Technical Committee on Broadcast and Online Delivery

Minutes of the TC-BOD meeting, AES 140th, Paris 2016-06-05, 10:00 to 11:00 AM
Kimio Hamasaki – Artsridge LLC – TCTB co-chair
Matthieu Parmentier – France TV – TCTB co-chair
Francis Rumsey – TC chair
Leslie Gaston-Bird – CU Denver

Kazuho Ono – NHK
Scott Norcross – Dolby

Additional special meeting participants, to discuss the loudness for OTT and streaming topic, same day, 2:00 to 3:00 PM:
Kimio Hamasaki – Artsridge LLC – TCTB co-chair

Matthieu Parmentier – France TV – TCTB co-chair

Florian Camerer – ORF – PLOUD chairman

Eelco Grimm – Grimm audio

Peter Pörs – Junger audio

Jan Plogsties – Fraunhofer IIS

Thomas Lund – Genelec

Leslie Gaston-Bird – CU Denver

Bosse Ternström – Swedish Radio
Remarks about Paris convention and potential workshops for next convention in L.A.
Matthieu Parmentier notes that – compared to the profusion of parallel loudness sessions at last AES convention in New York – this Paris convention offers a very minimal coverage of the topic. The actual famous topic concerns Virtual Reality (with Ambisonics and HOA now considered as broadcast formats) as well as spatial audio broadcasting strategies (rendering engines: codec-based and system-based solutions).
Theses tendencies show how broadcasting strategies over classical and OTT/streaming networks now depend on various and complex combinations of equipment at the broadcasting station as well as in the receiver to ensure the Quality of Service and Quality of Experience.
Since this Technical Committee has been renamed Broadcast and Online Delivery, it is important to educate audio engineers on this new reality, for example by encouraging loudness workshops that share existing and functional multi-networks strategies.
· Matthieu Parmentier explains that 5.1 upmix of 2.0 contents usually reduces the loudness of the 5.1 signal, this has pushed new developments to preserve the dynamic and allow the upmix of LtRt signal while keeping the same loudness measure.
· Kasuho Ono and Scott Norcross inform that ITU-R BS.1770-4 now includes a loudness measurement method for 3D audio format, backward-compatible with 2D formats.
· Matthieu Parmentier raises the question of loudness for interactive contents. For example Sony works with a loudness meter in its creative environment for games and VR contents.
Kimio Hamasaki proposes that TC-BOD also considers workshops related to AES67 (audio over IP format) as a streaming container used for contribution and distribution of contents, to be taken into account by broadcast engineers.
Francis Rumsey informs that David Bialik – TC-BOD co-chair, will chair the broadcast sessions of the next convention in Los Angeles. Francis also proposes that Matthieu receives, like other TC volunteers, the proposals for workshops sent to the AES website.
Status of subgroup on recommendation for OTT streaming
Jim Starzinsky chairs a subgroup of TC-BOD dedicated to the draft of guidelines concerning loudness of audiovisual contents for OTT and streaming use-cases (named AGOTTVS for Activity Group for OTT and Video Streaming). Depending of its potential consensus, Francis Rumsey – on behalf of the AES Technical Council – would be happy if this workgroup deliverable could feed a standardization activity.
Leslie Gaston-Bird, Peter Pörs, Scott Norcross, Fabian Kuech (represented by Jan Plogsties) and Thomas Lund have joined this workgroup. Several conference-calls have already set a methodology and a structure before starting the collaborative writing of the recommendation. These outputs and the history of the previous conference-calls are fully available on the ad-hoc AES forum. Different sub-committees (devices, codecs) are actually defining each aspect of the future document. Leslie Gaston-Bird underlines that the devices sub-committee considers "music-only" streaming and "A/V" streaming on the same device.
Scott Norcross explains that previous work led by Bob Katz and presented at the last AES convention in New York City concerned streaming of music contents and recommends a target value of -16 LUFS, in line with actual discussions within AGOTTVS.

Matthieu Parmentier reminds that the EBU R128 loudness recommendation has been written as a main short document followed by detailed technical documents to provide different solutions depending of use-cases. For example, mobile listening devices (tablets, smartphones) are not systematically used in noisy environments, in Europe, live OTT broadcasting of Opera and classical music concerts target an audience at home over headphones and tablets. Leslie Gaston-Bird suggests that the Devices sub-committee might be called "Devices and use-cases".  
The workgroup recently asked the Technical Council to offer a solution for collaborative writing of the document, such as KAVI. Francis Rumsey says KAVI is phenomenally expensive and recommends a small group of writers to start the document before a larger process of revision.  

Matthieu Parmentier and the above participants share the status of the workgroup activity with Florian Camerer, Eelco Grimm and Bosse Terström, respectively chairman and members of the EBU-PLOUD group, very active on loudness regulation for TV, radio, cinema over various networks (analog, digital, managed and OTT networks). EBU-PLOUD is the referent group where European broadcasters share their concerns related to loudness.
The main discussion is related to the structure of the future AES document. EBU-PLOUD has worked a lot on this topic, and obtained a great success by defining a short common goal in a main recommendation (known as EBU-R128) followed by additional documents such as the distribution guidelines, the practical guidelines, the meter specifications…
Thomas Lund underlines that the workgroup is actually working on such preliminary guidelines to constitute the heart of the recommendation to be agreed by the largest participants. One of the proposals is to write: "no content shall be available on OTT/streaming networks with an Integrated Loudness exceeding -16 LUFS."
The EBU-PLOUD members agree and insist on the fact that the recommendation should define and explain the final objective, without constraint on the codec (metadata vs. non-metadata), the use-case (home/quiet conditions vs. mobility/noisy conditions) or even the broadcast strategy (broadcast, simulcast, multicast, direct vs. rendering engine listening within the receiver). This additional information should be provided on a separated document, potentially illustrated with existing use-cases.
Eelco Grimm insists on new potentials offered by OTT/streaming players to offer each user the possibility to adjust its listening level/dynamic depending of its listening conditions. This works through the use of new codecs (MPEG-H, Dolby) or within HTML5 browsers with a free JavaScript code within the web page. This has been prototyped by Radio France and Orange Labs (www.nouvoson.radiofrance.fr) and allows any kind of contents at -23 LUFS/-24 LKFS to be reproduced up to -16 LUFS trough a gain + limiter process, controlled by the end-user.
Kimio Hamasaki explains that Japanese hardwares (smartphones as well as car receivers and TV sets) already have such a gain + limiter module to allow the end-user to adapt its listening level to the environmental noise. In Japan smartphones have been equipped with a digital TV tuner for many years, so this need was established before the OTT/streaming use-case. It allows Japanese broadcasters to deliver contents at -23 LUFS without need of loudness metadata nor specific software within the player.
Florian Camerer and Matthieu Parmentier summarize potential inputs to happily involve EBU-PLOUD support of the AES workgroup. These would consist on:

· the description of a main high-level objective such as: "Contents available on OTT/streaming networks shall be reproduced at a listening level compatible with the listener's environmental conditions"

· the definitions of these conditions such as:

· -23 LUFS/-24 LKFS and regular dynamic range for quiet environment
· up to -16 LUFS and reduced dynamic range for noisy environment

· the description, potentially on a separated "practical guidelines" appendix of several strategies to achieve this objective such as:

· a hardware solution available within the receiver to adapt the level/dynamic range of the decoded signal (Japanese use-case)
· a software solution available within the player to adapt the level/dynamic range of the decoded signal (Radio France – Orange – France TV use-case)
· a metadata-based solution available within the decoder to adapt the level/dynamic range of the decoded signal (Dolby – MPEG-H use-case)
· a simulcast-based solution to allow a switch within the receiver between streams with different level/dynamic range (Radio France fall-back use-case)
