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Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where:
x the first digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z the third digit is incremented when editorial only changes have been incorporated in the document.
In the present document, modal verbs have the following meanings:
shall indicates a mandatory requirement to do something
shall not indicates an interdiction (prohibition) to do something

The constructions "shall" and "shall not" are confined to the context of normative provisions, and do not appear in
Technical Reports.

The constructions "must" and "must not" are not used as substitutes for "shall" and "shall not". Their use is avoided
insofar as possible, and they are not used in a normative context except in a direct citation from an external, referenced,
non-3GPP document, or so as to maintain continuity of style when extending or modifying the provisions of such a
referenced document.

should indicates a recommendation to do something
should not indicates a recommendation not to do something
may indicates permission to do something

need not indicates permission not to do something

The construction "may not" is ambiguous and is not used in normative elements. The unambiguous constructions
"might not" or "shall not" are used instead, depending upon the meaning intended.

can indicates that something is possible
cannot indicates that something is impossible
The constructions "can" and "cannot" are not substitutes for "may" and "need not".

will indicates that something is certain or expected to happen as a result of action taken by an agency
the behaviour of which is outside the scope of the present document

will not indicates that something is certain or expected not to happen as a result of action taken by an
agency the behaviour of which is outside the scope of the present document

might indicates a likelihood that something will happen as a result of action taken by some agency the
behaviour of which is outside the scope of the present document
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might not
In addition:
is

is not
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indicates a likelihood that something will not happen as a result of action taken by some agency
the behaviour of which is outside the scope of the present document

(or any other verb in the indicative mood) indicates a statement of fact

(or any other negative verb in the indicative mood) indicates a statement of fact

The constructions "is" and "is not" do not indicate requirements.
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1 Scope

The present document is a detailed description of the signal processing algorithms of the Immersive Voice and Audio
Services (IVAS) coder including the IVAS renderer.

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present
document.

- References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

- For a specific reference, subsequent revisions do not apply.

- For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including
a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same
Release as the present document.

[1] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2] 3GPP TS 26.441: "Codec for Enhanced Voice Services (EVS); General Overview".

[3] 3GPP TS 26.445: "Codec for Enhanced Voice Services (EVS); Detailed Algorithmic Description".

[4] 3GPP TS 26.447: "Codec for Enhanced Voice Services (EVS); Error concealment of lost packets".

[5] 3GPP TS 26.250: "Codec for Immersive Voice and Audio Services (IVAS); General overview".

[6] 3GPP TS 26.251: "Codec for Immersive Voice and Audio Services (IVAS); C code (fixed-point)".

[7] 3GPP TS 26.252: "Codec for Immersive Voice and Audio Services (IVAS); Test Sequences".

[8] 3GPP TS 26.254: "Codec for Immersive Voice and Audio Services (IVAS); Rendering".

[9] 3GPP TS 26.255: "Codec for Immersive Voice and Audio Services (IVAS); Error concealment of lost packets".
[10] 3GPP TS 26.256: "Codec for Immersive Voice and Audio Services (IVAS); Jitter Buffer Management".
[11] 3GPP TS 26.258: "Codec for Immersive Voice and Audio Services (IVAS); C code (floating point)".

[12] De Boor, C., B(asic)-Spline Basics; https://ftp.cs.wisc.edu/Approx/bsplbasic.pdf

3 Definitions of terms, symbols and abbreviations

3.1 Terms

For the purposes of the present document, the terms given in TR 21.905 [1] and the following apply. A term defined in
the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

frame: an array of audio samples or metadata spanning a 20-ms time duration.

3.2 Symbols

For the purposes of the present document, the following symbols and conventions to mathematical expressions apply:

E Energy
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o=z ~~Qw

s(n)
E(b)
S(k)
S(k,n)

s(m;n)
s(t)

Si S

Sup20(M)

Sinp (n)
SMDFT

S

E
S[_l] (n)

3.3
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Sample rate

Gain

Metadata

Length of an audio buffer in samples (e.g., Lfyqme is the length of a frame in samples)
Mode (e.g., Mgioment 1S the element mode or M, is the core coder mode)

Number of audio channels

Bitrate

Audio signal in time domain

Audio signal in frequency domain (spectrum)

(n) indicates the nth sample of the audio signal s

(b) indicates the bth band in the energy vector E

(k) indicates the kth frequency bin

(k,n) indicates the nth time slot of the kth frequency bin of the discrete time-frequency
spectrum

(m; n) indicates the nth sample within mth subframe

(t) indicates the time instant t in the continuous time domain

Lower index i indicates the ith channel (input or transport) of a multi-channel signal. The
indexing starts from 1

HP20 filtered time domain signal

Input signal to IVAS encoder

Superscript MDFT indicates the type of frequency-domain transform; also FFT and CLDFB
Quantized (coded) version (of frequency-domain audio signal)

Mean value (of energy)

Upper index indicates a particular frame, e.g., [—1] refers to the previous frame. When omitted,
current frame is assumed by default

Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An
abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in

TR 21.905 [1].

ACELP
AGC
AlIRAD
BRIR
DirAC
CBR
CNA
CNG
CPE
DFT
DoA
DTX
EC
EFAP
FEC
FOA

GCC-PHAT

HOA
HRIR
HRTF
IC-BWE
ILD

ITD

ISM

LFE
MASA
McMASA

3GPP

Algebraic Code-Excited Linear Prediction
Adaptive Gain Control

All-Round Ambisonics Decoding
Binaural Room Impulse Response
Directional Audio Coding

Constant Bit Rate

Comfort Noise Addition

Comfort Noise Generation

Channel Pair Element

Discrete Fourier Transform

Direction of Arrival

Discontinuous Transmission

Entropy Coding

Edge Fading Amplitude Panning
Frame Erasure Concealment
First-Order Ambisonics

Generalized Cross-Correlation PHAse Transform
Higher-Order Ambisonics
Head-Related Room Impulse Response
Head-Related Transfer Function
Inter-Channel BandWidth Extension
Inter-Channel Level Difference
Inter-Channel Time Delay
Independent Streams with Metadata
Low-Frequency Effects
Metadata-Assisted Spatial Audio
Multi-Channel MASA



Release 18 19 3GPP TS 26.253 v0.0.1 (2023-11)

MC Multi-Channel
MCT Multi-channel Coding Tool
MDCT Modified Discrete Cosine Transform
MDEFT Modified Discrete Fourier Transform
MDST Modified Discrete Sine Transform
OMASA Objects with MASA
OSBA Objects with SBA
PCA Principal Component Analysis
PLC Packet Loss Concealment
SAD Sound Activity Detection
SBA Scene-Based Audio
SCE Single Channel Element
SNS Spectral Noise Shaping
SPAR Spatial Reconstruction
TCX Transform-Coded eXcitation
TD Time-Domain
TNS Temporal Noise Shaping
VAD Voice Activity Detection
VBAP Vector Base Amplitude Panning
VBR Variable Bit Rate
4 General description of the coder
4.1 Introduction

The present document is a detailed algorithmic description of the Immersive Voice and Audio Services (IVAS) coder.
The IVAS coder is a framework for low-delay speech- and audio coding and rendering targeting stereo or immersive
audio communication. It comprises:

- encoder,
- decoder, and
- renderer.

The procedure of this document is mandatory for implementation in all network entities and User Equipment (UE)s
supporting the IVAS coder.

The present document does not describe the C code of the IVAS coder. In the case of discrepancy between the
algorithmic description in the present document and its C code specifications contained in [6], [11] the C code
specifications prevail.

4.2 IVAS codec overview

421 General

The IVAS codec is an extension of the 3GPP Enhanced Voice Services (EVS) codec [2]. It provides full and bit exact
EVS codec functionality for mono speech/audio signal input. It further provides:

- Encoding and decoding of stereo and immersive audio formats such as multi-channel audio, scene-based audio
(Ambisonics), metadata-assisted spatial audio (MASA), object-based audio (ISM), and their combination.

- VAD/DTX/CNG for rate efficient stereo and immersive conversational voice transmissions

- Error concealment mechanisms to combat the effects of transmission errors and lost packets. Jitter buffer
management is also provided.

- The IVAS codec operates on 20-ms audio frames. In addition, rendering is possible with 5-ms granularity.

- Support for bit rate switching upon command.

- Stereo and immersive audio coding at the following discrete bit rates [kbps]: 13.2, 16.4, 24.4, 32, 48, 64, 80,
128, 160, 192, 256, 384, and 512, with supported bit rate ranges listed in Table 4.2-1.
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Table 4.2-1: Ranges of supported bitrates for stereo and immersive coding of the IVAS codec

Input audio format Range of supported bitrates [kbps]
Stereo 13.2 — 256
Scene-based audio (SBA) 13.2-512
Metadata assisted spatial audio (MASA) 13.2-512
Object-based audio (ISM)™ 13.2-512
Multi-channel audio (MC) 13.2-512
Combined ISM and MASA (OMASA) 13.2-512
Combined ISM and SBA (OSBA) 13.2-512
(1) 13.2 kbps — 128 kbps for 1 ISM, 16.4 kbps — 256 kbps for 2 ISMs, 24.4 kbps — 384 kbps for 3 ISMs, 24.4 kbps
— 512 kbps for 4 ISMs

4.2.2 Mono (EVS-compatible) Operation

The IVAS codec supports mono operation with EVS compatibility by implementing all EVS functionality in a bit-exact
manner. This mode is suitable for applications that require low bitrate and high-quality speech and audio. The codec
provides the full range of EVS primary bitrates, from 7.2 kbps CBR / 5.9 kbps VBR to 128 kbps and can operate at
narrowband, wideband, super-wideband and full-band sampling rates. EVS compatibility includes the AMR-WB IO
modes, with bitrates from 6.6 kbps to 23.85 kbps. All functionalities already present in the EVS codec are retained, as
also outlined in the subsequent Clauses. While staying bit-exact, some EVS code portions were reorganized to allow the
extension towards immersive speech and audio services.

The EVS-compatible mono operation is interoperable to other implementations of the EVS codec, which enables
seamless integration with existing systems and devices that use the EVS codec.

4.2.3 Stereo Operation

While the EVS codec only supports mono operation that could be combined for dual-mono operation, the IVAS codec
supports native stereo coding at bitrates starting from 13.2 kbps to 256 kbps, offering high audio quality operation for
stereo signals with all kinds of different stereo cues.

The stereo coding consists of coding modules operating in the time domain and frequency domain.

Low-rate stereo coding (13.2 to 32 kbps) mainly operates based on a combination of DFT-based processing for
correlated signals and a time domain approach for uncorrelated signals. Which method is used to code the current frame
is decided by a prior stereo classification stage.

For the DFT-based stereo approach, (band-wise) side parameters - including time, phase and loudness differences
between the channels, as well as prediction parameters for the side residual - are extracted at the encoder followed by a
downmix stage to obtain a mid-signal which is then given to the core coder. At the decoder, the stereo signal is
reconstructed from the downmix signal and the transmitted stereo parameters. For the mid-bitrate of 32 kbps part of the
residual side signal is additionally coded and directly transmitted in the bitstream to further improve quality.

For the time-domain stereo approach, time-domain parameters are extracted and a weighted downmix is created
resulting in a primary and a secondary channel which are both given to the core coder but with the primary channel
receiving a higher number of bits.

High-rate stereo coding (48-256 kbps) operates based on MDCT-based processing for band-wise stereo encoding. This
can be seen as a sort of joint core coding as both stereo and discrete channel operations are done in the same domain
without intermediate transforms. For stereo, additional loudness differences are transmitted and each stereo band can be
transformed adaptively to a mid/side representation, depending on what is most efficient to code.

In addition, stereo downmix is supported to generate a mono signal for EVS interoperable stream with no extra delay.

4.2.4 Objects (Independent Streams with Metadata) Operation

The IVAS codec supports coding of 1 to 4 independent audio objects with associated metadata. The coding is based on
input Independent Streams (ISMs) analysis, metadata coding, and inter-object core-coder SCEs bitrate adaptation. The
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ISM coding employs two coding schemes, namely the “discrete ISM”” mode in which each object is coded by one SCE,
and parametric ISM (“ParamISM”) mode which downmixes 3 or 4 objects to two transport channels coded by two
SCEs. The coded and transmitted metadata consists of azimuth and elevation (up to 48 kbps) or of azimuth, elevation,
radius, pitch, and yaw (64 kbps and up). Alternatively, the metadata can consist of a non-diegetic panning gain. On the
decoder side, the objects can then be rendered to the requested output configuration.

4.2.5 Multi-Channel (MC) Operation

Coding of multi-channel inputs is available for the channel layouts 5.1, 7.1, 5.1+2, 5.1+4, and 7.1+4. The coding
technique is selected from a set of coding modes based on the available bitrate and specified channel layout. The
general principle in technique selection is to aim for best possible quality given the allowed bitrate. For all techniques,
LFE channel coding is also offered either separately or within the technique. The multi-channel operation supports
output to mono, stereo, multi-channel (at the same or any other layout with up to 16 speakers), Ambisonics (at up to
order 3), and binaural.

4.2.6 Scene-based Audio (Ambisonics) Operation

Coding of ambisonics signals is supported for Ist- to 3rd-order inputs throughout the full bitrate range. The decoder's
output can be SBA (of order 1, 2, or 3), mono, stereo, binaural or multi-channel. This flexibility of input order, bitrate
and output format combinations is in part achieved by the combination of covariance-based and directional analysis at
different frequencies.

For the lowest 8 bands, covariance analysis with a 20 ms stride is performed at the encoder and corresponding
reconstruction is performed at the decoder. For the highest 4 bands, an estimation of the parameters of a psychoacoustic
model is implemented with a time resolution of 5 ms.

At the encoder, the covariance-analysis metadata for the higher bands are estimated from these model parameters and
combined with the directly calculated metadata for the lower bands. Based on these metadata, a downmix to 1 to 4
channels (dependent on bitrate) is obtained. The downmix channels are then coded with the appropriate core coder.

At the decoder, the downmix channels plus the metadata are received. The latter comprise the transmitted covariance-
analysis metadata and model parameters for the lower and higher bands, respectively. These metadata are used to
reconstruct the HOA signal and render to the requested output format. In this, the psychoacoustic model parameters for
the 8 lower frequency bands are estimated from the reconstructed audio channels. The model-based reconstruction allows
for the output SBA order on the decoder side to be higher than the input order on the encoder side.

Low-latency operation (less than or equal to 38 ms end-to-end) is achieved by using a very-low-latency 1-ms MDFT-
based filterbank at the encoder and a 5-ms CLDFB-based filterbank at the decoder, which additionally enables the type
of signal modifications that are necessary for rendering to a broad variety of output configuration.

4.2.7 Metadata-assisted Spatial Audio (MASA) Operation

The IVAS codec supports coding of parametric spatial audio format called metadata-assisted spatial audio (MASA).
This format is specifically optimized for the direct immersive audio capture from smartphones and other form factors
that can be unsuitable for dedicated spherical microphone arrays.

The MASA format is based on 1-2 audio channels and associated metadata that is provided for each audio frame. The
MASA spatial metadata describes the spatial audio characteristics of the captured immersive audio using several spatial
parameters including spatial direction information, directional and non-directional energy ratios, and two types of
coherence information. The spatial metadata is provided in each frame according to a time-frequency resolution of 4
subframes and 24 frequency bands. The MASA descriptive metadata provides additional information relating to the
creation and understanding of the MASA audio signal.

The coding in this operation is based on compression of the metadata exploiting detected redundancies and
prioritization of selected parameters at each bitrate. The 1 or 2 audio transport channels are coded using the SCE and
CPE coding capabilities. A joint bitrate allocation between these two coding blocks is based on a metadata analysis and
simplification processing.

The MASA format can be flexibly rendered for binaural or loudspeaker reproduction, including mono and stereo
playback. Rendering to Ambisonics is also supported. Furthermore, decoded MASA format bitstream can be directly
output from the decoder without rendering as a fully compliant MASA format output for further processing.
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4.2.8 Combined Objects and MASA (OMASA) Operation

The IVAS codec supports combined input format of ISMs and MASA called OMASA (Objects with Metadata-Assisted
Spatial Audio). The input consists of 1 — 4 independent objects with associated metadata and the 1 or 2 transport
channels of MASA and the associated metadata. The encoding configuration for OMASA is decided based on the codec
bitrate and the number of objects. There are 4 encoding configurations designed such that the encoded output quality is
optimal. Based on the decided configuration a combination of one audio channel pair with MASA metadata is encoded
as MASA format data and none, one or all objects are encoded within ISM format encoding framework. When one or
more objects are encoded, the adaptive inter-format bitrate allocation between the object(s) and the MASA format data
is used at each frame based on the audio content. On the decoder side, the audio can then be rendered to the requested
output configuration.

4.2.9 Combined Objects and SBA (OSBA) Operation

The IVAS codec supports combined input format of ISMs and SBA called OSBA (Objects with Scene Based Audio).
There are two different operation modes for this type of input: a low- (below 256 kbps) and a high- (256 kbps and up)
bitrate one. In the low-bitrate mode the objects are pre-rendered into the SBA input, which is then processed in exactly
the same way as in the native SBA format. The high-bitrate mode features separate coding of 1 — 4 independent objects
with associated metadata. Specifically, the object metadata are encoded in the same way as in the native ISM format
and written into the bitstream alongside the SBA metadata. The object audio channels are input to the MCT coding tool
together with the downmix channels of the SBA coder. Therefore, efficient bit allocation techniques of MCT are
applied to all coded audio channels together. On the decoder side, the audio can then be rendered to the requested
output configuration.

4.2.10 Discontinuous Transmission (DTX) Operation

DTX is a functionality of operation where the encoder encodes speech frames containing only background noise with a
lower bit rate and lower packet frequency than normally used for encoding speech. A terminal and the network may
adapt their transmission scheme to take advantage of the smaller frames and higher frame interval to reduce power
consumption, average bit rate and network activity. The discontinuous transmission (DTX) functionality of the IVAS
codec includes voice activity detection (VAD) and comfort noise generation (CNG). DTX functionality is supported for
IVAS operation points, i.e., audio formats and bitrates, that are especially optimized for efficient stereo and immersive
conversational voice transmissions.

The size of the SID frames for EVS interoperable modes is unchanged relative to EVS, 48 bits for EVS primary modes.
For IVAS modes, the SID frame size is 104 bits. The default SID frame interval is once per 8 frames, but other update
intervals are also supported.

4.3 Input/output audio configurations

4.3.1 Input/output audio sampling rate

The IVAS coder is capable of processing input audio signals sampled at 16, 32 and 48 kHz. The sampling frequency is
denoted as F;. The same set of sample rates is also supported by the IVAS decoder. In case of EVS-compatible mono
operation the IVAS coder supports also 8 kHz sample rate both for input and output signals. The input audio is
processed in frames of 20 ms.

4.3.2 Input/output audio formats
The IVAS coder accepts the following input audio formats:

e single-channel mono audio format denoted as s(n)

e two-channel stereo and binaural input audio format, where the left channel is denoted as s,(n) and the right
channel is denoted as s,(n)

e scene-based (ambisonic) input audio format, where the ambisonic order is denoted as [ and the number of
individual input channels is (I + 1)? . The individual input channels are stored in the ACN component
ordering, denoted as s,,;(n), where m € (—I, ..., +1) is the ambisonic degree. In case of the first-order
ambisonic format (FOA), the individual input channels may also be denoted as:
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4.4

Soo(m) = W(n)
s.11(m) =X(n)
So1(n) =Y(n)
s;1(n) =Z(n)

For both, first-order ambisonic signals and higher-order ambisonic signals (HOA), the notation s,,,;(n) may
be simplified to:

s(n) = s,u(n), k=1*+14+m

object-based input audio format (ISM), where the number of objects is denoted as N,;,; and the individual
“streams” related to the objects are denoted as s (n) where k € (1, ..., N,p;). Each individual stream is
associated with its input metadata signal, denoted as [ (im) where m is the frame index.

multi-channel input audio format (MC), where the individual channels are denoted as s, (n) where k €
(1, ..., Nopan)- The input channels correspond to one of the following loudspeaker layouts as per the CICP
notation [XX]. The ordering of input channels is defined in the ITU specification [XX]:

loudspeaker layout CICP layout
2.0 CICP2
5.1 CICP6
5.1+2 CICP14, 35°elevation
5.1+4 CICP16, 35°elevation
71 CICP12
7.1+4 CICP19, 35°elevation

metadata-assisted spatial audio (MASA) format, where, for mono-MASA (MASAT1), the mono channel is
denoted as s(n) and, for stereo-MASA (MASA?2), the left channel is denoted as s;(n) and the right channel
is denoted as s,(n). The MASA audio channel(s) is/are associated with the MASA metadata that is denoted as
I(m) where m is the frame index

objects with metadata-assisted spatial audio (OMASA), which is a combination of MASA and object-based
input audio format (ISM)

objects with scene-based (ambisonic) input audio format (OSBA), which is a combination of SBA and object-
based input audio format (ISM)

Algorithmic delay

The input signals (audio, or audio and metadata) are processed using 20-ms frames. The codec algorithmic delay
depends on the input/output audio formats as described in Table 4.4-1.
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Table 4.4-1: IVAS algorithmic delay for different input/output format combinations (rounded to
integer milliseconds; in case multiple values are provided they depend on the bitrate)

Decoder output format
Mono Stereo Multi- Binaural Scene- Object- Metadata-
Channel audio based based assisted
audio audio spatial
audio
Mono 32
Stereo 32 32 32
Binaural
. 32 32
Audio
Multi- 32/37/
y channel 32 32 32/37 33 32/37
g Scene-
§ based 33 33 38 38 38
B audio
g Object-
5 based 32 32 32 /37 32/37 32/37 32/37
'§ audio
S Metadata-
assisted | 32/ 37 37 37 37 32 (NoTE
spatial 37
audio
OSBA 33 33 38 38 38
OMASA
32/ 37 37 37 37
37
NOTE: Metadata-assisted spatial audio (MASA) decoder output allows also for mono or stereo decoder output at

32ms algorithmic delay by stripping the metadata file.

The algorithmic delay related to the core-coder coding in IVAS is 32 ms similarly as in EVS though its splitting

between the encoder and the decoder is slightly different. It consists of 8.75 ms for the encoder look-ahead and 3.25 ms
for the decoder delay related to the time-domain BWE and resampling in the DFT domain.

Further, the IVAS delay consists of 5 ms delay related to the rendering to the related output configuration, thus making
the overall delay of 32 ms in some set-ups and 37 ms in other set-ups.

Finally, in SBA format and Parametric multichannel upmix coding mode in MC format, an additional encoder delay of
1 ms is present and it is related to the filter-bank analyses prior to the encoding.

It is also noted that the delay figures exclude any HRIR/BRIR induced delay.

The codec delay for mono (EVS) operation and stereo downmix operation in EVS compatible operation is 32 ms
described in Clause 4.3 in [3].

4.5 Rendering overview

4.51

The codec for Immersive Voice and Audio Services is part of a framework comprising of an encoder, decoder, and
renderer. An overview of the audio processing functions of the receive side of the codec is shown in 4.5-1. This diagram
is based on [5], with rendering features highlighted.

Rendering introduction
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Figure 4.5-1: Overview of IVAS audio processing functions — receiver side
The interfaces are marked consistently with [5] using the following numbers:

: Encoded audio frames (50 frames/s), number of bits depending on IVAS codec mode,

: Encoded Silence Insertion Descriptor (SID) frames,

: RTP Payload packets,

: Lost Frame Indicator (BFI),

: Renderer config data,

: Head-tracker pose information and scene orientation control data,

: Audio output channels (16-bit linear PCM, sampled at 8 (only EVS), 16, 32, or 48 kHz),
10: Metadata associated with output audio.

O 00 3O\ L AW

Rendering is the process of generating digital audio output from the decoded digital audio signal. Rendering is used
when output format is different than input format. In case output format is the same as input format, the decoded audio
channels are simply passed through to the output channels. Binaural rendering is a special case, where binaural output
channels are prepared for headphone reproduction. This process includes head-tracking and scene orientation control,
head-related transfer function processing, and room acoustic synthesis. IVAS rendering is integrated with IVAS
decoder but can also be operated standalone as external rendering while bypassing the internal renderer. The external
renderer can be applied e.g., in the case of rendering outputs originating from multiple sources, such as decoders or
audio streams.

452 Internal IVAS renderer

The internal IVAS renderer is integrated into the IVAS decoder. In case of specific operating points, this integration
allows for combining decoding and rendering processes, resulting in efficient processing. Therefore, rendering
algorithm descriptions associated with specific audio formats are discussed in clause 6. The rendering modes and
rendering control are discussed separately in clause 7.

453 External IVAS renderer

The external IVAS renderer supports all the functionality of the internal renderer. However, since the external renderer
operates stand-alone, combined decoding and rendering processing is not available.

454 Interface for external rendering

IVAS renderer and its interface provide support to IVAS codec design constraints. The details of the rendering library
API are provided in [6] for the fixed-point code and [11] for the floating-point code. The details of the rendering library
API are provided in [8].
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4.6 Organization of the rest of the Technical Standard

The detailed description is organized as follows:

- In Clause 5, the detailed functional description of the encoder is given. This begins with a description of the
common processing and coding tools, followed by each of the coding operations based on the input audio
formats.

- In Clause 6, the detailed functional description of the decoding is given. This description begins with common
decoder processing, followed by each of the decoding operations for processing bitstream. The decoding
processing also describes the rendering specific for the audio input format coding modes and the audio output
format.

- In Clause 7, the detailed functional description of the rendering operations is given. This includes the rendering
modes and rendering control functionalities.

- Bitallocation is summarized in Clause 8.

Annex A provides the RTP payload format and SDP parameter definitions for the IVAS codec.

) Functional description of the encoder

51 Encoder overview

The IVAS codec encoder expects mono, stereo, objects, multichannel, ambisonics, MASA, combination of objects and
MASA, or combination of objects and SBA as input audio channels. In case of objects or MASA, also input metadata
are expected. The encoder analyzes the scene, derives the spatial audio parameters and downmixes the input channels to
the so-called transport channels which are subsequently processed by the encoding tools. These tools comprise Single
Channel Elements (SCE comprising one core-coder, see Clause 5.2.3.1), Channel Pair Elements (CPE comprising two
core-coders, see Clause 5.2.3.2), and Multichannel Coding Tool (MCT comprising a joint coding of multiple core-
coders, see Clause 5.2.3.3) while the core-coder is inherited from the EVS codec with additional flexibility and variable

bitrate (Clause 5.2.2).

metadata, spatial parameters >
encoding tools
SCE I >
. encoder
input transport >
channels channels e
_) .
Analysis, | —> L %
EEE——
scene —» CPE g
. : >
: encoder, . - encoder > £
> down-mix v _—
A MCT >
- : encoder
input metadata

Figure 5.1-1: Encoder Data Flow from input data to IVAS bitstream.
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5.2 Common processing and coding tools

5.2.1 Common processing overview

5.2.1.1 High-pass filtering

The input signal s;,(n) sampled at the input sampling frequency F; is high-pass filtered to supress undesired low-
frequency components. The transfer function of the HP filter has a cut-off frequency of 20 Hz (-3 dB) and is given by

bo+byz Y +byz 2
Hyoy, = — (5.2-1)

1+a12_1+a22_2

where a; and b; are the coefficients of the HP filter. The coefficients of the HP filter are constant and defined in
Table 1 of Reference [3].

In case of multi-channel input signal the HP filter is not applied on the LFE channel (index 3). In case of ambisonic
input format the HP filter is only applied on analyzed channels (see clause XX).

The input signal, filtered with the HP filter, is denoted as syp(n),n =0, ..., N — 1. In case of skipping the HP filtering
operation Syp(n) = s;,(n) in channel n.
5.2.2 Core-coder processing

The core-coder in the IVAS codec is based on the EVS core-codec [3] with added flexibility and adaptation for
multichannel processing. In the remaining part of Clause 5.2.2, only the differences of the IVAS core-coder wrt. the
EVS core-coder [3] are provided.

The core-coder module bitrate (one per one core-coder) is not directly signalled in the bitstream but it is derived from
the bit-budgets of all codec modules in the following steps:

First, an IVAS format signalling is determined and written to the bitstream.
Second, stereo or spatial coding tools processing (if present) is done and their respective bit-budgets computed.
Similarly, a metadata coding module (if present) is processed and its bit-budget is computed.

The bit-budgets for IVAS format signalling, the stereo / spatial coding tools and metadata coding module are then
subtracted from the IVAS total bit-budget.

Finally, the remaining bit-budget is distributed among core-coders based on the type of the core. The details of the LP-
based core-coding are provided in Clause 5.2.2.2.2 while the MDCT-based core coder details are provided in Clause
5.2.223.

5.2.21 Core-coder front pre-processing
52211 Sample rate conversion
5.2.21.2 Preemphasis

52213 Spectral analysis

52214 Signal activity detection

When operating in EVS mode, the signal activity detection operates as in [EVS CNG ref]. When the IVAS core
encoding is active, the CLDFB domain analysis is not present. Hence, the signal activity detection related to the
CLDFB domain parameters is disabled [Ref to EVS CLDFB VAD].
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52215 Bandwidth detector

The Audio Bandwidth Detection (BWD) algorithm in IVAS is similar to the BWD algorithm in EVS (see Clause 5.1.6
in [3]) and it is applied in its EVS-based form in the ISM format, DFT stereo and TD stereo modes. However, in the
MDCT stereo mode and MCT coding tool (including higher-bitrate SBA, higher-bitrate MASA, multi-channel format,
or combined formats), updates to the BWD were introduced in order the BWD is present at all operating points in
IVAS. The updates consist of a BWD that comprises an analysis of the sound signal module and a final bandwidth
(BW) decision module which is located upstream of the sound analysis module while the analysis module is integrated
to the core-coder stage and the final BW decision module is integrated to the front pre-processing stage.

The BWD algorithm comprises several operations: a) computation of mean and maximum energy values in a number of
spectral regions of the input signal; 2) updating long-term parameters and counters; and 3) final decision about the
detected and thus coded audio bandwidth while operating in a transform domain. The transform domain is the CLDFB
domain in case of EVS or DCT domain in case of AMR-WB IO mode within IVAS (see Clause 5.1.6 in [3]).

In IVAS, the BWD is run on all transport channels (except of LFE channel in the MC format) and the transform domain
is the CLDFB domain in case of the SCE coding tool and DFT stereo and TD stereo within the CPE coding tool
similarly as in EVS. However, in case of MDCT stereo within the CPE tool or the MCT tool, it is the MDCT spectrum
which forms the BWD energy vector.

In the case of the MDCT energy vector, there are nine frequency bands of interest whereby the width of each band is
1500 Hz. One to four frequency bands are assigned to each of the spectral regions as defined in Table 5.2-4 where i is
the index of the frequency band and kg4, is the energy band start index and kg, is the energy band end index (see
Clause 5.1.6.1 in [3]).

Table 5.2-1: MDCT bands for energy calculation in BWD

i kstart | Kstop band-width in kHz spectral region
0 1 1 1.5-3.0 nb

1 3 3

> 2 2 45-75 wb

3 6 6

4 7 7

5 8 8 9.0-15.0 swb

6 9 9

7 11 11

8 12 12 16.5-19.5 b

The BWD analysis is then adjusted from the EVS native BWD algorithm such that the MDCT spectrum is scaled
proportionally to the input sampling rate. The energy E;;,(i) (see Clause 5.1.6.1 in [3]) of the MDCT spectrum of
each transport channel signal in the MDCT stereo mode is thus computed in the nine frequency bands as follows:

k=kstop(i)-b+b

Epin(D) = By iy S2(K),i=10,..8, (5.2-2)

where S(k) is the MDCT spectrum and the width of the energy band is b = 60 samples (which corresponds to 1500
Hz regardless of the sampling rate). The rest of the BWD algorithm is the same as in EVS and consists of computing
long-term values of the mean energy of spectral regions, updating spectral region counters, and comparing them to
given thresholds (see Clause 5.1.6.1 in [3][2] for more details).

There are however three other particularities in IVAS: 1) the BWD analysis in the MDCT domain is not done at the
front pre-processing stage but only at the beginning of the TCX core coding where the MDCT spectrum is available
from the TCX core processing. 2) Consequently, the final BWD decision operation is postponed to the front pre-
processing of the next frame. Thus, the former EVS BWD algorithm is split into two parts; the BWD analysis operation
(i.e. computing energy values per frequency band and updating long-term counters) is done at the beginning of current
TCX core coding and the final BWD decision operation is done only in the next frame before the TCX core encoding
starts. 3) The BWD analysis is skipped in switching frames (tcx_last overlap mode == TRANSITION OVERLAP)
having a longer duration.

Next, in MDCT stereo coding, the final BWD decision from the decision module about the input and thus coded audio
bandwidth is done not separately for each of the two channels (or multiple channels in case of MCT) but as a joint
decision for both channels. In other words, in the MDCT stereo coding, both channels are always coded using the same
audio bandwidth and the information about the coded audio bandwidth is transmitted only once per one CPE. If the
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final BWD decision is different between the two CPE channels, both CPE channels are coded using the broader audio
bandwidth BW of the two channels. E.g. in case that the detected audio bandwidth BW is the WB bandwidth for the
first channel and the SWB bandwidth for the second channel, the coded audio bandwidth BW of the first channel is
rewritten to SWB bandwidth and the SWB bandwidth information is transmitted in the bitstream. The only exception is
a case when one of the MDCT stereo channels corresponds to the LFE channel, then the coded audio bandwidth of the
other channel is set to the audio bandwidth of this channel. This is applied mostly in the MC format mode when
multiple MC channels are coded using several MDCT stereo CPEs. The information about the coded audio bandwidth
is then sent in the bitstream as one joint parameter for the multichannel coding.

Finally, the BWD uses a hysteresis for switching between coded bandwidths. In general, a shorter hysteresis of 10
frames is used when switching from a lower bandwidth to a higher one while a longer hysteresis of 100 frames is used
when switching from a higher bandwidth to a lower one. In IVAS, the lower hysteresis is further adjusted in the
following set-ups: a) MCT is present, b) the MDCT stereo with element bitrate equal or higher than 48 kbps, ¢) ISM
format with the element bitrate equal or higher than 32 kbps. In these set-ups the shorter hysteresis is set to zero frames.

52216 Time domain transient detection

5.2.2.1.6.1 Low-rate adaptation of transient detection

Low-rate adaption of transient detection is based on forward and reverse time direction analysis to detect a transient
attack and transient release in the input signal. First the subframe energies, where each subframe is 2.5 ms long, are
computed on a high pass filtered signal of the input as described in clause 5.1.8 (see equation 36) of Reference [3]. For
each subframe a low pass filtered max energy envelope or accumulated energy is computed according to equation 37 of
Reference [3].

For the forward analysis a transient attack is detected if the energy of the subframe, E7j (i), where i = =2,...,6 is
above the low pass filtered max energy envelope by factor of Jy,,q. Upwq is set to 8.5 if condition ¢; below is
satisfied otherwise it is set to 8.0.

msum > thtonal * 08 (52'3)
Where my,,,, and th;y,, are defined in clause 5.1.11.2.5 of Reference [3].

For transient release analysis, transient detection is performed in the reverse time direction. A low pass filtered energy
envelope in the time reversed direction is computed as follows:

Eqccrer: = max (Epp(i + 1), 0.8125E 4 cpeps § = 3,..,—4 (5.2-4)

An additional high-resolution analysis within the 5th subframe of the preceding frame, denoted as E(—4), is performed
toseta ramp_up_flag indicating higher energy in the second half of the subframe compared to the first half. The
ramp_up_flag is set when the condition below is satisfied.

k
B by () > By sby ()2 (5.2-5)

Where the sb_, is the time domain samples in subframe -4 and k is the total number samples in each subframe.

To detect a release, which can be viewed as a transient in the time reversed analysis. Transient release thresholds,
Vrev tow aNA Upey pign, are set based on condition ¢, below being satisfied.

Meym > thtanal * 0.6 (52'6)

Vrev tow aNA Upey pign aresetto 4.5 and 5.5 respectively if condition ¢, above is satisfied, otherwise they are set
to 4.25 and 5.25.

A transient release in subframe -3 is detected if energy in Eyp(—3) is above Ej.cpey(-3) by a factor of 9,.¢p, o

A transient release in subframe E;p(—4) is detected if energy in E;p(—4) is above E,..zey(-4) by a factor of
ey 10w and the ramp_up_flag being set or if energy in Erp(—4) is above Ej.cper(—4) by a factor of ﬁrev,high-
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52217 Linear prediction analysis

52218 Open-loop pitch analysis

52219 Speech/Music classifier

5.2.2.1.9.1 GMM-based speech/music classifier
5.2.2.1.9.2 SNR-based speech/music classifier
522193 Correction for non-harmonic transient signals

For low bitrates a determination is made to identify if the input signal contains a problematic transient (attack or
release) based on forward and reverse time direction signal analysis to adjust the encoding scheme selection through
frame classification. The problematic transient cause annoying artifacts if encoded in FD domain and a correction of the
frame classification is needed. Typically frames classified as speech are encoded with a TD domain encoding scheme
and music classified frames are encoded with a FD domain encoding scheme. A transient attack or a transient release is
detected in the input signal, the location in the current and previous frame is used to adaptively adjust a frame
classification. Additionally, an analysis of the harmonicity of the input signal is performed to adjust the frame
classification. Finally, three conditions, (c;, c,, C3), are evaluated to get a decision on whether to override the frame
classification as speech.

The first condition, c,, is whether a transient is detected in the current frame, Fy, excluding the last subframe. The
second condition, c,, to be checked especially when the last frame was a TD frame is whether a transient is detected in
the last half of the previous frame. At low rates, both conditions are checked by performing a refined transient analysis
in both the forward and reversed time direction as described in clause 5.1.2.6.1. The third condition, c;, is whether the
signal is harmonic which is determined by a harmonicity flag set according to equation 136 in Reference [3]. The
decision to change the frame classification to speech is determined by the flag below.

forceTD = (c; | c;) &! ¢c; (5.2-7)

The third condition c; not being fulfilled (false), indicates the signal is not harmonic. When the flag forceTD is set,
the frame is classified as speech, otherwise the frame classification is left unchanged to that determined by the GMM-
based speech/music classifier. The first condition, c,, addresses both forward and backward spreading (and smearing)
caused by the scarcity of bits in the low-rate FD TCX20 compression scheme, where TCX20 is a regular MDCT frame
type producing 20 ms of synthesized output signal. The second condition, c,, addresses smearing caused by the
suboptimal transition window (TCX25) used when switching from TD to FD coding. If there is a strong transient in the
end of the TD coded frame, part of its energy might be included in the beginning of the FD coded frame, which then
causes smearing. The third condition, c, is restricting the switch to TD for signals with high harmonicity when the
low-rate TD coding mode is likely not performing as well as the FD coding.

First, condition c; is evaluated by checking harmonicity of the signal based on the long-term correlation map, Mgy,
and an adaptive threshold, th;,,,;, according to equation 136 in Reference [3]. If the harmonicity flag is set, meaning
there is a high degree of harmonicity in the signal, the classification is not changed with respect to potential transients
and further analysis is not carried out. However, if the harmonicity flag is not set, a transient analysis is performed to
determine whether to classify the frame as speech.

The subframes analysed for transients are the ones that fall within the transform window that would be encoded if an
FD encoding scheme would be used. This corresponds to subframes {-4, 6}. For subframes {-2, 6} a refined transient
detector described in clause 5.1.2.1.6.1 is run in the forward direction. If a transient is detected, which corresponds to
c;in equation (5.2-7) being fulfilled, the forceTD flag is set.

For subframes {-3} and {-4} an enhanced transient detector is ran in the reverse time direction as described in clause
5.1.2.1.6.1 to detect a potentially harmful transient release whose energy might spread too much into the current frame
to be encoded.
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For the reverse analysis of subframe {-3} it is checked whether the transient release energy is above 9,y ;0 and if
that is the case, forceTD is set, adjusting the coding scheme to be TD as using an FD encoding scheme might lead to
smearing. For the reverse analysis of subframe {-4} it is checked whether a transient release is detected with both
thresholds Iyey, 1o a0 pey pign- If a transient release is detected with threshold ¥,.¢y, pign, the forceTD flag is set.
If a transient release is detected with only threshold 9,..;, 0, it is additionally checked whether the energy of the
second half is greater than the first half of subframe -4, and if that is the case, the forceTD flag is set. The reason for
the additional high resolution time domain analysis within subframe {-4} is that: only a part of the 1st half of the
subframe actually falls within the TCX25 transform window and that the signal is weighted by the TCX25 window, so
if most energy is located in the 2nd part of subframe {-4} then we might get smearing even though we are lower than
limit ¥,.¢y) pign- In all other cases forceTD flag is not set.

522194 Onsets detection

522195 HQ classifier

For SWB bitrates at 24.4 and 32, there are 4 modes supported, Transient, Harmonic, HVQ and Generic as described in
5.3.4.2 [3]. A frame is considered harmonic following the classification described in 5.3.4.2.3 [3]. A HQ classifier is
used to switch to Generic mode for harmonic frames if a sparse harmonic structure is not detected in the spectrum,
otherwise the classification follows that described in 5.3.4.2.3 [3]. A spectrum sparseness analysis is performed based
on obtaining a peakyness measure and a noise band detection measure derived from the MDCT coefficients.

First, the magnitude A; of a critical frequency region is obtained by
A; = |X(kgegre + D=0, .., keng (5.2-8)

Where X(k) is the MDCTs spectrum computed, kg4, is the first bin the critical frequency region and k., is the
last bin in the critical frequency region. Kg.,,+ and k.4 aresetto 320 and 639 respectively where the input
sampling rate is 32 kHz. The critical frequency region is the upper half of the MDCT spectrum.

The peakyness measure is obtained by obtaining the crest in accordance with equation (5.2-9) below
max(4;)
Szt At

Where M = Kgpg — Kgtqre + 1 1s the number of bins in the critical band. A complimentary peakyness measure
Pk, 1s obtained in accordance with equation (5.2-10)

crest = (5.2-9)

Pkiow = Zilo' low(4)) (5.2-10)
Where
_ (1,A; < 0.1 max(4;)
low(4y) = {O,Ai > 0.1 max(4,) (53:2-11)
A noise band detection measure is obtained according to equation.
crestpog = max{movmeen(a W) (5.2-12)

[t a
Where movmean(4;, W) is a moving mean of the absolute spectrum A; using a window size W fixed to 21. The

moving mean is computed according to equation (5.2-13) below.

a=max (0,i—(W-1)/2
b=min(M—-1,i+(W-1)/2

1 b
b—a+1“i=a

movmean(4;, W) = A;(m), where { (5.2-13)

crestyoq gives a measure of local concentration of energy, indicating a noise band in the spectrum. To stabilize the
decision, crest and crest,,,q; are low pass filtered according to equation.

crest,p = (1 — @) - crest + a - crestip (5.2-14)
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crestmoarp = (1 — @) - cresty q + a - crestyby p (5.2-15)
Where « is set to 0.97.

The spectrum sparseness analysis obtains a harmonic decision in accordance with equation (5.2-16)

FALSE, crest;p > cresty,, creSty q1p > CTeStyoq tnr PRiow > PKiow_thr

Harmonic_decision(m) = {TRUE otherwise

(5.2-16)

Table 5.2-2: Thresholds for HQ classifier

threshold value
cresty, 7.0

crestymod. thr 2.128
pklow—thr 220

The Generic mode is selected if the condition below is fulfilled, otherwise the mode decision is left unchanged and
follows that described in 5.3.4.2.3 [3].

mode == Harmonic && ! Harmonic_decision (5.2-17)
5222 Core-coder modules
5.2.2.21 Core-coder pre-processing
522211 Selection of internal sampling rate
522212 Coder technology selection
52222 LP based coding
522221 Variable bitrate ACELP coding

The ACELP core coder in EVS [3] is mainly based on a constant bitrate principle where a bit-budget to encode a given
frame is constant during the encoding. In order to obtain the best possible quality at a given constant bitrate, the bit-
budget is carefully distributed among the different coding parts. Specifically, the bit-budget per coding part at a given
bitrate is fixed and stored in codec ROM tables.

On the other hand, IVAS is a complex multi-module codec where the bit-budget at a constant bitrate is allocated
between different modules based on, for example, a number of input audio channels, audio bandwidth, spatial audio
characteristics of input signal, presence of metadata, available codec total bitrate, etc. Then in IVAS, the codec total bit-
budget is distributed among the core module tools (see Clause 5.2.3) and other different modules like a bandwidth
extension (BWE), stereo or spatial parameters module(s), metadata module(s), etc. which are collectively referred to in
the further text as “supplementary codec modules”. In order to get the most efficiency and flexibility in IVAS, the
allocated bit-budget per supplementary module is variable by default making a demand for the core-codec to support a
variable bitrate coding as well. Consequently, the bit-budget allocated to the ACELP core module can fluctuate between
a relatively large minimum and maximum bitrate span with a granularity of 1 bit (i.e. 0.05 kbps at a frame length of 20
ms).

Dedicated ROM table entries for all possible ACELP core module bitrates as done in EVS are obviously inefficient in
IVAS with variable bitrate coding. Thus, a more efficient and flexible distribution of the bit-budget among the different
modules with fine bitrate granularity based on a limited number of intermediate bitrates is employed in IVAS and
described in the next Clauses.

5222211 Bit-budget allocator

Figure 5.6-1 is a block diagram illustrating the bit-budget allocator in the IVAS codec.
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Figure 5.2-1: Block diagram of the bit-budget allocator.

The ACELP bit-budget allocator from Figure 5.6-1 operates on a frame-by-frame basis and consists of several
operations described below. Its fluctuating bit-budget is a result of a fluctuating number of bits used for encoding
supplementary codec modules while these modules are processed and their bit-budget set before the core-coder bit-
budget allocator is run. It is noted that the distribution of bit-budget among the different core module parts is
symmetrically done at the encoder and the decoder using the same allocation algorithm.

Referring to Figure 5.6-1, an IVAS total bit-budget b,y 45 is allocated to the codec for each frame.

First, there are determined the number of bits (bit-budget) of all supplementary modules, b

supp-» used for encoding the

supplementary codec modules like stereo or spatial information, metadata, or BWE, and the number of bits bg; g ;45
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for transmitting IVAS format signalling to the decoder. These two bit-budgets are then subtracted from the IVAS total
bit-budget to obtain a bit-budget of the ACELP core module, b, using the following relation:

bcore = bIVAS - bsigJVAS - bsupp‘ (52'18)

Next operation subtracts the bit-budget bg;g core related to the transmission of ACELP core module signalling
parameters like core-coder type or audio bandwidth, similarly as done in EVS:

b2 = bcore - bsig?core' (52-19)

Then, the bit-budget b, is converted in an intermediate bitrate selector from Figure 5.6-1 to bitrate brate, and its
related so-called candidate bitrate is found. Specifically, in IVAS, a predetermined number of twenty-two (22)
candidate bitrates is used. These bitrates are as follows (note an overlap with defined EVS core-coder bitrates): 5.00
kbps, 6.15 kbps, 7.20 kbps, 8.00 kbps, 9.60 kbps, 11.60 kbps, 12.15 kbps, 12.85 kbps, 13.20 kbps, 14.80 kbps, 16.40
kbps, 22.60 kbps, 24.40 kbps, 29.00 kbps, 29.20 kbps, 30.20 kbps, 30.40 kbps, 32.00 kbps, 48.00 kbps, 64 kbps, 96
kbps, and 128 kbps. The found intermediate bitrate for core-coder parts is then the nearest higher candidate intermediate
bitrate to the ACELP core module bitrate. For example, for brate, = 9.00 kbps bitrate the found intermediate bitrate
would be 9.60 kbps using the candidate intermediate bitrates from the list of 22 IVAS candidate bitrates.

Then, for each candidate intermediate bitrate, pre-determined bit-budgets for encoding first parts of the ACELP core
module are stored in ROM tables. These ACELP core module first parts comprise the LP filter coefficients, the adaptive
codebook, the adaptive codebook gain, and the innovation codebook gain. Note that the ROM tables, one ROM table
per one first part parameter, used to allocate the ACELP first parts bit-budgets are ROM tables as used in EVS
complemented by five (5) other candidate bitrates. Also note that no bit-budget for encoding the innovation codebook is
stored in the ROM tables but its bit-budget is computed as described in the next Clause 5.2.2.2.2.1.2.

The bit-budget selector thus allocates for encoding the ACELP core module first parts the bit-budgets stored in the
ROM tables and associated to the intermediate bitrate selected by the bit-budget selector.

In the next step, the bit-budget for intermediate bitrate core module first parts is subtracted from the bit-budget b,.
More specifically, there are subtracted from bit-budget b, the following bit-budgets: (a) bit-budget b, p. for encoding
the LP filter coefficients associated to the candidate intermediate bitrate selected by the bit-budget selector, (b) the sum
of the bit-budgets b,-z[m],m =0,..,M — 1, of the M subframes associated to the selected candidate intermediate
bitrate, (c) the sum of the bit-budgets bgq;[m] for quantizing the adaptive and innovation codebook gains of the M
subframes associated to the selected candidate intermediate bitrate, (d) the bit-budget, associated to the selected
intermediate bitrate, for encoding other ACELP core module first parts that are present like FEC bits or the low-pass
adaptive excitation filtering flag. Thus, a remaining bit-budget b, still available for encoding the innovation codebook
(which relates to the second ACELP core module part) is found as:

by = by, — bypc — Xonzt bacg[m] — Xn=6 byain[m] — - (5.2-20)

5222212 Innovation codebook bit-budget distribution

The distribution of bit-budget for innovation codebook coding is done in Fixed Codebook (FCB) allocator as part of the
bit-budget allocator from Figure 5.6-1. The FCB allocator distributes the remaining bit-budget b, from (5.2-20) for
encoding the innovation codebook (aka second ACELP core module part) between the M subframes of the current
frame. Specifically, the bit-budget b, is divided into bit-budgets bpcg[m] allocated to the various subframes m. At
the same time, there must be kept in mind that only some bit-budget values are supported by the innovative codebook.
These supported bit-budgets per subframe are 7, 10, 12, 15, 17, 20, 24, 26, 28, 30, 32, 34, 36, 40, 43, 46, 47, 49, 50, 53,
55, 56, 58, 59, 61, 62, 65, 68, 70, 73, 75, 78, 80, 83, 85, 87, 89, 92, 94, 96, and 98 bits.

The FCB allocator then distributes the bit-budget between subframes in an iterative procedure which divides the bit-
budget b, betweenthe M subframes as equally as possible while assuming the following principles:

(1) In case the bit-budget b, cannot be distributed equally between all the subframes, a highest possible (i.e. a larger)
bit-budget is allocated to the first subframe. As an example, if b, = 106 bits, the FCB bit-budget per 4 subframes is
allocated as 28-26-26-26 bits.

(2) If there are more bits available to potentially increase other subframe FCB codebooks, the FCB bit-budget allocated
to at least one next subframes after the first subframe is increased. As an example, if b, = 108 bits, the FCB bit-budget
per 4 subframes is allocated as 28-28-26-26 bits. In another example, if b, = 110 bits, the FCB bit-budget per 4 sub-
frames is allocated as 28-28-28-26 bits, etc.
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(3) The bit-budget b, is not necessarily distributed as equally as possible between all the subframes but rather to use as
much as possible the bit-budget b,. As an example, if b, = 87 bits, the FCB bit-budget per 4 subframes is allocated as
26-20-20-20 bits rather than e.g. 24-20-20-20 bits when the principle (3) would not be considered. In another example,
if b, = 91 bits, the FCB bit-budget per 4 subframes is allocated as 26-24-20-20 bits in contradiction to e.g. 24-24-20-
20 bits would be allocated if the principle (3) is not considered. Consequently, only 1 bit remains unused when the
principle (3) is considered while 3 bits would remain unused otherwise.

(4) In case the bit-budget cannot be equally distributed between all the subframes when encoding using a Transition
Coding (TC) mode (see Clause 5.2.3.2 in [3][2]), the largest possible (i.e. larger) bit-budget is allocated to the subframe
using a glottal-impulse-shape codebook. As an example, if b, = 122 bits and the glottal-impulse-shape codebook is
used in the third subframe, the FCB bit-budget per 4 subframes is allocated as 30-30-32-30 bits.

(5) If, after applying the principle (4), there are more bits available to potentially increase another FCB codebook in a

TC mode frame, the FCB bit-budget allocated to the last subframe is increased. As an example, if b, = 116 bits and
the glottal-impulse-shape codebook is used in the second subframe, the FCB bit-budget per 4 subframes is allocated as
28-30-28-30 bits.

The sum of the bit-budgets (number of bits) bg-g[m],m = 0,..,M — 1, allocated to the M various subframes for
encoding the innovation codebook is thus

Ym=0 brcs[m] (5.2-21)

Then, a subtractor at the very bottom of Figure 5.6-1 determines the number of bits b remaining after encoding of the
innovation codebook, using the following relation:

bs = by — =g brcs[m]. (5.2-22)

Ideally, after encoding of the innovation codebook, the number of remaining bits by is equal to zero. However, it may
not be possible to achieve this result because the granularity of the innovation codebook index is greater than 1 (usually
2-3 bits). Consequently, a small number of bits often remain unemployed after encoding of the innovation codebook.

Finally, a bit-budget allocator from Figure 5.6-1 thus assigns the unemployed bit-budget b to increase the bit-budget
of one of the ACELP core first module parts. Specifically, the unemployed bit-budget bs is used to increase the bit-
budget b;p. obtained from the ROM tables, using the following relation:

bipc = bypc+bs. (5.2-23)

5222213 Bit-budget distribution in high bitrate ACELP

At high bitrate ACELP core, there is used a combined algebraic codebook as described in Clause 5.2.3.1.6 of [3] which
contains a transform-domain AVQ-based codebook. In high bitrate ACELP, bit-budget is allocated to the ACELP core
module parts using an extended version of the procedure as described in previous Clause 5.2.2.2.2.1.1. Following this
procedure, the sum of the bit-budgets bpcg[m],m =0, ...,M — 1, from (5.2-21) for encoding the FCB codebook in the
M subframes should be equal or approach bit-budget b,. In the high bitrate ACELP, the bit-budgets bp-z[m] are
however modest, and the number of unemployed bits by from (5.2-22) is relatively high and is used to encode the
transform-domain codebook parameters as follows.

First, the sum of the bit-budget brpgqin[m] for encoding the transform-domain pre-quantizer gain (see Clause
5.2.3.1.6.2in [3]) in the M subframes are subtracted from the unemployed bit-budget bs, using the following relation:

b7 = bS - Z%;é bTDgain [m] (52—24)

Then, the remaining bit-budget b, is allocated to the AVQ vector quantizer within the transform-domain codebook
(see Clause 5.2.3.1.6.9 in [3]) and distributed among all M subframes. The bit-budget by subframe of the vector
quantizer is denoted as by [m]. Giving the AVQ quantization steps, the vector quantizer does not consume all of the
allocated bit-budget by,[m] leaving a small variable number of bits available in each subframe. These bits are floating
bits employed in the following subframe within the same frame. For a better effectiveness of the transform-domain
codebook, a slightly higher bit-budget is allocated to the vector quantizer in the first subframe. The implementation of
this logic is given in the following pseudocode:

b tmp = floor(b 7 / M);

for(m = 0; m < M; m++ )

b VQ[m] = btmp;
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}

b VO[0] = b tmp + (b_7 - M * b_tmp)

where floor(x) denotes the largest integer less than or equal to x and M is the number of subframes in one frame.
Bit-budget b, is thus distributed equally between all the subframes while the bit-budget for the first subframe is
eventually slightly increased by up to M — 1 bits. Consequently, in high bitrate ACELP, there are no remaining bits
after this operation.

522222 Fast algebraic codebook search

The existence of a variable bitrate ACELP coding and a very low bitrate available for core coding in some
configurations make a demand for algebraic codebooks that support algebraic codebooks sizes which are not part of the
EVS codec. Thus, in addition to the algebraic codebooks as described in Clause 5.2.3.1.5 in [3], an additional so-called
fast algebraic codebook search is present in IVAS.

The fast algebraic codebook search is employed for subframe lengths Lg,;r = 64 samples and Lgy,,z =
128 samples at internal sampling length of 12.8 kHz and its supported configurations are summarized in Table 5.2-3.

Table 5.2-3: Fast algebraic codebook configurations

bits/subframe
10, 12, 15, 17
12, 14, 18, 20, 24

subframe length
L_subfr = 64
L_subfr = 128

The structure of fast algebraic codebook is based on interleaved single-pulse permutation (ISSP) design where the pulse
positions are divided into several tracks of interleaved positions. The details about the structure including number of
pulses and number of tracks is summarized in Table 5.2-4 for codebooks with Lg,;r = 64 samples resp. in Table 5.2-

5 for codebooks with Lg,;, s = 128 samples.

Table 5.2-4: Structure of fast algebraic codebook search for L, = 64 samples

bits/subframe | number of pulses | number of tracks note
10 2 4 even tracks used
12 2 2 all tracks used
15 3 4 first three tracks used
17 3 4 all tracks used

Table 5.2-5: Structure of fast algebraic codebook search for L, = 128 samples

bits/subframe | number of pulses | number of tracks note
12 2 4 even tracks used
14 2 2 all tracks used
18 3 4 first three tracks used
20 3 4 all tracks used
24 4 4 all tracks used

The fundamental principle of the fast algebraic codebook search uses a sequential search of the pulses by maximizing a
criterion based on a certain reference signal. The optimum fixed codebook gain, filtered target vector and reference
signal are then recomputed after each new pulse is determined.

Similar to Clause 5.2.3.1.5.9 in [3], let us define a reference signal b(n) as a weighted sum of the signal d(n) and an
ideal excitation signal r(n) as

b(n) = \/i:ir(n) + Bd(n) (5.2-25)

where E; = d”d is the energy of the signal d(n) and E, = rTr is the energy of the ideal excitation signal 7(n).
The value of the scaling factor = 2.0.

The signal d(n) in (5.2-25) is the backward filtered target vector defined in Equation (524) of [3], i.e.:
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din) =X x(Dh(i—n),n=0,..,L—1 (5.2-26)

where x;;(n) is an updated target signal computed in Equation (523) of [3] and h(n) is the impulse response of the
weighted synthesis filter. Then n,n =0, ...,L — 1, is a time sample index and L is the subframe length L, (the
subscript is avoided in this Clause for simplicity).

Further, the pulse signs are pre-determined using an approach where the sign of a pulse at specific position is set a priori
equal to the sign of the reference signal b(n) at that position. That is, there is defined the sign vector z,(n) containing
the signs of the reference signal b(n).

Further, there is employed an autocorrelation method for error minimization in the fixed codebook search procedure in
which the matrix of correlations with elements

0@i,)) =3k h(n—Dh(n—j),i=0,.,L—1,j=1..,L—1 (5.2-27)

is reduced to a Toeplitz form by modifying the summation limits in Equation (5.2-27) so that ¢(i,j) = a(|i — j]),
where

a(n) = LiZy h(Dh(i —n) (5.2-28)
is the correlation vector.
Now, the fast algebraic codebook search of M pulses can be summarized in the following steps:

Step I: The backward filtered target vector d(n), the correlation vector a(n), the reference signal b(n), and the sign
vector z,(n) are computed.

Step II: Find the first pulse: the first pulse is found as the index of maximum absolute value of the reference signal
b(n). Using the sign vector z,(n), this can be expressed as

m, = index[max(z,(n)b(n))] (5.2-29)
So = 2p(My) (5.2-30)
where m, is the index of the first pulse position and s, its sign.

Step I1I: Find following pulses: The other pulses are searched sequentially for j = 1,..., M — 1. The search of each
new pulse starts with computing the fixed codebook gain g, and the update of the reference signal b(n). The fixed

codebook gain for the previously found pulses (pulses my, ..., m;_,) is given by
. (-1
-1 _4g
gd™V = (5.2-31)
9p

where numerator and denominator are expressed as

gy =8 sd(myy) (5.2-32)
and
95 =97 +a(0) + 28 sisj-a(|mi —my_4]) (5:2-33)

with the initialization gy =0 and gp* = 0.

The target signal is then updated by subtracting the contributions of the found pulses from the original target signal
%11(n). This can be written as

xi1(n) = x5 () = g7V B/ sih(n —my) (52-34)
and substituting x7;(n) from (5.2-34) in (5.2-25) and using (5.2-28) we get an update of the signal d(n), i.e.
d(n) = d(n) - g¢ ™" TiZ sialin = my) (5.2-35)

Next, the reference signal b(n) is updated as
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b(n) = \/?r(n) + pd(n) (5.2-36)

and the new pulse m; is found similarly to (5.2-29) and (5.2-30) as
m; = index[max(zb (n)B(n))] (5.2-37)
sj = z,(m;) (5.2-38)

Step IV: Compute the fixed codevector and the filtered fixed codevector.

Giving the use of mentioned ISSP design, the steps II to IV are repeated. Let’s first suppose that the number of tracks is
equal to the number of searched pulses M (one pulse per track) while it is then extended for other configurations. The
first iteration is initialized in step II by assigning m, to Ty, my to Ty, ..., My_q to Ty_,, where T, is the track
number. The procedure is then repeated from step II to step IV by assigning the pulses in the initialization to different
tracks and computing equations (5.2-34) to (5.2-38) for n € T, only. The number of iterations is equal to M. Finally,
the set of pulses selected in the iteration that maximizes the criterion from (526) in [3] is chosen.

522223 Comfort Noise Addition (CNA)
522224 AVQ Bit Savings Encoder
5222241 Overview

Like EVS [3], the time domain or transform-domain coefficients are split into sub-frames, prior to the AVQ quantization.
In every sub-frame, a bit budget allocated to the AVQ subframe is composed of a first number of bits which is a sum of
a fixed bit-budget and a floating number of bits. AVQ subframes usually does not consume all the allocated bits, leaving
a variable number of bits available in each subframe. These bits are floating bits employed in the following AVQ sub-
frame. The floating number of bits is equal to 0 in the first sub-frame and the floating bits resulting from AVQ in the last
sub-frame in each frame remain unused when coding WB signals or are re-used in coding of upper band. Allocated bits
for each AVQ subframe is used for quantizing subframe coefficients, which are split into 8 consecutive sub vectors of 8
coefficients each. The sub-vectors are quantized with an 8-dimensional multi-rate algebraic vector quantizer (AVQ). The
parameter of each sub vector sv consist of the codebook number n, and a corresponding code vector index vg,. The
codebook number is in the set of integers {0, 2, 3,4, 5,6,7,8, ..} and the size of its unary code representation is ng,
bits and the size of each index vy, is given by 4ng, bits, equalling to 5ng, bits per sub-vector with exception of the
case of codebook number with the integer O that requires 1 bit. Based on the number of bits-available for encoding a
sub-vector in the AVQ, one of two encoding methods is selected for encoding the sub-vector. The one is encoding the
codebook number of the sub-vector (i.e., the original AVQ encoding [3]), and the other is encoding “unused” bits which
is obtained by computing the difference between the number of bits allocated to the AVQ subframe and the number of
bits consumed by the AVQ parameters. If the number of bits for encoding the “unused” bits is smaller than the number
of bits for encoding the codebook number, the total number of AVQ bits can be reduced and saved. Such condition can
be determined using the number of bits available for encoding the sub-vector in the AVQ. Detailed algorithm will be
described in the following sub clauses. Figure 5.2-2 shows an example of an AVQ encoder for encoding DCT coefficients.
The AVQ bit-saving algorithm is integrated in the code converter block in the figure.
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Figure 5.2-3: Overview of AVQ Bit Savings Encoder
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522233 Intelligent Gain Filling (IGF)
5.2.2.2.3.3.1 General

The general functionality of IGF is described in clause 5.3.3.2.11 of [3]. In the following all changes and additions that
were made for IVAS are described.

For IVAS, activation of IGF and selection of individual configuration is not dependent on fixed bitrates, but instead
bitrate intervals are used depending on the selected bandwidth for processing, the IVAS format and the type and number
of IVAS elements (SCEs/CPEs). For modes where multiple elements are coded, the IGF configuration is called
separately for each element. Accordingly, the bitrates given to the IGF configuration do not correspond to the overall
bitrate but are bitrates specified for each element.

The maximum configuration bitrates for which IGF is active for SCEs and CPEs are shown in tables 5.2-6 and 5.2-7:
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Table 5.2-6: IGF application modes — IVAS SCE

Mode Bitrate
WB < 9.6 kbps

SWB < 64 kbps
FB < 128 kbps
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Table 5.2-7: IGF application modes — IVAS CPE

Mode Bitrate
WB <13.2 kbps

SWB < 96 kbps
FB < 128 kbps

NOTE: Some low bitrate modes do not allow FB operation. Accordingly, IGF is only applied up to SWB for such
cases. [reference clause where maximum allowed bandwidth is described].

5.2.2.2.33.2 IGF Damping

52223321 Introduction

Typically, signal spectra become more noise-like toward higher frequencies. Therefore, the IGF source regions, which
are located in a lower part of the spectrum than the higher-frequency target regions they are used to fill, are often too
tonal compared to the original high-frequency spectrum. This is remedied by whitening of the tiles (as described in
clause 5.3.3.2.11.6 of [3]). In much rarer cases, however, it can also happen that a very noisy source spectrum is copied
to a much more tonal target spectrum. In the most extreme cases, pure background noise might be copied to a place
where the original signal has a tonal component, like an overtone. This background noise will be scaled to the level of
the tonal component by the transmitted scale-factor (which adjusts the spectral envelope of the source tile to the level of
the target tile) inside the according scale-factor band (SFB). This will result in a noise band in the high-frequency
spectrum which can be very audible and detrimental to the overall quality. An illustration of this effect is shown in
Figure 5.2-4.0f noise bands due to tonality mismatch
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Figure 5.2-4: lllustration of noise bands due to tonality mismatch

To improve quality in such cases, a scale-factor damping is applied at the IGF encoder. The idea is to detect cases
where such a mismatch occurs by analyzing tonality in both source and target SFBs and use the results to calculate a
compensation value depending on the severity of the mismatch. With this compensation value and the original scale
factor, a reduced scale-factor is calculated for the target SFB which will be transmitted in the bitstream and which will
lead to a significantly reduced noise band when applied during the decoder IGF processing. There are no additional
processing steps at the decoder, the technique is therefore encoder-only. A block diagram of the IGF encoder with the
necessary adaptations is shown in Figure 5.2-5 and the individual processing steps are described in more detail in the
following.
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Figure 5.2-5: IGF encoder with added damping

5.22.233.2.2 Tonality mismatch detection

In a first step, those SFBs, where a tonality mismatch might cause noise band artefacts, have to be identified. In order to
do so, the tonality in each SFB of the IGF range and the corresponding source bands has to be determined. The tonality
is calculated in the same manner as it is already done for IGF Whitening using both the spectral flatness measure (SFM)
and the crest factor. Spectral flatness and crest factor calculations are described in clauses 5.3.3.2.11.1.3 and
5.3.3.2.11.1.4 of [3], respectively. Smoothed spectral flatness values SFM,,. and SFM,,, for source and target SFBs
are obtained by following the calculation of s(k) in step 1) of clause 5.3.3.2.11.6.3 of [3]. However, in this case the
values are calculated per SFB b and not per tile £.

Now the difference in tonality between source and destination is calculated:

SFMyipp = SFMge — SFMyeq; (5.2-39)

Positive values of this difference indicate that the copied-up source SFB is noisier than the target SFB. Such an SFB
becomes a likely candidate for damping.

In order to avoid damping in some unwanted cases, e.g. band-limitation inside an SFB, possibly affected SFBs the
spectral tilt of the energy in all target bands with positive SFM differences is calculated as:

- 1 2 1 2\
slope = (Zixipi - EZixiZiPi) (Zixi - = Qix) ) , i=b,...,e—1 (5.2-40)

with x as the bin number, P the TCX power spectrum, the start line and e the stop line of the current SFB.

However, a tonal component close to a border of an SFB might also cause a steep tilt, but should still be subjected to
damping. To separate these two cases, another shifted SFM calculation is performed for bands with steep tilt.

The threshold for the slope value is defined as
threshy, = —— (5.2-41)

with division by the SFB width e-b as normalization.

If there is a strong decline slope < -thresh, the frequency region for which SFM is calculated will be shifted down by
half the width of the SFB; for a strong incline slope > -threshsir it is shifted up. In this way, tonal components that are
supposed to be damped can still be correctly detected due to low SFM while for higher SFM values damping will not be
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applied. The threshold here is defined as the value 0.04, where damping is only applied if the shifted SFM falls below
the threshold.

5.2.223.3.23 Perceptual annoyance model

To ensure application within reasonable bounds, damping should only be used if the target SFB is indeed very tonal. So
only whenever both

SFMyips > 0 (5.2-42)

and

SFMpq, < 0.1 (5.2-43)

hold, damping should be applied.

Additionally, the amount of damping is dependent on the tonal-to-noise ratio in the SFB. For SFBs with a higher ratio,
i.e. lower background noise, more damping is applied, and vice versa.

For the calculation of this tonal-to-noise ratio the squared TCX power spectral values P of all bins i in an SFB are
summed up and divided by the width of the SFB (given by start line b and stop line e) to get the average energy of the
band. This average is subsequently used to normalize all the energies in the band.

1 _ -1
Paormi = P (5 * 252 VPs) » k=b,.,e—1 (5.2-44)

All bins with a normalized energy Pnormx below 1 are then summed up and counted as the noise part Pnoise while
everything above a threshold of 1 + adap with

adap = &2 (5.2-45)

40

is counted as the tonal part Pronal. From the tonal and the noise part the final tonal-to-noise log-ratio is computed:

tonalToNoise = 20 * log;, (M) (5.2-46)

noise

52223324 Calculation of damping factor and compensation of tonality mismatch

Now the damping factor deu-is calculated as

dcurr = (

SFMdest
SFMsyrc

) + 8, (5.2-47)

where a and § are damping adjustment parameters that are calculated as

a = min (% 1.25) (5.2-48)

with e is the stop line of the current SFB and

B = {0.1 * ((10 + adap) — tonalToNozse), if ((10 + adap) — tonalToNozse) >0 (5.2-49)
0, else
where adap is again calculated as
adap = 4;0” (5.2-50)
The parameter o decreases with frequency in order to apply less damping for higher frequencies while f is used to
further reduce the strength of the damping if the tonal-to-noise ratio of the SFB falls below a threshold. The more
significantly it falls below this threshold, the more the damping is reduced.

As damping is only activated within certain constraints, it is necessary to apply smoothing in order to prevent abrupt
on/off transitions. To realize this, several smoothing mechanisms are active.
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Directly after a transient, a core switch to TCX or an undamped previous frame damping is only gradually applied to
avoid extreme energy drops after high-energy transients. Furthermore, a forgetting factor in the form of an IIR filter is
utilized to also take the results of previous frames into account.

All smoothing techniques are comprised in the following formula:

(dcurr+dprev

d = min + 0.1 * smooth, 1), (5.2-51)

where dprev is the damping factor of the previous frame. If damping was not active in the previous frame dprev is
overwritten with deur but limited to a minimum of 0.1. The variable smooth is an additional smoothing factor that will
be set to 2 during transient frames (flag isTransient active) or after core switches (flag isCelpToTCX active), to 1 if in
the previous frame damping was inactive. In each frame with damping the variable will be decreased by 1, but may not
fall below 0. If a power spectrum is not available or if the frame is transient, no damping will be applied.

In the final step, the damping factor d is multiplied with the scaling gain:
gdamped =g* d (52'52)

The resulting compensated gain factor is then transmitted in the bitstream as part of the core-encoded IGF side data.

522234 Stabilization of IGF Whitening levels

In some cases, the calculated IGF whitening levels currWLevel(k) for each tile k& (as described in clause 5.3.3.2.11.6.3 of
[3]) can fluctuate quite strongly by changing their value every few frames. This leads to an unstable listening
impression detrimental to the overall quality. Therefore, additional stability mechanisms are introduced for IVAS as
described below.

5.2.2.2.3.4.1 Margin-based Whitening thresholds and minimum deviation from past
SFM mean

In cases where currWlevel(k) # prevW Level(k), switching to the new whitening level currWLevel(k) is
allowed if the spectral flatness SFM of tile k (see calculation of s(k) in clause 5.3.3.2.11.6.3 of [3]) lies outside a
margin of +0.15 around the whitening thresholds 7M. and ThSk (see mapping in clause 5.3.3.2.11.1.5 of [3]).

If it falls inside either margin, as in

ThM,, — 0.15 < SFM, < ThM, + 0.15 (5.2-53)

or

ThM, — 0.15 < SFM,, < ThM, + 0.15 (5.2-54)

switching is prohibited if additionally the deviation of SFM, from the mean SFM,, .4, of the SFM values of the
Nprey Previous frames is sufficiently small:

prevWLlevel(k), SFMyeqni < 0.2
= ! 2-
currWLevel(k) {currWLevel(k), else (5.2-55)
SFM,00n,1 18 calculated for each tile £:
Zr-l_pgev_l SFMprey, k()
SFMpeani = == . (5.2-56)

Nprev

where n,,., is the number of available past values SFM,,.,  in the previous 5 frames. If past SFM values are not
available for one the past 5 frames - due to the frame being ACELP or transient — these frames will be excluded and
Nprey reduced accordingly.

5222342 Oscillating pitch handling

If the pitch of a signal is not stable but oscillates rapidly (e.g. a voice or instrument employing vibrato) overtones of the
signal might constantly cross tile borders. This can strongly affect the SFM values in the two tiles between which the
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overtone oscillates and, in the worst case, can lead to constantly changing whitening levels. If such a case is detected,
whitening is turned off for both tiles.

The detection is done for pairs of tiles k and k+ /. First, the change in SFM for both tiles is calculated over the 3
previous frames (provided and SFM value is available for all 3 frames) by summing up the SFM differences:

SFMyisri = X2 o(SFM, (i) — SFM,.(i + 1)) (5.2-57)
and
SFMgifpier = Limo(SFMysq (i) — SFMyy1 (i + 1)) (5.2-58)
If either
SFMyisrx <0 && SFMyipfys1 >0 (5.2-59)
or
SFMyisrx >0 && SFMyipfysr <O (5.2-60)

holds — indicating that the tonality changes in opposite directions between the tiles — and the difference between
SFMg;sr i and SFMy;fr 4 s sufficiently large as in

|SFMiffi — SFMaiffia| > 0.5 (5.2-61)

and if currWLlevel(k) =0 and currWLlevel(k + 1) # 0, or vice versa, is true — meaning whitening is off only in
one of the tiles — the whitening will be turned off in both tiles:

currWlevel(k) = currWLlLevel(k +1) =0 (5.2-62)

Editors note: Whitening hangover

Additionally to the stabilization methods described above, a hangover of 2 frames is employed. This means that any
conditions for a switch of the whitening level have to be fulfilled for 3 frames in a row before the switch is allowed in
the third frame.

5.2.2.2.35 Whitening processing for CPE bitrate range of ]32.0-48.0] kbps

In cases where the IVAS element is a CPE and the configuration bitrate falls in the ]32.0-48.0] kbps range, a different
processing is done to determine the whitening levels.

Instead of calculating a separate whitening level for each tile, this is done only for the first tile. The whitening levels of
the other tiles are set to the same value. Additionally, only whitening levels 0 and 1 — indicating no whitening and mid-
whitening, respectively — are allowed.

The calculation of this one whitening level based on the first tile is also done differently from other modes. Instead of
setting the level by comparing the SFM value of the target tile to fixed thresholds (see clause 5.3.3.2.11.1.5 of [3] and
clause 5.2.2.2.3.6 in the present document), the level is determined adaptively by comparing the SFM value of the target
tile against the SFM value in the source tile that is used for copy-up. This comparison further depends on the decision of
the speech-music classifier [reference to this classifier, [IVAS chapter classifier].

If the signal is classified as music, the whitening level will be set to 0 — indicating no whitening — for
SFM;y, < SFM,,. + 0.5 (5.2-63)

and to 1 — indicating mid-whitening — for

SFM;y > SFM,,. + 0.5 (5.2-64)
If the signal is classified as speech, the whitening level will be set to 0 — indicating no whitening — for

SFM;y, < SFM,. + 0.1 (5.2-65)

and to 1 — indicating mid-whitening — for
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SFM,4, > SFMg,. + 0.1 (5.2-66)

To avoid redundancies, only this one level is transmitted in the bitstream.

522236 IVAS IGF whitening thresholds

The EVS IGF whitening mapping and thresholds are described in clause 5.3.3.2.11.1.5 of [3]. For IVAS, different tables
are used depending on whether an SCE or a CPE element is processed, see tables 5.2-8 and 5.2-9.

NOTE: The bitrate given to the IGF configuration depends on the IVAS format and is not always the same as the

overall bitrate.

Table 5.2-8: Thresholds for whitening — IVAS SCE

Bitrate Mode nT ThM ThS
< 9.6 kbps WB 2 0.36,0.36 1.41, 1.41
< 9.6 kbps SWB 4 0.89, 0.89, 0.80,0.80 1.25,1.25,1.19, 1.19
19.6-13.2] kbps SWB 6 1.05, 1.05, 1.10, 1.10, 1.05, 1.05 1.70, 1.70, 1.65, 1.65, 1.60, 1.50
113.2-16.4] kbps SWB 7 1.20, 1.20, 1.15, 1.10, 1.05, 1.00, 1.70, 1.70, 1.70, 1.70, 1.55, 1.45,
0.90 1.20
116.4-24.4] kbps SWB 8 1.20, 1.20, 1.15, 1.15, 1.10, 1.05, 1.80, 1.80, 1.80, 1.80, 1.65, 1.55,
1.00, 0.90 1.45,1.20
]24.4-32.0] kbps SWB 3 0.91, 0.85, 0.85 1.34,1.35, 1.35
132.0-48.0] kbps SWB 1 1.15 1.19
148.0-64.0] kbps SWB 1 1.15 1.19
< 16.4 kbps FB 9 1.20, 1.20, 1.15, 1.10, 1.05, 1.00, 1.70, 1.70, 1.70, 1.70, 1.55, 1.45,
0.90, 0.34, 0.34 1.20, 0.65, 0.65
116.4-24.4] kbps FB 10 1.20, 1.20, 1.15, 1.15, 1.10, 1.05, 1.80, 1.80, 1.80, 1.80, 1.65, 1.55,
1.00, 0.90, 0.34, 0.34 1.45, 1.20, 0.65, 0.65
]24.4-32.0] kbps FB 4 0.78,0.31,0.34, 0.34 1.49, 1.38, 0.65, 0.65
132.0-48.0] kbps FB 1 0.80 1.0
148.0-64.0] kbps FB 1 0.80 1.0
164.0-96.0] kbps FB 1 0 2.82
196.0-128.0] kbps FB 1 0 2.82

3GPP




Release 18 46 3GPP TS 26.253 v0.0.1 (2023-11)

Table 5.2-9: Thresholds for whitening — IVAS CPE

Bitrate Mode nT ThM ThS
< 9.6 kbps WB 2 0.80, 0.75 1.50, 1.45
19.6-13.2] kbps WB 2 0.90, 0.85 1.60, 1.50
< 9.6 kbps SWB 4 0.89, 0.89, 0.80,0.80 1.25,1.25,1.19, 1.19
19.6-13.2] kbps SWB 6 1.05, 1.05, 1.10, 1.10, 1.05, 1.05 1.70, 1.70, 1.65, 1.65, 1.60, 1.50
113.2-16.4] kbps SWB 7 1.20, 1.20, 1.15, 1.10, 1.05, 1.00, 1.70, 1.70, 1.70, 1.70, 1.55, 1.45,
0.90 1.20
116.4-24.4] kbps SWB 8 1.20, 1.20, 1.15, 1.15, 1.10, 1.05, 1.80, 1.80, 1.80, 1.80, 1.65, 1.55,
1.00, 0.90 1.45,1.20
124.4-32.0] kbps SwB 3 0.91, 0.85, 0.85 1.34,1.35,1.35
132.0-48.0] kbps SWB 6 adaptive adaptive
148.0-64.0] kbps SWB 4 1.00, 1.00, 1.20, 1.25 1.50, 1.50, 1.60, 1.60
164.0-80.0] kbps SWB 2 1.20,1.25 1.60, 1.60
180.0-96.0] kbps SWB 1 1.15 1.19
<16.4 kbps FB 9 1.20, 1.20, 1.15, 1.10, 1.05, 1.00, 1.70, 1.70, 1.70, 1.70, 1.55, 1.45,
0.90, 0.34, 0.34 1.20, 0.65, 0.65
116.4-24.4] kbps FB 10 1.20, 1.20, 1.15, 1.15, 1.10, 1.05, 1.80, 1.80, 1.80, 1.80, 1.65, 1.55,
1.00, 0.90, 0.34, 0.34 1.45, 1.20, 0.65, 0.65
124.4-32.0] kbps FB 4 0.78,0.31,0.34, 0.34 1.49, 1.38, 0.65, 0.65
132.0-48.0] kbps FB 7 adaptive adaptive
148.0-64.0] kbps FB 5 1.00, 1.00, 1.20, 1.25, 0.75 1.50, 1.50, 1.60, 1.60, 0.75
164.0-80.0] kbps FB 3 1.20,1.25,0.75 1.60, 1.60, 1.00
180.0-96.0] kbps FB 2 0.91,0.85 1.34,1.35
196.0-128.0] kbps FB 1 0 2.82

NOTE: For CPEs within bitrate interval ]32.0-48] kbps, the whitening is not determined via fixed thresholds but
calculated adaptively as described in clause 5.2.2.2.3.5.
5.2.2.2.3.7 IVAS IGF scale factor tables

The EVS IGF scale factor tables are described in 5.3.3.2.11.1.7, table 94 of [3]. For IVAS, different tables are used
depending on whether an SCE or a CPE element is processed, see tables 5.2-10 and 5.2-11.

NOTE: The bitrate given to the IGF configuration depends on the IVAS format and is not always the same as the
overall bitrate.
Table 5.2-10: Scale factor band offset table — IVAS SCE
Bitrate Mode Number of bands (nB) Scale factor band offsets (t[0],t[1],...,t[nB])
< 9.6 kbps WB 3 164, 186, 242, 320
< 9.6 kbps SWB 4 200, 264, 344, 440, 566
19.6-13.2] kbps SWB 6 228, 264, 308, 360, 420, 488, 566

113.2-16.4] kbps SWB 7 256, 288, 328, 376, 432, 496, 576, 640
116.4-24.4] kbps SWB 8 256, 284, 320, 360, 404, 452, 508, 576, 640
124.4-32.0] kbps SWB 8 256, 284, 318, 358, 402, 450, 508, 576, 640
132.0-48.0] kbps SWB 3 512, 534, 576, 640
148.0-64.0] kbps SWB 3 512, 534, 576, 640

< 16.4 kbps FB 9 256, 288, 328, 376, 432, 496, 576, 640, 720, 800
116.4-24.4] kbps FB 10 256, 284, 320, 360, 404, 452, 508, 576, 640, 720, 800
124.4-32.0] kbps FB 10 256, 284, 318, 358, 402, 450, 508, 576, 640, 720, 800
132.0-48.0] kbps FB 4 512, 584, 656, 728, 800
148.0-64.0] kbps FB 4 512, 584, 656, 728, 800
164.0-96.0] kbps FB 2 640, 720, 800
196.0-128.0] kbps FB 2 640, 720, 800
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Table 5.2-11: Scale factor band offset table — IVAS CPE

Bitrate Mode Number of bands (nB) Scale factor band offsets (t[0],t[1],...,t[nB])
< 9.6 kbps WB 2 196, 248, 320
19.6-13.2] kbps WB 2 228, 268, 320
< 9.6 kbps SWB 4 200, 264, 344, 440, 566
19.6-13.2] kbps SWB 6 228, 264, 308, 360, 420, 488, 566

113.2-16.4] kbps SWB 7 256, 288, 328, 376, 432, 496, 576, 640
116.4-24 4] kbps SWB 8 256, 284, 320, 360, 404, 452, 508, 576, 640
124.4-32.0] kbps SWB 8 256, 284, 318, 358, 402, 450, 508, 576, 640
132.0-48.0] kbps SWB 6 360, 392, 424, 464, 508, 560, 640
148.0-64.0] kbps SWB 7 400, 424, 448, 476, 508, 540, 576, 640
164.0-80.0] kbps SWB 4 464, 496, 532, 576, 640
180.0-96.0] kbps SWB 3 512, 536, 576, 640

<16.4 kbps FB 9 256, 288, 328, 376, 432, 496, 576, 640, 720, 800
116.4-24 4] kbps FB 10 256, 284, 320, 360, 404, 452, 508, 576, 640, 720, 800
124.4-32.0] kbps FB 10 256, 284, 318, 358, 402, 450, 508, 576, 640, 720, 800
132.0-48.0] kbps FB 8 360, 392, 424, 464, 508, 560, 640, 720, 800
148.0-64.0] kbps FB 9 400, 424, 448, 476, 508, 540, 576, 640, 720, 800
164.0-80.0] kbps FB 6 464, 496, 532, 576, 640, 720, 800
180.0-96.0] kbps FB 5 512, 536, 576, 640, 720, 800
196.0-128.0] kbps FB 2 640, 720, 800

522238 IVAS IGF source band mapping

The EVS IGF source band mapping is described in clause 5.3.3.2.11.1.8 of [3]. For IVAS, different mappings are used
depending on whether an SCE or a CPE element is processed, see new tables for minimal source bands (tables 5.2-12
and 5.2-13) and mapping functions (tables 5.2-14 and 5.2-15).

NOTE: The bitrate given to the IGF configuration depends on the IVAS format and is not always the same as the
overall bitrate.

Table 5.2-12: IGF minimal source subband — IVAS SCE

Bitrate mode minSh

< 9.6 kbps WB 30

< 9.6 kbps SWB 32
19.6-13.2] kbps SWB 32
113.2-16.4] kbps SWB 32
116.4-24.4] kbps SWB 32
124.4-32.0] kbps SWB 32
132.0-48.0] kbps SWB 64
148.0-64.0] kbps SWB 64
< 16.4 kbps FB 32
116.4-24.4] kbps FB 32
124.4-32.0] kbps FB 32
132.0-48.0] kbps FB 64
148.0-64.0] kbps FB 64
164.0-96.0] kbps FB 64
196.0-128.0] kbps FB 64
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Table 5.2-13: IGF minimal source subband — IVAS CPE

Bitrate mode minSh

< 9.6 kbps WB 32
19.6-13.2] kbps WB 32
< 9.6 kbps SWB 32
19.6-13.2] kbps SWB 32
113.2-16.4] kbps SWB 32
116.4-24.4] kbps SWB 32
124.4-32.0] kbps SWB 32
132.0-48.0] kbps SWB 48
148.0-64.0] kbps SWB 48
164.0-80.0] kbps SWB 64
180.0-96.0] kbps SWB 64
< 16.4 kbps FB 32
116.4-24.4] kbps FB 32
124.4-32.0] kbps FB 32
132.0-48.0] kbps FB 48
148.0-64.0] kbps FB 48
164.0-80.0] kbps FB 64
180.0-96.0] kbps FB 64
196.0-128.0] kbps FB 64

Table 5.2-14: Mapping functions for IVAS SCE

Bitrate Mode nT mapping Function
< 9.6 kbps WB 2 m2a
< 9.6 kbps SWB 4 m4b

19.6-13.2] kbps SWB 6 m2a
]13.2-16.4] kbps SWB 7 m3b
]16.4-24 4] kbps SWB 8 m3c
124.4-32.0] kbps SWB 3 m3c
132.0-48.0] kbps SWB 1 m1
148.0-64.0] kbps SWB 1 m1
<16.4 kbps FB 9 mdc
]16.4-24 4] kbps FB 10 m4d
124.4-32.0] kbps FB 4 m4
132.0-48.0] kbps FB 1 m1
148.0-64.0] kbps FB 1 m1
164.0-96.0] kbps FB 1 m1
196.0-128.0] kbps FB 1 m1
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Table 5.2-15: Mapping functions for IVAS CPE

Bitrate Mode nT mapping Function

< 9.6 kbps WB 2 m1
19.6-13.2] kbps WB 2 m1b
< 9.6 kbps SWB 4 m4b
19.6-13.2] kbps SWB 6 m2a
]13.2-16.4] kbps SWB 7 m3b
]16.4-24 4] kbps SWB 8 m3c
124.4-32.0] kbps SWB 3 m3c
132.0-48.0] kbps SWB 6 m2c
148.0-64.0] kbps SWB 4 m2d
164.0-80.0] kbps SWB 2 mic
180.0-96.0] kbps SWB 1 m1d
<16.4 kbps FB 9 mdc
]16.4-24 4] kbps FB 10 m4d
124.4-32.0] kbps FB 4 m4
132.0-48.0] kbps FB 7 m4e
148.0-64.0] kbps FB 5 m3f
164.0-80.0] kbps FB 3 m2e
180.0-96.0] kbps FB 2 m2f
196.0-128.0] kbps FB 1 m1

In the following the newly added mapping functions are given. For mappings reused from EVS, please refer to clause
5.3.3.2.11.1.8 of [3]. New tables for tile number and tile width are given in 5.2-16and 5.2-17.

NOTE: For some IVAS modes (e.g., SWB for ]16.4-24.4] kbps range) the number of tiles was increased with
tiles consisting of only SFB. In these cases, some tiles are often contiguous and not overlapping, so they
can be grouped together in one case of the according mapping function. Accordingly, there the number of
cases per mapping function does not correspond to the number of tiles.

The mapping function m1b is defined with:

m1b = minSB + tF(80,f) + (x —t(0)) for t(0) <x<t(2) (5.2-67)
The mapping function mlc is defined with:

mlc == minSB + tF(212,f) + (x —t(0)) for t(0) <=x <t(4) (5.2-68)
The mapping function mld is defined with:

mld :== minSB + tF(200,f) + (x —t(0)) for t(0)<x <t(3) (5.2-69)

The mapping function m2c¢ is defined with:

{minSb +tF(120,f) + (x — t(0))  for t(0) <x <t(4)
m2c=1 (5.2-70)
minSb + tF(140, f) + (x - t(4)) for t(0) <x<t(nB)
The mapping function m2d is defined with:
od e {m.inSb + tF(80,f) + (x — t(0)) for t(0) <x<t(4) (5:2-71)
minSh + tF (144, f) + (x - t(4)) for t(0) <x<t(nB)
The mapping function m2c¢ is defined with:
{minSb +tF(212,f) + (x —t(0))  for t(0) <x<t(4)
m2e:=1{ (5.2-72)
minSb + tF (200, f) + (x - t(4)) for t(0) <x<t(nB)

The mapping function m2f is defined with:
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ot {minSb +tF(200,f) + (x —t(0))  for t(0)<x<t(3)
TS \minSb + tF(240,£) + (x —t(®)  for t(0) < x < t(nB)

The mapping function m3e is defined with:
minSh + tF (120, f) + (x — t(0)) for t(0) <x <t(4)
m3e = {minSb + tF(140, 1) + (x — t(4)) for t(0) < x < t(6) (5.2-74)
minSh + tF (140, f) + (x — t(6)) for t(0) < x < t(nB)

The mapping function m3f is defined with:

minSh + tF (80, f) + (x — t(0)) for t(0) <x<t(4)
m3f = { minSh + tF (144, f) + (x — t(4)) for t(0) <x <t(6) (5.2-75)
minSh + tF (160, f) + (x — t(6)) for t(0) <x<t(nB)

The mapping function m4b is defined with:

minSbh + (x — t(O)) for t(0)<x<t(1)
minSb + tF(32,f) + (x —t(1))  for t(0) <x <t(2)
minSb + tF(46,f) + (x —t(2))  for t(0) <x <t(3)
minSb + tF (40, f) + (x - t(3)) for t(0) <x<t(nB)

mab(x) =

The mapping function m4c is defined with:

minSh + (x - t(O)) for t(0) <x<t(4)
mac(x) = ml.nSb +tF(48,f) + (x - t(4)) for t(4) <x<t(6) (5277)
minSbh + tF (64, f) + (x - t(6)) for t(6) <x<t(7)
minSb + (x - t(7)) for t(7) <x<t(nB)
The mapping function m4d is defined with:
minSbh + (x — t(O)) for t(0)<x<t(4)
mad(x) = minSbh + tF(32,f) + (x - t(4)) for t(4) <x<t(7) (52.78)

minSb + tF(64,f) + (x —t(7))  for t(6) <x <t(8)
minSh + (x - t(8)) for t(8) <x<t(nB)

Table 5.2-16: Number of tiles nT and tile width wT — IVAS SCE

Bitrate Mode nT wT
< 9.6 kbps WB 2 t(2)-t(0), t(nB)-t(2)
< 9.6 kbps SWB 4 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(nB)-t(3)
19.6-13.2] kbps SWB 6 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), {(5)-t(4), t(nB)-t(5)
]13.2-16.4] kbps SWB 7 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), t(5)-t(4), t(6)-t(5), t(nB)-1(6)
]16.4-24 4] kbps SWB 8 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), t(5)-t(4), t(6)-t(5), t(7)-t(6), t(nB)-t(7)
124.4-32.0] kbps SWB 3 t(4)-t(0), t(7)-t(4), t(nB)-1(7)
132.0-48.0] kbps SWB 1 t(nB)-t(0)
148.0-64.0] kbps SWB 1 t(nB)-t(0)
<16.4 kbps FB 9 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), t(5)-t(4), t(6)-t(5), t(7)-t(6), t(8)-t(7),
t(nB)-t(9)
]16.4-24 4] kbps FB 10 t(1)-t(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), t(5)-t(4), t(6)-t(5), t(7)-t(6), t(8)-t(7),
t(9)-t(8), t(nB)-t(9)
124.4-32.0] kbps FB 4 t(4)-t(0), t(6)-t(4), t(9)-1(6), t(nB)-t(9)
132.0-48.0] kbps FB 1 t(nB)-t(0)
148.0-64.0] kbps FB 1 t(nB)-t(0)
164.0-96.0] kbps FB 1 t(nB)-t(0)
196.0-128.0] kbps FB 1 t(nB)-t(0)
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Table 5.2-17: Number of tiles nT and tile width wT — IVAS CPE

Bitrate Mode nT wT
< 9.6 kbps WB 2 t(1)-(0), t(nB)-t(1)
19.6-13.2] kbps WB 2 t(1)-(0), t(nB)-t(1)
< 9.6 kbps SWB 4 t(1)-(0), t(2)-t(1), t(3)-(2), t(nB)-t(3)
19.6-13.2] kbps SWB 6 1(1)-4(0), t(2)-t(1), t(3)-t(2), t(4)-(3), t(5)-t(4), t(nB)-t(5)
113.2-16.4] kbps SWB 7 t(1)-4(0), t(2)-t(1), t(3)-t(2), t(4)-t(3), t(5)-t(4), t(6)-t(5), t(nB)-t(6)
116.4-24.4] kbps SWB 8 t(1)-4(0), t(2)-t(1), t(3)-4(2), t(4)-4(3), t(5)-t(4), 1(6)-(5), t(7)-(6), t(nB)-t(7)
124.4-32.0] kbps SWB 3 t(4)-(0), t(7)-t(4), t(nB)-t(7)
132.0-48.0] kbps SWB 6 1(1)-4(0), t(2)-t(1), t(3)-t(2), t(4)-(3), t(5)-t(4), t(nB)-t(5)
148.0-64.0] kbps SWB 4 1(2)-(0), t(4)-(2), t(6)-t(4), t(nB)-t(6)
164.0-80.0] kbps SWB 2 t(2)-(0), t(nB)-t(2)
180.0-96.0] kbps SWB 1 t(nB)-t(0)
< 16.4 kbps FB 9 t(1)-4(0), t(2)-t(1), t(3)-4(2), t(4)-(3), t(5)-t(4), t(6)-(5), t(7)-(6), t(8)-t(7),
t(nB)-(9
116.4-24.4] kbps FB 10 t?1)-)t(0(),)t(2)-t(1), t(3)-4(2), t(4)-4(3), t(5)-t(4), t(6)-t(5), t(7)-t(6), t(8)-t(7),
t(9)-4(8), t(nB)-t(9)
124.4-32.0] kbps FB 4 t(4)-(0), t(6)-t(4), t(9)-t(6), t(nB)-t(9)
132.0-48.0] kbps FB 7 t(1)-4(0), t(2)-t(1), t(3)-t(2), t(4)-(3), t(5)-t(4), t(6)-t(5), t(nB)-t(6)
148.0-64.0] kbps FB 5 1(2)-4(0), t(4)-t(2), 1(6)-t(4), t(7)-(6), t(nB)-t(7)
164.0-80.0] kbps FB 3 t(2)-4(0), t(4)-t(2), t(nB)-t(4)
180.0-96.0] kbps FB 2 t(3)-(0), t(nB)-t(3)
196.0-128.0] kbps FB 1 t(nB)-t(0)
52224 Switching coding modes
522241 Transitions between ACELP and HQ MDCT

The transitions between ACELP and HQ Core in IVAS operations has been harmonized to be more similar to the
transitions between ACELP and TCX Core. When switching from HQ MDCT to ACELP, the transition is based on
MC?2 as described in 5.4.2.2. Similar to MC2, a synthesis at the ACELP sampling rate s7,,,, is generated by
performing an additional MDCT synthesis and overlap-add operation corresponding to [ref?] using the portion of the
spectrum corresponding to 7. This synthesis is stored in the ACELP excitation memory. Upon a switch from HQ
MDCT to ACELP, the content of the excitation memory is filtered through the pre-emphasis filter and the decoded filter
coefficients of the current ACELP frame to form the excitation memory for the current frame.

Editor’s note: Enforcing of TC frame

Editor’s note: Longer frame for HQ->ACELP transition

522242 Switching from TCX/HQ to ACELP in DFT-based stereo

The time-domain bandwith extension (BWE) process is defined for ACELP mode in [3] Section 5.2.6.2. When IVAS is
operating in ACELP coding mode, BWE buffer is updated with the high band down-mix signal, xy;(n) generated by a
DFT synthesis. Meanwhile TCX/HQ coding mode operates on the full band down-mix signal x(n) also generated by a
DFT synthesis. For IVAS operations, a BWE process is defined to extract the target bands to update the BWE buffer.

To adapt the BWE for different target bands, an intermediate length of interpolation, Ny, is determined by rescaling
the length of the input frame N in the input sampling frequency, f;,. The upper limit of the target band is set to be the
Nyquist frequency in the interpolated intermediate frame. For the target band with frequency limits of [f,, fx:], the
intermediate length Nz is:

Ninger = N1ineer (5.2-79)

The intermediate sampling frequency fi,:er 1S twice the upper frequency limit of the target band, f,;:
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finter = 2fni (5.2-80)

The full band input x(n) with length N is then linearly interpolated to the intermediate frame x;,.(n) with the
length N;,; following the equations:

x(0) + 1prae(x(1) = x(0)), Nprae <0
Xy () = { XN = 1) + (frac = Nproor )(X(N = 1) = x(N = 2)), Tprae >N =1 (5.2-81)
x(nﬂoor) + (nfmc - nﬂoor) (x(nﬂoor + 1) — x(nﬂoor)), otherwise

The interpolated sampling value at point n is X;,,(n), and ng.,. is a fractional point where the source vector x is to
be estimated. The first two cases of x;,,(n) handles the samples on the edges of the frame where the new sampling
point is extrapolated from either the last or the first two samples of the frame. An index offset n,f¢.; handles the case
when N;,, > N and the first sample point in the stretched frame would be below n = 0 and the last sample point
exceeding n = N — 1. The fractional point, ng,.q. is calculated using the displacement € and index offset 1,z fe:

nfloor = lnfracJ (52-82)

N
Tyrac = Ny—+ Mo et (5.2-83)
Noffset = O.SNL —05+¢ (5.2-84)

int

A displacement denoted as € for n,srq; is defined according to:

= (5.2-85)

{—0.13, N/N;,; > 0.3
0, otherwise

The spectrum of the resulting intermediate frame is reversed for n = 0, 1, ..., Nierr — 1 by changing the sign of every
second sample:

—Xinter(M), mMiseven

Xinter(n), misodd (5.2-86)

xinter,rev(n) = {

A second linear interpolation is then performed on X;,;r re, () to adjust the frame length to match the sampling
frequency of the following low pass filtering and decimation operation. The cut-off frequency of the low-pass filter is
selected to be in the middle of the spectrum. The decimator performs decimation by 2 which gives an output sampling
frequency of half the input sampling frequency. When the frequency of decimation is f;,., the decimation frame length
Nyee is:

f ec
Ndec = Ninter fizter (52'87)
The decimation process is explained in detail in Section 5.2.6.1.9 in [3]. In the frequency spectrum of the second
interpolation output, x4..(n), the target band is aligned in the lower half of the spectrum. The low-pass filter and
decimation extracts the target frequency band for the BWE target signal.

522243 Bandwidth switching

A change of the audio bandwidth (BW) may happen as a consequence of a bitrate change or a coded audio bandwidth
change. In EVS, when a change from WB to SWB occurs, or from SWB to WB, an audio bandwidth switching post-
processing at the decoder is performed in order to improve the perceptual quality. A smoothing is applied for switching
from WB to SWB, and a blind audio BWE is employed for switching from SWB to WB. More information can be
found in Section 6.3.7 of Reference [3].

In IVAS, a different bandwidth switching (BWS) technique is employed. First, the new BWS algorithm is implemented
at the encoder part of the IVAS codec in the core-coder (i.e. there is one BWS module per one transport channel). Then,
the BWS algorithm in IVAS is implemented only for switching from a lower BW to a higher BW (for example from
WB to SWB). In this direction, the switching is relatively fast (see Clause 5.2.2.1.5) and an abrupt high-frequency (HF)
content change can be annoying. The IVAS BWS algorithm is thus designed to smooth such switching. On the other
hand, no special treatment is implemented for switching from a higher BW to a lower BW because in this direction
there is practically no important HF content in the spectrum, so the change of the spectrum content is not unnaturally
abrupt and annoying.

3GPP



Release 18 53 3GPP TS 26.253 v0.0.1 (2023-11)

attenuation
factor f3
cn tbwidlhﬁsw hlgh—band
spectrum
update fade-in

r — -—®| counter
|
|
|

audio

signal bandwidth i bitstream
—>g core-coder ———»
detector

Figure 5.2-6: Schematic block diagram of the bandwidth switching algorithm.

A schematic block diagram of the encoder-side BWS algorithm is shown in Figure 5.2-6 and it comprises the final
audio bandwidth decision operation as part of the BWD from Clause 5.2.2.1.5, a cntp,ig:n sw counter updating
operation, a comparison operation, and a high-band spectrum fade-in operation. The idea of the BWS algorithm is to
smooth the perceptual impact of an audio BW switching already at the encoder part of the IVAS codec while removing
the artifacts in the synthesis. The high-band (HB > 8 kHz) part of the spectrum is attenuated in several consecutive
frames after a BWS instance as indicated by the final audio BW decision module from Clause 5.2.2.1.5. More
specifically, a gain of the HB spectrum is faded-in in an attenuation operation from Figure 5.2-6 and thus smartly
controlled in case of a BWS in order to avoid unpleasant artifacts. The attenuation is applied before the HB spectrum is
quantized and encoded in the core-coder, so the smoothed BW transitions are already present in the transmitted
bitstream and no further treatment is needed at the decoder. For example, in case of audio bandwidth switching from
WB to SWB, the HB spectrum corresponding to frequencies above 8 kHz is smoothed before further processing.

The BWS algorithm then works as follows.

Referring to Figure 5.2-6, the calculator first updates a counter of frames cnty,, ;40 s Where audio bandwidth
switching occurs and attenuation is applied at the end of the pre-processing for each IVAS transport channel based on
the final BWD decision as follows. The calculator initially set the value of the counter of frames cnty,;q¢n s to an
initialization value of “0”. When there is detected — as a response to a final BWD decision from the audio bandwidth
decision module (Clause 5.2.2.1.5) —a BW change from a lower BW to a higher BW the value of the counter of frames
is increased by 1. In the following frames, the counter is increased by 1 in every frame until it reaches its maximum
value By, = 5 frames. When the counter reaches its maximum value By,4,, the counter cnty,,iqen sy 1S then reset
to 0 and a new detection of a BW switching can occur.

Next, when cntyy,iqen sw > 0, an attenuation is applied to the transport channel signal in frame n with an attenuation
factor f,, defined as follows:

B, = % n=0,..,Byan — 1. (5.2-88)

Finally, the attenuation factor f is applied in the BWS transition period defined by B,,,, frames depending on the
coding mode as follows.

In TCX and HQ core-coder frames the high-band gain of the spectrum X,,(k) oflength L as defined in Section 5.3.2
of Reference [3] is controlled and the HB part of the spectrum X,,(k), right after the time-to-frequency domain
transformation, is updated (faded-in) in frame n using the following relation:

Xu(k + Lyg) = Bn - Xyu(k + Lyg), k=0,..,K—Lyg—1, (5.2-89)

where Ly, is the length of spectrum corresponding to the WB audio bandwidth, i.e. Ly,5 = 320 samples in the frame
length of 20 ms (normal HQ, or TCX20 frame), L,z = 80 samples in transient frames, L5 = 160 samples in
TCX10 frames, and k is the transform domain sample index in the range [0, K — L5 — 1] where K is the length of
the whole spectrum in particular transform sub-mode (normal, transient, TCX20, TCX10).

In ACELP core with time-domain BWE (TBE) frames the attenuation is applied with the attenuation factor £, to the
SWB gain shapes parameters of the HB part of the spectrum before these parameters are additionally processed. The
temporal gain shapes parameters g,(j) are defined in Section 5.2.6.1.14.2 of Reference [3] and consist of four values.
Thus, in IVAS, there applies in frame n the following attenuation:

9s(G) = Bn-9:0) (5.2-90)
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where j =0, ...,3 is the gain shape number.

In ACELP core with frequency-domain BWE (FD-BWE) frames, the high-band gain of the transformed original input
signal X,,(k) oflength L as defined in Section 5.2.6.2.1 of Reference [3] is controlled and the HB part of the MDCT
spectrum is attenuated in frame n using the following relation:

Xy (k + Lyg) = Bn - Xyu(k + Lyg), k=0,..,K—Lyg—1. (5.2-91)

Note that NB coding is not considered in IVAS and SWB to FB switching is not treated as its subjective impact is
negligible. However, the principles above are used to cover the other BWS scenarios.

The attenuated sound signal is finally encoded in the core-coder (SCE/CPE/MCT). If the counter cntp,;gp sw 1S not
larger than 0, then the sound signal is encoded in the core-coder without attenuation.

52225 DTX/CNG operation

Editor’s note: [CNG updates]

522251 Efficient first stage for multistage VQ for FD-CNG

This clause describes the enhanced first stage operation of the FD-CNG MSVQ which is employed in Object-based
audio (ISM), Stereo audio and Scene-based Audio (SBA) for quantization of spectral shape for each given FD-CNG
base SID-frame type. The subsequent stages of the FD-CNG MSVQ are following the steps as described in EVS [3]
clause 5.6.3.5.

The first stage of the SID MSVQ encoder first obtains an FD-CNG target vector Ngg_CNG'DCT_ 1> in the DCT-II (M=24)
domain by applying a normalized DCT- type II transformation to the MSVQ target vector NFE_.ys (corresponding
to NB,_cne NE2p_cngs NitFp-cne: NEEp_cne) in clause 5.3.3.5.2.4), (References add: to Ny pp—cngilt

clause SBAprx-cve, to NE5_cnein clause ISMprxcve ) and to NEE_ s in  clause of the generic MSVQ description
EVS [3]), of length M = 24.

The optimal output of the first MSVQ stages is the list of Nsesr best candidate indexes and their mean square errors in
relation to the FD-CNG domain input signal. The total number of entries in the stage one codebook size is denoted
N1 and the Nies: for FDCNG is 8 for FD-CNG SID-frame MSVQ quantization. Each candidate points to an idx €
[0...Ns; — 1] in the first stage global codebook.

To achieve an improved VQ efficiency in terms of both cycles and ROM-storage the FD-CNG VQ search is performed
in a slightly sub-optimal fashion followed by a circular neighbour analysis post-optimization step. The 1% stage
codebook is compactly stored in Nsez segments with different truncation lengths in the DCT-II (M=24) domain. The
employed truncation lengths allow for different degrees of high frequency content between segments. Here Vseg is four
and the employed truncation lengths are Nuunc,segm ={ 8,12,16, 22 } for segment segm € [0 .. Ng,g — 1]. A set of Npest
initial stage one candidates I.ana are established through employing Nseg pair-wise inner search loops with

NES_CNG_DCT_ 11 as target, where each segment segm provides two initial candidates. Further, during the pairwise inner
loop search, the mean square error of every possible codebook entry i € [0 ... Ngq — 1], is stored in an auxiliary vector
stIMSE;.

To allow for low ROM storage and low inner loops cycle of the VQ, the first stage FD-CNG vectors are stored in the
format m; gegm cor * 2°*Fseameel | where the mantissa M, gegm o1 cOnsists of 8 bits and the exponent (an shift factor)
€XPsegm,cot 18 an integer. Two mantissas for a column col € [O Nmmc’segm] may then be efficiently fetched from
ROM as a single 16-bit word and shifted with a common integer shift factor of expPgegm cor-

In a post-optimization step, the eight initial candidates Icans (with assistance of the auxiliary vector stIMSE with MSE
values) are analysed further by evaluating a set of global neighbours to the initial candidates. The post-optimization first
copies the indexes of the eight initial candidates in Icana as starting points in the final candidate list Ifinar. An off-line
neighbour list of closely located neighbours in the MSE sense with respect to each index i are stored as a circular list
Lucighbour,i 0f size Ns1, containing close neighbour indexes to each index i.
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If any neighbour to an index in Zeans Within a neighbour cardinal distance of two (in both forward and reverse directions)
in Lueighbour,i 1S found to be better in an MSE sense than the current worst candidate in Ifinar , then the worst position in
Ifina list is replaced with the analysed neighbour.

The remaining stages in the FD-CNG-MSVQ are operating in the non-DCT-transformed FD-CNG frequency band
signal domain, thus the Nsesr codebook entries represented by the indexes the list Zsinar are transformed back to the input
domain using the inverse DCT-1I(M=24) and then provided to the subsequent MSVQ stage (see clause EVS [3]). The
list of 2" stage input candidate vectors in the frequency band domain is provided to the 2™ stage is denoted as:

Vi (idx, i), idx € Ifipg and i € [0... Nyeg].

The required Nsesr MSE’s for each of the candidates in Jrinat do not need to be recomputed prior to the next stage as the
employed DCT-II is an orthogonal transform.

522252 Wideband pre-processing in the first stage FD-CNG MSVQ

For wideband input signals, the MSVQ FD-CNG target vector has a reduced dimension of M=21. To be able to
maintain the efficient and compact storage and search, in case of WB input the M=21 length signal is extended by
extrapolation in the DCT-II(M-24) domain, to a length of 24. The first stage search is then performed as described in
clause 5.2.2.2.5.1 with the exception that the output vectors are truncated to M=21 and the MSEs are updated to only
include error contribution from the first 21 FD-CNG coefficients.

5.2.3 Common audio coding tools

This Clause describes common audio coding tools used for encoding the so-called transport channels. The individual
tools can be used simultaneously multiple times similarly as a combination of different tools can be used simultaneously
to encode different numbers of transport channels. The exact set-up depends on the actual IVAS format, IVAS total
bitrate, and its actual mode and it is described in particular IVAS format related Clauses.

5.2.3.1 Single Channel Element (SCE)

The Single Channel Element (SCE) is a coding tool that encodes one transport channel. It is based on one core-coder
module. Its block diagram is shown in Figure 5.2-7.

one transport channel
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brateegeme,g ¢
Front pre-processing

:

: Core-coder
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brateyp E configuration

brate Y
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fffffffff

| SOre signaling.
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Figure 5.2-7: Block diagram of the Single Channel Element (SCE) encoder.

itstream

As seen from Figure 5.2-7, the SCE encoder consists of the following modules:

3GPP



Release 18 56 3GPP TS 26.253 V0.0.1 (2023-11)
(a) Temporal transient detector (Clause 5.2.2.1.6) enables detection and therefore proper processing and encoding of
transients in the transform-domain core-coder modules (TCX core, HQ core, FD-BWE).

(b) Front pre-processing (Clause 5.2.2.1). Note that it depends on the element bitrate, brate,;omens, Which is constant
at one IVAS total bitrate, brate;,s.

(c) Core-coder configuration module: high-level parameters like core-coder internal sampling-rate, core-coder nominal
bitrate, IGF presence etc. are set. Note that it depends on the element bitrate, brate,;omens> Which is constant at one
IVAS total bitrate, brate;, s, and ensures that there is no frequent switching between different core-coder set-ups.

(d) Further pre-processing (Clause 5.2.2.2.1).
(e) One variable bitrate core-coder (Clause 5.2.2.2).

Note that the further pre-processing module (d) and the core-coder module (e) depend on the core-coder total bitrate
brate;,;,; which is a difference between the element bitrate brate,;emen: and bitrate related to encode the metadata
bratey, (if present), i.e.

brateyyiq; = brategemen: — brateyp. (5.2-92)

5.2.3.2 Channel Pair Element (CPE)

The Channel Pair Element (CPE) is a coding tool that encodes two transport channels. It is based on one or two core-
coder module(s) supplemented by stereo coding tools. Its block diagram is shown in Figure 5.2-8.
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Figure 5.2-8: Block diagram of the Channel Pair Element (CPE) encoder.

3GPP



Release 18 58 3GPP TS 26.253 v0.0.1 (2023-11)

As seen from Figure 5.2-8, the CPE encoder consists of the following modules:

(a) Stereo technology selection module controls the selection between DFT stereo, TD stereo and MDCT stereo coding
modes and it is based on the element bitrate, IVAS format, and information from the stereo classifier (Clause 5.3.3.2.4).

(b) Front VAD module (Clause 5.3.3.2.3.3) runs on both transport channels and its output is used in the DTX operation.

(c) Memory handling and stereo switching (Clause 5.3.3.4) controls the switching between DFT stereo, TD stereo and
MDCT stereo coding modes and comprises dynamic allocation/deallocation of static memory of stereo modes data
structures depending on the current stereo mode. Also, the TD stereo mode is selected in this module.

(d) Temporal Inter-Channel Alignment (ICA) module to time-align the two transport channels (Clause 5.3.3.2.3.1).

(e) Inter-Channel BWE (IC-BWE) module (Clause 5.3.3.2.3.2) encode high-frequencies in DFT stereo and TD stereo
modes.

(f) Temporal transient detector (Clause 5.2.2.1.6), one per transport channel, enables detection and therefore proper
processing and encoding of transients in the transform-domain core-coder modules (TCX core, HQ core, FD-BWE).

(g) Stereo processing and downmixing module in case of DFT stereo (Clause 5.3.3.2.2) or TD stereo (Clause 5.3.3.2.1)
while the stereo parameters are encoded in the stereo parameters encoding module.

(h) Front pre-processing (Clause 5.2.2.1) performed on one or two downmixed channels. Note that it depends on the
element bitrate, brate,ement, Which is constant at one IVAS total bitrate, bratey 5.

(1) Core-coder configuration, one per downmixed channel: high-level parameters like core-coder internal sampling-rate,
core-coder nominal bitrate, IGF presence etc. are set. Note that it depends on the element bitrate, brateg;ement, Which
is constant at one IVAS total bitrate, brate;y s, and ensures that there is no frequent switching between different core-
coder set-ups.

(j) Further pre-processing (Clause 5.2.2.2.1) performed on one or two downmixed channels.

(k) One or two variable bitrate core-coder(s) (Clause 5.2.2.2) performed sequentially on one or two downmixed
channels.

(1) Encoding of stereo parameters module depending on the current stereo mode being DFT stereo (Clause 5.3.3.2.2) or
TD stereo (Clause 5.3.3.2.1).

Note that the further pre-processing module (j) and the core-coder module (k) depend on the core-coder total bitrate
brate,,;q;[n],n = 1,2. The sum of total bitrates of both downmixed channels is then a difference between the element
bitrate brateg;.men: and bitrates related to encode the metadata bratey,, (if present) and stereo side information
brateg; . (if present), i.e.

brate;,;q;[0] + brateq,iq1[1] = brategemen: — bratey, — brateg;qe. (5.2-93)

5233 Multichannel Coding Tool (MCT)

5.2.3.3.1 Summary of the system

In this implementation, the codec uses the flexibility of signal adaptive joint coding of arbitrary channels and reuses the
concepts of MDCT-based stereo joint coding described in [3]. These are:

- Use of perceptually whitened signals for further coding.

- Use of ILD parameters of arbitrary channels to efficiently code panned sources

- Flexible bit distribution among the processed channels based on the energy.
The codec uses Spectral Noise Shaping (SNS) to perceptually whiten the signal. The algorithm further normalizes the
SNS-whitened spectrum towards the mean energy level using ILD parameters. Channel pairs for joint coding are
selected in an adaptive manner, where the stereo coding consist of a band-wise M/S vs L/R decision. The band-wise
M/S decision is based on the estimated bitrate in each band when coded in the L/R and in the M/S mode as described in
5.3.3.3.4.5. Bitrate distribution among the band-wise M/S processed channels is based on the energy.
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5.2.3.3.2 Encoder single channel processing up to whitened spectrum

Each single channel s;(t) is analyzed and transformed to a whitened MDCT-domain spectrum S;(k) following the
processing steps as shown in the block diagram of Figure 5.2-9, as is done for the MDCT-based stereo input format
described in 5.3.3.3.3.
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Figure 5.2-9: Block diagram of whitening processing for each channel

The processing blocks of the time-domain transient detector, windowing, MDCT, MDST and OLA are described in [3]
clause 5.3.2. MDCT and MDST form modulated complex lapped transform (MCLT); “MCLT to MDCT” represents
taking just the MDCT part of the MCLT and discarding MDST and vice versa.

Temporal Noise Shaping (TNS) is done similar as described in [3] clause 5.3.3.2.2 with the addition that the order of
the TNS and the spectral noise shaping (SNS) is adaptive. The existence of the 2 TNS boxes in the figures is to be
understood as the possibility to change the order of the SNS and the TNS. The decision of the order of the TNS and the
SNS is described in the MDCT-based stereo clause 5.3.3.3.3.5.2

Frequency domain noise shaping (SNS) and the calculation of SNS parameters are described in clause 5.3.3.3.3.6..

5.2.3.3.3 Joint channel Encoding System Description

In the described system, after each channel is transformed to the whitened MDCT domain, signal-adaptive exploitation
of varying similarities between arbitrary channels for joint coding is applied. From this procedure, the respective
channel-pair blocks are detected and chosen to be jointly coded using a band-wise M/S transform as is done for stereo
signals with the MDCT-based stereo approach as described in detail in clauses 5.3.3.3.4.5-5.3.3.3.4.7.

An overview of the encoding system is given in Figure 5.2-11. For simplicity block arrows represent single channel
processing (i.e. the processing block is applied to each channel). Block “MDCT-domain analysis™ is represented in
detail in Figure 5.2-9.
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Figure 5.2-10: Block diagram of MCT and the adaptive joint channel processing
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In the following paragraphs, the individual steps of the algorithm applied per frame are described in detail. A data flow
graph of the algorithm described is given in Figure 5.2-11. For simplification in the graph, the cross-correlation vector
is called “CC vector” and “CP” represents channel-pairs.

It should be noted, in the initial configuration of the system, there is a channel mask indicating for which channels the
multi-channel joint coding tool is active. Therefore, for input where LFE channels are present, they are not considered
in the processing steps of the tool.
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Figure 5.2-11: Data flow graph of MCT algorithm
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5.2.3.3.3.1 Energy normalization of all channels towards mean energy.

An M/S transform is not efficient if ILD exists, that is if channels are panned. We avoid this problem by normalizing
the amplitude of the perceptually whitened spectra of all channels to a mean energy level E .

- Calculate energy E; for each channel i =0,..., N , where N is the total number of channels.

E, = \/Z]l:fzrgme SMDCT (k)2 (5.2-94)
where Lgyqme 18 the total number of spectral coefficients of the current frame;
- calculate mean energy:

N
Zi:o Ei

E = ~ (5.2-95)
- normalize the spectrum of each channel towards mean energy E.
If E; > E (downscaling)
a; = EE (5.2-96)

where a; is the scaling ratio.

The scaling ratio is uniformly quantized and sent to the decoder as side information bits, in the same way as is
done for the ILD normalization in MDCT-based stereo and Equation XX.

ILD(i) = max(1,min(ILDgynge — 1, |(ILDgancE * a; + 0.5)]) (5.2-97)
where ILDgancp = 2!LPbits and ILD,; = 4;

then the quantized scaling ratio with which the spectrum is finally scaled is given by

~ ILD(i)

& = T (5.2-98)
if E; <E (upscaling)
o= (5.2-99)
and
@, = ‘LDraNGE (5.2-100)

ILD (i)
where ILD (i) is calculated as in Equation (5.2-97).

To distinguish whether we have downscaling/upscaling at decoder and in order to revert the normalization, besides the
ILD value for each channel, a 1-bit flag (O=downscaling/1=upscaling) is written in the bit stream as side information.

523332 Calculation of normalized inter-channel cross-correlation values for all
possible channel-pairs

In this step, in order to decide and select which channel pair has the highest degree of similarities and therefore is
suitable to be selected as a pair for stereo joint coding, the inter-channel normalized cross-correlation value for each
possible combination of channel pairs is calculated. The normalized cross-correlation value for each channel pair is
given by the cross-spectrum as follows:

iy, iy) = Xz (5.2-101)
"X Xy "X, X,

where
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L rame G, ra
Txixy, = ¥ rame SMDCT (k) x SMPCT (k) (5.2-102)
and i; =0,..,N—1 and i, =i;,..,N—1;

Lframe 1s the total number of spectral coefficients per frame;

.S_'{‘f DET and S_'L-IZ DET are the respective normalized MDCT spectra of the channel-pair i,, i,under consideration.
The normalized cross-correlation values for each channel pair are stored in the cross-correlation vector
CC = [fy, T, o To_q] (5.2-103)
where Pis the maximum number of possible pairs and can be calculated by:
P =(Nx(N-1))/2 (5.2-104)

As seen in Figure 5.2-9, depending on the transient detector we can have different block sizes (TCX10 or TCX20
window block sizes). Therefore, the inter-channel cross-correlation is calculated given that the spectral resolution for
both channels is the same. If otherwise, then the value is set to 0, thus ensuring that no such channel pair is selected for
joint coding.

An indexing scheme to uniquely represent each channel pair is used. An example of such a scheme for indexing six
input channels is shown in Table 5.2-18.

Table 5.2-18: Indexing scheme of channel pairs

Channel |0 |1 (23| 4 5
Index

0 0O(1|2]| 3| 4
1 56| 7 8
2 9110 | 11
3 12 | 13
4 14
5

To create the indexing scheme the logic in the following pseudo-code may be used:
For a given selected channel pair with channel indices chIdxl, chIdx2 respectively:
pairIdx = 0;

for ( ch2 = 1; ch2 < nChannels; ch2++ )

{
for ( chl = 0; chl < ch2; chl++ )
{
if ( chl == chIdxl && ch2 == chIdx2 )
{
return pairIdx;
}
else
{
pairIdx++;
}

}

The same indexing scheme is held throughout the algorithm as is used also to signal channel pairs to the decoder. The
number of bits needed for signalling one channel-pair amount to

bits;g, = [log,(P — 1) +1 (5.2-105)

5.2.3.3.3.3 Channel-pair selection and jointly coded stereo processing

After calculating the cross-correlation vector, the first channel-pair to be considered for joint-coding is with the highest
normalized cross-correlation value and higher than a minimum value threshold of 0.3.

idx .« = arg i|c{71[lﬁ‘§o.3 ccli], i=01,..,Pp-1 (5.2-106)
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The selected pair of channels serve as input to the MDCT stereo encoding procedure, namely a band-wise M/S
transform. For each spectral band, the decision whether the channels will be coded using M/S or discrete L/R coding
depends on the estimated bitrate for each case. The coding method that is less demanding in terms of bits is selected.
This procedure is described in detail in subclause 5.3.3.3.4.5.

The output of this process results to an updated spectrum for each of the channels of the selected channel-pair as
described in clause 5.3.3.3.4.7. Also, information that need to be shared with the decoder (side information) regarding
this channel-pair are created, i.e., which stereo mode is selected (Full M/S, dual-mono, or band-wise M/S) and if band-
wise M/S is the mode selected the respective mask of indicating whether M/S coding is chosen (1) or L/R (0).

After the stereo processing of a selected channel-pair block the cross-correlation vector CC is updated accordingly. For
the selection of channel pairs, there is no “cascading” allowed. That means, the output signals of the stereo processing
of a channel-pair block cannot be reused as an input of another channel pair block combination. That is ensured, by
while updating the cross-correlation vector, the values of the normalized cross-correlation for all channel combinations
with the channels of a previous channel-pair block, are set to 0. Therefore, it is not possible to select a new channel-pair
for which one of the channels was already part of an existing channel pair.

The process continues iteratively until either there are no more possible channel combinations for which the condition
of Equation (5.2-106) applies or the maximum number of possible channel pairs CP,,, = |[N/2] is met.

It should be noted that there may be cases where the stereo operation of a selected channel-pair does not alter the
spectra of the channels. That happens when the M/S decision algorithm decides the stereo encoding mode is dual-mono.
This can happen especially in cases where the normalized cross-correlation value 7(iy,i,) is close to the minimum
threshold. In this case, the arbitrary channels involved are not considered a channel-pair block anymore as they will be
coded separately. Also, updating the cross-correlation vector will have no effect.

To continue with the process, the channel-pair with the next highest value is considered. The steps in this case continue
as described above. The whole process is described in the data flow graph of Figure 5.2-11.

5.2.3.3.34 Retain channel pair selection (stereo tree) of previous frame

In many cases the normalized cross-correlation values of arbitrary channel-pairs can be close and therefore the selection
can switch often between this close values. That may cause frequent channel-pair tree switching, which may result to
audible instabilities to the output system. Therefore, it is opted to use a stabilization mechanism, where a new set of
channel pairs is selected only when there is a significant change to the signal and the similarities between arbitrary
channels change. To detect this, the cross-correlation vector of the current frame is compared with the vector of the
previous frame and when the difference is larger than a certain threshold then the selection of new channel pairs is
allowed.

The variation in time of the cross-correlation vector is calculated as follows:
CCuirs = Yool CCli] — cC=Y[]| (5.2-107)
where P is the maximum number of possible combinations defined in Equation (5.2-104)
If
CCqipp > 0.15-P (5.2-108)

then the selection of new channel-pairs to be jointly coded, as described in the previous subclause 5.2.3.3.3.3, is
allowed. Otherwise, the differences are small, then the same channel-pair tree as in the previous frame is used. For each
given channel-pair, the band-wise M/S operation is applied as previously described. If, however, the normalized cross-
correlation value of the given channel-pair does not exceed the threshold of 0.3 then the selection of new channel pairs
creating a new tree is initiated.

5.2.3.3.3.5 Revert energy of single channels

After the termination of the iteration process for the channel pair selection there may be channels that are not part of any
channel-pair block and therefore, are coded separately. For those channels the initial normalization of the energy
towards the mean energy is reverted to their original energy. Depending on the flag signalling upscaling or downscaling
i_ defined in clause
1

the energy of these channels are reverted using the inverse of the quantized scaling ratio
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5.2.3.3.3.1. Additionally, ILD(i) = 0 , signalling implicitly to the decoder that the i -th channel was coded separately
and not as part of a channel-pair block.

52334 IGF for multi-channel processing

Regarding IGF analysis, in case of stereo channel pairs an additional joint stereo processing is applied, as is thoroughly
described in 5.3.3.3.6.2. This is necessary, because for a certain destination range in the IGF spectrum the signal can be
a highly correlated panned sound source. In case the source regions chosen for this particular region is not well
correlated, although the energies are matched for the destination regions, the spatial image can suffer due to the
uncorrelated source regions.

Therefore, for each channel pair stereo IGF is applied if the stereo mode of the core region is different to the stereo
mode of the IGF region or if the stereo mode of the core is flagged as band-wise M/S. If these conditions do not apply,
then single channel IGF analysis is performed. If there are single channels, not coded jointly in a channel-pair, then
they also undergo a single channel IGF analysis.

52335 Bitrate distribution

After the process of joint channel-pair stereo processing, each channel is quantized and coded separately by an entropy
coder. Therefore, for each channel the available number of bits should be given. In this step, the total available bits are
distributed to each channel using the energies of the processed channels.

The energy of each channel, the calculation of which is described above in Equation (5.2-94) for the normalization step,
is recalculated as the spectrum for each channel may have changed due to the joint stereo processing. The new
energies are denoted Ej,i = 0,1,...,N . As a first step the energy-based ratio with which the bits will be distributed is
calculated:

_ _Ei
===
Zk:oEi

T i=01,.,N—1 (5.2-109)

Here it should be noted, that in the case where the input consists also from an LFE channel, it is not taken into account
for the ratio calculations. The LFE channel is coded separately in XXX before of the call to MCT to code the remaining
channels and therefore the bits for coding the LFE are already substracted from the bits available for coding the
remaining channels The ratio is uniformly quantized:

f; = max(1, min(rgane — 1 [Trance * i + 0.51)) (5.2-110)
Trange = 27D (5.2-111)

The quantized ratios #; are stored in the bitstream to be used from the decoder to assign the same amount of bits to
each channel to read the transmitted channel spectra coefficients .

The bit distribution scheme is described below:

- For each channel assign the minimum amount of bits required by the entropy coder bits,,;,-
- The remaining bits, i.e., bitSremaining = bitStorar — Y R=0 bitSpm,; are divided using the quantized ratio #; :

bits; = —— - bitS,emaining (5.2-112)
TRANGE
- Because of the quantized ratio the bits are approximately distributed and therefore it may be
bitsg, ;e = YN_obits; # bitSiprq- (5.2-113)

So in a second refining step the difference bitsy;rr = bitSgp;r — bitStorq,  are proportionally subtracted
from the channel bits bits; :

Ti

bitSi = bitSi - : bitsdiff (52-1 14)

TRANGE

- After the refinement step if there is still a discrepancy of = bitsgy;;; in comparison with bits;y.,; the
difference (usually very few bits) is “donated” to the channel with the maximum energy.

- Finally, in the case where all channels are silent and [are flagged to be ignored] all the bits are assigned to the
first input channel.
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Editor’s note: clarify above “flagged or ignored”

The exact same procedure is followed from the decoder in order to determine the amount of bits to be read to decode the
spectrum coefficients of each channel.

5.2.3.3.6 Quantization and coding of each channel

Quantization, noise filling and the entropy encoding, including the rate-loop, are as described in 5.3.3.2 of [3] and
5.3.3.3.8 of this specification. The power spectrum (magnitude of the MCLT) is used for the tonality/noise measures
in the quantization and IGF as described 5.3.3.2 of [3] and 5.3.3.3.8 of this specification. Since whitened and band-wise
M/S processed MDCT spectrum is used for the power spectrum, the same SNS and M/S processing must be done on the
MDST spectrum. Likewise, the same normalization scaling towards the mean energy must be done for the MDST
spectrum as it was done for the MDCT. For the frames where TNS is active, MDST spectrum used for the power
spectrum calculation is estimated from the whitened and M/S processed MDCT spectrum.

524 Common spatial metadata coding tools

5241 General

Common spatial metadata encoding tools are methods shared by the SBA, MASA and McMASA coding modes for
encoding their spatial metadata. The methods are steered by the configuration parameters received as in input and
shown in table 5.3-1.

Table 5.2-19: Main configuration parameters for spatial metadata coding

Configuration parameter name Description Relevant for
nbands Number of parameter subbands SBA, MASA, McMASA
nblocks Number of subframes SBA, MASA, McMASA
start_band Index of the first parameter band SBA, MASA, McMASA
Ho_dirac Flag indicating that Higher-order SBA

Dirac is used in SBA mode

The nbands and nblock variables represent the number of frequency subbands that are coded and the number of
subframes that are coded, respectively. They may differ from the total number of subbands, B, or total number of
subframes M used in analysis or coming from the input.

5242 Spatial metadata composition

The codec operates with spatial metadata as part of the input alongside audio transport channels or as being derived
from the input audio data. This section covers the encoding of the spatial metadata parameters related to SBA or MASA
input format, as well as some MASA based codec internal models. More precisely we describe in the following coding
procedures for audio direction (azimuth, elevation), energy ratio, diffuseness, spread coherence, surround coherence.
The number of directions for each method is specified for the cases where these methods are used.

Table 5.2-20: Main metadata configuration parameters for different formats

Mode Direction Number of Energy ratio/ Spread Surround
directions Diffuseness coherence coherence
MASA Yes 1or2 Yes Yes Yes
MC MASA Yes 1 Yes Yes Yes
SBA Yes 10r2 Yes No No

In all the methods presented below we will consider the subbands indexed with b=1:nbands and the subframes indexed
by m=1:nblocks. One time-frequency element is denoted as TF tile. The number of subbands and subframes are defined
for each mode and operation point.
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5243 Direction metadata coding tools

52431 Overview

This subclause defines the coding tools used in the spatial direction encoding methods described in later subclauses.
These are low-level functions that will be referred to later in the description. They include the direction parameters
(azimuth and elevation) quantization, the raw or fixed rate encoding, as well as methods for variable rate encoding of
the direction parameters.

52432 Direction metadata quantization
5.24.3.2.1 Joint azimuth elevation quantization
524322 Azimuth quantization

The azimuth codebook is uniform and the number of points is given by the ngcorresponding to the quantized

elevation value. The azimuth is differently quantized if it corresponds to a direction from MASA input format or to a
direction from multichannel input format in McMASA representation. Both variants are presented in this section.

If the input format is MASA, the azimuth points for two consecutive circles in the spherical grid are shifted by the value

shift such that for zero valued elevation the first azimuth codeword has value zero. For the following elevation value
A

. . .. b
the first azimuth codeword has value equal to half of the corresponding quantization step: ;de =3 n3?i0d 3 If the
olidg
elevation values are numbered from 0, the first azimuth point on circles corresponding to even numbered elevation

8¢ia,

values are zero, while those corresponding to odd elevation values are The shifting is considered only when

the number of azimuth points on the horizontal circles on the sphere is larger than 2. The value shift is thus defined by:

0,if idg is odd

shift = {84, 52-115
4 { Zde ,if idg is even ( )

The azimuth quantization for MASA input format is performed as shown in the following equation:

. ¢—180-shift
idg = [—%‘ shi ],o < ¢ < 360
idg

For obtaining the quantized value ¢ and the final quantized azimuth index, the index idg goes through the
following verifications that take into account that the azimuth values are cyclic:

if (idg + (nglidg] >> 1) < 0 ) idy = idgy + 1;
if (idy - (nglidg] >> 1) >= 0 ) idy = idgy - ( nglidg] >> 1 );

In addition, the quantized azimuth index is transformed with the following pseudo code, such that it has positive values
for directions pointing to the left side and negative values for directions pointing to the right side. The frontal direction
has value zero.

if (idy == -((nglidg] >> 1) + ( nglidg] % 2 )))
{

idy = idy + (nglidg] % 2);
}

else
{
if (id¢ == ((n¢[idg] >> 1) + (n¢[id9] % 2)))
{
if (n¢[id9] % 2)

idy = idy - 1;

idy = idy - idy;
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}
The quantized azimuth value is ¢ = idg * A¢id . The domain of the quantized azimuth is consequently ,—180 <
0

¢ < 180. After the value of the quantized azimuth is calculated, an additional transformation is performed on the
quantized azimuth index ordering the quantized values such that the first index is assigned to the zero quantized
azimuth value followed by alternating positive and negative azimuth values.

If the input format is multichannel and the encoding is done through the McMASA representation (described in 5.7.3),
the azimuth quantization is preceded by a companding function. The compading function definition depends on the
multichannel input format type and on absolute elevation value being larger than a threshold or not. The companding
function is defined for the input domain [-180, 180) and is specified below:

if multichannel format is 5.1 or 5.1+2 or 5.1+4

{

pointsA = { 0.0, 50.0, 90.0, 150.0, 180.0};
pointsB = { 0.0, %90.0, 110.0, 170.0, 180.0};
}
else
{
pointsA = { 0.0, 60.0, 110.0, 150.0, 180.0};
pointsB = { 0.0, %90.0, 110.0, 170.0, 180.0 };

if ( absolute elevation > 40) A (multichannel format is 5.1+2 or 5.1+4 or 7.1+4)
{
pointsA
pointsB

30.0, 80.0, 150.0, 180.0 };
10.0, 100.0, 170.0, 180.0};

{ 0.0,
{ 0.0,
}

find k = 0:4 such that abs(¢) <pA[k +1]
pB[k+1]-p.

calculate comp(p) = sign(¢) (pB[k] + E j{“}j (abs() — pA[k]))

pA[k+1]-p.
The companded signed value is then scalar quantized and the signed index idis transformed such that there are

exactly the number of values:

if ( id_phi + ( mglidg] >> 1) < 0)
{

id phi += 1;
}

if ( id_phi - ( mglidg] >> 1) >= 0 )
{
id_phi = - ( nglidg] >> 1 );
}
if ( id phi == -( ( nglidg] >> 1) + ( mglidg] %2 ) ) )

{
id_phi += ( nglidg] % 2 )7
}
else
{
if ( id phi == ( ( n¢ﬁd9] >> 1) + n¢Ud9] $2) ) )
{
if ( n¢ﬁdg] s 2 )
{

id phi -= 1;
}
else
{
id_phi = -id_phi;

}
}
}

The resulting index is used for obtaining the quantized azimuth value in the companded domain ¢, = idg * A¢ia
0

and then inverse companded to obtain the real quantized azimuth value.

The azimuth quantization and indexing are wrapped together under quantize phi() function that will be referred in later
clauses.
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52433 Direction metadata raw encoding
52434 Direction metadata entropy encoding tools
524341 Quasi-uniform encoding

The encode_quasi_uniform(value, alphabet_size) function is used to encode value with quasi-uniform probability using
a punctured code. For value € {0, ..., alphabet_size — 1}, a number of the smallest ones are encoded using
[log,(alpbabet size)| bits, and the rest using |log,(alpbabet size)| + 1 bits. If alphabet size is a power of two,
binary coding results. The function is defined in pseudo-code as:
nbits = floor (log2 (alphabet size))
thresh = 2 ~ (nbits + 1) - alphabet size
if (value < thresh)

write bits(value, nbits)

else
write bits(value + thresh, nbits + 1)

If alphabet size is a power of 2, then alphabet_size = 2 " bits, and thresh = 2 " bits, therefore the else branch is never
used, and binary coding results. Otherwise, the first thresh smallest values are encoded using a binary code having nbits
bits, and the rest, starting with value = thresh, are encoded using a binary code having nbits + I bits. The first binary code
encoded using nbits + I bits has the value value + thresh = 2.thresh, therefore the decoder can figure out, by reading only
the first nbits bits and comparing its value with thresh, if it needs to read one more additional bit.

524342 Extended Golomb-Rice coding tool

The extended Golomb-Rice entropy coding tool is based on Golomb-rice coding with an integer parameter p = 0, to
code an unsigned integer u. In traditional Golomb-rice coding, first, u is split into the least significant part with p bits,
u_lsp = umod 2P, and the most significant part u_msp = |u <+ 2P]. The most significant part is coded in unary, using
u_msp 1-bits and a terminating zero bit. The least significant part is coded in binary.

Because arbitrarily large integers can be coded, some coding efficiency may be lost when the actual values to be coded
have a known and relatively small alphabet size. The Extended Golomb-Rice method combines three improvements over
the traditional Golomb-Rice coding, for coding a vector of values, each with a known and potentially different alphabet
size u_alph. First, the alphabet size of the most significant part can be computed as u_msp alph = [u_alph = 2P]. If
the maximum possible value of the most significant part is coded, u msp alph — 1, the terminating zero bit can be
eliminated, because this condition can be implicitly detected at the decoder side, knowing the alphabet size as well. This
is called the limited Golomb-rice coding. Additionally, for the same case when u_msp = u msp_alph — 1, the alphabet
size of the least significant part u_Isp, which can be computed as u_alph — (u_msb_alph — 1) - 2P, may be smaller
than 2P, allowing to use advantageously the encode quasi uniform() function instead of binary coding with p bits. The
function encode quasi_uniform() is also advantageously used when a particular value u has an alphabet u_alph
smaller than 2P. Finally, when u msp alph < 3 the Limited Golomb-Rice method produces codes having only two
possible lengths, 1+ p and 2 + p bits. Once again, the function encode quasi_uniform function is optimal for up to
two lengths, and therefore it is used instead in this case.

The final pseudo-code of the function encode_extended gr(), looks like:

Encode_extended gr () :
u msb _alph = ( alphabet size + (1 << p ) - 1) > p
if ( u_msb alph <= 3 )
{
encode_quasi uniform( u, alphabet size );
}
else
{
u msb = u >> p;

ulsb=us& ( (1<<p)-1)
write bit(l) x u msb //Leading MSB l-bits
if (umsb < u msb _alph size - 1)

{
write bit(0) x 1 // Terminating O-bit for MSB
write_binary(u_lsb) // LSB binary code
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}
else
{
encode _quasi uniform( u_lsb, alphabet size - ( ( umsb alph - 1) << p ) );
}
}
5244 Diffuseness and energy ratio coding methods

52441 Diffuseness and energy ratio definitions

Directional component energy ratios and diffuseness parameter are quantized and coded using the same set of coding
tools. Indeed, the diffuseness can be interpreted as the complement of the ratio of the sum of directional energies to the
total energy, and is used to deduce the energy ratios of the directional components. If several directional components are
transmitted, the ratios of their respective energies to the total energy are additionally transmitted, but only for the N-/
directional components, where N is the total number of directional components. The remaining directional energy ratio
can be deduced from the diffuseness and the transmitted energy ratios.

It is important to note that the diffuseness and energy ratio parameters are quantized and coded with different time
resolution than the direction parameters. The diffuseness and energy ratio parameters are transmitted once per frame
with a time of resolution of 20ms, while the direction parameters are transmitted nblocks per frame.

52442 Diffuseness parameter quantization

Each diffuseness parameter bounded between 0 and 1 is quantized to one of the discrete levels, using a non-uniform
quantizer producing the diffuseness index. The quantizer thresholds and levels were derived from the well-known
properties of the quantization sensitivity of the Inter-Channel Coherence (ICC), which is more sensible to quantization
error towards a coherence of 1 than a coherence of 0. The diffuseness, which can be seen as of a complementary nature
of the coherence, shows then an inverse property: the diffuseness is more sensitive to quantization error toward 0.
Moreover, a diffuseness value of 1 is avoided to be coded and transmitted because of sound rendering consideration.

Two resolutions are possible for quantizing the diffuseness parameters, using 8 and 16 levels. The two quantizers are
defined by the number of their thresholds and reconstruction levels given in table 5.2-21:

Table 5.2-21: Diffuseness quantization thresholds and levels

Number of levels
(diffuseness_levels)

Number of bits in raw
coding

Thresholds
(diffuseness_thresholds)

Reconstruction levels

8

0.0
0.01904296875
0.06298828125
0.119384765625
0.22119140625
0.399169921875
0.547607421875
0.734619140625
2.0

0.0,
0.03955078125,
0.089599609375,
0.158935546875,
0.308349609375,
0.473876953125,
0.63232421875,
0.85009765625

16

0.0, 0.009521484375
0.01904296875
0.0410156250
0.06298828125
0.0911865234375
0.119384765625
0.1702880859375
0.22119140625
0.3101806640625
0.399169921875
0.473388671875
0.547607421875
0.641113281250
0.734619140625
0.8673095703125
2.0

0.00
0.0142822265625
0.030029296875
0.052001953125
0.07708740234375
0.10528564453125
0.14483642578125
0.19573974609375
0.26568603515625
0.35467529296875
0.436279296875
0.510498046875
0.5943603515625
0.6878662109375
0.80096435546875
0.93365478515625
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A placeholder out-of-range large threshold value (2.0) is added at the end of thresholds to make searching it simpler.
The quantization of the diffuseness values is then achieved using the following simple procedure:

for ( diffuseness index = 0; diffuseness index < diffuseness levels; diffuseness index ++ )
if ( diffuseness value < diffuseness thresholds [diffuseness index + 1] )
return diffuseness_index;

52443 Diffuseness and energy ratio indices coding

The quantized diffuseness indices are coded using one of the three available methods: raw coding, one value only, and
two consecutive values only.

By default, raw coding is used and the method is signaled by setting to 1 the diff” use raw coding bit flag, which
indicates whether the raw coding method is used. For raw coding, each diffuseness index value is encoded using the
encode_quasi_uniform() function.

If all index values are equal, the one value only method is used, and diff use_raw_coding is set to 0. A second bit
(diff_have_unique value) is used to indicate this method, then the unique value is encoded using the
encode_quasi_uniform() function.

Else if all index values consist only of two consecutive values, the two consecutive values only method is used,
indicated by setting diff use raw coding and diff have unique value to zero. The smaller of the two consecutive
values is encoded using the encode quasi_uniform function, taking into account that its alphabet size is reduced to
diff alph — 1. Then, for each value, the difference between it and the minimum value is encoded on one bit.

Table 5.2-22 summarizes the different coding schemes, as well the resulting used coding tools, where N represents the
nbands-start_band diffuseness parameters to code:

Table 5.2-22: Diffuseness coding methods, associated with their signaling and the subsequent
coding. N represents the number of diffuseness indices to code.

Method diff_use_raw_coding diff_have_unique_value Coding of diffuseness indixes
bit bit
Raw coding 1 -- N times encode _quasi_uniform()
One value only 0 1 encode_quasi_uniform(value,
alphabet_size)
Two consecutive 0 0 encode_quasi_uniform(value_min,
values alphabet_size-1)

Nx (value — value_min) on 1 bit

The diffuseness indices transmitted are important for the subsequent quantization and coding of the direction metadata.
It will dictate the accuracy of direction quantification, following the principle that more the diffuseness is high, less
important is the direction accuracy.

52444 Diffuseness and energy ratio coding with two concurrent directions

524441 Coding method overview

In the case of two sets of directional parameters, the diffuseness (or the equivalent diffuse-to-total energy ratio) and the
direct-to-total energy ratio parameters are quantized and transmitted together in a combined scheme to save bits and
improved quantization accuracy.

The general process is that, first, a diffuseness ratio is quantized into an index value. Then, the index value of the
quantized diffuseness ratio is used to select the number of bits for quantizing a second ratio parameter. This second ratio
parameter and its quantization depends on whether the metadata codec is used in Ho-DirAC mode or in MASA format
metadata mode.

In case of Higher-order Dirac, a