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1
VIDEO RATE ADAPTATION FOR
CONGESTION CONTROL

FIELD OF THE INVENTION

The instant invention relates generally to videocontferenc-
ing, and more particularly to dynamically adjusting video
encoding and input parameters for enhancing a videoconfer-
encing experience over a best effort network.

BACKGROUND OF THE INVENTION

A videoconference is a set of interactive telecommunica-
tion technologies which allow two or more locations to inter-
acl via two-way simultaneous video and audio transmissions.
The core technology that is used in a videoconference system
is digital compression ol audio and video streams in real time.
The other components of a videoconference system include:
video input i.e. a video camera or webcam; video outputi.e. a
computer monitor, television or projector; audio input i.e.
microphones: audio output i.e. usually loudspeakers associ-
ated with the display device or telephone: and, data transfer
i.e. analog or digital telephone network, LAN or Internet.

In general. the videoconferencing market is divided
loosely into two groups: those users that are willing to incur
significant expense; and, those users that are not willing to
incur expense. Some examples of users that are willing to
incur significant expense include large and/or global corpo-
rations and public services, which are able to justify the
expense on the basis of avoiding the cost and lost time that is
associated with travel. The expense that is incurred comes
from the cost of ownership or the cost of leasing a private
network. Such a private network is managed. delivering a

quality of service (QoS) often forming part of a Service Level 3

Agreement (SLA).

The balance of the market, which includes those users
without access to private networks, typically uses the Internet
for data transmission. This group includes not only those
users with no access 1o private networks, but also those users
whose private networks do not provide QoS guarantees or do
not connect to all endpoints to which the user may wish to
connect. The Internet is an example of a best-effort network.
Such a network differs from a managed-network in that trans-
mission parameters of the best-effort network are subject to
relatively large and variable transmission impairments,
including jitter, delays, lost packets, etc., as a result of net-
work congestion. Furthermore, these impairments typically
are subject to sudden and significant changes in value, aver-

aged over periods ranging from seconds to minutes or hours. 5

The transmission impairments that are associated with a
best-effort network, such as the Internet, result in a typically
uncomfortable experience for the user, due to the video com-
ponent being “choppy.” of poor quality, and/or not precisely

synchronized with the audio component of the communica-

tion. Rather than enhancing communication, the video com-
ponent may actually provide false visual cues and even dis-
orient or nauseate those that are party to the communication.
For this reason. businesses and individuals have been slow to
adopt IP-based videoconferencing despite the many advan-
tages that are associated therewith. Of course, wider adoption
is likely to occur when the video-component is improved
sufficiently to provide more natural motion and a more life-
like representation of the communicating parties. Accord-
ingly. each incremental improvement in the encoding and/or
transmission of video data is an important step toward achiev-
ing widespread adoption of videoconferencing technologies.
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Unfortunately, current endpoint technology and transmis-
sion protocols produce a typically poor interactive experi-
ence. Using an existing protocol that deals with congestion.
such as the Transport Control Protocol (TCP). the video trans-
mission experiences potentially very large delays as a result
of retransmission of lost packets, and significant reduction in
transmission rate as a result of TCP’s Additive Increase Mul-
tiplicative Decrease (AIMD) policy towards congestion. As a
result, TCP is considered to be an inadequate protocol for
transmission of live real-time video streams.

Alternatively, when using an existing protocol with no
congestion control such as User Datagram Protocol (UDP),
the user experiences severe packet loss in the event of con-
gestion, which significantly reduces the quality of the video-
conference experience since loss of compressed video pack-
ets results in significant visual artifacts in the decoded image.
Continued congestion also significantly increases the delay,
as a result of quening delays, of video packets on the network
that is experiencing congestion. As a result, UDP streams are
considered to perform inadequately in the presence of net-
work congestion.

Finally, when using the Datagram Congestion Control Pro-
tocol (DCCP), which provides congestion control for real-
time applications such as audio and video. the video trans-
mission is subject to potentially large buffering delays on the
transmitter side in order to adhere to the rate control mecha-
nism of DCCP. Unfortunately, delay is a key parameter in live
videoconferencing applications since a long delay in receiv-
ing a response from a remote participant diminishes the illu-
sion of a face-to-face conversation. Another problem with
DCCP is that packets marked as DCCP are not necessarily
routed by core Internet routers, since DCCP has not been
widely adopted. Furthermore, DCCP does not address how
video encoding parameters are changed in order to adhere to
a given transmission rate.

It is also known to provide feedback signals from the
recipient to the sender during streaming of audio-video con-
tent via a best effort network. These signals contain informa-
tion relating to bandwidth throughput during a particular
transmission interval. More particularly, the video that is
being streamed is encoded into multiple quality segments or
streamlets. Thus, when the bandwidth throughput does not
match the bit rate of the streamlets being sent over the net-
work. the sender stops sending some of the streamlets. Sev-
eral steps of quality, such as low, medium, medium-high and
high, are predefined prior to streaming the audio video con-
tent, and moving between different steps results in a notice-
able differences in the quality of the video content. This
approach is suitable for video-on-demand type applications.
which tolerate bulfering delays and require reliable packet
delivery, but is not considered to be suitable for real-time
videoconferencing applications.

It would be advantageous to provide a method and system
that overcomes at least some of the above-mentioned limita-
tions of the prior art.

SUMMARY OF EMBODIMENTS OF THE
INVENTION

According to an aspect of the instant invention there is
provided a method of exchanging videoconference data
between a first endpoint and a second endpoint via a network,
comprising: receiving at the first endpoint statistical data that
are based on first videoconference data transmitted previ-
ously from the first endpoint to the second endpoint via the
network, the statistical data determined at the second end-
point and relating to network performance characteristics
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during a known time-interval of transmitting the first video-
conference data thereto: determining, based on the statistical
data, an approximately optimized data transmission rate for
the network performance characteristics: capturing second
videoconference data relating to the same videoconference at
a time that is later than capturing of the first videoconference
data; adjusting the output bit rate of a video encoder associ-
ated with the first endpoint, so as 1o support transmission of
videoconference data via the network at the approximately
optimized data transmission rate: and. using the video
encoder that is associated with the first endpoint, encoding the
second videoconference data to provide output data at the
adjusted output bit rate for being transmitted via the network
at approximately the optimized data transmission rate.
According to an aspect of the instant invention there is
provided a method of exchanging videoconference data
between a first endpoint and a second endpoint via a network,
comprising: transmitting first videoconference data from the
first endpoint to the second endpoint via the network: receiv-
ing at the first endpoint statistical data transmitted from the
second endpoint and relating to network performance char-
acteristics during a known time-interval of transmitting the
first videoconference data; determining, based on the statis-
tical data. at least one of a target encoder bit rate of a video
encoder associated with the first endpoint, a camera frame
rate of a camera associated with the first endpoint, and a
camera frame resolution of the camera associated with the
first endpoint for providing an approximately optimized
transmission rate of the videoconference data for the network
performance characteristics; waiting until an I-frame of the
videoconference data is to be encoded for transmission via
the network: and, prior to beginning to encode the I-frame,
adjusting the determined at least one of the video encoder bit

rate, the camera frame rate, and the camera frame size for A

setting the video encoder output bit rate, such that videocon-
ference data transmitted during another known time-interval
are transmitted via the network at the approximately opti-
mized transmission rate for the network performance charac-
teristics.

According to an aspect of the instant invention there is
provided a method of exchanging videoconference data
between a first endpoint and a second endpoint via a network,
comprising: transmitting videoconference data between the
first endpoint and the second endpoint via the network:
exchanging between the first endpoint and the second end-
point statistical data relating to network performance charac-
teristics during at least a known time-interval of transmitting
the videoconference data: determining. based on the statisti-

cal data, a plurality of approximately optimized data trans- 5

mission rates for the network performance characteristics.
including an approximately optimized data transmission rate
for each direction of transmission between the first endpoint
and the second endpoint: and, for each one of the first end-

point and the second endpoint, varying at least one of a video 3

encoder bit rate, a camera frame-capture rate, and a camera
frame-resolution, such that during a next known time-interval
videoconference data is transmitted in each direction between
the first endpoint and the second endpoint using at least one of
the plurality of approximately optimized data transmission
rates.

BRIEF DESCRIPTION OF THE DRAWINGS
Exemplary embodiments of the invention will now be

described in conjunction with the following drawings, in
which:
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FIG. 1 is a simplified block diagram showing a point-to-
point videoconference system according to anembodiment of
the instant invention;

FIG. 2 is a simplified logic flow diagram, illustrating logic
steps that are followed within the video parameter regulator
block:

FI1G. 3 is a simplified logic flow diagram, illustrating logic
steps that are followed for increasing dropFPS or dropSize:

FI1G. 4 is a simplified logic flow diagram, illustrating logic
steps that are followed for decreasing drop'PS or dropSize;
and,

F1G. 5 is a simplified logic flow diagram showing process-
ing steps for synchronizing encoder parameter changes to the
encoding of an I-frame.

DETAILED DESCRIPTION OF EMBODIMENTS
OF THE INVENTION

The following description is presented to enable a person
skilled in the art to make and use the invention, and is pro-
vided in the context of'a particular application and its require-
ments. Various modifications to the disclosed embodiments
will be readily apparent to those skilled in the art, and the
general principles defined herein may be applied to other
embodiments and applications without departing from the
scope of the invention. Thus, the present invention is not
intended to be limited to the embodiments disclosed. but is to
be accorded the widest scope consistent with the principles
and features disclosed herein.

Referring to F1G. 1, shown is a simplified block diagram of
a point-to-point videoconference system according to an
embodiment of the instant invention. Two endpoints 2 and 4
are interconnected via an IP Network 6, e.g. the Internet. For
clarity, the block diagram shows only the functions that are
associated with one-way video transmission. As will be
apparent, video transmission in the reverse direction, audio
transmission and call control subsystems have been omitted.
Optionally, the system that is shown in FIG. 1 is adapted 1o a
multi-party videoconference, including P endpoints where P
is greater than two.

Blocks 8 through 14 represent well-known functions in a
videoconference system. A video camera represented at
block 8 outputs raw video signal 24, which is fed to a camera
interface represented at block 10. The camera interface
includes at least color conversion and optionally one or more
other video functions. Camera Control signal 42 controls. for
example, frame rate and resolution. In the instant example.
only one video camera is shown but optionally a plurality of
video cameras and/or video sources is combined in the cam-
era interface function at block 10 to produce a single, uncom-
pressed video signal 26. Uncompressed video frames are fed
at a given rate (frames per second, {ps) and given resolution
(frame size, resolution in widthxheight pixels) to a video
encoder represented at block 12. The video encoder com-
presses the video signal using a predetermined method. such
as for example H.264 (also known as MPEG-4 part 10 or
MPEG-4 AVC), as negotiated during call set up. Compressed
video 28 streams 10 a transmitter represented at block 14,
containing lower layer RTP/UDP/IP stack, and then via the [P
Network 6 to a receiver represented at block 16 in the remote
endpoint 4. The signal 30 is considered to be a virtual IP
connection.

For clarity. all remaining receiver functions of the receiv-
ing endpoint 4, which are not important to the understanding
of the operation of the instant embodiment, are represented
collectively at block 18. In addition, while the video camera,
camera interface and video encoder are represented in FIG. 1
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as discrete blocks 8, 10 and 12. respectively, optionally they
are integrated in any of a number of ways that do not impact
the operation of the instant embodiment.

The point-to-point videoconference system that is shown
in FIG. 1 operates according to the standardized feedback
method, indicated by signal 32, RTCP (RTP control protocol
as defined in RFC 3550) to feed statistics relating to the
received signal 30 back to the sending endpoint 2. In particu-
lar, the statistics include RTCP receiver report messages
needed to calculate round trip delay, jitter, and packet loss.
The RTCP receiver report messages are extended to send a
‘user message” that contains an array of loss intervals statis-
tics for the stream. since standard RTCP receiver reports do
not include loss intervals. The loss intervals array, round trip
delay and jitter values are needed in order to allow the target
bandwidth calculator, which is represented at block 20. to
calculate a recommended transmission rate (RecRate in
kbits/s or kbps).

In the instant and non-limiting example the target band-
width calculator block 20 is adapted from IETF (Internet
Engineering Task Force) RFC 3448, “TCP Friendly Rate
Control (TFRC): Protocol Specification.” TFRC is intended
for use at the transmission point of a UDP (User Datagram
Protocol) connection. The major difference between this par-
ticular instantiation of TFRC and that recommended by [ETF
RFC 3448 is the frequency of exchanging stream transmis-
sion parameters (round trip delay, jitter and loss interval).
Instead of transmitting these statistics from the receiving
endpoint 4 at least every round trip time (usually on the order
of milliseconds) as recommended by IETF RFC 3448, they
are transmitted instead on the order of seconds. generally
every N seconds where N is greater than or equal to one. Of
course, transmitting the statistics every N seconds reduces the
TCP-friendliness and responsiveness of this instantiation to
congestion, but it also results in stabilizing the feedback loop
that regulates the output rate of the video encoder based on the
RecRate computed by TFRC’s algorithm. This is because a
typical video encoder manages its average bit rate over sev-
eral seconds of video. as opposed to over a single frame or a
few frames. As a result, the frequency of calculation of the
recommended transmission rate (RecRate) is done, for
example, every N=1 second so as to make changes to encoder
average bit rate less frequent.

Another departure from TFRC as recommended by IETF
RFC 3448 is that instead of using instantaneous round trip
delay, this particular instantiation uses an exponentially
weighted moving average (EWMA) of round trip delays
received over an interval, for instance the above mentioned
example N=1 second interval, to arrive at a more stable aver-
age value for round trip time (RTT) used in TFRC.

Referring still to FIG. 1, the target bandwidth calculator at
block 20 uses the received loss intervals array, round trip
delay and jitter values to determine a recommended transmis-
sion rate that is best optimized to the present condition of the

1P network. Unlike DCCP, which also employs TFRC but 5

merely uses a send buffer 1o regulate the sending rate, the
target bandwidth calculator provides a signal 34 to a video
parameter regulator represented at block 22. In particular, the
signal 34 is indicative of the recommended send rate. The
video parameter regulator subsequently processes the signal
34 1o determine adjustments to one or more of the encoder bit
rate, the camera frame rate and camera capture resolution.
The output signal of the video parameter regulator block 22 is
the encoder bit rate signal 36 provided to block 12, and the
camera frame rate and capiure resolution signals 38 and 40
provided to block 10. In addition, block 10 also provides to
block 8 a Camera Control signal 42 for controlling. for
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6

example, frame rate and resolution, based on the signals 38
and 40. In this way, based on the respective control signals,
the blocks 8 through 12 provide a video transmission signal
30 that is optimized to the present condition of the IP Net-
work.

Referring now to FIG. 2. shown is a simplified flow dia-
gram illustrating processing steps that are executed within the
video parameter regulator block 22. The signal 34 that is
provided from the target bandwidth calculator block 20 is
received at the video parameter regulator block 22 at step 200.
Atdecision step 202 it is determined whether the sending rate
that is recommended by TFRC (RecRate) is greater than the
maximum bit rate of the video encoder (maxRate). If it is
determined that RecRate>maxRate, then at 204 the rate of the
video encoder (EncRate) is set 1o maxRate the value of
dropFPS (i.e. number of frames being dropped) is set to
NO_FPS_DROP (i.e. set to zero) and dropSize (i.e. the scale
factor for scaling resolution) is set to NO_SIZE_DROP (i.e.
set to unity). Thus, at step 216 the frameRate=maxFPS-
dropFPS, which is to say the frameRate is set to the value of
maxFPS. Likewise, at 216 the frameSize=maxSize/dropSize,
which is to say the frameSize is set to maxSize. The process
then terminates at step 206.

Ifinstead it is determined at decision step 202 that RecRate
is not greater than maxRate, then at decision step 208 it is
further determined whether RecRate is greater than the mini-
mum bit rate of the video encoder (minRate). If it is deter-
mined at decision step 208 that RecRate is not greater than
minRate, then at decision step 210 it is determined whether
dropFPS=maxFPS-minFPS (i.e. is the current frameRate
equal to the minimum acceptable camera frame rate?). If it is
determined at decision step 210 that frameRate is not equal to
minRate then at 212 the value of dropFPS is increased, as is
described in greater detail below with reference to FIG. 3.
Next, at step 214 EncRate is set to minrate, the minimum
acceptable bit rate of the encoder (for maxSize). The process
moves 1o step 216 and frameRate is set to the value maxFPS-
dropl'PS. and frameSize=maxSize/dropSize. Accordingly.
when the process terminates at 206 the frame rate of the
camera output is decreased compared to its current value and
the camera video resolution (widthxheight pixels) is
unchanged compared to its current value.

If instead it is determined at decision step 210 that fram-
eRate is equal to minRate then at 218 the value of dropSize is
increased, as is described in greater detail below with refer-
ence to FIG. 3. Next, at step 220 EncRate is set to minRate/
dropSize. The process moves o step 216 where frameRate is
sel to the value maxFPS~dropFPS and frameSize is set to the
value maxSize/dropSize. Accordingly, when the process ter-
minates at 206 the frame rate of the camera ouiput is
unchanged compared to its current value and the camera
video resolution (widthxheight pixels) is decreased com-
pared to its current value.

Returning now to decision step 208, if it is determined that
RecRate is greater than minRate then at step 222 EncRate is
set to RecRate. Next, it is determined at decision step 224
whether dropFPS is greater than NO_DROP_FPS (i.e. is
dropFPS=07). If it is determined that dropFPS is not greater
than NO_DROP_FPS. then at 216 the frameRate is set to
maxFPS—dropFPS and the frameSize is set to maxSize/drop-
Size. The process terminates at 206.

Ifinstead it is determined at decision step 224 that dropFPS
is greater than NO_DROP_FPS (i.e. some frames currently
are being dropped), then at 226 it is determined whether
dropSize is greater than NO_SIZE_DROP (i.e. is the resolu-
tion being scaled by a factor greater than unity?). If it is
determined at decision step 226 that dropSize is not greater
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than NO_SIZE_DROP (i.e. full resolution) then dropFPS is
decreased as is described in greater detail below with refer-
ence to FIG. 4. Next, at 216 frameRate is set to maxF'PS-
dropFPS and frameSize is set to maxSize/dropSize. Accord-
ingly. when the process terminates at 206 the frame rate of the
camera output is increased compared to its current value and
the camera video resolution (widthxheight pixels) is
unchanged compared to its current value.

Ifinstead it is determined at decision step 226 that dropSize
is greater than NO_SIZE_DROP (i.e. the resolution is being
scaled by a factor greater than unity) then the value of drop-
Size is decreased as is described in greater detail below with
reference to FI1G. 4. Next, at 216 frameRate is set to maxFPS-
dropFPS and frameSize is set to maxSize/dropSize. Accord-
ingly. when the process terminates at 206 the frame rate of the
camera output is unchanged compared to its current value and
the camera video resolution (widthxheight pixels) is
increased compared to its current value.

The entire process described above starting at step 200 is

|.

5

8
one of FPS or SIZE. At 300 the value %_drop is calculated as
(minrate-RecRate)/minRate, and the value curr_drop is cal-
culated as % of max|VAR] reduced by current drop|[VAR]
(i.e. the amount by which the camera frame rate or camera
frame size is less than the maximum camera frame rate or
maximum camera frame size, respectively, expressed as a
fraction of the respective max|VAR]). If at decision step 302
it is determined that %_drop is not greater than curr_drop.
then the process proceeds to step 304 and terminates. If
instead it is determined at decision step 302 that %_drop is
greater than curr_drop, then the process proceeds to decision
step 306. At decision step 306 it is determined if (%_drop-
curr_drop is greater than DROP_STEP[VAR]). I no, then the
process moves to 304 and terminates. If yes. then drop[ VAR]
is increased by DROP_STEP[VAR] at 308. At 310 it is deter-
mined whether drop[VAR] is greater than max|[VAR]-min
[VAR]. If no, then the value of drop[VAR] is acceptable and
the process terminates at 304. If ves, then the value of drop
[VAR] results in values that are outside the allowed range for

repeated indefinitely every N seconds, for example every 1 20 VAR, and accordingly drop|VAR] is set to the value max
sec. [VAR]-min|VAR] at step 312, and the process terminates at
Referring still to FIG. 2, the video parameter regulator 304.
block’s recommended encoder bit rate (EncRate) remains Referring now to FIG. 4. shown is a simplified flow dia-
within a predetermined range of minimum and maximum gram illustrating logic steps that are followed for decreasing
encoder bit rates. This constraint is imposed since during 25 dropFPS or dropSize, where VAR represents the appropriate
encoding of a given resolution there is a range of practical bit one of FPS or SIZE. At1400 the value of drop[ VAR] is reduced
rates. going outside of which either is ignored by the encoder by the amount [VAR]_STEP, where VAR is either FPS or
(e.g. bit rate of 64 kbps for a high definition 1920x1080 SIZE. At 402 it is determined whether drop[ VAR is less than
video), results in significant ‘blockiness’ of video and loss of NO_[VAR]_DROP. If no, then the process terminates at 404.
quality, is not necessary (e.g. bit rate of 20 Mbps fora 176x 30 If yes, then drop[VAR] is set to NO_[VAR]_DROP, and the
144 video). or is not feasible on the network that is being process then terminates at 404.
utilized. Similarly, the video parameter regulator block’s rec- The logic steps shown in FIG. 5 are used for deciding when
ommended frame rate and frame resolution also remain to actually change the encoder average bit rate based on the
within a predetermined range. recommended encoder bit rate. In particular, it is desirable to
Furthermore, if the recommended rate goes below the 35 invokechanges inaway that does not result in transmission of

minimum bit rate tolerated by the encoder. the video param-
eter regulator block instead changes the rate at which the
video source feeds the encoder. Given that the encoder has
been initialized with the maximum frame rate, then reducing
the rate at which the encoder receives frames helps reduce the
resulting bit rate. For example, an encoder operating at 2
Mbps for a 640x480 video at 30 fps actually produces 1 Mbps
if frames are fed to it at 15 [ps instead.

Alternatively, if the recommended rate is below the mini-
mum bit rate tolerated by the encoder and the current frame
rate is already at the minimum, then the input video resolution
is dropped.

As is shown in FIG. 2. response to network congestion
involves first decreasing encoder bit rate, then decreasing
frame rate and then finally frame resolution. The rate of
increase is the reverse; the frame resolution is increased first,
followed by increasing the frame rate and finally the encoder
bit rate. Furthermore, the frame rate drop is recovered when
the recommended bit rate increases.

The increase and decrease of frame rate and frame size is -

done in *steps’ 5o as to moderate the frequency of changes in
frame rate. Decrease of frame rate and frame size is done only
if the percentage of decrease in bit rate demanded by the
recommended rate is greater than the percentage of decrease
in bit rate if the frame rate or frame size is decreased by the
given ‘step’. This mechanism avoids frequent changes of
frame rate and frame size when the recommended rate is just
below the minimum encoder bit rate.

Referring now to FIG. 3, shown is a simplified flow dia-
gram illustrating logic steps that are followed at step 212 of
FIG. 2 for increasing dropFPS. or at step 218 of FIG. 2 for

increasing dropSize, where VAR represents the appropriate

40

50

L
‘Jl

o

extra [-frames. Referring now to FIG. §, the EncRate value as
determined according to FIG. 2 is received at 500. At502 it is
determined if the encoder is about to encode an I-frame. For
instance, the decision to encode an I-frame is made prior to
the encoding of the I-frame by the encoder, or by external
input to the encoder. [T the determination at 502 is “no.” then
the process moves to 504 and terminates without setting
encoder output bit rate.

If the determination at 502 is “‘yes,” then it is further deter-
mined at 506 if EncRate=currRate (the encoders current
average bit rate in kbps). If the determination at 506 is “yes.”
then at 508 it is determined if the difference between EncRate
(target encoder bit rate) and currRate (encoder current aver-
age bit rate) is greater than the product of Enclne % and the
current rate. where Enclnc % is the increase threshold value
(range of 0 to 1). If the answer is yes, then the difference
between EncRate and currRate is sufficiently large to justify
changing the encoder output bit rate from currRate to
EncRate at 510. If the answer at 508 is no, then the process
moves directly to 504 and terminates.

If the determination at 506 is *no.” then at 512 it is deter-
mined if the difference between currRate and EncRate is
greater than the product of EncDec % and the current rate,
where EncDec % is the decrease threshold value (range of 0
to 1), If the answer is yes, then the difference between
EncRate and currRate is sufficiently large to justify changing
the encoder output bit rate from currRate to EncRate at 510.
The process terminates at 504. If the answer at 512 is no. then
the process moves directly to 504 and terminates.

According to FIG. 5 the average encode bit rate (currRate)
of the encoder is changed prior to the moment that the encoder
starts encoding an I-frame. By making changes in currRate
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only at the I-Frame occurrences, the introduction of addi-
tional I-Frames when changing from one bit rate to another is
avoided. Furthermore, the encoder bit rate is changed only if
the amount of change exceeds a given threshold (Enclne % or
EncDec % depending on whether the change is an increase or
a decrease). In this way, small fluctuations in the recom-
mended bit rate (RecRate) do not trigger a change in the
encoder parameters, and therefore increase stability. In addi-
tion, instead of a using an absolute threshold for change, a
percentage of current value is used. This further increases
stability since when the current value is small, small changes
in the recommended rate (RecRate) trigger a change in
encoder bit rate, but when the current value is large, only large
changes in the recommended rate (RecRate) trigger a change
in encoder bit rate.

The percentage threshold for increase of encoder bit rate
(Enclne %) is smaller than the percentage threshold for
decrease of encoder bit rate (EncDec %). Accordingly, the
algorithm requires a smaller percentage change to drop the

‘.

10

points provide feedback one to the other as described above
for optimizing transmission rates to the current conditions of
the IP network. However, the remaining passive endpoints
merely feedback statistical data to the two active endpoints,
for allowing the two active endpoints to optimize approxi-
mately transmission rates to the remaining passive endpoints.
Alternatively, the other endpoints feedback statistical data to
the two active endpoints to ensure the transmission is syn-
chronized and viewable and optimization is obviated.
Numerous other embodiments may be envisaged without
departing from the scope of the invention.
What is claimed is:
1. A method of exchanging videoconference data between
a first endpoint and a second endpoint via a network, com-
prising:
receiving at the first endpoint statistical data that are based
on first videoconference data transmitted previously
from the first endpoint to the second endpoint via the
network, the statistical data determined at the second

encoder bit rate compared to the percentage change to 20 endpoint and relating to network performance charac-
increase the encoder bit rate. This conservative approach to teristics during a known time-interval of transmitting the
changing encoder average bit rate helps to keep the overall first videoconference data thereto;
produced bit rate below the maximum estimated by TFRC determining, based on the statistical data, a recommended
algorithm. data transmission rate for the network performance
It will be understood that although the present invention is 25 characteristics;
intended to improve performance in a best-effort network, capturing second videoconference data relating to the same
improvements will also be gained if used in other networks videoconference at a time that is later than capturing of
e.g. a managed private network without QoS guarantees. the first videoconference data at a settable frame rate and
Furthermore, the embodiments of the invention have been video resolution:
described with respect to only one direction of the two-way 30 adjusting the output bit rate of a video encoder associated
videoconferencing experience. It will be apparent that in with the first endpoint, so as to support transmission of
order to optimize performance ofa two-way videoconference videoconference data via the network at approximately
between the endpoints 2 and 4, each endpoint 2 and 4 must the recommended data transmission rate if the recom-
perform substantially the same steps. such that each endpoint mended data transmission rate falls within a predeter-
2 and 4 approximately optimizes the transmission rate asso- 35 mined range of output bit rates tolerated by the video
ciated therewith to the present condition of the IP network. encoder:
Factors other than merely the present condition of the 1P if the recommended data transmission rate falls outside
network may also affect the optimized transmission rates said predetermined range, adjusting the frame rate or
determined by each endpoint 2 and 4. For instance, il end- video resolution to maintain the output bit rate of said
point 2 feeds back information relating to diminished pro- 40 video encoder within said predetermined range; and
cessing capabilities, such as for example if endpoint 2 is encoding the second videoconference data with the video
processing simultaneously one or more additional audio encoder to provide output data for transmission via the
visual streams, then endpoint 4 adjusts its transmission rate to network.
optimize approximately the videoconferencing experience at 2. A method according to claim 1, wherein the exchange of
endpoint 2. Thus, broadly stated, the approximately opti- 45 videoconference data between the first endpoint and the sec-

mized transmission rate is a [unction of a plurality of param-
eters, including but not limited to the current condition of the
IP network, the current processing requirements at one or
both endpoints, and a risk tolerance factor. The risk tolerance

ond endpoint is bi-directional, and comprising:
receiving at the second endpoint statistical data that are
based on third videoconference data transmitted previ-
ously from the second endpoint to the first endpoint via

factor specifies for instance a threshold transmission rate 50 the network, the statistical data determined at the first
based on historical condition of the IP network. Thus, by endpoint and relating to network performance charac-
setting the risk tolerance to a low level the transmission rate is teristics during a known time-interval of transmitting the
limited to values that are accommodated by the IP network third videoconference data thereto;

even under congested conditions. Alternatively, the risk tol- determining, based on the statistical data, a recommended
erance is set to a higher level to allow [aster transmission rates 55 data transmission rate for the network performance
but at the risk that if the network congestion increases 100 characteristics:

much there will be delays in streaming the videoconference capturing fourth videoconference data relating to the same
data. Optionally, the number of endpoints is greater than two. videoconference at a time that is later than capturing of
For instance. a multi-party videoconference includes P end- the third videoconference data at a settable frame rate
points, where P is greater than two. Furthermore, the number 60 and video resolution;

of endpoints P varies during a videoconference, as some adjusting the output bit rate of a video encoder associated
endpoints drop out or new endpoints join the videoconfer- with the second endpoint, so as to support transmission
ence. Optionally, some of the endpoints P merely observe the of videoconference data via the network at approxi-
videoconference but do not transmit audiovisual data back to mately the recommended data transmission rate if the
any of the other endpoints, such as for instance when two 65 recommended data transmission rate falls within a pre-

active endpoints are engaged in a debate and the remaining
passive endpoints are merely spectators. The two active end-

determined range of output bit rates tolerated by the
video encoder associated with the second endpoint;
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if the recommended data transmission rate is falls outside
said predetermined range, adjusting the frame rate or
video resolution to maintain the output bit rate of said
video encoder associated with the second endpoint
within said predetermined range; and
encoding the fourth videoconference data with the video
encoder associated with the second endpoint to provide
output data for transmission via the network.
3. A method according to claim 1, wherein the network is a
best-effort network.
4. A method according to claim 1, wherein the network 1s
the Internet.
5. A method according to claim 1. wherein the magnitude
of the known time-interval is on the order of seconds.

10

12

exchanging between the first endpoint and the second end-
point statistical data relating to network performance
characteristics during at least a known time-interval of
transmitting the videoconference data:

determining, based on the statistical data, a recommended
data transmission rate for each direction of transmission
between the first endpoint and the second endpoint; and,

for each one of the first endpoint and the second endpoint,
adjusting the output bit rate of a video encoder associ-
ated therewith, so as to support transmission of video-
conference data via the network at approximately the
recommended data transmission rate if the recom-
mended data transmission rate falls within a predeter-

6. A method according to claim 1. wherein the statistical 15 mined range of output bit rates tolerated by the video
data includes a least a round trip delay value, a jitter value. eticoder:
and an array of loss interval statistics. . . . i

7. A method according to claim 6, wherein the round trip i lhf“' recommenc_lecl data tr anuusEIon 210 falls outside
delay value is an exponentially weighted moving average of S?Id pnedelen_mned range, _aqlustmg the f_mme i
round trip delays over the known time-interval. 20 v%deo rcsolullon‘lo_malmam the 0l|1‘pui bit rate of the

8. A method according to claim 1, wherein adjusting the video encoder within said predetermined range; and
output bit rate of the video encoder associated with the first encoding the second videoconference data with the video
endpoint is performed only at the beginning of encoding of'an encoder to provide output data for transmission via the
1-frame of the videoconference data. network.

9. A method of exchanging videoconference data between 25 16, A method according to claim 15, wherein the network
a first endpoint and a second endpoint via a network, com- is a best-effort network.

rising: : ; :
d lralimining first videoconference data from the first end- - lh.?_'fx n_mlflod according to claim 15, wherein the network
point to the second endpoint via the network: ARSI
receiving at the first endpoint statistical data transmitted 30 18. A method according to claim 15, wherein the magni-

from the second endpoint and relating to network per-

formance characteristics during a known time-interval

of transmitting the first videoconference data;
determining, based on the statistical data, a target encoder

bit rate of a video encoder associated with the first end- 3

point:

waiting until an I-frame of the videoconference data isto be
encoded for transmission via the network: and,

prior to beginning to encode the I-frame, adjusting the
output bit rate of a video encoder associated with the first
endpoint, so as to support transmission of videoconfer-
ence data via the network at approximately the recom-
mended data transmission rate if the recommended data
transmission rate falls within a predetermined range of
output bit rates tolerated by the video encoder; and

if the recommended data transmission rate falls outside
said predetermined range. adjusting the frame rate or
video resolution to maintain the output bit rate of said
video encoder within said predetermined range.

10. A method according to claim 9, wherein the network is 5

a best-effort network.

11. A method according to claim 9, wherein the network is
the Internet.

12. A method according to claim 9, wherein the magnitude
of the known time-interval is on the order of seconds.

13. A method according to claim 9, wherein the statistical
data includes at least a round trip delay value, a jitter value,
and an array of loss interval statistics.

14. A method according to claim 13. wherein the round trip
delay value is an exponentially weighted moving average of
round trip delays over the known time-interval.

15. A method of exchanging videoconference data between
a first endpoint and a second endpoint via a network. com-
prising:

transmitting videoconference data between the first end-

point and the second endpoint via the network:

40

45

&

60

tude of the at least a known time-interval is on the order of
seconds.

19. A method according to claim 15, wherein the statistical
data relating to network performance characteristics includes
an array of loss interval statistics, round trip delay value and
jitter value.

20. A method according to claim 15, wherein the round trip
delay value is an exponentially weighted moving average of
round trip delays over the at least a known time-interval.

21. A method according to claim 15, wherein the adjusting
of the bit rate. frame rate. or video resolution occurs at a time
that an I-frame of the videoconference data is being encoded
at the respective endpoint.

22. A method according to claim 1, wherein if the recom-
mended data transmission rate is above a maximum of said
predetermined range, the output bit rate of the video encoder
is adjusted to the maximum, and the frame rate and video
resolution are set at maximum values therefor.

23. A method according to claim 22. wherein if the recom-
mended data transmission rate falls within said predeter-
mined range, the output bit rate of the video encoder is set to
the recommended transmission rate, and if the frame rate is
not at its maximum value, the frame rate is increased if the
video resolution is at its maximum value. and if the video
resolution is not at its maximum value, the video resolution is
increased.

24. A method as claimed in claim 23, wherein if the rec-
ommended data transmission rate lies below a minimum of
said predetermined range. a determination is made as to
whether the current frame rate is equal to the minimum value
therefor, and if' not. the frame rate is decreased and the output
bit rate set to the minimum, and if yes the video resolution is
decreased the output bit rate set to the minimum.
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