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The Advanced Television Systems Committee, Inc., is an international, non-profit organization
developing voluntary standards for digital television. The ATSC member organizations represent
the broadcast, broadcast equipment, motion picture, consumer electronics, computer, cable,
satellite, and semiconductor industries. Specifically, ATSC is working to coordinate television
standards among different communications media focusing on digital television, interactive
systems, and broadband multimedia communications. ATSC is also developing digital television
implementation strategies and presenting educational seminars on the ATSC standards.

ATSC was formed in 1982 by the member organizations of the Joint Committee on
InterSociety Coordination (JCIC): the Electronic Industries Association (EIA), the Institute of
Electrical and Electronic Engineers (IEEE), the National Association of Broadcasters (NAB), the
National Cable and Telecommunications Association (NCTA), and the Society of Motion Picture
and Television Engineers (SMPTE). Currently, there are approximately 160 members
representing the broadcast, broadcast equipment, motion picture, consumer electronics,
computer, cable, satellite, and semiconductor industries.

ATSC Digital TV Standards include digital high definition television (HDTV), standard
definition television (SDTV), data broadcasting, multichannel surround-sound audio, and
satellite direct-to-home broadcasting.
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Recommended Practice A/54A:
Guide to the Use of the ATSC Digital Television Standard

1. SCOPE

This guide provides tutorial information and an overview of the digital television system defined
by ATSC Standard A/53, ATSC Digital Television Standard. In addition, recommendations are
given for operating parameters for certain aspects of the DTV system.

2. REFERENCES

2.1 Normative References
There are no normative references.

2.2 Informative References

1. AES 3-1992 (ANSI S4.40-1992): “AES Recommended Practice for digital audio engineering
— Serial transmission format for two-channel linearly represented digital audio data,” Audio
Engineering Society, New York, N.Y.

2. ANSI S1.4-1983: “Specification for Sound Level Meters.”

3. ATSC IS-191 (2003): “DTV Lip Sync at Emission Encoder Input: ATSC IS Requirements
for a Recommended Practice,” Advanced Television Systems Committee, Washington, D.C.

4. ATSC Standard A/52A (2001): “Digital Audio Compression (AC-3),” Advanced Television
Systems Committee, Washington, D.C., August 20, 2001.

5. ATSC Standard A/53B (2001) with Amendment 1 (2002) and Amendment 2 (2003): “ATSC
Digital Television Standard,” Advanced Television Systems Committee, Washington, D.C.,
carrying the cover date of August 7, 2001.

6. ATSC Standard A/65B (2003): “Program and System Information Protocol,” Advanced
Television Systems Committee, Washington, D.C., March 18, 2003.

7. ATSC Standard A/70 (2000): “Conditional Access System for Terrestrial Broadcast with
Amendment,” Advanced Television Systems Committee, Washington, D.C., May 31, 2000.

8. IEC 651 (1979): “Sound Level Meters.”

9. 1EC 804 (1985), Amendment 1 (1989): “Integrating/Averaging Sound level Meters.”

10. IEEE Standard 100-1992: The New IEEE Standard Dictionary of Electrical and Electronic
Terms, Institute of Electrical and Electronics Engineers, New York, N.Y.

11. ISO/IEC 11172-1, “Information Technology - Coding of moving pictures and associated
audio for digital storage media at up to about 1.5 Mbit/s - Part 1: Systems.”

12. ISO/IEC 11172-2, “Information Technology - Coding of moving pictures and associated
audio for digital storage media at up to about 1.5 Mbit/s - Part 2: Video.”

13. ISO/IEC IS 13818-1:2000 (E), International Standard, Information technology — Generic
coding of moving pictures and associated audio information: Systems.

14. ISO/IEC IS 13818-2, International Standard (1996), MPEG-2 Video.

15. ISO/IEC IS 13818-1:2000 (E), International Standard, Information technology — Generic
coding of moving pictures and associated audio information: Systems.

16. ISO/IEC CD 13818-4, MPEG Committee Draft (1994): “MPEG-2 Compliance.”

17. ITU-R BT. 601-4 (1994): “Encoding parameters of digital television for studios.”

18. ITU-R BT.601-5 (1995): Encoding Parameters of Digital Television for Studios.
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19. SMPTE 125M (1995): “Standard for Television—Component Video Signal 4:2:2, Bit-
Parallel Digital Interface,” Society of Motion Picture and Television Engineers, White Plains,
N.Y.

20. SMPTE 170M (1999): “Standard for Television—Composite Analog Video Signal, NTSC
for Studio Applications,” Society of Motion Picture and Television Engineers, White Plains,
NY.

21. SMPTE 267M (1995): “Standard for Television—Bit-Parallel Digital Interface, Component
Video Signal 4:2:2 16 x 9 Aspect Ratio,” Society of Motion Picture and Television
Engineers, White Plains, N.Y.

22. SMPTE 274M (1998): “Standard for Television—1920 X 1080 Scanning and Analog and
Parallel Digital Interfaces for Multiple Picture Rates,” Society of Motion Picture and
Television Engineers, White Plains, N.Y.

23. SMPTE 293M (2003): “Standard for Television—720 X 483 Active Line at 59.94-Hz
Progressive Scan Production, Digital Representation,” Society of Motion Picture and
Television Engineers, White Plains, N.Y.

24. SMPTE 296M (2001): :Standard for Television—1280 x 720 Progressive Image Sample
Structure, Analog and Digital Representation and Analog Interface, Society of Motion
Picture and Television Engineers, White Plains, N.Y.

25. SMPTE/EBU: “Task Force for Harmonized Standards for the Exchange of Program Material
as Bitstreams - Final Report: Analyses and Results,” Society of Motion Picture and
Television Engineers, White Plains, N.Y., July 1998.

26. SMPTE Recommended Practice 202 (2002): “Video Alignment for MPEG Coding,” Society
of Motion Picture and Television Engineers, White Plains, N.Y., 2002.

27. Digital TV Group: “Digital Receiver Implementation Guidelines and Recommended
Receiver Reaction to Aspect Ratio Signaling in Digital Video Broadcasting,” Issue 1.2,
August 2000.

3. DEFINITIONS

The following definitions are included here for reference but the precise meaning of each may
vary slightly from standard to standard. Where an abbreviation is not covered by IEEE practice,
or industry practice differs from IEEE practice, then the abbreviation in question will be
described in Section 3.3 of this document. Many of the definitions included therein are derived
from definitions adopted by MPEG.

3.1 Treatment of Syntactic Elements

This document contains symbolic references to syntactic elements used in the audio, video, and
transport coding subsystems. These references are typographically distinguished by the use of a
different font (e.g., restricted), may contain the underscore character (e.g., sequence_end_code) and
may consist of character strings that are not English words (e.g., dynrng).

3.2 Terms Employed

For the purposes of the Digital Television Standard, the following definitions apply:

ACATS Advisory Committee on Advanced Television Service.

access unit A coded representation of a presentation unit. In the case of audio, an access unit is
the coded representation of an audio frame. In the case of video, an access unit includes all
the coded data for a picture, and any stuffing that follows it, up to but not including the start
of the next access unit. If a picture is not preceded by a group_start code or a
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sequence_header_code, the access unit begins with a picture start code. If a picture is preceded
by a group_start_code and/or a sequence_header_code, the access unit begins with the first byte of
the first of these start codes. If it is the last picture preceding a sequence_end_code in the bit
stream, all bytes between the last byte of the coded picture and the sequence_end_code
(including the sequence_end_code) belong to the access unit.

A/D Analog to digital converter.
AFT Active format description.
AES Audio Engineering Society.

anchor frame A video frame that is used for prediction. I-frames and P-frames are generally
used as anchor frames, but B-frames are never anchor frames.

ANSI American National Standards Institute.

asynchronous transfer mode (ATM) A digital signal protocol for efficient transport of both
constant-rate and bursty information in broadband digital networks. The ATM digital stream
consists of fixed-length packets called “cells,” each containing 53 8-bit bytes—a 5-byte
header and a 48-byte information payload.

ATM See asynchronous transfer mode.
ATTC Advanced Technology Test Center.
AWGN Additive white Gaussian noise.

bidirectional pictures or B-pictures or B-frames Pictures that use both future and past pictures
as a reference. This technique is termed bidirectional prediction. B-pictures provide the most
compression. B-pictures do not propagate coding errors as they are never used as a reference.

bit rate The rate at which the compressed bit stream is delivered from the channel to the input of
a decoder.

block A block is an 8-by-8 array of pel values or DCT coefficients representing luminance or
chrominance information.

bps Bits per second.

byte-aligned A bit in a coded bit stream is byte-aligned if its position is a multiple of 8-bits from
the first bit in the stream.

channel A digital medium that transports a digital television stream.

coded representation A data element as represented in its encoded form.

compression Reduction in the number of bits used to represent an item of data.

constant bit rate Operation where the bit rate is constant from start to finish of the compressed
bit stream.

conventional definition television (CDTV) This term is used to signify the analog NTSC
television system as defined in ITU-R Recommendation 470. See also standard definition
television and ITU-R Recommendation 1125.

CRC The cyclic redundancy check used to verify the correctness of the data.
D-frame A frame coded according to an MPEG-1 mode that uses dc coefficients only.
data element An item of data as represented before encoding and after decoding.
DCT See discrete cosine transform.

decoded stream The decoded reconstruction of a compressed bit stream.

decoder An embodiment of a decoding process.

decoding (process) The process defined in the Digital Television Standard that reads an input
coded bit stream and outputs decoded pictures or audio samples.

10
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decoding time-stamp (DTS) A field that may be present in a PES packet header which indicates
the time that an access unit is decoded in the system target decoder.

DFS Data field synchronization.

digital storage media (DSM) A digital storage or transmission device or system.

discrete cosine transform A mathematical transform that can be perfectly undone and which is
useful in image compression.

DSM-CC Digital storage media command and control.

DSM Digital storage media.

DSS Data segment synchronization.

DTYV Digital television, the system described in the ATSC Digital Television Standard.

DTS See decoding time-stamp.

D/U Desired (signal) to undesired (signal) ratio.

DVCR Digital video cassette recorder

editing A process by which one or more compressed bit streams are manipulated to produce a
new compressed bit stream. Conforming edited bit streams are understood to meet the
requirements defined in the Digital Television Standard.

elementary stream (ES) A generic term for one of the coded video, coded audio, or other coded
bit streams. One elementary stream is carried in a sequence of PES packets with one and only
one stream_id.

elementary stream clock reference (ESCR) A time stamp in the PES Stream from which
decoders of PES streams may derive timing.

EMM See entitlement management message.

encoder An embodiment of an encoding process.

encoding (process) A process that reads a stream of input pictures or audio samples and
produces a valid coded bit stream as defined in the Digital Television Standard.

entitlement control message (ECM) Entitlement control messages are private conditional
access information that specify control words and possibly other stream-specific, scrambling,
and/or control parameters.

entitlement management message (EMM) Entitlement management messages are private
conditional access information that specify the authorization level or the services of specific
decoders. They may be addressed to single decoders or groups of decoders.

entropy coding Variable length lossless coding of the digital representation of a signal to reduce
redundancy.

entry point Refers to a point in a coded bit stream after which a decoder can become properly
initialized and commence syntactically correct decoding. The first transmitted picture after an
entry point is either an I-picture or a P-picture. If the first transmitted picture is not an I-
picture, the decoder may produce one or more pictures during acquisition.

ES See elementary stream.

essence In its simplest form, essence = content — metadata. In this context, (video) essence is the
image itself without any of the transport padding (H and V intervals, ancillary data, etc).

event An event is defined as a collection of elementary streams with a common time base, an
associated start time, and an associated end time.

field For an interlaced video signal, a “field” is the assembly of alternate lines of a frame.
Therefore, an interlaced frame is composed of two fields, a top field and a bottom field.

FIR Finite-impulse-response.

11
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forbidden This term, when used in clauses defining the coded bit stream, indicates that the value
must never be used. This is usually to avoid emulation of start codes.

FPLL Frequency and phase locked loop.

frame A frame contains lines of spatial information of a video signal. For progressive video,
these lines contain samples starting from one time instant and continuing through successive
lines to the bottom of the frame. For interlaced video, a frame consists of two fields, a top
field and a bottom field. One of these fields will commence one field later than the other.

GOP See group of pictures.

group of pictures (GOP) A group of pictures consists of one or more pictures in sequence.

HDTYV See high-definition television.

high-definition television (HDTV) High-definition television provides significantly improved
picture quality relative to conventional (analog NTSC) television and a wide screen format
(16:9 aspect ratio). The ATSC Standard enables transmission of HDTV pictures at several
frame rates and one of two picture formats; these are listed in the top two lines of Table 5.1.
The ATSC Standard also enables the delivery digital sound in various formats.

high level A range of allowed picture parameters defined by the MPEG-2 video coding
specification that corresponds to high-definition television.

Huffman coding A type of source coding that uses codes of different lengths to represent
symbols that have unequal likelihood of occurrence.

IEC International Electrotechnical Commission.

intra coded pictures or I-pictures or I-frames Pictures that are coded using information present
only in the picture itself and not depending on information from other pictures. I-pictures
provide a mechanism for random access into the compressed video data. I-pictures employ
transform coding of the pel blocks and provide only moderate compression.

ISI Intersymbol interference.

ISO International Organization for Standardization.

ITU International Telecommunication Union.

layer One of the levels in the data hierarchy of the video and system specification.
level A range of allowed picture parameters and combinations of picture parameters.
LMS Least mean squares.

macroblock In the DTV system a macroblock consists of four blocks of luminance and one each
Cr and Cb block.

main level A range of allowed picture parameters defined by the MPEG-2 video coding
specification with maximum resolution equivalent to ITU-R Recommendation 601.

main profile A subset of the syntax of the MPEG-2 video coding specification.

Mbps 1,000,000 bits per second.

motion vector A pair of numbers that represent the vertical and horizontal displacement of a
region of a reference picture for prediction.

MP@HL Main profile at high level.

MP@ML Main profile at main level.

MPEG Refers to standards developed by the ISO/IEC JTC1/SC29 WGI11, Moving Picture
Experts Group. MPEG may also refer to the Group itself.

MPEG-1 Refers to ISO/IEC standards 11172-1 (Systems), 11172-2 (Video), 11172-3 (Audio),
11172-4 (Compliance Testing), and 11172-5 (Technical Report).

12
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MPEG-2 Refers to ISO/IEC standards 13818-1 (Systems), 13818-2 (Video), 13818-3 (Audio),
13818-4 (Compliance).

pack A pack consists of a pack header followed by zero or more packets. It is a layer in the
system coding syntax.

packet data Contiguous bytes of data from an elementary data stream present in the packet.

packet identifier (PID) A unique integer value used to associate elementary streams of a
program in a single or multi-program transport stream.

packet A packet consists of a header followed by a number of contiguous bytes from an
elementary data stream. It is a layer in the system coding syntax.

padding A method to adjust the average length of an audio frame in time to the duration of the
corresponding PCM samples, by continuously adding a slot to the audio frame.

payload Payload refers to the bytes that follow the header byte in a packet. For example, the
payload of a transport stream packet includes the PES_packet header and its
PES_packet_data_bytes or pointer_field and PSI sections, or private data. A PES_packet_payload,
however, consists only of PES_packet data_bytes. The transport stream packet header and
adaptation fields are not payload.

PCR See program clock reference.

pel See pixel.

PES packet header The leading fields in a PES packet up to but not including the
PES_packet_data_byte fields where the stream is not a padding stream. In the case of a padding
stream, the PES packet header is defined as the leading fields in a PES packet up to but not
including the padding_byte fields.

PES packet The data structure used to carry elementary stream data. It consists of a packet
header followed by PES packet payload.

PES stream A PES stream consists of PES packets, all of whose payloads consist of data from a
single elementary stream, and all of which have the same stream_id.

PES Packetized elementary stream.

picture Source, coded, or reconstructed image data. A source or reconstructed picture consists of
three rectangular matrices representing the luminance and two chrominance signals.

PID See packet identifier.

pixel “Picture element” or “pel.” A pixel is a digital sample of the color intensity values of a
picture at a single point.

predicted pictures or P-pictures or P-frames Pictures that are coded with respect to the nearest
previous | or P-picture. This technique is termed forward prediction. P-pictures provide more
compression than I-pictures and serve as a reference for future P-pictures or B-pictures. P-
pictures can propagate coding errors when P-pictures (or B-pictures) are predicted from prior
P-pictures where the prediction is flawed.

presentation time-stamp (PTS) A field that may be present in a PES packet header that
indicates the time that a presentation unit is presented in the system target decoder.

presentation unit (PU) A decoded audio access unit or a decoded picture.

profile A defined subset of the syntax specified in the MPEG-2 video coding specification.

program clock reference (PCR) A time stamp in the transport stream from which decoder
timing is derived.

program element A generic term for one of the elementary streams or other data streams that
may be included in the program.

13
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program specific information (PSI) PSI consists of normative data that is necessary for the
demultiplexing of transport streams and the successful regeneration of programs.

program A program is a collection of program elements. Program elements may be elementary
streams. Program elements need not have any defined time base; those that do have a
common time base and are intended for synchronized presentation.

PSI See program specific information.

PSIP Program and System Information Protocol, as defined in ATSC A/65.

PTS See presentation time-stamp.

quantizer A processing step that intentionally reduces the precision of DCT coefficients.

random access The process of beginning to read and decode the coded bit stream at an arbitrary
point.

reserved This term, when used in clauses defining the coded bit stream, indicates that the value
may be used in the future for Digital Television Standard extensions. Unless otherwise
specified, all reserved bits are set to “1”.

ROM Read-only memory.

SAW filter Surface-acoustic-wave filter.

SCR See system clock reference.

scrambling The alteration of the characteristics of a video, audio, or coded data stream in order

to prevent unauthorized reception of the information in a clear form. This alteration is a
specified process under the control of a conditional access system.

SDTYV See standard definition television.

slice A series of consecutive macroblocks.

SMPTE Society of Motion Picture and Television Engineers.

source stream A single, non-multiplexed stream of samples before compression coding.

splicing The concatenation performed on the system level of two different elementary streams. It
is understood that the resulting stream must conform totally to the Digital Television
Standard.

standard definition television (SDTV) This term is used to signify a digital television system in
which the quality is approximately equivalent to that of NTSC. This equivalent quality may
be achieved from pictures sourced at the 4:2:2 level of ITU-R Recommendation 601 and
subjected to processing as part of bit rate compression. The results should be such that when
judged across a representative sample of program material, subjective equivalence with
NTSC is achieved. See also conventional definition television and ITU-R Recommendation
1125.

start codes 32-bit codes embedded in the coded bit stream that are unique. They are used for
several purposes including identifying some of the layers in the coding syntax. Start codes
consist of a 24 bit prefix (0x000001) and an 8 bit stream_id.

STC System time clock.

STD See system target decoder.

STD input buffer A first-in, first-out buffer at the input of a system target decoder for storage of
compressed data from elementary streams before decoding.

still picture A coded still picture consists of a video sequence containing exactly one coded
picture that is intra-coded. This picture has an associated PTS and the presentation time of
succeeding pictures, if any, is later than that of the still picture by at least two picture periods.

system clock reference (SCR) A time stamp in the program stream from which decoder timing
is derived.
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system header The system header is a data structure that carries information summarizing the
system characteristics of the Digital Television Standard multiplexed bit stream.

system target decoder (STD) A hypothetical reference model of a decoding process used to
describe the semantics of the Digital Television Standard multiplexed bit stream.

time-stamp A term that indicates the time of a specific action, such as the arrival of a byte or the
presentation of a presentation unit.

TOYV Threshold of visibility, defined as 2.5 data segment errors per second.

transport stream packet header The leading fields in a transport stream packet up to and
including the continuity_counter field.

variable bit rate Operation where the bit rate varies with time during the decoding of a
compressed bit stream.

VBY See video buffering verifier.

video buffering verifier (VBV) A hypothetical decoder that is conceptually connected to the
output of an encoder. Its purpose is to provide a constraint on the variability of the data rate
that an encoder can produce.

video sequence A video sequence is represented by a sequence header, one or more groups of
pictures, and an end_of_sequence code in the data stream.

8 VSB Vestigial sideband modulation with 8 discrete amplitude levels.
16 VSB Vestigial sideband modulation with 16 discrete amplitude levels.

3.3 Symbols, Abbreviations, and Mathematical Operators

The symbols, abbreviations, and mathematical operators used to describe the Digital Television
Standard are those adopted for use in describing MPEG-2 and are similar to those used in the
“C” programming language. However, integer division with truncation and rounding are
specifically defined. The bitwise operators are defined assuming two’s-complement
representation of integers. Numbering and counting loops generally begin from 0.

3.3.1 Arithmetic Operators

+ Addition.

— Subtraction (as a binary operator) or negation (as a unary operator).
++ Increment.

- - Decrement.

* or X Multiplication.

A Power.

/ Integer division with truncation of the result toward 0. For example, 7/4 and —7/—4 are
truncated to 1 and —7/4 and 7/—4 are truncated to —1.

/l Integer division with rounding to the nearest integer. Half-integer values are rounded

away from 0 unless otherwise specified. For example 3//2 is rounded to 2, and —3//2
is rounded to 2.

DIV Integer division with truncation of the result towards —oo.
% Modulus operator. Defined only for positive numbers.
Sign( ) Sign(x) =1 x>0

=0 x==0

=-1 x<0
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NINT () Nearest integer operator. Returns the nearest integer value to the real-valued
argument. Half-integer values are rounded away from 0.

sin Sine.

cOs Cosine.

exp Exponential.

V Square root.

log,, Logarithm to base ten.
log, Logarithm to base e.
3.3.2 Logical Operators

I Logical OR.

&& Logical AND.

! Logical NOT.

3.3.3 Relational Operators
Greater than.
Greater than or equal to.
Less than.
Less than or equal to.
= Equal to.
1= Not equal to.
max [,...,] The maximum value in the argument list.
min [,...,] The minimum value in the argument list.

I IN ATV V

3.3.4 Bitwise Operators

& AND.

| OR.

>> Shift right with sign extension.
<< Shift left with 0 fill.

3.3.5 Assignment
= Assignment operator.

3.3.6 Mnemonics

The following mnemonics are defined to describe the different data types used in the coded bit
stream.

bslbf Bit string, left bit first, where “left” is the order in which bit strings are written in the Standard. Bit strings
are written as a string of 1s and 0s within single quote marks, e.g. ‘1000 0001’. Blanks within a bit
string are for ease of reading and have no significance.

uimsbf Unsigned integer, most significant bit first.

The byte order of multi-byte words is most significant byte first.

3.3.7 Method of Describing Bit Stream Syntax

Each data item in the coded bit stream described below is in bold type. It is described by its
name, its length in bits, and a mnemonic for its type and order of transmission.
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The action caused by a decoded data element in a bit stream depends on the value of that data
element and on data elements previously decoded. The decoding of the data elements and
definition of the state variables used in their decoding are described in the clauses containing the
semantic description of the syntax. The following constructs are used to express the conditions
when data elements are present, and are in normal type.

Note this syntax uses the “C” code convention that a variable or expression evaluating to a
non-zero value is equivalent to a condition that is true.

while ( condition ) {
data_element

}
do {

data_element
while ( condition )

if ( condition) {
data_element

}

else {
data_element

}
for (i = Oi<n;i++) {
data_element

If the condition is true, then the group of data elements occurs next in the data stream.
This repeats until the condition is not true.

The data element always occurs at least once. The data element is repeated until the
condition is not true.

If the condition is true, then the first group of data elements occurs next in the data
stream.

If the condition is not true, then the second group of data elements occurs next in the
data stream.

The group of data elements occurs n times. Conditional constructs within the group of
data elements may depend on the value of the loop control variable J, which is set to
zero for the first occurrence, incremented to 1 for the second occurrence, and so forth.

As noted, the group of data elements may contain nested conditional constructs. For
compactness, the {} are omitted when only one data element follows.

data_element [ ]

data_element [n]

data_element [ ] is an array of data. The number of data elements is indicated by the
context.

data_element [n] is the n+1th element of an array of data.

data_element [m] [n] data_element [m] [n] is the m+1,n+1 th element of a two-dimensional array of data.

data_element [I] [m] [n] is the 1+1,m+1,n+1 th element of a three-dimensional array of
data.

data_element [I] [m] [n]

data_element [m..n] is the inclusive range of bits between bit m and bit n in the
data_element.

data_element [m..n]

Decoders must include a means to look for start codes and sync bytes (transport stream) in
order to begin decoding correctly, and to identify errors, erasures or insertions while decoding.
The methods to identify these situations, and the actions to be taken, are not standardized.

3.3.7.1 Definition of bytealigned Function

The function bytealigned() returns 1 if the current position is on a byte boundary; that is, the next
bit in the bit stream is the first bit in a byte. Otherwise it returns 0.
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3.3.7.2 Definition of nextbits Function

The function nextbits() permits comparison of a bit string with the next bits to be decoded in the
bit stream.

3.3.7.3 Definition of next_start_code Function

The next_start_code() function removes any zero bit and zero byte stuffing and locates the next start
code (Table 3.1). This function checks whether the current position is byte-aligned. If it is not, 0
stuffing bits are present. After that any number of 0 bytes may be present before the start-code.
Therefore start-codes are always byte-aligned and may be preceded by any number of 0 stuffing
bits.

Table 3.1 Next Start Code
Syntax No. of Bits Mnemonic
next_start_code() {
while ( !bytealigned() )
zero_bit 1 ‘0’
while (nextbits()!="0000 0000 0000 0000 0000 0001’)
zero_byte 8 ‘00000000’
}

4. OVERVIEW OF THE ATSC DIGITAL TELEVISION SYSTEM

The digital television (DTV) standard has ushered in a new era in television broadcasting. The
impact of DTV is more significant than simply moving from an analog system to a digital
system. Rather, DTV permits a level of flexibility wholly unattainable with analog broadcasting.
An important element of this flexibility is the ability to expand system functions by building
upon the technical foundations specified in ATSC standards such as the ATSC Digital Television
Standard (A/53) and the Digital Audio Compression (AC-3) Standard (A/52).

With NTSC, and its PAL and SECAM counterparts, the video, audio, and some limited data
information are conveyed by modulating an RF carrier in such a way that a receiver of relatively
simple design can decode and reassemble the various elements of the signal to produce a
program consisting of video and audio, and perhaps related data (e.g., closed captioning). As
such, a complete program is transmitted by the broadcaster that is essentially in finished form. In
the DTV system, however, additional levels of processing are required after the receiver
demodulates the RF signal. The receiver processes the digital bit stream extracted from the
received signal to yield a collection of program elements (video, audio, and/or data) that match
the service(s) that the consumer selected. This selection is made using system and service
information that is also transmitted. Audio and video are delivered in digitally compressed form
and must be decoded for presentation. Audio may be monophonic, stereo, or multi-channel. Data
may supplement the main video/audio program (e.g., closed captioning, descriptive text, or
commentary) or it may be a stand-alone service (e.g., a stock or news ticker).

The nature of the DTV system is such that it is possible to provide new features that build
upon the infrastructure within the broadcast plant and the receiver. One of the major enabling
developments of digital television, in fact, is the integration of significant processing power in
the receiving device itself. Historically, in the design of any broadcast system—be it radio or
television—the goal has always been to concentrate technical sophistication (when needed) at the
transmission end and thereby facilitate simpler receivers. Because there are far more receivers
than transmitters, this approach has obvious business advantages. While this trend continues to
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be true, the complexity of the transmitted bit stream and compression of the audio and video
components require a significant amount of processing power in the receiver, which is practical
because of the enormous advancements made in computing technology. Once a receiver reaches
a certain level of sophistication (and market success) additional processing power is essentially
“free.”

The Digital Television Standard describes a system designed to transmit high quality video
and audio and ancillary data over a single 6 MHz channel. The system can deliver about 19
Mbps in a 6 MHz terrestrial broadcasting channel and about 38 Mbps in a 6 MHz cable
television channel. This means that encoding HD video essence at 1.106 Gbps' (highest rate
progressive input) or 1.244 Gbps® (highest rate interlaced picture input) requires a bit rate
reduction by about a factor of 50 (when the overhead numbers are added, the rates become
closer). To achieve this bit rate reduction, the system is designed to be efficient in utilizing
available channel capacity by exploiting complex video and audio compression technology.

The compression scheme optimizes the throughput of the transmission channel by
representing the video, audio, and data sources with as few bits as possible while preserving the
level of quality required for the given application.

The RF/transmission subsystems described in the Digital Television Standard are designed
specifically for terrestrial and cable applications. The structure is such that the video, audio, and
service multiplex/transport subsystems are useful in other applications.

4.1 System Block Diagram

A basic block diagram representation of the system is shown in Figure 4.1. According to this
model, the digital television system consists of four major elements, three within the broadcast
plant plus the receiver.

720 x 1280 x 60 x 2 x 10 = 1.105920 Gbps (the 2 represents the factor needed for 4:2:2 color subsampling, and
the 10 is for 10-bit systems)

1080 x 1920 x 30 x 2 x 10 = 1.244160 Gbps (the 2 represents the factor needed for 4:2:2 color subsampling,
and the 10 is for 10-bit systems)
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Figure 4.1 Block diagram of functionality in a transmitter/receiver pair.

4.1.1 Application Encoders/Decoders

The “application encoders/decoders,” as used in Figure 4.1, refer to the bit rate reduction
methods, also known as data compression, appropriate for application to the video, audio, and
ancillary digital data streams. The purpose of compression is to minimize the number of bits
needed to represent the audio and video information. The DTV system employs the MPEG-2
video stream syntax for the coding of video and the ATSC Standard “Digital Audio Compression
(AC-3)” for the coding of audio.

The term “ancillary data” dates from the original drafting of A/53 and is a broad term that
includes control data, and data associated with the program audio and video services. As
standards were developed to define how to transport and process data, it became clear that
different forms of data served very different purposes and different standards were needed for
metadata and essence [22]. The discussion of data is out of scope for this document (contact
ATSC for more information). Including system information as ancillary data is not strictly
proper, as some such data is needed to re-assemble the audio, video, and data services. Data
delivered as a separate payload can provide independent services as well as data elements related
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to an audio- or video-based service. Accordingly, the term ancillary data is not used hereinafter
in this document, to avoid confusion.

4.1.2 Transport (de)Packetization and (de)Multiplexing

“Transport (de)Packetization and (de)Multiplexing” refers to the means of dividing each bit
stream into “packets” of information, the means of uniquely identifying each packet or packet
type, and the appropriate methods of interleaving or multiplexing video bit stream packets, audio
bit stream packets, and data bit stream packets into a single transport mechanism. The structure
and relationships of these essence bit streams is carried in service information bit streams, also
multiplexed in the single transport mechanism. In developing the transport mechanism,
interoperability among digital media—such as terrestrial broadcasting, cable distribution,
satellite distribution, recording media, and computer interfaces—was a prime consideration. The
DTV system employs the MPEG-2 Transport Stream syntax for the packetization and
multiplexing of video, audio, and data signals for digital broadcasting systems. The MPEG-2
Transport Stream syntax was developed for applications where channel bandwidth or recording
media capacity is limited and the requirement for an efficient transport mechanism is paramount.

4.1.3 RF Transmission

“RF Transmission” refers to channel coding and modulation. The channel coder takes the digital
bit stream and adds additional information that can be used by the receiver to reconstruct the data
from the received signal which, due to transmission impairments, may not accurately represent
the transmitted signal. The modulation (or physical layer) uses the digital bit stream information
to modulate a carrier for the transmitted signal. The modulation subsystem offers two modes: an
8-VSB mode and a 16-VSB mode.

4.1.4 Receiver

The ATSC receiver recovers the bits representing the original video, audio, and other data from
the modulated signal. In particular, the receiver performs the following functions:

+  Tune the selected 6 MHz channel

+ Reject adjacent channels and other sources of interference

« Demodulate (equalize as necessary) the received signal, applying error correction to produce

a transport bit stream
+ Identify the elements of the bit stream using a transport layer processor
« Select each desired element and send it to its appropriate processor
« Decode and synchronize each element
+ Present the programming

Issues affecting receiver design are discussed thoroughly in Section 9 (Receiver Subsystem)
of this Guide. In general, most attention in Section 9 is paid to recovery and demodulation of the
terrestrial-broadcast RF signal, because it is the most challenging of receiver processes. Noise,
interference, and multipath are elements of the terrestrial transmission path, and the receiver
circuits are expected to deal with these impairments. Innovations in equalization, automatic gain
control, interference cancellation, and carrier and timing recovery create product performance
differentiation and improve signal coverage.

The decoding of transport elements that make up the programming is usually considered to
be a more straightforward implementation of specifications, although opportunities for
innovation in circuit efficiency or power usage exist. In particular, innovations in video decoding
offer opportunities for savings in memory and circuit speed and complexity. The user interface
and new data-based services are important areas of product differentiation.
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The Chapters that follow consider the characteristics of the subsystems necessary to
accommodate the services envisioned.

5. VIDEO SYSTEMS

5.1 Overview of Video Compression and Decompression

The need for compression in a digital television system is apparent from the fact that the bit rate
required to represent an HDTV signal in uncompressed digital form is about 1 Gbps and that
required to represent a standard-definition television signal is about 200 Mbps, while the bit rate
that can reliably be transmitted within a standard 6 MHz television channel is about 19 Mbps.
This implies a need for about a 50:1 or greater compression ratio for HDTV and 10:1 or greater
for standard definition.

The Digital Television Standard specifies video compression using a combination of
compression techniques. For reasons of compatibility these compression algorithms have been
selected to conform to the specifications of MPEG-2, which is a flexible internationally accepted
collection of compression algorithms.

The purpose of this tutorial exposition is to identify the significant processing stages in video
compression and decompression, giving a clear explanation of what each processing step
accomplishes, but without including all the details that would be needed to actually implement a
real system. Those necessary details in every case are specified in the normative part of the
standards documentation, which in all cases, represents the most complete and accurate
description of the video compression. Because the video coding system includes a specific subset
of the MPEG-2 toolkit of algorithmic elements, another purpose of this tutorial is to clarify the
relationship between this system and the more general MPEG-2 collection of algorithms.

5.1.1 MPEG-2 Levels and Profiles

The MPEG-2 specification is organized into a system of profiles and levels, so that applications
can ensure interoperability by using equipment and processing that adhere to a common set of
coding tools and parameters.” The Digital Television Standard is based on the MPEG-2 Main
Profile. The Main Profile includes three types of frames for prediction (I-frames, P-frames, and
B-frames), and an organization of luminance and chrominance samples (designated 4:2:0) within
the frame. The Main Profile does not include a scalable algorithm, where scalability implies that
a subset of the compressed data can be decoded without decoding the entire data stream. The
High Level includes formats with up to 1152 active lines and up to 1920 samples per active line,
and for the Main Profile is limited to a compressed data rate of no more than 80 Mbps. The
parameters specified by the Digital Television Standard represent specific choices within these
constraints.

5.1.2 Compatibility with MPEG-2

The video compression system does not include algorithmic elements that fall outside the
specifications for MPEG-2 Main Profile. Thus, video decoders that conform to the MPEG-2
MP@HL can be expected to decode bit streams produced in accordance with the Digital
Television Standard. Note it is not necessarily the case that all video decoders which are based
on the Digital Television Standard will be able to properly decode all video bit streams that
comply to MPEG-2 MP@HL.

For more information about profiles and levels see ISO/IEC 13818-2, Section 8.
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5.1.3 Overview of Video Compression

The video compression system takes in an analog or uncompressed digital video source signal
and outputs a compressed digital signal that contains information that can be decoded to produce
an approximate version of the original image sequence. The goal is for the reconstructed
approximation to be imperceptibly different from the original for most viewers, for most images,
for most of the time. In order to approach such fidelity, the algorithms are flexible, allowing for
frequent adaptive changes in the algorithm depending on scene content, history of the
processing, estimates of image temporal and spatial complexity and perceptibility of distortions
introduced by the compression.

Figure 5.1 shows the overall flow of signals in the ATSC DTV system. Video signals
presented to the system are first digitized (if not already in digital signal form) and sent to the
encoder for compression; the compressed data then are transmitted over a communications
channel. On being received, the possibly error-corrupted compressed signal is decompressed in
the decoder, and reconstructed for display.

Video
Elementary Transport VSB RF
Stream Packets Transmission

Source Video ¢‘ Transport ‘; Transmission ¢
Video Encoder o Subsystem | Subsystem
T \J

Video

Channel

Subsystem
. Receiver Receiver
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Video Transport VSB RF

Elementary Packets Reception
Stream

Figure 5.1 Video coding in relation to the DTV system.

5.2 Video Preprocessing

Video preprocessing converts the input signals to digital samples in the form needed for
subsequent compression. Analog input signals are typically composite for standard definition
signals or components consisting of luminance (Y) and chrominance (Pb and Pr) for high
definition signals, are first decoded (for composite signals) then digitized as component
luminance (Y) and chrominance (Cb and Cr) signals. Digital input signals, both standard
definition and high definition, are typically serial digital signals carrying Y, Cb, Cr components.
The input signals may undergo pre-processing for noise reduction and/or other processing
algorithms that improve the efficiency of the compression encoding. Further processing is then
carried out for chrominance and luminance filtering and sub-sampling (see Section 5.2.5 for
more information).

5.2.1 Video Compression Formats
Table 5.1 lists the video compression formats allowed in the Digital Television Standard.
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Table 5.1 Digital Television Standard Video Formats

Vertical Lines Pixels Aspect Ratio Picture Rate
1080 1920 16:9 60l, 30P, 24P
720 1280 16:9 60P, 30P, 24P
480 704 16:9 and 4:3  |60P, 60I, 30P, 24P
480 640 4:3 60P, 60I, 30P, 24P

In Table 5.1, “vertical lines” refers to the number of active lines in the picture. “Pixels” refers
to the number of pixels during the active line. “Aspect ratio” refers to the picture aspect ratio.
“Picture rate” refers to the number of frames or fields per second. In the values for picture rate,
“P” refers to progressive scanning, “I”” refers to interlaced scanning. Note that both 60.00 Hz and
59.94 (60x1000/1001) Hz picture rates are allowed. Dual rates are allowed also at the picture
rates of 30 Hz and 24 Hz.

Receiver designers should be aware that a larger range of video formats is allowed under
SCTE 43, and that consumers may expect receivers to decode and display these as well. One
format likely to be frequently encountered is 720 pixels by 480 lines (encoded from ITU-R BT.
601 input signals with 720 pixels by 483 lines). See SCTE 43, Table 3.

5.2.1.1 Possible Video Inputs

While not required by the Digital Television Standard, there are certain digital television
production standards, shown in Table 5.2, that define video formats that relate to compression
formats specified by the Standard.

Table 5.2 Standardized Video Input Formats

Video Standard  Active Lines Active Samples/ Line Picture Rate
SMPTE 274M-1998 |1080 1920 24P, 30P, 60I
SMPTE 296M-2001 |720 1280 24P, 30P, 60P
SMPTE 293M-2003 (483 720 60P
ITU-R BT. 601-5 483 720 60l

The compression formats may be derived from one or more appropriate video input formats.
It may be anticipated that additional video production standards will be developed in the future
that extend the number of possible input formats.

5.2.1.2 Sampling Rates

For the 1080-line format, with 1125 total lines per frame and 2200 total samples per line, the
sampling frequency will be 74.25 MHz for the 30.00 frames per second (fps) frame rate. For the
720-line format, with 750 total lines per frame and 1650 total samples per line, the sampling
frequency will be 74.25 MHz for the 60.00 fps frame rate. For the 480-line format using 704
pixels, with 525 total lines per frame and 858 total samples per line, the sampling frequency will
be 13.5 MHz for the 59.94 Hz field rate. Note that both 59.94 fps and 60.00 fps are acceptable as
frame or field rates for the system.

For both the 1080- and 720-line formats, other frame rates, specifically 23.976, 24.00, 29.97,
and 30.00 fps rates are acceptable as input to the system. The sample frequency will be either
74.25 MHz (for 24.00 and 30.00 fps) or 74.25/1.001 MHz for the other rates. The number of
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total samples per line is the same for either of the paired picture rates. See SMPTE 274M and
SMPTE 296M.

The six frame rates noted are the only allowed frame rates for the Digital Television
Standard. In this document, references to 24 fps include both 23.976 and 24.00 fps, references to
30 fps include both 29.97 and 30.00 fps, and references to 60 fps include both 59.94 and 60.00
fps.

For the 480-line format, there may be 704 or 640 pixels in the active line. The interlaced
formats are based on ITU-R BT. 601-5; the progressive formats are based on SMPTE 294M. If
the input is based on ITU-R BT. 601-5 or SMPTE 294M, it will have 483 or more active lines
with 720 pixels in the active line. Only 480 of these active lines are encoded. The lines to be
encoded should be lines 23-262 and 286525 for 4801 and lines 45—-524 for 480P, as specified in
SMPTE Recommended Practice RP-202, “Video Alignment for MPEG Coding.” Only 704 of
the 720 pixels are used for encoding; the first eight and the last eight are dropped. The 480-line,
640 pixel picture format is not related to any current video production format. It does correspond
to the IBM VGA graphics format and may be used with ITU-R BT. 601-5 sources by using
appropriate resampling techniques.

5.2.1.3 Colorimetry

For the purposes of the Digital Television Standard, “colorimetry” means the combination of
color primaries, transfer characteristics, and matrix coefficients. Video inputs conforming to
SMPTE 274M and SMPTE 296M have the same colorimetry; in this document, this will be
referred to as SMPTE 274M colorimetry. Note that SMPTE 274M colorimetry is the same as
ITU-R BT. 709 Part 2 colorimetry. Video inputs corresponding to ITU-R BT. 601-5 should have
SMPTE 170M colorimetry.

ISO/IEC 13818-2 allows the encoder to signal the input colorimetry parameter values to the
decoder. If sequence_display_extension() is not present in the bit stream, or if color_description is zero,
the color primaries, transfer characteristics, and matrix coefficients are assumed to be implicitly
defined by the application. Therefore, the colorimetry should always be explicitly signaled using
sequence_display_extension(). If this information is not transmitted, receiver behavior cannot be
predicted.

In generating bit streams, broadcasters should understand that some receivers will display
480-line formats according to SMPTE 170M colorimetry (value 0x06) and 720- and 1080-line
formats according to SMPTE 274M colorimetry (value 0x01). It is believed that few receivers
will display properly the other colorimetry combinations allowed by ISO/IEC 13818-2. Legacy
material using SMPTE 240M colorimetry should be treated as if it used ITU-R BT. 709 Part 2
colorimetry.

5.2.2 Precision of Samples

Samples are typically obtained using analog-to-digital converter circuits with 10-bit precision.
After studio processing, the various luminance and chrominance samples will typically be
represented using 8 or 10 bits per sample for luminance and 8 bits per sample for each
chrominance component. The limit of precision of the MPEG-2 Main Profile is 8 bits per sample
for each of the luminance and chrominance components.

5.2.3 Source-Adaptive Processing

The image sequences that constitute the source signal can vary in spatial resolution (480 lines,
720 lines, or 1080 lines), in temporal resolution (60 fps, 30 fps, or 24 fps), and in scanning
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format (2:1 interlaced or progressive scan). The video compression system accommodates the
differences in source material to maximize the efficiency of compression.

5.2.4 Film Mode

Material originated at 24 frames per second, such as that shot on film, is typically converted to
30 or 60 frame-per-second video for broadcast. In the case of 30 fps interlaced television, this
means that each four frames of film are converted to ten fields, or five frames of video. In the
case of 60 fps progressive-scan television, each four frames of film are converted into ten frames
of video. This conversion is done using the so-called 3:2 pulldown sequence; prior to the
introduction of 24P video equipment it was an inherent part of the telecine process.

In the 3:2 pulldown, the first frame of film is converted to two pictures (frames or fields,
depending on whether the output format is 60P or 30I respectively). The second frame is
converted to three pictures, the third to two pictures and the fourth to three pictures.

When describing the sequence, the film frames are conventionally labelled A, B, C and D;
the video fields or frames 1-5 (interlaced) or 1-10 (progressive). In the interlaced case, the third
field generated from film frame A is field 1 of Frame 3; the third field generated from film frame
C is field 2 of Frame 5. Note that in the interlaced case, Frame 3 will contain video from film
Frames B and C and Frame 4 will contain video from film Frames C and D.

It is inefficient to code these sequences directly; not only is there a great deal of repeated
information, but in interlace, Frames 3 and 4 each contain fields from two different film frames,
so there may be motion differences between the two fields. MPEG therefore provides tools
specifically for coding these sequences; these are top_field_first and repeat_first_field (see
13818-2, clauses 6.2.3.1 and 6.3.10)

It is relatively straightforward for the encoder to detect the repeated frames in progressive-
scan video derived from 24 fps material. It is less straightforward to detect the repeated fields in
interlaced video. Particularly with interlaced material, it is important that the 3:2 pulldown
sequence be maintained; if it is not, encoder efficiency and picture quality may suffer. For this
reason, it is becoming more common for material to be edited at 24 Hz before frame-rate
conversion to 301 or 60P.

5.2.5 Color Component Separation and Processing

The input video source to the ATSC DTV video compression system is in the form of RGB
components matrixed into luminance (Y) and chrominance (Cb and Cr) components using a
linear transformation (3-by-3 matrix, specified in the Standard). The luminance component
represents the intensity, or black-and-white picture, while the chrominance components contain
color information. While the original RGB components are highly correlated with each other; the
resulting Y, Cb, and Cr signals have less correlation and are thus easier to code efficiently. The
luminance and chrominance components correspond to functioning of the biological vision
system; that is, the human visual system responds differently to the luminance and chrominance
components.

The coding process may take advantage also of the differences in the ways that humans
perceive luminance and chrominance. In the Y, Cb, Cr color space, most of the high frequencies
are concentrated in the Y component; the human visual system is less sensitive to high
frequencies in the chrominance components than to high frequencies in the luminance
component. To exploit these characteristics the chrominance components are low-passed filtered
in the ATSC DTV video compression system and sub-sampled by a factor of two along both the
horizontal and vertical dimensions, producing chrominance components that are one-fourth the
spatial resolution of the luminance component.
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It must be noted that the luminance component Y is not true luminance as this term is used in
color science; this is because the RGB-to-YC matrixing operation is performed after the
optoelectronic transfer characteristic (gamma) is applied. For this reason, some experts refer to
the Y component as luma rather than luminance. While the preponderance of the luminance
information is present in the luma, some of it ends up in the chroma, and it can be lost when the
chroma components are sub-sampled.

5.2.6 Anti-Alias Filtering

The Y, Cb, and Cr components are applied to appropriate low-pass filters that shape the
frequency response of each of the three components. Prior to horizontal and vertical sub-
sampling of the two chrominance components, they may be processed by half-band filters in
order to prevent aliasing.”

5.2.7 Number of Lines Encoded

The video coding system requires that the coded picture area has a number of lines that is a
multiple of 32 for an interlaced format, and a multiple of 16 for a non-interlaced format. This
means that for encoding the 1080-line format, a coder must actually deal with 1088 lines (1088 =
32 x 34). The extra eight lines are in effect “dummy” lines having no content, and the coder
designers will choose dummy data that simplifies the implementation. The extra eight lines are
always the last eight lines of the encoded image. These dummy lines do not carry useful
information, but add little to the data required for transmission.

5.3 Concatenated Sequences

The MPEG-2 video standard that underlies the Digital Television Standard clearly specifies the
behavior of a compliant video decoder when processing a single video sequence. A coded video
sequence commences with a sequence header, typically contains repeated sequence headers and
one or more coded pictures, and is terminated by an end-of-sequence code. A number of
parameters are specified in the sequence header that are required to remain constant throughout
the duration of the sequence. The sequence level parameters include, but are not limited to:

« Horizontal and vertical resolution

+  Frame rate

+ Aspect ratio

« Chroma format

« Profile and level

«  All-progressive indicator

« Video buffering verifier (VBV) size

«  Maximum bit rate

It is envisioned that it will be common for coded bit streams to be spliced for editing,
insertion of commercial advertisements, and other purposes in the video production and
distribution chain. If one or more of the sequence level parameters differ between the two bit
streams to be spliced, then an end-of-sequence code must be inserted to terminate the first bit
stream and a new sequence header must exist at the start of the second bit stream (unless the
insertion equipment is capable of scaling those parameters in real time). Thus the situation of
concatenated video sequences arises.

For more information about aliasing and sampling theory, see James A. Cadzow, Discrete Time Systems,
Prentice-Hall, Inc., Englewood Cliffs, New Jersey, 1973.
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Regarding concatenated sequences, the MPEG-2 Video Standard (13818-2) states:

The behavior of the decoding process and display process for
concatenated sequences is not within the scope of this
Recommendation | International Standard. An application that
needs to use concatenated sequences must ensure by private
arrangement that the decoder will be able to decode and play
concatenated sequences.

While it is recommended, the Digital Television Standard does not require the production of
well-constrained concatenated sequences. Well-constrained concatenated sequences are defined
as having the following characteristics:

The extended decoder buffer never overflows, and may only underflow in the case of
low-delay bit streams. Here “extended decoder buffer” refers to the natural extension of
the MPEG-2 decoder buffer model to the case of continuous decoding of concatenated
sequences.

When field parity is specified in two coded sequences that are concatenated, the parity of
the first field in the second sequence is opposite that of the last field in the first sequence.
Whenever a progressive sequence is inserted between two interlaced sequences, the exact
number of progressive frames should be such that the parity of the interlaced sequences is
preserved as if no concatenation had occurred.

5.4 Guidelines for Refreshing

While the Digital Television Standard does not require refreshing at less than the intra-
macroblock refresh rate as defined in IEC/ISO 13818-2, the following is recommended:

Sequence layer information is very helpful and it is important that it be sent before every
I-frame, independent of the interval between I-frames. Use of intra-macroblock refresh in
the decoder can improve receiver channel-change performance.

Some receivers rely on periodic transmission of I-frames for refreshing. The frequency of
occurrence of I-frames may determine the channel-change time performance of the
receiver. It is recommended that I-frames be sent at least once every 0.5 second in order
to have acceptable channel-change performance in such receivers.

In order to spatially localize errors due to transmission, intra-coded slices should contain
fewer macroblocks than the maximum number allowed by the Standard. It is
recommended that there be four to eight slices in a horizontal row of intra-coded
macroblocks for the intra-coded slices in the I-frame refresh case as well as for the
intraframe coded regions in the progressive refresh case. The size of non-intra-coded
slices can be larger than that of intra-coded slices.

5.5 Active Format Description (AFD)

With the approval of Amendment 1 to A/53B, active format description data has been added to
the ATSC Digital Television Standard. The term “active format” in this context refers to that
portion of the coded video frame containing “useful information.” For example, when 16:9
aspect ratio material is coded in a 4:3 format (such as 4801), letterboxing may be used to avoid
cropping the left and right edges of the widescreen image. The black horizontal bars at the top
and bottom of the screen contain no useful information, and in this case the AFD data would
indicate 16:9 video carried inside the 4:3 rectangle. The AFD solves a troublesome problem in
the transition from conventional 4:3 display devices to widescreen 16:9 displays, and also
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addresses the variety of aspect ratios that have been used over the years by the motion picture
industry to produce feature films.

There are, of course, a number of different types of video displays in common usage—
ranging from 4:3 CRTs to widescreen projection devices and flat-panel displays of various
design. Each of these devices may have varying abilities to process incoming video. In terms of
input interfaces, these displays may likewise support a range of input signal formats—from
composite analog video to IEEE 1394.

Possible video source devices include cable, satellite, or terrestrial broadcast set-top (or
integrated receiver-decoder) boxes, media players (such as DVDs), analog or digital VHS tape
players, and personal video recorders.

Although choice is good, this wide range of consumer options presented two problems to be
solved:

First, no standard method had been agreed upon to communicate to the display device the
“active area” of the video signal. Such a method would be able, for example to signal that
the 4:3 signal contains within it a letterboxed 16:9 video image.

+ Second, no standard method had been agreed upon to communicate to the display device,
for all interface types, that a given image is intended for 16:9 display.

The AFD solves these problems and, in the process, provides the following benefits:

« Active area signaling allows the display device to process the incoming signal to make
the highest-resolution and most accurate picture possible. Furthermore, the display can
take advantage of the knowledge that certain areas of video are currently unused and can
implement algorithms that reduce the effects of uneven screen aging.

« Aspect ratio signaling allows the display device to produce the best image possible. In
some scenarios, lack of a signaling method translates to restrictions in the ability of the
source device to deliver certain otherwise desirable output formats.

5.5.1 Active Area Signaling

A consumer device such as a cable or satellite set-top box cannot reliably determine the active
area of video on its own. Even though certain lines at the top and bottom of the screen may be
black for periods of time, the situation could change without warning. The only sure way to
know active area is for the service provider to include this data at the time of video compression
and to embed it into the video stream.

Figure 5.8 shows 4:3- and 16:9-coded images with various possible active areas. The group
on the left is either coded explicitly in the MPEG-2 video syntax as 4:3, or the uncompressed
signal provided in NTSC timing and aspect ratio information (if present) indicates 4:3. The
group on the right are coded explicitly in the MPEG-2 video syntax as 16:9, provided with
NTSC timing and an aspect ratio signal indicating 16:9, or provided uncompressed with 16:9
timing across the interface.
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Figure 5.8 Coding and active area.

As can be seen in the figure, a pillar-boxed display results when a 4:3 active area is displayed
within a 16:9 area, and a letterboxed display results when a 16:9 active area is displayed within a
4:3 area. It is also apparent that double-boxing can also occur, for example when 4:3 material is
delivered within a 16:9 letterbox to a 4:3 display. Or, when 16:9 material is delivered within a
4:3 pillar-box to a 16:9 display.

For the straight letter- or pillar-box cases, if the display is aware of the active area it may take
steps to mitigate the effects of uneven screen aging. Such steps could, for example, involve using
gray instead of black bars. Some amount of linear or nonlinear stretching and/or zooming may be
done as well using the knowledge that video outside the active area can safely be discarded.

The two double-boxed cases can occur as a result of poor or uninformed production choices
made by the service provider, in some cases in concert with the content provider. Whenever 4:3
material is coded as 16:9, double boxing occurs when the 4:3 display places the 16:9 coded
frame on screen. Whenever 16:9 material is coded as 4:3, double boxing occurs when the 16:9
display pillar-boxes the 4:3 coded frame.

A common situation that will cause double-boxing on a 16:9 digital TV display occurs when
a 4:3 NTSC signal is encoded as 480i MPEG video, but the NTSC image is a letterboxed
widescreen movie. Regardless of the cause, two aspects of the problem are of prime importance:

« The display device should not be expected to process the double-boxed image to fill the
screen to make up for incorrectly coded content.

+ Content and service providers should be expected to deliver properly coded content.
Native 4:3 content must be delivered coded as 4:3. Native 16:9 content must be delivered
coded as 16:9. Letterboxed widescreen video in NTSC should not be coded as 4:3, but
should be coded into a 16:9 coded frame.’

5.5.2 Existing Standards

Several industry standards include some form of active area information, including EIA-608-B
and DVB Active Format Description (AFD). The EIA-608-B standard is applicable only to
NTSC analog video. The DVB description data applies only to compressed MPEG-2 video. Also

Letterboxed content inside a 4:3 results in vertical resolution less than standard-definition television.
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working in this area, MPEG has adopted an amendment to the MPEG-2 Video standard to
include active area data.

Letterboxed movies can be seen on cable, satellite, and terrestrial channels today. If one
observes closely, considerable variability in the size of the black bar areas can be seen. In fact,
variations can be seen even over the course of one movie.

As mentioned previously, a display device may wish to mitigate the effects of uneven screen
aging by substituting gray video for the black areas. It is problematic for the display to be
required to actively track a varying letterbox area, and real-time tracking of variations from
frame to frame would be difficult (if not impossible).

Clearly, two approaches are possible. First, include—on a frame-by-frame basis—a video
parameter identifying the number of black lines (for letterbox) or number of black pixels (for
pillar-box). Second, standardize on just two standard aspect ratios: 16:9 and 4:3.

5.5.3 Treatment of Active Areas Greater than 16:9

Any wide-screen source material can be coded into a 16:9-coded frame. No aspect ratio for
coded frames exceeding 16:9 is standardized for cable, terrestrial broadcast, or satellite
transmission in the U.S. If the aspect ratio of given content exceeds 16:9, the coded image will
be letterboxed inside the 16:9 frame, as shown in Figure 5.9, where 2.35:1 material is letterboxed
inside the 16:9 frame.

16:9

P
oo
& \ 2.35:1

Figure 5.9 Example of active video area greater than 16:9 aspect ratio.

content

It can be helpful for a display to know the actual aspect ratio of the active portion of the 16:9
coded frame for a variety of reasons, including:

« Reduction in the effects of uneven screen aging. The display device controller may wish

to use gray instead of black for the bars.

« The display may offer the user a “zoom” option to make better use of available display

area, and knowledge of the aspect ratio can automate the selection of this display option.
The zoom feature can be vertical scaling only, or a combination of horizontal and vertical
where the leftmost and rightmost portions of the image are sacrificed to fill the screen
area vertically.

Several standards include aspect ratio data. The MPEG-2 video syntax includes horizontal
and vertical size data and aspect ratio indication of the coded image. An NTSC signal is
normally thought to be intended for 4:3 display, but this is not always the case. EIA-608-B
includes a “squeezed” bit, and IEC 61880 defines a method for NTSC VBI line 20. The line-20
method is currently used for playback of anamorphically coded DVDs, when the DVD player
supports it and is properly set up by the user.
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5.5.4 Active Format Description (AFD) and Bar Data

In recognition of these issues, the ATSC undertook a study of available options and—in
Amendment 1 to A/53B—decided to endorse the basic signaling structure developed by the
DVB consortium. The benefits of common active format description signaling across many
different markets is easily understood.

Some common active video formats represented by the 4-bit AFD field include:

+ The aspect ratio of the active video area is 16:9; when associated with a 4:3 coded frame,

the active video is top-justified

« Active video area is 16:9; when associated with a 4:3 coded frame, the active video is

centered vertically

« Active video area is 4:3; when associated with a 16:9 coded frame, the active video is

centered horizontally

« Active video area exceeds 16:9 aspect ratio; active video is centered vertically (in

whatever coded frame is used)

« Active video area is 14:9; when associated with a 4:3 coded frame the active video is

centered vertically; when associated with a 16:9 coded frame, it is centered horizontally
It should be noted that certain active formats signal to the receiver that active video may be
safely cropped in the receiver display (see [27], “Digital Receiver Implementation Guidelines
and Recommended Receiver Reaction to Aspect Ratio Signaling in Digital Video Broadcasting.”

In addition to AFD, Amendment 1 defined another data structure, bar_data(), also for use in
the video Elementary Stream. The bar_data() structure, like AFD, appears in the picture user_data()
area of the video syntax. While the AFD gives a general view of the relationship between the
coded frame and the geometry of the active video within it, bar_data() is able to indicate precisely
the number of lines of black video at the top and bottom of a letterboxed image, or the number of
black pixels at the left and right side of a pillar-boxed image.

For the ATSC system, AFD and/or bar_data() are included in video user data whenever the
rectangular picture area containing useful information does not extend to the full height or width
of the coded frame. Such data may optionally also be included in user data when the rectangular
picture area containing useful information extends to the full height and width of the coded
frame.

The AFD and bar_data() are carried in the user data of the video Elementary Stream. After
each sequence start (and repeat sequence start) the default aspect ratio of the area of interest is
signalled by the sequence header and sequence display extension parameters. After introduction,
each type of active format data remain in effect until the next sequence start or until another
instance is introduced. Receivers are expected to interpret the absence of AFD and bar_data() in a
sequence start to mean the active format is the same as the coded frame. Since it is not able to
represent non-standard video aspect ratios, AFD may be only an approximation of the actual
active video area. However when bar_data() is present, it should be assumed to be exact. If the
bar_data() and the AFD are in conflict, the bar_data() should take precedence.

6. AUDIO SYSTEMS

This section describes the audio coding technology and gives guidelines as to its use.
Information of interest to both broadcasters (and other program providers) and receiver
manufacturers is included. The audio system is fully specified in Annex B of the Digital
Television Standard and is based on the Digital Audio Compression (AC-3) Standard, with some
limitations on bit rate, sampling rate, and audio coding mode.
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6.1 Audio System Overview

As illustrated in Figure 6.1, the audio subsystem comprises the audio encoding/decoding
function and resides between the audio inputs/outputs and the transport subsystem. The audio
encoder(s) is (are) responsible for generating the audio elementary stream(s) that are encoded
representations of the baseband audio input signals. The flexibility of the transport system allows
multiple audio elementary streams to be delivered to the receiver. At the receiver, the transport
subsystem is responsible for selecting which audio streams(s) to deliver to the audio subsystem.
The audio subsystem is responsible for decoding the audio elementary stream(s) back into
baseband audio.

Audio
Elementary Transport VSB RF
Stream(s) Packets Transmission

Audio Audio ‘; Transport ‘; Transmission ¢
Source Encoder(s) " | Subsystem " | Subsystem
T Y

Audio
Subsystem Channel
. Receiver Receiver
RecTus(:irscted Deﬁzg;?(s) - Transport |- Transmission |-
? Subsystem ? Subsystem T
Audio Transport VSB RF
Elementary Packets Reception

Stream(s)

Figure 6.1 Audio subsystem within the digital television system.

An audio program source is encoded by a digital television audio encoder. The output of the
audio encoder is a string of bits that represent the audio source, and is referred to as an audio
elementary stream. The transport subsystem packetizes the audio data into PES packets, which
are then further packetized into transport packets. The transmission subsystem converts the
transport packets into a modulated RF signal for transmission to the receiver. At the receiver, the
received signal is demodulated by the receiver transmission subsystem. The receiver transport
subsystem converts the received audio packets back into an audio elementary stream, which is
decoded by the digital television audio decoder. The partitioning shown is conceptual, and
practical implementations may differ. For example, the transport processing may be broken into
two blocks; one to perform PES packetization, and the second to perform transport packetization.
Or, some of the transport functionality may be included in either the audio coder or the
transmission subsystem.

6.2 Audio Encoder Interface

The audio system accepts baseband audio inputs with up to six audio channels per audio program
bit stream. The channelization is consistent with ITU-R Recommendation BS-775, “Multi-
channel stereophonic sound system with and without accompanying picture”. The six audio
channels are: Left, Center, Right, Left Surround, Right Surround, and Low Frequency
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Enhancement (LFE). Multiple audio elementary bit streams may be conveyed by the transport
system.

The bandwidth of the LFE channel is limited to 120 Hz. The bandwidth of the other (main)
channels is limited to 20 kHz. Low frequency response may extend to dc, but is more typically
limited to approximately 3 Hz (-3 dB) by a dc blocking high-pass filter. Audio coding efficiency
(and thus audio quality) is improved by removing dc offset from audio signals before they are
encoded.

6.2.1 Input Source Signal Specification
Audio signals that are input to the audio system may be in analog or digital form.

6.2.1.1 High-Pass Filtering

Audio signals should have any dc offset removed before being encoded. If the audio encoder
does not include a dc blocking high-pass filter, the audio signals should be high-pass filtered
before being applied to the audio encoder.

6.2.1.2 Analog Input

For analog input signals, the input connector and signal level are not specified. Conventional
broadcast practice may be followed. One commonly used input connector is the 3-pin XLR
female (the incoming audio cable uses the male connector) with pin 1 ground, pin 2 hot or
positive, and pin 3 neutral or negative.

6.2.1.3 Digital Input

For digital input signals, the input connector and signal format are not specified. Commonly used
formats such as the AES 3-1992 two-channel interface may be used. When multiple two-channel
inputs are used, the preferred channel assignment is:

Pair 1: Left, Right
Pair 2: Center, LFE
Pair 3: Left Surround, Right Surround

6.2.1.4 Sampling Frequency

The system conveys digital audio sampled at a frequency of 48 kHz, locked to the 27 MHz
system clock. If analog signal inputs are employed, the A/D converters should sample at 48 kHz.
If digital inputs are employed, the input sampling rate should be 48 kHz, or the audio encoder
should contain sampling rate converters that convert the sampling rate to 48 kHz. The sampling
rate at the input to the audio encoder must be locked to the video clock for proper operation of
the audio subsystem.

6.2.1.5 Resolution

In general, input signals should be quantized to at least 16-bit resolution. The audio compression
system can convey audio signals with up to 24-bit resolution.

6.2.2 Output Signal Specification

Conceptually, the output of the audio encoder is an elementary stream that is formed into PES
packets within the transport subsystem. It is possible that digital television systems will be
implemented wherein the formation of audio PES packets takes place within the audio encoder.
In this case, the output(s) of the audio encoder(s) would be PES packets. Physical interfaces for
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these outputs (elementary streams and/or PES packets) may be defined as voluntary industry
standards by SMPTE or other standards organizations.

6.3 AC-3 Digital Audio Compression

6.3.1 Overview and Basics of Audio Compression

The audio compression system conforms with the Digital Audio Compression (AC-3) Standard
specified in ATSC Doc. A/52. The audio compression system is considered a constrained subset
of that standard. The constraints are specified in Annex B of the Digital Television Standard. By
conforming with the standardized syntax in ATSC Doc. A/52, the system employs an audio
compression system that is interoperable across many different media, and is appropriate for use
in a multitude of applications.

A major objective of audio compression is to represent an audio source with as few bits as
possible, while preserving the level of quality required for the given application. Audio
compression has two major applications. One is efficient utilization of channel bandwidth for
video transmission systems. The other is reduction of storage requirements. Both of these
applications apply to the digital television system.

The audio compression system consists of three basic operations, as shown in Figure 6.2. In
the first stage, the representation of the audio signal is changed from the time domain to the
frequency domain, which is a more efficient domain in which to perform psychoacousticly based
audio compression. The resulting frequency domain coefficients are what are then encoded. The
frequency domain coefficients may be coarsely quantized because the resulting quantizing noise
will be at the same frequency as the audio signal, and relatively low signal to noise ratios are
acceptable due to the phenomena of psychoacoustic masking. The bit allocation operation
determines, based on a psychoacoustic model of human hearing, what actual SNR is acceptable
for each individual frequency coefficient. Finally, the frequency coefficients are coarsely
quantized to the necessary precision and formatted into the audio elementary stream. The basic
unit of encoded audio is the AC-3 sync frame, which represents 1536 audio samples. Each sync
frame of audio is a completely independent encoded entity. The elementary bit stream contains
the information necessary to allow the audio decoder to perform the identical (to the encoder) bit
allocation. This allows the decoder to unpack and de-quantize the elementary bit stream
frequency coefficients, resulting in the reconstructed frequency coefficients. The synthesis
filterbank is the inverse of the analysis filterbank, and converts the reconstructed frequency
coefficients back into a time domain signal.

35



ATSC Guide to Use of the ATSC DTV Standard 4 December 2003

Frequency Elementary
Coefficients Bit Stream
Audio Analysis ¢‘ Bit »| Quantization
Source Filterbank =1 Allocation o
Y
Channel
Reconstructed Synthesis | ~ N Bit .
Audio <f\ Filterbank ‘T De-quantization < Allocation [V T
Reconstructed Elementary
Frequency Bit Stream
Coefficients

Figure 6.2 Overview of audio compression system.

6.3.2 Transform Filter Bank

The process of converting the audio from the time domain to the frequency domain requires that
the audio be blocked into overlapping blocks of 512 samples. For every 256 new audio samples,
a 512 sample block is formed from the 256 new samples, and the 256 previous samples. Each
audio sample is represented in two audio blocks, and thus the number of samples to be processed
initially is doubled. The overlapping of blocks is necessary in order to prevent audible blocking
artifacts. New audio blocks are formed every 5.33 ms. A group of 6 blocks are coded into one
AC-3 sync frame.

6.3.2.1 Window Function

Prior to being transformed into the frequency domain, the block of 512 time samples is
windowed. The windowing operation involves a vector multiplication of the 512 point block
with a 512 point window function. The window function has a value of 1.0 in its center, and
tapers down to almost zero at its ends. The shape of the window function is such that the
overlap/add processing at the decoder will result in a reconstruction free of blocking artifacts.
The window function shape also determines the shape of each individual filterbank filter.

6.3.2.2 Time Division Aliasing Cancellation Transform

The analysis filterbank is based on the fast Fourier transform. The particular transformation
employed is the oddly stacked time domain aliasing cancellation (TDAC) transform. This
particular transformation is advantageous because it allows the 100 percent redundancy that was
introduced in the blocking process to be removed. The input to the TDAC transform is 512
windowed time domain points, and the output is 256 frequency domain coefficients.

6.3.2.3 Transient Handling

When extreme time domain transients exist (such as an impulse or a castanet click), there is a
possibility that quantization error, incurred in coarsely quantizing the frequency coefficients of
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the transient, will become audible due to time smearing. The quantization error within a coded
audio block is reproduced throughout the block. It is possible for the portion of the quantization
error that is reproduced prior to the impulse to be audible. Time smearing of quantization noise
may be reduced by altering the length of the transform that is performed. Instead of a single 512
point transform, a pair of 256 point transforms may be performed, one on the first 256 windowed
samples, and one on the last 256 windowed samples. A transient detector in the encoder
determines when to alter the transform length. The reduction in transform length prevents
quantization error from spreading more than a few milliseconds in time, which is adequate to
prevent its audibility.

6.3.3 Coded Audio Representation

The frequency coefficients that result from the transformation are converted to a binary floating
point notation. The scaling of the transform is such that all values are smaller than 1.0. An
example value in binary notation (base 2) with 16-bit precision would be

0.0000 0000 1010 1100

The number of leading zeroes in the coefficient, 8 in this example, becomes the raw
exponent. The value is left shifted by the exponent, and the value to the right of the decimal point
(1010 1100) becomes the normalized mantissa to be coarsely quantized. The exponents and the
coarsely quantized mantissas are encoded into the bit stream.

6.3.3.1 Exponent Coding

Some processing is applied to the raw exponents in order to reduce the amount of data required
to encode them. First, the raw exponents of the 6 blocks to be included in a single AC-3 sync
frame are examined for block-to-block differences. If the differences are small, a single exponent
set is generated that is useable by all 6 blocks, thus reducing the amount of data to be encoded by
a factor of 6. If the exponents undergo significant changes within the frame, then exponent sets
are formed over blocks where the changes are not significant. Due to the frequency response of
the individual filters in the analysis filter bank, exponents for adjacent frequencies rarely differ
by more than +2. To take advantage of this fact, exponents are encoded differentially in
frequency. The first exponent is encoded as an absolute, and the difference between the current
exponent and the following exponent is then encoded. This reduces the exponent data rate by a
factor of 2. Finally, where the spectrum is relatively flat, or an exponent set only covers 1-2
blocks, differential exponents may be shared across 2 or 4 frequency coefficients, for an
additional savings of a factor of 2 or 4.

The final coding efficiency for exponents is typically 0.39 bits/exponent (or 0.39 bits/sample
since there is an exponent for each audio sample). Exponents are only coded up to the frequency
needed for the perception of full frequency response. Typically, the highest audio frequency
component in the signal that is audible is at a frequency lower than 20 kHz. In the case that
signal components above 15 kHz are inaudible, only the first 75 percent of the exponent values
are encoded, reducing the exponent data rate to <0.3 bits/sample.

The exponent processing changes the exponent values from their original values. The
encoder generates a local representation of the exponents that is identical to the decoded
representation that will be used by the decoder. The decoded representation is then used to shift
the original frequency coefficients to generate the normalized mantissas that are quantized.
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6.3.3.2 Mantissas

The frequency coefficients produced by the analysis filterbank have useful precision dependent
on the wordlength of the input PCM audio samples, and the precision of the transform
computation. Typically this precision is on the order of 16—18 bits, but may be as high as 24 bits.
Each normalized mantissa is quantized to a precision between 0 and 16 bits. The goal of audio
compression is to maximize the audio quality at a given bit rate. This requires an optimum (or
near optimum) allocation of the available bits to the individual mantissas.

6.3.4 Bit Allocation

The number of bits allocated to each individual mantissa value is determined by the bit allocation
routine. The identical core routine is run in both the encoder and the decoder, so that each
generates the identical bit allocation.

6.3.4.1 Backward Adaptive

The core bit allocation algorithm is considered backwards adaptive, in that some of the encoded
audio information within the bit stream (fed back into the encoder) is used to compute the final
bit allocation. The primary input to the core allocation routine is the decoded exponent values,
which give a general picture of the signal spectrum. From this version of the signal spectrum, a
masking curve is calculated. The calculation of the masking model is based on a model of the
human auditory system. The masking curve indicates, as a function of frequency, the level of
quantizing error that may be tolerated. Subtraction (in the log power domain) of the masking
curve from the signal spectrum yields the required SNR as a function of frequency. The required
SNR values are mapped into a set of bit allocation pointers (baps), which indicate which
quantizer to apply to each mantissa.

6.3.4.2 Forward Adaptive

The AC-3 encoder may employ a more sophisticated psychoacoustic model than that used by the
decoder. The core allocation routine used by both the encoder and the decoder makes use of a
number of adjustable parameters. If the encoder employs a more sophisticated psychoacoustic
model than that of the core routine, the encoder may adjust these parameters so that the core
routine produces a better result. The parameters are inserted into the bit stream by the encoder
and fed forward to the decoder.

In the event that the available bit allocation parameters do not allow the ideal allocation to be
generated, the encoder can insert explicit codes into the bit stream to alter the computed masking
curve, and thus the final bit allocation. The inserted codes indicate changes to the base allocation,
and are referred to as delta bit allocation codes.

6.3.5 Rematrixing

When the AC-3 coder is operating in a two-channel stereo mode, an additional processing step is
inserted in order to enhance interoperability with Dolby Surround 4-2-4 matrix encoded
programs. The extra step is referred to as rematrixing.

The signal spectrum is broken into four distinct rematrixing frequency bands. Within each
band, the energy of the Left, Right, Sum, and Difference signals are determined. If the largest
signal energy is in the Left or Right channels, the band is encoded normally. If the dominant
signal energy is in the Sum or Difference channel, then those channels are encoded instead of the
Left and Right channels. The decision as to whether to encode Left and Right, or Sum and
Difference is made on a band-by-band basis and is signaled to the decoder in the encoded bit
stream.

38



ATSC Guide to Use of the ATSC DTV Standard 4 December 2003

6.3.6 Coupling

In the event that the number of bits required to encode the audio signals transparently exceeds
the number of bits that are available, the encoder may invoke coupling. Coupling involves
combining the high frequency content of individual channels and sending the individual channel
signal envelopes along with the combined coupling channel. The psychoacoustic basis for
coupling is that within narrow frequency bands the human ear detects high frequency
localization based on the signal envelope rather than the detailed signal waveform.

The frequency above which coupling is invoked, and the channels that participate in the
process, are determined by the AC-3 encoder. The encoder also determines the frequency
banding structure used by the coupling process. For each coupled channel and each coupling
band, the encoder creates a sequence of coupling coordinates. The coupling coordinates for a
particular channel indicate what fraction of the common coupling channel should be reproduced
out of that particular channel output. The coupling coordinates represent the individual signal
envelopes for the channels. The encoder determines the frequency with which coupling
coordinates are transmitted. When coupling is in use, coupling coordinates are always sent in
block 0 of a frame. If the signal envelope is steady, the coupling coordinates do not need to be
sent every block, but can be reused by the decoder until new coordinates are sent. The encoder
determines how often to send new coordinates, and can send them as often as every block (every
5.3 ms).

6.4 Bit Stream Syntax

6.4.1 Sync Frame

The audio bit stream consists of a repetition of audio frames that are referred to as AC-3 sync
frames. Shown in Figure 6.3, each AC-3 sync frame is a self contained entity consisting of
synchronization information (S1), bit stream information (BSI), 32 ms of encoded audio, and a
CRC error check code. Every sync frame is the same size (number of bits) and contains six
encoded audio blocks. The sync frame may be considered an audio access unit. Within SI is a
16-bit sync word, an indication of audio sample rate (48 kHz for the digital television system),
and an indication of the size of the audio frame (which indicates bit rate).

Sl BSI sl BSI
N \
C
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(]
NN k\
Sync Frame

Figure 6.3 AC-3 synchronization frame.

6.4.2 Splicing, Insertion

The ideal place to splice encoded audio bit streams is at the boundary of a sync frame. If a bit
stream splice is performed at the sync frame boundary, the audio decoding will proceed without
interruption. If a bit stream splice is performed randomly, there will be an audio interruption. The
frame that is incomplete will not pass the decoder’s error detection test and this will cause the
decoder to mute. The decoder will not find sync in its proper place in the next frame, and will
enter a sync search mode. Once the sync code of the new bit stream is found, synchronization
will be achieved, and audio reproduction may begin once again. The outage will be on the order
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of two frames, or about 64 ms. Due to the windowing process of the filterbank, when the audio
goes to mute there will be a gentle fade down over a period of 2.6 ms. When the audio is
recovered, it will fade up over a period of 2.6 ms. Except for the approximately 64 ms of time
during which the audio is muted, the effect of a random splice of an AC-3 elementary stream is
relatively benign.

6.4.3 Error Detection Codes

Each AC-3 sync frame ends with a 16-bit CRC error check code. The decoder may use this code
to determine whether a frame of audio has been damaged or is incomplete. Additionally, the
decoder may make use of error flags provided by the transport system. In the case of detected
errors, the decoder may try to perform error concealment, or may simply mute.

6.5 Loudness and Dynamic Range

6.5.1 Loudness Normalization

It is important for the digital television system to provide uniform subjective loudness for all
audio programs. Consumers find it very annoying when audio levels fluctuate between broadcast
channels (observed when channel hopping), or between program segments on a particular
channel (commercials much louder than the entertainment). One element that is found in most
audio programming is the human voice. Achieving an approximate level match for dialogue
(spoken in a normal voice, not shouting or whispering) amongst all audio programming is a
desirable goal. The AC-3 audio system provides syntactical elements that make this goal
achievable.

There is (currently) no regulatory limit as to how loud dialogue may be in an encoded bit
stream. Since the digital audio coding system can provide more than 100 dB of dynamic range,
there is no technical reason for dialogue to be encoded anywhere near 100% as is commonly
done in NTSC television. However, there is no assurance that all program channels, or all
programs or program segments on a given channel, will have dialogue encoded at the same (or
even similar) level. Lacking a uniform coding level for dialogue (which would imply a uniform
headroom available for all programs) there would be inevitable audio level fluctuations between
program channels or even between program segments.

Encoded AC-3 elementary bit streams are tagged with an indication (dialnorm) of the
subjective level at which dialogue has been encoded. Different audio programs may be encoded
with differing amounts of headroom above the level of dialogue in order to allow for dynamic
music and sound effects. The digital television receiver (and all AC-3 decoders) are able to use
the value of dialnorm to adjust the reproduced level of audio programs so that different received
programs have their spoken dialogue reproduced at a uniform level. Some receiver designs may
even offer the listener an audio volume control calibrated in absolute sound pressure level. The
listener could dial up the desired SPL for dialogue, and the receiver would scale the level of
every decoded audio program so that the dialogue is always reproduced at the desired level.

The BSI portion of the sync frame contains the 5-bit dialnorm field that indicates the level of
average spoken dialogue within the encoded audio program. The indication is relative to the
level of a full scale 1 kHz sinewave. The measurement of dialogue level is done by a method that
gives a subjectively accurate value. The measurement of subjective loudness is not an exact
science, and new measurement techniques will be developed in the future. A measurement
method that is currently available and quite useful is the “A” weighted integrated measurement
(L,.)- This measurement method should be used until a more accurate method is standardized
and available in practical equipment. Any new measurement methodology that is developed
should be normalized (scaled) so that its results generally match those of the L, method.
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It is important for broadcasters and others who deliver encoded audio bit streams to ensure
that the value of dialnorm is correct. Incorrect values will lead to unwelcome level fluctuations in
consumer homes. The worst case example of incorrect (or abusive) setting of dialnorm would be to
broadcast a commercial message that indicates dialogue at a low level, but which is actually
encoded with dialogue at full level. This would result in the commercial message being
reproduced at the same level as a full scale explosion in a feature film (>100 dB SPL in some
home theatre setups). If such abuses occur, there may be a demand for regulatory enforcement of
audio levels. Fortunately, bit streams that contain an incorrect value of diainorm are easily
corrected by simply changing the value of the 5-bit dialnorm field in the BSI header.

There are two primary methods that broadcast organizations may employ to ensure that the
value of dialnorm is set correctly. The first method is to select a suitable dialogue level for use
with all programming and conform all baseband audio programs to this level prior to AC-3
encoding. Then the value of dialnorm can be set to one common value for all programs that are
encoded. Conforming all programs to a common dialogue level may mean that for some
programs the audio level never approaches 100 percent digital level (since they have to be
reduced in gain), while for other programs non-reversible (by the receiver) limiting must be
engaged in order to prevent them from going over digital 100 percent (since they had to be
increased in gain). Pre-encoded programs can be included in broadcasts if they have had the
value of dialnorm correctly set, and the receiver will then conform the level.

The second (and generally preferred) method is to let all programming enter the encoder at
full level, and correct for differing levels by adjusting the encoded value of dialnorm to be correct
for each program. In this case, the conforming to a common level is done at the receiver. This
method will become more practical as computer remote control of the encoding equipment
becomes commonplace. The data base for each audio program to be encoded would include
(along with items such as number of channels, language, etc.) the dialogue level. The master
control computer would then communicate the value of dialogue level to the audio encoder,
which would then place the appropriate value in the bit stream.

In the case where a complete audio program is formed from the combination of a main and
an associated service, each of the two services being combined will have a value of dialnorm, and
the values may not be identical. In this case, the value of dialnorm in each bit stream should be
used to alter the level of the audio decoded from that bit stream, prior to the mixing process that
combines the audio from the two bit streams to form the complete audio program.

6.5.2 Dynamic Range Compression

It is common practice for high quality programming to be produced with wide dynamic range
audio, suitable for the highest quality audio reproduction environment. Broadcasters, serving a
wide audience, typically process audio in order to reduce its dynamic range. The processed audio
is more suitable for the majority of the audience that does not have an audio reproduction
environment which matches that of the original audio production studio. In the case of NTSC, all
viewers receive the same audio with the same dynamic range, and it is impossible for any viewer
to enjoy the original wide dynamic range audio production.

The audio coding system provides an embedded dynamic range control system that allows a
common encoded bit stream to deliver programming with a dynamic range appropriate for each
individual listener. A dynamic range control value (dynrng) is provided in each audio block (every
5 ms). These values are used by the audio decoder in order to alter the level of the reproduced
audio for each audio block. Level variations of up to 24 dB may be indicated. The values of
dynmg are generated in order to provide a subjectively pleasing but restricted dynamic range. The
unaffected level is dialogue level. For sounds louder than dialogue, values of dynmg will
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indicated gain reduction. For sounds quieter than dialogue, values of dynmg will indicate a gain
increase. The broadcaster is in control of the values of dynrng, and can supply values that
generated the amount of compression which the broadcaster finds appropriate. The use of
dialogue level as the unaffected level further improves loudness uniformity.

By default, the values of dynrng will be used by the audio decoder. The receiver will thus
reproduce audio with a reduced dynamic range, as intended by the broadcaster. The receiver may
also offer the viewer the option to scale the value of dynmg in order to reduce the effect of the
dynamic range compression that was introduced by the broadcaster. In the limiting case, if the
value of dynrng is scaled to zero, then the audio will be reproduced with its full original dynamic
range. The optional scaling of dynmg can be done differently for values indicating gain reduction
(which reduces the levels of loud sounds) and for values indicating gain increases (which makes
quiet sounds louder). Thus the viewer may be given independent control of the amount of
compression applied to loud and quiet sounds. Therefore, while the broadcaster may introduce
dynamic range compression to suit the needs of most of the audience, individual listeners may
have the option to choose to enjoy the audio program with more or all of its original dynamic
range intact.

The dynamic range control words may be generated by the AC-3 encoder. They may also be
generated by a processor located before or after the encoder. If the dynamic range processor is
located prior to the encoder, there is a path to convey the dynamic range control words from the
processor to the encoder, or to a bit stream processor, so that the control words may be inserted
into the bit stream. If the dynamic range processor is located after the encoder, it can act upon an
encoded stream and directly insert the control words without altering the encoded audio. In
general, encoded bit streams may have dynamic range control words inserted or modified
without affecting the encoded audio.

When it is necessary to alter subjectively the dynamic range of audio programs, the method
built into the audio coding subsystem should be used. The system should provide a transparent
pathway, from the audio program produced in the audio post production studio, into the home.
Signal processing devices such as compressors or limiters that alter the audio signal should not
be inserted into the audio signal chain. Use of the dynamic range control system embedded
within the audio coding system allows the broadcaster or program provider to appropriately limit
the delivered audio dynamic range without actually affecting the audio signal itself. The original
audio is delivered intact and is accessible to those listeners who wish to enjoy it.

In the case where a complete audio program is formed from the combination of a main and
an associated service, each of the two services being combined may have a dynamic range
control signal. In most cases, the dynamic range control signal contained in a particular bit
stream applies to the audio channels coded in that bit stream. There are three exceptions:

+ A single-channel visually impaired (VI) associated service containing only a narrative
describing the picture content

« A single-channel commentary (C) service containing only the commentary channel

« A voice-over (VO) associated service

In these cases, the dynamic range control signal in the associated service elementary stream is

used by the decoder to control the audio level of the main audio service. This allows the provider

of the VI, C, or VO service the ability to alter the level of the main audio service in order to

make the VI, C, or VO services intelligible. In these cases the main audio service level is

controlled by both the control signal in the main service and the control signal in the associated

service.
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6.6 Main, Associated, and Multi-Lingual Services

6.6.1 Overview

An AC-3 elementary stream contains the encoded representation of a single audio service.
Multiple audio services are provided by multiple elementary streams. Each elementary stream is
conveyed by the transport multiplex with a unique PID. There are a number of audio service
types that may (individually) be coded into each elementary stream. Each elementary stream is
tagged as to its service type using the bsmod bit field. There are two types of main service and six
types of associated service. Each associated service may be tagged (in the AC-3 audio descriptor
in the transport PSI data) as being associated with one or more main audio services. Each AC-3
elementary stream may also be tagged with a language code.

Associated services may contain complete program mixes, or may contain only a single
program element. Associated services that are complete mixes may be decoded and used as is.
They are identified by the full_svc bit in the AC-3 descriptor (see [4], Annex A). Associated
services that contain only a single program element are intended to be combined with the
program elements from a main audio service.

This section describes each type of service and gives usage guidelines. In general, a complete
audio program (what is presented to the listener over the set of loudspeakers) may consist of a
main audio service, an associated audio service that is a complete mix, or a main audio service
combined with one associated audio service. The capability to simultaneously decode one main
service and one associated service is required in order to form a complete audio program in
certain service combinations described in this Section. This capability may not exist in some
receivers.

6.6.2 Summary of Service Types

The service types that correspond to each value of bsmod are defined in the Digital Audio
Compression (AC-3) Standard and in Annex B of the Digital Television Standard. The
information is reproduced in Table 6.1 and the following paragraphs briefly describe the
meaning of these service types.

Table 6.1 Table of Service Types

bsmod Type of Service
000 (0) Main audio service: complete main (CM)
001 (1) Main audio service: music and effects (ME)
010 (2) Associated service: visually impaired (VI)
011 (3) Associated service: hearing impaired (HI)
100 (4) Associated service: dialogue (D)
101 (5) Associated service: commentary (C)
110 (6) Associated service: emergency (E)
111 (7) Associated service: voice-over (VO)

6.6.2.1 Complete Main Audio Service (CM)

This is the normal mode of operation. All elements of a complete audio program are present. The
audio program may be any number of channels from 1 to 5.1°.

° 5.1 channel sound refers to a system reproducing the following signals: right, center, left, right surround, left

surround, and low-frequency enhancement (LFE).
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6.6.2.2 Main Audio Service, Music and Effects (ME)

All elements of an audio program are present except for dialogue. This audio program may
contain from 1 to 5.1 channels. Dialogue may be provided by a D associated service (that may be
simultaneously decoded and added to form a complete program).

6.6.2.3 Associated Service: Visually Impaired (VI)

This is typically a single-channel service, intended to convey a narrative description of the
picture content for use by the visually impaired, and intended to be decoded along with the main
audio service. The VI service also may be provided as a complete mix of all program elements,
in which case it may use any number of channels (up to 5.1).

6.6.2.4 Associated Service: Hearing Impaired (HI)

This is typically a single-channel service, intended to convey dialogue that has been processed
for increased intelligibility for the hearing impaired, and intended to be decoded along with the
main audio service. The HI service also may be provided as a complete mix of all program
elements, in which case it may use any number of channels (up to 5.1).

6.6.2.5 Associated Service: Dialogue (D)

This service conveys dialogue intended to be mixed into a main audio service (ME) that does not
contain dialogue.

6.6.2.6 Associated Service: Commentary (C)

This service typically conveys a single-channel of commentary intended to be optionally
decoded along with the main audio service. This commentary channel differs from a dialogue
service, in that it contains optional instead of necessary program content. The C service also may
be provided as a complete mix of all program elements, in which case it may use any number of
channels (up to 5.1).

6.6.2.7 Associated Service: Emergency Message (E)

This is a single-channel service, which is given priority in reproduction. If this service type
appears in the transport multiplex, it is routed to the audio decoder. If the audio decoder receives
this service type, it will decode and reproduce the E channel while muting the main service.

6.6.2.8 Associated Service: Voice-Over (VO)

This is a single-channel service intended to be decoded and added into the center loudspeaker
channel.

6.6.3 Multi-Lingual Services

Each audio bit stream may be in any language. In order to provide audio services in multiple
languages a number of main audio services may be provided, each in a different language. This
is the (artistically) preferred method, because it allows unrestricted placement of dialogue along
with the dialogue reverberation. The disadvantage of this method is that as much as 384 kbps is
needed to provide a full 5.1-channel service for each language. One way to reduce the required
bit-rate is to reduce the number of audio channels provided for languages with a limited
audience. For instance, alternate language versions could be provided in 2-channel stereo with a
bit-rate of 128 kbps. Or, a mono version can be supplied at a bit-rate of approximately 64-96
kbps.
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Another way to offer service in multiple languages is to provide a main multi-channel audio
service (ME) that does not contain dialogue. Multiple single-channel dialogue associated
services (D) can then be provided, each at a bit-rate of approximately 64—96 kbps. Formation of
a complete audio program requires that the appropriate language D service be simultaneously
decoded and mixed into the ME service. This method allows a large number of languages to be
efficiently provided, but at the expense of artistic limitations. The single-channel of dialogue
would be mixed into the center reproduction channel, and could not be panned. Also,
reverberation would be confined to the center channel, which is not optimum. Nevertheless, for
some types of programming (sports, etc.) this method is very attractive due to the savings in bit
rate it offers. Some receivers may not have the capability to simultaneously decode an ME and a
D service.

Stereo (two-channel) service without artistic limitation can be provided in multiple languages
with added efficiency by transmitting a stereo ME main service along with stereo D services.
The D and appropriate language ME services are simply combined in the receiver into a
complete stereo program. Dialogue may be panned, and reverberation may be placed included in
both channels. A stereo ME service can be sent with high quality at 192 kbps, while the stereo D
services (voice only) can make use of lower bit-rates, such as 128 or 96 kbps per language. Some
receivers may not have the capability to simultaneously decode an ME and a D service.

Note that during those times when dialogue is not present, the D services can be momentarily
removed, and their data capacity used for other purposes.

6.6.4 Detailed Description of Service Types

6.6.4.1 CM—Complete Main Audio Service

The CM type of main audio service contains a complete audio program (complete with dialogue,
music, and effects). This is the type of audio service normally provided. The CM service may
contain from 1 to 5.1 audio channels. The CM service may be further enhanced by means of the
VI, HI, C, E, or VO associated services described below. Audio in multiple languages may be
provided by supplying multiple CM services, each in a different language.

6.6.4.2 ME—Main Audio Service, Music and Effects

The ME type of main audio service contains the music and effects of an audio program, but not
the dialogue for the program. The ME service may contain from 1 to 5.1 audio channels. The
primary program dialogue is missing and (if any exists) is supplied by providing a D associated
service. Multiple D services in different languages may be associated with a single ME service.

6.6.4.3 VI—Visually Impaired

The VI associated service typically contains a narrative description of the visual program
content. In this case, the VI service is a single audio channel. Simultaneous reproduction of the
VI service and the main audio service allows the visually impaired user to enjoy the main multi-
channel audio program, as well as to follow the on-screen activity. This allows the VI service to
be mixed into one of the main reproduction channels (the choice of channel may be left to the
listener) or to be provided as a separate output (which, for instance, might be delivered to the VI
user via open-air headphones).

The dynamic range control signal in this type of VI service is intended to be used by the
audio decoder to modify the level of the main audio program. Thus the level of the main audio
service will be under the control of the VI service provider, and the provider may signal the
decoder (by altering the dynamic range control words embedded in the VI audio elementary
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stream) to reduce the level of the main audio service by up to 24 dB in order to assure that the
narrative description is intelligible.

Besides providing the VI service as a single narrative channel, the VI service may be
provided as a complete program mix containing music, effects, dialogue, and the narration. In
this case, the service may be coded using any number of channels (up to 5.1), and the dynamic
range control signal applies only to this service. The fact that the service is a complete mix is
indicated in the AC-3 descriptor (see A/52, Annex A).

6.6.4.4 Hl—Hearing Impaired

The HI associated service typically contains only a single-channel of dialogue and is intended for
use by those whose hearing impairments make it difficult to understand the dialogue in the
presence of music and sound effects. The dialogue may be processed for increased intelligibility
by the hearing impaired. The hearing impaired listener may wish to listen to a mixture of the
single-channel HI dialogue track and the main program audio. Simultaneous reproduction of the
HI service along with the CM service allows the HI listener to adjust the mixture to control the
emphasis on dialogue over music and effects. The HI channel would typically be mixed into the
center channel. An alternative would be to deliver the HI signal to a discrete output (which, for
instance, might feed a set of open-air headphones worn only by the HI listener.)

Besides providing the HI service as a single narrative channel, the HI service may be
provided as a complete program mix containing music, effects, and dialogue with enhanced
intelligibility. In this case, the service may be coded using any number of channels (up to 5.1).
The fact that the service is a complete mix is indicated in the AC-3 descriptor (see [4], Annex A).

6.6.4.5 D—Dialogue

The dialogue associated service is employed when it is desired to most efficiently offer multi-
channel audio in several languages simultaneously, and the program material is such that the
restrictions (no panning, no multi-channel reverberation) of a single dialogue channel may be
tolerated. When the D service is used, the main service is of type ME (music and effects). In the
case that the D service contains a single-channel, simultaneously decoding the ME service along
with the selected D service allows a complete audio program to be formed by mixing the D
channel into the center channel of the ME service. Typically, when the main audio service is of
type ME, there will be several different language D services available. The transport
demultiplexer may be designed to select the appropriate D service to deliver to the audio decoder
based on the listener’s language preference (which would typically be stored in memory in the
receiver). Or, the listener may explicitly instruct the receiver to select a particular language track,
overriding the default selection.

If the ME main audio service contains more than two audio channels, the D service will be
monophonic (1/0 mode). If the main audio service contains two channels, the D service may
contain two channels (2/0 mode). In this case, a complete audio program is formed by
simultaneously decoding the D service and the ME service, mixing the left channel of the ME
service with the left channel of the D service, and mixing the right channel of the ME service
with the right channel of the D service. The result will be a two-channel stereo signal containing
music, effects, and dialogue.

6.6.4.6 C—Commentary

The commentary associated service is similar to the D service, except that instead of conveying
primary program dialogue, the C service conveys optional program commentary. When C
service(s) are provided, the receiver may notify the listener of their presence. The listener should
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be able to call up information (probably on-screen) about the various available C services, and
optionally request one of them to be selected for decoding along with the main service. The C
service may be added to any loudspeaker channel (the listener may be given this control).
Typical uses for the C service might be optional added commentary during a sporting event, or
different levels (novice, intermediate, advanced) of commentary available to accompany
documentary or educational programming.

The C service may be a single audio channel containing only the commentary content. In this
case, simultaneous reproduction of a C service and a CM service will allow the listener to hear
the added program commentary.

The dynamic range control signal in the single-channel C service is intended to be used by
the audio decoder to modify the level of the main audio program. Thus the level of the main
audio service will be under the control of the C service provider, and the provider may signal the
decoder (by altering the dynamic range control words embedded in the C audio elementary
stream) to reduce the level of the main audio service by up to 24 dB in order to assure that the
commentary is intelligible.

Besides providing the C service as a single commentary channel, the C service may be
provided as a complete program mix containing music, effects, dialogue, and the commentary. In
this case the service may be provided using any number of channels (up to 5.1). The fact that the
service is a complete mix is indicated in the AC-3 descriptor (see [4], Annex A).

6.6.4.7 E—Emergency

The E associated service is intended to allow the insertion of emergency announcements. The
normal audio services do not necessarily have to be replaced in order for the emergency message
to get through. The transport demultiplexer gives first priority to this type of audio service.
Whenever an E service is present, it is delivered to the audio decoder by the transport subsystem.
When the audio decoder receives an E type associated service, it stops reproducing any main
service being received and only reproduces the E service. The E service may also be used for
non-emergency applications. It may be used whenever the broadcaster wishes to force all
decoders to quit reproducing the main audio program and substitute a higher priority single-
channel.

6.6.4.8 VO—Voice-Over

It is possible to use the E service for announcements, but the use of the E service leads to a
complete substitution of the voice-over for the main program audio. The voice-over associated
service is similar to the E service, except that it is intended to be reproduced along with the main
service. The systems demultiplexer gives second priority to this type of associated service
(second only to an E service). The VO service is intended to be simultaneously decoded and
mixed into the center channel of the main audio service that is being decoded. The dynamic
range control signal in the VO service is intended to be used by the audio decoder to modify the
level of the main audio program. Thus the level of the main audio service will be under the
control of the broadcaster, and the broadcaster may signal the decoder (by altering the dynamic
range control words embedded in the VO audio bit stream) to reduce the level of the main audio
service by up to 24 dB during the voice-over. The VO service allows typical voice-overs to be
added to an already encoded audio bit stream, without requiring the audio to be decoded back to
baseband and then re-encoded. However, space must be available within the transport multiplex
to make room for the insertion of the VO service.
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6.7 Audio Bit Rates

6.7.1 Typical Audio Bit Rates

The information in Table 6.2 provides a general guideline as to the audio bit rates that are
expected to be most useful. For main services, the use of the LFE channel is optional and will not
affect the indicated data rates.

6.7.2 Audio Bit Rate Limitations

The audio decoder input buffer size (and thus part of the decoder cost) is determined by the
maximum bit rate that must be decoded. The syntax of the AC-3 standard supports bit rates
ranging from a minimum of 32 kbps up to a maximum of 640 kbps per individual elementary bit
stream. The bit rate utilized in the digital television system is restricted to 448 kbps in order to
reduce the size of the input buffer in the audio decoder, and thus the receiver cost. Receivers can
be expected to support the decoding of a main audio service, or an associated audio service that
is a complete service (containing all necessary program elements), at a bit rate up to and
including 448 kbps. Transmissions may contain main audio services, or associated audio services
that are complete services (containing all necessary program elements), encoded at a bit rate up
to and including 448 kbps. Transmissions may contain single-channel associated audio services
intended to be simultaneously decoded along with a main service encoded at a bit rate up to and
including 128 kbps. Transmissions may contain dual-channel dialogue associated services
intended to be simultaneously decoded along with a main service encoded at a bit rate up to and
including 192 kbps. Transmissions have a further limitation that the combined bit rate of a main
and an associated service that are intended to be simultaneously reproduced is less than or equal
to 576 kbps.

Table 6.2 Typical Audio Bit Rate

Type of Service Number of Channels  Typical Bit Rates
CM, ME, or associated audio service containing all necessary 5 384448 kbps
program elements
CM, ME, or associated audio service containing all necessary 4 320-384 kbps
program elements
CM, ME, or associated audio service containing all necessary 3 192-320 kbps
program elements
CM, ME, or associated audio service containing all necessary 2 128-256 kbps
program elements
VI, narrative only 1 64-128 kbps
HI, narrative only 1 64-96 kbps
D 1 64-128 kbps
D 2 96-192 kbps
C, commentary only 1 64-128 kbps
E 1 64-128 kbps
VO 1 64-128 kbps
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7. DTV TRANSPORT

7.1 Introduction

The ATSC DTV system described in core documents A/52 and A/53 provides the framework for
conveying information to consumers. Built into this framework is a toolkit of features that can be
used to extend the capabilities of the DTV system far beyond what the initial designers might
have envisioned. This extensibility is, perhaps, the greatest benefit of digital technology, as well
as the source of some confusion about what is required by the Digital Television Standard.

This section provides a tutorial description of the functionality and format of the transport
subsystem employed in the ATSC DTV system. It is intended to aid the reader in understanding
and applying the precise specification of the transport subsystem given in the underlying
normative standards documents. The ATSC transport subsystem standard is based on the MPEG-
2 Systems standard (ISO/IEC 13818-1) [13] and is further constrained and extended by Annex C
of the Digital Television Standard (A/53) [5]. The MPEG-2 Standard was developed by the
Moving Picture Experts Group, part of the International Standards Organization.

The transport subsystem employs the fixed-length transport stream packetization approach
defined in ISO/IEC13818-1, which is usually referred to as the MPEG-2 Systems Standard. This
approach is well-suited to the needs of terrestrial broadcast and cable television transmission of
digital television. The use of relatively short, fixed-length packets matches well with the needs
and techniques for error protection in both terrestrial broadcast and cable television distribution
environments.

The ATSC DTV transport may carry a number of television programs. The MPEG-2 term
“program” corresponds to an individual digital TV channel or data service, where each program
is composed of a number of MPEG-2 program elements (i.e., related video, audio, and data
streams). The MPEG-2 Systems Standard support for multiple channels or services within a
single, multiplexed bit stream enables the deployment of practical, bandwidth efficient digital
broadcasting systems. It also provides great flexibility to accommodate the initial needs of the
service to multiplex video, audio, and data while providing a well-defined path to add additional
services in the future in a fully backward-compatible manner. By basing the transport subsystem
on MPEG-2, maximum interoperability with other media and standards is maintained.

Figure 4.1 illustrates the organization of a digital television transmitter-receiver pair and the
location of the transport subsystem in the overall system. The transport subsystem resides
between the application (e.g., audio or video) encoding and decoding functions and the
transmission subsystem. At its lowest layer, the encoder transport subsystem is responsible for
formatting the encoded bits and multiplexing the different components of the program for
transmission. At the receiver, it is responsible for recovering the bit streams for the individual
application decoders and for the corresponding error signaling. The transport subsystem also
incorporates other higher-level functionality related to identification of applications and
synchronization of the receiver.

7.2 MPEG-2 Basics

The MPEG-2 standards are built upon the foundations of the MPEG-1 standards [11]. While the
MPEG-1 standards were developed primarily to address the then upcoming video CD
marketplace’s need for an interoperable solution for compressed digital video storage and real-
time playback at rates of about 1.5 Mbps, MPEG-2 was developed to primarily address the
broadcast digital television and DVD markets and includes new features such as:

« Improved video and audio compression technologies

+  Encoding support for both 4:2:0 and 4:2:2 video
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Support for the transmission of the coded bit streams in error-prone environments

Support for multiple programs (“channels”) in a single, multiplexed stream. This includes

improved synchronization with the capability for each program to have a unique time-base,

and the ability to describe and identify a network consisting of multiple multiplexed streams,
each containing multiple programs

Conditional access support

Stream buffer management including buffer initialization

Private data transport support

In contrast to previously developed standards, the MPEG-2 standards were designed to
support full ITU-R 601 standard-definition resolutions, high-definition resolutions, and
interlaced sequences. The MPEG-2 standards were also designed to support multi-channel
networks carried in error-prone environments (such as terrestrial broadcasting), and the basic
constructs used to encapsulate private data and a multitude of data essence formats. MPEG-2
standards are the foundation of several digital television technologies including digital set top
boxes (STB), high-definition television (HDTV), and data broadcasting.

The MPEG-2 Systems Standard [13] defines the bit stream syntax and the methods necessary
for (de)multiplexing, transporting, and synchronizing coded video, coded audio, and other data
(including data essence not defined by the MPEG standards, referred to as “private data”). The
standard includes the definition of packet formats, the synchronization and timing model, the
mechanism for identifying content carried in the bit stream, and the buffer models used to enable
a receiving device to properly decode and reconstruct the video, audio, and/or data presentation.
The MPEG-2 Systems Standard as constrained and extended by the ATSC is the basis for the
remainder of this section.

7.2.1 Standards Layering

The MPEG-2 Systems Standard (ISO/IEC 13818-1) [13] provides a toolkit that can be used to
create the DTV transport bit stream. This toolkit can be thought of as providing general purpose
functionality. Users of the MPEG-2 standards (such as the ATSC) choose tools from the toolkit
and specify how they may be used (i.e., specify constraints on the syntax and semantics of the
MPEG-2 standards). A/53 describes which portions of the MPEG-2 Systems Standard are to be
