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Unit One

Digital Audio Compression
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coordination
voluntary
annex
multiplex
herein
motivation
algorithm
representation
dynamic range
bitrate
fractional
woofer
transponder
demodulate
terrestrial
consistent
normative
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syntax
Informative
decimate
coefficient
exponent
mantissa
envelope
allocation
synchronize
resolution
parameter
Inverse
unpack
conceal
mute
rematrix
dematrix
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The United States Advanced Television Svgtemsl Committee

(ATSC) was formed by the member orqanlz\atméns of the
Joint Committee on InterSociety Coordmatlgn/(JCIC)
recognizing that the prompt, efficient and effective

development of a coordinated set of national standards is

essential to the future development of domestic television

services. /\
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Unit 1
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One of the actl\vm/es of the ATSC is exploring the\need for
and, where app oprlate coordinating the deyelopment of
voluntary national t echmcal standards for Advanced

Television Systems ATV)
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Unit 1
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The ATSC Executive Committee assigned t ork of

documenting the U.S. ATV standard to a number of specialist

groups working under the Technology Group.on Distribution

(T3). The Audio Specialist Group (T3/S7) was éwarged with

documenting the ATV audio standard. \

“BAMBATRRE" (T3)
TEH—RIEFRA




Unit 1 |

tENR R EATV H#itr
R —&a

©

This document was prepared initially by thekdifjsipecialist
Group as part of its efforts to document the Unié& States
Advanced Television broadcast standard. It was approved by
the Technology Group on Distribution on September 26,
1994, and by the full ATSC Membership as an ATSC
Standard on November 10, 1994.
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Unit 1

Annex A, “AC-3 Elementary Streams in an MPEG-2
Multiplex,” was approved by the Technology Group on
Distribution on February 23, 1995, and by the full ATSC
Membership on April 12, 1995. Annex B, “AC-3 Data
Stream In IEC958 Interface,” and Annex C, “AC-3

Karaoke Mode,” were approved by the Technology Group

on Distribution on October 24, 1995 and by the full ATSC

Membership on December 20, 1995.
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ATSC Standard A/53, Digital Television Standard for HDTV
Transmission, references this doL/ument and describes how the
audio coding algorithm descriked herein is applied in the U.S.

ATV standard.
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At the time of release of this document, the system description
contained herein had not been verified by the transmission of
signals from independently developed encoders to separately

developed decoders.
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Motivation

In order to more efficiently broa&as ' or record audio
signals, the amount of information¥ guired to represent
the audio signals may be reduced. In the case of digital
audio signals, the amount of digital information needed to
accurately reproduce the original pulse code modulation
(PCM) samples may be reduced by applying a digital

compre sign algorithm, resulting in a digitally compressed
repre enta&\on of the original signal.2 ﬁ
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(The term compression used in this con&imeans the
compression of the amount of digital information which must

be stored or recorded, and not the compression of dynamic

range of the alﬁ\odi signal.)
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The goal of the digital compression algcz/rithm IS to produce
a digital representation of an audio signal which, when
decoded and reproduced, sounds the\éame as the original
signal, while using a minimum of digital information

(bitrate) for the compressed (or encoded) representation.
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The AC-3 digital compression algorithm specised In this

document can encode from 1 to 5.1 channels of sotirce
audio from a PCM rep&sentation Into a serial bit stream
at data rates ranging from 32 kbps to 640 kbps. The 0.1
channel referﬁ4 a fractional bandwidth channel intended

to conveyonly low frequency (subwoofer) signals.

M ... Gi5RH32kbpsZE 640bpsh &
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= E5Mbpsbl EBERKPCME
(63 iE <48k Hzx18 b4 =5.184Mbps)
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A typical application of the al w/ithm IS shown in Figure 1.1.

In this example, a 5.1 channel audio program is converted

from a PCM representation requiring more than 5 Mbps (6
channels X 48 kHz X 18 bits = 5.184 Mbps) into a 384 kbps
serial bit stream by the AC-3 encoder. Satellitet\ansmission
equipment converts this bit stream to an RF transmission

which is directed to a satellite transponder.

BB BEW RS M ... BIRRE384kbpshE R i LLRFIR
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The amount of bandwidth and power required by th

transmission has been reduced by more than a factor of 13

by the AC-3 digital compression. The signal received from
the satellite is demodulated back into the 384 kbps serial bit

stream, and decoded by the AC-3 decoder. T

original 5.1 channel audio program.

2 result is the

fi#- VA [B] 2 384kbpsH &8 4T ELAFIR
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Digital compression of audio is-useful wherever there is an
economic benefit to be obta//d by reducing the amount of

digital information required to represent the audio. Typical
applications are In satellite or terrestrial audio broadcasting,
delivery of audio over metallic or optical cables, or storage of
audio on magnetic, optical, semiconductor, or other storage

media.
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Encoding /

The AC-3 encoder accepts PCM audio and Drodtéain
encoded bit stream consistent with this standaJ/ d. The specifics
of the audio encoding process are not normative requirements
of this standard. Nevertheless, the encoder must produce a bit
stream matching the syntax described in Section 5, which,
when decoded according to Sections 6 and 7, produces audio of
sufficient quality for the intended application. Section 8
contains informative information on the encoding process. The
encoding process is briefly described beglow.

L

HTFRARNAFEEREBFRNERES

21



Unit 1 :

BN S K Ok T RN

The AC-3 algorithm achieves high codin >gai (the ratio of

the input bit-rate to the output bit-rate) by/coarsely
guantizing a frequency domain representation of the audio

signal. A block diagram of this process iIs shown in Figure 1.2.
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The first step in the encoding process Is tNm the

representation of audio from a sequence of PCM time samples

Into a sequence of blocks of frequency coefficients. This is done

In the analysis filter bank. Overlapping blocks of 512 time

samples are multiplied by a time window and transformed into
the frequency domain. 4/\
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23



Unit 1

R TF2HEL R |
BREFAHERRES

Duel to tr/overlapping blocks, each%i\/l\'r&put sample is

repres nted in two sequential transformed blocks. The
freéuency domain representation may then be decimated by
a factor of two so that each block contains 256 frequency
coefficients. The individual frequency coefficients are
represented in binary exponential no/tation as a binary

exponent and a mantissa.?

 —itRlIESE ARy, 54
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The%& S IS encoded into a coarse representation

of the signal spectrum which is referred to as the spectral

envelope. This spectral envelope is used by the core bit
allocation routine which determines how many bits to use to
encode each individual mantissa. The spectral envelope and
\sas for 6 audio blocks (1536
audio samples) are formatted into an AC-3 frame. The AC-3

the coarsely quantized mantis

bit stream is a sequence of AC-3 frames.
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A frame header Is atta%d which contains information (bit-
rate, sample rate, number ofiencoded channels, etc.) required

to synchronize to and decode tRe encoded bit stream.?

Error detection codes are inserted in order to allow the

decoder to verify that a received frame of data iIs er\ror free.

SRR
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The analysis filter bank spectral resomtion may be
dynamically altered so as to better matcht\heéme/frequency

characteristic of each audio block.?

The spectral envelope may be encoded with variable
time/frequency resolution.

A more complex bit allocation may be performed, and
parameters of the core bit allocation routine modified so as to
produce a more optimum bit allo%\tion.

LT SRR LR Bd, AT MBSO
ToRPIENSH, UEREMRRNERFILA.
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The channels may be coup&ogetr/lé at high frequencies in
order to achieve higher coding gsh for operation at lower bit-

rates.

In the two-channel mode a rematrixing process may be
selectively performed in order to provide additional coding gain,
and to allow improved results to be ob a\ined In the event that the
th/ignal IS decoded with a ma r%urround decoder.°

e 1 A S T G P AT AR -
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The decoding process is basically the inverse of the encoding
process. The decoder, shown in Figure 1.3, must synchronize
to the encoded bit stream, check for errors, and de-format the
various types of data such as the encoded spectral envelope

and the quantized mantissas.

EREMLRREIL, RERFLRY, KE&MEEn
SRS RO BNE B 2% AL ) B Ui =X

29



Unitl1 |
&g “are” :

L - B BIAE

The bit allocatiMe IS run and the results 'used to unpack

and de-guantize the mantissas. The spectral envelope is decoded

to produce the exponents. The exponents and mantissas are
transformed back into the time domain to produce the decoded

PCM time samples.
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Error concealment or muting may be applied}ca e a data
error is de\xecte .

Channels w\wic have had their high-frequency content coupled
together mugt hLe decoupled.

Dematrixing Must be applied (in the 2-channel mode) whenever
the channels h!\ve been rematrixed.

The synthesis filter bank resolution must be dynamically altered
In the same manner as the encoder analysis filter pank had been
during the encoding process.

LGB B 4 T 6 38 4 BT FH B R RE 79 3
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m The user’s attention is called to the possibility that
compliance with this standard may require use of an
Invention covered by patent rights. By publication of this
standard, no position is taken with respect to the validity of

this claim, or of any patent r%hts In connection therewith.
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iootnote of p.1 (cont.) :

m The patent holder has, however, filed a statement of
willingness to grant a license under these rights on
reasonable and nondiscriminatory terms and conditions to
applicants desiring to obtain such a license. Details may be

obtained from the publisher.

» HEMNFHECRRK T BREEE A KM TR R SFX AR
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m What is the difference between the compression of signal

dynamic range and the compression discussed in this text?

m Describe the basic procedures involved in the AC3 encoding.
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Exercises

= Without data reduction, digital audio signals typically
consist of 16 bit samples recorded at a sampling rate more
than twice the actual audio bandwidth (e.g., 44.1 kHz for
Compact Disks). So you end up with more than 1.4 Mbit to
represent just one second of stereo music in CD quality.

n WAHITEIE RS, BFESHESHE T SEREME M
EHRFER (FIUCDK44.1kHz) iEFK 16 LKA A
F. BRITOARETTS 2 A2 PAL.AJK Eie BA B I EHE R R 180
CDRERIMNAEF TR,
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Exercises

m By using MPEG audio coding, you may shrink down the
original sound data from a CD by a factor of 12, without
losing sound quality. Factors of 24 and even more still
maintain a sound quality that is significantly better than
what you get by just reducing the sampling rate and the
resolution of your samples. Basically, this is realized by
perceptual coding techniques addressing the perception of
sound waves by the human ear.

= RIFAMPEGEHUMALHAR, #RAT LUK CDMI B B FE 412
ETIARREER. E4E2405 0\ E F S5 RRE R A KR
T R TR R AR A D PR AR 4R, BN L
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Exercises

m By exploiting stereo effects and by limiting the audio
bandwidth, the coding schemes may achieve an acceptable
sound quality at even lower bitrates. MPEG Layer-3 is the
most powerful member of the MPEG audio coding family.
For a given sound quality level, it requires the lowest
bitrate; or for a given bitrate, it achieves the highest sound
quality.

m YAt 77 SR8 A F S AR RN I PR 1 A 5 AE LA TR R Y
AR LT EZN TR . MP3RMPEGEMM4mIG R %+
BaRA JH—HM. ﬁ?éA%E@iﬁmﬂ“‘”Eﬁ%E@w%%%
K BEXNTHER R ERENRESTRK.
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Exercises

= In all international listening tests, MPEG Layer-3
Impressively proved its superior performance, maintaining
the original sound quality at a data reduction of 1:12
(around 64 kbit/s per audio channel). If applications may
tolerate a limited bandwidth of around 10 kHz, a
reasonable sound quality for stereo signals can be achieved
even at a reduction of 1:24.

n A BRI IR F, MP35| A B HGER T B KR
HgE: LALI1I2REZE R (B —FE2164kbps) RIFRBS
o fRanIE L S fr M A XA B L 10kHz A PR %8, BI{E
FE1:241) R 48 & 2 7] IR 2 Him BB LR F &R
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m Early in the twentieth century, it was found that light could
cause atoms to emit electrons and that, when light released
an electron from an atom, the energy possessed by the
electron very greatly exceeded that which the atom could,
according to the electromagnetic wave theory, have
received.

E LR, MIKItRSERFRHE T, mWH
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m However, in a properly designed DC amplifier the effect of
transistor parameter variation, other than lco, may be
practically eliminated if the operation point of each stage is
adjusted so that it remains in the linear operation range of
the transistor as temperature varies.

RMER TR IANERBRSEF, FRTE RN ITIER
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m In a television scanning generator using a pair of free-
running relaxation oscillators, free-running frequencies of
the oscillators are set slightly below the horizontal and
vertical pulse rates, and the stripped pulses are used to
trigger the oscillators prematurely and thus to synchronize
them to the line and half-frame rates.

XA —X H Bk IR a8 ) B 88T, RGeS
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