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Thi s docunment specifies an Internet standards track protocol for the
Internet conmunity, and requests di scussion and suggestions for

i nprovenents. Please refer to the current edition of the "Internet
O ficial Protocol Standards" (STD 1) for the standardization state
and status of this protocol. Distribution of this meno is unlimnited.

Copyright Notice

Copyright (c) 2008 IETF Trust and the persons identified as the
docunment authors. Al rights reserved.

This docunent is subject to BCP 78 and the | ETF Trust’s Legal
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
Thi s docunent specifies the payl oad fornmat for packetization of the
G 719 full-band codec encoded audio signals into the Real -tine

Transport Protocol (RTP). The payload format supports transm ssion
of multiple channels, nultiple frames per payload, and interleaving.
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1. Introduction

Thi s docunent specifies the payload fornmat for packetization of the
G 719 full-band (FB) codec encoded audio signals into the Real-tine
Transport Protocol (RTP) [RFC3550]. The payl oad format supports
transni ssion of multiple channels, nultiple frames per payl oad, and
packet | oss robustness nethods using redundancy or interleaving.

Thi s docunent starts with conventions, a brief description of the
codec, and the payload format’s capabilities. The payload format is
specified in Section 5. Exanples can be found in Section 6. The
nmedi a type and its mappings to the Session Description Protocol (SDP)
and usage in SDP offer/answer are then specified. The docunent ends
Wi th consi derations regardi ng congestion control and security.

2. Definitions and Conventi ons

The term "franme-bl ock" is used in this docunent to describe the tine-
synchroni zed set of audio franmes in a multi-channel audi o session.

In particular, in an N-channel session, a frane-block will contain N
audi o frames, one fromeach of the channels, and all N speech franes
represent exactly the same tine period.

Thi s docunent contains depictions of bit fields. The nobst
significant bit is always leftnost in the figure on each row and has
the | owest enuneration. For fields that are depicted over nultiple
rows, the upper rowis nore significant than the next.

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [ RFC2119].

3. G 719 Description

The ITUT G 719 full-band codec is a transform coder based on
Modul at ed Lapped Transform (M.T). G 719 is a lowconplexity full-
bandw dth codec for conversational speech and audi o coding. The
encoder input and decoder output are sanpled at 48 kHz. The codec
enabl es full-bandwidth from20 Hz to 20 kHz, encodi ng of speech,
musi ¢, and general audio content at rates from 32 kbit/s up to 128
kbit/s. The codec operates on 20-ns franes and has an al gorithmc
del ay of 40 ns.

The codec provides excellent quality for speech, nusic, and other

types of audio. Sonme of the applications for which this coder is
sui tabl e are:
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0 Real-tinme comunications such as video conferencing and tel ephony
0o Streaning audio
o Archival and nessaging

The encodi ng and decodi ng al gorithm can change the bitrate at any
20-ms frame boundary. The encoder receives the audi o sanpled at 48
kHz. The support of other sanpling rates is possible by re-sanpling
the input signal to the codec’s sanpling rate, i.e., 48 kHz; however,
this functionality is not part of the standard.

The encoding is perfornmed on equally sized frames. For each frane,

t he encoder deci des between two encodi ng nodes, a transient node and
a stationary node. The decision is based on statistics derived from
the input signal. The stationary node uses a long M.T that |eads to
a spectrum of 960 coefficients, while the transient encodi ng node
uses a short M.T (higher tine resolution transform that results in 4
spectra (4 x 240 = 960 coefficients). The encoding of the spectrum
is done in tw steps. First, the spectral envel ope is conputed,
quanti zed, and Huf fman encoded. The envel ope is conputed on a non-
uni form frequency subdivision. Fromthe coded spectral envel ope, a
wei ght ed spectral envelope is derived and is used for bit allocation;
this process is also repeated at the decoder. Thus, only the
spectral envelope is transmtted. The output of the bit allocation
is used in order to quantize the spectra. |In addition, for
stationary franes, the encoder estinmates the anount of noise |evel
The decoder applies the reverse operation upon reception of the bit
stream The non-coded coefficients (i.e., no bits allocated) are
repl aced by entries of a noise codebook that is built based on the
decoded coefficients.

4. Payl oad Format Capabilities

Thi s payl oad format has a nunber of capabilities, and this section
di scusses themin sonme detail

4.1. Milti-Rate Encoding and Rate Adaptation

G 719 supports a multi-rate encoding capability that enables on a
per-frame basis variation of the encoding rate. This enabl es support
for bitrate adaptati on and congestion control. The possibility to
aggregate nmultiple audio frames into a single RTP payl oad is anot her
di mensi on of adaptation. The RTP and payl oad format overhead can
thus be reduced by the aggregati on at the cost of increased delay and
reduced packet-I| oss robustness.
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4.2. Support for Milti-Channel Sessions

The RTP payload format defined in this docunent supports multi-
channel audio content (e.g., stereophonic or surround audio
sessions). Although the G 719 codec itself does not support encoding
of multi-channel audio content into a single bit stream it can be
used to separately encode and decode each of the individual channels.
To transport (or store) the separately encoded nulti-channel content,
the audio franmes for all channels that are framed and encoded for the
same 20-nms period are logically collected in a "frame-bl ock”

At the session setup, out-of-band signaling nmust be used to indicate
t he nunber of channels in the payload type. The order of the audio

frames within the frame-bl ock depends on the nunber of the channels

and follows the definition in Section 4.1 of the RTP/AVP profile

[ RFC3551] . When using SDP for signaling, the number of channels is

specified in the rtpnap attribute.

4.3. Robustness agai nst Packet Loss

The payl oad format supports several neans, including forward error
correction (FEC) and franme interleaving, to increase robustness
agai nst packet | oss.

4.3.1. Use of Forward Error Correction (FEC)

Generic forward error correction within RTP is defined, for exanple,
in RFC 5109 [ RFC5109]. Audi o redundancy coding is defined in RFC
2198 [ RFC2198]. Either schene can be used to add redundant
information to the RTP packet streamand make it nore resilient to
packet |osses, at the expense of a higher bitrate. Please see either
of the RFCs for a discussion of the inplications of the higher
bitrate to network congestion

In addition to these nedi a-unaware mechani sns, this nmeno specifies a
G 719-specific formof audio redundancy coding, which may be
beneficial in terns of packetization overhead. Conceptually,
previously transmtted transport franmes are aggregated together with
new ones. A sliding wi ndow can be used to group the frames to be
sent in each payload. However, irregular or non-consecutive patterns
are al so possible by inserting NO DATA frames between primary and
redundant transm ssions. Figure 1 below shows an exanpl e.
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R - Fomme o Hommm oo Fommea o Hommm oo Fommea o Hommm oo +- -
| f(n-2) | f(n-1) | f(n) | f(n+l) | f(n+2) | f(n+3) | f(n+4) |
- Fommea o Hommm oo Fommea o Hommmamo Fommea o ommm oo +- -

<---- p(n-1) ---->
<----- p(n) ----- >
<--- p(n+l) ---->
<--- p(n+2) ---->
<--- p(n+3) ---->
<--- p(n+d) ---->

Figure 1: An exanple of redundant transm ssion

Here, each frame is retransmitted once in the follow ng RTP payl oad
packet. f(n-2)...f(n+4) denote a sequence of audio franes, and
p(n-1)...p(n+4) a sequence of payl oad packets.

The nechani sm descri bed does not really require signaling at the
sessi on setup. However, signaling has been defined to allow for the
sender to voluntarily bind the buffering and delay requirements. |If
nothing is signaled, the use of this nmechanismis allowed and
unbounded. For a certain tinmestanp, the receiver may receive

mul tiple copies of a frame containing encoded audi o data, even at
different encoding rates. The cost of this schene is bandw dth and
the receiver delay necessary to allow the redundant copy to arrive.

Thi s redundancy schene provides a functionality simlar to the one
described in RFC 2198, but it works only if both original frames and
redundant representations are G 719 frames. When the use of other
nmedi a codi ng schenes is desirable, one has to resort to RFC 2198.

The sender is responsible for selecting an appropriate anount of
redundancy based on feedback about the channel conditions, e.g., in
the RTP Control Protocol (RTCP) [RFC3550] receiver reports. The
sender is also responsible for avoiding congestion, which may be
exacer bat ed by redundancy (see Section 9 for nore details).

4.3.2. Use of Franme Interleaving

To decrease protocol overhead, the payload design all ows severa
audi o transport franes to be encapsulated into a single RTP packet.
One of the drawbacks of such an approach is that in the case of
packet |oss, several consecutive frames are |ost. Consecutive frame
loss normal ly renders error conceal ment |ess efficient and usually
causes clearly audible and annoying distortions in the reconstructed
audio. Interleaving of transport franes can inprove the audio
quality in such cases by distributing the consecutive |osses into a
nunber of isolated franme | osses, which are easier to conceal

West erl und & Johansson St andar ds Track [ Page 6]



RFC 5404 RTP Payl oad Format for G 719 January 2009

However, interleaving and bundling several frames per payload al so
i ncreases end-to-end delay and sets higher buffering requirenents.
Therefore, interleaving is not appropriate for all use cases or
devices. Streaming applications should nost likely be able to
exploit interleaving to inprove audio quality in |ossy transm ssion
condi ti ons.

Note that this payl oad design supports the use of frane interleaving
as an option. The usage of this feature needs to be negotiated in
t he session setup

The interl eaving supported by this format is rather flexible. For
exanpl e, a continuous pattern can be defined, as depicted in
Fi gure 2.

e e - e o e - +- -
| f(n-2) | f(n-1) | f(n) | f(n+l) | f(n+2) | f(n+3) | f(n+4) |
e N oo S - N - +- -

[ p(n) 1]
[ p(n+1) ] [ p(n+l) ]
[ p(n+2) ] [ p(n+2) ]
[ p(n+3) ]
[ p(n+4) ]

Figure 2: An exanple of interleaving pattern that has constant del ay

In Figure 2, the consecutive franes, denoted f(n-2) to f(n+4), are
aggregated into packets p(n) to p(n+4), each packet carrying two
frames. This approach provides an interleaving pattern that allows
for constant delay in both the interleaving and de-interl eaving
processes. The de-interleaving buffer needs to have room for at

| east three frames, including the one that is ready to be consuned.
The storage space for three frames is needed, for exanple, when f(n)
is the next frame to be decoded: since frame f(n) was received in
packet p(n+2), which also carried frame f(n+3), both these frames are
stored in the buffer. Furthernore, frane f(n+l) received in the
previ ous packet, p(n+l), is also in the de-interleaving buffer. Note
also that in this exanple the buffer occupancy varies: when frane
f(n+l) is the next one to be decoded, there are only two franes,
f(n+l) and f(n+3), in the buffer

5. Payl oad For mat
The mai n purpose of the payload design for G 719 is to maxim ze the

potential of the codec to its fullest degree with as mini mal overhead
as possible. 1In the design, both basic and interleaved nodes have
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been included, as the codec is suitable both for conversational and
ot her | owdelay applications as well as stream ng, where nore del ay
i s acceptabl e.

The main structural difference between the basic and interl eaved
nodes is the extension of the table of contents entries with frame

di spl acenent fields in the interleaved node. The basic nbde supports
aggregation of multiple consecutive franes in a payload. The

i nterl eaved node supports aggregation of nmultiple frames that are
non-consecutive in tinme. In both nodes, it is possible to have
frames encoded with different frame types in the sanme payl oad.

The payl oad format al so supports the usage of G 719 for carrying
mul ti-channel content using one discrete encoder per channel al
using the sane bitrate. In this case, a conplete franme-block with
data fromall channels is included in the RTP payload. The data is
t he concatenation of all the encoded audio frames in the order
specified for that number of included channels. Al so, interleaving
is done on conplete frane-bl ocks rather than on individual audio
franes.

5.1. RTP Header Usage

The RTP timestanp corresponds to the sanpling instant of the first
sanpl e encoded for the first frame-block in the packet. The

ti mestanp clock frequency SHALL be 48000 Hz. The tinestanp is al so
used to recover the correct decoding order of the frane-bl ocks.

The RTP header marker bit (M SHALL be set to 1 whenever the first
frame-block carried in the packet is the first frame-block in a
tal kspurt (see definition of the tal kspurt in Section 4.1 of

[ RFC3551]). For all other packets, the marker bit SHALL be set to
zero (M=0).

The assignment of an RTP payload type for the format defined in this
meno i s outside the scope of this docunent. The RTP profiles in use
currently mandate bi nding the payl oad type dynamically for this
payload format. This is basically necessary because the payl oad type
expresses the configuration of the payload itself, i.e., basic or

i nterl eaved node, and the nunber of channels carri ed.

The remai ni ng RTP header fields are used as specified in [ RFC3550].
5.2. Payload Structure
The payl oad consists of one or nore table of contents (ToC) entries

foll owed by the audio data corresponding to the ToC entries. The
foll ow ng sections describe both the basic node and the interleaved
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node. Each ToC entry MJST be padded to a byte boundary to ensure
octet alignment. The rules regardi ng maxi num payl oad size given in
Section 3.2 of [RFC5405] SHOULD be foll owed.

5.2.1. Basic ToC El enent

All the different formats and nodes in this docunent use a common
basic ToC that may be extended in the different options described
bel ow.

01234567
T S
| Fl L | R R
T I e

Figure 3: Basic TCC el enent
F (1 bit): If set to 1, indicates that this ToC entry is followed by
another ToC entry; if set to zero, indicates that this ToC entry
is the last one in the ToC

L (5 bits): Afield that gives the frame | ength of each individua
frame within the frame-bl ock.

L | engt h( byt es)

0 0 NO_DATA

1-7 N A (reserved)
8-22 80+10*(L-8)
23-27 240+20* (L- 23)
28-31 N A (reserved)

Figure 4: How to map L values to frame | engths

L=0 (NO_DATA) is used to indicate an enpty franme, which is usefu
if frames are mssing (e.g., at re-packetization), or to insert
gaps when sending redundant franes together with primary franes in
the sanme payl oad.

The value range [1..7] and [28..31] inclusive is reserved for
future use in this docunment version; if these values occur in a
ToC, the entire packet SHOULD be treated as invalid and di scarded.
A few exanpl es are given bel ow where the frane size and the
correspondi ng codec bitrate is conputed based on the val ue L.
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L Byt es Codec Bitrate(kbps)

8 80 32
9 90 36
10 100 40
12 120 48
16 160 64
22 220 88
23 240 96
25 280 112
27 320 128

Figure 5: Exanples of L values and corresponding frame | engths

This encoding yields a granularity of 4 kbps between 32 and 88
kbps and a granularity of 8 kbps between 88 and 128 kbps with a
defined range of 32-128 kbps for the codec data.

R (2 bits): Reserved bits. SHALL be set to zero on sending and
SHALL be ignored on reception.

5.3. Basic Mde

The basic ToC el enent shown in Figure 3 is followed by a 1-octet
field for the nunber of frame-bl ocks (#frames) to formthe ToC entry.
The frane-blocks field tells how many frane-bl ocks of the sane | ength
the ToC entry relates to.

01234567
i sTI U S S S
| #f r ames |
i sTI U S S S

Figure 6: Nunber of franme-blocks field
5.4. Interleaved Mde

The basic ToCis followed by a 1-octet field for the nunber of frane-
bl ocks (#franes) and then the DIS fields to forma ToC entry in
interleaved node. The frame-bl ocks field tells how many frame-bl ocks
of the sane length the ToCrelates to. The DIS fields, one for each
frame-bl ock indicated by the #franes field, express the interleaving
di stance between audio frames carried in the payload. |f necessary
to achieve octet alignnent, a 4-bit padding is added.
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5.

5.

il s T T S S S S S i N T i ST S S S S S e e L T 2
#f ranes | bbst | ... | DS | ... | DSn | Padd |
il s T T S S S S S i N T i ST S S S S S e e L T 2

Figure 7: Nunber of frame-block + interleave fields

DIS1...DISn (4 bits): A list of n (n=#frames) displacenent fields
i ndicating the displacenent of the i:th (i=1..n) audio frame-bl ock
relative to the preceding frane-block in the payload, in units of
20-nms |l ong audi o frane-blocks). The 4-bit unsigned integer
di spl acenent val ues may be between zero and 15 indicating the
nunber of audi o frane-blocks in decodi ng order between the
(i-1):th and the i:th frame in the payload. Note that for the
first ToC entry of the payload, the value of DI S1 is neaningless.
It SHALL be set to zero by a sender and SHALL be ignored by a
receiver. This franme-block’s location in the decoding order is
uni quely defined by the RTP tinmestanp. Note that for subsequent
ToC entries DI S1 indicates the nunber of frames between the | ast
frame of the previous group and the first franme of this group

Padd (4 bits): To ensure octet alignment, 4 padding bits SHALL be
i ncluded at the end of the ToC entry in case there is an odd
nunber of frame-blocks in the group referenced by this ToC entry.
These bits SHALL be set to zero and SHALL be ignored by the
receiver. |If a group containing an even nunber of franes is
referenced by this ToC entry, these padding bits SHALL NOT be
i ncluded in the payl oad.

Audi o Dat a

The audio data part follows the table of contents. Al the octets
conprising an audio frame SHALL be appended to the payload as a unit.
For each frane-bl ock, the audio franes are concatenated in the order
indicated by the table in Section 4.1 of [RFC3551] for the nunber of
channel s configured for the payload type in use. So the first
channel (leftnost) indicated cones first foll owed by the next
channel . The audi o frame-bl ocks are packetized in increasing
timestanp order within each group of frame-blocks (per ToC entry),
i.e., oldest frame-block first. The groups of frame-blocks are
packetized in the sane order as their corresponding ToC entries.

The audio franes are specified in I TU reconmendation [ITU T-Gr719].
The G 719 bit streamis split into a sequence of octets and

transmtted in order fromthe |eftnost (nost significant (MSB)) bit
to the rightnost (least significant (LSB)) bit.
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5.6. Inplenentation Considerations

An application inplenmenting this payload format MJST understand al

t he payl oad paraneters specified in this specification. Any mapping
of the paraneters to a signaling protocol MJST support al

paraneters. So an inplenmentation of this payload format in an
application using SDP is required to understand all the payl oad
paraneters in their SDP-mapped form This requirenent ensures that
an i npl enmentati on always can deci de whether it is capable of

conmuni cati ng when the conmuni cating entities support this version of
the specification

Basi ¢ node SHALL be inplenented and the interl eaved node SHOULD be

i npl emrented. The inplenentation burden of both is rather snall, and
supporting both ensures interoperability. However, interleaving is
not mandated as it has linited applicability for conversational
applications that require tight delay boundaries.

5.6.1. Receiving Redundant Franes

The reception of redundant audio franes, i.e., nore than one audio
frame fromthe sanme source for the sane tinme slot, MJST be supported
by the inplementation. |In the case that the receiver gets multiple

audio frames in different bitrates for the sane tinme slot, it is
RECOVMENDED t hat the receiver keeps the one with the highest bitrate.

5.6.2. Interleaving

The use of interleaving requires further considerations. As
presented in the exanple in Section 4.3.2, a given interleaving
pattern requires a certain anmount of the de-interleaving buffer.

This buffer space, expressed in a nunber of transport frame slots, is
i ndicated by the "interleaving" nedia type paranmeter. The nunber of
frame slots needed can be converted into actual menory requirenents
by considering the 320 bytes per frame used by the highest bitrate of
G 719.

The information about the frame buffer size is not always sufficient
to determine when it is appropriate to start consuning franes from
the interleaving buffer. Additional information is needed when the
interleaving pattern changes. The "int-delay" nmedia type paraneter
is defined to convey this information. It allows a sender to
indicate the minimal nedia tine that needs to be present in the
buffer before the decoder can start consumnming frames fromthe buffer
Because the sender has full control over the interleaving pattern, it
can calculate this value. |In certain cases (for exanple, if joining
a nulticast session with interleaving md-session), a receiver may
initially receive only part of the packets in the interleaving
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pattern. This initial partial reception (in frame sequence order) of
franmes can yield too few franes for acceptable quality fromthe audio
decoding. This problemal so arises when using encryption for access
control, and the receiver does not have the previous key. Al though
the G 719 is robust and thus tolerant to a high random frane erasure
rate, it would have difficulties handling consecutive frane | osses at
startup. Thus, sone special inplenmentation considerations are

descri bed.

In order to handle this type of startup efficiently, decoding can
start provided that:

1. There are at |east two consecutive franes avail abl e.

2. More than or equal to half the frames are available in the tine
period from where decodi ng was planned to start and the nost
forward recei ved decodi ng.

After receiving a nunber of packets, in the worst case as nany
packets as the interleaving pattern covers, the previously described
effects di sappear and normal decoding is resuned. Simlar issues

ari se when a receiver |eaves a session or has | ost access to the
stream |If the receiver |eaves the session, this would be a ninor

i ssue since playout is normally stopped. The sender can avoid this
type of problemin many sessions by starting and ending interl eaving
patterns correctly when risks of |osses occur. One such exanple is a
key- change done for access control to encrypted streans. |If only
some keys are provided to clients and there is a risk they wll
receive content for which they do not have the key, it is recommended
that interleaving patterns do not overlap key changes.

5.6.3. Decoding Validation
If the receiver finds a m smatch between the size of a received
payl oad and the size indicated by the ToC of the payl oad, the
recei ver SHOULD di scard the packet. This is recommended because
decoding a frane parsed froma payl oad based on erroneous ToC data
coul d severely degrade the audio quality.
6. Payl oad Exanpl es
A few exanples to highlight the payl oad fornat foll ow
6.1. 3 Mono Franes with 2 Different Bitrates
The first exanple is a payload consisting of 3 nono franmes where the

first 2 franes correspond to a bitrate of 32 kbps (80 bytes/frane)
and the last is 48 kbps (120 bytes/frane).
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The first 32 bits are ToC fi el ds.

Bit 0Ois '1 as another ToC field foll ows.

Bits 1..5 are '01000° = 80 bytes/frane.

Bits 8..15 are 00000010 = 2 frame-bl ocks with 80 bytes/frane.
Bit 16 is "0, no nmore ToC foll ows.

Bits 17..21 are '01100° = 120 bytes/framne.

Bits 24..31 are '00000001" = 1 frane-block with 120 bytes/frane.

0 1 2 3
01234567890123456789012345678901
T ST S e T S Tk a S S S S e T
|10 1 000/00J00000010/0/0110000/000000O017]
T ST S e T S Tk a S S S S e T
| d(0) frame 1 |

| d(639) |
T T T S i S S S S e T T s i s
| d(0) frame 2 |

| d(639) |
T S o T s T T o S T il sl S T R S i i
| d(0) frame 3 |

| d(959) |

T S o T s T T o S T il sl S T R S i i
6.2. 2 Stereo Frane-Bl ocks of the Sane Bitrate

The second exanple is a payload consisting of 2 stereo franes that
correspond to a bitrate of 32 kbps (80 bytes/frane) per channel. The
recei ver cal cul ates the nunber of franes in the audio bl ock by

mul tiplying the value of the "channels" parameter (2) with the
#frames field value (2) to derive that there are 4 audio franes in

t he payl oad.

The first 16 bits is the ToC fi el d.

Bit 0Ois "0 as no ToC field foll ows.

Bits 1..5 are '01000° = 80 bytes/frane.

Bits 8..15 are '00000010° = 2 frame-bl ocks with 80 bytes/frane.
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0 1 2 3

01234567890123456789012345678901
T S T T S e T S S T i S S S S s i s
[0J]0O1 0000000000010 d(O) frame 1 left ch. |
T S T T T St S I I S S S T

i d(639)| d(0) frame 1 right ch. i

T T T S i S S S St e e mT T S T

i d(639)| d(0) frame 2 left ch. i
S S S S B S

i d(639)| d(0) frame 2 right ch. i
S S S N B DI
| d( 639) |

T S S T i (e ST Y S S
6.3. 4 Mono Franes Interl eaved
The third exanple is a payl oad consisting of 4 nono franes that

correspond to a bitrate of 32 kbps (80 bytes/frane) interleaved. A
pattern of interleaving for constant delay when aggregating 4 franes

is used in the exanple below. The actual packet illustrated is
packet n, while the previous and foll ow ng packets’ frame-Dblock
content is shown to illustrate the pattern

Packet n-3: 1, 6, 11, 16

Packet n-2: 5, 10, 15, 20

Packet n-1: 9, 14, 19, 24

Packet n: 13, 18, 23, 28

Packet n+1: 17, 22, 27, 32

Packet n+2: 21, 26, 31, 36

The first 32 bits are the ToC field.

Bit Ois 'O as there is no ToC field foll ow ng.

Bits 1..5 are '01000° = 80 bytes/frane.

Bits 8..15 are 00000100 = 4 frame-bl ocks with 80 bytes/frane.

Bits 16..19 are '0000° = DIS1 (0).
Bits 20..23 are '0100° = DI S2 (4).
Bits 24..27 are '0100° = DI S3 (4).
Bits 28..31 are '0100° = DI$4 (4).
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0 1 2 3
01234567890123456789012345678901
T S o T s T T o S T il sl S T R S i i
|0J]0 1 00000000001 00/0000/0100/01000100]
T S o T s T T o S T il sl S T R S i i
| d(0) frame 13 |

I d(639) |
T S o T s T T o S T il sl S T R S i i
| d(0) frame 18 |

| d(639) |
T S o T s T T o S T il sl S T R S i i
| d(0) frame 23 |
| d(639) |
T S o T s T T o S T il sl S T R S i i
I

d(0) frane 28 |

| d(639) |

T S o T s T T o S T il sl S T R S i i
7. Payl oad Format Paraneters
This RTP payl oad fornat is identified using the nedia type audi o/
Gr19, which is registered in accordance with [ RFC4855] and uses the
tenpl ate of [RFC4288].
7.1. Media Type Definition
The nmedia type for the G 719 codec is allocated fromthe | ETF tree
since G 719 has the potential to becone a widely used audi o codec in
general Voice over IP (VolP), teleconferencing, and strean ng
applications. This nedia type registration covers real-tine transfer
via RTP.
Not e, any unspecified paranmeter MJST be ignored by the receiver to
ensure that additional paraneters can be added in any future revision
of this specification
Type nane: audio
Subt ype nane: G719
Requi red paraneters: none

Opti onal paraneters:
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interleaving: Indicates that interleaved node SHALL be used for the
payl oad. The paraneter specifies the nunber of frame-block slots
available in a de-interleaving buffer (including the frame that is
ready to be consuned) for each source. |Its value is equal to one
pl us the maxi mum nunber of frames that can precede any frame in
transmi ssion order and follow the frame in RTP tinestanp order.
The value MJST be greater than zero. |If this paraneter is not
present, interleaved node SHALL NOT be used.

int-delay: The minimal nmedia tinme delay in mlliseconds that is
needed to avoid underrun in the de-interleaving buffer before
starting decoding, i.e., the difference in RTP tinmestanp ticks
between the earliest and |atest audio frame present in the de-
interleaving buffer expressed in mlliseconds. The value is a
stream property and provi ded per source. The allowed values are
zero to the largest value expressible by an unsigned 16-bit
i nteger (65535). Please note that in practice, the | argest value
that can be used is equal to the declared size of the interleaving
buffer of the receiver. |If the value for sone reason is |arger
than the receiver buffer declared by or for the receiver, this
val ue defaults to the size of the receiver buffer. For sources
for which this value hasn’t been provided, the value defaults to
the size of the receiver buffer. The format is a comma-separ at ed
list of synchronization source (SSRC) ":" delay in ns pairs, which
in ABNF [ RFC5234] is expressed as:

int-delay = "int-delay:" source-delay *("," source-del ay)

source-delay = SSRC ":" del ay-val ue

SSRC = 1*8HEXDI G ; The 32-bit SSRC encoded in hex format
del ay-value = 1*5DIA T ; The delay value in mlliseconds
Exanpl e: int-del ay=ABCD1234: 1000, 4321DCB: 640

NOTE: No white space allowed in the paraneter before the end of
all the value pairs

max-red: The maxi mumduration in nilliseconds that el apses between
the primary (first) transm ssion of a frane and any redundant

transmi ssion that the sender will use. This paraneter allows a
receiver to have a bounded del ay when redundancy is used. Al owed
val ues are between zero (no redundancy will be used) and 65535.

If the paraneter is omitted, no limtation on the use of
redundancy is present.

Westerl und & Johansson St andards Track [ Page 17]



RFC 5404 RTP Payl oad Format for G 719 January 2009

channel s: The nunber of audi o channels. The possible values (1-6)
and their respective channel order is specified in Section 4.1 of
[ RFC3551]. If omitted, it has the default value of 1.

CBR Constant Bitrate (CBR) indicates the exact codec bitrate in
bits per second (not including the overhead from packeti zation
RTP header, or |lower layers) that the codec MJST use. "CBR' is to
be used when the dynanic rate cannot be supported (one case is,
e.g., gateway to H.320). "CBR' is nostly used for gateways to
circuit switch networks. Therefore, the "CBR' is the rate not
i ncluding any FEC as specified in Section 4.3.1. |If FECis to be
used, the "b=" paraneter MJST be used to allow the extra bitrate
needed to send the redundant information. It is RECOVMENDED t hat
this paraneter is only used when necessary to establish a working
comuni cation. The usage of this paranmeter has inplications for
congestion control that need to be considered; see Section 9.

ptinme: see [ RFC4566].
maxpti ne: see [ RFC4A566].

Encodi ng considerations: This nedia type is framed and binary; see
Section 4.8 of [RFC4288].

Security considerations: See Section 10 of RFC 5404.

Interoperability considerations: The support of the Interleaving
node is not mandatory and needs to be negotiated. See Section 7.2
for how to do that for SDP-based protocols.

Publ i shed specification: RFC 5404

Applications that use this nmedia type: Real-tine audio applications
i ke Voice over IP and tel econference, and multi-nedi a streanmi ng.

Additional information: none
Person & email address to contact for further i nformation
| ngemar Johansson
<i ngemar. s. j ohansson@ri csson. conp
I nt ended usage: COVMON
Restrictions on usage: This nedia type depends on RTP framni ng, and

hence is only defined for transfer via RTP [ RFC3550]. Transport
within other framing protocols is not defined at this tine.
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7.

7.

2.

2.

Aut hor :
| ngemar Johansson <i ngemar.s.j ohansson@ri csson. con
Magnus Westerl und <magnus. west erl und@ri csson. conp

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

Additionally, note that file storage of G 719-encoded audio in | SO
base nedia file format is specified in Annex A of [ITU T-Gr19].
Thus, nmedia file formats such as MP4 (audi o/ np4 or vi deo/ np4)

[ RFC4337] and 3GP (audi o/ 3GPP and vi deo/ 3GPP) [ RFC3839] can contain
G 719- encoded audi o.

Mappi ng to SDP

The information carried in the nmedia 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 719 codec, the napping is
as foll ows:

0 The nedia type ("audio") goes in SDP "n=" as the nedia nane.

0 The nedia subtype (payl oad fornmat nane) goes in SDP "a=rtpnmap" as
the encoding nane. The RTP clock rate in "a=rtpmap" MJST be
48000, and the encodi ng paraneter "channels" (Section 7.1) MJST
either be explicitly set to Nor onmitted, inplying a default val ue
of 1. The values of N that are allowed are specified in Section
4.1 in [ RFC3551].

0 The paraneters "ptine" and "nmaxptine" go in the SDP "a=ptime" and
"a=maxptinme" attributes, respectively.

0 Any remmining paraneters go in the SDP "a=fntp" attribute by
copying themdirectly fromthe nedia type paraneter string as a
sem col on-separated |ist of paraneter=val ue pairs.

1. O fer/Answer Consi derations

The follow ng considerations apply when usi ng SDP of f er/ answer
procedures to negotiate the use of G 719 payload in RTP:

o Each conbination of the RTP payload transport format configuration
paraneters ("interleaving" and "channels") is unique in its bit
pattern and not conpatible with any other conbination. When
creating an offer in an application desiring to use the nore
advanced features (interleaving or nore than one channel), the
offerer is RECOWENDED to al so offer a payl oad type containing
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only the configuration with a single channel. [If multiple
configurations are of interest to the application, they may all be
of fered; however, care should be taken not to offer too many

payl oad types. An SDP answerer MJST include, in the SDP answer
for a payload type, the follow ng paranmeters unnodified fromthe
SDP of fer (unless it renoves the payl oad type): "interleaving" and
"channel s". However, the value of the "interleaving" paraneter
MAY be changed. The SDP offerer and answerer MJST generate G 719
packets as described by these paraneters.

o0 The "interleaving" and "int-del ay" paraneters’ val ues have a
specific relationship that needs to be considered. It also
depends on the directionality of the streans and their delivery
nmet hod. The high-1evel explanation that can be understood from
the definition is that the value of "interleaving" declares the
size of the receiver buffer, while "int-delay" is a stream
property provided by the sender to informhow nuch buffer space it
in practice is using for the streamit sends.

* For nedia streans that are sent over multicast, the value of
"interleaving" SHALL NOT be changed by the answerer. It shall
ei ther be accepted or the payl oad type deleted. The val ue of
the "int-delay" paraneter is a stream property and provi ded by
the offer/answer agent that intends to send nmedia with this
payl oad type, and for each stream coning fromthat agent (one
or nore). The value MJST be between zero and what corresponds
to the buffer size declared by the value of the "interleaving"
par anet er.

* For unicast streans that the offerer declares as send-only, the
val ue of the "interleaving" paraneter is the size that the
answerer is RECOWENDED to use by the offerer. The answerer
MAY change it to any allowed value. The "int-delay" paraneter

value will be the one the offerer intends to use unless the
answerer reduces the value of the "interl eaving" paraneter
bel ow what is needed for that "int-delay" value. |If the

"interleaving" value in the answer is smaller than the offer’s
"int-delay" value, the "int-delay" value is per default reduced

to be corresponding to the "interl eaving" value. If the
offerer is not satisfied with this, he will need to perform
anot her round of offer/answer. As the answerer will not send

any nmedia, it doesn’'t include any "int-delay" in the answer.

* For unicast streans that the offerer declares as recvonly, the
val ue of "interleaving” in the offer will be the offerer’s size
of the interleaving buffer. The answerer indicates its
preferred size of the interleaving buffer for any future round
of offer/answer. The offerer will not provide any "int-del ay"
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paraneter as it is not sending any nedia. The answerer is
recommended to include in its answer an "int-delay" paraneter
to declare what the property is for the streamit is going to
send. The answer is expected to be capable of selecting a
valid paraneter value that is between zero and the decl ared
maxi mum nunber of slots in the de-interleaving buffer.

* For unicast streans that the offer declares as sendrecv
streans, the value of the "interleaving" paraneter in the offer

will be the offerer’s size of the interleaving buffer. The
answerer will in the answer indicate the size of its actual
interleaving buffer. It is recommended that this value is at

| east as big as the offer’s. The offerer is reconmended to

i nclude an "int-delay" paraneter that is selected based on the
answerer having at |east as nmuch interl eaving space as the

of ferer unless nothing else is known. As the offerer’s
interleaving buffer size is not yet known, this nmay fail, in
whi ch case the default rule is to downgrade the val ue of the
"int-delay" to correspond to the full size of the answerer’s
interleaving buffer. |If the offerer isn't satisfied with this,
it wll need to initiate another round of offer/answer. The
answerer is reconmended in its answer to include an "int-delay"
paraneter to declare what the property is for the strean(s) it
is going to send. The answer is expected to be capable of
selecting a valid paraneter value that is between zero and the
decl ared maxi num nunber of slots in the de-interleaving buffer.

o0 In nost cases, the paraneters "maxptine" and "ptine" will not
affect interoperability; however, the setting of the paraneters
can affect the performance of the application. The SDP offer/
answer handling of the "ptine" paraneter is described in
[ RFC3264] . The "nmaxptine" paraneter MJST be handled in the sane
way .

0 The paraneter "nax-red" is a stream property paraneter. For
sendonly or sendrecv unicast nmedia streams, the paranmeter declares
the limtation on redundancy that the stream sender will use. For
recvonly streans, it indicates the desired value for the stream
sent to the receiver. The answerer MAY change the value, but is
RECOMMENDED to use the same limtation as the offer declares. In
the case of nulticast, the offerer MAY declare a limtation; this
SHALL be answered using the sanme value. A nedia sender using this
payl oad format is RECOMVENDED to al ways i nclude the "nax-red"
parameter. This information is likely to sinplify the nedia
stream handling in the receiver. This is especially true if no
redundancy will be used, in which case "max-red" is set to zero.

0 Any unknown paraneter in an offer SHALL be renoved in the answer.
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0 The "b=" SDP paraneter SHOULD be used to negotiate the maxi mum
bandwi dth to be used for the audio stream The offerer may offer
a maxi mumrate and the answer may contain a lower rate. If no
"b=" paranmeter is present in the offer or answer, it inplies a
rate up to 128 kbps.

o0 The paraneter "CBR' is a receiver capability; i.e., only receivers
that really require a constant bitrate should use it. Usage of
this paraneter has a negative inpact on the possibility to perform
congestion control; see Section 9. For recvonly and sendrecv
streanms, it indicates the desired constant bitrate that the
receiver wants to accept. A sender MJST be able to send a
constant bitrate streamsince it is a subset of the variable

bitrate capability. |If the offer includes this paraneter, the
answerer MJUST send G 719 audio at the constant bitrate if it is
within the allowed session bitrate ("b=" paraneter). |If the

answerer cannot support the stated CBR, this payload type nust be
refused in the answer. The answerer SHOULD only include this
parameter if the answerer itself requires to receive at a constant
bitrate, even if the offer did not include the "CBR' paraneter.

In this case, the offerer SHALL send at the constant bitrate, but
SHALL be able to accept nedia at a variable bitrate. An answerer
is RECOWEND to use the sane CBR as in the offer, as symmetric
usage is nore likely to work. |If both sides require a particular
CBR, there is the possibility of comrunication failure when one or
both sides can’t transnit the requested rate. 1In this case, the
agent detecting this issue will have to performa second round of
of fer/answer to try to find another working configuration or end
the established session. In case the offer contained a "CBR'
paraneter but the answer does not, then the offerer is free to
transnit at any rate to the answerer, but the answerer is
restricted to the declared rate.

7.2.2. Declarative SDP Consi derations

In declarative usage, like SDP in the Real Tinme Stream ng Protoco
(RTSP) [RFC2326] or the Session Announcenent Protocol (SAP)
[ RFC2974], the paraneters SHALL be interpreted as foll ows:

0 The payload format configuration paranmeters ("interleaving" and
"channel s") are all declarative, and a partici pant MJST use the
configuration(s) that is provided for the session. Mre than one
configuration may be provided if necessary by declaring multiple
RTP payl oad types; however, the nunber of types should be kept
smal |
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8.

o It might not be possible to know the SSRC val ues that are going to
be used by the sources at the tine of sending the SDP. This is
not a major issue as the size of the interleaving buffer can be
tailored towards the values that are actually going to be used,
thus ensuring that the default values for "int-delay" are not
resulting in too nuch extra buffering.

0 Any "maxptinme" and "ptinme" values should be selected with care to
ensure that the session’s participants can achi eve reasonabl e
perf or mance.

0 The paraneter "CBR' if included applies to all RTP streans using
that payl oad type for which a particular CBR is declared. Usage
of this paraneter has a negative inpact on the possibility to
perform congestion control; see Section 9.

| ANA Consi der ati ons

One nedi a type (audi o/ G7r19) has been defined and registered in the
medi a types registry; see Section 7. 1.

Congestion Contro

The general congestion control considerations for transporting RTP
data apply; see RTP [ RFC3550] and any applicable RTP profile Iike AVP
[ RFC3551]. However, the nulti-rate capability of G 719 audi o codi ng
provi des a mechani smthat rmay help to control congestion, since the
bandw dth demand can be adjusted (within the limts of the codec) by
selecting a different encoding bitrate.

The nunber of frames encapsul ated in each RTP payl oad highly

i nfl uences the overall bandw dth of the RTP stream due to header

over head constraints. Packetizing nore frames in each RTP payl oad
can reduce the nunber of packets sent and hence the header overhead,
at the expense of increased delay and reduced error robustness. |If
forward error correction (FEC) is used, the anount of FEC-induced
redundancy needs to be regul ated such that the use of FEC itself does
not cause a congestion problem In other words, a sender SHALL NOT
increase the total bitrate when addi ng redundancy in response to
packet |oss, and needs instead to adjust it down in accordance to the
congestion control algorithmbeing run. Thus, when addi ng
redundancy, the nedia bitrate will need to be reduced to provide room
for the redundancy.

The "CBR' signaling paraneter allows a receiver to | ock down an RTP
payl oad type to use a single encoding rate. As this prevents the
codec rate from being | owered when congestion is experienced, the
sender is constrained to either change the packetization or abort the
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transni ssion. Since these responses to congestion are severely
limted, inplenentations SHOULD NOT use the "CBR' paraneter unless
they are interacting with a device that cannot support a variable
bitrate (e.g., a gateway to H 320 systens). Wen using CBR node, a
recei ver MJST nonitor the packet loss rate to ensure congestion is
not caused, follow ng the guidelines in Section 2 of RFC 3551.

10. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [ RFC3550] and in any applicable RTP profile. The main
security considerations for the RTP packet carrying the RTP payl oad
format defined within this meno 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 nechanism Such a
cryptographic systemmay al so all ow the authentication of the source
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 nmenber of the RTP session

Note that the appropriate nechanismto provide security to RTP and
payl oads following this meno may vary. It is dependent on the
application, the transport, and the signaling protocol enployed.
Therefore, a single mechanismis not sufficient, although if
suitabl e, usage of the Secure Real -time Transport Protocol (SRTP)
[ RFC3711] is recommended. O her mechanisns that may be used are

| Psec [ RFC4301] and Transport Layer Security (TLS) [RFC5246] (RTP
over TCP); other alternatives may exi st.

The use of interleaving in conjunction with encryption can have a
negative inpact on confidentiality for a short period of tine.

Consi der the follow ng packets (in brackets) containing frame nunbers
as indicated: {10, 14, 18}, {13, 17, 21}, {16, 20, 24} (a popular
conti nuous di agonal interleaving pattern). The originator w shes to
deny sone participants the ability to hear material starting at tine
16. Sinply changing the key on the packet with the tinmestanp at or
after 16, and denying that new key to those partici pants, does not
achieve this; frames 17, 18, and 21 have been supplied in prior
packets under the prior key, and error conceal nent may make the audio
intelligible at least as far as frane 18 or 19, and possibly further.
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This RTP payl oad 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 recei pt of pathol ogi cal data.
Nor does the RTP payl oad format contain any active content.
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