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(57) Abstract: A method for reducing a tune-in delay upon tuning into a scalable encoded data stream is described, wherein the
scalable encoded data stream is provided by an encoder and comprises a base layer stream and at least one enhancement layer
stream. The base layer stream and the enhancement layer stream are provided from the encoder to a decoder with substantially the
same encoder-to-decoder delay.
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REDUCING A TUNE-IN DELAY INTO A SCALABLE ENCODED DATA STREAM

Background of the Invention

1. Technical Field of the Invention

Embodiments of the invention relate to the field of gener-
ating streams of data including a plurality of encoded data
blocks, wherein such kind of streams are transmitted to a
receiver and decoded for presentation of the data within
the stream. More particularly, and not by way of any limi-
tation, the invention is related to the field of media
transmission, reception and playback, and embodiments of
the invention concern a fast tune-in into a stream trans-

mission over IP networks.

2. Description of the Related Art

In the field of media transmission over an IP network (for
example IPTV systems) video data is transmitted in encoded
and compressed form, and popular video compression stan-
dards, such as MPEG-2 and JVT/H.264/MPEG AVC, use intra-
coding and inter-coding. For proper decoding a decoder de-
codes a compressed video sequence beginning with an intra-
coded picture (e.g. an I-picture or I-frame) and then con-
tinues to decode the subsequent inter-coded pictures (e.g.
the P-pictures or P-frames and/or the B-pictures or B-
frames). A group of pictures (GOP) may include an I-picture
and several subsequent P-pictures and/or B-pictures,
wherein I-pictures require more bits to code than P-
pictures or B-pictures for the same quality of the video.
Upon receipt of the video stream on a particular channel,
for example after changing to this channel or after turning
on the receiver, decoding has to wait until the first I-
picture is received. To minimize the delay in the coding of
the video stream I-pictures are sent frequently, i.e. are
included within the video stream at a fixed distance, for
example every 0.5 seconds.
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One problem of current IPTV systems is the so-called tune-
in time into streams that are distributed over multicast
IP. The delay between the initialization of tuning into a
channel and rendering the content of this channel is due to
several effects of which client pre-buffering time and ac-
quisition time for random access points within the stream
to be switched to are the dominant ones. Both effects are
direct implications of the design of modern video codec
schemes. In differential video coding schemes, like MPEG-2
video or MPEG-4 AVC/H.264, only a few pictures of a stream
are self-contained, e.g. the above-mentioned I-pictures.
These pictures include all information that is necessary to
decode the complete picture. Most other pictures are dif-
ferentially coded and depend on one or more previously
transmitted and decoded pictures, e.g. the above-mentioned
P-pictures or B-pictures. In other words, the P-pictures or
B-pictures do not include all information that is necessary
to decode a complete picture, rather additional information

from preceding or following pictures is required.

To obtain the best coding efficiency at a.given bit rate,
the number of I-pictures should be low. On the other hand,
the I-pictures serve as random access points (RAP) to the
stream where decoding can be started. Hence, there is a de-
lay when tuning into a new stream, since the client (re-
ceiver) has to wait for a random access point within the
stream to arrive, before it can start decoding and display-

ing video.

In differential coding schemes, the encoded video bit rate
is not necessarily constant but rather depends on the com-
plexity of the video scene. Within a video stream, the
variation in coded picture size can be large, for example
the I-pictures can be many times as large as differentially
encoded pictures, the P-pictures and B-pictures. Upon
transmitting such a bit stream over a channel with constant

channel bit rate, the client needs to pre-buffer incoming
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picture data so that the video can be played with the same
rate as it was sampled. This buffer needs to be large
enough to avoid buffer overflow and shall only be emptied
on reaching a certain buffer fullness for avoiding buffer

underrun during playout.

Whenever the buffer cannot be filled instantly to the point
where the client can start emptying it, delay occurs before

rendering can be started.

This functionality is disadvantageous as the receiver which
begins receiving a program on a specific channel, for exam-
ple following a channel change or turning on the receiver
must wait until the random access point, for example an I-
picture is received, so that decoding can start. Thus, the
distance of random access points within the main stream is

one of the main causes for the tune-in delay.

One approach to reduce such delay in a multicast linear TV
scenario 1is to send a second stream in parallel to the main
stream, wherein the second stream has a higher frequency of
random access points. This second stream is for example

called the “tune-in stream” or the “side stream”.

Fig. 3 illustrates tuning into a main stream using a secon-
dary or tune-in stream. Fig. 3 illustrates along the X-axis
the time and along the Y-axis the quality level of the re-
spective streams. In Fig. 3, the full quality Qs of the
main stream 100 is 100% and the side stream or tune-in
stream 102 has a lower quality Q;, which is an intermediate
quality level, which is lower than the quality level of the
main stream 100. When the user initiates a channel change
at time typ, tuning into the side stream 102 occurs. The
side stream comprises more frequent random access points so
that the initial start-up delay (t.-to) for decoding is re-
duced by using the tune-in stream 102 having more frequent
I-pictures. A decoder within a receiver will obtain a first

I-picture from the tune-in stream 102 for the new channel
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earlier than the first I-picture of the main stream 100.
However, as mentioned above, the quality of the tune-in
stream 102 is lower than the quality of the main stream,
e.g. the pictures are encoded at different quality levels,
which is necessary to limit the additional bit rate that is
necessary for the tune-in stream as same comprises more I-
pictures which are many times larger than the other pic-
tures. Therefore, the tune-in stream 102 is encoded at a
lower intermediate quality level Q;, for example, using a
lower image resolution, for example, only a quarter resolu-
tion when compared to the full resolution of the main

stream.

During the transition period (tr-tr) starting at ty, the re-
ceiver or client decodes the pictures derived from the
tune~in stream 102 until a full resolution I-picture ar-
rives on the main stream at time ty. Once this I-picture
arrives, the low resolution stream is stopped and the full
quality pictures of the main stream are decoded and ren-
dered.

The above-described behavior of fast tune-in using a tran-
sition period of intermediate quality may also be achieved
in combination with scalable video coding (SVC), for in-
stance with the MPEG-4 SVC standard. It is noted that in
this document the term “SVC” is used as a generic acronym
for scalable coding or scalable video coding and does not
only refer to MPEG-4 SVC.

In case of SVC, the base layer stream corresponds to the
tune-in stream and the enhancement layer corresponds to the
main stream. However, one difference to conventional ap-
proaches using streams of different quality is that in ac-
cordance with the S8VC technique the base layer is always
used, not only during the transition period, so that the
client or receiver always receives both streams. As de-
scribed above, also when using the SVC technique the

shorter distance of random access points, I-pictures, in
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the base layer stream reduces the delay contribution caused
by waiting for the I-picture to arrive. However, as shall
be described below in further detail, the client needs not
only to wait for the first I-picture but also needs to pre-
buffer incoming data (independent of reception of the first
I-picture) before starting to decode and playing out
frames.

Fig. 4 is as example of a conventional system for transmit-
ting a SVC stream from a transmitter 104 to a client or re-
ceiver 106. The transmitter 104 and the client 106 are con-
nected via a network 108, for example the Internet. The
transmitter 104 comprises an encoder 110 which receives at
an input I an input signal 112 which is to be encoded in
accordance with the scalable coding technique. In case of
the signal 112 being a video signal or including video con-
tents, the encoder 110 is provided to apply the scalable
video coding technique to provide at a first output E the
enhancement layer stream or main stream 100. At a second
output B the encoder 110 provides the base layer stream or
tune-in stream 102. The transmitter 104 further comprises
an enhancement layer stream buffer 114 and a base layer
stream buffer 116 receiving from the first and second out-
puts, respectively, the enhancement layer stream 100 and
the base layer stream 102, respectively. The buffers 114
and 116 are provided to allow for a constant transmission
rate to be provided by the transmitter 104 for both the en-
hancement layer stream 100 and the base layer stream 102.
The buffered streams 100 and 102 are transmitted via the
network 108 to the client 106.

The client 106 comprises a decoder 120 having an output O
for providing a decoded signal 122 for further processing.
The decoder 120 further comprises a first input E and a
second input B for receiving the enhancement layer stream
and the base layer stream, respectively, for decoding
thereof. The client 106 further comprises an enhancement

layer stream buffer 124 and a base layer stream buffer 126.
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The enhancement layer stream buffer 124 receives the en-
hancement layer stream transmitted by the network 108. Once
a required buffer fill level for the buffer 124 is reached
the enhancement layer stream data is output to the decoder
120 for decoding. The base layer stream buffer 126 receives
the base layer stream which is transmitted by the encoder
104 via the network and, like the buffer 124, buffers a
predetermined amount of data from the base layer stream be-

fore forwarding the base layer stream data to the decoder.

Reference is now made to Fig. 5 showing a detailed block
diagram of the decoder 120 of the client 106 in Fig. 4. In
the example described with regard to Fig. 3 the use of a
main stream and a tune-in stream was described, wherein
these two streams are independent from each other and two
independent decoders are used to decode the main and tune-
in streams. In the scalable coding technique this is dif-
ferent, as always all bit stream data of a frame or picture
are to be decoded during one pass, which is also called
“single loop decoding”. Thus, to allow decoding the bit
stream data must be provided in the correct order at the
input of the SVC decoder, and not only in the correct tem-
poral order but also the base layer data and the enhance-
ment layer data for each frame need to be interleaved cor-
rectly. When transmitting the two layers independent from
each other it is required to sort the data into the correct
order which is especially important at the time of switch-
ing to the enhancement layer for obtaining an output signal
with improved quality. However, it is noted that this re-
ordering, i.e. providing the correct order of the data from
the enhancement layer and the base layer to the decoder is

also needed during the further operation.

As is shown in Fig. 5, for SVC the client 106 comprises the
two buffers 124 and 126 and the decoder 120 which comprises
a SVC decoder 121 and a combiner 128 coupled between the
buffers 124, 126 and the SVC decoder 121. The combiner 128

is provided for re-generating the combined bit stream of
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all layers so that the SVC decoder 121 can correctly decode
the contents from the original input signal. However, to be
in a position to correctly re-generate a combined bit
stream of all layers the combiner 128 requires input from
the enhancement layer stream and from the base layer
stream, as it is provided by the respective buffers 124 and
126.

Turning now back to Fig. 4 the drawbacks of conventional
designs when tuning into a stream will be discussed. As can
be seen from Fig. 4 the buffers 114, 116, 124 and 126 are
depicted with different dimensions to indicate that the
buffer size of these respective buffers is different. For
transmitting the base layer stream only a small amount of
base layer stream data needs to be buffered, as it is indi-
cated by the smaller size buffers 116 and 126, whereas a
higher amount of data needs to be buffered for the enhance-
ment layer stream, as it is indicated by the larger size
buffers 114 and 124. Assuming now a situation that tuning
into the stream generated from the input signal 112 just
took place the encoder will start transmitting the enhance-
ment layer sﬁream 100 and the base layer stream 102 via the
network 108 to the client 106. At the client the received
streams are buffered however, as 1is indicated by the
hatched areas 124a and 126a the base layer stream buffer
126 has reached its required buffer fill level while, at
the same time, only a part of the necessary data to be
buffered for the enhancement layer stream is received by
buffer 124, i.e. the buffer fill level for the enhancement
layer stream 1is not yet reached. Thus, despite the fact
that information from the base layer stream is already
available at the input B of the decoder 120 (as is indi-
cated by the hatched area 130) decoding cannot yet start as
the combiner 128 (see Fig. 5) is not in a position to re-
generate the combined bit stream of all layers as the re-
quired information from the enhancement layer buffer 124 is
still missing.
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Thus, in accordance with the conventional system described
above, the client 106 is not in a position to start decod-
ing even in case the data 130 already includes an I-picture
as the required buffer fill level for buffer 124 is not yet
reached so that the necessary data from the enhancement
layer stream cannot be presented to the combiner 128. Thus,
besides the necessary time to wait for an I-picture also
the time to fill up the buffer 124 to the required level
adds to the overall tune-in delay when tuning to a scalable

video encoded stream received at the client 106.

Thus, a need exists to provide an approach providing a fast
tune-in into a scalable coded stream transmitted to a cli-
ent.

SUMMARY OF THE INVENTION

An embodiment of the invention provides a method for reduc-
ing a tune-in delay upon tuning into a scalable encoded
data stream which is provided by an encoder and comprises a
base layer stream and at least one enhancement layer
stream, wherein the base layer stream and the at least one
enhancement layer stream are provided separate from the en-
coder to a decoder, wherein the base layer stream and the
at least one enhancement layer stream are combined for de-
coding such that the combined stream comprises for each
data block to be decoded data from the base layer stream
and data from the at least one enhancement layer stream,
and wherein the method comprises transmitting the base
layer stream and the at least one enhancement layer stream
time-shifted from the encoder to the decoder.

Another embodiment of the invention provides a method for
providing a scalable encoded data stream for transmission
to a decoder, wherein the scalable encoded data stream com-
prises a base layer stream and at least one enhancement

layer stream, and wherein the base layer stream and the at
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least one enhancement layer stream are combined for decod-
ing such that the combined stream comprises for each data
block to be decoded data from the base layer stream and
data from the at least one enhancement layer stream, and
wherein the method comprises delaying the base layer stream

with respect to the at least one enhancement layer stream.

Yet another embodiment of the invention provides a system
for reducing a tune-in delay upon tuning into a scalable
encoded data stream which comprises a base layer stream and
at least one enhancement layer stream, the system compris-
ing an encoder which is configured to provide the base
layer stream and the at least one enhancement layer stream
of the scalable encoded data stream; a network which is
coupled to the encoder and is configured to transmit the
base layer and the at least one enhancement layer stream;
and a decoder which is coupled to the network and is con-
figured to receive the base layer stream and the at least
one enhancement layer stream and to decode a combined
stream comprising the base layer stream and the at least
one enhancement layer stream, wherein the base layer stream
and the at least one enhancement layer stream are combined
for decoding such that the combined stream comprises for
each data block to be decoded data from the base layer
stream and data from the at least one enhancement layer
stream, wherein the system is configured to transmit the
base layer stream and the at least one enhancement layer

stream with a time-shift from the encoder to the decoder.

A further embodiment of the invention provides an encoder
for providing a scalable data stream, comprising an encoder
section which is configured to scalable encode an input
signal to obtain a base layer stream and at least one en-
hancement layer stream, wherein the base layer stream and
the enhancement layer stream are combined for decoding such
that the combined stream comprises for each data block to
be decoded data from the base layer stream and data from

the at least one enhancement layer stream; a first buffer
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which is configured to buffer the base layer stream; and a
second buffer which is configured to buffer the at least
one enhancement layer stream; wherein the encoder is con-
figured to transmit the base layer stream and the at least

one enhancement layer stream with a time-shift.

Embodiments of the invention concern encoders, streaming
servers, network components and clients, for example for
IPTV systems, wherein a fast tuning into a stream or a fast
channel <change 1is achieved by wusing scalable coding,
wherein the pre-buffering delay in a client device is re-
duced by a time shifted transmission of the base and en-
hancement layers which is obtained by an intentionally in-
troduced additional delay for the base layer stream and, if

present, optionally for lower level enhancement layers.

BRIEF DESCRIPTION OF THE DRAWINGS

The embodiments of the invention will be described in the
following with reference to the accompanying drawings,

wherein:

Fig. 1 is a schematic representation of a system for re-
ducing the tune-in delay in accordance with an
embodiment of the invention, wherein Fig. 1(a)
represents a situation shortly after tuning into
the stream with the decoder buffers not yet hav-
ing reached a required fill level, and wherein
Fig. 1(b) shows the system with its decoder buff-
ers filled so that decoding of the combined

stream can start;

Fig. 2 is a block diagram of a system for reducing the
tune-in delay in accordance with another embodi-

ment of the invention;
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Fig. 3 illustrates a conventional approach for tuning

into a stream using a tune-in stream;

Fig. 4 is an example of a conventional system for trans-
mitting a SVC stream, wherein a situation shortly

after tuning into the stream is shown; and

Fig. 5 is a detailed diagram of the decoder of the cli-

ent shown in Fig. 4.

DESCRIPTION OF EMBODIMENTS OF THE INVENTION

In the following, embodiments of the invention will be de-
scribed. One embodiment of the invention concerns an ap-
proach for reducing a tune-in delay when tuning into a
stream of data, for example a video stream or an audio
stream, wherein the stream is encoded in accordance with
the scalable coding technique, for example in accordance
with the scalable video coding approach so that a base
layer stream and at least one enhancement layer stream are
generated. Each of these streams comprises a plurality of
encoded data blocks which comprise a plurality of self-
contained blocks including all information for decoding the
block and a plurality of blocks including only partial in-
formation for decoding. In accordance with embodiments of
the invention, the stream of data may be a video stream be-
ing encoded using intra- and inter-coding. The encoded
streams may comprise I-pictures as random access points and
P-pictures and/or B-pictures, wherein the number and dis-
tance of I-pictures in the base layer stream and in the at
least one enhancement layer stream are different from each
other.

In accordance with embodiments of the invention a reduction
of the pre-buffer fill delay described above is achieved by

a time-shifted transmission between the base layer streams
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and the enhancement layer stream. The base layer stream may
be deiayed at the server or transmitter so that the en-
hancement layer stream is virtually transmitted “ahead of
time”. In this way, the delay of the base layer stream com-
pensates the buffer time that the client needs to pre-
buffer the enhancement layer stream’s data packets. This
buffer time insures that the pre-buffering conditions of
the enhancement layer stream and the total bit stream com-
prised of the base layer stream and the enhanced stream,
respectively, are already fulfilled as soon as the first I-
picture of the enhancement layer stream is needed for de-

coding and rendering.

Fig. 1 is a schematic representation of the system for re-
ducing the tune-in delay in accordance with an embodiment
of the invention._In the subsequent description of the em-
bodiments of the invention given with regard to Figs. 1 and
2 elements, which where already described with reference to
Figs. 4 and 5 have the same reference sign and-are not

again described in detail.

Fig. 1(a) shows a situation shortly after tuning into a
stream which is provided by the provider or transmitter
104. As described above, the transmitter 104 comprises the
encoder 110 and also the encoder buffers which are not
shown in Fig. 1. The transmitter 104 outputs the base layer
stream 102 and the enhancement layer stream 100 for trans-
mission via the network 108 to the client 106. The trans-
mitter 104 includes a delay element 132 which is provided
to delay the base layer stream 102 with respect to the en-
hancement layer stream 100 in such a manner that transmis-
sion of the base layer stream 102 is delayed when compared
to transmission of the enhancement layer stream 100 so that
the enhancement layer stream is virtually transmitted
“ahead of time”. Delaying the base layer stream 102 in ac-
cordance with the inventive approach is done such that the
pre-buffer fill delay at the client 106 is reduced. For ex-
ample, the delay 132 is selected such that the delay be-
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tween the encoder 110 and the decoder 120 is substantially
the same which results in a filling of the respective buff-
ers 124 and 126 such that same reach the predefined or re-
quired buffer fill level at approximately the same instant,
i.e. the buffers 124 and 126 are uniformly filled. In the
situation shown in Fig. 1(a) it is assumed that the base
layer stream comprises the base layer packets B; to By and
further base layer packets, whereas the enhancement layer
stream comprises the packets E; to E; and additional pack-
ets. As is schematically indicated in Fig. 1(a) the buffers
124 and 126 of the client 106 are filled uniformly, which
means that the buffers filled with the same rate and as is
seen in Fig. 1(a) the buffers 124 and 126 did not yet reach
their required buffer fill level. In the situation shown in
Fig. 1(a) the combiner 128 did not yet receive packets for
combining the streams 100 and 102 into a combined stream

needed for decoding and rendering.

Fig. 1(b) shows a situation in which the buffers 124, 126
of the client 106 reached their required buffer fill level
so that the combiner 128 already received packets from the
two buffers for recombining same into the combined stream
which can be used for decoding at SVC decoder 121. In view
of the inventive approach of delaying the base layer stream
the pre-buffer fill delay discussed above is reduced or
even avoided as the buffers 124, 126, duelto the delay of
the base layer stream, reach the required fill level at the
same time or instant or with a reduced delay so that the
combiner 128 receives data from both buffers 124 and 126

for generating the combined stream.

To be able to align both time lines at the decoder/playout
or rather at the input of the combiner 128, both the base
layer stream 102 and the enhancement layer stream 100 need
to have the same end-to-end delay so that the tune-in
stream or base layer stream needs to be additionally de-
layed at the encoder by a delay that is the difference of

the end-to-end delay of the total stream (base layer stream
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+ enhancement layer stream) and the end-to-end delay of the
base layer stream. Actually, the pre-buffering delay in the
client device may be reduced to zero, in case of an ideal
network without jitter. If the delay at the encoder is cho-
sen to just compensate the pre-buffering delay in the de~
coder, no additional end-to-end delay is introduced. Addi-
tional network de-jitter buffer for the enhancement layer
stream can be added without additional tune-in delay by in-
creasing the time-shift between the base layer stream and
the enhancement layer stream.

The delay 132 can be introduced into the base layer stream,
for example by providing an additional delay element in the
transmitter 104 or by modifying the base layer stream

buffer in the encoder to set a desired buffer delay.

Following the situation shown in Fig. 1(b) decoding of the
stream received at the client 106 can start. For example,
once a tune-in request is issued by the client 106 the
scalable encoded stream is received at the client 106 in
form of the base layer and the enhancement layer streams.
Once the required buffer-fill 1level for the enhancement
layer stream is reached and once a first self-contained
data block in the base layer, like an I-picture in the base
layer, 1is received at the decoder 120 decoding of only the
base layer starts thereby already providing an output -with
reduced quality- despite the fact that the enhancement
layer did not yet include the I-picture. Once the I-picture
in the enhancement layer is received at the decoder 120
both the base layer stream and the enhancement layer stream
will be decoded thereby changing the output from the lower
quality to the higher quality.

Fig. 2 is a block diagram of a system for reducing the
time-in delay in accordance with another embodiment of the
invention. Fig. 2 is similar to the system shown in Fig. 4,
however, in accordance with the invention the additional

delay 132 is introduced into the base layer stream path of
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the transmitter 104. The delay 132 is realized by providing
an additional delay element, for example an additional
buffer element in the just-mentioned base layer stream path
so that the base layer stream 102 is delayed with respect
to the enhancement layer stream 100. Instead of realizing
the delay 132 by means of an additional buffer inside the
transmitter 104 another kind of delay element may be used,
like for example a buffer device in the network at any po-

sition between the transmitter and the client.

In addition, instead of providing an additional element 132
a buffer delay time of the existing buffer 116 may be in-
creased, for example by using a buffer having a larger ca-

pacity.

In a conventional system as it is shown in Fig. 4, the end-
to-end delays Digp and Digz of the enhancement layer stream

and the base layer stream are as follows:

Dioo = dii1a+dizg

Dig2 = dii16+di2e

wherein d indicates the delays of the respective buffers.
As mentioned above, to be able to align both time lines at
the decoder/playout both streams need to have the same end-
to-end delay. Therefore, the tune-in stream or base layer
stream needs to be additionally delayed at the decoder by
d*, that is the difference of the end-to-end delay of the
total stream and the end-to-end delay of the base layer

stream, namely
di1qat+diza = dyietd*+dize

Io allow for a short tune-in time, the base layer stream
need to have a very low decoder buffer delay D¢ so that
the end-to-end delay of the base layer stream is much lower
than the end-to-end delay of the enhancement layer stream,

Dig2 << Digo. This can be achieved by a VBR-like encoding and
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transmission of the base layer stream. This is possible
even for bit rate constrained channels because the bit rate
of the base layer stream is much lower than a total bit
rate of the complete stream being the sum of the base layer
stream and the enhancement layer stream. The enhancement
layer stream is encoded in a way so that the total base and
enhancement bit rate fulfills the buffer requirements of a
CBR encoded stream for bandwidth-constrained transmission.
This can be achieved by using an encoder rate control that
handles the buffer management of all (base and enhancement
layer) streams during the encoding process.

The inventive approach is not limited to the use of only a
single enhancement layer stream, rather the above-described
inventive approach can also be used with more than one en-
hancement layer. Fig. 2 shows in dotted lines an additional
enhancement layer path 100’ including at the transmitter
site an additional buffer 114’ and at the client side also
an additional enhancement layer stream buffer 124’. Also,
more than two enhancement layers may be used. Several en-
hancement layers may be used to achieve a smoothly increas-
ing video quality during the transition period (see Fig. 3
described above). To enable this, every higher layer is us-
ing a longer I-picture distance so that after tune-in the
client is starting with a base layer, and at the end of the
first transition period additionally the first enhancement
layer is used. Then, at the end of the second transition
period the base layer, the first enhancement layer and the
second enhancement layer are used and so on. The end of the
complete transition period is reached once the I-picture in
the top layer is received and ready for decoding. In such
an environment it is noted that the buffers of the differ-
ent enhancement layer streams may not require the same size
as the buffer requirements may differ from enhancement
layer to enhancement layer, i.e. the data required to be
buffered increases with the level of the enhancement layer.
In such a situation, also the enhancement layers may re-

quire additional delay, for example all enhancement layers
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except for the top-level layer are associated with an in-
creasing amount of delay so that the time-line of all

streams are aligned.

While in the above-described embodiment the enhancement
layer stream was buffered at the client 106 it is noted
that the invention is not limited to such an environment.
Rather, the inventive approach is also applicable to a re-
ceiver/server system (edge server). In such a system the
one or more enhancement layers are buffered in the edge
server and the memory requirements for buffering at the
client are reduced, because only a sub-part of the stream,
not the full stream needs to be buffered. In addition, the
edge server 1is enabled to push (=transmission faster than
real-time) only a sub-part of the stream, for example a
lower level enhancement layer, to the client without ex-
ceeding the nominal bit rate of the full stream. This ap-
proach may be important in case the last mile 1link, for ex-
ample the DSL line, does not enough additional bandwidth,
for example because other channels are transmitted in par-
allel. The edge server 1is able to adapt the fast push to
the available bandwidth on the last mile 1link. If suffi-
cient bandwidth is available, the full stream (all enhance-
ment layers) will be pushed. If not, only a sub-stream (for
example one or more lower enhancement layers) will be
pushed, without affecting the fast tune-in. In the latter
case, only the second level of intermediate quality, for

example a lower frame rate, has to be accepted.

The inventive approach of time-shifting the transmission of
the respective streams is further advantageous as different
I-picture distances in the base and enhancement layer
streams also offer a higher error robustness during normal
channel reception. The time~shifted distribution allows the
client to early detect losses and possibly request lost
packets from a retransmission server, if available. In case
of lost enhancement layer packets, the client can switch

back to the base layer. Error distribution in the base
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layer is restricted to a few frames, because of the small

distances of I-pictures.

The above-described solution can also be adapted to tempo-
ral scalability, using for example MPEG-4AVC without the
MPEG-4SVC extensions. In this case, the base layer corre-
sponds to a low frame rate layer, the lowest hierarchy
level, and the enhancement layer to, for example non-
reference pictures that are inserted between the base layer
frames to reach the full frame rate, the highest hierarchy
level. The inserted pictures may be divided into several
enhancement layers, hierarchy levels, what is known as “hi-
erarchical B-frames”. In addition, the solution can also be
adapted to spatial or SNR (signal to noise ratio) scalabil-
ity.

The above embodiments were described in combination with
video data, however, it is noted that the invention is not
limited to the transmission of video data, rather the prin-
cipals described in the embodiments above can be applied to
any kind of data which is to be scalable encoded in a data
stream, wherein the term scalable encoded data stream means
a data stream which is encoded in accordance with the prin-
cipals of the scalable coding technique, for example in
case of a video contents same is encoded in accordance with
the principals of the scalable video coding technique (SVC

technique).

The embodiments described above may be used in the context
of a multi-channel transmission system in which the scal-
able encoded data stream is associated with a first channel
of the multi-channel transmission system, for example an
IPTV system. Tuning-in may either comprise switching into a
TV channel for the first time or switching from a currently
viewed or displayed TV channel to another TV channel.

The invention is not limited to the embodiments described

above. Rather, the invention, in general, is concerned with
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improving the tune-in characteristics upon tuning into a
scalable encoded stream which comprises a base layer stream
and at least an enhancement layer stream as described in
detail above, wherein the scalable encoded stream may be a
single stream which is provided to a user, e.g. over a net-
work, like the Internet.

The stream containing e.g. a video contents may be provided
by a service provider such that a user may tune into the
stream at any time. In such a situation, after receiving
the tune-in request the stream including both the main and
the secondary streams is received by the user, and the sec-
ondary stream is decoded until the self-contained block ar-
rives on the main stream and the required main stream de-

coder buffer-fill level is reached.

In another embodiment of the invention, the stream is ob-
tained by a user on the user’s demand, e.g. from a service
provider. The stream (e.g. video on demand) is received by
the user and when tuning into the stream decoding of the
stream starts in accordance with the principles of embodi-

ments of the invention.

In the description of the embodiments of the invention, the
self-contained blocks and the non-self-contained blocks of
the streams were named as I-pictures and P- or B-pictures,
respectively. It is noted, that the term “picture”, in gen-
eral, determines an encoded contents that includes data or
information that is necessary to decode the contents of the
block. In case of I-pictures all data or information is in-
cluded that is necessary to decode the complete contents of
the block, whereas in case of P- or B-pictures not all in-
formation is included that is necessary to decode a com-
plete picture, rather additional information from preceding
or following pictures is required. Alternatively, the I-,

P- and B-pictures may be named I-, P- and B-frames.
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Further, it is noted that the embodiments were described in
combination with video data, however it is noted that the
invention is not limited to the transmission of video data,
rather the principles described in the embodiments above
can be applied to any kind of data which is to be encoded
in a data stream. To be more specific, the above described
principles also apply to audio data or other kind of timed
multimedia data that uses the principle of differential en-
coding, wutilizing the principle of different types of
transmitted data fragments within a data stream, like full
information (that enables the client to decode the full
presentation of the encoded multimedia data) and delta (or
update) information (that contains only differential infor-
mation that the client can only use for a full presentation
of the encoded multimedia data if preceding information was
received). Examples of such multimedia data, besides video,
are graphics data, vector graphics data, 3D graphics data
in general, e.g. wireframe and texture data, or 2D or 3D

scene representation data.

It should be understood that depending on the circum-
stances, the methods of embodiments of the invention may
also be implemented in software. Implementation may occur
on a digital storage medium, in particular a disc, a DVD or
a CD with electronically readable control signals which can
interact with a programmable computer system such that the
respective method is executed. Generally, the invention
thus also consists in a computer program product with a
program code stored on a machine-readable carrier for per-
forming the inventive method, when the computer program
product runs on a PC and/or a microcontroller. In other
words, the invention may thus be realized as a computer
program with a program code for performing the method when,
the computer program runs on a computer and/or a microcon-
troller.

It is noted that the above description illustrates the

principles of the invention, but it will be appreciated
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that those skilled in the art will be able to devise vari-
ous arrangements that, although not explicitly described or
shown here, embody the principles of the invention without
departing from the spirit. or scope of the invention. It
will be appreciated by those skilled in the art that the
block diagrams presented herein represent conceptual views
of illustrative circuitry embodying the principles of the
invention. Similarly, it will be appreciated that any flow-
charts, flow-diagrams, transmission diagrams and the like
represent various processes which may be substantially pre-
sented in a computer readable media and so executed by a
computer or processor whether or not such a computer or
processor is implicitly shown. The functions of the various
elements shown in the figures may be provided through the
use of dedicated hardware as well as hardware capable of
executing software in association with the appropriate
software. When provided by a processor, the functions may
be provided by a single dedicated processor, by a single
shared processor or by a plurality of individual proces-
sors, some of which may be shared. Moreover, explicit use
of the term “processor” or “controller” should not be con-
strued to refer exclusively to hardware capable of execut-
ing software, it may implicitly include, without limita-
tion, a digital signal processor hardware, read-only memory
for storing software, random access memory and non-volatile

storage.
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What is claimed is:

10

15
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25

30
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A method for reducing a tune-in delay upon tuning into
a scalable encoded data stream which is provided by an
encoder and comprises a base layer stream and at least
one enhancement layer stream, wherein the base layer
stream and the at least one enhancement layer stream
are provided separate from the encoder to a decoder,
wherein the base layer stream and the at least one en-
hancement layer stream are combined for decoding such
that the combined stream comprises for each data block
to be decoded data from the base layer stream and data
from the at least one enhancement layer stream, and
wherein the method comprises:

transmitting the base layer stream and the at least
one enhancement layer stream time-shifted from the en-
coder to the decoder.

The method of claim 1, wherein the base layer stream
and the at least one enhancement layer stream are
time-shifted such that the base layer stream and the
at least one enhancement layer have substantially the
same encoder-to-~decoder delay.

The method of claim 1, wherein time-shifted transmit-
ting the base layer stream and the at least one en-
hancement layer stream comprises delaying the base
layer stream at the encoder such that the base layer
stream and the at least one enhancement layer have
substantially the same encoder-to-decoder delay.

The method of claim 1, further comprising
buffering the base layer stream and the at least one

enhancement layer stream prior to decoding, wherein a
buffer delay of the base layer stream is shorter than
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a buffer delay of the at least one enhancement layer

stream,

wherein time-sifted transmitting the base layer stream
and the at least one enhancement layer stream com-
prises delaying the base layer stream at the encoder
such that the buffer delay of the at least one en-

hancement layer stream is compensated.

The method of claim 4, further comprising

buffering the base layer stream and the at least one

enhancement layer stream at the decoder,

wherein delaying the base layer stream at the encoder
comprises setting an encoder buffer delay for the base
layer stream to a predefined value or introducing into
the base layer stream at the encoder a further delay
in addition to an encoder buffer delay for the base

layer stream.

The method of claim 5, further comprising:

in response to a tune-in request, receiving at the de-
coder both the base layer stream and the at least one

enhancement layer stream;

in response to the arrival of a self-contained data
block in the base layer stream and in response to
reaching a required buffer fill level for the at least
one enhancement layer stream, decoding the base layer
stream only; and

in response to the arrival of a self-contained data
block in the at least one enhancement layer stream,
decoding both the base layer stream and the at 1least

one enhancement layer stream.
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10.

The method of claim 6, wherein the scalable encoded
stream comprises a plurality of enhancement layer
streams of different enhancement levels, wherein the
base layer stream and the plurality of enhancement
layer streams are delayed at the encoder such that the
substantially same encoder-to~decoder delay for all
streams is obtained, and wherein at least a subset of
the enhancement layer streams is successively used for

tuning into the scalable encoded stream.

The method of claim 6, wherein the scalable encoded
stream is associated with a channel of a multi-channel
transmission system, and wherein the tune-in request
indicates a change from a current channel of the
multi-channel transmission system to a new channel of

the multi-channel transmission system.

The method of c¢laim 6, wherein the scalable encoded
stream is associated with a stream which is obtained
on demand by a user, and wherein the tune-in request

initiates an initial tuning into the stream.
The method of claim 1, wherein

the base layer stream and the at least one enhancement
layer stream each comprise a plurality of self-
contained blocks including all information for decod-
ing the block, and a plurality of blocks including
only partial information for decoding,

the base layer stream is encoded at a quality differ-
ent from a quality of the at least one enhancement

layer stream, and

wherein at least some of the blocks of the at least
one enhancement layer stream including only partial

information for decoding the block depend on informa-
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11.

12.

13.

14.

tion from the base layer stream to allow decoding
thereof.

The method of claim 1, wherein the scalable encoded
data stream represents video content, and wherein the
content 1is encoded uéing the scalable video coding
scheme yielding the at least one enhancement layer and
the base layer, wherein the I-picture distance in the
base layer is shorter than the I-picture distance in
the enhancement layer.

The method of c¢laim 11, wherein the scalable video
coding scheme provides for a temporal, spatial or SNR
scalability.

The method of claim 1, wherein

the scalable encoded stream comprises a plurality of
enhancement layer streams of different enhancement

levels, and

wherein the base layer stream and the plurality of en-
hancement layer streams are provided from the encoder
to the decoder with substantially the same encoder-to-
decoder delay.

A method for providing a scalable encoded data stream
for transmission to a decoder, wherein the scalable
encoded data stream comprises a base layer stream and
at least one enhancement layer stream, and wherein the
base layer stream and the at least one enhancement
layer stream are combined for decoding such that the
combined stream comprises for each data block to be
decoded data from the base layer stream and data from
the at least one enhancement layer stream, and wherein
the method comprises:
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15.

l6.

delaying the base layer stream with respect to the at

least one enhancement layer stream.
The method of claim 14, comprising:

scalable encoding an input signal to obtain the base
layer stream and the at least one enhancement layer
stream; and

buffering the base layer stream and the at least one

enhancement layer stream,

wherein a buffer delay of the base layer stream is se-
lected or a further delay in addition to an encoder
buffer delay for the base layer stream is introduced
such that the desired delay of the base layer stream
with respect to the a least one enhancement layer

stream is obtained.

A system for reducing a tune-in delay upon tuning into
a scalable encoded data stream which comprises a base
layer stream and at least one enhancement layer

stream, the system comprising:

an encoder which is configured to provide the base
layer stream and the at least one enhancement layer

stream of the scalable encoded data stream;

a network which is coupled to the encoder and is con-
figured to transmit the base layer and the at least

one enhancement layer stream; and

a decoder which is coupled to the network and is con-
figured to receive the base layer stream and the at
least one enhancement layer stream and to decode a
combined stream comprising the base layer stream and
the at least one enhancement layer stream, wherein the

base layer stream and the at least one enhancement
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17.

18.

layer stream are combined for decoding such that the
combined stream comprises for each data block to be
decoded data from the base layer stream and data from

the at least one enhancement layer stream,

wherein the system is configured to transmit the base
layer stream and the at least one enhancement layer
stream with a time-shift from the encoder to the de-

coder.
The system of claim 16, wherein

the encoder and the decoder each comprise respective
buffers for buffering the base layer stream and the at

least one enhancement layer stream, respectively, and

the encoder’s base layer stream buffer is configured
such that a buffer delay of the decoder’s enhancement

layer stream buffer is compensated.
The system of claim 17, wherein

the decoder comprises a base layer stream buffer, an
enhancement layer stream buffer, a combining unit, and
a decoding unit,

the decoder is configured to tune into the scalable
encoded data stream in response to a tune-in request
and to receive at the base layer stream buffer the de-
lay basé layer stream and at the enhancement layer

stream buffer the enhancement layer stream,

the combining unit is configured to combine the base
layer stream and the enhancement layer stream for de-
coding such that the combined stream comprises for
each data block to be decoded data from the base layer
stream and data from the at least one enhancement
layer stream, and
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19.

20.

21.

the decoding unit is configured to decode the base
layer stream only, in response to the arrival of a
self-contained data block of the base layer stream in
the combined stream, and to decode both the base layer
stream and the enhancement layer stream in response to
the arrival of a self-contained data block of the en-

hancement layer stream in the combined stream.

An encoder for providing a scalable data stream, com-

prising:

an encoder section which is configured to scalable en-
code an input signal to obtain a base layer stream and
at least one enhancement layer stream, wherein the
base layer stream and the enhancement layer stream are
combined for decoding such that the combined stream
comprises for each data block to be decoded data from
the base layer stream and data from the at least one
enhancement layer stream;

a first buffer which is configured to buffer the base

layer stream; and

a second buffer which is configured to buffer the at

least one enhancement layer stream;

wherein the encoder is configured to transmit the base
layer stream and the at least one enhancement layer

stream with a time-shift.

The encoder of claim 19, wherein the encoder is con-
figured to delay the base layer stream with respect to

the at least on enhancement layer stream.

The encoder of claim 20, wherein the first buffer is
configured to delay the base layer stream so as to

provide the base layer stream and the at least one en-
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22.

23.

24.

hancement layer stream with substantially the same en-
coder-to-decoder delay.

The encoder of claim 20, comprising a delay element
provided in a base layer stream path of the encoder
and being configured to delay the base layer stream so
as to provide the base layer stream and the at least
one enhancement layer stream with substantially the
same encoder-to-decoder delay.

A computer readable medium for storing instructions
which, when being executed by a computer, carry out a
method for reducing a tune-in delay upon tuning into a
scalable encoded data stream which is provided by an
encoder and comprises a base layer stream and at least
one enhancement layer stream, wherein the base layer
stream and the at least one enhancement layer stream
are provided separate from the encoder to a decoder,
wherein the base layer stream and the at least one en-
hancement layer stream are combined for decoding such
that the combined stream comprises for each data block
to be decoded data from the base layer stream and data
from the at least one enhancement layer stream, and
wherein the method comprises:

transmitting the base layer stream and the at least
one enhancement layer stream time-shifted from the en-
coder to the decoder.

A computer readable medium for storing instructions
which, when being executed by a computer, carry out a
method for providing a scalable encoded data stream
for transmission to a decoder, wherein the scalable
encoded data stream comprises a base layer stream and
at least one enhancement layer stream, and wherein the
base layer stream and the at least one enhancement
layer stream are combined for decoding such that the

combined stream comprises for each data block to be
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decoded data from the base layer stream and data from
the at least one enhancement layer stream, and wherein
the method comprises:

delaying the base layer stream with respect to the at
least one enhancement layer stream.



WO 2010/054719 PCT/EP2009/007027

1/5
00— IF—___TZ- ]
120

110 | Eb;f:;efE S I
. BB | et i’ 4-3m2 ﬂ 128 dﬂ 2(1)I
encoder L
dela -B48;B,8, work | B ———— [ coder EI
= —— ——+combmer {
o DA O I =
( N

104 108 7

106

FIGURE 1A
00— r u
120

110 | Eb:f[fzerE/ _________________________________ {
encoder L
dela “'B4B3B?B1>ka —r>| B,B e 1
= 2 - ——Jcomb|ner ; I
Be 1 b e
( R

104 108 7

106

FIGURE 1B

SUBSTITUTE SHEET (RULE 26)



PCT/EP2009/007027

WO 2010/054719

¢ 34N9l4

||||||| Lo

._
OMF @M_ “ _ NMF @M_No_ OM_ _
i “
| | |
g je———— T AI“I P q |
N “
T | | i ...+|N..
|| Jeposap _ 0 “ 13p02U3 _
] fe—— A“ M e 3 “
i “
» [ N A
1
S S _ . N
I — |
T gy DR - 1---N--l_
N | e e A
( —/ ( 00!
el il

SUBSTITUTE SHEET (RULE 26)



WO 2010/054719 PCT/EP2009/007027

3/5

A
O
~—
(ap)
............................................. __‘__F‘— u-l
oC
-
2
L
: (9N}
: O~
e -
< i 1 -o—t?
S R =3
(ame]
(e
~
IIm
(@ ]

SUBSTITUTE SHEET (RULE 26)



PCT/EP2009/007027

WO 2010/054719

7 3dN3I4

901 bol
N 00! {
|||||||||||||| . b
OM_ 91 “ | 9Ll Ok
BICh\ [ | [ [
\ _
d . A|_.| i e “ q
NN } _
N 18JNq _ | TET
AlNl_l 0 g} BTl | M _ | TJ\
|| saposap N “ ' | 19p0JU3
d _ _
=l D v [ ] |
T3 _ “ RN _
(] ! |
vel % | P 001 |
\ _ | ]

SUBSTITUTE SHEET (RULE 26)



PCT/EP2009/007027

WO 2010/054719

G 3dN9I4

0¢t
——— — —— — — .N. IIIIIIII - 9l
| 87} | /
| 121 ~ |
N 1ayng
“ NET] - | 18fe| aseq

1ap0dap [{e JO WesAIsliq |

cch [0 OAS pauIquio9 |

_ ajeIeuab-al | 184nq Jafke|

_ 3 _ JUSLWIURYUS

_ |
N MF

SUBSTITUTE SHEET (RULE 26)



INTERNATIONAL SEARCH REPORT

International application No

PCT/EP2009/007027

CLASSIFICATION OF SUBJECT MATTER

N HGANT /24 HOAN5 /00

According to Intemnational Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

HO4N

Minimum documentation searched (classification system followed by classification symbols)

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

EPO-Internal, WPI Data

Electronic data base consulted during the international search (name of data base and, where practical, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category* | Citation of document, with indication, where appropriate, of the relevant passages

paragraph [0013]

paragraph [0019]
figure 1

paragraph [0010] - paragraph [0011]
paragraph [0015] - paragraph [0017]

X EP 1 043 877 Al (LUCENT TECHNOLOGIES INC 1-5,10,
[US]) 11 October 2000 (2000-10-11) 13-17,
19-24
Y abstract 6-9,

11-12,18

Further documents are listed in the continuation of Box C.

See patent family annex.

»

Special categories of cited documents :

“A" document defining the general state of the art which is not
considered to be of particular relevance

“E" earlier document but published on or after the international
filing date

"L" document which may throw doubts on priority claim(s) or
which is cited to establish the publication date of another
citation or other special reason (as specified)

*O" document referring to an oral disclosure, use, exhibition or
other means

"P" document published prior to the international filing date but
later than the priority date claimed

“T* later document published after the interational filing date
or priority date and not in conflict with the application but
cited to understand the principle or theory underlying the
invention

"X" document of particular relevance; the claimed invemion
cannot be considered novel or cannot be considered to
involve an inventive step when the document is taken alone

"Y" document of particular relevance; the claimed invention
cannot be considered to involve an inventive step when the
document is combined with one or more other such docu-—
ments, such combination being obvious to a person skilled
in the art.

"&" document member of the same patent family

Date of the actual completion of the international search

5 January 2010

Date of mailing of the international search report

14/01/2010

Name and mailing address of the ISA/

European Patent Office, P.B. 5818 Patentlaan 2
NL - 2280 HV Rijswijk

Tel. (+31-70) 340-2040,

Fax: (+31-70) 340-3016

Authorized officer

Hampson, Frances

Form PCT/ISA/210 (second sheet) {April 2005)

page 1 of 2

Relevant to claim No.




INTERNATIONAL SEARCH REPORT

International application No

PCT/EP2009/007027

C(Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT

Category*

Citation of document, with indication, where appropriate, of the relevant passages

Relevant to claim No.

Y

FUCHS H ET AL: "Optimizing channel change
time in IPTV applications”

BROADBAND MULTIMEDIA SYSTEMS AND
BROADCASTING, 2008 IEEE INTERNATIONAL
SYMPOSIUM ON, IEEE, PISCATAWAY, NJ, USA,
31 March 2008 (2008-03-31), pages 1-8,
XP031268571

ISBN: 978-1-4244-1648-6

Section "Scalable coding"

EP 1 926 322 A (HUAWEI TECH CO LTD [CNI)
28 May 2008 (2008-05-28)

abstract

paragraphs [0005], [0008]

6-9,
11-12,18

1-24

Form PCT/ISA/210 (continuation of second sheet) (April 2005)

page 2 of 2




INTERNATIONAL SEARCH REPORT

Information on patent family members

International application No

PCT/EP2009/007027
Patent document Publication Patent family Publication
cited in search report date member(s) date
EP 1043877 Al 11-10-2000 CA 2300757 Al 08-10-2000
DE 60000319 D1 19-09-2002
DE 60000319 T2 13-03-2003
JP 3705729 B2 12-10-2005
JP 2000349825 A 15-12-2000
us 6842724 Bl 11-01-2005
EP 1926322 A 28-05-2008 CN 1960453 A 09-05-2007

US 2008117336 Al 22-05-2008

Form PCT/ISA/210 (patent family annex) (April 2005)




	Page 1 - front-page
	Page 2 - description
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - description
	Page 22 - description
	Page 23 - claims
	Page 24 - claims
	Page 25 - claims
	Page 26 - claims
	Page 27 - claims
	Page 28 - claims
	Page 29 - claims
	Page 30 - claims
	Page 31 - claims
	Page 32 - drawings
	Page 33 - drawings
	Page 34 - drawings
	Page 35 - drawings
	Page 36 - drawings
	Page 37 - wo-search-report
	Page 38 - wo-search-report
	Page 39 - wo-search-report

