
1*159159* METHOD AND SYSTEM FOR DETERMINING CODING PARAMETERS ON
VARIABLE-RESOLUTION STREAMS       The present invention relates to the
issue of optimizing the link budget of a multimedia communication. It
proposes a control method making it possible notably to effectively
determine the best allocation of the available bit rate between, on the one
hand, the compression of the video data and, on the other hand, the
protection of these data, for example by the insertion of correcting codes.
The allocation is performed in order to provide the best perceived quality
for one or more users according to the transmission conditions or to
provide a given quality at a minimal used bit rate.       The invention
applies in particular to a video sequence compressed by a source coder that
has the facility to produce a number of nested subsets each of which
corresponds to a resolution, temporal or spatial, that is different from
the resolution of the initial sequence. This process is called
"scalability". Each resolution may be transmitted and/or decoded
independently and by different users. The benefit of this method lies in
the matching of the compression parameters to the transmission conditions
of the different users. To this end, the invention also applies to the
field of the broadcasting of video signals through imperfect transmission
channels, that is to say channels that are subject to transmission errors
and/or to a variable and constrained available bit rate.        The
objective of the invention is notably to propose a dynamic and adaptive
method for controlling the compression parameters for a compressed video
stream having a number of spatial or temporal scalability levels which
correspond to different resolutions. Such a method makes it possible to
adapt the bit rate of the video stream to be transmitted to a number of
users or to a single user via a transmission channel which experiences
available bit rate variations which are significant over time. Another
objective of the invention is to perform an optimized allocation of the bit
rate between, on the one hand, the compression and, on the other hand,
111111111111111111111111111111111111111 *G00002*  2 the protection. The
criterion retained, in all cases, to produce the optimization according to
the invention is the quality perceived by the user or users. 



In the case of a multimedia communication over a link that has a
constrained bit rate and is subject to propagation errors, the optimization
relative to a nominal operating point of the system is broadly sub-optimal
because it does not take into account the variations of the conditions of
the transmission channel, nor does it take into account the content of the
multimedia stream to be transmitted.        The methods and the devices
according to the prior art do not make it possible to adapt rapidly to the
variations of the transmission conditions notably in the case of a wireless
transmission. The coding parameters are generally determined for a given
operating point, typically corresponding to an authorized/available average
bit rate for a rate of losses or of residual errors undergone by the
transmitted stream. When the transmission conditions are better than the
retained operating point, a portion of the available bit rate is
pointlessly allocated to the protection of the transmitted stream, whereas
it could either be saved, or be used to send at a higher useful bit rate.
Conversely, when the transmission conditions are less good than the
retained operating point, an excessive proportion of the bit rate is
employed by the unprotected useful data, which leads to inevitable losses
in reception, that is to say that a portion of the data cannot be protected
because the bit rate allocation for the protection in practice proves
inadequate.        Another known solution which targets the problem of the
variation of the transmission conditions relates to the adaptive coding and
modulation (ACM) methods. These methods are based on an adaptation of the
channel modulation and coding schemes according to the transmission
conditions. One of their drawbacks is that they do not make it possible to
take into account and modify the content of the stream to be transmitted to
adapt it to the constraints of the channel. The adaptation in this case
mainly has the  effect of modifying the rate of transmission of the data
which can lead to  3 delay and jitter problems notably when the
transmission is done at constant bit rate.        Nor do the prior art
solutions take into account the particular feature of the video stream to
be transmitted which can be represented at a number of resolution levels.
Such a compressed stream offering the temporal or spatial scalability can
be exploited to adapt the source to the requirements of each user in the
case of a transmission through a heterogeneous network.       In order to
overcome the limitations of the prior art solutions, the invention proposes
a method that makes it possible to determine, optimally, compression
parameters including the source bit rate, the protection rate and the
resolution level of a compressed video sequence transmitted through a
heterogeneous network and to a number of users. The determination of the
parameters is done, notably, according to the needs of the users and the
constraints, known a priori, of the transmission channels. The proposed
method is implemented, for example, through a device called associated
controller, the object of which is to determine and supervise said
compression parameters.       The method according to the invention also
makes it possible, for a given user receiving a compressed stream offering
a temporal or spatial scalability, to assist in the decision regarding the
choice of the subset to be decoded as a function of the perceived final
quality. Furthermore, the invention remains compatible notably with the
prior art solutions of ACM type for which it acts as a complement to the
protection provided by this type of solution. With an ACM method causing
the bit rate of the transmission channel to be made variable, the method
according to the invention adapts, in this case, the useful bit rate of the
transmitted stream according to the variable bit rate of the channel. 



The benefit of the invention is notably that it provides tools allowing for
the objective comparison of the perceived quality for each resolution
transmitted in the compressed stream and thus makes it possible to assist
in  4 the decision of the choices of compression parameters associated with
each resolution.        To this end, the subject of the invention is method
for determining coding parameters of a variable-resolution video stream by
a video coder, said video stream consisting of a plurality (C) of
resolution layers and being compressed to be transmitted at a plurality of
given bit rates or a plurality of given qualities through a heterogeneous
network to a plurality (K) of users (Ui), characterized in that it
comprises at least the following steps:  generating reference charts with
which to determine compression parameters, at least the quantization step
(QP), and/or protection parameters, at least the protection efficiency, as
a function of the useful bit rate on the one hand and of the perceived
quality on the other hand,  initializing the parameters representative of
said video coder, at least the maximum number Cmax of resolution layers,
the minimum acceptable quality Dmin and the maximum achievable quality Dmax
for each of said resolutions,  determining, for each user (Ui) associated
with a transmission link having an available bit rate di and a probability
of error Pei, and for each available resolution Cj, the pair {useful bit
rate, protection efficiency} which offers the best perceived quality on the
basis of said reference charts,  retaining, for each user. (Ui), the
resolution Cbeat which offers the best perceived quality and representing
said user (Ui) in the x-axis plane equal to the useful bit rate and y-axis
plane equal to the total bit rate, 



excluding from Said representation the users Ui which have a perceived
quality value below the acceptable minimum threshold Dmm,  5  evaluating
the function f which links the useful bit rate to the total bit rate on the
basis of the representation of said users (Ui),  if the function f is
strictly increasing for all the users (Ui) considered, then ranking the
users in homogeneous groups according to the perceived quality, the users
of one and the same group being associated with the same resolution Cbest,
if the function f is not strictly increasing for at least two consecutive
users (UO,U1), executing at least one of the following steps: i. modifying
the choice of the resolution retained in the step for at least one of said
users (UO,U1), ii. replacing said users (UO,U1) with a virtual user (U'a)
for which the total bit rate is equal to the lowest total bit rate of said
users (UO,U1) and for which the protection efficiency is equal to the
minimum protection efficiency of said users (UO,U1), iii. eliminating from
the ranking, the user which has the highest total bit rate,  determining,
for each resolution layer of index i and in ascending order of the
resolution level, the compression parameters, at least the quantization
step (QP), and the protection parameters, at least the efficiency (R) of
the correcting code, on the basis of the reference charts, the quantization
step (QP) being determined relative to the lowest available bit rate among
the transmission links of the group of users to which said resolution layer
of index i is assigned, the efficiency (R) of the correcting code being
determined as being the lowest efficiency among those allocated to the
users of said group,  compressing said video stream by applying said
determined compression parameters, 



protecting said video stream by applying said protection parameters to it.
In a variant embodiment of the invention, said compressed video stream
consists at least of I frames and of P frames and the perceived quality is
determined on the basis of the following relationship: AN C DR,),_
Pc)P"'"'' .Do+ e=0 k=l CNc,1_, E, E[1111 o Pc)-4(1 - )'"'" (1 -(1 -)Dhi",1
, k.41=1 



in which N is the number of images in a group of images (GOP), C is the
number of resolution layers, ni,k is the size of the kth resolution layer
of the it) P frame, Dloss i,k is the distortion observed when the kth
resolution layer of the ith P frame is lost whereas the preceding frames
are correct, Do is the average distortion of a group of images without
error, 13i,k is a predefined parameter, Pe is the probability of error on
the transmission link.        In a variant embodiment of the invention, the
distortion Do is equal to the signal-to-noise ratio PSNR.        In a
variant embodiment of the invention, the distortion Do is determined as the
difference between said compressed video stream at a given resolution and
said noncompressed video stream at the maximum resolution among those
available.        In a variant embodiment of the invention, said
homogeneous groups are determined in such a way that a given minimum
quality difference exists between each group.        In a variant
embodiment of the invention, the method according to the invention also
comprises a step for checking the choices of compression parameters, which
consists at least in determining the perceived quality metric of the video
stream and checking that this metric is greater than Dmin and less than
Dmax.  7        In a variant embodiment of the invention, the method
according to the invention also comprises a step of adding additional
protection (910) using a correcting coding mechanism allowing for
incremental redundancy.        In a variant embodiment of the invention,
said video stream has a variable spatial and/or temporal resolution and/or
variable resolution in terms of quality.        Also the subject of the
invention is a system for determining coding parameters of a
variable-resolution video stream, characterized in that it comprises at
least a video coder and an associated control device suitable for driving
said video coder by executing at least the steps of the method according to
the invention. 



Other features will become apparent on reading the following detailed
description, given as a nonlimiting example in light of the appended
drawings which represent:       figure 1, an illustration of the principle
of temporal and spatial scalability of a compressed video stream,
figure 2, an exemplary calculation of a quality estimation metric used by
the method according to the invention,        figure 3, the illustration of
the impact, in terms of variation of the video quality, of the loss of
frames in a GOP; this quality is evaluated by a measurement of the
distortions corresponding to frame losses or PSNR on partial GOP,
figure 4, the principle of a first type of chart representing the video
quality as a function of the quantization steps,    figure 5, the principle
of a second type of charts schematically representing the bit rate
expressed as a function of the quantization steps, figure 6, a method for
selecting a quantization step from a reference chart,       figures 7a, 7b,
7c and 7d, a refinement of the choice of quantization step to be used when
a number of quantization parameters can be used,  8       figures 7e and
7f, two exemplary refinements of the choice of quantization step to be used
when a number of quantization parameters are candidates, 



figure 8, an exemplary chart representing the video quality as a function
of the quantization steps for a number of resolution layers,        figure
9, a flow diagram describing the steps of the method according to the
invention,        figure 9bis, an illustration of the ranking of the users
of the system according to the useful and total bit rate allocated to each,
figures 10a, 10b and 10c, examples of use of the charts generated in order
to determine the optimal quantization step for each resolution layer,
figure 11, an exemplary implementation of the method according to the
invention for the broadcasting of a video stream to a plurality of
receivers.       The most advanced video compression standards propose
methods for hierarchically organizing the data of a compressed video stream
according to the resolution level, temporal or spatial, with which the
video sequence will, after decoding, actually be displayed.        Figure 1
schematically represents an example of temporal and spatial scalability in
a compressed video stream. A video coder 100, for example a coder compliant
with the H.264/SVC video compression standard as defined in the reference
"ITU-T Rec. H.264 I ISO/IEC 14496-10 annex G 2009", can, instead of
supplying a single compressed stream corresponding to the original video
sequence with a given spatial and temporal resolution, on the contrary,
produce a stream which contains a number of nested and hierarchically
organized subsets. The first subset contains the information concerning the
lowest pair of spatial and temporal resolutions, this first subset commonly
being called "base layer". The following subsets contain the additional
information that makes it possible, in combination with the preceding
layers, to produce a sequence with a higher spatial or temporal resolution
level. This is then a layer of extra resolution of level i, i being a
strictly positive integer, called "enhancement layer i". Figure 1
represents an  9 example of the principle of scalability. The base layer
103 corresponds to the original video sequence with the standard spatial
resolution QCIF (Quarter Common Intermediate Format) and with the temporal
resolution of 15 Hertz. A first level 1 enhancement layer 102 is obtained
by adding the information needed to switch from the QCIF spatial resolution
to the CIF spatial resolution. Finally, a second, level 2 enhancement layer
101 is obtained by ,adding to the preceding two layers the information
needed to switch from the 15 Hz temporal resolution to the 30 Hz temporal
resolution.       Generally, the resolution layers are hierarchically
organized so that an enhancement, either of the temporal resolution or of
the spatial resolution, or of both at the same time, is performed between a
level i layer and a level i+1 layer. In addition to the temporal or spatial
scalability, a video coder 100 can also be designed to produce a so-called
quality or signal-to-noise ratio (SNR) scalability. This type of
scalability has the effect of splitting the compressed stream into a number
of layers organized hierarchically according to the perceived quality and,
indirectly, the applied compression rate. 



Hereinafter in the description, the concept of scalability is illustrated
only by temporal or spatial examples, but obviously, the invention, as
described, applies equally to a compressed stream having a number of
scalability layers in terms of quality alone or in combination with a
temporal and/or spatial scalability.       Such a compressed stream having
scalability can therefore be decoded with a number of different
resolutions. Since each subset is independent of the others, it can also be
transmitted over different propagation channels and therefore be subject to
losses and/or errors with different statistics.       One of the objectives
of the present invention is to optimally and dynamically determine the
compression and/or protection parameters associated with a stream of
compressed video data that offer temporal and/or spatial scalability. The
criterion used to make the allocation of said parameters optimal is the
final quality perceived by the user. In a context of  10 video stream
broadcasting via a heterogeneous and complex meshed network, the recipient
has no knowledge of the video sequence originally transmitted before the
latter is affected by the successive compression and transmission steps
through a lossy channel. The perceived quality therefore results from an
objective estimation, the aim of which is to take the best account of human
vision. A measurement conventionally used in the field of the objective
evaluation of perceived quality is PSNR, an acronym standing for "peak
signal-to-noise ratio", which is a measurement of distortion used in
digital imaging and more particularly in image compression. It is defined
by: 255 PSWR  1 Ologi,(-) MSE ivisz = t +.1  



M X Q in whichM, Q are the dimensions (width and height) of the video
images, and pl(i,i) (01*) gives the luminance of the pixel at position
(i,j), original or reconstructed, in the image.              The
measurement of the PSNR presents certain drawbacks when the aim is to
measure and compare the perceived quality of one and the same video
sequence at different spatial or temporal resolutions as may be the case
for a compressed stream that has a resolution hierarchy. In practice, this
measurement is based on a comparison of the pixels of two images and
requires identical resolutions to be able to make a coherent comparison.
Furthermore, even by filtering the lowest resolution in order to be able to
compare it with the highest resolution, the influence of the filtering
leads to results that are unsatisfactory and . uncorrelated with the
subjective measurements which are closest to the quality actually perceived
by the human eye.        In order to take account of the content of the
image as a whole, a metric more finely modeling the behavior of the human
eye can be envisaged. An example of implementation of the calculation of an
objective perceived quality metric suited to comparing one and the same
video  11 sequence at different resolutions is presented in the following
paragraph. This example is in no way limiting and it is understood that any
type of metric allowing for an objective measurement of the perceived
quality for different resolutions can be used in conjunction with the
method according to the invention which is the subject of the present
application.       Figure 2 schematically represents the calculation steps
performed to estimate the perceived .quality between a reference image x
201 and the same image y 202 subjected to distortions due to a loss
compression or to a transmission over a channel subject to disturbances.
Said images are extracted from a video sequence. The metric used relies on
a calculation that evaluates the luminances and the contrasts of the images
of the reference sequence and of the sequence obtained after the successive
compression, reception and decoding steps. An estimation of the structure
of the content of the two sequences is also made in order to take into
account the information available in the sequence as a whole without being
limited to just the information contained in an isolated pixel. A
measurement of the luminance 203 of the two images is performed, for
example by calculating an estimate 



of the average intensity. The result of this measurement is then subtracted
204 from each of the images in order to produce a new image signal on which
a measurement of the contrast 205 is performed, for example by a
calculation of the standard deviation of said signal. Finally, a
normalization 206 is performed by dividing said signal by the measurement
of the contrast 205 performed. The new signal resulting from this
normalization corresponds to an estimate of the structure of each image.
The respective results of the three measurements of luminance 203, contrast
205 and the normalized signal representing the structure of the image are
supplied as input to three comparison modules. A first module 207 compares
the luminances of the two image signals 201, 202. A second module 208
compares the contrasts and a third 'module 209 compares the structures.
Finally, a combination system 210 produces, from the three comparisons, a
metric of the perceived quality of the image 202 y with  12 respect to the
reference image 201 x. This metric is formulated using the following
relationship: M (x, y) = 1(x, y)''' c(x, y)) ,s(x, if (1) 



in which 1(x,y) represents the comparison of the luminances of the signals
x and y, C(x,y) represents the comparison of the contrasts of the signals x
and y, S(x,y) represents the comparison of the structures of the signals x
and y, and the coefficients a,13,y are strictly positive integers
determined by simulation. The function for comparing luminances is, for
example, given by the following relationship: Ci I (X ,..Y)(2 ) tr2 



in which !ix and i_ty are the average intensities of the signals x and y,
and Ci is a constant determined by simulation. The function for comparing
contrasts is, for example, given by the following relationship: C.2 Y) = 22
(3) in which Gx and Gy are the standard deviations of the intensities of
the signals x and y, and 02 is a constant determined by simulation.
Finally, the function for comparing structures is, for example, given by
the following relationship: .Ty  S(X1Y) 67,.cry + C3 (4) in which Gxy is
the coefficient of correlation between the intensities of the signals x and
y, and 03 is a constant determined by simulation. 



13 Measuring the perceived quality of a flux having scalability and
transmitted through a constrained environment        In addition to the
influence of the compression steps, and notably the quantization, which is
measured by the perceived quality estimated according to the metric
described previously, a video sequence may also be subject to disturbances
linked to its transmission through an imperfect channel. This is referred
to as the perceived video quality on reception, or PQoS, quality of service
perceived by the final user.        As was proposed in the reference [1],
the expression of the average that is hoped for the end-to-end distortion
after the coding of the source, the packetization in the network, the
channel coding operation, followed by the impact of the channel (modeled)
and the converse operations, can be used as a measurement to compare
different embodiments in the compression/protection choices for the
sequence to be transmitted.        So as to obtain enough data to work, and
to do so in particular in the case of an application with protection
unequal to the errors, for which it is important to predict the relative
proportions of each of the partitions, but to ensure that -the prediction
of the compression bit rate works and above all is averaged over a number
of frames, the optimization proposed hereinbelow is executed on the basis
of a bit rate calculated group of images (GOP) by group of images. Without
departing from the framework of the invention, it is obvious that, with
minor modifications, the explanations below can be applied to images that
do not consist of groups of images but which are in another format.
The document [1] teaches that the "sensitivity" for a GOP made of intra I
frames followed by N predicted P frames is expressed by taking into account
the fact that, in practice, the sensitivities of the P frames depend on the
preceding frames: if a P frame is not correctly received, then the
following frames, even if they have been transmitted correctly, will not be
correctly reconstructed. The term sensitivity for an image or a frame here
refers to the measurement of the distortion introduced relative to the
uncompressed  14 original video sequence in the case where the image or
frame concerned is lost or errored. In practice, it is assumed in the
calculation of the sensitivity that, when a frame is lost, its partial
distortion degrades the average distortion of the GOP sufficiently for the
contribution of the distortion of any subsequent frames to become
negligible. The impact of the preceding frames which have not been
correctly received is consequently taken into account by using a
probability conditional on the preceding ones to be corrected. This leads
to the expression, for the standard coded sequence in IPN (intra,
predicted) format for the average distortion of a GOP 



.n(1_A+P..)4").1)(64111(5) 1-41 with [I; being the size of the ith P-frame,
with Diossi being the distortion observed when the th P-frame is lost
whereas the preceding frames are correct, with D 'D"' being the average
distortion of the error-free GOP, with 0, being the fraction of the frame
which can be partially noise-affected without desynchronization of the
stream and for a channel without memory with a probability of error for the
bit Pe.        With the experimental values estimated in [2] for the
parameters Pi, or: 1 - /30 0.25 and 1 - f3i :zz, 0.15), it appears that the
equation (5) can be used provided that, for all the i, the values of the
size of the ft' P-frame ni, the distortion observed when the it" P-frame is
lost whereas the preceding frames are correct D and finally the average
distortion of the error-free GOP Do are known.       The relationship (5)
therefore defines the average distortion of a GOP in the case of a
compressed stream having a single resolution.        As introduced
previously, a new generation source generate a compressed stream which
intrinsically has a resolutions, temporal and/or spatial, nested in
hierarchically organized subsets. In the case of such a stream, the average
distortion of a GOP can be evaluated by the following relationship, adapted
from the equation (5):  15 N D,. = i.n 



N.. .4) EEEnn(i-Po-Pe)A."j),Di..,] (6) j.0 with C being the number of
resolution layers in the compressed stream (0=1 in a single-resolution
case), ni,k being the size of the kth resolution layer of the ith P-frame,
Dloss, I,k being the distortion observed when the kth resolution layer of
the ith P-frame is lost whereas the preceding frames are correct, with Do
being the average distortion of the error-free GOP, with 131,k being the
fraction of the frame which may be partially noise-affected without
desynchronization of the stream and for a channel without memory with a
probability of error for the bit Pe.        Naturally, in the case where an
error correction is introduced, the expression of the probability of error
Pe will also have to be established. For example, the use of
rate-compatible punctured convolution codes (RCPC codes) on a Gaussian
channel with decoding at flexible inputs enables us to use the limit of the
probability of error established in [3]: I r per 7:4f With dfree being the
free distance of the code, ad being the number of existing Pelfc( !t"
paths,`.' being the probability for an errored path at the distance 



d to be selected when SNR = Es/No. Similar expressions can also be
established for a data partitioning or frame mixing modes, modes which can,
in particular, be used in the case where a protection unequal to the errors
is considered, such as the one described in the Applicant's patent
application FR 2 903 253. Estimating the partial distortion length and
information To determine an estimate of the average distortion of a GOP
using the relationship (6), it is first necessary to estimate the
respective lengths of each  16 scalability layer within each frame (ni,k),
the distortion observed when the kth resolution layer of the ith P-frame is
lost (D1050, i,k) and the distortion of the GOP (Do). 



Do corresponds to the average distortion of a GOP due to the compression
operation. This estimate is given, as a function of the quantization step
QP, by the evaluation of the perceived quality metric presented supporting
figure 2, and by doing so for each available resolution. In order to make
uniform and enable the comparison and the average of the metrics for each
different spatial or temporal resolution, it is necessary, before applying
the calculation of said metric, to filter the current resolution to adjust
it to the maximum available resolution. The filtering applied consists of a
spatial interpolation in the case of an enhancement of the spatial
resolution or of a temporal average in the case of an enhancement of the
temporal resolution.        The total length 'total of the GOP is
determined by performing a simple division of the useful bit rate by the
number of images per second in the case where the duration of a GOP is
equal to one second. In a more general case, it is appropriate to multiply
this result by the duration, in seconds, of a GOP.        The length of an
intra frame /intro .s i also considered as a parameter that is known by
virtue of the charts described hereinafter in the document. The length of a
predicted P frame can be determined by the following - 1(3,-7);,1 -1
relationship:. .., in which GOPsize .s i the size of a GOP.       The same
proportionality principle can be applied to the different resolution
layers, each having its useful bit rate and knowledge of the sizes for the
intra part by virtue of the charts.        As illustrated in figure 3, the
partial quality (expressed in terms of partial distortion) is an increasing
function with the number of images decoded. As a result of experimental
observations (including the remarks made in reference [1]), the following
expressions are proposed and are applied in succession for the calculation
of the relative contribution, in terms  17 of distortion, of each frame for
each resolution level k, beginning with the 



lowest resolution: 1 =  0 .13- = Dia +-x(Do- Diossca  34" GOP Principle of
bit rate and/or quality prediction based on reference charts       One
method that can be used to predict the bit rate and/or the quality of a
video sequence compressed with a given resolution is described in the
Applicant's patent application FR 0805513. This method is refined by the
present invention in order to propose a stream-compatible solution offering
temporal and/or spatial scalability. The principle of the use of reference
charts to predict the bit rate and/or the quality in the case of a
single-resolution stream is reviewed in this section.        In certain
application cases for which the knowledge of the video sequence to be
transmitted is not, a priori, known, the compression parameters can be
determined via charts which give a statistical estimation of the
relationships, on the one hand, between the perceived quality and the
quantization step, and, on the other hand, between the useful bit rate and
the quantization step for a video sequence for which the content is close
to that of the sequence actually transmitted. In particular, charts can be
defined for a type of sequence representing a content in which the
information is . significant in terms of movements and details, and, on the
other hand, for a type of sequence representing a content with little
information.        The quantization step parameter (QP) is the one used in
the following examples but the use of charts and the method according to
the invention apply similarly to any other type of compression parameter.
Furthermore, the notion of quantization step parameter is a generic notion
in the field of video compression and should be understood in its widest
sense, that is to say, a parameter that can be used to determine the level
of quantization of the  



18 compressed data and therefore, indirectly, the useful bit rate. In the
following examples, the useful bit rate increases with the quantization
step, but, in other cases, for a source coder which would use a different
QP reference, the useful bit rate may, on the contrary, decrease when the
quantization step increases. The principle of determining video quality on
the basis of charts as described with the help of the following figures
remains unchanged, apart from the fact that the x-axis of the curves
corresponds in this second case to the inverse of QP.       Figure 4
illustrates the principle of the first set of charts, which give
information on the video quality as a function of the quantization
parameter for different video stream constructions. One of the objectives
of the method according to the invention is to optimally distribute the bit
rate allocated to compression and that allocated to protection. When a
number of correcting codes are available, as many video quality curves are
generated as there are possible rates R in order to have a number of pairs
{QP,R} for the same perceived video quality. The charts of the type of
figure 4 therefore make it possible, for a given perceived quality, to
determine all the pairs {QP,R} which satisfy this criterion.       Figure 5
then illustrates the principle of the second set of charts, supplying
information on the bit rate as a function of the quantization parameter for
the same video stream constructions. This type of chart can be used to
determine the useful bit rate as a function of the OP parameter. In
conjunction with the information obtained with the charts of figure 4,
there are therefore obtained, for a given perceived quality value, a number
of solutions defined by a useful bit rate value and a bit rate value
allocated to the protection which is obtained directly from the value of
the rate R of the corrector code.        Another possible use of the charts
consists in defining a total target bit rate, including the useful bit rate
and the protection bit rate, not to be exceeded, and, based on this target
bit rate, determining the best useful bit  19 rate and bit rate allocated
to protection values with which to obtain the best perceived quality.
The next section details a number of cases for the determination of QP as a
function of the useful bit rate (chart of figure 5). 



The charts of figures 4 and 5 can be used, for any starting point (default
values, information from the preceding GOP, etc.), to establish the
reference curve which will be used to determine the hoped-for bit rate
based on the possible quantization parameters QP and the corresponding
hoped-for video quality. In practical terms, the curves can be used as
follows:        - to find the possible quantization parameter OP for a
target bit rate on an identified curve,        - for an identified curve,
the chart is read and the corresponding best OP (the closest candidate of
the chart) is selected for the test. Although the chart relates to a wide
range of possible QPs and bit rates, these values are not continuous, thus,
basically, it is possible either:        1) to find a construction of the
bit rate that is fairly close to the *target bit rate to observe its
definition to within the margin,        2) to not be in position to select
a candidate immediately.       In the first case, illustrated by QPB in
figure 6, the candidate QPclosest is immediately selected and can be used
for the encoding of the sequence. The candidate QPB is the candidate
closest to the target bit rate Dbtarget for the chart i, in the first
example, and this corresponds to the target bit rate. In the other cases, a
refinement step must be executed which is detailed below. Refining the
selection of the best quantization parameter OP  



A refinement step may be necessary, either when it is not possible to find
an intermediate candidate from the initial chart of the read operation, or
else when, having executed a number of tests, different pairs of
constructions (bit rate, OF) have been obtained from tests on the current
portion of the  20 sequence. A number of tests can be executed, which will
make it possible to determine more accurately the behavior of the portion
(GOP) of the current sequence, typically if the initial prediction curve
was not well chosen. However, because of the limited number of tests,
necessarily imposed by the real-time and practical operation constraints,
the final choice of the quantization parameter QP will often have to be
made without having found the QP which perfectly corresponds to the bit
rate or quality target, which means that a choice must be made with only
the available knowledge. Various cases can be envisaged which have been
represented in figures 7a, 7b, 7c, 7d, 7e and 7f: case 1 - all the QPs
tested (on one or more curves) exceed the target significantly,        case
2 - all the QPs tested (on one or more curves) arrive below the target
significantly,        case 3 - the bit rate of the target is found between
two QPs, found above a single curve,        case 4 - the target bit rate is
found between two QPs, found above two different curves.        For cases 1
and 2, different strategies, from the safest to the most risky, can be
implemented. These strategies correspond to a similar approach: either to
take the closest tested value and use it, or to try with another, by
placing total trust in the chart assumed the best.        In practice,
whereas it might at first glance be believed that the chart must
immediately give the best QP, it must not be forgotten that the real
problem is to determine, from the information from the preceding GOPs,
which chart corresponds best for the current GOP of the video sequence to
be coded. Since a video sequence may change greatly from one moment to
another (change of scene, strong increase or reduction in movement, new
details introduced, etc.), the chart thatis valid at a certain instant t
may in fact prove false at the next moment t+1, and therefore not allow for
a good prediction. 



21        Hereinafter in the description, an approach with a controlled
risk level will be used: - in case 1, use QPclosest+s - in case 2, use
QPclosest-e with E being a positive integer value predetermined by
simulation. Other adaptations may be considered; for example, by choosing
the increment as a function of the relative distance between the bit rate
achieved with QPclosest compared to the target bit rate; - in case 3, use a
barycentric relationship: ratetarget - ratetowest QPIowest   X (QPhighest
QPiowest) ratehighest ratelowest       in which ratetarget is the target
bit rate, and for the two candidate pairs (QP1, bit rate 1) and (QP2, bit
rate 2), ratelowest represents the lowest bit rate, ratehighest the highest
bit rate, OP 



- lowest represents the lowest quantization step and OP - highest the
highest step;       - in case 4 which corresponds to the most difficult
case, which in practice corresponds to a scenario in which the correct
chart for the sequence that has to be coded has not been able to be
determined. Here, once again, the barycenter calculation operation proposed
for case 3 is possible, but may prove less effective if the optimum curve
has a slope that is very different from the selected curve or indeed from
the two selected curves. Another solution consists, for example, in
inserting into the interpolation a third point (if it is available): the
three pairs (bit rate, QP) being used to define a curve on which an
interpolation can be performed directly. In the tests described below, it
is the barycenter formula which will be used.        Figure 8 illustrates
an example of charts representing the video quality as a function of the
quantization step when a number of resolution layers are available. In the
example described, three resolution layers are considered. The base layer,
which corresponds to the lowest resolution, is defined by a  22 spatial
resolution QCIF and a temporal resolution equal to 15 Hz. The first
enhancement layer is defined by a spatial resolution CIF (increase by a
factor 2 relative to the base layer) and a temporal resolution equal to 15
Hz. Finally, the last enhancement layer proposes an increase in the
temporal resolution to a frequency of 30 Hz.       Three different types of
sequence are represented. The charts of the base layer are similar to those
obtained for a single-resolution stream QCIF, 15 Hz such as those of figure
4. The charts of the first enhancement layer are determined on the one hand
for a number of quantization step values of the base layer, and on the
other hand for different quantization step values of the enhancement. In
practice, within the compressed stream, each subset representing a temporal
or spatial scalability layer is compressed by using a different
quantization step. Similarly, the last resolution layer is represented by a
set of charts each identified by the type of sequence, the quantization
step of the base layer, that of the first enhancement layer and finally the
x-axis supplies the quantization step information for the last resolution
layer.       In order to produce an estimate of the video quality for all
the resolutions, the latter is calculated in all cases for the highest
resolution (here, the CIF, 30 Hz resolution). For this, the lower
resolutions (QCIF, 15 Hz and CIF, 15 Hz) are filtered in order to produce a
filtered sequence with the highest resolution, then the perceived quality
metric is calculated on the filtered sequence using the relationship (6).
The filtering used consists, for example, in a spatial interpolation based
on the adjacent pixels in the same image or a temporal interpolation based
on the adjacent pixels of the previous and subsequent adjacent images.
The charts of figure 8 are then used, independently for each resolution and
beginning with the lowest, in the same way as in the method described in
the case of a single-resolution stream. 



Determining the compression and protection parameters  23        Figure 9
schematically represents the flow diagram illustrating the steps of the
method according to the invention which makes it possible to determine the
compression parameters, in particular the quantization step and the useful
bit rate, and the protection parameters, and to do so for each scalability
layer.       The method according to the invention applies for a compressed
stream comprising a number C of scalability layers, this number being
bounded by the value Cmax of the number of layers actually used with regard
to the effectiveness of the system. Typically, a maximum number of three
layers is an effective choice for a coder of H.264/SVC type.        Based
on the refined perceived quality metric, it is possible to define a minimum
acceptable quality value Dmin for the system considered and a maximum
quality value Dmax, for each resolution layer, beyond which an increase in
bit rate no longer has any significant effect in enhancing the quality. The
maximum quality Dmax can also be determined in relation to the requirements
of the targeted system. In the case where the metric described in support
of figure 2 is used, typical values that can be used for Dmin and Dmax are,
for example, Dmin = 0.7 and Dmax={0.75, 0.9, 0.98} for, respectively,
spatial and temporal resolution pairs (QCIF 15 Hz), (CIF 15 Hz) and (CIF 30
Hz).       The method according to the invention advantageously applies to
the case of a broadcast of the same compressed stream to a plurality of
recipients, and via a known number of communication links. A number of
users may be grouped at the end of one and the same link. Hereinafter, a
strictly positive number K of communication links are considered, each
defined by the pair of parameters {di,Pei} which respectively represent the
bit rate available on the link of index i and the probability of error
occurring on this same link.  24        In a preliminary step 901, all the
charts introduced in figure 8 are generated for each scalability layer.
These charts are obtained by varying the quantization steps of the source
coder for different reference sequences, representative of the usage
scenarios considered or, by default, taken from a set of sequences
conventionally used by those skilled in the video coding art. For example,
the sequences "foreman" or "akyio" are reference sequences conventionally
used to perform routine tests in the field of video compression. The two
types of charts mentioned in figures 4 and 5 are generated, namely a first
chart representing the perceived quality as a function of the quantization
step of the scalability layer considered and a second chart representing
the useful bit rate as a function of this same quantization step. 



It will be noted that the charts are valid only for the coder which has
enabled them to be generated. In case of use of a number of different
coders, the charts of each coder must be generated before starting the
method for determining the compression and protection parameters. In the
case where the charts do not actually correspond to the source coder used,
a performance degradation should be expected even though the implementation
of the method according to the invention remains unchanged. The values of
Dmm and Dmax are deduced from these charts.        In a variant embodiment
of the invention, the video sequence actually transmitted is known to the
controller, which is the device executing the method according to the
invention, and in this case the relationship between the video bit rates
and qualities is determined for each GOP and for a set of compression
parameters to be applied to the sequence. The use of a chart is then not
necessary. initialization        In an initialization phase 902, the
parameters representative of the source coder, notably the values of Cmax,
Dmin and Dmax, are entered. A reference sequence and its associated charts
are chosen so as to best represent the scenario considered. The charts may
be accompanied by  25 information relating to the resolutions recommended
with respect to the various constraints of the system, notably in terms of
bit rate and of error rate. In a variant embodiment, a group of reference
sequences may be selected and an average is then calculated on the charts
of said group in order to produce a reference chart that can be used to
initialize the method. The compression parameters are initialized with the
default parameters representative of the scenario considered, in particular
the number of resolution layers and their associated bit rates. Ranking
One of the objectives of the method according to the invention is to assign
each transmission link and/or each user a scalability layer with given
compression and protection parameters based notably on the available bit
rate and the probability of error affecting these links.        In a
ranking step 903, the K users associated with at most K distinct
transmission links and each defined by the pair of parameters {available
bit rate, probability of error affecting this link) are arranged in
ascending order of perceived quality. A quality metric is determined for
each of the users U; using the relationship (1) and by taking into account
either the compression/protection parameters of the initialization phase or
those determined by the method according to the invention previously, for
example in the preceding second. 



In a substep 903.1, for each user U1 and for each available resolution, the
available bit rate and the probability of error are used to calculate the
pair {useful bit rate, protection bit rate) which offers the best possible
quality by using the charts of the type of figures 4 and 5 and the
relationship (6) and by applying the method described previously. More
specifically, the available bit rate information can be used to generate a
defined number of pairs {useful bit rate, protection bit rate) for which
the sum does not exceed the available bit rate and which are compatible on
the one hand with the possibilities offered by the source coder in terms of
bit rate scalability and on the other hand with  26 the available
correcting codes. In a second stage, the charts of figures 4 and 5 can be
used to obtain, for each useful bit rate, an estimation of the average
quality Do of an error-free GOP. The relationship (6) can then be used, for
each available resolution and for each available correcting code rate, to
deduce therefrom the estimated perceived quality for a transmission on a
given channel and a stream protected bji a correcting code of such rate.
The pair {useful bit rate, protection bit rate} finally retained is that
which gives the best estimated perceived quality out of those determined.
The perceived quality is determined, for each resolution, relative to the
uncompressed reference sequence with maximum resolution as explained in the
preceding section associated with figure 2.        In a substep 903.2,
still for each user U1, the resolution Coast then retained is that which
corresponds to the best perceived quality obtained. The user 1.1; is then
defined by the pair of useful bit rate and total bit rate parameters
(Dbuseful, Dbtotal).       In the case where a stream is considered which
comprises only useful data and a rate redundancy section R, the total bit
rate is obtained by the relationship Dbtotat = Dbuseful/R. In the case
where other data are contained in the bit stream considered, in particular
header data for the network encapsulation, these data must obviously be
taken into account in the total bit rate calculation. If one of the users
U1 has a perceived quality value below the required minimum threshold Dmin,
then it is excluded from the ranking step 903.        In a substep 903.3,
the users l.1; retained on completion of the preceding steps 903.1 and
903.2 are then ranked on a two-dimensional graph, of x-axis Dbuseful and
y-axis Dbtotai as represented in figure 9bis. This representation makes it
possible to define a function f such as Dbtotai = f(Dbusefut). There are
then two possibilities.        If the function f is strictly increasing
over all the points corresponding to the users retained, then the following
ranking method is applied. Substep 903.4  



27        The K users are grouped together in homogeneous groups on the
basis of the perceived quality metric obtained and in such a way that a
minimum quality difference is observed between each group and that the
perceived quality does not exceed a maximum threshold between each element
of a group defined in this way. x is used to denote the number of groups
determined. There are then a number of possibilities.        If x = 1, a
single resolution transmitted to all the users is the best solution, all
the more so since the compression by scalability layers results in an
increase in the useful bit rate relative to the same stream directly
compressed with the single highest resolution. However, the available
resolutions may be divided up between the different elements of the group
by associating the lowest resolution layers with the transmission links
offering the lowest quality metric, and vice versa. One possible choice
consists in taking two resolution layers (C = 2), or at most three classes
(C = 3).        If 2 x Cmax, a number of resolution layers C = x is chosen,
and each group is assigned a resolution layer based on their associated
quality metric. The lowest resolution is assigned for the lowest metric,
and vice versa.       If x > Cmax, the number of resolution layers is
limited to C = max. The low resolution is, for example, assigned to the
first group, in the ranking order established previously, for which the
quality metric exceeds the value of Dmin. The highest resolution is, for
example, assigned to the group obtaining the best quality metric, and the
other intermediate resolution layers are divided up evenly between the
groups ranked between the two groups identified previously. Depending on
the specific requirements of the system, it is also possible to prioritize
certain users or groups of users and therefore to adopt a less uniform
division of the resolution layers.        If the function f is not strictly
increasing, then the requirements of the different users are more difficult
to reconcile. Choices must be made which potentially will degrade the
service offered to one or more users to guarantee  28 an overall minimum
service. This is due to the fact that, for one and the same perceived
quality value, two users may have a very different division between the
useful bit rate and the protection bit rate. If the ranking described
previously is applied, these two users will be in the same group and will
benefit from the same useful bit rate and correcting code rate even though
their needs are different. Substep 903.5       When the curve f shows a
decrease between two consecutive points, this illustrates a significant
variation of the ratio between the useful bit rate and the protection bit
rate. In figure 9bis, this case corresponds to the users U2 and U3 or even
to the users UO and U1. U2 (respectively UO) has a lower useful bit rate
than U3 (respectively U1) but a higher total bit rate. Once the homogeneous
groups have been determined, for each of the groups, a check should
therefore be made to see if the function f is increasing over all the
points. If a number of consecutive points do not agree with this increase,
then the composition of the group should be modified according to one or
more of 



the following variants.       In a first variant embodiment of the
invention, for the users concerned, the step 903.2 is executed again by
choosing a resolution other than that initially chosen, and this is done in
order to determine a solution which renders the function f increasing.
In another variant embodiment of the invention, and/or in the case where
the first variant has not provided convergence toward a solution, a
degraded virtual user U'a is introduced. In the example of figure 9bis, the
virtual user is determined from the two users UO and U1 which show a
decrease in the function f. The virtual user is determined in such a way as
to hold to the two constraints and is selected as representative in
replacement of the two users UO and U1. The total bit rate of the virtual
user is equal to the minimum total bit rate, or that of U1 in the example.
The protection rate of the virtual user is equal to the minimum protection
rate, or that of UO in the  29 example. The following therefore apply:
Dbtotal (U'a) = Dbtotai(U1) and Dbuseful(U'a) = Dbtotal(U 1 ).
Dbuseful(U0)/Dbtotal(U0)-        In another variant embodiment, from the
consecutive users which do not agree with the increase in the function f,
the user which shows the highest total bit is eliminated from the group and
is not taken into account in the ranking step.        If the function f
between two users of one and the same homogeneous group shows a slope
greater than '1, the determination of the pair (useful bit rate, protection
rate) suited to these two users may also lead to the introduction of a
virtual user for which the total bit rate is equal to the minimum total bit
rate and the protection rate is equal to the minimum protection rate of the
two users.        However, this case is improbable in light of the
conventional performance levels of the wireless networks, which generally
offer a bit rate adaptation linked to the quality of service that they can
offer. This particular rare case will therefore be able to be dealt with
directly by the determination of a trade-off between the users of the
homogeneous group, without having to also try to change the resolution of
one of the users or to eliminate from the ranking the user with the highest
total bit rate. Determination of the compression/protection parameters 



Once the ranking step 903 has made it possible to specify a division of the
resolution layers on each of the communication links with a priori
achievable bit rate and quality constraints, a step 908 for determining the
compression and protection parameters is then executed.        The
determination of the best compression and protection parameters
corresponds, in the example described, to the quantization step for each
resolution layer of the stream to be compressed and the best correcting
code rate to be applied. This allocation is made on the basis of the charts
generated previously. The quantization step of each resolution layer is  30
determined relative to the lowest available bit rate out of those of the
transmission links that make up the group of links to which said resolution
layer was assigned on completion of the ranking step 903. The resolution
layers are processed in ascending order of the resolutions, starting with
the lowest resolution layer, then the higher resolution layers. In
practice, once the optimum quantization step is determined for the base
layer, this makes it possible to isolate a single reference chart for the
next layer and so on, each time retaining only the points of the charts
that agree with the compression parameters chosen for lower layers.
Once the quantization steps have been determined, the protection rate to be
used, for a given resolution layer, is chosen by taking the lowest
protection rate out of those assigned to the users of the homogeneous group
corresponding to this resolution layer.       On completion of the step
908, the minimum compression and protection parameters are defined for each
of the available resolution layers. Verification       In a verification
909 or checking step, the choices of compression parameters made previously
are validated in order to prepare the final coding phase. The perceived
quality metric is evaluated for each resolution layer compressed with the
chosen quantization steps. A check is carried out to ensure notably that
the quality estimates show values that are actually between Dmin and Dmax
and that the quality deviation between two resolution layers is sufficient
to justify the addition of an enhancement layer. If one of these three
criteria is not satisfied, there is a loopback to the step 903 in order,
possibly, to determine another configuration of choice and of division of
the resolution layers. Additional protection 



When, in a group, a number of transmission links are characterized by
different pairs (bit rate, probability of error), the allocation of the
compression  31 and protection parameters is made by taking into account
the transmission link for which the available bit rate is the lowest. If
other links have a higher bit rate but a lower probability of error, the
division of the bit rate allocated to compression and to protection will
not be the same even though the measured perceived quality is similar. In
this case, a possible addition of additional protection 910 is made in
order to guarantee, for each transmission link, that the perceived quality
will be much greater than the required minimum threshold Dmin. This
addition may be made through a correcting coding mechanism allowing for
incremental redundancy, such as, for example, the RCPC (Rate Compatible
Punctured Codes) or RCPT (Rate Compatible Punctured Turbo Codes) codes.
Compression       Once the compression and protection parameters are
determined for each resolution layer and each transmission link, the actual
compression operation is performed (step 911).       If necessary, if the
bit rate constraints are not satisfied, the bit rate may be adapted more
finely, for example by deleting certain frames so as to remain within the
bit rate constraints. Exemplary embodiments       Figures 10a, 10b and 10c
represent an example of a set of charts, of the same type as those of
figure 8, and their use for the estimation of the perceived quality and the
allocation of the quantization step of each resolution layer.       The set
of charts of figure 10a represents the perceived quality estimated for each
resolution layer of the compressed stream. The measurement points that make
up the charts are obtained by applying a quality estimation such as that
described in support of figure 2 on the video sequence decoded with each of
the available resolutions then possibly filtered with the highest
resolution. In the example of figure 10a, three 



32 resolutions are considered. The lowest resolution is represented by the
points referenced "BL" or "Base Layer", the intermediate resolution is
represented by the points referenced "BL_EL1" and the highest resolution is
represented by the points referenced "BL_EL1_EL2". Thus, to obtain the
necessary measurements, the video sequence decoded with the low and
intermediate resolutions is filtered spatially and/or temporarily in order
to obtain a sequence with the highest resolution in order for the perceived
quality estimation calculation to then be applied to it.        In
application of the method according to the invention described in support
of figure 9, the quantization step is firstly determined for the base layer
by considering the chart 1001 representing the perceived quality for the
lowest resolution as a function of the quantization step. Then, the first
enhancement layer is considered and a single chart 1002 is isolated that
corresponds with the choice of the quantization step determined for the
preceding layer. Once again, the best quantization step for the enhancement
layer is determined. Similarly, a single chart 1003 is then isolated for
the last resolution layer and the corresponding quantization step is also
identified. Application       Figure 11 describes an example of the
application of the method according to the invention. A video server 1101
notably comprises a video coder designed to generate a compressed stream
with temporal and/or spatial scalability, an error correcting code being
used to protect a bit stream by the addition of redundancy and a controller
whose function is to determine the compression and protection parameters of
the coded stream and which, for this purpose, executes the steps of the
method according to the invention. The controller is executed by a
processor coupled to means for storing one or more video sequence charts
necessary for the implementation of the method according to the invention.
The compressed video stream 1102 is thus generated; it comprises a number
of subsets respectively representing the base layer C1, an  33 enhancement
layer 02 and a third layer 03 making it possible to achieve the highest
resolution. The compressed stream also comprises redundancy sections
generated by said channel coder. These different portions may be either
contiguous or interleaved, and possibly will have added to them the headers
needed to identify them and to allow for their packetization for
transmission over the transmission network. Let us assume that the method
according to the invention has culminated in the following division of the
resolution layers according to the available transmission links 1104a,
1105a, 1106a and 1106c. The base layer Ci is allocated to the links 1106a,
1106c at the ends of which two users 1109, 1110 are located. The base layer
02 is allocated to the link 1105a at the end of which a single user 1108 is
located. Finally, the layer 03 representing the highest resolution is
allocated to the link 1104a which offers the best available bit rate and
error probability characteristics and at the end of which a single user
1107 is located.       The protection allocated to the first class Ci is
generated in two stages, because of the two users 1109, 1110 which have
different characteristics (bit rate, probability of error). Thus, the
redundancy section P1,1 is generated according to the requirements of the
user 1109 and the redundancy section P1,2 is added to mitigate the less
good performance levels of the transmission channel by which the user 1110
can be reached. The enhancement layers 02 and 03 have a single redundancy
section P2, P3 each of which is sufficient to guarantee a minimum perceived
quality to the users 1107 and 1108. 



The stream 1102 is thus transmitted through a heterogeneous network 1103
then to three base stations 1104b, 1105b, 1106b each of which comprises a
transcoding device that makes it possible to adapt the bit rate of the
received compressed stream 1102 to the constraints of the transmission
links 1104a, 1105a, 1106a, 1106c. Because of the hierarchical encapsulation
of a number of subsets, the sections corresponding to the higher resolution
layers 02, 03 and the redundancy sections P2, P3 may be eliminated by the
transcoding operation. The invention advantageously applies in the case of
34 wireless transmission links which present both a variable and limited
bit rate and propagation conditions which lead to a not inconsiderable
probability of error on the received data. However, the invention remains
compatible with wired transmission links for which the probability of error
is negligible and the available bit rate is, in most cases, much higher.
References [1] C. Bergeron and C. Lamy-Bergot, "Modelling H.264/AVC
sensitivity for error protection in wireless transmissions", Proceedings of
the International Workshop on Multimedia Processing (MMSP'06), pp.302-305,
Victoria, Canada, Oct 2006. [2] C. Bergeron and C. Lamy-Bergot, "Compliant
selective encryption for H.264/AVC video streams", Proc. Int. Workshop on
Multimedia Processing (MMSP'05), pp. 477-480, Shanghai, China, Oct-Nov
2005. [3] J. Hagenauer, "Rate-compatible punctured convolutional codes
(RCPC codes) and their application," in IEEE Trans. On Comm., vol. 36, n.
4, pp. 339-400, April 1988.  



35 CLAIMS 1. A method for determining coding parameters of a
variable-resolution video stream by a video coder, said video stream
consisting of a plurality (C) of resolution layers and being compressed to
be transmitted at a plurality of given bit rates or a plurality of given
qualities through a heterogeneous network to a plurality (K) of users (Ui),
characterized in that it comprises at least the following steps:
generating (901) reference charts with which to determine compression
parameters, at least the quantization step (QP), and/or protection
parameters, at least the protection efficiency, as a function of the useful
bit rate on the one hand and of the perceived quality on the other hand,
initializing (902) the parameters representative of said video coder, at
least the maximum number Cmax of resolution layers, the minimum acceptable
quality Dmin and the maximum achievable quality Dmax for each of said
resolutions,  determining (903.1), for each user (Ui) associated with a
transmission link having an available bit rate di and a probability of
error Pe" and for each available resolution C, the pair {useful bit rate,
protection efficiency} which offers the best perceived quality on the basis
of said reference charts,  retaining (903.2), for each user (Ui), the
resolution Cbest which offers the best perceived quality and representing
said user (Ui) in the x-axis plane equal to the useful bit rate and y-axis
plane equal  to the total bit rate,  excluding from said representation the
users Ui which have a perceived quality value below the acceptable minimum
threshold Dmin,  



36  evaluating (903.3) the function f which links the useful bit rate to
the total bit rate on the basis of the representation of said users (Ui),
if the function f is strictly increasing for all the users (Ui) considered,
then ranking the users in homogeneous groups according to the perceived
quality, the users of one and the same group being associated with the same
resolution Cbest,  if the function f is not strictly increasing for at
least two consecutive users (U0,U1), executing at least one of the
following steps: i. modifying the choice of the resolution retained in the
step 903.2 for at least one of said users (U0,U1), ii. replacing said users
(U0,U1) with a virtual user (U'a) for which the total bit rate is equal to
the lowest total bit rate of said users (U0,U1) and for which the
protection efficiency is equal to the minimum protection efficiency of said
users (UO,U1), iii. eliminating from the ranking, the user which has the
highest total bit rate,  determining, for each resolution layer of index i
and in ascending order of the resolution level, the compression parameters,
at least the quantization step (QP), and the protection parameters, at
least the efficiency (R) of the correcting code, on the basis of the
reference charts, the quantization step (QP) being determined relative to
the lowest available bit rate among the transmission links of the group of
users to which said resolution layer of index i is assigned, the efficiency
(R) of the correcting code being determined as being the lowest efficiency
among those allocated to the users of said group,  compressing said video
stream by applying said determined compression parameters,  37 



protecting said video stream by applying said protection parameters to it.
2. The method as claimed in claim 1, characterized in that said compressed
video stream consists at least of I frames and of P frames and that the
perceived quality is determined on the basis of the following relationship:
N C D gop =111-1(1 Pe)161.k .D 0  i=0 k=1, 1?; CN k-1i-1 13j knj k El[F1110
Pe)m. ""! no- pe)(1-(1 - pe)P--)D10 ], i=0 k=1 j=0 1=1./=0 in which N is
the number of images in a group of images (GOP), C is the number of
resolution layers, ni,k is the size of the kth resolution layer of the ith
P frame, Dloss i,k is the distortion observed when the kth resolution layer
of the ith P frame is lost whereas the preceding frames are correct, Do is
the average distortion of a group of images without error, pi,k is a
predefined parameter, Pe is the probability of error on the transmission
link. 3. The method as claimed in claim 2, characterized in that the
distortion Do is equal to the signal-to-noise ratio PSNR. 



4. The method as claimed in claim 2, characterized in that the distortion
Do is determined as the difference between said compressed video stream at
a given resolution and said noncomPressed video stream at the maximum
resolution among those available. 5. The method as claimed in one of the
preceding claims, characterized in that said homogeneous groups are
determined in such a way that a given minimum quality difference exists
between each group.  38 6. The method as claimed in one of the preceding
claims, characterized in that it also comprises a step (909) for checking
the choices of compression parameters, which consists at least in
determining the perceived quality metric of the video stream and checking
that this metric is greater than Dm.in and less than max 7. The method as
claimed in one of the preceding claims, characterized in that it also
comprises a step of adding additional protection (910) using a correcting
coding mechanism allowing for incremental redundancy. 8. The method as
claimed in one of the preceding claims, characterized in that said video
stream has a variable spatial and/or temporal resolution and/or variable
resolution in terms of quality. 9. A system for determining coding
parameters of a variable-resolution video stream, characterized in that it
comprises at least a video coder and an associated control device suitable
for driving said video coder by executing at least the steps of the method
as claimed in one of claims 1 to 8. 




