Net wor k Wor ki ng G oup
Request for Comments: 3558
Cat egory: Standards Track

A Li
UCLA
July 2003

RTP Payl oad Format for Enhanced Variabl e Rate Codecs (EVRC)
and Sel ect abl e Mode Vocoders (SW)

Status of this Meno

Thi s document specifies an Internet standards track protocol for the
Internet community, and requests discussi

i mprovenents.

on and suggestions for

Pl ease refer to the current edition of the "Internet

Oficial Protocol Standards" (STD 1) for the standardi zation state

and status of this protocol.

Copyri ght Notice

Distribution of this nmenmo is unlimted.

Copyright (C) The Internet Society (2003). All R ghts Reserved.

Abst ract

Thi s docunent describes the RTP payl oad format for Enhanced Variable
Rat e Codec (EVRC) Speech and Sel ect abl e Mode Vocoder (SMWMV) Speech.
Two sub-formats are specified for different application scenarios. A

bundl ed/i nterl eaved for mat

is included to reduce the effect of packet

| oss on speech quality and anortize the overhead of the RTP header

over nore than one speech frane.

supported for conversational applications
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I ntroduction

Thi s docunent describes how speech conpressed with EVRC [1] or SW
[2] may be formatted for use as an RTP payload type. The format is
al so extensible to other codecs that generate a simlar set of frame
types. Two nethods are provided to packetize the codec data franes
into RTP packets: an interleaved/ bundl ed format and a zero- header
format. The sender may choose the best format for each application
scenari o, based on network conditions, bandw dth availability, delay
requi renents, and packet-loss tol erance.

The key words "MJST", "MJST NOT*, "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [3].

Backgr ound

The 3rd Ceneration Partnership Project 2 (3GPP2) has published two

st andards whi ch define speech conpression algorithnms for CDVA
applications: EVRC [1] and SMW/ [2]. EVRC is currently deployed in
mllions of first and second generati on CDMA handsets. SW is the
preferred speech codec standard for CDMA2000, and will be deployed in

third generation handsets in addition to EVRC. |nprovenents and new
codecs will keep energing as technol ogy i mproves, and future handsets
will likely support multiple codecs.
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3.

The formats of the EVRC and SW codec franes are very similar. Mny
ot her vocoders al so share comon characteristics, and have many
simlar application scenarios. This parallelismenables an RTP

payl oad format to be designed for EVRC and SW that may al so support
other, sinmlar vocoders with mninmal additional specification work.
This can sinplify the protocol for transporting vocoder data franes
through RTP and reduce the conplexity of inplenmentations.

The Codecs Supported

3.1. EVRC

The Enhanced Variabl e Rate Codec (EVRC) [1] conpresses each 20
ml1iseconds of 8000 Hz, 16-bit sanpled speech input into output
franmes in one of the three different sizes: Rate 1 (171 bits), Rate
1/2 (80 bits), or Rate 1/8 (16 bits). |In addition, there are two
zero bit codec franme types: null frames and erasure franmes. Nul
franes are produced as a result of the vocoder running at rate O.
Nul I frames are zero bits long and are normally not transnitted.
Erasure frames are the franes substituted by the receiver to the
codec for the |ost or damaged frames. Erasure frames are also zero
bits long and are normally not transnitted.

The codec chooses the output frane rate based on analysis of the

i nput speech and the current operating node (either normal or one of
several reduced rate nodes). For typical speech patterns, this
results in an average output of 4.2 kilobits/second for normal node
and a | ower average output for reduced rate nodes.

3.2. SW

Li

The Sel ect abl e Mode Vocoder (SWV) [2] conpresses each 20 milliseconds
of 8000 Hz, 16-bit sanpled speech input into output frames of one of
the four different sizes: Rate 1 (171 bits), Rate 1/2 (80 bits), Rate
1/4 (40 bits), or Rate 1/8 (16 bits). |In addition, there are two
zero bit codec frame types: null frames and erasure frames. Nul
franes are produced as a result of the vocoder running at rate O.

Nul I frames are zero bits long and are normally not transmitted.
Erasure frames are the franes substituted by the receiver to the
codec for the |ost or damaged frames. Erasure frames are also zero
bits long and are normally not transnitted.

The SMV codec can operate in six nodes. Each node may produce franes
of any of the rates (full rate to 1/8 rate) for varying percentages
of time, based on the characteristics of the speech sanples and the
sel ected nbde. The SMV npbde can change on a

frame-by-franme basis. The SW codec does not need additiona

i nformati on other than the codec data franes to correctly decode the
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data of various nodes; therefore, the node of the encoder does not
need to be transmtted with the encoded franes.

The SMV codec chooses the output frame rate based on anal ysis of the

i nput speech and the current operating node. For typical speech
patterns, this results in an average output of 4.2 kil obits/second
for Mode O in two way conversation (approximtely 50% active speech
time and 50%in eighth rate while listening) and | ower for other
reduced rate nmodes. SMW is nore bandw dth efficient than EVRC. EVRC
is equivalent in perfornance to SW node 1.

3.3. Oher Frane-Based Vocoders

O her franme-based vocoders can be carried in the packet fornat
defined in this docunment, as long as they possess the foll ow ng
properties:

The codec is frame-based;

bl ank and erasure frames are supported;

the total nunber of rates is less than 17;

the maximum full rate frame can be transported in a single RTP
packet using this specific format.

O O0OO0Oo

Vocoders with the characteristics |isted above can be transported
usi ng the packet format specified in this docunent with sone

addi tional specification work; the pieces that nust be defined are
listed in Section 15.

4. RTP/Vocoder Packet For nat
The vocoder speech data may be transmitted in either of the two RTP
packet formats specified in the follow ng two subsections, as

appropriate for the application scenario. In the packet format
di agrans shown in this docunent, bit 0 is the nost significant bit.
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4.1. Interl eaved/ Bundl ed Packet For mat

This format is used to send one or nore vocoder franes per packet.
Interleaving or bundling MAY be used. The RTP packet for this format
is as follows:

0 1 2 3
01234567890123456789012345678901
B i s T T i i o S o T Ji I
| RTP Header [ 4] |
R e R = R R e e e S SRR R
|RIR] LLL | NNN| MMW]| Count | TOC | ... | TOC |padding
i e L o s T o e ok ok i Sl SR R S S

one or more codec data frames, one per TCOC entry |

i S S T i S S e S AT i S S

The RTP header has the expected val ues as described in the RTP
specification [4]. The RTP tinestanp is in 1/8000 of a second units
for EVRC and SMV. For any other vocoders that use this packet
format, the timestanp unit needs to be defined explicitly. The Mbit
shoul d be set as specified in the applicable RTP profile, for
exanple, RFC 3551 [5]. Note that RFC 3551 [5] specifies that if the
sender does not suppress silence, the Mbit will always be zero.

When multiple codec data frames are present in a single RTP packet,
the tinmestanp is that of the ol dest data represented in the RTP
packet. The assignnment of an RTP payl oad type for this packet format
is outside the scope of this docunent; it is specified by the RTP
profil e under which this payload format is used.

The first octet of a Interleaved/ Bundl ed format packet is the

Interl eave Octet. The second octet contains the Mbde Request and
Frame Count fields. The Table of Contents (ToC) field then foll ows.
The fields are specified as foll ows:

Reserved (RR): 2 bits
Reserved bits. MJST be set to zero by sender, SHOULD be ignored
by receiver.

Interleave Length (LLL): 3 bhits
I ndicates the length of interleave; a value of 0 indicates
bundling, a special case of interleaving. See Section 6 and
Section 7 for nore detail ed di scussion
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Interleave Index (NNN): 3 bits
Indicates the index within an interleave group. MJST have a val ue
| ess than or equal to the value of LLL. Values of NNN greater
than the value of LLL are invalid. Packet with invalid NNN val ues
SHOULD be ignored by the receiver

Mode Request (MW): 3 bits
The Mode Request field is used to signal Mde Request information
See Section 10 for details.

Frame Count (Count): 5 hits
The nunber of ToC fields (and vocoder frames) present in the
packet is the value of the frane count field plus one. A value of
zero indicates that the packet contains one ToC field, while a
val ue of 31 indicates that the packet contains 32 ToC fields.

Paddi ng (padding): O or 4 bits
Thi s paddi ng ensures that codec data franes start on an octet
boundary. When the franme count is odd, the sender MJUST add 4 bits
of padding followi ng the ast TOC. Wen the frane count is even,
the sender MUST NOT add padding bits. |[If padding is present, the
paddi ng bits MJST be set to zero by sender, and SHOULD be i gnored
by receiver.

The Tabl e of Contents field (ToC) provides infornmation on the codec
data frame(s) in the packet. There is one ToC entry for each codec
data frame. The detailed formats of the ToC field and codec data
franes are specified in Section 5

Multiple data frames nmay be included within a Interl eaved/ Bundl ed
packet using interleaving or bundling as described in Section 6 and
Section 7.

4.2. Header-Free Packet For mat

Li

The Header- Free Packet Format is designed for nmaxi mum bandwi dth
efficiency and low | atency. Only one codec data frame can be sent in
each Header-Free format packet. None of the payl oad header fields
(LLL, NNN, MW Count) nor ToC entries are present. The codec rate
for the data frame can be determined fromthe |l ength of the codec
data frame, since there is only one codec data frame in each
Header - Fr ee packet .

Use of the RTP header fields for Header-Free RTP/ Vocoder Packet
Format is the sane as described in Section 4.1 for

I nterl eaved/ Bundl ed RTP/ Vocoder Packet Format. The detail ed fornmat
of the codec data franme is specified in Section 5.
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0 1 2 3
01234567890123456789012345678901
B T I i R i e i Sl e e g e S I T s s it sTE O T B S SR
| RTP Header [ 4] |
+=+=+=t+=+=+=t+=t=+=+=+=+=+=+=t+=F=+=t=t=+=+=+=+=+=+=t+=F=+=t+=+=+=+=+
I I
+ ONLY one codec data frane i e ot I N

I
B e sl R e R i sl s Tt ST I S S TR S TR

4.3. Determining the Format of Packets

5.

Al'l receivers SHOULD be able to process both packet formats. The
sender MAY choose to use one or both packet formats.

A receiver MJST have prior know edge of the packet format to
correctly decode the RTP packets. Wen packets of both fornats are
used within the same session, different RTP payl oad type val ues MJST
be used for each format to distinguish the packet formats. The
associ ation of payl oad type nunber with the packet format is done
out - of -band, for example by SDP during the setup of a session

Packet Table of Contents Entries and Codec Data Frane Fornat

5.1. Packet Table of Contents entries

Li

Each codec data frame in a Interl eaved/ Bundl ed packet has a
correspondi ng Table of Contents (ToC) entry. The ToC entry indicates
the rate of the codec frame. (Header-Free packets MJST NOT have a
ToC field.)

Each ToC entry is occupies four bits. The format of the bits is
i ndi cated bel ow

0123
+- - - -+

| fr type|

+- - - -+
Frame Type: 4 bits

The frame type indicates the type of the correspondi ng codec data
frane in the RTP packet.
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For EVRC and SMV codecs, the frame type val ues and size of the
associ ated codec data frame are described in the table bel ow

Val ue Rat e Total codec data frame size (in octets)
0 Bl ank 0 (0 bit)
1 1/8 2 (16 bits)
2 1/ 4 5 (40 bits; not valid for EVRQ)
3 1/2 10 (80 bits)
4 1 22 (171 bits; 5 padded at end with zeros)
5 Erasure 0 (SHOULD NOT be transmtted by sender)

Al values not listed in the above table MJST be consi dered reserved.
A ToC entry with a reserved Frame Type val ue SHOULD be consi dered
invalid. Note that the EVRC codec does not have 1/4 rate franes,
thus franme type value 2 MJUST be considered a reserved val ue when the
EVRC codec is in use.

O her vocoders that use this packet fornmat need to specify their own
table of frame types and correspondi ng codec data franes.

5.2. Codec Data Franes

Li

The output of the vocoder MJUST be converted into codec data franes
for inclusion in the RTP payl oad. The conversions for EVRC and SW
codecs are specified below. (Note: Because the EVRC codec does not
have Rate 1/4 frames, the specifications of 1/4 frames does not apply
to EVRC codec data frames). O her vocoders that use this packet
format need to specify how to convert vocoder output data into
frames.

The codec out put data bits as nunbered in EVRC and SM/ are packed
into octets. The |owest nunbered bit (bit 1 for Rate 1, Rate 1/2,
Rate 1/4 and Rate 1/8) is placed in the npst significant bit
(internet bit 0) of octet 1 of the codec data frane, the second

|l owest bit is placed in the second nost significant bit of the first
octet, the third lowest in the third nost significant bit of the
first octet, and so on. This continues until all of the bits have
been placed in the codec data frane.

The remai ni ng unused bits of the last octet of the codec data frane
MUST be set to zero. Note that in EVRC and SMW/ this is only
applicable to Rate 1 frames (171 bits) as the Rate 1/2 (80 bits),
Rate 1/4 (40 bits, SW only) and Rate 1/8 frames (16 bits) fit
exactly into a whol e nunber of octets.

Following is a detailed listing showing a Rate 1 EVRC SM/ codec
output frame converted into a codec data frane:
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The codec data frane for a EVRC/ SMW codec Rate 1 frame is 22 octets
long. Bits 1 through 171 fromthe EVRC SW codec Rate 1 frame are

pl aced as indicated, with bits marked with "Z" set to zero. EVRC SW
codec Rate 1/8, Rate 1/4 and Rate 1/2 frames are converted sinlarly,
but do not require zero paddi ng because they align on octet
boundari es.

Rate 1 codec data frame

I nterl eaving Codec Data Franes

As indicated in Section 4.1, nore than one codec data frame MAY be
included in a single Interl eaved/ Bundl ed packet by a sender. This is
acconpl i shed by interleaving or bundling.

Bundling is used to spread the transm ssion overhead of the RTP and
payl oad header over nultiple vocoder frames. Interleaving
additionally reduces the listener’s perception of data | oss by
spreadi ng such | oss over non-consecutive vocoder frames. EVRC, SMW,
and simlar vocoders are able to conpensate for an occasional | ost
franme, but speech quality degrades exponentially with consecutive
frame | oss

Bundling is signaled by setting the LLL field to zero and the Count
field to greater than zero. Interleaving is indicated by setting the
LLL field to a value greater than zero

The di scussions on general interleaving apply to the bundling (which
can be viewed as a reduced case of interleaving) with reduced
complexity. The bundling case is discussed in detail in Section 7.

Senders MAY support interleaving and/or bundling. Al receivers that
support Interleave/Bundling packet format MJUST support both
i nterleaving and bundli ng.
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Li

G ven a tine-ordered sequence of output frames fromthe codec
nunbered 0..n, a bundling value B (the value in the Count field plus
one), and an interleave length L where n = B * (L+1) - 1, the output
franes are placed into RTP packets as follows (the val ues of the
fields LLL and NNN are indicated for each RTP packet):

First RTP Packet in Interleave group
LLL=L, NNN=O
Frame 0, Franme L+1, Frane 2(L+1), Frame 3(L+1), ... for a total of
B franmes

Second RTP Packet in Interleave group
LLL=L, NNN=1
Frame 1, Frame 1+L+1, Frame 1+2(L+1), Frane 1+3(L+1), ... for a
total of B franes

This continues to the | ast RTP packet in the interleave group

L+1 RTP Packet in Interleave group
LLL=L, NNN=L
Frame L, Frame L+L+1, Franme L+2(L+1), Frane L+3(L+1), ... for a
total of B frames

Wthin each interleave group, the RTP packets naking up the

interl eave group MJST be transmitted in val ue-increasing order of the
NNN field. While this does not guarantee reduced end-to-end delay on
the receiving end, when packets are delivered in order by the
underlying transport, delay will be reduced to the m ni num possi bl e.

Recei vers MAY signal the maxi mum nunber of codec data frames (i.e.,

t he maxi mum acceptabl e bundling value B) they can handle in a single
RTP packet using the OPTIONAL maxptine RTP node paraneter identified
in Section 12.

Recei vers MAY signal the maxi muminterleave length (i.e., the maxi mum
acceptable LLL value in the Interleaving Octet) they will accept
usi ng the OPTI ONAL naxinterl eave RTP node paraneter identified in
Section 12.

The paraneters nmaxptime and nmexi nterl eave are exchanged at the
initial setup of the session. 1In one-to-one sessions, the sender
MUST respect these values set be the receiver, and MJST NOT

i nterl eave/ bundl e nore packets than what the receiver signals that it
can handle. This ensures that the receiver can allocate a known
anount of buffer space that will be sufficient for al

i nterl eaving/bundling used in that session. During the session, the
sender may decrease the bundling value or interleaving length (so
that |l ess buffer space is required at the receiver), but never exceed
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Li

t he maxi mum val ue set by the receiver. This prevents the situation
where a receiver needs to allocate nore buffer space in the m ddle of
a session but is unable to do so.

Additionally, senders have the follow ng restrictions:

0 MJST NOT bundl e nore codec data franmes in a single RTP packet than
i ndi cated by maxptime (see Section 12) if it is signaled.

0 SHOULD NOT bundl e nore codec data franes in a single RTP packet
than will fit in the MIU of the underlying network

0 Once beginning a session with a given nmaxi numinterl eaving val ue
set by maxinterleave in Section 12, MJST NOT increase the
interleaving value (LLL) to exceed the maxi muminterl eaving val ue
that is signal ed

o MAY change the interleaving value, but MJST do so only between
i nterl eave groups.

0 Silence suppression MIST only be used between interl eave groups.
A ToC with Frame Type 0 (Bl ank Frane, Section 5.1) MJST be used
within interleaving groups if the codec outputs a blank frane.
The Mbit in the RTP header is not set for these blank franes, as
the streamis continuous in time. Because there is only one tine
stanp for each RTP packet, silence suppression used within an
interl eave group woul d cause anbiguities when reconstructing the
speech at the receiver side, and thus is prohibited.

G ven an RTP packet with sequence number S, interleave length (field
LLL) L, interleave index value (field NNN) N, and bundling value B
the interl eave group consists of this RTP packet and other RTP
packets with sequence nunbers from S-N nmod 65536 to S-N+L nod 65536
inclusive. In other words, the interleave group always consists of
L+1 RTP packets with sequential sequence nunbers. The bundling val ue
for all RTP packets in an interleave group MJST be the sane.

The receiver determ nes the expected bundling value for all RTP
packets in an interl eave group by the nunber of codec data franes
bundled in the first RTP packet of the interleave group received.
Note that this may not be the first RTP packet of the interleave
group if packets are delivered out of order by the underlying
transport.
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7

9

Bundl i ng Codec Data Franes

As discussed in Section 6, the bundling of codec data frames is a
speci al reduced case of interleaving with LLL value in the Interleave
Cctet set to O.

Bundl i ng codec data frames indicates that nultiple data frames are
i ncluded consecutively in a packet, because the interleaving |l ength
(LLL) is 0. The interleaving group is thus reduced to a single RTP
packet, and the reconstruction of the codec data frames from RTP
packets becones a much sinpler process.

Furthernore, the additional restrictions on senders are reduced to:

0 MJST NOT bundl e nore codec data frames in a single RTP packet than
i ndi cated by maxptinme (see Section 12) if it is signaled.

0 SHOULD NOT bundl e nore codec data frames in a single RTP packet
than will fit in the MIU of the underlying network.

Handl i ng M ssing Codec Data Franes

The vocoders covered by this payload format support erasure franmes as
an indication when franes are not available. The erasure frames are
normal |y used internally by a receiver to advance the state of the
voi ce decoder by exactly one frame tine for each m ssing frane.

Using the information from packet sequence nunber, time stanp, and
the Mbit, the receiver can detect mssing codec data franmes from RTP
packet | oss and/or silence suppression, and generate correspondi ng
erasure franes. FErasure frames MJUST al so be used in storage fornmat
to record nissing franes.

| mpl enent ati on | ssues

9.1. Interleaving Length

Li

The vocoder interpolates the mssing speech content when given an
erasure frame. However, the best quality is perceived by the

i stener when erasure franes are not consecutive. This makes
interleaving desirable as it increases speech quality when packet
| oss occurs.

On the other hand, interleaving can greatly increase the end-to-end
del ay. \Where an interactive session is desired, either

I nterl eaved/ Bundl ed packet format with interleaving length (field
LLL) O or Header-Free packet format i s RECOVIVENDED.
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When end-to-end delay is not a primary concern, an interl eaving
length (field LLL) of 4 or 5 is RECOWENDED as it offers a reasonabl e
conmprom se between robustness and | atency.

9.2. Validation of Received Packets

When receiving an RTP packet, the receiver SHOULD check the validity
of the ToC fields and match the length of the packet with what is
indicated by the ToC fields. |If any invalidity or msmatch is
detected, it is RECOMVENDED to discard the received packet to avoid
potential severe degradation of the speech quality. The discarded
packet is treated followi ng the same procedure as a | ost packet, and
the di scarded data will be replaced with erasure franes.

On receipt of an RTP packet with an invalid value of the LLL or NNN
fields, the RTP packet SHOULD be treated as |ost by the receiver for
the purpose of generating erasure franes as described in Section 8.

On receipt of an RTP packet in an interleave group with other than
the expected frane count val ue, the receiver MAY discard codec data
franmes off the end of the RTP packet or add erasure codec data franes
to the end of the packet in order to nmanufacture a substitute packet
with the expected bundling value. The receiver MAY instead choose to
di scard the whol e interl eave group

9.3. Processing the Late Packets

10.

Li

Assune that the receiver has begun playing franmes froman interl eave
group. The tine has cone to play frane x from packet n of the
interl eave group. Further assune that packet n of the interleave
group has not been received. As described in Section 8, an erasure
frane will be sent to the receiving vocoder.

Now, assune that packet n of the interleave group arrives before
franme x+1 of that packet is needed. Receivers should use frame x+1
of the newly received packet n rather than substituting an erasure
frane. In other words, just because packet n was not avail able the
first tine it was needed to reconstruct the interl eaved speech, the
recei ver should not assume it is not available when it is
subsequently needed for interleaved speech reconstruction

Mode Request

The Mobde Request signal requests a particul ar encoding node for the
speech encoding in the reverse direction. All inplenmentations are
RECOMVENDED t o honor the Mdde Request signal. The Mdde Request
signal SHOULD only be used in one-to-one sessions. |In multi-party
sessions, any received Mdde Request signals SHOULD be i gnored.
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11.

Li

In addition, the Mdde Request signal MAY al so be sent through non-RTP
means, which is out of the scope of this specification.

The three-bit Mdde Request field is used to signal the receiver to
set a particular encoding node to its audi o encoder. |If the Mde
Request field is set to a valid value in RTP packets fromnode A to
node B, it is a request for node B to change to the requested
encodi ng node for its audi o encoder and therefore the bit rate of the
RTP stream from node B to node A. Once a node sets this field to a
val ue, it SHOULD continue to set the field to the sane value in
subsequent packets until the requested node is different. This
design helps to elimnate the scenario of getting the codec stuck in
an unintended state if one of the packets that carries the Mde
Request is lost. An otherwi se silent node MAY send an RTP packet
containing a blank frane in order to send a Mbde Request.

Each codec type using this format SHOULD define its own
interpretation of the Mbde Request field. Codecs SHOULD foll ow the
convention that higher values of the three-bit field correspond to an
equal or |ower average output bit rate.

For the EVRC codec, the Mdde Request field MJST be interpreted
according to Tables 2.2.1.2-1 and 2.2.1.2-2 of the EVRC codec
specifications [1].

For SW codec, the Mdde Request field MJUST be interpreted according
to Table 2.2-2 of the SW codec specifications [2].

St or age For mat

The storage format is used for storing speech franmes, e.g., as a file
or e-mail attachnent.

The file begins with a magic nunber to identify the vocoder that is
used. The nmagi ¢ nunber for EVRC corresponds to the ASCII character

string "#!' EVRCQ\n", i.e., "0x23 0x21 0x45 0x56 0x52 0x43 OxOQA"'. The
magi ¢ nunmber for SMV corresponds to the ASCII character string
"H#I SMAN", i.e., "0x23 0x21 0x53 0Ox4d 0x56 Ox0a"

The codec data franes are stored in consecutive order, with a single
TOC entry field, extended to one octet, prefixing each codec data
frane. The ToC field is extended to one octet by setting the four
nmost significant bits of the octet to zero. For exanple, a ToC val ue
of 4 (a full-rate frame) is stored as 0x04.

Speech frames lost in transm ssion and non-received frames MJST be

stored as erasure franmes (frame type 5, see definition in Section
5.1) to maintain synchronization with the original nedia.
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12. | ANA Consi derati ons

Four new M ME sub-types as described in this section have been
regi stered by the | ANA

The M ME-nanes for the EVRC and SMV codec are allocated fromthe | ETF
tree since all the vocoders covered are expected to be wi dely used
for Voice-over-1P applications.

12.1. Registration of Media Type EVRC

Medi a Type Nane: audi o
Medi a Subt ype Nane: EVRC
Requi red Paraneter: none

Optional paraneters
The foll owi ng paranmeters apply to RTP transfer only.

pti me: Defi ned as usual for RTP audio (see RFC 2327).

maxpti me: The maxi mum anount of medi a which can be encapsulated in
each packet, expressed as tinme in mlliseconds. The tinme SHALL
be calculated as the sumof the time the nmedia present in the
packet represents. The time SHOULD be a nultiple of the
duration of a single codec data frane (20 nmsec). |If not
signal ed, the default naxptinme value SHALL be 200 milli seconds.

maxi nt erl eave: Maxi mum nunber for interleaving length (field LLL
inthe Interleaving Octet). The interleaving | engths used in
the entire session MJUST NOT exceed this maxi mumvalue. |f not
signal ed, the nmaxinterleave | ength SHALL be 5

Encodi ng consi derati ons:
This type is defined for transfer of EVRC encoded data via RTP
usi ng the Interl eaved/ Bundl ed packet format specified in Sections
4.1, 6, and 7 of RFC 3558. It is also defined for other transfer
met hods using the storage format specified in Section 11 of RFC
3558.

Security considerations:
See Section 14 "Security Considerations" of RFC 3558.

Public specification:

The EVRC vocoder is specified in 3GPP2 C. S0014. Transfer nethods
are specified in RFC 3558.
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Addi tional information:
The followi ng informati on applies for storage format only.

Magi ¢ nunber: #!' EVRC\n (see Section 11 of RFC 3558)
Fil e extensions: evc, EVC

Maci ntosh file type code: none

oj ect identifier or AOD: none

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

Person & email address to contact for further information:
Adam Li
adam i @csl . ucl a. edu

Aut hor/ Change controller:
Adam Li
adam i @ csl . ucl a. edu
| ETF Audi o/ Vi deo Transport Working G oup

2. Registration of Media Type EVRCO

Medi a Type Nane: audi o
Medi a Subt ype Nane: EVRCO
Requi red Paraneters: none
Opti onal paraneters: none
Encodi ng consi derati ons: none

This type is only defined for transfer of EVRC encoded data via
RTP usi ng the Header-Free packet format specified in Section 4.2
of RFC 3558.

Security considerations:
See Section 14 "Security Considerations" of RFC 3558.

Public specification:
The EVRC vocoder is specified in 3GPP2 C. S0014. Transfer mnethods
are specified in RFC 3558.

Addi tional information: none

I nt ended usage:

COVWON. It is expected that many Vol P applications (as well as
mobi |l e applications) will use this type.
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Person & email address to contact for further information:
Adam Li
adam i @csl . ucl a. edu

Aut hor/ Change controll er
Adam Li
adam i @ csl . ucl a. edu
| ETF Audi o/ Vi deo Transport Working G oup

12.3. Registration of Media Type SW

Medi a Type Nane: audi o
Medi a Subt ype Nane: SW
Requi red Paraneter: none

Optional paraneters
The foll owi ng paranmeters apply to RTP transfer only.

pti me: Defi ned as usual for RTP audio (see RFC 2327).

July 2003

maxpti me: The maxi mum anount of nedi a which can be encapsul at ed

in each packet, expressed as tine in mlliseconds.

The tinme

SHALL be cal culated as the sumof the time the media present
in the packet represents. The tine SHOULD be a multiple of the
duration of a single codec data frane (20 nmsec). |If not

signal ed, the default naxptine value SHALL be 200
m|liseconds.

maxi nt erl eave: Maxi mum nunber for interleaving length (field LLL
in the Interleaving Cctet). The interleaving | engths used in

the entire session MIUST NOT exceed this maxi num val ue.

signal ed, the nmaxinterleave | ength SHALL be 5

Encodi ng consi derati ons:

If not

This type is defined for transfer of SW-encoded data via RTP
usi ng the Interl eaved/ Bundl ed packet format specified in Section
4.1, 6, and 7 of RFC 3558. It is also defined for other transfer
met hods using the storage format specified in Section 11 of RFC

3558.

Security considerations:
See Section 14 "Security Considerations" of RFC 3558.

Public specification:

The SMV vocoder is specified in 3GPP2 C S0030-0 v2.0.
Transfer nethods are specified in RFC 3558.
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Addi tional information:
The followi ng information applies to storage format only.

Magi ¢ nunber: #! SMAn (see Section 11 of RFC 3558)
File extensions: snmv, SW

Maci ntosh file type code: none

oj ect identifier or AOD: none

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

Person & email address to contact for further information:
Adam Li
adam i @csl . ucl a. edu

Aut hor/ Change controller:
Adam Li
adam i @ csl . ucl a. edu
| ETF Audi o/ Vi deo Transport Working G oup

4. Registration of Media Type SMO

Medi a Type Nane: audi o
Medi a Subt ype Nane: SWO0
Requi red Par aneter: none
Opti onal paraneters: none
Encodi ng consi derati ons: none

This type is only defined for transfer of SW-encoded data via RTP
usi ng the Header-Free packet format specified in Section 4.2 of
RFC 3558.

Security considerations:
See Section 14 "Security Considerations" of RFC 3558.

Public specification:
The SMV vocoder is specified in 3GPP2 C S0030-0 v2.0. Transfer
met hods are specified in RFC 3558.

Addi tional information: none

I nt ended usage:

COVWON. It is expected that many Vol P applications (as well as
mobi |l e applications) will use this type.
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Person & email address to contact for further information:
Adam Li
adam i @csl . ucl a. edu

Aut hor/ Change controller:
Adam Li
adam i @ csl . ucl a. edu
| ETF Audi o/ Vi deo Transport Working G oup

Mappi ng to SDP Paraneters
Pl ease note that this section applies to the RTP transfer only.

The information carried in the MM nmedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)
[6], which is commonly used to describe RTP sessions. Wen SDP is
used to specify sessions enploying the EVRC or EMW codec, the napping
is as follows:

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

o The M ME subtype (payload format name) goes in SDP "a=rtpmap"
as the encodi ng nane.

0 The paraneters "ptine" and "maxptine" go in the SDP "a=ptine"
and "a=maxptime" attributes, respectively.

0 The paraneter "naxinterleave" goes in the SDP "a=fntp"
attribute by copying it directly fromthe MM nedia type
string as "maxinterl eave=val ue".

Sone examnpl es of SDP session descriptions for EVRC and SW encodi ngs
fol | ow bel ow.

Exanpl e of usage of EVRC
mraudi o 49120 RTP/ AVP 97
a=rt pmap: 97 EVRC/ 8000
a=fm p: 97 maxi nterl eave=2
a=maxpti me: 80

Exanpl e of usage of SW

mraudi 0 49122 RTP/ AVP 99
a=rtpmap: 99 SW/0/ 8000
a=fntp: 99

St andards Track [ Page 19]



RFC 3558 RTP Payl oad Format for EVRC and SW July 2003

14.

15.

Li

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

Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [4], and any appropriate profile (for exanple [5]).
This inplies that confidentiality of the nmedia streans is achieved by
encryption. Because the data conpression used with this payl oad
format is applied end-to-end, encryption may be performed after
conmpression so there is no conflict between the two operations.

A potential denial-of-service threat exists for data encodi ng using
conpressi on techni ques that have non-uni formreceiver-end

comput ational |oad. The attacker can inject pathol ogical datagrans
into the stream which are conplex to decode and cause the receiver to
becone overl oaded. However, the encodings covered in this docunent
do not exhibit any significant non-uniformty.

As with any | P-based protocol, in some circunstances, a receiver may
be overl oaded sinply by the receipt of too nmany packets, either
desired or undesired. Network-layer authentication may be used to

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

envi ronment, pruning of specific sources may be inplenented in future
versions of IGW [7] and in multicast routing protocols to allow a
receiver to select which sources are allowed to reach it

Interl eaving may affect encryption. Depending on the used encryption
schene there may be restrictions on, for exanple, the tine when keys
can be changed. Specifically, the key change nay need to occur at

t he boundary between interl eave groups.

Addi ng Support of O her Frane-Based Vocoders
As described above, the RTP packet format defined in this docunment is
very flexible and designed to be usable by other frane-based

vocoder s

Addi tional vocoders using this format MJST have properties as
descri bed in Section 3.3.
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For an eligible vocoder to use the payl oad format nechani sns defi ned
in this docunent, a new RTP payl oad format document needs to be
publi shed as a standards track RFC. That docunent can sinply refer
to this docunent and then specify the follow ng paraneters:

Define the unit used for RTP tine stanp;

Defi ne the nmeani ng of the Mbde Request bits;

Defi ne correspondi ng codec data frame type values for ToC;
Define the conversion procedure for vocoders output data frane;
Define a magi ¢ nunber for storage format, and conplete the
corresponding M ME registration.

OoO0Oo0oo0oo
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Ful I Copyright Statenent
Copyright (C) The Internet Society (2003). All R ghts Reserved.

Thi s docunent and translations of it may be copied and furnished to
others, and derivative works that comment on or otherwi se explain it
or assist in its inplenentation my be prepared, copied, published
and distributed, in whole or in part, without restriction of any

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

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

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