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Abst r act

Thi s docunent specifies the payload format for packetization of
SPIRIT | P-MR encoded speech signals into the Real-tine Transport
Protocol (RTP). The payl oad format supports transm ssion of multiple
frames per packet and introduces redundancy for robustness agai nst
packet | oss and bit errors.

Status of This Meno
This is an Internet Standards Track document.

Thi s docunent is a product of the Internet Engineering Task Force
(IETF). It represents the consensus of the |IETF comunity. It has
recei ved public review and has been approved for publication by the
Internet Engineering Steering Goup (IESG. Further information on
Internet Standards is available in Section 2 of RFC 5741

I nformati on about the current status of this docunent, any errata,
and how to provide feedback on it nay be obtained at
http://ww. rfc-editor.org/info/rfc6262

Copyri ght Notice
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(http://trustee.ietf.org/license-info) in effect on the date of
publication of this docunent. Please review these docunents
carefully, as they describe your rights and restrictions with respect
to this docunent. Code Conponents extracted fromthis docunment nust
include Sinplified BSD License text as described in Section 4.e of
the Trust Legal Provisions and are provided without warranty as
described in the Sinplified BSD License.

Thi s docunent nmay contain material from | ETF Docunments or |ETF

Contri butions published or made publicly avail abl e before Novenber
10, 2008. The person(s) controlling the copyright in some of this
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mat eri al may not have granted the I ETF Trust the right to allow
modi fi cati ons of such material outside the | ETF Standards Process.

W t hout obtaining an adequate |icense fromthe person(s) controlling
the copyright in such materials, this docunent may not be nodified
outside the I ETF Standards Process, and derivative works of it may
not be created outside the | ETF Standards Process, except to fornat
it for publication as an RFC or to translate it into | anguages ot her
than Engli sh.
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1. Introduction

Thi s docunent specifies the payload format for packetization of
SPIRIT | P-MR encoded speech signals into the Real-tine Transport
Protocol (RTP). The payl oad format supports transm ssion of nultiple
frames per packet and introduces redundancy for robustness agai nst
packet | oss and bit errors.

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 [ RFC2119].
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2

| P- MR Codec Description

IP-MR is a wi deband speech codec designed by SPIRIT for conferencing
servi ces over packet-sw tched networks such as the Internet.

IP-MR is a scalable codec. This nmeans that the source not only has
the ability to change transnission rate on the fly, but the gateway
is also able to decrease bandwi dth at any tine w thout performance

overhead. There are 6 coding rates from?7.7 to 34.2 kbps avail abl e.

The codec operates on a frane-by-frame basis with a frane size of 20
ms at a 16 kHz sanpling rate with a total end-to-end delay of 25 ns.
Each conpressed frame is represented as a sequence of |ayers. The
first (base) layer is mandatory while the other (enhancement) |ayers
can be safely discarded. Information about the particular frame
structure is available fromthe payl oad header. |n order to adjust
out goi ng bandwi dth, the gateway MJUST read the franme(s) structure from
t he payl oad header, define which enhancenent |ayers to discard, and
conmpose a new RTP packet according to this specification.

In fact, not all bits within a franme are equally tolerant to
distortion. |IP-MR defines 6 classes ("A'-"F ) of sensitivity to bit
errors. Any damage of class A bits causes significant
reconstruction artifacts while the loss in class 'F may not even be
perceived by the listener. Note that only the base layer in a
bitstreamis represented as a set of classes.

The |1 P-MR payl oad format allows franme duplication through the packets
to inprove robustness agai nst packet |oss (Section 3.6). The base

| ayer can be retransnmitted conpletely or in several sensitive

cl asses. Enchantnent |ayers are not retransmttable.

The fine-grained redundancy in conjunction with bitrate scalability
all ows applications to adjust the trade-off between overhead and

r obust ness agai nst packet | oss. Note that this approach is supported
natively within a packet and requires no out-of-band signals or
session-initialization procedures.

The main I P-MR features are as foll ows:

o High-quality wi deband speech codec

0 Bitrate scalable with 6 average rates from7.7 to 34.2 kbps.

0 Built-in discontinuous transm ssion (DTX) and confort noise
generation (CNG support.
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o0 Flexible in-band redundancy control schene for packet-1o0ss
protecti on.

3. Payl oad For mat
The payl oad format consists of the RTP header and the |IP-M payl oad.
3.1. RTP Header Usage

The format of the RTP header is specified in [ RFC3550]. This payl oad
format uses the fields of the header in a nmanner consistent with that
speci fication.

The RTP timestanp corresponds to the sanmpling instant of the first
sampl e encoded for the first frame-block in the packet. The
timestanp clock frequency SHALL be 16 kHz. The duration of one frane
is 20 ms, which corresponds to 320 sanples per franme. Thus, the
timestanp is increased by 320 for each consecutive franme. The
timestanp is also used to recover the correct decodi ng order of the
frame- bl ocks.

The RTP header marker bit (M SHALL be set to 1 whenever the first
frame-block carried in the packet is the first frane-block in a

tal kspurt (see definition of talkspurt in Section 4.1 of [RFC3551]).
For all other packets, the marker bit SHALL be set to zero (M0).

The assi gnment of an RTP payl oad type for the format defined in this
meno i s outside the scope of this docunent. The RTP profiles in use
currently mandate binding the payl oad type dynamically for this

payl oad format. This is basically necessary because the payl oad type
expresses the configuration of the payload itself, i.e., basic or
interl eaved node, and the nunber of channels carri ed.

The remai ni ng RTP header fields are used as specified in [ RFC3550].
3.2. RTP Payl oad Structure

The |1 P- MR payl oad is conmposed of two payl oads, one for current speech

and one for redundancy. Both payloads are represented in this form

Header, Table of Contents (TOC), and Data. Redundancy payl oad
carries data for preceding and pre-precedi ng packets.

Hommmmm-- Ho---- om o T e
| Header | TOC | Data | Header | TOC | Data |
Fomm oo +--m - - T T T e
| <- Speech ---------cmmmmmi >| <- Redundancy (opt) ---->
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3.3. Speech Payl oad Header

Thi s header carries paraneters that are common for all frames in the
packet :

0 1

012345678901
e S I Sl S S S
[Tl CR | BR |[DAGRI|R
s i i S S B RS

o

T (1 bit): Reserved. MJIST always be set to 0. Receiver MAY
di scard packet if the 'T bit is not equal to O.

0 CR (3 bits): Coding rate index - top enchantnment |ayer avail able.
The CR value 7 (NO DATA) indicates that there is no speech data
(and thus no speech TOC) in the payload. This MAY be used to
transmt redundancy data only.

o0 BR (3 bits): Base rate index - base layer bitrate. Speech payl oad
can be scaled to any rate index between BR and CR  Packets with
BR = 6 or BR > CR MUST be discarded. Redundancy data is al so
consi dered to have a base rate of BR

0o D (1 bit): Reserved. MJST always be set to 1. Receiver MAY
di scard packet if the "D bit is zero.

o A (1 bit): Byte alignnent. The value of 1 specifies that padding
bits were added to enabl e each conpressed frane (3.5) to start
with the byte (8-bit) boundary. The value of 0 specifies
unal igned frames. Note that the speech payload is al ways padded
to the byte boundary independently on an A bit val ue.

0 GR (2 bits): Nunber of frames in packet (grouping size). Actua
grouping size is GR + 1; thus, the nmaxi mum groupi ng supported is
4.

0 R (1 bit): Redundancy presence. Value of 1 indicates redundancy
payl oad presence.

Note that the values of 'T° and 'D bits are fixed; any other val ues

are not allowed by specification. Padding bits ("P bits) MJST
al ways be set to zero
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3.

3.

4.

5

The foll owi ng table defines the mappi ng between rate index and rate
val ue:

R R +
| rate index | avg. bitrate
Fom e e o - oo s +
| 0 | 7.7 kbps
| 1 | 9. 8 kbps
| 2 | 14.3 kbps
| 3 | 20.8 kbps
| 4 | 27.9 kbps
| 5 | 34.2 kbps
| 6 | (reserved) |
| 7 | NO_DATA |
R o e e - +
The value of 6 is reserved. |If receiving this value, the packet MJST

be di scarded.
Speech Payl oad Tabl e of Contents

The speech TOC is a bitnmask indicating the presence of each frane in
the packet. TOC is only available if the 'CR value is not equal to
7 (NO_DATA).

<-- #(CR+1)

o E (1 bit): Franme existence indicator. The value of 0 indicates
speech data is not present for the corresponding frame. The IP-M
encoder sets the '"E' flag to O for the periods of silence in DIX
node. Applications MIUST set this bit to O if the frame is known
to be danmaged.

Speech Payl oad Dat a

Speech data contains (GR+1) conpressed IP-MR franmes (20 ns of data).
A conpressed frane has a length of zero if the corresponding TOC fl ag
is zero

The begi nni ng of each conpressed frame is aligned if the "A bit is
nonzero, while the end of the speech payload is always aligned to a
byte (8-bit) boundary:

I konin St andards Track [ Page 6]



RFC 6262 RTP Payl oad Format for |P-MR Speech Codec August 2011

oo e S S S +

| TOC | Framel | Frane2 | Frane3 | Frane4 |

Fo o et e e oo oo R R R + ALVAYS
| <- aligned |<- aligned |<- aligned |<- aligned |<- ALIGNED

Mar ked regi ons MJUST be padded only if the "A" bit is set to '1'.

The conpressed frame structure is as foll ows:

| <---- sensitive classes ------ > <----- enchantment | ayers -------- >|
o m e e e e e e e aaao o S I Femmm o - e +
| L1 (Base Layer) | L2 | L3 | L4 | | LN |
o m e e e e e e aaa oo S A S e e +
|<- A---><- B-> ... |<- F -> |
|<- BRrate ------------------- >| |
[ <= CR FAt @ --- - - oo oo oo oo oo oo >|

Appendi x A of this docunent provides a helper routine witten in "C'
that MJUST be used to extract sensitivity classes and bounds for the
enchantment | ayers fromthe conpressed franme data.

3.6. Redundancy Payl oad Header
The redundancy payl oad presence is signaled by the 'R bit of the

speech payl oad header. The redundancy header is conposed of two
fields of 3 bits each:

R S
CL1 | CL2 |
B s S

+— +

The 'CL1" and 'CL2' fields both specify the sensitivity classes
avai l abl e for preceding and pre-precedi ng packets respectively.

| C | Redundancy cl asses |
| | avail abl e |

AF
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A receiver can reconstruct the base |ayer of precedi ng packets
conpletely (CL=6) or partially (0<CL< 6) based on the sensitivity

cl asses delivered. A decoder MJST discard the redundancy payl oad if
"CL' is equal to 0 or 7.

Note that the index of the base rate and grouping paraneter is not
transmtted for the redundancy payl oad. Applications MJST assune
that 'BR and 'GR are the sane as for the current packet.

3.7. Redundancy Payl oad Tabl e of Contents
The redundancy TOC is a bitnmask indicating the presence of each frame

in the redundancy payl oad. The redundancy TOC is only available if
the "CL” value is not equal to O or 7.

01

S

| E| E| E| E| E| E| E| E

R S Lk T S

| | <----- >| pre-precedi ng payl oad #(GR+1)
| <----- >| precedi ng payl oad #(GR+1)

0o E (1 bit): Redundancy frame existence indicator. The value of 0
i ndi cates redundancy data is not present for correspondi ng frane.

3.8. Redundancy Payl oad Dat a

I P-MR defines 6 classes (A -'"F') of sensitivity to bit errors. Any
damage of class A bits causes significant reconstruction artifacts
while the loss in class 'F nmay not even be perceived by the
listener. Note that only the base layer in a bitstreamis
represented as a set of classes. Together, the sensitivity cl asses
approach and redundancy allow I P-MR duplicate frames through the
packets to inprove robustness agai nst packet |oss.

Redundancy data carries a nunber of sensitivity classes for preceding
and pre-preceding packets as indicated by the 'CL1' and 'CL2' fields

of the redundancy header. The sensitivity classes’ data is avail able
individually for each frane only if the corresponding 'E bit of the

redundancy TOC i s nonzero:

R L e S R S R S R S R S R S R +
| A-C| A-B| 1000] 1001| cl _Al|cl _Bljcl _Ci|cl _Al|cl _B1|cl_A4|cl _B4|
B L JL T S R, +----- +----- +----- +----- +----- +----- +
|<- CL >|<- TOC ->|<- preceding --->|<- pre-preceding ----- >|
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Redundancy data is only available if the base rates (BRs) and codi ng
rates (CRs) of preceding and pre-precedi ng packets are the same as
for the current packet.

A receiver MAY use redundancy data to conpensate for packet |oss
(note that in this case, the "CL' field MJUST al so be passed to the
decoder). The hel per routine provided in Appendi x A MIST be used to
extract sensitivity classes’ length for each frane. The follow ng
pseudocode describes the sequence of operations:

int sensitivityBits[numO RedundancyFranes]|[6];
i nt redundancyBits [nunmOf RedundancyFranes];
for(i =0 ; i < nunOf RedundancyFranes; i++) {
Get Franel nfo(CR, BR, pRedundancyPayl oadDat a, dumnmy,
sensitivityBits[i], dummy);
redundancyBits[i] = O;
for(j =0; j <CL[i]; j++) {
redundancyBits[i] += sensitivityBits[i][]j];

}
fl ushBit s(pRedundancyPayl oadDat a, redundancyBits[i]);
}

4. Payl oad Exanpl es
This section provides detail ed exanpl es of the |IP-MR payl oad fornmat.
4.1. Payload Carrying a Single Frane

The foll owi ng di agram shows a typical |IP-MR payload carrying one
(GR=0) non-aligned (A=0) speech frane wi thout redundancy (R=0). The
base layer is coded at 7.8 kbps (BR=0) while the coding rate is 9.7
kbps (CR=1). The 'E bit value of 1 signals that conpressed frane
bits s(0) - s(193) are present. There is a padding bit "P to

mai ntai n speech payl oad size alignnent.
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4.

2.

0 1 2 3

01234567890123456789012345678901
B T S T I S S s e g
O|CR=1 |BR=0 | 1|0/ 0 0] 0] 1| s(0) |
i S I i T T i S T -

T S S e it S S S S S s S DU S S i S

+
S
a

!l-— T i S S i T i I S S i SN
L—- i S e i S e S S R i S o S L—
I+- N i S T i S i SR S SRR S S e S I+
!l-— S s I S i S S S S S e !l-
I s(193) | Pl

i I SR SR Sl M DR S

Payl oad Carrying Miultiple Franes with Redundancy

The foll owi ng di agram shows a payl oad carrying 3 (GR=2) aligned (A=1)
speech franmes with redundancy (R=1). The TOC val ue of 101’

i ndi cates speech data present for the first (bits spl(0)-spl(92)) and
third frames (bits sp3(0)-sp3(171)). There are no enchantnent |ayers
because the base and coding rates are equal (BR=CR=0). The padding
bit '"P is inserted to maintain necessary alignnment.

The redundancy payl oad present for both precedi ng and pre-preceding
payl oads (CL1 = A-B, CL2=A), but redundancy data is only avail able
for 5 (TOC="111011") of 6 (2*(GR+1)) frames. There is redundancy
data of 20, 39, and 35 bits for each of the three franes of the
precedi ng packet and 15 and 19 bits for the two frames of the pre-
precedi ng packet.
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5.

0 1 2 3
01234567890123456789012345678901
B T S T I S S s e g
O/|CR=0 |BR=0 |1]1|1 0|1]1 O 1| P]spl(0) |
i S i i S i e
B S T s i S i S S i S i SR SR
B T S T I S S s e S
sp1(92) | P| P| P| sp3(0) |
B T S S i s N DR U DR SR
B S T s i S i S S i S i SR SR
B T S T I S S s e S
B T S S i S S S it SN SRR DR S
B S T s i S i S S i S i SR SR
sp3(171) | P| P| P| P|

i e e e i e e st Sl Sl S S S P8

B S S e i S S T A S S S S S S i S S
CL1=2| CL2=1|1 1 1|0 1 1|redl_1_AB(0) redl_1_AB(19)
i T T e T i i s i i S S S S S e et s o i i S
redl_2_AB(0) |
i T T S i i s i e S S S e S S S T i St I NI S
redl 2 AB(38)|redl_3_AB(0) |
B S S e i S S T A S S S S S S i S S
redl_3_AB(34)|red2_2_A(0) red2_2_A(14)|red2_3_A(0) |
i T T e T i i s i i S S S S S e et s o i i S
red2_3 A(18)]| P| P| P| P|
R e T S o o i

Congestion Control

The general congestion control considerations for transporting RTP
data applicable to | P-MR speech over RTP (see RTP [ RFC3550] and any
applicable RTP profile like the Audio-Visual Profile (AVP)

[ RFC3551]). However, the nulti-rate capability of |IP-MR speech
codi ng provides a nmechanismthat may help to control congestion,
since the bandw dth denand can be adjusted by selecting a different
encodi ng node.

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

i nfluences the overall bandw dth of the RTP stream due to header
overhead constraints. Packetizing nore franes in each RTP payl oad
can reduce the nunber of packets sent and thus reduce the overhead
from| P/ UDP/ RTP headers, at the expense of increased del ay.
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Due to the scalability nature of the IP_MR codec, the transm ssion
rate can be reduced at any transport stage to fit channel bandw dth.
The minimal rate is specified by the BR field of the payl oad header
and can be as low as 7.7 kbps. It is up to the application to keep
the bal ance between coding quality (high BR) and bitstream
scalability (low BR). Because coding quality depends on coding rate
(CR) rather than base rate (BR), it is NOT RECOMVENDED to use hi gh BR
val ues for real-tinme comunications.

Applications MAY utilize bitstreamredundancy to conbat packet | oss.
However, the gateway is free to chose any option to reduce the
transm ssion rate; the coding | ayer or redundancy bits can be
dropped. Due to this fact, it is NOIT RECOWENDED for applications to
increase the total bitrate when addi ng redundancy in response to
packet | oss.

6. Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [ RFC3550] and in any applicable RTP profile. The main
security considerations for the RTP packet carrying the RTP payl oad
format defined within this neno are confidentiality, integrity, and
source authenticity. Confidentiality is achieved by encryption of
the RTP payload. Integrity of the RTP packets is achieved through a
sui tabl e cryptographic integrity-protection mechanism Such a
cryptographi c systemmay also allow the authentication of the source
of the payload. A suitable security nechanismfor this RTP payl oad
format shoul d provide confidentiality, integrity protection, and
source authentication at |east capable of determning if an RTP
packet is froma nenber of the RTP session.

Note that the appropriate nechanisns to provide security to RTP and
payl oads following this nmeno may vary. The security nmechanisns are
dependent on the application, the transport, and the signaling
protocol enployed. Therefore, a single mechanismis not sufficient;
al though if suitable, usage of the Secure Real -time Transport
Protocol (SRTP) [RFC3711] is recommended. Oher nechanisns that nmay
be used are I Psec [ RFC4301] and Transport Layer Security (TLS)

[ RFC5246] (RTP over TCP); other alternatives may exist.

Thi s payl oad format does not exhibit any significant non-uniformty
in the receiver-side conputational conplexity for packet processing
and thus is unlikely to pose a denial -of-service threat due to the
recei pt of pathol ogi cal data.
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7. Payl oad Format Paraneters

Thi s section describes the nedia types and nanes associated with this
payl oad fornat.

The I P-MR nedia subtype is defined as '"ip-mr_v2.5 . This subtype was
registered to specify an internal codec version. Later, this version
was accepted as final, the bitstreamwas frozen, and IP-MR v2.5 was
publ i shed under the name of IP-MR  Currently, the terns 'IP-MR and
"IP-MR v2.5 are synonyns. The subtype nane "ip-nr_v2.5 is being
used in inplenmentations.

7.1. Media Type Registration
Medi a Type nane: audi o
Medi a Subtype nane: ip-nr_v2.5
Requi red parameters: none

Optional parameters
These paraneters apply to RTP transfer only.

ptinme: The nedia packet length in mlliseconds. Allowed val ues
are: 20, 40, 60, and 80.

Encodi ng consi derati ons:
This nedia type is franed and binary (see RFC 4288, Section 4.8).

Security considerations:
See Section 6 of RFC 6262.

Interoperability considerations:
none

Publ i shed specification:
RFC 6262

Applications that use this nedia type:
Real -time audio applications |Iike voice over |IP,
tel econference, and nultinmedi a streaning.

Addi tional information:
none

Person & email address to contact for further information:
V. Sviridenko <vladimrs@piritdsp.conpr
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I nt ended usage:
COVMON

Restrictions on usage:
This nedi a type depends on RTP framing and thus is only defined
for transfer via RTP [ RFC3550].

Aut hor s:
Sergey lkonin <info@piritdsp.conp
Dmitry Yudin <info@piritdsp.conr

Change controller
| ETF Audi o/ Vi deo Transport working group del egated fromthe | ESG

7.2. Mapping Media Type Parameters into SDP

The information carried in the nedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)

[ RFC4566], which is commpnly used to describe RTP sessions. Wen SDP
is used to specify sessions enmploying the I P-MR codec, the mapping is
as foll ows:

o0 The nedia type ("audi 0") goes in SDP "m=" as the nedi a nane.

o0 The medi a subtype (payl oad format nanme) goes in SDP "a=rtpnap" as
the encodi ng name. The RTP clock rate in "a=rtpmap" MJST be
16000.

0 The paraneter "ptinme" goes in the SDP "a=ptinme" attribute.

Any remaining parameters go in the SDP "a=fntp" attribute by copying

themdirectly fromthe nmedia type parameter string as a semi col on-

separated |ist of paraneter=val ue pairs.

Note that the payload format (encoding) nanmes are commonly shown in

uppercase. Media subtypes are commonly shown in | owercase. These

names are case-insensitive in both places.
8. | ANA Consi derations

One nedia type (ip-m_v2.5) has been defined and registered in the
medi a types registry.
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Appendi x A.  Retrieving Frane |nformation

Thi s appendi x contains the C code for inplenentation of the frame-
parsing function. This function extracts information about a coded
franme, including franme size, nunber of l|ayers, size of each |ayer,
and size of perceptual sensitive classes.

A1, get frane_info.c
/*

Copyright (c) 2011 | ETF Trust and the persons identified as
authors of the code. Al rights reserved.

Redi stri bution and use in source and binary forns, with or without
nodi fication, are permtted provided that the followi ng conditions
are met:

- Redistributions of source code nust retain the above copyright
notice, this list of conditions and
the follow ng disclainer.

- Redistributions in binary form nust reproduce the above copyri ght
notice, this list of conditions and the follow ng disclaimer in the
docunent ati on and/or other materials provided with the
di stribution.

- Neither the nanme of Internet Society, |ETF or | ETF Trust, nor the
nanes of specific contributors, nmay be used to endorse or pronote
products derived fromthis software without specific prior witten
per mi ssi on.

TH'S SOFTWARE | S PROVI DED BY THE COPYRI GHT HOLDERS AND CONTRI BUTORS
"AS 1'S" AND ANY EXPRESS OR | MPLI ED WARRANTI ES, | NCLUDI NG BUT NOT
LIMTED TO, THE | MPLI ED WARRANTI ES OF MERCHANTABI LI TY AND FI TNESS FCOR
A PARTI CULAR PURPCSE ARE DI SCLAI MED. | N NO EVENT SHALL THE COPYRI GHT
OMER OR CONTRI BUTORS BE LI ABLE FOR ANY DI RECT, | NDI RECT, | NCI DENTAL,
SPECI AL, EXEMPLARY, OR CONSEQUENTI AL DAMAGES (| NCLUDI NG, BUT NOT
LIMTED TO, PRCCUREMENT OF SUBSTI TUTE GOCDS OR SERVI CES; LOSS OF USE,
DATA, OR PROFITS; OR BUSI NESS | NTERRUPTI ON) HOWNEVER CAUSED AND ON ANY
THEORY OF LI ABILITY, WHETHER I N CONTRACT, STRICT LIABILITY, OR TORT
(1 NCLUDI NG NEGLI GENCE OR OTHERW SE) ARI SING | N ANY WAY OUT OF THE USE
OF TH'S SOFTWARE, EVEN | F ADVI SED OF THE PGSSI BI LI TY OF SUCH DAMAGE

*/

/******************************************************************
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get _frame_info.c

Retrieving frame information for

RTP Payl oad Format for
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I P- MR Speech Codec

******************************************************************/

#defi ne RATES_NUM 6
#define SENSE_CLASSES 6

[l frame types
#def i ne FT_SPEECH 0
#define FT_DTX SID 1

/1l nunber of codec rates
/1 number of sensitivity classes (A .F)

/] active speech
/1 silence insertion descriptor

/1 get specified bit fromcoded data

int GetBit(const unsigned
{

char *buf, int curBit)

return (buf[curBit>>3]>>(curBity8)) &1;

}
/[l retrieve frame information
i nt Get Franel nf o( [l o: frame size in bits
short rate, /1 i: encoding rate (0..5)
short base rate, /1 i: base (core) layer rate,
const unsigned char buf[2], // i: coded bit frane
int size, [l i: coded bit franme size in bytes
short plLayer Bi t s[ RATES_NUM , /1 o: nunber of bits in |ayers
short pSenseBits[ SENSE_CLASSES], // o: number of bits in
/1 sensitivity cl asses
short *nLayers /1 o: nunber of |ayers
)
{
static const short Bits_1[4] = 0, 9, 9,15};
static const short Bits_2[16] = { 43,50, 36, 31, 46, 48, 40, 44,
47,43, 44, 45, 43, 44, 47, 36} ;
static const short Bits 3[2][6] = {{13, 11, 23, 33, 36, 31},
{25, 0, 23,32,36,31},};
int FrType;
int i, nBits = 0;
if (rate <0 || rate > 5) {
return 0; // incorrect stream
}
/1 extract frame type bit if required
Fr Type = GetBit(buf, nBits++) ? FT_SPEECH : FT_DTX SI D
if((FrType !'= FT_DTX SID && size < 2) || size < 1) {
return 0; // not enough input data
I konin St andards Track [ Page 17]
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}

for(i = 0; i
pSenseBits[i]

int cwO;
int b[14];

RTP Payl oad Format for

< SENSE
= 0;

| P- MR Speech Codec August 2011

CLASSES; i++) {

/1 extract neaning bits

for(i =0 ; i
b[i] =

[l parse

i f(FrType
cw 0 =
rate = 0;
pSenseBi ts[ 0]
se {

} el

int i, idx;
int nFlag_1,

nFlag 1
cw_ 1
cw_ 1
cw_ 1
cw_ 1

(cw_
(cw_
(cw_
(cw_

EEEE
I—‘I—‘I—‘I—‘

nFlag 2 =
cw_2
cw_2
cw_2
cw_2

(cw 2
(cw 2
(cw_2
(cw_2

cw 0 = (b[10]

|f(bmerMe<0)
if (base_rate >
= base rate ==

i dx

pSenseBit s[ 0]
pSenseBits[1]

pSenseBi ts[ 2]
pSenseBits[ 3]

< 14,
Get Bi t ( buf,

i++) {

nBits++);

FT_DTX _SI D)
(b[0]<<0)|(b[1]<<1)|(b[2]<<2)|(b[3]<<3)

= 10 + Bits_2[cw 0];

nFlag_2, cw_ 1, cw_ 2;

b[0] + b[2] + b[4] + b[6];
b

<<
<<
<<
<<

1
1
N
1)

0];
b[ 2] ;
b[ 4] ;
b[ 6] ;

b[1] + b[3] + b[5] + b[7];

<<
<<
<<
<<

3
1) | b[1];
1) |
1) |
1) |
<<0) | (b[ 11] <<1) | (b[ 12] <<2) | (b[ 13] <<3) ;
base_rate = 0;
rate) M%JMe=rma
0?20: 1

15+Bits_2[cw 0];
Bits_1[(cw_1>>0) &0x3] +
Bits 1[ (cw_1>>2) &0x3];
nFl ag _1*5;

nFl ag_2*30;
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pSenseBits[5] = (4 - nFlag_2)*(Bits_3[idx][0]);

for (i =1; i
pLayerBits[i]

}
pLayerBits[0] = O;
for (i = 0; i < SENSE_CLASSES;

< rate+l;
= 4*Bits 3[idx][i];

i ++)

i++) {

pLayerBits[0] += pSenseBits[i];

*nLayers = rate+l;

i++) {

}
{ .
/1 count total frame size
i nt payl oadBi t Count = O;
for (i = 0; i < *nLayers;
payl oadBi t Count += pLayerBits[i];
return payl oadBit Count;
}

}
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