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Abstr act

Thi s docunent describes an RTP payload format for transporting audio
data using the AC3 audi o conpression standard. AC-3 is a high
quality, nultichannel audio coding systemthat is used for United
States HDTV, DVD, cable television, satellite television and other
medi a. The RTP payl oad format presented in this docunent includes
support for data fragnentation.

1. I nt roducti on

AC-3 [ATSC] is a high-quality audi o codec (audi o coding fornat)
designed to encode nultiple channels of audio into a low bit-rate
format. AC- 3 achieves its large conpression ratios via encoding a
mul tiplicity of channels as a single entity. Dolby Digital, which is
a branded version of AC- 3, encodes up to 5.1 channels of audio.

AC- 3 has been adopted as an audi o conpressi on schene for nany
consuner and professional applications. It is a mandatory audio
codec for DVD video, Advanced Tel evi sion Standards Conmmittee (ATSC)
digital terrestrial television and Digital Living Network Alliance
(DLNA) home networking, as well as an optional nultichannel audio
format for DVD- audi o.

There is a need to stream AC-3 data over |IP networks. The Internet
Real Time Protocol (RTP) provides a nechanismfor stream
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synchroni zati on and hence serves as the best transport solution for
AC-3, which is primarily used in audio-for-video applications.
Applications for streanmi ng AC-3 include stream ng novies froma hone
medi a server to a display, video on demand, and multichannel |nternet
radi o.

Section 2 gives a brief overview of the AC-3 algorithm Section 3
specifies values for fields in the RTP header, while Section 4
specifies the AC-3 payload fornmat. Section 5 discusses nedia types
and SDP usage. Security considerations are covered in Section 6,
congestion control in Section 7, and | ANA considerations in Section
8. References are given in Sections 9 and 10.

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [ RFC2119].

2. Overview of AC 3

AC-3 can deliver up to 5.1 channels of audio at data rates

approxi mately equal to half of one PCM channel [ATSC], [1994AC3],
[1996AC3]. The ".1" refers to a band-limted, optional, |ow
frequency effects (LFE) channel. AC-3 was designed for signals
sanpled at rates of 32, 44.1, or 48 kHz. Data rates can vary between
32 kbps and 640 kbps, depending on the nunber of channels and the
desired quality.

AC- 3 expl oits psycho-acoustic phenonena that cause a significant
fraction of the information contained in a typical audio signal to be
i naudi bl e. Substantial data reduction occurs via the renoval of

i naudi bl e i nfornmation contained in an audio stream Source coding
techni ques are further used to reduce the data rate.

Li ke nost perceptual coders, AC-3 operates in the frequency domain.
A 512-point TDAC transformis taken with 50% overl ap, providi ng 256
new frequency sanples. Frequency sanples are then converted to
exponents and manti ssas. Exponents are differentially encoded.
Manti ssas are allocated a varying nunber of bits depending on the
audi bility of the associated spectral conponents. Audibility is
determ ned via a nmasking curve. Bits for mantissas are all ocated
froma global bit pool

2.1. AC-3 Bit Stream
AC-3 bit streanms are organi zed into synchronization frames. Each
AC-3 frane contains a Synchroni zation Information (SlI) field, a Bit

Stream Information (BSI) field, and 6 audio bl ocks (ABs) that each
represent 256 PCM sanples for all channels. The frame ends with an
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optional auxiliary data field (AUX) and an error correction field
(CRC). The entire frame represents the tinme duration of 1536 PCM
sanmpl es across all coded channels [ATSC]. AC 3 encodes audi o sanpl ed
at 32 kHz, 44.1 kHz, and 48 kHz. From Annex A, Part 2, of [ATSC],
the tinme duration of an AC-3 frane varies with the sanpling rate as

fol | ows:
Sanmpling rate Frame duration
48 kHz 32 ns
44.1 kHz approx. 34.83 ns
32 kHz 48 ns

Figure 1 shows the AC-3 frame format.

e i Ak Tk T SIS A S MR e
|SI |BSI|] ABO | AB1 | AB2 | AB3 | AB4 | AB5 |AUX CRC
S S R i S S S R ¥

Figure 1. AC 3 Frane For nat

The Synchroni zation Information field contains information needed to
acquire and naintain codec synchroni zation. The Bit Stream
Information field contains paraneters that describe the coded audio
service [ATSC]. Each audio block contains fields that indicate the
use of various coding tools: block swtching, dither, coupling, and
exponent strategy. They also contain netadata, optionally used to
enhance the playback, such as dynam c range control. Finally, the
exponents and bit allocation data needed to decode the mantissas into
audi o data, and the mantissas themsel ves, are included. The

pl acement of these fields in an AC-3 audio block is shown in Figure
2. The fields shown in this figure are described in detail in
[ATSC]. Note that field sizes vary dependi ng on the coded dat a.
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|
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Figure 2. AC-3 Audi o Bl ock For mat
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3.

RTP AC-3 Header Fields

o Payl oad Type (PT): The assignment of an RTP payl oad type for this
packet format is outside the scope of this document. It is
specified by the RTP profile under which this payload format is
used, or signaled dynamically out-of-band (e.g., using SDP).

o Marker (M bit: The Mbit is set to one to indicate that the RTP
packet payload contains at |east one conplete AC-3 frane or
contains the final fragment of an AC- 3 frane.

0 Extension (X) bit: Defined by the RTP profile used.

o Timestanp: A 32-bit word that corresponds to the sanpling instant
for the first AC-3 frame in the RTP packet. Packets containing
fragments of the sane frame MJST have the sane tinme stanp. The
timestanp of the first RTP packet sent SHOULD be sel ected at
random Thereafter, the tinmestanp increases linearly with the
nunber of sanples included in each frame (i.e., by 1536 for each
frame).

RTP AC- 3 Payl oad For mat

This payload format is defined for AC-3, as defined in the nain part
and Annex D of [ATSC]. It is not defined for E-AC-3, as defined in
Annex E of [ATSC], and it MJST NOT be used to carry E-AC 3.

According to [ RFC2736], RTP payl oad formats should contain an

i ntegral nunber of application data units (ADUs). The AC-3 frame
corresponds to an ADU, in the context of this payload format. Each
RTP payl oad MJUST start with the two-byte payl oad header followed by
an integral nunber of conplete AC-3 franes or by a single fragnment of
an AC-3 frane.

If an ACG-3 frame exceeds the MIU for a network, it SHOULD be
fragmented for transnission within an RTP packet. Section 4.2
provi des guidelines for creating frane fragnents.
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4.1. Payl oad- Speci fi ¢ Header
There is a two-octet Payl oad Header at the begi nning of each payl oad.
4.1.1. Payl oad Header

Each AC-3 RTP payl oad MJST begin with the payl oad header shown in
Fi gure 3.

0 1
0123456789012345
B S S S S 3

| MBZ | FT]| NF
S S S

Figure 3. AC 3 RTP Payl oad Header
0o MBZ (Must Be Zero): Bits marked MBZ SHALL be set to the value zero
and SHALL be ignored by receivers. The bits are reserved for

future extensions.

o FT (Frane Type): This two-bit field indicates the type of frame(s)

present in the payload. It takes the foll ow ng val ues:

0 - One or nore conplete franes

1 - Initial fragnment of frane which includes the first 5/8ths of
the frame. (See Section 4.2.)

2 - Initial fragment of frane, which does not include the first

5/8ths of the frane.
3 - Fragnent of franme other than initial fragment. (Note that M
bit in RTP header is set for final fragment).

o NF (Nurber of franes/fragnents): An 8-bit field whose neaning
depends on the Frame Type (FT) in this payload. For conplete
frames (FT of 0), it is used to indicate the nunmber of AC 3 franes
in the RTP payload. For frane fragnments (FT of 1, 2, or 3), it is
used to indicate the nunber fragnents (and therefore packets) that
make up the current frane. NF MJST be identical for packets
contai ning fragnments of the sane frame
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Figure 4 shows the full AC 3 RTP payl oad fornat.

e e o h ok o R e -+ - -+
| Payload | Frame | Frane | | Frane

| Header | (1) [ (2) | | (n) |
B S R S i i o +- - - -+

Figure 4. Full AC-3 RTP payl oad

When receiving AC- 3 payloads with FT = 0 and nore than a single frame
(NF > 1), a receiver needs to use the "frnsizecod" field in the
Synchroni zation Information (syncinfo) block in each AC-3 frane to
deternmine the frane’s length. That way a receiver can deternine the
boundary of the next frame. Note that the frame length may vary from
frame to frane.

4.2. Fragnentation of AC 3 Franes

The size of an AC-3 frane depends on the sanple rate of the audio and
the data rate used by the encoder (which are indicated in the
"Synchroni zation Information" header in the ACG3 frane). The size of
a frame, for a given sanple rate and data rate, is specified in Table
5.18 ("Frame Size Code Table") of [ATSC]. This table shows that AC 3
frames range in size froma mininumof 128 bytes to a nmaxi num of 3840
bytes. If the size of an AC-3 frame exceeds the MIU size, the frane
SHOULD be fragnented at the RTP level. The fragmentation MAY be
performed at any byte boundary in the frane. RTP packets contai ning
fragments of the sane AC-3 frame SHALL be sent in consecutive order,
fromfirst to last fragnent. This enables a receiver to assenble the
fragments in correct order.

Wien an AC-3 frame is fragnented, it MAY be fragmented such that at
| east the first 5/8ths of the frame data is in the first fragnment.
This provides greater resilience to packet loss. This initial
portion of any frame is guaranteed to contain the data necessary to
decode the first two blocks of the frane. Any frane fragnents other
than those containing the first 5/8ths of frane data are only
decodabl e once the conplete frame is received. The 5/8ths point of
the frame is defined in Table 7.34 ("5/8 _frame Size Table") of

[ ATSC] .
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5. Types and Nanes
5.1. Media Type Registration

This registration uses the tenplate defined in [ DRAFT- FREED] and
fol l ows RFC 3555 [ RFC3555].

o Type nane: audi o
0 Subtype nane: ac3
0 Required paraneters

rate: The RTP tinmestanp clock rate that is equal to the audio
sanpling rate. Pernitted rates are 32000, 44100, and 48000.

0 Optional paraneters:
channel s: From a sender, the nmaxi num nunber of channels present in
the AC3 stream Froma receiver, the maxi num nunber of out put
channel s the receiver will deliver. This MJST be a nunber
between 1 and 6. The LFE (".1") channel MJST be counted as one
channel. Note that the channel order used in AC-3 differs from
t he channel order schene in [RFC3551]. The AC-3 channel order
schene can be found in Table 5.8 of [ATSC.
ptime: See RFC 2327 [ RFC2327].
maxptime: See RFC 3267 [ RFC3267].
0 Encodi ng consi derati ons:

This media type is franed (see section 4.8 in [ DRAFT- FREED])
and contai ns binary data.

0 Security considerations:
See Section 6 of this docunent.
0 Interoperability considerations:
None
0 Published specification

Thi s payl oad format specification and see [ ATSC]
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0 Applications that use this nedia type:
Mul ti channel audi o conpression of audio and audio for video.
0 Additional Information
Magi ¢ nunber (s):
The first two octets of an AC-3 franme are al ways the
synchroni zati on word, which has the hex val ue 0x0B77.

o Person & email address to contact for further infornation

Bri an Li nk <bdl @lol by. conr
| ETF AVT wor ki ng group

o Intended Usage:
COVVON

0 Restrictions on usage:
This media type depends on RTP fram ng, and hence is only
defined for transfer via RTP [RFC3550]. Transport wi thin other
fram ng protocols is not defined at this tine.

Aut hor/ Change controller

| ETF Audi o/ Video Transport Working Goup del egated fromthe
| ESG

5.2. SDP Usage
The information carried in the MM nedia type specification has a
specific mapping to fields in the Session Description Protocol (SDP)
[ RFC2327], which is comonly used to describe RTP sessions. Wen SDP
is used to specify sessions enploying AC-3, the mapping is as
fol | ows:
0 The Media type ("audio") goes in SDP "m=" as the nedi a nane.

0 The Media subtype ("ac3") goes in SDP "a=rtpmap" as the encoding
name.

0 The required paraneter "rate" also goes in "a=rtprmap" as the clock
rate, optionally followed by the paraneter "channel".

o The optional paranmeters "ptinme" and "nmaxptinme" go in the SDP
"a=ptinme" and "a=naxptinme" attributes, respectively.
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6.

An exanpl e of the SDP data for AC 3:

mFaudi o 49111 RTP/ AVP 100
a=rtpmap: 100 ac3/ 48000/ 6

Certain considerations are needed when SDP is used to perform
of fer/ answer exchanges [ RFC3264].

o The "rate" is a symetric paraneter, and the answer MJST use
the sane val ue or renove the payl oad type

o The "channel s" paraneter is declarative and indicates, for
recvonly or sendrecv, the desired channel configuration to
receive, and for sendonly, the intended channel configuration
to transmit. All receivers are capable of receiving any of the
defined channel configurations, and the parameter exchange
m ght be used to help optinize the transm ssion to the nunber
of channels the receiver requests. |f the "channel s" paraneter
is omtted, a default maxi numvalue of 6 is inplied.

o The "ptime" and "nmaxptinme" paraneters are negotiated as defined
for "ptine" in RFC 3264 [ RFC3264].

Security Considerations

The payl oad format described in this docunent is subject to the
security considerations defined in the RTP specification [ RFC3550]
and in any applicable RTP profile (e.g., [RFC3551]). To protect the
user’s privacy and any copyrighted material, confidentiality
protection would have to be applied. To also protect against

nodi fication by internmediate entities and ensure the authenticity of
the stream integrity protection and authentication would be
required. Confidentiality, integrity protection, and authentication
have to be provided by a nechanismexternal to this payl oad fornmat,
e.g., SRTP [RFC3711].

The AC-3 format is designed so that the validity of data frames can
determ ned by decoders. A decoder that encounters a mal forned franme
di scards the mal fornmed data and conceals the errors in the audio
output until a valid frame is detected and decoded. This is expected
to prevent crashes and other abnormal decoder behavior in response to
errors or attacks.

Congestion Control
The general congestion control considerations for transporting RTP

data apply to AC-3 audio over RTP as well. See the RTP specification
[ RFC3550] and any applicable RTP profile (e.g., [RFC3551]).
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AC-3 encoders nay use a range of bit rates to encode audi o data, so
it is possible to adapt network bandwi dt h by adjusting the encoder
bit rate in real tinme or by having multiple copies of content encoded
at different bit rates. Additionally, packing nore frames in each
RTP payl oad can reduce the nunber of packets sent and hence the
overhead from | P/ UDP/ RTP headers, at the expense of increased del ay
and reduced robustness agai nst packet | osses.

8. | ANA Consi derations
A new nedi a subtype has been assigned for AC-3; see Section 5.1.
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