1 Resizing of buffer in encoder and decoder Field of the Invention 5 The present invention relates to a
method for buffering encoded pictures, the method including an encoding step for forming encoded
pictures in an encoder, a transmission step for transmitting said encoded pictures to a decoder, a
decoding step for decoding the encoded pictures for forming 10 decoded pictures, and rearranging
step for arranging the decoded pictures in decoding order. The invention also relates to a system,
transmitting device, receiving device, an encoder, a decoder, an electronic device, a software
program, and a storage medium. 15Background of thd Invention Published video coding standards
include ITU-T H.261, [TU-T H.263, ISO/IEC MPEG-1, ISO/IEC MPEG-2, and ISO/IEC MPEG-4 Part 2.
These standards are herein reéfestédinaEohvditonabyicevadsdingrstadeleeds 20 Video
communication systems Video communication systems can be divided into conversational and non-
conversational systems. Conversational systems include video cyonferencing 25 and video telephony.

Examples of such systems include ITU-T R dations,H.320, 1-1.323, and H.324 that specify a
Field orie InveRrion

video conferendng/telephony system opera , PSTN networks respectively.
Conversationa& systems are characterized by the intent to minimize the end-to-end delay (from
audio-video capturghe phesent-imveniinticela®sidea pretedtéaion)ffarvgiencodathpiniurdsetbeer
experience. Non-cemstetsatinnadisygsi@msedootice pteybackiotaingednmiant phitcieadrDigital Versatile
Disks (DVDs) or vidgafilgs aiararkifissbassdpermonsntaiting said encoded pictures to a
~ decoder, a decoding step for decoding the encoded pictures for forming
10  decoded pictures, and rearranging step for arranging the decoded pictures in

decoding order. The invention also relates to a system, fransmitting device,

receiving device, an encoder, a decoder, an electronic device, a software

program, and a storage medium,

15 ' Background of the Invention

Published video coding standards include {TU-T H.261, [TU-T H.263, ISU/IEC
MPEG-1, ISOAEC MPEG-2, and ISOAEC MPEG-4 Part 2. These standards
are herein referred to as conventional video coding standards.

Video communication systems

Video communication systems can be divided into conversational and non

conversational systems. Conversational systems include video conferencing
25 and video telephony. Examples of such systems include ITU-T

Recommendations H.320, H.323, and H.324 that specify a video

conferencing/telephony system operaling in ISDN, IP, and PSTN networks

respeclively. Conversational systems are characterized by the intent to

minimize the end-to-end delay {from audio-video capture to the far-end audio-
30  video presentation) in order to improve the user experience.

Non-conversational systems include playback of stored content, such as

Digital Versatile Disks (DVDs) or video files stored in a mass memory of a

playback device, digital TV, and streaming. A short review of the most
35  important standards in these technology areas is given below.



playback device, digital TV, and streaming. A short review of the most 35important standards in these
technology areas is given below. 2 A dominant standard in digital video consumer electronics today is
MPEG-2, which includes specifications for video compression, audio compression, storage, and
transport. The storage and transport of coded video is based on the concept of an elementary stream.
An elementary stream consists of coded data from a single source (e.g. video) plus ancillary data
needed for synchronization, identification and characterization of the source information. An
elementary stream is packetized into either constant- I%ngth or variable-length packets to form a
Packetized Elementary Stream (PES). Each PES packet consists of a header followed by stream data
called the payload ARfomikarpatketafomdigitio usdele mestangstieamsiasetcdap P EGRrM either a
Program Stream (RRkA Rcliaes écﬁﬁ%ﬁffh@@ Rigeis %'6%?9 %@P"&%@”é&%‘@ﬂsﬁ@g"g'ble

transmission errors sucQ as étc?éﬁ F{ H‘ﬁé.! %@ gf QRELE%%%%E%‘&%%%% aﬁg&a&rﬁms that are

susceptible of transmlsglc’)n errors. However % qguaranteed to
f9TU- T and
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H.264 and ISO/IEG intsprkieag! sttaasais JA46z20 (ME blEher Ransldh:ihgtidiafivataneard is referred
to as the JVT codipg, fﬁ%&% w%nﬁ%mt@@uce%%e% e a%ééﬁm@sd is referred
to as the .NT codec 5 %uflgatl]p itse df drstj£ sg c%r]gg%% a video
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functionality & the R&&E ﬁﬁﬂﬁ@é’@ﬂ%ﬁsa@'ﬁ’&ﬁﬁﬁrﬁfnsﬁﬁ%{mza%ﬁOPHB‘FSH §8af3ﬂ708‘n%5% ation, and
the loop filter. It folRyagsame YererdPSHrisept st StrastaysSidépie gieed 3 aalgainpek-based
coder 30 that utilizasvinter miciigieiprediaimiseith ot camnpeasativersaand piaysfome cotling of the
residual signal. Thepitaubed the Wik alicapisdiialing Wet aariainsidhe wmaiakigsk data of an
integer number of g} obigRER.ArLEAlOR hUG TR B5GHSS (S Uiaifg e paalial address

of the first mjgroblo e Initial quantization parameter, and similar). 35Macroblocks in
slices are ord&red ﬁ?@%ﬁﬂ order unless a different macroblock

There is & standardization effort going on in a Joint Video Team (JVT) of ITU-
T and ISONEC, The work of JVT is based on an earfier standardization project
in ITU-T called H.26L. The goal of the JVT standardization is to release the

20 same standard text as ITU-T Recommendation H.284 and ISO/EC
Internationat Standard 14496-10 (MPEG-4 Part 10). The draft standard is
referred to as the JVT coding standard in this paper, and-the codec according
to the draft standard is referred to as the JVT codec.

25 The codec specification itself distinguishes conceptually between a video
coding fayer (VCL), and a network abstraction layer (NAL). The VCL contains
the signal processing functionafity of the codec, things such as transform,
quantization, motion search/compensation, and the loop filter. It follows the
general concept of most of today's video codecs, a macrobiock-based coder

30 that utilizes inter picture prediction with motion compensation, and transform
coding of the residual signal. The output of the VCL are slices: a bit string that
contains the magcroblock data of an integer number of macroblocks, and the
information of the slice header {containing the spafial address of the first
magcroblock in the slice, the initlal quantization parameter, and similar).

35  Macroblocks in slices are ordered in scan order unless a different macroblock



allocation is specified, using the so-called Flexible Macroblock Ordering syntax. In-picture prediction is
used only within a slice. The NAL encapsulates the slice output of the VCL into Network Abstraction 5
Layer Units (NALUSs), which are suitable for the trarsmission over packet networks or the use in packet
oriented multiplex environments. JVTs Annex B defines an encapsulation process to transmit such
NALUSs over byte-stream oriented networks. 10The optional reference picture selection mode of H.263
and the NEWPRED coding tool of MPEG-4 Part 2 enable selection of the reference frame for motion
compensation per each picture segment, e.g., per eadh slice in H.263. Furthermore, the optional
Enhanced Reference Picture Selection mode of 1-1.263 and the JVT coding standard enable selection

of the reference frafpgalisfoneashaperoblosk srpasaiehneB afrinpRe Migiybicalecigeriagables many
types of temporal Scﬁ%bilgg{mscggl%rgggdigﬁgmg &s%ﬁ%?%ﬁﬁ%&pf a temporal scalability scheme,
todsre

which is herein reféfred to cufsive temporal scalability. The example scheme 20 can be decoded
with three constant frame rates. Figure 2 depicts a scheme referred to as Video Redundancy Coding,

where a sequenceTbepNALressansRies theoHies BHIRHSE! iy GdeiRIMNERRSl AR an
interleaved mannerajidrelimitovs i R sevhicl alaheuablsctpicdhefitjareaipiincatyendaiétton of motion
compensation andnifigarmbiestiedes ihefamesieatsespoiigi2btmiremakatteesaxutimg:aBd displaying
times of the frameg Parameter S6LGARFEHDNS Y dhaidRBanial fesipawepnspsisektia JVT codec is

to generate self- 30. coEga}‘n do%ckets, to make mechanisms such as the header duplication
ow't

unnecessary. The Wg{}t IS’ Was achieved is to decouple information that is relevant to more than

one slice from the media stream. This higher layer meta information should be sent reliably,
asynchronoudly arfthin erdigasteefisanencPiRip e seleationaandeat BARRiASIHESMENRRR s, This
information can 35edampecedfinPEG4nPaICk appitatieictioat dfothetrhterenss damsf-fand transport
channel appropriatg s 4@ RpEpaskon per cambinaiion eighe|ghg! per each sfice in H.263.
| Furthermore, the optional Enhanced Reference Picture Selection mode of
H.263 and the JVT coding standard enable selection of the reference frame
15  for each macroblock separately.

Reference picture selection enables many types of temporal scalability
schemes. Figure 1 shows an example of a temporal scalability schemse, which
is herein referred to as recursive temporal scalability. The example scheme
20  can be decoded with three constant frame rates. Figure 2 depicts a scheme
referred 0 as Video Redundancy Coding, where a sequence of pictures is
divided into two or more independently coded threads in an interieaved
manner. The arrows in these and all the subseguent ﬁgures indicate the
direction of motion compensation and the values under the frames correspond
25 1o the relative capturing and displaying times of the frames.

Parameter Sst Concept

One very fundamenta! design concept of the JVT codec is to generate self
30  contained packets, to make mechanisms such as the header duplication
unnecessary. The way how this was achieved is to decouple information that
is relevant to more than one slice from the media stream. This higher layer
meta information should be sent refiably, asynchronously and in advance from
the RTP packet stream that contains the slice packets. This information can
35 also be sent in-band in such applications that do not have an out-of-band
transport channel appropriate for the purpose. The combination of the higher



4 level parameters is called a Parameter Set The Parameter Set contains information such as picture
size, display window, optional coding modes employed, macroblock allocation map, and others. 5In
order to be able to change picture parameters (such as the picture size), without having the need to
transmit Parameter Set updates synchronously to the slice packet stream, the encoder and decoder
can maintain a list of more than one Parameter Set. Each slice header contains a codeword that
indicates the Parameter Set to be used. 10 This mechanism allows to decouple the transmission of the
Parameter Sets from the packet stream, and transmiftthem by external means, e.g. as a side effect of
the capability exchange, or through a (reliable or unreliable) control protocol. It may even be possible
that they get nevertrginganiitestdrutiaredinedal Ftay smetgypBedtiThea dspmyieciehiontamansmission
order In conventiopal WdRG-cding siapRaIs <ibe, deseaingmatar,obpichuesdsitiye ABdiame as the
display order excopt (g6 § DIEIES, APIAEIAGh SRIYCPORLR icture can be bidirectionally
temporally predlctean?mYn Wo reference pictures, where one reference picture is temporally preceding
and the other reference picture is temporally succeeding in display order. Only the Iatesg reference

picture in dedadindnoverar darbeaiiede BRaNIDRIGHES P RREMET S RO PE NG PIFBHEIfE aced coding in
H.263 where bothiishdittriey tfeartesdgortitysnbfRajametecRebneetas sEeAPPRYENI® a B picture in
decoding order). AuoBN@NEasd: Btrigiirencasmaides arse dears derafanensimtgiotarisiar waporal

prediction, and thegefore 2, ceayentienakB: Piekie GHBe cisapsashuitzout aiesiivgtheecoding of

any other pictures, 3 a‘%e VT.coding s rd includes the following novel technical features _
compared to earliépcgf %Safr?’l S: aranf#gr(?e%%%iﬁa %%@r of pictures is decoupled from the display order.

The picture t@mber indicates decoding order and the picture order 35count indicates the display order.
This mechanism allows to decouple the transmission of the Parameter Sets

from the packet stream, and transmit them by external means, e.g. as a side

effect of the capability exchange, or through a (reliable or unreliable) control

protocol. It may even be possible that they get never transmitted but are fixed
15 by an application design specification.

Transmission order

in conventional video coding standards, the decoding order of pictures is the
20 same as the display order except for B pictures. A block in a conventional B
picture can be bi-directionally temporally predicted from wo reference
pictures, where one reference picture is temporally preceding and the other
reference picture is temporally succeeding in display order. Only the latest
reference picture in decoding order can succeed the B picture in display order
25  (exception: interlaced coding in H.263 where both field pictures of a
temporally subsequent reference frame can precede a B picture in decoding
order). A conventional B picture cannot be used as a reference picture for
temporal prediction, and therefore a conventional B picture can be disposed
without affecting the decoding of any other pictures.
30
The JVT coding standard includes the following novel technical features
compared to earlier standards:
- The decoding order of pictures is decoupled from the display order.
The picture number indicates decoding order and the picture order
35 count indicates the display order.



5 Reference pictures for a block in a B picture can either be before or after the B picture in display
order. Consequently, a B picture stands for a bi-predictive picture instead of a bi-directional picture.
Pictures that are not used as reference pictures are marked explicitly. A picture of any type (intra, inter,
B, etc.) can either be a reference picture or a non-reference picture. (Thus, a B picture can be used as
a reference picture for temporal prediction of other pictures.) A picture can contain slices that are
coded with a different coding type. In other words, a coded picture may consist of an intra-coded slice
and 10a B-coded slice, for example. Decoupling of display order from decoding order can be beneficial
from compression efficiency and error resiliency point of view. 15An example of a prediction structure

potentially improving coriugrsien Gligieacsianigerid i bisuire @ar?@%@ériadigsr@iewreds, captal
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need to codd@n intra picaBecadse sfittitfeatiamptemporally subsequent picture is selected as an intra
picture. Each picture between the coded intra picture and the conventional location of an intra picture

is predicted from the.pex iRMBPTAl sy bSRH SRS ASHE R 61 Usart BhvEdiRaintranpiciure
postponement method generates e (ndependeRl kD Sk Rgliton chains, whereas

conventional coding

15  An example of a prediction structure potentially improving compression
afficiency is presented in Figure 3. Boxes indicate pictures, capital lefters
within boxes indicate coding types, numbers within boxes are picture numbers
according to the JVT coding standard, and arrows indicate prediction
dependencies. Note that picture B17 is a reference picture for pictures B18.

20 Compression efficiency is potentially improved compared to conventionat
coding, because the reference pictures for piciures 818 are temporally closer
compared to conventional coding with PBBP or PBBBP coded piclure
patterns. Compression efficiency is potentially improved compared 1o
conventional PBP coded picture pattern, because part of reference pictures

25  are bi-directionally predicted. :

Figure 4 presents an example of the intra picture postponement method that
can be used to improve error resiliency. Conventionally, an intra picture is
coded immediately after a scene cut or as a response 10 an expired intra
30 picture refresh period, for example. In the intra picture postponement method,
an intra picture is not coded immediately aiter a need to code an intra picture
arises, but rather a temporally subsequent picture is selected as an intra
picture. Each picture between the coded intra piciure and the conventional
location of an intra picture is predicted from the next temporally subsequent
35  picture. As Figure 4 shows, the intra picture postponement method generates
two independent inter picture prediction chains, whereas conventional coding



6 algorithms produce a single inter picture chain. It is intuitively clear that the two-chain approach is
more robust against erasure errors than the one-chain conventional approach. If one chain suffers
from a packet loss, the other chain may still be correctly received. In conventional coding, a packet
loss 5always causes error propagation to the rest of the inter picture prediction chain. Two types of
ordering and timing information have been conventionally associated with digital video: decoding and
presentation order. A closer look 10at the related technology is taken below. A decoding timestamp
(DTS) indicates the time relative to a reference clock $hat a coded data unit is supposed to be
decoded. If DTS is coded and transmitted, it serves for two purposes: First, if the decoding order of

pictures 15 differs gr Hﬁﬂhﬁér Mogdgﬁg@Tﬁwa GRS Hheiferadinguanaey ekplicitiyt Becond, DTS
guarantees a cera, ”%%ﬁ deﬁgg’%ﬁ&%‘ &eﬁ#%%brsﬁﬁyfoc{g@w%?Qsﬂ?@téﬁgrgeaﬁsﬁtm@ gAEdsApse to the
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is room in the posﬁdé@o@@b’tﬁi‘ﬂfé?qm}ﬁé%fﬁ@%@l pReRREgRghga ?%?908%% nd&%n the
communicatid syslemyarchvigecccodippstpatiandtin trsereat MPihe -pitey sk Predeiad optionally be
transmitted as onegigiy.in the header of a PES packet. In the JVT coding standard, DTS can 25 -
optionally be carried as a part of Supplemental Enhancement Information (SE, and it is used in the -

operation of the opfiona H othe IRefere | t DTS s
dedicated its own BOPG B DL @%ﬁgl gﬂsrmm,bﬁ%%%%%d iofrllerfior)

Hme to Box. In ma SXS%%QS ﬁlé%é P based
streaming system@@?@aﬁ%&”@a‘i’ | 4fdgp: ?IS assume to be the same as

transm|SS|on16rderamewm@mm@gW@iﬁﬁw%Iay an |mportant role. H.263 optional Annex U
and Annex W.6.12 specify a picture number that is incremented by 1 relative to the previous reference
picture in decodingsOrd@hding timestamp (DTS) indicates the time relative to a reference ciock
that a coded data unit is supposed to be decoded. If DTS is coded and
transmitted, it serves for two purposes: First, if the decoding order of pictures
15  differs from their oufput order, DTS indicates the decoding order explicitly.
Second, DTS guarantees a certain pre-decoder buffering behavior provided
that the reception rate is close to the transmission rate at any moment. In
networks where the end-to-end latency varies, the second use of DTS plays
no or little role. Instead, received data is decoded as fast as possible provided
20  thatthere is room in the post-decoder buffer for uncompressed pictures.

Carriage of DTS depends on the communication system and video coding
standard in use. In MPEG-2 Systems, DTS can optionally be transmitted as
one item in the header of a PES packet. In the JVT coding standard, DTS can

P5  optionally be carried as a part of Supplemental Enhancement information
(SEI), and it is used in the operation of the opfional Hypothetical Reference
Dacoder. In ISO Base Media File Format, DTS is dedicated its own box iype,
Decoding Time to Sampie Box. In many systems, such as RTP-based
streaming systems, DTS is not carried at all, because decoding order is

30  assumed to be the same as transmission order and exact decoding time does
not play an important role.

H.263 optional Annex U and Annex W.6.12 specify a picture number that is
incremented by 1 relative to the previous reference picture in decoding order.
35  In the JVT coding standard, the frame number coding element is specified
similarly to the picture number of H.263. The JVT coding standard specifies a



35In the JVT coding standard, the frame number coding element is specified similarly to the picture
number of 11.263. The JVT coding standard specifies a 7 particular type of an intra picture, called an
instantaneous decoder refresh (IDR) picture. No subsequent picture can refer to pictures that are
earlier than the IDR picture in decoding order. An IDR picture is often coded as a response to a scene -
change. In the JVT coding standard, frame number is 5 reset to 0 at an IDR picture in order to improve
error resilience in case of a loss of the IOR picture as is presented in Figs. 5a and 5b. However, it
should be noted that the scene information SEI mess'%ge of the JVT coding standard can also be used
for detecting scene changes. 101-1.263 picture number can be used to recover the decoding order of
reference pictures,Similarlyyshecd\Gh framepumhartian be istehtaneuc eetodateeddisly order of
frames between 2R P Y KiskElAnAiind e FoRRChitR e dlusire)darisranding order.
However, becaus mé) ngPenta%ref : rr!eng%gpldARa'@Fgcgﬂﬁﬁgugv%ﬁgﬁngg&goggdaas fields that
are of different 1535?“ hafRe 2a Afe number. t eir.decodi g-grger cannoBQF.geconstructed
from the frame nufABRFEST iR 2-§C9B3 BilAIFE: A0er oF M’%ﬁ?@“ﬁu%pé%ﬁ a horireference picture
is specified tdbe egset o that pictlDR Gidkim® MiASEP SNIREVEreURLEURIER & RFDittRe in decoding
order plus 1. If sevygsaldgianerier iterpiatlises esentehseCigh G manddzlingweder, iHepdlare the same
picture or frame nyhet.d hePicilEe-PE fFmm MEENITE of assagerefeiensd pioting saaliardhe same as

the picture or frame number of t&?fé?lé%%&ﬂgé%ﬁ@%@i@%-e in decoding order. The decoding order of
i e 25r

consecutive non-reéferénce pictures can ecovered using the Temporal Reference (TR) coding
element in 1-1.263 or the Picture Order Count (POC) conce

_ . | _ lJot of the é.VT crg%in sh?ndard. A
presentationfimestha®8 FChaP iRAFRRESINDHHREAIRIRRPHS LIPEERSATOZ ‘/\%éﬁ HPicture is
supposed to be digpiayed. Sipriargntaieniifcsaamtp wBbals6ahIRY HSERpiRy ARNEetalB, output
timestamp, and cogepegitigBrder of frames between an IDR picture (inclusive) and the next IDR

picture (exclusive) in decoding order. However, because the complementary

reference field pairs (consecutive pictures coded as fields that are of different

15  parity) share the same frame number, their decoding order cannot be
reconstructed from the frame numbers.

The H.263 picture number or JVT frame number of a non-reference picture is
specified to be equal to the picture or frame number of the previous reference
20 picture in decoding order plus 1. I several nonreference pictures are
consecufive in decoding order, they share the same picture or frame number.
The picture or frame number of a non-reference picture is also the same as
the picture or frame number of the following reference picture in decoding
‘order. The decoding order of consecutive nor-reference pictures can be
25 recovered using the Temporal Reference (TR) coding element in H.263 or the
' Picture Order Count (POC) concept of the JVT coding standard.

A presentation timestamp (PTS) indicates the time relative o a reference
clock when a picture is supposed to be displayed. A presentation timestamp is

30 also called a display timestamp, output timestamp, and composition
fimastamp.

Carriage of PTS depends on the communication system and video coding
standard in use. in MPEG-2 Systems, PTS can optionally be fransmitted as
35  one item in the header of a PES packet. In the JVT coding standard, PTS can
optionally be carried as a part of Supplemental Enhancement information



timestamp. Carriage of PTS depends on the communication system and video coding standard in use.
In MPEG-2 Systems, PTS can optionally be transmitted as 350ne item in the header of a PES packet.
In the JVT coding standard, PTS can optionally be carried as a part of Supplemental Enhancement
Information 8 (SEI), and it is used in the operation of the Hypothetical Reference Decoder. In ISO
Base Media File Format, PTS is dedicated its own box type, Composition Time to Sample Box where
the presentation timestamp is coded relative to the corresponding decoding timestamp. In RTP, the
RTP Stimestamp in the RTP packet header correspofids to PTS. Conventional video coding standards
feature the Temporal Reference (TR) coding element that is similar to PTS in many aspects. In some
of the conventionakgeagingsteRdarsts i e MRAGAnddeps it deRetdeaesDatddsthe beginning
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streaming seiver dindeatammivethefHTRyraskalhraraceeseapendsigdl i a network. The network is
typically 20 packet-oriented and provides little or no means to guaranteed quality of service. The
players fetch eithepprezsiarpat Qe Buinadinsridephilinmibersaiperambpiay tebae in real-time
whie the canten i h61a0 SoMDlosfet i fies" 698 LBiER OBspap:be FLOShB ANt point o
multicast. li p0|nt-t8- ol t_sfereamlng, he server prqvide rate c %c}% tf% g&grhplayer. 25In
multicast streaminﬁ??ﬁ@@@ﬂ?ércﬂﬁ'ﬁgrﬁ’?@%aéﬁgéahﬁf &%gﬁ%vb%odﬁe'r o%ﬁ%}éeés and network
elements duplicatdhadegiening ohiy Gews ALBIGkeS (GOP). In the JVT coding standard, there

is no concept of time in the video coding layer. The Picture Order Count

(POC) is specified for each frame and field and it is used similarly to TR in

direct temporal prediction of B slices, for example. POC is reset to 0 at an DR

picture. ' '

15

Transmission of multimedia streams

A multimedia streaming system consists of a streaming server and a number
of players, which access the server via a network. The network is fypically
20  packetoriented and provides little or no means io guaranteed guality of
service. The players fetch either pre-stored or live multimedia content from the
server and play it back in reakime while the content is being downloaded.
The type of communication can be either point-to-paint or multicast. h point-
to-point streaming, the server provides a separate connection for each player.
25 In multicast streaming, the server transmits a single data stream to a number
of players, and network elements duplicate the stream only if it is necessary.

When a player has established a connection fo a server and requested for a
multimedia stream, the server begins to transmit the desired stream. The

30 player does not start playing the stream back immediately, but rather it
typically buffers the incoming data for a few seconds. Merein, this buffering is
referred to as initial buffering. Initial buffering helps to maintain pauseless
playback, because, in case of occasional increased transmission delfays or
network throughput drops, the player can decode and play buffered data.

35



When a player has established a connection to a server and requested for a multimedia stream, the
server begins to transmit the desired stream. The 30 player does not start playing the stream back
immediately, but rather it typically buffers the incoming data for a few seconds. Herein, this buffering is
referred to as initial buffering. Initial buffering helps to maintain pauseless playback, because, in case
of occasional increased transmission delays or network throughput drops, the player can decode and
play buffered data. 9 In order to avoid unlimited transmission delay, it is uncommon to favor reliable
transport protocols in streaming systems. Instead, thd systems prefer unreliable transport protocols,
such as UDP, which, on one hand, inherit a more stable transmission delay, but, on the other hand,

also suffer from daieRRAHBIRIEE ORlipFBIRTERsARSLBT G4y ttdsalscoambe itstesanatabiesf UDP to
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time-stamp with e48f > TC S’ information about how large a orf%on o(fi &ackets were
correctly received i@ SIRBIR FRES ISR £ brAbI T ST %o%%%.s?%gﬁsﬁigsmr? errors 15
There are twé marotyydiondirieasmission errors, namely bit errors and packet errors. Bit errors are
typically associated with a circuit-switched channel, such as a radio access network connection in
mobile communicgigns,RNE ey HakaIsesPydnBedesiens of pnRiesl whaohes)-toeh as radio
interference. 20 Sych pedegionkMEBaEN AL 6T Yen bibdaseringatittialigeletions in
transmitted data. Packet efrors are typically catsed Q elements in ket- W! g,qldn fyjorks. For
%ﬁﬁge %ﬁ/ .Qr gr 0? acke? IPRE e ,9.

example, a packePﬁ?ﬁFé?ﬁ%%ﬁ% C g%’éf% et r_ngy ef too many _? ets as Input and
cannot outpdfthertp ag8seCiRM & A8MRIREISTENREHERP it?'%f@%grb\féﬁ%, a‘\%éc’ orfig"betkets get 25

lost. Packet dupliciafimmatinh mhokéhdelieegs i Riiffioreat DReketHWATE SASRAHPEFY s @Nbssible but
they are typically agpgifipecd tarbeed esacanivarctmnimokessasses. Packet errors may also be
caused by the implementation of the used transport protocol stack. For example, some protocols use

checksums that ar. I,gaéculatlgd ir%krl transmitter and encapsulated with source-coded 30data. If there
is a bit inversion eio'run{qﬁ%—o%%-rge, receiver cannot end up

There are two main types of transmission errars, namely bit errors and packet
arrors. Bit errors are typically associated with a circuit-switched channel, such
as a radio access network connection in mobile communications, and they are
caused by imperfections of physical channels, such as radio interference.

20  Such imperfections may result info bit inversions, bit insertions and bit
deletions in transmitted data. Packet errors are typically caused by elements
in packet-switched networks. For example, a packet router may become
congested; i.e. it may get too many packets as input and cannot output them
at the. same rate. In this situation, its buffers overflow, and some packets get

25  lost. Packet duplication and packet delivery in different order than fransmitted
are aiso possible but they are typically considered to be less common than
packet losses. Packet errors may also be caused by the implementation of the
used transport protocol stack. For example, some protocols use checksums
that are calculated in the trarsmitter and encapsulated with source-coded

30  data. If there is a bit inversion error in the data, the receiver cannot end up
into the same checksum, and it may have to discard the received packet.

Second (2G) and third generation (3G} mobile networks, including GPRS,
UMTS, and CDMA-2000, provide two basic types of radio fink connections,
35 acknowledged and non-acknowledged. An acknowledged connection is such
that the integrity of a radio link frame is checked by the recipient (either the



into the same checksum, and it may have to discard the received packet. Second (2G) and third
generation (3G) mobile networks, including GPRS, UMTS, and CDMA-2000, provide two basic types
of radio link connections, 35acknowledged and non-acknowledged. An acknowledged connection is
such that the integrity of a radio link frame is checked by the recipient (either the 10 Mobile Station,
MS, or the Base Station Subsystem, BSS), and, in case of a transmission error, a retransmission
request is given to the other end of the radio link. Due to link layer retransmission, the originator has to
buffer a radio link frame until a positive acknowledgélfent for the frame is received. In harsh 5 radio
conditions, this buffer may overflow and cause data loss. Nevertheless, it has been shown that it is
beneficial to use t%ww@mg radlindipl RS SRRRIMEUR fOR R BBBNGSE oasssof 2
non-acknowledged,con Sg"e ?o?“&*} (?QES%Q%R%&HQ&? é"&usﬁm@%@ Sl dligcarded.
10Packet losses can er?h e cor or c aled. Loss correctt nh%esf? Osn%%q%ggggbmty to
restore lost data pEEiRk aQLl[Prf‘8 '5&5&%6{8 RS 8 ! ment refers to the

0SS conc

capability to concdakifienegreats »Pasiiiemssioviedasday fﬂ‘éﬁﬁgﬁ@ﬁdﬁl'{??ﬁﬁ’ﬁ diBiEn the
reconstructedvideadieguaditend 3hgHaiifer praycrvdsiootaadraias feis lasmalereqlassfor a packet
- retransmission. Becauseeéihentniinkiuifienin Getficairsmanétee pakoewiedgdit relipiled before its

scheduled playba &{H&Sl SRS EMURSIRIRI] NEBFABEE T RO RYRG RAIRTBSEAP mesiEransmission
requests .us!ng pr q‘ﬁ’ ary 208{1%'[0%%04%3\3/9'{% {%&%g%rgwﬁdg R g?gxtaé}gardlze a selective

retransmission re t’'mechanism as a part o ature for all of these

retransmission request protocols is that they
- 10  Packet losses can either be corrected or concealed. Loss correction refers o

the capability to restore ost data perfectly as if no losses had ever been
introduced. Loss concealment refers to the capability to conceal the effects of
fransmission losses so that they should not be visible in the reconstructed
~ video sequence.
15
When a player detects a packet loss, it may ‘request for a packet
retransmission. Because of the initial buffering, the retransmitied packet may
be received before its scheduled piayback time. Some commercial Internet
streaming systems implement retransmission requests using proprietary
20 protocols. Work is going on in IETF to standardize a selective retransmission
request mechanism as a part of RTCP.

A common feature for all of these retransmission request protocols is that they

are not suitable for multicasting o a large number of players, as the network
25 taffic may increase drastically. Consequently, multicast streaming

applications have to rely on norrinteractive packet loss conirol. )

Point-to-point streaming systems may also benefit from norrinteractive error
control techniques. First, some systems may not contain any interactive arror
30  conirol mechanism or they prefer not to have any feedback from players in
order to simplify the system. Second, retransmission of lost packets and other
forms of interactive error contro! typically take & larger portion of the
transmitted data rate than non-interactive error control methods. Streaming
servers have to ensure that interacfive error control methods do not reserve a
35  major portion of the available network throughput. In pracfice, the servers may
have to limit the amount of interactive error contro! operafions. Third,



are not suitable for multicasting to a large number of players, as the network 25traffic may increase
drastically. Consequently, multicast streaming applications have to rely on non-interactive packet loss
control. Point-to-point streaming systems may also benefit from non-interactive error control
techniques. First, some systems may not contain any interactive error 30 control mechanism or they
p-efer not to have any feedback from players in order to simplify the system. Second, retransmission
of lost packets and other forms of interactive error control typically take a larger portion of the
transmitted data rate than non-interactive error contrbl methods. Streaming servers have to ensure
that interactive error control methods do not reserve a 35major portion of the available network
throughput. In pragiégenibaseassg may haitette Inaitibbe aintarsoibnstdetetben dnosedstrol operations.
Thi“l’l , 11 transmiggignfe Va?%é"_élit imgrgam@%rrg&iewaﬂtmmwe@n ﬁwgp@emat?aag the Ela}yer,
as all interactive error control pperati kﬂ:ﬁh@ e done before
the data sample issﬁfr&é:leecf %%%?péﬁé%@rﬁ%egréagﬁif/%egg@éﬁ%sas%%tro ]m(kagc Eﬁ%@gn be categorized
to forward error control and loss concealment by post-processing. Forward error control refers to

techniques inBwhidhoa-rigTantivee rRAgHS! s IRSS réQIHAA RS HoANSASM RS St LRREYEEVeSs can recover
at least part of theftawsrdigedrdattrolendfthecbaceainasiiig st FESessiFgr dTPWAEEAIMREN by post-
10processing is toalyrseesrvarieriesiaruthesevmetha datymittestiduateube muvedanepresentation of
erroneously receivied daife9stVifigp CREIRSIAN Alasvihmsieanesare smroraligiedicted INTER
orP data even if there are transmission losses. Error concealment by post
10  processing is totally receiver-oriented. These methods try to estimate the
correct representation of erroneously received data.

Most video compression algorithms generate temporally predicted INTER or P
pictures. As a result, a data loss in one picture causes visible degradation in

15  the consequent pictures that are temporally predicted from the corrupted one.
Video communication systems can either conceal the loss in displayed
images or freeze the latest correct picture onto the screen undil a frame which
is independent from the corrupted frame is received.

20  In conventional video coding standards, the decoding order is coupled with
the output order. In other words, the decoding order of [ and P pictures is the
same as their output order, and the decoding order of a B piciure immediately
follows the decoding order of the latter reference picture of the B picture in
output order. Consequently, it is possible 1o recover the decoding order based

25  on known output order. The output order is typically conveyed in the
elementary video bitstream in the Temporal Reference {TR) field and also in
the system mulfipiex layer, such as in the RTP header. Thus, in conveniicnal
video coding standards, the presenied problem did not exist.

30  One solution that is evident for an expert in the field is fo use a frame counter
similar to H.263 picture number without a reset to 0 at an IDR picture (as done
in the JVT coding standard). However, some problems may cccur when that
kind of solutions are used. Fig. 5a presents a situation in which continuous
numbering scheme is used. If, for example, the IDR picture 137 is lost {can not

35 be received/decoded), the decoder continues to decode the succeeding
pictures, but it uses a wrong reference picture. This causes error propagation



pictures. As a result, a data loss in one picture causes visible degradation in 15 the consequent
pictures that are temporally predicted from the corrupted one. Video communication systems can
either conceal the loss in displayed images or freeze the latest correct picture onto the screen until a
frame which is independent from the corrupted frame is received. 20In conventional video coding
standards, the decoding order is coupled with the output order. In other words, the decoding order of |
and P pictures is the same as their output order, and the decoding order of a B picture immediately
follows the decoding order of the latter reference pictlfe of the B picture in output order. Consequently,
it is possible to recover the decoding order based 25 on known output order. The output order is

typically convey_edtjp dhe-slem rﬁgm@@Qg}qg;b{tﬁr%m &hthg,mor@hm;ﬁm (ﬂdd))rfieh‘_xé and also in
the system multpley {fteL, AR 38 4% 8T gadste] stk on FRaRAME epragding standards,
em di

the presented prob not exist, 300ne sqlution that is evident for an rt in.the field is to use a
frame counter simif f&?ﬂ?z%%ﬁ&fdﬁefﬁ?ﬁ%et?eg\ﬁftﬁgﬁ % Pé%%ﬁb%gt’, ana _lﬁjﬁﬁéﬂﬂpe_ ag;%one in the
JVT coding standdfef} Pisievt isdese Biesiesrdshagtfies irainbath i Eirt?bgo‘f%%lﬁtii’)' Wise used. Fig.
5a presents ebsituationbiringhiaftee dheineiest currapibridgossiseniiciara 236. 1Ther e €athe 1DR
picture 137 is lost (aan asiabbasceaiveedisicsas ed)heddecs danciadira dstaidglepde the succeeding

pictures, but it useg;a\¥OPgd &fRIERE RSN INIGBHSESIRIEYLRIRRAGAWNE Zberapreeeding
frames until the ne])‘géi framefe')évg&il%abgsn@qS&e&%ent from the corrupted frame, is received and decoded

i : : : )
correctly. In the examr?)?elso the frame number is reset to 0 at an IDR picture. Now, in a

situation in which IDR picture 10 is lost, the decoder notifies that there is a big gap in picture 5
numbering aftér th&ubtseauentestly decoded picture P36. The decoder can then assume that an error
has occurred and can freeze the cisplay to the picture P36 until the next frame which is independent
from the corrupted-framsris desaly ethadstdapedadiutios ubsabqueneasaTtenddf, cekictgcstandard also
includes a sub-sequance conGBRla RISAARP SHhEIEE I6TRA5S: SalaRililieramspied i dbe use of
non-reference pmt%l"rugtslgter-predicted chains of pictures can be disposed as a whole without

15  affecting the decodability of the rest of the coded stream.

A sub-sequence is a set of coded pictures within a sub-sequence layer. A

picture shall reside in one sub-sequence layer and in one sub-sequence only.

A sub-seguence shall not depend on any other sub-sequence in the same or

20  in a higher sub-sequence layer. A sub-sequence in layer 0 can be decoded

independently of any other sub-sequences and previous long-term reference

pictures. Fig. 6a discloses an exampie of a picture stream containing sub-
sequences ai layer 1.

25 A sub-sequence layer contains a subset of the coded pictures in a sequence.
Sub-sequence layers are numbered with non-negative integers. A layer
having a larger layer number is a higher layer than a layer having a smaller
layer number. The layers are ordered hierarchically based on their
dependency on each other so that a layer does not depend on any higher

30 layer and may depend on lower layers. in other words, layer 0 is
independently decodable, pictures in layer 1 may be predicted from layer O,
pictures in fayer 2 may be predicted from layers 0 and 1, etc. The subjective
quality is expected to increase along with the number of decoded layers.

35  The sub-sequence concept is included in the JVT coding standard as follows:
The required_frame_num_update_behaviour_flag equal to 1 in the sequence



that inter-predicted chains of pictures can be disposed as a whole without 15affecting the decodability
of the rest of the coded stream. A sub-sequence is a set of coded pictures within a sub-sequence
layer. A picture shall reside in one sub-sequence layer and in one sub-sequence only. A sub-sequence
shall not depend on any other sub-sequence in the same or 20 in a higher sub-sequence layer. A
sub-sequence in layer 0 can be decoded independently of any other sub-sequences and previous
long-term reference pictures. Fig. 6a discloses an example of a picture stream containing
subsequences at layer 1. 25A sub-sequence layer chtains a subset of the coded pictures in a
sequence. Sub-sequence layers are numbered with non-negative integers. A layer having a larger

layer number is a pigh@eiay aethagnaiiayes ivengdesmedipreage maymiir Coh@RyBr Sebe ordered
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set signals that théheodendded pistise Biiphdt aorissingl fapeguehecs "Iarf%"ifga‘é)e r(‘_)frﬁ?é
required_frame_niradicnomte behatiopictiiog ircinfeses A herise flamer FARESRARENSLber
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icture is inferred. Qtherwise, frames corresponding to "missing.’ r led as if the
\F/)vere normal framé&%%’?tg’datc?aﬁ%%eégc:g%ge'é)eqgﬁjnr(é%b%ﬁn&r&?%t gu%ﬂ grgﬁlé%%%%g Q‘{%%?%g;]g mode. AIIy
the pictures #®a di%ﬁ@eﬂ”&ﬁﬁ‘s%hh@n%%c%’@cg@%&u% Fﬁf:;‘%‘ééﬂ%ydaée'mlggmg g%o#ame number in
" the decoded pictunerésittnm butaihey sue-$rak@N08Rd in inter prediction for other sub-sequences. The
JVT coding standard also includes optional sub-sequence related SE! _
The JVT coding standard also includes optional sub-sequence related SEI
messages. The sub-sequence information SE! message is associated with
15  the next slice in decoding order. It signals the sub-sequence layer and sub-
sequence identifier (sub_seq id) of the sub-seugence to which the siice

belongs.

Each IDR picture contains an identifier {dr - pic_id). If two 1DR pictures are
20 consecutive in decoding order, without any intervening picture, the value of
idr_pic_id shall change from the first IDR picture to the other one. If the
current picture resides in a sub-sequence whose first picture in decoding
order is an IDR picture, the value of sub_seq_id shall be the same as the
value of idr_pic_id of the IDR picture.
25 :
The solution in JVT-D093 works correctly only if no daia resides in sub-
sequence layers 1 or above. If transmission order differs from decoding order
and coded pictures resided in sub-sequence layer 1, their decoding order
relative to pictures in sub-sequence layer 0 could not be concluded based on
30 sub-sequence ideniifiers and frame numbers. For example, consider the
foliowing coding scheme presented on Fig. 6b where output order runs from
left to right, boxes indicate pictures, capital letters within boxes indicate coding
types, numbers within boxes are frame numbers according to the JVT coding
standard, underliined characters indicate non-reference pictures, and arrows
35  indicate prediction dependencies. If pictures are fransmitted in order 10, P1,



messages. The sub-sequence information SEI message is associated with 15the next slice in
decoding order. It signals the sub-sequence layer and sub- sequence identifier (sub_seq_id) of the
sub-sem:price to which the slice belongs. Each DR picture contains an identifier (dr_pic_id). If two IDR
pictures are 20 consecutive in decoding order, without any intervening picture, the value of idr_pic_id
shall change from the first IDR picture to the other one. If the current picture resides in a sub-sequence
whose first picture in decoding order is an IDR picture, the value of sub_seq_id shall be the same as
the value of idr_pic_id of the IDR picture. 25 The soitffion in JVT-D093 works correctly only if no data
resides in subsequence layers 1 or above. If transmission order differs from decoding order and coded
pictures resided ipgulpsequencesayPe Litthaindebediogatuded rielativiehdngdieparsiemh S sequence
layer O could not ?’? R %E%"e‘f’oﬁ&éed on 30 sub-sequence identifiers and frame numbers. For
example, consider the following coding scheme presented on Fig. 6b where output order runs from left

to right, boxes indicate pictures, capital letters within boxes indjca [ rs within
boxes are frame ntAMEILEABHEHER ThES\PIEXEHR§* Qﬁgea%}&? é%ﬁg%f@%%ae@?&@ ﬁ]dicate
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recovered based on oufput tjmestam %%9( e%i(i%ig gr@ﬁgé @m@p,@@g@d%&m%g@d output
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independent GOP in output order. '

15
Buffering

Streaming clients typically have a receiver buffer that is capable of storing a
relatively large amount of data Iniially, when a streaming session is
o0  established, a client does not start playing the stream back immediately, but
rather it typically buffers the incoming data for a few seconds. This buffering
helps to maintain continuous playback, because, in case of cccasional
increased transmission delays or network throughput drops, the client can
decode and play buffered data. Otherwise, without initial buffering, the client
25 has to freeze the display, stop decoding, and wait for incoming data. The
buffering is also necessary for either automatic or selective retransmission in
any protocol level. If any part of a picture is lost, a refransmission mechanism
may be used io resend the lost cata. If the retransmitied data is received
hefore its scheduled decoding or playback fime, the loss is perfectly
30  recovered.

Coded pictures can be ranked according 0 their importance in the subjective
quality of the decoded sequence. For example, nonreference pictures, such
as conventional B pictures, are subjectively least important, because their
35  absence does not affect decoding of any other pictures. Subjective ranking
can also be made on data partition or slice group basis. Coded slices and



15 Buffering Streaming clients typically- have a receiver buffer that is capable of storing a relatively
large amount of data. Initially, when a streaming session is 20 established, a client does not start
playing the stream back immediately, but rather it typically buffers the incoming data for a few
seconds. This buffering helps to maintain continuous playback, because, in case of occasional
increased transmission delays or network throughput drops, the client can decode and play buffered
data. Otherwise, without initial buffering, the client 25 has to freeze the display, stop decoding, and
wait for incoming data. The buffering is also necess&ﬁ/ for either automatic or selective retransmission
in any protocol level. If any part of a picture is lost, a retransmission mechanism may be used to
resend the lost dajalfiheteiansmisiedsiblectvescdiecthdmfarpatast aguhed stst sdifigor playback
time, the loss is pgfeciiy;30Eeeane] efudr adasRicluRsreas deisanirdaacouhngpartiiersimportance in

the subjective quality of the decod q | heTelerange gy such as
conventional B pI%!i}%easf’ea?lébé%%ﬁ\ggﬁ&i\%ﬁ%%%ﬁﬂznnﬁ&{a%w Ge@% f %ﬁ:@ etﬂ bl

. Ibje y tant, because thei S not affect
decoding of any ctRENEIATRYs "SIAGEE it ?%%nag%g%g?ﬁgg%%gnﬁggga{%gﬁt%igﬁgg slice group
basis. Codedslicémpaiten sligaranshrriomatitionsaeupree el fﬁebﬁw[?ﬁefﬁ%%ﬂﬂfecg}?'ﬁe sent earlier
than their decoding:edeleihdmaisgvaheepisacdistesticnsaed dnthepaafidneenartpiceibjectively the
least important cagrbeisgidaigsrdgan their natural coding order indicates. Consequently, any
retransmitted parts of the most 5 important slice and data partitions are more likely to be received

before their schedryl[g%ggé:é)glggf%rﬁglayback time compared to the least important slices and data

partitions. 0 Fre-Decoder SUiening
Pre-decoder buffering refers to buffering of coded data before it is decoded.
Inttial buffering refers to pre-decoder buffering at the beginning of a streaming
session. iniial buffering is conventionally done for two reasons explained
below. -
15

In conversational packet-switched multimedia systems, e.g., in P -based video
conferencing systems, different types of media are normally ‘carried in
separate packeis. Moreover, packets are typically carried on top of a best-
effort network that cannot guarantee a constant transmission delay, but rather

20 the delay may vary from packet to packet. Consequently, packets having the
same presentation {playback) time-stamp may not be received at the same
time, and the reception interval of two packets may not be the same as their
presentation interval (in terms of fime). Thus, in order to maintain playback
synchronization between different media types and to maintain the correct

25  playback rate, a multimedia terminal typically buffers received data for a short
periad (e.g. less than half a second} in order to smooth out delay variation.
Herein, this type of a buffer component is referred as a delay jitter butfer.
Buffering can take place before and/or after media data decoding.

30  Delay jifter buffering is also applied in streaming systems. Due fo the fact that
streaming is a non-conversational application, the delay jitter buffer required
may be considerably larger than in conversational applications. When a
streaming player has established a connection to a server and requested a
multimedia stream to be downloaded, the server begins to transmit the
35  desired stream. The player does not start playing the stream back
immediately, but rather it typically buffers the incoming data for a certain



Pre-Decoder Buffering 10 Pre-decoder buffering refers to buffering of coded data before it is decoded.
Initial buffering refers to pre-decoder buffering at the beginning of a streaming session. Initial buffering
is conventionally done for two reasons explained below. 15 In conversational packet-switched
multimedia systems, e.g., in IP-based video conferencing systems, different types of media are
normally carried in separate packets. Moreover, packets are typically carried on top of a best-effort
network that cannot guarantee a constant transmission delay, but rather 20 the delay may vary from
packet to packet. Consequently, packets having the sine presentation (playback) time-stamp may not
be received at the same time, and the reception interval of two packets may not be the same as their
presentation intervgetinderprafitimnfiw Beasnids oHieeity thiaimtztierpigybaciespddorenimitign between
different media typesang 4o manGfeg (PeRs i ibirgals sisom Dulimesissomieypically
buffers received dal 0f . ShorLperiofde gless (Nl ises oy oy deslomaply put delay
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begins to transmit t &éﬁ&%ﬁimﬁjﬁﬁ?‘m- The player does not start playing the stream back
immediately, but rather it typically buffers the incoming data for a certain 16 period, typically a few

seconds. Herein, this buffering is referred to as injtial buffering. Initial bufferin ‘PrQ[vide%tQte ability to
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moment. 10Initial byfferingin sisapineclicRtsvamyie'ss yrianathenadvaiagshinthe data

15 rate may originate from two sources.

First, the compression efficiency achievable in some media types, such as
video, depends on the contents of the source data. Consequently, if a stable
quality is desired, the bitrate of the resulting compressed bitstream varies.

20  Typically, a stable audio-visual quality is subjectively more pleasing than a
varying quality. Thus, initial buffering enables a more pleasing audio-visual
quality 1o be achieved compared with a system without initial buffering, such
as a video conferencing system.

25  Second, it is commonly known that packet losses in fixed IP networks oceur in
bursts. In order to avoid bursty errors and high peak bit- and packet-rates,
welldesigned streaming servers schedule the transmission of packets
carefully. Packets may not be sent precisely at the rate they are played back
at the receiving end, but rather the servers may iry to achleve a steady

30  interval between transmitted packets. A server may also adjust the rate of
packet transmission in accordance with prevailing network conditions,
reducing the packet transmission rate when the network becomes congested
and increasing it if network conditions allow, for example.

35



cannot be achieved in conversational systems: it allows the data rate of the media transmitted from the
server to vary. In other words, media packets can be temporarily transmitted faster or slower than their
playback rate as long as the receiver buffer does not overflow or underf low. The fluctuation in the data
- 15rate may originate from two sources. First, the compression efficiency achievable in some media
types, such as video, depends on the contents of the source data. Consequently, if a stable quality is
desired, the bit-rate of the resulting compressed bit-stream varies. 20 Typically, a stable audio-visual
quality is subjectively more pleasing than a varying qUaIity. Thus, initial buffering enables a more
pleasing audio-visual quality to be achieved compared with a system without initial buffering, such as a

video conferencing;sysiestic 2 FResiente iDisccos i) Kuiiko BudferiaglRésites&gBN)fixed IP networks

occur in bursts. In order to avoid bursty errors and high peak bit- and packet-rates, well-designed

streaming servers schedule the transmission of t R, ﬁ{éﬁ%mgyé}%@ggggnt precisely
at the rate they ar@ﬁ%&'ée&% g}gts{gn%%m%m(:?en %E‘ﬁrﬁrther tﬁégge%/er ma Itr to ggrhieve'a
]

hereceivin ,
steady 30 interval E)%'fV\?ééHetr%Fﬁgﬁﬂf%dTBﬁéﬁgt@\@ eFREPHTRIUISS AiWRPIRE" Ate S %acket
transmission fn acowdaiticat ahtiane\allinGuk éRRRFe Rt iR FRF SR RRYE dh Bnission rate
when the network {reciapigeotaggslealipral mowmeasing itifrattwOekasb piktioes alevemsivestample. 17
Hypothetical RefergfigerasadeutdRi et deeddiigearinesiéeriiic mpMBMndjany tisleareoding standards
include a HRDIVEY 5pSiiEain a3 ARGl A OINR SABda Hhe ABOMRY spegication is
hypothetical deco&er 5'm gl that contains a U%WO%&] QUfifgr'U} C{%degbg flows in to
the input buffer tyd?Eii§ at¥c ﬁg?gn{%itutsaﬁé%de_ pictures are removed from the i gtg buffer at
their decodirl§ timdaieirRssabificIRoES BETheCERRSINE 5y B@ma%ﬁ%&m@%ﬁaﬁﬂ XUt buffer is of
certain size dependiew. dintodqpsositel hadamnseenthab a IR eREN BIBrART PR {8 EB%cify 10
interoperability poipfisriroBVPspeessigmrddneingror¢RIAMYtapoistesi wikes Bhcsters shall
guarantee that a ggngiiatechhitelicpaL6aE0 ERIMA Y Wd RIBPIRVGREsHieal picis arding/td HRD/VBY
parameter values o1 GoUaIL plell. ARGt L RFCANRS Mg 16 SunRar (ks fgdaln profile and

level shall be1§ble %o ecode the bitstream that conforms to the HRD/VBV model.

The HRD comprises a coded picture buffer for storing coded data siream and
a decoded picture buffer for storing decoded reference pictures and for
reordering decoded pictures in display order. The HRD moves data between
the buffers similarly to the decoder of an decoding device does. However, the
20 HRD need not decode the coded pictures entirely nor output the decoded
pictures, but the HRD only checks that the decoding of the picture stream can
be performed under the constraints given in the coding standard. When the
HRD is operating, it receives a coded data stream and stores it to the coded
picture buffer. in addition, the HRD removes coded pictures from the coded
25  picture buffer and stores at least some of the corresponding hypothetically
decoded pictures into the decoded picture buffer. The HRD is aware of the
input rate according to which the coded data flows into the coded picture
buffer, the removal rate of the pictures from the coded picture buffer, and the
output rate of the pictures from the decoded picture buffer. The HRD checks
30 for coded or decoded picture buffer overfiows, and it indicates if the decoding
is not possible with the current settings. Then the HRD informs the encoder
about the buffering violation wherein the encoder can change the encoding
parameters by, for example, reducing the number of reference frames, o
avoid buffering violation. Alternatively or additionally, the encoder starts to
35  encode the pictures with the new parameters and sends the encoded pictures
to the HRD which again performs the decoding of the pictures and the



15 The HRD comprises a coded picture buffer for storing coded data stream and a decoded picture
buffer for storing decoded reference pictures and for reordering decoded pictures in display order. The
HRD moves data between the buffers similarly to the decoder of an decoding device does. However,
the 20 HRD need not decode the coded pictures entirely nor output the decoded pictures, but the HRD
only checks that the decoding of the picture stream can be performed under the constraints given in
the coding standard. When the HRD is operating, it receives a coded data stream and stores it to the
coded picture buffer. In addition, the HRD removes'&ded pictures from the coded 25 picture buffer
and stores at least some of the corresponding hypothetically decoded pictures into the decoded
picture buffer. The,HIRDMis avsake. ofshe yepubotiter attEondiivg (e IsieerdRs aredisgata Hsws into the
coded picture buffer {Q%gggggV@éﬁ?geagatgﬁogig‘éuﬁérffmééesﬁomﬂ michuféetingfaiciafien the output rate
of the pictures from ﬁ1e ecoded picture buffer. The HRD checks 30 for coded or decoded picture
buffer overflows, %ﬁ‘ﬂ?%ﬂdicates if the decoding is not possible with the current settings. Then the
HRD informs the encoder about the buffering violation wherein the,gr;god%é:ewfh% the encoding
parameters by, fofvexdypgteptitgenay SrRARIFASCOPRFRAFEFPEMES, (6 avoid bu gﬁf% violation.
Alternatively or agglifiesvallyodtieienedeie cstiotanasaVsdd cantopranres #ith RN Parameters and
sends the encoded, pictyresdo e LR whithragairepeTlarsas tipesiedotintporaneepldiPes and the 18
necessary check% Aﬁ %E?é%tf%ﬁoﬂéﬁega{%rmﬁesﬁ%&m?W'ﬂi@bﬁ&&%ﬂﬂdé\edm&mmeded frame and
encode later fram Lo that o urfering violati A, f slaepdemigpfegmance have
er fra e RS ARG NIBERSd ALYBRBR e
been specified in iwiersVE EdiAR Yald rf]_: output order conf rmancecglcg)#epo 04Eapge) and output
time conformance¢wSHENARE ABPETAHHL LS B ggmgkprﬁance ave been specified using
the HRD specificasinpui® eeaiasoidesparassrscpieBirefBrouptherdpiiye? et @?gqeto recover the
output order of picises e T esHiRBspedifie atigpuh dingescat A et e thodel that
outputs the earliesdgF ﬁggﬁg&%@ﬂ%ﬁéﬁ@%&mﬁ dennehemre pawestsr fyetdplosddeia picture is
needed. The output i %ﬁé@é&%ﬁmﬁ gﬁg&pg%ﬁpgi%@g{tg&g@g%eéqgapmwt@ﬁzum?es atthe

' same pace as thed498D C oes, The qutput timestamp of a.picture must always be equal to or
smaller than the titfendreimeniiag ‘B@’?Eﬁl §éﬁ?%vr%({ﬁgnﬁnﬁr%p%§%§goder". Interleaving Frame

interleaving is a commonly used technique in audio streaming. In the frame interleaving technique, one
RTP packet contajpgasididdrames that are not consecutive in decoding or output order. If one packet
in the audio packet stream is lost, the correctly received packets contain neighbouring audio frames

which can be used.for canceali I gg&,@agg@@ (B @ poducforgeaaoiating). Wkany audio
coding RTP paylo & énnedlﬂﬁ?eﬂ%g‘ﬂn & 9XaH i

. 2 ane lype specificalioneg ﬁ@&@%&%ﬁi@i&w@ﬁm@étﬁ@t_m@dmum_
t of interlealiRgsGHE Eﬁ‘g ie farme ? (T?ﬂ N decod
RO NICH G UL T e B r%%%@%}ﬂﬁ%fﬁ“ﬁ%‘f patRatciecoding

stream is lost, the correctly received packets contain neignbouring audio
frames which can be used for concealing the Jost audio packet (by some sort
of interpolating). Many audio coding RTP payload and MIME type
specifications contain the possiniiity to signal the maximum amount of
interleaving in one packet in terms of audio frames.

in some prior art encoding/decoding methods the size of the needed buffer is
informed as a count of transmission units.



18a Summary According to a first aspect, there is provided a method comprising: electronicaily
encapsulating, by an encoder, media data as data transmission units, the data transmission units
being ordered in a transmission order which is atligast partly different from a decoding order of the
media data in the data transmission units, defining a size of a buffer corresponding to a maximum
occupancy of the buffer, wherein the maximum occupancy is determined according to a buffering
algorithm for arranging the data transmission SHE¥®25 the transmission order to the decoding order,
wherein according to the buffering algorithm, data transmission units are stored into a pre-decoding
buffer until the. !%e-dtecodiﬁr%tbuffer tgaTha number ofdtr%nsmi_ssg n units indicated b%/t an.interleaving
depth value an Pt rAnemisaion Units Afe FeRQVEF frofn T ﬁr%-ﬁ%@gﬂ'ﬁ{agouﬁg acd6ht Yng to a
number irdficapisigatingdduoding erdetencomdimgitiaa seconth abpestidsire isptavited dadystem
comprisings sk RPPGRSUS FRNBPASIEY A, ?%%E&Qﬁ‘fdﬂb*é?%%ﬁ%%P%Q@%é"f{ﬁd!ﬁﬁ@?éﬂtas data
or

transmissjon units, the data transmission units being ordered in a transmission order which is at least
partly diffSRRESHHCF e ARG e TEHiR datr it Aalh A DR P HAIS FHR M RS B A  configured
to define a dizkecofcaioesfemddrgespendidriora maximaucy afcopandieofehpreitlesedigibuffer, wherein
the maxi %Wp is (e ' otdi efi r} r arranging data
transmisglzsc%)!r%gJ units 'frgg;nt_ Eﬁgﬁ%ﬁggﬁg@g&dgt?tﬁ%%gygd%%%%’ @%ﬁ%ﬁ%’g p%reaté%%onfigured
to, accordRg¥BERCPUS PR JeRitFARS DisHOa A eranshRsdssRANGSTRAES AvPrectiererfrdBuffer until
the pre-desaeingifefiag haspatmwmies efifenspissioniknie isdieataddy arelaiimansudepth value
and remove, fafa trarrggrréicsosi(l)nn untiﬁ Er%rgsthg pre- %cl;o&jntg %uﬁer accord.itng.to a number indicating the
decoding oOrder. %\c%orglng ?o g terde aspect, thereis provmae %S%BBatrjghfs @gh(f?g%ge ytoaé‘ncapsulate
media daiaifoeadngesioradenandsiatp danshossien covfiqueenreaddiesaltie waidenedizodata as
data trangiesiaBceniindas HansmissiandaiadeeosingArparatys, the data transmission units
configured to be buffered for arranging the data transmission units in decoding order and to be
decoded, the data transmission units being ordered in a transmission order which is at least partly
different frarpedohecdingeomer adftbe, tredaislBloddtd in tystelatadnamisnigsio firsnidsparpecessor and
at least ongReMANGKIEhKIRG RIAAILAT BN B AIREH ORe MR ANG INEIARAT Fode

p pp e a butfer

configured to, with'the processor, cause the apparatus at least to: define a size o
corresporlngA8 Hanakisiien Hets Pamney Breredblffel antBiesie i daaNiiehisoridesahesty determined
accordingitieadpu fieiing algosthy darEings gridddatadrangiaigsiantunimfsemnti@iteangmission order

o the decadipg prdss A whelsin fscarding o the bufferna lgerih e deta tansmission untsare
stored into the’buffer in a transmission order until the buffer has a nUmber of fransmisaion units
indicated #8cafinstePERingvbeisin Vi enamdnumovesffansithis biglerninesrdagasiagnumber indicating

the decodingepripEigsiHransmaikshgisizmeldhe buffeniosibe daeoding RBRAALHSs A5 Yding to a fourth
aspect, ther? is provided a decoder configured to decode data transmissjon units comprising encoded
S A

media daf, g9 BRI 8 cBHiRG b ARRP BT SO S YPre L AP ERE IR 4 DR WS BRSuNits
comprisirglghetiemcetieel datalicadatsissiv tondsrarige @medtre_mﬁngjéxiﬁaruuni%ﬁned&eeﬁngd@rgler; and a
processop,gaafiguted 1o,alaria MMy IR AS RRIEAcad) %L AYHEHASGRING IR diGseNgd

parameter indicative of a size of the pre-decoding buffer, wherein the sizeof the pre-decoding buffer is
defined tdUBAES G tEBSMSRIALHT B AIRRaNES Arendssrdinecbidigy BerrsRiaec dngUBRebuffering
algorithmifeiicatiag giegitvediadectermsmission units in the decoding order, and wherein the decoder is
configured to, according to the buffering algorithm, store data transmission units into the pre-decoding
buffer until the pre-decoding buffer has a number of transmission units indicated by an interleaving
depth vald&erding o detbitdereerimikeis risupityifehanappardisospng it facrmenitgatea number
indicatingniaaid egaditeronansresord e igififth Asreebdbereigiglirnides spEpearser $eadable
memory storgd \git exeguEathe instructions for gdecodingg_data transmission units comprising encoded
media daf3°H iR AR ER BT HT L Pritiadsr FRISELSH9 RIS A E SRS PEPR IR Hi oding
buffer acc@idiritptsaiseteivettp axanhigterdndidativeitiradsioe efireipge tte cdaimdrinsfeissivnerein the
size of the preiHerRANEPHRF SEafinRAdO-6aHESRANIR AMaXay aﬁweéﬂgyo?éé% Rre-decoding

buffer according to a butfering algorithm for arranging the data transmission units in a decoding order;
and to reGlROHESSAY Wgﬁéﬁﬁﬁ‘é&’dﬁ ﬂﬂﬁ@%&?ﬂﬁﬁﬁgrﬁ’f@ ERR0R dasorinmciesa Fhibarmessia-decoding
buffer and 18c to arrange data transmission units in decoding order; according to the buffering
algorithm, to store data transmission units into the pre-decoding buffer until the pre-decoding buffer
has a number of transmission units indicated by an interleaving depth value and remove data
transmission units from the pre-decoding buffer according to a number indicating the decoding order.
The maximum size of the predecoding buffer of a decoder can be informed as bytes b the decoder. If
the byte based scheme is used and the reordering process is not defined for the decoder, the buffering
model has to be explicitly defined, because the encoder and decoder may use different buffering



19 schemes. If a certain size in bytes is defined for the buffer and the decoder uses a buffering
scheme in which transmission units are stored to the buffer until the buffer is full and only after that the
oldest data is removed from the buffer and decod®8. That kind of buffering may last longer than
necessary 5before the decoding is started. Another possibility to inform the maximum size of the
predecodin? bufferiels to u§e transmission, units, therein the izei ?ft eot%]lgfer IS infogr%?u%% maximum
amount of¥18n GRS BRI, BSSE e MaSintn 28 Sr18He HaHaNfssion unit is
not definguicamahthecsizetiod thicdeshomissiomenitamdyheapyodrane eadsisrnficsias Wwerwitiefiifed and if the
size is tog,smallfor A.ceuain dal Kk theslalasnidins 1o dadvideddeiomaebrigng gansmission

unit, which increases encoding and transmission overhead i.e. decreases the compression, efficiency

and/or indPEXERYByRESHPEBAIpREAS. PETHe IMARIRTLANSIZ B THE AFRARIS NISE SR IE e large
enough whessimrigedotabstzeing thigditfier faapriengime tessirily targenShierbuffids Sipenishaefined so
that the tqtal size of at ast two_transmissio its | ined. X buffer size is defined
200n the%ggf'g orte tgfé% g%%%nea %?ﬁ@hﬁ?o t igzt}bta ﬁ;&%&%ﬁgﬁ&%@ﬁ%ﬁ;{ [t% tgﬁféﬁg account a
network telgentissitiejiain BReBRiRRGRo-aiscATD GimiRsHNtAdhfuRYSeF b1 2 transishisd Hdfits used in

the calculgtigniod therataksize deradeaGiops RRYIBREAS thriiseressanbiensizmin depms of the
number of transmission unét?. Ac%orgir}%to an embodiment tge nUanFr o{ . _
value and removed from the buffer according to a number indicating the decoding order;

and transmit the size of the buffer to the decoding apparatus.

Accordi'ng to a fourth aspect, there is provided a decoder configured to decode data
transmission units comprising encoded media data, comprising: a pre-decoding buffer
configured to receive the data transmission units comprising the encoded media data
and to arrange data transmission units in decoding order; and a processor configured to
allocate memory for the pre-decoding buffer according to a received parameter
indicative of a. size of the pre-decoding bﬂﬁer, wherein the size of the pre-decoding
buffer is defined to correspond to a maximum occupancy of the pre-decoding buffer
according to a buffering algorithm for arranging the data transmission units in the
decoding order, and wherein the decoder is configured to, according to the buffering
algorithm, store data transmission units into the pre-decoding buffer until the pre-
decoding buffer has a number of fransmission units indicated by an interleaving depth
value and remove data transmission units from the pre-decoding buffer according to a

number indicating the decoding order.

According to a fifth aspect, there is provided a processor readable memory stored with
executable instructions for decoding data transmission units comprising encoded media
data, which when executed by a processor causes: to allocate memory for a pre-
decoding buffer according to a received parameter indicative of a size of the pre-
decoding buffer, wherein the size of the pre-decoding buﬁer is defined to correspond to
a maximum occupancy of the pre-decoding buffer according to a buffering algorithm for
arranging the data transmission units in a decoding order; and to receive the data

fransmission units comprising the encoded media data into the pre-decoding buffer and



transmission units used in the calculation of the total size is a fractional 30number of the necessary
buffer size in terms of the number of transmission units, wherein the fractional number is of the form
1/N NI being an integer number. According to an®mbodiment the number of 35transmission units
used in the calculation of the total size is the same as the necessary buffer size in terms of the number
of transmission units,, 20 In an embodiment the o] SISSion,UN ' alculation of
the total g‘i’z@fga@g%rgggaedhg’sq n SS%?é}rirﬁjg%rdEEr ﬁﬂgﬁénéﬁilgﬁrﬁi rﬁ l:'r)lﬁ?fcei?ll%fgm c')?; er relates to
the orderaiberBtranémigsiendatatsrarsrpistioredmitHetadbsderersiegedbaikyiier. W iliferi§y order in the

predecodgr Buffer nihs: disslasvimesablamAsinise thentizenaldhied eseivnatbudianig teptiecoder. 10In
the following, an'independent GOP consjsts of_tpl?ture?hfrom aé’l D%-R'C%”ﬁ anlusrlgieét%tge next DR
picture (%H%ﬁ@ fﬁ'ﬂ@}f%dﬁﬁ gmjmss:on unifs from the pre-decodihg q er accerdin

number indicating the decoding order.

The maximum size of the breciecoding busfer of a decoder can be infarmeci as
bytes b the decoder. if the byte based scheme is used and the reordering
process is not defined for the decoder, the buffering model has to be explicitly
defined, because the encoder and decoder may use different buffering



A parameter signalling the maximum amount of required buffering, is proposed. Several units for such
parameter were 15 considered: duration, bytes, coded pictures, frames, VOL NAL units, all types of
NAL units, and RTP packets or payloads. Specifying the amount of disorder in duration causes a
dependency between the transmission bit rate and the specified duration to conclude the required
amount of buffering in bytes. As the transmission bit rate is not generally known, the duration-based
approach 20 is not used. Specifying the amount of disorder in number of bytes would require the
transmitter to check the transmitted stream carefully So that the signalled limit would not be exceeded.
This approach requires a lot of processing power from all servers. It would also require specifying a
buffering verifier faggemE Sl Spasthing tberanymnisofiefivort &y ithedusigprnd ibes 6ee%Bhmes is too
coarse a unit, Sincﬁs@s'sm%ﬂh?fé@ﬁ%ﬂ%am%metmﬁéiﬁ%ﬂ@mdﬁtﬁsstm*sidcedctbsbpphmﬁarbitrary slice

c

|

ordering would requie g AR 1 a0 I RO iR aleas ks o recovery o

the decoding orde the amount of disprder in numbe t considered
as appropriate, beEHﬁfl%’ea&ﬁé?%?ﬂd[%'egw e"&%%&“&a&%‘{s%%g% ?sﬂqtﬁeggeﬁnegﬁ%%%tthe prevailing
network condftionshefereghesieRuPGEEHay contain a varying amount of data. Different SEI
messages may be transmitted depending on the prevailing network conditions. For example, in
relatively bad condifigiseribissbenefieiahteriransmibSmlmessageththaedeecdiyetadioiseiror resilience,
such as the scene information S| JUGRSAGE 1 6is e BERENEUYGS dianreed s muemioaimof all types of
NAL units depends on Frev gél[g%networgk cgg%tiggsq‘jf%,e@ ot ol Skl kipgrameter set
NAL units being tr it ol ri”E?F_cﬁ%r."llthere‘fore, all types O‘?ﬂﬁ% units” was noLSeen as a good
unit either. CthhsedtieAtnssyesRyng e Rrhagines %’ﬂgotrgeg?iﬁwe_’n SFVOIRAL dnits wgs considered
as the best alternatisry. Ghemeximismaszaiamiedrines AT dbiiRc@aitdRe B 58bded slices,
coded data partitiopgs:af efsk0f1afig URBCEarankats hiheproposbitiparinivetaore theafolRR@ing: num
reorder VELNAL pilishilhe dfif SRR rasienses AREHNE QMO krivAmivsits inairpeaddde any VCL
NAL unit in the packet stream,in N it.deli ' f{n RTP
degIeRse Mg ccﬁﬁ?ﬁj@&%ﬁ ¥§fé{e‘?|rﬂfe AAR ToHownG, \LGdtdAbokipieiin

b T t der of the. i ining.the VOL NAL
unit, The prop3sed T HRUEHERAR 3%%%@%%{%%5%?%5%%%?&'%@ R ETER aiRGIne

the total size of the buffer may be unnecessarily large.

The buffer size is defined so that the total size of at

least two transmission units is defined and the maximum buffer size is defined
20 on the basis of the total size. In addition fo the iotal size it may be necessary

{o take into account a network transmission fitter.

According fo an embodiment the number of
" sransmission units used in the calculation of the total size is a fractional
25 pumber of the necessary buffer size in terms of the number of transmission

units.

According to an embodiment the number of

transmission units used in the calculation of the total size is a fractional
30 number of the necessary buffer size in terms of the number of fransmission

unite, wherein the fractional number is of the form 41/N N being an integer

number,

According to an embodiment the number of
35  transmission units used in the caloulation of the total size is the same as the
necessary buffer size in terms of the number of transmission unis.



MIME type announcement or as optional SDP fields. The proposed parameter 15can indicate decoder
capability or stream characteristics or both, depending on the protocol and the phase of the session
setup procedure. The buffer size of a buffer built according to the num-reorder-VCL-NAL-units
parameter cannot be specified accurately in bytes. In order to allow designing 20 of receivers where
the buffering memory requirements are known accurately, specification of decoding time conformance
is proposed. Decoding time conformance is specifiegousing a hypothetical buffering model that does
not assume a constant input bit rate, but rather requires that streaming seners shall include the model
to guarantee that the transmitted packet stream 25 conforms to the model. The specified hypothetical
buffer model smooths out possibly bursty packet rate and reorders NAL units from transmission order
to the decoding orgesrserihatimenetidtingrbiswéaaneaisseriniiéto the hypothetical decoder at a

constant bit rate. %%%hthgtﬁg"%ﬂ%%‘éﬂI%G@Ebtalesfﬂsqwaumd&dewibebltkﬁ;erémir@@fcﬁfder- decoder
0

based system, but it is obvious.that in iof) GARRISe keimelamented desytsigmstiwhich the
video signals are g%reﬁa_mﬁggsssggpeé \I;}ﬁ il '

: . T ideq signals can r ed signals steeepefore
encoding, as @ncofRFEISHAR WlFdS 8% rr%jolaiﬁhge, 8?%5%@&%(?&?%%%@ stored after 35encoding
and decoding proamsisr FéreRzfpredahfebder prodwes bitstreams in decoding order. A file system

receives audio and/or video 22 bitstreams which are encapsulated e.g. in decoding order and stored

as a file. In addition, the.ensodier angihedile Ry iagsearoprg usesmiptpdatr vibitt ifoodrs subjective
importance of the pictures and NAL units, contains information on sub-sequences, inter aiia. The file

can be stored into a 5 database from which a sfreami ¢ the NAbunitsaad
encapsulatemem fﬁt@‘?f?ﬂ%ﬁ@(é’lg.l @@g&ﬂaﬁ?é?fe@gn%%%:ﬁ f|'|iet L{j%’%‘t i the dar?ﬁonnection in

use, the streaming(siveirada %@th@?@ﬁ?ié%}‘fﬁ'ﬁ o ?ﬁ%%é%?g g%ifferent from the decoding

order, remove subsequences, decide what SEI-messages will be transmitted, if any, etc. In the
10receiving end the\BIRrheeketgrarking teivme dimdrhafferedt dfypically, the NAL units are first

reordered into correct grdenand afier falpeddbl salieraredrivaediolihpaiecatisr. were
15  considered: duration, bytes, coded pictures, frames, VCL NAL units, all types
of NAL units, and RTP packets or payloads. Specifying the arount of disorder
in duration causes a dependency between the transmission bit rate and the
specified durafion 1o conclude the reauired amount of buffering in bytes. As
ihe transmission bit rate is not generally known, the duration-based approach
20  is not used. Specifying the amount of disorder in number of byles would
reciuir’e the transmitier to check the transmitted stream carefully so that the
signalled limit would not be exceeded. This approach reguires a Eot‘of
processing power from all servers, it would also require specifying a buffering
verifier for servers. Specifying the amount of disorder in coded pictures or |
25  frames is to0 coarse 4 unit, since 2 simple slice interleaving method for
decoders that do not support arbitrary slice ordering would require a sub-
picture resolution to achieve minimal latency of buffering for recovery of the
decoding order. Specifying the amount of disorder in number of RTP packets
was not considered as appropriate, because different types of aggregate
30 packets may exist depending on the prevailing network condiions. Thus, one
RTP packet may contain a varying amount of data. Different SE| messages
may be transmitted depending on the prevailing network conditions. For
example, in relatively bad conditions, it is beneficial fo transmit Skl messages
that are targeted for error resilience, such as the scene information SEl
35 message. Thus, the amount of disorder in number of ali types of NAL units
depends on prevailing network condifions, i.e., the amount of SEI and



Furthermore, in the following description the disclosure is described by using 15 encoder-decoder
based system, but it is obvious that the invention can also be implemented in systems where the
encoder outputs and transmits coded data to another component, such as a streaming server, in
decoding order, where the other component reorders the coded data from the decoding order to
another order and forwards the coded data in its reordered form to the 20decoder. The method -
according to the present disclosure is primarily charggterized in that the buffer size is defined so that
the total size of at least two transmission units is defined and the maximum buffer size is defined on

the basis of the 25 total size. The system according to the present invention is peaarily characterized
in that the systemparamsteaabNbs BitcRRBEIPIRIAIRY fﬁ% %U?Fgregijg%‘%} tﬁg? téﬁ Sg%gra‘\fsize of at

least two transmissiqnaliniksitss definect sadnas Aanek #NBEHBLS SO ISERATEY PR ESSis of the total
size. The encoder,agGonging dpdiaerBeese munpentiGiL isi tinitdywenaensisiered 4 ihas8ithe encoder
further comprises a definer fog defining thesbaffehsirpearhnbtiaeTotakiize sibaddehso thod transmission

units is defined and the maximum huffer si efipedeosthe hasiz afdhedtotal size. The decoder
according to fhe p@gﬁﬂtsm\?én%%elgs r?r?ia ﬁg‘%@dé\c%erizeﬁ% that the decoder further comprises a

processor for allocating memory for the pre;decodin%ffer 35accordin{g}}§a r givcﬁg p@rameter
indicative of the buffer sizepssl tesamater sizahg dRlmA%IHE RV ISy YL o A T st two
transmission units éﬁe&ﬁe@qﬁaeﬁtaamuhmmammmaafrémsm@t‘%tb@hﬁ@ﬂ:%ﬁ?tﬁ%yb\é%'}%‘rhe total size.
The transmitting d%}zﬁggﬂqﬁgqﬂlﬂg{ totherre sent imveatinretg priteashycolwactaeidéd-ififhat the

urt

transmitting device er (IS ' i thand Uifenshetice thabthef tttal size of at
least two tranSmisdiBh Wni?ﬁsn ggﬁﬁ%%%n _tlﬁg%?%r'g%:niemﬁr size iftchiée?‘iined on the basis of the total

size. The receiving%@@@éﬂﬁ&ﬁﬁ%ﬁfgc@m@’B?éfsgnttlg:ventlon i$ primarily characterized in that the

decoder further comprising a processor for allocating memory for the pre-decoding huffer according to

a received parametgiginsigative phthmdefieasile, MW@%@ﬁ%%‘@ﬁbﬂﬁW?@fHﬁtﬁe total size

10 of at least two tr@m@mHaﬂﬁd&ﬁ@fm@m@ﬂbM&amm@%@ﬁf@’ﬁ%@f the basis of

the total size, The Sorf1t\{v re %rﬁ;&ggg?régwtgrtggﬁmmgmm isrsothardypendiecterized in

that the buffelsize 18 Yehne sog%%ét’lgg%asles&ﬁngfs %@&%%t&g@g[ﬁ@ipn units is defined and the
IS of a

maximum buffer sif%S {EYBIRIRE S e total size. The 'storage 15 medium according to the
present invention is primarily characterized in that the buffer size is defined s\zctj;ﬁébe ;[_I%taal size of at
least two transmissire tnitsrisizefih edoaifarthelineseaidinpdartae SyYE Rz & Basis of the total
size. The eIectronicpgﬁéﬁ%@e@@@ﬁ%ﬂ@et@ﬁbeﬁmmﬂmﬁDbM%r‘ﬁ*r@ﬁl@»’éﬁéf“é’&m‘ﬁgthat the
electronic devjge fufhgr cOMPURRSARES FbivhAdadiy nadi e inefier sizksonth@&cteatstal size of at
least two tranSmission upits, is defi t XA I§izedssietinelending dinses of the total
size. Substitutive siﬁﬂ%cﬁﬁ?é ok Off %%%o | g o 5 g90p

0 any iNg order information;i v i ispresented in
the following accordiRBeETHR SfitFaftsg 855 8%(%?] e%%ﬁ%iegﬁé%ér?@gﬁiﬁ%i%@mg Order
i rofrt

-Number (DON) indieatesiehe devsiaigrrdepib gy PUhTRING RIS "RIVER of [5?}(. e NAL units
to the decoder. Hergigsifteisii©NHs asstehdd m&a@@-ﬂ@bﬁ@ﬂ;ﬁ@@?ﬁ‘f@&gr éﬂﬂlﬁj FiBss of
generality. LebDON, g RaadNA kranihbssD TrndiaOtvo hapothsichl Aufigitmode! smooths out

possibly bursty packet rate and reorders NAL units from fransmission order 10

the decoding order so that the resulting bitstream can be input to the

hypothetical decoder at a constant bit rate.

30 in the following description the disclosure is described by using encoder-
decoder based system, but it is obvious that the invention can also be
implemented in systems in which the video signals are stored. The.stored
video signals can be either uncoded si.gnals stqred before encoding, as
encoded signals stored afier encoding, or ag decoded signals stored afier

35 encoding and decoding process. For example, an encoder produces
bitstreams in decoding order. A file system receives audio and/or video



30 pe D2.1f D1 <02 and D2 - DI <32768, or if D1 > D2 and D1 - D2 >=. 32768, then the NAL unit

having DON equal to D1 precedes the NAL unit having DON equal to 02 in NA’\L unit delivery order. If

D1 <02 and 02 - D1 >. 32768, or if D1 > D2 and D1 - D2 <32768, then the NAL unit having DON .

equal to D2 p_rece_des the NAL unit having DON equal to D1 in NAL unit 35delivery order NAL units

assoc!ated w!th different primary coded pictures do not have the same value of DON. NAL units

_ assomgted with the same primary 24 coded picturegnay have the same value of DON. If all NAL units
of a primary coded picture have the same value of DON, NAL units of a redundant cod.ed picture |

associated with the primary co [ .
primary coded pidn'lig)@ .eméy Nﬁ%ﬁ%ﬁ% %tgﬁgg??}%%%d%%efr}t\%gﬁsa W@ﬁ%ﬁ%’%%%ﬁ%%fw oLf l[J)ncl)tﬁl (I); the
preferably the followimgithrPitterengetiatiterdi e Gt TSR A5 BIFEHER WESNAL units, if
any 3. Picture pargey sebNAkenipdfanyet.SINAbnies iady 186, Colied eiRaaRd slice data
gﬁzﬂgorgé\'uﬁ'a;r:‘t't?n%rl-g&aﬂﬁ'”69%&9%%%;%8&@,, ihany SieCavedmliceaandelise datamaration NAL units
5 Cc?a’cgbaggt%%ns’ ifany ¢ Fllerdafa Nakdiniisn @8y the NAL units and
- encapsulate them into RTP packets. According to the opfional metadata and
the data connection in use, the streaming server can modify the transmission
order of the packets different from the decoding order, remove sub-
sequences, decide what SElmessages will be transmitted, if any, eic. in the
10 recelving end the RTP packets are received and buffered. Typically, the NAL
units are first reordered into correct order and after that the NAL units are

defivered 1o the decoder.

Furthermore, in the following description the disclosure is described by using
15  encoder-decoder based system, but it is obvious that the invention can aiso

be implemented in systems where the encoder outputs and transmits coded

data to another component, such as a streaming server, in decoding order, -

where the other component reorders the coded data from the decoding order

to another order and forwards the coded data in its reordered form fo the
20  decoder. '

The method according to the present disclosure is primarily characterized in
that the buffer size is defined so that the tolal size of at ieast two fransmission
unite & defined and the maximum buffer size is defined on the basis of the
o5 iotal size. The system according to the present invention is primarily
characterized in ihat the system further comprises a definer for defining the
puffer size so that the total size of at ieast two transmission units is defined
and the maximum buffer size is defined on the basis of the total size. The
encoder according to the present invention is primarily characterized in that
30  the encoder further comprises a definer for defining the buffer size so that the .
total size of at jeast two transmission units is defined and the maximum buffer
size iz defined on the basis of the total size. The decoder according o the
present invention is primarily characterized in that the decoder further
comprises a processor for allocaing memory for the pre-decoding buffer
35  according to & received parameter indicative of the buffer size, and the buffer
size is defined so that the total size of at least two ransmission units is



_158.End of sequence NAL unit, if any 9.End of stream NAL unit, if any. The present disclosure
improves the buffering efficiency of the coding systems. By using the present invention it is possible to
inform the decoding device how 20 much pre-decoding buffering is required. Therefore, there is no
need to aIIocate_more memory for the pre-decoding buffer than necessary in the decoding device.
Also, pre-decoding t_)uffer overflow can be avoided. Description of the Drawings 25 Fig. 1shows an
example of a recursive temporal scalability scheme, Fig. 2depicts a scheme referred to as Video
Redundancy Coding, where a sequence c%3pictures is divided into two or more
30independently coqled threads in an interleaved manner, Fig. 3presents an example of a prediction
structure potentialyslABaOMHAC IS MaKRsso DEficisreys @fifadurbhabddbdidbe sealifieeent prior art
Qturzabrﬁrcl:r:)% f;g?nm ?ﬁ%’OE@%Hﬁﬁﬁgf ghneslesbuidlanstiramed bigsSadisviaatsars epampiey of a picture
g c‘?#arécterized in that the ransmitting device further comprising a definer for
defining the buffer size so that the total size of at least two transmigsion units
5 is defined and the maximum buffer size is defined on the basis of the total
size. The receiving device 'according to the present invention is primarily
characterized in that the decoder further comprising a processor for allocating
memory for the pre-decoding buffer according to a received parameter
indicative of the buffer size, and the buffer size is defined so that the total size
10 of at least two transmission units is defined and the maximum buffer size is
defined on the basis of the total size. The software program according to the
present inverttion is primarily characterized fh that the buffer size is defined so
that the total size of at least two transmission units is defined and the
maximum buffer size is defined on the basis of the total size. The storage
15  ‘medium according to the present invention is primarily characterized in that
the buffer size is defined so that the fotal size of at least two transmission
units is defined and the maximum buffer size is defined on the -basis of the
total size. The electronic device according to the present invention is primarily
characterized in that the electronic device further comprises a definer for
20  defining the buffer size so that the total size of at least wo fransmission units
is defined and the maximum buffer size is defined on the basis of the total
size.

Substitutive signalling to any decoding order information in the video bitstream
25 s presented in the following according to an advantageous embodiment of the
present invention. A Decoding Order Number (DON) indicates the decoding
order of NAL units, in other the defivery order of the NAL units o the decoder.
Hereinafter, DON is assumed to be a 16-bit unsigned integer without the loss
of generality. Let DON of one NAL unit be D1 and DON of another NAL unit
30  be D2. If D1 < D2 and D2 - D1 < 32768, or if D1 > D2 and D1 — D2 >= 32768,
then the NAL unit having DON equal to D1 precedes the NAL unit having
DON equal to D2 in NAL unit delivery order. if D1 < D2 and D2 - D1 >=
32768, or if D1 > D2 and D1 ~ D2 < 32768, then the NAL unit having DON
equal to D2 precedes the NAL unit having DON equal to D1 in NAL unit
35  delivery order. NAL units associated with different primary coded pictures do
not have the same value of DON. NAL units associated with the same primary



sequences at layer 1, Fig. 6bdiscloses an example of a picture stream containing two group of pictures
having sub-sequences at layer 1, 10 Fig Scdiscloses an example of a picture stream of different group
of pictures, Fig. 7discloses another example of a picture stream containing sub- 15sequences at layer

1, Fig. 8depicts an advantageous embodiment of he system according to the present invention, 20Fig.

9depicts an advantageous embodiment of the encoder according to the present invention, Fig.

10depicts an advantageous embodiment of he decogler according to the present invention, 25 Fig.
lladiscloses an example of the NAL packet format which can be

coded picture may have the same value of DON. If ali NAL units of a primary
coded picture have the same value of DON, NAL units of a redundant coded
picture associated with the primary coded picture should have the same value
of DON as the NAL units of the primary coded picture. The NAL unii delivery
5  order of NAL units having the same value of DON is preferably the following:
1. Picture defimiter NAL unit, If any
Sequence parameter set NAL. units, if any
Picture parameter set NAL units, if any
SEI NAL units, if any
Coded slice and slice data pariition NAL units of the primary coded
picture, if any.
8. Coded slice and slice data partition NAL units of the redundant coded
pictures, if any
7. Filler data NAL units, if any
15 & End of sequence NAL unit, if any
g. End of siream NAL unit, if any.

oSN

10

The present disclosure improves the buffering efficiency of the coding systems.
By using the present inventfion itis possible to inform the decoding device how

20 much pre-decoding buffering is required. Therefore, there is no need 10
allocate more memory for the pre-decoding buffer than necessary in the
decoding device. Also, pre-decoding buffer overfiow can be avoided.

Description of the Drawings

25
Fig.1  shows an example of a recursive temporal scalabifity scheme,
Fig. 2 depicts a scheme referred o as Video Redundancy Coding,
where a seguence of pictures is divided into two or more
30 independently coded threads in an interleaved manner,
Fig. 3 presents an example of a prediction structure potentiaky
improving compression efficiency,
3B Fig. 4 presents an example of the intra picture postponement method

that can be used to improve error resiliency,



used with the present invention, Fig. 11bdiscloses another example of the NAL packet format which
can 30be used with the present invention, and Fig. 12depicts an example of buffering of transmission
units in a predecoder buffer. 26 Detailed Description of the Invention The general concept behind
de-packetization rules is to reorder transmission 5units such as NAL units from transmission order to
the NAL unit decoding order. The receiver includes a receiver buffer (or a predecoder buffer), which is
used to reorder packets from transmission order to the NAL unit decoding order. In 10 an example
embodiment of the present invention the receiver buffer size is set, in terms of number of bytes, equal
to or greater than the value of a deintbuf-size parameter, for example to a value 1.2 * the value of
ceint-buf-size MIME parameter. The receiver may also take buffering for transmission delay jitter into

account and eitheﬁgs?%ré{ &R spParalpPutieuies Hansmissionaeiantbsitembyferisigigesombine the
buffer for transmission delay 'i&tgrr]cvgi @, Q{c_le I cselifv%{,rpuffer (and hence reserve some additional space
for-delay jitter buffering in thereceiver uﬁ’e%. Ré receiver stores incoming NAL units in reception
order into the receiver 20 buffer as follows. NAL units of aggregation packets are stored into the
receiver buffed indRigiGally. TiksslaRas oRDOXEEREICH afe P & tTERPTBr SAMBALINGnifs-

sequences at layer 1,

Fig. 6b discloses an example of a picture stream containing two group of
pictures having sub-sequences at layer 1,

10
Fig:6c  discloses an example of a picture stream of different group of
pictures,
Fig. 7 discloses another example of a picture stream containing sub-
15 sequences at layer 1,
Fig. 8 depicts an advantageous embodiment of the system according to
the present invention,
20 Fig. 9 depicts an advantageous embodiment of the encoder according
' to the present invention,
Fig. 10 depicts an advantageous embodiment of the decoder according
to the present invention,
25 ‘
Fig. 11a  discloses an example of the NAL packet format which can be
used with the present invention,
Fig. 11b  discloses another example of the NAL packet format which can
30 be used with the present invention, and

Fig. 12 depicts an example of buffering of transmission units in a
predecoder buffer.



Hereinafter, let N be the value of the optional num-reorder-VCL-NAL-units 25 parameter
(interleaving-depth parameter) which specifies the maximum amount of VCL NAIL units that precede
any VCL NAL unit in the packet stream in NAL unit transmission order and follow the VCL NAL unit in
decoding order. If the parameter is not present, a 0 value number could be implied. 30 When the video
stream transfer session is initialized, the receiver 8 allocates memory for the receiving buffer 9.1 for
storing at least N pieces of VCL NAIL units. The receiver then starts to receive the video stream and
stores the received VOL NAL units into the receiving?Buffer. The initial buffering lasts 35- until at least
N pieces of VCL NAIL units are stored into the receiving buffer 9.1, or 27 if max-do n-diff MIME
parameter is present, until the value of a function don_diff(m,n) is greater than the value of

max-don-diff, in which rr correspondéegﬁga y@chEtgg@gméhﬁ@mt value of AbsDON among the
uni

received NAL units and m correspo aving the smallest value of AbsDON among
the received NAL units, or until initial buffenngﬁ?as lasted for the duration e uaI to or reater than the

value of the optlon'afﬁrﬁflw’ﬁtlﬁ‘i’é’qﬂW'EeB% sRecketization lelfnt?iéﬁorg (TR ified as

follows: 101f BON @mjts=suDO BEryAdonniiffienh rarGs %swm?k*QM(%afﬁ@ "HON(m)
<3276 don_diff(m gar DON(n) - DON(m) 15If (DON(m) > DON(n) and DON(m) - DON(n) >= 32768),
don_diff(m,n) = 65536 - DON(m) + DON(n) If (DON(m) < DON(n) and DON(n) - DON(m) >. 32768),
don diff(m,n) = (Q‘%\I r(ecgwer ingfude%%'}léw\%p buffer (or & predecoder buffer), which is used
to reorder packets from transmission order to the NAL unit decoding order. In
10 an example embodiment of the present invention the receiver buffer size is
set, in terms of number of bytes, equal to or greater than the value of a deint-
buf-size parameter, for example to a value 1.2 * the value of aeint-buf-size
MIME parameter. The receiver may also take buffering for tfransmission delay
jitter into account and either reserve a separate buffer for iransmission delay
15 jitter buffering or combine the buffer for transmission delay jitter with the
receiver buffer (and hence reserve some additional space for delay jitter
buffering in the receiver buffer).

The receiver stores incoming NAL units in reception order into the receiver

20  buffer as follows. NAL units of aggregation packets are sicred into the

" receiver buffer individually. The value of DON is calculated and stored for all
NAL units.

Hereinafter, let N be the value of the optional num-reorder-VCL-NAL-units
25  parameter (interleaving-depth parameter) which specifies the maximum
amount of VOL NAL units that precede any VCL NAL unit in the packet
stream in NAL unit transmission order and follow the VCL NAL unit in
decoding order. If the parameter is not present, a 0 value number could be
implied.
30 :
When the video stream transfer session is initialized, the receiver 8 allocates
memory for the receiving buffer 9.1 for storing at least N pieces of VCL NAL
unite. The receiver then starls to receive the video stream and stores the
received VCL NAL units into the receiving buffer. The initial buffering lasts
35 - until at least N pieces of VCL NAL units are stored into the receiving buffer
9.1, or



If (DON(m) > DON(n) and DON(m)- DON(n) <32768), don_diff(m,n) = - (DON(m) - DON(n)) where
DON(r) is the decoding order number of the NAL unit having index i in 25the transmission order. A
positive value of don_diff(m,n) indicates that the NAL unit having transmission order index n follows, in
decoding order, the NAL unit having transmission order index m. 30 AbsDON denotes such decoding
order number of the NAL unit that does not wrap around to 0 after 65535. In other words, AbsDON is
calculated as follows: 28 Let m and n are consecutive NAL units in transmission order. For the very
first NAL unit in transmission order (whose index is 6% AbsDON(0) = DON(0). For other NAL units,
AbsDON is calculated as follows: 5If DON(m) == DON(n), AbsDON(n) = AbsDON(m) If pPON(m) <
DON(n) and DON(N)it R@MENAFRRATES) pAlkshieN (8) preabsD ONithervBOA ¢f)2 Dagtiph) 101f
(DON(m) > DON(n) gl RANKT) D GMNER>Trdi? 168) vAREDEI NiiAloskaBiN (m) wiiB536- DON(m) +
DON®) 1 (DON() - FQN() 10 RONK) IR 52 RRMAD ARG - DON(T)
the received NAL units and m corresponds to the NAL unit having the
5 amaliest vailie of AbsDON among the received NAL units, or
- until initial buffering has lasted for the duration equal o or greater than the

value of the optional init-buf-time MIME parameter.

The function don_diff{m,n) is specified as follows:
10 if DON(m) == DON({n), don_diff(m,n) = 0

If (DON(m) < DON{n) and DON{n) - DON(m) < 32768),
don_difftm,n) = DON(n) - DON(m)

15 If (DON(m) > DON{n) and DON{m) - DON{n) >= 32768),
don_diff(m,n) = 65536 - DON{m) + DON(n)

I (DON(m) < DON({n) anct DON(n) - DON{m) >= 32768),
don_diffi(m,n) = - (DON(m) + 65536 - DON(n))
20
" 1f (DON(m) > DON(n) and DON(m) - DON{(n) < 32768),
don_diff(m,n) = - (DON{m) - DON(n})

where DON() is the decoding order number of the NAL unit having index I in
25  the transmission order.

A positive value of don_diff{m,n) indicates that the NAL unit having
sransmission order index n follows, in decoding order, the NAL unit having
transmission order index m.
30 _
AbsDON denotes such decoding order number of the NAL unit that does not
wrap around o O after 85535, In other words, AbsDON is calculated as

follows:



If (DON(m) > DON(n) and DON(m) - DON(n) < 32768), AbsDON(n) = AbsDON(m) - (DON(m) -
DON(Nn)) where DON() is the decoding order number of the NAL unit having index i in 20the
transmission order. There are usually two buffering states in the receiver: initial buffering and buffering
while playing. Initial buffering occurs when the RTP session is initialized. After initial buffering,
decoding and playback is started and the 25buffering-while-playing mode is used. When the receiver
buffer 9.1 contains at least N VOL NAL units, NAL units are removed from the receiver buffer 9.1 one
by one and passed to the decoder 2. The NAL units 28e not necessarily removed from the receiver
buffer 9.1 in 30 the same order in which they were stored, but according to the DON of the NAL units,

as described beloy,The felivery @fthe preker ke eaagrisdiherosned tetildhefitsffer contains
less than N VOL I;@&Luur;]lgtsml N Rk N, Wﬁése%ﬁd&@ G RAEN Lagnkps phleast N VCL

NAL units, NAL units are removed from.the recel\g%tr %uff?r ﬁ\nd passed to the decoder in the order
URIRE Thitt

specified below urﬁfmfepfﬁdﬁﬁ?itﬁarﬁgwg £ ("/%lff_ ¥ Pax-don-diff is p-esent, all NAL units m

for which don_diff(m,n) is 5 greater than max-don-diff are removed from the receiver buffer and
passed to thesdecoidaOhitije-e IONSple diicdBis(oh= MesBi@Nirebrresponds to the NAL unit having the
greatest value of AbsDON among the received NAL units. A variable ts is set to the value of a system

timer that was initiglizeghig+§ < DON(n) and DON(n) - DON(m) < 32768),
AbsDON(n) = AbsDON(m) + DON(n) - DON{m)

10 If (DON(m) > DON(n) and DON(m) - DON(n) >= 32768},
AlseDON(n) = AbsDON(m) + 65536 - DON(m) + DON(n)

If (DON{m) < DON(n) and DON(n} - DON(m) >= 32768},
AbsDON(n) = AbsDON{m) - (DON(m) + 65536 - DON(n})
15
If (DON(m) > DON(n) and DON(mm) - DON(n} < 32768},
AbsDON(n) = AbsDON(m) - (DON{m) - DON(n})

where DON(i) is the decoding order number of the NAL unit having index T in
20  the transmission order. '

There are usually two buffering states in the receiver: initial buffering and

buffering while playing. Initial buffering occurs when the RTP session is

intialized. After initial buffering, decoding and playback is started and the
25  buffering-while-playing mode is used.

When the receiver buffer 9.1 contains at least N VCL NAL units, NAL units are
removed from the receiver buffer 9.1 one by one and passed to the decoder
5 The NAL units are not necessarily removed from the receiver buffer 9.1 in

30  the same order in which they were stored, but according to the DON of the
NAL units, as described below. The delivery of the packets to the decoder 2 is
continued until the buffer contains less than N VCL NAL units, ie. N-1 VCL
NAL units.

35 The NAL units to be removed from the receiver buffer are determined as
follows:



10 when the first packet of the NAL unit stream was received. If the receiver buffer contains a NAL unit
whose reception time tr fulfills the condition that ts - tr > init-but-time, NAL units are passed to the
decoder (and removed from the receiver buffer) in the order specified below until the receiver buffer
contains no NAL unit whose reception time tr fulfills the specified 15condition. The order that NAL units
are passed to the decoder is specified as follows. Let PDON be a variable that is initialized to O at the
beginning of the an RTP 20 session. For each NAL unit associated with a value of DON, a DON
distance is calculated as follows. If the value of DONP8f the NAL unit is larger than the value of PDON,
the DON distance is equal to DON - PDON. Otherwise, the DON distance is equal to 65535- PDON +
DON + 1. 25NAL unitg g feburiics festheodesasier ikasdendtly WAdenoisD GALdists e If several
NAL units share the Egmgv?éé'Hﬁrﬂftwogf%@ﬁﬁfe“%%b&lmmmerdacmdetrrﬂaa:any order.

When a desired number Oﬁg%lﬁlﬁ%hs Eﬁ‘ﬁg g@ﬁ%t vﬁ% theslerpdesnize value of PDON is set to

the value of DON for THEY : r]ﬂ passe ecoder. 3Q Addjtign e-F ization '
Guidelines The folloWirf§aatichal E?eff)%ftﬁ{gtiﬂlti (8 é‘?/b%ruvgié@}c?é g&ﬂ%ﬁ grfﬁ}a?operational
H.264 de-padketizer: QW@e20BID 7087dpesifi- B200505H8A 2B i GeeR YT PPHIEEK (e.g. in
gateways) may identifatestidoded dliceridata parttigrspeipd Spioha yeDPAGSTERRIY gateway

may decide not to sergdl{heRIrasRPRJIAG thedndaksevdaie paAitMGNBamuhires teeivédformation is
meaningless for H.264 de ggsers. In this way a network element can reduce 5network load by

discarding useless* paAc v%[r?ét\;li\./eit;]sf) %t gee%r%r‘{ﬁeav% L@pé?)é %ﬁ’ééﬁ?mner that was initialized to C
10 when the first paciet of the NAL unit stream was received. If the receiver
puffer containg a NAL unit whose reception time tr fulfills the condition that
ts - tr > init-but-time, NAL units are passed fo the decoder (and rémoved
from the receiver buffer) in the order specified below until the receiver
huffer contains no NAL unit whose reception time tr fulfills the speciiied
15 condition.

The order that NAL units are passed to the decoder is specified as follows.

Let PDON be a variable that is initialized to 0 at the beginning of the an RTP

20  session. For each NAL unit associated with a value of DON, a DON distance
is calculated as follows. If the vaiue of DON of the NAL unit is farger than the
vaiue of PDON, the DON distance is equal to DON - PDON. Otherwise, the
DON distance is equal to 65535 - PDON + DON + 1.

25 NAL units are delivered to the decoder in ascending order of DON distance. i
several NAL units share the same value of DON distance, they can be passed
to the decoder in any order. When a desired number of NAL units have been
passed to the decoder, the value of PDON is set to the value of DON for the
last NAL unit passed to the decoder.

30
Additional De-Packetization Guidelines
The following additional de-packetization rules may be used to implement an
operational H.264 de-packetizer:

35



Intelligent RTP receivers (e.g. in gateways) may identify lost Fractiona Units (FU). If a lost FU is found,
a gateway may decide not to send the following 10 FUs of the same NAL unit, as their information is
meaningless for H.264 decoders. In this way a network element can reduce network load by
discarding useless packets, without parsing a complex bitstream. Intelligent receivers having to

discard packets gaol}}ly,%l,;%%could first discard all 15packets/NALUSs in whighmdéakesof the NFtl field
of the NAL uni%vtype octet Is equal to 0. This may minimize the impact on user experience. In the

following a parameter to be used for indicating the m&kimum buffer size in the decoder will be
described. The parameter deint-buf-size is normally not 20 present when a packetization-mode
parameter indicatiygfJhq PaGKedzalior Bafergmelpiesentpidiiyab cidbe gekaatzation-mode
parameter is equal to.0 or j ] g&rﬁﬁg%dfg@,&r bwg@ﬁ}ggpeaggﬂ@@ ftthesend
packetization-mod%?groe?r%]éggg@g%éaﬁi % 25‘Ig'pe \éar#dg 9} #1 n(ae@t- USiEsRasamstet is specified in
association with tHOGARIEFRY FYPBHARE FIRS fleAving buffer moo’gg At the beginning, the

hypothetical deintereanaiess i 284 515eaA8" i d iR M AR DFYPEEERTRAE RS 0. The

following procdess isetsedk inotte tyodisicBOINT Heseless \ROEKRIAL Withow! (RafeRgs&iotPBIEK s inserted to
the hypothetical dejipégegaving buffer. i) Let s be the total size of VOL NAL units in the buffer in
terms of bytes. 35Hi) Ifs is greater than m, m is set equal to s. 31 iv) If the number of VCL NAL units in

the hypothetical deipigieayngbylEhi3Ies 419 CheRkpl/ hiFuaip abdntedemeasintn, the
PIOCESS S contlnue(zFU)r' If as tlggte!:vtlil'is found, a gateway may decide not fo send the following
10  FEUs of the same NAL unit, as their information is meaningless for H.264
decodars. In this way a network element can reduce nefwork icad by

discarding useless packets, without parsing a complex bitstream.

Intelligent receivers having to discard packets or NALUSs could first discard ali
15  packets/NALUs in which the value of the NR! fieid of the NAL unit fype octet is
equal to 0. This may minimize the impact on user experiance.

in the following a parameter to be used for indicating the maximum buffer size
in the decoder will be described. The parameter deint-buf-size is normally not

20  present when a packetization-mode parameter indicative of the packetization
mode is not present or the value of the packetizationmode parameter is equal
to 0 or 1. This parameter should be present when the value of the
packetization-mode parameter is equal to 2.

25  The value of the deint-buf-size parameter is specified in association with the
following hypothetical deinterieaving buffer model. At the beginning, the
hypothetical deinterleaving buffer is empty and the maximum Dbuffer

occupancy m is set to 0. The following process is used in the modet:

30 i) The next VCL NAL unit in trangmission order is inserted to the hypothetical
deinterieaving buffer.

i} Let s be the total size of VCL NAL units In the buffer in ferms of bytes.

35 i) If s is greater than m, m is set equal to s.



5v) The VCL NAL unit earliest in decoding order among the VOL NAL units in the hypothetical
deinterleaving buffer is determined from the values of DON for the VOL NAL units according to section
5.5 of RFC XXXX. vi) The earliest VOL NAL unit is removed from the hypothetical deinterleaving
10buffer. vii) If there are no more VOL NAL units in transmission order, the process is terminated.
15viii) The process is continued from stage i. This parameter signals the properties of a NAL unit
stream or the capabilities of a receiver implementation. When the parameter is used to signal the
properties of a NAL unit stream, the value of the par@ineter, referred to as v, 20is such that: a) the
value of m resulting when the NAL unit stream is entirely processed by the hypothetical deinterleaving
buffer model is lessthan.on GAKE 5 YepNAthRiesdeeRl Mpebthitibayaémmeteviigaity iemoving the
earliest VOL NAL unit from a deinterleayi u i Y isi the 25same
as the removal ordet-of YO ﬁﬂ%ﬁﬁﬁi?gr%%éﬁ@%%%ggﬁglaé%{?r{f%ﬁ%\% Eg%u%gﬁﬁ’ﬂéﬁfﬁseq uently, it
is guaranteed that/FeFeHRSR ¥hn reconstruct VOL NAL unit decoding order, when the buffer size for

VOL NAL unit decoding order 30recovery is at least the value of deint-buf-size in terms of bytes. When
the parametes is ugetiHe viginNAheichEmbikEsrofiecrsitverdrnprasnizridiGLiH e 88t able to
correctly reconstrughthgodPbidd lasifibrieaving buffer is determined from the values of DON

for the VCL NAL units according to section 5.5 of RFG XXXX.

vi) The earfiest VCL NAL unit is removed from the hypothetical deinterleaving
10 buffer. ‘

vii} ¥ there are no more VCL NAL units in transmission ordet, the process is
terminated. '

15 viil) The process is continued from stage i.

This parameter signals the properties of a NAL unit siream or the capabilities

of a receiver implementation. When the parameter is used 1o signal the

properties of a NAL unit stream, the value of the parameter, referred to as v,
20 issuchthat

a) the value of m resuliing when the NAL unit stream is entirely processed by

the hypothetical deinterleaving buffer model is less than or equal to v, or

b) the order of VGL NAL units determined by removing the earliest VCL NAL

unit from a deinterleaving buffer as long as there is a buffer overflow is the
25 same as the removal order of VCL NAL units from the hypothetical

deinterleaving buffer.

Consequertly, it is guaranteed that receivers can reconstruct VCL NAL unit
decoding order, when the buffer size for VCL NAL unit decoding order
30  recovery is at least the value of deint-buf-size In terms of bytes.

When the parameter is used to signal the capabiities of a receiver
implementation, the receiver is able to correctly reconstruct the VCL NAL unit
decoding order of any NAL unit stream that are characterized by the same
35  value of deini-buf-size. When the receiver buffers such number of bytes that



decoding order of any NAL unit stream that are characterized by the same 35value of deint-buf-size.
When the receiver buffers such number of bytes that 32 equals to or is greater than the value of
deint-buf-size, it is able to reconstruct VCL NAL unit decoding order from the transmission order. The
non-VCL NAL units should also be taken into account when determining 5 the size of the
deinterleaving buffer. When this parameter is present, a sufficient size of the deinterleaving buffer for
all NAL units is less than or equal to 20% larger than the value of the parameter. If the parameter is
not present, then a value of O is used for deint-buf-s#8. 0The value of deint-buf-size is an integer in
the range of, for example, 0 to 4 294 967 295, inclusive. In the following the invention will be described
in more detail withggfakemcer i@ gieamystemn Bienigiud, shdshntanaiesiz sk thislenigprtmtitalateference

decoder 15 (HRD)\ &0\ & iRBEL086RREE SbRighd Qatbipigisiresiin be encoded can be, for

example, pictures of a video stream from a video source 3, e.g. a camera, a video recorder, etc. The
pictures (frames) of the videg stream can be divided. into smqlgl\%g gortio S shuch e?e%lo s, The slices
e

can further be dividb8 MR YicRAL VS sheddd'sehe |kd e

" s %gcfgner‘]"(’:oe_e tore l'Jncgé 20 the
information tcBbe tthgssimeeef ikeadeiriensrdnsh vifamdihesr 1% RRAIRESMBIIRBIEM s hBwn). Pictures
of the video streanguiteignpside thetendeiderkaving énfeddehal ideristiging lesFdran1orig. 9) for

temporarily storingssaR1e.afihe InigkHeatateaneostade paearrtoder 1 also includes a memory 1.3
and a processor 1.2 in which the encoding tasks according to the invention can be 25 applied. The

memory 1.3 and the processor 1.2 can be co n with t itt] ice, 6 gr.the fransmitting
device 6 can have'gltﬁﬁl%rmé%r_sgop %n%rﬁ)sreﬁéqrﬁgpéz%&%é@v%%ﬁ%grggﬁﬁ?? %ftg? %e transmitting
device 6. Th&lencdder vEME RS AN & SBiRA Ao S ARG rff’é:s?()éafgpg%ri)pr%ss the video

stream. In motion e8%B&Ti@SSimikusties between the 30 picture to be encoded (the current picture)
and a previous and/or latter picture are searched. If similarities are found the compared picture or part

of it can be used ag,aneteligRHR R WodAIH A/ Risk R ¢ BRERCAdes dial\iitherdientaytorder and the
decoding order of e glelliesprecnal fecessally he,same WiRHRIe RO BRIste has 1o be
stored in a buffer (eH% N the encodin bu err%.%i) Igis‘l%gﬁek %tﬂ?é%dtg%é‘ éﬁ[:%rc?ébc‘éaﬂ'cwre' The
encoder 1 aldg  (HRD) 5 of Fig. 9 ana decode g P
be, for example, pictures of a video stream from a video source 3, e.g.a
carmera, a video recorder, etc. The pictures (frames) of the video siream can
be divided into smaller portions such as sices. The slices can further be
divided into blocks. In the encoder 1 the video stream is encoded to reduce
o0  the information to be transmitted via a fransmission channel 4, or to a storage
media (not shown). Pictures of the video stream are input o the encoder 1.
The encoder has an encoding buffer 1.1 {Fig. 9) for temporarily storing some
of the pictures fo be encoded. The encoder 1 also includes a memory 1.3 and .
a processor 1.2 in which the encoding tasks according to the invention can be
25  applied. The memory 1.3 and the processor 1.2 can be common with the
transmitting device 6 or the transmitting device 6 can have another processor
and/or memory (not shown) for other functions of the transmitting device 6.
The encoder 1 performs motion estimation and/or some other tasks 1o
compress the video stream. In motion estimation similarities between the
30 picture to be encoded {the current picture} and a previous and/or latter picture
ate searched. If similarities are found the compared picture or part of it can be
used as a reference picture for the picture to be encoded. in JVT the display
order and the decoding order of the pictures are not necessarily the same,
wherein the reference picture has to be stored in a buffer {¢.g. in the encoding
35  buffer 1.1) as long as i is used as a reference picture. The encoder 1 also



33 inserts information on display order of the pictures into the transmission stream. From the encoding
process the encoded pictures are moved to an encoded picture buffer 5.2, if necessary. The encoded
pictures are transmitted from the encoder 1 to the decoder 2 via the transmission channel 4. In the
decoder 2 the encoded pictures are decoded to form uncompressed pictures corresponding as much
as possible to the encoded pictures. Each decoded picture is buffered in the DPB 2.1 of the decoder 2
unless it is displayed 10 substantially immediately after the decoding and is not used as a reference
picture. In the system according to the present inverfton both the reference picture buffering and the
display picture buffering are combined and they use the same decoded picture buffer 2.1. This
eliminates the neegkgisstafngdtiensameisistyrasdertwd tiffepimtphce thes tesoiisg'die memory
requirements 150f¢he decoder 2. The decoder 1 also includes a memory 2.3 and a processor 2.2 in
which the decoding tasks according to the invention can be applied. The memory 2.3 and the

processor 2.2 can_be common with the receivin%d%\[%c§ 8. c%r the 2r0r%%:ae\j\a/g1%daenviec c§a%%” have
another processof SHA/MEEASHL RIPLRRSWAR FOPEHRRT RIRGiBhE' St The Feceiving device 8. Encoding
25Let us novBcongideraruiEaidbaingnarsssagBRBRdrtRterBR &7 LRI 5@#&' ﬁ%evideo source
3 are entered to thmenizodenltizn deddentagieothel\iransmigsiothehanadldindblifeetoder He encoding
process is not negggsasiycriadtegitinegdiately adtydde fitst fictura:iwemtessddd tivckmedder, but after
a certain amount of gicttesateavailrhlednheisacroing Brifaiek bidiies. thackOdesaser 1 tries to
find suitable candic?ates rom the pjctures t ‘pg Y %fa%éhgégégg?nf%;ﬁggge«,?.ig'r&%gﬁgggler 1 then
performs the enco‘aﬁ%r?oﬁop _S@OEe(?’Siéures.' he encoded, pictures can be forf example, predicted
pictures (P),1Qipreé#&%ﬁ?&lﬁhf@%“@}?%%ﬁ%%&%?ﬁc&%?(B?trﬂsee%nﬁa-%dagae bictures can be
decoded without usitigraniy dtisceysiemmrescodinstiertippereses Jnverticmbet 19 e6At reference
picture before theyieandesiedngend the display picture buffering are combined and they use

the same decoded picture buffer 2.1. This eliminates the need for sioring the

same pictures in two different places thus reducing the memory requirements

15  of the decoder 2.

The decoder 1 also inciudes 2 memory 2.3 and a processor 2.2 in which the
decoding tasks according to the invention can be applied. The memory 2.3
and the processer 2.2 can be common with the receiving device 8 or the

20  receiving device 8 can have another processor and/or memoty {not shown)
for other functions of the receiving device 8.

Encoding

25  Let us now consider the encoding-decoding process in more detail. Pictures
~from the video source 3 are entered to the encoder 1 and advantageously
stored in the encoding buffer 1.1. The encoding process is not necessarily
started immediately after the first picture is entered to the encoder, but after a
certain amount of pictures are avallable in the encoding buffer 1.1. Then the
30  encoder 1 tries to find suitable candidates from the pictures to be used as the
reference frames. The encoder. 1 then performs the encoding to form encoded
pictures. The encoded pictures can be, for example, predicted pictures (P), bi-
predictive pictures (B), andfor intra-coded pictures (. The intra-coded
nictures can be decoded without using any other pictures, but other type of
35 pictures need at least one reference picture before they can be decoded.



34 Pictures of any of the above mentioned picture types can be used as a reference picture. The

- encoder advantageously attaches two time stamps to the pictures: a 5 decoding time stamp (DTS) and
output time stamp (OTS). The decoder can use the time stamps to determine the correct decoding
time and time to output (display) the pictures. However, those time stamps are not necessarily
transmitted to the decoder or it does not use them. 10The encoder also forms sub-sequences on one
or more layers above the lowest layer 0. The pictures on layer O are independently decodable, but the
pictures on higher layers may depend on pictures orfome lower layer or layers. In the example of Fig.
6a there are two layers: layer 0 and layer 1. The pictures 10, P6 and P12 belong to the layer 0 while
other pictures P1-Pfhk5sPat-Rbi siome abdvig.rientededgriottive xpes kandvantag@dissly, the encoder
forms groups of pighues, )80 that each picture of one GOP can be reconstructed by using only
the pictures in the same GOP. In other words, one GOP contains at least one independently

decodable picture and all the other pictures for whi indepen entl ecod ture is a
reference 20 pictuf&®I#iHRdskAH 15?(5 SI?' ﬂ\‘%@ q‘fv ?nﬁ) 9 1% gjrgﬁ's A%t%g ugroup of
pictures inclules tHecpiiagréae slemp {0): P@(Q)W&J@P%%{H ' B4(0),
2xB5(0), 86(0), P5(83, tR&{0)eostdaymer th. dEhersiwoiie gw@pt@remsimségmﬁzwetwﬁéom&%s 10(1), and
P1(1) on layer O, qpgpigiures 2x5@(tsanbRe(dk), omitagetilel tapiptures ondayectsséelich group 25

of pictures are furtp) g'odt R3S SSe8I8NEESs Aha.bEstal-sequence of the first group of pictures
contains pictures BS((@R{&'&E@ 83(0), the second sub-sequence contains pictures 85(0), 64(0), 65(0),

and the third subsequence contains pictures 66( (0), PG%I% The sub iSeguence of the second
group of picttfes cHftaMEBIREAES BI(TS, @ﬂﬁe@fﬁ eSTRE SE Y gf?nageagke?s |nd|cate the video
sequence ID definkavest tagegfbuinefmntieeohiaisch Bie Rean etk secrrabtifalytdGuence ID is
transferred for eachigquigtisrenltriginebdagors eymd deiithe \ngbudsitonesamesinureadalpthner
Supplemental Enhgpggamanhs2iaippmationiglasa tidie yideasegeancayd tandiagebe. tidesmitted in the
header fields of the iansppst protacelp eyl an g iindhe,RT 6 RANDRhEERRIes P1—PS,
15 P7—P11 shown on Fig. 6a belong to the layer 1. Advantageously, the
encoder forms groups of pictures (GOP) so that each picture of one GOP can
be reconstructed by using only the pictures in the same GOP. In other words,
one GOP contains at least one independently decodable picture and all the
other pictures for which the independently decodable picture is a reference
20  picture. In the example of Fig. 7, there are two group of piciures. The first
group of pictures includes the pictures 10(0), P1(0), P3{0) on layer 0, and
pictures B2(0), 2xB3(0), B4(0), 2xB5(0), B6(0), P5(0), P6(0) on layer 1. The
second group of pictures includes the pictures 10(1), and P1(1) on layer 0, and
pictures 2xB3(1) and B2(1) on tayer 1. The pictures on layer 1 of gach group
25  of pictures are further arranged as sub-sequences. The first sub-sequence of
the first group of pictures comteins pictures B3(0), B2(0), B3(0), the second
sub-sequence contains pictures B5(0), B4(0), B5(0), and the third sub-
sequence contains pictures B6(0), P5(0), P6(0). The sub-sequence of the
second group of pictures contains pictures B3(1), B2(1), B3(1). The numbers
30  in brackets indicate the video sequence ID defined for the group of pictures in
which the picture belongs.

The video sequence ID is transferred for each picture. It can be conveyed
within the video bitstreamn, such as in the Supplemental Enhancement
35 Information data. The video sequence ID can also be iransmitied in the
header fields of the transport protocol, such as within the RTP payload header



35 of the JVT coding standard The video sequence ID according to the presented partitioning to
independent GOPs can be stored in the metadata of the video file format, such as in the MPEG-4 AVC
file format. Figs. lla and llb disclose examples of the NAL packet formats which can be used with the 5
present invention. The packet contains a header 11 and a payload part 12. The header 11 contains
advantageously an error indicator field 11.1 (F, Forbidden), a priority field 11.2, and a type field 11.3.
The error indicator field 11.1 indicates a bit error free NAL unit. Advantageously, when the error
indicator field is set, the decoder is advised that bit eA®rs may be present in 10 the payload or in the
NALU type octet. Decoders that are incapable of handling bit errors can then discard such packets.

The priority field 15 {raIsRA faptheicalingdde. impertages oféhespiriure enrapdivlptes thehe payload
part 12 of the packsl.dg AeamBle B RismepiAten dSHY iMpiYdeanhae fRuddiiesent values as
follows. A value of 0 |n§ s tr}%tahe cchnteni 5 qwggé\w&ds[)%o} l#,%%? tf_;x OEE T1 %Hﬁt stored

Wit

pictures (that can kg us rlsklng the

ure r‘e?e enc
integrity of the refe?éH@BH@@@W%@%%MB@WH?H@% m'écae%ljﬁ?g”&? E' WA is required
to maintain th® intejEsersfityerniderdice naeteiaiaingheriradevhluasthdRryvednerchid the relative
transport priority, ash& hdaterminechhigiie ateadegemisilfigentenetwiodicatemdiets dantuge this

information to protegMRIeMPRRGHY héd W Besier hppdaridmportant NAbUadbAtis thedhighest
transport priority, qumﬁ%‘%}( éh&p Q%cgj.f%d,\{ﬂalj}ﬁ pOA Agm 2@}@% Qgé(lmrpart 12 of the
d g

NALU contains at least Id 12, Ca tor 1 ze field 12 3, timing info
{0 i

12.4 and the encod&d P em% %%Hé%’ cgf %518 8 presen

171s usednfor storlng the

number of th&l%@%é&ﬂ)@?ﬁfb " \i\‘ihfgﬁtﬁ\g‘thGYE%é’ﬂﬁbs%c‘ﬂ?éﬁlémﬁn@lrﬁai%?afﬁbéesoused to signal

whether the picturévéndifigsbibresretscoanl fremdissamisonhvpadkeincTpetpriedbreltid Ugdd. Both frames

may be coded as separaie ipiitatieg. fhbarfisstiéald iotinatpleaealicpsathradtngibeystylsighals that the

NALU belongs to %ﬁﬁd?ﬁ feme é@c@@%daﬂe@amﬂ@" éﬁf&ﬁoﬁ?%@dﬁéﬁﬁdﬁéﬁﬁdd&whe same

frame in decoding %59%1@1 ggsrzg elgﬂ%%l 1oL al Q95 EH?&SIE l#rh @8{&9&"0 a coded
eco

field that 35succe e same rameé;llE e t|m| %lnfo field
&&s

11.3 s used for tra?ls?B?rmﬁbLﬂlr‘ﬁer‘Pélﬁfgﬂ IR SPRPRREHCrShRIEESRISHY re§ CRUAE UiRde
delivered in d|ffereﬁ{'fkfﬁd€¥fﬁM@Ré@“ﬁhth‘é%ﬁﬁﬁa@%%@ﬁ%&ﬁ*ﬁ@ﬁ FiRkT aerAbR HitpRiKet formats
include simple packétbarefegure gitiorepadkétss Bhevagdfiagditeie phaktte canddinhef be
NALU is required to maintain the integrity of the reference pictures.
Furthermore, values above 00 indicate the relative transport priority, as
20  determined by the encoder. Intelligent network elements can use this
information to protect more important NALUs better than less important
NALUs. 11 is the highest transport priority, followed by 10, then by 01 and,
finally, 00 is the lowest.

25 . The payload part 12 of the NALU contains at least a video sequence ID field
12.1, a field indicator 12.2, size field 12.3, fiming info 12.4 and the encoded
picture information 12.5. The video sequence ID field 12.1 is used for storing
the number of the video sequence in which the picture belongs to. The field
indicator 12.2 is used o signal whether the picture is a first or a second frame

30  when two-frame picture format is used. Both frames may be coded as
separate piciures. The first field indicator equal to 1 advantageously signals
that the NALU belongs to a coded frame or a coded field that precedes the
second coded field of the same frame in decoding order. The first field
indicator equal to O signals that the NALU belongs to a coded field that

35  succeeds the first coded field of the same frame in decoding order. The timing
info field 11.3 is used for transforming time related information, if necessary.



5divided into single-time aggregation packets and multi-time aggregation packets. A simple packet

- according to this invention consists of one. NALU. A NAL unit stream composed by decapsulating
Simple Packets in RTP sequence number 10order should conform to the NAL unit delivery order.
Aggregation packets are the packet aggregation scheme of this payload specification. The scheme is
introduced to reflect the dramatically different MTU sizes of two different type of networks -- wireline IP
networks (with an 15 MTU size that is often limited by the Ethernet MTU size - roughly 1500 bytes),
and IP or non-IP (e.g. H.324/M) based wireless networks with preferred transmission unit sizes of 254
bytes or less. In order to prevent media transcoding between the two worlds, and to avoid undesirable
packetization overhead, a packet aggregation scheme is introduced. 20 Single-Time Aggregation

Packet (STAP) aggipoataNARKS with ideniemldidd-UntinnaeRAspesdvety pdekstd ime Aggregation

Pack MTAP NAL i jally,di i -t j AP
dggﬂggstgat diff;ﬁ%%@g%‘je%sogme;&%%eﬂﬂs WEerng NALY-insat W diirreahiEAPs are

e NALU timest offset. The term NALU-ti efined as the
value the RIP timeg?gh?ﬁs |&ﬂ%@8ﬁf’ﬁﬁ‘a{3%&ﬁe‘3-3ﬁﬁfﬁgr‘? %%ﬁoﬁé%%siéggw?%%‘% Eacket. MTAPs

and STAP shére tisivRadViRRY SHSIAHMAINEREATARHOPARIRS 20D rdHE 1 380538 ¥bus
embodiment of theppolistnt invention. The RTP 30 timestamp must be set to the minimum of the NALU
times of all the NALUSs to be aggregated. The Type field of the NALU type octet must be set to the

appropriate value as ndicatedis tabls dnd ReRRQRRHIRN @b Asklsld: biaushbe, Aaarecuifiell error
indicator fields _of tkslgea E%%aéggeyéﬁr‘gesc%gu@ﬁﬂg %}gl%&&gjﬁ; ﬁ?ﬁ%&:;&én&r@%m&ype

10  order should conform to the NAL unit delivery order.

Aggregation packets are the packet aggregation scheme of this payload
specification. The scheme is introduced to reflect the dramatically different
MTU sizes of two different type of networks - wireline IP networks (with an
15  MTU size that is often limited by the Ethernet MTU size - roughly 1500
bytes), and 1P or nor-IP (e.g. H.324/M) based wireless networks with
preferred transmission unit sizes of 254 bytes or less. In order to prevent
media transcoding between the fwo worlds, and to avoid undesirable
packetization overhead, a packet aggregation scheme is introduced.
20 o _
Single-Time Aggregation Packet (STAP) aggregate NALUs with identical
NALLU-time. Respectively, Multi-Time Aggregation Packets (MTAP) aggregate
NALUs with potentially differing NALU-time. Two different MTAPs are defined
that differ in the length of the NALU timestamp offset. The term NALU-time is
25  defined as the value the RTP timestamp would have If that NALU would be
transported in its own RTP packet.

MTAPs and STAP share the following norlimiting packetization rules
according to an advantageous embodiment of the present invention. The RTP

30 timestamp must be set to the minimum of the NALU times of all the NALUs to
be aggregated. The Type field-of the NALU type octet must be set to the
appropriate value as indicated in table 1. The error indicator field 11.1 must be
cleared if all error indicator fields of the aggregated NALUs are zero,
otherwise it must be set.

35 '



Packet Timestamp offset field lenoth(in bits) Ox18 STAP 0x19 MTAP16 16 0x20 MTAP24 24 The
NALU Payload of an aggregation packet consists of one or more 5 aggregation units. An aggregation
packet can carry as many aggregation units as necessary, however the total amount of data in an
aggregation packet obviously must fit into an IP packet, and the size should be chosen such that the
resulting IP packet is smaller than the MTU size. 10Single-Time Aggregation Packet (STAP) should be
used whenever aggregating NALUs that share the same NALU-time. The NALU payload of an STAP
consists of the video sequence ID field 12.1 (ag. 7 br?’g) and the f|eld indicator 122 followed by
Single-Picture Aggregation Units (SPAU).

Table 1
Type Packet Timestamp offset field length(in bits)
Ox18 STAP 0
Ox18 MTAP16 16
0x20 MTAP24 24

The NALU Payload of an aggregation packet consists of one or more

5  aggregation units. An aggregation packet can carry as many aggregation
units as necessary, however the tofal amount of data in an aggregation
packet obviously must fit into an 1P packet, and the size should be chosen
such that the resulting IP packet is smaller than the MTU size.

10  Single-Time Aggregation Packet (STAP) should be used whenever
aggregating NALUs that share the same NALU-time. The NALU payload of an
STAP consisis of the video sequence ID field 12.1 f.g. 7 bits) and the field
indicator 12.2 followed by Single-Picture Aggregation Units (SPAU).

15  In another aliernative embodiment the NALU payload of an Single-Picture
Aggregation Packet (STAP) consists of a 16-bit unsigned decoding order
number (DON) followed by Single-Picture Aggregation Units {(SPAU).

A video sequence according to this specification can be any part of NALU
20  stream that can be decoded independently from cother parts of the NALU
stream.

A frame consists of two fields that may be coded as separate pictures. The
first field indicator equal fo 1 signals that the NALU belongs to a coded frame

295  or a coded field that precedes the second coded field of the same frame in
decoding order. The first field indicator equal to @ signals that the NALU
pelongs to a coded field that succeeds the first coded field of the same frame
in decoding order.

30 A Single-Picture Aggregatio'n Unit consists of e.g. 16-bit unsigned size
information that indicates the size of the following NALU in bytes (exciuding



15In another alternative embodiment the NALU payload of an Single-Picture Aggregation Packet
(STAP) consists of a 16-bit unsigned decoding order number (DON) followed by Single-Picture
Aggregation Units (SPAU). A video sequence according to this specification can be any part of
NALU 20stream that can be decoded independently from other parts of the NALU stream. A frame
consists of two fields that may be coded as separate pictures. The first field indicator equal to 1 signals
that the NALU belongs to a coded frame 25 or a coded field that precedes the second coded field of
the same frame in decoding order. The first field indie&tor equal to 0 signals that the NALU belongs to
a coded field that succeeds the first coded field of the same frame in decoding order. 30A

Single-Picture Aggregating snitsonsisiaefimyghd GlhitihgigrettsichafyhBiciolmedhdlicates the size

of the following N%Wm@%@igqﬁ(&[}@%gtﬁghngtets, but including the NALU type octet of
the NALU), followed by the NALU itself including its NALU type byte. A Multi-Time Aggregation Packet

(MTAP) has a similar architecture as an 5 STAP. I cansjsts of the. NAL U r by d one or more

Multi-Picture Aggrég?i‘f-i’BHTL‘mﬁsl.\qgﬁ'@géﬁESfE:}ﬁgﬁ}e@?tﬁgfd%grg‘n?'m F???e %Ig% gQﬁfcjl:':{zgftion

dependent - e 1a8Jéthl tensistenl SHslALYhBaRRePYSEREY SNBIRY @Pfﬁj’k?\l?&lgf B{% the higher is

also the overhead AggeyatidiffetrnisMTtieT inheite gheurin WhatsdiffereiinddAR tig'dpelfication.
application dependent — the larger the timestamp offset is the higher is the

flexibility of the MTAP, but the higher is also the overhead.

10  Two different Muti-Time Aggregation Units are defined in this specification.
Both of them consist of €.g. 16 bits unsigned size information of the following
NALU (same as the size information of in the STAP). In addition to these 16
bits there are also the video seguence ID field 12.1 .g. 7 bits), the field
indicator 12.2 and n bits of timing information for this NALU, whereby n can

15  e.g. be 16 or 24. The timing information field nas to be set sc that the RTP
timestamp of an RTP packet of each NALU in the MTAP (the NALUHime) can
be generated by adding the timing information from the RTP timestamp of the
MTAP.

20  In ancther alternative embodiment the Multi-Time Aggregation Packet (MTAP}
consists of the NALU header byte, a decoding order number base (DONB)
field 12.1 (e.g. 16 bits), and one or more Mulfi-Picture Aggregation Units. The
two different Multi-Time Aggregation Units are in this case defined as follows.
Both of them consist of e.g. 16 bits unsigned size information of the following

25  NALU (same as the size information of in the STAP). In addition to these 16
bits there are also the decoding order number delta (DOND) field 12.5 (e.g. 7
bits), and n bits of timing information for this NALU, whereby n can e.g. be 16
or 24. DON of the following NALU is equal to DONB + DOND. The timing
information field has to be set o that the RTP timestamp of an RTP packet of

30  each NALU in the MTAP (the NALUHime) can be generated by adding the
fiming information from the RTP timestamp of the MTAP. DONB shall contain
the smallest value of DON among the NAL units of the MTAP.

The behaviour of the buffering model according io the present invention is
35  advantageously controlled with the following narameters: the initial input
period (e.g. in clock ficks of a 80-kHz clock) and the size of the hypothetical



Both of them consist of e.g. 16 bits unsigned size information of the following NALU (same as the size
information of in the STAR). In addition to these 16 bits there are also the video sequence ID field 12.1
0.g. 7 bits), the field indicator 12.2 and n bits of timing information for this NALU, whereby n can 15
e.g. be 16 or 24. The timing information field has to be set so that the RTP timestamp of an RTP
packet of each NALU in the MTAP (the NALU-time) can be generated by adding the timing information
from the RIP timestamp of the MTAP. 20In another glternative embodiment the Multi-Time
Aggregation Packet (MTAP) consists of the NALU h%%del’ byte, a decoding order number base
(DONB) field 12.1 (e.g. 16 bits), and one or more Multi-Picture Aggregation Units. The two different
Multi-Time Aggregatiret Units auefen (ig. casedefinerbtesdolyoine. Sxfnbiniehinguhdstiefe.g. 16 bits
unsigned size infojraiianiafde Jelowine RpJuMbitispamadnbet tiutcnioentaf@S afienthie STAP). In
addition to these 16 bits.there, og} e n;g;@éer a2 (RAQND L Hsidide.5 (e.9. 7
bits), and n bits otrﬁ?'r\{inglélﬁl%([)rﬁﬁiﬁé%QﬁgﬁAﬁﬁagﬁﬁgr&y n can%s?g?be 16 or Zf%g?\l of the
following NALU is%ﬂﬁ%@g BETB> DOND. The timing information field has to be set so that the RTP
timestamp offan RTP packet of 30 each NALU in the MTAP (the NALU-time) can be generated by
adding the timing iFfermedion frofdep diRmeaicae e Fignaiask moteNB e anedatEiRthe smallest

value of DON amapgdheiiNAditmits of B TAR. a dénidatith BDH pdraredbestfdiifng igaed according to
the.present i_nventig,rbjsogﬁégmmmIwggagpﬂgémmhﬁef@“@yﬁmtwammnhmmitial input
period (e.g. in clock tieks of 3 801Kz Slogkiafkine aizeing e hynalis isalirdPuRemiairiaput buffer

(e.g. in bytes). Pre'?‘é%%ﬁ%, the defaultinitial input period and the default size of the hypothetical packet
input buffer 3fe 0. PEETHSRLs may signal their capability of providing a larger buffer in the capability
exchange process. 5 The maximum video bit-rate can be signalled, for example, in the media-level
bandwidth attributéntiaS PRamelaravdedis dtede8iPshasmeast he thigVaded-wlEnoiraRitin attribute
was not present indfie. iese et Aesenpliveibegraxiingnhe dd bk tiyae mdeigtes adcording to the
video coding profilg and 10lexel {4i5esiplihraraRaiesi ARy pa eamhseaBsandiedsignalled within
the SDP desgriptign of e SIS [LELR PRIEHSINA HsN Mk YRR RALREIEE Wi the

SDP description guarantee pauseless playback from the beginning of the

stream until the end of the stream (assuming a constant-delay reiiable

transmission channel).

20 PSS setvers may update parameter values in the response for an RTSP
PLAY reqguest. If an updated parameter value is present, it shall replace the
value signalied in the SDP description or the default parameter vaiue in the
operation of the PSS buffering model. An updated parameter value is vald
only in the indicated playback range, and it has no effect after that. Assuming

25  a constant-delay reliable transmission channel, the updated parameter values
guarantee pauseless playback of the actual range indicated in the response
for the PLAY request. The indicated size of the hypothetical input packet
buffer and initial input petiod shall be smaller than or equal to the
corresponding values in the SDP description or the corresponding default

30 values, whichever ones are valid.

The server buffering verifier is specified according to the specified buffering
model. The model is based on a hypothetical packet input buffer.

35  The buffering model ig presented next. The buffer is initially emply. A PSS
Server adds each transmitted RTP packet having video payload o the



similar non-standard SDP parameters. Signalled parameter values override 15 the corresponding
default parameter values. The values signalled within the SDP description guarantee pauseless
playback from the beginning of the stream until the end of the stream (assuming a constant-delay
reliable transmission channel). 20PSS servers may update parameter values in the response for an
RTSP PLAY request. If an updated parameter value is present, it shall replace the value signalled in
the SDP description or the default parameter value in the operation of the PSS buffering model. An
updated parameter value is valid only in the indicate@oplayback range, and it has no effect after that.
Assuming 25 a constant-delay reliable transmission channel, the updated parameter values guarantee
pauseless playbagiyfithaetvatienapindictitediin thenedipehseviunttieis taysretiaést\iThe indicated
size of the hypothefical inpuLpackativiier ang i iyevEperadeall beistalitrénoved equal to the
corresponding valies ip the SDP descripii I [ f inesy yaBighever ones
are valid. The ser E?‘Tbﬁ??&#?&%&ﬂﬁ%i é%k ?ﬁ@%ﬁ%@?@ (grd{ og Srﬂ@%i‘l&b@?ggg%i&% Blgdel. The
model is based o@&ﬁ%gﬁ%{mlbgwe?ﬁﬁ el "eh ng_%#]e |caPpac%<e in ut%uf?@: 1.1
immediately Bheniysthatieahpesketinnsidisiel ke dha ritslonRHY REIEP 1578 #R oved. Data
is not removed frorartwaiyfotiaetidedmablectimothdiioe packaig tppehotiec dfesaRedniiaianput period.
The initial input perioghsirtanbas daedinsyBiR patketisradiashiortieoSoityplethetiest gheket input

buffer. When the ir&itig&“&%p éggégaﬁlﬁmpi%epem@vg rfisia foamthemypeihetbenl packet input
buffer is started. DA T m_ov?l(?l{n

L | ' ideg B less th
hypothetical packet¥R et}afaﬁ%iirr]ws &;é’ﬁ%‘?‘gﬁ’w? Yr\aﬁé]fg‘gs %%X%B?h\éﬂ%‘? hiksEalgernless the

ata remo ro lﬁgéiinput buffer

it ) the Y,{?Ot[?}eetiﬁ?g pa
1.1 is input tdQhe 1PRSEE%E IR Al e PYRAIREYFR FRIGIRIGESEREFHy .cﬁﬁg?lca? reference gecoder 5
performs the hypotiessciiziecetiag froeessectbasiie @RPRIHESAHGRIBo SR ecodable
according to the seicear@inetereotét thariyptahs tialf bl reypsshedicodigrennr8§aPRTedy. the picture
buffer 5.2 of the hypathetical igfeipRGaEineasiare syesfawsmibetinttal rhesenetedematetie modified. In
that case the new 15parameters are.al itted, toghe IHNOISlavige shdd WRickeitie buffers are
V%%)?V{Ph it %ﬁler? Stga%@ﬁ%%]% &g iosBeFeariv

-initialized accordi . itting devi hall veri
it  wanariheq BT BEEIR A&, S CORBIGE A B BIA e o 1 anich e Gl verty

are re-inifialized accordingly.

The encoding and transmitting device 1, such as a PSS server, shall verify

that a transmitted RTP packet stream complies with the following

20  requirements: '

- The buffering model shall be used with the defauit or signalled
buffering parameter values. Signalled parameter values override the
gorresponding default parameter values.

. The occupancy of the hypothetical packet input huffer shall not exceed

25 the default or signalled buffer size.

- The output bitstream of the hypothetical packet input buffer shall

conform to the definitions of the Hypothetical Reference Decoder.

When the buffering model is in use, the PSS client shall be capable of
30 receiving an RTP packet stream that complies with the PSS server buffering
_ verifier, when the RTP packet stream is carried over a constant-delay reliable
transmission channel. Furthermore, the decoder of the PSS client shall output
frames at the correct rate defined by the RTP time-stamps of the received
packet stream.
35 '



20requirements: The buffering model shall be used with the default or signalled buffering parameter
values. Signalled parameter values override the corresponding default parameter values. The
occupancy of the hypothetical packet input buffer shall not exceed 25the default or signalled buffer
size The output bitstream of the hypothetical packet input buffer shall conform to the definitions of the
Hypothetical Reference Decoder. When the buffering model is in use, the PSS client shall be capable
of 30 receiving an RTP packet stream that complies with the PSS server buffering verifier, when the
RTP packet stream is carried over a constant-delay reliable transmission channel. Furthermore, the
decoder of the PSS client shall output frames at the correct rate defined by the RTP time-stamps of
the received packgistegaigsicd 1 Transmission The transmission and/or storing of the encoded pictures
(and the optional virtual decoding) can be started immediately after the first encoded picture is 5ready.

This picture is not fecessarily é‘h%f%ﬁb%?esierﬂﬁcgﬁ%éﬂé%&%@%;c&%@%&hﬁﬁémdm order and
the output order m @{?it be t ame, Whe eflﬁ%&)&é [t kL engoded the
HES rrti88° SRR

transmission can ures are op ona sto iof eogpc%) ed picture
10buffer 1.2. Fhe f%@m@ﬁ%ﬁ'%@d&d’%ﬁdw%‘?s@fﬂ%rig?a Bt f8 ?8 &

because the decoding order and the output m‘der may not be the same

When the first picture of the video stream is encoded the transmission can be
started. The encoded pictures are optionally stored to the encoded picture

10 buffer 1.2. The transmission can also start at a later stage, for example, after
a certain part of the video stream is encoded.

The decoder 2 should also output the decoded pictures in correct ordet, fot
example by using the ordering of the picture order counts, and hence the
15  reordering process need be defined clearly and normatively.

De-packetizing

The de-packetization process is implementation dependent. Hence, the

50  following description is a non-restrictive example of a suitable implementation.
Other schemes may be used as well. Optimizations relative to the described
algorithms are iikely possible.

The general concept behind these de-packetization rules is to reorder NAL
95  units from transmission order to the NAL unit delivery order.

Decoding

Next, the operation of the receiver 8 will be desctibed. The receiver 8 collects
30  all packets belonging to a piciure, bringing them into a reasonable order. The
strictness of the order depends on the profile employed. The received packets
are stored into the receiving buffer 9.1 (pre-decoding buffer). The receiver 8
discards anything that is unusable, and passes the rest to the decoder 2.
Aggregation packets are handled by unloading their payload into individual
35 RTP packets carrying NALUs. Those NALUs are processed as if they were



a certain part of the video stream is encoded. The decoder 2 should also output the decoded
pictures in correct order, for example by using the ordering of the picture order counts, and hence the
15reordering process need be defined clearly and normatively. De-oacketizino The de-packetization
process is implementation dependent. Hence, the 20 following description is a no n-restrictive example
of a suitable implementation. Other schemes may be used as well. Optimizations relative to the
described algorithms are likely possible. The gengral concept behind these de-packetization rules
is to reorder NAL 25units from transmission order to‘dtﬂe NAL unit delivery order. Decoding Next, the
operation of the receiver 8 will be described. The receiver 8 collects 30 all packets belonging to a
picture, bringing theteiiekd & ressnaebRTE deckEie Siribeaxdastny ovawr depases bhitke profile
employed. The reqgjypdppaketziase stored into the receiving buffer 9.1 (pre-decoding buffer). The
receiver 8 discards anything that is unusable, and passes the rest to the decoder 2. Aggregation

packets are handled by unloading their payload intq.individual 35RT RIS CRIEYINGMNALUS. Those
NALUSs are proces%%@}lggg?%gi’ \%egg pr é%'gﬁ/e%[ %ﬁeséé%%ei §PB Fééac%gk% rdn%trs they were

ets, jo the o
arranged in the AJYI¥Gve paiamsterwhish speriiep W%Wﬁﬂ@“&%ﬂ@&o’t@na Lu
num-reorder-VCL-IN&pecadeaniMELh ALk indterhapieh SrasmissNAk rdbasilRT:ARRINt of VoL
NAL units that pregaderaimyw\iGe. MBL eALintieipatiet stquenda Nuxhbenitoddsivery iordles and follow

the VCL NAL unit %Bﬁ%&%@!‘&‘e@ Bt fABeIgRFagERsHIp iR pRaRiligresdeloNAE agyrégation packet
containing the VCl, NAL Unkdf DRRABEARICL 5 aLOTRRRSL: Bk S-itper could be implied. 10
10 _
When the video stream transfer session is initialized, the receiver 8 aliocates
memory for the receiving buffer 9.1 for storing at least N pieces of VCL NAL
units. The receiver then starts to receive the video stream and stores the
received VCL NAL units into the receiving buffer, until at least N pieces of
15  VCL NAL units are stored into the receiving buffer 9.1.

When the receiver buffer 9.1 contains at least N VCL NAL units, NAL units are
removed from the receiver buffer 9.1 one by one and passed to the decoder
2. The NAL units are not necessarily removed from the receiver buffer 8.1 in

20 the same order in which they were stared, but according to the video
sequence 1D of the NAL units, as described below. The delivery of the
packets to the decoder 2 is continued uniil the buffer contains less than N
VCL NAL units, i.e. N-1 VCL NAL units.

25 In Fig. 12 an example of buffering the transmission units in the predecoder

' buffer of the decoder is depicted. The numbers refer to the decoding order
while the order of the transmission units refer to the transmission order (and
also 1o the receiving order).

30  Hereinafter, let PVSID be the video sequence ID (VSID) of the latest NAL unit
passed o the decoder. All NAL units in a STAP share the same VSID. The
order that NAL units are passed to the decoder is specified as follows: If the
oldest RTP sequence number in the buffer corresponds to a Simple Packet,
the NALU in the Simple Packet iz the next NALU in the NAL unit delivery

35  order. if the oldest RTP sequence number in the buffer corresponds 1o an
Aggregation Packet, the NAL unit delivery order is recovered among the



When the video stream transfer session is initialized, the receiver 8 allocates memory for the receiving
buffer 9.1 for storing at least N pieces of VOL NAL units. The receiver then starts to receive the video
stream and stores the received VCL NAL units into the receiving buffer, until at least N pieces of
15VOL NAL units are stored into the receiving buffer 9.1. When the receiver buffer 9.1 contains at
least N VCL NAL units, NAL units are removed from the receiver buffer 9.1 one by one and passed to
the decoder 2. The NAL units are not necessarily removed from the receiver buffer 9.1 in 20 the same
order in which they were stored, but according to the Video sequence ID of the NAL units, as described
below. The delivery of the packets to the decoder 2 is continued until the buffer contains less than N

VCL NAL units, LeyA-AsVéanldddLinitagatsgakn PacketoxantplE ofdsusennd Hebeafsdsssion units in
the predecoder byffaf; ¢fthesleenrieldraeristeskehivpva) MRy seefer MAhigsdiscodiniaitaer while the

order of the ransms<jon NS [EIEL R JRAPTNSH 9 AL ISR Emissaikae order).

30Hereinafter, let PVSID e Vi nce ID (VSID NAL unit passed to the
decoder. All NAL Lﬁﬁﬁ%ﬁ%%%hﬁl}i\?fﬁe%gaﬁﬁlg '@éﬂfaf?ﬁg%%qé}r&ﬁ% NAL units are passed to the
decoder is specified as follows: If the oldest RTP sequence number in the buffer corresponds to a
Simple Packet, the=btAkkbin N SimplexPatieths tisansisatr AbHsiha NA'RIf#5_NG-nB350rder. If
the oldest RTP segygneeeauBhendashe mefosibraspertdsiionin bdangaydiion PHERL, ke NAL unit
delivery order is regg}@r&gtgﬁggqg éla%afl‘?b NAlLYYs.copeaye dhinefgsEe dindi orsackettmue RTP sequence
number order until the ar?%ﬁim%ge?g%% (%@:JL?% Y %@t oftNAWYs igdeyaipafterkgferred to as
RS NATUS ed.in Si F

:gecgigicggfg‘?ﬂﬁﬁt;%@gﬁvered To {he decoNer in 2806 delnlaac(a:r SISHEFR 1. dhe AufipL AU HAL Us belong

NAL units share the same VSID distance, the order to pass them o the
decoder shall conform to the NAL unit delivery ord_er defined in this
specification. The NAL unit defivery order can be recovered as described in
the following. - -
15
First, slices and data parfitions are associated with pictures according to their
frame numbers, RTP timestamps and first field flags: all NALUs sharing the
same values of the frame number, the RTP timestamp and the first field flag
belong to the same picture. SEI NALUs, sequence parameter set NALUs,
20 picture parameter set NALUs, picture delimiter NALUs, end of sequence
NALUs, end of stream NALUs, and filler data NALUs belong to the picture of
the next VCL NAL unit in fransmission order.

Second, the delivery order of the pictures is concluded based on nal_ref_idc,

o5 the frame number, the first field flag, and the RTP timestamp of each picture.
The delivery order of pictures is in ascending order of frame numbers (in
modulo arithmetic). If several pictures share the same value of frame number,
the picture(s) that have nal_ref_idc equal to 0 are delivered first. If several
pictures share the same value of frame number and they all have nal_ref_jdc

30 equal to 0, the pictures are delivered in ascending RTP timestamp order. if
two pictures share the same RTP timestamp, the picture having first field flag
equal to 1 is delivered first. Note that a primary coded picture and the
corresponding redundant coded pictures are herein considered as one coded
picture.

35



For each NAL unit among the candidate NALUSs, a VSID distance is calculated as follows. If the VSID
of the NAL unit is larger than PVSID, the VSID distance is equal to VSID - PVSID. Otherwise, the
VSID distance is equal to 2”(number of bits used to signal VSID) - PVSID + VSID. NAL units 10 are
delivered to the decoder in ascending order of VSID distance. If several NAL units share the same
VSID distance, the order to pass them to the decoder shall conform to the NAL unit delivery order
defined in this specification. The NAL unit delivery ogi;r can be recovered as described in the
following. 15 First, slices and data partitions are assdociated with pictures according to their frame
numbers, RTP timestamps and first field flags: all NALUs sharing the same values of the frame
number, the RTP ties;tirtie avtththecistdidi treydnsio ngtis RS ARIHRVRICE © R Ys, sequence
parameter set NAkkdsg2Raig b parametease tiNAdit) papititmeis diimseariiag Osiesmd 8fesequence
NALUSs, end of strgam NALUsand filer datadifiUsdasienadadbie misteseee thendeXtdd@l. NAL unit in

transmission order. Second, the delivery order, of | SdSCUededibhas e abnal, ref_idc, 25
the frame number,pﬁmt'ﬁ&% H‘éﬂ}ef%%?'gn%%g P%&%gm g? each pgztulre. The delive%/ order of

pictures is in ﬁsceﬁfﬁﬁb order of frame numbers (in modulo arithmetic). If several pictures share the
same value of frame number, the picture(s) that have nal_ref_idc equal to O are delivered first. If
several pictures sharenthaisaaehalteeros fRABENanthafSBdwee bseaveeras APRR dthequal to 0, the
pictures are deliveggd g eeasingrier dinpes i@ poedRRILf D gietu gy sgai theaskeh @ RTP
tmestam. the picjyie NANNA IS TEIAIFRRII0Ne Lo delhieeaeisiuioss b asrimsty coded
picture and the corresponding, redu ed pictur e her ded picture.
44 Third, if tH8 vidé‘ﬂﬂ?@gn&fgsl(?‘ﬁ%‘é%%%?% @u%ﬁc%:rﬁ%% r gﬁcéeééoﬂ rfdig%led%tfwc?) %gj@c,eﬁ;y order of
slices and A data PItRSHRY itha Q@ée%fﬁ@@r&@?%ﬁqﬁ%mldaﬁ%_%r_'glﬁ%egvr? A% eﬁem_ent’ in the sEce
header. Moreover,iBeaniiestdBiERpaedtiensanabritély HmdwiRe EeresroRaily & 340 Bartition in

* delivery 5order. In thgiaoue thetes s Ry Sibygie dPsKED iaéhe nest NPéni RFONAkHE Becoding
order number of thgdarauausdNAk HBibRican RuaresiivRP aalkwsdniN Al bofetaltresypomdir) and DON
(decoding order number) can i ' I " NebihearaiddAd- it passed to
the decoder be o.L#%3”or@%ﬂ%ﬁf&%@?%@%ﬁﬁﬁéﬁig g’B cifiegasdeliows: If the
oldest RTP sequeﬁ%%%@Y%%ﬁe‘%lﬁW%%%ggpoﬁ? €8 & sim Ie%g%%ethe NALU in the Simple
Packet is the next NAL tha pest NBAT R Paekke foXGiueiv ek tﬁE'%lagfsP L &u'én%%”ﬁﬂﬁ%r

er in the
buffer correspondsreferred to as the candidate NALUs. If no NALUs conveyed in Simple Packets

reside in the buffer, all NALUs belong to candidate NALUs.
20
For each NAL unit among the candidate NALUs, a DON distance is calcutated
as follows. If the DON of the NAL unit is larger than PDON, the DON distance
is equal to DON — PDON. Otherwise, the DON distance is equal to 2°(number
of bits to represent an DON and PDON as an unsigned integer) — PDON +
o5  DON. NAL units are delivered to the decoder in ascending order of DON
distance. :

if several NAL units share the same DON distance, the order to pass them {0
the decoder is: '
Picture delimiter NAL unit, If any

Sequence parameter set NAL units, if any

Picture parameter set NAL units, if any

SEI NAL units, if any

. Coded slice and slice data partition NAL units of the primary coded

35 picture, if any

e wnd



15to an Aggregation Packet, the NAL unit delivery order is recovered among the NALUs convéyed in
Aggregathn Packets in RIP sequence number order until the next Simple Packet (exclusive). This set
of NAL'US is hereinafter referred to as the candidate NALUSs. If no NALUs conveyed in Simple Packets
reside in the buffer, all NALUs belong to candidate NALUs. 20 For each NAL unit among the candidate
NALUs_, a DOI\_I distance is calculated as follows. If the DON of the NAL unit is larger than PDON, the
DON distance is equal to DON - PDON. Otherwise, the DON distance is equal to 2"(number of bi’ts to
represent an DON and PDON as an unsigned integé@ - PDON + 25DON. NAL units are delivered to
the decoder in ascending order of DON distance. If several NAL units share the same DON distance
the order to pass #lem tQdhgiarReISdIi30 Litictaeitbeli MABIUIL dlinite ifethdars sqdedce parametér
set NAL units, if ag%tﬁréglq;tgﬁyparameter set NAL units, if any 4. SEI NAL units, if any 5. Coded slice

and slice data parfjtion NAL upits gf. the pri coded 35picture, if any 45 6. Coded sli [
" , : ce and sl
data partition NALgunitsl%@?ﬁg[%‘éadﬂ%gélr@ g‘oqt}%ré/yp' ’ e

ctures, i -
End of sequence NAL unit, :} any s, if any

5 9 End of stream NAL unit, if any.

If the video decoder in use does not support Arbitrary Slice Ordering, the
delivery order of slices and A data partitions is ordered in ascending order of
the first_mb_in_slice syntax element in the slice header. Moreover, B and C

10  data partitions immediately follow the corresponding A data partition in
delivery order.

The following additional de—packeﬁzation'rules may be used to implement an
operational JVT de-packetizer: NALUs are presented to the JVT dacoder in

15  the order of the RTP sequence number. NALUs caried in an Aggregation
Packet are presented in their order in the Aggregation packet. All NALUs of
the Aggregation packet are processed before the next RTP packet is
processed.

20  Intelligant RTP receivers {e.g. in Gateways) may identify lost DPAs. If a lost
DPA is found, the Gateway MAY decide not to send the DPB and DPC
partitions, &s their information is meaningless for the JVT Decoder. In this way
a network element can reduce network load by discarding useless packets,
without parsing a complex bit stream.

25
inteligent receivers may discard all packets that have a NAL Reference idc of
0. However, they should process those packets if possible, because the user
experience may suffer if the packets are discarded.

30  The DPB 2.1 contains memory places for storing a number of pictures. Those
places are also called as frame stores in the description. The decoder 2
decodes the received pictures in correct order. To do so the decoder
examines the video sequence ID information of the received pictures. If the
encoder has selected the video sequence ID for each group of pictures freely,

35  the decoder decodes the piciures of the group of pictures in the order in which
they are received. If the encoder has defined for each group of pictures the



7. Filler data NAL units, if any B.End of sequence NAL unit, if any 9.End of stream NAL unit, if any. If
the video decoder in use does not support Arbitrary. Slice Ordering, the delivery order of slices and A
data partitions is ordered in ascending order of the first_mb_in_slice syntax element in the slice
header. Moreover, B and C 10data partitions immediately follow the corresponding A data partition in
delivery order. The following additional de-packetization rules may be used to implement an
operational JVT de-packetizer: NALUs are presented to the JVT decoder in 15 the order of the RTP
sequence number. NALUSs carried in an Aggregatiorf‘ﬁacket are presented in their order in the
Aggregation packet. All NALUs of the Aggregation packet are processed before the next RTP packet
is processed. 20InjplligensdRER-EeaBiVEYs (eity itmGratesviing) foaydeemifgring)DPABPEfAdost DPA is
found, the Gateway MAY decide notdp seashdsethPGrauy & Rictrsitianheasrtieeininttiecation is
meaningless for the JV I Delgk%?qr. Ir;ilhtélf%vg%)é!at%e &55 S\eﬁ&&teg%(@,@%r@ﬁgnggtlgﬂd by
discarding uselessgﬁ‘é{t%%_, h u?parsm .a.com )%bl% stream. 25 Intelligent receivers may discard
all packets that ha@@%ﬁh‘ﬁ@%ﬁ%@é"ﬁﬁd? §.e % ,

vié‘cf "they should process those packets if
possible, because the user experience may suffer if the packets are discarded.

The present invention can be applied in many kind of systems and devices.
The transmitiing device 6 including the encoder 1 and optionally the HRD 5
advantageously include also & transmitter 7 t0 fransmit the encoded pictures
io the transmission channe! 4. The receiving device 8 include the receiver 9 {0

10  receive the encoded pictures, the decoder 2, and a dispiay 10 on which the
décoded pictures can be displayed. The transmission channel can be, for
example, a fandiine communication channel anq,’ps a wireiess communication
channel. The transmitting device and the receiving device include also one or
more processors 1.2, 2.2 which can perform the necessary steps for

15  controlling the encoding/decoding process of video stream according o the
invertion. Therefore, the method according to the present invention can
mainly be implemented as machine executable steps of the processors. The
buffering of the piclures can be implemented in the memory 1.3, 2.3 of the
devices. The program code 1.4 of the encoder can be stored into the memory

20  1.3. Respectively, the program code 2.4 of the decoder can be stored into the
memory 2.3.

It is obvious that the hypothefical reference decoder 5 ¢an be situated after
the encoder 1, so that the hypothetical reference decoder 5 rearranges the

25  encoded pictures, if necessary, and can ensure that the pre-decoding buffer
of the receiver 8 does not overflow.

The present invention can be implemented in the buffering verifier which can
be part of the hypothetical reference decoder 5 or it can be separate from it.



30The DPB 2.1 contains memory places for storing a number of pictures. Those places are also called
as frame stores in the description. The decoder 2 decodes the received pictures in correct order. To do
so the decoder examines the video sequence ID information of the received pictures. If the encoder
has selected the video sequence ID for each groug7of pictures freely, 35the decoder decodes the
pictures of the group of pictures in the order in which they are received. If the encoder has defined for
each group of pictures the 46 video sequence ID by using incrementing (or decrementing) numbering
scheme, the decoder decodes the grougb#diMeires in the order of video sequence IDs. In other
words, the group of pictures having the smallest (or biggest) video sequence ID is decoded first. 5 The
present inventiongardedappliediiz:many kind of systems and devices. The transmitting device 6
including the encoder 1 a%i optionall .ghebHRD 5 a%vant??gﬂe%qg% Wa%ljlige also .a transmitter 7 to

. clecroni encapsu .43 .CRCoQeT, e ANSIRISSION YIS, the
transmit the encodé -DIC%UI’ S o?ﬁeatra SMISSion channe e receilving device o InC ude the

receiver 9 thtd Grregeisdothaisnbodedréctdies: thostdusocierBennmbich displagstpashy diliiolethe decoded
pictures Cai?og?addé%ﬁ}fﬁ%ﬂ?%ﬂm%&&%@ﬂ{}%@ﬁ&l%is@érﬁéﬁmple' a landline communication

channel and/or a wireless communication channel. The transmitting device and the receiving device
include also one B¢iABRASFE Rl BrEer SomespRdiag Iuh PRDHR frevReresebilr Bl for 15 controlling

the encodingepatlingpincessaiptsdsisaminaascirde tebaNaipilgdimrefore, the method
according to the. %%rﬁl?ent |nt\r/ent|on.can ma (rl)]%bba%h%mtplemented as mac n%ex%cutaklg steps of the

e
1 e data MISSION units SIMISKIoN Ofder 10 a-the geco er. .
processors The Butering of the pictures can be |mp?é]men%e3 in the memory YBEF™5Gk the devices.

The prograrharede 1.4 of the encoder can be stored into the memory 201.3. Respectively, the program

code 2.4 of the degodian candeySiRIeEL MG EMORk RIS QRdakshRl the hypethetical

reference decoder 5 can be situated after the encoder 1, so that the hypothetjcal reference decoder 5

rearrangesiasednpprifantite e drepdivg dudfr basd rumtun of remmmisen Sratmdiiag Wurrer

an interleaving depth value and data transmission units are removed from the pre-decoding

buffer according to a number indicating the decoding order.

2. The method according to claim 1, wherein media data is video according to H.264/AVC

and data transmission units are network abstraction layer units of H.264/AVC.

3. The method according to claim 1, wherein the size of the buffer is sufficiently large in

bytes for holding the data transmission units according to the buffering algorithm.

4. A system comprising:

a first apparatus comprising an encoder configured to encapsulate media data as data
transmission units, the data transmission units being ordered in a transmission order which is at
least partly different from a decoding order of the media data in the data transmission units, and
configured to define a size of a buffer corresponding to a maximum occupancy of a pre-
decoding buffer, wherein the maximum occupancy is determined according to a buffering
algorithm for arranging the data transmission umits from a-the transmission order to a-the
decoding order,

a second apparatus configured to, according to the buffering algorithm, store data
transmission units into a pre~-decoding buffer until the pre-decoding buffer has a number of
transrhission units indicated by an interleaving depth value and remove data transmission units

from the pre-decoding buffer according to a number indicating the decoding order.



of the receiver 8 does not overflow. The present invention can be implemented in the buffering verifier
which can be part of the hypothetical reference decoder 5 or it can be separate from it. 30 47 CLAIMS
1. A method comprising: electronically encapsulating, by an encoder, media data as data
transmission units, the data transmission units be#&y ordered in a transmission order which is at least
partly different from a decoding order of the media data in the data transmission units, defining a
size of a buffer corresponding to a maximum occupancy of the huffer, wherein the maximum

occupancyfis detERn RS aREsiRg ek fdhASeSge A SRR IS B P Hsmission units
from athe yamssrissRHemEEhieAtieidpendingaorde thwhiistepparanisconstiomia hedhdteang algorithm,

data transmission upits are stored jnto,a pre-d C(}Ein buffer until the pre-decodi rhas a
number of‘ﬁéﬁ%‘?ﬁ‘f oMU st %%8%55“3% ergavmg dep er\l}gl%é %%?8 éna%gq:%lglglr%gégsion units are
removed frbata.the pre-decoding buffer according to a number indicating the decoding order. 2. The

method according to claim 1, wherein media data is video according to H.264/AVC and data

transmissign Units REBHARKMOEKAREHEAGH RACEATW S dM thidG4/ AMSmisidihe method according to
claim 1, wherein the size of the buffer is sufficiently large in bytes for holding the data transmission
units accofdMy 8 1he buffering algorithm. 4. A system comprising:  a first apparatus comprising an
encoder configurederaicapsigatedrmedicepsntiata satthteetiadstnizssion tamsnissodamtsf@nsmission units

being ordeged n;afiRRsMissiaR LifpMNChdabIRasHRRK differenkiormuacirandingorger of the

media data Iin the data transmission units, and configured to define a size of a buffer corresponding to

a maximurirsesiisdhe fas BanrBUistE R HIY BLArsPAINE Srdm S thbBAsIAr &dBE JaREPRS B I mined

according i@ beffgringrRloprihandenarsangiegwhrklta: langmissidiffeaitsioam detdiansmission
cond apsg%%atus configured to, according to the buffering

glrggrrittr?ni-gg dgé:gg%%ﬁr elrésifbtr}f%#}% 58 pre-dglétgding buffer until the pre-decoding buffer has a
number of transnaigsiorsionisd athcstatdmemontérdalingpreptn valdctiny keasions BameFansmission
units from the presdecading bufferacaardinarene Rupeler, pricatinaheAscadiag arder.
define a size of a buffer corresponding to a maximum occupancy of the buffer, wherein

the maximum occupancy is determined according to a buffering algorithm for arranging the

data transmission units from athe transmission order to athe decoding order, and wherein

according to the buffering algorithun the data transmission units are stored into the buffer ina

transmission order until the buffer has a number of transmission units indicated by an

interleaving depth value and removed from the buffer according to 2 number indicating the

decoding order; and

transmit the size of the buffer to the decoding apparatus.

7. The apparatus according to claim 6, wherein the af least one memory and the program
code are configured to define the size of the buffer so that the size of the buffer is sufficiently

large in bytes for holding the data transmission units according to the buffering algorithm.

8. The apparatus according to claim 6, further comprising a buffer configured to buffer the
encoded media data, and a hypothetical reference decoder configured to determine buffering

requirements for decoding of the encoded media data.

9. The apparatus according io claim 6, wherein media data is video according to

H.264/AVC and data fransmission units are network abstraction layer units of H.264/AVC.,



48 5. The system according to claim 4, the second apparatus further comprising a buffer configured to
buffer the encoded media data, and the first apparatus comprising a hypothetical reference decoder
configured to determine buffering requirements for decoding of the media data. 6. An apparatus
configured to encapsulate media data for transmigSion comprising: an encoder configured to
encapsulate said media data as data transmission units for transmission to a decoding apparatus, the
data transmission units configured to be buffered for arranging the data transmission units in decoding
order and #§'be dedeensr taafisaraditaderarisiols UARSTINSINY Wil rRBRH 08 SAPARSIon order which is at
least partly,differant franpasggeoding order of the media data in the data transmission units, a
processor and at least one. memgary inc udingg gro ram co%e, the at least one memory a{ﬁd the program
é 1S I+]

code configured TR RRFFEE D RICEESBPIERTTEL YA BB e RSTUPYSR WUt SRR B¢ 2 buffer
corresponéirgdal ansdixing e o apane\iah thenboifsionunisdéinddvedingxiremamtcupancy is determined

according o  byfferog Aoari 19t ATRRAINA NG UAIR e pRIISSIeR LBl QpRsihe gnsmission

order to athe qleco%fing orde?fléﬁ‘arwhere]n according to the buffering algorithm the data transmission
units are stereiticthnotevesisuffulidniizeed asireseidie oresecntingfaBienfer has a number of transmission

units indicated by, agrinfesleaying depthyalsismndremeoveskom thedpbieraccasdingdo a number

-indicating the decoding order; and transmit the sjze of the buffer to the decoding apparatus. 7. The
apparatus %€EBRAR |aﬁﬁad8,?EW@@‘?#%%“&‘F{%&%%%EE‘}F%MSR}%?H&ﬁfﬂf%FcSr gc'i%e are configured

to define theisizanohiftohuffiey satbaddhelisizerdétmduffer is sufficiently large in bytes for holding the
data transmission units accordin the, @g&@gﬂl 18 v LRS- ARRAAUS,ACRALARg to claim 6,
further comprisingggrgﬁlf%? gg%ﬁ&%%ﬁol%%?ﬁer the encotgled media dagg%nd a hypothetical reference

decoder canfiguisiprovaistennite Paffsaedinebuifemaiihroredeending byfisehenaduatsnelia data. 9.

The apparatisRcaordingsto.alairs 6y whaleitsvpdiacfaladnyidReaesar dingimbhasib\Misand data
transmission units are_network abstractiqn Ia%er uni%s of ,.264/AE1\2:/C 49. 10. dA decoder configured to
decode da?é”i!?&’iﬁ%ﬂ’i?é@?%%?%%‘n??ﬁ%’f A e B e el

0 Siffg: " a pre-decoding buffer
configured to receive the data transmission units comprising the encoded media data and to arrange
data transrissiorl s oded eeeiiegdediaimnl WhersinrbedsaenssdsrifigerEariskit o emory for the

pre-decodipgifesanceidingioRdnge evadaimegianingisatveela sizeortitbewraecoding buffer,

sufficiently large in bytes for holding the data transmission units according to the buffering

algorithm.

12, A processor readable memory stored with executable instructions for decoding data
fransmission units comprising encoded media data, which when executed by a processor causes:

to allocate memory for a pre-decoding buffer according to & received parameter
indicative of a size of the pre-decoding buffer, wherein the size of the pre-decoding buffer is
defined to correspond to a maximum oecupancy of the pre-decoding buffer according to a
buffering algorithm for arranging the data transmission units in a decoding order; and

to receive the data transmission units comprising the encoded media data into thee
pre-decoding buffer and to arrange data transmission units in decoding order; according to
the buffering algorithm, to store data transmission units into the pre-decoding buffer untif the
pre-decoding buffer has a number of transmission units indicated by an interleaving depth
value and remove data transmission units from the pre-decoding buffer according to a

number indicating the decoding order,



wherein the size of the pre-decoding buffer is defined to correspond to a maximum occupancy of the
pre-decoding buffer according to a buffering algorithm for arranging the data transmission units in thea
decoding order, and wherein the decoder is configured to, according to the buffering algorithm,
store data transmission units into the pre-decodingduffer until the pre-decoding buffer has a number
of transmission units indicated by an interleaving depth value and remove data transmission units from
the pre-decoding buffer according to a number indicating the decoding order 11. The decoder
according to claim 10, wherein the processor is configured to allocate memory for the buffer according
to the received parameter so that the size of th@%ﬁéﬁgguﬁiciently large in bytes for holding the data
transmission units according to the buffering algorithm. 12. A processor readable memory stored with
executable instructions foR@SRigaiG OatBLERERIBSIBN OB EBMPIBIDE@O&HtRd media data, which
when executed by a processor causes: to allocate memory for a pre-decoding buffer according to

2 received pegamSIGHIAICAINE o 7 RG.0bI5 AL Aos et bersia HeAiEriAties

pre-decoding Bufter s defined fo correspond to a maXimum occupancy of the pre-decoding buffer

according teragnshsiing Lrpofaniarrdinarsaseies PictHErS R PRsSer urits et 68Rg order; and

to receive thedatattapspissibHRiisCRMPASIG MRy areder snedipisiaiadntodiradierdecoding
buffer and to arrange data transmission units in decoding order; according. to the buffering algorithm,
to store datHaRsAUFRSINFR being ﬁ@%@é&ﬂiﬁ&rﬁlﬂféf‘rﬂHﬁWé‘ﬂ?&g%%H&M%ﬁﬁéﬁ%&ga

number of FRRBAUSHOA MIHErinFaaleb iy istesleavirgoéipthtialuacadd deoavesiida transmission

units from the pre-decoding buffer accgrding.to a.number.indicating the decoding order STRACT
RESIZING BFEGERTR @H%E@Rhﬁﬁ%&%ﬁ%fﬁ?gﬁ %%Fe% %ss%gerr?édée}o’ﬁ or buffering
encoded pitiusesanEnsisnietn adita dudifmean @t dubny step dor forffengzersstiddgriconrthwihassencoder.
The metho%}a{go {8%%%'?5 a transmission step for transmitting said encoded pictures to a decoder as
transmission unlets, a uﬁ%‘ring step for buffering r transmission units transmitted to the decoder in a
buffer, and a decoding step for decoding the encoded pictures for forming decoded pictures. The
buffer size ig;,defined so that the total size of at least two transmission units is defined and the
maximum buffer size is defined on the basis of the total size. Fig. 8



