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Introduction





This document addresses requirements for delivery of MPEG-4 data over IP for enhancement of MPEG-2 Transport Stream based Digital Broadcast Services. Alternatively, the MPEG-4 data can also be delivered over an MPEG-2 TS, assuming the use of Draft Amendment 7 to MPEG-2 systems. Services can use transport over IP and MPEG-2 as appropriate.





For broadcast applications, transport of MPEG-4 content over IP can be delivered directly to broadcast receivers, or to intermediate nodes for further transport over MPEG-2 TS. Example of the latter is a server that delivers its MPEG-4 content over IP to an uplink station for transmission over (an MPEG-2 based) satellite.
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A basic model for MPEG-2 broadcast applications extended with MPEG-4 functions is described, including timing, transport, and multiplexing of MPEG-4 monomedia or multimedia streams. From this model a set of requirements is derived for transport of MPEG-4 data over IP.





Some basics for MPEG-2 Broadcast Applications


Broadcast Programs and Broadcast Applications


For the purpose of this document a broadcast program is loosely defined as a logical entity with associated content such as :


The eight o’clock news with several news items


A sports game


A talk show with several guests


For the concepts discussed in this document it is irrelevant that a program may be interrupted with advertisements on a more or less regular basis.





Furthermore, this document assumes that each program may have its own broadcast applications. In other words, the eight o’clock news may have its own application, as well as the sports game and the talk show. Each such application, for example written in MHEG-5, Java or HTML, may be extended with MPEG-4 features. 


Normal Play Time (NPT)


Timing in a broadcast program is based on the MPEG-2 STC, the System Time Clock. However, the STC may have discontinuities and as a consequence STC based Time Stamp values within one program may be ambiguous. For example if the STC is reset to zero at every news item, then each Time Stamp value in the range between zero and the end of the item may occur multiple times during that program.





STC discontinuities ease operations such as editing and local insertions, but induces complication to cases where unambiguous time stamps are needed, for example to define timing of events during a program in a unique way. Therefore the NPT concept has been introduced in MPEG-2 (part 6, DSM-CC). NPT provides an unambiguous time base during the broadcast program. The NPT time base is locked to the STC, but its offset to the STC changes at an STC discontinuity such that the NPT remains continuous. Though less relevant in the context of this document, two important NPT features should be mentioned :


The NPT time base can be paused during advertisements and be resumed afterwards. 


NPT is also useable in trick modes, which is important in Video on Demand applications and in case of play back after storage at a local storage device. In trick modes NPT is adapted to the speed of play back, to ensure that the relation between the NPT and the content remains the same as during normal play back. For example if video is played back at 0.5 times normal speed, then NPT runs at 0.5 times the STC frequency.


Events


For MPEG-4 broadcast applications it is important to distinguish multiple type of events :


Stream events; generated at a certain frame in video or a certain NPT value, for example to indicate the start of another news item or the beginning and ending of a decision period for people watching a gambling show.


User events, for example when a user hits a “button” on the screen.


Timer events; a timer can be used to define events in time; timer events could for example drive the presentation of a “slide show”; in general the timer is started by a user event. 


Sample Clocks in Broadcast Applications


In broadcast applications all sample clocks are locked to the STC, in case of delivery over MPEG-2 TS as well as over IP. In practice this means that the MPEG-4 server needs the capability to access the broadcast service in order to lock its sample clock(s) to the STC.


Types of MPEG-4 Streams


Two types of MPEG-4 content can be distinguished :


Monomedia streams, such as audio and video that can be played back without the use of MPEG-4 systems; they can be delivered over MPEG-2 and IP, possibly using MPEG-2 and IP specific transport and synchronisation means respectively. 


Multimedia streams or MPEG-4 applets, representing an MPEG-4 multimedia application within the wider context of a broadcast application, for example a short kind of slide show using MPEG-4 video, MPEG-4 speech and MPEG-4 animation, all controlled by MPEG-4 BIFS; within a broadcast application multiple of such applets may occur. Each such applet could for example provide background information on news items, played back upon request of the user. 


Playback of MPEG-4 Content


Two ways can be identified to playback MPEG-4 content in Broadcast Applications :


Streamed playback, i.e. the content is not cached, but decoded immediately, as controlled by PTS-type time stamps. In case of delivery over MPEG-2 the time stamps refer to STC values; with delivery over IP it shall be possible to relate the time stamps either to the STC or to NPT, to be decided.


Event-driven playback, i.e. the content is cached in the Broadcast STB (in memory or local storage device) or in the broadcast carousel and played back at a later time; two methods can be distinguished to initiate the playback :


The time stamps in the content become true; in this case NPT based time stamps are used in the content.


A certain event occurs, for example the user hits a button; in this case again time stamps are used, but they are relative to the NPT value of the event that initiated the playback.


As this part of the application is event-driven, there is in general no need to synchronise with other parts of the application.





Quality of Service





In broadcast applications Quality of Service is very important. To achieve this, MPEG-2 is defining very explicit requirements for timing of decoding and presentation and for buffering, to ensure that the decoding process is never disturbed due to underflow and overflow of buffers, while maintaining perfectly synchronized audio-visual presentation.


When introducing MPEG-4 functionality in broadcast services, the Quality of Service level should not decrease. Delivery over IP however involves networks with generally unpredictable delay and bandwidth characteristics, which may seriously impact the QoS level of real-time services delivered over such networks. To improve this, substantial buffering delays may be accounted for, and the use of constrained networks may be considered where bandwidth and delays can be kept under reasonable control. 





Protocols to deliver of MPEG-4 streams over IP should be defined such that high QoS services can be implemented in environments where the network characteristics are controlled or otherwise constrained. In general this will means that the protocols should allow for explicit definitions of buffering and timing.





Transport of MPEG-4 over IP


Transport Objectives


Usually broadcast information is delivered over MPEG-2 TS, specifically the data that can be broadcast to many clients at the same time. However, delivery over IP may sometimes be more cost-effective or otherwise desirable, for example when the content is delivered upon personal request, or to a very small subset of the broadcast clients.





Preferably the schemes for delivery of MPEG-4 content over IP and MPEG have a high level of commonality to simplify processing in receivers and intermediate nodes. 


Transport of Monomedia Streams over IP


Transport of monomedia streams over IP involves introduction of delay due to multiplexing at the server of IP packets carrying the monomedia stream with other IP packets transmitted by the server. In addition a variable and often unconstrained delay is introduced in the transport of the IP packets carrying the MPEG-4 stream. In cases where the network transport delays are bounded, the multiplexing delays should be known, in order to define explicit buffering constraints at decoding.


Transport of Multimedia Streams over IP


For transport over MPEG-2, MPEG-4 multimedia streams are first multiplexed into a FlexMux stream, and subsequently multiplexed into a MPEG-2 stream. For carriage over IP preferably the same approach is followed. For the initial multiplex into a FlexMux stream, explicitly defined requirements for timing and buffering apply, using OCRs. 





Once multiplexed into a FlexMux stream, the same processing can be applied for the multimedia stream as for a monomedia stream.





Conclusions





A set of requirements have been identified for transport of MPEG-4 content for broadcast applications :


Allow to initiate playback at 


stream events


user events


Allow for synchronisation of sample clocks with STC


Allow for


Streamed playback


Cached playback


Allow for high Quality of Service in IP networks with bounded delay characteristics


Allow for explicit knowledge of buffering requirements due to IP multiplex


Allow for carriage of FlexMux stream, equivalent as monomedia stream


High commonality with transport of monomedia and multimedia streams over MPEG-2 TS
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