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This document provides a non-exhaustive list of use cases identified by the Requirements and Systems groups during the 89th, 90th and 91st MPEG meetings. The use cases below are not mutually exclusive, and most probably a complete application of MMT will mix quite a few of them.

 1  Adaptivity

Since consumer devices have different capabilities, different versions of the same content that do not exceed these capabilities are needed. Since network parameters and decoder load may constantly change, constant adaptation to changing conditions is also necessary. In this case, content is not necessarily encapsulated by a single file, but it may be composed of file fragments with possible interdependence. 

 1.1  Application-level adaptivity
With application-level adaptivity, there is a wide variety of information available from the content, server, network, terminal, and user which can be used to guide adaptation. Usually, such information is employed in a negotiation process among the nodes along a delivery chain (e.g. server, proxy, terminal). 

 1.1.1  Stateless server

A stateless server is unaware of specific clients (e.g. it is a viable option in case of adaptive progressive download), thus adaptation logic shifts to the client. The client is given a list of available content, from which it selects and requests the appropriate versions.

 1.1.2  Stateful server

A stateful server is aware of specific clients or/and sessions, so it may select different versions of the same content and/or adjust parameters related to QoS/QoE expectation.

 1.2  Transport/network-level adaptivity

At transport or network level, adaptation (e.g. dropping packets) can be carried out according to the local information (e.g. router buffer fullness). The packet stream may facilitate such adaptation by providing some hints in the packet header (e.g. priority value, delay class). 

 2  Delivery

In addition to the well-established (though suffering from lack of interoperability) IPTV streaming on either Internet or managed networks, there are some additional delivery architectures. 

 2.1  Progressive download

For many reasons (e.g. utilizing the existing CDN infrastructure, NAT penetration, etc.), progressive download may be a more viable option than the traditional real-time streaming. Progressive download is the transfer of digital media files from a server to a client via HTTP. The consumer may begin playback of the media before the download is complete. 

 The key difference between the traditional real-time streaming and progressive download is in how the digital media data is received and stored by the end user device that is accessing the digital media. This converged application can be used in an adaptive way depending on changes in network, storage, client and server (amongst others) resources and capabilities. 

 2.2  Peer-to-peer (P2P)
In this case, a consumer (a.k.a. peer) utilizes the uplink bandwidth to distributes some of the content it receives. In this case, when a user requests some content, it must find peer(s) that has the requested content and has resources to stream it. In order to search for such content, a peer may need to use application-specific content identifiers. Also, in many cases existing P2P streaming applications expect unique peer addresses. 

 2.3  Hybrid Delivery

Television broadcasting via terrestrial and satellite transmission channels has been the main means for multimedia transport for quite some time and is an important mode of multimedia transport. With the explosive growth of the Internet, IP (Internet Protocol) - based point-to-point communications via broadband access have become prevalent in many industrial countries and are expected to become another important mode of communications for multimedia. Thus it is believed that a hybrid delivery environment combining these two modes of communications would enable advanced and sophisticated multimedia services.
In such a hybrid content delivery environment, multimedia content will be offered on both broadcasting channels and IP-based point-to-point communication channels. Some components, such as coded audio signals and coded video signals, are transported from different sources to consumer devices via different channels in the hybrid environment. Consumer devices present these components in a synchronized manner. Point-to-point channels also provide bi-directional communications.
 2.4  Multi-channel (multi-pipe) delivery 

Different parts of the content selected by a user can be simultaneously transported via different channels (or pipe). In some cases these different channels may be provided by different networks. A terminal (or a delivery node), depending on its context, may decide to receive multimedia data from one or more channels. Data received from different channels are combined by the terminal before they are presented.  Also, the system may apply different mechanisms of adaptation and/or error protection to different channels as each channel may have different QoS characteristics.

 2.5  Relay
The user wants to store received content on local storage for use later. Such stored content can be relayed to and consumed by other users later. 
 2.6  Related contents

In this case, the user wants to consume two or more related content components delivered in a synchronous manner to the terminal. Content components can be live and non-live.
 3  QoS/QoE-aware delivery

 3.1  Application-level optimization

Several application-level QoE optimization use cases were brought up:

· Retransmissions and buffer management in order to mitigate jitter and packet loss;

· Application-level FEC.

A simple example of such a case would be satellite transmission of FEC-protected content with NACK-based repair packet request. In this case, the media transport is not relying on any lower level data, and this can be used over any network stack.

 3.2  Cross-layer optimizations

We can view the case of transporting bitstream over a network as several layers: bitstream layer, which is encapsulated by the media transport (MMT), which, in turn, is carried over lower network-specific layers and protocols.

 3.2.1  Bottom-up

Lower transport level provides sets of QoS-related parameters, and the application decides which set to use. 

 3.2.2  Top-down

We use data from the higher level to adjust the parameters of the lower level. A classic use case here is using NAL-level information about the relative importance of a given video frame to adjust FEC protection at the media transport level in case of unequal error protection.

 3.2.3  Integrated

In the integrated case, we perform a joint optimization of all layers. A good example here would be jointly optimizing the unequal error protection case above with adjusting AMC parameters at the PHY/MAC based on these.

 4   Convergence

 4.1  Network convergence

Same services will be offered over completely different packet-based networks (e.g. wired, satellite, wireless, and mobile) however their underlying characteristics are very different. Seamless (from the consumer point of view) transition between these networks would be desirable.

 4.1.1  Media-aware devices

In case of adaptive streaming, media aware devices may be needed to readjust the adaptation. An access point (Ethernet to WLAN), a media-aware router (decide which packets can be dropped first under load), etc., can play such a role.

It is impractical (and sometimes infeasible) to require each device be able to parse each possible bitstream, and such decisions would need to be based on parameters (e.g., relative priority) explicitly signaled via the media transport layer.

 4.1.2  Broadcast and point-to-point networks

Refer to section 2.3, hybrid delivery. 

 4.2  Service convergence

Same service may be offered by entirely different devices – e.g. adaptive progressive download using a game console, DVD player or a TV. Also, there may be different applications with specific requirements, such as low latency conversational/VoIP services. Moreover, different services together with their metadata could be transported on the same transport stream.
 4.3  Mashed-up services (service aggregation)
Different contents are combined together based on context. For example a user watching a wedding scene in a video clip and indicate that she wants to know more about the wedding dress. Information pertinent to the dress (e.g. color, size, price, etc…) will be displayed.

 5  Transparency to content protection and rights management

In many cases different DRM vendors / methods are used in different parts of the system (e.g. storage, feed transmission, transmission to end users). A gateway device may need to be able to switch to a different DRM method remaining solely on the transport layer and w/o changing the container/stream format.

 6  Ultra-HD

Ultra-HD (8K/4K) contents enable future applications and services such as telemedicine (e.g. tele-surgery and distance diagnostics) and super high-vision cinema. A doctor can use UHD images to operate on or diagnose patients from a far. A consumer can have the same experience as in super high-vision theater with UHD movies. 
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