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Abstract
I nternati onal Tel ecomunication Union (I TU T) Reconmendation G 722.1
is a wide-band audi o codec, which operates at one of two selectable
bit rates, 24kbit/s or 32kbit/s. This docunent describes the payl oad
format for including G 722.1 generated bit streanms within an RTP
packet. Also included here are the necessary details for the use of
G 722.1 with M ME and SDP.

1. Conventions used in this docunent
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 [6].

2. Overview of ITUT Reconmmendation G 722.1

G 722.1is a low conplexity coder, it conpresses 50Hz - 7kHz audio
signals into one of two bit rates, 24 kbit/s or 32 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-tinme comunications such as videoconferenci ng and tel ephony.

0o Streaning audio
o Archival and nessaging
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A fixed frane size of 20 nms is used, and for any given bit rate the
nunber of bits in a franme is a constant.

3. RTP payload format for G 722.1

G 722.1 uses 20 ns frames and a sanpling rate clock of 16 kHz, so the
RTP tinmestanp MJUST be in units of 1/16000 of a second. The RTP

payl oad for G 722.1 has the format shown in Figure 1. No additiona
header specific to this payload format is required.

0 1 2 3
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| RTP Header [ 3] |
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Figure 1: RTP payload for G 722.1

The encodi ng and decodi ng al gorithm can change the bit rate at any
20nms frane boundary, but no bit rate change notification is provided
in-band with the bit stream Therefore, a separate out-of-band
method is REQURED to indicate the bit rate (see section 6 for an
exanpl e of signaling bit rate information using SDP). For the

payl oad format specified here, the bit rate MJUST renmai n constant for
a particular payload type value. An application MAY switch bit rates
from packet to packet by defining two payl oad type val ues and

swi tchi ng between them

The assignnent of an RTP payl oad type for this new packet format is

out side the scope of this docunent, and will not be specified here.
It is expected that the RTP profile for a particular class of
applications will assign a payload type for this encoding, or if that

is not done then a payload type in the dynamic range shall be chosen

The nunber of bits within a frame is fixed, and within this fixed
frame G 722.1 uses variable length coding (e.g., Huffrman coding) to
represent nost of the encoded paraneters [2]. Al variable length
codes are transnmitted in order fromthe left nost (nost significant -
MSB) bit to the right nost (least significant - LSB) bit, see [2] for
nore details.

The use of Huffman coding nmeans that it is not possible to identify

the various encoded paraneters/fields contained within the bit stream
wi thout first conpletely decoding the entire frane.

Lut hi St andards Track [ Page 2]



RFC 3047 Payl oad Format G 722.1 January 2001

For the purposes of packetizing the bit streamin RTP, it is only
necessary to consider the sequence of bits as output by the G 722.1
encoder, and present the same sequence to the decoder. The payl oad
format descri bed here naintains this sequence.

When operating at 24 kbit/s, 480 bits (60 octets) are produced per
frame, and when operating at 32 kbit/s, 640 bits (80 octets) are
produced per franme. Thus, both bit rates allow for octet alignnent
wi t hout 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.

An RTP packet SHALL only contain G 722.1 franes of the same bit rate.

first bit | ast bit
transmtted transmtted
T i T e ity S S s i S S S i i
I I
+ sequence of bits (480 or 640) generated by the |
| G 722.1 encoder for transm ssion |
T i T e ity S S s i S S S i i

+-+-F+-F-F-+-+-F+-F-F-F-F-+-+-+ ., F-F-+-+-F-F-F-F+-F-+- +- +-+
| MSB... LSB|MSB... LSB| | MSB... LSB|
T s T I S I S S S s TR I e Y S Y Y S e
RTP RTP RTP
octet 1 octet 2 oct et
60 or 80

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

The I TU-T standardi zed bit rates for G 722.1 are 24 kbit/s and
32kbit/s. However, the coding algorithmitself has the capability to
run at any user specified bit rate (not just 24 and 32kbit/s) while
mai nt ai ni ng an audi o bandwi dth of 50 Hz to 7 kHz. This rate change
is acconplished by a linear scaling of the codec operation, resulting
in franes with size in bits equal to 1/50 of the corresponding bit
rate.
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When operating at non-standard rates the payl oad fornmat MJST fol |l ow
the guidelines illustrated in Figure 2. It is RECOMMENDED t hat

val ues in the range 16000 to 32000 be used, and that any val ue MJST
be a multiple of 400 (this naintains octet alignnent and does not
then require (undefined) padding bits for each frame 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 are mapped into RTP per

Fi gure 2.

3.1 Multiple G 722.1 franes in a RTP packet

More than one G 722.1 franme may be included in a single RTP packet by
a sender.

Senders have the follow ng additional restrictions:

0 SHOULD NOT include nore G 722.1 franmes in a single RTP packet than
will fit in the MIU of the RTP transport protocol

o Al frames contained in a single RTP packet MJST be of the sane
length, that is they MUST have the sane bit rate (octets per
franme).

o Frames MUST NOT be split between RTP packets.

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

tel ephony application where delay is inportant, then the fewer franes
per packet the | ower the delay, whereas for a delay insensitive
stream ng or nessagi ng application, many franes per packet would be
accept abl e.

3.2 Computing the nunmber of G 722.1 franes
I nformation describing the nunber of frames contained in an RTP
packet is not transnmitted as part of the RTP payload. The only way
to determine the nunber of G 722.1 frames is to count the tota
nunber of octets within the RTP packet, and divide the octet count by
t he nunber of expected octets per frane (either 60 or 80 per frane,
for 24 kbit/s and 32 kbit/s respectively).

4. MME registration of G 722.1
M ME nedi a type name: audio

M ME subtype: Gr221
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Requi red paraneters:

bitrate: the data rate for the audio bit stream This
paraneter is necessary because the bit rate is not signal ed
within the G722.1 bit stream At the standard G 722.1 bit
rates, the value MJST be either 24000 or 32000. |If using the
non-standard bit rates, then it is RECOWENDED that values in
t he range 16000 to 32000 be used, and that any value MJST be a
multiple of 400 (this maintains octet alignnent and does not
then require (undefined) padding bits for each frame if not
octet aligned).

Opti onal paraneters:

pti me: RECOVMMENDED duration of each packet in milliseconds.
Encodi ng consi derations:

This type is only defined for transfer via RTP as specified in

a Wrrk in Progress.

Security Considerations:
See Section 6 of RFC 3047

Interoperability considerations: none

Publ i shed specificati on:
See | TU-T Reconmendation G 722.1 [2] for encoding algorithm
details.

Appl i cations which use this nmedia type:
Audi o and vi deo streami ng and conferencing tools

Addi tional information: none

Person & ennil address to contact for further information:
Patri ck Lut hi
Lut hi p@i ctel.com

I nt ended usage: COMVON

Aut hor/ Change control |l er

Aut hor: Patrick Lut hi
Change controller: |IETF AVT Wrking G oup
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5. SDP usage of G 722.1

When conveying information by SDP [5], the encodi ng nane SHALL be
"Gr221" (the sanme as the M ME subtype). An exanple of the nedia
representation in SDP for describing G 722.1 at 24000 bits/sec m ght
be:

mFaudi o 49000 RTP/ AVP 121
a=rtpmap: 121 Gr221/ 16000
a=fntp: 121 bitrate=24000

where "bitrate" is a variable that may take on val ues of 24000 or
32000 at the standard rates, or values from 16000 to 32000 (and MJST
be an integer multiple of 400) at the non-standard rates.

6. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [3], and any appropriate RTP profile. This inplies
that confidentiality of the nedia streans is achieved by encryption
Because the data conpression used with this payload format is applied
end-to-end, encryption may be performed after conpression so there is
no conflict between the two operations.

A potential denial-of-service threat exists for data encodi ngs using
conpressi on techni ques that have non-uniformreceiver-end
conmput ati onal |oad. The attacker can inject pathol ogical datagrans
into the streamwhich are conplex to decode and cause the receiver to
be overl oaded. However, this encodi ng does not exhibit any
significant non-uniformty.

As with any | P-based protocol, in some circunstances a receiver my
be overl oaded sinply by the recei pt of too many packets, either
desired or undesired. Network-Ilayer authentication nay be used to

di scard packets from undesired sources, but the processing cost of
the authentication itself nay be too high. In a nmulticast

envi ronment, pruning of specific sources nmay be inplenented in future
versions of IGW [7] and in multicast routing protocols to allow a
receiver to select which sources are allowed to reach it.
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10. Full Copyright Statement
Copyright (C) The Internet Society (2001). Al Rights Reserved.

Thi s docunent and translations of it nmay be copied and furnished to
ot hers, and derivative works that comment on or otherw se explain it
or assist inits inplenentation may be prepared, copied, published
and distributed, in whole or in part, without restriction of any

ki nd, provided that the above copyright notice and this paragraph are
i ncluded on all such copies and derivative works. However, this
docunent itself may not be nodified in any way, such as by renoving
the copyright notice or references to the Internet Society or other
I nternet organi zati ons, except as needed for the purpose of
devel opi ng I nternet standards in which case the procedures for
copyrights defined in the Internet Standards process nust be
followed, or as required to translate it into |Ianguages other than
Engli sh.

The limted perm ssions granted above are perpetual and will not be
revoked by the Internet Society or its successors or assigns.

Thi s docunent and the information contained herein is provided on an
"AS | S" basis and THE | NTERNET SOCI ETY AND THE | NTERNET ENG NEERI NG
TASK FORCE DI SCLAI M5 ALL WARRANTI ES, EXPRESS OR | MPLI ED, | NCLUDI NG
BUT NOT LI M TED TO ANY WARRANTY THAT THE USE OF THE | NFORMATI ON
HEREI N W LL NOT | NFRI NGE ANY RI GHTS OR ANY | MPLI ED WARRANTI ES OF
MERCHANTABI LI TY OR FI TNESS FOR A PARTI CULAR PURPCSE.
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