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METHODS-AND.SYSTEMS THAT USE INFORMATION
ABOUT A FRAME OF VIDEO DATA TO MAKE A DECISION
ABOUT SENDING THE FRAME

CROSS REFERENCE TO RELATED APPLICATION

This Application is a Continuation-in-Part of the co-pending, commonly-
owned U.S. Patent Application, Attorney Docket No. HP-200400057-1, Serial
No. 10/769,327, filed January 30, 2004, by J. G. Apostolopaulos et al., and
entitled "Methods and Systems that Use Information About Data Packets to
Determine an Order for Sending the Data Packets,” and hereby incorporated
by reference in its entirety

TECHNICAL FIELD
Embodiments of the present invention relate to the field of streaming
media data.

BACKGROUND ART ,

Streaming media systems transmit media data, such as video and audio
data, in data packets over wired and/or wireless networks. Due to constraints
on available bandwidth, for example, some data packets transmitted over a
network can experience delays along the way, perhaps arriving late at a
destination node. Also, some data packets may be lost along the way.

The effects of late or lost data packets may be exacerbated for video
data that are predictively encoded (compressed). Predictive encoding
introduces dependencies in the encoded data that improve the amount of
compression but can also result in error propagation in the event of data packet
loss or late arrival.

Video frames are preferably received before their display (playback)
times. With predictive encoding, the decoding of a frame of data may rely on
the information in another frame, and therefore some frames need to be
received earlier than their display time so that they can be used to decode
other frames. For example, with MPEG (Moving Pictures Experts Group)
encoding, a P-frame is predicted from a preceding P-frame or I-frame, and a B-
frame is predicted from two P-frames or an I-frame and P-frame. This method
of encoding is used in the MPEG-1/2/4 standards, the International
Telecommunication Union (ITU) H.261/2/3/4 standards, and various non-
standardized compression algorithms.
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Encoded video frames that do not arrive or that arrive late at the
decoder (e.g., a client or destination node) will not only miss their respective
display deadlines, but they may also prevent a number of other, subsequent
frames from being displayed properly. If, for example, a data packet
constituting an I-frame or P-frame is lost, then it might not be possible to
decode and display a subsequent P-frame or B-frame. In the case in which a
P-frame cannot be decoded because a preceding I-frame or P-frame is absent,
other subsequent frames dependent on that P-frame may not be decoded.
Thus, a number of frames may be prevented from being properly decoded and
displayed due to a single late or missing frame, depending on the particular
coding dependencies of the late or missing frame. This can affect the overall
quality of the display.

Video transcoding offers one solution that allows encoded data to be
adapted to accommodate available bandwidth and packet losses. However,
transcoding can be complex and thus may require significant computational
effort.

Conventional MPEG encoding lends itself to a natural method of
prioritizing data packets for delivery. For example, I-frames are considered to
be of higher priority than P-frames, and P-frames are considered to be of
higher priority than B-frames. Thus, information about frame type can be used
to make a decision about which data packet(s) should or should not be
discarded or dropped because of transmission constraints.

However, MPEG encoding or streaming generally treats all frames of a
given frame type the same. For instance, all P-frames are treated as having
equal importance. Consequently, in a situation that involves a sequence of
only P-frames, for example, there is no basis for choosing which data packet(s)
should or should not be discarded or dropped because of transmission
constraints. In such a situation, data packets to be dropped/discarded are
randomly selected, without regard to the effect on the quality of the decoded
video.

PCT/US2005/038005
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D}SGLOSURE:@F THE INVENTION

Embodiments of the present invention pertain to methods and systems
thereof for streaming data. Information that quantifies a characteristic
associated with a frame in a sequence comprising a plurality of frames of video
data is accessed. The information is used to make a decision about the
transmission of the frames, such as the order for sending the frames or
whether or not to send a frame.
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BRIEFDESCRIRTION.OF. THE-DRAWINGS
The accompanying drawings, which are incorporated in and form a part
of this specification, illustrate embodiments of the invention and, together with
the description, serve to explain the principles of the invention:

Figure 1 is a representation of a network upon which embodiments of
the present invention may be implemented.

Figure 2A is a block diagram illustrating the generation of cues for
ordering data packets according to one embodiment of the present invention.

Figure 2B is a block diagram illustrating the generation of cues for
ordering data packets according to another embodiment of the present
invention.

Figure 3 is a block diagram illustrating a streaming operation between
network nodes according to one embodiment of the present invention.

Figure 4 is a flowchart of a method for streaming media data according
o one embodiment of the present invention.

Figure 5 is a flowchart of a method for scheduling the transmission of
data packets according to one embodiment of the present invention.

Figure 6 is a flow diagram of a process for scheduling the transmission
of data packets according to one embodiment of the present invention.

Figure 7 illustrates an example of a process for scheduling the
fransmission of data packets according fo one embodiment of the present
invention.

Figure 8 is a graph showing distortion resuiting from the loss of an
isolated frame according to one embodiment of the present invention.

Figure 9 is a graph showing distortion resulting from the loss of two
frames according to one embodiment of the present invention.

The drawings referred to in this description should not be understood as
being drawn to scale except if specifically noted.

PCT/US2005/038005
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Reference will now be maae in aetail to various embodiments of the
invention, examples of which are illustrated in the accompanying drawings.
White the invention will be described in conjunction with these embodiments, it
will be understood that they are not intended to limit the invention to these
embodiments. On the contrary, the invention is intended to cover alternatives,
maodifications and equivalents, which may be included within the spirit and
scope of the invention as defined by the appended claims. Furthermore, in the
following description of the present invention, numerous specific details are set
forth in order to provide a thorough understanding of the present invention. In
other instances, well-known methods, procedures, components, and circuits
have not been described in detail as not to unnecessarily obscure aspects of
the present invention.

The descriptions and examples provided herein are discussed in the
context of multimedia data (also referred to herein as media data or media
content). One example of multimedia data is video data accompanied by audio
data; for example, a movie with soundtrack. However, media data can be
video only, audio only, or both video and audio. In general, the present
invention, in its various embodiments, is well-suited for use with speech-based
data, audio-based data, image-based data, Web page-based data, graphic
data and the like, and combinations thereof. Also, the present invention, in its
various embodiments, is well-suited for use with data that may or may not be
encoded (compressed) or franscoded. Furthermore, the data may or may not
be encrypted.

In particular, embodiments of the present invention are described for
video data, and in particular video data that are encoded using a predictive
encoding technique such as that used in MPEG-1/2/4 and H.261/2/3/4
encoding. Because of the prediction and temporal dependencies infroduced by
such encoding techniques, predictively encoded video data introduce additional
challenges relative to other types of data.

Also, embodiments of the present invention are discussed in the context
of distortion, in particular with regard to distortion occurring in the display of a
video object; however, the present invention is not so limited. With regard to
video data, an objective of media streaming is to reduce or minimize distortion.
"Reducing distortion” and "minimizing distortion" can be equivalently stated as
"increasing quality.” For video data, quality can be expressed in terms other
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than distertion., Eortvpes.of.datayathenthan video data, quality can be
expressed using many different terms known in the art.

The media data are typically separated into blocks of data. As video
data, the blocks are typically referred to as frames. The data are streamed
through a network as data packets. A data packet can include data for one or
more frames, or the data constituting a frame may require more than one data
packet. Data and data packets that are not encoded using a scalable encoder
(sometimes called a layered or pyramid coder) can be referred to as “non-
scalable data” and “non-scalable data packets,” respectively, to emphasize that
they are not designed so that the amount of data or the number of data
packets can be reduced by simply dropping or discarding data or data packets.
Therefore, the data and data packets are described as being non-scalable.

Figure 1 is a representation of a network 100 upon which embodiments
of the present invention may be implemented. In the present embodiment,
network 100 includes a content source 110 coupled to a number of
interconnected server nodes 120, 121, 122 and 123. There may of course be
a greater or lesser number of content sources and server nodes than those
illustrated.

The interconnections between these nodes, including content source
110, may be a wired connection, a wireless connection, or a combination
thereof. Each interconnection includes one or more channels, so that multiple
streaming sessions between nodes can take place in parallel.

Generally speaking, content source 110 and server nodes 120-123 are
types of devices that provide the capability to process and store data, and to
send and receive such data. Accordingly, server nodes 120-123 may be
computer systems as well as other types of devices that may not be typically
considered computer systems but have similar capabilities.

In communication with network 100 are client devices such as mobile
client node 130 and stationary client node 131. In one embodiment, network
100 is for streaming media data to client nodes 130 and/or 131. There may be
a greater or lesser number of client nodes than those illustrated. The client
nodes 130 and 131 may be coupled to the network 100 via a wired connection,
a wireless connection, or a combination thereof.
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content source 110, and/or from any ot the intermediate server nodes 120-123,
to the client nodes 130-131. The route, or path, taken by the data as it travels
from the content source 110 to the client nodes 130-131 may pass through any
number of intervening nodes and interconnections between those nodes.
Generally speaking, embodiments of the present invention pertain to the
streaming of data packets from a sender to a receiver. Any of the nodes in
network 100 may be considered to be a sender, and similarly any of the nodes
in network 100 may be considered to be a receiver. The sender and receiver
nodes may be adjacent nodes, or they may be separated by intervening nodes.

Figure 2A is a block diagram illustrating an encoder 210 that generates
cues that can be used to establish an order for sending data packets according
to one embodiment of the present invention. According to the present
embodiment, when a media object (e.g., a video sequence) is encoded
(compressed), an associated set of information is also created. The
associated set of information is referred to herein as "scheduling cues." Thus,
in the present embodiment, the output of encoder 210 is an encoded bit stream
embodied as data packets, and a set of scheduling cues that characterize each
data packet in a quantifiable manner. The scheduling cues are used to
schedule packet transmission, which will be described in further detail below.

In one embodiment, one or more scheduling cues are associated with
each data packet. Alternatively, scheduling cues can be associated with each
frame of video data. Also, the example of Figure 2A shows scheduling cues
being generated as data are encoded. Alternatively, scheduling cues can be
generated for pre-encoded data or for data that are not encoded, as illustrated
in Figure 2B.

In Figure 2B, encoder 210 encodes media data, and the encoded data
are then sent to cue generator 215, which generates the scheduling cues for
the pre-encoded data. Encoder 210 can encode the media data in entirety
before sending the encoded data to cue generator 215. Alternatively, the
encoded data can be streamed to cue generator 215 as the data are encoded.
In addition, there may be a storage device or buffer situated between encoder
210 and cue generator 215. In the latter case, encoded data can be sent to the
storage device after encoding or while it is being encoded. Cue generator 215
can then retrieve encoded data from the storage device as the data are
needed.

PCT/US2005/038005
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In one embodiment, the scheduling cues are stored in the same file as
the media data (encoded or otherwise), and as such the scheduling cues can
be referred to as a "track.” However, the media data and the scheduling cues
can be separately stored (as separate files or even in separate storage
devices). In general, one or more scheduling cues are uniquely associated
with a particular data packet or frame, and various mechanisms can be used to
associate the scheduling cues with the appropriate data packet/frame or vice

versa.

The scheduling cues can include a variety of information such as, but
not limited to:

the nominal presentation (e.g., display) time for each packet;

the relative importance of each packet or frame. For a video data
packet or frame, this can be measured in terms of the resulting
distortion that would be produced in a display if that packet or frame
was lost, arrived late, or was not sent;

coding dependencies in media data (e.g., video data) that are
predictively encoded; for example, what packets or frames depend
on other packets or frames, what packets correspond to I-frames, P-
frames or B-frames, or, for scalable coding, what packets form the
base layer and what packets form each enhancement layer, and how
many packets or frames depend on any given packet or frame;
which packets provide error-resilience (e.g., |-slices in compressed
video) or redundancy (e.g., forward error correction packets that may
be sent to help overcome losses);

packet information such as: information identifying the beginning
and end of each data packet's data in the bit stream; Real-Time
Protocol (RTP) header information for each data packet; whether a
packet is the last data unit required to decode a media unit; etc.;

the length of each packet (e.g., in bytes); and/or

the nominal transmission time of each packet, relative to the start of
transmission (when the first data packet was transmitted). For
example, the first packet is transmitted at time zero (0), the next
packet at time 0+T, the next packet at time 0+2T, and so on.
Nominal transmission times may be constant or uniform; however,
generally the number of data packets transmitted per unit time varies
as a function of the compressed bit rate for each unit of time.

PCT/US2005/038005
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An-examnle of particular.interest,is one in which the encoded video data
includes an I-frame followed by a number of P-frames, where the sequence of
P-frames does not include any B-frames. A series of P-frames that does not
include any B-frames (or I-frames, for that matter) is referred to herein as “a
sequence of contiguous P-frames.” As will be discussed further below, the
example at hand can be extended to other examples in which other types of
frames are included in the sequence. In general, as will be seen, embodiments
in accordance with the present invention permit decisions to be made about
which frames to send, and which frames not to send, when it is necessary to
choose between frames.

Continuing with example above, a sequence of contiguous P-frames
may have been intentionally encoded without B-frames. Alternatively, a
sequence of contiguous P-frames may have been initially encoded with
intervening B-frames, but the B-frames were at some point dropped or
discarded as a result of a transcoding operation. In other words, a sequence of
contiguous P-frames may have been originally encoded as such or it may be
derived from a sequence of P-frames and B-frames.

In addition, while a P-frame may be predictively encoded based on other
frames, it may also contain portions which are not predictively encoded based
on other frames. For example, conventional P-frames may include intra-coded
macroblocks (I-macroblocks), or intra-coded slices (I-slices), or may involve
other forms of infra-coding.

Also, a P-frame may be predictively encoded based on one or more
other frames. For example, in MPEG-4 Part 10 Advanced Video Coding
(AVC), also known as H.264, a P-frame may be predicted based on multiple
reference frames.

The sequence of contiguous P-frames can be of any length (e.g., two or
more P-frames without any intervening B-frames or I-frames). In some
instances, the sequence of contiguous P-frames includes hundreds of P-
frames.

Surprisingly, the amount of distortion that would result if a P-frame in a
sequence of contiguous P-frames is dropped or discarded is not roughly the
same for all P-frames in that sequence. That is, although conventional wisdom
is that the effect on quality is approximately the same regardless of which P-



10

15

20

25

30

35

WO 2006/047324 PCT/US2005/038005
frame-in-a s,ermue,me;m’:cqntigug@sﬁ-ﬁrgmes is dropped or discarded, the effect
on quality 1s surprisingly strongly aepenaent on which P-frame in the sequence
is dropped.

According to one embodiment of the present invention, for each P-frame
in a sequence of contiguous P-frames, the amount of distortion that would
result if the P-frame was not sent or received (e.g., dropped or discarded) is
determined in advance. The amount of distortion associated with a particular
P-frame can be included in the scheduling cue(s) for the data packet(s)
associated with that P-frame.

Instead of including the actual predicted amounts of distortion in the
scheduling cues, other information representative of the amount of distortion
can be included in the scheduling cues. For example, each P-frame (or the
data packet(s) associated therewith) can be given a relative priority or rank
based on its effect on distortion. '

Thus, in one embodiment, the amount of distortion associated with the
absence of each P-frame in a sequence of contiguous P-frames is predicted.
Based on the predicted amounts of distortion, one P-frame in the sequence
can be judged as being more important than another P-frame in the sequence.

Criteria other than the amount of distortion can be used to rate one P-
frame in a sequence of contiguous P-frames as being more important than
another P-frame. For instance, the number of other P-frames that depend on
(are predicted from) each P-frame can be used to rank P-frames in importance.
Listed above are other types of information that can be included in scheduling
cues and that can be used to establish a relative importance of P-frames.

Using the scheduling cues, an intelligent decision can be made about
which of the P-frames in a sequence of contiguous P-frames to drop or discard
during transcoding. Should it be necessary to drop or discard a data packet, or
to delay sending a data packet, data packet(s) associated with a P-frame of
relatively lesser importance can be readily identified from the scheduling cues.
For instance, a P-frame in a sequence of contiguous P-frames that, if dropped
or discarded, is predicted to cause less distortion (relative to other P-frames in
the sequence) can be dropped or discarded. The process just described can
be extended to as many P-frames as necessary in order to satisfy transmission

10
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constraints. inithisymanner:non-sealable data can be scaled with reduced
impact on quality.

Conversely, the P-frames that, if dropped or discarded, are predicted to
cause more distortion (relative to other P-frames in the sequence) are sent, or
sent again if it is judged that perhaps they were not received.

Although the example above pertains to a sequence of contiguous P-
frames, the example can be generally extended to a sequence of frames of
data in which the frames in the sequence are all of the same type (e.g., all |-
frames). Also, the example can be generally extended to a sequence of
frames of data in which the frames in the sequence are of different types. In
this case, it is still beneficial to be able to accurately distinguish the relative
importance of frames of the same type — that is, it is desirable to select a frame
to send (or not send) from among a number of frames of the same type, even if
those frames of the same type may not be contiguous.

For example, a sequence may contain both I-frames and P-frames. If
the-l frames are identified to be most important, they will be preserved, and
decisions about which frames to send (and which frames to drop or discard)
are therefore made among the P-frames in the sequence.

As another example, a sequence may contain I-frames, P-frames, and
B-frames. The I-frames may be identified as the most important and may be
preserved. The B-frames may be identified as the least important, and all of
the B-frames may be discarded. Even so, it may still be necessary to make
further decisions about which frames to send (and which frames to drop or
discard), and those decisions will be made among the P-frames.

Furthermore, there may be cases where certain P-frames are less
important than B-frames, and those P-frames may therefore be discarded
before B-frames are discarded. Even more surprising, there may be cases
where I-frames are less important than P-frames or B-frames, and therefore an
Iframe may be discarded before a P-frame or B-frame is discarded.

In general, according to embodiments of the present invention, for each
frame in a sequence of video frames, the amount of distortion predicted to
occur if that frame was not sent or received (e.g., dropped or discarded) is
determined in advance, and that predicted amount of distortion can be included

11
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in the-scheduling.cue(s) for the.data packet(s) associated with that frame.
Alternatively, as mentioned above, other information representative of the
predicted amount of distortion can be included in the scheduling cues. Based
on the predicted amounts of distortion, one frame in the sequence can be
judged as being more important than another frame in the sequence. in other
cases, it is beneficial to judge one frame as being less important than one or
more other frames in the sequence. In other embodiments, as mentioned
above, criteria other than the amount of distortion can be included in the
scheduling cues to rate one frame in a sequence as being more (or less)
important than another frame in the sequence.

In addition, when predicting the distortion that will result if a frame or
packet is not received at the receiver, the sender can account for the specific
error recovery or error concealment approach that is used by the receiver.
Example methods include replacing the missing frame or partial frame with the
associated information from a neighboring frame (e.g., the previous frame or a
subsequent frame). In addition, the motion between frames may be estimated
and a motion-compensated replacement may be applied. This may include a
motion-compensated replacement using a previous frame, or a motion-
compensated interpolation using both previous and future frames.

In summary, scheduling cues provide a basis for making a reasoned
decision about, for example, which data packets or frames should be resent if
for some reason they do not arrive at their destination, or which data packets or
frames can be skipped over (e.g., not sent) or delayed should it become
necessary to resend other data packets or frames. More importantly, using the
scheduling cues, a streaming server can make such decisions without intensive
computational effort, because much of the relevant information no longer
needs to be computed in streaming time (as data are streamed).

Figure 3 is a block diagram illustrating a streaming operation between
network nodes according to one embodiment of the present invention. The
example of Figure 3 shows a first node (node A 310) and a second node (node
B 315) communicating over a network such as network 100 of Figure 1. As
noted, there may be other nodes between node A 310 and node B 315.

In general, node A 310 of Figure 3 is a device that sends media data to

node B 315. Node B 315 can optionally provide feedback about network
performance to node A 310. For example, node B 315 can inform node A 310

12
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of .the-available,handwigdth, the,average,data (frame or packet) loss rate, and/or
which gata packets or rrames nave peen correctly received. Feedback can
also include information such as, but not limited to, data (packet or frame)
delivery rates, the time needed to traverse the path to node B 315, delays
associated with the path to node B 315, and data (packet or frame) loss
patterns (or data packet/frame received patterns). Node A 310 can also
receive feedback from other sources, for example, from network management
or monitoring devices. Also, or alternatively, node A 310 may have a priori
information about network performance based, for example, on earlier
streaming sessions or assumptions about network performance.

In the example of Figure 3, node A 310 is a streaming server and node
B 315 is a client device. With reference also to Figures 2A and 2B, the output
of encoder 210 (e.g., data constituting the encoded media data as well as the
scheduling cues) can be stored in a storage element such as storage 320,
where it can be accessed by server 310. Storage 320 can be an element
separate from server 310 or incorporated into server 310. In the latter case,
the output of encoder 210 is provided to server 310, which can store the output
of encoder 210 in whole or in part before streaming the data packets/frames to
client 315. Alternatively, server 310 can incorporate encoder 210 (e.g., server
310 and encoder 210 are integrated within a single device).

In general, the encoding and streaming operations can overlap or they
can occur in series, separated by any amount of time. The encoding and
streaming operations can be performed by a single device or by multiple
devices. The output of the encoding operation can be stored in whole or in part
by the encoding device, by the streaming device, or by a storage element
separate from those devices.

In the example of Figure 3, client 315 requests a particular media object
(e.g., a video object) from server 310. Server 310 reads the corresponding
compressed bit stream along with the scheduling cues from storage 320.
Server 310 uses the scheduling cues to determine the "best" schedule for
sending the data packets or frames constituting the compressed bit stream, as
described further below (refer to the discussion of Figures 5 and 6). The
network performance information presented above can also be used when
determining the transmission schedule. Server 310 can then send the data
packets or frames to the client 315 according to the transmission schedule. As
will be seen, the schedule can be revised as frequently as needed or wanted.

13
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Farvidee-data,fer example,.more.frequent updates can improve the quality of
the aispiay at client 315; nowever, more trequent updates increase the
computational load placed on server 310.

Embodiments in accordance with the present invention are well-suited to
a variety of different operational scenarios. Within the context of determining a
transmission schedule, server 310 can decide which packet or frame to send at
the next transmission opportunity, which packets or frames to send at the next
multiple transmission opportunities, which packets or frames to discard or not
send, and which packets or frames fo resend. Server 310 can also decide
whether or not to allocate forward error correction (FEC) information among the
data packets, and if so, how to allocate the FEC protection across the data
packets in order to maximize the expected quality, and how to distribute the
FEC information among the data packets (e.g., the FEC information can be
distributed among the packets, or certain data packets may be dedicated to
carrying the FEC information). '

Also, the server 310 can decide whether to switch from the current
compressed bit stream to another compressed bit stream that is betier suited
to the current network performance (e.g., available bandwidth or required error
resilience). For example, because of the variety in client devices and the
differences in their capabilities (e.g., different memory sizes, screen sizes,
processor speeds, etc.), a media object can be encoded in different ways (e.g.,
different bit rates, different resolutions, etc.). For a given client, a compressed
bit stream for a requested media object may be selected according to that
client's attributes. However, based on network performance characteristics,
server 310 can decide whether to switch to another compressed bit stream for
the requested media object.

As mentioned above, server 310 may or may not receive feedback from
the client or from other network devices. The feedback can take the form of
acknowledgement messages (ACKs) and negative acknowledgement
messages (NACKs) on a packet-by-packet basis, or it may be in the form of
statistical properties, perhaps specified for a particular window of time (e.g., a
5% packet loss rate over the last 10 seconds). Bandwidth may be measured in
terms of the number of packets transmitted, or in terms of the number of bytes
transmitted. Server 310 can also act when no feedback is available, or based
on assumed or a priori knowledge of network performance.
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Figure hig;aflowchart,400.0f a,method for streaming media data
according to one embodiment of the present invention. Figure 5 is a flowchart

500 of a method for scheduling the transmission of data packets/frames
according to one embodiment of the present invention. Although specific steps
are disclosed in flowcharts 400 and 500, such steps are exemplary. That is,
embodiments of the present invention are well-suited to performing various
other steps or variations of the steps recited in flowcharts 400 and 500. Itis
appreciated that the steps in flowcharts 400 and 500 may be performed in an
order different than presented, and that not all of the steps in flowcharts 400
and 500 may be performed. All of, or a portion of, the methods described by
flowcharts 400 and 500 may be implemented using computer-readable and
computer-executable instructions which reside, for example, in computer-
usable media of a computer system. Generally, flowcharts 400 and 500 are
implemented by server 310 of Figure 3. Alternatively, the flowcharts may be
implemented by node B 315 of Figure 3, or by a mid-network monitoring node,
edge server or proxy, with the selected transmission schedule sent to server
310 for streaming.

Referring first to Figure 4, in step 410, data embodied as a plurality of
data packets is accessed. In one embodiment, the data packets are
associated with video data. In one such embodiment, the data packets are
associated with a sequence of frames of data. A data packet can include data
for one or more frames, or the data constituting a frame may require more than
one data packet.

In step 420, scheduling cues ("first information”_or “data-related
information”) that quantify some characteristic of each data packet or frame in
the plurality of data packets are also accessed. A scheduling cue can include,
but is not limited to, information identifying the beginning and end of a data
packet's data; header information for a data packet; information identifying the
length of a data packet; information identifying a transmission time of a data
packet; information identifying nominal presentation time for a data packet;
information quantifying for a data packet or frame an amount of distortion
predicted to occur should that data packet or frame not be sent or received;
coding dependencies between the data packets or frames; information
identifying for a data packet or frame how many data packets or frames are
dependent on that data packet; information identifying which data packets
provide error resiliency; information identifying which data packets provide
redundancy; and information identifying a deadline for delivering a data packet
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or.fiame. -In-generaly datasrelated.information pertains to information
associated with the data in a data packet or frame, but does no include
information about the type of frame or information about where the data packet
or frame is positioned in a sequence of data packets or frames.

In a sequence of frames that includes either different types of frames
(e.g., I-frames, P-frames, and/or B-frames) or frames that are all of the same
frame type (e.g., all P-frames), the scheduling cues provide information that
establishes the relative importance of each frame in the sequence. As such,
the scheduling cues provide information that establishes the relative
importance of each frame of a particular frame type selative to other frames of
the same frame type. For instance, the scheduling cues can be used to rate
one P-frame as being more important than another P-frame. This is a very
useful ability because all frames of the same frame type are typically
considered to be of roughly equal importance. Thus, the ability to accurately
distinguish between the importance of different frames of the same (or
different) frame type is very useful when it comes to, for example, determining
an order for sending data packets or frames or for deciding which frames or
data packets are to be sent.

In step 430, the scheduling cues can be used to determine an order for
sending the data packets or frames over a network. In one embodiment,
network performance characteristics ("second information"” or “network-related
information”) are also used to determine the order for sending data packets.
Network performance characteristics include, but are not limited to, bandwidth
available along a path in the network; bottleneck link capacity along the path;
data (e.g., data packet or frame) delivery rate; data (e.g., data packet or frame)
loss rate (also loss histograms); data packet received pattern; data packet loss
pattern (also loss histograms); information identifying which of the data packets
or frames was received at a node along the path; information identifying which
of the data packets or frames did not arrive at a node along the path;
information quantifying time needed to traverse the path; and information
quantifying delays associated with the path. In another embodiment, a delivery
deadline is identified for each packet or frame, and this information is also used
to determine the order for sending data packets/frames.

The scheduling cues can be used to determine whether or not to send a
particular data packet or frame. The scheduling cues can also be used to
determine whether to resend a particular data packet or frame. The scheduling
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cues provide a basis:foridentifvina.the data packets or frames of relatively high
importance (and conversely, the data packets/frames of relatively low
importance). Frames of higher importance, or the data packet(s) associated
with frames of higher importance can be sent or resent, while frames of lower
importance, or the data packet(s) associated with frames of lower importance,
can be dropped or discarded if necessary.

Flowchart 500 of Figure 5 provides a more detailed view of a method for
determining a schedule for transmitting data packets according to one
embodiment of the present invention, and is discussed with reference also to
Figure 6.

Flowchart 500 is described in the context of data packets. A data packet
can include data for one or more frames, or the data constituting a frame may
require more than one data packet. The discussion of flowchart 500 is readily
extended from data packets to frames. For instance, where there is a one-to-
one correspondence between a data packet and a frame, the distortion
associated with the data packet not being sent or received is equivalent to the
distortion associated with the frame not being sent or received. Where a data
packet includes data for one or more frames, the distortion associated with the
data packet not being sent or received is equivalent to the distortion associated
with each of those frames not being sent or received (e.g., the sum of the
distortions associated with all frames contained in the data packet). Where a
frame requires multiple data packets, the distortion associated with each of
those data packets not being sent or received is equivalent to the distortion
associated with the frame not being sent or received, or with the distortion
associated with the specific portion of the frame contained in the data packet
that is not being sent or received. In the latter situation, decisions about
whether to send a data packet, the order for sending the data packets, and
other such decisions can be made on a frame-by-frame basis or a packet-by-
packet basis.

In step 510 of Figure 5, feasible transmission schedules 615 are
generated using the list of data packets 618 to be scheduled as well as
information that describes the current state and constraints 610 of the delivery
process. The current state and constraints information 610 can include
network performance characteristics such as those mentioned above (e.g.,
bandwidth, packet loss rate, delays, etc.). The current state and constraints
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informnation.61Q can-also include infarmation such as delivery deadlines
associated with each of the data packets being scheduled.

The list of data packets 618 can include any data packets not yet
transmitted, any data packets transmitted but known to be lost during
transmission, and any data packets transmitted but whose status is unknown.
The list of data packets 618 to be scheduled may include all data packets
associated with a media object, or they may include only a subset of all those
data packets. In the latter instance, the delivery of each subset of data packets
can be scheduled in turn. In either instance, the transmission schedule can be
revised at a later time. In general, the data packets of primary interest are data
packets that have been recently lost, data packets recently transmitted but their
status is unknown (e.g., it is not known whether or not they were correctly
delivered), and data packets yet to be delivered but need to be delivered in the
relatively near future (e.g., as measured against their delivery deadline).

In step 520, scheduling cues 624 are accessed. In one embodiment,
the scheduling cues 624 quantify, for each data packet, an effect that would
result if that data packet was not sent or received. For a video data packet, the
amount of distortion expected to occur if that data packet was not sent or
received can be specified by the scheduling cues 624.

The distortion associated with each data packet can be a measured
distortion or an estimated distortion. In one embodiment, the measured
distortion associated with losing a particular data packet is computed by, in
essence, dropping that data packet from the bit stream and computing the
resulting distortion produced when decoding the remaining data packets. This
measurement can be performed as the media are encoded (e.g., by encoder
210 of Figures 2A and 2B). For pre-encoded data, the data packet can be
dropped from the encoded (compressed) bit stream, the remainder of the
packets can be decoded, and the resulting distortion can be computed. In one
embodiment, estimated distortion is accomplished by extracting information
from the encoded bit stream that provides an indication of the distortion that
may result. For example, for video data that has large motion vectors, a lost
data packet will likely lead to much larger distortion than video data that has
small or zero-value motion vectors. Measured distortion is more accurate than
estimated distortion; however, measured distortion is more complex to
compute.
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Far eagh sequence.of-data,packets in a bit stream (e.g., for each list of
data packets 618), a table can be generated that includes information (e.g.,
scheduling cues 624) about the data packets in the sequence. For each

. sequence, there may be more than one of such tables. For example, the

distortion that results from the loss of a single data packet can be included in
one of the tables. For N data packets, the table would be of size Nx1, where
an entry j in the table describes the distortion that would result if packet j is lost.

Another table can include the distortion that results for the loss of any
two data packets. For N packets, the table would be of size NxN, where an
entry (j,k) describes the distortion that result if packets j and k are both lost
(packets j and k do not have to be consecutive packets in the sequence).
Tables can be similarly derived for the loss of more than two packets. In
general, for N packets, these tables would be of size N™, where M is the
number of data packets assumed to be lost.

However, smaller and less complex tables can be used while achieving
similar performance. For example, if two lost packets are sufficiently far apart
from each other in the bit stream, then they will have an independent effect on
the distortion. Also, for example, in a sequence that includes a number of P-
frames, if one P-frame does not depend on another P-frame (e.g., they may
both depend on the same I-frame, or they may each depend on independent P-
frames), then they will have an independent effect on the distortion. Therefore,
the tables do not need to include information for combinations of lost packets
that have an independent effect on distortion. For example, if all N video
frames are encoded as I-frames, then they can be treated as independently
effecting distortion, and a table of size Nx1 would be generally sufficient. Also,
the loss of a B-frame will not afflict other frames, and so a table of size Nx1 is
sufficient for B-frames.

Also, if video data are encoded with periodic I-frames (e.qg., every 15th
frame is an |-frame), then each group of pictures (GOP) can be treated
separately. For example, consider a video having a length of N frames, and for
simplicity of discussion, assume that each frame is encoded into a single data
packet. Fora GOP of 15 frames (data packets), for example, the video would
be composed of N/15 GOPs. Each GOP can have its own table of distortion
information. For the case in which two data packets are assumed lost, each
GOP table would be of size 15x15. Thus, there would be N/15 tables, each of
size 15x15, for a total size of Nx15. Without exploiting the independence of
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earh.GOR 2 tahla of size NxN.waild-he-needed for the case in which two
packets are assumed to be lost.

If a video is encoded with partial intra-coding of each frame, as opposed
to periodic I-frames, losses spaced sufficiently far apart in time can also be
approximated as independent losses.

Also, consider an example in which the video includes a GOP of 15
frames that is independent of a following GOP. The GOP may have frames in
the following order: 11, B2, B3, B4, P5, B6, B7, B8, P9, B10, B11, B12, P13,
B14, B15. In this example, all 15 frames depend on the first I-frame (i1), 14
frames depend on P5, 10 frames depend on frame P9, six frames depend on
frame P13, and only one frame depends on each B-frame. The distortion
tables for the example GOP may include a 15x1 table for all frames; a 15x1
table for all frames and larger dimension tables for the I-frames and P-frames
(e.g., tables assuming a loss of two packets, three packets, and so on); or an
11x1 table for the eleven B-frames, with larger dimension tables for the |-
frames and P-frames.

The sizes of tables can also be reduced by including information in the
tables for only a subset of the data packets instead of for every packet. For
example, the tables may include only sub-sampled information (e.g.,
information for every tenth packet) or information only for relatively important
packets (e.g., those related to I-frames or P-frames). Alternatively, the tables
may include only information carefully selected based on the relative
importance of each packet (e.g., the packets that if lost result in the largest
distortion, or that have pronounced rate-distortion tradeoffs that can be
exploited).

While the above discussion has focused on MPEG video encoding with
the popular |, P and B-frame encoding modes, embodiments of the present
invention also apply to other forms of encoding such as scalable encoding
where once again the compressed data consist of different subsets of data with
different priorities, coding dependencies and associated distortions.

Continuing with reference to Figures 5 and 6, in step 530, using the
encoded bit stream along with the scheduling cue(s) 624, and also using
information 626 that characterizes network performance along the delivery
path, each of the transmission schedules is evaluated using a model 625 to
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predict the effegt:efigash of the.iransmission schedules on a selected,
quantifiable parameter. In one embodiment, model 625 predicts the distortion
620 for each schedule. For example, the distortion assuming loss of a single
data packet from the plurality of data packets can be determined. Alternatively,
the distortion assuming loss of data packets in different numbers and
combinations can be determined. In one embodiment, the predicted distortions
for each of the feasible schedules can be stored (630).

Note that the predicted distortion 620 can be a single number
corresponding to the expected distortion, or it may be a distribution of expected
distortions, or something in between (e.g., expected distortions with a tolerance
band corresponding to, for example, one standard deviation). Alternatively,
some form of cumulative distribution function for the distortion can be
determined.

In step 540, a transmission schedule that minimizes (or nearly
minimizes) the total effect (e.g., distortion) is selected (the best schedule 640).
Alternatively, a schedule that satisfies a specified threshold can be selected.
For example, an acceptable level of distortion can be specified, and a schedule
that does not exceed that level can be selected.

The data packets, or some portion thereof, can then be transmitted
according to the selected schedule. The steps above can be repeated to
determine a newer or updated schedule, even as the data packets are being
sent under the existing schedule. For example, a new schedule can be
determined for each data packet, for every group of N packets, for every video
group of pictures, or every N seconds. A new schedule can also be
determined in response to some sort of triggering event. For example,
feedback from the client device (or any other downstream node) might indicate
that a particular data packet did not arrive. A new schedule can be determined
when such feedback is received (the new schedule may include resending the
data packet). Also, updated network performance characteristics may be
received, and a new schedule accounting for any change in network
performance can be determined as a result of receiving such information. A
new schedule can also be determined if, for example, a particular data packet
is, for some reason, not sent early enough for it to be received by its delivery
deadline (in this case, the new schedule may choose not to send that data
packet since, if it was sent, it would arrive late). As another example, if the
updated network performance characteristics indicate that the available
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minimize the expected distortion subject to the bandwidth constraint (the new
schedule may include transmitting a smaller number of packets to meet the
bandwidth constraint, where the particular selection of packets is chosen to
minimize the expected distortion).

The above discussion is illustrated by way of a simplified example in
which five data packets are to be sent, numbered one through five. The
distortion associated with losing packet 1 is D1, for packet 2 the distortion is
D2, and so on. The distortions D1 through D5 are included in the scheduling
cue 624 associated with packets 1 through 5, respectively. A simplified model
625 for predicting distortion can entail summing the distortions that resuit for
each data packet that is lost. Thus, to estimate the distortion that would result
for any pattern of received or lost data packets, the distortions for each of the
lost packets is summed. For example, if data packets 3 and 5 are lost, then
the predicted distortion would be D3 plus D5. The best schedule is the one
that results in the smallest predicted distortion for the predicted pattern of
packet losses (based on network performance characteristics).

Figure 7 illustrates another example of a process for scheduling the
transmission of data packets according to one embodiment of the present
invention. The data packets are listed in a feasible transmission schedule.
The feasible transmission schedule may be the best schedule determined in a
preceding iteration. Using the list of data packets, the associated delivery
deadline for each data packet, the scheduling cues, and any information
received about the reception, loss or late delivery of data packets, a
transmission schedule can be determined for those packets remaining to be
sent as well as any packets already sent but perhaps not correctly received.

Figure 7 is described in the context of data packets. As discussed
above in conjunction with Figure 5, a data packet can include data for one or
more frames, or the data constituting a frame may require more than one data
packet. Where a frame requires multiple data packets, instead of treating the
data packets on a packet-by-packet basis, the data packets associated with a
frame can also be treated as a group (the data packets can be treated on a
frame-by-frame basis).

Using the list of data packets, the associated delivery deadline for each
data packet, the scheduling cues, and any information received about the
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determined for those packets remaining to be sent as well as any packets
already sent but perhaps not correctly received.

In the example of Figure 7, packets 1 through 6 have been previously
transmitted and processing of packet 7 is next. Feedback information (e.g.,
from the client) indicates that packets 1, 2, 3 and 5 have been correctly
received and packet 4 was not received. Packet 6 has been sent but no
information is available as to whether or not it has been received. Based on
this information, and also based on the scheduling cues, the streaming server
(e.g., server 310 of Figure 3) can, for example, decide whether to resend
packet 4 or to send packet 7 at the next transmission opportunity. More
importantly, the streaming server can make this decision without the use of
complex algorithms that require substantial computational effort. For instance,
to select between packet 4 and packet 7, the streaming server may simply
select the packet having the greatest impact on distortion, based on the
quantified distortion information provided by the scheduling cues. Thus,
significant performance gains in packet scheduling can be achieved without
invoking complex optimization techniques.

Figure 8 is a graph showing distortion in mean-squared error (MSE)
resulting from the loss of an isolated frame k according to one embodiment of
the present invention. For a video sequence with L frames, there are L
possible isolated losses, resulting in a linear storage cost of L numbers. Figure
8 illustrates the distortion D(k) caused by losing frame k.

To model the distortion caused by an arbitrary loss pattern given only
D(1) to D(L), a zero-th order distortion chain model, DC?, can be employed,
where zero-th order describes that no memory is assumed and that the
distortion that results for each lost packet is independent of any prior lost
packets. This model is accurate when losses are spaced far apart (e.g., when
loss rate is low). When N frames K=(k4, ko, ..., kn) are lost, the predicted total
distortion is simply given by:

- N
DK) =§,D(k,->. (1)

As mentioned earlier, the best transmission schedule for the packets of
a video stream subject to a transmission bandwidth constraint is sought. This
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prablem-gan-hesfiormalized-as,fellows-y ket W be a window of packets
considered for transmission and let R* be the bandwidth constraint, measured
either in bits or number of packets. A decision is sought on the subset of
packets KeW that should not be transmitted in order to satisfy the bandwidth
constraint. Let R(W\K) be the rate associated with the packets from W that will
be transmitted, where "\" denotes the operator "set difference.” Thus, the
subset K, such that the total distortion due to dropping K is minimized while
meeting the bandwidth constraint is given, by:

K*= argmin E(K). )

KeW:R(W\K)SR*

Now, consider first solving equation (2) in the case when the
transmission bandwidth R* is expressed as number of packets. Assume that
R*=k, i.e., k packets are to be dropped from W. Then K* is found by sorting the
distortions for each packet in increasing order, and selecting the first k packets
(those with the K smallest associated distortions). In addition, if the problem
changes to determine the best k+1 packets to drop, the solution then directly
builds on the preceding solution. Specifically, the selection of the best subset
of k packets to drop is contained in the best subset of k+1 packets to drop. In
contrast, an approach that does not provide this property would have to
perform a completely new search for every k. The optimal schedule can
therefore be obtained with very little computation.

Next, consider the alternative case when R* is measured in bits. The
integer programming required to obtain the exact optimal solution is difficult to
compute. A practical approximation that can be employed is to drop packets
that individually cause the least distortion per bit. Specifically, a packet jeW is
associated with a utility in terms of distortion per bit of A=D()/R()). K* is
obtained by sorting the packets in W in decreasing 2, and then transmitting as
many packets as possible starting from the highest utility (distortion-per-bit)
packet. In this manner, once again an embedded search strategy is achieved
with the associated low complexity benefits.

Figure 9 is a graph showing distortion in MSE resulting from the loss of
two frames k4 and ks according to one embodiment of the present invention. If
D(k1, k) was stored for every possible pair {ki, k2}, then the total storage cost
would be quadratic in L. However, since the distortion coupling between
dropped packets decreases as the distance between the packets increases,
one practical simplification is to assume Di(k, kz)=D(k1)+D(kz) for |ki-ka|>M,
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where-Midenands-on.the compression...For example, for a 15-frame GOP, Mis
at most the number of packets in the GOP. This approximation reduces the
required storage and computation for distortion information from L? to LxM.

The distortion for an arbitrary loss pattern can be estimated using a
number of approaches. For example, the distortion can be estimated using a
first-order distortion chain, DC', where the distortion for a lost packet now
depends on the last lost packet (memory of one). Specifically, for ki<ka<...<k,

B(K) = D, Iy) + g{wc..,km) ~D(i)}- @)

Searching for a packet schedule using the above distortion estimate can
be expensive computationally due to the interdependencies between lost
packets. This complexity can be reduced through a number of approaches.
For example, an iterative descent algorithm can be employed, in which the
objective function f)(K) is minimized one variable at a time while the other
variables are kept constant, until convergence. In particular, consider first the
case when R* is expressed in number of packets and assume that R*=m.
Then, at iteration n, for n=1, 2, ..., the individual entries of a drop pattern K=(k,
..., km) is computed using

k™ =argmin ZS(K), 4)

’ kyems®

for j=1, ..., m, where the sets W = {") +1,.., k%" —1}. In other words,
starting with a reasonable initial solution for K, at each iteration the subset of
selected packets K is perturbed in order to find a subset that produces reduced
distortion. At each iteration a subset with less or equal distortion is found, and
therefore the algorithm is guaranteed to converge, though not necessarily to a
global optimum. The case when R* is measured in bits can be solved using a
similar gradient descent algorithm as above.

The above discussion identified a number of methods for predicting the
total distortion that would result from losing an arbitrary set of packets, which
range from tables which explicitly contain the distortion for different packet loss
patterns, to potentially smaller tables and associated algorithms for predicting
the distortion for different packet loss patterns. In addition, other approaches
for predicting the distortion can also be incorporated in module 625 of Figure 6.
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Ingsummary.jin its varipus empediments, the present invention provides
methods and systems for streaming media based on the use of scheduling
cues. The scheduling cues can be used by a streaming server to prioritize data
packets. In a situation that involves a sequence of the same frame type (only
P-frames, for example), the scheduling cues provide a basis for choosing which
data packet(s) should or should not be discarded or dropped, or sent or resent.

The streaming server can use the scheduling cues to determine a
packet transmission schedule that may maximize quality (e.g., reduce
distortion) at a receiver, also considering information such as network
performance and delivery deadlines. Without significantly increasing
complexity or computational effort, embodiments in accordance with the
present invention result in a performance gain comparable to performance
gains realized with much more complex techniques. The ability to select or
discard certain frames from a group of frames using scheduling cues to
maximize the quality at the receiver leads to significant gains in performance.

Embodiments of the present invention are thus described. While the
present invention has been described in particular embodiments, it should be
appreciated that the present invention should not be construed as limited by
such embodiments, but rather construed according to the following claims.
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CLAIMS
What is claimed is:

1. A method (400) of streaming data, said method comprising:

(420) accessing data-related information that quantifies a characteristic
associated with a frame in a sequence comprising a plurality of frames of video
data, said data-related information in addition to information that identifies
frame type and in addition to information identifying the position of said frame in
said sequence; and

(430) using said data-related information to make a decision associated
with transmission of said frames.

2. The method of Claim 1 wherein said data-related information
establishes a relative importance of frames in said plurality of frames.

3. The method of Claim 1 wherein said decision comprises (430)
determining whether to send said frame.

4. The method of Claim 1 wherein said decision comprises (430)
determining an order for sending said frames.

5. The method of Claim 1 wherein said plurality of frames comprises
frames of different frame types.

6. The method of Claim 1 wherein said plurality of frames comprises
frames of the same frame type.

7. The method of Claim 1 wherein said data-related information is
selected from the group consisting of: information identifying the length of a
data packet; information quantifying for said frame an amount of distortion
predicted to occur should said frame not be sent or received; coding
dependencies between said frames; information identifying for said frame how
many of said frames are dependent on said frame; information identifying which
of said frames provides error resiliency; and information identifying a deadline
for delivering said frame.

8. The method of Claim 1 further comprising:
(430) accessing network-related information that characterizes network
performance; and ‘
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(430) Usinhg $aid rietwork-related information with said data-related
information to make said decision, wherein said network-related information is
selected from the group consisting of: bandwidth available along a path in said
network; bottleneck link capacity along said path; data delivery rate; data loss

5 rate; data packet received pattern; data packet loss pattern; information
identifying which of said frames were received at a node along said path;
information identifying which of said frames did not arrive at a node along said
path; information quantifying time needed to traverse said path; and information
quantifying delays associated with said path.

10

9. The method of Claim 1 wherein said frames comprise data that

are predictively encoded.

10. The method of Claim 1 wherein said frame comprises a plurality
15 of data packets, wherein said data-related information is provided for one or
more of said data packets.
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