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Abstract

Thi s docunent specifies a real-tinme transport protocol (RTP) payl oad
format to be used for the Variabl e-Rate Milti node W deband (VMR- WB)
speech codec. The payload format is designed to be able to
interoperate with existing VMRWB transport formats on non-1P
networks. A nmedia type registration is included for VMR WB RTP

payl oad format.

VMR-VB is a variable-rate nultinode wi deband speech codec that has a
nunber of operating nodes, one of which is interoperable with AVR- VB
(i.e., RFC 3267) audio codec at certain rates. Therefore, provisions
have been nade in this docunent to facilitate and sinplify data
packet exchange between VMR-WB and AMR-VB in the interoperabl e node
with no transcodi ng function invol ved.
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1. Introduction

Thi s docunent specifies the payload fornmat for packetization of VMR-
WB- encoded speech signals into the Real-tine Transport Protocol (RTP)
[3]. The VMR-WB payl oad formats support transm ssion of single and
mul tiple channels, frame interleaving, multiple frames per payl oad,
header-free payl oad, the use of node switching, and interoperation
with existing VMR-WB transport formats on non-I1P networks, as
described in Section 3.

The payload format is described in Section 6. The VMR-VB file format
(i.e., for transport of VMR- WB speech data in storage node
applications such as email) is specifiedin [7]. In Section 9, a
nmedi a type registration for VMR-WB RTP payl oad format is provided.

Since VMR-VWB is interoperable with AMR-WB at certain rates, an
attenpt has been made throughout this docunent to naxinize the
simlarities with RFC 3267 while optim zing the payload format for
t he non-interoperabl e nodes of the VMR- WB codec.

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

The followi ng acronyns are used in this docunent:

3GPP - The Third Generation Partnership Project
3GPP2 - The Third Ceneration Partnership Project 2
CDMA - Code Division Miltiple Access

WCDMA - W deband Code Division Miltiple Access

GSM - G obal System for Mobile Communications

AVR-VWB - Adaptive Milti-Rate W deband Codec
VMR-WB - Vari abl e-Rate Mul ti node W deband Codec

CVR - Codec Mode Request

e - Gat eway

DTX - Di scontinuous Transmn ssion
FEC - Forward Error Correction
SID - Silence Descriptor

TrFO - Transcoder-Free Qperation
UDP - User Datagram Protocol

RTP - Real -Tinme Transport Protocol
RTCP - RTP Control Protocol

MME - Miltipurpose Internet Mail Extension
SDP - Session Description Protocol
Vol P - Voice-over-1P
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The term "interoperable node" in this docunent refers to VMR- VWB node
3, which is interoperable with AMR-WB codec nodes 0, 1, and 2.

The term "non-i nteroperable nodes" in this docunent refers to VMR- VB
nodes 0, 1, and 2.

The term "frane-bl ock" is used in this docunent to describe the

ti me-synchroni zed set of speech franmes in a multi-channel VMR- WB
session. In particular, in an N-channel session, a frame-bl ock wll
contain N speech franes, one fromeach of the channels, and all N
speech franmes represent exactly the sanme tinme period.

3. The Variable-Rate Milti node Wdeband (VMR- WB) Speech Codec

VMR-WB i s the wi deband speech-codi ng standard devel oped by Third
Generation Partnership Project 2 (3GPP2) for encodi ng/ decodi ng

wi deband/ nar r owband speech content in nultimnmedia services in 3G CDVA
cellular systens [1]. VMRWB is a source-controlled variable-rate
mul ti nrode wi deband speech codec. It has a nunber of operating nodes,
where each node is a tradeoff between voice quality and average data
rate. The operating node in VMR-WB (as shown in Table 2) is chosen
based on the traffic condition of the network and the desired quality
of service. The desired average data rate (ADR) in each node is
obt ai ned by encodi ng speech franes at perm ssible rates (as shown in
Tables 1 and 3) conpliant with CDMA2000 system depending on the

i nst ant aneous characteristics of input speech and the maxi mum and
mninmumrate constraints inposed by the network operator

While VMR-VWB is a native CDVA codec conplying with all CDVA system
requirements, it is further interoperable with AMRWB [4, 12] at

12. 65, 8.85, and 6.60 kbps. This is due to the fact that VMR WB and
AMR-VB share the sane core technology. This feature enables
Transcoder-Free (TrFO interconnections between VMR VWB and AVR- VB
across different wireless/wireline systens (e.g., GSM WCDMA and
CDMA2000) wi t hout use of unnecessary conplex nmedia format conversion.

Note that the concept of nobde in VWR-VWB is different fromthat of
AMR- VB where each fixed-rate AMR-WB codec node is adapted to
prevailing channel conditions by a tradeoff between the total nunber
of source-codi ng and channel -coding bits.

VMR-WB is able to transition between various nodes with no
degradation in voice quality that is attributable to the node
switching itself. The operating node of the VMR-WB encoder may be
swi tched seam essly w thout prior know edge of the decoder. Any
non-i nteroperable node (i.e., VMR-WB nodes 0, 1, or 2) can be chosen
depending on the traffic conditions (e.g., network congestion) and
the desired quality of service.
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Wiile in the interoperable node (i.e., VMR-WB node 3), node sw tching
bet ween VMR-WB nodes is not all owed because there is only one AVR VB
i nteroperable node in VMR-WB. Since the AMR-WB codec may request a
node change, dependi ng on channel conditions, in-band data included
in VVR-WB frame structure (see Section 8 of [1] for nore details) is
used during an interoperable interconnection to switch between VMR- VB
frame types 0, 1, and 2 in VMR-WB node 3 (corresponding to AVR-VB
codec nodes 0, 1, or 2).

As nmentioned earlier, VMR-WB is conpliant with CDMA2000 systemwi th
the pernissible encoding rates shown in Table 1.

o e e e e e oo SR SRS +
| Frame Type | Bits per Packet | Encoding Rate |
| | (Frane Size) | (kbps) |
o e e e e e oo SR SRS +
| Full-Rate | 266 | 13.3 |
| Hal f-Rate | 124 | 6.2 |
| Quarter-Rate | 54 | 2.7 |
| Eighth-Rate | 20 | 1.0 |
| Bl ank | 0 | 0 |
| Erasure | 0 | 0 |
o e e e e e oo SR SRS +

Tabl e 1: CDMA2000 system permi ssible frame types and their
associ ated encodi ng rates

VMR-VB is robust to high percentage of frame |oss and frames with
corrupted rate information. The reception of an Erasure

(SPEECH LOST) frame type at decoder invokes the built-in frame error
conceal nent mechanism The built-in frame error conceal ment

mechani smin VVMR-WB conceal s the effect of [ost franes by exploiting
i n-band data and the information available in the previous franes.

3.1. Narrowband Speech Processing

VMR-VWB has the capability to operate with either 16000-Hz or 8000-Hz
sanpl ed i nput/out put speech signals in all nodes of operation [1].
The VMR-WB decoder does not require a priori know edge about the
sanpling rate of the original nedia (i.e., speech/audio signals
sanpled at 8 or 16 kHz) at the input of the encoder. The VMR-VB
decoder, by default, generates 16000-Hz w deband out put regardl ess of
t he encoder input sanpling frequency. Depending on the application,
the decoder can be configured to generate 8000-Hz output, as well.
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Therefore, while this specification defines a 16000-Hz RTP cl ock rate
for VMR-WB codec, the injection and processing of 8000-Hz narrowband

medi a during a session is also allowed; however, a 16000-Hz RTP cl ock
rate MJST al ways be used.

The choice of VMR- WB output sanpling frequency depends on the
i npl ementation and the audi o acoustic capabilities of the receiving
si de.

3.2. Continuous vs. Di scontinuous Transm SsSi on

The circuit-switched operation of VMR-WB within a CDVMA networKk
requires continuous transni ssion of the speech data during a
conversation. The intrinsic source-controlled variable-rate feature
of the CDVMA speech codecs is required for optinmal operation of the
CDMVA system and interference control. However, VMR-VB has the
capability to operate in a discontinuous transni ssion node for sone
packet-swi tched applications over |IP networks (e.g., VolP), where the
nunber of transmitted bits and packets during silence period are
reduced to a minimum The VMR-WB DTX operation is simlar to that of
AVR-WB [ 4, 12].

3.3. Support for Milti-Channel Session

The octet-aligned RTP payload format defined in this docunent
supports nmulti-channel audio content (e.g., a stereophonic speech
session). Although VMR-WB codec itself does not support encodi ng of
mul ti-channel audio content into a single bit stream it can be used
to encode and decode each of the individual channels separately.

To transport the separately encoded multi-channel content, the speech
frames for all channels that are framed and encoded for the sane 20
nme periods are logically collected in a frame-bl ock.

At the session setup, out-of-band signaling nmust be used to indicate
t he nunmber of channels in the session and the order of the speech
frames fromdifferent channels in each frame-bl ock. Wen using SDP
for signaling (see Section 9.2 for nore details), the nunber of
channels is specified in the rtpmap attri bute, and the order of
channels carried in each frame-block is inplied by the nunber of
channel s as specified in Section 4.1 in [6].
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4. Robustness agai nst Packet Loss

The octet-aligned payload format described in this docunment (see
Section 6 for nore details) supports several features, including
forward error correction (FEC) and frane interleaving, in order to
i ncrease robustness agai nst | ost packets.

4.1. Forward Error Correction (FEC)

The sinple schene of repetition of previously sent data is one way of
achi eving FEC. Anot her possible schene, which is nore bandwi dth
efficient, is to use payl oad-external FEC, e.g., RFC2733 [8], which
generates extra packets contai ning repair data.

The repetition nethod involves the sinple retransm ssion of
previously transmitted frane-bl ocks together with the current frane-
bl ock(s). This is done by using a sliding windowto group the speech
frame-bl ocks to send in each payload. Figure 1 illustrates an
exanpl e.

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

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

The use of this approach does not require signaling at the session
setup. In other words, the speech sender can choose to use this
scheme without consulting the receiver. This is because a packet
cont ai ni ng redundant frames will not | ook different froma packet
with only new franes. The receiver nay receive multiple copies or
versions of a frame for a certain tinestanp if no packet is lost. |If
mul tiple versions of the sane speech frane are received, it is
RECOVMENDED t hat t he hi ghest rate be used by the speech decoder.
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Thi s redundancy schene provides the same functionality as that
described in RFC 2198, "RTP Payl oad for Redundant Audio Data" [10].

In nost cases, the mechanismin this payload format is nore efficient
and sinpler than requiring both endpoints to support RFC 2198. |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 | ower.

The sender is responsible for selecting an appropriate anount of
redundancy based on feedback about the channel (e.g., in RTCP
receiver reports) or network traffic. A sender SHOULD NOT base

sel ection of FEC on the CMR as this paraneter nost probably was set
based on non-1P information. The sender is also responsible for
avoi di ng congestion, which nmay be aggravated by redundant

transm ssion (see Section 7).

4.2. Franme Interleaving and Miulti-Franme Encapsul ati on

To decrease protocol overhead, the octet-aligned payl oad fornat,
described in Section 6, allows several speech frame-blocks to be
encapsul ated into a single RTP packet. One of the drawbacks of this
approach is that in case of packet |oss several consecutive speech
frame-bl ocks are lost, which usually causes clearly audible
distortion in the reconstructed speech.

I nterl eaving of frane-blocks can inprove the speech quality in such
cases by distributing the consecutive | osses 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. Streani ng
applications will nost likely be able to exploit interleaving to

i nprove speech quality in lossy transm ssion conditions.

The octet-aligned payl oad format supports the use of frane
interleaving as an option. For the encoder (speech sender) to use
frame 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 9).
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5. VMR-VB Voi ce over |P Scenarios
5.1. IP Termnal to | P Term nal

The primary scenario for this payload format is |IP end-to-end between
two terninals incorporating VMR-WB codec, as shown in Figure 2.
Neverthel ess, this scenario can be generalized to an interoperable

i nterconnection between VMR- WB-enabl ed and AVR-\WB-enabl ed | P
termnals using the offer-answer nodel described in Section 9. 3.

This payl oad format is expected to be useful for both conversational
and stream ng services.

| | VIVR- WB/ RTP/ UDP/ | P | |
(or AVR-WB/ RTP/ UDP/ | P)
Figure 2: IP termnal to |IP termnal

A conversational service puts requirenents on the payload format.

Low delay is a very inmportant factor, i.e., fewer speech frane-bl ocks
per payl oad packet. Low overhead is also required when the payl oad
format traverses across | ow bandw dth |inks, especially if the
frequency of packets will be high

Stream ng service has less strict real-time requirenents and
therefore can use a | arger nunber of frame-bl ocks per packet than
conversational service. This reduces the overhead fromIP, UDP, and
RTP headers. However, including several frane-blocks per packet
makes the transni ssion nore vul nerable to packet |oss, so
interleaving may be used to reduce the effect of packet |oss 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 packeti zation

For VMR-VB-enabled IP ternmnals at both ends, depending on the

i npl enentation, all nodes of the VMR-WB codec can be used in this
scenario. Also, both header-free and octet-aligned payl oad formats
(see Section 6 for details) can be utilized. For the interoperable
i nt erconnecti on between VVMR-VWB and AMR-WB, only VMR-WB node 3 is
used, and all restrictions described in Section 9.3 apply.
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5.2. GWNto |IP Tern nal

Anot her scenari o occurs when VMR- WB-encoded speech will be
transnitted froma non-1P system (e.g., 3GPP2/ CDMA2000 network) to an
IP terminal, and/or vice versa, as depicted in Figure 3.

VMR- VB over
3GPP2/ CDVA2000 net wor k
R I p—— + T +
I I
S L > GW | <emmmmm e >| TERM NAL |

| | VMR- B/ RTP/ UDP/ | P | |

R I p—— + T +
I
| | P network

Figure 3: GWNto VolP terminal scenario

VMR-WB' s capability to switch seani essly between operational nodes is
exploited in COVMA (non-1P) networks to optim ze speech quality for a
given traffic condition. To preserve this functionality in scenarios
including a gateway to an I P network using the octet-aligned payl oad
format, a codec node request (CMR) field is considered. The gateway
will be responsible for forwarding the CVMR between the non-1P and IP
parts in both directions. The IP term nal SHOULD foll ow the CVR
forwarded by the gateway to optim ze speech quality going to the
non-1P decoder. The node control algorithmin the gateway SHOULD
accommpdat e the del ay i nposed by the IP network on the response to
CVR by the IP termnal.

The I P terminal SHOULD NOT set the CMR (see Section 6.3.2), but the
gateway can set the CMR val ue on frames going toward the encoder in
the non-1P part to optinmize speech quality fromthat encoder to the
gateway and to perform congestion control on the |IP network.

5.3. GWNto GW (between VMR-WB- and AVR-WB- Enabl ed Term nal s)

Athird likely scenario is that RTP/UDP/IP is used as transport
between two non-IP systens, i.e., IPis originated and term nated in
gateways on both sides of the IP transport, as illustrated in Figure
4. This is the nost likely scenario for an interoperable

i nt erconnecti on between 3GPP/ ( GSM WCDMVA) / AMR- VB and

3GPP2/ CDVA2000/ VMR- \B- enabl ed nobil e stations. In this scenario, the
VMR- W\B- enabl ed term nal al so declares itself capable of AVMR-WB with
restricted node set as described in Section 9.3. 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
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m ni mum of three values: (1) the CVR value it receives on the IP
side; (2) a CMR value it may choose for congestion control of
transnission on the IP side; and (3) the CVMR val ue based on its
estimate of reception quality on the non-1P side. The details of the
traffic control algorithmare left to the inplenentation.

VVR- B over AVR- B over
3GPP2/ CDMA2000 net wor k 3GPP/ ( GSM WCDVR) net wor k
S N, + S N, +
(AVR-WB Payl oad) | | AMR-WB/ RTP/ UDP/ | P | (CAMR-WB Payl oad)
S b I € VA R > GW | <---mmia e >
I I I I
S N, + S N, +
| | P network |

Figure 4: GNto GWNscenario (AVMR-WB <-> VVR- VB
i nt er operabl e i nterconnecti on)

During and upon initiation of an interoperable interconnection

bet ween VMR-WB and AMR-WB, only VMR-WB node 3 can be used. There are
three Frane Types (i.e., FT=0, 1, or 2; see Table 3) within this node
that are conpatible with AVR-WB codec nmodes 0, 1, and 2,

respectively. |If the AVR-WB codec is engaged in an interoperable

i nterconnection with VMR-WB, the active AMR-WB codec nbde set needs
to be limted to 0, 1, and 2.

5.4, GNto GW (between Two VMR- WB- Enabl ed Term nal s)

The fourth exanple Vol P scenario is conposed of a RTP/UDP/IP
transport between two non-I1P systens; i.e., IPis originated and
ternminated in gateways on both sides of the IP transport, as
illustrated in Figure 5. This is the nost likely scenario for

Mobi | e- Stati on-to-Mobile-Station (Ms-to-Ms) Transcoder-Free (TrFO
i nt erconnecti on between two 3GPP2/ CDMA2000 termninals that both use
VVR- VB codec.
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VMR- WB over VMR- WB over
3GPP2/ CDVA2000 net wor k 3GPP2/ CDMA2000 net wor k
R I p—— + +- - - - +
I I I
emmmmmmeem o > GW | <----mmmee o > GW | <------------ >
| | VMR-WB/ RTP/ UDP/ | P | |
R I p—— + +- - - - +
| | P network |

Figure 5. GWto GWscenario (a CDMA2000 Ms-to-MS Vol P scenari 0)
6. VMR WB RTP Payl oad Formats

For a given session, the payload fornat can be either header free or
octet aligned, depending on the node of operation that is established
for the session via out-of-band nmeans and the application.

The header-free payload format is designed for nmaxi mum bandwi dth
efficiency, sinplicity, and low |l atency. Only one codec data frane
can be sent in each header-free payload format packet. None of the
payl oad header fields or table of contents (ToC) entries is present
(the sanme consideration is also made in [11]).

In the octet-aligned payload format, all the fields in a payl oad,

i ncl udi ng payl oad header, table of contents entries, and speech
frames thensel ves, are individually aligned to octet boundaries to
make i npl enentations efficient.

Note that octet alignnent of a field or payl oad nmeans that the | ast
octet is padded with zeroes in the least significant bits to fill 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 payload formats, only the octet-aligned format has
the capability to use the interleaving to make the speech transport
robust to packet | oss.

The VMR-WB octet-aligned payload format in the interoperable node is
identical to that of AMR-WB (i.e., RFC 3267).
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6.1. RTP Header Usage

The fornmat 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-block in the packet. The

ti mestanp clock frequency is the sanme as the default sanpling
frequency (i.e., 16 kHz), so the tinmestanp unit is in sanples.

The duration of one speech frane-block is 20 ns for VMR WB. For
normal wi deband operation of VMR-WB, the input/output nmedia sanpling
frequency is 16 kHz, corresponding to 320 sanpl es per frame from each
channel. Thus, the tinestanp is increased by 320 for VMR-WB for each
consecutive frame-bl ock

The VMR-WB codec i s capabl e of processing speech/audi o signals
sanpled at 8 kHz. By default, the VMR- WB decoder output sanpling
frequency is 16 kHz. Depending on the application, the decoder can
be configured to generate 8-kHz output sanpling frequency, as well.
Since the VMR-WB RTP payload formats for the 8- and 16-kHz sanpl ed
nmedi a are identical and the VMR-WB decoder does not need a priori
know edge about the encoder input sanpling frequency, a fixed RTP
clock rate of 16000 Hz is defined for VMR-WB codec. This would all ow
i njection or processing of 8-kHz sanpl ed speech/audi o nmedia wi thout
having to change the RTP clock rate during a session. Note that the
timestanp is increnmented by 320 per frame-block for 8-kHz sanpl ed
media, as well.

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

bl ocks encapsul ated into a payl oad are picked according to the
interleaving rules defined in Section 6.3.2. Oherw se, each packet
covers a period of one or nore contiguous 20-ns frame-bl ock
intervals. In case the data fromall the channels for a particul ar
frame-block in the period is mssing (for exanple, at a gateway from
some other transport format), it is possible to indicate that no data
is present for that frane-block instead of breaking a multi-frane-

bl ock packet into two, as explained in Section 6.3.2.

No matter which payload format is used, the RTP payload 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 payl oad
length to a larger multiple of octets or for some other purpose, then
the P bit in the RTP header MAY be set, and paddi ng appended, as
specified in [3].
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The RTP header marker bit (M SHALL be always set to O if the VMR WB
codec operates in continuous transm ssion. Wen operating in

di sconti nuous transmi ssion (DTX), the RTP header marker bit SHALL be
set to 1 if the first franme-block carried in the packet contains a
speech franme, which is the first in a tal kspurt. For all other
packets, the marker bit SHALL be set to zero (M=0).

The assignnment of an RTP payload type for this payload format is

out side the scope of this docunent and will not be specified here.

It is expected that the RTP profile under which this payl oad fornmat
is being used will assign a payload type for this encoding or specify
that the payload type is to be bound dynanically (see Section 9).

6.2. Header-Free Payl oad Fornat

The header-free payload format is designed for nmaxi mum bandwi dth
efficiency, sinplicity, and m ninmumdelay. Only one speech data
frame presents in each header-free payload format packet. None of

t he payl oad header fields or ToC entries is present. The encoding
rate for the speech frane can be determ ned fromthe |Iength of the
speech data frame, since there is only one speech data frane in each
header-free payl oad fornat.

The use of the RTP header fields for header-free payload format is
the sanme as the corresponding one for the octet-aligned payl oad
format. The detailed bit napping of speech data packets pernissible
for this payload format is described in Section 8 of [1]. Since the
header-free payl oad fornmat is not conpatible with AVMR-WB RTP payl oad,
only non-interoperabl e nodes of VMR-WB SHALL be used with this

payl oad format. That is, FT=0, 1, 2, and 9 SHALL NOT be used with
header-free payl oad fornat.

0 1 2 3
01234567890123456789012345678901
I I b st S S S T T e S S I I ik ot SIS Y S Y S
| RTP Header [ 3] |
+=t+=t+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=4=F=F ===t =+=+=+=+=+=+=+
I I
+ ONLY one speech data frane S i i

T T ST S S T S S S e o

Note that the node of operation, using this payload format, is
decided by the transnitting (encoder) site. The default node of
operation for VMR WB encoder is nmode O [1]. The npde change request
MAY al so be sent through non-RTP nmeans, which is out of the scope of
this specification.
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6.3. Cctet-Aligned Payl oad Fornat
6.3.1. Payload Structure

The conpl ete payl oad consists of a payl oad header, a payl oad tabl e of
contents, and speech data representing one or nore speech frame-

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

| ayout:

6.3.2. The Payl oad Header

In octet-aligned payl oad fornmat, 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
| CWVR |RRRR ILL | [ILP |
e

CVMR (4 bits): This indicates a codec node request sent to the speech
encoder at the site of the receiver of this payload. CM value 15

i ndi cates that no node request is present, and other unused val ues
are reserved for future use.

The value of the CMR field is set according to the follow ng tabl e:

S S o m o m o e o e o e o e e o e e e e e e e e e e e e e e e e e e e eeioooo-- +
| CVR | VMR-WB Oper ating Mdes |
S S o m o m o e o e o e o e e o e e e e e e e e e e e e e e e e e e e eeioooo-- +
| 0 | VMR-WB node 3 (AMR-VB i nteroperable node at 6. 60 kbps) |
| 1 | VMR-WB node 3 (AMR-WB i nteroperable node at 8.85 kbps) |
| 2 | VMR-WB node 3 (AMR-VB i nteroperable node at 12. 65 kbps) |
| 3 | VMR-WB node 2 |
| 4 | VMR-WB node 1 |
| 5 | VMR-WB node O |
| 6 | VMR-WB npde 2 with maxi num hal f-rate encoding |
| 7-14 | (reserved) |
| 15 | No Preference (no node request is present) |
S S o m o m o e o e o e o e e o e e e e e e e e e e e e e e e e e e e eeioooo-- +

Table 2: List of valid CMR values and their associ ated VMR-WB
operati ng nodes
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R This is a reserved bit that MJUST be set to zero. The receiver
MJST ignore all R bits.

ILL (4 bits, unsigned integer): This is an OPTIONAL field that is
present only if interleaving is signaled out-of-band for the session
ILL=L indicates to the receiver that the interleaving length is L+1,
i n nunber of frame-bl ocks.

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

present only if interleaving is signaled. |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. |f the val ue

of ILP is found greater than ILL, the payload SHOULD be di scarded.

ILL and ILP fields MJST be present in each packet in a session if
interleaving is signaled for the session.

The node request received in the CVMR field is valid until the next

CMR is received, i.e., until a newy received CVMR val ue overrides the
previous one. Therefore, if a termnal continuously w shes to
receive frames in the sanme node, x, it needs to set CMR=x for all its

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

If a payload is received with a CVR value that is not valid, the CVR
MJST be ignored by the receiver.

In a nmulti-channel session, CVMR SHOULD be interpreted by the receiver
of the payl oad as the desired encoding node for all the channels in
the session, if the network all ows.

There are two factors that affect the VMR-WB node sel ection: (i) the
performance of any CDMA |ink connected via a gateway (e.g., in a GV
to IP terminal scenario), and (ii) the congestion state of an IP
network. The CDVA |link performance is signaled via the CMR field,
which is not used by IP-only end-points. The IP network state is
noni tored using, for exanple, RTCP. A sender needs to select the
operating node to satisfy both these constraints (see Section 7).

The encoder SHOULD follow a recei ved node request, but MAY change to
a different node if the network necessitates it, for exanple, to
control congestion

The CVR field MJST be set to 15 for packets sent to a nulticast
group. The encoder in the speech sender SHOULD i gnhore 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.
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If interleaving option is utilized, interleaving MIST be performed on
a franme-bl ock basis, as opposed to a frame basis, in a multi-channe
sessi on.

The followi ng exanple illustrates the arrangenment of speech frane-

bl ocks in an interl eave group during an interl eave session. Here we
assune | LL=L for the interleave group that starts at speech frame-
block n. W also assunme that the first payl oad packet of the
interleave group is s and the nunber of speech frame-bl ocks carried
in each payload is N  Then we will have

Payl oad s (the first packet of this interleave group):
I LL=L, 1LP=0,

Carry frame-bl ocks: n, n+(L+1), n+2*(L+1),..., n+(N-1)*(L+1)

Payl oad s+1 (the second packet of this interleave group):
I LL=L, ILP=1,
Carry 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,
Carry frame-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 ntN*(L+1). There
will be no interleaving effect unless the nunber of frane-blocks per
packet (N) is at least 2. Mreover, the nunber of frame-blocks per
payl oad (N) and the value of ILL MJUST NOT be changed inside an
interleave group. In other words, all payloads in an interleave
group MJST have the sane ILL and MJUST contain the same nunber of
speech frane-bl ocks.

The sender of the payl oad MJUST only apply interleaving if the

recei ver has signaled its use through out-of-band nmeans. Since
interleaving will increase buffering requirenents at the receiver,
the receiver uses MM paraneter "interleaving=I" to set the maxi num
nunber of frame-blocks allowed in an interleaving group to 1.

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

The foll owi ng exanpl e shows the ToC of three consecutive packets,
each carrying 3 frame-bl ocks, in an interl eaved two-channel session
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6.

3.

Here, the two channels are left (L) and right (R), with L com ng
before R, and the interleaving length is 3 (i.e., I1LL=2). This nmakes
the interl eave group 9 frane-bl ocks |arge.

Packet #1

| LL=2, |LP=0:

T T

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

T T

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

Bl ock 1 Bl ock 4 Bl ock 7

Packet #2

| LL=2, | LP=1:

T T

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

T T

| <------- S| <------- S| <------- >|
Franme Frane Frane

Bl ock 2 Bl ock 5 Bl ock 8

Packet #3

| LL=2, |LP=2:

T T

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

T T

| <------- S| <------- S| <------- >|
Frame Frame Frame

Bl ock 3 Bl ock 6 Bl ock 9
3. The Payl oad Tabl e of Contents

The table of contents (ToC) in octet-aligned payl oad format consists
of alist of ToC entries where each entry corresponds to a speech

frame carried in the payload, i.e., when interleaving is used, the
frame-bl ocks in the ToC will al nost never be placed consecutive in
time. |Instead, the presence and order of the frane-blocks in a

packet will follow the pattern described in 6.3.2.
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A ToC entry for the octet-aligned payload format is as follows:

012345617
T S
[FI  FT | QP|P|
e

The table of contents (ToC) consists of a list of ToC entries, each
representing a speech frane.

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

FT (4 bits): Frame type index whose value is chosen according to
Tabl e 3.

Duri ng the interoperabl e node, FT=14 (SPEECH LOST) and
FT=15 (NO_DATA) are used to indicate frames that are
either lost or not being transnmitted in this payl oad,
respectively. FT=14 or 15 MAY be used in the non-

i nteroperabl e nodes to indicate frame erasure or bl ank
frame, respectively (see Section 2.1 of [1]).

If a payload with an invalid FT value is received, the
payl oad MJST be discarded. Note that for ToC entries
with FT=14 or 15, there will be no correspondi ng speech
frame in the payl oad.

Dependi ng on the application and the node of operation
of VMR-WB, any conbi nati on of the perm ssible frame
types (FT) shown in Table 3 MAY be used.

Q(1 bit): Frame quality indicator. |If set to O, indicates that
the corresponding frane is corrupted. During the
i nt eroperabl e node, the receiver side (with AVR-VB
codec) should set the RX_TYPE to either SPEECH BAD or
SI D_BAD depending on the frane type (FT), if Q=0. The
VMR- VWB encoder always sets Qbit to 1. The VMR-WB
decoder nay ignhore the Q bit.

P bits: Paddi ng bits MJST be set to zero and MJST be ignored by
a receiver.
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T S +
| FT | Encodi ng Rate | Frane Size (Bits)]
T S +
| O | Interoperable Full-Rate (AMR-WB 6. 60 kbps) | 132 |
| 1 | Interoperable Full-Rate (AVMR-WB 8.85 kbps) | 177 |
| 2 | Interoperable Full-Rate (AMR-WB 12. 65 kbps) | 253 |
| 3 | Full-Rate 13.3 kbps | 266 |
| 4 | Half-Rate 6.2 kbps | 124 |
| 5 | Quarter-Rate 2.7 kbps | 54 |
| 6 | Eighth-Rate 1.0 kbps | 20 |
| 7 | (reserved) | - |
| 8 | (reserved) | - |
| 9 | CNG (AMR-WB SI D) | 40 |
| 10 | (reserved) | - |
| 11 | (reserved) | - |
| 12 | (reserved) | - |
| 13 | (reserved) | - |
| 14 | Erasure (AVR-WB SPEECH LOST) | 0 |
| 15 | Blank (AMR-WB NO DATA) | 0 |
T S +

Table 3: VMR-VB payl oad frame types for real-time transport

For multi-channel sessions, the ToC entries of all franes from a
frame-bl ock are placed in the ToC in consecutive order. Therefore,
with N channel s and K speech frane-bl ocks in a packet, there MJST be
N*K entries in the ToC, and the first Nentries will be fromthe
first frame-block, the second N entries will be fromthe second
franme- bl ock, and so on

6.3.4. Speech Data

Speech data of a payload contai ns one or nore speech frames as
described in the ToC of the payl oad.

Each speech frane represents 20 ns of speech encoded in one of the
avai l abl e encodi ng rates depending on the operation node. The |ength
of the speech frame is defined by the frame type in the FT field,
with the follow ng considerations:

- The last octet of each speech frane MJST be padded with zeroes at
the end if not all bits in the octet are used. |n other words,
each speech frame MJST be octet-aligned.

- Wien nultiple speech franes are present in the speech data, the
speech franmes MJST be arranged one whol e frane after another.
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The order and nunbering notation of the speech data bits are as
specified in the VMR-WB standard specification [1].

The payl oad begins with the payl oad header of one octet, or two if
frame interleaving is selected. The payload header is followed by
the table of contents consisting of a list of one-octet ToC entries.

The speech data follows the table of contents. For the purpose of
packeti zation, all the octets conprising a speech frane are appended
to the payload as a unit. The speech franes are packed in the same
order as their corresponding ToC entries are arranged in the ToC
list, 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 frame.

6.3.5. Payl oad Exanple: Basic Single Channel Payload Carrying Miultiple
Franes

The foll ow ng di agram shows an octet-aligned payl oad format froma
singl e channel session that carries two VMR-WB Ful | -Rate franes
(FT=3). In the payload, a codec node request is sent (e.g., CMR=4),
requesting that the encoder at the receiver’s side use VMR WB node 1
No interleaving is used. Note that in the exanple below the | ast
octet in both speech franes is padded with zeros to nake them oct et
al i gned.

0 1 2 3
01234567890123456789012345678901

T S S e I S i S S S it ST S DU S S S &
| CMR=4 |RRRIR R 1| FT#1=3 | Q P| P| O] FT#2=3 | Q P| P| f1(0..7) |
T S S T S T e S e i S SRS S S S e
| f1(8..15) | f1(16..23) | ... |
T T S T S S T S S i Sl SN S DU A s S R
T S S e I S i S S S it ST S DU S S S &
| r |PIP PP PP f2(0..7) | f2(8..15) | f2(16..23) |
T

T S S S T s S S e e s I A S St

o e e e e e e e e e e e e e e e e e e e e e b e e e e e e b e et
| | | PPl P P|P|P|

i o S S T i S i

f1(264, 265)

f2(264, 265)
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6.4. |Inplenentation Considerations

An application inplenmenting this payload format MJST understand al

t he payl oad paranmeters. Any mapping of the paranmeters to a signaling
protocol MJST support all parameters. Therefore, an inplenentation
of this payload 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.

To enabl e efficient interoperable interconnection with AVR-WB and to
ensure that a VMR- WB term nal appropriately declares itself as a
AMR- VB- capabl e terninal (see Section 9.3), it is al so RECOWENDED
that a VMR-WB RTP payl oad i npl ementati on understand rel evant AVR- VB
si gnal i ng.

To further ensure interoperability between various inplenentations of
VMR- VB, inplenentations SHALL support both header-free and octet-
al i gned payload formats. Support of interleaving is optional.

6.4.1. Decoding Validation and Provision for Lost or Late Packets

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 to avoid potential degradation of speech quality and to

i nvoke the VWR-WB built-in frame error conceal nent nechani sm
Therefore, invalid packets SHALL be treated as | ost packets.

Late packets (i.e., the unavailability of a packet when it is needed
for decoding at the receiver) should be treated as | ost packets.
Furthernmore, if the late packet is part of an interleave group
dependi ng upon the availability of the other packets in that

i nterl eave group, decoding nust be resunmed fromthe next avail able
frame (sequential order). |In other words, the unavailability of a
packet in an interleave group at a certain time should not invalidate
the other packets within that interleave group that may arrive |ater
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7. Congestion Contro

The general congestion control considerations for transporting RTP
data apply to VMR- WB speech over RTP as well. However, the multinode
capability of VMR- WB speech codec may provi de an advant age over ot her
payl oad formats for controlling congestion since the bandw dth denand
can be adjusted by selecting a different operating node.

Anot her paraneter that may inpact the bandw dth demand for VMR-WB i s
t he nunber of frane-blocks that are encapsul ated in each RTP payl oad.
Packi ng nore frame-bl ocks in each RTP payl oad can reduce the nunber
of packets sent and hence the overhead from RTP/UDP/ | P headers, at

t he expense of increased del ay.

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

Congestion control for RTP SHALL be used in accordance with RFC 3550
[3] and any applicable RTP profile, for exanple, RFC 3551 [6]. This
nmeans that congestion control is required for any transni ssion over
unmanaged best-effort networks.

Congestion on the IP network is managed by the | P sender. Feedback
about congestion SHOULD be provided to that |IP sender through RTCP or
ot her means, and then the sender can choose to avoid congestion using
the nost appropriate mechanism That may include sel ecting an
appropriate operating node, but also includes adjusting the |level of
redundancy or nunber of franes per packet.

8. 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 main security issues

i nclude confidentiality, integrity protection, and data origin
authentication of the audio itself. The payload fornmat itself does
not have any built-in security nechanisnms. Any suitable externa
nmechani sns, such as SRTP [10], MAY be used.

Thi s payl oad format and the VMR-WB decoder do not exhibit any
significant non-uniformty in the receiver-side conputationa

conpl exity for packet processing; thus, they are unlikely to pose a
deni al - of -service threat due to the recei pt of pathol ogi cal data.
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8.1. 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
negative inpact on the confidentiality for a short period of tine.
Consider the follow ng packets (in brackets) containing frame nunbers
as indicated: {10, 14, 18}, {13, 17, 21}, {16, 20, 24} (a typical
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 the 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.

8.2. 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 lower the audio quality. For exanple, tanpering with the CMR
field may result in speech of a different quality than desired.

9. Payl oad Format Paraneters

This section defines the paranmeters that nay be used to sel ect
optional features in the VMR-WB RTP payl oad formats.

The paraneters are defined here as part of the M ME subtype
registration for the VMR WB speech codec. A mapping of the
paraneters into the Session Description Protocol (SDP) [5] is also
provi ded for those applications that use SDP. In control protocols
that do not use M ME or SDP, the nedia type paraneters nust be mapped
to the appropriate format used with that control protocol
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9.1. VMR- WB RTP Payload M ME Regi stration

The M ME subtype for the Variabl e-Rate Milti node W deband (VMR- V\B)
audi o codec is allocated fromthe |IETF tree since VMR-WB i s expected
to be a widely used speech codec in multinedia streani ng and
nmessaging as well as in VolP applications. This MM registration
only covers real-tine transfers via RTP

Note, the receiver MJST ignore any unspecified paraneter and use the
default values instead. Also note that if no input paraneters are
defined, the default values will be used.

Medi a Type nane: audi o

Medi a subtype nane: VMR- VB

Requi red paranmeters: none

Furthernmore, if the interleaving paranmeter is present, the paraneter
"octet-align=1" MJST al so be present.

OPTI ONAL par aneters:

node- set : Request ed VMR-WB operating node set. Restricts
the active operating nodes to a subset of al
nodes. Possible values are a conma- separ at ed
list of integer values. Currently, this |ist
i ncludes nodes 0, 1, 2, and 3 [1], but MAY be

extended in the future. |f such npde-set is
specified during session initiation, the encoder
MJUST NOT use nodes outside of the subset. |f not

present, all operating nodes in the set 0 to 3 are
all owed for the session

channel s: The nunber of audi o channels. The possible
val ues and their respective channel order
is specified in Section 4.1 in [6]. |If
omtted, it has the default value of 1.

octet-align: RTP payl oad fornat; perm ssible values are 0 and
1. If 1, octet-aligned payload format SHALL be
used. If O or if not present, header-free payl oad
format is enployed (default).

maxpti ne: See RFC 3267 [4]
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i nterl eaving: I ndi cates that frane-block |eve
interleaving SHALL be used for the session.
Its val ue defines the maxi mum nunber of
frame-bl ocks allowed in an interleaving
group (see Section 6.3.1). If this
paraneter 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 [5]. It SHALL be at |east one
frame size for VMR- VB

dt x: Permi ssible values are 0 and 1. The default
is O (i.e., No DTX) where VMR-WB normal |y
operates as a continuous variable-rate
codec. If dtx=1, the VMR-WB codec wil |
operate in discontinuous transm ssion node
where silence descriptor (SID) franmes are
sent by the VMR-WB encoder during silence
intervals with an adjustabl e update
frequency. The selection of the SID update-rate
depends on the inplenentation and
ot her network considerations that are
beyond the scope of this specification.

Encodi ng consi der ati ons:
This type is only defined for transfer of VMR-WB-encoded data
via RTP (RFC 3550) using the payload formats specified in
Section 6 of RFC 4348.
Security considerations:
See Section 8 of RFC 4348.
Publ i c specification:
The VMR-WB speech codec is specified in
3GPP2 specifications C S0052-0 version 1.0.
Transfer nethods are specified in RFC 4348.
Addi tional information:

Person & email address to contact for further information:

Sassan Ahmadi, Ph.D. sassan. ahmadi @ eee. org
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I nt ended usage: COMVON

It is expected that many Vol P, nulti nedi a nessagi ng and
stream ng applications (as well as nobile applications)
will use this type.

Aut hor/ Change control |l er
| ETF Audi o/ Vi deo Transport working group del egated fromthe | ESG
9.2. 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)
[5], which is commpnly used to describe RTP sessions. Wen SDP is
used to specify sessions enploying the VWMR-WB codec, the napping is
as foll ows:

- The nmedia type ("audio") goes in SDP "m=" as the nedi a nane.

- The nedi a subtype (payload format nane) goes in SDP "a=rtpmap"
as the encoding nane. The RTP clock rate in "a=rtpmap" MJST be
16000 for VMR- WB.

- The paraneter "channel s" (nunber of channels) MJST be either
explicitly set to Nor omtted, inplying a default val ue of 1.
The values of Nthat are allowed is specified in Section 4.1 in
[6]. The paraneter "channels", if present, is specified
subsequent to the M ME subtype and RTP clock rate as an encodi ng
paraneter in the "a=rtpnap" attribute.

- The paraneters "ptinme" and "maxptinme" go in the SDP "a=ptinme"
and
"a=maxptime" attributes, respectively.

- Any remai ning paraneters 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.

Sone exanpl es of SDP session descriptions utilizing VMRW encodi ngs
foll ow.

Exanpl e of usage of VMR-WB in a possible VolP scenario (w deband
audi o) :

mFaudi o 49120 RTP/ AVP 98

a=rtpmap: 98 VMR- WB/ 16000
a=fntp: 98 octet-align=1
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Exanpl e of usage of VMR-WB in a possible stream ng scenario (two
channel stereo):

mraudi o 49120 RTP/ AVP 99

a=rtpmap: 99 VMR- WB/ 16000/ 2

a=fmp: 99 octet-align=1; interleaving=30
a=maxpti ne: 100

9.3. Ofer-Answer Mddel Considerations

To achieve good interoperability for the VMR WB RTP payload in an
O fer- Answer negotiation usage in SDP [13], the follow ng
consi derations are nade:

- The rate, channel, and payl oad configuration parameters (octet-
align and interleaving) SHALL be used symetrically, i.e., offer
and answer nust use the sane values. The maxi num size of the
interleaving buffer is, however, declarative, and each agent
specifies the value it supports to receive for recvonly and
sendrecv streans. For sendonly streans, the val ue indicates what
the agent desires to use.

- To maintain interoperability anong all inplenentations of VMR-VB
that nmay or may not support all the codec’s nodes of operation, the
operati onal nodes that are supported by an inplenentation MAY be
identified at session initiation. The npde-set paraneter is
decl arative, and only operating nodes that have been indicated to
be supported by both ends SHALL be used. |If the answerer is not
supporting any of the operating nodes provided in the offer, the
conpl ete payl oad type declaration SHOULD be rejected by renoving it
fromthe answer.

- The remai ning paraneters are all declarative; i.e., for sendonly
streans they provide paraneters that the agent desires to use,
while for recvonly and sendrecv streamnms they declare the paraneters
that it accepts to receive. The dtx paraneter is used to indicate
DTX support and capability, while the nedia sender is only
RECOVMENDED to send using the DTX in these cases. |If DIX is not
supported by the nmedia sender, it will send nedia wthout DTX, this
will not affect interoperability only the resource consunption

- Both header-free and octet-aligned payl oad fornmat configurations
MAY be offered by a VMR-WB enabl ed terninal. However, for an
i nt eroperabl e interconnection with AVMR-WB, only octet-aligned

- The paraneters "maxptinme" and "ptinme" should in nost cases not

affect the interoperability; however, the setting of the paraneters
can affect the performance of the application.
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- To maintain interoperability with AMRWB in cases where negotiation
i s possible using the VMR-WB i nteroperabl e node, a VMR- WB-enabl ed
ternm nal SHOULD al so declare itself capable of AMR-WB with limted
node set (i.e., only AMR-WB codec nodes 0, 1, and 2 are all owed)
and of octet-align node of operation.

Exanpl e:

mraudi o 49120 RTP/ AVP 98 99

a=rtpmap: 98 VMR- WB/ 16000

a=rtpmap: 99 AMR- WB/ 16000

a=fnmtp:99 octet-align=1;, node-set=0,1,2

An exanpl e of offer-answer exchange for the Vol P scenario described
in Section 5.3 is as follows:

CDMA2000 term nal -> WCDMA terninal Ofer:
mraudi o 49120 RTP/ AVP 98 97
a=rtpmap: 98 VMR- WB/ 16000
a=fntp: 98 octet-align=1
a=rtpmap: 97 AMR-WB/ 16000
a=fm p: 97 node-set=0,1,2; octet-align=1

WCDMA termi nal -> CDMA2000 terni nal Answer:
mFaudi o 49120 RTP/ AVP 97
a=rtpmap: 97 AMR-WB/ 16000
a=f nmt p: 97 node-set =0, 1, 2; octet-align=1;

For decl arative use of SDP such as in SAP [14] and RTSP [15], all
paraneters are declarative and provide the paranmeters that SHALL be
used when receiving and/or sending the configured stream

10. | ANA Consi derations

The | ANA has regi stered one new M ME subtype (audi o/ VMR- WB); see
Section 9.
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