
METHOD AND SYSTEM FOR DETERMINING A QUALITY VALUE OF A VIDEO STREAM
Technical Field The invention relates to a method , system and computer
readable medium for determining a quality value of a video stream.
Background Art Today new radio networks have enabled more bitrate-heavy
services such as streamed multimedia (video) content and mobile TV. At the
same time TV over Internet Protocol (IP) has become a popular service in
fixed communication networks. Along with this development there has been a
growing emphasis on real-time assessment of video quality for this kind of
visual communication services. The methods for video quality assessment
include subjective methods and objective methods. The subjective methods
typically involve human assessors, who grade or score video quality based
on their subjective feelings, and use the grades or scores obtained in such
a subjective way for video quality assessment. The objective methods, on
the other hand, do not involve human assessors and assess the video quality
only by using information obtained from the video sequences. The objective
video quality assessment methods can be further classi fied into
full-reference methods, reduced-reference methods, and noreference methods.
Full reference models are available on the market and, for example, include
Perceptual Evaluation of Video Quality by OPTICOM, Optimacy tool from
Genista Corporation and products from Psytechnics Ltd and National
Telecommunications and Information Administration. Both the full-reference
methods and the reduced-reference methods need reference information about
the original video (i.e. the video actually transmitted from the
transmitting side) to conduct the video quality assess ment and thus cannot
be used for real-time in-service video quality assess ment. On the other
hand, the no-reference methods do not require the refer ence information of
the original video. Instead, the no-reference methods make observations
only on decoded video (i.e. the video that has been re 



ceived and decoded on the receiving side) and estimate the video quality us
ing only the observed information on the decoded video. For a no-reference
video quality assessment, two major sources of video quality decline should
be taken into consideration. The first one is coding and compression of
video sources and the second one is data packet lossduring transmission,
i.e. during the streaming of the video content. Another source of video
quality decline may be so called packet jitter. In an IP network,
deterioration in perceived video quality is typically caused by data packet
loss. Most packet losses result from congestions in network nodes as more
and more packets are dropped off by routers in IP networks when congestion
occurs and the severity increases. In case of a wireless communication
network, poor radio conditions may cause packet loss. The effect of packet
loss is a major problem for real-time video trans mission (streaming
video). The measurement of the video quality decline caused by packet loss
during transmission is referred to as packet loss met ric. The streamed
video is typically coded and compressed by using co decs such as, for
example, H.263, MPEG-4, H.264 and VC-1 , that utilize temporal predictive
coding to improve coding efficiency. Three types of frames are then
commonly used: a) intra frames (l-frames) that do not use temporal
prediction and serves as a video refresh frame, b) predictive frames
(P-frames) and c) bi-predictive frames (B-frames) that are predicted from
one or more reference frames. Here, l-frames and P-frames usually act as
refer ence frames, and if a part of a reference frame is lost an error
resulting from the loss tends to propagate in time until the next l-frame
(or P-frame) re freshes the video. A number of prior methods for
calculating video deterioration due to packet loss have been proposed, of
which one is based on estimating a num ber of lost macro-blocks for each
frame type of a video stream. Another technique extracts spatial distortion
of each image in a video stream using differ ences between corresponding
regions of two adjacent frames in the video sequence. The spatial
distortion is weighted based on temporal activities of 



the video, and the video quality is measured by detecting the spatial
distor tions of all images in the sequence. However, the aforementioned
methods for calculating video deteriora tion needs to process all the
blocks in the image frames, which means that those methods are very
computational intensive and are not optimal for use in many real time video
transmissions applications. Summary In view of the foregoing, it is an
object of the invention to provide an improvement of the above techniques
and prior art. More particularly, it is anobject to provide a parametric
(no-reference) method for estimating quality of streaming video, which
method requires little computational effort. Hence a method is provided for
determining a quality value of a video stream transmitted to a media
player. The method comprises the steps of, for a measuring interval of the
video stream: identifying at least two lost data packets of the video
stream; identifying intra coded frames of the video stream; determining
which of the intra coded frames that have a maintained image quality, based
on estimating if a lost data packet is associated with an intra coded
frame; estimating a distance between each one of the lost data packets and
a next respective, subsequent intra coded frame having a main tained image
quality; and generating the quality value, based on the d is tances. In
further detail, the quality value is determined for a measuring interval
that can be set as a parameter. For example, the measuring interval may be
a time interval, or a number of sequential data packets or a number of
sequen tial picture frames of the video stream. "Lost data packets" also
includes any data packet that is not necessarily lost per se but contains
information that is corrupt to such an extent that the information of the
data packet may not be fully retrieved. It should also be noted that an
intra coded frame is, in this context, a frame which is used as a reference
frame for other frames, which means that the video is a compressed video
that comprises some picture frames that re quire the prior decoding of some
other picture frame(s) in order to be de 



coded. As known within the art, data forming the picture frames are
contained in data packets of the video stream. Since data packets and
frames of the video stream are sequential and since it is possible to tie a
data packet to a video frame, the distance between a lost packet and an
intra frame may be given by a time value, or by a num ber of data packets
or by a number of picture frames. This is quite advantageous in that the
required calculations for the distance determining are quite fast and
straightforward, which means that little computational effort is re quired
by a computer device that performs the method. Here, a frame that has a
"maintained image quality" is a frame for which no information have been
lost during transport. The generating of the quality value may comprise
weighting of the d is tances, which is quite advantageous in that the video
quality experienced by a user may not always be linear with the distance
from a corrupt data packet toan intra coded frame. By using weighting, less
computational effort is needed in comparison with known technologies, as
weighting is a quick operation and allows for a generation of a more
subjectively reliable quality value. The weighting of a long distance of
the distances may be higher than the weighting of a shorter distance of the
distances, which produces a more reliable quality value as a user often
registers low video quality only after some time, i.e. when the distance
from the lost data packet to the intra coded frame is long. The long
distance and the shorter distance may be estimated for a common intra coded
frame, which is particularly relevant since the intra coded frame refreshes
the video image. The weighting of an estimated distance of a lost data
packet associ ated with an intra coded frame may be relatively higher than
the weighting of an estimated distance of a lost data packet associated
with a predicted image frame of the video stream, which gives a more
reliable quality value since an error in an intra coded frame propagates to
the next intra coded frame with a maintained image quality. This weighting
is also useful since intra coded frames are added when there is a scene
change, and a quality loss in a 



scene changing intra coded frame will cause the error to be very visible.
The weighting of distances of two data packets associated with a com mon
image frame may be higher than the weighting of distances of two data
packets associated with different image frames, which give a more reliable
quality value since many lost data packets for the same image frame signif
i cantly reduces the subjectively experienced video quality. The data
packets may be defined by a real-time transport protocol comprising a
marker bit, and an image frame of the video stream may be identified as an
intra coded frame in dependence of a marker bit value of a data packet of
the image frame, which provides for a computationally efficient image
identification process. An image frame of the video stream may be
identified as an intra coded frame in dependence of if an image size of the
image frame is a factor larger than an image size of an average image
frame, which, from a computa tional point of view, increases the efficiency
of the method. The generating of the quality value may be based on a data
packet loss rate. Typically data packet loss rate is the relation between
the number of lost data packets and the total number of transmitted data
packets (during the measure interval).According to another aspect of the
invention, a system is provided for determining a quality value of a video
stream transmitted to a media player. The system is configured to, for a
measuring interval of the video stream: identify at least two lost data
packets of the video stream; identify intra coded frames of the video
stream; determine which of the intra coded frames that have a maintained
image quality, based on estimating if a lost data packet is associated with
an intra coded frame; estimate a distance between each one of the lost data
packets and a next respective, subsequent intra coded frame having a
maintained image quality; and generate the quality value, based on the
distances. According to yet another aspect of the invention, a computer
readable medium is provided, having stored thereon a computer program
having soft ware instructions which when run on a computer cause the
computer to, for a 



measuring interval of a video stream, perform the steps of: identifying at
least two lost data packets of the video stream; identifying intra coded
frames of the video stream; determining which of the intra coded frames
that have a maintained image quality, based on estimating if a lost data
packet is associ ated with an intra coded frame; estimating a distance
between each one of the lost data packets and a next respective, subsequent
intra coded frame having a maintained image quality; and generating the
quality value, based on the distances. The inventive system and computer
readable medium may comprise, be configured to execute and/or having stored
software instructions for per forming any of the features described above
in association with the inventive method, and has the corresponding
advantages. Brief Description of the Drawings Embodiments of the invention
will now be described, by way of exam ple, with reference to the
accompanying schematic drawings, in which Fig. 1 illustrates a system
implementing the invention, Fig. 2 is a schematic view of a media player,
Fig. 3 is a schematic view of a video stream, and Fig. 4 is a flow diagram
of an embodiment of the inventive method. Detailed Description of Preferred
Embodiments With reference to Fig. 1 a system implementing the invention is
illus trated and comprises a media (video) content server 112 that is
connected to a database 113 on which media content such as compressed video
is stored.The media content server 112 is, via a network 111, connected to
a number of media players such as a TV 114, a mobile phone 115 and a
personal com puter 116 or any other electronic device capable of receiving
and playing streaming video. The media content server 112 is configured to
send a compressed video stream via the network 111 to the media players
114, 115, 116 which in turn are configured to receive and decode the video
stream such that a video content of the stream may be played by the media
players 114, 115, 116. Sending, receiving and decoding are here done in a
conventional 



manner and all involved devices implements a suitable, known network proto
col that supports streaming video. In further detail, Fig. 2 illustrates a
media player 2 11 that is connected (not shown) to the media content server
112 via the network 111. The media player 2 11 comprises a processor 2 12
which is connected to a computer readable medium 2 13, here in the form of
a non-volatile memory such as a hard disk, ROM (Read-Only Memory) and a
flash memory, having stored thereon a computer program 214. The computer
program 214 comprises software instructions which when run on the media
player causes the media player 2 11 to make the method steps described
below. A communications interface 2 15 is also connected to the processor 2
12 for providing communi cation with the media content server 112 via the
network 111. The media player 2 11 also comprises means and software
instructions (not shown) for receiving and decoding the video stream and
subsequently play the video content of the video stream. As mentioned, the
media content server 112 and media players 114, 115, 116, 2 11 mutually
communicate and operate in a conventional, known manner. In particular, the
devices may implement the "RTP Transport Proto col for Real-Time
Applications" in accordance with the Request for Comment no. 3550 (RFC
3550). Of course, it is possible to use other protocols when implementing
the inventive method and system, e.g. the transport protocols MPEG2-TS and
MPEG4-TS. In any case, this means that the video stream sent to the media
players comprises data packets for the transportation of the data content
of the video stream. As described, the video stream transports video that
is compressed by a compression codec (encode-decode scheme) such as H.263,
MPEG-4, H.264 and VC-1 . This means that a picture frame of the video
stream is compressed using different algorithms in dependence of what
compression codec is used. As a result, the different algorithms for video
frames gives different pic ture types or frame types of the video stream,
and three major picture types are used, i.e. l-frames (Intra coded frames),
P-frames (Predicted frames) and 



B-frames (Bi-directional predicted frames). As known within the art,
l-frames are the least compressible but don't require other video frames to
decode. Pframes can use data from previous frames to decompress and are
more compressible than l-frames, while B-frames can use both previous and
forward frames for data reference to get an even higher amount of data com
pression. Of course, it is sufficient to have only one type of intra coded
frame (e.g. the l-frame) and one type of predicted image frame (e.g. the
P-frame or the B-frame). With reference to Fig. 3 a portion of the video
stream S is illustrated, which portion is defined by a measuring interval
DT of the video stream S. The measure interval DT is in turn defined by a
start time and a stop time and the video stream S then comprises all data
packets received by the media player between the start time and the stop
time. It is also possible to define the measure interval DT by a number of
subsequent data packets or by a number of subsequent picture frames of the
video stream S. In any case, the measure interval DT of the video stream
comprises, in this example, 16 data packets 1-1 6 . These packets 1-16
contains data in the form of 12 picture frames 11 , P 1, P2, I2, P3, P4,
I3, P5, P6, I4, P7 and P8. Here, an intra coded frame 11 , I2, I3, I4 is
contained in two data packets while a predicted frame P 1, P2, P3, P4, P5,
P6, P7, P8 is contained in one data packet. This is due to the fact that an
intra code frame typically is much larger than a predicted frame, in terms
of the amount of data needed for creating the frames. The data packets 1-
16 are distributed over the measure interval DT and since the data forming
the frames are contained in the data packets the frames are also
distributed over the measure interval DT. Data packets that are lost during
the streaming process, in this example the packets 3, 4, 7, 8, 9, are
illustrated with dashed lines. Each data packet contains information about
a) its sequence number i in the video stream, b) an image frame number j
(derived from time stamp) the packet belongs to, and c) if the data packet
is the last packet of an image frame. Typically, a so called marker bit
value (M-bit value) of a data packet 



indicates whether the data packet is the last packet of a frame. It may
also bethat the marker bit value indicates whether the data packet is the
first packet of a frame, depending on what transport format is used.
Accordingly, in this example, the stream sequence number of the first data
packet 1 is i, the stream sequence number of the second data packet 2 is
i+1 and so on. Data packets 1 and 2 each have a same image frame num ber j
since they belong to the same image frame while data packet 3 has, or more
specifically had since the packet 3 was lost, a frame number of j+1 since
it belong to the next frame. Data packet 1 has an M-value of "0" indicat
ing it is not the last packet for the frame 11 , while data packet 2 has an
Mvalue of " 1" indicating it is the last data packet of the frame 11 . To
summarize, the data packets comprise (or should have comprised if the
packet was not lost) the following information: In the table above
illustrating data packet sizes in bytes are included, and it is possible to
use these packet sizes when estimating which type of image frame a packet
belongs to, since a data packet with a relatively larger packet size more
likely belongs to an intra coded frame. If the sequence of packet sequence
number indicates that a packet has been lost (a sequence gap), the image
frame number and the marker bit of the previous and following packets can
be used to determine to which frame the lost packet belongs. In this
example packet number 9 was lost, and looking at packet 8 and packet 10
both packets have the marker bit set to " 1" , which means that packet 8
and 10 are the last packets of their frames. Thelost packet 9 thus belong
to image frame number j+6 and by looking at the number of packets and the
aggregated size we can estimate it to be an intra coded frame. The image
frame number j of a data packet is calculated by using the timestamp value
of the data packet and by using the coded frame-rate (pic ture clock
frequency). In more detail: Image frame no.SeqNo = 1 + (TimeStamp SeqNo -
StartTime) / frameTime, where frameTime = 1 / frameRate, one is added since
the first frame sequence number should be 1, and StartTime is the TimeStamp
of the first data packet (StartTime = TimeStamp^. 



In this example TimeStamp is located in the RTP header for each data packet
and is the time when the packet (or rather the decoded frame that the
packet belong to) should be played in the media player. frameRate (or
picture clock frequency) is the number of frames per second that the source
material is sampled with, and depends on the used codec. As the data
packets are distributed over an interval, distances between data packets
may be defined, typically by a difference in the data packet se quence
numbers. Distances between image frames are defined by the differ ence
between the sequence numbers of the last data packets of the image frames,
while a distance between a data packet and an image frame is d e fined by
the data packet sequence number and the sequence number of the last data
packet of the image frame. With reference to Fig. 4, the inventive method
is illustrated and com prises a first step 42, which comprises
identification of lost data packets 3, 4, 7, 8, 9 of the video stream S,
which is done by investigating which data packet sequence numbers are
missing, where a missing sequence number means a missing data packet. Next
a second step 43 is performed and comprises identification of in tra coded
frames 11 , I2, I3, I4 of the video stream S is performed. This is done by
comparing data bit-size of packets belonging to a target image frame with
data-bit size of all packets belonging to image frames surrounding the
target image frame. If the target image frame is more than or equal to x
times larger than the mean of the surrounding frames the target frame is
considered to be an intra coded image frame. A suitable value of x is for a
standard H.264baseline stream typically 2.5. For a lost data packet a mean
data packet size is used. To determine data bit-size of packets belonging
to a target frame, bitsizes of all packets with same image frame number
(timestamp) belonging to the target frame are added. If a sequence number
is missing a packet is lost. The total size of packets belonging to a frame
then represents the image frame size. 



Thereafter it is in a third step 44 determined which of the intra coded
frames 11 , I2, I4 that have a maintained image quality, which is done by
estimating 45 if a lost data packet 9 is associated with an intra coded
frame I3. In further detail, if the sequence numbers of data packets having
the same im age frame number are sequential, no data packet is missing and
the frame has a maintained image quality. A fourth step 46 comprises
estimation of a distance D 1, D2, D3, D4, D5 between a lost data packet 3,
4, 7, 8, 9 and a next subsequent intra coded frame I2, I4 having a
maintained image quality is done according to the def ini tion of distances
above. Finally, in a fifth step 47 quality value Q is generated based on
the d is tances D 1, D2, D3, D4, D5. In its most simple form the quality
value Q is the sum of the distances, which in this example means that Q may
be D 1 + D2 + D3 + D4 + D5 = 3 + 2 + 7 + 6 + 5 = 23. This is an objective
quality value which may be interpreted by a subjective evaluation done by
users watching the video, such that different quality values have
corresponding different per ceived video quality values. The quality value
may be calculated by weighting the distances, for better reflecting the
perceived video quality. One method of weighting in cludes weighting of a
long distance D 1 higher than a shorter distance D2, e.g. by using an
exponential formula such as Q = eD 1 + eD2 + .. . However, in prac tice
more advanced exponential formulas may be used. For a better quality value
this kind of weighting is done particularly for distances that refer to the
same intra coded frame having a maintained image quality. The weighting may
also include weighting the distance D5 belonging to the intra coded frame
I3 higher than the weighting of the distance D3 belong ing to the predicted
image frame P3, e.g. by multiplying the D5 value with a factor y prior the
summarization of distances, or prior to inserting the distance values in
the exponential formula.Moreover, the quality value may also depend on the
data packet loss rate which per se is determined in a manner common within
the art. For ex ample, the loss rate may then be multiplied with the sum of
the distances 



when determining the quality value. Although various embodiments of the
invention have been described and shown, the invention is not restricted
thereto, but may also be embodied in other ways within the scope of the
subject-matter defined in the following claims. In particular, the
invention may be implemented by using other meth ods for determining which
data packet belongs to which image frame.CLAIMS 1. A method of determining
a quality value of a video stream transmitted to a media player, comprising
the steps of, for a measuring interval of the video stream: identifying at
least two lost data packets of the video stream, identifying intra coded
frames of the video stream, determining which of the intra coded frames
that have a maintained image quality, based on estimating if a lost data
packet is associated with an intra coded frame, estimating a distance
between each one of the lost data packets and a next respective, subsequent
intra coded frame having a maintained image quality, and generating the
quality value, based on the distances. 2 . A method according to claim 1,
the generating of the quality value comprising weighting of the distances.
3 . A method according to claim 2, wherein the weighting of a long d is
tance of the distances is higher than the weighting of a shorter distance
of the distances. 4 . A method according to claim 3, wherein the long
distance and the shorter distance are estimated for a common intra coded
frame. 5 . A method according to any one of claims 2 - 4, wherein the
weight ing of an estimated distance of a lost data packet associated with
an intra coded frame is relatively higher than the weighting of an
estimated distance of a lost data packet associated with a predicted image
frame of the video stream. 6 . A method according to any one of claims 2 -
5, wherein the weight 



ing of distances of two data packets associated with a common image frame
is higher than the weighting of distances of two data packets associated
with different image frames. 7 . A method according to any one of claims 1
- 6, wherein the data packets are defined by a real-time transport protocol
comprising a marker bit, and an image frame of the video stream is
identified as an intra coded frame in dependence of a marker bit value of a
data packet of the image frame. 8 . A method according to any one of claims
1 - 7, wherein an image frame of the video stream is identified as an intra
coded frame in dependenceof if an image size of the image frame is a factor
larger than an image size of an average image frame. 9 . A method according
to any one of claims 1 - 8, wherein the gener ating of the quality value is
based on a data packet loss rate. 10. A system for determining a quality
value of a video stream trans mitted to a media player, the system
configured to, for a measuring interval of the video stream: identify at
least two lost data packets of the video stream, identify intra coded
frames of the video stream, determine which of the intra coded frames that
have a maintained im age quality, based on estimating if a lost data packet
is associated with an intra coded frame, estimate a distance between each
one of the lost data packets and a next respective, subsequent intra coded
frame having a maintained image quality, and generate the quality value,
based on the distances. 11. A system according to claim 10, configured to
weight the d is tances. 12. A system according to claim 11, configured to
weight a long distance of the distances higher than a shorter distance of
the distances. 13. A system according to claim 12, wherein the long
distance and the shorter distance are estimated for a common intra coded
frame. 14. A system according to any one of claims 11 - 13, configured to 



weight an estimated distance of a lost data packet associated with an intra
coded frame relatively higher than an estimated distance of a lost data
packet associated with a predicted image frame of the video stream. 15. A
system according to any one of claims 11 - 14, configured to weight
distances of two data packets associated with a common image frame higher
than distances of two data packets associated with different image frames.
16. A system according to any one of claims 10 - 15, wherein the data
packets are defined by a real-time transport protocol comprising a marker
bit, and an image frame of the video stream is identified as an intra coded
frame in dependence of a marker bit value of a data packet of the image
frame. 17. A system according to any one of claims 10 - 16, wherein an
image frame of the video stream is identified as an intra coded frame in
dependenceof if an image size of the image frame is a factor larger than an
image size of an average image frame. 18. A method according to any one of
claims 10 - 17, wherein the gen erating of the quality value is based on a
data packet loss rate. 19. A computer readable medium having stored thereon
a computer program having software instructions which when run on a
computer cause the computer to, for a measuring interval of a video stream,
perform the steps of: identifying at least two lost data packets of the
video stream, identifying intra coded frames of the video stream,
determining which of the intra coded frames that have a maintained image
quality, based on estimating if a lost data packet is associated with an
intra coded frame, estimating a distance between each one of the lost data
packets and a next respective, subsequent intra coded frame having a
maintained image quality, and generating the quality value, based on the
distances. 


