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[bookmark: foreword][bookmark: _Toc143608857][bookmark: _Toc148952286][bookmark: _Toc148952463][bookmark: _Toc150253119]Foreword
[bookmark: spectype3]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
might not	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
In addition:
is	(or any other verb in the indicative mood) indicates a statement of fact
is not	(or any other negative verb in the indicative mood) indicates a statement of fact
The constructions "is" and "is not" do not indicate requirements.
[bookmark: introduction][bookmark: scope][bookmark: _Toc143608858][bookmark: _Toc148952287][bookmark: _Toc148952464][bookmark: _Toc150253120]
1	Scope
[bookmark: references][bookmark: _Toc143608859]The present document defines the Jitter Buffer Management (JBM) solution for the Immersive Voice and Audio Services (IVAS) codec [IVAS-OV]. Jitter Buffers are required in packet-based communications, such as 3GPP MTSI [MTSI], to smooth the inter-arrival jitter of incoming media packets for uninterrupted playout.
The procedure of the present document is [recommended/mandatory] for implementation in all network entities and UEs supporting the IVAS codec.
The present document does not describe the C code of this procedure. For a description of the floating-point C code implementation see [IVAS-FL].
In the case of discrepancy between the Jitter Buffer Management described in the present document and its C code specification contained in [IVAS-FL], the procedure defined by [IVAS-FL] prevails.
[bookmark: _Toc148952288][bookmark: _Toc148952465][bookmark: _Toc150253121]2	References
Editor's Note:	The references are not yet final and should be numbered and cleaned out before going under change control.
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".
[IVAS-OV]	3GPP TS 26.250: "Codec for Immersive Voice and Audio Services – General Overview".
[bookmark: definitions][IVAS-ALGO]	3GPP TS 26.253: "Codec for Immersive Voice and Audio Services - Detailed Algorithmic Description incl. RTP payload format and SDP parameter definitions".
[EVS-JBM]	3GPP TS 26.448: "Codec for Enhanced Voice Services - Jitter Buffer Management"
[MTSI]	3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction"
[IVAS-REND]	3GPP TS 26.254: "Codec for Immersive Voice and Audio Services - Rendering".
[IVAS-PLC]	3GPP TS 26.255: "Codec for Immersive Voice and Audio Services - Error concealment of lost packets".
[IVAS-TS]	3GPP TS 26.252: "Codec for Immersive Voice and Audio Services – Test Sequences".
[EVS-ALGO]	3GPP TS 26.445: "Codec for Enhanced Voice Services (EVS); Detailed Algorithmic Description".
[AMR]	3GPP TS 26.071: "Mandatory speech CODEC speech processing functions; AMR speech Codec; General description".
[AMR-WB]	3GPP TS 26.171: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; General description".
[EVS-FX]	3GPP TS 26.442: "Codec for Enhanced Voice Services (EVS); ANSI C code (fixed-point)".
[EVS-FL]	3GPP TS 26.443: "Codec for Enhanced Voice Services (EVS); ANSI C code (floating-point)".
[SQR]	3GPP TS 26.131: "Terminal acoustic characteristics for telephony; Requirements".
[RFC4867]	IETF RFC 4867 (2007): "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs", J. Sjoberg, M. Westerlund, A. Lakaniemi and Q. Xie.
[EVS-AltFX]	3GPP TS 26.452: "Codec for Enhanced Voice Services (EVS); ANSI C code; Alternative fixed-point using updated basic operators".

[bookmark: _Toc143608860][bookmark: _Toc148952289][bookmark: _Toc148952466][bookmark: _Toc150253122]3	Definitions of terms, symbols and abbreviations
[bookmark: _Toc143608861][bookmark: _Toc148952290][bookmark: _Toc148952467][bookmark: _Toc150253123]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].
[bookmark: _Toc143608862][bookmark: _Toc148952291][bookmark: _Toc148952468][bookmark: _Toc150253124]3.2	Symbols
[bookmark: _Toc143608863][bookmark: _Toc148952292][bookmark: _Toc148952469]Editor's Note:	No mathematical expressions at this time, may be removed before going under change control.
[bookmark: _Toc150253125]3.3	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].
AMR	Adaptive Multi-Rate (Codec)
AMR-WB	Adapative Multi-Rate Wideband (Codec)
DTX	Discontinuous Transmission
EVS	Enhanced Voice Services (Codec)
IVAS	Immersive Voice and Audio Services
JBM	Jitter Buffer Management
RTP	Real-Time Transmission Protocol
TSM	Time-Scale Modification

[bookmark: clause4][bookmark: _Toc3742461][bookmark: _Toc148952293][bookmark: _Toc148952470][bookmark: _Toc150253126][bookmark: _Toc143608864]3.4	Mathematical Expressions
Editor's Note:	No mathematical expressions at this time, may be removed before going under change control.
[bookmark: _Toc3742462][bookmark: _Toc148952294][bookmark: _Toc148952471][bookmark: _Toc150253127]4	General
[bookmark: _Toc3742463][bookmark: _Toc148952295][bookmark: _Toc148952472][bookmark: _Toc150253128]4.1	Introduction
[bookmark: _Toc148952296][bookmark: _Toc148952473]The Jitter Buffer Management solution specified in this document extends the IVAS decoder with a mechanism to cope with the effects of packet-based communication over wireless transmission channels, i.e. buffering packets with different inter-arrival jitter and triggering of adapatation mechanisms to ensure low-delay communications.
It is used in conjunction with the IVAS decoder (described in [IVAS-ALGO] in detail), which can also decode EVS [EVS-OV] and AMR-WB [AMR-WB]. The described solution is based on [EVS-JBM], which has been optimized for the Multimedia Telephony Service for IMS (MTSI) and fulfils the requirements for delay and jitter-induced concealment operations set in [MTSI]. Main differences to [EVS-JBM] are the support of immersive media formats and a corresponding time-warping scheme operating within the decoder.
[bookmark: _Toc150253129]4.2	Packet-based communications
In packet-based communications, packets arrive at the terminal with random jitters in their arrival time. Packets may also arrive out of order. Since the decoder expects to be fed a speech packet in a regular interval (for 3GPP speech codecs this is every 20 milliseconds) to output speech samples in periodic blocks, a de-jitter buffer is required to absorb the jitter in the packet arrival time. The larger the size of the de-jitter buffer, the better its ability to absorb the jitter in the arrival time and consequently fewer late arriving packets are discarded. Voice communications is also a delay critical system and therefore it becomes essential to keep the end to end delay as low as possible so that a two way conversation can be sustained.
The defined adaptive Jitter Buffer Management (JBM) solution reflects the above mentioned trade-offs. While attempting to minimize packet losses, the JBM algorithm in the receiver also keeps track of the delay in packet delivery as a result of the buffering. The JBM solution suitably adjusts the depth of the de-jitter buffer in order to achieve the trade-off between delay and late losses.
[bookmark: _Toc148952297][bookmark: _Toc148952474][bookmark: _Toc150253130]4.3	EVS Receiver architecture overview
Editor's Note:	ATIAS specs not yet existent, clauses in 26.453 for sample-based IVAS time-scaling not yet available.
An IVAS receiver for MTSI-based communication is built on top of the IVAS Jitter Buffer Management solution. It follows the same principles as specified iclause 4.3 in [EVS-JBM] for the EVS Jitter Buffer Management solution. The received IVAS frames, contained in RTP packets, are depacketized and fed to the Jitter Buffer Management (JBM). The JBM smoothes the inter-arrival jitter of incoming packets for uninterrupted playout of the decoded EVS frames at the Acoustic Frontend of the terminal.
Figure 1 in [EVS-JBM] illustrates the architecture and data flow of the receiver side of an EVS terminal. The example architecture for EVS is also applicable to IVAS to outline the integration of the JBM in a terminal. This specification defines the JBM module and its interfaces to the RTP Depacker, the IVAS Decoder [IVAS-ALGO], and the Acoustic Frontend [SQ] and [ATIAS]. The modules for Modem and Acoustic Frontend are outside the scope of the present document. The implementation of the RTP Depacker is outlined in [EVS-JBM] and also applicable for IVAS.
Real-time implementations of this architecture typically use independent processing threads for reacting on arriving RTP packets from the modem and for requesting PCM data for the Acoustic Frontend. Arriving packets are typically handled by listening for packets received on the network socket related to the RTP session. Incoming packets are pushed into the RTP Depacker module which extracts the frames contained in an RTP packet. These frame are then pushed into the JBM where the statistics are updated and the frames are stored for later decoding and playout. The Acoustic Frontend contains the audio interface which, concurrently to the push operation of IVAS frames, pulls PCM buffers from the JBM. The JBM is therefore required to provide PCM buffers, which are normally generated by decoding IVAS frames by the IVAS decoder or by other means to allow uninterrupted playout. Although the JBM is described for a multi-threaded architecture it does not specify thread-safe data structures due to the dependency on a particular implementation.
Note that the JBM does not directly forward frames from the RTP Depacker to the IVAS decoder but instead uses frame-based adaptation to smooth the network jitter. In addition signal-based adaptation is executed on the decoded PCM buffers, described in detail in clause X.X.X.X [IVAS-ALGO] before they are pulled by the Acoustic Frontend. The corresponding algorithms are described in the following clauses.
[bookmark: _Toc3742466][bookmark: _Toc148952298][bookmark: _Toc148952475][bookmark: _Toc150253131]5	Jitter Buffer Management
[bookmark: _Toc3742467][bookmark: _Toc148952299][bookmark: _Toc148952476][bookmark: _Toc150253132]5.1	Overview
Jitter Buffer Management (JBM) includes the jitter estimation, control and jitter buffer adaptation algorithm to manage the inter-arrival jitter of the incoming packet stream. The entire solution for EVS consists of the following components:
-	RTP Depacker (see clause 5.2) to analyse the incoming RTP packet stream and to extract the EVS speech frames along with meta data to estimate the network jitter
-	De-jitter Buffer (clause 5.6) to store the extracted EVS speech frames before decoding and to perform frame-based adaptation
-	IVAS Transport Channel and Metadata Decoding [IVAS-ALGO] (clause 6) for decoding the received IVAS frames to PCM data
-	Playout Delay Estimation Module (clause 5.3.5) to provide information on the current playout delay due to JBM
-	Network Jitter Analysis (clause 5.3) for estimating the packet inter-arrival jitter and target playout delay
-	Adaptation Control Logic (clause 5.4) to decide on actions for changing the playout delay based on the target playout delay
-	Multi-Channel Time-Scale Modification (clause 5.4.3) and clause 5.6 of the present document to perform signal-based adaptation for changing the playout delay
-	Metadata Adaptation [IVAS-ALGO] (clause X) and clause 5.6 of the present document to perform adapation for meta data for fitting to time-warped signals
-	Reconstruction and Rendering [IVAS-ALGO] (clause 7) and clause 5.6 of the present document to convert transport-channel and meta data to the reconstructed output channels
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Figure 2: Modules of the IVAS Jitter Buffer Management Solution
[bookmark: _Toc148952300][bookmark: _Toc148952477][bookmark: _Toc150253133]5.2	Depacketization of RTP packets (informative)
Editor's Note:	Depending on the final IVAS RTP payload format, additions may be required.
The RTP Depacker module of the JBM performs the depacketization of the incoming RTP packet stream. The operation is further described in clause 5.2 of [EVS-JBM]. 
[bookmark: _Toc148952301][bookmark: _Toc148952478][bookmark: _Toc150253134]5.3	Network Jitter Analysis and Delay Estimation
The network jitter analysis and delay estimation for IVAS is identical to EVS, which is specified in [EVS-JBM], clause 5.3.
[bookmark: _Toc3742475][bookmark: _Toc148952484][bookmark: _Toc150253135][bookmark: _Toc3742477][bookmark: _Toc148952307][bookmark: _Toc3742483]5.4	Adaptation Control Logic
[bookmark: _Toc3742476][bookmark: _Toc148952485][bookmark: _Toc150253136]5.4.1	Control Logic
The control logic is identical to EVS. The operation is described in clause 5.4.1 of [EVS-JBM].
[bookmark: _Toc148952486][bookmark: _Toc150253137]5.4.2	Frame-based adaptation
[bookmark: _Toc3742478][bookmark: _Toc148952308][bookmark: _Toc148952487][bookmark: _Toc150253138]5.4.2.1	General
Adaptation on the frame level is performed on coded speech frames, i.e. with a granularity of one speech frame of 20 ms duration. Inserting or deleting speech frames results in adaptation with higher distortion but allows faster buffer adaptation than signal-based adaptation. Inserting or deleting NO_DATA frames during DTX allows fast adaption while minimizing distortion.
[bookmark: _Toc3742479][bookmark: _Toc148952309][bookmark: _Toc148952488][bookmark: _Toc150253139]5.4.2.2	Insertion of Concealed Frames
[bookmark: _Toc3742480][bookmark: _Toc148952310][bookmark: _Toc148952489]Insertion of concealed frames identical to EVS. The operation is described in clause 5.4.2.2 of [EVS-JBM].
[bookmark: _Toc150253140]5.4.2.3	Frame Dropping
Frame dropping is identical to EVS. The operation is described in clause 5.4.2.3 of [EVS-JBM].
[bookmark: _Toc3742481][bookmark: _Toc148952311][bookmark: _Toc148952490][bookmark: _Toc150253141]5.4.2.4	Comfort Noise Insertion in DTX
Comfort Noise insertion in DTX is identical to EVS. The operation is described in clause 5.4.2.4 of [EVS-JBM].
[bookmark: _Toc3742482][bookmark: _Toc148952312][bookmark: _Toc148952491][bookmark: _Toc150253142]5.4.2.5	Comfort Noise Deletion in DTX
[bookmark: _Toc148952313][bookmark: _Toc148952492]Comfort Noise deletion in DTX is identical to EVS. The operation is described in clause 5.4.2.5 of [EVS-JBM].
[bookmark: _Toc150253143]5.4.3	Signal-based adaptation
Editor's Note:	Text to be adapted when TSM text in 26.253 substantiates. Metdata adaptation also to be described here.
To alter the playout delay the decoder is able to generate time-warped signals. This allows increasing the number of samples for increasing the playout delay or reducing the number of samples to reduce the playout delay. The time-warping is performed by the decoder and its basic operation is described in [EVS-JBM], clause 5.4.3. IVAS extends this time-scale modification to work on multi-channel signals. This is specified in [IVAS-ALGO], clause X.X.X.
[bookmark: _Toc3742491][bookmark: _Toc148952314][bookmark: _Toc148952493][bookmark: _Toc150253144]5.5	Signal Buffer
Editor's Note: The IVAS JBM solution modifies the receiver output buffer concept to allow the joint signal and meta data adapation. This still needs to be properly described in [IVAS-ALGO] and this document.
[bookmark: _Toc148952315][bookmark: _Toc148952494][bookmark: _Toc150253145]5.5.1	Interaction with Decoder Transport Channel Buffer
[bookmark: _Toc148952316][bookmark: _Toc148952495][bookmark: _Toc150253146]5.5.2	Spill Handling
[bookmark: _Toc3742492][bookmark: _Toc148952317][bookmark: _Toc148952496][bookmark: _Toc150253147]5.6	De-Jitter Buffer
[bookmark: _Toc3742493][bookmark: _Toc148952318][bookmark: _Toc148952497]The De-Jitter Buffer is identical to EVS. The operation is described in clause 5.6 of [EVS-JBM].
[bookmark: _Toc150253148]6	Decoder interaction
[bookmark: _Toc3742494][bookmark: _Toc148952319][bookmark: _Toc148952498][bookmark: _Toc150253149][bookmark: _Toc143608888]6.1	General
Editor's Note:	Text will be updated when detailed description in 26.253 substantiates.
[bookmark: _Toc129708892][bookmark: _Toc148952324][bookmark: _Toc148952503][bookmark: _Toc150253150]Annex <A> (informative):
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