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Foreword 
Associação Brasileira de Normas Técnicas (ABNT) is the Brazilian Standardization Forum. Brazilian Standards, 
which content is responsability of the Brazilian Committees (Comitês Brasileiros – ABNT/CB), Sectorial 
Standardization Bodies (Organismos de Normalização Setorial – ABNT/ONS), and Special Studies Committees 
(Comissões de Estudo Especiais – ABNT/CEE), are prepared by Study Committees (Comissões de Estudo – CE), 
made up of representants from the sectors involved including: producers, consumers and neutral entities 
(universities, laboratories, and others). 

Brazilian Standards are drafted in accordance with the rules given in the ABNT Directives (Diretivas), Part 2. 

Attention is drawn to the possibility that some of the elements of this document may be the subject of patent rights. 
ISO shall not be held responsible for identifying any or all such patent rights. 

ABNT NBR 15602-2 was prepared within the purview of the Special Studies Committees of Digital Television 
(ABNT/CEE-00:001.85). The Draft Standard was circulated for National Consultation in accordance with  
ABNT Notice (Edital) nº 07, from June 29, 2007 to August 28, 2007, with the number Draft 00:001.85-002/2. 

Should any doubts arise regarding the interpretation of the English version, the provisions in the original text  
in Portuguese shall prevail at all time. 

This standard is based on the work of the Brazilian Digital Television Forum as established by the Presidential 
Decree number 5.820 of June, 29th 2006.  

ABNT NBR 15602 consists of the following parts, under the general title “Digital terrestrial television – Video coding, 
audio coding and multiplexing”: 

⎯ Part 1: Video coding; 

⎯ Part 2: Audio coding; 

⎯ Part 3: Signal multiplexing systems. 

This Standard is the English version of the corrected version dated 2008.04.07 of ABNT NBR 15602-2:2007. 
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Digital terrestrial television – Video coding, audio coding and multiplexing 
Part 2: Audio coding 

 

1 Scope 

This part of ABNT NBR 15602 specifies the parameters for the audio signals and the system of sound coding and 
decoding to be used in the Brazilian system for digital terrestrial television (SBTVD).  

2 Normative references 

The following referenced documents are indispensable for the application of this document. For dated references, 
only the edition cited applies. For undated references, the latest edition of the referenced document (including any 
amendments) applies. 

ABNT NBR 15602-3:2007, Digital terrestrial television – Audio coding, video coding and multiplexing –  
Part 3: Multiplexing signals 

ABNT NBR 15603-2:2007, Digital terrestrial television – Video coding, audio coding and multiplexing –  
Part 3: Signal multiplexing systems 

ISO/IEC 13818-1:2007, Information technology – Generic coding of moving pictures and associated audio 
information: Systems 

ISO/IEC 14496-3:2005, Information technology – Coding of audio-visual objects – Part 3: Audio 

ITU Recommendation BS.775-1, Multichannel stereophonic sound system with and without accompanying picture  

3 Terms and definitions 

For the purposes of this part of ABNT NBR 15602, the following terms and definitions apply. 

3.1 
encoding 
transforming process of external signals in bits representing such signals 

NOTE The encoding takes place, for instance, through sampling, and the obtained information may also be compressed. 

3.2 
decoding 
process responsible for original signal recovery through the bits received by the coder 

NOTE The decoding also may, eventually, perform the decompression of the received information. 

3.3 
downmix 
operation that transforms a n-channel matrix and obtains less than n channels, usually related to the conversion  
of a multichannel program to stereo or mono 
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3.4 
LATM/LOAS 
transport mechanism defined in the MPEG-4 that utilizes two layers, one for multiplexing and other for 
synchronizing 

NOTE The multiplexing layer LATM manages the multiplexing of several audio payloads (audio data) and its configuration 
data on the AudioSpecificConfig() elements. The synchronizing layer LOAS specifies the syntax for self-synchronizing in the 
MPEG-4 audio transport stream. 

3.5 
level 
maximum number of channels and sample frequency indicating the computational complexity of the decoder 

3.6 
full-seg receiver 
device capable of decoding the audio, video and data information contained in the transport stream layer  
of the thirteen segments aimed the fixed (indoor) and mobile services 

NOTE The classification of full-seg shall be applied to digital converters, and know as settop boxes and integrated thirteen 
segments with exhibition screen but not limited to those. This kind of receiver shall be capable of receiving and decoding the 
high definition television signals and at manufactures criteria, also be capable of receiving and decoding the information on layer 
“A” of the transport stream, which is originally aimed to the portable receivers, here defined as one-seg.  

3.7 
one-seg receiver 
device which decode exclusively audio and video information contained in transmission layer “A” located in  
the central portion of the thirteen segments 

NOTE The classification of the one-seg shall be assigned to portable receivers, also known as handheld devices,  
with screen size bellow 7 inches. Within the products classified as one-seg are, but not limited to, the mobile phone integrated 
receivers, PDA, one-seg dongles, portable television, that are energized by an internal battery and, therefore, without the 
necessary use of an external power source, as well as those aimed vehicular reception. This kind of receiver shall be capable  
of receiving and decoding only digital terrestrial television signal in layer “A” of the transport stream, and therefore only the basic 
profile, aimed the portable devices. 

3.8 
audio access unit 
audio portion of an elementary stream that is individually accessible 

NOTE For the proposes of this part of ABNT NBR 15602, the audio access unit is equivalent to a rawdatablock 

4 Abreviations 

For the purposes of this part of ABNT NBR 15602, the following abbreviations apply. 

AAC Advanced Audio Coding 
CPE Channel Pair Element 
HDMI High-definition multimedia interface 
LATM Low overhead audio transport multiplex 
LFE Low Frequency Enhancement 
LOAS Low Overhead Audio Stream  
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PCE Program Configuration Element
PCM Pulse-code modulation 
PS Parametric Stereo 
PSI Program Specific Information 
SAP Second Audio Program 
SCE Single Channel Element 

SDI Serial Digital Interface 

SBR Spectral Band Replication 

TS Transport Stream 

5 Audio input format 

5.1 General conditions 

The general conditions for the audio input format shall be the following: 

a) sample frequency of audio signal: 32 kHz, 44,1 kHz or 48 kHz; 

b) configuration of stereophonic and multichannel signals (that means, signals consisting of two or more audio 
signals to obtain an evolving reproduction or spatial sound): sample rate for all the signals shall be the same; 

c) quantization of input signals shall use 16 bits or 20 bits; 

d) one audio program shall have at least one audio channel. The maximum number of channels in the program 
shall be limited to maximum number of channels allowed for ISO/IEC 14496-3; 

e) it is recommended that multichannel programs be prepared in conformance with ITU Recommendation 
BS.775-1; 

f) for audio programs in multichannel mode compatible with the modes foreseen in the standard ITU 
Recommendation BS.775-1 shall be in one of the allowed configurations presented on Table 3; 

g) in case a multichannel program is transmitted without a stereo program, the multichannel program shall be in 
mode 3/2 (5.0 or 5.1, with or without LFE of low frequency enhancement) to allow stereo downmix;  

5.2 Main parameters 

5.2.1 Formats 

Bitstreams or files containing uncompressed digital audio shall be accepted in PCM format, such as WAVE or AIFF, 
stereo and multichannel.  

5.2.2 Interfaces 

Within the allowed digital input/output interfaces shall be AES3 (AES/EBU, with two PCM channels per bitstream), 
SDI, HD-SDI and HDMI. 
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5.2.3 Audio signal levels 

The reference level for sound pressure intensity shall be equal to 0 dB. The allowable dynamic range shall be 
limited to + 20 dB (headroom) and – 70 dB with respect to reference, corresponding to a typical dynamic range  
of 90 dB. Mean audio levels should be at – 20 dBFS (0 dB), to allow volume homogeneity between distinct 
channels. The signal shall allow peaks of at least 4 times its mean RMS power. 

5.2.4 Multichannel modes or configurations 

The transmission mode refers to the multichannel configuration used, the number of available channels in the 
transport stream and to the coding mode of this bitstream. 

The number of source audio channels shall be at least one for a basic configuration, two for typical stereo and five 
channels plus one low frequency enhancement (LFE) channel for standard “5.1” multichannel transmission. The 
source signals shall be preprocessed and/or combined prior to entering the encoder to produce the transmission 
channels, which shall be present in the bitstream. 

A same audio program may be transmitted in more than one mode, for instance, in stereo (2 channels) plus 
multichannel mode 3/2 (5.1) simultaneously, but the simultaneous transmission is not mandatory. 

In the case of exclusive transmission on multichannel mode 3/2 (5.1) the receivers shall be capable of synthesizing 
the stereo channel by means of a downmixing conversion, replication operations, dematrixing, combination and 
signal processing within the functional audio reproduction system of the receiver. The allowed multichannel modes 
for coding and transmission shall be as described in 9.1.1. 

5.2.5 Metadata 

Auxiliary data shall contain information such as content description of audio programs, configuration parameters of 
audio services and parameters of the transmitted audio signals in the bitstream. 

The following data may be allowed as auxiliary data: 

a) content description of audio programs being transmitted (for instance, sound program rating, audio objects 
description mixed within the content, auxiliary channel content description, etc); 

b) the multichannel mode; 

c) the reference level for equalization operations during playback on the access terminal. 

Auxiliary data and the content description of audio programs may be classified in two levels. 

A first level shall be normative. This level shall affect directly the receiver operation (bitstream decoding) such as, 
for instance, number and channel mode information and coding profile and level extracted directly from PSI tables. 
The data under this category shall be essential for the correct decoding and playback of the audio service in the 
receiver. 

A second level shall be informative. This level shall not interfere with decoding, but give information about the 
content of the audio programs associated with each PID. Data in this category shall be used for processing the 
program information on the receiver. 

Table 1 summarizes the types of audio auxiliary data allowed in the system. 
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Table 1 — Type of audio auxiliary data 

Parameter Description and use 

matrix_downmix_idx 

Description: coefficient indicator used in the multichannel-to-stereo 
downmix equations. Shall be transmitted in the bitstream as metadata, 
as specified in ISO/IEC 14496-3 

Use: Mandatory when a multichannel program is transmitted 

When the matrix_mixdown_idx_present parameter is set to ‘1’ in its 
program PCE (PID), the downmix system described in  
ISO/IEC 14496-3:2005, in subclause 4.5.1.2.2 and Table 4.70 shall be 
used 

If the receiving terminal performs the downmix process, the stereo 
analog output shall be always active with this signal 

program_ref_level 

Description: representative value of the mean intensity of long term 
program audio volume for all combined channels with respect to the  
0 dBFS reference. It is represented in 128 levels (7 bits), in steps of 
0.25 dB with a total range of 32 dB in relation to the end of scale  
(0 dBFS) 

This parameter shall contain an informative description of the reference 
volume used by the broadcaster (0 dB) with respect to the end of scale 
(0 dBFS), for dialogue normalization and to make the channel change 
more comfortable to the viewer 

Use: mandatory. It is recommended to use prog_ref_level = 80 (0x50) 
which corresponds, to an indicative value of – 20 dBFS as 0 dB 
reference, according to ISO/IEC 14496-3 

This parameter shall be transmitted together with the DRC structure,  
as described in ISO/IEC 14496-3:2005, subclause 4.5.2.7 

Dynamic Range 
Control (DRC) 

Description: the dynamic range control is specially indicated to 
transmissions in multichannel mode and can be signaled by metadata, 
as indicated in ISO/IEC 14496-3:2005, subclause 4.5.2.7 

Use: is optional during encoding, but the decoder shall support this tool. 
In case the encoder do not sends the DRC information, the decoder 
shall not use the DRC tool 

6 Audio services and auxiliary channels 

Audio services include the transmission of additional audio programs to the main program and shall be considered 
optional services, excluding the audio description channel which transmission is required by current legislation. 

The transmission of these services is done through the allocation of additional auxiliary channels in distinct audio 
programs (PID) or in the same bitstream of a unique PID, observing the maximum number of allowed channels in 
the same bitstream by the coding profile/level used. 

Additional channels to the main program may be used to transmit audio in other languages (for instance, SAP),  
to transmit additional programs to the main program, audio description services (AD), and secondary audio from 
other sound takes (additional content, such as effects). 

All additional channels referring to auxiliary audio services shall be appropriately signaled using valid 
component_type identification in the respective audio_component_descriptor of the program. 

The auxiliary channels shall be transmitted in distinct programs (distinct PID) with proper signaling and channel 
identification to be selected, decoded and played with or in substitution of the main audio program channels. 
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The audio description service usually consists in one voice monoaural channel and gives a scene description  
as a subcomponent associated to the television service. It shall support the understanding of the main 
entertainment (but no exclusively) for viewers with visual impairment.  

The AD transmission shall be implemented using at least one of the mechanisms below: 

a) as an auxiliary channel (monaural or stereo) containing the AD previously mixed with the main audio program;  

b) as a auxiliary channel containing separate AD to later processing with the main audio program; 

In both cases, the service should be signaled on the component_type parameter described in the “Audio 
component descriptor”, as per ABNT NBR 15603-2:2007, Table 28. 

The ability to mix one or more supplementary description channels with the main audio program may have other 
applications, including multilingual commentary, interactivity and educational purposes. 

7 Audio coding system 

Audio signals shall be coded by a combination of time-frequency transform coding. The frequency transform shall 
decompose the input signal in its frequency components by means of a modified discrete cosine transform (DCT), 
which reduces the amount of information by reducing the decrease in frequency deviation of each component. 

An additional compression tool is the psycho-acoustic weighted bit assignment in which codes shall be weighted  
to minimize signal degradation in the frequency bandwidth perceived by human ears. 

Audio compression and transmission procedures shall comply with ISO/IEC 14496-3. 

Decoders shall be made under the assumption that any legal structure as permitted by ISO/IEC 13818-1 may occur 
in the broadcast stream even if presently reserved or unused. The audio decoder shall be able to skip over 
“reserved” structures and data structures which correspond to functions not implemented by receivers. 

8 Audio compression and transmission procedures  

8.1 Overview of the coding standard 

Figure 1 shows audio compression and transmission procedure. 
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Figure 1 - Procedures for audio transmission and coding 

The filter bank shall convert the digital audio input signal from time domain to frequency domain. After that, the filter 
bank applies the modified discrete cosine transform, and windowing functions to input signal blocks, according  
to audible psychological characteristics. 

The psychoacoustic process shall calculate the masking quantity (limits for differentiating a specific audio signal 
from other signals) and feed the filter bank with input signal blocks. 

The samples shall be quantized after the filter bank processing, based on masking factor calculated  
by psychoacoustic process. So that, the total number of bits utilized for each block shall not be exceeded.  

Bitstream shall be configured according to ISO/IEC 14496-3. 

8.2 Profiles and levels 

The audio coding shall be compatible with ISO/IEC 14496-3. The following profiles and levels of MPEG-4 AAC 
standard shall be allowed:  

a) LC (low complexity), basic profile of AAC standard; L2 and L4 levels; 

b) HE (high efficiency), advanced profile of high efficiency, combining the LC profile with the use of the SBR 
(spectral band replication) tool for version 1 of this profile, L2 and L4 levels; 

c) HE combined with PS (parametric stereo) tool for version 2 of this profile, L2 level. 

The profile and level of the MPEG-4 AAC coder shall be adequately signalized according to ABNT NBR 15602-3  
e ABNT NBR 15603-2.  

8.3 Transport and multiplex layer 

The intermediate audio coding and framing shall be compatible with LATM/LOAS according to ISO/IEC 14496-3. 
The elementary stream shall be first encapsulated in the LATM transport format and shall use the 
AudioMuxElement() multiplex element. 

The audio transport synchronization layer (LOAS) shall use the AudioSyncStream() transmission format, according 
to ISO/IEC 14496-3. 

The MPEG-4 audio transported by the MPEG-2 transport stream using the LATM/LOAS transport syntax shall  
be identified by the stream_type 0x11, according to the stream_type_assignments in ISO/IEC 13818-1:2007. 

To decode audio, the receiver shall identify the type, profile and level transmitted and shall be capable to extract 
the audio objects payloads. It is mandatory the use of explicit SBR signaling without PES alignment to transmit 
MPEG-4 audio over MPEG-2 transport streams. 
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The receivers shall be capable of processing the SBR tool. The SBR presence signaling shall be explicit using the 
non-backward compatible explicit signalization mechanism, according to ISO/IEC 14496-3. 

Table 2 describes the LATM/LOAS transport syntax fields within StreamMuxConfig(), which shall be formatted  
to identify and recover audio payloads, according to ISO/IEC 14496-3. 

Table 2 — Main LATM configuration parameters 

LATM parameter Use description 

audioMuxVersion Shall have the value “0” 

allStreamsSameTimeFraming Shall have the value “1” 

numSubFrames Shall have the value “0” indicating only one PayloadMux() (access 
unit) within an AudioMuxElement() 

numProgram Shall have the value “0” indicating one program per LATM 

numLayer Shall have the value “0” indicating only one layer 

frameLengthType Shall have the value “0” indicating that the payload frame length is 
variable. The payload extension in bytes is directly specified in 
PayloadLengthInfo() with 8 bits words 

9 Audio coding parameter restrictions 

9.1 Audio coding parameter restrictions for full-seg services 

9.1.1 Audio coding modes 

The coding mode determines the number of available channels on the audio service. The audio coding modes  
for digital transmission shall be in accordance to the restrictions of Table 3. 

Table 3 — Restrictions of the audio coding modes 

Parameter Restriction 

Allowed audio modes 

Monaural (1/0), stereo (2/0 and 2/0 + LFE)a, multichannel stereo 
(3/0, 2/1, 3/1, 2/2, 3/2, 3/2 + LFE)a, two independent audio signals 
(dual monaural), multi-audio (three or more audio signals) and a any 
combination of the above modes 

Recommended audio 
modes 

Stereo (2/0), multichannel (3/2 + LFE) 

Downmix 

The signaling presented in Table 1 shall be used for 5.0 and 5.1 
configurations. In any other multichannel configuration, the receiver 
can use other downmix schemes, since audio intelligibility is assured. 
The stereo-to-mono downmix scheme is not covered by this 
Standard, but clipping shall be avoided 

a Number of channels for front/surround loudspeakers. 

EXAMPLE 3/1 = 3 front + 1 surround; 3/2 = 5.0 = 3 front channels and 2 surround. 
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The decoder shall be capable to process any of the recommended audio modes. 

The second channel configuration according to its operation mode, and its transmission order within the payload, 
shall be in accordance with Table 4. 

Table 4 — Channel configurations and recommended modes for MPEG-4 AAC 

Mode Channel 
configuration SE order of transmission a Standard element for 

loudspeaker mapping b 
Monaural (1/0) 1 <SCE1><TERM> SCE1 = C 
Stereo (2/0) 2 <CPE1><TERM> CPE1 = L and R 
3/0 3 <SCE1><CPE1><TERM> SCE1 = C, CPE1 = L and R 

3/1 4 <SCE1><CPE1><SCE2> 
<TERM> 

SCE1 = C, CPE1 = L and R, 
SCE2 = MS 

Multichannel 
5.0 (3/2) 5 <SCE1><CPE1><CPE2> 

<TERM> 
SCE1 = C, CPE1 = L and R, 
CPE2 = LS and RS 

Multichannel 
5.1 (3/2 + LFE) 6 <SCE1><CPE1><CPE2> 

<LFE><TERM> 
SCE1 = C, CPE1 = L and R, 
CPE2 = LS and RS, LFE = LFE 

a Abbreviations related to the syntactic element (SE): SCE – single channel element, CPE – channel pair 
element, LFE – LFE channel element, TERM – terminator. 
b Abbreviations related to loudspeaker arrangement: L – front-left loudspeaker / R – front-right loudspeaker / C 
– front-central loudspeaker / LFE – low frequency enhancement / LS – left-surround loudspeaker / RS – right-
surround loudspeaker / MS – monaural surround loudspeaker. 

In the case a two independent audio signals are transmitted (monaural dual or 1/0 + 1/0) the recommended SE 
order of transmission is: <SCE1><SCE2><TERM>, being SCE1 the first (main) channel and SCE2 the second 
program channel. 

If the used configuration is not present on Table 4, it shall be reproduced using a configuration with the same 
number of channels and with the respective signaling. 

9.1.2 Main parameters 

The audio coding system main parameters shall be as presented on Table 5. 

Table 5 — Main audio coding parameters – Full-seg services 

Parameter Restriction 
Allowed transport 
mechanisms LATM/LOAS (according to ISO/IEC 14496-3) 

Recommended channel 
number Mono (1.0), 2 channels (stereo or 2.0) or multichannel (5.1) 

Allowed profiles and levels 

Low complexity AAC: level 2 (LC-AAC@L2) for two channels 
Low complexity AAC: level 4 (LC-AAC@L4) for multichannel 
High-Efficiency (HE): level 2 (HE-AAC v1@L2) for two channels 
High-Efficiency (HE): level 4 (HE-AAC v1@L4) for multichannel 

Maximum allowed bit rate In accordance to ISO/IEC 14496-3 

Samples per frame 

frameLengthFlag in GASpecificConfig() shall be set to 0, indicating 
that the frame length shall be of 1024 samples for AAC and 2048 
when using SBR. 960 samples for AAC (or 1920 when using SBR) 
are not allowed 
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For high-fidelity transmission it is recommended the use of the profile/level AAC@L4 in multichannel mode and 
profile/level AAC@L2 for stereo mode. In stereo audio transmission, level 4 (L4) shall not be used. 

Signals may be encoded on any bit rate supported by the selected profile and level. At the same time,  
the multichannel signal may use any of the profile sample rates. 

The dynamic range control tools of MPEG-4 AAC may be used. 

9.1.3 Operational restrictions with respect to stereo receivers compatibility 

When the multichannel service is available: 

a) the transmission shall occur with a minimum of one program in two channels (2/0 or stereo) or one 
multichannel program (3/2); 

b) the simultaneous transmission of two channels is not mandatory when the multichannel service is available. 
Basically, the two channels receiver (stereo) shall be capable to process the signal through downmixing; 

c) the receiver shall be capable to interpret the downmix coefficient using PCE according to the AAC standard 
(see Table 1) when the 5 (3/2) and 5.1 (3/2 + LFE) channel services are available. 

9.2 Audio coding parameter restrictions for one-seg services 

9.2.1 Audio coding modes 

The coding mode determines the number of available channels on the audio service. The audio coding modes for 
digital transmission shall be in accordance to the restrictions described on Table 6. 

Table 6 — Restrictions on audio coding modes – one-seg service 

Parameter Restriction 
Allowed audio modes Monaural (1/0), stereo (2/0) 

The audio decoder shall be capable to process any of the recommended audio modes. 

The channel configuration, according to the operation mode, and its transmission order within the payload shall be 
in accordance to Table 7. 

Table 7 — Channel configuration and standard modes for MPEG-4 AAC 

Mode Channel 
configuration

SE order of 
transmissiona 

Standard element for 
loudspeaker mappingb 

Monaural (1/0) 1 <SCE1><TERM> SCE1 = C 
Stereo (2/0) 2 <CPE1><TERM> CPE1 = L and R 
a Abbreviations related to the syntactic element (SE): SCE – single channel element, CPE – channel pair 
element, LFE – LFE channel element, TERM – terminator. 
b Abbreviations related to loudspeaker arrangement: L – front-left loudspeaker / R – front-right 
loudspeaker / C – front-central loudspeaker. 
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9.2.2 Main parameters 

The main audio coding parameters for portable devices shall be as described on Table 8. 

Table 8 — Main audio coding parameters for one-seg services 

Parameter Restriction 
Allowed transport mechanisms LATM/LOAS, according to ISO/IEC 14496-3 
Allowed profiles and levels High-efficiency (HE): level 2 (HE-AAC v2@L2) 
Maximum number of encoded 
channels 

2 channels per bitstream (stereo or 2 monaural 
channels). 

Maximum bit rate According to ISO/IEC 14496-3 

The MPEG-4 HE-AAC version 2 shall be used in the transmission for portable devices and is mandatory for fixed 
and mobile devices if they receive the one-seg service. 

The signals may be decoded with any rate and any sample rate supported by the profile and level of Table 8. 

For the use of the PS extension, the audio decoder shall be capable to process the syntactic element 
sbr_extension() which bs_extension_id is equal to EXTENSION_ID_PS, according to ISO/IEC 14496-3  
(PS implicit signaling). 

 



ABNT NBR 15602-2:2007 

 

12 © ABNT 2007 – All rights reserved
 

Bibliography 

[1] ETSI TS 101 154:2007, Digital Video Broadcasting (DVB); Implementation guidelines for the use of video 
and audio coding in broadcasting applications based on the MPEG-2 transport stream 

[2] ARIB STD-B32-2:2006, Video coding audio coding and multiplexing specifications for digital broadcasting – 
Part 2: Audio signal and coding systems 

 

 

 

 


