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Abstract

This docunent specifies a real-tinme transport protocol (RTP) payl oad
format to be used for Adaptive Miulti-Rate (AMR) and Adaptive Milti -
Rate W deband (AVR-WB) encoded speech signals. The payload format is
designed to be able to interoperate with existing AVR and AVR- VB

transport formats on non-1P networks. In addition, a file format is
specified for transport of AMR and AMR-WB speech data in storage node
applications such as enail. Two separate M ME type registrations are

i ncl uded, one for AMR and one for AMR-WB, specifying use of both the
RTP payl oad format and the storage fornmat.
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1. Introduction

Thi s docunent specifies the payload format for packetization of AMR
and AMR-WB encoded speech signals into the Real-tinme Transport
Protocol (RTP) [8]. The payload format supports transm ssion of

mul tiple channels, multiple franes per payl oad, the use of fast codec
node adapt ation, robustness agai nst packet |loss and bit errors, and
interoperation with existing AMR and AMR-WB transport formats on
non- |1 P networks, as described in Section 3.

The payload format itself is specified in Section 4. Avrelated file
format is specified in Section 5 for transport of AMR and AMR- VB
speech data in storage node applications such as email. |n Section
8, two separate M ME type registrations are provided, one for AMR and
one for AMR-WB.

Even though this RTP payload fornmat definition supports the transport
of both AMR and AVR-WB speech, it is inportant to renenber that AMR
and AMR-WB are two different codecs and they are always handl ed as

di fferent payl oad types in RTP.

2. Conventions and Acronyns
The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunment are to be interpreted as described in RFC2119 [5].

The followi ng acronyns are used in this docunent:

3GPP - the Third Generation Partnership Project
AMR - Adaptive Milti-Rate Codec

AMR-VWB - Adaptive Milti-Rate Wdeband Codec

CVR - Codec Mbde Request

CN - Confort Noise

DTX - Discontinuous Transm ssion
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ETSI - European Tel econmuni cations Standards Institute

FEC - Forward Error Correction

SCR - Source Controlled Rate Operation

SID - Silence Indicator (the frames containing only CN
par anet ers)

VAD - Voice Activity Detection

UED - Unequal Error Detection

UEP - Unequal Error Protection

The term "frame-bl ock” is used in this docunent to describe the
ti me-synchroni zed set of speech franmes in a multi-channel AMR or
AVR-WB session. In particular, in an N-channel session, a frane-
block will contain N speech franmes, one fromeach of the channels,
and all N speech franes represents exactly the sanme tine period.

3. Background on AMR/ AMR-WB and Design Principles

AVR and AMR-WB were originally designed for circuit-switched nobile
radio systens. Due to their flexibility and robustness, they are

al so suitable for other real-tinme speech comruni cation services over
packet - swi t ched networks such as the Internet.

Because of the flexibility of these codecs, the behavior in a
particular application is controlled by several paraneters that

sel ect options or specify the acceptable values for a variable.

These options and variables are described in general terns at
appropriate points in the text of this specification as paraneters to
be established through out-of-band nmeans. In Section 8, all of the
paraneters are specified in the formof MM subtype registrations
for the AMR and AMR-WB encodi ngs. The nethod used to signal these
paraneters at session setup or to arrange prior agreenent of the
participants is beyond the scope of this document; however, Section
8.3 provides a mapping of the paraneters into the Session Description
Protocol (SDP) [11] for those applications that use SDP

3.1. The Adaptive Milti-Rate (AMR) Speech Codec

The AMR codecs was originally devel oped and standardi zed by the
Eur opean Tel ecommuni cati ons Standards Institute (ETSI) for GSM
cellular systens. It is now chosen by the Third Generation
Partnership Project (3GPP) as the nandatory codec for third
generation (3G cellular systens [1].

The AMR codec is a nulti-node codec that supports 8 narrow band
speech encodi ng nodes with bit rates between 4.75 and 12.2 kbps. The
sanmpling frequency used in AMR is 8000 Hz and t he speech encoding is
performed on 20 nms speech frames. Therefore, each encoded AMR speech
frame represents 160 sanples of the original speech
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Anong the 8 AMR encodi ng nodes, three are already separately adopted
as standards of their own. Particularly, the 6.7 kbps node is
adopted as PDC-EFR [14], the 7.4 kbps node as |S-641 codec in TDVA
[13], and the 12.2 kbps node as GSM EFR [12].

3.2. The Adaptive Milti-Rate Wdeband (AMR-WB) Speech Codec

The Adaptive Miulti-Rate Wdeband (AVMR-WB) speech codec [3] was
originally devel oped by 3GPP to be used in GSM and 3G cel | ul ar
syst ens.

Simlar to AVR, the AMR-VWB codec is also a nulti-node speech codec.
AVR-WB supports 9 wi de band speech coding nodes with respective bit
rates ranging from®6.6 to 23.85 kbps. The sanpling frequency used in
AVR-WB is 16000 Hz and the speech processing is performed on 20 ns
franes. This neans that each AMR-WB encoded franme represents 320
speech sanpl es.

3.3. Multi-rate Encodi ng and Mode Adaptation

The multi-rate encoding (i.e., multi-npde) capability of AWVR and
AVR-WB i s designed for preserving high speech quality under a w de
range of transm ssion conditions.

Wth AVR or AMR-WB, nobile radio systens are able to use available
bandwi dth as effectively as possible. E.g., in GSMit is possible to
dynami cal | y adj ust the speech encoding rate during a session so as to
continuously adapt to the varying transmn ssion conditions by dividing
the fixed overall bandw dth between speech data and error protective
coding to enabl e best possible trade-off between speech conpression
rate and error tolerance. To perform node adaptation, the decoder
(speech receiver) needs to signal the encoder (speech sender) the new
nmode it prefers. This node change signal is called Codec Mde
Request or CMR

Since in nost sessions speech is sent in both directions between the
two ends, the nobde requests fromthe decoder at one end to the
encoder at the other end are piggy-backed over the speech franes in
the reverse direction. In other words, there is no out-of-band

si gnal i ng needed for sending CVRs.

Every AMR or AMR-WB codec inplenentation is required to support all
the respective speech codi ng nodes defined by the codec and nust be
abl e to handle node switching to any of the nodes at any tine.
However, sone transport systens may inpose limtations in the nunber
of nmodes supported and how often the node can change due to bandw dt h
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limtations or other constraints. For this reason, the decoder is
allowed to indicate its acceptance of a particular node or a subset
of the defined nodes for the session using out-of-band nmeans.

For exanple, the GSMradio link can only use a subset of at nobst four
different nodes in a given session. This subset can be any

conbi nation of the 8 AMR nodes for an AMR session or any conbination
of the 9 AMR-WB nodes for an AMR- VB session

Moreover, for better interoperability with GSMthrough a gateway, the
decoder is allowed to use out-of-band neans to set the m ni num nunber
of franes between two nbde changes and to linit the node change anong
nei ghbori ng nodes only.

Section 8 specifies a set of MM paraneters that may be used to
signal these node adaptation controls at session setup

3.4. Voice Activity Detection and Di sconti nuous Transm ssion

Bot h codecs support voice activity detection (VAD) and generation of
confort noise (CN) parameters during silence periods. Hence, the
codecs have the option to reduce the nunber of transmitted bits and
packets during silence periods to a minimum The operation of
sendi ng CN paraneters at regular intervals during silence periods is
usual Iy called discontinuous transm ssion (DTX) or source controlled
rate (SCR) operation. The AMR or AMR-VB franes containing CN
paraneters are called Silence Indicator (SID) franes. See nore
details about VAD and DTX functionality in [9] and [10].

3.5. Support for Milti-Channel Session

Both the RTP payload fornmat and the storage fornat defined in this
docunment support multi-channel audio content (e.g., a stereophonic
speech session).

Al t hough AMR and AVMR-WB codecs t hensel ves do not support encodi ng of
mul ti-channel audio content into a single bit stream they can be
used to separately encode and decode each of the individual channels.

To transport (or store) the separately encoded nulti-channel content,
the speech frames for all channels that are franed and encoded for
the sane 20 ns periods are logically collected in a frane-bl ock

At the session setup, out-of-band signaling nust be used to indicate
t he nunber of channels in the session and the order of the speech
franmes fromdifferent channels in each frane-bl ock. Wen using SDP
for signaling, the nunber of channels is specified in the rtpmap
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attribute and the order of channels carried in each franme-block is
i mplied by the nunber of channels as specified in Section 4.1 in
[ 24].

3.6. Unequal Bit-error Detection and Protection

The speech bits encoded in each AMR or AVR-WB frane have different
perceptual sensitivity to bit errors. This property has been
exploited in cellular systens to achieve better voice quality by
usi ng unequal error protection and detection (UEP and UED)

mechani sns.

The UEP/ UED nmechani sns focus the protection and detection of
corrupted bits to the perceptually nost sensitive bits in an AVR or
AMR-VWB franme. |In particular, speech bits in an AMR or AMR-WB frane
are divided into class A, B, and C, where bits in class A are nost
sensitive and bits in class C |east sensitive (see Table 1 bel ow for
AVR and [4] for AMRRWB). A franme is only declared danaged if there

are bit errors found in the nost sensitive bits, i.e., the class A
bits. On the other hand, it is acceptable to have sone bit errors in
the other bits, i.e., class B and C bits.

Cass A total speech

I ndex Mode bits bits
0 AMR 4. 75 42 95
1 AMR 5. 15 49 103
2 AMR 5.9 55 118
3 AMR 6.7 58 134
4 AMR 7.4 61 148
5 AMR 7. 95 75 159
6 AMR 10. 2 65 204
7 AMVR 12. 2 81 244
8 AMR SI D 39 39

Table 1. The nunber of class A bits for the AVMR codec.

Moreover, a damaged frame is still useful for error conceal ment at

t he decoder since sonme of the less sensitive bits can still be used.
Thi s approach can inprove the speech quality conpared to discarding
t he danaged frane.

3.6.1. Applying UEP and UED in an | P Network
To take full advantage of the bit-error robustness of the AMR and
AVR-WB codec, the RTP payload format is designed to facilitate

UEP/ UED in an | P networKk. It should be noted however that the
utilization of UEP and UED di scussed bel ow i s OPTI ONAL.
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UEP/ UED in an | P network can be achi eved by detecting bit errors in
class A bits and tolerating bit errors in class B/C bits of the AMR
or AMR-WB frame(s) in each RTP payl oad.

Today there exist some link layers that do not discard packets with
bit errors, e.g., SLIP and sone wireless links. Wth the Internet
traffic pattern shifting towards a nore nultinedia-centric one, nore
link ayers of such nature nmay energe in the future. Wth transport
| ayer support for partial checksums, for exanple those supported by
UDP-Lite [15], bit error tolerant AMR and AMR-WB traffic could

achi eve better performance over these types of |inks.

There are at |east two basic approaches for carrying AVMR and AMR- VB
traffic over bit error tolerant |IP networks:

1) UWilizing a partial checksumto cover headers and the nost
i nportant speech bits of the payload. 1t is reconended that at
|l east all class A bits are covered by the checksum

2) Uilizing a partial checksumto only cover headers, but a franme
CRC to cover the class A bits of each speech frame in the RTP
payl oad.

In either approach, at least part of the class B/C bits are left
wi t hout error-check and thus bit error tolerance is achieved.

Note, it is still inportant that the network desi gner pay
attention to the class B and C residual bit error rate. Though

| ess sensitive to errors than class A bits, class B and C bits are
not insignificant and undetected errors in these bits cause
degradation in speech quality. An exanple of residual error rates
consi dered acceptable for AVR in UMIS can be found in [20] and for
AMR-WB in [21].

The application interface to the UEP/ UED transport protocol (e.g.
UDP-Lite) may not provide any control over the link error rate,
especially in a gateway scenario. Therefore, it is incunbent upon
the designer of a node with a link interface of this type to choose a
residual bit error rate that is | ow enough to support applications
such as AMR encodi ng when transmitting packets of a UEP/UED transport
pr ot ocol

Approach 1 is a bit efficient, flexible and sinple way, but cones
with two di sadvantages, nanely, a) bit errors in protected speech
bits will cause the payload to be discarded, and b) when transporting
multiple franes in a payload there is the possibility that a single
bit error in protected bits will cause all the frames to be

di scarded
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These di sadvant ages can be avoided, if needed, with sonme overhead in
the formof a frame-wi se CRC (Approach 2). |In problema), the CRC
makes it possible to detect bit errors in class A bits and use the
frane for error conceal nent, which gives a small inprovenment in
speech quality. For b), when transporting nultiple franmes in a

payl oad, the CRCs renove the possibility that a single bit error in a
class A bit will cause all the franes to be discarded. Avoiding that
gives an inprovement in speech quality when transporting multiple
franes over links subject to bit errors.

The choi ce between the above two approaches nust be nmade based on the
avai | abl e bandwi dth, and desired tolerance to bit errors. Neither
solution is appropriate to all cases. Section 8 defines paraneters
that may be used at session setup to select between these approaches.

3. 7. Robustness agai nst Packet Loss

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

3.7.1. Use of Forward Error Correction (FEC)

The sinple schene of repetition of previously sent data is one way of
achi eving FEC. Anot her possible scheme which is nore bandwi dth
efficient is to use payload external FEC, e.g., RFC2733 [19], which
generates extra packets containing repair data. The whol e payl oad
can also be sorted in sensitivity order to support external FEC
schenes using UEP. There is also a work in progress on a generic
versi on of such a schene [18] that can be applied to AMR or AVR-VB
payl oad transport.

Wth AVR or AMR-WB, it is possible to use the multi-rate capability
of the codec to send redundant copies of the sanme node or of another
node, e.g., one with | ower-bandw dth. W describe such a schene
next .
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This involves the sinple retransnission of previously transnitted
franme- bl ocks together with the current frane-bl ock(s). This is done
by using a sliding windowto group the speech frane-blocks to send in
each payload. Figure 1 below shows us an exanple.

e e a e Fommm o Fommm o Fommm o Fommm o Fommm o Fommm o +- -
| f(n-2) | f(n-21) | f(n) | f(n+l) | f(n+2) | f(n+t3) | f(n+4)
ce e Fomme o Fomme o Fomme o Fomme o Fomme o Fomme o +- -
<--- p(n-1) ---->
<---- p(n) ----- >
<--- p(ntl) ---->
<--- p(n+2) ---->
<---- p(n#3) ---->
<---- p(n+td) ---->

Figure 1: An exanpl e of redundant transm ssion

In this exanple each frane-block is retransnitted one tinme in the
foll owi ng RTP payl oad packet. Here, f(n-2)..f(n+4) denotes a
sequence of speech frane-blocks and p(n-1)..p(n+4) a sequence of
payl oad packets.

The use of this approach does not require signaling at the session
setup. |In other words, the speech sender can choose to use this
schene wi thout consulting the receiver. This is because a packet
cont ai ni ng redundant franmes will not | ook different froma packet
with only new frames. The receiver may receive multiple copies or
versions (encoded with different nodes) of a frame for a certain
tinmestanp if no packet is lost. If multiple versions of the sane
speech frame are received, it is recormended that the node with the
hi ghest rate be used by the speech decoder

Thi s redundancy schene provides the same functionality as the one
described in RFC 2198 "RTP Payl oad for Redundant Audi o Data" [24].

In nost cases the nechanismin this payload format is nore efficient
and sinpler than requiring both endpoints to support RFC 2198 in
addition. There are two situations in which use of RFC 2198 is
indicated: if the spread in time required between the prinmary and
redundant encodings is larger than 5 franme tinmes, the bandw dth
overhead of RFC 2198 will be lower; or, if a non-AMR codec is desired
for the redundant encodi ng, the AMR payload format won't be able to
carry it.

The sender is responsible for selecting an appropriate anmount of
redundancy based on feedback about the channel, e.g., in RTCP
receiver reports. A sender should not base selection of FEC on the
CMR, as this paraneter nost probably was set based on none-IP
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information, e.g., radio link perfornance neasures. The sender is
al so responsi bl e for avoi di ng congestion, which nay be exacerbated by
redundancy (see Section 6 for nore details).

3.7.2. Use of Frane Interleaving

To decrease protocol overhead, the payl oad design allows severa
speech frame-bl ocks be encapsul ated into a single RTP packet. One of
t he drawbacks of such an approach is that in case of packet loss this
means | oss of several consecutive speech frane-bl ocks, which usually
causes clearly audible distortion in the reconstructed speech

Interl eaving of frame-blocks can inprove the speech quality in such
cases by distributing the consecutive |losses into a series of single
frame-bl ock | osses. However, interleaving and bundling severa
frame- bl ocks per payload will also increase end-to-end delay and is
therefore not appropriate for all types of applications. Stream ng
applications will nost likely be able to exploit interleaving to

i mprove speech quality in lossy transn ssion conditions.

Thi s payl oad design supports the use of frame interleaving as an
option. For the encoder (speech sender) to use frane interleaving in
its outbound RTP packets for a given session, the decoder (speech
receiver) needs to indicate its support via out-of-band neans (see
Section 8).

3.8. Bandwi dth Efficient or Cctet-aligned Mde

For a given session, the payload format can be either bandw dth
efficient or octet aligned, depending on the node of operation that
is established for the session via out-of-band neans.

In the octet-aligned format, all the fields in a payload, including
payl oad header, table of contents entries, and speech franes
thensel ves, are individually aligned to octet boundaries to nake

i npl ementations efficient. In the bandwidth efficient format only
the full payload is octet aligned, so fewer padding bits are added.

Note, octet alignnment of a field or payload neans that the |ast
octet is padded with zeroes in the least significant bits to fil
the octet. Also note that this padding is separate from paddi ng
indicated by the P bit in the RTP header

Bet ween the two operation nodes, only the octet-aligned node has the

capability to use the robust sorting, interleaving, and frane CRC to
make t he speech transport robust to packet loss and bit errors.
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3.9. AMR or AMR-WB Speech over | P scenarios

The primary scenario for this payload format is | P end-to-end between
two terminals, as shown in Figure 2. This payload format is expected
to be useful for both conversational and stream ng services

| | P/ UDP/ RTP/ AMR or |

| | | P/ UDP/ RTP/ AVR-VB | |

Figure 2: IP terninal to IP termnal scenario

A conversational service puts requirenents on the payload fornat.

Low delay is one very inportant factor, i.e., few speech frane-bl ocks
per payl oad packet. Low overhead is also required when the payl oad
format traverses | ow bandwi dth |inks, especially as the frequency of
packets will be high. For low bandwidth Iinks it also an advantage
to support UED which allows a link provider to reduce delay and
packet loss or to reduce the utilization of Iink resources.

Stream ng service has less strict real-tinme requirenents and
therefore can use a |larger nunber of frane-blocks per packet than
conversational service. This reduces the overhead fromI|P, UDP, and
RTP headers. However, including several frane-blocks per packet
makes the transm ssion nore vul nerable to packet |oss, so
interleaving may be used to reduce the effect packet loss will have
on speech quality. A stream ng server handling a | arge nunber of
clients al so needs a payload format that requires as few resources as
possi bl e when doi ng packetization. The octet-aligned and
interleaving nodes require the | east amount of resources, while CRC
robust sorting, and bandwi dth efficient nodes have hi gher demands.

Anot her scenario occurs when AMR or AVR-WB encoded speech will be

transmitted froma non-1P system (e.g., a GSMor 3GPP network) to an
| P/ UDP/ RTP Vol P termi nal, and/or vice versa, as depicted in Figure 3.
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AMR or AMR- VB

over

|.366.{2,3} or +------ + SRR +

3G lu or | | | P/ UDP/ RTP/ AMR or

Cemmmmmemena > GW | <----mmmmmm e >| TERM NAL

GSM Abi s | | | P/ UDP/ RTP/ AMR- V\B | |

etc Foonnnn + N +
|

GSM 3GPP network | | P network

Figure 3: GWto Vol P terninal scenario

In such a case, it is likely that the AMR or AMR- VB frane is
packetized in a different way in the non-1P network and will need to
be re-packetized into RTP at the gateway. Also, speech franes from
the non-1P network may come with sone UEP/UED information (e.g., a
frame quality indicator) that will need to be preserved and forwarded
on to the decoder along with the speech bits. This is specified in
Section 4.3.2.

AVR s capability to do fast node switching is exploited in sonme non-

I P networks to optimze speech quality. To preserve this
functionality in scenarios including a gateway to an I P network, a
codec node request (CVR) field is needed. The gateway will be
responsi ble for forwarding the CVMR between the non-IP and I P parts in
both directions. The IP term nal should follow the CVR forwarded by
the gateway to optim ze speech quality going to the non-1P decoder.
The node control algorithmin the gateway nust acconmodate the del ay
i nposed by the IP network on the response to CMR by the I P term nal

The I P terminal should not set the CMR (see Section 4.3.1), but the
gateway can set the CMR value on frames going toward the encoder in
the non-1P part to optim ze speech quality fromthat encoder to the
gateway. The gateway can alternatively set a |ower CMR value, if
desired, as one nmeans to control congestion on the |IP network.
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Athird likely scenario is that | P/UDP/RTP is used as transport

bet ween two non-1P systens, i.e., IPis originated and ternminated in
gat eways on both sides of the IP transport, as illustrated in Figure
4 bel ow.
AMR or AMR- VB AMR or AMR- VB
over over
|.366.{2,3} or +------ + Fommm - + 1.366.{2,3} or
3G lu or | | | P/UDP/ RTP/ AMR or | | 3G 1lu or
Cemmmmm e e o - - >| GV [<------mmmme oo - > GV [<------------- >
GSM Abi s | | | P/UDP/ RTP/ ANR-VB | | GSM Abis
etc SRR + SRR + etc

| |
GSM 3GPP network | | P network | GSM 3GPP network

| |
Figure 4: GNto GWscenario

This scenario requires the sane nechani sns for preserving UED/ UEP and
CMR information as in the single gateway scenario. |In addition, the
CMR val ue may be set in packets received by the gateways on the IP
network side. The gateway should forward to the non-1P side a CMR
value that is the mnimum of three val ues:

- the CVR value it receives on the |P side;

- the CVMR value it calcul ates based on its reception quality on
the non-1P side; and

- a CMRvalue it may choose for congestion control of transm ssion
on the I P side.

The details of the control algorithmare left to the inplenmentation
4. AMR and AMR-WB RTP Payl oad Formats
The AMR and AMR-WB payl oad formats have identical structure, so they
are specified together. The only differences are in the types of
codec franes contained in the payload. The payload format consists
of the RTP header, payl oad header and payl oad dat a.
4.1. RTP Header Usage

The format of the RTP header is specified in [8]. This payl oad
format uses the fields of the header in a manner consistent with that
speci fication.
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The RTP tinestanp corresponds to the sanpling instant of the first
sanpl e encoded for the first frame-block in the packet. The
timestanp clock frequency is the sane as the sanpling frequency, so
the tinestanp unit is in sanples.

The duration of one speech frame-block is 20 ns for both AVR and
AVR-VWB. For AVMR, the sanpling frequency is 8 kHz, corresponding to

160 encoded speech sanmples per frame from each channel. For AVR- WB,
the sanpling frequency is 16 kHz, corresponding to 320 sanpl es per
franme from each channel. Thus, the timestanp is increased by 160 for

AMR and 320 for AVR-WB for each consecutive frane-bl ock.

A packet may contain nultiple frame-bl ocks of encoded speech or
confort noise paraneters. |If interleaving is enployed, the frane-

bl ocks encapsul ated into a payl oad are picked according to the
interleaving rules as defined in Section 4.4.1. Oherw se, each
packet covers a period of one or nore contiguous 20 ns frane-bl ock
intervals. In case the data fromall the channels for a particular
frame-block in the period is missing, for exanple at a gateway from
some other transport format, it is possible to indicate that no data
is present for that frane-block rather than breaking a nulti-frane-
bl ock packet into two, as explained in Section 4.3.2.

To allow for error resiliency through redundant transnission, the

peri ods covered by multiple packets MAY overlap in time. A receiver
MUST be prepared to receive any speech franme multiple tines, either
in exact duplicates, or in different AMR rate nodes, or with data
present in one packet and not present in another. If nultiple
versions of the sane speech frane are received, it is RECOMWENDED
that the node with the highest rate be used by the speech decoder. A
gi ven frane MUST NOT be encoded as speech in one packet and confort
noi se paraneters in another

The payl oad is al ways made an integral nunber of octets | ong by
padding with zero bits if necessary. |If additional padding is
required to bring the payload length to a larger nultiple of octets
or for sone other purpose, then the P bit in the RTP in the header
may be set and paddi ng appended as specified in [8].

The RTP header marker bit (M SHALL be set to 1 if the first frame-
bl ock carried in the packet contains a speech frane which is the
first in a talkspurt. For all other packets the nmarker bit SHALL be
set to zero (M=0).
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The assignment of an RTP payl oad type for this new packet format is
out si de the scope of this docunent, and will not be specified here.

It is expected that the RTP profile under which this payl oad fornat
is being used will assign a payload type for this encoding or specify
that the payload type is to be bound dynami cally.

4.2. Payload Structure

The conpl ete payl oad consists of a payl oad header, a payl oad table of
contents, and speech data representing one or nore speech frane-

bl ocks. The foll owi ng di agram shows the general payload format

| ayout :

Payl oads contai ning nore than one speech frane-bl ock are call ed
conmpound payl oads.

The follow ng sections describe the variations taken by the payl oad
format dependi ng on whether the AMR session is set up to use the
bandwi dt h-effi ci ent node or octet-aligned node and any of the

OPTI ONAL functions for robust sorting, interleaving, and frane CRCs.
| mpl enent ati ons SHOULD support both bandw dth-efficient and octet-
aligned operation to increase interoperability.

4. 3. Bandwi dt h-Efficient Mde
4.3.1. The Payl oad Header

I n bandwi dt h-efficient node, the payl oad header sinply consists of a
4 bit codec node request:

0123
-t - -+
| CMR
e

CMR (4 bits): Indicates a codec node request sent to the speech
encoder at the site of the receiver of this payload. The val ue of
the CMR field is set to the frame type index of the correspondi ng
speech node being requested. The franme type index nay be 0-7 for
AVR, as defined in Table 1la in [2], or 0-8 for AVR-WB, as defined
in Table 1a in [4]. OCMR value 15 indicates that no node request
is present, and other values are for future use.
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The node request received in the CMR field is valid until the next

CMR is received, i.e., a newy received CVR val ue overrides the
previous one. Therefore, if a terminal continuously w shes to
receive franes in the sane node X, it needs to set CMR=X for all its

out bound payl oads, and if a term nal has no preference in which node
to receive, it SHOULD set CVR=15 in all its outbound payl oads.

If receiving a payload with a CMR value which is not a speech node or
NO _DATA, the CMR MJST be ignored by the receiver

In a nulti-channel session, CVR SHOULD be interpreted by the receiver
of the payl oad as the desired encoding node for all the channels in
t he session.

An | P end-poi nt SHOULD NOT set the CMR based on packet |osses or
ot her congestion indications, for several reasons:

- The other end of the IP path may be a gateway to a non-1P
network (such as a radio link) that needs to set the CMR field
to optinize performance on that network

- Congestion on the IP network is nanaged by the I P sender, in
this case at the other end of the IP path. Feedback about
congesti on SHOULD be provided to that |IP sender through RTCP or
other neans, and then the sender can choose to avoid congestion
usi ng the nost appropriate mechanism That nmay include
adjusting the codec node, but also includes adjusting the |evel
of redundancy or number of franes per packet.

The encoder SHOULD follow a received node request, but MAY change to
a |l ower-nunbered node if it so chooses, for exanple to control
congesti on.

The CMR field MIUST be set to 15 for packets sent to a multicast
group. The encoder in the speech sender SHOULD i gnore node requests
when sendi ng speech to a nulticast session but MAY use RTCP feedback
information as a hint that a node change i s needed.

The codec node sel ection MAY be restricted by a session paraneter to
a subset of the available nodes. |f so, the requested node MJST be
anong the signalled subset (see Section 8).

4.3.2. The Payl oad Tabl e of Contents

The table of contents (ToC) consists of a list of ToC entries, each
representing a speech frane.
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I n bandwi dt h-efficient node, a ToC entry takes the follow ng fornat:

012345
D
[Fl  FT ]Q
i S S S

F (1 bit): If set to 1, indicates that this frame is followed by
anot her speech frame in this payload; if set to O, indicates that
this frane is the last frame in this payl oad.

FT (4 bits): Franme type index, indicating either the AMR or AMR-VB
speech codi ng node or confort noise (SID) node of the
corresponding frame carried in this payl oad.

The value of FT is defined in Table 1a in [2] for AMR and in Table 1la
in[4] for AMRWB. FT=14 (SPEECH LOST, only available for AMR-WB)
and FT=15 (NO DATA) are used to indicate franes that are either |ost
or not being transnmitted in this payl oad, respectively.

NO DATA (FT=15) frame could nean either that there is no data
produced by the speech encoder for that frame or that no data for
that frane is transmitted in the current payload (i.e., valid data
for that frame could be sent in either an earlier or |ater packet).

If receiving a ToC entry with a FT value in the range 9-14 for AWR or
10-13 for AMR- VB the whol e packet SHOULD be discarded. This is to
avoid the | oss of data synchronization in the depacketization
process, which can result in a huge degradation in speech quality.

Not e that packets containing only NO DATA frames SHOULD NOT be
transmtted. Also, frame-blocks containing only NO DATA frames at
the end of a packet SHOULD NOT be transnitted, except in the case of
interleaving. The AMR SCR/DTX is described in [6] and AMR WB SCR/ DTX
in[7].

The extra confort noise frane types specified in table la in [2]
(i.e., GSMEFR CN, 1S-641 CN, and PDC-EFR CN) MJUST NOT be used in
this payl oad format because the standardi zed AMR codec is only
required to inplement the general AMR SID frame type and not those
that are native to the incorporated encodi ngs.

Q (1 bit): Frane quality indicator. |If set to O, indicates the
corresponding frane is severely danmaged and the receiver should
set the RX_TYPE (see [6]) to either SPEECH BAD or SI D BAD
dependi ng on the frane type (FT).
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The frame quality indicator is included for interoperability with the
ATM payl oad format described in ITUT |.366.2, the UMIS lu interface
[16], as well as other transport formats. The franme quality

i ndi cator enabl es danaged frames to be forwarded to the speech
decoder for error concealnent. This can inprove the speech quality
conparing to droppi ng the danmaged frames. See Section 4.4.2.1 for
nore details.

For nulti-channel sessions, the ToC entries of all frames froma
franme-bl ock are placed in the ToC in consecutive order as defined in
Section 4.1 in [24]. Wen nultiple frame-blocks are present in a
packet in bandw dth-efficient node, they will be placed in the packet
in order of their creation tinme.

Therefore, with N channels and K speech frane-bl ocks in a packet,
there MJUST be N*K entries in the ToC, and the first Nentries wll be
fromthe first franme-bl ock, the second N entries will be fromthe
second framne-bl ock, and so on.

The following figure shows an exanple of a ToC of three entries in a
si ngl e channel session using bandw dth efficient node.

0 1
0123456789012345617
T T S e T R pra SIS
1 FT Q1] FT [QO] FT [Q
T S S S s S S S e

Bel ow i s an exanple of how the ToC entries will appear in the ToC of
a packet carrying 3 consecutive franme-blocks in a session with two
channels (L and R)

i S &
| 1L | IR | 2L | 2R | 3L | 3R |
L T S T e R SRS
[ <------- S| <------- S| <------- >
Frane- Frane- Frane-

Bl ock 1 Bl ock 2 Bl ock 3
4.3.3. Speech Data

Speech data of a payload contains one or nore speech franes or
confort noise franes, as described in the ToC of the payl oad.

Note, for ToC entries with FT=14 or 15, there will be no
correspondi ng speech frame present in the speech data.
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Each speech frane represents 20 ns of speech encoded with the node
indicated in the FT field of the corresponding ToC entry. The length
of the speech frane is inplicitly defined by the node indicated in
the FT field. The order and nunbering notation of the bits are as
specified for Interface Format 1 (IF1) in [2] for AVR and [4] for
AVR-WB. As specified there, the bits of speech frames have been
rearranged in order of decreasing sensitivity, while the bits of
confort noise frames are in the order produced by the encoder. The
resulting bit sequence for a frame of length Kbits is denoted d(0),
(1), ..., d(K1).

4.3.4. Algorithmfor Form ng the Payl oad

The conpl ete RTP payl oad in bandw dth-efficient nmode is formed by
packing bits fromthe payl oad header, table of contents, and speech
franes, in order as defined by their corresponding ToC entries in the
ToC list, contiguously into octets beginning with the nost
significant bits of the fields and the octets.

To be precise, the four-bit payload header is packed into the first
octet of the payload with bit 0 of the payl oad header in the nost
significant bit of the octet. The four nost significant bits
(numbered 0-3) of the first ToC entry are packed into the |east
significant bits of the octet, ending with bit 3 in the | east
significant bit. Packing continues in the second octet with bit 4 of
the first ToC entry in the nost significant bit of the octet. |If
nore than one frame is contained in the payload, then packing
continues with the second and successive ToC entries. Bit 0 of the
first data frane follows imediately after the last ToC bit,
proceeding through all the bits of the franme in nunerical order
Bits fromany successive franes follow contiguously in nunerica
order for each frane and in consecutive order of the franes.

If speech data is missing for one or nore speech frane within the
sequence, because of, for exanple, DIX, a ToC entry with FT set to
NO DATA SHALL be included in the ToC for each of the m ssing franes,
but no data bits are included in the payload for the nissing frame
(see Section 4.3.5.2 for an exanple).
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4. 3.5 Payl oad Exanpl es
4.3.5.1. Single Channel Payload Carrying a Single Frane

The foll owi ng di agram shows a bandwi dt h-efficient AMR payload froma
singl e channel session carrying a single speech frane-bl ock.

In the payload, no specific node is requested (CMR=15), the speech
frane is not damaged at the IP origin (Q=1), and the coding node is
AVR 7.4 kbps (FT=4). The encoded speech bits, d(0) to d(147), are
arranged in descending sensitivity order according to [2]. Finally,
two zero bits are added to the end as padding to nake the payl oad
octet aligned.

0 1 2 3

01234567890123456789012345678901
T S T i I S S T i B T it JHP SR A Ss
| CVR=15|0| FT=4 |1|d(0) |
I S I S i S T it i S S S S S
T i T i S i S S S
T i S T i S S T it S S T it SHe SR A S
I S T it S T it S S S S S
| d(147)| P| P|
I i T i T S T S S
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4.3.5.2. Single Channel Payload Carrying Miltiple Franes

The foll owi ng di agram shows a single channel, bandw dth efficient
compound AMR-WB payl oad that contains four frames, of which one has
no speech data. The first frane is a speech frane at 6.6 kbps node
(FT=0) that is conposed of speech bits d(0) to d(131). The second
frane is an AMR-WB SID frame (FT=9), consisting of bits g(0) to
g(39). The third frame is NO DATA frane and does not carry any
speech information, it is represented in the payload by its ToC
entry. The fourth frane in the payload is a speech frane at 8.85
kpbs node (FT=1), it consists of speech bits h(0) to h(176).

As shown bel ow, the payload carries a node request for the encoder on
the receiver’'s side to change its future coding node to AMR- VB 8. 85
kbps (CMR=1). None of the franmes is damaged at IP origin (Q=1). The
encoded speech and SID bits, d(0) to d(131), g(0) to g(39) and h(0)
to h(176), are arranged in the payload in descending sensitivity
order according to [4]. (Note, no speech bits are present for the
third franme). Finally, seven Os are padded to the end to nake the
payl oad octet aligned.

0 1 2 3
01234567890123456789012345678901
T S S T S i S i S i Suit SN RS
CVR=1 | 1] FT=0 |1|1] FT=9 |1|1] FT=15 |1|0] FT=1 |1|d(0) |
B S e e s S S i ik M SR
|

+

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

B e s i S i i S R e e s

T i S A S S i S e =

d(131) |
B T S S T
0) |
B S T S S i S e SU S U S
9(39) | h(0) |
T S S T ity I S S T SN e S

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

B e s i S i i S R e e s

+A+

R

|
i i e i T i i S S S s S i ek T
h(176) | P| P| P| P| P| P| P

S

+
|
+
|
+
|
+
|
+
|
+
lg
+
|
+
|
+
|
+
|
+
|
i S S S T ot S S S O i i S
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4.3.5.3. Multi-Channel Payload Carrying Multiple Franes

The foll owi ng di agram shows a two channel payload carrying 3 frane-
bl ocks, i.e., the payload will contain 6 speech franes.

In the payload all speech franes contain the sane node 7.4 kbit/s
(FT=4) and are not damaged at IP origin. The CMRis set to 15, i.e.
no specific node is requested. The two channels are defined as |eft
(L) and right (R) in that order. The encoded speech bits is
designated dXY(0).. dXY(K-1), where X = block nunber, Y = channel

and K is the nunber of speech bits for that node. Exenplifying this,
for frame-block 1 of the left channel the encoded bits are designated
as diL(0) to diL(147).
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0 1 2 3
01234567890123456789012345678901
-t - T S S i i S S S e i S S SR =
CMVR= | 1L FT=4| 1| 1| 1R FT=4| 1| 1| 2L FT=4|1| 1| 2R FT=4| 1| 1| 3L FT|
- e - i S E % T SRS R S g
3R FT=4| 1| d1L(0) |
T T S T T S S S
|

T S s i S S e S T S S e

T S S 2 i S S T T i S S S

-4 +-
5| 1
[ I

4| 1|0

+
1
+
|

+

+=— +
+— +

+
+
+
+
+
T R o e R S A S S
| diL(147)| d1R(0) |
T S T S S e T T A LTk r
e i Ak Tk T SIS A S MR e
d1R(147) | d2L(0)
T T A e e e

T i i S i i S S e b s
| d2L(147| d2R(0)
T i I S T it S S T S S S S it S SRR S A S

T R o e S S A e
d2R(147)] d3L(0)
T S T S S S T L o e

T S T i I S S T i B T it JHP SR A Ss
d3L(147)| d3R(0)
I S S T S S T i i S S T 3

T T T S S S LTk r

d3R(147) |
B S S T S S S S S T2 ws S S S o S S S S
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4.4, Cctet-aligned Mode
4.4.1. The Payl oad Header

In octet-aligned node, the payl oad header consists of a 4 bit CVR 4
reserved bits, and optionally, an 8 bit interleaving header, as shown
bel ow

0 1

0123456789012345
T
| OMR |RRRR ILL | ILP |
T i

CVMR (4 bits): same as defined in section 4.3.1.

R is areserved bit that MJST be set to zero. Al R bits MJST be
i gnored by the receiver.

ILL (4 bits, unsigned integer): This is an OPTIONAL field that is
present only if interleaving is signalled out-of-band for the
session. ILL=L indicates to the receiver that the interl eaving
length is L+1, in nunber of frane-blocks.

ILP (4 bits, unsigned integer): This is an OPTIONAL field that is

present only if interleaving is signalled. |LP MJST take a val ue
between 0 and ILL, inclusive, indicating the interleaving index
for frame-blocks in this payload in the interleave group. |If the
value of ILP is found greater than ILL, the payl oad SHOULD be

di scar ded

ILL and ILP fields MJST be present in each packet in a session if
interleaving is signalled for the session. Interleaving MIST be
performed on a frame-block basis (i.e., NOT on a franme basis) in a
mul ti - channel session.

The following exanple illustrates the arrangenent of speech frane-

bl ocks in an interleave group during an interl eave session. Here we
assune |LL=L for the interleave group that starts at speech frane-

bl ock n. W also assune that the first payl oad packet of the
interleave group is s and the nunber of speech frame-blocks carried
in each payload is N Then we will have:

Payl oad s (the first packet of this interleave group):
I LL=L, ILP=0,
Carry frane-bl ocks: n, n+(L+1), n+2*(L+1), ..., n+(N1)*(L+1)

Payl oad s+1 (the second packet of this interleave group):
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| LL=L, ILP=1,
frame- bl ocks: n+1, n+1+(L+1), n+1+2*(L+1), ..., n+l+(N-1)*(L+1)

Payl oad s+L (the | ast packet of this interleave group):
I LL=L, ILP=L,
franme- bl ocks: n+L, n+L+(L+1), n+L+2*(L+1), ..., n+L+(N-1)*(L+1)

The next interleave group will start at frame-block n+N-(L+1).

There will be no interleaving effect unless the nunber of frane-

bl ocks per packet (N) is at |least 2. Mreover, the nunber of frane-
bl ocks per payload (N) and the value of |ILL MJUST NOT be changed
inside an interleave group. |In other words, all payloads in an
interl eave group MJUST have the same ILL and MUST contain the sane
nunber of speech frane-bl ocks.

The sender of the payload MJUST only apply interleaving if the
receiver has signalled its use through out-of-band neans. Since
interleaving will increase buffering requirenents at the receiver
the receiver uses MME paraneter "interleaving=l" to set the maxi num
nunber of frame-blocks allowed in an interleaving group to |

When performng interleaving the sender MUST use a proper nunber of
franme- bl ocks per payload (N) and ILL so that the resulting size of an
interleave group is less or equal to I, i.e., N(L+1)<=l

4.4.2. The Payl oad Table of Contents and Franme CRCs

The table of contents (ToC) in octet-aligned node consists of a |ist
of ToC entries where each entry corresponds to a speech frane carried

in the payload and, optionally, a list of speech frane CRCs, i.e.
o e e e e e e e ea oo +
| list of ToC entries |
i +

| list of frane CRCs | (optional)

Note, for ToC entries with FT=14 or 15, there will be no
correspondi ng speech frame or frame CRC present in the payl oad.

The list of ToC entries is organized in the same way as described for
bandwi dt h-efficient node in 4.3.2, with the follow ng exception; when
interleaving is used the frame-blocks in the ToC will al nbst never be
pl aced consecutive in tinme. Instead, the presence and order of the
franme-bl ocks in a packet will follow the pattern described in 4.4.1

Sj oberg, et. al. St andards Track [ Page 26]



RFC 3267 RTP Payl oad Format for AVR and AVR- VB June 2002

The followi ng exanpl e shows the ToC of three consecutive packets,
each carrying 3 frane-bl ocks, in an interl eaved two-channel session
Here, the two channels are left (L) and right (R} with L coning
before R, and the interleaving length is 3 (i.e., 1LL=2). This makes
the interleave group 9 frane-bl ocks | arge.

Packet #1

| LL=2, |LP=0:

B e L

| 1L | 1R | 4L | 4R | 7L | 7R |

e

| <------- Sl <------- Sl <------- >|
Fr ame- Fr ame- Fr ame-

Bl ock 1 Bl ock 4 Bl ock 7

Packet #2

| LL=2, |LP=1:

B S T S L L

| 2L | 2R | 5L | 5R| 8L | 8R|

B e S L

| <------- Sl <------- Sl <------- >|
Frane- Frane- Frane-

Bl ock 2 Bl ock 5 Bl ock 8

Packet #3

| LL=2, |LP=2:

i S &

| 3L | 3R| 6L | 6R| 9L | 9R

B e L

[ <------- S| <------- S| <------- >|
Frane- Frane- Frane-

Bl ock 3 Bl ock 6 Bl ock 9
A ToC entry takes the following format in octet-aligned node:
01234567
R e e T
|Fl  FT |QPP

B T T e S S

F (1 bit): see definition in Section 4.3.2.
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FT (4 bits unsigned integer): see definition in Section 4.3.2.
Q (1 bit): see definition in Section 4. 3. 2.
P bits: padding bits, MJST be set to zero.

The list of CRCs is OPTIONAL. It only exists if the use of CRCis
signal | ed out-of-band for the session. Wen present, each CRCin the
list is 8 bit long and corresponds to a speech franme (NOT a frane-

bl ock) carried in the payload. Calculation and use of the CRCis
specified in the next section

4.4.2.1. Use of Frame CRC for UED over |IP

The general concept of UED/ UEP over IP is discussed in Section 3.6.
This section provides nore details on how to use the franme CRC in the
octet-aligned payl oad header together with a partial transport |ayer
checksum to achi eve UED

To achi eve UED, one SHOULD use a transport |ayer checksum for

exanpl e, the one defined in UDP-Lite [15], to protect the RTP header
payl oad header, and table of contents bits in a payload. The frame
CRC, when used, MJST be calculated only over all class A bits in the
frame. Cass B and C bits in the frane MUST NOT be included in the
CRC cal cul ati on and SHOULD NOT be covered by the transport checksum

Not e, the nunber of class A bits for various coding nodes in AMR
codec is specified as informative in [2] and is therefore copied
into Table 1 in Section 3.6 to nake it normative for this payl oad
format. The nunber of class A bits for various codi ng nodes in
AVR-WB codec is specified as nornative in table 2 in [4], and the
SID frame (FT=9) has 40 class A bits. These definitions of class
A bits MJST be used for this payload fornat.

Packets SHOULD be discarded if the transport |ayer checksum detects
errors.

The receiver of the payl oad SHOULD exami ne the data integrity of the
received class A bits by re-calculating the CRC over the received
class A bits and conparing the result to the value found in the

recei ved payl oad header. |If the two values nmismatch, the receiver
SHALL consider the class A bits in the receiver frane damaged and
MUST clear the Qflag of the frame (i.e., set it to 0). This will
subsequently cause the franme to be nmarked as SPEECH BAD, if the FT of
the frame is 0..7 for AMRor 0..8 for AMRWB, or SID BAD if the FT of
the frame is 8 for AMR or 9 for AMR-WB, before it is passed to the
speech decoder. See [6] and [7] nore details.
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The followi ng exanpl e shows an octet-aligned ToCwith a CRC list for
a payl oad containing 3 speech franes froma single channel session
(assuni ng none of the FTs is equal to 14 or 15):

0 1 2 3

01234567890123456789012345678901
T R o e S S A e
|1] FT#1 |QP|Pl1 FT#2 |QP|Pl0] FT#3 |QP|P| CRC#1 |
T S T S e T S S LTk ey
|
+-

CRCH#2 | CRCH#3 |
I S o P

Each of the CRC s takes 8 bits

o 1 2 3 4 5 6 7
B T T T DU I S
| cO] c1] c2| c3| c4| c5] c6| c7|
B T o SR S S

and is calculated by the cyclic generator polynom al,
C(x) =1+ x"2 + x"3 + x4 + x"8
where ~ is the exponentiation operator.

In binary formthe polynonial has the following form 101110001
(MSB. . LSB).

The actual calculation of the CRCis nade as follows: First, an 8-
bit CRCregister is reset to zero: 00000000. For each bit over which
the CRC shall be calculated, an XOR operation is nmade between the
rightnost bit of the CRC register and the bit. The CRC register is
then right shifted one step (inputting a "0" as the leftnost bit).

If the result of the XOR operation nentioned above is a "1"
"10111000" is then bit-wise XOR-ed into the CRC register. This
operation is repeated for each bit that the CRC should cover. In
this case, the first bit would be d(0) for the speech frame for which
the CRC should cover. Wen the last bit (e.g., d(54) for AMR 5.9
according to Table 1 in Section 3.6) have been used in this CRC
calculation, the contents in CRC register should sinply be copied to
the corresponding field in the list of CRC s

Fast cal cul ation of the CRC on a general -purpose CPU is possible
using a table-driven algorithm
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4.4.3. Speech Data

In octet-aligned node, speech data is carried in a sinilar way to
that in the bandw dth-efficient node as discussed in Section 4.3.3,
with the foll ow ng exceptions

- The last octet of each speech frame MJST be padded with zeroes
at the end if not all bits in the octet are used. In other
wor ds, each speech frame MJUST be octet-aligned.

- VWhen multiple speech franes are present in the speech data
(i.e., conpound payl oad), the speech frames can be arranged
ei ther one whole frame after another as usual, or with the
octets of all franes interleaved together at the octet |evel.
Since the bits within each frane are ordered with the nost
error-sensitive bits first, interleaving the octets collects
those sensitive bits fromall frames to be nearer the begi nning
of the packet. This is called "robust sorting order" which
all ows the application of UED (such as UDP-Lite [15]) or UEP
(such as the ULP [18]) nechanisns to the payload data. The
details of assenbling the payload are given in the next
section.

The use of robust sorting order for a session MJST be agreed via
out - of -band neans. Section 8 specifies a MM paraneter for this
pur pose.

Not e, robust sorting order MJST only be performed on the frane | eve
and thus is independent of interleaving which is at the frame-bl ock
| evel, as described in Section 4.4.1. In other words, robust sorting
can be applied to either non-interleaved or interleaved sessions.

4.4.4. Methods for Fornming the Payl oad

Two di fferent packetization methods, nanely normal order and robust
sorting order, exist for formng a payload in octet-aligned node. In
bot h cases, the payl oad header and table of contents are packed into
t he payl oad the same way; the difference is in the packing of the
speech frames

The payl oad begins with the payl oad header of one octet or two if
frame interleaving is selected. The payload header is foll owed by
the table of contents consisting of a |ist of one-octet ToC entries.
If frame CRCs are to be included, they follow the table of contents
with one 8-bit CRC filling each octet. Note that if a given frane
has a ToC entry with FT=14 or 15, there will be no CRC present.

Sj oberg, et. al. St andards Track [ Page 30]



RFC 3267 RTP Payl oad Format for AVR and AVR- VB June 2002

The speech data follows the table of contents, or the CRCs if

present. For packetization in the normal order, all of the octets
conprising a speech frame are appended to the payload as a unit. The
speech frames are packed in the same order as their correspondi ng ToC
entries are arranged in the ToClist, with the exception that if a
given frane has a ToC entry with FT=14 or 15, there will be no data
octets present for that frane.

For packetization in robust sorting order, the octets of all speech
franes are interl eaved together at the octet level. That is, the
data portion of the payl oad begins with the first octet of the first
frame, followed by the first octet of the second frane, then the
first octet of the third frame, and so on. After the first octet of
the I ast frame has been appended, the cycle repeats with the second
octet of each frane. The process continues for as nmany octets as are
present in the longest franme. |If the franes are not all the same
octet length, a shorter frane is skipped once all octets in it have
been appended. The order of the franes in the cycle will be
sequential if frane interleaving is not in use, or according to the
interleave pattern specified in the payload header if frane
interleaving is in use. Note that if a given frane has a ToC entry
with FT=14 or 15, there will be no data octets present for that frame
so that frame is skipped in the robust sorting cycle.

The UED and/or UEP is RECOMMENDED to cover at |east the RTP header,
payl oad header, table of contents, and class A bits of a sorted

payl oad. Exactly how many octets need to be covered depends on the
network and application. |If CRCs are used together w th robust
sorting, only the RTP header, the payl oad header, and the ToC SHOULD
be covered by UED UEP. The neans to conmunicate to other |ayers
perform ng UED UEP the nunber of octets to be covered is beyond the
scope of this specification
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4.4.5. Payl oad Exanpl es
4.4.5.1. Basic Single Channel Payload Carrying Miltiple Franmes

The followi ng di agram shows an octet aligned payload froma single
channel session that carries two AMR franes of 7.95 kbps codi ng node
(FT=5). In the payload, a codec node request is sent (CVR=6),
requesting the encoder at the receiver’s side to use AMR 10.2 kbps
coding node. No frame CRC, interleaving, or robust-sorting is in
use.

0 1 2 3
01234567890123456789012345678901

T T S S T S T T Sl S S S S e e S SEp Sup
| CVMR=6 |RIRI R Rl 1| FT#1=5 | Q P| P| O] FT#2=5 | Q P| P| f1(0..7) |
T i S S S S T C S T g S SRR SRS
| f1(8..15) | f1(16..23) | |
I T +

B I S S T T S SR S

T T S S T S T T Sl S S S S e e S SEp Sup
| | f1(152..158) |P| f2(0..7) |
T R S — S o e i i SR
| f2(8..15) | f2(16..23) | ... |
T S T S S S e T o S

T T S S T S T T Sl S S S S e e S SEp Sup
| | f2(152..158) |P|
T T S e A St s

Note, in above exanple the | ast octet in both speech franes is padded
with one 0 to nake it octet-aligned.

4.4.5.2. Two Channel Payload with CRC, Interleaving, and Robust-sorting

Thi s exanpl e shows an octet aligned payload froma two channel
session. Two frane-bl ocks, each containing 2 speech franes of 7.95
kbps codi ng node (FT=5), are carried in this payl oad,

The two channels are left (L) and right (R) with L com ng before R
In the payl oad, a codec node request is also sent (CMR=6), requesting
the encoder at the receiver’s side to use AVR 10.2 kbps codi ng node.

Moreover, frame CRC and frame-bl ock interleaving are both enabled for
the session. The interleaving length is 2 (ILL=1) and this payl oad
is the first one in an interleave group (ILP=0).

The first two frames in the payload are the L and R channel speech
frames of frame-bl ock #1, consisting of bits f1L(0..158) and
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f1R(0..158), respectively. The next two franmes are the L and R
channel frames of frame-block #3, consisting of bits f3L(0..158) and
f3R(0..158), respectively, due to interleaving. For each of the four
speech frames a CRC is calculated as CRC1L(0..7), CRCLR(0..7),
CRC3L(0..7), and CRC3R(0..7), respectively. Finally, the payload is
robust sorted.

0 1 2 3
01234567890123456789012345678901

T i T S S AT i S S T i T S S S
| CVMR=6 |RIRIRIR ILL=1 | ILP=0 |1| FT#1L=5|Q P| P| 1| FT#1R=5| Q P| P|
T S i i T e S S s S S S
| 1] FT#3L=5| Q P| P| O] FT#3R=5| Q P| P| CRC1L | CRCLR |
I T S T i S s St S S S T 3
| CRC3L | CRC3R | f1L(0..7) | f1R(0..7) |
T I I S i T S i T S i S S S S S e
| f3L(0..7) | f3R(0..7) | f1L(8..15) | f1R(8..15) |
T S T i I S S T i S S S S s S
| f3L(8..15) | f3R(8..15) | f1L(16..23) | f1R(16..23) |
s T S i T it S S T b N s

B S T S T S T S S S el s SR S S S S S T =
f3L(144..151) | f3R(144..151) |f1L(152..158)|P|f1R(152..158)]|P|
B S S s T w i i i i o ik N S
3L(152..158)| P| f3R(152..158)| P
R T Tk e e TR T

Note, in above exanple the last octet in all the four speech franes
is padded with one zero bit to make it octet-aligned.

4.5. |Inplenmentation Considerations

An application inplenmenting this payload format MJST understand all

t he payl oad paraneters in the out-of-band signaling used. For
exanple, if an application uses SDP, all the SDP and M ME paraneters
in this docunent MJUST be understood. This requirenent ensures that
an inplenentation always can decide if it is capable or not of
conmuni cati ng.

No operation node of the payload format is mandatory to inplenent.
The requirenents of the application using the payload format shoul d
be used to determ ne what to inplenent. To achieve basic
interoperability an inplenentation SHOULD at |east inplenent both
bandwi dt h-ef fi ci ent and octet-aligned node for single channel. The
ot her operations node: interleaving, robust sorting, frane-w se CRC
in both single and multi-channel is OPTIONAL to inplenment.
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5. AMR and AVR-WB St orage For nmat
The storage format is used for storing AVR or AMR-WB speech franes in
a file or as an e-mail attachnment. Miltiple channel content is
support ed.

In general, an AVMR or AMR-WB file has the followi ng structure:

T +
| Header |
Fom e e e e e o +
| Speech frane 1

. +
T +
| Speech frame n

Fom e e e e e o +

Note, to preserve interoperability with already depl oyed
i mpl ement ati ons, single channel content uses a file header format
different fromthat of nulti-channel content.

5.1. Single channel Header

A single channel AMR or AMR-WB fil e header contains only a magic
number and different magi c nunbers are defined to distinguish AWR
from AVR- V\B.

The magi ¢ nunber for single channel AMR files MJST consist of ASC
character string:

"#! AVR\ n"
(or 0x2321414d520a i n hexadeci mal).

The magi ¢ nunber for single channel AVMR-WB files MJST consi st of
ASCI | character string:

"#! AVR- B\ n"
(or 0x2321414d522d57420a i n hexadeci mal).

Note, the "\n" is an inportant part of the magi c nunbers and MJST be
i ncluded in the conparison, since, otherw se, the single channe
magi ¢ nunbers above will becone indistinguishable fromthose of the
mul ti-channel files defined in the next section
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5.2. Multi-channel Header

The mul ti-channel header consists of a magi c nunber followed by a 32
bit channel description field, giving the nmulti-channel header the
foll owi ng structure:

oo +
| magi ¢ nunber |
e +
| chan-desc field

Fom e e e e e o +

The magi ¢ nunber for nulti-channel AMR files MJST consist of the
ASClI | character string:

"#! AVR_MC1. O\ n"
(or 0x2321414d525F4D43312E300a i n hexadeci mal).

The magi ¢ nunber for nulti-channel AMR-WB files MJST consist of the
ASClI | character string:

"#! AMR- VWB_MC1. O\ n"
(or 0x2321414d522d57425F4D43312E300a i n hexadeci mal ).

The version nunber in the magi ¢ nunbers refers to the version of the
file format.

The 32 bit channel description field is defined as:

0 1 2 3
01234567890123456789012345678901
B Lt r s i i i o o T s ks S R S

| Reserved bits | CHAN
B s T s s e T o e S T ks et s oot ST S S S o S S 3

Reserved bits: MJST be set to 0 when witten, and a reader MJST
i gnore them

CHAN (4 bit unsigned integer): Indicates the nunber of audi o channels
contained in this storage file. The valid values and the order of
the channels within a frame block are specified in Section 4.1 in
[24].
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5.3. Speech Franes

After the file header, speech frame-bl ocks consecutive in tinme are
stored in the file. Each frame-block contains a nunber of octet-

al i gned speech frames equal to the nunber of channels, and stored in
i ncreasing order, starting with channel 1.

Each stored speech franme starts with a one octet frane header with
the follow ng fornat:

01234567
B T
I[Pl FT |QP|P
T S SR S

The FT field and the Q bit are defined in the sane way as in Section
4.1.2. The P bits are paddi ng and MIST be set to O.

Fol I owi ng this one octet header cone the speech bits as defined in
4.3.3. The last octet of each frane is padded with zeroes, if
needed, to achi eve octet alignment.

The foll owi ng exanmpl e shows an AVR frame in 5.9 kbit codi ng node
(with 118 speech bits) in the storage fornat.

0 1 2 3
01234567890123456789012345678901
T T S S e T AT 2 S e i i S S S S S S
Pl FT=2 | QPP
i S S S

+ +
| |
+- +
| _ |
+ Speech bits for frame-block n, channel k +
| |
+ +- -+
| | Pl P
+- +- -+

R s T S o e O ik i i e e S S o o o o o o o i = -
Frame- bl ocks or speech franes lost in transnission and non-received
frane- bl ocks between SID updates during non-speech periods MJST be
stored as NO DATA franmes (frame type 15, as defined in [2] and [4])
or SPEECH LOST (frane type 14, only available for AVR-WB) in conplete
frame- bl ocks to keep synchronization with the original nedia.
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6. Congestion Contro

The general congestion control considerations for transporting RTP
data apply to AMR or AMR-WB speech over RTP as well. However, the
multi-rate capability of AVR and AMR-WB speech codi ng nay provide an
advant age over other payload formats for controlling congestion since
t he bandwi dth demand can be adjusted by selecting a different coding
node.

Anot her parameter that may inpact the bandw dth demand for AMR and
AVR-WB is the nunber of frane-blocks that are encapsul ated in each
RTP payl oad. Packing nore frane-blocks in each RTP payl oad can
reduce the nunber of packets sent and hence the overhead from

| P/ UDP/ RTP headers, at the expense of increased del ay.

If forward error correction (FEC) is used to conbat packet |oss, the
anount of redundancy added by FEC will need to be regul ated so that
the use of FEC itself does not cause a congestion problem

It is RECOWENDED that AVR or AMR-WB applications using this payl oad

format enpl oy congestion control. The actual mnechani sm for
congestion control is not specified but should be suitable for real-
time flows, e.g., "Equation-Based Congestion Control for Unicast

Applications" [17].
7. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the general security considerations discussed in [8].

As this format transports encoded speech, the main security issues

i nclude confidentiality and authentication of the speech itself. The
payl oad format itself does not have any built-in security mechani sns.
Ext ernal nmechani snms, such as SRTP [22], MAY be used.

This payload format does not exhibit any significant non-uniformty
in the receiver side conputational conplexity for packet processing
and thus is unlikely to pose a denial-of-service threat due to the
recei pt of pathol ogi cal data.

7.1. Confidentiality

To achieve confidentiality of the encoded AVR or AMR-WB speech, al
speech data bits will need to be encrypted. There is less a need to
encrypt the payl oad header or the table of contents due to 1) that
they only carry information about the requested speech node, frame
type, and frame quality, and 2) that this information could be usefu
to sonme third party, e.g., quality nonitoring
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As long as the AMR or AMR-WB payl oad is only packed and unpacked at
either end, encryption may be perfornmed after packet encapsul ation so
that there is no conflict between the two operations.

Interl eaving may affect encryption. Depending on the encryption
schene used, there may be restrictions on, for exanple, the tinme when
keys can be changed. Specifically, the key change nmay need to occur
at the boundary between interleave groups.

The type of encryption nmethod used may inpact the error robustness of
the payl oad data. The error robustness nay be severely reduced when
the data is encrypted unless an encryption nethod w thout error-
propagation is used, e.g., a streamcipher. Therefore, UED UEP based
on robust sorting may be difficult to apply when the payload data is
encrypt ed.

7.2. Authentication

To authenticate the sender of the speech, an external nechani sm has

to be used. It is RECOWENDED that such a mechanismprotect all the
speech data bits. Note that the use of UED/UEP may be difficult to

conmbi ne with authentication because any bit errors will cause

aut hentication to fail.

Data tanpering by a man-in-the-mddle attacker could result in
erroneous depacketi zation/decodi ng that could | ower the speech
quality. Tanpering with the CMR field may result in speech in a
different quality than desired

To prevent a man-in-the-mddle attacker fromtanpering with the

payl oad packets, sone additional information besides the speech bits
SHOULD be protected. This may include the payl oad header, ToC, frame
CRCs, RTP tinestanp, RTP sequence nunber, and the RTP nmarker bit.

7.3. Decoding Validation

When processing a received payl oad packet, if the receiver finds that
the cal cul ated payl oad | ength, based on the information of the
session and the values found in the payl oad header fields, does not
mat ch the size of the received packet, the receiver SHOULD di scard
the packet. This is because decoding a packet that has errors in its
length field could severely degrade the speech quality.

8. Payl oad Fornmat Paraneters
This section defines the paraneters that nmay be used to sel ect

optional features of the AMR and AMR-WB payl oad formats. The
paraneters are defined here as part of the M ME subtype registrations
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for the AMR and AMR-WB speech codecs. A nmapping of the paraneters
into the Session Description Protocol (SDP) [11] is al so provided for
those applications that use SDP. Equival ent paraneters could be
defined el sewhere for use with control protocols that do not use MM
or SDP.

Two separate M ME registrations are made, one for AMR and one for
AVR- VB, because they are distinct encodings that nust be
di stingui shed by the M ME subtype.

The data format and paraneters are specified for both real-tine
transport in RTP and for storage type applications such as e-nai
attachnents.

8.1. AMR M ME Regi stration

The M ME subtype for the Adaptive Miulti-Rate (AMR) codec is allocated
fromthe IETF tree since AMR is expected to be a wi dely used speech
codec in general VolP applications. This MM registration covers
both real-tine transfer via RTP and non-real -tine transfers via
stored files.

Not e, any unspecified paraneter MJST be ignored by the receiver
Medi a Type nane: audi o

Medi a subtype nane: AMR

Requi red paraneters: none

Optional paraneters
These paraneters apply to RTP transfer only.

octet-align: Permssible values are 0 and 1. If 1, octet-aligned
operation SHALL be used. |If 0 or if not present,
bandwi dth efficient operation is enployed.

node- set: Requested AMR node set. Restricts the active codec
node set to a subset of all nobdes. Possible values are a
comma separated list of nodes fromthe set: 0,...,7 (see
Table 1a [2]). |If such npde set is specified by the
decoder, the encoder MJST abi de by the request and MJST
NOT use nodes outside of the subset. |f not present, al
codec nodes are allowed for the session

node- change- peri od: Specifies a nunber of frame-blocks, N, that is

the interval at which codec node changes are all owed.
The initial phase of the interval is arbitrary, but
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changes nust be separated by multiples of N frane-bl ocks.
If this paraneter is not present, nopde changes are
all omwed at any time during the session

node- change- nei ghbor: Perm ssible values are 0 and 1. If 1, node
changes SHALL only be nade to the nei ghboring nodes in
the active codec node set. Neighboring nodes are the
ones closest in bit rate to the current node, either the

next higher or next lower rate. |If O or if not present,
change between any two nodes in the active codec node set
is allowed.

maxptime: The nmaxi num anount of nedia which can be encapsul at ed
in a payload packet, expressed as tine in nmilliseconds.
The time is calculated as the sumof the tinme the nmedia
present in the packet represents. The tine SHOULD be a
multiple of the frame size. |If this paraneter is not
present, the sender MAY encapsul ate any nunber of speech
franes i nto one RTP packet.

crc: Permissible values are 0 and 1. |If 1, frame CRCs SHALL be
i ncluded in the payload, otherwise not. |If crc=1, this
also inplies automatically that octet-aligned operation
SHALL be used for the session

robust-sorting: Permissible values are 0 and 1. If 1, the payl oad
SHALL enpl oy robust payload sorting. If O or if not
present, sinple payload sorting SHALL be used. |If
robust-sorting=1, this also inplies automatically that
octet-aligned operation SHALL be used for the session

interleaving: Indicates that franme-block |evel interleaving SHALL
be used for the session and its val ue defines the maxi num
nunber of frame-blocks allowed in an interleaving group
(see Section 4.4.1). |If this parameter is not present,
interleaving SHALL not be used. The presence of this
paraneter also inplies automatically that octet-aligned
operation SHALL be used.

pti me: see RFC2327 [11].
channel s: The nunber of audi o channels. The possible val ues and
their respective channel order is specified in section
4.1 in [24]. |If onmitted it has the default value of 1
Encodi ng consi derati ons:

This type is defined for transfer via both RTP (RFC 1889)
and stored-file nethods as described in Sections 4 and 5,
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respectively, of RFC 3267. Audio data is binary data,
and nust be encoded for non-binary transport; the Base64
encoding is suitable for Email.

Security considerations:
See Section 7 of RFC 3267.

Publ i c specification:
Pl ease refer to Section 11 of RFC 3267.

Addi tional information:
The following applies to stored-file transfer nethods:

Magi ¢ nunbers:
si ngl e channel :
ASCI| character string "#! AVR\n"
(or 0x2321414d520a i n hexadeci mal)
nmul ti - channel :
ASCI | character string "#! AMR_MC1. O\ n"
(or 0x2321414d525F4D43312E300a i n hexadeci mal )

File extensions: anr, AMR
Maci ntosh file type code: none
bj ect identifier or O D none

Person & email address to contact for further information:
j ohan. sj oberg@ri csson. com
ari .| akani em @oki a.com

I nt ended usage: COVIVON.
It is expected that many Vol P applications (as well as
nmobi |l e applications) will use this type.

Aut hor / Change controller:
j ohan. sj ober g@ri csson. com
ari .|l akani emi @oki a. com
| ETF Audi o/ Video transport working group

8.2. AMRWB M ME Regi stration

The M ME subtype for the Adaptive Miulti-Rate W deband (AMR-WB) codec
is allocated fromthe |ETF tree since AMR-WB is expected to be a

wi del y used speech codec in general VolP applications. This MM
regi stration covers both real-tinme transfer via RTP and non-real -tine
transfers via stored files.

Not e, any unspecified paraneter MJST be ignored by the receiver.
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Medi a Type nane: audi o
Medi a subtype nane: AMR-VB
Requi red paraneters: none
Optional paraneters
These paraneters apply to RTP transfer only.

octet-align: Permssible values are 0 and 1. If 1, octet-aligned
operation SHALL be used. |If 0 or if not present,
bandwi dth efficient operation is enployed.

node- set: Requested AMR-WB npde set. Restricts the active codec
node set to a subset of all nodes. Possible values are a
comma separated list of nodes fromthe set: 0,...,8 (see
Table 1la [4]). |If such npde set is specified by the
decoder, the encoder MJST abi de by the request and MJST
NOT use nodes outside of the subset. |f not present, al
codec nodes are allowed for the session

node- change- peri od: Specifies a nunber of frame-blocks, N, that is
the interval at which codec node changes are all owed.
The initial phase of the interval is arbitrary, but
changes nust be separated by multiples of N frane-bl ocks.
If this paraneter is not present, npde changes are
all owed at any tine during the session

node- change- nei ghbor: Permissible values are 0 and 1. |If 1, node
changes SHALL only be nade to the nei ghboring nodes in
the active codec node set. Neighboring nodes are the
ones closest in bit rate to the current node, either the

next higher or next lower rate. If O or if not present,
change between any two nodes in the active codec node set
is allowed.

maxptime: The nmaxi num anount of mnedi a which can be encapsul at ed
in a payload packet, expressed as tine in milliseconds.
The tine is calculated as the sumof the tinme the nedia
present in the packet represents. The tine SHOULD be a
multiple of the frane size. |If this paraneter is not
present, the sender MAY encapsul ate any nunber of speech
franes into one RTP packet.
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crc: Pernmissible values are 0 and 1. |If 1, frame CRCs SHALL be
included in the payl oad, otherwise not. |If crc=1, this
also inplies automatically that octet-aligned operation
SHALL be used for the session

robust-sorting: Permissible values are 0 and 1. If 1, the payl oad
SHALL enpl oy robust payload sorting. If O or if not
present, sinple payload sorting SHALL be used. |f
robust-sorting=1, this also inplies automatically that
octet-aligned operation SHALL be used for the session

interleaving: Indicates that frane-block | evel interleaving SHALL
be used for the session and its val ue defines the maxi num
nunber of frame-blocks allowed in an interleaving group
(see Section 4.4.1). |If this paranmeter is not present,
interleaving SHALL not be used. The presence of this
paraneter also inplies automatically that octet-aligned
operation SHALL be used.

pti ne: see RFC2327 [11].

channel s: The nunber of audi o channels. The possible values and
their respective channel order is specified in section
4.1 in [24]. |If omtted it has the default value of 1

Encodi ng consi derati ons:
This type is defined for transfer via both RTP (RFC 1889)
and stored-file methods as described in Sections 4 and 5,
respectively, of RFC 3267. Audio data is binary data,
and nust be encoded for non-binary transport; the Base64
encoding is suitable for Enmil.

Security considerations:
See Section 7 of RFC 3267.

Publ i c specification:
Pl ease refer to Section 11 of RFC 3267.

Addi tional information
The following applies to stored-file transfer nethods:

Magi ¢ nunbers:
si ngl e channel
ASCI | character string "#! AVR- WB\ n"
(or 0x2321414d522d57420a i n hexadeci mal)
mul ti - channel
ASCI| character string "#! AVR-WB_MCL. O\ n"
(or 0x2321414d522d57425F4D43312E300a i n hexadeci nal )
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Fil e extensions: awb, AWB
Maci ntosh file type code: none
bject identifier or A D none

Person & enmnil address to contact for further infornmation:
j ohan. sj oberg@ri csson. com
ari .|l akani emi @oki a. com

I nt ended usage: COVIMON.
It is expected that many Vol P applications (as well as
nmobi |l e applications) will use this type

Aut hor/ Change controller:
j ohan. sj oberg@ri csson. com
ari .l akani em @oki a. com
| ETF Audi o/ Vi deo transport working group

8.3. Mapping M ME Paraneters into SDP

The information carried in the MM nedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)
[11], which is comonly used to describe RTP sessions. When SDP is
used to specify sessions enploying the AMR or AMR-WB codec, the
mappi ng i s as foll ows:

- The M ME type ("audio") goes in SDP "n¥" as the nedia nane.

- The M ME subtype (payload format nane) goes in SDP "a=rtprmap"
as the encoding name. The RTP clock rate in "a=rtpmp" MJIST be
8000 for AMR and 16000 for AMR-WB, and the encodi ng paraneters
(nunber of channels) MJST either be explicitly set to N or
omtted, inplying a default value of 1. The values of N that
are allowed is specified in Section 4.1 in [24].

- The paraneters "ptine" and "maxptinme"” go in the SDP "a=ptine"
and "a=maxptine" attributes, respectively.

- Any remaining paranmeters go 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.

Sonme exanpl e SDP session descriptions utilizing AVR and AMR-\V\B
encodings follow. In these exanples, long a=fntp lines are folded to
meet the columm width constraints of this docunent; the backslash
("\") at the end of a line and the carriage return that follows it
shoul d be i gnored.
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10.

11.

Exanpl e of usage of AVR in a possible GSM gateway scenari o:

mraudi o 49120 RTP/ AVP 97

a=rtpmap: 97 AMR/ 8000/ 1

a=fmt p: 97 node-set =0, 2,5, 7; node-change- peri od=2; \
node- change- nei ghbor =1

a=maxpti ne: 20

Exanpl e of usage of AMR-WB in a possible Vol P scenari o:

nmraudi o 49120 RTP/ AVP 98
a=rtpnmap: 98 AMR- W\B/ 16000
a=fmp: 98 octet-align=1

Exanpl e of usage of AMR-WB in a possible streaning scenario (two
channel stereo):

mFaudi o 49120 RTP/ AVP 99
a=rtpmap: 99 AMR-WB/ 16000/ 2
a=fmt p: 99 interl eavi ng=30
a=maxpti nme: 100

Note that the payload format (encodi ng) nanes are conmonly shown in
upper case. M ME subtypes are commonly shown in | ower case. These
nanes are case-insensitive in both places. Simlarly, paraneter
names are case-insensitive both in MM types and in the default
mapping to the SDP a=fmtp attribute.

| ANA Consi derations

Two new M ME subtypes have been registered, see Section 8. A new SDP
attribute "maxptime", defined in Section 8, has al so been registered.
The "maxptine" attribute is expected to be defined in the revision of
RFC 2327 [11] and is added here with a consistent definition.
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