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Abstract

Thi s docunent specifies a Real-tinme Transport Protocol (RTP) payl oad
format for Extended Adaptive Milti-Rate Wdeband (AVR VB+) encoded
audi o signals. The AMR-WB+ codec is an audi o extension of the AVR VB
speech codec. It enconpasses the AMR- VB frane types and a nunber of
new frame types designed to support high-quality music and speech. A
medi a type registration for AMRWB+ is included in this

speci ficati on.
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1. Introduction

Thi s docunent specifies the payload format for packetization of

Ext ended Adaptive Milti-Rate Wdeband (AVMR-VWB+) [1] encoded audio
signhals into the Real -tinme Transport Protocol (RTP) [3]. The payl oad
format supports the transmi ssion of nmono or stereo audi o, aggregating
multiple frames per payload, and nmechani snms enhanci ng the robustness
of the packet stream agai nst packet | oss.

The AVR-WB+ codec is an extension of the Adaptive Milti-Rate W deband
(AVMR-WB) speech codec. New features include extended audi o bandw dth
to enable high quality for non-speech signals (e.g., nusic), native
support for stereophonic audio, and the option to operate on, and
switch between, several internal sanpling frequencies (ISFs). The
primary usage scenario for AMR-WB+ is the transport over |P.
Therefore, interworking with other transport networks, as discussed
for AVR-VWB in [7], is not a major concern and hence not addressed in
thi s meno.

The expected key application for AMRWB+ is streaming. To nmake the
packeti zati on process on a streaning server as efficient as possible,
an octet-aligned payload format is desirable. Therefore, a
bandw dt h-efficient node (as defined for AMR-WB in [7]) is not

speci fied herein; the bandw dth savings of the bandw dth-efficient
node woul d be very small anyway, since all extension frame types are
octet aligned.

The stereo encoding capability of AMR-VWB+ renders the support for

mul ti-channel transport at RTP payl oad fornat |evel, as specified for
AVR-VB [ 7], obsolete. Therefore, this feature is not included in
this nmeno.

This specification does not include a definition of a file fornmat for
AVR-WB+. Instead, it refers to the 1SO based 3GP file format [14],
whi ch supports AMR-WB+ and provides all functionality required. The
3GP format al so supports storage of AMR, AVMR-VB, and many ot her
multi-nmedia formats, thereby all ow ng synchroni zed pl ayback.

The rest of the docunment is organized as follows: Background

i nformati on on the AMR WB+ codec, and design principles, can be found
in Section 3. The payload format itself is specified in Section 4.
Sections 5 and 6 di scuss congestion control and security

consi derations, respectively. In Section 7, a nedia type

regi stration is provided.
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2. Definitions
2.1. dossary

3GPP - Third Generation Partnership Project

AMR - Adaptive Milti-Rate (Codec)

AVR-VB - Adaptive Milti-Rate Wdeband (Codec)

AMR- B+ - Extended Adaptive Milti-Rate W deband (Codec)
CN - Confort Noise

DTX - Discontinuous Transm ssion

FEC - Forward Error Correction

FT - Frame Type

| SF - Internal Sanpling Frequency

SCR - Source-Controlled Rate QOperation

SI D - Silence Indicator (the franes containing only CN
par anet er s)

TFI - Transport Frane | ndex

TS - Timestanp

VAD - Voice Activity Detection

UED - Unequal Error Detection

UEP - Unequal Error Protection

2.2. Termnol ogy

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 [2].

3. Background of AMR-WB+ and Design Principles

The Extended Adaptive Multi-Rate Wdeband (AMR-WB+) [1] audi o codec
is designed to conpress speech and audio signals at low bit-rate and
good quality. The codec is specified by the Third Generation
Partnership Project (3GPP). The primary target applications are 1)
t he packet-switched stream ng service (PSS) [13], 2) nultinedia
nmessagi ng service (MVB) [18], and 3) mnultinedia broadcast and
mul ti cast service (MBMS) [19]. However, due to its flexibility and
robustness, AMR-WB+ is also well suited for stream ng services in

ot her highly varying transport environments, for exanple, the

| nt er net.

3.1. The AVMR-WB+ Audi o Codec

3GPP originally devel oped the AVR-WB+ audi o codec for stream ng and
nmessagi ng services in dobal System for Mbile comunications (GSM
and third generation (3G cellular systenms. The codec is designed as
an audi o extension of the AMR-WB speech codec. The extension adds
new functionality to the codec in order to provide high audio quality
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for a wide range of signals including nusic. Stereophonic operation
has al so been added. A new, high-efficiency hybrid stereo coding
al gorithm enabl es stereo operation at bit-rates as low as 6.2 kbit/s.

The AVR-WB+ codec includes the nine frane types specified for AVMR- VB,
extended by new bit-rates ranging from5.2 to 48 kbit/s. The AVR-VB
frame types can enploy only a 16000 Hz sanpling frequency and operate
only on nonophonic signals. The newWy introduced extension frane
types, however, can operate at a nunber of internal sanpling
frequencies (I1SFs), both in nono and stereo. Please see Table 24 in
[1] for details. The output sanpling frequency of the decoder is
limted to 8, 16, 24, 32, or 48 kHz.

An overvi ew of the AVR-WB+ encodi ng operations is provided as
follows. The encoder receives the audio sanpled at, for exanple, 48
kHz. The encodi ng process starts with pre-processing and resanpling
to the user-selected ISF. The encoding is perfornmed on equally sized
super-frames. Each super-frane corresponds to 2048 sanpl es per
channel, at the ISF. The codec carries out a nunber of encoding

deci sions for each super-franme, thereby choosing between different
encoding al gorithms and block lengths, so as to achieve a fidelity-
optim zed encodi ng adapted to the signal characteristics of the
source. The stereo encoding (if used) executes separately fromthe
nmonophoni ¢ core encodi ng, thus enabling the selection of different
conbi nati ons of core and stereo encoding rates. The resulting
encoded audio is produced in four transport frames of equal |ength.
Each transport frame corresponds to 512 sanples at the ISF and is

i ndi vidually usabl e by the decoder, provided that its position in the
super-frame structure i s known.

The codec supports 13 different ISFs, ranging from 12.8 to 38.4 kHz,
as described by Table 24 of [1]. The high nunber of ISFs allows a
trade-of f between the audi o bandwi dth and the target bit-rate. As
encoding is performed on 2048 sanples at the I SF, the duration of a
super-frame and the effective bit-rate of the frame type in use

vari es.

The | SF of 25600 Hz has a super-frame duration of 80 ms. This is the
"nom nal’ val ue used to describe the encoding bit-rates henceforth.
Assuming this nornalization, the |ISF selection results in bit-rate
variations from1/2 up to 3/2 of the noninal bit-rate.

The encoding for the extension nodes is performed as one nonophonic
core encodi ng and one stereo encoding. The core encoding is executed
by splitting the nonophonic signal into a | ower and a hi gher
frequency band. The lower band is encoded enpl oying either al gebraic
code excited linear prediction (ACELP) or transform coded excitation
(TCX). This selection can be nmade once per transport frame, but nust
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obey certain limtations of |egal conbinations within the super-
frame. The higher band is encoded using a lowrate paranetric
bandw dt h ext ensi on approach

The stereo signal is encoded enploying a sinilar frequency band
deconposi tion; however, here the signal is divided into three bands
that are individually paraneterized.

The total bit-rate produced by the extension is the result of the
combi nati on of the encoder’s core rate, stereo rate, and I SF. The
extensi on supports 8 different core encoding rates, producing bit-
rates between 10.4 and 24.0 kbit/s; see Table 22 in [1]. There are
16 stereo encoding rates generating bit-rates between 2.0 and 8.0
kbit/s; see Table 23 in [1]. The frane type uniquely identifies the
AMR-VB nodes, 4 fixed extension rates (see below), 24 conbinations of
core and stereo rates for stereo signals, and the 8 core rates for
mono signals, as listed in Table 25 in [1]. This inplies that the
AMR- B+ supports encodi ng rates between 10.4 and 32 kbit/s, assum ng
an | SF of 25600 Hz.

Different |SFs allow for additional freedomin the produced bit-rates
and audio quality. The selection of an |ISF changes the avail abl e
audi o bandwi dth of the reconstructed signal, and also the total bit-
rate. The bit-rate for a given conbination of frame type and ISF is
determ ned by nultiplying the frane type's bit-rate with the used
ISF's bit-rate factor; see Table 24 in [1].

The extension al so has four frame types which have fixed | SFs.

Pl ease see frane types 10-13 in Table 21 in [1]. These four pre-
defined frame types have a fixed input sanpling frequency at the
encoder, which can be set at either 16 or 24 kHz. Like the AVMR-VB
frame types, transport frames encoded utilizing these frame types
represent exactly 20 nms of the audio signal. However, they are also
part of 80 nms super-franes. Frame types 0-13 (AMRWB and fi xed
extension rates), as listed in Table 21 in [1], do not require an
explicit ISF indication. The other frane types, 14-47, require the
| SF enpl oyed to be indicated.

The 32 different frame types of the extension, in conbination with 13
| SFs, allows for a great flexibility in bit-rate and sel ecti on of
desired audio quality. A nunmber of conbinations exist that produce
the sanme codec bit-rate. For exanple, a 32 kbit/s audio stream can
be produced by utilizing frame type 41 (i.e., 25.6 kbit/s) and the

| SF of 32kHz (5/4 * (19.2+6.4) = 32 kbit/s), or frane type 47 and the
| SF of 25.6 kHz (1 * (24 + 8) = 32 kbit/s). Wich conbination is
nore beneficial for the perceived audio quality depends on the
content. In the above exanple, the first case provides a higher
audi o bandwi dth, while the second one spends the same nunber of bits
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on sonewhat narrower audi o bandw dth but provides higher fidelity.
Encoders are free to select the conbination they deem nost
benefici al .

Since a transport frame always corresponds to 512 sanples at the used
ISF, its duration is limted to the range 13.33 to 40 ns; see Table
1. An RTP Tinestanp clock rate of 72000 Hz, as mandated by this
specification, results in AVMR-WB+ transport frame | engths of 960 to
2880 tinmestanp ticks, depending solely on the selected |ISF.

I ndex | SF Duration(ns) Duration(TS Ticks @72 kHz)

0 N A 20 1440
1 12800 40 2880
2 14400 35.55 2560
3 16000 32 2304
4 17067 30 2160
5 19200 26. 67 1920
6 21333 24 1728
7 24000 21. 33 1536
8 25600 20 1440
9 28800 17.78 1280
10 32000 16 1152
11 34133 15 1080
12 36000 14. 22 1024
13 38400 13. 33 960

Table 1: Normative nunber of RTP Tinmestanmp Ticks for each
Transport Frane depending on |ISF (I SF and Duration in
nme are rounded)

The encoder is free to change both the I SF and the encoding frame
type (both nobno and stereo) during a session. For the extension
frame types with index 10-13 and 16-47, the |ISF and frane type
changes are constrained to occur at super-frame boundaries. This
inplies that, for the frane types nentioned, the |ISF is constant

t hroughout a super-frame. This limtation does not apply for frane
types with index 0-9, 14, and 15; i.e., the original AVR-WB frane

t ypes.

A nunber of features of the AMR-WB+ codec require speci al
consideration froma transport point of view, and sol utions that
coul d perhaps be viewed as unorthodox. First, there are constraints
on the RTP tinestanping, due to the relationship of the frame
duration and the I SFs. Second, each frame of encoded audi o nust

mai ntain informati on about its frame type, |ISF, and position in the
super - frane.
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3.2. Milti-rate Encoding and Rate Adaptation

The multi-rate encoding capability of AVR-WB+ is designed to preserve
hi gh audio quality under a w de range of bandw dth requirenments and
transm ssi on conditions.

AMR- B+ enabl es seam ess switching between frame types that use the
sane nunber of audio channels and the same | SF. Every AVR B+ codec
i npl ementation is required to support all frame types defined by the
codec and nust be able to handl e sw tching between any two frane
types. Switching between frame types enploying a different nunber of
audi o channels or a different |ISF nust al so be supported, but it may
not be conpletely sean ess. Therefore, it is recomended to perform
such switching infrequently and, if possible, during periods of

si | ence.

3.3. Voice Activity Detection and Di sconti nuous Transm ssion

AMR- B+ supports the sanme algorithns as AVMR-WB for voice activity
detection (VAD) and generation of confort noise (CN) paraneters
during silence periods. However, these functionalities can only be
used in conjunction with the AMR-WB frane types (FT=0-8). This
option allows reducing the nunber of transnmitted bits and packets
during silence periods to a minimum The operation of sending CN
paranmeters at regular intervals during silence periods is usually
cal l ed di scontinuous transm ssion (DTX) or source controlled rate
(SCR) operation. The AVR-WB+ franes containing CN paraneters are
called Silence Indicator (SID) frames. More details about the VAD
and DTX functionality are provided in [4] and [5].

3.4. Support for Milti-Channel Session

Sone of the AMR-WB+ frane types support the encodi ng of stereophonic
audi o. Because of this native support for a two-channel stereophonic
signhal, it does not seem necessary to support nulti-channel transport
with separate codec instances, as specified in the AMRWB RTP payl oad
[7]. The codec has the capability of stereo to nmono downm xi ng as
part of the decoding process. Thus, a receiver that is only capable
of playout of nonophonic audio nust still be able to decode and pl ay
signhals originally encoded and transnmitted as stereo. However, to
avoi d spending bits on a stereo encoding that is not going to be
utilized, a nechanismis defined in this specification to signha

nono- only audi o.
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3.5. Unequal Bit-Error Detection and Protection

The audio bits encoded in each AMR-WB frane are sorted according to
their different perceptual sensitivity to bit errors. |In cellular
systens, for exanple, this property can be exploited to achi eve
better voice quality, by using unequal error protection and detection
(UEP and UED) nechani sms. However, the bits of the extension frane
types of the AMR-VWB+ codec do not have a consi stent perceptual
significance property and are not sorted in this order. Thus, UEP or
UED i s nmeaningless with the extension frame types. |If there is a
need to use UEP or UED for AMR-WB franme types, it is reconmmended that
RFC 3267 [7] be used.

3.6. Robustness agai nst Packet Loss

The payl oad format supports two nechani snms to i nprove robustness
agai nst packet loss: sinple forward error correction (FEC) and frame
i nterl eaving.

3.6.1. Use of Forward Error Correction (FEC)

Generic forward error correction within RTP is defined, for exanple,
in RFC 2733 [11]. Audio redundancy coding is defined in RFC 2198
[12]. Either schenme can be used to add redundant information to the
RTP packet stream and nmake it nore resilient to packet |osses, at the
expense of a higher bit rate. Please see either RFC for a discussion
of the inplications of the higher bit rate to network congesti on.

In addition to these nedi a-unaware nechani sns, this neno specifies an
AMR- B+ specific form of audi o redundancy codi ng, which nmay be
beneficial in ternms of packetization overhead.

Conceptual ly, previously transnmitted transport franes are aggregated
together with new ones. A sliding window is used to group the frames
to be sent in each payload. Figure 1 below shows an exanpl e.

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
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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 payload packets.

The mechani sm descri bed does not require signaling at the session
setup. In other words, the audio sender can choose to use this
scheme without consulting the receiver. For a certain tinmestanp, the
receiver may receive nultiple copies of a frame containing encoded
audi o data or frames indicated as NO DATA. The cost of this schene

i s bandwi dth and the receiver delay necessary to all ow 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 AMR-WB+ frames. Wen the use of other
medi 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) [3] receiver reports. The sender is
al so responsi bl e for avoi di ng congestion, which nay be exacerbated by
redundancy (see Section 5 for nore details).

3.6.2. Use of Frane 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 case of packet

| oss several consecutive franes are |lost. Consecutive franme |oss
normal Iy renders error conceal ment |ess efficient and usually causes
clearly audi bl e and annoying distortions in the reconstructed audio.
Interl eaving of transport frames can inprove the audio quality in
such cases by distributing the consecutive |osses into a nunber of

i solated frame | osses, which are easier to conceal. However,

i nterleaving and bundling several franmes per payload al so i ncreases
end-to-end del ay and sets higher buffering requirenents. Therefore,
interleaving is not appropriate for all use cases or devices.
Stream ng applications should nost likely be able to exploit
interleaving to inprove audio quality in |lossy transm ssion

condi tions.

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 Figure
2.
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e Fomm e e Fomm e e o e +- -
| f(n-2) | f(n-2) | f(n) | f(n+1) | f(n+2) | f(n+3) | f(n+d) |
e Fomm e e Fomm e e o e +- -

[ P(n) ]
[ P(n+1) ] [ P(n+1) ]
[ P(n+2) ] [ P(n+2) ]
[ P(n+3) ] [ P(
[ P(n+4) ]

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

In Figure 2 the consecutive frames, 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 deinterl eaving
processes. The deinterleaving buffer needs to have roomfor at |east
three franes, including the one that is ready to be consunmed. The
storage space for three frames is needed, for exanple, when f(n) is
the next frame to be decoded: since frane f(n) was received in packet
P(n+2), which also carried frame f(n+3), both these franes are stored
in the buffer. Furthernore, frame f(n+l) received in the previous
packet, P(n+l), is also in the deinterleaving 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.

3.7. AMR WB+ Audio over |P Scenarios
Since the primary target application for the AVR-WB+ codec is
stream ng over packet networks, the nost rel evant usage scenario for

this payload format is |IP end-to-end between a server and a termnal,
as shown in Figure 3.

Figure 3: Server to termnal |IP scenario
3.8. Qut-of-Band Signaling
Sone of the options of this payload format remai n constant throughout
a session. Therefore, they can be controll ed/ negotiated at the

sessi on setup. Throughout this specification, these options and
vari abl es are denoted as "paraneters to be established through out-
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of -band neans”. In Section 7, all the parameters are formally
specified in the formof nedia type registration for the AVR W\B+
encodi ng. The nmethod used to signal these paraneters at session
setup or to arrange prior agreenent of the participants is beyond the
scope of this docunment; however, Section 7.2 provides a mapping of
the parameters into the Session Description Protocol (SDP) [6] for
those applications that use SDP

4. RTP Payl oad Format for AVR- B+

The main enphasis in the payl oad design for AVR-WB+ has been to

m ni m ze the overhead in typical use cases, while providing full
flexibility with a slightly higher overhead. |In order to keep the
speci fication reasonably sinmple, we refrained from defining frame-
specific paraneters for each frame type. Instead, a few common
paraneters were specified that cover all types of franes.

The payl oad format has two nodes: basic node and interleaved node.
The main structural difference between the two nodes is the extension
of the table of content entries with frame di splacenent fields when
operating in the interleaved node. The basic node supports
aggregation of nultiple consecutive franes in a payload. The

i nterl eaved node supports aggregation of nmultiple frames that are
non-consecutive in tine. In both nodes it is possible to have franes
encoded with different frame types in the sane payload. The | SF nust
remai n constant throughout the payl oad of a single packet.

The payl oad format is designed around the property of AVR WB+ framnes
that the frames are consecutive in tine and share the sane frane
duration (in the absence of an | SF change). This enables the
receiver to derive the tinestanp for an individual frame within a
payl oad. |In basic node, the deriving process is based on the order
of frames. 1In interleaved node, it is based on the conpact

di spl acenent fields. The frane tinmestanps are used to regenerate the
correct order of franes after reception, identify duplicates, and
detect lost frames that require conceal nent.

The interl eaving schene of this payload format is significantly nore
flexible than the one specified in RFC 3267. The AMR and AVR-\V\B

payl oad format is only capable of using periodic patterns with framnes
taken froman interleaving group at fixed intervals. The

interl eaving schene of this specification, in contrast, allows for
any interleaving pattern, as long as the distance in decodi ng order
bet ween any two adjacent frames is not nore than 256 frames. Note
that even at the highest ISF this allows an interleaving depth of up
to 3.41 seconds.
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To allow for error resiliency through redundant transm ssion, the
periods covered by nultiple packets MAY overlap in tine. A receiver
MJST be prepared to receive any audio frame multiple tinmes. Al
redundantly sent frames MJST use the sane franme type and | SF, and
MUST have the same RTP tinmestanp, or MJST be a NO DATA franme (FT=15).

The payl oad consists of octet-aligned el enents (header, ToC, and
audio frames). Only the audio frames for AMRWB frane types (0-9)
require padding for octet alignnent. |f additional padding is
desired, then the P bit in the RTP header MAY be set, and paddi ng MAY
be appended as specified in [3].

4.1. RTP Header Usage

The format of the RTP header is specified in [3]. This payload
format uses the fields of the header in a manner consistent with that
speci ficati on.

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

cl ock frequency SHALL be 72000 Hz. This frequency allows the frane
duration to be integer RTP tinmestanp ticks for the | SFs specified in
Table 1. It al so provides reasonabl e conversion factors to the

i nput/out put audi o sanpling frequenci es supported by the codec. See
Section 4.3.2.3 for guidance on how to derive the RTP tinmestanp for
any audi o frame beyond the first one.

The RTP header marker bit (M SHALL be set to 1 whenever the first
frame carried in the packet is the first frame in a tal kspurt (see
the definition of talkspurt in Section 4.1 of [9]). For all other
packets, the marker bit SHALL be set to zero (M=0).

The assignnment of an RTP payload type for the format defined in this
meno i s outside the scope of this docunent. The RTP profile in use
either assigns a static payl oad type or nmandates binding the payl oad
type dynamically.

The nedi a type paraneter "channels" is used to indicate the nmaxi mum
nunber of channels allowed for a given payload type. A payload type
where channel s=1 (nono) SHALL only carry nono content. A payl oad
type for which channel s=2 has been decl ared MAY carry both nono and
stereo content. Note that this definition is different fromthe one
in RFC 3551 [9]. As nmentioned before, the AMR-WB+ codec handl es the
support of stereo content and the (eventual) downmi xing of stereo to
mono internally. This nakes it unnecessary to negotiate for the
nunber of channels for reasons other than bit-rate efficiency.
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4.2. Payload Structure

The payl oad consists of a payl oad header, a table of contents, and
the audi o data representing one or nore audio frames. The follow ng
di agram shows t he general payl oad fornat | ayout:

Payl oads contai ning nore than one audio franme are called conpound
payl oads.

The followi ng sections describe the variations taken by the payl oad
format depending on the node in use: basic node or interleaved node.

4.3. Payl oad Definitions
4.3.1. Payl oad Header

The payl oad header carries data that is cormmon for all franes in the
payl oad. The structure of the payl oad header is described bel ow.

012345617
T S
| | SF | TFI| L]
T S T S

| SF (5 bits): Indicates the Internal Sampling Frequency enpl oyed for
all frames in this payload. The index value corresponds to
internal sanpling frequency as specified in Table 24 in [1]. This
field SHALL be set to O for payl oads containing frames with Frame
Type val ues 0-13.

TFI (2 bits): Transport Frame Index, fromO (first) to 3 (last),
indicating the position of the first transport frame of this
payl oad in the AVR- WB+ super-franme structure. For payloads with
frames of only Frane Type values 0-9, this field SHALL be set to O
by the sender. The TFl value for a frame of type 0-9 SHALL be
ignored by the receiver. Note that the frane type is coded in the
tabl e of contents (as discussed |ater); hence, the nentioned
dependenci es of the franme type can be applied easily by
interpreting only values carried in the payload header. It is not
necessary to interpret the audio bit streamitself.
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L (1 bit): Long displacenent field flag for payloads in interleaved
node. |If set to 0, four-bit displacenent fields are used to
indicate interleaving offset; if set to 1, displacenent fields of
eight bits are used (see Section 4.3.2.2). For payloads in the
basic node, this bit SHALL be set to O and SHALL be ignored by the
receiver.

Note that frames enploying different |ISF val ues require encapsul ation
in separate packets. Thus, special considerations apply when
generating interl eaved packets and an | SF change is executed. In
particular, frames that, according to the previously used
interleaving pattern, would be aggregated into a single packet have
to be separated into different packets, so that the aforenentioned
condition (all franes in a packet share the ISF) remains true. A
nai ve inplenmentation that splits the franes with different ISF into
di fferent packets can result in up to twi ce the nunber of RTP
packets, when conpared to an optinmal interleaved sol ution
Alteration of the interleaving before and after the | SF change may
reduce the need for extra RTP packets.

4.3.2. The Payl oad Table of Contents

The table of contents (ToC) consists of a list of entries, each entry
corresponds to a group of audio franes carried in the payl oad, as
depi ct ed bel ow.

When mul tiple groups of franes are present in a payload, the ToC
entries SHALL be placed in the packet in order of increasing RTP
ti mestanp val ue (nodul o 2732) of the first transport frane the TCC
entry represents.

4.3.2.1. ToC Entry in the Basic Mde
A ToC entry of a payload in the basic node has the foll owing fornat:

0 1
0123456789012345
I I i s S I S S
| F| Frame Type | #f ranes |
I I i s S I S S

F (1 bit): If set to 1, indicates that this ToC entry is followed by

another ToC entry; if set to O, indicates that this ToC entry is
the ast one in the ToC
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Frame Type (FT) (7 bits): Indicates the audio codec frane type used
for the group of frames referenced by this ToC entry. FT
desi gnates the conbi nati on of AVR-WB+ core and stereo rate, one of
the special AVR-WB+ frame types, the AMRWB rate, or confort
noi se, as specified by Table 25 in [1].

#frames (8 bits): Indicates the nunber of franes in the group
referenced by this ToC entry. ToC entries with this field equal
to O (which would indicate zero frames) SHALL NOT be used, and
recei ved packets with such a TOC entry SHALL be di scarded.

4.3.2.2. ToC Entry in the Interleaved Mde

Two different ToC entry formats are defined in interl eaved node.

They differ in the Iength of the displacenent field, 4 bits or 8
bits. The L-bit in the payl oad header differentiates between the two
nodes.

If L=0, a ToC entry has the follow ng format:

0 1 2 3
01234567890123456789012345678901
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| Frame Type | #f ranes | bDsit| ... | DS | ... |
il s T T S S S S S i N T i ST S S S S S e e L T 2
| ... | ... | D'Sn | Padd |
I I i s S I S S

F (1 bit): See definitionin 4.3.2.1
Franme Type (FT) (7 bits): See definition in 4.3.2.1.
#franmes (8 bits): See definitionin 4.3.2.1

DIS1...DISn (4 bits): Alist of n (n=#franes) displacenment fields
i ndicating the displacenent of the i:th (i=1..n) audio frane
relative to the preceding audio frame in the payload, in units of
frames. The four-bit unsigned integer displacenent val ues may be
between 0 and 15, indicating the nunmber of audio frames in
decodi ng order between the (i-1):th and the i:th frame in the
payl oad. Note that for the first ToC entry of the payload, the
value of DIS1 is nmeaningless. |t SHALL be set to zero by a sender
and SHALL be ignored by a receiver. This frane’s location in the
decodi ng order is uniquely defined by the RTP tinestanp and TFl in
t he payl oad header. Note also that for subsequent ToC entries,
DI S1 indicates the nunber of franes between the |last frame of the
previous group and the first frame of this group.
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Padd (4 bits): To ensure octet alignnent, four padding bits SHALL be
i ncluded at the end of the ToC entry in case there is odd nunber
of frames in the group referenced by this entry. These bits SHALL
be set to zero and SHALL be ignored by the receiver. |f a group
cont ai ning an even nunber of frames is referenced by this ToC
entry, these padding bits SHALL NOT be included in the payl oad.

If L=1, a ToC entry has the follow ng format:
0 1 2 3

01234567890123456789012345678901
T I T i o ST S S S I mi s o S S S S

| F| Frame Type | #f ranes | Dl S1 | . |
il s T T S S S S S i N T i ST S S S S S e e L T 2
| C. | Dl Sn |

T T s S S S S

F (1 bit): See definitionin 4.3.2.1

Franme Type (FT) (7 bits): See definition in 4.3.2.1.
#franmes (8 bits): See definitionin 4.3.2.1

DIS1...DISn (8 bits): Alist of n (n=#frames) displacenent fields
i ndicating the displacenent of the i:th (i=1..n) audio frane
relative to the preceding audio frame in the payload, in units of
frames. The eight-bit unsigned integer displacenent val ues nay be
between 0 and 255, indicating the nunber of audio franes in
decodi ng order between the (i-1):th and the i:th frame in the
payl oad. Note that for the first ToC entry of the payload, the
value of DIS1 is nmeaningless. |t SHALL be set to zero by a sender
and SHALL be ignored by a receiver. This frane’s location in the
decodi ng order is uniquely defined by the RTP tinestanp and TFl in
t he payl oad header. Note also that for subsequent ToC entries,
DI S1 indicates the displacenment between the last frame of the
previous group and the first frame of this group.

4.3.2.3. RITP Tinestanp Derivation

The RTP Tinestanp value for a frane SHALL be the tinestanp val ue of
the first audio sanple encoded in the frane. The tinmestanp value for
a frame is derived differently depending on the payl oad node, basic
or interleaved. |In both cases, the first frame in a conmpound packet
has an RTP timestanp equal to the one received in the RTP header. In
the basic node, the RTP tine for any subsequent frame is derived in
two steps. First, the sumof the frame durations (see Table 1) of

all the preceding frames in the payload is calculated. Then, this
sumis added to the RTP header tinestanp value. For exanple, let’'s
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assune that the RTP Header tinmestanp value is 12345, the payl oad
carries four franes, and the frame duration is 16 nms (ISF = 32 kHz)
corresponding to 1152 tinmestanp ticks. Then the RTP tinmestanp of the
fourth frame in the payload is 12345 + 3 * 1152 = 15801

In interleaved node, the RTP tinmestanp for each frane in the payl oad
is derived fromthe RTP header tinestanp and the sum of the tinme
offsets of all preceding frames in this payload. The frame

ti mestanps are conputed based on di splacenent fields and the frane
duration derived fromthe |ISF value. Note that the displacenent in
time between franme i-1 and frane i is (DISi + 1) * frame duration
because the duration of the (i-1):th nust also be taken into account.
The tinmestanp of the first frane of the first group of frames (TS(1))
(i.e., the first frame of the payload) is the RTP header tinestanp.
For subsequent frames in the group, the tinestanp is conputed by

TS(i) = TS(i-1) + (DSi + 1) * frame duration, 2 <i <n

For subsequent groups of frames, the tinmestanp of the first frane is
comput ed by

TS(1) = TSprev + (DIS1 + 1) * frame duration

where TSprev denotes the tinmestanp of the last frame in the previous
group. The tinestanps of the subsequent frames in the group are
conputed in the same way as for the first group

The foll owi ng exanple derives the RTP tinmestanps for the frames in an
i nterl eaved node payl oad having the foll ow ng header and ToC
i nformati on:

RTP header tinestanp: 12345

| SF = 32 kHz

Frame 1 displacenment field: D S1
Frame 2 displacenment field: D S2
Frame 3 displacenment field: DI S3
Frame 4 displacenent field: DIS4

~Nh OO

Assuming an | SF of 32 kHz, which inplies a frame duration of 16 ms,
one franme lasts 1152 ticks. The tinmestanp of the first frame in the
payload is the RTP tinestanp, i.e., TS(1) = RTP TS. Note that the

di spl acenent field value for this frame nust be ignored. For the
second franme in the payload, the tinestanp can be cal cul ated as TS(2)
= TS(1) + (DIS2 + 1) * 1152 = 20409. For the third frane, the
timestanp is TS(3) = TS(2) + (DIS3 + 1) * 1152 26169. Finally, for
the fourth frame of the payl oad, we have TS(4) TS(3) + (D4 + 1) *
1152 = 35385.

Sj oberg, et al. St andar ds Track [ Page 18]



RFC 4352 RTP Payl oad Format for AMR-VB+ January 2006

4.3.2.4. Frane Type Consi derations

The val ue of Franme Type (FT) is defined in Table 25 in [1]. FT=14
(AUDI O LOST) is used to denote frames that are lost. A NO DATA
(FT=15) frane could result fromtwo situations: First, that no data
has been produced by the audi o encoder; and second, that no data is
transnitted in the current payload. An exanple for the latter would
be that the frame in question has been or will be sent in an earlier
or later packet. The duration for these non-included frames is
dependent on the internal sanpling frequency indicated by the |ISF
field.

For frame types with index 0-13, the ISF field SHALL be set 0. The
frame duration for these frane types is fixed to 20 nms in tine, i.e.
1440 ticks in 72 kHz. For payl oads containing only frames of type
0-9, the TFlI field SHALL be set to 0 and SHALL be ignored by the
receiver. |n a payload conbining frames of type 0-9 and 10-13, the
TFI values need to be set to match the transport franes of type
10-13. Thus, franes of type 0-9 will also have a derived TFI, which
i s ignored.

4.3.2.5. Oher TOC Consi derations

If a ToC entry with an undefined FT value is received, the whole
packet SHALL be discarded. This is to avoid the |oss of data
synchroni zation in the depacketization process, which can result in a
severe degradation in audio quality.

Packets contai ning only NO DATA frames SHOULD NOT be transmitted.

Al so, NO DATA frames at the end of a frame sequence to be carried in
a payl oad SHOULD NOT be included in the transmtted packet. The
AVR-WB+ SCR/DTX is identical with AVR-WB SCR/ DTX described in [5] and
can only be used in conbination with the AMR-VWB frame types (0-8).

When nul tiple groups of frames are present, their ToC entries SHALL
be placed in the ToC in order of increasing RTP tinmestanp val ue
(modul o 27232) of the first transport frane the TOC entry represents,

i ndependent of the payload nbde. |In basic node, the frames SHALL be
consecutive in time, while in interl eaved node the franes MAY not
only be non-consecutive in time but MAY even have varying inter-frame
di st ances.

4.3.2.6. ToC Exanpl es

The following exanple illustrates a ToC for three audio frames in
basic node. Note that in this case all audio frames are encoded
using the sane frane type, i.e., there is only one ToC entry.
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0 1
0123456789012345
I I i s S I S S
| O] Frame Typel | #franes = 3 |
I I i s S I S S

The next exanple depicts a ToC of three entries in basic node. Note
that in this case the payload also carries three franes, but three
ToC entries are needed because the frames of the payl oad are encoded
using different frame types.

0 1 2 3
01234567890123456789012345678901
il s T T S S S S S i N T i ST S S S S S e e L T 2
| 1] Frame Typel | #franes = 1 |1 Frame Type2 | #franes = 1 |
il s T T S S S S S i N T i ST S S S S S e e L T 2
| O] Frame Type3d | #franes =1 |

I I i s S I S S

The followi ng exanple illustrates a ToCwith two entries in

i nterl eaved node using four-bit displacenent fields. The payl oad
i ncludes two groups of franes, the first one including a single
frame, and the other one consisting of two framnes.

0 1 2 3
01234567890123456789012345678901
il s T T S S S S S i N T i ST S S S S S e e L T 2
| 1] Frame Typel | #franes =1 | DI S1 | padd |O| Frane Type2
il s T T S S S S S i N T i ST S S S S S e e L T 2
| #frames =2 | DIS1 | DIS2 |

I I i s S I S S

4.3.3. Audio Data

Audi o data of a payl oad consists of zero or nore audio franes, as
described in the ToC of the payl oad.

ToC entries with FT=14 or 15 represent frane types with a |l ength of
0. Hence, no data SHALL be placed in the audio data section to
represent frames of this type.

As al ready di scussed, each audio franme of an extension frame type
represents an AMR-WB+ transport frame corresponding to the encoding
of 512 sanples of audio, sanpled with the internal sanpling frequency
specified by the ISF indicator. As an exception, frame types with

i ndex 10-13 are only capable of using a single internal sanpling
frequency (25600 Hz). The encoding rates (conbination of core bit-
rate and stereo bit-rate) are indicated in the frame type field of
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the correspondi ng ToC entry. The octet length of the audio frame is
inmplicitly defined by the frame type field and is given in Tables 21
and 25 of [1]. The order and nunbering notation of the bits are as
specified in [1]. For the AMR WB+ extension frane types and confort
noi se frames, the bits are in the order produced by the encoder. The
| ast octet of each audio frame MJUST be padded with zeroes at the end
if not all bits in the octet are used. In other words, each audio
frame MJUST be octet-aligned.

4.3.4. Methods for Forming the Payl oad

The payl oad begins with the payl oad header, followed by the table of
contents, which consists of a list of ToC entri es.

The audio data follows the table of contents. Al the octets
conprising an audio frame SHALL be appended to the payload as a unit.
The audio frames are packetized in tinmestanp order within each group
of frames (per ToC entry). The groups of frames are packetized in
the sanme order as their corresponding ToC entries. Note that there
are no data octets in a group having a ToC entry with FT=14 or FT=15.

4.3.5. Payl oad Exanpl es

4.3.5.1. Exanple 1. Basic Mdyde Payload Carrying Miltiple Frames Encoded
Usi ng the Sane Franme Type

Figure 4 depicts a payload that carries three AVR-WB+ franmes encoded
using 14 kbit/s frame type (FT=26) with a frame |length of 280 bits
(35 bytes). The internal sanpling frequency in this exanple is 25.6
kHz (ISF = 8). The TFl for the first frame is 2, indicating that the
first transport frame in this payload is the third in a super-frane.
Since this payload is in the basic nobde, the subsequent frames of the
payl oad are consecutive franes in decoding order, i.e., the fourth
transport franme of the current super-frame and the first transport
frame of the next super-frame. Note that because the frames are al
encoded using the sane franme type, only one ToC entry is required.
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0 1 2 3
01234567890123456789012345678901

T S S T i S S S i Sl SU SRS
| ISF=81] 2 |0]0] FT = 26 | #frames = 3 | f1(0...7) |
T i S T S S i S i S S SR SR S

T I T i o ST S S S I mi s o S S S S
. | f1(272...279) | f2(0...7) |
T T S T S e e il Sl S S S S S A e o

T S S T S T o S S S e S s sl st S S S S
| f2(272...279) | f3(0...7) |
T T S S T T S S s sl s S S S SRt

T S S T o T S S e e T s ST S S S s Sk e o
| ... | f3(272...279)
T T T e S S T S S S I I S S S s

+_+"

Figure 4: An exanple of a basic node payload carrying three franes
of the sane franme type

4.3.5.2. Exanple 2: Basic Mde Payload Carrying Miltiple Frames Encoded
Using Different Frame Types

Figure 5 depicts a payload that carries three AVR-WB+ franes; the
first frane is encoded using 18.4 kbit/s frame type (FT=33) with a
frame length of 368 bits (46 bytes), and the two subsequent framnes
are encoded using 20 kbit/s frane type (FT=35) having frame |ength of
400 bits (50 bytes). The internal sanpling frequency in this exanple
is 32 kHz (I SF = 10), inplying the overall bit-rates of 23 kbit/s for
the first frame of the payload, and 25 kbit/s for the subsequent
frames. The TFl for the first frame is 3, indicating that the first
transport frame in this payload is the fourth in a super-frane.

Since this is a payload in the basic node, the subsequent franes of

t he payl oad are consecutive frames in decoding order, i.e., the first
and second transport frames of the current super-frame. Note that
since the payload carries two different frame types, there are two
ToC entri es.
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0 1 2 3
01234567890123456789012345678901

R R i s i i S S S S S kSt S S S S S e e
| ISF=10 | 3 |0]1] FT = 33 | #frames =1 |0 FT = 35 |
il s T T S S S S S i N T i ST S S S S S e e L T 2
| #frames = 2 | f1(0...7) | ... |
R R i s i i S S S S S kSt S S S S S e e

T I T i o ST S S S I mi s o S S S S
| f1(360...367) | f2(0...7) |
T T S i S S S T S = S S S e

T I S T i o S e T S S S S S i S S

+- +
| f2(392...399) | f3(0...7) |
T T S S T T S S s sl s S S S SRt

T S S T S T o S S S e S s sl st S S S S

| | £3(392...399) |
i S S S ks ST SIS SRR A S

Figure 5: An exanple of a basic node payload carrying three franes
enploying two different franme types

4.3.5.3. Exanple 3: Payload in Interl eaved Mdde

The exanple in Figure 6 depicts a payload in interl eaved node,
carrying four frames encoded using 32 kbit/s frane type (FT=47) with
frame length of 640 bits (80 bytes). The internal sanpling frequency
is 38.4 kHz (I SF = 13), inplying a bit-rate of 48 kbit/s for al
frames in the payload. The TFl for the first frame is 0; hence, it
is the first transport frame of a super-frame. The displacenent
fields for the subsequent frames are DI S2=18, DI S3=15, and DI S4=10,
whi ch indicates that the subsequent frames have the TFls of 3, 3, and
2, respectively. The long displacenent field flag L in the payl oad
header is set to 1, which results in the use of eight bits for the

di spl acenent fields in the ToC entry. Note that since all franes of
this payl oad are encoded using the sanme frane type, there is need
only for a single ToC entry. Furthernore, the displacenent field for
the first frame (corresponding to the first ToC entry with DI S1=0)
nmust be ignored, since its tinestanp and TFl are defined by the RTP
timestanp and the TFl found in the payl oad header.

The RTP tinestanp values of the frames in this exanple are

Framel: TS1 = RTP Ti nmestanp
Frame2: TS2 = TS1 + 19 * 960
Frane3: TS3 = TS2 + 16 * 960
Franed4: TS4 = TS3 + 11 * 960
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4.

4.

0 1 2 3
01234567890123456789012345678901

T S S T i S S S i Sl SU SRS
| 1SF=13 | 0 | 1]0] FT=47 | #frames = 4 | DS1 =0 |
T i S T S S i S i S SR DR SR S
| D S2 = 18 | DIS3= 15 | DS4 = 10 | f1(0...7) |
i S S S

T S S S e T sl S S S S S &

T I T i o ST S S S I mi s o S S S S
| f1(632...639) | f2(0...7) |
T T S i S S S T S = S S S e

T I T i o ST S S S I mi s o S S S S
| f2(632...639) | f3(0...7) |
T T S i S S S T S = S S S e

T S S T i S S S i Sl SU SRS
| f3(632...639) | f4(0...7) |
T S S i Sl S T e S e i i S SR SR S

T I T i o ST S S S I mi s o S S S S
| ... | f4(632...639) |
T T i I S S T T i S =

Figure 6: An exanple of an interleaved node payl oad carrying four
franes at the sane frane type

I nterl eaving Considerations

The use of interleaving requires further considerations. As
presented in the exanple in Section 3.6.2, a given interleaving
pattern requires a certain amount of the deinterleaving buffer. This
buf fer space, expressed in a nunber of transport frane slots, is

i ndicated by the "interleaving" nmedia type paranmeter. The nunber of
frame slots needed can be converted into actual menory requirenents
by considering the 80 bytes per frane used by the | argest conbination
of AMR-WB+'s core and stereo rates.

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. There are two cases in which additional
information is needed: first, when switching of the I SF occurs, and
second, when the interleaving pattern changes. The "int-delay" nedia
type paraneter is defined to convey this information. It allows a
sender to indicate the mnimal nedia tine that needs to be present in
the buffer before the decoder can start consumng franes fromthe
buffer. Because the sender has full control over |SF changes and the
interleaving pattern, it can calculate this value.
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In certain cases (for exanple, if joining a nmulticast session with
interleaving md-session), a receiver may initially receive only part
of the packets in the interleaving pattern. This initial partial
reception (in frame sequence order) of franes can yield too few
frames for acceptable quality fromthe audi o decoding. This problem
al so arises when using encryption for access control, and the

recei ver does not have the previous key.

Al t hough the AMR-WB+ is robust and thus tolerant to a high random
frame erasure rate, it would have difficulties handling consecutive
frame | osses at startup. Thus, sonme special inplenentation

consi derations are described. 1In order to handle this type of
startup efficiently, it nust be noted that decoding is only possible
to start at the beginning of a super-frame, and that holds true even
if the first transport frame is indicated as lost. Secondly,
decoding is only RECOMWENDED to start if at least 2 transport franes
are avail able out of the 4 belonging to that super-frane.

After receiving a nunber of packets, in the worst case as nany
packets as the interleaving pattern covers, the previously described
ef fects di sappear and nornmal decoding is resumned.

Simlar issues arise when a receiver |eaves a session or has | ost
access to the stream |f the receiver |eaves the session, this would
be a minor issue since playout is normally stopped. It is also a

m nor issue for the case of |ost access, since the AMR-WB+ error
concealment will fade out the audio if massive consecutive | osses are
encount er ed.

The sender can avoid this type of problemin nany sessions by
starting and ending interleaving patterns correctly when risks of

| osses occur. One such exanple is a key-change done for access
control to encrypted streans. |If only sone keys are provided to
clients and there is a risk of their receiving content for which they
do not have the key, it is reconmended that interleaving patterns not
overl ap key changes.

4.5. Inplenmentation Considerations

An application inplenenting this payload format MJST understand al

t he payl oad paranmeters. Any mappi ng of the paranmeters to a signaling
protocol MJST support all parameters. So an inplenentation of this
payl oad format in an application using SDP is required to understand
all the payload paraneters in their SDP-mapped form This

requi rement ensures that an inplenentation always can deci de whet her
it is capable of comunicating.
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Bot h basic and interl eaved node SHALL be inplenmented. The

i npl enentation burden of both is rather small, and requiring both
ensures interoperability. As the AVR-WB+ codec contains the full
functionality of the AVR-WB codec, it is RECOVMENDED to al so

i npl erent the payload format in RFC 3267 [7] for the AMRWB frane
types when inplenenting this specification. Doing so nakes
interoperability with devices that only support AVR-WB nore |ikely.

The swi tching of |ISF, when conbined with packet [oss, could result in
conceal nent using the wong audio frane length. This can occur if
packet losses result in lost frames directly after the point of |ISF
change. The packet |oss would prevent the receiver fromnoticing the
changed | SF and t hereby conceal the lost transport frane with the
previous | SF, instead of the new one. Although always |ater
detectabl e, such an error results in frame boundary m salignnent,

whi ch can cause audi o distortions and problens with synchronization,
as too many or too few audi o sanples were created. This problem can
be mitigated in nost cases by perforning |SF recovery prior to
conceal nent as outlined in Section 4.5.1.

4.5.1. |SF Recovery in Case of Packet Loss

In case of packet loss, it is inmportant that the AMR-VB+ decoder
initiates a proper error concealment to replace the frames carried in
the |l ost packet. A loss conceal nent algorithmrequires a codec
fram ng that matches the timestanps of the correctly received franes.
Hence, it is necessary to recover the tinestanps of the | ost franes.
Doing so is non-trivial because the codec franme length that is
associated with the | SF may have changed during the franme | oss.

In the follow ng, the recovery of the tinmestanp information of | ost
frames is illustrated by the nmeans of an exanple. Two franes with
timestanps t0 and t1 have been received properly, the first one being
the | ast packet before the loss, and the latter one being the first
packet after the | oss period. The |ISF values for these packets are
isfO and isfl, respectively. The TFls of these franes are tfi0O and
tfil, respectively. The associated frane lengths (in tinestanp
ticks) are given as LO and L1, respectively. |In this exanple three
frames with tinmestanps x1 - x3 have been lost. The exanple further
assunes that | SF changes once fromisfO to isfl during the franme | oss
period, as shown in the figure bel ow

Since not all information required for the full recovery of the
timestanps is generally known in the receiver, an algorithmis needed
to estimate the | SF associated with the lost frames. Al so, the
nunber of |ost frames needs to be recovered.
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| <---LO--->| <---L0--->|<-L1->| <-L1->|<-L1->|

t0 x1 X2 X3 t1

Exanpl e Al gorithm

Start: # check for frane |oss

If (t0O + LO) == 1t1 Then goto End # no frame | oss

Step 1: # check case with no I SF change
If (isfO I'=isfl) Then goto Step 2 # At |east one | SF change

If (isFractional (t1 - t0)/LO) Then goto Step 3
# More than 1 | SF change

Return recovered tinestanps as

x(n) =t0 + n*L1 and associ ated | SF equal to isfO,
for 0 <n < (tl1 - t0)/LO

goto End

Step 2:
Loop initialization: n:=4 - tfi0 nod 4
Wiile n <= (t1-t0)/LO
Evaluate m:= (t1 - t0 - n*LO)/L1
If (islnteger(m AND ((tfiO+n+m) nod 4 == tfil)) Then goto found;
n:= n+4
endl oop
goto step 3 # More than 1 | SF change

f ound:
Return recovered tinestanps and | SFs as

X(i) =t0 + i*LO and associated | SF equal to isfO, for 0 <i <=n
X(i) =t0 + n*LO + (i-n)*L1 and associated | SF equal to isf1,

for n <i <= n+m

goto End

Step 3:

More than 1 | SF change has occurred. Since |SF changes can be
assuned to be infrequent, such a situation occurs only if |ong
sequences of franes are lost. In that case it is probably not useful
totry to recover the tinestanps of the lost frames. Rather, the
AMR- B+ decoder shoul d be reset, and decodi ng shoul d be resuned
starting with the frame with tinmestanp t1.

End:
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The above algorithmstill does not solve the issue when the receiver
buffer depth is shallower than the loss burst. |In this kind of case,
where the conceal nent nmust be done without any know edge about future
frames, the concealnment nay result in loss of frane boundary
alignment. |If that occurs, it nmay be necessary to reset and restart
the codec to performresynchronization

4.5.2. Decoding Validation

If the receiver finds a nismatch 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.

5. Congestion Contro

The general congestion control considerations for transporting RTP
data apply; see RTP [3] and any applicable RTP profile like AVP [9].
However, the nulti-rate capability of AMR-WB+ audi o coding provides a
mechani smthat may help to control congestion, since the bandwi dth
demand can be adjusted (within the limts of the codec) by selecting
a different coding frane type or lower internal sanpling rate.

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

i nfluences the overall bandwi 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 amount of FEC-induced
redundancy needs to be regul ated such that the use of FEC itself does
not cause a congestion probl em

6. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the general security considerations discussed in RTP
[3] and any applicable profile such as AVP [9] or SAVP [10]. As this
format transports encoded audi o, the nain security issues include
confidentiality, integrity protection, and data origin authentication
of the audio itself. The payload format itself does not have any
built-in security nmechanisnms. Any suitable external mnechanisns, such
as SRTP [10], MAY be used.
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Thi s payl oad format and the AMR-WB+ 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.

6.1. Confidentiality

In order to ensure confidentiality of the encoded audio, all audio
data bits MIST be encrypted. There is |less need to encrypt the
payl oad header or the table of contents since they only carry

i nformati on about the frane type. This information could also be
useful to a third party, for exanple, for quality nonitoring

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

Consi der the followi ng packets (in brackets) containing frane nunbers
as indicated: {10, 14, 18}, {13, 17, 21}, {16, 20, 24} (a popular
conti nuous diagonal interleaving pattern). The originator w shes to
deny sone participants the ability to hear material starting at tinme
16. Sinply changing the key on the packet with the tinmestanp at or
after 16, and denying that new key to those participants, 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.

6.2. Authentication and Integrity

To aut henticate the sender of the speech, an external nechani sm MUST
be used. It is RECOVWENDED that such a nechani sm protects both the
conpl ete RTP header and the payl oad (speech and data bits).

Data tampering by a man-in-the-middle attacker could replace audio
content and also result in erroneous depacketi zati on/decodi ng that
could | ower the audio quality.

7. Payl oad Format Paraneters

This section defines the paranmeters that nay be used to sel ect
features of the AVMR WB+ payl oad fornmat. The paraneters are defined
as part of the nmedia type registration for the AVR-WB+ audi o codec.
A mappi ng of the paraneters into the Session Description Protocol
(SDP) [6] is also provided for those applications that use SDP.

Equi val ent paraneters could be defined el sewhere for use with contro
protocols that do not use M M or SDP

The data format and paraneters are only specified for real-tine
transport in RTP
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7.1. Media Type Registration
The nmedia type for the Extended Adaptive Milti-Rate W deband
(AVR-WB+) codec is allocated fromthe IETF tree, since AMRWB+ is
expected to be a widely used audi o codec in general strean ng
appl i cati ons.
Note: Parameters not |isted bel ow MIST be ignored by the receiver.
Medi a Type nane: audi o
Medi a subtype nanme: AMR- B+
Requi red paraneters:

None

Opti onal paraneters:

channel s: The maxi mum nunber of audi o channel s used by the
audi o franes. Perm ssible values are 1 (nmono) or 2
(stereo). |If no paraneter is present, the maxi mum

nunber of channels is 2 (stereo). Note: Wen set to
1, inmplicitly the stereo franme types cannot be used.

i nterl eaving: I ndi cates that interleaved node SHALL
be used for the payload. The paraneter specifies
the nunber of transport frame slots required in a
deinterl eaving buffer (including the frame that is
ready to be consuned). Its value is equal to one
pl us the maxi mum nunber of frames that precede any
frame in transmnission order and follow the frame in
RTP tinestanp order. The value MJST be greater than
zero. |If this parameter is not present,
i nterl eaved node SHALL NOT be used.

i nt-del ay: The minimal nmedia tine delay in RTP timestanp ticks
that is needed in the deinterleaving buffer, i.e.
the difference in RTP tinestanp ticks between the
earliest and | atest audio frame present in the
dei nterl eaving buffer.

ptime: See Section 6 in RFC 2327 [6].

maxpti me: See Section 8 in RFC 3267 [7].

Restriction on Usage:
This type is only defined for transfer via RTP (STD 64).
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Encodi ng consi derations:
An RTP payl oad according to this format is binary data
and thus may need to be appropriately encoded in non-
bi nary environnents. However, as long as used within
RTP, no encoding is necessary.

Security considerations:
See Section 6 of RFC 4352.

Interoperability considerations:
To maintain interoperability with AVR-VB-capabl e end-
points, in cases where negotiation is possible and the
AMR- VB+ end- poi nt supporting this format al so supports
RFC 3267 for AMR-WB transport, an AMR-WB+ end- poi nt
SHOULD declare itself also as AVMR-WB capable (i.e.,
supporting al so "audi o/ AMR-WB" as specified in RFC
3267).

As the AMR-WB+ decoder is capable of perforning stereo
to nono conversions, all receivers of AVR-WB+ shoul d be
able to receive both stereo and nono, although the
receiver is only capable of playout of nono signals.

Publ i c specification:
RFC 4352
3CGPP TS 26.290, see reference [1] of RFC 4352

Addi tional information:
This MME type is not applicable for file storage.
Instead, file storage of AVR-WB+ encoded audio is
specified within the 3GPP-defined | SO based nul ti nmedi a
file format defined in 3GPP TS 26. 244; see reference
[14] of RFC 4352. This file format has the M ME types
"audi o/ 3GPP" or "video/ 3GPP" as defined by RFC 3839
[15].

Person & ennil address to contact for further information:
magnus. west erl und@ri csson. com
ari .l akani em @oki a. com

I nt ended usage: COMVON
It is expected that many | P-based streani ng
applications will use this type.

Change controller:

| ETF Audi o/ Vi deo Transport working group del egated from
the | ESG
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7.2. Mapping Media Type Paraneters into SDP

The information carried in the nmedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)
[6], which is commpnly used to describe RTP sessions. Wen SDP is
used to specify an RTP session using this RTP payl oad format, the
mappi ng is as foll ows:

- The nedia type ("audio") is used in SDP "m=" as the nedi a nane.

-  The nedia type (payload format nanme) is used in SDP "a=rtpnmap" as
the encodi ng nane. The RTP clock rate in "a=rtpmap" SHALL be
72000 for AMR-WB+, and the encodi ng paraneter nunber of channels
MJUST either be explicitly set to 1 or 2, or be omtted, inplying
the default val ue of 2.

- The paraneters "ptinme" and "naxptine" are placed in the SDP
attributes "a=ptinme" and "a=nmaxptine", respectively.

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

7.2.1. Ofer-Answer Mdel Considerations

To achi eve good interoperability in an Ofer-Answer [8] negotiation
usage, the follow ng considerations should be taken into account:

For negoti abl e offer/answer usage the following interpretation rules
SHALL be appli ed:

- The "interleaving" paranmeter is symetric, thus requiring that the
answerer nmust also include it for the answer to an of fered payl oad
type that contains the paranmeter. However, the buffer space val ue
is declarative in usage in unicast. For multicast usage, the same
value in the response is required in order to accept the payl oad
type. For streans declared as sendrecv or recvonly: The receiver
will accept reception of streans using the interleaved node of the
payl oad format. The val ue declares the anmount of buffer space the
recei ver has available for the sender to utilize. For sendonly
streanms, the paranmeter indicates the desired configuration and
amount of buffer space. An answerer is RECOMVENDED to respond
using the offered value, if capable of using it.
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- The "int-delay" parameter is declarative. For streans declared as
sendrecv or recvonly, the value indicates the maxi muminiti al
del ay the receiver will accept in the deinterleaving buffer. For
sendonly streams, the value is the anbunt of nedia tinme the sender
desires to use. The value SHOULD be copied into any response.

- The "channel s" paraneter is declarative. For "sendonly" streans,
it indicates the desired channel usage, stereo and nobno, or nono
only. For "recvonly" and "sendrecv" streans, the paraneter
i ndi cates what the receiver accepts to use. As any receiver wll
be capabl e of receiving stereo frane type and perform|ocal m xing
within the AMR-WB+ decoder, there is normally only one reason to
restrict to nono only: to avoid spending bit-rate on data that are
not utilized if the front-end is only capabl e of nobno.

- The "ptime" paraneter works as indicated by the offer/answer nodel
[8]; "maxptinme" SHALL be used in the same way.

- To maintain interoperability with AMR-VWB in cases where
negoti ation i s possible, an AVR-WB+ capabl e end-point that al so
i mpl ements the AVMR-WB payload format [7] is RECOVMMENDED to decl are
itself capable of AMR-WB as it is a subset of the AVR-WB+ codec.

In declarative usage, like SDP in RTSP [16] or SAP [17], the
follow ng interpretation of the paraneters SHALL be done:

- The "interleaving" paraneter, if present, configures the payl oad
format in that node, and the val ue indicates the nunber of franes
that the deinterleaving buffer is required to support to be able
to handl e this session correctly.

- The "int-delay" parameter indicates the initial buffering del ay
required to receive this streamcorrectly.

- The "channel s" paraneter indicates if the content being
transmtted can contain either both stereo and nono rates, or only
nono.

- Al other paraneters indicate values that are being used by the
sending entity.
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7.

10.

. 2. Exanples

One exanpl e of an SDP session description utilizing AVRWB+ npono and
stereo encodi ng foll ows.

mraudi o 49120 RTP/ AVP 99

a=rtpmap: 99 AMR- W\B+/ 72000/ 2

a=fmp: 99 interleaving=30; int-del ay=86400
a=maxpti ne: 100

Note that the payload format (encoding) nanes are commonly shown in
uppercase. Media subtypes are commonly shown in | owercase. These
nanes are case-insensitive in both places. Sinmilarly, paraneter
nanes are case-insensitive both in MM types and in the default
mappi ng to the SDP a=fmp attribute.

| ANA Consi der ati ons

The | ANA has regi stered one new M ME subtype (audi o/ anr-wbh+); see
Section 7.
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