Dolby Digital

Professional Encoding Manual

Dolby Digital Professional Encoding Manual

Dolby Laboratories Incorporated

USA 100 Potrero Avenue

San Francisco, CA 94103-4813

415-558-0200

Facsimile 415-863-1373

UK Wootton Bassett

Wiltshire SN4 8QJ England

Phone (44) 1793-842100

Facsimile (44) 1793-842101

The Dolby Digital Professional Encoding Manual is available in two formats: Vertical

pages and horizontal pages. The vertical format, Publication S97/11812, is

designed for printing to letter or A4 size paper. The horizontal format, Publication

S97/11811, has been created to facilitate on-screen viewing. Both versions may be

accessed on the Dolby Laboratories web site at www.dolby.com/digital/.

Dolby, Pro Logic, AC-3 and the double-D symbol are trademarks of Dolby Laboratories.

©1997 Dolby Laboratories, Inc

S97/11811 iii

Table of Contents

Chapter 1 – Introduction

1.1 Purpose and Scope...............................................................................1-1

1.2 General Information...............................................................................1-2

1.2.1 More than a Coding Technology ...............................................1-5

1.2.2 Features of Dolby Digital...........................................................1-7

Chapter 2 – Production Environment

2.1 System Configuration ............................................................................2-1

2.2 Monitoring Through a Decoder............................................................2-12

2.3 Speaker Design and Complement.......................................................2-13

2.3.1 Center Speaker .......................................................................2-13

2.3.2 Surround Speakers .................................................................2-13

2.3.3 Subwoofer ...............................................................................2-14

2.4 Room Layout .......................................................................................2-15

2.4.1 Center Speaker Placement .....................................................2-17

2.4.2 Surround Speaker Placement .................................................2-18

Dolby Digital Professional Encoding Manual

iv December 19, 1997

2.5 Calibration ...........................................................................................2-18

2.5.1 Playback Levels ......................................................................2-19

2.5.2 Bass Redirection .....................................................................2-21

2.5.3 Sound Pressure Level Meter...................................................2-22

2.5.4 Taking a First Measurement....................................................2-23

2.5.5 Individual Channel Calibration ................................................2-25

2.5.6 Subwoofer Calibration.............................................................2-26

2.6 Center/Surround Delays......................................................................2-29

2.6.1 Surround Delay for Dolby Pro Logic........................................2-31

2.6.2 Surround Delay for Dolby Digital.............................................2-33

2.6.3 Time Delay for Center Channel...............................................2-35

Chapter 3 – Consumer Decoders

3.1 General Information...............................................................................3-1

3.1.1 Behavior ....................................................................................3-4

3.1.2 LFE and Bass Management ......................................................3-9

3.2 Operational Modes..............................................................................3-10

3.2.1 Line Mode ...............................................................................3-10

3.2.2 RF Mode..................................................................................3-13

3.2.3 Using Operational Modes in Products.....................................3-17

S97/11811 v

3.3 Selected Implementations ...................................................................3-19

3.3.1 Channel Products....................................................................3-19

3.3.2 Multichannel Decoders............................................................3-20

3.3.3 Multichannel Adapters.............................................................3-20

3.3.4 Multichannel DVD Players ......................................................3-20

3.3.5 Laser Disc ...............................................................................3-22

Chapter 4 – Encoding

4.1 General Information...............................................................................4-1

4.1.1 Preparing the Source Delivery Master ......................................4-1

Channel to Track Allocation ......................................................4-2

Channel Levels .........................................................................4-3

Reference Levels ......................................................................4-4

Documentation ..........................................................................4-5

4.1.2 System Operation......................................................................4-6

4.2 Metering ................................................................................................4-9

4.2.1 Input Level Meter ......................................................................4-9

4.2.2 Line Mode Meter .......................................................................4-9

4.2.3 RF Mode Meter .......................................................................4-10

4.2.4 Calibration of Dialog Normalization ( dialnorm) .......................4-11

Dolby Digital Professional Encoding Manual

vi December 19, 1997

4.3 Features ..............................................................................................4-11

4.3.1 Dialog Normalization ( dialnorm)..............................................4-13

4.3.2 Dynamic Range Compression ( dynrng) ..................................4-18

Dynamic Range Compression for Line Outputs ......................4-18

Dynamic Range Compression for RF Outputs ........................4-21

Profiles ....................................................................................4-21

Film .........................................................................................4-23

Music.......................................................................................4-24

Speech ....................................................................................4-25

4.3.3 Downmixing and Decoder Overload........................................4-25

4.4 Parameter Default Values ...................................................................4-28

4.5 Audio Service Configuration................................................................4-31

4.5.1 Data Rate ................................................................................4-31

4.5.2 Sampling Frequency ...............................................................4-32

4.5.3 Audio Coding Mode.................................................................4-33

4.5.4 Low Frequency Effects Channel On/Off..................................4-35

4.5.5 Bit Stream Mode......................................................................4-35

4.5.6 Dialog Normalization...............................................................4-37

S97/11811 vii

4.6 Bit Stream Information.........................................................................4-37

4.6.1 Center Downmix Level ............................................................4-38

4.6.2 Surround Downmix Level ........................................................4-39

4.6.3 Dolby Surround Mode .............................................................4-40

4.6.4 Language Code.......................................................................4-41

4.6.5 Audio Production Information Exists .......................................4-41

4.6.6 Mixing Level ............................................................................4-42

4.6.7 Room Type..............................................................................4-43

4.6.8 Copyright Bit............................................................................4-44

4.6.9 Original Bit Stream..................................................................4-44

4.7 Preprocessing Options........................................................................4-44

4.7.1 Digital De-Emphasis................................................................4-45

4.7.2 DC Filter ..................................................................................4-45

4.7.3 Channel Bandwidth Lowpass Filter.........................................4-46

4.7.4 LFE Lowpass Filter .................................................................4-46

4.7.5 Surround Channel 90° Phase-Shift .........................................4-47

4.7.6 Surround Channel 3 dB Attenuation .......................................4-47

4.7.7 Dynamic Range Compression Preset .....................................4-48

4.7.8 RF Pre-Emphasis Filter...........................................................4-48

Dolby Digital Professional Encoding Manual

viii December 19, 1997

4.8 Automatic Parameters.........................................................................4-49

4.8.1 Audio Bandwidth .....................................................................4-49

4.8.2 Coupling..................................................................................4-50

4.9 Processing State Control Parameters .................................................4-50

4.9.1 Start/Stop Encoding ................................................................4-51

4.9.2 Save/Recall Encoder Settings.................................................4-51

4.9.3 Time Code Control ..................................................................4-51

4.9.4 Record/Play Bit Stream...........................................................4-52

4.10 Input/Output Control Parameters.........................................................4-53

4.10.1 Input Channel Assignment/Routing.........................................4-53

4.10.2 Output Data Formatting...........................................................4-54

Chapter 5 – Applications and Formats

5.1 DVD Video.............................................................................................5-1

5.1.1 DVD Specification .....................................................................5-3

5.1.2 Supported Data Rates...............................................................5-3

5.1.3 Data Resolution.........................................................................5-4

5.1.4 Audio/Video Sync issues...........................................................5-5

5.1.5 Dolby Digital Encoding for DVD.................................................5-5

5.1.6 Audio on DVD-Video.................................................................5-7

S97/11811 ix

5.1.7 Karaoke DVD............................................................................5-8

5.1.8 Miscellaneous issues ................................................................5-8

5.2 DVD-ROM.............................................................................................5-9

5.3 Digital Television.................................................................................5-10

5.3.1 DTV Constraints......................................................................5-10

5.3.2 Implementation........................................................................5-12

5.3.3 Main, Associated and Multilingual Services.........................…5-12

Summary of Service Types .....................................................5-14

Multilingual Services ...............................................................5-16

5.3.4 Detailed description of service types ......................................5-19

CM — Complete Main Audio Service......................................5-19

ME — Main Audio Service, Music and Effects........................5-19

VI — Visually Impaired............................................................5-20

HI — Hearing Impaired............................................................5-21

D — Dialog..............................................................................5-23

C — Commentary....................................................................5-25

E — Emergency ......................................................................5-27

VO — Voice-Over....................................................................5-28

5.3.5 Splicing Bit Streams................................................................5-29

5.4 Laser Disc ...........................................................................................5-31

Dolby Digital Professional Encoding Manual

x December 19, 1997

Chapter 6 – Professional Encoders and Decoders

6.1 Dolby Digital Professional Encoders .....................................................6-1

6.1.1 Software vs. Hardware ..............................................................6-2

6.1.2 Dolby Digital Certification and Quality ......................................6-3

6.1.3 Dolby Laboratories Encoders....................................................6-3

6.1.4 Dolby Laboratories Licensed Encoders ....................................6-4

6.1.5 Software Updates......................................................................6-4

6.2 Dolby Digital Professional Decoders.....................................................6-5

6.2.1 Dolby DP562 Professional Reference Decoder ........................6-6

6.2.2 Licensed Dolby Digital Professional Decoders .........................6-6

Chapter 7 – Miscellaneous Information

7.1 Technical Assistance.............................................................................7-1

7.2 Contacting Dolby Laboratories..............................................................7-2

San Francisco Headquarters ....................................................7-3

Los Angeles ..............................................................................7-3

New York...................................................................................7-3

England .....................................................................................7-3

Shanghai Liaison Office ............................................................7-4

Japanese Liaison Offices..........................................................7-4

7.3 Trademark Usage..................................................................................7-5

S97/11811 xi

List of Figures

Figure Description Page

2-1 Generic Encoding Setup..........................................................................2-3

2-2 DP561 and Workstation with Audio Input ................................................2-5

2-3 DP561 and a Workstation with No Digital Input.......................................2-6

2-4 DP561 and PC for Control and Storage ..................................................2-8

2-5 Licensed PCI Card Encoder ....................................................................2-9

2-6 Software Encoding on a PC or Workstation ..........................................2-11

2-7 Room Layout with Two and Four Surround Speakers ...........................2-16

2-8 Real Time Analyzer (RTA) Display........................................................2-28

2-9 Speaker to Listener Dimensions............................................................2-30

3-1 Audio Reproduction Hierarchy.................................................................3-2

3-2 Signal Relationships in the Line Mode ..................................................3-12

3-3 Signal Relationships in the RF Mode ....................................................3-14

3-4 RF Remodulator Signal Levels..............................................................3-16

3-5 Basic Laser Disc Player Structure .........................................................3-23

Dolby Digital Professional Encoding Manual

xii December 19, 1997

List of Tables

Table Description Page

3-1 Dolby Digital Bit Streams Available from Existing Formats......................3-4

3-2 Output Signals from Various Program Content and Decoding Mode ......3-6

3-3 Examples of Listening Modes in a Set-Top Box ....................................3-18

3-4 Examples of Listening Modes in a Home Theater System ....................3-19

3-5 Product Features ...................................................................................3-21

4-1 Channel to Track Layout Example...........................................................4-2

4-2 Recommended Parameter Default Values.............................................4-29

4-3 Suggested Data Rate Ranges as a Function of Audio Coding Mode....4-32

4-4 Audio Coding Mode ...............................................................................4-34

4-5 Bit Stream Mode Types .........................................................................4-36

4-6 Center Downmix Level Values...............................................................4-38

4-7 Surround Downmix Level Values...........................................................4-39

4-8 Dolby Surround Mode Indications..........................................................4-40

4-9 Room Type Indications ..........................................................................4-43

5-1 Audio Constraints ..................................................................................5-11

5-2 Service Types........................................................................................5-15

S97/11811 1-1

Chapter 1 –

Introduction

1.1 PURPOSE AND SCOPE

This manual is intended to serve as a guide for performing Dolby Digital (AC-3)

audio encoding. It contains information on the features of the Dolby Digital system,

room setup and calibration, professional encoders and decoders, consumer

decoders, distribution formats, and Dolby trademark use. The key features of the

Dolby Digital system, including Dialog Normalization, Dynamic Range

Compression, and downmixing are described and guidelines for their use are

presented.

For detailed descriptions of the Dolby Digital algorithm, please refer to other Dolby

technical papers or to the Advanced Television Systems Committee (ATSC)

document A/52 , Digital Audio Compression Standard (AC-3) which can be found on

the ATSC web site at www.atsc.org.
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1.2 GENERAL INFORMATION

Dolby Digital (AC-3) is a perceptual audio coding system that is based on the

fundamental principles of human hearing. It was first developed in 1992 as a

means to allow 35-mm theatrical film prints to carry multichannel digital audio

directly on the film without sacrificing the standard analog optical soundtrack. Since

its introduction the system has been adopted for use with laser disc, ATSC high

definition and standard definition digital television, digital cable television, digital

satellite broadcast, DVD-Video, DVD-ROM, and Internet audio distribution. It is

intended to be used as an emissions coder that encodes audio for distribution to the

consumer, not as a multigenerational coder that is used to encode and decode

audio multiple times. For applications that require multigenerational coding, please

contact Dolby Laboratories for information.

Section 1 – Introduction
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Dolby Digital divides the audio spectrum into narrow frequency bands using

mathematical models derived from the characteristics of the ear and analyzes each

band to determine the audibility of those signals. To maximize data efficiency, the

greatest number of bits represent the most audible signals; fewer bits represent less

audible signals. In determining the audibility of signals, one of the phenomena that

the system makes use of is known as "masking." Masking refers to the fact that the

ear cannot detect low-level sounds when there are higher level sounds at nearby

frequencies. When this occurs the high level sound masks the low level one,

rendering it inaudible. By taking advantage of this phenomenon, audio can be

encoded much more efficiently than in other digital coding systems such as linear

PCM, Red Book audio, with comparable audio quality. This makes Dolby Digital an

excellent choice for systems where high audio quality is desired, but bandwidth or

storage space is restricted. This is especially true for multichannel soundtracks,

where Dolby Digital’s compact bit stream allows full 5.1-channel audio to occupy

less space than a single channel of Red Book PCM audio.
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The Dolby Digital system has also been designed to allow the encoder to continue

evolving and improving. As more research is conducted and additional knowledge

is gained, modifications can be made to the encoding algorithm to improve its

accuracy. Thanks to the design of the Dolby Digital system, these encoding

improvements are passed along to the decoder providing improved audio quality for

all listeners.

Section 1 – Introduction

S97/11811 1-5

1.2.1 More than a Coding Technology

It is important to realize that Dolby Digital is more than just an audio coding

technology. It is also a sophisticated soundtrack delivery and reproduction system

that allows both the program producer and the end listener to affect how a

soundtrack will ultimately be heard. For the first time in the consumer audio

industry, a program producer can deliver a multichannel audio soundtrack along

with control parameters. These parameters can determine the relative playback

level, using Dialog Normalization, the preferred Dynamic Range Compression

settings for late night listening, and how the soundtrack will sound to consumers

listening to a stereo "downmix" of the program. These capabilities provide the

program producer with useful new tools that can be used to enhance the listening

experience, but they also create the possibility of undesirable results if encoding

parameters are not set correctly.
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When encoding Dolby Digital soundtracks it is also important to understand the

options that typical Dolby Digital decoders present to the consumer and how those

options might affect the soundtrack. Top-of-the-line Dolby Digital consumer

decoders can provide the listener with a wealth of options, while more basic

decoders will be used in a variety of listening situations. Consumers may listen to a

multichannel soundtrack in any of five ways:

Full dynamic range 5.1-channel state

Reduced dynamic range 5.1-channel soundtrack (for apartment dwellers or late night

listeners)

Two channel Dolby Surround encoded downmix (which may then be Dolby Pro Logic

decoded)

Normal two channel stereo downmix

Mono downmix

For this reason it is important to understand the various options presented by both

Dolby Digital professional encoders and consumer decoders, to be aware of how

they interact and affect the soundtrack, and to ensure that encoder options are used

properly for best results.

Section 1 – Introduction
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1.2.2 Features of Dolby Digital

Delivers from one (mono) up to 5.1 discrete channels of audio in a variety of

configurations

Very efficient audio storage with data savings typically on the order of 12:1 for 5.1-

channel Dolby Digital as compared to Red Book PCM

All main channels are full range

Optional LFE (Low Frequency Effects) channel for additional bass (3 Hz to 120 Hz)

Supports a wide range of Data Rates from 32 kb/s to 640 kb/s

Accepts input sampling rates of 32, 44.1 and 48 kHz; extension to 96 kHz possible

Accepts input word lengths of 16, 18, or 20 bits

AC-3 algorithm provides 24-bit dynamic range

Provides uniform, level-matched playback for all sources

Provides for producer and/or user controlled playback dynamic range

Allows multichannel programs to be downmixed to stereo or even mono

Can create either a normal stereo downmix or a Dolby Surround encoded downmix for

listeners with Dolby Surround Pro Logic systems

Dolby Digital Professional Encoding Manual

1-8 December 19, 1997

Center and Surround channel downmix levels can be optimized by the producer when in

stereo downmix mode

Allows for calibrated soundtrack playback levels, producer can indicate the reference

volume level used when mixing the soundtrack

Producer can indicate the type of room used to mix the soundtrack; large (film-style

dubbing stage, X-curve monitoring) or small (typical recording studio, flat monitoring)

Producer can indicate that a two channel soundtrack is Dolby Surround encoded

An indication for original bit streams is provided, to distinguish from a copy of a bit stream

A copyright control bit is provided

Bit Stream Mode indication (complete main, visually impaired, hearing impaired,

commentary, emergency, etc.) is provided

Time code can be carried in the Dolby Digital bit stream

Provides a Karaoke Mode

Improvements in the Dolby Digtital encoding algorithm produce sound quality

improvements for all listeners

S97/11811 2-1

Chapter 2 –

Production Environment

2.1 SYSTEM CONFIGURATION

There are many ways to configure a production environment for encoding Dolby

Digital audio content. How the components are interconnected depends on

hardware and the type of Dolby Digital encoder being used.

As shown in Figure 2-1, the essential components of an encoding environment are

the audio source (mono to 5.1 channels), the Dolby Digital encoder, the capture and

storage device for the Dolby Digital encoded output, and the monitoring

environment for Dolby Digital decoding. Given the wide variety and availability of

these components on the market, general guidelines are given on the setup of these

systems. Since it is impossible to cover every possible configuration in this manual

the reader is encouraged to contact the appropriate equipment manufacturers for

details on each product.
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Following is a brief description of every component in Figure 2-1.

The PCM source can be any digital stereo or multichannel storage device (DA-

88, ADAT, CD, etc.). There are many types of media and products that are

capable of storing digital audio content or files. Choosing the right media and

product depends on whether the project requires real-time or non-real time

encoding. In addition, the number of channels to be encoded affects the type of

media to be used.

The Dolby Digital encoder can be any Dolby certified professional encoder

bearing the Dolby Digital logo. These encoders are available from either Dolby

licensees or Dolby Laboratories.

The capture device for the Dolby Digital bit stream can be any PC or workstation

with a digital audio interface or equivalent.

Ideally, the Dolby Digital monitoring environment would include a professional

decoder such as the Dolby DP562. However, a consumer decoder may also be

used for limited monitoring.

Section 2 – Production Environment

S97/11811 2-3

Figure 2-1 Generic Encoding Setup
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Figure 2-2 depicts a configuration where a DA-88 multichannel audio source is

feeding a real-time Dolby Digital encoder. SMPTE time code is output from the

DA-88 to the DP561. The encoded output stream of the DP561 (containing AC-3

data and time code) is connected to the digital audio input port of a workstation.

The workstation is equipped with a record-to-disc program, supplied by Dolby

Laboratories with the DP561and DP567, which captures the AC-3 data to the hard

disc storage of the workstation. Finally, the DP562 professional decoder is used for

real-time monitoring of the encoded audio.

Section 2 – Production Environment
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Figure 2-2 DP561 and Workstation with Audio Input

The configuration in Figure 2-3 is similar to Figure 2-2 with the exception that the

workstation is not equipped with a digital audio input. In this case a DAT-Link

(AES-EBU to SCSI) adapter is used to convert the AES/EBU AC-3 stream to the

SCSI bus of the workstation. The rest of the configuration is identical to Figure 2-1

(see explanation above).
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Figure 2-3 DP561 and a Workstation with No Digital Input

Section 2 – Production Environment
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Figure 2-4 depicts a configuration similar to Figure 2-2 with the exception that the

workstation has been replaced with a PC equipped with Windows NT or Windows

95 and a digital audio card. The PC is also running the Dolby Digital Recorder

program provided by Dolby Laboratories with the DP561/7. This program records

the AC-3 stream from the DP561/7 output onto the hard disc of the PC. As in all

cases, the recorded AC-3 file is compatible with all DVD authoring workstations.
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Figure 2-4 DP561 and PC for Control and Storage

Section 2 – Production Environment
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The configuration in Figure 2-5 depicts a real-time PCI card encoder installed in a

personal computer. The PCI card (2 or 5.1-channel) can accept a time code input

as well as AES/EBU or S/PDIF PCM input. The card’s encoded output can be

monitored by the decoder in real-time in addition to being stored to the hard disc of

the PC for DVD authoring. The stored AC-3 file is also compatible with all existing

DVD authoring workstations. Dolby Digital professional encoder cards are only

available from Dolby professional encoder licensees.

Figure 2-5 Licensed PCI Card Encoder
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Figure 2-6 below shows a Dolby Digital professional encoder software running on a

PC or workstation. Like the PCI cards, this solution is available from Dolby encoder

licensees only. Software encoders have been developed for the Apple Macintosh,

Windows PC, and Silicon Graphics workstation. Usually, the audio source material

exists on CD or digital media as mono or stereo files. The computer encodes the

files and outputs AC-3 files compatible with all DVD authoring workstations. In

some cases, the software has been enabled to control digital devices such as a DA-

88 where the audio PCM files are captured to the hard disc of the computer for later

encoding by the software encoder. Dolby Digital monitoring in this case is done

after the encoding session is complete. The Dolby Digital files are played from the

digital audio card in the PC into the Dolby Digital decoder for monitoring.

Section 2 – Production Environment
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Figure 2-6 Software Encoding on a PC or Workstation
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2.2 MONITORING THROUGH A DECODER

Dolby Digital decoders can be divided into two categories: Consumer and

professional. It is important to monitor the Dolby Digital encoding process using a

professional reference decoder such as the Dolby DP562, which also includes

Dolby Pro Logic decoding. Unlike consumer decoders, a professional reference

decoder affords the user greater flexibility as well as offering the critical diagnostic

capabilities essential in a production environment. One important feature is the

ability to obtain real-time information on the effects of various parameter settings

such as Dialog Normalization and Dynamic Range Compression. Another

feature is the capability to emulate any type of decoder on the market whether it be

a DVD player, A/V receiver, HDTV, or set-top box (STB). Since most consumer

decoders on the market have some decoding modes (compression, downmixing,

etc.) preset at the factory, it is critical that the encoding engineer be able to emulate

any type of decoder in the production studio. A professional decoder will also offer

a rack-mount style chassis, professional electrical connections (XLR, AES/EBU,

etc), and comprehensive bass management controls in order to accommodate

various monitoring configurations.

Section 2 – Production Environment
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2.3 SPEAKER DESIGN AND COMPLEMENT

2.3.1 Center Speaker

It is important that the three front speakers be either identical or similar in design.

This is essential to avoid differences in the sound when panning across speakers.

However, this does not mean that they all need to be the same size. Although

identical speakers are preferred, it is acceptable to use large Left and Right

speakers and a smaller Center speaker from the same product line.

2.3.2 Surround Speakers

Full range, direct radiator speakers are highly recommended for the Surrounds.

They may either be identical or similar in design to the Center or Left and Right

speakers.
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2.3.3 Subwoofer

A subwoofer may receive signal exclusively from the band-limited, 3 to 120 Hz, LFE

channel or low frequency information from a combination of channels using bass

redirection options in the decoder. Please refer to Part 2.5.2 - Bass Redirection for

further information.

Section 2 – Production Environment
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2.4 ROOM LAYOUT

The various possible room layouts used when Dolby Digital encoding all conform to

a basic standard. They all require Left, Center and Right channel speakers and at

least two Surround channel speakers. See Figure 2-7. Individual room

requirements will determine if additional speakers are required for the Surround

channels. Although the room layouts in Figure 2-7 show a mixing console, the

general room layout applies to other equipment complements as well. Both

listening positions, engineer and client, are compromised in larger rooms where two

Surround speakers are shared. When only a single pair of Surround speakers is

available, rooms should always be optimized for the engineer’s listening position.

The preferred solution is for both the engineer and clients to each have their own

pair of Surround speakers.
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Figure 2-7 Room Layout with Two and Four Surround Speakers

Section 2 – Production Environment
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2.4.1 Center Speaker Placement

Whenever possible, the Center speaker should be positioned so that its "acoustic

center" is in the same horizontal plane as that of the Left and Right speakers. In

near-field applications, this is usually a simple task. It is very important to keep the

three front speakers equidistant to the engineer’s position.

With soffit-mounted speakers this task may be more difficult when a video

monitor(s) occupies the ideal location for Center speaker placement. If it is not

practical to position all three front speakers in the same horizontal plane, the Center

speaker should be located either above or below the monitor screen.

When it is not possible to align the "acoustic centers" of the three front speakers,

attempt to align the tweeters in as close to a straight horizontal line as possible.

This may require either inverting or positioning the Center speaker laterally, as well

as rotating the tweeter to maintain the proper dispersion characteristic.

Using soffit-mounted Left and Right speakers with a near-field Center speaker is not

recommended.
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2.4.2 Surround Speaker Placement

For installations using one set of speakers, typically the speakers will be located

approximately two feet behind the engineer’s position, at or above ear level and

angled so as to focus either directly overhead or on axis to the engineer. If four or

more speakers are used, the same guidelines apply for each set of speakers with

respect to the desired coverage. Speaker location and orientation may vary

depending on room layout, speaker type and personal preference.

2.5 CALIBRATION

Calibrating your playback system to establish a balance between all five main

channels and to ensure that all speakers play back at the same level is important to

for accurate encoding/decoding.

For proper calibration, it is necessary to use a Sound Pressure Level (SPL) meter

and/or Real-Time Analyzer (RTA) when measuring (in decibels) relative and specific

playback levels of all six channels.
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2.5.1 Playback Levels

Use an SPL meter and the Pink Noise Generator in your decoder to set your

system’s playback level to a particular reference level.

There are three options to adjust monitor system playback levels:

Amplifier gain trim controls

Mixing console group outputs (one for each of the L, C, R, LS, RS and LFE

channels)

Decoder output level trim controls (only if using the analog outputs)

The best option is to use your amplifier gain controls to set proper playback levels.

This option allows you to maintain optimum signal-to-noise performance from the

decoder and mixing console. If you decide to use either the console’s group

outputs or the decoder’s output level trim controls, both may sacrifice signal-tonoise

ratio, depending upon how you use these options.
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In general terms, the industry standard for film work uses pink noise at 0 dB

reference level (i.e., -20 dB from digital full scale) producing a sound pressure level

(SPL) of 85 dBc (slow). When performing such measurements, it is important to

account for meter characteristics as well as the extent and accuracy of low

frequency response. In projects for theatrical release, the level should be set and

left there. For music mixing, speaker levels should be set for the same SPL in each

channel. (Some engineers prefer to mix louder than others do, but if the levels

between channels are correct, the overall level isn’t as important.)

For very small mixing rooms, the Surround channel is generally set 2 dB lower than

the front channels (for example, 85 dBc in front and 83 dBc in back). This takes into

account the closeness to the Surround speakers and has proven to make the sound

in the home environment very close to what was heard by the mixer. For home

video releases, the overall level is usually set to 79 dBc. The lower level is used to

ensure that dialog will not be lost in a typical home environment.

Keep two important factors in mind when setting your playback levels:

1. Adjust your monitor system so that all five channels play back through their

respective speakers at the same level.
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2. Set your monitor system’s overall playback level so that the prominent material,

dialog or other, will be heard at the appropriate reference level. The reference

level will be either 85 dBc or 79 dBc, as described earlier.

2.5.2 Bass Redirection

Before you calibrate your monitoring system, you should decide whether bass

redirection of low frequencies is required in your system. Many decoders are

capable of redirecting low frequency information below a selected frequency (80,

100 or 120 Hz) to the channels capable of reproducing them. This is similar to the

normal/wide mode for the Center channel in a consumer decoder with Dolby

Surround Pro Logic.

For example, if you have five satellite speakers and a subwoofer, you could redirect

the low frequencies from the five main channels to the subwoofer outputs. If you

are using small Center and Surround speakers, you can take the low frequencies

from those channels and direct them to the Left, Right, or subwoofer outputs. If no

subwoofer is available, the low frequency effects signal (LFE) can be redirected to

the Left and Right channel outputs of the decoder.
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There are generally two types of test noise found in decoders: Pink and filtered. If

no bass redirection is chosen, calibration of the monitoring system should be made

using pink test noise. If bass redirection is required, calibration of your monitoring

system should be made using filtered test noise (if available). This will compensate

for the absence of low frequencies in your main monitoring speakers.

2.5.3 Sound Pressure Level Meter

To properly calibrate speaker levels, an SPL meter is necessary. A suitable and

relatively inexpensive meter is readily available from Radio Shack stores (Tandy

Electronics outside of North America). Since in general, the relative level between

channels is more important than absolute level, the accuracy of this meter is

sufficient for channel balancing. For greater accuracy, more expensive meters may

be used. It is recommended however, that an inexpensive meter be left in the

control room for quick level checks.
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2.5.4 Taking a First Measurement

1. Before you turn on the Pink Noise Generator in your decoder, be sure that your

playback system has been set to a moderate listening level. Adjust your

amplifier(s), self-powered speakers, or mixer only. Beware that if the playback

level is very high, you may run the risk of damaging your speakers or possibly

your hearing.

2. Pink noise should be cycled between the Left, Center, Right, Left Surround, and

Right Surround channels—remaining approximately two seconds at each output

before moving onto the next. If you do not hear pink noise in any of the five

main channels as the noise has cycled through that channel, check your

system’s connections and settings.

3. Ensure that you are sitting in your normal, proper reference listening or mixing

position. Pick up your SPL meter, turn it on, and set it for the proper SPL scale,

C-weighting and slow response.
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4. As you face your front speakers, hold the SPL meter at chest level, with the

microphone facing up at an angle of approximately 45 degrees at the Center

speaker. Keep the meter at arm’s length to prevent any audio that may reflect

from your body. You should be able to take SPL readings, in decibels, as you

look down at the meter.

5. Keep the SPL meter at this same position. Make sure that the meter is aimed at

the Center speaker as you take readings for the Left and Right speakers.

6. When taking the SPL readings for the Left Surround or Right Surround

speakers, keep the meter at the same angle and position as you did for the front

speakers, but turn your body 90 degrees from the Center speaker towards the

wall closest to the Surround speaker you are measuring. This will minimize

"shadowing" or obscuring the meter with your body.
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2.5.5 Individual Channel Calibration

The following steps describe the procedures for systems that have individual

amplifier gain controls, self-powered speaker gain controls, or less preferably,

adjustable console group outputs. If using a console, it is advisable to set the

master monitor volume control to a known marked position before proceeding with

calibration. This will allow you to easily return to the calibrated listening level at any

time.

1. Set the playback level for your Left channel. Generate test noise (pink or

filtered) so that it emanates from only the Left speaker.

2. Check your SPL meter and take note of the level. Adjust that channel’s amplifier

gain control (or associated mixer group output or self-powered speaker gain

control) up or down as necessary. Unless you have an assistant, you may need

to leave your sitting position to do this. If you do, be sure to return to the same

position, with the SPL meter in the same position.
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3. After you have set the channel to the desired reference level (85 dBc or 79 dBc),

you have properly set the level for the Left channel. Now return to Step 1, and

repeat the same procedure for the remaining Center, Right, Left Surround, and

Right Surround channels.

4. As a final check, cycle pink noise between all selected channels. Using your

SPL meter—and your ears—confirm that each speaker sounds equally loud from

your reference sitting position and that each speaker plays back at the exact

reference level (85 dBc or 79 dBc). If there are any discrepancies, repeat these

steps until everything is properly adjusted.

2.5.6 Subwoofer Calibration

Ideally, the test noise used for subwoofer calibration should use band-limited pink

noise, low-pass filtered at 120 Hz. To properly calibrate the subwoofer an RTA is

required. If an RTA is not available, you can approximate the settings with an SPL

meter.
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When using an RTA, proper alignment of the subwoofer requires setting the

subwoofer within its bandwidth, typically 25-120 Hz, 10 dB higher than the same

bandwidth measured for the Center channel. For example, when measuring the

Center channel, if the average value of each third-octave band (between 25 and

120 Hz) is at the 0 dB datum on the RTA display, adjust the subwoofer so that the

average value of each third-octave band is at the +10 dB datum. See Figure 2-8
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Figure 2-8 Real Time Analyzer (RTA) Display
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If an RTA is not available, setting the subwoofer channel 4 to 6 dB higher (e.g. 89

to 91 dBc for the subwoofer channel when the Center channel measures 85 dBc),

can give an approximate level on an SPL meter. This level varies with the quality of

your meter.

For future reference, if you have set up the level with an RTA, measure the level

with your SPL meter and take note of where your meter reads for the proper

calibration. You can then use this measured value for quick checks of the system

calibration in the future.

2.6 CENTER/SURROUND DELAYS

In addition to setting the proper monitoring levels, you must be sure that the sound

from each speaker arrives to your listening position at the correct time.

To achieve this, the delay times of the Center and Surround channels need to be

adjusted. Channel delay is determined by calculating the distances from each

speaker to the listener, as seen in Figure 2-9.
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DIM R DIM C DIM L

DIM LS DIM RS

DIM signifies distance

Figure 2-9 Speaker to Listener Dimensions
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In the case of Dolby Surround Pro Logic, you want a sound common to both the

front channel and the Surround channel to arrive at the front channels a fraction of a

second before the Surround channels. This takes advantage of the Haas effect

(also known as the precedence effect), that states that if two similar sounds arrive to

our ears at slightly different times, our brain tends to focus on the sound arriving

first and ignore the second. Dolby Surround takes advantage of this effect to

reduce the perceived crosstalk between the front and rear channels. A time arrival

difference of 10-20 milliseconds is adequate to make the Haas effect work.

Since, Dolby Digital is a discrete system, there is no crosstalk between channels.

Although related, the delay times required for Dolby Digital are different from Dolby

Pro Logic.

In decoders, Surround delays may be set up separately for Dolby Pro Logic and

Dolby Digital, with the set up for the Center delay being the same for both modes.

2.6.1 Surround Delay for Dolby Pro Logic

To calculate the required delay in Dolby Pro Logic mode, you need to measure the

distance from your referenced listening position to each of the five speakers:
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Left speaker (L) or Right speaker (R)

Center speaker (C)

Nearest Surround speaker (LS or RS)

All of these measurements need to be made in feet. If you are measuring in meters,

multiply the metric measurements by three to get the approximate equivalence in

feet.

Once you have these three measurements, you can calculate the required delay

settings for the room. Using the formula below, apply the appropriate numbers and

calculate the delays.

Distance from C – Distance from S + 15 = Surround delay for Pro Logic

For example, if the listener’s position is 15 feet from the Center speaker and 10 feet

from the Surround speakers, the delay setting for the rear channels will be 20

milliseconds for Dolby Surround Pro Logic. See the example below.

15 (distance from C) – 10 (distance from S) + 15 = 20 (Surround delay for Pro Logic)
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If the answer is less than the minimum value available for the selected delay, use

the minimum value available. This value is the correct delay (in milliseconds) that

you would program into your decoder.

2.6.2 Surround Delay for Dolby Digital

Determining channel delays for Dolby Digital is similar in concept to Dolby Pro

Logic, but important considerations arise since every channel is discrete. Since

Dolby Digital delivers discrete signals for each channel, there is no leakage or

crosstalk between channels. Therefore, there is no need to delay the Surround

channels to take advantage of the Haas effect (precedence effect). The Surround

and front channel signals should arrive "coincidently," at the same exact time.

Consequently, the Dolby Digital mode uses approximately 15 milliseconds less

delay than the Dolby Pro Logic mode for the same speaker/seating arrangement.

To calculate the Surround delay for Dolby Digital, you need to measure the distance

from your listening position to each of the three speakers:

Left speaker (L) or Right speaker (R)

Center speaker (C)
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Nearest Surround speaker (LS or RS)

All of these measurements need to be made in feet. If you are measuring in meters,

multiply the metric measurements by three to get the approximate equivalence in

feet.

Once you have these three measurements, you can calculate the required delay

settings for the room. Using the formula below, apply the appropriate numbers and

calculate the delays.

The S represents the distance from the Left Surround or Right Surround speaker.

Distance from C – Distance from S = Surround delay for Dolby Digital

For example, if the listener’s position is 15 feet from the Center speaker and 10 feet

from the Surround speakers, the delay setting for the Surround channels would be

five milliseconds for Dolby Digital. This is the correct delay in milliseconds that you

would program into your decoder. See example below:

15(Distance from C) – 10 (Distance from S) = 5 (Surround delay for Dolby Digital)
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2.6.3 Time Delay for Center Channel

The concept of "coincident arrival" can also be applied to the adjustment of the

Center channel in Dolby Digital. If the Center speaker can be placed at the same

distance from the listener as the Left and Right speakers (in an arc) to achieve

equal path lengths, i.e., distance C = distance L (distance from the listening position

to speaker), no delay is required. If the Center speaker is placed closer to the

listening position than the Left and Right speakers or further back, time delay can

be added to the Center channel signal to bring it into acoustic alignment with the

Left and Right speakers. This will electronically move the speaker to its proper

position in the room. For example, if distance C is two feet less than distance L,

Center delay is set to two milliseconds. If distance C is two feet more than distance

L, Center delay is set to -2 milliseconds.

To make the C-time delay negative, the decoder is actually setting C-delay to zero

and adding delay to the Left, Right, Left Surround, and Right Surround outputs of up

to three milliseconds. This keeps the Surround and front arrival times aligned.
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Chapter 3 –

Consumer Decoders

3.1 GENERAL INFORMATION

There are four general decoder types available. The same encoded multichannel

content needs to play successfully on all of them. See Figure 3-1.
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Figure 3-1 Audio Reproduction Hierarchy
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Notes to Figure 3-1

Discrete Multichannel: The encoded bit stream may be passed through to an A/V system

with a 5.1-channel Dolby Digital decoder. It is also possible to find DVD players that provide

full 5.1-channel decoding capability.

Surround Downmix (Lt/Rt): The bit stream may be downmixed to a 2-channel Lt/Rt

Surround compatible output using a preset downmix formula. This may be played over a

stereo system, decoded by a Pro Logic Surround decoder, or recorded onto a VCR for later

use.

Stereo Downmix (Lo/Ro): The bit stream may be downmixed to a 2-channel stereo output

using a defined downmix formula with Center and Surround mixing level options. This may

be played over a stereo system or headphones.

Mono Downmix: The bit stream may be downmixed to a mono output, such as an RF

remodulator in a set-top box. It is equivalent to the Lo/Ro downmix summed to mono.
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3.1.1 Behavior

Sources of Dolby Digital bit streams may include NTSC laser disc (LD); digital cable

and satellite; digital television (DTV) that encompasses standard definition

television (SDTV) and high definition television (HDTV); and digital versatile disc

(DVD). The maximum Data Rates for these formats are shown in Table 3-1

Table 3-1 Dolby Digital Bit Streams Available from Existing Formats

Format Sample Rate Data Rate (max)

Laser Disc 48 kHz 384 kb/s

DTV 48 kHz 384 kb/s*

Digital Cable 48 kHz 448 kb/s

Digital Satellite 48 kHz 448 kb/s

DVD-Video 48 kHz 448 kb/s

* A proposal to change the maximum rate to 448 kb/s has been made.
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Decoders built into any of these source formats must only be able to support the

format’s sample rate and maximum data rate. Surround decoders with an S/PDIF

input for Dolby Digital bit streams must be able to accept Data Rates up to 640

kb/s, and sample rates of 48, 44.1, and 32 kHz, to allow for the possibility of new

delivery formats. This requirement does not apply to ATSC-compliant DTV sets,

which only need support data rates through 448 kb/s at the 48 kHz sample rate.

While all decoders must accept bit streams made in any audio coding mode from

mono through 5.1, there are options on how these soundtracks will be processed.

In some cases the signals are presented exactly as created, in other cases the

signals are downmixed, and in some cases the signals are upmixed by a matrix

decoder such as in Pro Logic or 3 Stereo. Table 3-2 shows how the various

soundtrack configurations will be processed with typical decoding modes. The letter

designations correspond with the notes for figure 3.1.
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Table 3-2 Output Signals from Various Program Content and Decoding Mode

Delivered

Program Final Reproduction Mode

Content a) Discrete

Multichannel b) Pro Logic 3 Stereo c) Stereo d) Mono

3/2 I 3/2 . 3/1 I . 3/0 . 2/0 . 1/0

3/1 I 3/1 . 3/1 I . 3/0 . 2/0 . 1/0

3/0 I 3/0 . 3/1 I I 3/0 . 2/0 . 1/0

2/2 I 2/2 . 3/1 I . 3/0 I . 2/0 . 1/0

2/1 I 2/1 . 3/1 I . 3/0 I . 2/0 . 1/0

2/0 Lt/Rt I 2/0 3/1 I 3/0 I I 2/0 . 1/0

2/0 Stereo I 2/0 3/1 I 3/0 I I 2/0 . 1/0

1/0 I 1/0 1/0 I 1/0 I

I 2/0

(dual mono) I 1/0

I Denotes that the delivered signal was passed directly to the output channels.

. Denotes that the delivered signal was downmixed before reproduction.

I Denotes that a matrix decoder upmixed from a 2-channel signal to derive the output

channels.
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In order to distinguish stereo signals from Dolby Surround Lt/Rt signals, the AC-3 bit

stream may carry a flag with 2/0 encoded programs. Decoders may use this to drive

a Surround indicator, or it may be used to automatically control the Pro Logic

decoder. Decoders are allowed to ignore and/or override this flag, so the user has

final control over the stereo or Surround listening modes.

Decoders will output 1/0 mode (mono) signals to either the center channel or left

and right channels when the center channel is not available. It is unnecessary and

therefore not recommended to encode mono signals in 2/0 mode.

High-end, home theater systems will often reproduce the program with as much of

the original quality as possible, and so will use neither downmixing nor Dynamic

Range Compression. Many other listeners will use a form of downmixing

whenever the number of delivered channels exceeds the number of channels in the

Dolby Digital decoder. When downmixing, stereo products operate in Line Mode.

See Section 3.2 - Operational Modes for more information.
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It is crucial to set Dialog Normalization correctly to avoid peak overloads and

unwarranted application of Dynamic Range Compression (DRC). When DRC is

utilized it is important that the curve selected during the encoding process, i.e., film,

music, etc., properly matches the program style. Careful attention to setting these

parameters will ensure the average reproduction loudness is consistent, and that

the DRC process operates with the correct program thresholds. For more

information see Section 4.2 Features.

When downmixing multichannel programs to mono or Lo/Ro stereo, the relative

balance between the source channels is sometimes affected. This can be adjusted

to some degree with the Center Mix Level and Surround Mix Level settings in the

encoder.

When downmixing multichannel signals to Lt/Rt Surround, any Surround signals

that are correlated with the front signals, as in a front-back pan, must be phase

shifted to ensure the Lt/Rt downmix will decode properly. A 90-degree phase shift is

provided in the encoder. The use of this filter is inaudible with discrete

reproduction.
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Whenever downmixing takes place, the LFE signal is discarded. It is important to

include any essential LFE program content in the main Left and Right channels to

ensure it will be heard by all listeners. LFE is never required in a program, and is

not an available option in mono or stereo modes.

3.1.2 LFE and Bass Management

Home theater systems with 5-channel speaker systems usually use a subwoofer to

handle the bass. Dolby Digital decoders include bass management systems

offering many options including the ability to take the bass away from any channel

where the speaker is unable to reproduce it, and redirect it to the subwoofer. The

LFE signal is included in the total signal feeding the subwoofer. Many decoders

offer great flexibility in the setting of the bass redirection options and crossover

filters. The result is to ensure that full frequency content of all the channels in the

soundtrack can be heard. The same bass management features are included

professional decoders so it is possible to hear the signals in the same manner as

the home theater listener.
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3.2 OPERATIONAL MODES

To ease the design of decoder products, Dolby Digital ICs offer standard operating

modes called Line Mode and RF Mode. This greatly simplifies the implementation

of Dialog Normalization, Dynamic Range Compression, and downmixing

functions, all of which are necessary in Dolby Digital products.

3.2.1 Line Mode

Summary of Line Mode features:

Dialog Normalization always on

Dialog reproduced at a constant level (–31 dBFS Leq, see Part 4.3.1)

Dynrng compression variable used

Low-level boost compression scaling allowed

High-level cut compression scaling allowed if not downmixing
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The Line Mode is applicable in the widest range of products due to its flexibility and

ease of use. All line level or power amplified outputs from 2-channel set-top

decoders, 2-channel televisions, 5.1-channel televisions, A/V Surround decoders,

and outboard Dolby Digital adapters should be derived from this mode.

Figure 3-2 shows the signal relationships of the Line Mode under different

conditions. Note that whether or not downmixing or compression is active, the

average program loudness remains constant.
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Figure 3-2 Signal Relationships in the Line Mode
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3.2.2 RF Mode

Summary of RF Mode features:

Dialog Normalization always on

Dialog reproduced at a constant level (–20 dBFS Leq, see Part 4.3.1)

Dynrng and compr compression variables used

Compression scaling not allowed

+11 dB gain shift imposed

This mode is optimized for products generating a downmixed signal for subsequent

channel 3 RF remodulation. The overall program level is raised 11 dB, while the

peaks are limited to prevent signal overload in the D/A converter. By limiting

headroom to a maximum of 20 dB above average dialog level, over modulation of

television receivers is prevented while providing an average RF modulation level

that compares well with quality television broadcasts and premium movie channels.

Figure 3-3 shows the signal relationships of the RF Mode under different

conditions. Note that whether or not downmixing is active, the average program

loudness remains constant. Compression remains fully on at all times.
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Figure 3-3 Signal Relationships in the RF Mode
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See Figure 3-4 for an example of how signals generated with the RF and Line

Modes can relate to the modulation index of a typical RF remodulator circuit. While

Line Mode may be used for this purpose, the improvement in program dynamics will

come with a lower average loudness compared with other television signal sources.
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Figure 3-4 RF Remodulator Signal Levels
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3.2.3 Using Operational Modes in Products

More than one operational mode may be used in a given product. Furthermore,

these modes may be applied in different ways depending on the type of product

involved. For example, Table 3-3 shows how two operational modes might be used

in basic set-top boxes or televisions. Table 3-4 shows three typical listening modes

that might be found in more elaborate home theater systems.

A set-top box (cable or satellite receiver, or DVD player) or basic digital television

needs the ability to conform its audio to traditional signal references, such as VHS

Hi-Fi tapes or broadcast television signals. The standard mode in Table 3-3 and

Table 3-4 results in audio signals with good dynamic range, much like a

prerecorded VHS Hi-Fi movie. This may be the mode of choice for people who

connect the audio to a Dolby Surround Pro Logic system, for example. There may

be others who feel the average loudness of the signal is too low when switching

between digital programs and regular television programs, or that the loud portions

of the digital program are too high compared with the average dialog level. In this

case, the compressed mode will raise the average loudness of the dialog and

restrict the program peaks much in the style of conventional television audio.
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It is expected that the option to switch between these two listening modes will be a

one-time event when the system is installed, chosen based on the user’s

preferences or on the capabilities of the rest of the system used with the set-top

box. The actual nomenclature is a matter of choice based on the product’s user

interface design, or to best address the expected users of the product.

Table 3-3 Examples of Listening Modes in a Set-Top Box

Listening mode Description Mode

Gain Correction

Required

Standard Normal dynamic range Line None

Compressed Full compression RF None

A home theater product may offer the user the option to alter the reproduced

dynamic range more freely, so the sound may be optimized for changing listening

situations or user preferences. For this reason, it is suggested that three basic

modes be offered. The average loudness of the program should not change when

switching among late night, standard, or maximum modes.
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Table 3-4 Examples of Listening Modes in a Home Theater System

Listening Mode Description Mode Compression Scaling

Late Night Minimum dynamic range RF 1.0

Standard Normal dynamic range Line 1.0 (or scalable)

Maximum Maximum dynamic range Line 0.0/0.0

3.3 SELECTED IMPLEMENTATIONS

3.3.1 Channel Products

This category includes stereo DVD players, set-top boxes for satellite, cable or DTV

conversion, or DTV sets.
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All 2-channel decoders use Dialog Normalization and require Line Mode Dynamic

Range Compression capability. STBs with RF remodulation offer RF Mode

processing. Other modes are optional to the product designer. All 2-channel

products offer Lt/Rt downmix mode, but Lo/Ro mode is optional.

3.3.2 Multichannel Decoders

This category includes A/V amplifiers, receivers, control centers, and preamplifiers.

All multichannel decoders further include basic bass management capabilities.

3.3.3 Multichannel Adapters

This is a simplified type of decoder for adding Dolby Digital capability to an existing

Pro Logic Surround system. The end result meets all the same basic requirements

as for complete multichannel systems.

3.3.4 Multichannel DVD Players

Table 3-1provides a summary of product features.
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Table 3-5 Product Features

Feature

2-CH

Products

A/V

Decoder

Adapter

5.1 DVD

Adapter

Comments

Line Mode Compression 9 9 9 9

Dialog Normalization 9 9 9 9

Lt/Rt Downmix Capability 9 9 9 9

Lo/Ro Downmix opt opt opt opt

Bass Management 9 9 9* * Simplified

design option

Pro Logic Decoding 9 9* 9* * Required in

the system
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3.3.5 Laser Disc

Laser disc is unique in that it is an established format already capable of delivering

2-channel audio from the original analog FM tracks (AFM), and also from the

2-channel 16-bit PCM digital audio tracks. Dolby Digital compatible laser disc

players are able to provide both conventional stereo audio and Dolby Digital bit

streams without any internal Dolby Digital decoder. This is because both PCM

tracks remain available and because the Dolby Digital bit stream will usually

represent the discrete multi-track version of the same soundtrack found in the PCM

channels.

To add Dolby Digital bit streams in a way that preserves as much of the existing

format as possible, the Right channel AFM area carries the Dolby Digital RF signal.

It is a QPSK modulated carrier at 2.88MHz. The data is Reed-Soloman coded for

error correction. This RF signal has a separate output from the player for external

decoding, and is demodulated into a standard Dolby Digital bit stream in the S/PDIF

format for connection to Dolby Digital A/V decoders, as shown in the following

diagram.
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Figure 3-5 Basic Laser Disc Player Structure
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Chapter 4 –

Encoding

4.1 GENERAL INFORMATION

4.1.1 Preparing the Source Delivery Master

When preparing the source delivery master, adhering to accepted standards and

practices will help ensure proper Dolby Digital encoding.

One of the most common source delivery formats for Dolby Digital encoding is

Hi-8mm tape used in many popular Modular Digital Multitracks (MDMs). Although

Digital Audio Workstations (DAWs), open reel digital multitracks and other formats

are found, their use in this application is not as widespread.
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Channel to Track Allocation

Dolby encourages adopting the channel to track allocation as described in the

forthcoming ITU-R recommendation, Parameters for Multichannel Sound Recording

whenever possible. Track layouts depend on channel complement although tracks

1, 2, and 3 are always channels L, R, and C respectively. Table 4-1 shows one

possible configuration. Inclusion of the LFE channel is optional and its reproduction

from a decoder is determined by the listener. Therefore, essential low frequency

content should not be delivered exclusively by the LFE channel. When the LFE

channel is not used, track 4 may contain a Mono Surround (MS) signal. Alternative

practices exist within various industries so it is imperative to check the source and

accompanying documentation.

Table 4-1 Channel to Track Layout Example

Track 1 2 3 4 5 6 7 8

Channel L R C LFE LS RS Lt Rt
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Channel Levels

The following text is in accordance with the ITU-R recommendations referred to in

the previous paragraph.

Relative channel levels should assume each speaker delivers identical acoustic

sound pressure levels to the listener, excluding the LFE channel that is intended for

reproduction at +10 dB SPL (with respect to the main channels within the same 3 to

120 Hz passband). Assuming an MS signal delivered to a single speaker and two

Surround signals (LS, RS) each delivered to individual speakers, Surround levels

should be identical to the front channels.

In film sound practice, stereo Surround channel levels are typically recorded +3 dB

relative to the front channels. This is done to compensate for the -3 dB Surround

levels (relative to the front channels) encountered in cinema monitor systems. In

such a case, apply a -3 dB level correction to the LS and RS channels when

transferring to the source delivery master used for Dolby Digital encoding.

When the Surround channel is mono (MS), allocate it to both tracks 5 and 6 with 3

dB attenuation applied to each signal using the following formula:

Track 5 = Track 6 = 0.707 * MS
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Follow this recommendation even when track 4 also contains the MS signal, which

should always be at normal level on this track. It is important that the tape label

clearly indicate tracks 5 and 6 each contain the MS signal at -3 dB relative to its

normal level.

Reference Levels

The standard reference level is -20 dBFS for digital recorders (0 VU for analog

recorders). This level is typically +4 dBm from professional consoles and -10 dBV

from semi-professional consoles. When transferring from 35 mm magnetic film

(analog), attenuation and/or peak limiting may be needed to avoid digital clipping. If

used, these processes will affect what value is selected for the Dialog

Normalization parameter setting and will require complementary gain recovery in

the reproduction chain.

A 30 second, 1 kHz test alignment signal at -20dBFS should appear on all channels

at the beginning of the delivery source prior to program start. The finished master

should contain at least 30 seconds of "digital black" after the test tone and before

each subsequent program. Each title should begin with at least 2 seconds of

encoded digital black.
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Documentation

Clear and accurate documentation should always accompany the source delivery

master used for Dolby Digital encoding. This information is important not only when

the master is in use but also as a reference once it is archived. Dolby has Mix Data

and Mastering Information sheets available to facilitate proper documentation or to

use as a guide for creating similar documents. Please see Chapter 7 for Dolby

Laboratories contact information. The Mix Data sheet provides all the engineers on

a project with concise information about the source media. Typically, it will include

information on sampling frequency, bit resolution, time code, track assignment, titles

and program start and stop times. The Mastering Information sheet provides

documentation relevant to the mastering engineer or authoring facility with respect

to source media, timing and encoder settings along with general notes.
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4.1.2 System Operation

There are many encoding issues that need to be considered before the actual

encoding is started in a production session. In setting up an encoding session it is

important to keep in mind the type of content being generated and the type of media

it will end up on. Some media such as DVDs and laser discs require different

encoding parameters, and whether the content is a movie or a slide show

determines the need for time code in the content. The following is a brief

description of some of the issues that face production and authoring engineers

when generating content.

Whether an engineer uses a real-time encoder versus a non-real-time encoder will

effect the production process significantly. Real-time encoders, although generally

more expensive, offer the advantage of being able to check and monitor the

encoded bit stream as it is being encoded and therefore saving the engineer a

significant amount of time in verification. A non-real-time encoder will generally

offer the capability of batch encoding where the engineer can run overnight multiple

encoding sessions and automate the encode process.
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When encoding for non-real-time applications, the process will result in a Dolby

Digital file referred to as an . ac3 file. The .ac3 file follows the standard file format

defined by Dolby Laboratories for Dolby Digital files. All DVD authoring tools and

the majority of Dolby Digital encoding products on the market today are capable of

processing the .ac3 file format.

Audio/video synchronization is an important issue that engineers need to address

with every production. Although the use of time-code can help in bringing together

the audio and video components of a production, there are sometimes slight timing

adjustments that need to be made after the material has been assembled and

multiplexed. One example is the different latency of audio decoders and video

decoders in DVD players. Although an engineer might author a DVD disc with an

exact match in time code, the final DVD disc could still show a noticeable time sync

problem between audio and video. Most authoring programs today offer a way to

emulate a DVD disc before production in order to adjust for any such problems.
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Latency is issue when real-time encoding for broadcast or in simultaneous audio

and video encoding for authoring. Since every real-time encoder has an inherent

latency, it becomes crucial to analyze the latencies of both the audio and the video

encoders and make appropriate delay adjustments so that a match in delay is

found. When encoding in real-time for the purposes of storing a file to disc the

issue of latency becomes irrelevant.

Most real-time encoders allow the user to start and stop an encode session at

predetermined time codes. The main requirement is that the source material must

also carry time code in addition to the audio tracks. Having the capability to do

punch in and out encoding using time code is very convenient since it eliminates

the need to edit the .ac3 files at a later time.
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4.2 METERING

Metering is not available on all encoders.

4.2.1 Input Level Meter

The meter marked Input Level shows the input signal level that the compressor is

using to determine the amount of boost or cut. This signal is derived by taking the

largest of the individual channel signal levels (i.e. the input level meters in the top

left corner) and then attenuating this level by the dialnorm amount.

4.2.2 Line Mode Meter

The meter marked Line Mode shows the value of dynrng being sent in the bit

stream. This is the amount of compression that will be applied by the decoder if it is

configured in Line Mode, and no compression scaling is applied. Green means

boost, red means cut, and the meter shows a range of -24 dB to +24 dB.
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4.2.3 RF Mode Meter

The meter marked RF Mode shows the value of compr being sent in the bit stream.

This is the amount of compression that will be applied by the decoder if it is

configured in RF Mode. Green means boost, red means cut, and the meter shows

a range of -24 dB to +24 dB (although compr can actually take on values as large

as +/- 48 dB).

Most of the time, the RF Mode meter will read about the same as the Line Mode

meter, indicating that dynrng and compr are being set to comparable values. If

signal conditions arise that would cause overload clipping in the decoder, the

overload detection circuits in the encoder activate and cause dynrng and compr to

be further limited. In these conditions, compr will tend to be more limited than

dynrng, and thus the RF Mode meter will show a larger amount of cut than the Line

Mode meter.
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4.2.4 Calibration of Dialog Normalization ( dialnorm)

Both Line and RF Mode meters can be used to calibrate dialnorm. While a signal

is playing through the encoder, the operator can adjust dialnorm up or down until

the Line Mode and RF Mode meters show reasonable amounts of boost/cut. For

example, the operator can skip to a part of the source material that is at an average

loudness level, and then adjust dialnorm until the Line Mode and RF Mode meters

read around 0 dB. The operator can then skip to a part of the source material that

is either very loud or very quiet and verify that these meters indicate some boost or

cut.

4.3 FEATURES

An important aspect of Dolby Digital is that it caters both to the critical and to the

casual listener. The former may wish to hear precisely what the mixer heard in the

studio; the latter may want a processed form of audio resembling current broadcast

practice. However, neither would voluntarily choose a system demanding continual

adjustment of the volume control, as is demanded by the present mixed formats

(CD, cassette, FM, AM, TV, DVD, etc.).
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Dialog Normalization, Dynamic Range Compression and downmixing, are

inevitably interdependent and thus during mastering they cannot be treated

separately. Since Dolby Digital as a sound format will appear in many different

media and the listener will wish to switch between these media without dramatic

changes in volume, it is necessary to consider all possible types of programming.

In some applications, for example, set-top boxes for cable and/or satellite

distribution, these features of Dolby Digital also permit matching loudness with

present analog broadcast sources.

It is very desirable that the effects of Dialog Normalization, Dynamic Range

Compression and downmixing be assessed during program origination, preferably

by the use of a monitoring Dolby Digital encoder/decoder, so that the mixer can

simulate worst-case as well as best-case listening conditions.

Dynamic Range Compression cannot be applied or assessed without correct

setting of Dialog Normalization, since some of the compression parameters

depend upon the normalization setting.
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4.3.1 Dialog Normalization ( dialnorm)

For the purpose of Dialog Normalization loudness is quantified using the

equivalent loudness method Leq, the long-term average of A-weighted sound

pressure. The Leq measurement correlates more closely with subjective loudness

but yields figures lower than VU meter readings. The most useful measure is the

ratio of this to digital full-scale, dBFS Leq.

The following examples assume that program material entering the Dolby Digital

emissions encoder has the dynamic range it received at source; it is as the

producer intended and has not been further processed. Also, prior to entering the

emissions encoder, programs approach digital full-scale.
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Consider a listener switching between a news bulletin, a wide-range movie, rock

music and a symphony orchestra; these may be different TV channels or

recordings, or of course successive items on one source. In orders of magnitude,

these items will have loudness values of about -14, -28 (the dialog), -8 and -25

dBFS Leq. Thus if a listener sets his volume control on the news bulletin and then

hears the movie, the movie's dialog will be about 14 (28 - 14) dB quieter than the

newsreader, probably unintelligible. Conversely if the listener sets volume control

appropriately for the movie, the rock music will come out 20 (28 - 8) dB higher than

the dialog, probably intolerably loud. In fact with these items the typical listener will

need to adjust his volume control over at least a 15 dB range.

Note that the quietest source is the movie dialog. For many years, movie mixers

have used a standardized acoustic level for dialog; with digital formats this works

out at between 25 and 31 dB Leq below digital full-scale. Since movies constitute

an important part of the material to be conveyed by Dolby Digital, this

standardization is retained, and all dialog should emerge from a Dolby Digital

decoder at about -31 dBFS Leq. The average of programming other than dialog

should be adjusted appropriately with respect to dialog.
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The Dolby Digital encoder sends a control word called dialnorm to command the

decoder to adjust the volume. In the examples above, dialnorm needs to command

about 17 dB of volume reduction on the news bulletin, only 3 dB on the movie,

perhaps 15 dB on the rock music (so that it is about 8 dB louder than speech) and

about 6 dB on the symphony orchestra.

For speech, the dialnorm figure is the equivalent loudness level with respect to fullscale,

and the attenuation introduced in the decoder is (31 + dialnorm) dB ( dialnorm

being negative). Thus material with an Leq of 31 dBFS should have -31 entered;

this commands 0 dB volume reduction in the decoder. Similarly, the news bulletin

with speech at -14 dBFS requires a dialnorm of -14, giving 17 dB of attenuation so

that the newsreader comes out of the decoder at -31 dBFS, matching the movie

dialog.

If the source material at its loudest does not approach full-scale, less attenuation is

needed. Thus if the news bulletin at source had a loudness of -20 dBFS rather than

the -14 used in the example above, a dialnorm setting of -20 would yield the

standard level (-31 dBFS) at the decoder output and a match with other speech.
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The desired volume changes are performed at the decoder under the control of

dialnorm sent from the encoder. The actual audio data is not modified, and

therefore the original program level is available at the decoder. However, most if

not all consumer decoders automatically perform the volume normalization.

In general there can be no default setting for dialnorm; the figure depends on the

nature of the program, and in the context of mixed programming it will be essential

for the setting to change from item to item. For a channel whose material is very

uniform, a fixed (but appropriate) setting may be acceptable. However, it is possible

to generalize to the extent of saying that a setting for dialnorm of -31 dB will be very

unusual, required only for a few unprocessed wide-range movie soundtracks. For

typical broadcast material (speech and popular music), the setting will more often lie

in the range of -15 to -20 dB.

In the future, we expect that the material arriving at a Dolby Digital emissions coder

will be accompanied by appropriate values for dialnorm (and dynrng and compr)

built into the bit streams, so that no manual intervention will be required. However,

for the present, it is necessary to set the dialnorm value at the encoder.
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For program including speech, the correct figure for dialnorm is the dBFS Leq value

of that speech. Thus an objective setting involves measuring Leq and entering the

result at the encoder. For non-speech items, it may initially be desirable to ask a

number of people to listen to speech at the standard level and then to adjust the

volume to their taste on the music; the amount of the adjustment can then be used

as an offset to the speech setting.

The above applies to line output modes of the decoder. Dolby Digital decoders can

also operate in RF Mode, when they deliver a two-channel output intended primarily

to feed TV sets or VCRs via an RF modulator, typically mono. Clearly it is desirable

that Dolby Digital sources heard thus match analog sources (broadcast and cable

channels and VCR recordings), and the potential wide dynamic range of Dolby

Digital will usually be inappropriate. In RF Mode the decoder switches in an output

boost of 11 dB relative to line output modes, and applies compression. See

Dynamic Range Compression for RF Outputs, below. With the standard gain

setting for the RF modulator (digital full-scale = 200% of nominal maximum

broadcast modulation) and with correct selection of dialnorm, this typically gives

such a match.
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4.3.2 Dynamic Range Compression ( dynrng)

Dolby Digital encoders generate control words, dynrng and compr, which may be

used in the decoder to compress the dynamic range. The control is based on the

RMS value of the audio, a rough measure of loudness. In contrast, protection

limiting, is based on the peak levels.

Dynamic Range Compression for Line Outputs

An important feature of Dolby Digital is that it conveys the audio unaltered in

dynamics. Unlike almost any previous broadcast medium, it therefore gives the

listener the option to hear the program as the mixer intended, even if that means

that it goes from scarcely audible to extremely loud.
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Present analog broadcast processors force the program level towards full

modulation of the transmitter for a substantial proportion of the time, eliminating

most of the dynamic range; an incidental benefit is an approximate normalization of

listening level. In other words, the average volume is determined by the same

device that reduces the dynamic range. With Dolby Digital there are no technical

pressures to reduce dynamic range, and mean or average volume is addressed by

dialnorm. Thus in Dolby Digital, the need for dynamic compression can be

considered independently of average listening levels.

After discrepancies in absolute or average volume have been reduced by the

application of dialnorm, many program items will require no further processing for

listening under non-ideal conditions, but of course some program items will have too

great a dynamic range for some listeners. An obvious example is movie

soundtracks; if the volume is set for satisfactory intelligibility of dialog, sounds such

as explosions may be unacceptably loud as reproduced in the home. Another

example is symphonic music; if the volume is set for comfort in loud passages, very

quiet ones may be lost in the background noise. In contrast, news bulletins or rock

music inherently have little dynamic range, and provided their absolute levels have

been set appropriately there is no reason to apply compression.
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The Dolby Digital encoder generates Dynamic Range Compression information in

accordance with one of a number of selectable algorithms. This information,

contained in control words called dynrng, accompanies the otherwise

uncompressed audio and may be used in the decoder to apply compression at the

option of the listener. Some consumer decoders also offer the option of using

partial compression.

As mentioned above, some types of programming inherently have little dynamic

range and therefore remain close to their average for most of the time. The

compression algorithms provided in Dolby Digital encoders have a "null zone," an

intermediate range of input levels where no gain or loss is applied. Thus

programming with narrow dynamic range is substantially unchanged. Above the

null zone, the algorithms command attenuation in the decoder; below, they

command amplification. The width of the null zone, the degrees of high- and lowlevel

compression and the time-constants depend on that algorithm is selected.

Average program should lie within the null zone. Dialnorm represents the average

loudness of the input signals. Hence the thresholds of the various compression

algorithms (for example, the bottom and top of the null zone) move with the setting

of dialnorm.
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Dynamic Range Compression for RF Outputs

RF Mode employs a different compression control word, compr (or in some

documents, compre). This operates very similarly to dynrng, apart from the

overload protection.

Profiles

There are several options, "profiles," for compression, each with a name denoting

the most suitable application. They all share the property of a null zone, a region in

the middle of the dynamic range where the gain is fixed at unity, no boost or cut.

The ends of this null zone are referred to the value of dialnorm so that dialog or

average program will lie within the null zone and will not be subject to gain variation.

Unless the feature is disabled at the decoder, sounds quieter or louder than the

average and outside the null zone will be boosted or cut in accordance with the

profile selected at the encoder. This provides a reduction in the dynamic range of

the reproduced audio. The width of the null zone determines the proportion of time

that program level will lie outside it, and therefore the actual amount of

compression.
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One result of this form of compression characteristic is that program material with

an already restricted dynamic range, whether inherently or because of prior

processing, should be primarily within the null zone and hence will not be subjected

to further compression. Another is that dialog does not modulate background

noises, at least between syllables. The resultant processing reduces dynamic

range without the audible side effects often associated with broadcast processors,

gain pumping and transient distortion.

Irrespective of the selected compression profile, the encoder assesses the

possibility of peak overload in the decoder. If necessary, the encoder overrides and

increases the high-level compression, preventing output clipping. See Part 4.3.3

Downmixing and Decoder Overload.

Currently, there are five compression profiles in addition to none. These profiles

are divided into three groups which are described in the following pages.
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Film

Movie soundtracks contain dialog at a standardized level with respect to digital fullscale.

See Part 4.3.3 Downmixing and Decoder Overload. Sounds rarely are very

much quieter than dialog (they would not be audible beneath the typical background

noise of a movie theater), so film soundtracks only call for modest degrees of lowlevel

boost. In addition, raising low-level sounds excessively would sometimes

reveal unwanted backgrounds, such as camera and traffic noise, which the film

mixer did not intend to be audible in the theater. However, sounds will frequently be

much louder than dialog, 20 dB or more, so large amounts of gain reduction may be

required.

There are two film profiles, standard and light, with null zones 10 and 20 dB wide

respectively, straddling the dialnorm setting. In both cases, low-level boost is

applied using a 2:1 compression ratio, with a maximum boost of 6 dB. Above the

null-zone, the compression adopts a characteristic (20:1 ratio) close to limiting,

except that it is based on RMS, not peak.
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Music

The dynamic range depends on the type of music. Most popular music has an

inherently limited range, and requires little or no compression. It does, however,

demand an appropriate setting for dialnorm to ensure that its absolute loudness is

not out of line with that of other programming. The dialnorm setting also determines

that the music will lie within the null zone of the compression profiles.

There are two music profiles, standard and light, with null zones 10 and 20 dB wide

respectively, straddling the dialnorm setting. Below the null zone, both profiles offer

up to 12 dB of boost with a 2:1 compression ratio. Above the null zone, a standard

profile gives 20:1 compression and light 2:1.
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Speech

While any one source of speech usually has a limited dynamic range and can be

easily accommodated inside a null zone, some speech programming may include

moments which are abnormally loud or soft (shouts or whispers). The speech

profile therefore uses a 10 dB null zone for normal average speech. The correct

setting of dialnorm as usual ensures that this average speech lies within the null

zone; outside this region fairly heavy compression is applied, 5:1 ratio up to 15 dB

boost for low levels and 20:1 (near limiting) for high levels. This retains the

impression of quieter or louder speech while ensuring that these non-average

voices remain intelligible and do not get excessively loud.

This profile may be inappropriate when a heavy background accompanies the

speech, since in gaps in the speech the background would be boosted by 15 dB. In

these circumstances, one of the film profiles may be more suitable.

4.3.3 Downmixing and Decoder Overload

When multiple sources are mixed together in a studio, the engineer adjusts the

relative gain of each source for the desired subjective balance and the overall gain

for the desired total output level.
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In contrast, when a multichannel program is downmixed to stereo or to mono inside

a Dolby Digital decoder, the mixing coefficients are in general fixed. The decoder

performs the mixing in the digital domain, and therefore there is the possibility that

the downmix may overload the output digital-to-analog converters, DACs.

If the coefficients in the decoder were chosen to ensure that downmixes could never

overload the DACs, many downmixes would sound somewhat quieter than a mono

or stereo program that did not require downmixing or the same program reproduced

in a multichannel mode.

The actual mixing coefficients are therefore chosen to give a more satisfactory

match in output volume between downmixed and non-downmixed sources. As a

result downmixes could lead to output overload on the comparatively rare occasions

that a multichannel source approached digital full-scale on all channels

simultaneously.

As described above, most programming will demand volume attenuation within the

decoder via dialnorm. This attenuation is applied in the digital domain prior to

downmixing, and will therefore reduce the probability of overload. On the other

hand, in RF Mode the decoder's 11 dB of boost increases the probability of

downmix overload.
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Dolby Digital prevents overload by introducing overload protection limiting. The

encoder generates several possible downmixes, estimates their worst-case peak

level at a decoder output, taking into account the setting of dialnorm, and separately

calculates the gain reduction required in the decoder to prevent overload in Line

Mode and RF Mode. Optionally, the gain reduction for RF Mode may take into

account the pre-emphasis employed in RF modulators. Whenever one of these

values of gain reduction exceeds the gain reduction demanded by a selected

compression algorithm, if any, it is substituted for the compression figure in the

dynrng or compr control word.

To put overload protection in perspective, consider the extraordinarily improbable

case of a 5-channel source that reached full-scale simultaneously in all channels;

this represents a sound roughly 30 dB higher than standard dialog level.

In line output mode, due to the choice of fixed mixing coefficients, overload

prevention would require 11 dB of gain reduction from dialnorm and dynrng

combined. Such a source would obviously be very loud and would probably already

have demanded volume reduction via dialnorm and compression via dynrng; if such

reduction was 11 dB or more, no protection limiting would be required. In practice

overload protection limiting will operate rarely if at all on real program.
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In RF Mode, this source could demand 22 dB of total gain reduction ( dialnorm plus

compr), but remembering that in analog broadcasting, speech typically is within a

very few dB of full modulation, it is not surprising that a sound 30 dB louder will

demand large degrees of compression/limiting.

4.4 PARAMETER DEFAULT VALUES

Although Dolby recommends default values for licensed encoders, parameter

settings will nearly always require adjustment to appropriate values for specific

content and applications.

In addition to the Data Rate and Audio Coding Mode, the user should pay

particular attention to Dialog Normalization, Dynamic Range Compression, and

Surround Channel 3 dB Attenuation and 90° Phase-Shift.
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Dolby-recommended default values are given here for the parameters that are

required and therefore common to all licensed encoders. This is not to say that the

same default values will appear in all encoders, even if they are from the same

manufacturer. For some parameters, 2-channel encoder defaults will differ from

those for a 5.1-channel encoder. Please refer to Chapter 5 - Applications and

Formats for more information on appropriate parameter values for various

applications.

Table 4-2 Recommended Parameter Default Values

Data Rate — 2-channel 192 kb/s

Data Rate — 5.1-channel 448 kb/s

Audio Coding Mode — LFE on/off, 2-channel 2/0, LFE off

Audio Coding Mode — LFE on/off, 5.1-channel 3/2, LFE on

Bit Stream Mode Complete main

Dialog Normalization -27 dB

Center/Surround downmix levels -3 dB

Dolby Surround Mode Not indicated
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Table 4-2 Recommended Parameter Default Values – continued

Audio Production Information Exists No or 0

Audio Production Information — Mixing level 25

Audio Production Information — Room type Small room

Copyright bit Copyright protected or 1

Original Bit Stream Original or 1

Apply DC filter to full bandwidth channels On

Apply lowpass filter to full-bandwidth channels On

Apply lowpass filter to LFE On

Apply 90° phase-shift to Surround channels — 2-channel N/A

Apply 90° phase-shift to Surround channels — 5.1-channel On

Apply 3 dB attenuation to Surround channels — 2-channel N/A

Apply 3 dB attenuation to Surround channels —5.1-channel Off

Dynamic Range Compression settings On or Film Standard

RF Pre-emphasis filter On
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4.5 AUDIO SERVICE CONFIGURATION

The parameters in this group specify the fundamental aspects of the Dolby Digital

encoded program. They include the Data Rate, Sampling Frequency, number of

coded channels, Audio Coding Mode, the type of audio service, Bit Stream Mode,

and the Dialogue Normalization value.

4.5.1 Data Rate

The total Dolby Digital bit stream data rate is set using the bit stream Data Rate

parameter. The bit stream data rate value determines that of the 19 pre-defined

Dolby Digital data rates will be used. In order to maintain high audio quality, data

rates that are supported by a Dolby Digital encoder depend on the selected Audio

Coding Mode parameter. In general, Audio Coding Modes that include fewer

channels in the bit stream, will have lower data rate limits. Table 4-3 indicates

suggested data rate ranges as a function of the Audio Coding Mode.
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Table 4-3 Suggested Data Rate Ranges as a Function of Audio Coding Mode

Audio Coding Mode Data Rate Range

1/0 56 - 640 kb/s

2/0 or 1+1 96 - 640 kb/s

3/0 or 2/1 128 - 640 kb/s

3/1 or 2/2 192 - 640 kb/s

3/2 224 - 640 kb/s

4.5.2 Sampling Frequency

Dolby Digital supports three standard sampling frequencies: 48 kHz, 44.1 kHz, and

32 kHz. The PCM audio signals that are input into the encoder, must be sampled at

one of these rates. Since the value of this parameter depends on other parameters

or conditions, it does not require explicit user control and may be adjusted

automatically by the encoder.
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4.5.3 Audio Coding Mode

This parameter defines the number of full-bandwidth audio channels within the

encoded bit stream and also indicates the channel format. The Audio Coding

Mode is designated as two numbers, m/n, with m indicating the number of front

channels, and n indicating the number of rear (Surround) channels. If the mode is

set to 1+1, then two completely independent program channels (dual-mono),

referenced as Ch1 and Ch2, are encoded into the bit stream. If the program

material is encoded as 1/0 (mono), decoders will output the signal to either the

Center channel or both Left and Right channels depending on the system

configuration. Table 4-4 lists all eight modes and defines that input channel is used

for encoding based on the selected mode.
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Table 4-4 Audio Coding Mode

Audio Coding

Mode

Channel Format

000 1+1 (L/Ch1, R/Ch2)

001 1/0 (C)

010 2/0 (L, R)

011 3/0 (L, C, R)

100 2/1 (L, R, S)

101 3/1 (L, C, R, S)

110 2/2 (L, R, LS, RS)

111 3/2 (L, C, R, LS, RS)
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4.5.4 Low Frequency Effects Channel On/Off

This item enables or disables the Low Frequency Effects (LFE) channel. The LFE

channel is optional and if enabled, its reproduction from a decoder is determined by

the listener. Therefore, essential low frequency content should not be delivered

exclusively by the LFE channel.

4.5.5 Bit Stream Mode

This parameter indicates the complete main type of service that the bit stream

conveys. Bit Stream Mode 000 (CM) is the normal mode of operation and contains

a complete audio program including dialog, music and effects. The CM and ME

services may be further enhanced by means of associated services. The service

types are listed in Table 4-5.
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Table 4-5 Bit Stream Mode Types

Bit Stream Mode Service Type

000 Main audio service: Complete main (CM)

001 Main audio service: Music and effects (ME)

010 Associated service: Visually impaired (VI)

011 Associated service: Hearing impaired (HI)

100 Associated service: Dialog (D)

101 Associated service: Commentary (C)

110 Associated service: Emergency (E)

111 Associated service: Voice over (VO) / Karaoke
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4.5.6 Dialog Normalization

This parameter indicates how far the average dialog level of the encoded program

is below digital 100% full scale (0 dBFS). Valid values are -1 dB to -31 dB. The

value of Dialog Normalization, dialnorm, determines the audio reproduction level

and affects other parameters and decoder operation. Refer to Section 4.3 -

Features for detailed information on this subject. A thorough definition of the

dialnorm parameter can be found in the ATSC A/52 document as well.

4.6 BIT STREAM INFORMATION

The parameters in this group relate directly to the Dolby Digital Bit Stream

Information (BSI) fields. Definitions for BSI parameters are given below.
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4.6.1 Center Downmix Level

This parameter indicates the nominal downmix level of the Center channel with

respect to the Left and Right channels. Table 4-6 lists the valid values for Center

downmix level. This parameter appears in the bit stream only when three front

channels are in use, i.e., only when the Audio Coding Mode is set to 3/0, 3/1, or

3/2.

Table 4-6 Center Downmix Level Values

Center Downmix Level Mix Level

00 0.707 (-3.0 dB)

01 0.596 (-4.5 dB)

10 0.500 (-6.0 dB)
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4.6.2 Surround Downmix Level

This parameter indicates the nominal downmix level of the Surround channel(s) with

respect to the Left and Right channels (consistent with the ITU BR specification).

Table 4-7 lists the valid values for Surround downmix level.

This parameter appears in the bit stream only when a Surround channel is in use,

i.e., only when the Audio Coding Mode is set to 2/1, 2/2, 3/1, or 3/2. It is

recommended that the parameter be user-adjustable only in the case that one of

these modes has been selected.

Table 4-7 Surround Downmix Level Values

Surround Downmix Level Mix Level

00 0.707 (-3.0 dB)

01 0.596 (-4.5 dB)

10 0.500 (-6.0 dB)
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4.6.3 Dolby Surround Mode

This parameter indicates whether or not a 2-channel Dolby Digital bit stream is

conveying a Dolby Surround encoded program. This information is not used by the

Dolby Digital decoding algorithm, but may be used by other portions of the audio

reproduction equipment, such as a Dolby Pro Logic Surround decoder. Table 4-8

lists the valid values for Dolby Surround Mode.

Table 4-8 Dolby Surround Mode Indications

Dolby Surround Mode Indication

00 Not indicated

01 Not Dolby Surround encoded

10 Dolby Surround encoded
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This parameter appears in the bit stream only when operating in the two-channel

mode, i.e., only when the Audio Coding Mode is set to 2/0. This parameter may be

user-adjustable only when 2/0 mode has been selected.

4.6.4 Language Code

This is a code, which was intended to represent the language of the Dolby Digital

audio service. Typically, there are MPEG system elements that are used for

indicating the service language (language descriptors, for example). Therefore, at

this time there is no known use for this code and consequently there may be no

reference to it on a Dolby Digital encoder user interface.

4.6.5 Audio Production Information Exists

This flag indicates whether the Mixing Level and Room Type parameters

explained below exist within the Dolby Digital bit stream.
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4.6.6 Mixing Level

This parameter indicates the absolute acoustic Sound Pressure Level (SPL) of an

individual channel (usually the Center channel dialog level) during the final audio

mixing session. The valid range for this parameter is a value from 0 to 31. The

peak mixing level is 80 plus the Mixing Level dB SPL, or 80 to 111 dB SPL. The

peak mixing level is the acoustic level of a sine wave in a single channel whose

peaks reach digital 100% full scale (0 dBFS). The absolute SPL value is typically

measured using pink noise at -20 or -30 dB RMS with respect to the peak RMS sine

wave level. The Mixing Level value is not normally used within the Dolby Digital

decoder but may be used by other elements in the audio system. A second value

for this parameter type will become active when the Audio Coding Mode is 1+1

and Audio Production Information Exists is set to 1, or yes. This second item

applies to the second independent channel (Ch2) residing within the bit stream.

This parameter appears in the bit stream only when the Audio Production

Information Exists parameter is set to 1, or yes
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4.6.7 Room Type

This parameter indicates the type and calibration of the mixing room used for the

final audio mixing session. The Room Type value is not normally used within the

Dolby Digital decoder but may be used by other elements in the audio system.

Table 4-9 lists the valid values for Room Type. This parameter appears in the bit

stream only when the Audio Production Information Exists parameter is set to 1,

or yes.

Table 4-9 Room Type Indications

Room Type Indication

00 Not indicated

01 Large room, X curve monitor

10 Small room, flat monitor
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4.6.8 Copyright Bit

This parameter sets the value of a single bit within the Dolby Digital bit stream. If

this bit has a value of 1, the information in the bit stream is indicated as protected

by copyright. If it has a value of 0, the information is not copyright protected.

4.6.9 Original Bit Stream

This parameter sets the value of a single bit within the Dolby Digital bit stream. This

bit has a value of 1 if the bit stream is an original. It has a value of 0 if the bit

stream is a copy of an original bit stream.

4.7 PREPROCESSING OPTIONS

The parameters listed in this group are associated with options for preconditioning

the audio input signals before they are encoded.
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4.7.1 Digital De-Emphasis

Dolby Digital encoders may allow activation of digital de-emphasis applied to the

PCM input signals whenever it is detected that the input has been pre-emphasized.

The detection is typically done by monitoring the pre-emphasis flags within the

channel status data of the incoming digital audio signal (e.g., AES/EBU or S/PDIF).

Since the value of this parameter depends on some other parameter(s) or

condition(s), it does not require explicit user control and may be adjusted

automatically by the encoder.

4.7.2 DC Filter

This parameter may be used to activate a DC filter for all input channels.
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4.7.3 Channel Bandwidth Lowpass Filter

This parameter may be used to activate a lowpass filter with a cut-off near the

specified audio bandwidth that is applied to the main input channels. If the digital

signal fed to the main input channels does not contain information above the

specified audio bandwidth, this filter may be disabled.

4.7.4 LFE Lowpass Filter

This parameter may be used to activate a 120 Hz lowpass filter applied to the LFE

input channel. If the digital signal fed to the LFE's input does not contain

information above 120 Hz, this filter may be disabled. This parameter may be useradjustable

only when the LFE channel is enabled.
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4.7.5 Surround Channel 90° Phase-Shift

This feature is useful for generating multichannel Dolby Digital bit streams that may

be down-mixed in an external 2-channel decoder to create a true Dolby Surround

compatible output. This parameter may be user-adjustable only when Surround

channels are present in the bit stream, i.e., only when Audio Coding Mode is set to

2/1, 2/2, 3/1, or 3/2.

4.7.6 Surround Channel 3 dB Attenuation

This function is useful for applying a 3 dB attenuation to the Surround channels of a

multichannel film soundtrack when it is being transferred onto a format for consumer

home theater playback. This is because cinema soundtrack Surround channels are

mixed +3 dB relative to the front channels in order to account for cinema amplifier

gains. Home theater Surround channel gains are calibrated differently, and so a -3

dB adjustment to the Surround tracks is necessary. This parameter may be useradjustable

only when Surround channels are present in the bit stream, i.e., only

when Audio Coding Mode is set to 2/1, 2/2, 3/1, or 3/2.
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4.7.7 Dynamic Range Compression Preset

This parameter determines the characteristic curve of the Dynamic Range

Compression algorithm. The dynamic range compressor generates the dynrng

gain word during the encoding process. A Dolby Digital decoder will use the dynrng

gain word to reduce the audio program's dynamic range unless the feature is

disabled on the decoder by the user who desires program reproduction with the

original dynamic range. Depending on encoder implementation, Dynamic Range

Compression may be controlled by merely enabling the parameter or by selecting

one of several built-in preset characteristics. These presets include Film Standard,

Film Light, Music Standard, Music Light and Speech. Please refer to Section 4.3

- Features for detailed information on this subject. A thorough definition of the

dynrng parameter can be found in ATSC A/52.

4.7.8 RF Pre-Emphasis Filter

This parameter determines whether or not an RF pre-emphasis filter is used in the

clip protection algorithm to prevent RF overmodulation in set-top box decoders. It is

primarily used for broadcast applications.
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4.8 AUTOMATIC PARAMETERS

The values of the parameters should be adjusted automatically by the encoder.

4.8.1 Audio Bandwidth

In general, audio bandwidth is adjusted automatically within the encoder. Under

most circumstances, the encoder will maintain the full audio spectrum bandwidth of

20 kHz. However, as the Data Rate is decreased below some value, it becomes

useful to decrease the audio bandwidth in order to maintain high audio quality. The

optimum choice for a bandwidth value will depend on the selected Data Rate and

the Audio Coding Mode.
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4.8.2 Coupling

In genera,l Coupling is adjusted automatically within the encoder. It is used in the

cases where more than one audio channel is being encoded in order to increase

coding efficiency by sharing information across the channels. At very high data

rates, Coupling is not necessary, but as the Data Rate decreases, Coupling is

enabled, and the Coupling frequency decreases as the Data Rate decreases

further, in order to maintain high audio quality.

4.9 PROCESSING STATE CONTROL PARAMETERS

The parameters in this group influence the processing state of the Dolby Digital

encoder. The simplest example would be a control for starting and stopping the

encoder. Some of the controls explained here are only relevant for specific encoder

applications. One such example is a user control for recording the Dolby Digital bit

stream to a disc file. This function may be useful for an application such as DVD

mastering, where the encoded data is to reside on a computer disc file, but would

not be useful in broadcast encoder applications.
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4.9.1 Start/Stop Encoding

Many encoders will have a control for starting and stopping the encode process.

4.9.2 Save/Recall Encoder Settings

Some encoders may have a control for saving and recalling parameter settings for

the encoder application. Due to the large number of possible parameter

combinations, it can be useful to store a particular combination that can be recalled

later, thus saving setup time and reducing the possibility of an erroneous setting.

4.9.3 Time Code Control

Some applications may require the use of SMPTE time code for controlling certain

aspects of the Dolby Digital encoder operation. An example would be DVD

mastering, where it is necessary to resolve synchronization between the separate

audio and video elements before they are multiplexed into a single system stream.
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It should be noted that this example does not require the SMPTE time code values

to be transmitted as part of the elementary bit stream. Typically, there are MPEG

system elements that are used for audio/video synchronization at decode time

(presentation time stamp, PTS, for example). At this time there is no known use for

the syntactic time code elements, which are optional in the BSI portion of the

elementary Dolby Digital stream. Instead, the time stamp values that are associated

with each Dolby Digital synchronization frame can be outside of the elementary

stream.

4.9.4 Record/Play Bit Stream

Some applications may require the capability of recording the Dolby Digital bit

stream onto a computer disc file. In these applications controls for destination file

name and mode selection, record/playback, are useful.
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4.10 INPUT/OUTPUT CONTROL PARAMETERS

The parameters in this grouping relate to physical and electrical characteristics of

the encoder's input and output connections. Controls of this type are by nature very

dependent on the particular encoder application because there are many possible

ways to connect audio signals to and from an encoder product. The controls listed

here are suggestions only, there may be other I/O controls needed for a given

licensed AC-3 encoder.

4.10.1 Input Channel Assignment/Routing

In general, Dolby Digital encoders will implement a means to configure the mapping

of the input signals to the proper Dolby Digital encoded channel assignment. The

number of input channels that are actually encoded depends upon the Audio

Coding Mode and the LFE setting.
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4.10.2 Output Data Formatting

Some Dolby Digital encoders may include a control that allows the user to specify

aspects of the encoded data output formatting. One example would be a control for

selecting the particular IEC 958 format where the specification is used as the output

method for the Dolby Digital data.
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Chapter 5 –

Applications and Formats

5.1 DVD VIDEO

Dolby Digital has been selected as the mandatory audio format (in addition to PCM)

for DVD-Video in all NTSC countries. Dolby Digital has also been declared as the

mandatory audio format for PAL countries. See Part 5.1.1 - DVD-Video

Specification, below. It is therefore crucial for all engineers and technicians who are

authoring DVDs to get familiar with the basic Dolby Digital audio requirement for

DVD-Video before starting the audio encoding process. This chapter is intended to

go into the details of audio encoding for DVD-Video. Any questions regarding DVD

authoring or video encoding should be addressed to the appropriate companies.
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DVD players come in a few form factors, stand-alone home DVD players, DVDVideo

upgrade kits for personal computers, portable DVD players, and DVD

PC/home theater. All these DVD players are capable of playing the same DVDVideo

discs on the market today. In NTSC and PAL countries all DVD players are

equipped with Dolby Digital decoders that are capable of playing DVD discs with

Dolby Digital tracks. The consumer usually has the choice of listening to the DVD

player decoded line outputs or connecting the Dolby Digital data line to an external

decoder (A/V receiver, etc.) which usually gives the user more flexibility in the

decoding process.

The following sections give a few guidelines when encoding audio material for the

DVD-Video format. Readers are encouraged to contact their DVD authoring

software companies and their video encoding companies for more information in

those areas.
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5.1.1 DVD-Video Specification

The DVD Forum has issued a new specification outlining the accepted audio

formats for DVD-Video in PAL countries. Any PAL DVD-Video disc may now have

Dolby Digital audio tracks ONLY without the need for PCM or MPEG audio to be

present anywhere on the disc. In NTSC countries, a DVD-Video disc conforms to

the specification if it carries either a Dolby Digital audio track or a PCM audio track.

5.1.2 Supported Data Rates

When encoding audio for DVD-Video one of the key parameters in the Dolby Digital

encoder is the data rate. The DVD specification calls for every DVD player to be

able to decode Dolby Digital streams up to and including 448 kb/s. Through its

rigorous licensing program, Dolby Laboratories guarantees that every DVD player

on the market is capable of decoding a Dolby Digital stream at 448 kb/s.

Dolby Laboratories recommends that all multichannel (more than 2-channel)

material is encoded at 448 kb/s and that all 2-channel stereo content is encoded at

192 kb/s.
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In some cases, video encoder inefficiencies might require a higher video data rate

than normal. In these cases the audio data rate for multichannel content could be

lowered to 384 kb/s. This data rate should only be used when it is clear that the

video encoder must have the extra bandwidth.

5.1.3 Data Resolution

Every Dolby Digital encoder is capable of encoding audio material up to 24-bit wide

and to store the files as such. In addition, all DVD authoring programs can accept

Dolby Digital files ( .ac3 files) with up to 24-bit audio. It is therefore possible to

produce DVD-Video discs with resolutions of 16, 18, 20, and 24 bits at 48kHz

sampling rate.

There are three types of decoders on the market today with different bit-width

capabilities, 16, 18, and 20 bits. The consumer has the choice of purchasing the

decoder of choice with the bit width desired.
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5.1.4 Audio/Video Sync issues

One of the issues facing DVD authoring engineers is audio/video synching. An

important step to follow in the encoding stages of DVD authoring is to include time

code in both the video file and the Dolby Digital .ac3 file. Most DVD authoring

programs today accommodate audio/video synching using the imbedded time code

in both the .ac3 file and in the MPEG-2 video file. Although using time code will

help greatly reduce synchronization issues fine tuning may still be required before

the final DVD shows perfect sync.

5.1.5 Dolby Digital Encoding for DVD

When encoding audio content for DVD authoring a few guidelines must be kept in

mind:

Always make sure you have at least two seconds of "digital black," silence, at the

beginning of the stream. This gives the large amount of digital circuitry in playback

systems time to lock and start decoding before the real material starts playing. It is not

necessary to leave digital black at the end of the file.
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Always encode at 448 kb/s data rate for multichannel material and at 192 kb/s for stereo

material.

Make sure the source material has a sample rate of 48 kHz, otherwise you need to

convert the sample rate of the material before the encoding begins. This is a necessary

step since the specifications for the DVD format allows only 48kHz sample rate.

Start with the best quality material possible. Dolby Digital encoders can accommodate up

to 24-bit audio.

Select the most appropriate Dialog Normalization and compression setting for the

material. See Chapter 4. This is very important since each type of material requires a

different setting of these parameters.

Select all the appropriate values for all the parameters. If the original material is Surround

encoded then you should enable the Surround flag. If mixing information exists then fill

the appropriate parameters. Many decoders will react to these parameters so it is

important to set the correct values.

Do not enable the LFE channel unless there is dedicated LFE material in the original

audio source.

Save the time code, if present in the source material, with the Dolby Digital output. Time

code is crucial for sync issues with video.
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Always monitor the encoded output with a professional decoder. Monitoring is the only

way to check the integrity and accuracy of the encoded audio.

5.1.6 Audio on DVD-Video

One exploding area in the DVD-Video format is the audio disc. Since the

introduction of DVD-Video discs there have been many titles authored with audio

content exclusively. The purpose of these discs is to provide the consumer with

high quality multichannel audio without the need to watch the video or maneuver

with software menus and button. The main goal is to have these discs behave as

audio compact discs from an authoring standpoint. This way the user inserts the

disc in the player without the need the turn on the TV to listen to the content. As far

as video is concerned there are many options the authoring engineer can chooses

from. Some discs have been authored to display one video slide throughout an

entire song, other discs display rolling credits and lyrics, while some discs display a

live video of the band or orchestra playing.
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5.1.7 Karaoke DVD

The two key issues involved when authoring Karaoke discs are the setting of the

Dolby Digital bit stream and the actual authoring technique. On the audio side all

that is needed is that the Dolby Digital encoder Bit Stream Mode be set to

Karaoke. On the authoring side, the engineers must be familiar with the Karaoke

capability of the authoring tools since that will make the difference in how the disc

behaves in the DVD player. Although a Karaoke DVD will play back on standard

DVD players, a Karaoke-capable player is required for the consumer to use all the

features of this mode.

5.1.8 Miscellaneous issues

There are areas of DVD authoring that could be covered in this manual but are best

answered by the DVD authoring companies. Issues such as seamless audio

branching and multiple language files are handled differently on various authoring

programs. Please contact your DVD authoring company for more information.
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5.2 DVD-ROM

Traditionally, when preparing material for multimedia uses, heavy peak limiting has

been used to maximize the volume of each sound effect. If you are working with

both .ac3 files and .wav files, you should examine the . wav files to determine

relative volume compared with your .ac3 files. Compare the .wav files to the .ac3

files to determine the relative volumes. If you are required to match levels of

existing material that has been peak-limited, increase the level of . ac3 files to near 0

dBFS and encode them with a dialnorm setting of -31 dB.

For now, with the DVD-ROM specifications still somewhat in flux, the Software

Publishers Association along with Intel and Dolby, request that all .ac3 files be

made into .vob files. The raw .ac3 file format is not supported by a number of DVDROM

decoder boards and performance cannot be guaranteed. Questions regarding

this can be directed to multimedia@dolby.com.
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5.3 DIGITAL TELEVISION

Dolby Digital is widely used in digital television (DTV) broadcasting systems. Dolby

Digital was first standardized by the Advanced Television Systems Committee in

Standard Document A/52. The ATSC DTV Standard, approved by the FCC for use

in the U.S., is ATSC document A/53, ATSC Digital Television Standard. A very useful

tutorial on the DTV Standard is ATSC document A/54. All of the ATSC documents

are available from the ATSC web page at http://www.atsc.org.

5.3.1 DTV Constraints

Certain parameters of Dolby Digital are constrained in the DTV application. The

most significant constraints are that the sample rate is fixed at 48 kHz that must be

locked to the picture rate, and the Data Rate cannot exceed 384 kb/s. Another

constraint is that the 1+1 (or dual mono) mode is not allowed. This mode is only for

use in professional contribution or distribution links where it is necessary to place

two completely independent programs into a single audio elementary stream. Other

constraints apply to the maximum Data Rates for associated services (see below).

The constraints are summarized in the table below that is excerpted from ATSC

A/53, Annex B.
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Table 5-1 Audio Constraints

AC-3

Syntactical

Element

Comment Allowed Value

fscod Indicates sampling rate ‘00’ (indicates 48 kHz)

frmsizecod

Main audio service or associated

audio service containing all

necessary program elements

‘011100’ (indicates 384 kb/s)

frmsizecod

Single channel associated service

containing a single program element

‘010000’ (indicates 128 kb/s)

frmsizecod

Two channel dialog associated

service

‘010100’ (indicates 192 kb/s)

frmsizecod

Combined Data Rate of a main and

an associated service intended to be

simultaneously decoded

(total 512 kb/s)

acmod Indicates number of channels ‘001’
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5.3.2 Implementation

Broadcasting typically employs hardware Dolby Digital encoders working in realtime

at the point of emission to the consumer. In the case of 2-channel stereo, the

encoder may be a Dolby product (such as the DP567), or may be an encoder that is

embedded inside the video encoding system. In the case of 5.1-channel

broadcasting, the encoder will be a Dolby product (such as the DP561). Dolby

encoding products such as the DP567, and some encoders built by Dolby licensees

can pass through encoded bit streams, i.e. encoders that encode PCM into Dolby

Digital elementary streams, when presented with an encoded Dolby Digital stream

at their input, will simply pass-through the Dolby Digital stream. In some broadcast

systems it is thus possible for pre-encoded Dolby Digital streams to be transmitted.

5.3.3 Main, Associated and Multilingual Services

The following information is excerpted from ATSC A/54.
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A Dolby Digital 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 MPEG-2 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.

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 the ATSC A/52 Digital Audio Compression Standard (AC-3), Annex

A. Typically, associated services that contain only a single program element are

combined with the program elements from a main audio service.
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The following section describes each type of service and gives usage guidelines. In

general, a complete audio program is presented to the listener over a set of

loudspeakers. This 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.

Summary of Service Types

The service types that correspond to each value of bsmod are defined in the ATSC

A/52 and in the ATSC Digital Television Standard A/53, Annex B. The information is

reproduced in Table 5-2 and the following paragraphs briefly describe the meaning

of these service types.
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Table 5-2 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: Dialog (D)

101 (5) Associated service: Commentary (C)

110 (6) Associated service: Emergency (E)

111 (7) Associated service: Voice-over (VO)
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Multilingual 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 dialog along with the dialog reverberation. The

disadvantage of this method is that as much as 384 kb/s 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 kb/s. A mono version can be supplied at a bitrate

of approximately 64-96 kb/s.

Chapter 5 – Applications and Formats

S97/11811 5-17

Another way to provide multiple-language service is to provide music and effects

service (ME) which does not contain dialog. Multiple single-channel dialog

associated services (D) can then be provided, each at a bit-rate of approximately

64-96 kb/s. 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 dialog 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 optimal. This method results

in a substantial Data Rate savings making it ideal for some types of programming.

Some receivers may not have the capability to simultaneously decode an ME and a

D service.
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When transmitting a stereo ME main service along with stereo D services, multiple

languages are delivered efficiently without compromising artistic content. The D

service and appropriate language ME service are 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 kb/s, while the stereo D services (voice only) can make use of lower bit-rates,

such as 128 or 96 kb/s per language. Some receivers may not have the capability

to simultaneously decode an ME and a D service.

During those times when dialog is not present, the D services can be momentarily

removed, and their data capacity used for other purposes.
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5.3.4 Detailed description of service types

CM — Complete Main Audio Service

This is the normal mode of operation. The CM type of main audio service contains

a complete audio program (complete with dialog, 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.

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 dialog for the program. The ME service may contain from 1 to

5.1 audio channels. The primary program dialog 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.
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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 multichannel 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. The separate output might then be delivered to

the VI user via open-air headphones or other means.

The Dynamic Range Compression 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. The provider may signal the decoder by altering the Dynamic Range

Compression words embedded in the VI audio elementary 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.
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Besides providing the VI service as a single narrative channel, the VI service may

be provided as a complete program mix containing music, effects, dialog, and

narration. In this case, the service may be coded using any number of channels, up

to 5.1, and the Dynamic Range Compression signal applies only to this service.

The fact that the service is a complete mix is indicated in the AC-3 descriptor. See

ATSC A/52, Annex A.

HI — Hearing Impaired

The HI associated service typically contains only a single-channel of dialog and is

intended for use by those whose hearing impairments make it difficult to understand

the dialog in the presence of music and sound effects. The dialog 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 dialog 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

dialog 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

that could be fed to a set of open-air headphones, worn only by the HI listener, or

other device.
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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 dialog 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 shall be indicated in

the AC-3 descriptor. See ATSC A/52, Annex A.
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D — Dialog

The dialog associated service is employed when it is desired to most efficiently offer

multichannel audio in several languages simultaneously, and the program material

is such that the restrictions (no panning, no multichannel reverberation) of a single

dialog channel may be tolerated. When the D service is used, the main service is of

type ME . 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 as defined by data stored in memory of the

receiver. Or, the listener may explicitly instruct the receiver to select a particular

language track, overriding the default selection.

Dolby Digital Professional Encoding Manual

5-24 December 19, 1997

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.

The Left channel of the ME service is mixed with the Left channel of the D service,

and the Right channel of the ME service is mixed with the Right channel of the D

service. The result will be a two-channel stereo signal containing music, effects,

and dialog.
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C — Commentary

The commentary-associated service is similar to the D service, except that instead

of conveying primary program dialog, 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 be able to call up 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

under listener control. Typical uses for the C service might be optional added

commentary during a sporting event, or different levels, novice, intermediate, and

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.
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The Dynamic Range Compression 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. The provider may signal the decoder, by altering the Dynamic

Range Compression 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, dialog, 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 shall be indicated

in the AC-3 descriptor. See ATSC A/52, Annex A.
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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.
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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 Compression 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. The

broadcaster may signal the decoder, by altering the Dynamic Range Compression

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 voiceovers

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.

Chapter 5 – Applications and Formats

S97/11811 5-29

5.3.5 Splicing Bit Streams

In some broadcast applications it is likely that encoded bit streams will be spliced.

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 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 may

be on the order of two frames, about 64 msec. The actual outage will depend on

the specific audio decoder implementation, and the implementation of the

demultiplexing system that precedes the audio decoder. In some implementations

the actual mute could be longer than 64 msec. Due to the windowing process of the

filterbank, when the audio goes to mute there may be a gentle fade down over a

period of 2.6 ms. When the audio is recovered, it may fade up over a period of 2.6

msec. Except for the approximately 64 msec (or longer) of time during that the

audio is muted, the effect of a random splice of an AC-3 elementary stream can be

relatively benign.
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SMPTE is developing a standard for splicing MPEG-2 transport streams. Splices

according to this standard will occur on AC-3 frame boundaries and on picture

frame boundaries. However, since audio frame boundaries and picture frame

boundaries are not synchronous, it is inevitable that a splice will leave a gap in the

audio, and will cause an interruption in the audio frame sequence. The first frame

after the splice will occur with an MPEG-2 presentation time stamp (PTS) value that

is >32 ms relative to the frame prior to the splice. The behavior of equipment to this

situation is not well defined. Ideally, a receiver would fade down the old audio,

immediately resynchronize to the new framing sequence, and fade up the new

audio. In the worst case a receiver may go into a frame repeat type of error

concealment, followed by an extended mute, before recovering and beginning to

reproduce the new audio.

Given the uncertain behavior of receivers, good practice would be to provide a

moment of silence at anticipated splice points, i.e., at the end of any program

segment.
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5.4 LASER DISC

When preparing the master D2 for the pressing plant, the audio tracks are specially

configured so the entire program will be on the same tape as the video. Usually,

tracks 1 and 2 are the Dolby Surround Lt/Rt tracks. Track 3 is the 5.1-channel

Dolby Digital stream, encoder set to Professional 32-Bit Mode, and track 4 is the

mono audio frequency modulated, AFM, master.

Most real-time encoders allow the user to start and stop an encode session at

predetermined time codes. The main requirement is that the source material must

also carry time codes in addition to the audio tracks. Having the capability to do

punch in and out encoding using time code is very convenient since it eliminates

the need to edit the .ac3 files at a later time.
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Chapter 6 –

Professional Encoders and Decoders

6.1 DOLBY DIGITAL PROFESSIONAL ENCODERS

A Dolby Digital professional encoder must be used in creating content for DVDVideo,

DVD-ROM, laser disc, and broadcast. Any content created with a Dolby

Digital professional encoder may carry the Dolby Digital logo and will be compatible

with any consumer decoder carrying the same Dolby Digital logo.
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6.1.1 Software vs. Hardware

There are two types of Dolby Digital professional encoders on the market today,

software encoders and hardware encoders. Each type of encoder has its own

characteristics and advantages. The choice of encoders depends on the type of

application and intended use. Hardware encoders operate in the real-time domain,

which means that the input audio PCM stream is encoded into a Dolby Digital

stream with very little delay in the process (milliseconds). A real-time encoder is

ideal for live broadcast applications where the signal must be encoded and

transmitted on the fly. Real-time encoders are also convenient for content

generation for DVDs and laser discs since they allow real-time monitoring of the

output using a professional Dolby Digital decoder. Software encoders, although

usually non-real-time, are ideal for batch processing and encoding where a series of

PCM files or streams are to be encoded in a single session. It is reasonable to

expect software encoder to reach real-time performance in the near future as

processing power of PCs increases.
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6.1.2 Dolby Digital Certification and Quality

While there may exist several type of Dolby Digital professional encoders on the

market it is important to note that all these encoders have been certified by Dolby

Laboratories and therefore offer the same high quality audio signals. Whether an

encoder is software or hardware, stand-alone or integrated, all materials generated

with these products are eligible to carry the Dolby Digital logo indicating

professional quality content.

6.1.3 Dolby Laboratories Encoders

Dolby Laboratories offers stand-alone hardware audio such as the DP567 (2-

channel encoder) and the DP561 (5.1-channel encoder). These encoders have

been designed for real-time encoding ideal for broadcast application and for content

generation for DVD and laser disc.
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6.1.4 Dolby Laboratories Licensed Encoders

Software encoders have been developed by Dolby licensees for many types of

platforms such as SGI, Apple Macintosh, and PCs. Hardware encoders are

available from Dolby licensees in many form factors such as PCI cards, and

integrated audio/video encoders.

6.1.5 Software Updates

Dolby Laboratories is committed to providing its customers and licensees with the

highest quality encoders on ongoing basis. Dolby Laboratories will continue to

furnish all its customers and licensees with free upgrades of encoder software and

routines. Contact Dolby Laboratories, see Chapter 7, for the latest revision of Dolby

Digital encoder routines.
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6.2 DOLBY DIGITAL PROFESSIONAL DECODERS

While a consumer decoder product might have many exciting and useful features, it

usually does not have the flexibility and capability that is essential in a production

environment. One example of professional decoder feature is the monitoring of

Dolby Digital stream parameters. This features is essential anytime a production

engineer is encoding audio material and needs to monitor the encoder’s output for

correct parameter settings, and for emulation purposes. Another essential feature

of a professional decoder is its capability to emulate any type of decoder on the

market whether it is a DVD player, A/V receiver, HDTV, or set-top box. Since most

consumer decoders on the market have some of their decoding modes

(compression, downmixing, etc) preset at the factory, it becomes quite essential for

the encoding engineer to be able to emulate that type of decoder in the production

studio. Other features that differentiate a professional decoder from a consumer

decoder are rack-mount style chassis and professional electrical connections (XLR,

AES/EBU).
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6.2.1 Dolby DP562 Professional Reference Decoder

The DP562 professional reference decoder is capable of monitoring Dolby Digital

stream parameters in real-time while keeping track of any errors or faults for quality

assurance. The DP562 can emulate any Dolby Digital consumer decoder in an

addition to decoding Dolby Surround material. For more information on the DP562

please contact Dolby Laboratories; see Chapter 7

6.2.2 Licensed Dolby Digital Professional Decoders

There are two types of licensed professional decoders on the market today,

broadcast baseband decoders, for fixed mode broadcast monitoring, and

confidence decoders which are limited in features and are integrated with many

Dolby Digital encoders.
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Chapter 7 –

Miscellaneous Information

7.1 TECHNICAL ASSISTANCE

Dolby Laboratories provides technical support to content creators and encoder

users in a variety of ways. Many technical documents are available for viewing or

downloading on the Dolby web site at www.dolby.com. Printed copies of documents

may also be obtained by sending e-mail to info@dolby.com with a description of the

desired documents and a complete mailing address.

Dolby also has a staff of engineers who can assist with soundtrack production,

encoding, and trademark use questions. Dolby engineers are also available to

provide on-site assistance with room configuration and calibration, soundtrack

production, and encoding. Telephone support is available free of charge, and local

on-site support can often be provided without cost. In situations where extensive

on-site support or long distance travel is required, standard engineering rates may

apply.
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If you would like technical support, please contact the nearest Dolby office at any of

the locations given in the following section.

7.2 CONTACTING DOLBY LABORATORIES

In addition to headquarters in San Francisco, Dolby has several other offices

around the world. All offices are equipped to provide information on soundtrack

production and encoding.

You may contact Dolby from anywhere in the world by e-mail using the following

addresses:

Address Use

tsa@dolby.com To apply for a Dolby trademark agreement (TSA)

dvd@dolby.com Questions on audio encoding for DVD

multimedia@dolby.com Questions on multimedia applications

info@dolby.com General information and inquiries
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In addition, a wide variety of technical and trademark information can be found on

Dolby’s web site at www.dolby.com.

Information on local Dolby offices is given below. Please contact the nearest office

for direct assistance.

San Francisco Headquarters

Dolby Laboratories

100 Potrero Avenue

San Francisco, CA 94103-4813

415-558-0200

Facsimile 415-863-1373

Los Angeles

Dolby Laboratories

3375 Barham Boulevard

Los Angeles, CA 90068-1446

Phone 213-845-1880

Facsimile 213-845-1890

New York

Dolby Laboratories

1350 Avenue of the Americas

New York, NY 10019-4703

Phone 212-767-1700

Facsimile 212-767-1705

England

Dolby Laboratories

Wootton Bassett

Wiltshire SN4 8QJ England

Phone (44) 1793-842100

Facsimile (44) 1793-842101
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Shanghai Liaison Office

Dolby Laboratories Representative

Office

5/Fl. Hai Xing Plaza, Unit G

Rui Jin Road (S)

Shanghai 2000023 China

Phone (86) 21-6418-1015

Facsimile (86) 21-6418-1013

Japanese Liaison Offices

Dolby Laboratories International

Services, Inc.

Japan Branch

Fuji Chuo Building 6F

2-1-7, Shintomi, Chuo-ku

Tokyo 104 Japan

Phone (81) 3-5542-6160

Facsimile (81) 3-5542-6158

CFE PRO

Roppongi Office

Saski Building 18-9

Roppongi 3 Chome

Minato-ku, Tokyo 106 Japan

Phone (81) 3-583-84515

Facsimile (81) 3-589-0272
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7.3 TRADEMARK USAGE

Dolby Laboratories encourages use of the Dolby Digital trademark to identify

soundtracks that are encoded in Dolby Digital. This is an effective way to inform

listeners of the soundtrack format, and the use of a standard logo promotes easy

recognition in the marketplace. However, like any trademark, the Dolby Digital logo

may not be used without permission. Dolby Laboratories therefore provides a

royalty-free Trademark and Standardization Agreement (TSA) for companies who

wish to use Dolby trademarks. This agreement must be signed by the company that

owns the program material being produced. Recording studios or production

facilities that provide audio production, encoding, or manufacturing services for

outside clients generally do not require a trademark license. However, we do ask

that these facilities refer their clients to us for trademark licensing information.
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If you would like to use the Dolby Digital logo you can apply for a Dolby Trademark

and Standardization Agreement (TSA) by sending e-mail to tsa@dolby.com or by

contacting Dolby Laboratories at any of the locations given in Section 7.2

Contacting Dolby Laboratories. When sending written requests please indicate that

you would like a Dolby Digital trademark license and include your name, your

company name, mailing address, and the type of media that your soundtracks will

be distributed on (such as DVD, DVD-ROM, DTV broadcast, etc.).

For detailed information on Dolby trademark licensing, please refer to the document

Use of Dolby Trademarks on Audio and Video Media, available on the Dolby web

site at www.dolby.com. We are also planning to make our license application form

available on-line, so check the Dolby web site in the coming months for the on-line

version of the Media Licensing Questionnaire.

If you are already a Dolby licensee and would like more information on trademark

use, please contact Dolby Laboratories. We are always happy to review artwork

and assist with the proper use of our trademarks. Information on trademark

licensing plus instructions for using the Dolby Digital trademark and marking audio

features on DVD can also be found on the Dolby web site.
