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1. Introduction 

1.1 Motivation 

Extended HE-AAC, the latest innovation member of the MPEG AAC codec family, is 
ideally suited for adaptive bit rate streaming and digital radio applications. Extended HE-
AAC bridges the gap between speech and audio coding and ensures consistent high-
quality audio for all signal types, including speech, music, and mixed material. It is the 
required audio codec for DRM (Digital Radio Mondiale). When it comes to coding, the 
codec is incredibly effective, generating high-quality audio for music and speech at 
bitrates as low as 6 kbit/s for mono and 12 kbit/s for stereo services. By switching to 
extremely low bitrate streams, Extended HE-AAC streaming apps and streaming radio 
players can provide uninterrupted playback even during very congested network 
conditions. 

As the Extended High Efficiency AAC Profile is a logical evolution of the MPEG Audio's 
popular AAC Family profiles, the codec supports AAC-LC, HE-AACv1 (AAC+) and HE-
AACv2 (eAAC+) audio object type encoding. The bitrate that was saved with AAC family 
tools can be used to enhance video quality. Extended HE-AAC is a well-liked option for a 
number of applications since it is a strong and effective audio codec that provides high-
quality audio at low bitrates. 

 

 

Figure 1-1: Block Diagram of libxaac 

One of the key features of libxaac encoder (refer to above image) is that it has support for 
AAC-LD (Low Delay), AAC-ELD (Enhanced Low Delay), and AAC-ELDv2 (Enhanced 
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Low Delay version 2) modes. AAC-LD mode provides low latency encoding, making it 
suitable for applications such as interactive communication and live audio streaming. It 
helps to reduce the delay in the encoding process to improve the real-time performance 
of the system. AAC-ELD mode improves the low-delay performance of HE-AAC by 
reducing the coding delay while maintaining high audio quality. It was observed that 
minimum delay it can achieve is 15ms. In order to achieve low delay coding scheme and 
low bitrate, it uses the Low Delay SBR tool. AAC-ELDv2 is the most advanced version of 
AAC-based low delay coding. It provides an enhanced version of AAC-ELD, which 
provides even lower coding delay and higher audio quality. 

MPEG-D USAC, also known as Unified Speech and Audio Coding, is designed to provide 
high-quality audio coding at low bit rates. MPEG-D USAC combines advanced audio 
coding techniques with state-of-the-art speech coding algorithms to achieve significant 
compression gains while maintaining perceptual audio quality. The standard supports a 
wide range of audio content, including music, speech, and mixed audio, making it 
versatile for different use cases. With its ability to deliver high-fidelity audio at reduced bit 
rates, MPEG-D USAC plays a crucial role in optimizing bandwidth usage and enhancing 
the user experience in the digital audio domain. 

Overall, libxaac encoder, with support for AAC-LD, AAC-ELD, and AAC-ELDv2 modes, is 
a versatile audio coding technology that can be used for a wide range of applications, 
such as broadcasting, streaming, and teleconferencing which requires high-quality audio 
compression with minimal delay. 

Also, the libxaac supports MPEG-D DRC (Dynamic Range Control) for the Extended HE-
AAC profile in both encoder and decoder. MPEG-D DRC offers a bitrate efficient 
representation of dynamically compressed versions of an audio signal. This is achieved 
by adding a low-bitrate DRC metadata stream to the audio signal. DRC includes 
dedicated sections for metadata-based loudness leveling, clipping prevention, ducking, 
and for generating a fade-in and fade-out to supplement the main dynamic range 
compression functionality. The DRC effects available at the DRC decoder are generated 
at the DRC encoder side. At the DRC decoder side, the audio signal may be played back 
without applying DRC, or an appropriate DRC effect is selected and applied based on the 
given playback scenario. It offers flexible solutions to efficiently support the widespread 
demand for technologies such as loudness normalization and dynamic range 
compression for various playback scenarios. 

 Note: 

 The operating points for MPEG-D USAC (along with MPEG-D DRC) in libxaac 
encoder is currently restricted to 64 kbps and 96 kbps. It is recommended to use 
the encoder at these operating points only. The support shall be extended to 
other operating points soon. 

 Further Quality enhancements for AAC-ELD and AAC-ELDv2 modes may be 
pushed as quality assessment is in progress. 

This document describes the Application Program Interface for the libxaac encoder. It 
also addresses the knowledge requirements of developers to integrate different 
components of their system with libxaac encoder software solution. 
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1.2 Scope 

This document will provide information to developers in terms of the following: 

 Running the sample Application (Chapter 2) 

 This chapter gives a complete overview of the procedure to run the sample 
application provided. 

 Testing the encoder (Chapter 3) 

 This chapter describes the tools for validation.  



LIBXAAC Encoder: Getting Started Guide 

LIBXAAC-Enc-GSG Ittiam Systems Confidential Page 4 

1.3 Glossary 

Term Explanation 

AAC Advanced Audio Coding 

ADTS Audio Data Transport Stream 

MPEG Motion Pictures Expert Group 

HE-AAC High Efficiency Advanced Audio Coding 

LC Low Complexity 

LD Low Delay 

ELD Enhanced Low Delay  

MPS MPEG Surround 
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2. Running the Sample Application 

2.1 Parameter file 

The application reads testvector names from the parameter file paramfilesimple.txt 

in test\encoder. 

The syntax for writing paramfilesimple.txt file is: 

@Input_path <input folder path> 

@Output_path <output folder path> 

@Start 

<command line 1> 

<command line 2> 

.... 

@Stop 

 

Command Explanation 

@Start All commands following this command will be executed 

@Stop All commands until this command will be executed 

@Input_path Path specified in this command will be appended to 

the path and the input file name specified by all   

–ifile: commands until the next occurrence of this 

command. 

@Output_path Path specified in this command will be appended to 

the path and the output file name specified by all  

–ofile: commands until the next occurrence of this 

command. 

<command 

line 1> 

For the complete list of configurable parameters, 

please refer to the table below. 

Table 2-1 Parameter file commands 

A sample syntax for the command line is as follows: 

-ifile:<input_wav_file> -ofile:<output_aac_file> -br:<bit_rate>   

-esbr:< 0/1 (eSBR enable/disable) > -aot:<2 (AAC-LC)/23 (AAC-

LD)/39 (AAC-ELD) /5 (HE-AACv1)/29 (HE-AACv2)/42 (USAC) > -

adts:<0/1 (ADTS header enable/disable) > 

 

Note that the switch -adts along with -aot determine the format of the encoded 

bitstream (as shown in Table 2-2) and are not mandatory to be specified.  
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-adts -aot: 2 / 5 / 29 -aot: 23 / 39 / 42 OR  

-usac: 1 / 2 

0 Raw (.es) + Meta (.txt)  Raw (.es) + Meta (.txt)  

1 ADTS (.aac)   Raw (.es) + Meta (.txt)  

Table 2-2 Bitstream header formats supported 

 

A few examples are shown below: 

 

-ifile:HarryPotter.wav -ofile:HarryPotter_128.es -br:128000 –

aot:23 -adts:0   This generates an AAC-LD stream in Raw(.es) + Meta(.txt) 

format 

 

-ifile:HarryPotter.wav -ofile:HarryPotter_64.aac -br:64000 –aot:5 

-adts:1  This generates HE-AACv1 stream in ADTS format 

 

-ifile:HarryPotter.wav -ofile:HarryPotter_64.es -br:64000 -aot:42 

-adts:0  This generates USAC stream in Raw(.es) + Meta(.txt) format 

 

-ifile:HarryPotter.wav -ofile:HarryPotter_64.es -br:64000 -aot:42 

-rap:1500  This generates USAC stream with rap interval of 1500 milliseconds. 

2.2 Configurable Parameters 

The complete list of parameters specified through the command line that can be used 
with the encoder is listed below. For the valid range of each parameter, please refer to 
the API Document. 

 

Parameter Explanation 

SPECIFY INPUT/OUTPUT FILES 

-ifile:  Provide the name and path for the input file to the 
encoder 

-ofile: Provide the name and path for the output file of the 
encoder 

ENCODING OPTIONS 

-br: Provide bit rate to be used for encoding in bps (bits per 
second). Default is 48000. 

-aot: Flag to set encoding profile. The valid values for this 
option are 2, 5, 23, 29 and 39. Set to 2 (AAC-LC) by 
default. 

1. -aot:2 – AAC-LC encoding profile (Default 

value) 

2. -aot:5 – HE-AACv1 (Legacy SBR) encoding 

profile 
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3. -aot:23 – AAC-LD encoding profile 

4. -aot:29 – HE-AACv2 encoding profile 

5. -aot:39 – AAC-ELD encoding profile 

6. -aot:42 - USAC encoding profile 

–esbr: Flag to enable eSBR for HE-AACv1 encoding profile. 
The valid values for this option are 0 or 1: 

1. -esbr:1 – Use eSBR 

2. -esbr:0 – Use legacy SBR (Default value) 

-mps: Flag to enable MPS encoding when AOT is set to AAC-
ELDv2. The valid values for this option are 0 or 1: 

1. -mps:1 – Use MPS encoding 

2. -mps:0 – Skip MPS encoding (Default value) 

-usac: Flag to enable USAC mode of encoding. The valid 

values for this option are 0 for usac_switched  

(switched mode encoding), 1 for usac_fd (frequency 

domain encoding) and 2 for usac_td (time domain 

encoding). Default is 1. 

-cmpx_pred: Flag to enable complex prediction. The valid values for 
this option are 0 or 1. Default is 0. This flag is valid for 
USAC profile only. 

-tns: Flag to enable temporal noise shaping. The valid 
values for this option are 0 or 1. Default value is 1.  

-nf: Flag to enable noise filling. The valid values for this 
option are 0 or 1. Default is 0. This flag is valid for 
USAC profile only. 

-adts: Flag to enable ADTS header. The valid values for this 

option are 0 and 1 when –aot option is set to 2 or 5 or 

29. Default is 0.  

-full_bandwidth: Enable use of full bandwidth of input. The valid values 
for this option are 0 and 1. Default is 0. 

-max_out_buffer_per_ch: Bitreservoir size. The valid values for this option are 
between -1 and 6144. -1 to omit use of bit reservoir. 
Default value is 384. 

-ccfl_idx: Flag to indicate core coder frame length and eSBR 
ratio. The valid values for this option are 0, 1, 2, 3 and 
4. 

1. -ccfl_idx:0 - Core coder frame length of 

USAC is 768 and eSBR is disabled. 

2. -ccfl_idx:1 - Core coder frame length of 

USAC is 1024 and eSBR is disabled. 

3. -ccfl_idx:2 - Core coder frame length of 

USAC is 768 and eSBR ratio is 8:3. 

4. -ccfl_idx:3 - Core coder frame length of 

USAC is 1024 and eSBR ratio is 2:1. 

5. -ccfl_idx:4 - Core coder frame length of 

USAC is 1024 and eSBR ratio is 4:1. 

Default is 3. This flag is valid for USAC profile only. 
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-pvc_enc: Flag to enable PVC Encoder. The valid values for this 
option are 0 or 1. Default is 0. This flag is valid for 
USAC profile only. 

-drc: Flag to enable DRC Encoder. The valid values for this 
option are 0 or 1. Default is 0. This flag is valid for 
USAC profile only. 

-inter_tes_enc: Flag to enable inter-TES Encoder. The valid values for 
this option are 0 or 1. Default is 0. This flag is valid for 
USAC profile only. 

-harmonic_sbr: Flag to enable Harmonic SBR for USAC profile. The 
valid values for this option are 0 or 1. Default is 0. This 
flag is valid for USAC profile only. 

-esbr_hq: Flag to enable high quality eSBR for USAC profile. The 
valid values for this option are 0 or 1. Note that this flag 
is valid only when Harmonic SBR flag is enabled. 
Default is 0. This flag is valid for USAC profile only. 

-tree_cfg: Flag to denote tree configuration for MPS. The valid 
values for this option are  

1. -tree_cfg:0 for 212 configuration  

2. -tree_cfg:1 for 5151 configuration 

3. -tree_cfg:2 for 5152 configuration  

4. -tree_cfg:3 for 525 configuration.  

Default value is 0 for stereo input and 1 for 6-channel 
input 

-framesize: Flag to denote frame-size (in samples) used by the 

core coder for AAC-LC / HE-AACv1 / HE-AACv2 / 

AAC-LD / AAC-ELD / AAC-ELDv2 / USAC profiles. The 
valid values for this option are 960 or 1024 for AAC-LC 

/ HE-AACv1 / HE-AACv2, 480 or 512 for AAC-LD / 

AAC- ELD / AAC-ELDv2 and 768 or 1024 for USAC 
profile. Default value is 1024 for AAC- LC / HE-AACv1 / 

HE-AACv2, 512 for AAC-LD / AAC-ELD / AAC-ELDv2 

and 1024 for USAC. 

-rap: It is the time interval between audio preroll frames in 
ms. It is applicable only for AOT 42. Valid values are -1 
(Audio preroll sent only at beginning of file) and greater 
than 1000 ms. Default is -1. 

-stream_id: It is the stream id used to uniquely identify configuration 
of a stream within a set of associated streams. It is 
applicable only for AOT 42. Valid values are 0 to 
65535. Any value outside this range is type-casted to a 
value of unsigned short type. Default is 0. 

OUTPUT FILE FORMATS 

 Note: 

1. By default, .es format is used 

Table 2-3 List of Configurable Parameters 
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3. Test Procedure 

This chapter describes the procedure for testing quality of libxaac encoder.  

3.1 Testing the Encoder 

libxaac decoder is used for validating the encoded bitstream and decoding. The input and 
output filenames need to be changed appropriately. 

The usage of the decoder is described below: 

1. Decode the encoder generated file(s) encoded in ADTS format using the libxaac 
decoder using the following command line: 

xaacdec.exe -ifile:<adts_input_file>.aac -

ofile:<adts_output_file>.wav  

2. Decode the encoder generated file(s) encoded in raw format using the libxaac 
decoder using the following command line: 

 

      xaacdec.exe -ifile:<raw_input>.es -ofile:<output>.wav  

      -imeta:<meta_input>.txt -mp4:1 


