad type.

4. | ANA Consi derations
Thi s docunent updates the Gr221 nedia type described in RFC 3047
4.1. Media Type Registration

This section describes the nedia types and nanes associated with this
payl oad format. The section registers the nedia types, as per RFC
4288 [ RFC4288]

4.1.1. Registration of Media Type audio/ Gr221
Medi a type nane: audio
Medi a subtype nane: Gr221
Requi red paraneters

bitrate: the data rate for the audio bit stream This paraneter
is mandatory because the bit rate is not signaled within the

G 722.1 bit stream At the standard G 722.1 bit rates, the value
MUST be either 24000 or 32000 at 16 Khz sanple rate, and 24000,
32000, or 48000 at 32 Khz sample rate. |If using the non-standard
bit rates, then it is RECOMVENDED that values in the range 16000
to 48000 be used. Non-standard rates MJST have a value that is a
multiple of 400 (this maintains octet alignment and does not then
require (undefined) padding bits for each frame if not octet

al i gned).
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Opti onal paraneters:
rate: RTP tinestanp clock rate, which is equal to the sanpling
rate. |If the parameter is not specified, a clock rate of 16 Khz
i s assuned.
ptine: see RFC 4566. SHOULD be a multiple of 20 ns.
maxpti me: see RFC 4566. SHOULD be a multiple of 20 ns.

Encodi ng consi derati ons:

This nmedia type is franed and binary, see Section 4.8 in
[ RFC4288] .

Security considerations: See Section 6

Interoperability considerations:
Term nal s SHOULD offer a nedia type at 16 Khz sanple rate in order
to interoperate with term nals that do not support the new 32 Khz
sanpl e rate.

Publ i shed specification: RFC 5577.

Applications that use this nedia type:
Audi o and Video stream ng and conferencing applications.

Addi tional information: none

Person and enmil address to contact for further information :
Roni Even: ron.even.tlv@mail.com

I nt ended usage: COVMON

Restrictions on usage:
This nedi a type depends on RTP fram ng, and hence is only defined
for transfer via RTP [ RFC3550]. Transport w thin other fram ng
protocols is not defined at this tine.

Aut hor: Roni Even

Change controller

| ETF Audi o/ Vi deo Transport working group del egated fromthe | ESG
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.1

SDP Par aneters

The nedi a types audi o/ G7221 are mapped to fields in the Session
Description Protocol (SDP) [RFC4566] as foll ows:

0 The media name in the "n¥" line of SDP MUST be audio.
o The encoding nanme in the "a=rtpmap" line of SDP MJST be Gr221 (the
medi a subtype).

0 The paraneter "rate" goes in "a=rtpmap" as clock rate paraneter.

0 Only one bitrate SHALL be defined (using the "bitrate=" paraneter
inthe a=fntp line) for each payl oad type.

Usage with the SDP O fer/ Answer Model

When offering G 722.1 over RTP using SDP in an O fer/Answer nodel
[ RFC3264], the follow ng considerations are necessary.

The conbi nation of the clock rate in the rtpmap and the bitrate
paraneter defines the configuration of each payl oad type. Each
configuration intended to be used MJST be decl ar ed.

There are two sanpling clock rates defined for G722.1 in this
docunent. RFC 3047 [ RFC3047] supports only the 16 Khz cl ock rate.
Therefore, a systemthat wants to use G 722.1 SHOULD offer a payl oad
type with clock rate of 16000 for backward interoperability.

An exampl e of an offer that includes a 16000 and 32000 cl ock rate is:

mraudi o 49000 RTP/ AVP 121 122
a=rtpmap: 121 Gr221/ 16000
a=fm p: 121 bitrat e=24000
a=rtpmap: 122 Gr221/ 32000
a=fm p: 122 bitrate=48000

Security Consi derations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
speci fication [ RFC3550] and any appropriate RTP profile. The main
security considerations for the RTP packet carrying the RTP payl oad
format defined within this neno are confidentiality, integrity, and
source authenticity. Confidentiality is achieved by encryption of
the RTP payload. Integrity of the RTP packets is achieved through a
sui tabl e cryptographic integrity-protection nmechanism Such a
cryptographic systemmay al so allow the authentication of the source
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1.

of the payload. A suitable security nechanismfor this RTP payl oad
format shoul d provide confidentiality, integrity protection, and at
| east source authentication capable of determning if an RTP packet
is froma menber of the RTP session

Note that the appropriate nechanismto provide security to RTP and
payl oads following this memo may vary. It is dependent on the
application, the transport, and the signaling protocol enployed.
Therefore, a single mechanismis not sufficient; although, if

sui tabl e, usage of the Secure Real -tine Transport Protocol (SRTP) is
[ RFC3711] recommended. Another mechanismthat nay be used is |Psec
[ RFC4301] Transport Layer Security (TLS) [ RFC5246] (RTP over TCP);
other alternatives may exist.

This RTP payload format and its nedia decoder do not exhibit any
significant non-uniformty in the receiver-side conputationa
conpl exity for packet processing, and thus are unlikely to pose a
deni al -of -service threat due to the receipt of pathol ogical data.
Nor does the RTP payload format contain any active content.

Changes from RFC 3047
Thi s specification obsol etes RFC 3047, adding the support for the
Superw deband (14 Khz) audi o support defined in annex C of the new
revision of ITUT G 722.1

O her changes:

Updated the text to be in line with the current rules for RFCs and
with nedia type registration conformng to RFC 4288.
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