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relaxation of a transient constriction by means of the aforementioned series of

packet trains in which the peak packet flow rate exceeds the delivered flow rate.

[00113] The buffer manager 1470 accepts data from the flow meter 1465, which
data is retained until it is consumed or passed over the content consumer 1480.
The buffer will typically be implemented as a ring buffer in memory or on disk.
The write cursor will lag the read cursor by a no less than a specifiable time
interval so as to permit rewinds of acceptable scope without requiring selective

data re-retrieval from the server.

low Optimizer 1430
[00114] The flow optimizer 1430 assumes control over a session once it has been
launched, and its channel capacity has been determined. Subsequently, it
modulates the flow rate set-point of every session such as to optimize aggregate
flow or charges across all active sessions, subject to a variety of min/max
constraints on sessions flows, and a maximum constraint on aggregate session

flow, as previously discussed.

[00115] The flow optimizer 1430 continues to modulate session flow until all
content has been delivered, or one of a number of session anomalies intervene, as

follows:

[00116] A downgraded session flow capacity drops below the minimum session
flow rate. The session is dropped by the optimizer 1430 as a solution involving
this channel does not exist. The user is forced to apply for re-admission, with the
option of accepting slower than real-time delivery at the present encoding rate, or
accepting a degraded viewing experience at a reduced encoding rate better adapted

to the presently available bandwidth.
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[00117] A pause VCR command is received from the client. Flow to the client
can continue until the client-side buffer is topped off, after which time flow drops
to zero. The session is permanently dropped should the pause persists too long.
Until that time, the CAC safety margin is temporarily increased by the jit (Just-In-
Time) flow rate of the paused session. In this way the session can be resumed
without the need for re-admission and the jit bandwidth is made available to

currently sessions so long as the pause persists.

[00118] A VCR Jump-Forward command is received from the client. This action
is problematic as it causes the just-in-time flow rate (calculated at the new forward
offset) to increase, in violation of the assumptions of the CAC algorithm. It must
be noted that this violation will occur even if the content that is sought has already
been delivered to the client-side buffer. One workable policy is to force the client
to apply for re-admission at the forward offset and with a suitably modified buffer

level.

[00119] A VCR Jump-Backward (Rewind) command is received. This action may
entail the need for re-transmission of content, as previously discussed. The just-
in-time flow rate will decrease as per the new position and adjusted buffer

contents.
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le Minimum Constrain
[00120] A parameterized family of minimum flow constraints can be defined as
follows:
(22)
5 wherein: f (t) = Target content flow rate for session k;
fk"T(t) = Just-in-time flow rate for session k;
(RHS of Equation (5))
{3 = Burst tuning factor (positive or zero); and

f,:“i“(t) = Minimum (reserved) flow rate for session k.

10 [00121] This family converges onf, () > = fk"T(t) when B approaches 0. A B
value of .1, for example, ensures a minimum flow rate that exceeds the JIT flow
rate by 10%. Thus, non-zero values of B force early delivery of content to a

player's media buffer, with beneficial effects on the viewing experience.

1t i 11 issi ntrol
15 [00122] The traditional CAC algorithm compares the flow rate requirement of a
prospective client with the unused bandwidth (obtained by subtracting the
aggregate flow target from the server flow capacity) and grants service if unused
bandwidth is not exceeded. This procedure may break down as the optimizer
causes all available bandwidth to be used if it can, thereby reducing unused
20 bandwidth to zero in the best case, even when a new client could be

accommodated with a healthy margin to spare.
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[00123] Nevertheless, a simple variation on this idea can be used. Available
bandwidths can be defined as the difference between server flow capacity and the

sum of minimum flow rates for each session computed according to (22) as

follows:
@23) it = fov - (£ T fy )
wherein: f,, = Available bandwidth
foe. = Server aggregate flow capacity; and

fmin

o = Minimum (reserved) flow rate for session n.

[00124] Service is granted if the computed minimum flow rate of the prospective

client is less than available bandwidth even when unused bandwidth is zero.

Toward a Tunable QOS
[00125] In the preceding discussion it is assumed that all clients share the same
value of B. One might also consider a scheme whereby a client receives a B value
according to the class/cost of service that client has signed up for: the greater the

cost (and expected quality of service, or QOS) the greater the value of .

[00126] Instead of maximizing charges by the methods described above, a
variation on the algorithm to maximize flow is considered whereby the reserve
flow computation for every session takes into account the individual § value of the
associated client. In this fashion a single algorithm can serve either end. The
optimizer first ensures that every session receives its required minimum bandwidth
(which would now typically depend on [3 and elapsed session time) before
allocating any excess bandwidth more or less evenly to all by interpolation.

(According to Figure 15.)
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[00127] The scheme is simpler computationally than the iterative interpolation
method shown in Figure 16; it is also arguably more fair and stable with respect

tot he allocation of available bandwidth.

D ine-Driven C nt Distribution
[00128] In delivering viewable or audible content to a player, the optimization
algorithm imposes a minimum flow rate that ensures that all content is delivered
by the implied deadline, which is the last moment of a play session.
Notwithstanding, the optimizer attempts to deliver content earlier according to
bandwidth availability within the server taken as a whole. A similar, though far
simpler scenario arises relative to the distribution of content from an optimized
server to a target device, whenever the delivery must be accomplished by a
designated time, or equivalently, within a given elapsed time, and when

overlapped non-blocking consumption of the content at a fixed rate is not required.

[00129] One example concerns the application where a session bundle comprises a
session associated with the featured program together with sessions for every
advertisement scheduled to interrupt the feature program at a designated time.
Each session is endowed with a separate media buffer, which, in the case of ads,
would typically be large enough to accommodate the ad in full, thereby permitting

a seamless transition to the ad at the appointed time.

[00130] In adapting the optimizer to the needs of content distribution we must
revisit the formulation of the flow constraints, as follows:

1. Media buffers are not of a concern, let alone buffer overflow, and
it can be assumed that all content received is saved away in a file on disk, or in

memory awaiting further use.
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2. For these same reasons, the value of § may be zero, at which the
minimum flow rate equals the just-in-time rate obtained by dividing the content as
yet undelivered by the time till deadline:

Q4 £7¢) =L °/T, -t

. TOGO
wherein: L,

= Content to go for session k, i.e., as yet undelivered
by the server at time t, (client.lookup (k).session.payloadToGo).

Given the arbitrary format of the file to be distributed, T no longer
signifies the "duration of play" at the average play rate (averagePlayRate); rather,
T represents the elapsed time to the deadline measured at the moment the delivery

session was launched, and t represents the elapsed time since session launch.

Session Bundles

[00131] A session bundle is a set of sessions that flow along a shared channel, and
are thus subject to an aggregate flow constraint equal to the capacity of the shared
channel. One important application of session bundles is connected with ad

insertion.

[00132] It is not enough to treat each of the constituent sessions as independent
with respect to the flow optimizer, for this practice might well result in session
flow targets that do not exceed channel capacity when considered singly, yet

exceed this same shared capacity when summed together.

[00133] A solution to this problem involves two distinct steps:

1. The sessions bundle is treated as a virtual session by the server
optimizer, subject to the minimum flow constraint obtained by summation of the
individual session minima, and a maximum constraint that is the least of (a) the

sum of the least of constraints (3) and (4) for each session, and (b) the shared
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channel capacity client.lookup(k).channel. maxFlowRate (f,*?). The flow
optimizer then generates an aggregate flow target for all channels virtual sessions
by interpolation, using:

(25) Cost(t) = fi()+..+£,(

[00134] The cost vector in this instance is the n-dimensional unit vector, where n
is the number of active clients.
26) c=(,1,....,1)

[00135] Now it is possible to have an achievable aggregate flow target for the
session bundle k that we must apportion optimally among the constituent sessions.
Fortunately for us, our interpolation procedure of Figure 15 can be applied again
to the sessions in our bundle, but where the aggregate flow target generated above
replaces the aggregate flow constraint iy

Specifically:

For every flow f,,, within session bundle k, the optimal flow rate is
obtained by interpolation between minimum and maximum session flows:

@7) £ = £ 4 o (7 - £

28) «=[(f Kbundle B fkn]lin . fan)] JER™ - fknz)in) b (BT - kmnin)]
and the value of f,:’“"‘"e is obtained from a higher level optimization in which
session bundle k is treated as a virtual session for which:

(29) M= fRR L, . fmin

(30) £ =min(f” +.. + o, £50)
It must be noted that session bundles are typically dynamic in nature, outliving
many if not all of their constituent sessions. Before a session is added to the
bundle two CAC decisions must be reached:

(1)  establish bandwidth availability within the bundle; and

(2) bandwidth availability within the server.
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ionshi ive Rate Con
[00136] The flow optimization methods should be viewed as constituting the
lowest and perhaps only the first of many supervisory control layers to sit astride
all streaming sessions, which comprise their own hierarchical stack of control
functions; rate adaptive control sitting above a flow rate regulator which relies on

a transport entity.

[00137] Channel capacity is known to vary widely over time. A capacity drop to
below the minimum reserve flow rate is problematic as it causes the latter to rise in
violation of its monotonicity assumption. In a server with available bandwidth to
spare such a rise can be accommodated by the flow optimizer (by bumping the
session's minimum flow reservation to the higher value) provided the flow deficit
can be made up in the near term by draining pre-delivered content from the media
buffer. Should either of these resources approach depletion, stream degradation to
a lesser bit-rate or frame rate may be the only viable option short of a pause.
Whether up or down, any rate change is a change to fe, which must be preceded

by change to session's reserve flow rate allocation by the optimizer.

[00138] As can be seen, the optimizer and rate adapter must be integrated with
care. One possible approach would be to modify a rate adapter such that it
renegotiates its proposed fe value with the flow optimizer prior to effecting the rate
change it deems appropriate based on information provided by the flow regulator.
Rate increases might well be subject to deferral under heavy load conditions,
awaiting bandwidth availability. The opposite is true of rate flow decreases: these
would be forestalled as long as possible by the optimizer on a system that is not

fully loaded, as previously discussed.
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Live Events
[00139] Referring to Figure 17, the method of the present application can be
extended to the optimization of "live", time-shifted "near-live" events, and
cascaded delivery, wherein one server delivers content to another while the latter
accepts clients for the same content. The extension assumes the following
characteristics of the server and the live performance:

1. The performance is of a fixed duration T known in advance,
encoded at an average rate fe, with a projected content payload of fe*T;

2. The origin server at the point of injection delays the stream by a
small dwell time T°VELL on the order of seconds (e.g. 10). Notwithstanding, the
delayed content is available for early delivery to mirrored servers and players with
the aim of providing these with a modicum of isolation from network jitter
affecting the timely delivery of the live video frames.

3. Throughout the live event, captured content is stored in a file,
thereby permitting late joiners to view the "live event"” starting from any point
between the present and the event start time;

4. At the conclusion of the live event, the encoded content, now fully
captured to a file, is available for viewing over the balance of the admission

window (e.g., 60 minutes in Figure 17).

[00140] The optimisation of live events and video on demand (VOD) differ
principally in one respect, namely in the formulation of the server content
underflow constraint.

For VOD, this constraint is

(31)
LkTOGO(t) is initialised to the content size (fe*7) at that start of play, and

decremented as content is delivered to the client. At is the time interval between

successive periodic optimizations (e.g. 1 second). In practice this constraint rides
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well above other operative maximum flow constraints (e.g. buffer overflow,
channel capacity) until the very last calculation of the session flow target by the

optimiser.

[00141] For a live stream, this constraint must additionally reflect the fact that
content is streaming into the server (where it builds up), even as the server streams
it out toward clients, and that the latter activity cannot possibly overtake the

former.

[00142] Referring to Figure 17, (which illustrates how optimised live streams
behave) line L1 depicts the build-up of freshly captured content to the server.
Line L2, which is delayed (time-shifted) relative to L1 by the dwell time TPVF-
represents the live performance as cast and viewable by clients. One such client is
admitted at time A and joins the live session at the live moment B. The dashed
curved line linking points B and C shows a plausible build-up of content in the
client's media buffer in advance of play, as the viewer continues its advance along
line L2. Past point C the top of the media buffer tracks the live capture stream
and thenceforth advances along line LL1. In this instance, the time shift between
the live performance as cast (L2) and the live performance as captured (L1)
imposes a maximum on the amount of content that could ever accumulate in a

client media buffer, irrespective of its actual capacity.

[00143] Another client, admitted at time t= 10, is interested in viewing the live
stream from the beginning without missing anything. As before, the dashed line
joining 10 and D depicts a plausible build-up of content in the client’'s media buffer
in advance of play, as the viewer continues its advance along line L3, which is
time-shifted by (10+T°YE-) minutes relative to L1. The greater time shift (now

between L1 and L3) permits more extensive pre-buffering of "near live" content.
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[00144] The present constraints do not impose suitable flow limits at and beyond
points C and D when the client delivery streams finally links up with the live
capture stream, in the live moment. Consequently the optimiser may propose flow

targets that cannot be realized.

[00145] Accordingly, the following modification for use in connection with live or
cascaded streams is made:

(32) £ () < = [L, % - Live %001/ At

for a live event delivered at flow rate fe, we have

(33) Live T960(t) = max(fex(T-T PWELL _¢) 0)

[00146] Live T0%C(t) is the span between projected content size fe *T (level line
LO in Figure 17) and the content capture level line L1, whereas L,"°%(t) is the gap
between LO (i.e., fe * 7) and the dashed curved line representing the content level
delivered to the media buffer. The latter must always exceed the former. As the
two approach one another this constraint takes effect, causing L,"°%°(t) to always

exceed Live™%O(1) as it decreases at rate fe.

[00147] Viewers joining late and willing to see the live performance with some
delay relative to the live case enjoy higher potential levels of isolation from
network disturbances, and thus QOS, by virtue of their greater effective buffer
capacity. By the same token, such viewers afford the optimizer greater latitude to
optimize the flow of VOD and "live" content across load fluctuations, thereby
enhancing server capacity. Viewers that wish to experience the live event in "real-
time" nevertheless benefit by a modestly enhanced QOS conferred by a dwell

time's worth of content in their buffers.
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Summary

[00148] A method and system for call/connection acceptance and flow modulation
for network delivery of video/audio programming is thus provided. Although
several embodiments have been illustrated and described, it will be apparent to
those skilled in the art that various changes and modifications may be made

without departing from the spirit of the invention or the scope of the claims.
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CLAIMS:

1. A method of bandwidth allocation for delivery of stored digital
content from at least one server device to at least one client device by way of a
network, the method comprising the steps of:
5 a) prescribing a control variable which represents a target flow
rate from the server device to each client device;
b) determining time-varying constraints on the flow rate of the
content;
¢) determining a cost function of the control variables for all
10 clients; and
d) prescribing bandwidth to all clients based upon the value of

the control variables that maximize the cost function.

2. The method of Claim 1 wherein step (d) comprises performing
periodic computations to update the value of the control variable such that the

15 bandwidth can be continuously allocated to each client.

3. The method of Claim 2 wherein a new client is accepted by:
i)  determining an admission capacity of the bandwidth;
ii) admitting a prospective client if the clients minimum allowed
value of the control variable is less than the admission capacity; and
20 iii) wherein a client admitted for service is guaranteed to have

sufficient content flow over the entire session.
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4. The method of Claim 3 wherein:

The admission capacity equals a server swing capacity reduced by a
predetermined safety margin which may be zero, the swing capacity
equaling the difference between the server flow capacity and the sum of

- the minimum allowed flow rate for all clients.

5. The method of Claim 4 wherein the minimum allowed value of the

control variable is initialized to the average consumption rate.

6. The method of Claim 4 wherein the minimum allowed value of the
control variable is initialized to the average consumption rate multiplied by a factor

greater than one.

7. The method of Claim 4 wherein the server flow capacity varies in a
step-wise function over time according to a predetermined schedule and the
method of accepting a new client further comprises: ‘

i)  determining a sequence of future step changes of server flow
capacity;

ii) determining at each time in the sequence of future step
changes the value for a future worst swing case capacity, the worst case
swing capacity being obtained from the server flow capacity at the time by
subtracting an extrapolated present minimum allowed flow rate for all
active clients that are potentially active in the future;

ili) admitting a prospective client if a minimum allowed value of
the control variable is less than the capacity obtained from the sequence

and the present capacity;
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iv) whereby a new client can be admitted without compromising
the service to existing clients in the presence of previously scheduled
server flow capacity changes and all clients accumulate content in their

buffers to the extent of their respective buffer capacity.

5 8. The method according to Claim 7 wherein the method of accepting
a new client further comprises:
i)  partitioning the available bandwidth into partitions
representing a prescribed service charge;
ii) determining a maximum-minimum capacity for a service
10 charge to be the maximum allowed sum of all minimum allowed flow
rates for all clients incurring an equal or lesser service charge, the
maximum-minimum capacity equaling the sum of bandwidth allocations
for all service charges less than or equal to the service charge;
iii) determinating a service-charge-specific swing capacity for a
15 given service charge as the difference between the maximum-minimum
capacity for the service charge and the sum of all minimum allowed flow
rates for all clients incurring the service charge or a lesser service charge;
iv) determining the server swing capacity to be the server flow
capacity minus a margin and minus the sum of the minimum allowed flow
20 rate for all clients; and
v)  determining the service-charge-specific capacity to be the least

of the server swing capacity and the charge specific swing capacity.
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9. The method of Claim 8 wherein the method of accepting a new
client further comprises:
i)  determining the sequence of future times of step changes to
server flow capacity over a proposed consumption period;

5 ii) determining for each time in the sequence of future times, the
future worst-case value for the service-charge-specific capacity, the worst
case value being obtained by using the extrapolated present minimum
allowed flow rate of all presently active clients that are potentially active
at the time in the future; and

10 ili) admitting a client incurring a given service charge if the
minimum flow rate of the client is less than the capacity obtained from the

sequence and the present service-charge-specific capacity.

10. The method of Claim 3 wherein step (b) comprises determining
time-varying constraints wherein:
15 i)  an aggregate flow rate for all clients does not exceed a
predetermined server flow capacity;
ii)  the flow rate from the server to the client does not exceed a
maximum allowed flow rate for the client;
iii) the flow rate to the client will never cause a buffer of the
20 client to overflow;
iv) the flow rate to the client stops when the content is exhausted;
and
v) the flow rate from the sever will never be less than the client's

minimum allowed flow rate which may vary over time and may be zero.
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11. The method of Claim 10 wherein the maximum allowed flow rate
to the client is given by the minimum of one selected from the following:
i)  a client flow rate ceiling;
ii)  the flow rate required to fill the client buffer before the next
5 periodic computation; and
iii) the flow rate required to complete the delivery of the content

before the next periodic computation.

12. The method of Claim 11 wherein:
1) the minimum allowed client flow rate cannot increase over
10 time, but may decrease such that the initial value of the control rate is no
less than the average consumption rate;
ii)  the control variable for the client is always greater than or
equal to the current minimum allowed client flow rate; and
iii) the client buffer will never underflow until the content is fully

15 consumed at the average consumption rate.

13.  The method of Claim 12 wherein the minimum client flow rate is
the product of the constant content flow rate from the client to the server that
causes the last piece of content to be delivered at the last possible moment as the
client buffer is being drained at the average consumption rate, with a factor greater

20 or equal to one.

14. The method of Claim 13 wherein the minimum client flow rate is

initialized to the average consumption rate.

15. The method of Claim 13 wherein the minimum client flow rate is

initialized to the average consumption rate multiplied by a factor greater than one.
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16. The method of Claim 13 further comprising the step of calculating

the minimum client flow rate periodically.

17. The method of Claim 1 wherein the cost function represents an

aggregate flow rate and is the sum of the flow rates for all clients.

18. The method of Claim 1 wherein the cost function represents a
service charge and is the sum of the client flow rates multiplied by the client's cost

of service.

19. The method of Claim 18 wherein:
step (a) comprises:

i) determining a maximum allowed flow rate and a minimum
allowed flow rate for each client;

i) determining a flow rate range for each client as the difference
between the maximum allowed flow rate and the minimum allowed flow
rate; and

ili) initializing a current flow rate for each client as the minimum
allowed flow rate and summing the flow rate into the total server flow
rate; and
step (d) comprises:

1)  computing remaining server bandwidth as the difference
between the maximum server flow capacity and the total server flow rate;

and
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ii)  allocating remaining server bandwidth to remaining clients
wherein all clients with a given cost of service receive bandwidth equally
to the extent of their respective ranges, and no client with a given cost of
service being allocated bandwidth unless all clients with a higher cost of

5 service have received their maximum possible allocation of bandwidth.

20. The method of Claim 17 wherein step (a) prescribing the control
variable comprises:
1)  forming a hyperplane of control variables that aggregate to the
maximum allowed aggregate flow rate;
10 i) computing a first vector of minimum allowed client flow
rates;
iii) computing a second vector of maximum allowed client flow
rates;
iv) determining a multi-dimensional shape of which an interior
15 diagonal spans the first and second vectors; and
v) finding a solution of control variables at the point of

intersection between the diagonal and the hyperplane.
21. The method of Claim 20 wherein step (v) comprises finding a

solution of control variables at the second vector if there is no point of intersection

20 between the diagonal and the hyperplane.
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22. The method of Claim 17 wherein step (a) comprises:

i) computing the sum of the minimum allowed flow rates to all
active clients; ‘

ii) computing the sum of the flow rate ranges for all active

5 clients;

ili) computing the difference between the maximum allowed
aggregate flow rate and the sum of the minimum;

iv) computing a factor as the ratio of the difference over the sum
of the ranges;

10 v)  if the factor exceeds 1, the-control variable is set to the

maximum allowed client flow rate; and

vi) if the factor is less than 1, computing the control variable by
multiplying the client range by the factor and then adding the result to the

minimum allowed client flow rate.

15 23. The method of Claim 17 wherein:
step (a) comprises: '
i)  determining the maximum allowed flow rate and minimum
allowed flow rate for each client;
ii)  determining the flow rate range for each client as the
20 difference between the maximum flow rate and the minimum flow rate;

and
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iii) initializing the control variable for each client as said
minimum allowed flow rate and summing the flow rate into a total server
flow rate; and

step (d) comprises:

5 i)  computing remaining server bandwidth as the difference
between the maximum server flow capacity and the total server flow rate;
and

ii)  allocating remaining server bandwidth to remaining clients to

the extent of their respective ranges.

10 24. The method of Claim 23 wherein the step of allocating remaining
server bandwidth further comprises the clients receiving the bandwidth equally to

the extent of their respective ranges.

25. The method of Claim 17 wherein the maximized value of the
control variable can be determined by:
15 i)  determining a maximimum and minimum flow rate for each
client;
i) determining a range between the maximimum and mininmum
flow rates in order to find a flow rate range;
iii) determining available bandwidth by finding the difference
20 between an aggregate flow capacity and a sum of the minimum flow rate;
iv) determining a flow variable by dividing the unused bandwidth

by the flow rate range;
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v)  prescribing the control variable to be the minimum flow rate
added to the flow rate range if the flow varible is less than one or
prescribing the control variable to be the minimum flow rate added to the
flow rate range corrected by the flow variable if the flow favorable is

5 greater than one such that the control variable is easily calculated for each

client.

26. The method of Claim 17 wherein at least one session is a session
bundie and:

1)  the minimum flow constraint is computed as the sum of the

10 minimum flow rate constraints for all bundled sessions;

2)  the maximum flow constraint is the least of 1) the sum of the
maximum individual flow rate constraints of each session and 2) the flow
capacity of the channel shared among the bundled sessions; and

3) the target flow rate is computed for the session is apportioned

15 among the bundled constituent sessions.

27. The method of Claim 26 wherein the bundled session is an

advertisement.

28. A system for allocating bandwidth between a server device and at
least one client device, the system comprising:
20 a call acceptance module operative to receive an incoming request
for service;
a flow regulator configured to deliver content at a modulated target
flow rate, the content being delivered between the server device and a
respective client device when a call is accepted by the call acceptance

25 module; and
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a flow optimizer configured to modulate the target flow rate of the

flow regulator in order to optimize the aggregate flow of content.

29. The system of Claim 28 wherein the flow optimizer is configured to
modulate the flow rate of the flow regulator in order to optimize charges for the

5 content.

30. The system of Claim 29 wherein the flow regulator is configured to

deliver the modulated flow rate of content in response to the control variable.

31. The system of Claim 28 wherein the flow optimizer is configured to

determine a control variable which corresponds to an optimized flow rate.

10 32. The system of Claim 31 wherein the flow optimizer is configured to
generate a cost function of the control variable that corresponds to a maximized

value of the control variable.

33. The system of Claim 28 wherein the flow regulator is configured to

deliver the modulated flow rate of content in response to the control variable.

15 34. The system of Claim 28 wherein the flow optimizer is configured to
determine a maximized value of the control variable by:
- 1) determining a maximum and minimum flow rate for each
client;
il) determining a range between the maximum and minimum
20 flow rates in order to find a flow rate range;
iii) determining unused bandwidth by finding the difference

between an aggregate flow capacity and a sum of the minimum flow rate;
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iv) determining a flow variable by dividing the unused bandwidth
by the flow rate range;
v)  prescribing the control variable to be the minimum flow rate
added to the flow rate range if the flow variable is less than one or
5 prescribing the control variable to be the minimum flow rate added to the
flow rate range corrected by the flow variable if the flow favorable is
greater than one such that the control variable is easily calculated for each

client.

35. The system of Claim 33 wherein the call acceptance module is

10 configured to accept a call based upon the value of the control variable.

36. A method of bandwidth allocation for delivery of stored digital
content from at least one server device to at least one client device by way of a
network, the method comprising the steps of:
a) prescribing a control variable which represents a target flow
15 rate from the server to each client device based upon the amount of buffer
of the client;
b) determining time-varying constraints on the flow rate of the
content;
c¢) determining a cost function of the control variables for all
20 clients in response to the size of the client's buffer; and
d) prescribing bandwidth to all clients based upon the value of

the control variables that maximized the cost function.
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37. A method for apportioning a given total flow rate (bandwidth)
among a plurality of sessions for clients, the method comprising the steps of:
a) computing a sum of minimum flow rate constraints for each
session;
5 b) computing a sum of flow rate ranges for all active clients;
¢) computing a difference between the given total flow rate and a
sum of the flow rate minima,
d) computing a factor as the ratio of the difference over the sum
of the flow rate ranges;
10 e) if the factor exceeds 1, setting the flow rate to the maximum
allowed client flow rate; and
f)  if the factor is less than 1, computing the flow rate by
multiplying the client range by the factor and then adding the result to the

minimum allowed client flow rate.

15 38. The method of Claim 37 wherein the clients are distinguished by
their cost of service and bandwidth is apportioned to clients iteratively, the amount
apportioned to each client in a cost category is the amount remaining from prior

allocations to clients in higher cost categories.
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U decument referming to an oral disclosure. use, exhibitton or other cembined with one or more other such decamenis, such combination

fmeans heing obvious to & person skiiled in the an

e [ ~hii T srgorratiens s 15 e niew tha P . .
15 decument pubiished prior 16 the infernations? fiing date butlater than  «x v anument member of the seémic patent family
the priarity dete claimad

Dute of the actael completion of the International search Date of mailing of the international scarch repont

14 October 2066 {14.10.2008)

05 NOV 2008 N

Name and maihing address of the ISAUS
WMat Swap FCT, Alin: ISAUS, Commissioner 107 Petents

Authenzed officer:

s + vamdtia. Vicafia 2 145 ' -
f ~O, ch 1450, Alexandria, Virginie 22312-1450 PCT rielpoksic 571-2724000  ©
Fecsimile No,  §77-273-2201 OCY UEP: §71.272.7774

Z W o
/ﬁ/ i //«A:&/u

Form PCTASAZ G tsecond sheet) (Apnt! 2007)
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FATENT COOPERATION TREATY

From the
INTERNATIONAL SEARCHING AUTHORITY

To:
* L ESTER J. VINCENT
BLAKELY, SCKOLOFF, TAYLOR & ZAFMAN
LLP
1276 OAKMEAD PARKWAY
SUNNYVALE, CA ©4085-4040

] i ihive arg

PCT

WERITTEN OPINION OF THE
INTERNATIONAL SEARCHING AUTHORITY

(PCT Rule 43bis. )

05 NOV 2008

Appiicant’s or agent™s Do cfuenee

8£32P004PCT

{ FOR FURTHER ACTION

See parsgrapk 2 below

Intemational application No.

PCT/US GE/Q8281

International filing date ddaymonthiyear)

01 August 2008 (01,08 2008)

IPC(8) - GUEF 15/16 {20082.04)
UEPC - 706/231

Priority date (deyimaonthivear)
06 August 2007 {08.08.20G7)

International Patent Classificauon (1PC) or both national classification and 1PC

Appheant MOVE NETWORKS, INC.

1. This epinmon conteimns indications relating to the following items:

FURTHER ACTION

N

For further options, see Form PCT/ISAZ220.

For further deiails, see notes 1o Form PCT/ISA/220.

Lot

Nen-cstablishment of opinion with regard 10 novelry, inventive step und industrial epphcabiiity

Reasoned statement under Rude 4360 Hal() with regard 1o novelty, inventive step or industrial epplicabiliry:

Box No. | Basis of the opinien
D Box No. i1 Priority
D Box No. 111
E] Hox Ne. IV Lack of umity of invennion
Box No. V
citanens and explanations Supporiing such siatement
D Boex No. VI Certem documents aited
D Box No. VIl Centzin defects inthe international apphcation
D Box No, VI Cenam observations on the interngtiona} applicaiion

¥ a demand for mrermational preliminary examination is made, thic opmion wili be considered ¢ be & wntten opinicn of the
Internunonal Freliminary Examiing Autharnity ("IPEA”) except that this does not apply where the applicant chooses an Authority
othet than this one to be the IPEA and the chosen IPEA has noufied the Internanonal Bureau under Rule 66.16é5(p) that written
opinions of this Iniermational Scarching Authority will net be so considered.

1f this epimon s, as provided above. considered to be & written epinson of the IPEA, the applicant 1s ivited 1o submit wo the IPEA
a wnitten reply topether, where appropriate, with smendments, before the expiration of 3 months from the date of mailing of Fonn
PCTASA220 or befose the expiration of 22 meaths fiom the prienty date, whichever expires later,

Name and mailing address of the [ISA/US
Mak Siop FCT, ann 1SAUS

Cammissarer tor Falents

F.O Box 1450, Alesanana, Virgine 23151450

Fucsimale No. 571-273-3201

Date of completion of ths opinren

14 October 2008 (14.10.2008)

fige
BT Rehsesh £T1-272-4300
! PCY GEP 57 -272-7774

T e
Youfig

Form POTASAMZYT (cover sheet) i April Z2G67)
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WRITTEN GPINION OF THE International application Na.
INTERNATIONAL SEARCHING AUTHORITY
PCT/US 0B/GS281

Bex No. Basis of this opinion

1. With regard 1o the language, this opinion has been eswblished on the basis oft
the internanonsd applicztion m the fanguage n which n way filed.

D a rapsiation ofthe imernsnenal apphication mto
wanstation furnished fur the purposes of inermatone

R which 13 the fenguage of a
ules 12 3{2) and 22 1{0)).

secount the rectifiestion of an obvious mistake zuthenzed by ernoulied

2 D This opinion hes been estsbhshed raking intc
to this Authonity under Ruic 91 (Rule 43800 Ha))

With repard 16 any nuclectide #nd’or amine acid sequence discivsed i the imtematienal spphicstion, this epimon has been
esiablished on the basis oft
a. type of matenal

E] # sequence listing

D lzble(s} reiuied o the sequence hsting

b. format ¢f material

D on paper

E] in electronic form

¢. tme of filing/furmshing
D contaned i the interngtonal application s filed
D filed opether with the imernanonal appheation iz electronic form

[3 fumished subseguently w this Authority for the purposes of search

4. l l In addition, 15 the case that more than one version of copy of a seguence listing sndsor lebledsy relating therewe has been
filed or furmished, the required statements that the mformation in the subsequent oy additional copies is identical to that
in the apphicarion as filed or does net go beyond the gpphicaiion as Niled, as appropriate, were furnished.

Additicnal comments:

}h

Form POTASAS2T (Box Ne. 1} {Apni 2007)

Ex. 1018-1046




WRITTEN OPINION OF FHE Internotional application No.
INTERNATIONAL SEARCHING AUTHORITY PCT/US GB/00281

Reasoncd statement under Rule 4355 1¢a)(i) with regard te novelty, inventive step or industrisl spplicabslity;

Eex No. V
citatfons sad explanations suppoerting such stateirent

1 Sutement

Noveity (N} Claims 1-26 i YES

Clamms MO e ND

Inventive vep (1S) Llatms NQ*‘;e . e YES
1.26 )

Clatms IR - . e, NG

A ey S S, N -1, 1-286 e

Indusmiat spphcabibty (1A Claims e YES

Cleamns Fione ———__NO

2. Citations and expianations:
Claims 1-3, 7-11, 14-16, 20-21 and 25-26 lack inventive siep under PCT Ariicie 33(3) as being obvious over US 20050262257 AT to
Major el al. (herenafler ‘Major') in view of the anicle enlitied "Move Networks Closes §11.2 Miltion in Fust Round VC Funding,” (Clement).

Astecleims 1, 8, 18, 21 and 26, Mejur fcaches & system, method, apparatus and computer program product for mulli-bitrate content
sireaming (edaptive-rale shifting of streaming cortent, see Abstract), wheren the media content compriscs & plurality of streamicts
{pluraiity of sireamiets, see Abstract); and &l least one cata module conhigured 10 maniain multi-bitiale streamiel information {staging
module is configured 1o stage the streamiets and arrange the strearmiets for playbach, scc Abshractl.

Major does not expressly teach a timeline mocuie configured 1¢ maintain & pregramming lincup of media content availzbie over & network.
towever, Clement teaches muiti-Ditrate content streaming (ecaptive streams that upehills and dewnshifts 10 match the current constraints,
see po 1, pata 4) and & kmeline module configured 1¢ maintain & programming lineup of mediz contert available over a network (TiVo
styie navigalion, see pg 1. para §; and a client module configered 1o acquire content based upor: the programimiag lineup provided by the

limeline mogule (Move Media Pleyer - Viewer Controls, TiVa style, see para 6).
{1 would have been obvicus 1o onie of ordinary skith In the art te combine the trneiine module, as taughi by Ciement, with the Mgjor system

tor muliti-bitrate content streaming in crder o enable the user to efficiently select and miznage their desired content, thus increasing the
case of use tor the end-user and increasing the revenue poiential tor the content providers.

Asteclams 2 and 10, Clemen! lezches each slreamiel comprizes a partion of the media content encapsuiated a5 an independent media
cbiect (Each streamiet 212 may comprise @ purtion of the content contamed in streem 210, encapeuvieted e an independert medie obiect,
see para [0047)), and wherein each sireamie! comprises & predetermined duralion of ime (in one embodiment, the conten? corntained in
cach skieamiet 212 has a curation of two seconds, see para [0047]).

A5 10 claims 8 anc 11 and 16, Major teaches mulli-binate streamlet information & selecied lrem the group consigting of start time, end
timie, five video, publisher dala, encryption, duration, biirete veives, frame size, channels, codecs, sampie raie, and frames parser (centent
fiile P00 may also be live or archuved coriient. see para [0048] ana Fig. 2a}.

A5 1o claims 7 anc 25, Clement teaches a content management system configured o Eynamucally repiace poriions of the media content
{shows Can even be pre-empled and replaced by allemative programming, see pg 1, para 5).

As e clam €, Majo! teaches an anchor mocule conligured 10 ascotiate the stan of the imeline module with & point in time such that
piayback of the media content beging at & point corresponding to & ive herzon {(presentalion al the curren! playback time nidex, see pg 1,
para (C073)).

As 16 cleims 14 and 20, Clement teeches & content management system conhigured to dynamicaily replace portions of the media content
(showe can even be pre-empses and repeived by alternative programning, see pg 1, para §).

{See Supplemenizi Box)

Foaw PCTASAZIT iBox MNo. Vi (Aprd 20G7)
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WRITTEN GPINION OF THE Inmemanional spplication No.

INTERNATIONAL SEARCHING AUTHORITY
PCTAUS 06/0c28

Supplemental Box

In case the space in 2ny of the preceding baxes is not sufficient.

Contingalion off
Box No. V -+ Reasoned Statement

2. Chations gnd Explanatens:

Cigimng 4-6, 12-13, 17-319 and 22-74 iack inventive step under PUT AnlCle 3G(3; s being obvious over Major in view of Clernent as apphed
above, and turther s view of US 20C6/027 7584 A1 [Jarman;}

Az to dlaime 4, 12, 17, 22 and 26, the combmahion ¢ Major ane Clement wach the appatatus of clam 1, Ine system of claim §, the
method of ¢laim 18 antd the computer progam product of Clamm 21, and Mar fah ‘wches sireamie!s providing content (& siaging
moduie conligured to slage the sitaamiets and ariange the steamiets joy playbacs o0 & content player , see para {0015]), but the
combination of tajor ane Cle L dOes O expressly ach @ Mmoduls conligured 15 Shifs Conient N TESRonSE 10 & faling system level
rlowever Jarman teaches @ progreamnung conient Gistnbulion system whah funhier compnsing & chent modute canfigured 1o skip content
N response o @ rating system {seiectively mules context specitic words se gt on of program specific criteriz, see Abstract),

it woule have been obvious 1o one of ordinary skill in the ant 1C combine the Jarman content fitlering sysler with the cortent distribution
system teught by Major end Ciemen: because s wouid enable the Gser 1C Insruct 1he More precisely contial Ine decked viewing centent;
furtner, Clement suggesls content filtenng (complete egiting and publishing control, cee po 1, pare 4] such as the! taught by the Jarman

content filtering system,

A te claims § gnd 18, Jarmar: teaches the chent rrodule ¢ configured 1o skip sireamlels that do not contorm t¢ a celected rating leve!
{aliow play of only programs assocaic with sciccted program spedific information; and diocking display of ali pregrams rot including the

selecles program specilic information, see para [0010]).

Ag o clamn 6, Jarman feaches the chent moduie ie configured to mute the audic of streamiete thal do not contorm 16 & selected rating leve!
{mute words for an audio Or audio/video presentation thatl may be objecticnable in one context, sce para (0068]).

As 1o claims 13, 19 and 24, the combiration ¢f Major énd Clement teach the cyetern of clairn 8 anc the methed of claim 18, but dees not
expressly teach the client mogule ¢ conligured 1o mute the audio of streamlets thal de net conform fo & celected rating ievel.

However, Jarman teaches mulli-bitrale content streaming (adaptive strearm that upshifis and cownshifts to match the current constraints,
see pg 1, para 4) anc a timeline module configured o maintamn a pregramming ineup ¢f meda content available over & network {TiVo
siyle navigation, see (g 1, para 6 and wherein the client module is configured ¢ mute the audio of streamlets that de not conform 1o a
selected rating level { efectively mules context specitic worde 06 @ function of pregrarn epecific crileria, see Abstract. It would have been
chvious 1o combine the Jarman seleclive content tiliering and muting system with the content distribution system taught by Major and
Tletienit becsuse this would enabie the user to instiuct the mofe precisely control the cegsrred viewing content; turher, Clement suggests

cordent fillenng {compiete editing and publishing conirol, see pg 1, para 4).

Cigims 1-26 have indusina! applicability as defined by FCT Aricle 33{4) because the subject matter claimed can be made or used in

ingustry.

Fonm PUTASAL3Y (Supplernomal Boxj [Apani 2067)
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NOTES TO FORM PCT/ASA/220

These Notes are intended to give the basic instructions concerring the filing of amendments under Article 19, The
Notes arc based on the requirements of the Fatent Cooperation Treaty, the Regulations and the Administrative Instructions
under that Treaty. In case of discrepancy between these Notes and those reczuiremems, the latter are applicable. For more
detatied information, sce also the PCT dpplicant’s Guide, & publication of WIPO,

in these Notes, “Article,” "Rule” and “Sectien” refer to the provisions of the PCT, the PCT Reguiations and the PCT
Administrative Instructions, respectively,

INSTRUCTIONS CONCERNING AMENDMENTS UNDER ARTICLE 19

The epplicant has, after having received the internstional search report and the written opinion of the International
Searching Authority. one opportunity to amend the claims of the intemational epplication. It should however be emphasized
that, since all parts of the international application (claims, description and drawings) may be amended during the
international preliminary exgmination procedure, there 15 usuzlly no need 1o file amendments of the claims under Article 19
except where, e.g. the applicant wants the latter to be published {01 the purpeses of provisional protection or has ancther
reason for amending the claims before international publication.  Furthermore, it should be emphasized that provisional
pretection is available in some States only (see PCT Applicant’s Guide, Volume LA, Annexes Bl and B2).

The attention of the applicant is drawn to the fact that amendments to the ¢iaims under Article 19 are not allowed where
the International Scarching Authonty has declared, ender Article 17(2), that no internztional search report would be
established (sec FCT Applicant’s Guide, Volume I/A, paragraph 296).

What parts of the international application may be amended ?
Under Article 16, only the claims may be amended.

During the international phase, the claims may alse be amended (or further amended) under Article 34 before the
Jnternztionz] Preliminary Examining Authority. The description and drawings may only be amended under
Article 34 before the International Preliminary Examining Authority.

Upon entry into the national phase, all parts of the intemmational application may be amended under Articie 28 or,
where applicable, Article 41,

When 7 Within 2 menths from the date of transmittal of the international search report or 16 manths from the priority date,
whichever time Dmit expires later. It should be noted, however, that the amendments will be considered as having
been 1eceived on tine if they are received by the International Bureau after the expiration of the applicable time
limit but before the completion of the technical preparations for international publication (Rule 46.1).

Where not to file the amendments ?
The amendments may only be filed with the International Bureau and not with the receiving Office or the
International Searching Authority (Rule 46.2),

Where a demand for intersetional preliminary examination has been/is filed, se¢ below.

How 7 Either by cancelling cne or more entire ¢laims, by adding cné or more new claims or by amending the text of one
or more of the claims as filed,

A replacement sheet must be submitied for cach sheet of the claims which, on account of an amendment or
amendments, differs from the sheet eriginally filed.

All the claims appearing an e replacement sheet roust be numbered in Arabic numerals, Where a claim is
cancelled, ne renumbering of the other claims is required. In all cases where clzims are renumbered, they must be

renumbered consecutively (Sectivn 205¢b)).

The amendments must be made in the Janguage in which the international application is to be published,

What documents must/may sccompany the amendments ?

Letter (Section 265(b)):

The amendments must Be submitted with z letter,

The letter will not be published with the intermnaiional application and the amended claims. It should not be
confased with the “Statement under Articie 19{177 (see below, under “Statement under Article 19(1)”).

The letter must be in English or French, at the cheice of the applicant. However, if the Ianguage of the
international application is English, the letter must be in English; if the langoage of the international
application is French, the letter must be in French.

Naotes to Fonre PCT/ISA/220 frst sheetd (Ocober 20035)
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PATENT COOPERATION TREATY

From the INTERNATIONAL SEARCHING AUTHORITY

o PCT
BRIAN C. KUNZLER

8 EAST BROADWAY, SUITE 600
SALT LAKE CITY, UT 84111 NOTIFICATION OF TRANSMITTAL OF

THE INTERNATIONAL SEARCH REPORT AND
THE WRITTEN OPINION OF THE INTERNATIONAL
SEARCHING AUTHORITY, OR THE DECLARATION

b g

et (PCT Rule 44.1)
Date of maiting
TAM (VG zggg (day month year) 1 2 DEC 2008
Applicant’s or agent’s file reference ]
e s e | FORFURTHER ACTION - See paragraphs 1 and 4 below

2082.2.4PCT BB AR P
Internationat application No. International fifing date
{day month yearj 21 April 2008 (21.04.2008)

PCT/US 08/61035 $539.Poo3 ot
Applicant. MOVE NETWORKS, INC.

i E The applicant is hereby notified that the imemationat search report and the written opinion of the Intermational Searching
Authority bave been established and are transmitted herewith.

Filing of amendments and statement under Article 15
The appficant s entitied, if he so wishes, 10 amend the claims of the international application (sec Rule 46):

The time limit for filing such amendments is normally twe months from the date of transmittal of the
international scarch report. .

Where? Directly to the international Bureau of WIPO, 34 chemin des Colombettes

1211 Geneva 20, Switzerland, Facsimile No.. +4 22 740 14 35

For more detailed instructions. se¢ the notes on the accompanying sheet.

2. D The applicant is hereby rotified that no international search report will be established and that the deciaration under
Article 17(2)(a) to that efiect and the written opmion of the International Searching Authority are transmitted herewith.

When?

3. [[] With regard to the protest against payment of (an) additional fee(s) under Rule 40.2, the applicant is notified that:

the protest together with the decision thereon has heen transmitted 1o the Intemnational Bureau together with the
applicant’s request to forward the texts of both the protest and the decision thercon 10 the designated Offices.

D no decision has been made yet on the protest. the applicant will be notified as soon as a decision is made.

4. Reminders
Shortly afier the expiration of 18 months from the priority date. the international application will be published by the

International Bureau. [{ the applicant wishes to avoid or postpone publication, a notice of withdrawal of the international
application, or of the priority claim, must reach the International Bureaw as provided in Rules 90bis.1 and 905is.3, respectively,
before the completion of the technical preparations for intermational publication.

The applicant may submil comyments on an informal basis on the written opinton of the Internaticnal Searching Authority to the
Internationet Bureau. The International Bureau will send a copy of such comments to all designated Offices unless an
international preliminary examination report has been or is to be established, These comments would also be made available o
the public but not before the expiration of 30 months from the priority date.

Within 19 months from the priority date, but only in respect of some designaied Offices, a demand for international pretiminary
examination must be filed if the applicant wishes to postpone the entry into the national phase untii 30 months from the priority
date (in some Offices even later): otherwise, the applicant must, within 20 months from the priority date, perform the prescribed
acts for entry into the naticonal phase before those designated Offices.

in respeet of other designated Offices, the time iimit of 30 months (or later) will apply even if no demand is filed within 19
months.

See the Annex o Form PCT/IB/3G1 and, for details about the applicable time limits, Office by Office, see the PCT Applicant ‘s
Guide, Volume 11, National Chapters and the WIPG Internel siic.

Name and marting address of the iISA/US Authorized officer:

Mad Stop PCT, Altn: ISA/US
Cammissioner for Patents
P.O. Box 1450, Alaxandnia, Virginia 223131450 PCT Melpdesk: 571-272-4300

Fucsimile No. §71-273-3201 PCT O8P 571-277-7774

Form PUTNSAAZZE (January 2004;

Lee W. Young

(See rigtes an accompanying sheei)
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PATENT COOPERATION TREATY

PCT

INTERNATIONAL SEARCH REPORT
(PCT Article 18 and Rules 43 and 44}

Applicant’s or agent’s file reference FOR FURTHER see Form PCT/ISA/220
2082.24PCT ACTION as well as, where applicable, item 5 below.
international appiication No. international filng date /dav-monrhivear/ {Earhiest) Priority Date (davmontivyear)
PCT/US 08/61035 21 Aprit 2008 (21.04.2008) 19 April 2007 (19.04.2007)

Apptlicant

MOVE NETWORKS, INC.

This internatienat search report has been prepared by this internattonal Searching Authority and is transmitted 1o the applicant
according 10 Article I8 A copy is being transmitted to the International Bureae,

This international scarch report consists ol a tolal of & sheels.
] i It is also accompanied by a copy of 2ach prior art decument cited in this report.

I, Basis of the report
a. Wilh regard to the lamguage, the international search was carried out on the basis of:

[X} the international application in the language in which it was filed.

D a trapslation of the international application into which is the language of
a translation furnished for the purposes of international search (Rules 12.3¢a) and 23 .1(b)).

b. D This international scarch report has been established taking inte account the rectification of an obvious mistake
authorized by or notified 10 this Authority under Rule 91 {Rule 43 .65is{a)).

c. D With regard to any nueleotide and/or amino aeld sequence disclosed in the international application, see Box No. L

2. L__l Certain claims were found unscarchable (see Box No. 11).
3. D Unity of invention is lacking (see Box Ne. 1),

4. With regard to the title.
the text ss approved as submitted by the applicant
D the text has been established by this Authority o read as foilows

With regard to the abstract,

the text is approved as submitted by the applicant.

D the text has been established, according to Rule 38.2(b), by this Authority as 1t appears in Box No. V. The appiicant
may, within one month from the date of mailing of this international search report, submit comments to this Authority.

e

6. With regard o the drawings,
a  the figure of the drawings to be published with the abstract is Figure No. 4
D as suggested by the applicant.
as sciccted by this Authority, because the applicant {ailed o suggest a figure.
as selected by this Authonity, because this figure better characterizes the invention.
b D none of the figures is to be published with the abstract

Farm PCT/AISA/ZES (first sheet) (April 26071
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INTERNATIONAL SEARCH REPORT international application No.
PCT/US 08/61035

A. CLASSIFICATION OF SUBJECT MATTER
IPC(8) - GOBF 15/16 (2008.04)
USPC - 709/227

According to International Patent Classification {IPC) or to both national classification and IPC

B. FIEL.DS SEARCHED
Minimum documentation searched (ciassification system followed by classification symbaolsy
UsPe: 7097227

Documentation searched other than minimum documentation (o the extent that such documents sre included n the ficlds searched
USPC: 709/201, 203, 223, 227, 226, 238, 715/736, 744, 748, 968

Electrome data buse consulted dunng the international search (namc of data base and, where practicable, scareh wrms uscd)

PubWest{PGPB. USPT . USOC . EFAR JPAB) Googile
Search Terms Used: content acquisition, resilient, networks, tep. directive handling module, coment acquisition module, directive server,

netwark connection, remalte host etc,

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category™ Citation of document, with indication, where approgriate, of the relevant passages Reievant to claim No.
Y US 2005/0188051 A1 (SNEH) 25 August 2005 (25.08.2005), para [0005), para [0055]-[00S7], 1-36
para [0121}-[0136), para [0188)
Y US 2003/0014684 A1 (KASHYAP) 18 Jonuary 2003 (16.01.2003), para {0101} 1-36
A US 2006/0206246 A1 (WALKER) 14 Septernber 2006 (14.09.2006) 1-36
1 |
D Further documents are listed in the continuation of Box C. D
* Special categories of cited documents: "7 tater document published after the international filing date or priority
“A"  document defiming the general state of the art which is not cansidered date and not 1n conllict with the application but cited to understand
the principle or theory underlying the ipventson

to be of particuiar relevance
“E"  eartier application or patent but published on or after the imternational - =X decument of particufar relevance; the claimed invention cannot be
considered novel or cannot be considered o invoive an inventive

filing date
"L dacument which may throw doubts on priority claim(s} or which is step when the document is taken aione
ciied (o establesh the publication date of another citation or other .y g o o particuinr reievance. the clammed invention cannot be

_ special reason (as specified) ) considered t0 involve an inventive step wher the document is
"7 document referning o an oral disclosure, use, exhibstion or other combirgd with one or more other such documens, such combination
bemg Shvious ta a person skilled in the art

means
“PT docunwent puttished prior to the insemanional filing date butlater than - g~ 4 ;
the priorilyudale haimed & document member of the same patent fzmily

Date of the actual completion ef the international scarch

25 November 2008 (25.11.2008) 1 2 D E C 2008

Authorized officer:

Date of mailing of the internationat search repornt

Name and mailing address of the ISA/US

Mail Stop PCT, Attn: ISA/US, Commissioner for Patents
P\.O. go; 14?0, Alexandria, Virginia 22213-1450 PO HetpEstK: £75.272.4306
Facgimile No.  574-273-3201 0T COF: 571-272-T714

Form PCT/ASAZLG (sccond sheet) {Apnit 2607}

Lee W. Young
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PATENT COOPERATION TREATY

From the
INTERNATIONAL SEARCHING AUTHORITY

To:
” BRIAN C. KUNZLER
8 EAST BROADWAY, SUITE 600
SALT LAKE CITY, UT 84111

PCT

WRITTEN OPINION OF THE

INTERNATIONAL SEARCHING AUTHORITY

{PCT Rule 434is.1)

Date of mailing
(day montivyear)

12 DEC 2008

Applicant’s or agent’s file reference

FOR FURTHER ACTION

See paragraph 2 below

t_2082.2.4 PCT
lnlcmauonal appiication No

PCT/US 08/61035

imerpational Hihng date (day moadh vear;

21 April 2008 (21.04.2008)

, Peoiority date {day moach yeary

i 19 April 2007 (19.04.2007)

International Patent Classification (1PC) ar both national class:ication and iPC
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WRITTEN OPINION OF THE International application No.

INTERNATIONAL SEARCHING AUTHORITY
PCT/US 08/61035

Box No. | Basis of this opinion

I. With regard to the language, this opinion has been established on the basis of!
the imemnational application in the language in which it was filed.

D a translation of the international applicationinto _ which is the language of a
translation furnished for the purpases of international searchi {Rules 12.3(aj and 23.1(b)).

2

D Fhis opinion has been established taking into account the rectification of an obvious mistake suthorized by or natified
to this Authority under Rule 1 (Rule 434/5.1(a))

3. With regard to any nucicotide and/or amino acid sequence disciosed in the international application. this opinion has been
established on the basis of.

a. type of material

D a sequence fisting
E] table(s) related to the sequence listing

b. format of material

D on paper

D in electronic form

c. time of filing/furnishing
D contained in the international application as filed
D filed together with the international application in electronic form

[:] furnished subsequently to this Authority for the purposcs of search

4. D in addition, in the case that more than one version or copy of a sequence listing and/or table(s) refating thereto has been
filed or furnished, the required statements that the information in the subsequent or additional copies is identical to that
in the application as filed or docs not go beyond the application as filed, as appropriate, were furnished.

5. Additionai comments:

Form PCT/ISALZT {Box Neo. 1) {April 2007
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WRITTEN OPINION OF THE Intlernational application No.

' (] 2 n ] [} ]
INTERNATIONAL SEARCHING AUTHORITY PCTAIS DE/E1035
Box No. V Reasoned statement under Rule 434is.1(a)(i) with regard to novelly, inventive step or industrial applicability;
citations and explanations supporting such starement
i. Statement

Novelty {N} Claims 1-36 YES

Claims None NG
Inventive step {iS}) Claims None YES

Claims 1-36 NO
industrial applicability (1A} Claims 1-36 YES

Ciaims Nore NO

2 Citations and explanations:

Ctaims 1-36 fack an inventive step under PCT Article 33(3) as being obvious over US 2605/0188051 A1 (Sneh} in view of US
2003/0014684 A1 (Kashyap).

Regarding claim 1 Sneh discloses an apparatus for resilient content acquisition {content, para [0C05]), the apparatus comprising: a
directive handling module configured ic implemeni a directive {directives, para {0055]), wherein the direclive defines requirements for
astablishing. locating. and rhaintaining & network connection {maintain download state, para [0097]); and a content acquisition module
configured to acquire content over a network according to the directive (content acquisition, para [0081}). Sneh does not expressly
disclose maintaining a network conneciion with & remote host, Kashyap leaches mainlaining a network connecticn with a remote host

{remote hos?, para [C101]). it wouid have been obvious to one of ordinary skill i the art at the time of ke applicant’s invention to modify
the method of Snah to include maintaining & network connection with a remote host as {aught by Kashyap because for the advantage of

expanding the network beyond immediate systems for content acquisition.

Regarding ciaim 2, in the combination of Sneh and Kashyap. Sneh further discloses the content acquisition module is further configured o
transmil 3 directive server query to a directive server {CA Sarver, para [0136}).

Regarding claim 3, in the combination of Sneh and Kashyap, Sneh further discloses the directive handling module is further configured o
receive the directive from the directive server (directives, para [0055]}.

Regarding cfaim 4, in the combination of Sneh and Kashyap, Sneh further discloses the content acquisition moduie is further configured 1o
iocate the content, authorize the content, retrieve the conlent, display the content. and report statistics in accordance with the directive

{content acquisition, para [OUBT)).
Regarding claim 5, in the combination of $Sneh and Kashyap, Sneh further discioses a directive server moduie configured to maintain a list
of directive sarvers and to select a directive server for each direclive request {CA Server, para [0136]).

Regarding ciaim §, In the combination of Sneh and Kashyap, Sneh further discloses a server status moedule configured 1o maintain a
status indicator for each of a plurality of content delivery network servers (status, para [0188]).

Regarding claim 7, in the combination of Sneh and Kashyap, Sneh further discloses a broadcast medute configured to broadcast content
availability over a network such that a second apparatus acguires the content from the apparatus over the network (content acguisition,

para {0081])).

Regarding ¢claim &, in the combination of Sneh and Kashyap, Kashyap further discloses a discovery modute configured to discover
available content on the network such that content is acquired from a second apparatus (remote host, para [0101]}.

Regarding claim 9. in the combination of Sneh and Kashyap, Kashyap further discloses the directive is further configured to identify a
plurality of backup remote hosts {remote host, para {0101}}.

{See Supplemental Box}

Form PCT/ASA/237 {(Box No. Vi (Aprif 2007}
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INTERNATIONALSEARCHING AUTHORITY
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Supplemental Box

tn case the space in any of the preceding boxes is not sufficient.

Continuation of:
Box No. V -— Reasoned statement

2. Citations & expianations:

Regarding claim 10, Sneh discloses a system for resilient content acquisition {content, para {0005]), the system comprising: a client
module in commuynication with a network (modules, para {0121}-{0127]}, the client module comprising! a direclive handling module
configured to imglement & directive (directives, para [0U$5] ), whergin the directive defines requirernents for establishing, focating. anc
maintaining a network connaction {maintain download state, para {0087]): a content acquisition module configured fo acquire content over
the network according tc the directive {content acquisition, para [0081]); wherein the content acquistion module is fusther configured fo
communicate a directive server query with a directive server (CA Server, para [(135]); and wherein the directive server is configured o
parse the content request and generate a directive in response to the content request (CA Server, para [0138]). Sneh does not expressly
disclose maintaining a network connection with a remote host. Kashyap teaches maintaining a network connection with a remote host
{remate host, para [0101]). it would have been obvious o one of ordinary skill in the art at the time of the applicant's invention to modify
the methad of Sneh to include maintaining a network connection with a remote host as taught by Kashyap because for the advantage of
expanding the network beyond immediate systems for content acquisition.

Regarding claim 11, in the combination of Sneh and Kashyap, Sneh further discloses the directive handling module is further configured to
receive the directive from the direclive server {directives, para [0055]).

Regarding clairn 12, in the combination of Sneh and Kashyap, Sneh further discloses the content acquisition module is further configured
1o locate the content, authorize the conlend, retrieve the content, display the content, and report stafistics in accordance with the directive
(content acquisition, para [0081]).

Regarding claim 13. in the combination of Sniek and Kashyap, Sneh further discloses a directive server module configured to maintain 2
list of directive servers and to seiect a direclive server for each directive reguest {CA Server, para {0136]).

Regarding claim 14, in the combination of Sneh and Kashyap, Sneh [urther cGiscloses a server sialus module configured to maintain a
status indicator for each of a pluralily of content delivery network servers (status, para [0188)).

Regarding claim 15, in the combinaton of Sneh and Kashyap, Sneh {urther discloses a broadcast module configured (o broadcast content
availabiiity over & local network such that a second apparaius acquires the content from the apparatus over the network (content
acquisition, para [0081]).

Regarding claim 16, in the combination of Sneh and Kashyap, Kashyap further discioses a discovery module configured to discover
available content on a network such that content is acquired from a second apparatus (remote host, para [0101]).

Regarding claims 17, 25 and 33, Sneh discloses a8 method, computer program product, and apparatus for resilient content acquisition
(content, para [000S]), comprising: implemenling a directive (directives, para [0055}); defining requirements for iccating. establishing, and
maintaining a network connection (maintain download state, para [C097}); and acquiring content aver a network according to the directive
(content acquisition, para [0081}). Sneh does not expressly disciose maintaining a network connection with 2 remote host. Kashyap
{eaches maintaining a network connection with a remote host {remote host, para [0101]). it would have been obvious o one of ordinary
skill in the art at the time of the applicant's invention to modify the method of Sneh to inciude maintaining a network connection with a
remote host as taught by Kashyap for the advantage of expanding the netwark beyond immadiate systems for content acquisition.

Regarding claims 18 and 26, in the combination of Sneh and Kashyap, Sneh further discloses transmitting & directive server query to a
direclive server (CA Server, para [013€]).

Regarding claims 18 and 27, in the combination of Sneh and Kashyap, Sneh further digcioses receiving the directive from the directive
server (CA Server, para {0136]).

Reqarding claims 20 and 28, in the combination of Sneh and Kashyap, Sneh further discioses locating the content, authorizing the content,
retrieving the content, displaying the content, and reparting statistics In accordance with the directive (content acquisition, para [C081]).

Regarding claims 21 and 29, in the combination of Sneh and Kashyap, Snah further discloses maintaining a list of directive servers and
selecting a diraclive server for each directive request (CA Server, para [0136]).

Regarding claims 22 and 30. in the combination of Sneh and Kashyap, Sneh further discloses maintaining a status indicator for each of a
plurality of content defivery network servers (status, para [0188}).

Regarding claims 23 and 31, in the combination of Sneh and Kashyap. Kashyap further discioses broadcasting content availability over a
local network such that 3 second apparatus acquires the content from the apparatus over the network {remote host, para [0101]).

Regarding claims 24 and 32, in the combination of Sneh ana Kashyap, Kashyap further discioses discovering available content on &
netweork such that content s acquired from a second apparatus (remote hoslt. para {D101]}

{See Next Supplementai Box}

Form PCT/ASA/23T (Supplemental Box (Apni 2097)
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INTERNATIONAL SEARCHING AUTHORITY

Supplemental Box

in case the space in auy of the preceding baxes is not sufficient.
Continuation of;

Preceding Supplemental Box

Box No. V --- Reasoned statement

2. Citations & explanations:

Regarding clalim 34, Sneh discioses an apparatus {or resdient content delivery (cantent, para [0005]), the system comprising: a parsing
mocute configured to receive a content request from a source and iderndify content information {modutss, para [0121}-[0127]). & response
moduie configured to generate a directive in response o the centent information (directives, para [00558]), wherein the directive defines
requirements for astablishing. locating. and mamtaining a network conaection (maintain download siate, para [0097]). and wherein the
response module is further configured to communicate the directive with the source {conlent acquisition, para {0081]). Sneh does not
expressiy disclose mainialning a network connection with a remote host. Kashyap {eaches maintaining a network conneclion with a remote
host (remote host, para [0101];. It wauld have been obvious to one of ordinary skil in the ant at the tme of the applicant's invention te
modity the method of Sneh {0 include maintaining a network connection with a remote host as laught by Kashyvap because for the
advantage of expanding the network beyond immediate systems for content acquisition.

Regarding claim 35, in the combination of Snen and Kashyap, Saeh further discloses the content inforrration is selected from a group
consisting of host, domain, content request source, path, and conient name (content acquisition, para {0081]).

Regarding cfaim 3§, in the combinaticn of Sneh and Kashyap, Sneh further discicses the response module is further configured to update
and communicate the directive with the source (CA Server, para [0136}).

Ctlaims 1-36 have industriat applicatility as defined by PCT Article 33{4) because the subject matter can be made or used in industry.

Fonn PCT/SASZ3T (Supplemente! Box: {Apsi! 2007}
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Title: VIDEO STREAM SWITCHING
Video Display or Audio Mixer el
Decoder Decoder
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;anager Session Session Session
1
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RTP RTCP RTP KRTCP RTP RTCP

(57) Abstract: A technique is described for providing a client on a packet based network with a stream of encoded video data.

The system is able to maximise the bit-rate of the video stream by adapting to fluctuations in network capacity. The technique is

characterised in that adaptation of the bit-rate of the transmitted encoded video data is timed to occur upon a scene change in the
video sequence. In this way the interruption to the viewer when the perceived quality of the video sequence increases or decreases
is minimised as it is "hidden’ in the scene change. The technique is described as applied to hierarchically encoded video data but
equally may be applied to other encoding techniques which adapt to network conditions.

Ex. 1018-1058



wO 03/009581 A1 | MW 000 00RO 0 0O 0O O

Published: For two-letter codes and other abbreviations, refer to the "Guid-
with international search report ance Notes on Codes and Abbreviations" appearing at the begin-
ning of each regular issue of the PCT Gazette.

Ex. 1018-1059



10

15

20

25

30

35

WO 03/009581

PCT/GB02/03307
Video Stream Switching

The invention is in the field of video streaming over packet networks and in

particular concerns the adaptive transmission of data in response to network

congestion.

In recent years, the Internet has experienced a proliferation in transmission of
reai-time multimedia, mainly in the form of streamed audio-visual content, either
delivered live or from pre-recorded sources. Furthermore, traditional forms of
multimedia such as streaming and conferencing are being followed by
applications with richer content such as Internet multi-channel TV and complex
immersive environments. This increase in traffic will put strains on the network
and it is therefore desirable that application programs are designed to respond to
congestion if stability of the network is to be maintained. It is desirable that
network conditions are monitored and output bit-rates adjusted to the available
bandwidth.

There is a more immediate advantage to the user in having an adaptive output
bit-rate which is that the highest possible transmission bit-rate that the network
will allow is used and therefore the user will always receive the best possible
image quality. There are a number of known approaches to adaptive quality
video streaming, one of which is hierarchical coding. In this technique the
original video data is encoded into a number of discreet streams called layers,
where the first layer consists of basic data of a relatively poor quality and where
successive layers represent more detailed information so that fayers can be
added to increase the image quality or layers can be taken away, depending on

the available bandwidth.

As the bit-rate available to a session is subject to significant variations in the
number of layers that are transmitted, quality fluctuations occur in the decoded
image as layers are added or dropped. When layers are added or dropped

frequently the fluctuations in quality may become disturbing to a viewer.

In a first embodiment of the present invention there is provided a method of

operating a multimedia server, said method comprising:
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providing a stream of video data representing a video sequence to an
output of the multimedia server, wherein the output of the media server is
connected to a packet based network,

measuring a property of the video data in order to determine the
occurrence of a scene éhange in the video sequence,

detecting the available bandwidth on the network,

varying the bit-rate of the stream of video data,

wherein the method is characterised in that

variation in the bit-rate of the video data is controlled to occur in response
to variations in the capacity of the network (203) and preferentially with a scene

change in the video sequence.

The term preferentially used herein is meant to indicate that in certain
circumstances (discussed in greater detail below) it may not be practical to wait
for a change of scene to occur in the video sequence before varying the bit-rate
of the video stream, and in such circumstances the bit-rate will be changed at

points in the video stream which do not correspond to a change of scene.

The term scene change (or change of scene) is intended to refer to a sudden
change in a video sequence within the space of a one or a very few frames such
as typically occurs at a change of scene, whether or not there has been an

actual change of scene.

Embodiments of the present invention will now be described, by way of example
only, with reference to the following figures, where;

Figure 1 is a schematic diagram of the content-based inter-stream session
bandwidth sharing architecture.

Figure 2 shows the order of packets in a layered coding system.

Figure 3 is a diagram of a media server.

Figure 4 is a diagram of the network interface of the media server shown in
Figure 3.

Figure 5 is a diagram of a client.

Figure 6 is a diagram of a client according to a first embodiment of the present

invention.
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The client/ server arrangement for a known hierarchical streaming technology is
shown in Figure 1. A media server 202 is provided which has access to
compressed audiovisual data 201, which may be fed ‘live’ from an outside
broadcast or may be pre-compressed and stored in a database. The data source
201 may be on the sarﬁe premises as the media server 202 and linked via an
intranet. The media server 202 runs on a suitable server computer and which
has access to the Internet 203.

A video viewer, hitherto referred to as the client 204, running on a PC suitably
configured to have access to the Internet 203, may connect to the media server
202 via the Internet 203 and thus the client 204 is able to access content. A

suitable PC terminal is used.

Layered video compression is achieved with the 1998 version of H.263 but
equally may be any other codec, such as MPEG4. Each layer in the hierarchy is
coded in such a way as to allow the quality of individual pictures to be enhanced
and their resolution to be increased, and additional pictures to be included to
increase the overall picture rate, as explained with reference to Figure 2. Figure
2 illustrates a typical dependency between pictures in an H.263 scalable layered
coder, with the boxes representing the frames for each layer and arrows
showing the dependency between frames. The lowest row shows original, un-
coded frames. The next row shows the lowest layer {Layer O) of the hierarchy
which is coded at half the frame rate of Layer 1. Frames in Layer O are predicted
from the previously encoded frame, as in conventional video compression.
Frames in Layer 1 may be predicted from the previously encoded frame in Layer
1 and, if present, the temporaily simultaneous Layer O encoded frame. Frames in
Layer 2 may be predicted from the previously encoded frame in Layer 2 and, if
present, the temporally simultaneous Layer 1 or Layer O encoded frame. The
H.263 specification allows for 15 layers; in the present embodiment server and
client software is not limited in the number of layers that can be used, but in this

case a database has been generated with video streams containing four layers.

Figure 3 shows the architecture of media server 201. In the present embodiment
the audiovisual source is a database 301 of compressed video data and the
media server 201 is responsible for reading the compressed data from a

database, packetising and distributing it. The data is distributed according to the
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Real-time Transport Protocol (RTP) which provides end-to-end network transport
functions suitable for applications transmitting real-time data such as audio,
video or simulation data. RTP does not address resource reservation and does
not guarantee quality-of-service for real-time services. The data transport is
augmented by a control protocol (RTCP) to allow monitoring of the data delivery
and to provide minimal control and identification functionality. RTP and RTCP
are designed to be independent of the underlying transport and network layers.
The media server 201 has four major components: database reader 302, video
RTP packetiser 303, audio RTP packetiser 305 and a network interface 304.
Video and audio data are stored as files of compressed bits in the database 301.
The database reader 302 retrieves and synchronises the compressed audio and

video from the database 301.

The audio and video data is then sent to a RTP packetiser 303,305. Audio and
video information is transmitted over the IP network using the User Datagram
Protocol {(UDP) and Real-time Transport Protocol (RTP) packetisation. UDP
provides a checksum to detect transmission errors, but does not guarantee data
delivery: packets may be lost, duplicated or re-ordered. RTP provides end-to-end
delivery services, such as payload type identification, sequence numbering, time-
stamping and delivery monitoring. RTP packetisers 303,305 attach the RTP
Header and, in the case of video packets, the H.263 Payload Header which
provides some protection from packet loss. The Payload Header contains
information specific to the video stream, such as motion vector predictors,
which is obtained by decoding the compressed bit stream:.

The rate at which data is read from the database 301 is controlled from the
network interface 304, which is illustrated in greater detail in Figure 4. With
reference to Figure 4 the arrangement of the network interface 304 for the video
data will now be described. A packet numbering module 401 assigns a number
to each packet of data. These packet numbers are used by the client to
assemble packets into the sequence required for decoding. The number of bits
produced by compressing a picture is in general not constant, even when the
transmission rate is constant. The first picture of a new scene will usually
produce a larger number of bits than a picture where there is little movement or
detail. The encoding process will use a contro! strategy together with an output

data buffer to smooth these variations in preparation for transmission at a
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constant bit rate. In the case of layered coding, each layer has its own control
strategy and buffer as it has its own constant bit rate constraint to meet. The
delay across each of these buffers will not be constant and will not be the same
for each layer. Delay variation between the layers is therefore introduced at the
source of the data. Transmission across a network may cause this delay
variation to increase. A packet numbering scheme is therefore needed to ensure
that a client can arrange the packets it receives into the order required for
decoding. This scheme is required to handle the cases of the client not receiving
all of the layers and of packet loss in the layers that it does receive.

Each layer is transmitted as an independent RTP Session on a separate IP
address by a session handler 403, 405, 407, 409. The rate at which data is
transmitted is controlled by the Transfer Rate Control module 402, whiéh counts
Layer O bytes to ensure that the correct number are transmitted in a given period
of time. The transmission rate of the other layers is smoothed and locked to the

rate of Layer O using First-In First-Out {FIFO) buffer elements 404, 406, 408.

The client 204 of the known hierarchical streaming technology will now be
described with reference to Figure 5. Each RTP/RTCP Session associated with
each layer of encoded data has a session handler 501, 502, 503, 504 at the
client which is responsible for receiving RTP packets from the network.

The packets are then passed to a source demultiplex module 505. This receives
packets from all layers and all sources, demultiplexes them by source, and
routes them to a blender module 506, 507 for that source.

The blender module 506, 507 receives packets from all layers from one source
in the order that they were received from the network. This may not be the
order required for decoding because of packet inter-arrival jitter or packet loss.
The blender module 506, 507 uses the packet numbers in the RTP headers to
arrange the packets from each layer in order and then combines the packets
from all layers together. The output of the blender module 506, 507 is a single
stream of packets which are in the correct order for decoding. This is the same
order as they come out of the packet numbering module 401 of the media server
202.
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Packets are then sent to the decoder 508, 509 where the packets are decoded
into 20ms blocks of audio samples or to video pictures. In the case of pictures,

these are rendered to a window on the display 508.

Also provided is a congéstion manager 511 to which the session handlers 501-
504 report packet loss. If packets are being consistently lost, indicating network
congestion, the congestion manager 511 will instruct the session handler
responsible for the highest layer of compressed data to terminate the RTP/RTCP
Session. Periodically the congestion manager 511 will instruct an experimental
joining of a layer via the appropriate session handler to test whether there is
available bandwidth in the network. If this experiment is successful, i.e. that
substantially all of the packets of each layer are getting reaching the client, then
the new layer will be adopted. In this way the maximum available bandwidth is

employed.

It possible for the congestion manager 509 to instruct layers to be dropped and
restored rapidly as the network bandwidth fluctuates. This could be annoying
for a viewer and so a way of ‘hiding’ the shift is employed. The layered
encoding method described above is adapted so that if a layer is to be dropped
or added, the changeover preferentially occurs during a scene-change in the
video data. A video scene is .typically perceived as the number of consecutive
frames within a video sequence that do not show significant changes in the
video content. Within a video scene or shot, the camera action may be fixed or
may exhibit a number of relatively uniform changes like panning, zooming,
tracking etc. Scene changes may be recognised as abrupt transitions of the
camera action or gradual transitions. In order to identify the scenes within a
video sequence the assumption is that the levels of motion energy as well as
those of luminance and colour do not change much between successive frames
within a single scene. Techniques of scene boundary identification include pixel .
differencing, motion vector and block matching techniques. A very sudden
change in the content of temporally adjacent frames will thus appear as a
change of scene; clearly it is conceivable that such a change might not actually
relate to a scene change at all, but, for example, may instead be the
consequence of a large foreground object coming rapidly into view. However,

such an abrupt change will nonetheless be a good place to add or remove a
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session layer and thus the term scene change is meant to cover such large

changes in frame content from one frame to another.

Figure 6 illustrates a system which detects congestion in the network and also
imposes the extra condi.tion of adding or dropping a layer upon a scene change.
The server 601 comprises the components of the media server 202 of Figure 1
and the unit 603 comprises the components of the client 204 also shown in
Figure 1. Video data from the audiovisual source is also passed to a content
analyser 604 which segments the video sequence into scenes. The segmented
video is then passed to an objective quality assessment module (OQAM) 605
which assesses the contribution to the perceived quality of a scene that each

component layer provides.

These results are then passed to an inter layer adaptation module (ILAM) 607.
The function of the ILAM 607 is to continuously calculate the number of layers
that maximise the perceived quality for the session. The ILAM 607 also receives
input from a sender congestion manager 608 which reports on the bandwidth
available to the session on the network 203. The sender congestion manager
608 receives feedback from a client congestion manager 609 on the number of
packets that have been received. If this matches the number of packets that
were sent then the bandwidth is known to be the current transmission rate. If
packets are being lost then the bandwidth available to the session is less than
the transmission rate, in which case the sender congestion manager 608 informs

the ILAM 607 that a layer should be dropped.

In order to select which layer should be dropped the [LAM 607 couples the
bandwidth required by a layer with its contribution to the quality of the complete
image, as calculated by the OQAM 605. The ILAM 607 performs an exhaustive
search on all of the bandwidth/quality values. When the ILAM 607 has selected
which layer is to be dropped from a particular scene, the timing of the drop is
preferentially set to coincide with the transmission of that particular scene. In
this way the drop in quality occurs with the scene change and is thus much less
noticeable to a viewer than if the quality change had occurred during a scene.

In the case that no packets have been lost for a preset period of time the sender

congestion manager 608 will request the ILAM 607 to add in a layer to test
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whether all of the available bandwidth is being employed. If no packets are lost
during this experiment then the newly added layer is maintained. This process
of experimentation with adding layers is continued until a significant proportion
of packets are lost, in which instance the system can be confident that all of the
available bandwidth is Being employed. Again, the timing of the introduction of
a layer is set to occur preferentially as the scene changes.

Under a given bit-rate allocation the levels of perceived quality do not change
considerably within a scene, but scene cuts cause considerable changes in
perceived quality, especially when the content features (spatial and motion
energy) change a lot between subsequent scenes. As a consequence there will
also be a significant difference in the corresponding quality scores for those
successive scenes which may justify a rescheduling of the number of layers in

the stream.

The invention is not limited in use to hierarchical encoding schemes. The
invention is suitable for use in any encoding technique where the adaptation of
transmission bit-rate to accommodate fluctuations in network capacity occurs.
For instance the invention may be applied to a transcoding system where
encoded data streams are transcoded from a high bit-rate to a low bit-rate or
from a low bit-rate to a high bit-rate. The present invention would be suitable to
reduce the impact for the viewer as the output bit-rate shifts in response to
network conditions by timing the transition to occur upon a scene change in the
encoded video sequence. Another example of an adaptive video streaming
technique to which the invention may be applied is where multiple independent
video streams of different bit-rates are transmitted. In this case the client
chooses which stream to accept based on session bandwidth. The client may
switch from one stream to another as bandwidth fluctuates; the present
invention ensures that the switch is timed to coincide with a scene change in the

encoded video stream.

Naturally, there may be times when a change of scene is such a long way away
that it is advantageous to switch from one bit-rate to another other than during a
change of scene. For example, consider the case where multiple independent
video streams at different bit-rates are available for transmission by a media

server to a client as, for example, described in co-pending European patent
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application No. 00310584.7 the contents of which are hereby incorporated
herein by way of reference. In such a case, the server may be capable_of
transmitting a first stream at a bit-rate of 500kbit/s and a second, higher quality
stream at a bit-rate of 1500kbit/s. The client may initially request that the
server transmit the ﬁrst.stream at a transmission rate of 1000kbit/s. If the
network is not congested and all of the packets transmitted are successfully
received by the client, the receive buffer at the client will start to fill with data at
a rate of 500kbit/s, since the client will only be removing data from the buffer at
a rate of 500kbit/s. After say 10 seconds of filling up the buffer at this rate, the
client will have a buffer of ten seconds worth of data at which point it may
decide it can attempt to receive the higher bit-rate second stream of video data
from the server and thus sends an appropriate request to the server to this
effect. If, however, the server is aware that the client has a receive buffer of 6
Mbytes size, it knows that it may continue sending data from the first stream at
the rate of 1000kbit/s for at least another 150 seconds before the receive buffer
overflows, causing problems for the client. Therefore, the server may attempt to
wait for a specified period to see if a scene change occurs during this interval. If
so, a switch to the second higher bit-rate signal is not made until the change of
scene occurs. Of course, if there is no change of scene within the determined
period, the server switches to the higher rate anyway. In this example, a period

of only ten seconds is deemed appropriate as the waiting time.

Note that instead of simply waiting to see if a change of scene occurs in the
specified period and switching at the end of the period if no such change of
scene is detected, an alternative method would be to pre-analyse the video to be
sent (clearly this only applies to pre-stored video data and not live video} and to
note when changes of scene occur. In such a case, the server, upon receipt of a
request from the client to switch streams, could search to see if a suitable
change of scene will occur within the predetermined period and if not to switch

immediately to the new bit stream.

In the present example, upon switching to the higher rate bit stream, the client
may have requested a transmission rate of 1500kbit/s corresponding to the rate
at which the data will be drawn from the receive buffer by the client. In such a

case, the buffer size of 10 seconds should remain constant so long as all of the
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transmitted packets are successfully received by the client. However, in the
event of congestion on the network, a proportion of packets may fail to arrive at
the client. In such a case, the server will be warned of this via the RTCP. If the
congestion is sufficiently severe, the server may deduce that the buffer is in
danger of emptying Which would cause a break in the video displayed by the
client to occur. To prevent this, the server may switch back to the lower bit
rate stream. Via the notification of how many packets are being lost, the server
can deduce how long it will be before the buffer is emptied. For this time, the
server can wait to see if a change of scene occurs, and if so, the new stream
will be switched to at that point. Note that it would also be possible for the
client to simply request that the new stream be switched to upon detecting that

its receive buffer is emptying at an unsustainable rate.

Note that the amount of data in the buffer is actually of less significance than
the rate of change of the amount of data in the buffer. Thus it is preferably this
quantity which either the server or the client measures in order to determine
whether to change from one bit stream to another {or whether to add or drop a

layer in the first example).
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CLAIMS

1. A method of operating a multimedia server (202), said method
comprising; .

providing a stream of video data representing a video sequence to an
output of the multimedia server (202), wherein the output of the media server
(202) is connected to a packet based network (203),

measuring a property of the video data in order to determine the
occurrence of a scene change in the video sequence,

detecting the available bandwidth on the network (203},

varying the bit-rate of the stream of video data,

wherein the method is characterised in that

variation in the bit-rate of the video data is controlled to occur in response
to variations in the capacity of the network {203) and preferentially with a scene

change in the video sequence.

2. A method of operating a multimedia server (202) in accordance with
claim 1 wherein upon detecting a decrease in the available bandwidth the bit-

rate of the video data is decreased.

3. A method of operating a muitimedia server (202) in accordance with
claim 1 wherein the bit-rate of the video data is periodically increased in order to

ensure that all of the available bandwidth is being used.

4, A method of operating a multimedia server 202 in accordance with claims
1 to 3 wherein said stream of video data is comprised of a plurality of

hierarchically encoded layers.
5. A method of operating a multimedia server (202) in accordance with
claim 4 wherein the bit-rate of the video data is varied by adding or dropping

layers from the stream of data transferred to the output port.

6. A method of operating a multimedia server (202) in accordance with

claims 4 or 5 wherein the objective quality contribution of each layer to the
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overall quality of the video sequence is measured in order to determine which of
the layers is to be added or dropped from the stream of data transferred to the

output port.

7. A method of operating a multimedia server 202 in accordance with claims
1 to 3 wherein said stream of video data is comprised of a plurality of

independently encoded flows each of which encoded at different bit-rates.

8. A method of operating a multimedia server (202) in accordance with
claim 7 wherein the bit-rate of the video data is varied by switching between

independently encoded flows.

9. A method of operating a multimedia server 202 in accordance with any of
the preceding claims in which the source 201 of video data is stored in encoded

form in a database.

10. A method of operating a multimedia server 202 in accordance with any of

claims 1 to 8 in which the source 201 of video data is encoded in real-time.

11. A method of operating a multimedia server 202 in accordance with any of-
the preceding claims wherein, upon detecting a variation in the capacity of the
network such as to render it appropriate for a change in bit rate to occur, the
server waits for a predetermined time to attempt to detect a change of scene,
and if such a change of scene is detected within the predetermined time, the
change of bit rate is caused to occur at the time of the change of scene, but if a
change of scene is not detected within the predetermined time, then the change

of bit rate is caused to occur at the expiry of the predetermined time.

12. A method of operating a multimedia server 202 in accordance with any of
the preceding claims wherein, upon detecting a variation in the capacity of the
network such as to render it appropriate for a change in bit rate to occur, the
server determines if there is going to be a change of scene within a
predetermined time, and if it is determined that there will be such a change of
scene within the predetermined time, the change of bit rate is caused to occur at

the time of the change of scene, but if it is determined that there is not going to
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be a change of scene within the predetermined time, then the change of bit rate
is caused to occur substantially immediately after having made such a ,

determination.

13. The method of ciaim 12 further including the step of, prior to providing a
stream of video data to the output of the media server, processing the video
data to determine the positions within the video data in which changes of
scenes occur and making this information available for permitting whether a
scene change will occur within a predetermined period at any point along the

stream of video data.

14. A multimedia server (202) comprising;

a reader {302) for reading video data representing a video sequence from
a source {301),

a scene change detector (604) for detecting changes of scene in the
video sequence,

a bit-rate controller (607) for controlling the rate at which the video data
is transferred from the reader to an output port, wherein the output port is
capable of communicating with a client {204) on a packet network {(203);

the media server further comprising means (608) for detecting available
bandwidth between the muitimedia server (202) and client (204) on the packet
network,

characterised in that

the bit-rate controller (607) is arranged to vary the bit-rate of the video
data transferred to the output port in dependence on the detected bandwidth
preferentially in correlation with a scene change detected by the scene change
detector (604). '
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Title of the Invention _
Streaming of Media File Data Over a Dynamically Variable Bandwidth
Channel

Field of the Invention
The present invention relates to streaming of media file data over a channel
having a dynamically variable bandwidth, and more particularly but not exclusively to
streaming of multimedia data such as video and /or audio data over a channel having a

dynamically variable bandwidth.

Background of the Invention

Dynamically varying channel bandwidths are particularly encountered over
the Internet and like networks and over radio and cellular telephone links. On the
Internet the total bandwidth is fixed and the bandwidth available per channel tends to
depend on the amount of usage, the greater the usage the smaller the bandwidth
available per user. In radio and cellular links the available bandwidth depends on
usage, but the overall capacity may also be dependent on environmental factors.

The Internet relies on packet switched communication, whereas radio and
cellular telephone links may be either circuit-switched or packet switched. Either
way, the same considerations of channel bandwidth broadly apply.

As the bandwidth changes, a number of approaches are currently in use. One
of these is simply to buffer received video frames, to start to show the frames as soon
as the buffer is full, and to continue to show the video until the buffer is empty, then
to halt the display until the buffer is full again. Another method is to show the video
at a real time rate, displaying all frames that arrive in time and dropping all frames
that arrive too late.

In both of these methods, data is sent at the same high rate. In the first
method, unacceptable delays in showing the data are experienced. In the second
method, valuable channel bandwidth is wasted transmitting data that does not get
used.

Whether the network is a cellular telephone network or the Internet or like

wide area data network, the bandwidth of the data network is variable. In all cases the
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larger the number of users the lower the bandwidth per user, and radio-based
networks may also suffer from reduced bandwidth due to environmental conditions.
Furthermore, in the case of cellular telephone networks, events such as handover
between two base stations may also affect the available bandwidth.

In general, cellular networks are able to absorb changes in bandwidth without
the user noticing a change in the quality of the voice signal. However, it is desirable
to go beyond mere voice communication over cellular telephone networks. Already,
low level data capability is being built into mobile telephones and it is envisaged that
within the next few years, mobile telephones will be able to receive and display
multimedia data. Multimedia data uses large amounts of bandwidth and generally
requires to be displayed in real time. Thus bandwidth fluctuations will be
immediately noticeable. Currently, however, transmission of video data over cellular
phone channels is not being attempted on a commercial basis.

At present, mobile telephone systems are on their second generation and a
third generation is on the drawing board but will not be available for some years. The
problem is particularly associated with the design of advanced second generation
equipment (generation 2.5) which, it is envisaged will be able to provide multimedia
within the limitations of second generation capacity. It should be noted however that
the same considerations apply to further generations of mobile telephones and also to
other environments in which it is desired to transmit multimedia data, such as the
Internet.

Generally, multimedia data is sent over a network as a datastream in
compressed form. There are numerous algorithms for compressing data, and different
forms of compression are appropriate for compressing different forms of data.
Furthermore, a single form of compression may give rise to different levels of
compression according to compression parameters that may be set. The greater the
compression the lower will be the resulting data rate and a high level of compression
may be used to overcome channel capacity constraints. A solution may involve
selection of the compression parameters to meet a likely worst-case scenario.
However, the solution is not complete as a high level of compression leads to low
quality output and no advantage is taken of the availability for most of the
transmission time of a higher bandwidth availability.

US Patent No. 6,014,694, Aharoni et al, discloses a system for adaptively

transporting video over networks wherein the bandwidth varies with time. The
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system comprises a video/audio codec that functions to compress, encode, decode and
decompress video streams that are transmitted over networks having available
bandwidths that vary with time and location. Depending on the channel bandwidth,
the system adjusts the compression ration to accommodate a plurality of bandwidths
ranging from 20kbps for POTS to several Mbps for switched LAN and ATM
environments. Bandwidth adjustability is provided by offering a trade-off between
video resolution, frame rate and individual frame quality. The system generates a
video data stream comprising of key, P and B frames from a raw video source. Each
frame type is further comprised of multiple levels of data representing varying
degrees of quality. In addition, several video server platforms can be utilized in
tandem to transmit video/audio information with each video server platform
transmitting information for a single compression/resolution level.

P and B frames are delta frames that depend on previous frames to allow a
complete picture to be generated. Thus it is not possible simply to mix groups of
frames of different quality levels since the deltas between frames are different. The
above US Patent solves the problem by taking advantage of what is known as a group
of pictures (GOP) which is a self-contained unit such as a scene. Because they are
self-contained, GOPs of different compression levels can be successfully mixed.
However, GOP boundaries are content related and thus irregular. When GOP
boundaries are widely spaced, dynamic following of bandwidth changes are highly

inaccurate or generate delays for new users.
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Summary of the Invention

Embodiments of the present invention attempt to solve the above problems
by modifying the quantity of data to be injected into the channel to accord with a
measured capacity or bandwidth of the channel. The quantity of data is preferably
modified only by altering compression parameters, so that data fully usable in real
time can be received from the channel. Thus a reduction in bandwidth of the channel
leads to a drop in quality of the received signal and not to dropped frames or a
reduction in performance.

According to a first aspect of the present invention there is thus a device for
streaming of media file data to be sent over at least one channel having a dynamically
variable bandwidth, comprising

an input for receiving media file data at a first rate,

a multiple stream creator for creating a plurality of streams of said media file
data, each stream compressed to predetermined other rates, each stream comprising a
series of autonomous compressed data units which are mutually compatible, and

a stream selector for dynamically matching a bandwidth of the channel to
rates of said streams to send said data file as a combination of said autonomous units
from said streams via said channel,

wherein said autonomous units have durations which are one of a group
comprising fixed predetermined durations and durations determined by changes in
said channel bandwidth.

Preferably, said stream selector is operable to select a combination of said
streams in succession said combination being chosen to produce an average stream
rate over a period of time which matches said channel bandwidth.

Preferably, said bandwidth of said channel is liable to vary dynamically and
wherein said stream selector is operable to repeat said matching throughout said
streaming operation.

Preferably, said bandwidth of said channel is liable to vary dynamically and
wherein said stream selector is operable to repeat said matching throughout said
streaming operation.

Preferably, said autonomous units match each other across said plurality of

streams, thereby to enable switching between said streams.
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Preferably, said data file is arranged in said streams in a compressed media
format utilizing reference frames and delta frames and wherein each autonomous unit
is self-contained in respect of reference frames.

In an embodiment, said channel is a cellular telephone channel.
Alternatively, said channel is an Internet channel.

Preferably, the predetermined other rate is different for each stream. In
another embodiment, the predetermined other rate is identical for a set of said
streams, each stream in said set being assigned a different balance between quality
and speed of said media.

A preferred device comprises a plurality of media types, said predetermined
other rate being identical for a set of said streams, each stream in said set being
assigned a different balance between quality of said different media types.

Preferably, streams in said set are selectable by a signal received from said
channel.

Preferably, streams in said set are selectable by a signal received from said
channel.

An embodiment comprises a detector for detecting a change in the bandwidth
of said at least one channel and operable to request a corresponding change in the data
rate, and wherein the device is operable, upon receipt of said request, to set a delay,
and to issue a reference frame within said delay.

The device preferably issues said reference frame at the end of said delay.

The device alternatively issues said reference frame at the occurrence of a
largest detected interframe change within the time delay.

According to a second aspect of the invention there is provided a multiple
stream creator for receiving a data stream at a first data rate and converting said data
stream into a plurality of data streams at a plurality of data rates, said creator
comprising an input for receiving said data stream at said first data rate, and a
plurality of outputs, each operable to receive said data stream at said first rate and to
output said data stream at a predetermined rate individually set for each output as a
series of autonomous units having a duration, and wherein said duration is one of a
group comprising a fixed predetermined duration and a duration dynamically
changeable in accordance with bandwidth conditions in a transmission channel.

Preferably said outputs each comprise data buffers.
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The multiple stream creator preferably comprises a data stream processor for
processing said data stream received at said first rate into said plurality of autonomous
units, said autonomous units being synchronized blocks, thereby allowing said output
streams to be mixed in said transmission channel to produce continuously usable
output.

Preferably, said received data stream is in an uncompressed data format and
said data is compressed into a compressed data format independently for each one of
said output data streams.

According to a third aspect of the invention there is provided a method of
sending a datastream over a variable bandwidth channel comprising modifying a
quantity of data to be injected into the channel to accord with a measured capacity of
the channel, said method comprising the steps of

compressing the datastream, using an algorithm having compression
parameters, to produce a plurality of compressed datastreams each comprising
reference frames and delta frames, each compressed datastream produced by using the
algorithm together with different parameters, and

synchronizing reference frames between the compressed datastreams so that
combinations of said compressed datastreams can be sent via said channel.

Preferably, said step of synchronizing reference frames is carried out at
intervals determined by a dynamic status of said channel bandwidth.

Alternatively or additionally, said step of synchronizing reference frames is
carried out at predetermined intervals.

Alternatively or additionally, said combination of said compressed
datastreams is selected substantially dynamically to match the measured capacity of
the channel.

Preferably, a change in bandwidth of a channel causes a request for
commencement of a new autonomous unit, and wherein said request causes initiation
of measurement of a time delay, and wherein a new autonomous unit is commenced
within said time delay.

Preferably, the new autonomous unit is commenced at the end of said time
delay.

Preferably, the step is provided of determining the largest delta frame during
the time delay and sending a reference frame, to initiate said new autonomous unit, in

place of said determined largest delta frame.
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According to a fourth aspect of the present invention there is provided a tool
for controlling receipt of media file data over a network, wherein said media file data
is available at a plurality of quality levels, the tool comprising a quality selector to
enable a user to select between said different quality levels for receipt.

Preferably, said media file comprises a plurality of data groups and each
quality level is a different balance between quality levels of the plurality of data
groups.

Preferably, said quality selector comprises a slider operable to be moved

along a scale, the position of the slider on the scale indicating a quality level.

Brief Description of the Drawings

For a better understanding of the invention and to show how the same may
be carried into effect, reference will now be made, purely by way of example, to the
accompanying drawings, in which:

Fig. 1 is a generalized diagram showing a data source sending data to a series
of targets over a variable bandwidth network,

Fig. 2 is a generalized block diagram showing a first embodiment of the
present invention in which feedback concerning available bandwidth within a channel
is used to modify parameters governing compression of the datastream,

Fig. 3 is a generalized block diagram showing a second embodiment of the
present invention in which a series of compressed datastreams are continually created
and are selected for use in individual channels according to measured parameters of
the channel,

Fig. 4 is a generalized block diagram showing the channel manager and part
of a downlink manager of Fig. 3 in greater detail,

Fig. 5 is a generalized block diagram showing a third embodiment of the
present invention in which the user is able to set a quality level of the data that is
being sent,

Fig. 6 is a generalized schematic diagram of a quality level selection tool for
use by a user in selecting a quality level in the embodiment of Fig. 5, and

Fig. 7 is a generalized schematic diagram of another quality level selection

tool for use with the device of Fig. 5.
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Description of the Preferred Embodiments

Reference is now made to Fig. 1, which is a generalized diagram showing a
data source 10 sending data to a series of targets 12.1..12.n over a variable bandwidth
network 14. The network may be a cellular telephone network or the Internet or like
wide area data network or a combination. In both cases, the bandwidth of the data
network is variable. In all cases the larger the number of users the lower the
bandwidth per user, and radio-based networks may also suffer from reduced
bandwidth due to environmental conditions. Furthermore, in the case of cellular
telephone networks, events such as handover between two base stations may also
affect the available bandwidth.

Data is generally compressed before sending over the channel. The level of
compression may be preselected to accord with known or likely channel capabilities,
as described in the introduction. However such a solution has to concentrate on the
lower margins of available bandwidth and thus fails to make full use of higher
bandwidth levels when available. Conversely, solutions which send datastreams at
higher data rates and do not take the lower bandwidth levels into account lead to
unacceptable breaks and delays in performance at the receiving end.

Reference is now made to Fig. 2 which is a generalized block diagram
showing a first embodiment of the present invention in which feedback concerning
available bandwidth within a channel is used to modify parameters governing
compression of a datastream.

A multimedia datastream is received from a source 20 such as a host or
server. The datastream may be a video datastream and may be in uncompressed or
barely compressed format, for example AVI or MPEG1. The datastream is passed to
a compression unit 22 which compresses the data into a very low bit-rate stream using
compression parameters. A typical format that may be used for the very low bit-rate
stream is MPEG 4 which uses a system based on reference frames and delta frames to
compress the image part of the video data. H.263 is another typical format that may
be used. A video frame is selected as a reference frame and encoded in its entirety.
Then a series of subsequent frames are selected, but for each of these frames, the only
data that is encoded is that which has changed with respect to the previous frame.
The encoded changes form what is known as the delta frame.

Whichever of the available compression formats are used, compression is

governed by a series of parameters 24. This allows the compression level to be raised
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or lowered depending on the data rate required and the quality of picture desired. A
greater level of compression gives a lower quality of data at a lower data rate and a
lower level of compression gives a higher quality of data at a higher data rate.

In the embodiment of Fig. 2 a channel capacity measurement 26 is received
from a channel 28 over which the transmission occurs. The measurement may be
received from a receiving client who simply reports the received data rate. If the
received data rate is reported to be lower than the rate at which data is being sent then
it is assumed that data is being produced too fast for the channel and the parameters
24 are altered to increase the compression level until the data output rate is the same
as the channel rate. Conversely, if the data rate rises at the receiving end, the
parameters 24 may be altered to reduce the compression level and increase the output
data rate.

Reference is now made to Fig. 3, which is a generalized block diagram
showing a second embodiment of the present invention in which a series of
compressed datastreams are continually created and are selected for use in individual
channels according to measured parameters of the channel. Parts that are the same as
those mentioned in previous embodiments are given the same reference numerals and
are not referred to again except as necessary for an understanding of the present
embodiment,

In the embodiment of Fig. 3, an input datastream is received from a source 20
as before. The stream is passed to a channel manager 30, which compresses the input
datastream. However, instead of compressing it once only, it compresses it into a
plurality of output data streams, each one using different compression parameters so
as to produce a plurality of streams each having a different data rate. The various
streams are then passed to one or more downlink managers 32.1...32.n, each of which
is able to manage a limited number of channels 28 for sending output data to a limited
number of targets 34. Each target 34 is associated with a client 36, typically client
software located at the target 34, which is able to send back, to the downlink manager
32, feedback data such as the received channel rate.

The downlink manager 32 simply obtains the received channel rate from the
client 36 and mixes the various streams from the channel manager to produce an
average stream rate which matches the channel rate as closely as possible. For
example if the received channel rate is 39.5 kbits/sec and the downlink manager has
available a 35 kbits/sec stream and a 45 kbits/sec stream then the downlink manager
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will attempt to mix the two streams in suitable proportions to match the 39.5 kbits/sec
channel. Thus the target 36 may receive a continuous stream of data, the quality of
the channel influencing only the quality of the data and not the continuity.

It will be recalled that the compression systems in use include reference and
delta frame style compression. Such compression systems, when used to produce
streams at different data rates, do not produce delta frames which are interchangeable
between the different data rates. Thus in order to create streams that are
interchangeable, it is preferable to arrange all of the streams as a series of
self-contained packets of given time duration. Each of the packets is self-contained in
that it begins with a reference frame and hence does not depend on previously
transmitted data. Thus the target is able to use consecutive packets from different
streams without any data discontinuity.

The self-contained units are preferably of relatively short duration. The
shorter the duration the better the system is able to follow dynamically changes in the
bandwidth of the connection. On the other hand, since each unit must start with a
reference or key frame, and such frames are very costly in bandwidth since they must
be transmitted in full, the use of short self-contained units itself increases the required
bandwidth. A compromise unit length of less than ten seconds, preferably 3, 5 or 7
seconds, is preferred.

In an alternative embodiment the length of the self-contained unit is itself
allowed to vary dynamically in accordance with circumstances. When the downlink
manager 32 detects a significant change in the channel bandwidth it issues a request
for a new data rate from the channel manager 30. Alternatively, a new target may be
requesting the data feed. The channel manager 30 initiates a time delay when a first
request is received, the delay being less than ten seconds, as discussed above, and at
the end of the delay starts new self-contained units at all data rates. Thus dynamic
following of changes in bandwidth is provided whilst transmitting the minimum
possible number of key or reference frames. If no request is received, then the system
continues to use delta frames as long as it is practical.

In a variation of the above, instead of waiting to the end of the time delay, the
channel manager first of all looks ahead at the approaching data stream and checks
whether there is a reference frame approaching during the time delay period in any
case. If so, no further action is needed. If there is no reference frame then the

channel manager looks ahead to find the biggest delta frame, representing the biggest
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instantaneous change in the picture, over the delay time period. A reference frame is
then inserted in place of the identified largest delta frame. Thus, the insertion of a full
reference frame is optimized to the data.

Reference is now made to Fig. 4 which is a generalized block diagram
showing the channel manager 30 and a part of a downlink manager 32 of Fig. 3 in
greater detail. Parts that are the same as those mentioned in previous embodiments
are given the same reference numerals and are not referred to again except as
necessary for an understanding of the present embodiment.

As shown in Fig. 4, the channel manager 30 comprises a series of
compression units 40.1, 40.2, 40.3, etc. Each of these compression units is preferably
operative to compress an input signal received from source 20, using a different
compression parameter or set of compression parameters to produce an output having
a different data rate. Each compression unit is followed by a buffer 41. The buffer 41
may be used to arranged the compressed data into packets of fixed time duration.

The downlink manager 32 comprises a series of selector switches 42, one for
each channel being managed. For the sake of simplicity, only one such switch 42 is
shown in the figure. The switch 42 receives each one of the data streams produced by
the source 20 and selects one of them at any given time to be sent to the channel 28.
Selection is carried out based on a channel capacity measurement 44, which is
received from the client 36.

Reference is now made to Fig. 5, which is a generalized block diagram
showing a third embodiment of the present invention in which the user is able to set a
quality level of the data that is being sent. Parts that are the same as those mentioned
in previous embodiments are given the same reference numerals and are not referred
to again except as necessary for an understanding of the present embodiment. As
described above, compression parameters are altered in order to change the data rate.
Generally speaking, there are numerous parameters that can be set in order to alter the
data rate, and there are numerous combinations of these parameters that can give the
same data rate. For example, parameters that may be altered include:

the extent of image compression within an individual frame,

the number of frames per second to be transmitted,

the proportion of reference frames to delta frames, and

a balance between compression levels of different parts of the data — for

example video data includes both sound and image. It is possible to increase a level
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of compression to the image and to decrease a level of compression to the sound or
vice versa.

In Fig. 5, part of a channel manager 30 is shown as well as a switch 42 of a
downlink manager. In the channel manager of the embodiment of Fig. 5, a series of
data compressors 50 are provided for each required data rate. The data compressors
are labeled high, medium and low, although in fact they are different compromises
between compression parameters. For example "high" may indicate high image
quality but low frame rate, whereas "low" may indicate low image quality but high
frame rate. The selector switch 48 is the same as in the previous embodiment except
that it now chooses channels based on two different items of information. One item
of information is the received channel rate 44, which selects the data rate as before.
The other item of information is a data quality request which is received from the
target. This selects, within the given data rate, between the different quality levels.

Reference is now made to Fig. 6, which is a generalized schematic diagram of
a quality level selection tool 60 for use by a user in selecting a quality level in the
embodiment of Fig. 5. The selection tool 60 comprises a simple longitudinal bar 62
which may be marked with labels and numbers, and a slider 64 for moving along the
bar 62. The bar shown in Fig, 6 indicates that the user may select different
compromises between sound quality and image quality.

Reference is now made to Fig. 7, which is a generalized schematic diagram of
another quality level selection tool 70 for use by a user in selecting a quality level in
the embodiment of Fig. 5. The selection tool 70 is likewise in the form of a bar and
slider but this time the choice is between high quality images at a low frame rate
(marked "still") and low quality images at a high frame rate (marked "motion"). It
will be appreciated that a low bandwidth "high" may yield a lower image quality than
a high bandwidth "low" and vice versa.

Embodiments of the present invention thus provide a system and method in
which the measured received data level of a channel is used to select a transmitted
data rate so that full advantage may be taken of fluctuating channel capacity levels to
send the highest possible quality multimedia data.

It is appreciated that certain features of the invention, which are, for clarity,
described in the context of separate embodiments, may also be provided in

combination in a single embodiment. Conversely, various features of the invention
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which are, for brevity, described in the context of a single embodiment, may also be
provided separately or in any suitable subcombination.

It will be appreciated by persons skilled in the art that the present invention is
not limited to what has been particularly shown and described hereinabove. Rather
the scope of the present invention is defined by the appended claims and includes both
combinations and subcombinations of the various features described hereinabove as
well as variations and modifications thereof which would occur to persons skilled in

the art upon reading the foregoing description.
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Claims

1. A device for streaming of media file data to be sent over at
least one channel having a dynamically variable bandwidth, comprising

an input for receiving media file data at a first rate,

a multiple stream creator for creating a plurality of streams of said media file
data, each stream compressed to predetermined other rates, each stream comprising a
series of autonomous compressed data units which are mutually compatible, and

a stream selector for dynamically matching a bandwidth of the channel to
rates of said streams to send said data file as a combination of said autonomous units
from said streams via said channel,

wherein said autonomous units have durations which are one of a group
comprising fixed predetermined durations and durations determined by changes in

said channel bandwidth.

2. A device according to claim 1, wherein said stream selector is
operable to select a combination of said streams in succession said combination being
chosen to produce an average stream rate over a period of time which matches said

channel bandwidth.

3. A device according to claim 1, wherein said bandwidth of said
channel is liable to vary dynamically and wherein said stream selector is operable to

repeat said matching throughout said streaming operation.

E A device according to claim 2, wherein said bandwidth of said
channel is liable to vary dynamically and wherein said stream selector is operable to
repeat said matching throughout said streaming operation.

S. A device according to claim 1, wherein said autonomous units
match each other across said plurality of streams, thereby to enable switching between

said streams.

6. A device according to claim 5, wherein said data file is

arranged in said streams in a compressed media format utilizing reference frames and
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delta frames and wherein each autonomous unit is self-contained in respect of

reference frames.

7. A device according to claim 1, wherein said channel is a

cellular telephone channel.

8. A device according to claim 1, wherein said channel is an

Internet channel.

9. A device according to claim 1, said predetermined other rate

being different for each stream.

10. A device according to claim 1, said predetermined other rate
being identical for a set of said streams, each stream in said set being assigned a

different balance between quality and speed of said media.

11. A device according to claim 1, said media file comprising a
plurality of media types, said predetermined other rate being identical for a set of said
streams, each stream in said set being assigned a different balance between quality of

said different media types.

12. A device according to claim 10, said streams in said set being

selectable by a signal received from said channel.

13. A device according to claim 11, said streams in said set being

selectable by a signal received from said channel.

14. A device according to claim 1, comprising a detector for
detecting a change in the bandwidth of said at least one channel and operable to
request a corresponding change in the data rate, and wherein the device is operable,
upon receipt of said request, to set a delay, and to issue a reference frame within said

delay.
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15. A device according to claim 14, operable to issue said

reference frame at the end of said delay.

16. A device according to claim 14, operable to issue said
reference frame at the occurrence of a largest detected interframe change within the

time delay.

17. A multiple stream creator for receiving a data stream at a first
data rate and converting said data stream into a plurality of data streams at a plurality
of data rates, said creator comprising an input for receiving said data stream at said
first data rate, and a plurality of outputs, each operable to receive said data stream at
said first rate and to output said data stream at a ‘predetermined rate individually set
for each output as a series of autonomous units having a duration, and wherein said
duration is one of a group comprising a fixed predetermined duration and a duration
dynamically changeable in accordance with bandwidth conditions in a transmission
channel.

18. A multiple stream creator according to claim 17, wherein said

outputs each comprise data buffers.

19. A multiple stream creator according to claim 17, comprising a
data stream processor for processing said data stream received at said first rate into
said plurality of autonomous units, said autonomous units being synchronized blocks,
thereby allowing said output streams to be mixed in said transmission channel to

produce continuously usable output.

20. A multiple stream creator according to claim 17, wherein said
received data stream is in an uncompressed data format and wherein said data is
compressed into a compressed data format independently for each one of said output

data streams.

21. A method of sending a datastream over a variable bandwidth
channel comprising modifying a quantity of data to be injected into the channel to

accord with a measured capacity of the channel, said method comprising the steps of
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compressing the datastream, using an algorithm having compression
parameters, to produce a plurality of compressed datastreams each comprising
reference frames and delta frames, each compressed datastream produced by using the
algorithm together with different parameters, and |

synchronizing reference frames between the compressed datastreams so that

combinations of said compressed datastreams can be sent via said channel.

22. A method according to claim 21, wherein said step of
synchronizing reference frames is carried out at intervals determined by a dynamic

status of said channel bandwidth.

23. A method according to claim 21, wherein said step of

synchronizing reference frames is carried out at predetermined intervals.

24. A method according to claim 21, wherein said combination of
said compressed datastreams is selected substantially dynamically to match the

measured capacity of the channel.

25. A method according to claim 22, wherein a change in
bandwidth of a channel causes a request for commencement of a new autonomous
unit, and wherein said request causes initiation of measurement of a time delay, and

wherein a new autonomous unit is commenced within said time delay.

26. A method according to claim 25, wherein said new

autonomous unit is commenced at the end of said time delay.

27. A method according to claim 25, comprising the step of
determining the largest delta frame during the time delay and sending a reference
frame, to initiate said new autonomous unit, in place of said determined largest delta

frame.

28. A tool for controlling receipt of media file data over a

network, wherein said media file data is available at a plurality of quality levels, the
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tool comprising a quality selector to enable a user to select between said different

quality levels for receipt.

29, A tool according to claim 28, wherein said media file
comprises a plurality of data groups and wherein each quality level is a different

balance between quality levels of the plurality of data groups.

30. A tool according to claim 28, wherein said quality selector
comprises a slider operable to be moved along a scale, the position of the slider on the

scale indicating a quality level.

31. A device for streaming of media file data to be sent over at
least one channel having a dynamically variable bandwidth, substantially as

hereinbefore described with reference to the accompanying drawings.

32. A multiple stream creator for receiving a data stream at a first
data rate and converting said data stream into a plurality of data streams at a plurality
of data rates, substantially as hereinbefore described with reference to the

accompanying drawings.

33. A method of sending a datastream over a variable bandwidth
channel comprising modifying a quantity of data to be injected into the channel to
accord with a measured capacity of the channel, substantially as hereinbefore

described with reference to the accompanying drawings.

34. A tool for controlling receipt of media file data over a
network, substantially as hereinbefore described with reference to the accompanying

drawings.
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or a packet loss rate obtained from a receiver (104), and
a video encoder (102) including means for changing at
least one of a bit rate of transmission data and a error
resilience level according to the transmission condition.

105 104
/ 195 / 134
Network condition ) Network
determination / information ‘/\}
device receiver
—— 136
131 132 133
video inpit || / Encoded data
device >| Video encoder transmitter
N\ N\ N\
101 102 103

FIG. 1
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Description

[0001] The present invention relates to a data trans-
mission method for transmitting encoded moving/still
picture by using a wired communication network such
as ISDN (Integrated Services Digital Network) or a wire-
less communication network such as PHS (Personal
handy-phone System) or satellite communication and a
data transmission apparatus to which such method is
applied.

[0002] In recent years, with progress of digital encod-
ing technology of a variety of information such as image
and a broadband network technology, the development
of applications using these technologies becomes ac-
tive, and a system of transmitting compression-encoded
image by utilizing a communication network is devel-
oped.

[0003] For example, an input video signal is encoded
at a video encoder, the obtained encoded data is pro-
vided to an encoded data transmitter, and transmission
data is transmitted to a transmission channel. In this
way, a videc is encoded and transmitted. In recent
years, with the spread of Internet/Intranet, there has
been increased an application or system of transmitting/
receiving a packet of data. Providing data as a packet
is very effective means for efficiently sharing a band-
width of acommunication channel by a plurality of users.
[0004] Inthe meantime, as a protocol for transmitting/
receiving packet data via Internet/Intranet, there exists
TCP/IP (Transmission Control Protocol/Internet Proto-
col) or UDP/IP (User Datagram Protacol/Internet Proto-
col) and the like.

[0005] Among them, TCP/IP is an Internet standard
protocol. This protocol is applied as the world's best
known protocol to Intranet or LAN as well as Internet.
TCP works in a transport layer that is a fourth layer of
an OSl basic reference model, and IP works in a network
layer that is a third layer.

[0006] In addition, UDP/IP is one of the TCF/IP suite
transport layer protocols. TCP is a connection type pro-
tocol. UDP is a disconnection type protocol. As with
TCP, a host application is identified by using a port
number. This protocal is often used to carry short data
formonitor control of a network or real time oriented data
such as audio data or video data.

[0007] TCP/IP incorporates a frame such as retrans-
mission. Thus, this protocol is strong against errors or
the like. Even if a large amount of time is required, this
protocol is effective to download type applications if an
attempt is made to validly receive data. However, this
protocol is not powerful for applications requiring real
time properties.

[0008] In contrast, although UDP/IP does not have a
retransmission frame, a delay associated with retrans-
mission does not occur. Thus, this protocol is very ef-
fective to applications requiring real time processing.
[0009] Transmission of moving picture is exemplified
as a typical example of application requiring real time
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processing. However, in the case of general videc com-
munication, video data has a very large amount of data,
and overflows a network bandwidth in most cases. In
this case, a technique for encoding a video data signal,
and transmitting a reduced amount of data is used.
Techniques such as motion compensation, discrete co-
sine transform (DCT). sub-band encoding, pyramid en-
coding, and variable-length encoding or a combination
of these techniques are developed as compression-en-
ceding of a video signal.

[0010] As an international standard system for mov-
ing picture encoding, there are ISO MPEG-1, MPEG-2,
ITU-T H. 261, H. 262, and H. 263. In addition, as an in-
ternational standard system for multiplying an encoded
data stream having a speech/audio signal compressed
or other data, there are an ISO MPEG system, ITU-T H.
221, and H. 223.

[0011] Internet or the like is encompassed via an infi-
nite number of networks. Usually, no one knows which
network is used or what state is. In addition, an amount
of data flowing a network changes from time to time.
Thus, a system of judging what amount of data can be
communicated in a real time is required.

[0012] Therefore, with further advancement from real
time applications utilizing UDP/IP, there have been in-
creased in number applications using a packet format
called RTP (Real-time Transport Protocol) for adding
and transmitting time information or the like to a packet.
[0013] This RTP is a protocol for transferring audio
data signal or videc data signal ruled in RFC 1889 in
real time. Usually, data is carried on UDP (User Data-
gram Protocol). This protocal is assumed to be applied
to a multimedia system such as video conference, and
data can be exchanged in a real time interactive
scheme. However, the protocol has no sound quality or
picture quality assurance function. Sequential number
or time stamp data is assigned into an RTP header,
thereby supporting a read time operaticn.

[0014] RFC is an abbreviation of Request for Com-
ments, and denotes a document such as technical pro-
posal or comments disclosed by TETF {Internet Engi-
neering Task Force). Many de-fact standards such as a
variety of protocols of TCP/IP suite are described in
RFC.

[0015] By utilizing this RTP, time information and a
packet number are added to a packet, so that a receiver
can display a voice or image by using correct time infor-
mation, can determine a packet or the like whose order
is replaced in a network, and can detect that a packet is
lost by referring to a packet number.

[0016] Moreover, the RTP provides with a system
(RTCP) for notifying network state information such as
jitter or packet loss rate from a transmitter to a receiver.
[0017] However, how this RTCP information is utilized
depends on applications, and is not determined in
standards.

[0018] in addition, in the case of an image, a band-
width corresponding to video transmission cannot be al-
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located in a network bandwidth, thus making it neces-
sary to compress and deliver a video signal in an en-
coding system such as MPEG, as described previously.
Although this encoding system is effective in a de-
creased amount of data, the system becomes very frag-
ile to a packet loss or error entry by supplying data to
unstable Internet. This is because a moving picture en-
coding system transmits only a difference between a
current frame and a previous frame. Thus, partial data
missing causes a very serious problem. In the case of
using the UDP or RTP, data retransmission is not basi-
cally carried out. thus making it necessary to counteract
this problem.

[0019] There generally exist two modes in picture en-
coding, that is, one is an inter-frame encoding mode for
transmitting a difference between the current frame and
the previous frame and an intra-frame encoding mode
for carrying out encoding in one frame. in general, intra-
frame encoded pictures are provided at a proper timing,
and inter-frame encoded pictures are provided between
them. An interval between the frames encoded in an in-
tra-frame encoding mode is called a GOP (Group of Pic-
ture) interval.

[0020] When an encoded picture is missing during
transmission to the decoder, the decoded picture corre-
sponding to the missing encoded picture is destroyed.
Thereafter, the intra-encoded pictures following the
missing encoded picture are decoded based on the de-
stroyed picture. Thus, all the subsequent decoding pic-
tures are affected by the destroyed picture, and decod-
ing cannot be carried out correctly. Therefore, an intra-
frame encoded picture is inserted in the way of a stream
of frames to cut off a propagation of missing error and
recover adequate decoding.

[0021] In a conventional technology, it can determine
that errors occur in a network. However, how to utilize
the determination result has been unknown. Also, a sys-
tem for notifying the network information to the transmit-
ter in an unique format is conceived. However, the sys-
tem is based on the specification of associated applica-
tions and lacks a general-purpose use. The system re-
ceives fransmission data using an information receiver,
and controls a video encoder within a range of the infor-
mation received from the network via a transmission
channel.

[0022] A conventional network condition determina-
tion is conceived on assumption of network congestion.
However, since Internet is popularized in mobile envi-
ronment, it is required to consider an error or the like in
wireless environment. Current technique does not as-
sume countermeasures against such error.

[0023] Further, in the case of dealing with the error, a
case in which a network condition changes, and an error
rate is not constant is not considered. If a short GOP
interval is set in order to counteract a case in which er-
rors frequently occur, the intra-frame encoding increas-
es resulting in impairing the encoding efficiency. When
errors cceur frequently qualitatively, it may be required
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to establish such state in which such errors occur fre-
quently. However, in the case of a network in which an
error hardly occurs in a normal state, and an error occurs
only at one moment, this setting is very wasteful. Con-
versely, when a long GOP interval is set, it is trouble-
some that a great influence occurs when an error oc-
curs.

[0024] Thus, a real time transmission using RTP is
noted. As described above, by utilizing the RTP that is
aprotocol fertransferring audio data signal or video data
signalin realtime, time information and a packet number
are added to a packet, whereby the receiver can display
a voice or image by using correct time information, can
determine a packet or the like whose order is replaced
in & network, or can detect that a packet is lost by refer-
ring to a packet number.

[0025] Moreover, at the RTP, there is provided a sys-
tem (RTCP) for notifying network state information such
as jitter or packet loss rate from the transmitter or re-
ceiver.

[0026] it is an object of the present invention to pro-
vide a data transmission apparatus and method capable
of adjusting a transmission rate by using the RTP char-
acteristics in accerdance with a transmission state of a
transmission channel based on notification of network
state infermation such as jitter or packet loss rate, ob-
tained frem the receiver in the transmitter or capable of
carrying out controls such as changing error resilience,
thereby making it pessible to efficiently transmit data to
the maximum, and fully utilize transmission that requires
real time properties.

[0027] According to an aspect of the invention, there
is provided a data transmission apparatus thattransmits
transmission data from a transmitter to a receiver via a
transmission channel, comprising: an estimation device
cenfigured to estimate a transmission condition of the
transmission channel in the transmitter based on at least
Jitter information or a packet loss rate obtained fromthe
receiver; and a controller configured to change at least
one of a bit rate of transmission data and a error resil-
ience level according te the estimated transmissioncon-
dition.

[0028] According to another aspect of the invention,
there is provided a data transmission method compris-
ing: estimating a transmission condition of the transmis-
sion channel in the transmitter based on at least Jitter
information or a packet loss rate obtained from the re-
ceiver: and changing at least one of a bit rate of trans-
mission data and an error resilience level according to
the estimated transmission condition.

[0029] According to another aspect of the invention,
there is provided a data transmission program stored on
a computer readable medium, comprising: instruction
means for instructing a computer to estimate a trans-
mission condition of the transmission channel in the
transmitter based on at least Jitter information or a pack-
et loss rate obtained from the receiver; and instruction
means for instructing the computer to change at least
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one of a bit rate of transmission data and a error resil-
ience level according to the estimated transmission con-
dition.

[0030] This summary of the invention does not nec-
essarily describe all necessary features so that the in-
vention may also be a sub-combination of these de-
scribed features.

[0031] The invention can be more fully understood
from the following detailed description when taken in
conjunction with the accompanying drawings, in which:

FIG. 1 is a view showing a basic configuration of a
data transmission apparatus according to a firstem-
bodiment of the present invention;

FIG. 2 is a view showing another configuration in
the present embodiment;

FIG. 3 is a view showing a configuration of a net-
work condition determination device in the present
embodiment;

FIG. 4 is a view showing a configuration of a video
encoder in the present embodiment;

FIG. 5 is & view showing a configuration of an en-
coded parameter determining device in the present
embodiment;

FIG. 6 is a view showing a basic configuration of a
data transmission apparatus in a second embodi-
ment of the present invention;

FIG. 7 is 2 view showing a configuration of an en-
coded data switch device in the present embodi-
ment;

FIG. 8 is aview lllustrating a timing of encoded data
switching at an encoded data switch device in the
present embodiment;

FIG. 9 is a view illustrating a timing of switching en-
ceded data with its different frame interval atthe en-
coded data switch device in the present embodi-
ment;

FIG. 10 is a flow chart showing a basic example of
the network condition detemmination method at the
network condition determination device in the first
embodiment of the present invention;

FIG. 11 is a flow chart showing a basic example
when a delay is forced to occur by using the network
cendition determination method at the network con-
dition determination device in the first embodiment
of the present invention;

FIG. 12 is a flow chart showing a basic example
considering a time direction change with the net-
work condition determination method at the network
conditicn determination device in the present em-
bodiment;

FIG. 13 is a view showing an exemplary configura-
ticn according to a third embodiment of the present
invention;

FIG. 14 is a flow chart showing an example of a
GOP interval calculation method at a GOP interval
calculator in the present embodiment;

FIG. 15 is a flow chart showing another example of
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a GOP interval calculation method at a GOP interval
calculator in the present embodiment; and

FIG. 16 is a flow chart showingstill another example
of a GOP interval calculation method at a GOP in-
terval calculator in the present embodiment.

[0032] Hereinafter, embodiments of the present in-
vention will be described with reference to the accom-
panying drawings.

[0033] The present invention utilizes RTP or RTCP
that is a protocol for transferring audio data signal or
video data signal in real time. The transmitter performs
controls such as adjusting a transmission rate or chang-
ing error resilience in accordance with a transmission
state of a transmission channel based on notification of
network state information acquired from the receiver
such as jitter (Jitter information) or packet loss rate. In
this manner, data transmission can be carried out effi-
ciently to the maximum. Hereinafter, embodiments of
the present invention will be described in detail.

(First Embodiment)

[0034] FIG. 1 shows a basic configuration of an image
transmission apparatus according to a first embodiment
of the present invention. In FIG. 1, a video signal 131
input from an image input device 101 is processed to be
encoded. Thatis, an encoded data transmitter 103 proc-
esses encoded data 132 that has been encoded by a
video decoder 102 in the form which conforms to a net-
work, and transmits the encoded data to a receiver. A
network information receiver 104 receives network in-
formation 134 delivered from the receiver, and outputs
the received information to a network condition determi-
nation device 105. This network condition determination
device 105 has a function that determines a network
condition from network information 135 output frem the
network information receiver 104, and notifies the result
as network condition information 136 to the video en-
coder 102.

[0035] The video encoder 102 encodes the video sig-
nal 131 using the network condition information 136.
This encoding is carried out as follows. That is, in the
case of RTP or RTCP, a packet loss rate or Jitter infor-
mation is provided to the network condition determina-
tion device 105. The network condition determination
device 105 determines that, if a packet loss rate is not
"0" or if a delay time is longer than a predetermined val-
ue, any load is applied to a network, and a presumed
amount of data cannot be supplied. Then, the network
condition determination device 105 is configured so as
to carry out processing so as to issue an instruction (net-
work condition information 136) for lowering a bit rate to
the video encoder 102, and to lowly set a target bit rate
in encoding.

[0036] According to the thus configured apparatus,
when the video signal 131 is inputted from the image
input device 101, the inputted video signal 131 is encod-
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ed by the video encoder 102. Encoded data 132 encod-
ed by the video enceder 102 is inputted to the encoded
data transmitter 103.

[0037] The encoded data transmitter 103 processes
the encoded data in the form suitable to a netwerk, and
receives the processed data to a receiver. The network
information receiver 104 receives the network informa-
tion 134 delivered from the receiver. and outputs the re-
ceived information to the network condition determina-
tion device 105.

[0038] The network condition determination device
105 determines a netwerk condition frem the network
information 135 outputted from a network information
receiver, and notifies the result as the network condition
information 136 to the video encoder 102.

[0039] The video encoder 102 encodes the video sig-
nal 131 using the thus notified network condition infor-
mation 136.

[0040] FIG. 10 shows a very simple example of a
method for determining a network condition at the net-
work condition determination device 105 by way of
showing a flow chart.

[0041] Accordingto this flow chart, at the step S1001,
a packet loss rate of network information is checked to
see if the rate is "0" or not. As the result of this check, if
the packet loss is not "0", an effective bit rate is calcu-
lated from the packet loss rate in accordance with the
step S1002. This bit rate can be calculated by formula
(1) shown belcw.

b'=bx (1-1 ™)

where "b" denotes a current bit rate, b’ denotes a
new bit rate, and "t" denotes a packet loss rate.
[0042] Next, at the step S1003, a parameter (encod-
ing parameter) obtained at the step S1002 is notified to
the video encoder 102. Here, the above parameter is
used to determine a rate control or error resilience level
for encode processing at the image encoder 102. This
parameter is also used for adjustments such as adjust-
ing and controlling the encode processing speed of the
inputimage signal 131 to this parameter, thereby chang-
ingabitrate, a frameinterval. oran errorresilience level.
[0043] On the other hand, at the step S1001, when
the packet loss rate is "0", no parameter change occurs
at the step S1004. This determination method is provid-
ed as a mere example. Itis possible to employ any other
method for obtaining a bit rate based on a case in which
the criterion of the step S1001 is determined by thresh-
olds without being set to "0" or others or based on a for-
mula other than the above formula (1).
[0044] Therefore, according to the first embodiment,
even when a transmission network bandwidth is un-
known or when the bandwidth changes halfway, it is
possible to reset a parameter or the like based on the
receiver's network information, and then, encode and
transmit an image in accordance with the parameter

10

15

20

25

30

35

40

45

50

55

suitable to a current network. In this manner, evenin the
case of a network congestion, although a bit rate is au-
tomatically lowered, and an image quality is lowered, it
is possible to communicate an image without an occur-
rence of a phenomenon that an image is destroyed due
to such packet loss. This methed is very effective in im-
age transmission in real time.

[0045] The first embodiment can be carried out by
meodifying it as follows. For example, as shown in FIG.
11, a method other than that shown in FIG. 10 is em-
ployed as a method for determining a network condition
at the network condition determination device 105. That
is, in the flow chart shown in FIG. 10, a parameter is set
at only a packet loss rate. In contrast, in the method
shown in FIG. 11, even when no packet loss occurs at
the step S1104, a delay quantity is checked. As a result
of this check, if a delay occurs in excess of a predeter-
mined value, it is determined that a network is congest-
ed. When it is determined that a network is congested,
a bit rate is calculated, and a new parameter is set by
using formula (2) below, for example, at the step S1105.

b' = b ¥ [(TN-TS)+(d-dth)}/(TN-TS) )

where "b" denotes a delay time, b' denotes a new
bit rate, TN denotes a current time, TS denotes a start
time, "d" denotes a delay time, and "dth" denotes delay
time thresholds.
[0046] FIG. 2 shows an example when the network
condition determination device 105 is provided with a
function for generating the network condition informa-
tion 136 so as to provide the information to the image
encoder 102 by extending the configuration shown in
FIG. 1.
[0047] According to a configuration shown in FIG. 2,
the network condition determination device 105 is pro-
vided with & function for acquiring a current parameter
atthe currentimage encoder 102 and a function for gen-
erating the network condition information 136 on what
parameter should be set next from the thus acquired
current parameter and network information 135, thereby
providing the parameter to the image encoder 102.
[0048] In the case of this construction, the network
condition determination device 105 can recognize a
state of a video parameter, i.e., a state of the encode
processing currently done at the video encoder 102,
thus making it possible for the network condition deter-
mination device to calculate and grasp a bit rate or the
like. This construction is advantageous in the case of
determining a network condition by comparing the net-
work information 135 with parameter information 137.
Thus, a system is realized which is capable of changing
a parameter so as to set an optimal bit rate in accord-
ance with the netwerk condition, and providing the pa-
rameter to the video encoder 102, thereby adjusting the
encode processing.
[0049] in this way, according to the present invention,
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transmission is adjusted in accordance with a transmis-
sion state of a transmission channel or error resilience
is changed. The transmission state is adjusted by
changing a bit rate or changing a frame interval. With
respectto achange in quality of a transmission channel,
the error resilience is changed according to the trans-
mission state of the transmissicn channel (for example,
the error resilience is changed by changing an interval
of an MPEG4 synchronous signal). Therefore, data
transmission can be carried out efficiently to the maxi-
mum, thereby enabling data transmission that makes it
possible to fully utilize transmission requiring real time
processing.

[0050] FIG. 3 shows a configuration when the config-
uration shown in FIG. 2 is further developed. This net-
work condition determination device 105 comprises a
network information storage device 301 that stores past
network information and an encoded parameter infor-
mation storage device 302 that stores encoded param-
eter information supplied to the current video encoder
102. A network condition determination device 303 rec-
ognizesthe past network information and the current en-
coded parameter from these elements, decides an
elapse of time in network condition from these elements
to determine an optimal parameter assigned to the video
encoder 102, and provides the parameter to the video
enceder 102,

[0051] With this construction, it is possible to deter-
mine a network condition more accurately by referring
to an elapse of time relevant to network information.
FIG. 12 shows a flow chart of a network condition de-
termination method in the case of using this system.
Processing at the network condition determination de-
vice 303 will be described in accordance with this flow
chart. First, the netwoerk condition determination device
303 determines whether or not packet loss is "0" at the
step S1201. As a result of this determination, when the
packet loss is present, it is determined by the step
S1202 whether or not the past packet loss occurs. As a
result, when the past packet loss occurs, the loss rate
is compared with the current rate. If the current packet
loss rate is higher than the past packet loss rate, it can
be determined that the past cerrection has been invalid.
[0052] Itis understood from this determination thatthe
bandwidth overflow of transmission data such as net-
work congesticn is not troublesome, but a possibility that
a noise or the like occurs cver a channel resulting in
destroying is high. Therefore, the network condition de-
termination device 303 does not change a bit rate at the
step S1204, and carries out parameter setting to ensure
reliable error correction, and notifies the fact to the video
encoder 102 at the step S1205.

[0053] If the current packet loss rate is lower than the
past packet loss rate at the step S1203, the network con-
dition determination device 303 determines that the past
change works efficiently, and re-calculates a valid bit
rate from the packet loss rate at the step S1206. When
the past packet loss dees not occur at the step S1202,
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the last loss is determined as a channel noise, and
processing goes to the step S1204.

[0054] Onthe otherhand, when no packetloss occurs
at the step S1201, the network condition determination
device 303 checks a delay quantity at the step S1207.
As aresult, when the delay quantity exceeds thresholds
“Th", a valid bit rate is calculated from the delay quantity
at the step S1208, and the calculation result is notified
to the video encoder 102 at the step S1205.

[0055] Lastly, when the delay quantity does not ex-
ceeds the thresholds "Th", the network condition deter-
mination device 303 determines that successful com-
munication is established, and does not change a pa-
rameter at the step S1209.

[0056] By causing the network condition determina-
tion device 303 to carry out such processing, the net-
work condition determination device 105 can have a
function capable of determining whether a packet loss
occurs on a transmission channel due to network con-
gestion or whether a noise is generated, and the loss
occurs due to the impairment of a channel state such as
radio equipment.

[0057] This function is provided as a mere example.
For example, when the past packet loss does not occur
at the step S1202, a control for lowering a bit rate may
be made by determining network congestion instead of
determination of noise. If the current packet loss rate is
improved more remarkably than the past packet loss
rate at the step S1203, similar parameter change may
be made after checking how the past change has been
made. In this way, in this system, a variety of detemi-
nation systems can be set according to a network.
[0058] in the foregoing, although there has been
shown an example in which the video encoder 102 car-
ries out encode processing based on encoded param-
eters determined and assigned at the network condition
determination device 105, a configuration for the video
encoder 102 to determine a parameter can be provided
without being limited to the network condition detemmi-
nation device 105. An example is shown in FIG. 4.
[0058] FIG. 4 is ablock diagram depicting an inclusive
configuration when the video encoder 102 determines
an encoded parameter. In the case of this example, the
video encoder 102 comprises an encoded parameter
determination device 401 and a signal processor 402.
[0060] In the case of this configuration, the network
condition determination device 105 is configured to out-
put the network condition information 136 from the net-
work condition determination device 303, and then, pro-
vide the information to the video encoder 102.

[0061] in such a configuration, the network condition
determination device 105 provides the network condi-
tion information 136 delivered from the network condi-
tien determination device 303 to the video encoder 102.
Then, the video encoder 102 first inputs the network
condition information 136 to an encoded parameter de-
termination device 401. Then, the encoded parameter
determination device 401 recognizes a network condi-
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tion from this network condition information 136, and
generates an encoeded parameter 431 in the form suit-
able to the network condition.

[0062] Thethus generated encoded parameter431 is
inputted to a signal processor 402, Then, this signal
processor 402 encodes the video signal 131 inputted
from the video input device 101 by using this encoded
parameter 431.

[0063] Encoding information 432 such as the number
of encoded bits after encodingis inputted to the encoded
parameter determination device 401, and is used forthe
next encoded parameter determination. Encoded data
132 encoded at the signal processor 402 is output to the
encoded data transmitter 103.

[0064] FIG. 5 is a block diagram depicting a configu-
ration including a intra-frame encoding determination
device 501 that forcibly sets intra-frame encoding at the
encoded parameter determination device 401 shown in
FIG. 4. As shown in the figure, the encoded parameter
determination device 401 comprises an intra-frame en-
coding/determination device 501 and an encoded pa-
rameter determination device 502.

[0065] In the case of this configuration, the network
condition information 136 outputted from the network
condition determination device 105 is input to the en-
coded parameter determination device 502 possessed
by the encoded parameter determination device 401.
Then, encoded parameter information 531 correspond-
ing to the network condition information 136 is output
from the encoded parameter determination device 502.
[0066] The encoded parameter information 531 is in-
put to the intra-frame encoding determination device
501, and it is determined whether inter-frame encoding
is carried out as is or intra-frame encoding is forcibly
carried out. When it is determined as intra-frame encod-
ing, the encoding parameter information 531 is updated
so as lo carry out intra-frame encoding. and is output as
the encoded parameter information 431 to the signal
processor 402 of the video encoder 102.

[0067] By doing this, even ifthe past data is not trans-
mitted correctly to a receiver, when the data can be re-
ceived correctly after parameter change, a correct im-
age can be reproduced.

[0068] It is possible to configure a video encoder ca-
pable of determining a network condition, which has
functions of the video encoder 102 and network condi-
tion determination device 105, thereby making it possi-
ble to provide the previously described function in one
block.

[0069] The encoded parameter determination device
401 or network condition determination device 105
makes determination concerning the next encoded pa-
rameter setting. However, if a picture quality is changed
suddenly due to temporary instability of network, an un-
clear picture may be produced. In order to suppress
such a phenomencn, it is possible to incorporate a
mechanism in which a change in encoded parameler is
suppressed within its predetermined range. Inthe above
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described circumstance, this mechanism functions effi-
ciently.

[0070] Although a bit rate or an error resilience pa-
rameter may be set as its calculated value, it is possible
to employ a methed of predetermining some patterns,
and then, selecting the closest pattern from among
them. Further, instead of the closest pattern, it is possi-
ble to make a selection of the closest bit rate which is
lower than the calculated bit rate. This makes it possible
to prevent the generation of a video image with its un-
expected image quality due to acombination of a variety
of parameters, and makes it possible to prepare a com-
bination of encoded parameters that have been tested
to some extent.

[0071] intheforegoingexample, when the packetloss
rate is not "0" or when a delay exceeds the thresholds,
there has been made a control such that parameters
such as bit rate or error resilience are changed, and the
changed is reset to that suitable to the current state.
[0072] However, after recovery of a network condi-
tien, when no packet loss occurs or when a small delay
occurs, it is possible to make a control for increasing a
bit rate or decreasing an error resilience parameter.
[0073] Theforegoingexample willbe described below
according to a second embodiment.

(Second Embodiment)

[0074] FIG. 6is a view showing a basic configuration
of an image transmission apparatus according to the
second embodiment of the present invention. The im-
age transmission apparatus shown in FIG. 6 comprises
a plurality of media 601, an encoded data switch device
602, an encoded data selector 603, an encoded data
transmitter 103, a network information receiver 104, and
a network condition determinaticn device 105.

[0075] The storage media 601 are used to store en-
ceded data 831 on contents that have been encoded in
advance. The storage media 601 each store encoded
data on the same contents encoded by different encod-
ed parameters, respectively.

[0076] The encoded data switch device 602 selects
one of a plurality of storage media 601, and provides
encoding data 631 stored in the thus selected storage
medium 601 to the encoded data transmitter 103. A se-
lection of the storage media is carried out in accordance
with switch information 632 from the encoded data se-
lector 603.

[0077] The network information receiver 104 has a
function that receives network information 134 such as
packet loss rate or Jitter information delivered from a
receiver or a network, and provides the received infor-
mation as natwork information 135 to the network con-
dition determination device 105.

[0078] The network condition determination device
105 determines a network condition from the input net-
work information 135, and outputs the result as network
cendition information 136 to the encoded data selector
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603. The encoded data selecter 803 has a function for
estimating, from this network condition information 138,
which of the encoded data on encoding parameters is
optimal to the current network, and then, outputting to
the encoded data switch device 602 the switch informa-
tion 832 used for switching in order to select encoded
data caused by the estimated optimal encoding param-
eter as an output.

[0079] The encoded data swilch device 602 selecls
one item of encoded data fromamong the input encoded
data 631, and outputs encoded data 132.

[0080] With such a configuration, the encoded data
631 encoded in advance and store in the storage medi-
um 601 or the like is input to an encoding data switch
device 602 when the data is reproduced from the stor-
age medium 601. That is, respective encoded data en-
coded by the differential encoding parameters are main-
tained in a plurality of storage media 601. As a result of
reproducing these items of data, the encoded data en-
coded by the different encoding parameters, respective-
ly, is inputted. The encoded data switch device 602 se-
lects one from among these items of data, and outputs
it to the encoded data transmitter 103.

[0081] This selection is carried out in accordance with
switch information 632 from the encoded data selector
603.

[0082] On the other hand, netwerk information 134
such as packet loss rate or Jitter infermation from a re-
ceiver is received at the network information receiver
104, and then, the received information is delivered to
the network condition determination device 105. The
network condition determination device 105 determines
a network condition from the inputted network informa-
tion 135, and outputs the result as network cendition in-
formation 136 to an encoded data selector 603.

[0083] The encoded data selector 603 estimates,
from the network condition information 136, which of the
encoded data of the encoding parameters is optimal 1o
the current network, and outputs the switch information
632 to the encoded data switch device 602.

[0084] The encoded data switch device 602 selects
one item of the encoded data from among the input en-
coded data 631, and outputs encoded data 132.
[0085] The present embodiment will be described by
way of a specific example.

[0086] Now, assume that there exist five storage me-
dia 601a to 601e each having stored therein five items
of encoded data encoded at 384 kbps, 128 kbps, 64 kb-
ps, 32 kbps, and 16 kbps.

[0087] Thatis, for example, a storage medium having
stored therein encoded data on contents encoded at
384 kbps is defined as a storage medium 601a; a stor-
age medium having stored therein encoded data on
contents encoded at 128 kbps is defined as a storage
medium 601b; a storage medium having stored therein
encoded data on contents encoded at 64 kbps is defined
as a storage medium 601c; a storage medium having
stored therein encoded data on contents encoeded at 32
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kbps is defined as a storage medium 601d; and a stor-
age medium having stored therein encoded data on
centents encoded at 16 kbps is defined as a storage me-
dium 601e.

[0088] in the case of using a transmission channel
having its quality capable of being transmitted at 384
kbps, first, reproduced encoded data is selected by the
storage medium 601a that is a storage medium having
stored therein encoded data on contents encoded at
384 kbps; transmission is started at 384 kbps, and re-
ception of network information from the receiver starts
at the same time.

[0089] Although network information is received at a
predetermined interval, if a problem occurs with a net-
work based on the received information, a valid bit rate
is calculated at a stage at which a packet loss or delay
occurs. The encoded data selecter 603 selects encoded
data on a bit rate close to the calculated bit rate, and the
encoded data switch device 602 switches and transmits
the selected data.

[0090] For example, the calculated bit rate is 140 kb-
ps, a value close to this bit rate is 128 kbps. In this case,
the above switch device selects and switches encoded
data reproduced from the storage medium 601b having
stored therein encoded data on contents encoded at
128 kbps. In addition, if the calculated bit rate is 100
kbps, a value close to a bitrate lower than the calculated
bit rate is 64 kbps. In this case, the switch device selects
and switches encoded data reproduced from the stor-
age medium 601c having stored therein encoded data
on contents encoded at 64 kbps.

[0091] in this way, in the present embodiment, con-
tents are prepared after encoded in advance for type of
transmission bit rate, and a current optimal transmission
rate is obtained based on network information such as
packet loss rate or Jitter information from a receiver that
is afunction possessed by RTP. A storage medium hav-
ing stored therein encoded data obtained at the bit rate
corresponding to this transmission rate is selected by
the switch 602, and reproduced encoded data output of
the storage medium is transmitted. In this manner, there
is no need for a server to carry out encode processing
in real time, making it possible to reduce a load cn the
server. This is very effective in distributing a pre-pro-
duced video such as broadcast in particular.

[0092] Now, a modified example of the second em-
bodiment will be described here. FIG. 7 is a block dia-
gram depicting a method for carrying out control fer a
switch timing of encoded data to be inputted at the en-
ceded data switch device 602,

[0093] Encoded data 631 is inpulted to the switching
position detecting device 701 and a switch device 702.
Switch information 632 is inputted to the switching po-
sition detecting device 701. If there occurs a need to
execute switching from the current encoded data to the
other encoded data according to the switch information
632, the switching position detecting device 701 analyz-
es encoded data, and detects a switching enable posi-
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tion.

[0094] This means that a search is made for a frame
encoded by intra-frame encoding (I-Picture).

[0095] When the switching enable position is set, an
instruction for switching encoded data is supplied to the
switch device 702 by using the switching instruction in-
formation 731, FIG. B shows an example of this instruc-
tion. Assume that encoded data A is currently selected,
and there occurs a need to execute switching to encod-
ed data B according to the switch information 632.
[0096] At this stage, assume that a frame is proc-
essed at the time of "switching instruction" shownin FIG.
8. In such a case, if encoded data is switched, an un-
matched image occurs. This is because a difference
from the previous image is encoded in intra-frame en-
coding (P-Picture). Therefore, if encoded data is
switched at the time of P-Picture, an attempt is made to
reproduce the next picture (picture P11 of encoded data
(B)) by using immediately preceding picture (decoded
picture 111 of encoding data (A)). This provides a prob-
lem that a correct decode picture cannot be obtained,
and a picture is destroyed. Thus, there occurs a need
to execute switching at a timing of a picture of intra-
frame encoding (I-Picture) undergoing encoding by that
frame only. Thistiming is defined as a timing at a position
marked with "execute switching".

[0097] As in FIG. 9, a case in which the number of
frames or time position differs depending on encoded
data is considered. In this case as well, a switching en-
able position of encoded data at a swilching destination
is detected, and switching of encoded data is executed
when the switching enable position is set.

[0098] At the switching position detecting device 701
shown in FIG. 7, when a need to execute switching ac-
cording to the switch information 632 occurs, it is pos-
sible to employ a method for temporarily stopping an
output 132 to the encoded data transmitter 103, and
then, outputting new encoded data toc the encoded data
transmitter 103 at a stage at which the switching position
is set.

[0099] This method is effective when it is necessary
to suppress a buffer overflow or the like by switching
encoded data. When an underflow is problematic, a
stuffing bit is forcibly inserted, thereby making it possible
to counteract such an underflow.

(Third Embodiment)

[0100] Now, a third embodiment according to the
present invention will be described here.

[0101] The present embodiment describes an exem-
plary configuration of an encoding parameter determi-
nation device 401 of the video encoder 102 shown in
FIG. 4 according to the first embodiment when a time
interval (GOP interval) between frames encoded in ain-
tra-frame enceded mode is adjusted based on the net-
work condition information 136 outputted from the net-
work state determination device 105. Here, a descrip-
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tien will be given by focusing on differences from the first
embodiment.

[0102] FIG. 13 shows an exemplary configuration of
the encoding parameter determination device 401. This
device comprises a GOP interval calculator (GOP inter-
val calculator) 1501 and an encoding parameter deter-
mination device 502,

[0103] The network condition information 136 output-
ted from the network condition determination device 105
(including at least packet loss rate information) is input
to an encoding parameter determination device 502.
The parameter determination device 502 inputs packet
loss rate information 1531 of the network condition in-
formation 136 to the GOP interval calculator 1501. The
GOP interval calculator 1501 calculates a GOP interval
from the packet loss rate information 1531. The GOP
interval information 1532 is notified to the encoding pa-
rameter determination device 401. The encoding pa-
rameter determination device 401 outputs encoding pa-
rameter information 431 that contains the inputted GOP
interval infermation 1532. When internally generated
parameter information exists, the encoding parameter
determination device 401 outputs GOP interval informa-
tion 1532 and encoding parameter information 431 that
centains the internally generated parameter informa-
tien.

[0104] FIG. 14 shows an example of a method for de-
termining a GOP interval at the GOP interval calculator.
[0105] Atthe step S1601, itis determined whether or
not a packet loss occurs from the network condition in-
formation 136. When such a packet loss occurs, the
GOP interval is estimated by formula (3) below, for ex-
ample, at the step S1602.

Gop = (TN - TU/A(FN - FL) x r} 3

where "gop" denotes a GOP interval, "r* denotes
a packet loss rate, FN denotes a total number of current
frames, FL denotes a total number of frames during past
calculation, TN denotes a time, and TL denotes a time
during past calculation.
[0106] The GOP interval obtained at the step S1602
is notified to the signal processcor 402 at the step S1603,
and encoding is carried out based on the notified value.
[0107] On the other hand, when no packet loss has
occurred at the step S1601, the default GOP thresholds
are read out at the step S1604. At the step S16083, this
value is notified to the signal processor 402.
[0108] Accordingtothe present embodiment, itis pos-
sible to change dynamically the GOP interval to a value
suitable te a network. In this manner, when a small
number of errors occur, the GOP interval is increased,
thereby making it possible to reduce wasteful intra-
frame encoded modes in number. In contrast, when a
large number of errors occur, the GOP interval is de-
creased, and a frame in the intra-frame encoded mode
appears quickly. thereby making it possible to acceler-
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ate recovery. In the present embodiment, it is possible
to efficiently select an intra-frame encoded mede.
[0109] FIG. 15 shows ancther example of a method
for determining a GOP interval at the GOP interval cal-
culator in accordance with a flow chart.

[0110] Inthis example, even when packet loss is few-
erthan that in the system shown in FIG. 14, the network
condition is estimated from the past history of packet
loss at the step §1704, and an optimal GOP interval is
calculated. This technique makes it possible to estimate
whether a network is completely free of an error or an
error may occurs by checking the past history instead
of resetting the GOP interval to the default value by de-
termining that no packet loss occurs at one moment. In
this manner, it is possible to determine the network con-
dition more accurately.

[0111] FIG. 16 shows still another example of a meth-
od for determining a GOP interval at the GOP internal
calculator in accordance with a flow chart.

[0112] In this example, the GOP interval is deter-
mined by a unique calculation system instead of deter-
mination based on the presence/absence of a packet
loss. This system can be used to determine the GOP
interval from the current packet loss rate in accordance
with a single formula or to determine the most suitable
GOP interval by checking the past history.

[0113] The following formula (4) shows an example of
calculation formula for determining the GOP interval.

Gop = [(TN - TLA(FN - FL) X 1}]] X « 4)

where "gop" denotes a GOP interval, "r" denotes
a packet loss rate, o denotes a sensitivity coefficient,
FB denotes a total number of current frames, FL de-
notes a total number of frames during past calculation,
TN denotes a currenttime, and TL denotes a time during
past calculation.
[0114] In this example, the GOP interval calculated
from an actual value is multiplied by a sensitivity coeffi-
cient, thereby making it possible to meet a requirement
for accelerating recovery by sacrificing efficiency or a
reguirement when one does not take care even if an ef-
fect of error is somewhat extended. For example, if the
sensitivity coefficient & is set to be smallerthan 1,a GOP
interval which is smaller than that calculated from an ac-
tually measuredvalue is output. In this manner, although
the efficiency is sacrificed, when an error occurs, it is
possible to estimate faster recovery.
[0115] The present embodiment is not limited to for-
mulas (3) and (4). Forexample, in these formulas, a val-
ue is calculated by using an increment during past cal-
culation and subsequent, it is possible to calculate the
value by taking a margin such as the n preceding incre-
ment. In this manner, it is possible to cope with a gradual
change hidden in a change in detailed state or to elimi-
nate a temporal change to some extent. Similarly, algo-
rithms are not limited to those shown in the present em-
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bodiment.

[0116] The foregoing embodiment has described an
exemplary configuration when a time interval (GOP in-
terval) is adjusted, the time interval being between the
frames encoded in the intra-frame encoded mode based
on the network condition information 136 at the encod-
ing parameter determination device 401 of the video en-
coder 102 shown in FIG. 4 according to the first embod-
iment. Alternatively, there can be provided a configura-
tion in which the network condition determination device
105 according to the first embodiment (FIGS. 1, 2, or 3)
detemmines atime interval (GOP interval) encodedinthe
intra-frame encoded mode based on information from
the network information or information from the network
information receiver 104 and information from the video
encoder 102, and provides the encoded time interval to
the image encoder 102.

[0117] Asdescribed in the first embodiment, it is pos-
sible to configure a video encoder capable of determin-
ing a network condition, the video encoder having func-
ticns of the video encoder 102 and network condition
detemmination device 105, thereby providing the previ-
ously described functions in one block.

[0118] in the foregoing. although a variety of embod-
iments have been described, in short, the present inven-
tion utilizes characteristics of RTP, and comprises a sys-
tem (RTCP) for notifying network state information such
as jitter or packet loss rate from a transmitter or receiver.
At the transmitter, a bit rate of transmission data at the
transmitter is adjusted according to a transmission state
of a transmission channel based on the notification of
network state information acquired from the receiver in
the transmitter such as jitter or packet loss rate so that
control such as change of the error resilience level can
be carried out. Therefore, according to the above de-
scribed present invention, data can be transmitted effi-
ciently to the maximum so as to achieve data transmis-
sion that makes it possible to fully utilize transmission
requiring real time properties as well.

[0119] Thetechniques described in the embodiments
of the present invention can be distriouted to be stered
as a computer executable program in a recording me-
dium such as a magnetic disk (such as a flexible disk or
a hard disk); an optical disk (such as CD-ROM, CD-R,
CD-RW, DVD, or MO), and a recording medium such as
a semiconductor memory. Further, the above program
can be distributed by means of transmission via a net-
work.

[0120] According to the present invention, it is possi-
ble to determine a network condition, and then, optimally
set an encoding parameter. In addition, when a packet
loss caused by congestion and a loss of a channel error
coexist in a network, it is possible to determine the loss,
and then, to set a parameter.

[0121] Therefore, according to the present invention,
there can be provided a data transmission apparatus
and method in which data can be transmitted efficiently
to the maximum so as to achieve data transmission that
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makes it possible to fully utilize transmission requiring
real time properties.

Claims

1.

4.

A data transmission apparatus for transmitting
transmission data from a transmitter to a receiver
viaatransmission channel, characterized by com-
prising:

means (105) for estimating a transmission con-
dition of the transmission channel in the trans-
mitter based on at least Jitter information or a
packet loss rate obtained fromthe receiver; and
means (102) for changing at least one of a bit
rate of transmission data and an errorresilience
level according to the estimated transmission
condition.

An apparatus according to claim 1, characterized
in that the transmitter includes means (102) for
generating encoded data obtained by encoding a
single content at different transmission rates, and
means (603) for selecting optimum encoded data
having optimum bit rate from the encoded data of
the encoded data generating means (102) to adjust
a bit rate of the transmission data in the transmitter
according to the estimated transmission condition.

A data transmission method of transmitting trans-
mission data from a transmitter to a receiver via a
transmission channel, characterized by compris-

ing:

generating encoded data obtained by encoding
a single content at different transmission rates;
estimating a transmission condition of the
transmission channel in the transmitter based
on at least Jitter information or a packet loss
rate obtained from the receiver; and

selecting optimum encoded data having an op-
timum bit rate from the encoded data to adjust
a bit rate of the transmission data in the trans-
mitter according to the estimated transmission
condition.

A data transmission method characterized by
comprising:

estimating a transmission condition of the
transmission channel in the transmitter based
on at least Jitter information or a packet loss
rate obtained from the receiver; and

changing at least one of a bit rate of transmis-
sion data and an error resilience level accerd-
ing to the estimated transmission condition.
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A data transmitting apparatus that transmits trans-
missicn data from a transmitter to a receiver via a
transmission channel, characterized by compris-

ing:

means (102) for generating plural encoded da-
ta obtained by encoding a single content at dif-
ferent bit rates, in the transmitter;

means (105) for estimating a condition of the
transmission channel based on Jitter informa-
tion or packet loss rate; and

means (603) for selecting encoded data having
an optimum transmission rate from the plural
encoded data accerding to the estimated trans-
mission condition.

6. A method of transmitting transmission data from a

transmitter to a receiver via a fransmission channel,
the method characterized by comprising:

storing plural encoded data obtained by encod-
ing a content at different bit rates;

estimating a condition of the transmission
channel based on Jitter information or packet
loss rate;

selecting encoded data having optimum trans-
mission rate fromthe plural encoded data to ad-
just a bit rate of the transmission data in the
transmitter.

7. Adatatransmission program stored on a computer

readable medium, the program characterized by
comprising:

instruction means for instructing a computer to
estimate a transmission condition of the trans-
mission channel in the transmitter based on at
least Jitter information or a packet loss rate ob-
tained from the receiver; and

instruction means for instructing the computer
to change at least one of a bit rate of transmis-
sion data and a error resilience level according
to the estimated transmission condition.

8. A data transmission apparatus, characterized by

comprising:

receiver means (104) for receiving network in-
formation regarding a condition of a network;
determination means (105) for determining a
network condition based on the network infor-
mation from the receiver means;

encoder means (102) for encoding a video data
signalto generate encoded videc data andcon-
trol a bit rate or an error resilience level of the
encoded video data according to the network
condition information; and

transmitter means (108) for transmitting the en-
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11.

12.

13.

21
coded video data to the network.

An apparatus according to claim 6, characterized
in that the encoder means (102) is supplied with an
encoding parameter as the network condition infor-
mation and generates encoded data whose bit rate
is adjusted according to the encoding parameter,

the determination means (105) includes first
storage means (302) for storing encoding parame-
ter information obtained by the encoder means,
second storage means (301) storing the network in-
formation input by the network information receiver,
and determination means (303) for determine the
encoding parameter by deciding the network con-
dition based on network information input by the
network infermation receiver, past encoding param-
eter information from the first storage means and
past network information from the second storage
means.

An apparatus according to claim 8, characterized
in that the encoder means (102) includes parame-
ter determination means (401) for determining the
encoding parameter from the network condition in-
formation input from the receiver means, the encod-
er means (102) encoding the video data signal to
generate the encoded video data whose bit rate is
adjusted in correspondence with the encoding pa-
rameter determined by the detemmination means
(401).

An apparatus according to claim 10, characterized
by including encoding determination means (501)
determine whether a next frame is to be encoded
forcibly in an intra-frame encoding mode, when the
parameter determination means (401) determines
the encoding parameter using the network condi-
tien information.

An apparatus according to claim 8 or 9, character-
ized in that the determination means (105) in-
cludes computation means forcomputinga GPO in-
terval from the netwerk information input from the
receiver means (104) to generate network condition
information including GOP interval information indi-
cating the GOP interval obtained by the computa-
tion means, and the encoder means (102) encodes
the video data signal according to the GOP interval
information included in the network condition infor-
mation.

An apparatus according to claim 8 or 10, charac-
terized in that the encoder means (102) includes
GOP interval computation means for computing a
GOP interval based on the network information in-
put from the receiver means (104) and encodes the
video data signal according to the GOP interval in-
formation indicating the GOP interval computed by
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14.

15.

16.

22
the GOP interval computation means.

An apparatus according to claim 12 or 13, charac-
terized in that the determination means (105) de-
termines at least a packet loss rate as the network
conditien, andthe GOP interval computation means
computes the GOP interval based on at least the
packet loss rate.

An apparatus according to claim 8, characterized
by including switching means (802) for switching
among plural encoded data encoded at different
transmission rates. respectively, to select encoded
data having a transmission rate corresponding fo
switching information, and selector means (603) for
selecting a transmission rate of encoded data to be
transmitted from the transmitter based on the net-
work condition information outputted from the de-
termination means (105) and output the selected
transmission rate asthe switching informationto the
switching means.

An apparatus according to claim 15, characterized
in that the switching means (602) includes a switch-
ing position detector for detecting a switching posi-
tion at which one of the encoded data can be
switched to the other, and when an encoded data
switching signal is generated by the switching infor-
mation output from the selector means (603), the
swilching position detector detects the swilching
position, to switch the encoded data at the switching
positicn.
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Description
FIELD OF THE INVENTION

[0001] This invention relates to media streams trans-
mitted in a network, such as the Internet. Especially, the
invention relates to media streams concerning video
pictures and voice.

BACKGROUND OF THE INVENTION

[0002] When media streams that contain continuous
data, for example video pictures and voice, are trans-
mitted in a network, such as the Internet, the speeds of
the media streams have to be adjusted with the speed
of the transmission connection available at the time. Of-
ten, inthe case of video pictures, the adjustment is made
by changing the visual quality of the pictures. The speed
of a transmission connection in the Internet depends
strongly on a user's Internet terminal. Some terminals
support technically higher speed rates than others (usu-
ally older terminals). Thus, speed adjusted media
streams must be offered for a variety of terminals.
[0003] Transmission speed may also vary with time.
For example, when congestion happens in the network,
the transmission speed may decrease considerably. Af-
terthe congestion, the transmission speed returns to the
normal speed rate,

[0004] Nowadays, most of the content of the Internet
is in WWW servers, which use the HTTP protocol for
transmitting desired contents to users. Originally, the
HTTP protocol was not designed for continuous media
streams (video, voice). The problem of the known solu-
tions is that when a media stream has to be adjusted for
a changed transmission condition, i.e. to be an adaptive
media stream, a special software or protocol must be
used, instead of the HTTP protocol. Real Server® (Re-
alNetworks Inc, Seattle, Washington), Quickiime®
Server (Apple Computers, Cupertino California), and
Windows Media Server® (Microsoft, Redmond, Wash-
ington) are commercial server software, which support
adaptive media streams. These software packages use
special protocols, such as RTP (Real-Time Transport
Protocol) and RTSP (Real Time Streaming Protocol),
which are designed for the adaptive media streams.
[0005] However, using these software packages usu-
ally requires a user to invest and maintain parallel de-
vices and software in addition to the WWW server that
is used to serve other Internet content, such as web pag-
es. User communities such as corporations require sup-
port staff which must be educated to use these systems.
For a service provider this means in practice that a spe-
cial media stream server must be maintained. The goal
of this invention is to eliminate these drawbacks. This is
achieved in a way described in the claims.
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SUMMARY OF THE INVENTION

[0006] The following definitions should be kept in
mind when reading these specifications:

Connection: A transport layer virtual circuit estab-
lished between two programs for the purpose of
communication. A connection can have varying
transmission speed rates.

HTTP transport: An application layer transmission
of data from a file on a server computer to a user
terminal using HTTP 1.1 protocol. One HTTP 1.1
connection can consist of one or several HTTP 1.1
transports.

Stream: A continuous transmission of data over for
example HTTP transport

[0007] An important aspect of the invention is to
change the source of an adaptive media stream when
an available connection speed rate changes. Each
source contains essentially the same information (such
as video and voice), but the suitability of each source
for transmission has been adjusted to a certain connec-
tion speed rate. The coding of the source information
can be different among the sources, which affects the
speed rate. The picture information can be black-and-
white instead of a celor picture. The picture size can be
smaller or larger. The video can be with or without voice.
When the source is changed, also a new HTTP trans-
mission for the new source is started for a new stream
containing the information of the new source. in other
words, the adaptive media stream, i.e. the adaptive
stream, comprises at least one media stream for trans-
mitting information.

[0008] in an arrangement according to the invention
a source file is formed. The source file contains a plu-
rality of sources intended for different media streams,
according 10 such parameters as bandwidth, computing
capability of the receiving terminal, etc. Atthe beginning
of the transmission the optimal transmission speed rate
at the time is chosen according to an information trans-
fer condition. The source in the source file, which corre-
speonds to the available speed rate, is selected to be the
source of the adaptive media stream. When the availa-
ble transmission speed rate changes, either to be faster
or slower, a command for changing the source of the
adaptive media stream, is sent from the user's terminal
to the service provider's server, i.e. the source server,
wherein the file of the service is. Preferably commands
are sent using an HTTP protocol. When the available
transmission speed rate changes again, a new com-
mand for changing the source is sent from the user's
terminal te the source server. The commands are sent
when it is possible to use a higher speed rate or when
a lower speed rate must be used.

[0009] In one aspect, the invention thus provides a
method for providing an adaptive media stream be-
tween a sending terminal and a user's terminal wherein
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the adaptive media stream comprises at least one me-
dia stream anc the method comprises the steps of
choosing a transmission speed rate for the media
stream, selecting a suitable data source for the media
stream among sources containing essentially the same
information content, each source intended for a certain
information transfer condition and playing the media
stream. During such playing, checking the suitability of
the actual transmission speed rate, and continuing play-
ing the media stream if the transmission speed is still
suitable or selecting a new data source, which is suitable
atthe moment as aresponse for the selection of the new
data source, playing a new media stream. Those selec-
tion actions continue until the played stream stops.
[0010] Optionally, the step of choosing comprises the
phase of reading a header field of a file, which contains
atleast two data sources, the header indicating the start-
ing peints of the sources and to which transmission
speed rate each source is indented. Yet another option
calls for the selecting step to include the phase of start-
ing to read from the starting point of the selected source.
[0011] Other aspect of the invention provide for the
step of monitering to include the phase ¢f monitoring a
filling degree of a buffer for incoming data in the user's
terminal, e.g. if the buffer is becoming empty or fuli, then
selecting to continue to play the present media stream
or to start playing another media stream. The informa-
tion of the selection of the new data source may trans-
mitted from the user's terminal to the sending terminal
using a GET method of an HTTP protocol with an op-
tional RANGE field. When a new stream is played, an
optional phases of terminating the old media stream af-
ter starting to play the new media stream and creating
the new media stream before playing the new media
stream is also contemplated.

[0012] If a new stream is selected, according to an-
other aspect of the invention, the step of reading timing
marks in said adaptive media stream for defining the
right point to start playing the new media stream is also
performed. Further, the step of selecting the initial speed
may comprise the phase of reading a header field of
files, where each contains one data source, the header
indicating the starting points of the source and to which
transmission speed rate the source is indented.

[0013] An arrangement for providing an adaptive me-
dia stream between a sending terminal and a user's ter-
minal, is also contemplated, wherein the adaptive media
stream comprises at least one media stream and the
arrangement comprises:

a) Means in the client terminal for choosing a trans-
mission speed rate for the media stream,

b) A data structure in the sending terminal compris-
ing at least two data sources containing essentially
the same information, each source intended for a
certain tfransmission speed rate,

c) Means in the client terminal and the sending ter-
minal for selecting a suitable data source from
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among the sources for the media stream,

d) Means inthe usersterminal for checking the suit-
ability of the transmission speed rate when the me-
dia stream is played,

e) Means inthe user's terminalfor reselecting a suit-
able data source from among the sources for a new
media stream.

[0014] An arrangement as described above may fur-
ther comprise means for playing the data structure in a
way that the playing is started from the right point of the
data structure. Preferably, means a) comprises means
for reading a message from the user's terminal, which
defines alternative transmission speed rates. Further
preferably, each source comprises timing marks, which
indicate the corresponding point in the other sources.
More preferably, the arrangement further comprises a
GET method of an HTTP protocol with an optional
RANGE field for transmitting the information of the re-
selection of the suitable data source from the user's ter-
minal to the sending terminal. In another preferable em-
bediment, means d) comprises means for monitoring a
filling degree of a buffer for incoming data in the user's
terminal. It also preferable that the data structure is a
file containing the data sources. Alternatively, the data
structure may be a number of files, each of them con-
taining one data source.

[0015] Means c) may further comprise means for
reading a header of the data structure, which indicates
the starting points of the sources and to which transmis-
sion speed rate each source is intended. Means ¢) may
further comprise means for reading headers of the files,
which indicate the starting point of the source and to
which transmission speed rate the source is intended.
[0018] in yet ancther aspect, the invention teaches a
method for storing adaptive media stream data compris-
ing the steps of storing a plurality of media streams,
each representing a substantially similar information
content, and each adapted for a different set of informa-
tion transfer conditions; and providing a plurality of
peinters into a first of said media streams, said pointers
associated with a source location in one of said media
streams and pointing to at least cne target location in a
second of said media streams; wherein the information
content of said target locaticon is substantially a contin-
uation of the information content prior to said source lo-
cation.

[0017] Preferably, said plurality of media streams is
contained in a single file. Said pointers are preferably
embedded within said adaptive media stream data, and
comprise target locations pointer comprises a byte off-
setinto said single file. Alternatively, said target location
pointer comprises an offset into said second source
stream, within said single file. Another alternative teach-
es that said target locations pointers comprise a pointer
to another file containing said second media stream or
a portion thereof. Opticnally in this case, said target lo-
cation pointer further comprises a byte offset into said
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other file.
BRIEF DESCRIPTION OF THE DRAWINGS
[0018] In the following the invention is described in

more detail by means of Figs. 1 - 3 in the attached draw-
ings where.

FIG.1 illustrates an example of the structure of afile
according to the invention,

FIG. 2 illustrates an example of a flow chart describ-
ing the function of the inventive arrangement,

FIG.3 illustrates an example of an arrangement ac-

cording to the invention.
DETAILED DESCRIPTION OF THE INVENTION

[0019] FIG. 1 describes an example of a file structure
according to the invention. Thefile is in the service pro-
vider's server (source server) from where users can
stream it. For example the file contains a video in two
different formats. Atthe beginning of the file there exists
a header 1, which contains starting bytes for two differ-
ent media sources - the sources for the media stream.
Source 1, called stream 1 contains video data in a res-
olution of 320*240, for a speed rate 200 kbps (kilobit per
second) 2. The starting byte 4 for that video data is byte
2000 in thefile. Source 2, called stream 2 contains video
data in a resolution of 160*120 optimized for a speed
rate 40 kbps 3. The slarting byte of that video data 5 in
the file is at byte 800000. If the network and a user's
terminal suppeort the transmission speed rate 200 kbps
then stream 1 is sent to the user - otherwise stream 2 is
sent. In this embodiment, all data feeds are assumed to
support communication at a speed cf at least 40 kbps.
It should be noted that stream 1 and 2 are sources i.e.
the parts of the file structures in this example, and a me-
dia stream is a continuous transmission of data of a
source over a transmission protocol. The transmission
protocol used can be any protocol, in this textthe HTTP
protocol is used.

[0020] Stream 1 is sent, i.e. streamed, to the user.
Stream 1 (and the media stream for it as well) contains
timing marks 6, 7, 8, 9. The timing marks are embedded
in stream 1 at a various locations, and correlate the in-
formation in the two separate resolution streams. Thus
the timing marks of stream 1 in the example of Fig. 1
indicate the byte of the file where the stream is running
at the time and the corresponding byte 6A, 7A, 8A, 9A,
in stream 2. If for some reason, the network can not
transmit stream 1 with 200 kbps, or the user's terminal
can not receive at this speed rate, the transmission of
the video is changed to stream 2. For example, when
the need to change the speed rate to a lower one is no-
ticed and the mast recently received (or alternatively the
next) timing mark is, let's say, the mark 7 indicating time
1000 ms, it tells the corresponding byte 805000 in
stream 2 to where the source of the transmission of the
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video transfers 11.
[0021] Similarly, stream 2 (and the media stream for
it) contains timing marks 10, 11, 12, 13, which point to
the location of corresponding infoermation in stream 1,
as shown by the corresponding byte 10A, 11A, 12A,
13A, in stream 1. When the capability of transmitting 200
kbps is noticed during the transmission at 40 kbps rate,
the transmission of the video is changed to stream 1.
For example, when the availability of the higher speed
rate is noticed and the next timing mark is the mark 13
indicating time 3000 ms, the corresponding byte 77000,
located in stream 1, points to the location of correspond-
ing information in stream 1 so the source of transmission
is shifted to stream 1, using data stored in location 9
onwards.
[0022] FIG.2shows anexample of a flow chart, which
illustrates a function and method of the invention. FIG.
3 shows an example of the inventive arrangement.
When a user visits a home page of a service provider,
he/she may find something he wants to order, such as
avideo show. The video player client running in the user
terminal sends 34 a request message from the terminal
33 to the service provider's server 31 through the net-
work 32, such as the Internet, to get the show using a
GET method, which is one of the methods defined in the
HTTP1.1 protocol. Let the request be:

GET http://www.serviceprovider.com/video/mu-
sic/songi.video. HTTP/1.1
[0023] Often, the connection speed rate depends on
the available (and optional) connection and processing
speeds of the terminal. Atthe beginning, the first stream
which is sent works like a test stream. The test stream,
i.e. the first stream preferably forms the first part of the
file structure, which preferably contains data for the low-
est bandwidth. Thus the first stream over the HTTP
transport also contains a list of alternative speed rates.
The player in the client terminal chooses 21 one of the
supported speed rate from the list. (It should be noted
that the server can be informed of the capability of a
terminal or the available bandwidth using other tech-
niques and the specific method of learning the link ca-
pabilities is a matter of technical choice to one skilled in
the art.) In this example, the user's terminal supports
speed rates of 200 kbps and 40 kbps. Let's assume that
the desired file 36 is the file in FIG. 1. If the speed rate
of 200 kbps 22 is available, stream 1 is selected 24. Oth-
erwise, the speed rate of 40 kbps 23 is chosen and
stream 2 is selected 25. (Notice that the higher speed
rate means the higher bandwidth.)
[0024] in the selecticn of the speed rate of 200 kbps
the server starts tc play 26 stream 1 beginning at byte
(2000) of the file. The data and the timing marks are sent
35 to the user's terminal during the play. The terminal
checks 28 frequently that the currently available band-
width is sufficient for the selected stream. If the band-
width is sufficient, playing stream 1 is continued. If the
bandwidth becomes unavailable for stream 1, stream 2
is selected 210 and stream 2 starts to play 27, 311 be-
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ginning at the byte of the file defined by the latest timing
mark. The bandwidth of stream 2 is checked 29 similarly
as the bandwidth of stream 1, and when the bandwidth
is again available for the speed rate of 200 kbps, stream
1 is selected 211,

[0025] In the selection of the speed rate of 40 kbps
the server starts to play 25 stream 2 from the right byte
(800000) of the file. The data and the timing marks are
sent 35 to the user's terminal during the play. The ter-
minal checks 29 frequently that the bandwidth is okay
forthe selected stream. If the bandwidth is still restricted
to 40 kbps, playing stream 2 is continued, If the band-
width rise to a level sufficient to support 200 kbps trans-
mission, stream 1 is selected 211 and stream 1 starts
to play 26, and is sent 311 to the terminal 33 beginning
at the byte of the file defined by the latest timing mark.
The bandwidth of stream 1 is checked 28 similarly as
the bandwidth cf stream 2, and when the bandwidth is
again too slow for the speed rate of 200 kbps, stream 2
is selected 210.

[0026] The checking of the bandwidth of the streams
can be made, for example, measuring a filling degree of
a buffer for incoming data connection in the user's ter-
minal. When the buffer is becoming empty, the required
bandwidth for current stream is too high compared to
what is available through the network connection, and
the speed rate should be dropped. When the buffer is
becoming full, bandwidth for current stream is lower
than what is available through the network connection,
and the speed rate can be raised. Afier the measure-
ment, the suitable stream source is selected 210, 211
and a GET command with an additional field RANGE is
sent 310 from the user's terminal to the server for chang-
ing the stream. For example, let the GET command be
GET http://www.setrviceprovider.com/video/music/
song3video RANGE: bytes= 805000- when the trans-
mission speed rate changes from 200 kbps to 40 kbps.
[0027] Itis worth noting that preferably, when a stream
is changed, a new HT TP transport (and naturally a new
media stream) is started and the old media stream is
terminated after the new media stream starts playing.
From the view of the user the desired file, such as a vid-
eo show, seems to continue without any break because
the new stream staris playing from the byte indicated by
the timing mark, thus the information continuity is main-
tained, despite the media stream switch. So, when the
source is changed, also a new HTTP transport is creat-
ed for the new stream, i.e. media stream, instance and
for the new source. Thus the adaptive media stream, i.
e. the adaptive stream, is made up of cne media stream
or several consecutive media streams. Since the con-
secutive media streams carry essentially the same data,
a user gets a visual impression of continuous shows. In
other words, the adaptive media stream comprises at
least one media stream for transmitting information. The
HTTP 1.1 protocol provides a feature called Persistent
Connections. Persistent Connection means that several
requests (such as GET). can be sent via one TCP con-
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nection. Thus one connection may carry several con-
secutive streams. However, it should be noted that sev-
eral TCP connections may be needed or used for trans-
mitting consecutive streams.

[0028] Furthermore, it may be said that the adaptive
media stream comprises several (or one if the speed
rate remains the same during the whole transmission)
instances (separate streams) of the same object (the
adaptive media stream containing information such as
video). Naturally, there are more ways to model the
adaptive media stream, but common for these models
are that transmission of information of the adaptive
stream, (the stream of a continucus data, such as video
over cne or several connections) happens in cne or sev-
eral consecutive media streams over a transport proto-
col, each media stream adapted for certain conditions,
and certain links or pointers periodically connect or
cross connect the media streams in essentially content
coherent fashion. Thus varying transmission conditions
may dictate how many suitable media streams are sent
forming together the adaptive stream.

[0029] For creating the inventive arrangement an ini-
tial selection module 39 (i.e. means) for choosing an
original transmission speed rate and selecting a suitable
seurce in a service provider's server is needed. In a us-
er's terminal another estimation module 37 (i.e. means
for checking transmission rate) is needed, for checking
the suitability of the transmission speed rate as reselec-
tion module 38 (i.e. means) for reselecting a suitable
source are needed.

[0030] Although, the processing and network connec-
tion speed of a user's terminal is mostly the decisive el-
ement when selecting a suitable transmission speed
rate, itmay happen that the network itself becomes con-
gested. In congestion, the available speed rate decreas-
es and the transmission speed rate must be lowered.
On the other hand, if the nelwork allows a higher speed,
the transmission speed rate may be increased.

[0031] Using the inventive arrangement, an adaptive
media stream can be served from with acommon HTTP
server. Therefore, there is no need for the use of a spe-
cial media stream server, or parallel devices and soft-
ware. Remarkable cost savings are achieved, since
usually service providers and users support the HTTP
protocol. Also the reliability of the system increases be-
cause of fewer sources of faults.

[0032] It is clear that inventive arrangement can be
implemented in many ways. For example, the time pe-
riod between two timing marks can be different than in
the example of this text. It can be any suitable period
depending on the features of a solution, such as 2 or4
seconds. The format of the inventive file can be any suit-
able format as well, such as MPEG or another.

[0033] The inventive file may comprise more than two
different streams (containing the same content), from
which the most suitable stream is selected at any given
time. Therefore, timing marks must contain a number of
references for the correspending byte in the other data
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sources.
[0034] All the sources do not have to be in the same
file, but each source can be a separate file. However,
the use of this kind of structure is not as efficient when
attempting to use as little processing power as possible
compared to the use of one file structure. In the structure
of several files, timing marks must indicate the right file
with the correspending byte.

[0035] Although, a sending terminal have been de-
scribed to be a server in the examples above, it is clear
that the sending terminal can be another terminal capa-
ble of sending information.

[0036] Similarly other mechanisms are known and
suitable to measure and select the most appropriate
source. Such methods may be server based or user ter-
minal based, or even utilize intermediate network nodes
to estimate network congestion and bandwidth, and
similar measurements that are indicative of total node
to node capacity, as well as specific node capabilities,
and the selection of sources (and media streams) may
be carried out in various ways that will provide the best
end-user experience according to varying conditions.
[0037] According to the above-mentioned matters, it
is evident that the invention is not restricted to the solu-
tions described in this text, but it can be modified for
various solutions, in the scope of the inventive idea.

Claims

1. A method for providing an adaptive media stream
between a sending terminal and a user's terminal
characterized in that the adaptive media stream
cemprises at least one media stream and the meth-
od comprises the steps of:

a) cheosing a transmission speed rate for the
media stream,

b) selecting a suitable data source forthe media
stream among sources containing essentially
the same information, each source intended for
a certain transmission speed rate,

c) playing the media stream,

d) checking the suitability of the transmission
speed rate,

e) either continuing playing the media stream if
the transmission speed is still suitable or,

f) selecting a new data source. which is suitable
at the moment,

g) as a response for the selection of the new
data source, playing a new media stream,

h) repeating steps d) to g) until the stream,
which is played, stops.

2. A method according to claim 1 characterized in
that step b) comprises the phase of reading a head-
er field of a file, which contains at least two data
sources, the header indicating the starting points of
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10.

10

the sources and to which transmission speed rate
each scurce is intended.

A method according to claim 2 characterized in
that step c) comprises the phase of starting to read
from the starting point of the selected source.

A method according to claim 1 or 3 characterized
in that step d) comprises the phase of monitoring
a filling degree of a buffer for incoming data in the
user's terminal,

A method according to claim 4 characterized in
that if the bufferis becoming empty or full, then step
f) is chosen, else step e) is chosen.

A method according to claim 1 or 5 characterized
in that the information of the selection of the new
data source is transmitted from the user's terminal
to the sending terminal using a GET method of an
HTTP protocol with an optional RANGE field.

A method according to claim 1 characterized in
that step g) comprises phases of terminating the
old media stream after starting to play the new me-
dia stream and creating the new media stream be-
fore playing the new media stream.

A method according to claim 1 or 7, characterized
in that step g) further comprises the phase of read-
ing timing marks in the data source for defining the
right point to start playing the new media stream.

A method according to claim 1 characterized in
that step b) comprises the phase of reading a head-
er field of files, where each contains one data
source, the header indicating the starting points of
the source and to which transmission speed rate the
source is intended.

An arrangement for providing an adaptive media
stream between a sending terminal and a user's ter-
minal, characterized in that the adaptive media
stream comprises at least one media stream and
the arrangement comprises:

a) means in the sending terminal for choosing
atransmission speed rate for the media stream,
b) a data structure in the sending terminal com-
prising at least two data sources containing es-
sentially the same information, each source in-
tended for a certain transmission speed rate.
¢) means in the sending terminal for selecting
a suitable data source from among the sources
for the media stream,

d) means in the user's terminal for checking the
suitability of the transmission speed rate when
the media stream is played,
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e) means in the user's terminal for reselecting
a suitable data source from among the sources
for a new media stream.

An arrangement according to claim 10, character-
ized in that the arrangement further comprises
means for playing the data structure in a way that
the playing is started from the right point of the data
structure.

An arrangement according to claim 11, character-
ized in that means a) comprises means for reading
a message from the user's terminal, which defines
alternative transmission speed rates.

An arrangement according to claim 11, character-
ized in that each source comprises timing marks,
which indicate the corresponding point in the other
sources.

An arrangement according to claim 13, character-
ized in that the arrangement further comprises a
GET method of an HTTP protocol with an optional
RANGE field for transmitting the information of the
reselection of the suitable data source from the us-
er's terminal to the sending terminal.

An arrangement according to claim 11, character-
ized in that means d) comprises means for moni-
toring a filling degree of a buffer for incoming data
in the user's terminal.

An arrangement according to claim 11, character-
ized in that the data structure is a file containing
the data sources.

An arrangement accerding to claim 16, character-
ized in that means ¢) comprises means for reading
a header of the data structure, which indicates the
starting peints of the scurces and to which trans-
missicn speed rate each source is intended.

An arrangement according to claim 11, character-
ized in that the data structure is a number of files,
each of them containing one data source.

An arrangement according to claim 18, character-
ized in that means ¢) comprises means for reading
headers of the files, which indicate the starting point
of the source and to which transmission speed rate
the source is intended.
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(57)Abstract:

PROBLEM TO BE SOLVED: To enable random access to
moving image data without changing a server function.
SOLUTION: A moving image data reproducing device with an
index information receiving means 6 to receive index
information to be generated by relating plural pieces of
divided data to be obtained by deviding the moving image data
to its reproduction time information by requesting the
information to a server, a divided data receiving means 7 to
receive the divided data related to reproduction time
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index information received by the index information receiving
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SYSTEM AND METHOD FOR COMMUNICATING MEDIA SIGNALS

RELATED APPLICATION

This application is a non-provisional application of “Reynolds et al. a provisional application
entitled “System and Method for Communicating Media Signals” attorney docket number ID-PAT-
001PR1, application number 60/325,483, filed on September 26, 2001.

FIELD

This disclosure relates to a system and method for communicating media signals between
source and destination devices. More specifically, it relates to a system and method for compressing
and decompressing streaming and static media signals for efficiently communicating those signals

between source and destination devices using artificial intelligence mechanism.
BACKGROUND

The ability to efficiently communicate streaming and static media between remotely located
devices is a significant need that has emerged exponentially with the advent of networked
communications such as the Internet. This need has been recently addressed with substantial
development resources on a worldwide scale.

The term “media” is herein intended to mean information that may be communicated in the
form of a signal from a source device to a destination device for use by the destination device; and,
where used herein, media is generally contemplated to comprise either streaming or static media
signals. For the purpose of this disclosure, the term “use” as applied to a destination device’s operation
on media signals is intended to include playing (e.g. sounds, images, video), processing (e.g. telemetry
data), or any other use or operation that is the intended purpose of the media signal.

The terms “streaming media” are herein intended to mean media signals that comprise
information intended to be communicated to and used by a destination device in a temporal, streaming
fashion. The term “streaming” as applied to streaming media signals is herein intended to include

signals communicated and processed in a continuous manner over time, or signals that may be
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signals communicated and processed in a continuous manner over time, or signals that may be
communicated in a series of discrete packets, pieces, or blocks that are interrelated and may be
thereafter used by the destination device in a continuous, interrelated fashion. Examples of streaming
media signals for the purpose of this disclosure therefore include, without limitation, the following
types of media: video, audio, audio combined with video, and data strings such as temporal telemetry.
The terms “streaming media” are most typically used by reference to digitized forms of data
representing the subject media.

The terms “static media” are herein intended to generally mean media that is not “streaming™ as
defined above. Static media signals are of the type that generally may be communicated and are
intended to be used as a single packet, block, or piece. Static media therefore may include for example,
without limitation the following: a discrete image, an individual and relatively temporally short video
clip, a sound or sound bite, or a piece or block of information such as telemetry information. It is
contemplated, however, that such a “single piece” of static media may be of sufficient magnitude to
consist of a plurality of smaller pieces or sub-parts, such as for example regions or pixels of an overall
image, individual frames that together form a video clip, digital bits that together comprise a sound, a
group of sounds that comprise a sound bite, or bits of information that together comprise a larger block
of information.

Streaming media generally includes data files that are significantly larger than static media files,
and also often represent many more variables over the temporal communication of such files than
experienced with most static media files. Therefore, the ability to efficiently compress streaming
media for appropriate communication to destination devices for use is often a much more complex and
difficult to achieve goal. Accordingly, much of this disclosure is provided by reference specifically to
streaming media communication, and the present invention has been observed to provide significant
benefits for such communication. However, where streaming media is specifically referenced herein
with respect to this background, and further with respect to the many benefits of the present invention
herein disclosed, static media is also further contemplated where appropriate according to one of
ordinary skill. ‘

Many different “type-specific” media systems have been in use for quite a long time for
transmitting specific types (e.g. video, audio, image, voice, etc.) of streaming and static media signals
between sources and remote destinations. Typical examples of such type-specific media systems
include television transmission systems, telephone line systems, and radio transmission systems, and

every television, telephone, and radio is therefore a receiving device for media. Accordingly, the needs

2
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for efficient communication of streaming and static media touch upon many diverse communications
industries, including for example the telephone, television, movie, music, and more recently interactive
gaming industries.

Moreover, many medial communications systems, including the various long-standing type-
specific systems, are also “format specific”’, wherein the subject media signals are communicated in a
particular format such that the source, transmission channel, and destination device must be specifically
compliant to work within that format. Examples of format specific media systems inclnde for example
encoded cable television systems that work only for certain types of media and only delivered in
particular encoded formats from the cable carrier. Therefore, these systems, in hardware and software,
are generally dedicated to only the type and format of media to be provided by the content provider.

Society’s needs have outpaced the abilities of these dedicated, content-specific and format-
specific systems. In particular, these dedicated systems are not structured to accommodate the ever
increasing client demand, real-time, for specified streaming media. Still further, technology
developments in the recently interconnected world has tempted the palate of society for the ability to
pull, receive, push, and send multiple types of media in multiple formats using one device. Moreover,
content providers need to be able to deliver many different media signals to many different types of
devices in their clients’ offices, living rooms, and hands. Individuals and corporations also desire to
communicate with each other using various different formats and using various different respective
devices.

Accordingly, a significant industry has emerged for dclivering strecaming and static media over
the centralized network of the Internet. Content delivery companies are currently delivering a wide
range of streaming media, from live horse racing and entertainment to medical telemetry and education,
over the Internet, and in video and audio formats. According to one published report from DFC
Intelligence, video sireaming on the Internet grew 215 percent in 2000 to over 900 million total streams
accessed. This includes broadband streams, which made up almost 29 percent of total accesses. This
same report also estimates that as much as 15 percent of available stream inventory is now being
exploited with in-stream advertising. In another report published by Internet researcher Jupiter Media
Metrix, business spending alone on streaming video technology will balloon from one-hundred forty
million (US$140M) US dollars in 2000 to nearly three billion (US$3B) US dollars by 2005 as
companies turn to electronic interaction in communicating with employees, consumers and other

businesses.
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Still further, the population explosion and increasing number of people transmitting on these
systems has severely impacted the available bandwidth for available information. Therefore, the ability
to stream media efficiently, using limited bandwidih resources and limited available transmission

speeds, is of increased societal importance.

Compression/Decompression Algorithms (“CODECS”)

In view of the exponential demand for communicating the different types of media, various
compression/decompression systems (“CODEC(s)”) have been developed over many years, and have
in particular become the recent topic of significant research and development. Specific types of
CODECS and systems for managing the operation of CODECS with respect to communicating
streaming and static media signals have been developed for specific types of media, including for

example still-frame images such as graphics and photographs, and streaming media.
Image CODECS

Various different types of static media CODECS have been developed, and a wide variety of
these CODECS are widely known and used. One specific type of static media that has been the topic
of particular attention includes images (though a long series of interrelated image frames such as in
video context is generally treated as streaming media due to more complex variables, e.g. size and
temporal relationship between frames, that significantly impact appropriate
compression/decompression needs). Examples of static media CODECing is therefore herein
exemplified by reference to certain specific types of conventional image CODEC technologies and
methods.

The two most common file formats for graphic images on the world wide web are known as
“GIF” and “JPEG” formats, generally considered the respective standards for drawings (e.g. line art)
and photographs, and are further described together with other image compression modalities for the
purpose of further understanding as follows.

“JPEG” is an acronym for “Joint Photographic Experts Group”, and is a graphic image file that
complies with ISO standard 10918. Commonly used for photograph compression/decompression, a
JPEG file is created by choosing from a range of compression qualities, or, as has also been described,

by choosing from one of a suite of compression algorithms. In order to create a JPEG file, or convert

4
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an image from another format to JPEG, the quality of image that is desired must be specified. In
general, because the highest quality results in the largest file, a trade-off may then be made, as chosen
by the user, between image quality and image size. The JPEG mode of compression generally
includes 29 distinct coding processes although a JPEG implementer may not use them all. A JPEG
image is typically given a name suffix “.jpg”.

“GIF” is an acronym for “Graphics Interchange Format”, and is generally considered the de
facto standard form of drawing image compression/decompression for Internet communication. GIF
formatting uses a compression algorithm known as the LZW algorithm, which was developed by
Abraham Lempel, Jacob Ziv, and Terry Welch and made commercially available by Unisys
Corporation (though in general such algorithm has been made publicly available without requiring fee-
bearing licenses). More specifically, a “LZW” compression algorithm takes each input sequence of
bits of a given length (e.g. 12 bits) and creates an entry in a table, sometimes called a “dictionary™ or
“codebook™, for that particular bit pattern. The entry consists of the pattern itself and a shorter code.
As input is read, any pattern that has been read before results in the substitution of the shorter code,
effectively compressing the total amount of input to something smaller. Earlier approaches, known as
1777 and 1.Z78, did not include the look-up table as part of the compressed file. However, the more
recent LZW algorithm modality does include the table in the file, and the decoding program that
decompresses the file for viewing is able to build the table itself using the algorithm as it processes the
encoded input. The GIF format uses the 2D raster data type (associated with display screens using
raster lines) and is encoded in binary.

Two versions of GIF formats include GIF 87a, and more recently GIF89a that allows for
“animated GIF” file creation, or short sequences of images within a single GIF file that are played in
sequence to present movement or change in the image (either in an endless loop or through a
progression that reaches an end). GIF89A also altows for, and also for “interlaced GIF”, which is a
GIF image that arrives and is displayed by the receiver first as a fuzzy outline of an image that is
gradually replaced by seven successive waves of bit sireams that fill in the missing lines until full
resolution is reached. Interlaced GIF allows, for example, a viewer using 14.4 Kbps and 28.8 Kbps
modems to observe a briefer wait-time before certain information in a subject image may be processed,
such as for example to make decisions (e.g. to click on the image to execute an operation such as a
link).

By presenting waves of resolution filling image sequences, interlaced GIF is similar to

“Progressive JPEG”, which describes an image created using the JPEG suite of compression algorithms
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that will “fade in” in successive waves. While the progressive JPEG is often observed to be more
appealing way to deliver an image at modem connection speeds, users with faster connections may not
likely notice a difference.

“PNG” or “Portable Network Graphics” format has been more recently developed for image
compression and that, in time, has been publicized to replace the GIF format for Internet use (though
not generally the JPEG format allowing size/quality trade-offs). This format has been developed for
public consumption and development. Similar to GIF, PNG is considered a “lossless” compression
format, and therefore all image information is restored when a compressed file is decompressed during
viewing. However, PNG formatted files are generally intended to be from 10 to 30 percent more
compressed than with a GIF format. Further aspects of PNG file formats are provided as follows: (i)
color transparency may not be limited to only one color, but the degree of transparency may be
controlled (“opacity”); (ii) “interlacing” of images is improved versus standard GIF; (iii) “‘gamma
correction” is enabled, allowing for “tuning” of images in terms of color brightness required by specific
display manufacturers; (iv) images can be saved using true color, palette, and gray-scale formats
similar to GIF; and (v) “animation” is generally not supported, though PNG is generally considered
extensible and therefore software may be layered to provide for such scriptable image animation.

“TIFF” is an acronym for “Tag Image File Format”, and is a common format for exchanging
raster graphics (or “bitmap”) images between application programs, such as for example graphics used
for scanner images. A TIFF file is usually given a name suffix of ““.tif”” or “.tiff’, and had generally
been developed in the mid-1980°s with the support of Adobe Software, Microsoft, and Hewlett-
Packard. TIFT files can be in any of several classes, including gray scale, color palette, or RGB full
color, the descriptions and differences of which are further developed elsewhere herein this disclosure.
TIFF files may also include files with JPEG, LZW, or CCITT Group 4 standard run-length image
compression, which are also further described elsewhere herein. As one of the most common graphic
image formats, TIFF files are typically used in desktop publishing, faxing, 3-D applications, and

medical imaging applications.
Video CODECS
Video compression has been the topic of intense development for various applications,

including, for example: pre-recorded video (e.g. “video-on-demand”), teleconferencing, and live video

(e.g. broadcasts). “Desk-top” computers, wireless devices, conventional televisions, and high
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definition televisions are examples of the different types of receiving devices that an efficient video
compression system must serve.

In general, video CODEC algorithms operate on either or both of an individual, frame-by-frame
basis, and/or on a “temporal compression” basis wherein each frame is the most common video
compression algorithms in conventional use are based on several mathematic principles, including the
following: Discrete Cosine Transforms (“DCT”), Wavelet Transforms and Pure Fractals.

“Discrete Cosine Transforms” or “DCT’s” are by far the most popular transforms used for
image compression applications . In general, DCT is a technique for representing waveform data as a
weighted sum of cosines. The DCT is similar to the discrete Fourier transform: it transforms a signal or
image from the spatial domain to the frequency domain. The DCT helps separate the image into parts
(or spectral sub-bands) of differing importance (with respect to the image's visual quality). Reasons for
its popularity include not only good performance in terms of energy compaction for typical images but
also the availability of several fast algorithms. DCTs are used in two international image/video
compression standards, JPEG and MPEG.

“Wavelet transforms” are generally mathematical algorithms that convert signal data into a set
of mathematical expressions tl'lat can then be decoded by a destination receiver device, such as for
example in a manner similar to Fourier transform. Wavelets have been observed to enhance recovery
of weak signals from noise, and therefore images processed in this manner can be enhanced without
significant blurring or muddling of details. For this reason, wavelet signal processing has been
particularly applied to X-ray and magnetic-resonance images in medical applications. In Internet
communications, wavelets have been used to compress images to a greater extent than is generally
possible with other conventional methods. In some cases, the wavelet-compressed image can be as
small as about 25 percent the size of a similar quality image using the more familiar JPEG format,
which is discussed in further detail elsewhere in this disclosure. Thus, for example, a photograph that
requires 200Kb and takes a minute to download in JPEG format may require only 50Kb and take only
15 seconds to download in wavelet-compressed format. A wavelet-compressed image file is often
given a name suffix “.wif”, and either the receiver (e.g. Internet browser on a computer receiver) must
support these format specific files, or a plug-in program will be required to read such file.

Fractal image compression is a modern technique of lossy image coding that provides several
improvements over existing Fourier series compression schemes. Edge depiction is improved since,
when modeled as a step function, edges require a large number of Fourier series terms to properly

depict. Other advantages of fractals include fast decoding time and scale independence. Fractal
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compression is based on Mandelbrot sets which take advantage of a self similar, scaling dependent,
statistical feature of nature (Mandelbrot, 1983). Fractal compression and decompression involves a
clustering approach to find regions which show the same characteristics as a sample region
independent of rotation and scale. The fractal image compresses images as recursive equations and
instructions about how to reproduce them. The equations describe the image in terms of the
relationships between its components. The reduction in storage need is due to the fact that fractal
compression saves equations and instructions instead of a pixel representation of the image.

“MPEG” is an acronym for Moving Picture Experts Group and has come to be used
synonymously with certain evolving video and audio compression standards promuigated therefrom.
In general, to use MPEG video files, a personal computer is required with sufficient processor speed,
internal memory, and hard disk space to handle and play the typically large MPEG file, usually given
the name suffix “.mpg”. A specified MPEG viewer or client software that plays MPEG files must be
available on the client system, and generally can be downloaded shareware or versions of commercial
MPEG players from various sites on the Web. The modes of operation for MPEG formatted media are
herein described by reference to these sequentially evolved standards as follows.

More specifically, MPEG-1 standard was designed for coding progressive video generally at a
transmission rate of about 1.5Mbps. This was §m1erally designed for the specific application for
Video-CD and CD-I media. MPEG-1 audio layer-3 (“MP3”) has also evolved from early MPEG work.
“MPEG-2" is a standard generally designed for coding interlaced images at transmission rates above 4
Mbps, and was generally intended for use with digital TV broadcast and digital versatile disk. Though
it 1s generally observed that many MPEG-2 players can handle MPEG-1 data as well, the opposite is
not generally observed to be true and MPEG-2 encoded video is generally incompatible with MPEG-1
players. Yet another progressive standard, “MPEG-3", has also been proposed for use with high
definition television (“HDTV™), though in general MPEG-3 has merged with MPEG-2 which is
generally believed to meet the HDTV requirements. Finally, an “MPEG-4” standard has also been
most recently developed and is intended to provide a much more ambitious standard to address speech
and video synthesis, fractal geometry, and computer visualization, and has further been disclosed to
incorporate artificial intelligence in order to reconstruct images.

MPEG-1 and -2 standards define techniques for compressing digital video by factors varying
from 25:1 to 50:1. This compression is achieved according to these standards generally using five
different compression techniques: (i) discrete cosine transform (DCT), which is a frequency-based

transform; (ii) “quantization’, which is a technique for losing selective information, €.g. lossy
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prediction”, wherein some images are predicted from the pictures immediately preceding and following
the image.

Further more detailed examples of commercially available video compression technologies
include: Microsoft Media Player' ™ (available from Microsoft Corporation), RealPlayer™ or
RealSystem G2™ (commercially available from Real Networks™), Apple’s QuickTime™
(commercially available from Sorenson’™); and “VDO”. The Microsoft Media Player™ is generally
believed to apply the MPEG standard of CODEC for compression/decompression, whereas the others
have been alleged to use proprictary types of CODECS. Standard compression algorithms, such as
MPEG4, have made their way into the hands of developers who are building embedded systems for
enterprise streaming, security, and the like.

One example of a more recent effort to provide streaming video solutions over Wireless and IP
networks has been publicized by a company named Emblaze Systems (LSE:BLZ). This company has
disclosed certain technology that is intended for encoding and playback of live and on-demand video
messages and content on any platform: PC's, PDA's, Video cell phones and Interactive TV. Emblaze
Systems is believed to be formerly GEQO Interactive Media Group. The following Published
International Patent Applications disclose certain streaming media compression technologies that is
believed to be related to Emblaze Systems to the extent that GEO Interactive Media Group is named as
“Assignee”™: W09731445 to Carmel et al.; and W0O9910836 to Carmel. The disclosures of these
references are herein incorporated in their entirety by reference thereto.

Another company that has published CODEC technology that is intended to improve
communication of streaming media for wireless applications is Packetvideo™ Corporation, more
specifically intending to communicate streaming video to cellular phones. In addition, they are
believed to be promoting CODEC technology that is intended to track temporal scalability and signal
error resistance in order to protect video and audio streams from the hazards of the wireless
environment. U.S. Patent No. 6,167,092 to Lengwehasatit discloses further examples of certain
streaming media compression/decompression technology that are believed to be associated with
Packetvideo as the named *“Assignee’ on the face of this Patent reference. The disclosure of this patent
reference is herein incorporated in its entirety by reference thereto.

Another prior reference discloses CODEC iechnology that is intended to provide a cost
effective, continuously adaptive digital video system and method for compressing color video data for
moving images. The method involves capturing an analog video frame and digitizing the image into a

preferred source input format for compression using a combination of unique lossy and lossless digital
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Another prior reference discloses CODEC technology that is intended to provide a cost
effective, continuously adaptive digital video system and method for compressing color video data for
moving images. The method involves capturing an analog video frame and digitizing the image into a
preferred source input format for compression using a combination of unique lossy and lossless digital
compression techniques including sub-band coding, wavelet transforms, motion detection, run length
coding and variable length coding. The system includes encoder and decoder (CODEC) sections,
generally disclosed to use a “Huffman” encoder, for compression and decompression of visual images
to provide high compression that is intended to provide good to excellent video quality. The
compressed video data provides a base video layer and additional layers of video data that are
multiplexed with compressed digital audio to provide a data stream that can be packetized for
distribution over inter or intranets, including wireless networks over local or wide areas. The CODEC
system disclosed is intended to continuously adjust the compression of the digital images frame by
frame in response to comparing the available bandwidth on the data channel to the available bandwidth
on the channel for the previous frame to provide an output data stream commensurate with the
available bandwidth of the network transmission channel and with the receiver resource capabilities of
the client users. The compression may be further adjusted by adjustment of the frame rate of the output
data stream. '

Further more detailed examples of CODEC systems that are intended for use atuleast in part for
streaming video communication are disclosed in the following U.S. Patent Nos.: 6,081,295 to Adolph
et al.; 6,091,777 to Guetz et al.; 6,130,911 to Lei; 6,173,069 B1 to Daly et al.; 6,263,020 B1 to Gardos
et al.; 6,272,177 to Murakami et al.; and 6,272,180 B1 to Lei. The disclosures of these references are
herein incorporated in their entirety by reference thereto.

Most if not all prior streaming video compression methodologies look to the extremely complex
mathematical tools within such CODECS, and subtle changes to them, to carry “one size fits all” video
over public and private networks of all types, from ultra-low bandwidth networks such as that found in
wireless networks, to satellite commumcations to ultra-high speed fiber optic installations. Among the
various conventional methods of compression, there are generally user-definable parameters, including
tradeoffs between image size, frame rate, color depth, contrast, brightness, perceived frame quality,
buffer length, etc. Further, within the algorithms themselves there are numerous non-user definable
qualities and weighted calculations. It is up to the developers to set these one time for one “general”

interest, and then package and ship the product.
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However, while the video streaming market continues to grow rapidly, the world has not chosen
one standard for compression as no one algorithm is ideal for all video sources, destinations, or
transmission modalities. While a first CODEC may be best for one type of signal, or for a first portion
of a signal (e.g. frame or scene comprising a series of frames), another second CODEC may be best for
another type of signal, or even another second portion of the same signal. Still further, one CODEC
may be best suited for compression/decompression of a particular streaming signal among send,
receive, and transmission devices in a communications networlk; another second CODEC may be better
suited than the first for the same streaming media signal but for another set of communication device
parameters. For example, some video streams may deliver color to handheld devices while other video
streams can take advantage of the loss of pixels in a black and white transmission to a cellular phone to
increase frame rate. Required sound quality, frame rates, clarity, and buffering tolerance all decidedly
impact the compression algorithm of choice for optimized video and audio delivery across multiple
platforms.

In fact, certain communication device parameters may be sufficiently transient during the
streaming media transmission such that an initially appropriate CODEC for an initial set of parameters
may be rendered less efficient than another CODEC due to changes in those parameters during the
same streamed signal transmission. Examples of such transient parameters include, without limitation:
available band width in the data transmission channel, available memory or processing power in either
the send or receiving devices, and dedicated display resolution/window in the receiving device (e.g.
minimizing windows on a screen). These problems are compounded exponentially by a vast number of
iterations of different combinations of such factors that may differentiate one CODEC from another as
being most efficient for compression, decompression, and delivery of a specific streaming media signal
along a particular communications device system.

As CODEC systems are “format-specific”, source and destination devices must be “pre-
configured” to communicate media signals between each other according to common, specific
compression/decompression modalities, else transcoders must be used. However, even if conventional
transcoders are used, constraints in the communication system (e.g. source, iransmission channel,
destination device) are not generally considered and the communication may be significantly faulty.
For the purpose of further illustration, Figures 1A and 1B show two different schematic representations
of conventional methods for communicating media between source 110 -120 and destination devices
130 -140. These illustrations specifically exemplify streaming video communication, though other

media forms may be represented by similar systems.
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It has been observed that CODEC algorithms can generally be modified for a specific
application and then perform better than a similar unmodified set over that limited example. However,
this generally must be done either for a series of frames, or ideally, for each individual frame. Some
DCT based algorithms have as many as two billion mathematical operations occurring for each frame
at higher resolutions and lower perceived quality. This is entirely too much math for average
machines, even commercial servers, to perform thirty to sixty times in a single second. This is the

reason for the advent of the dedicated compression board or ASIC.
Audio CODECS

In addition to society’s recent interests in improving video compression, audio compression has
likewise been the topic of significant efforts also for various live or pre-recorded applications,
including audio broadcast, music, transmission synchronized with video, live interactive voice (e.g.
telephone). Any and all of these audio compression applications must be compatible with a wide range
of client-side receiver/players, such as on a multitude of handheld or desk-top devices having widely
varied capabilities and operating parameters.

Conventional audio CODECS generally comprise several different types, a few of which are
herein briefly summarized for the purpose of illustration.

“Code Excited Linear Prediction” or “CELP” is a type of speech compression method using
waveform CODECS that use “Analysis-by-Synthesis” or “AbS” within the excitation-filter framework
for waveform matching of a target signal. CELP-based CODECS have recently evolved as the
prevailing technique for high quality speech compression, and has been published to transmit
compressed speech of toll-quality at data rates nearing as low as about 6 kbps. However, at least one
publication discloses that the quality of CELP coded speech is reduced significantly for bit rates at or
below 4 kbps.

“Vocoders” are speech CODECS that are not based on the waveform coding scheme, but rather
use a quantized parametric description of the target input speech to synthesize the reconstructed output
speech. Vocoders have been disclosed to deliver better speech quality at low bit-rates, such as about 4
kbps, and have been developed for such applications. Low bit rate vocoders use the periodic
characteristics of voiced speech and the “noise-like” characferistics of stationary unvoiced speech for
speech analysis, coding and synthesis. Some early versions of vocoders (e.g. federal standard 1015

LPC-10, use a time-domain analysis and synthesis method. However, most of the more recent versions,
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which at least one publication labels “harmonic coders”, utilize a harmonic spectral model for voiced
speech segments.

Notwithstanding the previous description of certain specific speech compression techniques, a
vast number of speech CODECs and standards have been developed by industry and managed by
industry and nonprofit groups. Examples of such groups include without limitation the following, and
their standards are often used as reference types of CODECS: the European Telecommunications
Standards Institute (“ETSI”); the Institute of Electrical and Electronics Engineers (“IEEE”); and the
International Telecommunication Union Telecommunications Standards Sector (“ITU-T”), formerly
the “CCITT”.

One more recently disclosed method and apparatus for hybrid coding of speech, specified at 4
Kbps, encodes sppech for communication to a decoder for reproduction of the speech where the speech
signal is classified into three types: (i) steady state voiced or “harmonic”; (ii) stationary unvoiced; and
(111) “transitory” or “transition” speech. A particular type of coding scheme is used for each class.
Harmonic coding is used for steady state voiced speech, “noise-like” coding is used for stationary
unvoiced speech, and a special coding mode is used for transition speech, designed to capture the
location, the structure, and the strength of the local time events that characterize the transition portions
of the speech. The compression schemes are intended to be applied to the speech signal or to the LP
residual signal.

Another recently disclosed method and arrangement for adding a new speech encoding method
to an existing telecommunication system is also summarized as follows. A CODEC is introduced into
a speech transmitting transceiver of a digital telecommunications system in order to use a “new”
CODEC and an “old” CODEC in parallel in the system. A CODEC is selected by implementing a
handshaking procedure between transceivers where a speech encoding method is implemented in all
transceivers and previously used in the telecommunications system concerned. The handshaking is
used at the beginning of each connection. At the beginning of a phone call and after handover, the
method checks whether both parties can also use the new speech encoding. The handshaking messages
have been selected so that their effect on the quality of speech is minimal, and yet so that the
probability of identifying the messages is maximal.

Still another relatively recent reference discloses a tunable perceptual weighting filter for
tandem CODECS intended for use in speech compression. Specific filter parameters are tuned to

provide improved perfromance in tandeming contexts. More specifically, the parameters used are 1o
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order LPC predictor coefficients. This system is specified to use “Low-Delay Excited Linear
Predictive” CODECS, or “LD-CELP”.

Further more detailed examples of streaming audio communications systems using CODECS
such as according to the examples just described are provided in the following US Patent references:
6,144,935 to Chen et al.; 6,161,085 to Haavisto et al.; and 6,233,550 to Gersho. The disclosures of

these references are herein incorporated in their entirety by reference thereto.
Artificial Intelligence (“Al1”) and Neural Networks with CODECS

Various systems and methods have been recently disclosed that are intended to integrate
artificial intelligence (“AI”) or neural networks with the compression and decompression of streaming
media signals.

The terms “artificial intelligence” are herein intended to mean the simulation of human
intelligence processes by computer systems, including learning (the acquisition of information and
rules for using the information), reasoning (using the rules to reach approximate or definite
conclusions), and self-correction. Particular applications of Al include “expert systems”, which are
computer programs that simulate judgment and behavior of a human or organization that has expert
knowledge and experience in a particular field. Typically, expert systems contain a knowledge base to
each particular situation that is described to the program, and can be enhanced with additions to the
knowledge base or to the set of rules.

The terms “neural network™ are herein intended to mean a system of programs and data
structures that approximates the operation of the human brain, usually involving a large number of
processors operating in parallel, each with its own small sphere of knowledge and access to data in its
local memory. Typically, a neural network is initially trained or fed large amounts of data and rules
about data relationships, after which a program can tell the network how to behave in response to an
external stimulus (e.g. input information). In making determinations, neural networks use several
principles, including without limitation gradient-based training and fuzzy logic. Neural networks may
be further described in terms of knowledge layers, generally with more complex networks having
deeper layers. In “feedforward™ neural network systems, learned relationships about data can “feed
forward” to higher layers of knowledge. Neural networks can also learn temporal concepts and have

been widely used in signal processing and time series analysis. Other published applications of neural
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networks include oil exploration data analysis, weather prediction, the interpretation of nucleotide
sequences in biology labs, and the exploration of models of thinking and consciousness.

The terms “fuzzy logic” are herein intended to mean an approach to computing based upon
“degrees of truth” rather than “Boolean logic” which operates within only a true/false (or “binary”, as 1
or 0) domain. Fuzzy logic was first advanced by Dr. Lotfi Zadeh of the University of California at
Berkeley in the 1960°s in relation to work on a problem of computer understanding of natural language,
which is not easily translated into absolute Boolean logic terms. Fuzzy logic often does include the
cases of 0 and 1 as exfreme cases of truth, but also includes the various states of truth in between (e.g. a
determination of that the state of being is at some threshold, such as 0.98, may assists in making a
decision to assign a 1 with an acceptably low occurrence of error in an operation).

One example of a previously disclosed streaming media compression/decompression system
infended to use with artificial intelligence through a neural network uses a Radon transform in order to
compress data such as video data. Several previously disclosed Al and/or neural network systems are
intended to use Al and/or neural networks for the purpose of error correction during use of certain
specified lossless compression CODECS. For example, a learning system is employed to determine a
difference between what was received by a receiver after compression and transmission and what is
predicted to have been received at the transmission end. That difference is processed as learning to
modify the tuning of the CODEC for an additional transmission.

Another example of a disclosed method and device is intended to extrapolate past signal-history
data for insertion into missing data segments in order to conceal digital speech frame errors. The
extrapolation method uses past-signal history that is stored in a buffer. The method is implemented
with a device that is disclosed to utilize a finite-impulse response (“FIR”), multi-layer, feed-forward,
artificial neural network that is trained by back-propagation for one-step extrapolation of speech
compression algorithm (“SCA”) parameters. Once a speech connection has been established, the
speech compression algorithm device begins sending encoded speech frames. As the speech frames are
received, they are decoded and converted back into speech signal voltages. During the normal
decoding process, pre-processing of the required SCA parameters will occur and the results stored in
the past-history buffer. If a speech frame is detected to be lost or in error, then extrapolation modules
are executed and replacement SCA parameters are generated and sent as the parameters required by the
SCA. In this way, the information transfer to the SCA is intended to be transparent, and the SCA

processing continues as usual. This disclosure alleges that the listener will not normally notice that a
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speech frame has been lost because of the smooth transition between the last-received, lost, and next-
received speech frames.

Further more detailed examples of systems that are intended to use artificial intelligence and/or
neural networks in systems for media compression and/or decompression, generally relating to media
type-specific CODEC methods (e.g. speech, video), are variously disclosed in the following U.S. Patent
References: 5,005,206 to Naillon et al.; 5,041,916 to Yoshida et al.; 5,184,218 to Gerdes; 5,369,503 to
Burel et al.; 5,598,354 to Fang et al.; 5,692,098 to Kurdziel; 5,812,700 to Fang et al.; 5,872,864 to
Imade et al.; 5,907,822 to Prieto, Jr.; and 6,216,267 to Mitchell. Still further examples are provided in
the following Published International Patent Applications: WO 01/54285 to Rising; EPO 0372608 Al
to Naillon et al.. The disclosures of all these references cited in this paragraph are herein incorporated
in their entirety by reference thereto.

Other disclosures of CODEC systems using feedback or other systems for operating CODECS
for use in processing a variety of streaming media signals, but that are not believed to specifically use
the labels “AI” or “neural networks”, are disclosed in the following U.S. Patent Nos.: 6,072,825 to
Betts et al.; 6,182,034 B1 to Malvar; 6,253,165 B1 to Malvar; 6,256,608 B1 to Malvar. The

disclosures of these references are herein incorporated in their entirety by reference thereto.

Notwithstanding the significant advancements in CODEC algorithms themselves, and despite
prior intended uses of AI and other feedback systems for operating CODECS in order to improve
compression efficiencies in communication, there is still a need for significant improvement in the
ability to efficiently provide a wide variety of streaming media signals to a wide variety of destination
receiver devices over a wide variety of transmission channels with varied bandwidths and
communication protocols.

There is still a need to incorporate Al and/or neural networks to apply an appropriate CODEC
for communication of a streaming media signal based upon a variety of parameters, including without
limitation one or more of the following: (a) the automated choosing of an appropriately optimized
CODEC from a library of available CODECS of different types and operation, including in particular
based upon an intelligent knowledge of the chosen CODEC’s operation compared to the other
CODEC’s operation and/or against a standard, (b) a pre-trained and/or iteratively learned knowledge of
the particular CODEC’s operation within a given set of operating parameters representative of the

existing situation; and (c) a tuning of the appropriate CODEC based upon an intelligent knowledge of
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its operation with respect to either or both of the existing situation or a test situation with reference
parameters.

In particular, there is still a need for such an intelligent CODEC system that bases an applied
CODEC upon an existing situation that is defined by one or more of the following: parameters of the
streaming media signal itself] parameters of the transmission channel capabilities and constraints; and
parameters of the receiver device capabilities and constraints.

Still further, there is also still a need for such an intelligent CODEC system that operates based
upon an intelligent knowledge with respect to all of these operations and sifuational parameters in order
to optimize the appropriate compression, transmission, decompression, and playing of the subject

streaming media signal.

Conventional Transcoders for Streaming Media

Also of recent interest in the field of streaming media communication is providing
intercommunication between the wide array of “format-specific” encoding systems in present use. An
existing field of various different format-specific systems and pre-encoded content has created a widely
fragmented ability to process encoded content, resulting in a significant quagmire of compatibility
issues between content providers and client users. If one client desires to see or hear streaming content
from a particular source and that content must be put through a CODEC for compression, a compatible
CODEC must be used on the client side for decompression to enjoy the signal. Unfortunately, source
content is often married to only a few, and often only one, specific CODEC schemes. Therefore, if a
client requests such encoded content (or if the source desires to push the encoded content to a particular
client), one of two criteria must be met: (1) the client must download or otherwise possess the format-
specified CODEC (decoder); or (2) the source media must be put through a “transcoder” in order to
decode the source media from the first format into a second format that is compatible with the client’s
device/system. The term “transcoder” is herein intended to mean a system that converts a media signal
from one encoded (i.e. compressed) format to another.

Various techniques for transcoding one media format into another have been previously
disclosed. Figure 1C shows one illustrative example of the general process that is characteristic of
many known transcoding techniques. More specifically, a request 159 is first received from a
particular type of device or player for content that exists in an initial,' uncompatible format. According
to the specific example shown in Figure 1C, a request 159 from a Microsoft Media™ Player for Real™

Video Content is received. As the content is specifically requested, the content is decoded from the
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initial format (e.g. Real-encoded format), and is then “re-encoded” into the appropriate format for the
requesting player (e.g. Microsoft Media™ format). This re-encoded media is then served to the
requesting client for decoding within the resident system of that player.

This conventional system has significant scalability limitations, in that simultaneous feeds on
multiple channels for multiple clients must be supported by an equal number of transcoders. For
example, Figure 1D shows a schematic implementation of the conventional transcoding technique just
described as it manages four simultaneous stream requests from four Microsoft Media Players, wherein
the requested content is initially encoded in Real™ format. The system architecture necessary o
support the four encoders 151 - 154 and four decoders 155 - 158 requires significant computing
resources. For example, it is believed that each encoder 151 - 154 provided in the example requires a
computer having a 600 MHz (e.g. Pentium™ III) having 128 Mbytes of RAM available, or dual 400
MHz processors (e.g. Pentium II) with 256 Mb available RAM. It is further believed that each decoder
155 — 158 needs a 233 MHz machine (e.g. Pentium™ II) having 64 Mb of available RAM. So, four
such streams requires the equivalent of a Quad 900 Xeon (available from Compaq, Hewlett Packard,
Dell and IBM, estimated to cost at the time of this disclosure about $9K retail). This is for four
simultaneous strearns — society is presently demanding thousands upon thousands of simultaneous
streams.

There is still a need for a transcoder system that efficiently converts multiple format-specifically
encoded streaming media signals into multiple other formats using minimal computing resources and in

a cost-efficient manner.

Parameters Affecting Media Communication

For the purpose of further illustrating the many variables that may impact the choice of an
appropriate CODEC in order to communicate a particular streaming media signal to a desired target,
the following is a brief summary of various different types of streaming video formats and processing
systems. It is believed that these different systems each generally require different types of
compression modalities (e.g. CODECS) in order to optimize communication and playing of streaming
media signals in view of available transmission speeds and bandwidth, as well as receiver processing
parameters.

Although certain specific types of communications formats and systems are further herein

described in detail, the following Table 1 provides a summary of a significant cross-section of the
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various different communications systems and transmission carriers currently available or disclosed in

view of available speed or bandwidth.

TABLE 1: Data Rates of Various Gommunications Carrier systems

Technology Speed i Physical Medium Application
. v )
[:':': fvl\g;oblle teleghioms 9.6 to 14.4 Kbps JlRF in space (wireless) {fMobile telephone for business and personal use
High-Speed Circuit-Switched 1 . . .
{ Data service (HSCSD) lUp to 56 Kbps lR.F in space {wircless) IMobile telephone for business and personal usc|
Hg:g;l};; i lUp to 53 Kbps I Twisted pair ﬂl-lome and small business access
Dedicated 56Kbps on Frame . usiness e-mail with fairly large file
Relay 56 Kbps |Various mechmmts
e base signal on a channel in the set of
' S0 164 Xbps Al E?giml Signal levels
%?gg; Faciet Sadio Sysiem 56 to 114 Kbps !RF in space (wireless) “;lobile telephone for business and personal use| |
BRI: 64 Kbps to 128 Kbps !
ISDN RI: 23 (T-1) or 30 (El) essignable 64- {BRI: Twisted-pair RI: Faster home and small business access
Kbps channels plus control channel; up JPRI: T-1 or El line PRI: Medium and large enterprise access
10 1.544 Mbps (T-1) or 2.048 (E1)
[iDsL. 128 Kbps Twisted-pair {{Faster home and small business access
ocal area network for Apple devices; several
[AppleTalk 230.4 Kbps Twisted pair etworks can be bridged; non-Apple devices
can 2lso be connected
Enhanced Data GSM . . " .
JEuvimlmk:u { (EDGE) 384 Kbps ‘RF in space {wireiess) F/lobﬂe telephone for business and personal usef
Satellite 1400 Kbps (DirecPC and others) RF in space (wireless) HtFaster home and small enterprise access
. - . . . Large company backbone for LANs to ISP
Frame relay 56 Kbps to 1.544 Mbps iTwisted-pair or coaxial cable 1 SP 1o Intemnet infrastructare
ot i Twisted-pair, coaxial cable, or |{Large company to ISP
"Pb]“ -1 1-544 Mbps loptical fiber JLSP to Internet infrastructure
Universal Mobile ﬂ . .
o . , . . obile telephone for business and personal usef}
elecommunications Service ({Up to 2 Mbps RF in space (wireless) F(Z‘vanab)e in 2002 or later)

(UMTS)

. Twisted-pair, coaxial cable, or . _
lE—camer [2.048 Mbps optical fiber 32-channel European equivalent of T-1
Twisted-pair, cozxial cable, or  {|Large company to ISP
T-1C(DSIC) p.152 htps optical fiber J ISP to Internet infrastructure
. Twisted-pair, coaxial cable, or  [{Second most commonly-used local area
PBM Token Ring/802.5 4 Mbps (also 16 Mbps) optical fit ’ JLetwork after Ethernet
Twisted-pair, coaxial cable, or ||Large company to ISP
‘IDSM',Z pI12 Mbpe loptical fiber I.ISP 1o Internet infrastructure
Digital Subscriber Line "Twistcd-pair (used as a digital, l {ome, small business, and enterprise access
SL) 512 Kbps to 8 Mbps roadband medium using existing copper lines
isted-pair, coaxial cable, or I; . . .
2 |8,448 Mbps “ ipn'cal fiber ’ arries four multiplexed E-1 signals
Coaxial cable (usually uses
512 Kbps to 52 Mbps Ethernet); in some systems, .
eble modem (see "Key and explanation” below) clephone used for upstream JHome, business, school access
- requests
1OBASE-T (twisted-pair); .
Ethemnet 10 Mbps 10BASE-2 or -5 (coaxial cable): Fﬁﬁl;mp”‘a‘b“s‘"ess local area network
10BASE-F (optical fiber)
. . Twisted-pair, coaxial cable, or econd most commonly-used local arca
I [BM Token Ring/802.5 16 Mbps (also 4 Mbps) optical fiber etwork after Ethemnet

HE-3 34.368 Mbps Twisted-pair or optical fiber TiCarrics 16 B signals
. SP to Internet infrastructure
unszrr = [-736 Mbpe Joomsial cable J maller finks within Internet infrastructure
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HSSI)

l . ISP to Internet infrastructure
toc ! 5184 Mops Optical fiber lS'maller links within Internet infrastructure
k‘lgh—Speed Setiel Ratesthcs tUp to 53 Mbps JIHSSI cable Short-range (50 feet) interconnection between

J{Betwccn router hardware and WAN lines

slower LAN devices and faster WAN lines |

100BASE-T (twisted pair); . .
uiast Etheret 100 Mbps 100BASE-T (twisted pair); Aol Aadied ot aa
100BASE-T(optical fiber) B8 inio a F'as
iber Distributed-Data . Large, wide-range LAN usually in a large
R:ntcrface (FDDI) 100 Mups ,Ophcal fiber olnp:’my or a larger ISP
. . SP to Internet infrastructure
[1-3D (DS3D) 135 Mbps ﬂoP e I mailer links within Internet infrastructure
. riies 4 E3 channels
EA 139-264 Mbps u()pma] fiber ng; to 1,920 simultancous voice conversations
_ 59 . _ arge company backbone
"()C 3/SDH 155.52 Mbps }'lOpncal fiber "}_ntemet backbone
. . arries 4 E4 channels
uF’S 565-148 Mbps ﬂOpucal fber IISL‘O 7,680 simultaneous voice conversations
floC-12/ST™M-4 622.08 Mbps [{Optica) fiber [internet backbone
o tical fiber (and "copper" up tol orkstations/networks with 10/100 Mbps
uGrgabxt Etbemet 1 Gbps I 100 meters) Ethemnet plug into Gigabit Ethernet switches
jjoc-24 1.244 Gbps \[Optical fiber |Iinternct backbone
lISciNet 2.325 Gbps (15 OC-3 lines) \{Optical fiber _||Part of the vBNS backbone
0C-48/STM-16 2.488 Gbps liOptical fiber Hinternet backbone
{oC-192/STM-64 10 Gbps {{Optical fiber J[Backbone
ffoc-256 13.271 Gbps JiOptical fiber |IBackbone
Comments & Key for Table:

(i)The term "Kbps" as the abbreviation for "thousands of bits per second.” In international English outside the U.S., the equivalent
usage is "kbits s or "kbits/s".

(ii) Engineers use data rate rather than speed, but speed (as in "Why isn't my Web page getting here faster?") seems more meaningful
for the less technically inclined.

(iii) Relative to data transmission, a related term, bandwidth or "capacity,” means how wide the pipe is and how quickly the bits can
be sent down the channels in the pipe. These "speeds" are aggregate speeds. That is, the data on the multiple signal channels within the
carrier is usually allocated by channel for different uses or among different users.

Key: (i) "T" = T-carrier system in U.S., Canada, and Japan....(ii} "DS"= digital signal (that travels on the T-carrier or E-~carzier)...(iii)
"E" = Equivalent of "T* that uses all 8 bits per channel; used in countries other than U.S, Canada, and Japan....(iv) "OC" = optical
carrier (Synchronous Optical Network) “STM" = Synchronous Transport Modules (see Synchronous Digital Heirarchy). (v) Only the
most common technologies are shown. (vi) "Physical medium" is stated generally and doesn't specify the classes or numbers of pairs
of twisted pair or whether optical fiber is single-mode or multimode. (vii) The effective distance of a technology is not shown. (viii)
There are published standards for many of these technologies.

Cable modem note: The upper limit of 52 Mbps on a cable is to an ISP, not currently to an individual PC. Most of today's PCs are
limited to an internal design that can accommodate no more than 10 Mbps (although the PCI bus itself carrics data at a faster speed).
The 52 Mbps cable channel is subdivided among individual users. Obviously, the faster the channel, the fewer channels an ISP will
require and the lower the cost to support an individual user.

Internet Carrier Systems

Communication of streaming video via the Internet may take place over a variety of
transmission modalities, including for example digital subscriber lines (“DSL”), “T1” lines, cable
modem, plain old telephone service (“POTS”) dial-up modem, and wireless carriers. While a

description of the many different wireless transmission modalities is treated separately herein, a
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summary of various of these other transmission modes is herein p.rovided immediately below for the
purpose of further illustration as follows.

The terms “POTS” or “plain old telephone service”, or “dial-up”, as applied to communications
transmission channels, are herein interchangeably used. These terms are intended to mean “narrow-
band” communication that generally connects end users in homes or small businesses to a telephone
company office over copper wires that are wound around each other, or “twisted pair”. Traditional
phone service was created to let you exchange voice information with other phone users via an analog
signal that represents an acoustic analog signal converted into an electrical equivalent in terms of
volume (signal amplitude) and pitch (frequency of wave change). Since the telephone company's
signaling is already set up for this analog wave transmission, it's easier for it to use that as the way to
get information back and forth between your telephone and the telephone company. Therefore, dial-up
modems are used to demodulate the analog signal and turn its values into the string of 0 and 1 values
that is called digital information. Because analog transmission only uses a small portion of the
available amount of information that could be transmitted over copper wires, the maximum amount of
data that you can receive using ordinary modems is about 56 Kbps. The ability of your computer to
receive information is constrained by the fact that the telephone company filters information that
arrives as digital data, puts it into analog form for your telephone line, and requires your modem to
change it back into digital. In other words, the analog transmission between your home or business and
the phone company is a bandwidth bottleneck.

With “ISDN”, or “Internet subscriber digital network”, which some consider to be a limited
precursor to DSL, incoming data rates up to about 128 Kbps may be achieved for some end user
clients.

A “DSL” or “digital subscriber line” is generally defined as a “broadband” transmission carrier
for communicating high-bandwidth communication over ordinary copper telephone lines. Many
different types of DSL services have been disclosed, having generally varied data rates and intended
applications. Though further discussion is herein provided about certain of these DSL types, the
following Table 2 provides a summary of information for certain of these DSL types for the purpose of

further developing an overview understanding:
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bps downstream; 272 Kbps to 1.088
bps upstream

IRADSL Rate-Adaptive DSL fro
estell

l:"ol provided

Data Rate
DSL Type Description Downstream; Distance Limit Application
Upstream
IDSL ]S_DN Digita) Subscriber 128 Kbps 18,000 fget on24 |ISimilar to the ]SPN BRI service bul
ine J gauge wire ta only (no voicc on the same linc
onsumer DSL . 18,000 feeton 24  |Splitterless home and smali business|
ek from Rockwell ! Mbps downstream; less upstream ervice; similar to DSL Lite 1
DSL Lite o1 e From 1.544 Mbps to 6 Mbps c standard ADSL; sacrifices sprced
l(same as vﬁfégﬁ' :f;s..‘zi:: oll” downstream, depending on the l ]f"logo‘:i? on 24 for not having to install a splitter at
G.Lite) ’ subscribed service Seug the user's home or business
lG.Lite (same [["Splitterless” DSL reom 1.544 Mbps 1o 6 Mbps , lxs,ooo feet on 24 [Thrm °n;‘;";‘1:3:: ,ﬁ??;iiﬁ"l’f}fﬁiil’ifd
. - " : N . )
as DSL Lite) {fwithout the "truck roll”  |{depending on the subscribed service f{pauge wire he user's homic or busincss
1.544 Mbps duplex on two twisted-pai 1/E1 service batween server and
HDSL High bit-rate Digita) Jines; 12,000 feet on 24 hone company or within a
5 ubscriber Line 2.048 Mbps duplex on three twisted-  [fgauge wire company;
ir lines 'WAN, LAN, server access
r
1.544 Mbps duplex (U.S. and Canada) -
SpSL ISymmetric DSL 2.048 Mbps (Europe) on a single ;:;zzo‘ﬁi‘ e 24 ‘f:;;‘eoiifl‘:; fgfbi&ﬁ‘;"“g
duplex line downstream and upstream
1.544 Mbps at
18,000 feet;
2.048 Mbps at
symmetric Digital  |]1.544 to 6.1 Mbps downstream; 16,000 feet; [Used for Intemet and Web access,
ADSL 5 . {fmotion video, video on demand,
ubscriber Line 16 to 640 Kbps upstream 6.312 Mpbs at emote LAN access
12,000 feet;
8.448 Mbps at 9,000
feet
Adapted to the Jine, 640 Kbps to 2.2

Similar to ADSL

1.6 Mbps to 2.3 Mbps downstream

Mbps; 1,000 feet at

51.84 Mbps

Unidirectional DSL
jUDSL roposed by a company {jNot known ot known {Similar to HDSL
in Europe
4,500 feet at 12.96
. . ‘s 12.9 to 52.8 Mbps downstream; bps;
. 'Very high Digital . TM networks;
VDSL Subscriber Line 1.5 to 2.3 Mbps upstream; 3,000 feet at 25.82 iber to the Neighborhood

Typically published data rates for DSL service, which may vary depending upon distance from

the central office of the offering service company, includes rates up to 6.1 Mbps (theoretically

published at 8.448 Mbps), which is believed to enable continuous transmission of motion video, audio,

and 3-D effects. More typical individual connections provide from 512 Kbps to 1.544 Mbps
downstream and about 128 Kbps upstream. A DSL line can carry both data and voice signals and the

data part of the line is continuously connected. DSL has been anticipated in some publications to

replace ISDN in many areas and to compete with cable modem for multimedia communication to

homes and businesses. DSL operates purely within the digital domain and does not require change into

analog form and back. Digital data is transmitted to destination computers directly as digital data and

this allows the phone company to use a much wider bandwidth for forward transmission. Meanwhile, if
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a client user chooses, the signal can be separated so that some of the bandwidth is used to transmit an
analog signal so that a telephone and computer may be used on the same line and at the same time.

Most DSL technologies require that a signal splitter be installed at a home or business, requiring
the expense of é phone company visit and installation. However, it is possible to manage the splitting
remotely from the central office. This is known as splitterless DSL, "DSL Lite," G.Lite, or Universal
ADSL (further defined below) and has recently been made a standard. Several modulation
technologies are used by various kinds of DSL, although these are being standardized by the
International Telecommunication Union (ITU). Different DSL modem makers are using either Discrete
Multitone Technology (DMT) or Carrierless Amplitude Modulation (CAP). A third technology, known
as Multiple Virtual Line (MVL), is another possibility.

A variety of parameters of DSL operation are variable and affect the effective data rates that can
be achieved. DSL modems generally follow the data rate multiples established by North American and
European standards. In general, the maximum range for DSL without a repeater is 5.5 km (18,000 feet).
As distance decreases toward the telephone company office, the data rate increases. Another factor is
the gauge of the copper wire. The heavier 24 gauge wire carries the same data rate farther than 26
gauge wire. For destination devices beyond the 5.5 kilometer range, DSL may still be provided, though
only generally if the respective phone company provider has extended the local loop with optical fiber
cable.

To interconnect multiple DSL users to a high-speed network as a “backbone”, the telephone
company uses a Digital Subscriber Line Access Multiplexer (“DSLAM?”). Typically, the DSLAM
connects to an asynchronous transfer mode (“ATM”) network that can aggregate data transmission at
gigabit data rates. At the other end of each transmission, a DSLAM demultiplexes the signals and
forwards them to appropriate individual DSL connections.

“ADSL” or “Asyminetric Digital Subscriber Line” is the form of DSL that will become most
familiar to home and small business users. ADSL is called "asymmetric" because most of its two-way
or “duplex” bandwidth is devoted to the downstream direction, sending data to the user. Only a small
portion of bandwidth is available for upstream or user-interaction messages. However, most Internet
and especially graphics- or multi-media intensive Web data need lots of downstream bandwidth, but
user requests and responses are small and require little upstream bandwidth. Using ADSL, up to 6.1
megabits per second of data can be sent downstream and up to 640 Kbps upstream. The high
downstream bandwidth means that a telephone line may carry motion video, audio, and 3-D images to

destination computers or television displays. In addition, a small portion of the downstream bandwidth
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can be devoted to voice rather data, and phone conversations may be carried without requiring a
separate line, Unlike a similar service over “cable” television lines, ADSL does not compete for
bandwidth with neighbors in a given area. In many cases, your existing telephone lines will work with
ADSL. In some areas, they may need upgrading.

“CDSL” or “Consumer DSL” is a trademarked version of DSL, to be made available by
Rockwell Corporation, that is somewhat slower than ADSL (1 Mbps downstream, generally predicted
to be lower upstream) but has the advantage that a "splitter" does not need to be installed at the user's
end. Hardware may be required to carry CDSL by local phone companies to homes or businesses.
CDSL uses its own carrier technology rather than DMT or CAP ADSL technology.

Various companies have worked with telephone companies in developing a standard and easier
installation version of ADSL, called “G.Lite”, that is believed to be under deployment at the time of
this disclosure. “G.Lite” or “DSL Lite” (also known as “splitterless ADSL”, and “Universal ADSL”) is
believed to be essentially a slower ADSL that doesn't require splitting of the line at the user end but
manages to split it for the user remotely at the telephone company, which is believed to lower costs.
G.Lite, officially ITU-T standard G-992.2, is published to provide a data rate from 1.544 Mbps to 6
Mpbs downstream and from about 128 Kbps to about 384 Kbps upsiream. At least one publication has
predicted G.Lite to become the most widely installed form of DSL.

“HDSL” or “High bit-rate DSL” is believed to be the earliest variation of DSL to be widely
used for wideband digital transmission within a corporate site and between the telephone company and
a customer. The main characteristic of HDSL is that it is symmetrical: an equal amount of bandwidth is
available in both directions. For this reason, the maximum data rate is generally lower than for ADSL.
HDSL can carry as much on a single wire of twisted-pair as can be carried on a T1 line in North
America or an E1 line in Europe (up to about 2.32 Mbps).

“IDSL” or “ISDN DSL” is somewhat of a misnomer since it's really closer to ISDN data rates
and service at about 128 Kbps than compared with the much higher rates generally associated with
ADSL.

“RADSL” or “Rate-Adaptive DSL” is an ADSL technology to be made available from Westell
company in which software is able to determine the rate at which signals can be transmitted on a given
customer phone line and adjust the delivery rate accordingly. Westell's “FlexCap2™ version system
uses RADSL to deliver from about 640 Kbps to about 2.2 Mbps downstream and from about 272 Kbps

to about 1.088 Mbps upstream over an existing line.
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“SDSL” or “Symmetric DSL” is similar to HDSL with a single twisted-pair line, carrying about
1.544 Mbps (U.S. and Canada) or about 2.048 Mbps (Europe) each direction on a duplex line. It's
symmetric because the data rate is the same in both directions.

“UDSL” or “Unidirectional DSL” is a proposal from a European company, and is generally believed to
provide a unidirectional version of HDSL.

“VYDSL” or “Very high data rate DSL” is believed to be a technology under development that
promises much higher data rates over relatively short distances, for example between about 51 and
about 55 Mbps over lines up to about 1,000 feet or about 300 meters in length. At least one publication
has predicted that VDSL may emerge somewhat after ADSL is widely deployed and co-exist with it.
The transmission technology (CAP, DMT, or other) and its effectiveness in some environments is not
yet determined. A number of standards organizations are working on it.

“x2/DSL” is modem from 3Com that supports 56 Kbps modem communication but is
upgradeable through new software installation to ADSL when it becomes available in the user's area.

At least one publication cites 3Com as describing this technology to be "the last modem you will ever
need,"

A “T1” transmission line is generally considered a “broadband” carrier and is defined as a type
of “T-carrier” system, which is believed to have been first introduced by the Bell System in the U.S. in
the 1960’s as the first successful system that supported digitized voice transmission. The T-carrier
system is entirely digital, using pulse code modulation and time-division multiplexing. Voice signals
are typically sampled at about 8,000 times a second and each sample is digitized into an 8-bit word.
With 24 channels digitized at the same time, a 192-bit frame, representing 8-bit words on each of 24
channels, is thus transmitted about 8,000 times a second. Fach frame is separated from the nextby a
single bit, resulting in a 193-bit block. The T-1’s published data rate of 1.544 Mbps generally
represents the 192 bit frame, and the 1-bit signaling bit, multiplied by 8,000.

A T-1 system typically uses 4 wires and provides duplex capability, with two wires dedicated
for receiving and two for sending at the same time. The T-1 digital stream includes 24, 64 Kbps
channels that are multiplexed, wherein the standard 64 Kbps channel is based on the bandwidth
required for a voice conversation. The four wires were originally a pair of twisted pair copper wires,
but more recent systems provide coaxial cable, optical fiber, digital microwave, and other carrier
technologies. The number and use of the channels may be varied from the standard guidelines.

The original transmission rate (1.544 Mbps) for T-1 lines is in common use today in Internet

service provider (“ISP”) comnections to the Internet. Another level, the T-3 line, is published to
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provide 44.736 Mbps, and is also commonly used by Internet service providers. Another commonly
used service is “fractional T-17, which is the rental of some portion of the 24 channels in a T-1 line,

with the other channels unused.
Display Capabilities/Constraints & Related Standards

Various different types of receiver display capabilities may also significantly impact the
appropriate CODEC modality for efficiently communicating particular streaming media signals for
display by the receiver. A brief summary of certain examples to illustrate such varied display
parameters (e.g. resolution, clarity, color, depth, size, type/format-specific) is provided for a better
understanding as follows.

One parameter that is highly variable between different types and makes of strcaming media
receiver devices, and therefore that may have significant impact on the appropriate CODEC to be used,
is the range of colors that may be expressed by a display device, or “palette”. A standard “browser-
safe” palette, which may be accommodated by most software for Internet-based streaming media
display, may include for example about 216 colors, though for web-based streaming media the
computer display capability as well as the browser software capability must be understood.

With respect to computer display technology, a color is set for each individual pixel or
addressable illumination element on the screen. Each pixel has a red, green, and blue (RGB)
component. By specifying the amount of intensity for each of these components, a distinct color is
given to that pixel. A “true color” display generally defines the color of a pixel on a display screen
using a 24-bit value, allowing the possibility of up to 16,777,216 possible colors. The number of bits
used to define a pixel’s color shade is called the “bit-depth™. True color is sometimes referred to as
“24-bit color”, though many modern color display systems offer a 32-bit color mode. An extra byte,
called the “alpha channel”, is typically used for control and special effects information. A “gray scale”
(composed of discrete shades of gray) display setting is generally defined as having N bits of depth
where N represents the saturation of black within the pixel. If N=1, the image is not called gray scale
but instead monochrome, or black and white, as the bit can only be on or off and can contain no
shading information.

Common computer resolutions include for example and without limitation the following:
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(1) VGA or Video Graphics Array capable of displaying 640x480 pixels in 16 colors or
320x240 pixels in 256 colors in a 4:3 aspect ratio;

(i) SVGA or Super Video Graphics Array capable of 800x600x6 bits/pixel (16 colors) or
650x480x8 bits/pixel (256 colors). SVGA was created by the Video Electronics
Association (VESA); and

(iil) XGA (v1-4) or eXtended Graphics Array capable of 1024x768 pixels at 32,768 colors.

Additional standards have been added such as SXGA, defining pixel sizes above 1960x1440
and color depths of 32 bits/pixel and higher. ‘

In the event that a larger range of colors (or palette) is used by a media signal than a particular
display or browser can handle, most browsers are typically adapted to “dither” the colors, which is
herein intended to mean that the browser will find colors within its palette that it can substitute for any
color that is outside of its palette. To further illustrate the wide range of different system display
capabilities, systems using WindowsTM (commercially available from Microsoft Corporation) and
MacintoshTM (commercially available from Apple Corporation) based operating systems do not have
identical palettes; within the usual 256 color palette, 216 are common to both types of browsers,
whereas 40 are different and therefore require dithering by a browser operating within one of the
systems if an image signal is communicated to that type of system in a format specified by the other.

Many different technologies also exist with respect to how a visual display is enabled from
electronic information. The terms “VDT” or “Video Display Terminals™ are generally used within the
computer industry and are herein intended to be used interchangeably with simple references to
“display”. With respect to computer terminal use, VDT’s comprise a computer output surface and
projecting mechanism that shows text and graphic images to the coraputer user. VDT’s may use a
variety of specific display technologies, including for example cathode ray tubes (“CRTs”), liquid
crystal displays (“LCDs”), light-emitting diodes (“LEDs”), gas plasma, or other image projection
technology. The display is usually considered to include the screen or projection surface and the device
that produces the information on the screen. In some computers, the display is packaged in a separate
unit or “monitor”, or the display may be fully integrated in a single unit with the computer processor.

With respect to LCD’s in particular, this technology generally requires minimal volume and
physical depth compared to other VDT’s, and therefore is typically used in laptop computers and
cellphone/PDA’s. LCD’s consume much less power than LED and gas—display VDT’s because they
work on the principle generally of blocking light rather than emitting it. An LCD may be either
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“passive matrix” or “active matrix”, which is also known as “thin film transistor” or “TFT” display.
The passive matrix LCD has a grid of conductors with pixels located at each intersection in the grid. A
current is sent across two conductors on the grid to control the light for any pixel. An active matrix has
a transistor located at each pixel intersection, requiring less current to control the luminance of a pixel.
For this reason, the current in an active matrix display can be switched on and off more frequently,
improving the screen refresh time and therefore efficacy for higher speeds of streaming media (e.g.
action video). Some passive mairix LCD’s have dual scanning, in that they scan the grid twice with
current in the same time as one scan in earlier versions; however, the active matrix is still generally
considered to be the superior technology of the two. Reflective color display technology—the
integration of color filters into passive-matrix display construction—is a low-power, low-cost
alternative to active-matrix technology. Because they reflect ambient light, reflective LCDs deliver
particularly high performance during use outside in daylight. Various different display technologies,
and therefore transmission formats, have also been specifically developed for television viewing. Thus
several different standards have evolved for television transmission, and their differences may
significantly impact the nature and extent of compression desired (and therefore the choice of a
particular CODEC) for communicating streaming media signals in television environs. These
standards include in particular and without limitation: standard definition television (“SDTV”); and
high definition television (“HDTV”).

“SDTV” or “standard definition television” and “HDTV” or “high definition television™ are the
two categories of display formats for digital television (“DTV™) transmissions, which are becoming the
standard. These formats provide a picture quality similar to digital versatile disk (“DVD”), and are
summarized relative to their similarities and differences as follows.

HDTYV provides a higher quality display, with a vertical resolution display from about 720p to
at least about 1080i and an aspect ratio (the width to height ratio of the screen) of generally 16:9, for a
viewing experience similar to watching a movie. In comparison, SDTV has a range of lower resolutions
and no defined aspect ratio. New television sets will be either HDTV-capable or SDTV-capable, with
receivers that can convert the signal to their native display format. SDTV, in common with HDTV,
using the MPEG-2 file compression method in a manner that generally reduces a digital signal from
about 166 Mbps to about 3 Mbps. This allows broadcasters to transmit digital signals using existing
cable, satellite, and terrestrial systems. MPEG-2 uses the lossy compression method, which means that
the digital signal sent to the television is compressed and some data is lost, but this lost data may or

may not affect how the human eye views the picture. Both the ATSC and DVB standards selected
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MPEG-2 for video compression and transport. The MPEG-2 compression standard is elsewhere herein
described in further detail.

Because a compressed SDTV digital signal is smaller than a compressed HDTV signal,
broadcasters can transmit up to five SDTV programs simultaneously instead of just one HDTV
program, otherwise known as “multicasting”. Multicasting is an attractive feature because television
stations can receive additional revenue from the additional advertising these extra programs provide.
‘With today's analog television system, only one program at a time can be transmitted. Note that this
use of the term “multicasting” is distinct from its use in streaming video where it involves using special
addressing techniques.

‘When the United States decided to make the transition from analog television to DTV, the
Federal Communications Commission decided to let broadcasters decide whether to broadcast SDTV
or HDTV programs. Most have decided to broadcast SDTV programs in the daylime and to broadcast
HDTYV programs during prime time broadcasting. Both SDTV and HDTV are supported by the Digital
Video Broadcasting (DTV) and Advanced Television Systems Committee (ATSC) set of standards.

HDTYV as a television display technology provides picture quality similar to 35 mm. movies
with sound quality similar to that of today's compact disc (further with respect to audio quality, HDTV
receives, reproduces, and outputs Dolby Digital 5.1). Some television stations have begun transmitting
HDTYV broadcasts to users on a limited number of channels. HDTV generally uses digital rather than
analog signal transmission. However, in Japan, the first analog HDTV program was broadcast on June
3, 1989. The first image to appear was the Statue of Liberty and the New York Harbor. It required a 20
Mhz channel, which is why analog HDTV broadcasting is not feasible in most countries.

HDTYV provides a higher quality display than SDTV, with a vertical resolution display from
720p to 1080i. The p stands for progressive scanning, which means that each scan includes every line
for a complete picture, and the i stands for interlaced scanning which means that each scan includes
aiternate lines for half a picture. These rates translate into a frame rate of up to 60 frames per second,
twice that of conventional television. One of HDTV's most prominent features is its wider aspect ratio
(the width to height ratio of the screen) of 16:9, a development based on a research-based belief that the
viewer's experience is enhanced by screens that are wider. HDTV pixel numbers range from one to
two million, compared to SDTV's range of 300,000 to one million. New television sets will be either
HDTV-capable or SDTV-capable, with receivers that can convert the signal to their native display

format.
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In the United States, the FCC has assigned broadcast channels for DTV transmissions. In SDTV
formats, DTV makes it possible to use the designated channels for multiple signals at current quality
levels instead of single signals at HDTV levels, which would allow more programming with the same
bandwidih usage. Commercial and public broadcast stations are currently deciding exactly how they
will implement their use of HDTV.

Simulcast is the simultaneous transmission of the same television program in both an analog
and a digital version using two different channels or frequencies. At the end of the DTV transition
period, it is believed by that analog transmission will be substantially replaced such that current analog
channels will be used solely for DTV. The exira channels that were used for digital broadcasting may
for example then be auctioned and used for more television channels or other services such as
datacasting. Simulcast is also used for the transmission of simultaneous television and Internet services,
the transmission of analog and digital radio broadcasts, and the transmission of television programs in
different screen formats such as the traditional format and the wide screen format. Simulcast
broadcasting is used worldwide.

The transition to DTV is not an easy or inexpensive transition. For a television station to
transmit DTV programming, it must build its DTV facilities, but a station must have revenue to build
these facilities. Simulcast allows stations to continue receiving revenues from traditional analog
programming and also gain exira revenues from the extra digital programming. Another obstacle in the
transition to DTV is lack of interest among consumers. The need for special equipment is prohibiting
viewers from seeing the difference between .digital and analog programs, which is also slowing down
public enthusiasm for DTV.

The equipment needed for operating DTV depends on whether terrestrial, cable, or satellite
services are used as the transmission channel/carrier. In any event, and according to known or
anticipated systems, it is generally believed that consumers will, at a minimum, have to purchase a
converter to view DTV transmissions on their old television sets. In addition, consumers that use
terrestrial services or antennas to receive television signals need an antenna equipped for digital signals.
A consumer located in mountainous terrain in an ATSC-compliant country may not be able to receive
terrestrial-based digital signals because of multipath effects. This is common even with today's analog
television system. In DVB compliant countries, terrain does not affect the reception of digital signals.
Satellite users are already enjoying DTV broadcasting, but a larger satellite dish might be needed to
view HDTV programming.
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A “set-top” box is herein defined as a device that enables a television set to become a user
interface to the Internet and also enables an analog television set to receive and decode DTV
broadcasts. DTV set-top boxes are sometimes called receivers. It is estimated that 35 million homes
will use digital set-top boxes by the end of 2006, the estimated year ending the transition to DTV.

A typical digital set-iop box contains one or ntore microprocessors for running the operating
system, usually Linux or Windows CE, and for parsing the MPEG transport stream. A set-top box also
includes RAM, an MPEG decoder chip, and more chips for audio decoding and processing. The
contents of a set-top box depend on the DTV standard used. DVB-compliant set-top boxes contain
parts to decode COFDM transmissions while ATSC-compliant set-top boxes contain parts to decode
VSB transmissions. More sophisticated set-top boxes contain a hard drive for storing recorded
television broadcasts, for storing downloaded software, and for other applications provided by the DTV
service provider. Digital set-top boxes can be used for satellite and terrestrial DTV but are used mostly
for cable television. A set-top box price ranges from $100 for basic features to over $1,000 for a more
sophisticated box.

In the Internet realm, a set-top box often really functions as a speéialized computer that can
"talk to" the Internet - that is, it contains a Web browser (which is really a Hypertext Transfer Protocol
client) and the Internet's main program, TCP/IP. The service to which the set-top box is attached may
be through a telephone line as, for example, with Web TV or through a cable TV company like TCI.

To take advantage of Dolby Digital 5.1 channel for satellite broadcasts, a satellite receiver that
provides a Dolby Digital output is necessary. For cable users, all digital set-top boxes are equipped
with a Dolby Digital two-channel decoder. To use 5.1 channel sound, a 5.1 channel-compliant set-top
box is needed or an external 5.1 channel decoder unit.

The most dramatic demonstration of digital television's benefits is through a high-end HDTV,
because of the larger screen, wider aspect ratio and better resolution. Like most new technologies,
however, HDTV is expensive. Nevertheless, less expensive digital TV's provide a markedly improved
viewing experience over regular TV, and for those who choose to retain their old sets, even the addition
of a set-top converter will deliver a discernibly improved picture and sound.

The FCC's schedule for transition to DTV proposes that everyone in the U.S. should have
access to DTV by 2002 and that the switch to digital transmission must be completed either by 2006 or
when 85% of the households in a specific area have purchased digital television sets or set-top

converters.
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In the early 1990s, European broadcasters, consumer equipment manufacturers, and regulatory
bodies formed the European Launching Group (ELG) which launched a “DVB?” or “Digital Video
Broadcasting” project in order to introduce DTV throughout Europe. DVB is intended to provide an
open system as opposed to a closed system. Closed systems are content-provider specific, not
expandable, and optimized only for the system they were developed for. An open system, such as
DVB, allows the subscriber to choose different content providers and allows integration of PCs and
televisions. DVB systems are intended to be optimized for television, but as well as supporting home
shopping and banking, private network broadcasting, and interactive viewing. DVB is intended to open
the possibilities of providing crystal-clear television programming to television sets in buses, cars,
trains, and even hand-held televisions. DVB is also promoted as being beneficial to content providers
because they can offer their services anywhere DVB is supported regardless of geographic location.
They can also expand their services easily and inexpensively and ensure restricted access to subscribers
reducing lost revenues due to unaunthorized viewing. Today, the DVB Project consists of over 220
organizations in more than 29 countries worldwide and DVB broadcast services are available in

Europe, Africa, Asia, Australia, and parts of North and South America

Format-Specific Media

Various different formats for the streaming media signals themselves are also herein
summarized by way of non-limiting example to also provide a further understanding of how CODECS
may vary for a particular case.

“DVD” is an acronym for “digital versatile disc” is generally defined as a relatively recent
optical disc technology that holds up to about 4.7 Gigabytes of information on one of its two sides, or
enough for a movie about 133 minutes long on average. With two layers on each of its two sides, it
may hold up to 17 Gigabytes of video, audio, or other information, compared to current CD-ROM discs
of approximately the same physical size that hold about 600Mbytes (DVD holds more than about 28
times the information). DVD players are required to play DVD’s, though they will also play regular
CD-ROM discs. DVDs can be recorded in any of three general formats variously optimized for: (i)
video (e.g. continuous movies); (i) audio (e.g. long playing music); and (iii) or a mixture (e.g.
interactive multimedia presentations). The DVD drive has a transfer rate somewhat faster than an 8-
speed CD-ROM player. DVD format typically uses the MPEG-2 file and compression standard, which
has about 4-times the resolution of MPEG-1 images and can be delivered at about 60 interlaced ficlds
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per second where two fields constitute one image (MPEG-1 delvers about 30 non-interlaced frames per
second. MPEG-2 and -1 standards are elsewhere herein defined in more detail. Audio quality on DVD
is comparable to that of current audio compact discs.

“DVD-Video” is the name typically given for the DVD format designed for full-length movies
and is a box that will work with a television set. “DVD-ROM” is a name given to the player that is
believed by some to be the future replacement to CD-ROM drives in computers, as these newer drives
are intended to play both regular CD-ROM discs as well as DVD-ROM discs. “DVD-RAM” is the
name given to writeable versions of DVDs. “DVD-Audio” is the name typically given to players
designed to replace the compact disc player.

“VHS” is an acronym for “Video Home System” and is generally defined as a magnetic
videotape cartridge format, typically a half-inch wide, developed for home use with the ability to record
and playback analog video and aundio signals. VHS has become a popular format and the de facto
standard for home movie distribution and reproduction mainly due to its pervasive presence and
recordability. VHS stores signals as an analog format on a magnetic tape using technology similar to
that of audiocassettes. The tapes are played back and recorded on using VHS video cassette recorders
(VHS VCRs). VHS tapes store up to around two hours of video typically, although some VCRs are
able to record to them at a slower speed allowing up to six or even eight hours of recording per tape.

The VHS format outputs a little over 200 lines of horizontal resolution. This compares to DVDs
that output over 500 lines of horizontal resolution. Technically and perceptually, VHS is a format that
has been surpassed by other formats, including for example DVD, S-VHS, Hi-8 and others. However,
VHS remains a pervasive means for viewing video, and VHS tapes are still easily found across the
country and around the world everywhere from movie rental stores to grocery stores making then easily
accessible.

“CD” is an acronym for “compact disc” and is generally defined as small, portable, round
medium for electronically recording, storing, and/or playing audio, video, text, and other information in
digital form. Initially, CD’s were only read-only; however, newer versions allow for recording as well
(e.g. “CD-RW?”).

“Super audio compact disc” or “SACD” is a high resolution andio CD format that, together with
DVD-Audio (“DVD-A”), are the two formats competing to replace the standard audio CD (though
most of the industry generally is backing DVD-A, with a general exception believed to be Philips and
Sony). SACD, like DVD-A, offers 5.1 channel surround sound in addition to 2-channel stereo. Both

formats improve the complexity of sound by increasing the bit rate and the sample rate, and can be
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played on existing CD players, although generally only at quality levels similar to those of traditional
CDs. SACD uses Direct Stream Digital (“DSD”) recording, which is published as being proprietary to
Sony, that converts an analog waveform to a 1-bit signal for direct recording, instead of the pulse code
modulation (*PCM?”) and filtering used by standard CDs. DSD uses lossless compression and a
sampling rate of about 2.8 MHz to improve the complexity and realism of sound. SACD may also
include additional information, such as text, graphics, and video clips.

Also for the purpose of further understanding, Internet-based communications also have
particular protocols for communication that must be accommodated by a streaming media
communications system using the Internet “superhighway”. These protocols, in particular with respect
to streaming media communication, are briefly summarized immediately below for the purpose of
providing a more detailed understanding,.

With respect to Internet communication, streaming media signals are generally communicated
in digital format via data packets. The terms “packets” are herein intended to mean units of data that
are routed between an origin and a destination via the Intemet or any other packet-switched network.
More specifically, when a file is sent, the protocol layer of the communications system (e.g. TCP layer
of TCP/IP based system) divides the file into chunks of efficient size for routing. Each of these packets
is separately numbered and includes the Internet address of the destination. The individual packets for
a given file may travel different routs through the Internet. When they have all arrived, they are
reassembled into the original file, for example by the TCP layer at the receiving end. A packet-
switching scheme is an efficient way to handle transmissions on a connectionless network such as the
Internet. An alternative scheme, circuit-switched, is used for networks allocated generally for voice
connections. In circuit-switching, lines in the network are shared among many users as with packet-
switching, but each connection generally requires the dedication of a particular path for the duration of

the connection.

Wireless Communications & the WAP Gateway

Of equal importance to the contemporary age of the Internet, the age of wireless
communications has significantly extended society’s ability to interact outside of the fixed confines of

the home and office, allowing our remote communications to break free from the umbilical cords of

wires and cables. For example, in 2000, the number of mobile subscribers grew by close to 50%.
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However, wireless communications systems, protocols, and enabling technologies have
developed in a significantly fragmented, “format-specific” market on a world-wide scale. This is
particularly true in comparing systems in wide use in the United States as compared to the rest of the
world. Therefore, much effort has been expended in overcoming compatibility issues between format-
specific systems and between the related wireless devices operating on different platforms. For the
purpose of further understanding wireless communication as it is later related to the present invention,
the following is a brief overview of significant technologies, systems, and protocols used in the
wireless communication industry.

In general, the progression of wireless communications systems for cellular telephones is
colloguially given the terms “1G”, “2G”, “2.5G”, and “3G”, representing respeclively first generation,
second generation, and so-on. Initial systems were purely analog, known as the 1G phones and
systems. However, with rapid growth, available bandwidth for cellular phone use quickly eroded,
giving way to digital signal processing in the 2G, which significantly widened the available bandwidth
and ability for complex signal processing for advanced telecommunications. However, as demand
progressed for wireless Internet access, so went the technology development from 2G phones
(generally not Internet enabled), to 2.5G and 3G (progressively more enabled). As will be further
developed immediately below, the systems, protocols, and enabling technologies thus have developed
toward a concentrated focus in bringing the 2.5G and 3G modes to industry and consumers.

In general, there are four major digital wireless networks based upon 2G technology: time
division multiple access (“TDMA”), code division multiple access (“CDMA™), Global System for
Mobile communication (“GSM”) and cellular digital packet data (“CDPD”). These are briefly herein
described as follows.

Time division multiple access (“TDMA”) is a technology used in digital cellular telephone
communication that divides each cellular channel into three time slots in order to increase the amount
of data that can be carried. TDMA is used by Digital-American Mobile Phone Service (D-AMPS),
Global System for Mobile communication (“GSM?”’), and Personal Digital Cellular (“PDC). However,
each of these systems implements TDMA in a somewhat different and incompatible way. An
alternative multiplexing scheme to TDMA and FDMA (frequency division multiple access) is code
division multiple access (“CDMA”).

Code division multiple access (“CDMA”) refers to any of several protocols used in 2G and 3G
wireless communications. As the term implies, CDMA is a form of multiplexing that allows numerous

signals to occupy a single transinission channel, optimizing the use of available bandwidth. the
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technology is used in ultra-high-frequency (UHF) cellular telephone systems in the 800 MHz to 1.9
GHz bands. CDMA uses analog-to-digital conversion (ADC) in combination with spread spectrum
technology. Audio input is first digitized into binary elements. The frequency of the transmitted signal
is then made to vary according to a defined pattern (code), so it can be intercepted only by a receiver
whose frequency response is programmed with the same code, so it follows exactly along with the
transmitter frequency. There are trillions of possible frequency-sequencing codes, thus enhancing
privacy and making cloning difficult. The CDMA channel is nominally 1.23 MHz wide. CDMA
networks use a scheme called “soft handoff”, which minimizes signal breakup as a handset passes from
one cell to another. The combination of digital and spread spectrum modes supports several times as
many signals per unit bandwidth as analog modes. CDMA is compatible with other cellular
technologies; this allows for nationwide roaming.

The original CDMA, also known as CDMA One, was standardized in 1993 and is considered a
2@ technology that is still common in cellular telephones in the U.S. One version of cdmaOne, IS-
95A, is a protocol that employs a 1.25 MHz carrier and operates in RF bands at either 800 MHz or 1.9
GHz; this supports data rates of up to 14.4 Kbps. Another version, IS-95B, is capable of supporting
speeds of up to 115 Kbps by bundling up to eight channels.

More recent CDMA varieties, CDMA2000 and wideband CDMA offer data speeds many times
faster. CDMA2000, also known as IMT-CDMA Multi-Carrier or IS-136, is a CDMA version of the
IMT-2000 standard developed by the International Telecommunications Union (ITU). The
CDMA2000 standard is a 3G technology that is intended to support data communications at speeds
ranging from 144Kbps to 2 Mbps. Companies that have developed versions of this standard include
Ericsson and Qualcomm corporations. Wideband CDMA, or “WCDMA?”, is an ITU standard derived
from CDMA that is also known as IMT-2000 direct spread. WCDMA is a 3G technology intended to
support data rates of up to 2Mbps for local area access, or 384 Kbps for wide area access, and supports
mobile/portable voice, images, data, and video communications at these speeds. WCDMA digitizes
input signals and transmits the digitized output in coded, spread-spectrum mode over a 5§ MHz wide
carrier — a much broader range than the 200 KHz wide narrowband CDMA.

The Global System for Mobile communication (“GSM”) is a digital mobile telephone system
that is widely used in Europe and other parts of the world; this system uses a variation of “TDMA”
(introduced immediately below) and is the most widely used of the three digital wireless telephone
technologies (TDMA, GSM, and CDMA). GSM digitizes, compresses, and then sends data down a

channel with two other streams of user data, each in its own time slot. It operates at cither the 900 Mhz
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or 1800 MHz frequency band. At the time of this disclosure, GSM is generally considered the wireless
telephone standard in Europe, and has been published to have over 120 million users worldwide and is
available in 120 countries. At least one company in the United States, American Personal
Communications (SprintTM subsidiary), is using GSM as the technology for a broadband personal
communications services (“PCS”). PCS are telecommunications services that bundle voice
communications, numeric and text messaging, voice-mail and various other features into one device,
service contract and bill. PCS are most often carried over digital cellular links. This service is planned
to have more than 400 base stations for various compact mobile handsets that are being made by
manufacturers such as Ericsson, Motorola, and Nokia corporations; these devices generally include a
phone, text pager, and answering machine. GSM is part of an evolution of wireless mobile
telecommunications that inciudes High-Speed Circuit-Switched Data (HCSD), General Packet Radio
System (GPRS), Enhanced Data GSM Environment (EDGE), and Universal Mobile
Telecommunications Service (UMTS).

Cellular Digital Packet Data (“CDPD”) is a wireless standard providing two-way, 19.2 kbps
packet data transmission over existing cellular telephone channels.

Several different protocols have also been put into use for communicating over the various
wireless networks. Various specific such protocols are briefly introduced as follows.

“X.25” is a packet-based protocol, principally used at the time of this disclosure in Europe and
adapted as a standard by the Consultative Committee for International telegraph and Telephone
(CCITT). X.25 is a commonly used network protocol that allows computers on different public
networks (e.g. CompuServe, Tymnet, or TCP/IP network) to communicate through an intermediary
computer at the network layer level. X.25’s protocols correspond closely to the data-link and physical-
layer protocols defined in the Open Systems Interconnection (“OSI”).

“OSI” is a model of network architecture and a suite of protocols (a protocol stack) to
implement it, developed by ISO in 1978 as a framework for international standards in heterogeneous
computer network architecture. The OSI architecture is split between seven layers, from lowest to
highest: (1) physical layer; (2) data link layer; (3) network layer; (4) transport layer; (5) session layer;
(6) presentation layer; and (7) application layer. Each layer uses the layer immediately below it and
provides a service to the layer above. In some implementations, a layer may itself be composed of sub-
layers.

General Packet Radio Services (“GPRS”) is a packet-based wireless communication service that

promises data rates from 56 to 114 Kbps and continuous connection to the Internet for mobile phone
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and computer users. The higher data rates will allow users to take part in video conferences and
interact with multimedia Web sites and similar applications using mobile handheld devices as well as
notebook computers. GPRS is based on Global System for Mobile (“GSM”) communication and will
complement existing services such as circuit-switched cellular phone connections and the Short
Message Service (“SMS”). SMS is a message service offered by the GSM digital cellular telephone
system. Using SMS, a short alphanumeric message (160 alphanumeric characters) can be sent to a
mobile phone to be displayed there, much like in an alphanumeric pager system. The message is
buffered by the GSM network until the phone becomes active.

The packet-based service of GPRS is publicized to cost users less than circuit-switched
services since communication channels are being used on a shared-use, as-packets-are-needed basis
rather than dedicated only to one user at a time. It is also intended to make applications available to
mobile users because the faster data rate means that middleware currently needed to adapt applications
to the slower speed of wireless systems will no longer be needed. As GPRS becomes widely available,
mobile users of a virtual private network (“VPN™) will be able to access the private network
continuously rather than through a dial-up connection. GPRS is also intended to complement
“Bluetooth”, a standard for replacing wired connections between devices with wireless radio
connections. In addition to the Internet Protocol (“IP”), GPRS supports X.25 protocol. GPRS is also
believed to be an evolutionary step toward Enhanced Data GSM Enviroriment (“EDGE”) and Universal
Mobile Telephone Service (“UMTS”).

Universal Mobile Telecommunications Service (“UMTS”) is intended to be a 3G, broadband,
packet-based transmission of text, digitized voice, video, and multimedia at data rates up to 2 Mbps.
UMTS is also intended to offer a consistent set of services to mobile computer and phone users no
matter where they are located in the world. This service is based upon the GSM communication
standard, and is endorsed by major standards bodies and manufacturers, and is the planned standard for
mobile users around the world by 2002. Once UMTS is fully implemented, computer and phone users
can be constantly attached to the Intemet as they travel.

Enhanced digital GSM enterprise (“EDGE” )service is a faster version of the Global System for
Mobile (GSM) wireless service, designed to deliver data at rates up to 384 Kbps and enable the
delivefy of multimedia and other broadband applications to mobile phone and computer users. The
EDGE standard is built on the existing GSM standard, using the same time-division multiple access

(TDMA) frame structure and existing cell arrangements. EDGE is expected to be commercially
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available in 2001. It is regarded as an evolutionary standard on the way to Universal Mobile
Telecommunications Service (UMTS).

Wireless Application Protocol (“WAP”) is a specification for a set of communication protocols
to standardize the way that wireless devices such as cellular telephones and radio transceivers, can be
used for Internet access, including e-mail, the World Wide Web, newsgroups, and Internet Relay Chat
(“IRC”). While Internet access has been possible prior to WAP, different manufactures have used
“format-specific” technologies. WAP enables devices and service systems to intercooperate.

In most recent times, much effort has been expended to merge the ficlds of wireless
communications and the Internet in order to bridge the gap of cords, wires, and cables that had before
separated the “information superhighway” from reaching people on wireless devices. Such technology
merger has developed for example within the home and office network setting itself, where wireless
infrared and radio frequency communications systems have been developed for interfacing equipment
within a “wireless” office or home. Another substantial effort has also been underway to communicate
and share information with more remote wireless devices, such as cell phones and personal digital
assistants (“PDA’s™).

PDA’s are typically small, mobile devices that may be “hand-held” and usually contain Hmited
processors and display screens for managing, storing, and displaying telephone books, calendars,
calculator, and the like. Recently available PDA’s have been made “wireless enabled”, either by
having wireless modems embedded within the PDA itself, or by coupling to wireless modem “plug-
ins” such as a cell phone. Wireless enabled PDA’s are also gcﬁerally “Internct enabled” with limited
“browser” capability allowing the PDA to communicate with server devices over the Internet.
Examples of commercially available wireless “enabled” PDA’s include the Palm VII (from Palm, Inc.),
and the iPAQ™ (from Compagq, Inc.). These PDA’s include a Windows CE ™ operating system that
provides the limited browser capability and screen display for content. These phones have processing
capabilities from about 33 MHz to about 220 MHz and varied screen display capabilities, such as for
example 320 x 240 pixel screen displays.

Similarly, cellular phones themselves have also been recently rendered “Internet enabled”, also
with limited browser capability and screens to display content. Examples of “Internet enabled” cellular
phones include, for example: Sanyo SCP-4000™, Motorola 71 OOOpIusm, among a wide range of
others; this wide field represents hundreds of different processing and display capabilities.

In either the case of the PDA or the cellular phone that is “Internet-enabled”, compatibility with

the Internet protocols of communication must be achieved. In general, wireless communications take
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place over a wireless applications protocol (“WAP”), whereas communications over the Intemet
proceed according to one of several different protocols, the most common being Transmission Control
Protocol/Internet Protocol (“TCP/IP”). Therefore, a WAP Gateway, as shown in Figure 1E, forms a
bridge between the world of the Internet (or any other IP packet network) and the wireless phone/data
network, which are fundamentally different in their underlying technologies. The gateway, in essence,
does the interpretation between these two distinct entities, allowing the consumer to use their cell
phone or hand held computing device (e.g. PDA) to access the Internet wirelessly.

However, streaming media that is formatted for transmission to higher power computing
devices such as desk-top computers having significant display capabilities is not generally compatible
for receipt and viewing on these devices that have severely limited processing and display
functionality. Particular “format-specific” compression schemes have been developed for use
specifically with only these devices, and only specific media content may be transmitted to these
devices in those formats.

There is still a need for a streaming media communications system that is adapted to transmit a
wide variety of streaming media signals in appropriate formats to be played by wireless devices such as
cellular phoncs and PDA’s having unique constraints, such as, for example, limited and variable

processing, memory, and display capabilities.
SUMMARY OF THE INVENTION

The present invention addresses and overcomes the various limitations, inefficiencies, resource
limitations, and incompatibilities of prior known methods for streaming media communication, and is
provided in various beneficial modes, aspects, embodiments, and variations as follows.

The present invention according to one embodiment is a streaming media communications
system that uses a computer implemented intelligence system, such as artificial intelligence, in a
network system, such as a neural network, to communicate a streaming media signal between a
transmission device and at least one destination device.

The present invention according to another embodiment is a system for communicating a
streaming media signal between a transmission device and a plurality of destination devices each
having different media signal processing capabi]itieé.

The present invention according to another embodiment is a streaming media communications

system that is adapted to communicate a streaming media signal from a single transmission device and
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at least one destination device over a plurality of different transmission channels, each having a
different transmission capability or constraints with respect to communicating the streaming media
signal.

The invention according to another embodiment is a neural network incorporating an artificial
intelligence implementation that is adapted to be trained in an adaptive learning process with respect to
the ability of a streaming media compression system’s ability to compress a streaming media signal at a
source into a compressed representation of the streaming media signal, transmit the compressed
representation over a transmission channel to a destination device, and decompress the compressed
representation into a decompressed representation of the streaming media signal which is adapted to be
played by the destination device.

The invention according to another embodiment is a system for compressing streaming media
signals according to a CODEC that is used at least in part based upon at least one parameter affecting
communication of the streaming media signals. According to one aspect of this mode, the CODEC is
used according to at least one of the following parameters: a previously learned behavior of the
CODEC with respect to another reference signal, a previously learned behavior of the CODEC with
respect to a prior attempt at compressing or decompressing the same streaming media signal, a
comparison of the CODEC’s operation with respect to the streaming media signal against a reference
algorithm compression of the streaming media signal, a learned constraint of the transmission channel,
and a learned constraint of the destination device. In one beneficial embodiment, the CODEC is used
based upon more than one of these parameters, and in still a further beneficial variation is used based
upon all of the parameters.

The invention according to another embodiment is a system for compressing streaming media
signals using a CODEC library that is adapted to store multiple CODECS of different types and
operations, and that is adapted to be searched and accessed by a network system, such as a neural
network, in order to provide an appropriate CODEC from the CODEC library for use in compressing
the input streaming media signal into a compressed representation for transmission to a destination
device.

The invention according to another embodiment is a CODEC operating system that is adapted
to interface with a CODEC Library and also with a neural network in order to use the neural network in
a process, such as an artificial intelligence process, to choose an appropriate CODEC from the CODEC
library and use the chosen CODEC for compressing the streaming media signal into a compressed

representation of the streaming media signal for transmission to a destination device.
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According to one aspect, the CODEC library is adapted to receive and store a new CODEC
such that the new CODEC may be interfaced with the neural network in order to be chosen and applied
to compress the streaming media signal as provided.

The invention according to another embodiment is a destination agent that is adapted to be
stored by a destination device for use in decompressing a compressed representation of a streaming
media signal. The destination agent is adapted to communicate with a remotely located, compressed
streaming media transmission system in order receive and play streaming media signals therefrom. In a
particularly beneficial aspect, the software agent is adapted to deliver information about the destination
device to the compressed streaming media transmission system, and is also adapted to receive and
decode certain encoded streaming media signals from the compressed streaming media transmission
system.

The invention according to another embodiment is a system for communicating a streaming
media signal having a destination agent that is adapted to be stored within a destination device for
decompressing a compressed representation of a streaming media signal into a decompressed
representation that may be played by the destination device.

According to one aspect of this embodiment, the destination agent has a diagnostic agent and
also a decompression agent. The diagnostic agent is adapted to determine a value for at least one
parameter of the destination device related to the capability for processing, storage, or display. The
decompression agent is adapted to apply a CODEC decompressor to decompress the compressed
representation of the streaming media signal into the decompressed representation using a CODEC
based at least in part upon the value of the at least one parameter.

According to another aspect, the destination agent comprises a software agent. In one variation,
the software agent is embedded within the destination device. In another variation, the software agent
is adapted to be loaded onto the destination device at least in part by a remotely located source that is
adapted to deliver the compressed representation of the streaming media signal to the destination
device.

The invention according to another embodiment is a transcoder for trancoding streaming media
signals between at least one initial format and at least one transcoded format. The transcoder includes a
single thread for each of several streaming media signals.

The invention according to another embodiment is a video-on-demand streaming media system

incorporating the embodiments shown in the Figures and otherwise described herein.
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The invention according to another embodiment is a mobile telephone communications system
incorporating the embodiments shown in the Figures and otherwise described herein.

The invention according to another embodiment is an interactive gaming system incorporating
the embodiments shown in the Figures and otherwise described herein.

The invention according to another embodiment incorporates the various modes, embodiments,
aspects, features, and variations herein disclosed above and elsewhere to static media, as well as to

media that is stored locally after processing (e.g. compressing) and not transmitted.

BRIEF DESCRIPTION OF THE FIGURES

Figures 1A-B show schematic block diagrams representing two respective variations of prior
media communications systems using conventional CODEC systems.

Figures 1C-D show schematic block diagrams representing two respective variations of prior
media transcoder systems.

Figure 1E shows a schematic block flow diagram of the various interrelated components in a
prior WAP gateway communications system.

Figures 2-3 show schematic block diagrams of the transcoder system of one embodiment of the
present invention during two respective modes of use.

Figures 4A-5 show block flow diagrams in various detail, respectively, of a media
communications system according one embodiment of the invention.

Figure 6 shows a schematic block flow diagram of various interrelated components of a “video-
on-demand” streaming video communications system according one embodiment of the invention.

Figure 7 shows a schematic block flow diagram of various interrelated components of a
wireless streaming video communications system according to one embodiment of the present
invention.

Figure 8 shows a schematic block flow diagram of various interrelated components of a WAP
gateway media communications system according one embodiment of the present invention.

Figure 9 shows a schematic block flow diagram of various interrelated components of a
wireless communications system during backhauling according to one particular mode of use of the
media communications system of an embodiment the present invention.

Figure 10 shows a schematic block flow diagram of various interrelated components of an
interactive gaming communications system and set-top TV browsing of one embodiment of the present

invention.
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DETAILED DESCRIPTION OF THE EMBODIMENTS

The present invention as illustrated variously through the embodiments below (and by reference
to the Figures) provides a media communications system that includes a compression system, a
delivery system, and a decompression system, and in another aspect includes a transcoder system. In
general, the combination of these individnal sub-systems provides a capability to efficiently transcode
media between multiple encoding formats, in addition to customize the compression, delivery, and
decompression of randomly selected streaming media signals based upon a large array of system
parameters as variables. These variables include for example, without limitation, parameters related to
the following: the source video signal, the source transmitting device, the transmission modality, and
the destination device. The compression, delivery, and decompression of a media signal is thus
customized to be optimally efficient for a given, and changing, environment of use. As aresult, a wide
range of complex streaming media signals may be communicated with a level of efficiency and range
of device compatibility that is significantly improved over other known systems.

Notwithstanding the benefiis of the overall streaming media communication system herein
described, each sub-system described also independently provides beneficially useful results for
streaming media communication. The various subsystems themselves, and the various iterations of
combinations of these sub-systems apparent to one of ordinary skill based at least in part upon this
disclosure, are also contemplated within the scope of the invention. In addition, various aspects of the
overall communication system, as well as of each sub-system described, are also contemplated as
useful for other applications other than specifically for streaming media communication in particular.
Therefore, where apparent to one of ordinary skill, such additional applications are further
contemplated within the scope of the invention, despite the particularly useful modes applied.to

improved streaming media communication.

Transcoder

A video/audio transcoder 200 is provided according to the invention that enables one incoming
video source 210 to be streamed across multiple formats 215 (for example MPEG4, Real Video™™, and
QuickTime™) from one device without human intervention. The transcoder 200 according to the

present embodiment provides substantially greater functionality at a fraction of the price of other
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commercially available franscoder systems. Moreover, because the system works “on-the-fly,” pre-
compressing of the video source 210 is significantly diminished.

More specifically, the transcoder 200 system and method according to the invention is adapted
to transcode digitized media originating from any compressed or uncompressed format to be
reproduced into any other compressed format -- on demand, real-time. The system 200 and method
also enables efficient, simultaneous processing of multiple streams 215 of differing data from a
multiplicity of different compressed or uncompressed formats into a multiplicity of different
compressed formats.

The transcoder 200 of the present embodiment is herein described in an overall system by way
of illustration by reference to Figure 3. As shown, a first player initially makes a connection to a server
300 that houses the transcoder 200. The player format (e.g., Microsoft Media), connection speed (e.g.,
32 Kbps) and protocol (HTTP) are identified. The server 300 pulls the live or pre-encoded video into a
“live buffer” or “cache” 310 and encodes it as digitized but nearly uncompressed data (e.g., AVI or
MPEG2). The server 300 then Joads an appropriate CODEC thread (e.g. Microsoft Media™) at the
connection speed (e.g. 32 Kbps). Next, the server 300 loads a HITP/MS player thread that serves the
first client Then, a second stream is requested by a client using M/S Player at 100Kbps with MMS.
The server loads the appropriate MS CODEC thread at the appropriate 100 Kbps rate. Then, the server
300 loads an MMS/MS player thread to serve the second client. Then, a third stream is requested by a
client using Real Player at 40 Kbps with RTSP. The server 300 loads the appropriate Real CODEC
thread at the appropriate 40 Kbps rate. Then, the server 300 loads an RTSP/Real player thread to serve
the third client. Again, this illustration is exemplary, and other specific CODECS may be suitable
substitutes, as well as other bit-rates, etc.

In order to provide still a further understanding of the present transcoder embodiment, Figure 3
shows the transcoder 200 by way of further example as applied to serve multiple different video
streams to different clients.

In brief, the present transcoder 200 shown and described uses “thread” communications instead
of “TPC” or “Inter Processor Communications™ that are used according to many conventional
transcoding techniques. For the purpose of this transcoder 200 description, the term “thread” is herein
intended to mean an encapsulation of the flow of control in a program. Single-threaded programs are
those that only execute one path through their code "at a time". Multithreaded programs may have
several threads running through different code paths "simultaneously"”. In a typical process in which

multiple threads exist, zero or more threads may actually be ranning at any one time. This depends on
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the number of CPUs the computer on which the process is running, and also on how the threads system
is implemented. While a machine or system with a number of n CPUs may be adapted to run no more
than n threads in parallel, the threading operation according to the present transcoder invention may
give the appearance of running many more than n "simultaneously” by sharing the CPUs among
threads.

The transcoder 200 provides abstract APIs, and therefore the CODEC is accessed without the
(much larger) native encoder overhead. Buffering 310 is created as a function of client pull for
different video streams. Moreover, the transcoder 200 of the invention utilizes a network architecture —
a single thread for each different connection, combining clients into same thread if they are at they are
within the buffered segment of the same content. The transcoder’s 200 use of threads in the manner
herein shown and described is considered highly beneficial because a context switch between two
threads in a single process is believed to be considerably cheaper (processing/memory/IO) than using a
context switch between two processes. In addition, the fact that all data except for stack and registers
are shared between threads makes them a natural vehicle for implementing tasks that can be broken
down into subtasks that can be run cooperatively.

While various specific architectures may be built around the trapscoder 200 embodiments just
described in order to achieve particularly desired results on a case-by-case basis. However, for the
purpose of further illustration, the following is an example of a more detailed system using the
transcoder 200 described. The transcoder 200 is provided adapted fo support a large number of
simultaneous customer streams, each with differing formats. In particular, such system may support
more than 5000 simultaneous streams, and in some circumstances more than 7000 simultaneous
customer streams, each with differing video formats. Still further, the transcoder 200 may be
implemented to convert any of a wide number of video sources to a format uniquely appropriate or
required for many different individual clients each having differing needs. In one particular example, a
transcoder 200 as herein described may be implemented to support such high demand simultaneously
on any of the following formats: MPEG 1; MPEG 2; MPEG 4; Motion JPEG; AVI; H.261; H.263;
H.263 +; RealVideo™; G-8; QuickTime™; Shockwave Flash™; Indeo Cinepak™; ASF.

It is further contemplated that the transcoder 200 may be adapted in an overall communication
system to be compliant with all existing and soon anticipated fixed and mobile terminals and devices.
Moreover, the transcoder 200 may be implemented to adapt output stream format variables to
dynamically accommodate the channel and platform conditions of each client. Still further, the system

incorporating the transcoder is adapted to support load balancing servers and routers for multi-
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transcoder installations. Accordingly, it is believed that the transcoder 200 of the present invention
delivers significantly greater functionality for significantly lower cost than other prior transcoding
techniques and systems.

As described above, various different system architectures may incorporate the transcoder 200
of the invention without departing from the scope of the invention. However, more details of a
particular architecture that is believed to suitably provide the beneficial level of support just described
includes the following aspects: (i) dual P3-933 processor; (ii) any variant of Unix OS; (iii) 512 MB
RAM; Redundant Firewire or Gigabit Ethernet; Redundant Power Supplies. Such system may be
provided in a rack mounted configuration, or otherwise to suit a particular need.

The following aspects of the transcoder 200 of the invention should be contemplated as broadly
beneficial, both independently and in various combinations as is apparent to one of ordinary skill based
at least in part from this disclosure.

A system and method is provided for utilizing asynchronous software thread communication in
both user and kernel space to perform efficient transcoding on multiprocessor and/or distributed
computing platforms (such as clustering). It has been observed that this method is more efficient than
utilizing traditional IPC methods to implement the transcoder. A shared library of CODEC algorithms
is created and used to access the various CODEC algornithms, thereby incurring a lower processing
overhead as well as lower memory utilization than that required by the traditional combined encoder
functionality such as that used in the majority of commercial encoders. Of particular benefit, common
threads may be used for multiple connections, and in fact even a single thread may be used for every
individual connection using the present transcoder.

A system and method is also provided for combining multiple clients to be served by the same
thread (for efficiency) whenever the same content is demanded and dynamic buffers (caches) can

accommodate all of the data points demanded.

Media Compression and Delivery System

A data compression and delivery system 400 and method is also provided according to the
invention for real time dynamic data signal processing for optimal reproduction of approximations of
original media data over a given set of constraints. This system 400 and method is illustrated

schematically by way of block flow diagrams in Figures 4A and 5. Further description of the various
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beneficial features and operation of this system is provided as follows by way of exemplary
embodiments generally incorporating by reference the description provided by these Figures 4A-5.

Figure 4 A ia a block diagram illustration of one embodiment of the data compression and
delivery system 400 of the present invention. As shown in Figure 4A, the data compression and
delivery system 400 comprises media module 405, dynamic player module 407, image processor 410,
baseline snapshot module 415, classifier 417, quality of standard (QoS) module 420, network layer
input module 425 and network output layer module 430. The system 400 further comprises a neural
network processing module 440, timer 435, CODEC library module 445, dynamic client request
module 450, ICMP module 455, device and network parameters measurement module 460 and delivery
and transmit module 465.

In one embodiment, the system 400, resident at a server node(s), processes incoming
uncompressed or previously compressed data. The system 400 employs neural networks 440 with
artificial intelligence to monitor the incoming data to determine a plurality of key characteristics of
each data segment. The system 400 correlates the incoming data characteristics with libraries 445 of
pre-developed self-referencing experientially learned rules of the patterns in a scene in a sequence of
frames in the input signal ( e.g., a video signal) and with externally imposed constraints to optimally
choose a preferred commercially available compression/decompression algorithm (e.g. CODEC) for
each segment of the data. The system 400 then sets up an extensive array of usage controls, parameters
and variables to optimize the chosen algorithm. Choice of algorithm and set up of parameters and
variables will dynamically vary with each segment of incoming data depending upon the characteristics
of the data as well as the evolving optimization process itself. The set of possible algorithms is
numerous, limited only by availability and other commercial considerations. Each segment of data is
encoded and compressed in the above manner and then served to a communications channel.

The compression system 400 just described is particularly useful as a streaming media
compression engine, which, based upon information from the available CODEC’s and the streaming
media delivery system, performs frame-by-frame analysis of the incoming video using another
artificially intelligent neural network 440. The system 400 then chooses the most appropriate
compression format and configures the compression parameters for optimal video compression based
on the best quality as measured by , in one embodiment, a selection of a peak signal to noise ratio from
the underlying system environment. The result is the “optimal” video and audio service for the device

and conditions present.
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A more specific account of the artificial intelligence/neural network 440 aspect of this system as
applied to streaming media signals is provided as follows. Initially, a library of separate and distinct
CODECSs are added to the system as a searchable CODEC library 445. Additional libraries of relevant
reference information are also provided, including: a Network Transport Standards (NTS) library 443;
and a Quality-of-Service (QoS) library 447. Then, a video (inedia source) is introduced either in a
digitized or non-digitized format (AD conversion is used) via image processor 410. Image processor
410 then decompresses the source (if required) and employs various standard image processing
algorithms used for “cleaning-up” the source image(s). The resultant source media is then passed to the
baseline snapshot 415 repository where it will be used as a “perfect gold standard” for later
comparison. Simultaneously, this resultant source media is also fed to the classifier 417.

The classifier 417 analyzes the source media for temporal, spatial and logical features for the
purpose of creating source media sub-segments which exhibit similar combinations of temporal, spatial
and logic features. “Similar” is defined to mean a contiguous sub-segment of the source media that
contains common temporal, spatial and logic features that would lend themselves to a particular
encoding/compression algorithm (as found in the CODEC library 445). This source media sub-
segment {or, in one embodiment, a group of contiguous video and audio frames) is referred to as a
“scene”.

The neural network process 440 then operates upon this scene by employing CODECs from the
CODEC library 445 to compress the scene. The internal configuration of each CODEC are
manipulated/changed in accordance with inputs obtained from the NTS library 443, QoS library 447,
Timer Process 435, Network Input Layer 425, ICMP agent 455 and the Device and Network Parameter
measurement agent 460. The compressed scene is then decompressed and a comparison is made
against the Baseline Snapshot 415 using a quality measurement made by the quality standard process
420. In one embodiment of the lprcscnt invention, the Quality Standard Process 420 employs a peak
signal noise ration (PSNR) algorithm in order to perform the comparison of the decompressed scene
against the baseline snapshot of the source media. The comparison process is repeated with various
CODEC:s from the CODEC library 445 until the Neural Network Process 440 is satisfied with the
quality of the resultant compressed scene, within the constraints of the inputs received from the NTS
library 443, QoS library 447, Timer process 435, Network Input Layer 425, ICMP Agent 455 and the
Device and Network Parameter Measurement Agent 460. Finally, the resultant compressed scene is
sent to the Network Layer Output 430 which transports the compressed scene to the Client using an
appropriate Network Transport protocol and QoS algorithm.
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The above process is repeated until the entire source media has been transmitted to the Client or

until the process is aborted due to various possible conditions which may include: a Client request to

abort, network transport failure, Client hardware failure, etc.

The NTS library 443 is a repository of network transport services that are selected and used b-y
the Network layer output 430 to transport compressed source media to the Client and by the Network
Layer Input 425 to receive information from the Client. The selection is based upon qualitative and

quantitative inputs received from the Network Layer Input 425, ICMP agent 445 and the Device and

Network Parameter Measurement agent 460.

The QoS library 447 is a repository of quality of service algorithms that are selected and used
by the network layer output 430 to transport compressed source media to the Client. The selection is

based upon qualitative and quantitative inputs received from the Network Layer Input 425, ICMP agent

455 and the Device and Network Parameter Measurement agent 460.

PCT/US02/30874

The ICMP agent 455 generates inputs to the neural network process 440 that dynamically

provides it with the quantitative and qualitative characteristics of the transport in use between the

processor and the client. In one embodiment of the present invention, the ICMP protocol is used for

this purpose.

The Device and Network Parameters Measurement agent 460 generates inputs to the neural

network process 440 that dynamically provides it with the qualitative and quantitative characteristics of

the client’s environment. In one embodiment of the present invention, these client environment

characteristics include central processing unit (CPU) capacity, network interface characteristics, storage

capacity and media rendering devices capabilities.

Still referring to Figure 4A, the Network Layer Input 425 provides inbound (originating from
the client) network transport services. The Network Layer Output 430 provides outbound (originating
from the processor) network transport services. The Timer Process 435 provides a way for the user of

the invention to limit the maximum amount of time that the Neural Network Process 440 will spend in

processing a given source media.

Figure 4B is a block diagram illustration of one embodiment of a CODEC selection scheme of
the neural network processing module 440 of one embodiment of the present invention. The neural
network processing module 440 shown in Figure 4B comprises a video frame selection module 475,
CODEC parameters module 480, input layer module 485 , hidden layers 486 — 487 and output module

488. In one embodiment of the present invention, a CODEC representative signal suitable to be used as
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a reference baseline signal for incoming signals to the neural network processing moduie 440 is
generated by the neural network processing module 440. In one embodiment, the classifier 417
determines which scenes in segments of an incoming video signal represents the best scene in light of
the available parameters of the underlying CODEC. A list of standards are used by the neural network
processing module 440 to determine which scene in the signal represents the best scene. In one
embodiment, the Neural Network Process 440 samples a number of pixels in a particular frame of
video to determine changes in the number of pixels in that particular frame vis-a-vis the pre-determined
parameters of the video signal. In another embodiment, significant motion changes in a particular
scene in the video signal may be used as the baseline reference scene (“best scene”™) for subsequent
incoming video.

In one embodiment of the present invention, the neural network processing module 440 takes a
segment of video from the classifier 417 as an input and subsequently takes a sample of this input to
derive enough information that characterizes the video signal. For example, in the scheme illustrated in
Figure 4B, the Neural Network Process 440 takes a window snap-shot (e.g., a 176 X 144 pixel window)
to examine. It is advantageous for the Neural Network Process 440 to look at the center of the sample
window to generate enough information about the video signal. In one embodiment of the present
invention, the Neural Network Process 440 uses a minimum of 8 frames to generate the requisite
information about the video signal. Information from the sample window is presented with the
particular CODEC parameters from parameter module 480 to the input layer 485.

The input layer 485 is coupled to a plurality of hidden layers 486 — 487 via a plurality of .
neurons with each connection forming either a strong or weak synoptic link from one neuron to the
other. In one embodiment, each CODEC supported by the neural network processing module 440 is
provided with its own neural network to process the CODEC speciﬁc parameters that come with the
particular CODEC. The Neural Network Process 440 generates the “best” video signal through a
round-robin like process referred to as a “bake-off” from the plurality of CODECs processed during a
video sampling capture period. In processing the best video representation from incoming signals, each
of the corresponding neural networks for each of the CODECS generates the best repreéentative sample
from the hidden layers 486 — 487 and feed the signal to the output module 488. In one embodiment of
the present invention, the output data set of the best CODEC from each class of CODECS being
processed by the Neural Network Process 440 has two possibilities. The first being the Neural
Network Process 440 submitting the best results for each CODEC to the output module 488 to a “bake-
off” neural network of the plurality of “best” samples for each of the plurality of CODECS which in
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turn generates the winning best CODEC from the plurality of best CODECS. The bake-off neural
network is smaller and faster than the neural networks that handle the processing of the CODECS.

In a second processing scheme, the Neural Network Process 440 may implement a genetic
algorithm processing of the best CODECS generated by the plurality of CODECS. The genetic
algorithm follows the same statistical selection approach of a marble game. Thus, instead of feeding
the winning output CODEC from the various neural networks into a “bake-off”” neural network, a
genetic algorithm processing may be applied to feed the output module 488 from the various neural
networks into a bucket and picking the best CODEC representation from a collection of scenes at the
end of the source media, for example, a movie, etc. In one embodiment of the present invention, the
Neural Network Process 440 uses a combination of forward and backward propagating algorithm to
process the CODECS.

Referring back to Figure 4A, for the purpose of providing a further understanding of this
artificial intelligence process, the following example of one particular application is provided. It is to
be appreciated that the features and operation of the system provided by this exemplary application are
to be considered as broadly descriptive of the neural network 440 aspect for data compression and
delivery according to the invention. Other applications may be made and fall within the scope of the
invention.

A video content provider installs the system of the present invention on its server. Sample
videos are introduced to the system in order to perform an initial Al process as described above. A
complex matrix of CODEC characterizations, e.g. for each bit rate, pattern of video, etc., is created to
be drawn from later. Next, a client end-user connects to the content provider system in order to view a
video M. The communication system of the invention residing on the server delivers a software agent
to the client’s device, thus enabling the client to connect to the communication system in order to
deliver device-specific information and receive the appropriate compressed signal with decompression
CODEC for playing. Next, the Al system begins loading the video M as a streaming signal into a
buffer for the purpose of choosing the appropriate CODEC for each frame and compressing each frame
appropriately for transmission. The time period of the buffer depends upon multiple variables,
principally the processing power of the system, and may be generally for example approximately 15
seconds for systems having appropriate capability for pre-recorded but uncompressed video media.
Within the buffer, each frame is compared against each CODEC according to the “types” of sequences

pre-tested in matrix as depicted in the diagram.
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Next, the system 400 looks at end-user parameters, €.g. screen resolufion, memory available, via
information received from the software agent in the client’s device. The most appropriate CODEC is
then chosen and configured/tuned for optimal performance by setting certain variables within the
CODEC to fixed guantities (e.g. based on comparing source video vs. patterns in past, transmission
channel capabilities or constraints, and destination device capabilities or consiraints). The process just
described is generally done frame-by-frame by the classifier 417, but the CODECS are compared for
temporal compression efficiency such that the process for each frame contemplates other leading and
lagging frames. Once the appropriate CODEC is chosen and tuned for each frame (or block of frames
where appropriately determined automatically by the system), the delivery system reports to the client
agent and delivers the tuned CODEC ahead of the corresponding frame(s) to be decompressed and
played.

It is to be appreciated that the neural network 440 of this system 400 continuously Iearns and
remembers the performance and operation of the CODECS within the CODEC library 445, and
continuously uses its learning to improve the compression efficiency of the input media signal. The
process of running a signal frame through the library, modifying CODEC operating parameters,
comparing compression performance by the compare logic 525 (Figure 5) against reference standard
compression, and running the loop again with further modifications, is an iterative 550 (Figure 5) one
that generally continues to improve compression efficiency. In fact, compression with one or more
CODECS in the library 445 may reach improved levels better than the reference compression
algorithm(s).

Nevertheless, when time constraints 435 (Figure 4A) are present (such as in real-time push or
pull demand for the streaming media content), this process must eventually be stopped at some point so
that a particular frame or series of frames being processed may be compressed 575 and delivered 580 to
the destination without unacceptable delay by timer 435. Then, the next frame or series may be
operated upon by the neural network 440 within the CODEC operating system. These endpoints may
be defined by reaching a predetermined desired result, such as for example but without limitation: (i)
reaching a predetermined percentage (%) compression efficiency, such as for example as compared to
the reference standard; or (ii) reaching a predetermined or imposed time limit set on the process, such
as for example according to a time related to the buffer time (e.g. 15 seconds); or (iii) the earlier
occurrence of either (i) or (ii). In any event, though an endpoint is reached for choosing the appropriate
CODEC and performing the compression 575 and delivery 580 operations, this does not mark an

endpoint for the neural network 440 training which continues. The information that is gathered through
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each loop in the process is stored 550. When subsequent similar frames or system constraint
parameters in an incoming frame are encountered 545 in the future, the stored information is
remembered and retrieved by the neural network 440 for improving compression 575 and delivery 580
efficiency.

While many different communication protocols are contemplated, one particular embodiment
which is believed to be beneficial uses a “full duplex network stack’” protocol, which allows for bi~
directional communication between the server and the client device. Again, while other protocols may
be appropriate for a particular application, the full duplex system is preferred.

The system 400 just described addresses the difficulties encountered with previously known
CODEC systems by utilizing the streaming media delivery architecture to overcome latency issues and
the embedded neural network 440 to overcome speed concerns. The system 400 is then able to
reconfigure the algorithms used for compression in the neural network 440, the goal being to achieve
optimum results every time over any network configuration.

A wide variety of CODECS may be used within the CODEC library 445 according to the
overall compression systems and methods just described, though beneficial use of any particular
CODEC according to the invention contemplates such CODEC taken either alone or in combination
with other CODECS. For example, an approprjate CODEC library 445 may include one or more of the
following types of CODECS: (i) block CODECS (e.g. MPEG versions, such as Microsoft Media™ or
QuickTime™); (ii) fractal CODECS; and (iii) wavelet CODECS (e.g. Real™). According to another
aspect, an appropriate CODEC library 445 may include one or more of the following types of
CODECS: (i) motion predictive CODECS; and (ii) still CODECS. Still further, the CODEC library
445 may contain one or more of the following: (i) lossy CODECS; and (ii) lossless CODECS.

In one embodiment of the present invention, all of these different types of CODECS may be
represented by the CODEC library 445 according to the invention; and, more than one particular
CODEC of a given type may be included in the library. Or, various combinations of these various
types may be provided in order to achieve the desired ability to optimize compression of a sireaming
media communication over a wide range of real-time variables in the signal itself, transmission channel
constraints, or destination device constraints. Still further, an additional highly beneficial aspect of the
invention allows for new CODECS to be loaded into the library 445 and immediately available for use
in the neural network 440 compression/delivery system 400. Nevertheless, one particular example of a
CODEC library 445 which is believed to be beneficial for use in optimally communicating a wide

range of anticipated streaming media signals, and of particular benefit for image signals, includes the
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following specific CODECS: MPEG versions 1, 2, and 4 (e.g. Microsoft Media™ and QuickTime™);
DUCK TruMotion™; ON2; Reai Media™; MJPEG: H.261; H.263; H.263-+; GIF; JPEG; JPEG2000;
BMP; WBMP; DIVX.

The following are further examples of various aspects of the compression system and method
just described that should be considered as broadly beneficial, both independently and in various
combinations as is apparent to one of ordinary skill based at least in part on this disclosure. Further
examples of such broad aspects are elsewhere provided in the “Summary of the Invention™ as well as in
the appended claims.

Use of neural networks 440 with artificial intelligence to achieve the various CODEC
operations described is broadly and uniquely beneficial. In particular, a system and method is provided
for pre-processing 410 of source data determined by application of learned responses to the signal
guality, data content and format of the data. A system and method is provided for processing each unit
(e.g. frame or block of frames) of source data by selection and application of a suitable CODEC (from
a set of all available CODECS in the CODEC library 445) dependent upon observed characteristics of
the source data and application of past-learned responses to compressing similar data. A system and
method is provided for processing each unit of source data by setting a multiplicity of compression
characteristics within a chosen compression algorithm to optimize capture and preservation of the
original data integrity. Still further, each or all of the aforementioned signal processing steps is applied
to each unique, sequential unit of signal data, e.g., signal clip, video frame, or individual packet as
appropriate.

It is further contemplated that a CODEC management system 400 according to the invention provides a
system and method for image processing that is adapted to normalize original source data/images as
well as to resize and resample original data to fit the specification of the neural network processing
module 440. An ability to serve any transmission or recording channel with a single system and with
any source data stream is also provided. Moreover, the various systems and methods herein described,
individually and beneficially in combination, are provided with compatibility to any connection or
connectionless protocol, including but not limited to TCP, UDP, WTP/WDP, HTTP, etc.

The invention as herein shown and described also allows for highly beneficial applications for
accelerating the learning rate of neural networks 440 while minimizing the data storage requirements to
implement said networks, Different classes of data streams each have unique characteristics that
require substantially greater processing by neural networks 440. For example, video data sireams differ

by prevalence and degree of motion, color contrast, and pattern and visibility of details. Greater
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processing requires longer times to reach optimal functionality. Greater processing also requires more
predictive library storage, often growing to unlimitedly large sizes. For real-time neural network
processing, processing time and storage can be minimized to greatly increase functionality by
providing pre-developed predictive libraries characteristic of the class of data stream.

Accordingly, the following are examples of aspects of the pre-trained neural network 440
aspects of the invention that should be appreciated as broadly beneficial, both independently and in
combination (including in éombinaﬁon with other embodiments elsewhere herein shown and
described). A system and method is provided that creates and uses artificial intelligence in a neural

network 440 and pre-trains that intelligent network for use in solving a problem, which problem may be

- for example but not necessarily limited to streaming media compression according to a particular

beneficial aspect of the invention. A system and method is also provided for subdividing the universe
of problems to be solved into useful classes that may be processed according to a learned history by the
intelligent network.

An intelligent streaming media delivery system and method is also provided according to the
invention that manages content transmission based on end-user capabilities and transmission channel
constraints, such as for example, but without limitation, available transmission speeds or bandwidth,
and Internet congestion. The data compression and delivery system 400 utilizes a computer
implemented intelligence process, such as an artificial intelligence process based on a neural network
to analyze aspects of the connection (including without limitation differing bit rates, latencies,
transmission characteristics and device limitations) to make modifications in the compression
methodology and to manage Quality of Service (“QoS”) 420 issues. Compressed, digital, restorable
and/or decompressible data streams may be therefore delivered to a multiplicity of different local
and/or remote devices via a multiplicity of transmission mediums characterized by differing
capabilities. In addition, a decompression system is provided for reproducing the decompressed data at
the terminal device. ‘

In one beneficial embodiment, a terminal device establishes a link with the system resident on a
server node(s). Except for software normally required to establish communications, the terminal device
might not initially have resident software embedded therein associated with the present system. Upon
linking the terminal device to the server node, the system transmits a software agent to the terminal
device that cooperates with other software modules on the server-side that together form the overall
delivery system. The software agent informs the system of the terminal device configuration and

processing capacities for decompressing and displaying the data. The software agent also reports
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certain relevant information to the system of the characteristics of the communication channel between
the terminal and the server. Such information includes, without limitation: latency, bandwidth, and
signal path integrity. Based upon terminal device configuration and real time updates of channel
characteristics and capabilities, the system actively manages transmission of the compressed data
stream by varying parameters such as buffer length, transmitted bit rate, and error correction. The
system also feeds operating conditions to the compression system to dynamically alter encoding and
compression settings to optimize delivery of the data. The delivery software agent resident on the
terminal device decompresses the data stream that is composed of segment-by-segment variations in
compression/decompression algorithm and settings thereof. Dependent upon the terminal device
configuration, and especially for very thin clients, instructions may be refreshed on a segment-by-
segment basis for each decompression algorithm and encoding setting combination. Instructions for
decompressing may also be kept resident if appropriate to the terminal device.

The software agent described for transmission to and operation by the destination device is
therefore also considered a highly beneficial aspect of the compression/delivery systems and methods
described. By delivering the software agent to the device from the source, a wide range of existing
destination devices may be used for communication according to methods that may include variable
uses of one or more algorithms or other operations at the transmission source. In other words, the
destination devices may not be required to be “format-specific” players as is required by much of the
conventional streaming and static media communication systems. Also, by providing the destination
agent with a diagnostic capability, diagnostic information may be gathered at the destination device and
transmitted back to the source in a format that is compliant for use by the source in its neural network
process for achieving the proper CODEC operation for a given set of circumstances.

The use of a client-side agent to supply quality of service information including client-side
device data and communication channel status in real time is therefore also believed to be broadly
beneficial beyond the specific applications and combinations of other aspects of the invention also
herein provided. In addition, the processing of each unit of compressed, transmission-ready data to
accommodate client-side device and real-time communication channel conditions is also broadly
contemplated as having broad-reaching benefits. Still further, a system and method is described that
provides instructions to a client-side agent to enable decompression of each sequential, uniquely
compressed unit of data. Therefore, another broad benefit of the invention provides a destination
device (such as from the transmission source as herein described for the particular embodiments) with a

CODEC that is adapted to decompress a compressed representation of an original media signal into a
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decompressed representation based upon variable parameters related to at least one of the following:
aspects of the original media signal, transmission channel constraints, and destination device
constraints. In another broad aspect, the destination device is adapted to use a CODEC that is chosen
from a library of CODECS based upon a parameter related to an aspect of the original media signal.

The systems and methods herein described are also considered applicable to the signal
processing of each unique, sequential unit of signal data, e.g., signal clip, video frame, or individual
packet as appropriate. In addition, the system and its various sub-systems may also be purely software
that must be loaded inio each appropriate device, or it may be embedded in a host hardware component
or chip, e.g. on the server side, or in certain circumstances, on the client side (e.g. various aspects of the
destination agent), or for example may be stored such as in flash memory.

The various aspects of the media compression system and method just described are considered
beneficial for use according to a wide range of known and soon anticipated media communication
needs, including for example according to the various communications devices,
communication/transmission channel formats and standards, and media types and formats elsewhere
herein described (e.g. in the “Background” section above).

However, for the purpose of further understanding, Figure 6 shows a schematic view of the
overall streaming media communications system 600 as specifically applied to “video-on-demand”
aspects according to one embodiment of the present invention, wherein many different end users 610 —
620 at many different locations may request and receive, real-time (e.g. without substantial delay), pre-
recorded video from a remote source. Further to the information provided in Figure 6, at least one
specific implementation of the media communication system 600 delivers the following types of video
at the following bit-rates (denotes compressed representations of original signals that are convertible by
a destination device to decompressed representations having no or insubstantial loss as observed by the
eye of the typical human observer): VIHS-format video as low as about 250Kbs; DVD-format video at
about 400 Kbps; and HDTV-format video at about 900Kbps. According to these speeds, it is believed
that video-on-demand may be provided by telephone carriers over resident transmission line channels,
such for example over existing DSL lines 630 - 640.

However, as available bandwidth and mass communication continue to present issues, it is
believed that even greater efficiencies may be achieved resulting in delivery of compressed
representations of these types of video signals at even lower bit rates. Again, as elsewhere herein
described, the compression efficiencies of the invention are closely related to and improve as a function

of the processing power made available to the neural network 440, and the neural network’s 440
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continued learning and training with respect to varied types of media. These resources may even make
more remarkable compression efficiencies achievable without modification to the fundamental features
of the present invention.

Therefore, the following are further examples of transmission rates for certain compressed
video signals that are believed to be desirable and achievable according to one embodiment of the
invention: VHS-format video as low as about 200Kbps, more preferably as low as about 150Kbps, and
still more preferably as low as about 100Kbps; DVD-format video as low as about 350Kbps, more
preferably as low as about 300Kbps, and still more preferably as low as about 250Kbps; and HDTV-
format video as low as about 800Kbps, and still more preferably as low as about 700 Kbps.

Moreover, at least one implementation of the media communications system 400 of one
embodiment of the invention delivers 20-24 frames/sec color video at a transmission rate of 7 Kbps.
This is believed to enable substantial advances in communication of streaming media signals via to
wireless destination devices via the WAP Gateway, as is further developed elsewhere hereunder.

It is also to be appreciated that, while video communication has been emphasized in this
disclosure, other types of streaming or static media are also contemplated. For example, at least one
implementation of the compression and delivery embodiments has been observed to provide
substantially CD-quality sound (e.g. via compressed representations of original signals that are

convertible by a destination device to decompressed representations having no or insubstantial loss as

* observed by the ear of the typical human observer) at a bit-rate of about 24 Kbps. At these rates,

aundiophile-quality sound may be delivered for playing over dial-up modems. However, with further
regard to available resource commitment and extent of neural network training, it is further
contemplated that the invention is adapted to deliver CD-quality sound at speeds as low as about

20Kbps, and even as low as about 15 Kbps or even 10Kbps.

Wireless Audio Communications System

It is further contemplated that the streaming media communication system of the invention has
particularly useful applications within wircless audio communications networks, and in particular
cellular telephony networks. Therefore, Figures 7 and 8 schematically show, with respectively
increasing amounts of detail, streaming media communications systems 700 and 800 respectively
specifically applied to wireless audio communications systems according to certain specific, respective

embodiments of the present invention. While particular devices, system parameters, or arrangements
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of communicating devices shown are believed to be beneficial in the overall application of the
invention, they are not to be considered limiting and may be suitably replaced with other substitutes
according to one of ordinary skill based upon this disclosure. The various wireless communications
systems 700 and 800, standards, and protocols referenced elsewhere in this disclosure are thus
incorporated into this section for the purpose of integration with the various aspects of compression,
delivery, decompression, and transcoding according to one embodiment of the invention.

Combination of the communications system 400 of one embodiment of the present invention
with the other components of a cellular communications network allows for the enhanced compression,
delivery, and decompression according to the invention to manifest in an increased quality of service
for wireless audio communications. Improvements in cellular communications according to the
invention include, without limitation, the following examples: increasing available bandwidth,
extending range of reception, and providing graceful degradation while maintaining connectivity
during periods of low signal quality or reception levels.

More specifically, cellular telephony signals are characterized by relatively high degrees of
variability, due for example to the roaming positions of clients, and limited cell ranges, atmospheric
conditions, and significantly limited and changing available bandwidths over daily use cycles.
Therefore, a setf-optimizing CODEC management system according to the present invention is
particularly well suited to adjust the appropriate communications and compression modalities to the
changing environment. At the very least, the increase in compression efficiency and resulting decrease
in bandwidth used for given signals is a valuable achievement as wireless channel traffic continues to
congest.

In one particular regard, the increased compression efficiency according to the present invention
is well applied to improving bandwidth issues during “soft hand-offs” between cells, as illustrated in
Figure 9. During cellular phone communications, whenever a transmitter or receiver migrates between
cell coverage zones, communications bandwidth requirements and resultant costs are increased by
systemic requirement to “pass off”” active communications between cells. The act of passing off the
communication results in a “backhaul” channel from the previously active cellular transmitter to a
central office for forwarding to a newly active cellular transmitter. The backhaul channel represents a
significant use of bandwidth. Savings will result from increased compression. As Figure shows, such '
“backhauling” may include a doubling (media sent back from first cell being left and resent to second
cell for transmission) or even a quadrupling (overlapping communication from both first and second

cells) in the bandwidth used for communicating a particular signal.
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The media communications system 400 of the present invention may recognize when backhaul
is occurring, such as according to the transmission channel diagnostics provided in the software

agent(s), and may respond by adjusting the degree of compression to compensate.

WAP Video Gateway

With a particular view of the rapid growth observed and predicted in the wireless or mobile
Internet, embodiments of the present invention contemplate application of the intelligent ‘
compression/delivery/ decompression embodiments in combination with WAP Gateway functionality.

A system and method is therefore also provided according to the invention for encoding,
compressing and transmitting complex digital media (e.g., video pictures) via bandwidth-constrained
wireless communications systems utilizing Wireless Applications Protocol (WAP). In one
embodiment, data is processed by the system, resident at a server node(s), employing neural networks
with artificial intelligence. Sample segments of data are captured from the input stream and processed
to comply with requirements unique to the class of clients. As is described in detail above, the system
correlates the continuously varying digital data streams’ characteristics with libraries of pre-developed
experientially learned rules and with externally imposed constraints to optimally choreograph the
coherence, continuity and detail of the data as ultimately received, decoded and presented at the client
interface. .

A gateway provided with the added functionality of the streaming media communications
system herein described is shown schematically in Figure 8. According to the WAP gateway system
830, a client agent is provided that is adapted to run on a variety of platforms, and requires no
specialized hardware to decode the video streams. According to use of the streaming media delivery
system of the invention elsewhere herein described, the viewer of the WAP device maintains constant
communication with the system server upstream, such that the user-side client 825 may provide the
encoding platform with relevant information for streaming media communication, including without
limitation: available screen size, processing power, client operating system and browser version,
connection speed and latency, thereby allowing the streaming media delivery system to tailor the
stream to each individual client it “talks™ to. Accordingly, an Al driven server 830 incorporating the
Al compression as herein described may be combined with a WAP Gateway 830, combining the
necessary WAP to TCP/IP protocol (or other protocol, e.g. dual server stack) translation with a Video

and Audio Server 835 employing compression, delivery, and decompression systems and methods
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herein described. The WAP Gateway 830 may further include a video transcoder, such as for example
incorporating the transcoder systems and methods herein described. An appropriate host architecture
according to this system (not shown) generally includes a rack mount system running Linux OS with a
modified WAP Gateway 830 or as a software plug-in o existing servers.

This WAP gateway system 830 may be further provided in a Master/Slave relationship as
another beneficial aspect of the overall streaming media delivery architecture (applicable to other
delivery systems other than specifically wireless). Various content distribution networks, such as
available through Akamai and Inktomi, have capitalized on the concept of improving data delivery over
the Internet by using “smart caching” on servers which reside on the borders of the Internet. Such a
Master/Slave relationship is maintained by the present system wherein a Master Server resides at the
source of the content to be delivered and Slave Servers reside on the borders. These servers
communicate “intelligently” to optimize the content delivery over the Internet and reduce latency,
bandwidth and storage requirements, improving the overall quality of the video/audio siream to the
end-user and decreasing the cost of media delivery to the content provider.

The WAP gateway 830 of the present invention supports continued growth in mobile
communications, as large teleconumunications operators are transitioning to multi-service broadband
networks, and as the number of subscribers to the mobile Intemet continues to expand rapidly. In
particular, mobile communications is a broad class of systems and protocols, each having iis own
constraints and needs for interacting devices to communicate streaming media. The Gateway 830 in a
particularly beneficial aspect may support a variety of “2G” systems with upgradability for upcoming
“2.5G” and “3G” network technologies (numerical progression of systems generally represents
progression of Internet-enabled capabilities).

The following Table 3 provides examples of known mobile communication standards, and
provides certain related information used by the Al system of the present invention for optimizing

communication of streaming media amongst the field of mobile destination devices as media players:

Table 3: Existing/Soon Anticipated Mobile Communications Standards

MODE BAUD RATE (generally)
GSM (2G) 9.6 Kbps
CDMA o - 9.6 Kbps
TDMA 14.4 Kbps
CDPD 14.4 Kbps
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iMODE 128 Kbps

GPRS 144 Xbps

WCDMA or CDMA2000 144 Kbps to 2 Mbps
GSM (3G) 2 Mbps

In addition, the present invention is particularly beneficial in its ability to stream a wide variety

of media signals to various different types of wireless communications devices. Examples of wireless

communications devices that are appropriate for use with the streaming media communications systems

and methods of the invention, and which the systems and methods support interchangeably, are

provided in the following Table 4:

Table 4: Examples of Internet-enabled PDA’s

DEVICE | MAKE SPEED | MEMORY | SCREEN | SCREEN | MODEM CONNECT
DEPTH SIZE TYPE SPEED
iPAQ Compagq 206 MHlz | 16-64 Mb 12 b/pixel 320x240 External 9600-14.4 Kbps
color (e.g. CDPD) '
PalmVII Palm 33 MHz 4 -16Mb 4 b/pixel Internal 14.4 Kbps
b/w 8
b/pixel
color
Handspring | Palm 33 MHz 4 -16Mb 4 blpixel External 14.4 Kbps
b/w; 8
b/pixel
color
Blackberry | Research- 33 MHz 4 Mb 2 b/pixel Internal 9.6-14.4 Kbps
in-Motion b/w
Jornada HP 133 MHz | 16-32 Mb 18 b/pixel | 320x240 External 9.6-14.4 Kbps
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Casseopeia | Casio 150 Mhz 16-31 Mb 12 b/pixel | 320x240 External 9.6-14 .4 Kbps

Various specific examples are described later below that provide observations of actual wireless
Internet applications of the invention as herein described. Such examples include use of a CODEC
Iibrary according to varied parameters associated with at least the following (without limitation):
destination wireless communication device; transmission channel; communications protocol; and the
respective streaming media signals themselves. The various particular features of the systems and
methods used according to these examples are contemplated as further defining independently

beneficial aspects of the invention.

Shared Interactive Environment

A system and method is also provided according to the invention for enabling real-time remote
client interaction with a high-definition, multi-dimensional, multi-participant simulated environment
without the need for significant client-side processing capacity. More specifically, Figure 10 shows an
overall streaming media communication system as applied to shared interactive gaming according to
the invention.

This system includes: (1) a proxy server; (ii) graphics rendering capabilities; (iii) a client
software agent for feedback of client inputs to the game; (iv) a client software agent for supporting the
delivery system of the invention; and (v) streaming from the server to the client. It is contemplated that
for multiple clients, which typically represent shared interactive gaming by design, multiple
components as just described are provided to support each client.

The interactive gaming embodiments contemplate implementation of data compression and
delivery embodiments with devices that are also destination devices for compressed signals from other
like, remotely located device systems. This arrangement is broadly beneficial, such as for example in
further interactive media implementations such as video conferencing and the like. Accordingly, each
remote system is both a source and a destination device, and sends and receives agents between it and

other remote systems.

Destination Device
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Although the communications systems of the present invention enables communication of
streaming media signals to a wide varicty of destination devices, a further contemplated feature of the
invention provides a remote receiver to be housed as a destination device/player by client users. This
set-top player may be adapted to serve at least one, though preferably multiple ones, and perhaps all, of
the following: Video on Demand (VOD); Music on Demand (MOD); Interactive Gaming on Demand
(IGOD); Voice Over Internet Protocol (“VoIP”), any technology providing voice telephony services
over IP connections; Television Web Access; Digital Video Recording to record, pause, and playback
live television; e-mail; chat; a DVD player; and other applications apparent to one of ordinary skill. All
of this may be delivered to existing televisions in the comfort of users’ own homes. Moreover, clients
utilizing this box, or other systems interfacing with the communications system of the invention, may

receive DVD quality video and surround sound over cable and DSL connections.

EXAMPLES

For the purpose of further illustrating the highly beneficial results that may be achieved
according to the invention, the following are examples of specific embodiments that have been used for
different types of streaming media communication, including observed results with pertinent
discussion. These examples illustrate communication the same pre-recorded video over different
transmission channels and to different destination devices, wherein the pre-recorded video has the
following originating properties: 720lines of resolution and 32bits of color information, an originating

file size of about 1.4Gigabytes.

Example 1

An "iIPAQ"” model 3650 hand-held PDA (commercially available from Compagq, Inc. for
approximately $500 at the time of this disclosure) was provided. The PDA was interfaced with a 14.4
Kbps (max) wireless CDPD modem ("AirCard 300" wireless external modem, commercially available
from Sierra Wireless for approximately $200 at the time of this disclosure) using an extension assembly
(iIPAQ™ PCMCIA expansion sleeve from Compaq, Inc.) with a PCMCIA card slot that couples to the
wireless modem. The iPAQ™ used is generally characterized as having the following processing
parameters: 206 MHz processor; 32 Mb memory; 12 b/pixel color; 240X320 screen dimensions;

PocketPC™ operating system version 3.0 from Microsoft Corp. and stereo sound. The iPAQ™ was
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connected to the Internet in San Francisco, California via the interfaced CDPD modem over the AT&T
cellular wireless carrier sysiem at a connection bandwidth of about 13.3Kbit/sec. A server located in
San Jose, California (approximately 50mi away) was contacted by the PDA employing the http and risp
protocols, and the PDA was used to initiate a request for a pre-recorded video having the following
originating properties: 720lines of resolution and 32bits of color information, the originating file size
was 1.4Gigabytes. Within about seven seconds, a compressed approximation of the pre-recorded video
was received, decompressed, and displayed by the PDA on the ‘PDA’s screen. The entire video was

seen at 240x320x12bpp resolution in full motion without observable delays or defects.

Example 2

A "Jommada™" model 548 hand-held PDA (commercially available from HP, Inc. for
approximately $300 at the time of this disclosure) was provided. The PDA was interfaced with a 9.6
Kbps (mnax) wireless CDMA phone ("Motorola i85s” wireless external digital cellular phone,
commercially available from Motorola authorized vendors for approximately $200 at the time of this
writing) using adaptor cables (Motorola and HP RS-232 standard interface cables from Motorola and
HP.) that couple the phone and PDA together to form a wireless modem. The Jornada model PDA
device used is generally characterized as having the following processing parameters: 133 MHz
processor; 32 Mb memory; 12 b/pixel color; 240X320 screen dimensions; PocketPC™ operating
system version 3.0 from Microsoft Corp. and stereo sound. The Jornada™ was connected to the
Internet in Newark, NI via the interfaced CDMA phone/modem over the Nextel digital cellular wireless
carrier system at a connection bandwidth of 8Kbit/sec. A server -located in San Jose, California
(approximately 2900mi away) was contacted by the PDA employing the http and WDP protocols, and
the PDA was used to initiate a request for a pre-recorded video having the following originating
properties: 720lines of resolution and 32bits of color information, the originating file size was
1.4Gigabytes. Within about seven seconds, a compressed approximation of the pre-recorded video was
received, decompressed, and displayed by the PDA on the PDA’s screen. The entire video was seen at

176x120x8bpp in full motion without observable delays or defects.

Example 3
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A "Set-top Box" model st850 book PC (commercially available from MSI, Inc. for
approximately $300 at the time of this writing) was provided. The Set-top Box was interfaced with a
10 Mbps (max) ethernet/802.11 connection using CATS ethernet cables (Generic) that couple the Set-
top Box to a broadband connection (DS3). The Set-top Box used is generally characterized as having
the following processing parameters: 400 MHz processor; 64 Mb memory; 32 b/pixel color; 720 lines
of s¢reen resolution; Windows CE operating system version 2.11 from Microsoft Corp. and AC3 digital
6 channel surround-sound. The Set-top Box was connected to the Internet in Newark, NJT via the
interfaced shared DS3 connection over the Alter.Net Internet Backbone at a connection bandwidth of
376Kbit/sec. A server located in San Jose, California (approximately 2900mi away) was contacted by
the Set-top Box employing the http and rtsp protocols, and the Set-top Box was used to initiate a
request for a pre-recorded video having the following originating properties: 720lines of resolution and
32bits of color information, the originating file size was 1.4Gigabytes. Within
About nine seconds, a compressed approximation of the pre-recorded video was received,
decompressed, and displayed by the Set-top Box on a commercially available reference monitor's
(Sony) screen. The entire video was seen at 720linesx32bpp in full motion without observable delays

or defects.

‘While various particular embodiments have been herein shown and described in great detail for
the purpose of describing the invention, it is to be appreciated that further modifications and
improvements may be made by one of ordinary skill based upon this disclosure without departing from
the intended scope of the invention. For example, various possible combinations of the various
embodiments that have not been specifically described may be made and still fall within the intended
scope of the invention. According to another example, obvious improvements or modifications may

also be made to the various embodiments and still fall within the intended scope of this invention.
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What is claimed is:
1. A system for processing a media signal, comprising:
| a searchable CODEC library that is adapted to store a plurality of separate and unique
CODECS and also to be accessed by and searched by at least one of an artificial intelligence (Al)
system and an operating system, such that each CODEC stored in the CODEC library may be
individually located and accessed for use by at least one of the Al system and operating system in

order to compress the media signal for transmission from a source to a destination device.

2. The system of Claim 1, wherein the CODEC library comprises at least one CODEC that is of
at least one of the following three types of CODECS: block CODECS,; fractal CODECS; and
wavelet CODECS.

3. The system of Claim 2, wherein the CODEC library comprises:
a first CODEC of a first type on the three types, and
a second CODEC of a second type of the three types.

4. The system of Claim 3, wherein the CODEC library comprises:
a first CODEC of a first type of the three types,
a second CODEC of a second type of the three types; and
a third CODEC of a third type of the three types.

5. The system of Claim 4, wherein the CODEC library comprises:
a first CODEC that is a motion predictive CODEC; and
a second CODEC that is a still CODEC.

6. The system of Claim 5, wherein the CODEC library comprises:
a first CODEC that is a lossy CODEC; and
a second CODEC that is a lossless CODEC.

7. The system of Claim 1, further comprising:

a registry associated with the CODEC library and that is searchable in order to search and
locate a particular CODEC within the CODEC library.
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8. A system for communicating a media signal from a source to a destination device over a
transmission channel, comprising:
a destination agent that is adapted to be used by the destination device to communicate
with the source and to receive a compressed representation of the media signal from the source and
to decompress the compressed representation info a decompressed representation of the media

signal such that the decompressed representation may be stored or used by the destination device.

9. The system of Claim 8, wherein the destination agent comprises:

a diagnostic agent that is adapted to provide diagnostic information for transmission
to a neural network associated with the source, which diagnostic information represents an ability of
the destination device to receive, store, process, or display the media signal; and

a decompression agent that is adapted to decompress the compressed representation
of the media signal into the decompressed representation of the signal to be stored or played by the

destination device.

10. The system of Claim 9, wherein the destination agent further comprises:

a decompression agent that is adapted to receive a compressed representation of the
media signal and also to receive a CODEC decompressor associated with the compressed
representation of the signal from the delivery system, and that is adapted to use the CODEC
decompressor to decompress the compressed representation of the signal into a decompressed

representation of the signal to be stored or played by the destination device.

11. The system of Claim 10, wherein the destination agent is adapted to be stored and operated for
decompressing and playing a media signal on a plurality of different destination devices each

having different capabilities for decompressing, storing, or playing the media signal.

12. The system of Claim 11, wherein the destination agent is adapted to decompress a plurality of
different compressed representations of the media signal by using different CODEC decompressors
that are each associated with a corresponding different CODEC compressor used to compress the

signal.

13. The system of Claim 12, wherein the destination agent is adapted to decompress the
compressed representation of the media using a CODEC that is provided based upon at least one of

the following parameters: a computer implemented previously learned behavior of the CODEC with
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respect to a reference media signal, a computer implemented previously learned behavior of the
CODEC with respect to a prior attempt at compressing or decompressing the same media signal, a
comparison of the CODEC’s operation with respect to the media signal against a reference
algorithm compression of the media signal, a learned constraint of the transmission channel, and a

learned constraint of the destination device.

14. The system of Claim 13, wherein the destination agent is adapted to interchangeably use a
block CODEC, a fractal CODEC, or a wavelet CODEC.

15. A system for communicating a media signal from a source to a destination device over a
transmission channel, comprising:

a CODEC that is adapted to compress the media signal for optimized transmission along
the communications channel and decompression by the destination device, wherein the compression
is done by the CODEC based upon at least one of the following parameters: a previously learned
behavior of the CODEC with respect to another reference signal, a previously learned behavior of
the CODEC with respect to a prior attempt at compressing or decompressing the same media signal,
a comparison of the CODEC”’s operation with respect to the media signal against a reference
algorithm compression of the media signal, a learned constraint of the transmission channel, and a

learned constraint of the destination device.

16. The system of Claim 15, wherein the CODEC is adapted to compress the media signal into n
different compressed representations of the media signal that are adapted to be transmitted to the

destination device at n unique bit rates, respectively.
17. The system of Claim 15, further comprising:

a searchable quality of service (QoS) library associated with the CODEC and that is adapted
to be used by at least one of an artificial intelligence system or an operating system in order to
determine an appropriate use of the CODEC with respect to the media signal based upon at least

one QoS standard stored in the QoS standards library.

18. A system for processing a media signal, comprising:
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a CODEC operating system that is adapted to interface with a CODEC library and also
with an artificial intelligence (AI) system in order to use the Al system to identify an appropriate
CODEC from the library and to process the media signal with the CODEC.

19. The system of Claim 18, further comprising:
at least one CODEC associated with the CODEC operating system for use in processing the
media signal based at least in part upon an operation by the CODEC operating system.

20. The system of Claim 19, further comprising:

a searchable CODEC library that is assoctated with the CODEC operating system and that is
adapted to store a plurality of separate and unique CODECS, wherein the CODEC operating system
is adapted to cooperate with the searchable CODEC library and also with the AT system in order to
determine an appropriate CODEC stored in the CODEC library for use in processing the media
signal.

21. The system of Claim 20, further comprising:

a searchable network transport standards library associated with the CODEC operating
system and that is.adapted to be used by at least one of an Al system or the CODEC operating
system in order to determine an appropriate use of a CODEC with respect to the media signal based

upon at least one network transport standard stored in the network transport standards library.

22. The system of Claim 21, further comprising:

a searchable quality of standard (QoS) library associated with the CODEC operating system
and that is adapted to be used by at least one of an Al system or the operating system in order to
determine an appropriate use of a CODEC with respect to the media signal based upon at least one

QoS standard stored in the QoS standards library.

23. The system of Claim 22, further comprising:

a destination agent that is associated with the CODEC operating system and is adapted to be
used by a destination device to communicate with a source also associated with the CODEC
operating system to receive a compressed representation of the media signal from the source and to
decompress the compressed representation into a decompressed representation of the media signal

such that the decompressed representation may be stored or used by the destination device.
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24. A system for processing a media signal, comprising:

a destination device that is adapted to communicate with a source and to receive a
compressed representation of the media signal from the source, and that includes a CODEC that is
adapted to decompress the compressed representation into a decompressed representation based
upon at least one of the following parameters: a previously learned behavior of the CODEC with
respect to another reference signal, a previously leamned behavior of the CODEC with respect to a
prior attempt at compressing or decompressing the same media signal, a comparison of the
CODEC’s operation with respect to the media signal against a reference algorithm compression of
the media signal, a learned constraint of the transmission channel, and a learned constraint of the

destination device.

25. The system of claim 24, wherein the media signal is adapted to be used according to an original
format according to an original set of parameters, and the destination device is adapted to process
and display the decompressed representation of the media signal in another format according to
another set of parameters that are different than the original set of parameters, such that the
destination device is incapable of processing and displaying the media signal in the original format

according to the original set of parameters.

26. The system of claim 25, wherein the CODEC is adapted to compress the media signal into n
different compressed representations of the media signal that are adapted to be transmitted to the

destination device at n unique bit rates, respectively.

27. The system of claim 26, wherein the n different compressed representations are adapted to be
transmitted at least at n substantially different transmission rates that are distinguished based upon
at least one of the following parameters: different transmission system standards; different

destination device standards; and different media type standards.

28. A system for processing a media signal, comprising:

a CODEC that is adapted to perform at least one of compression or decompression on
the media signal; and

an artificial intelligence (AI) system that is adapted to operate in conjunction with the
CODEC in order to tune the operation of the CODEC with respect to the media signal, wherein the
Al system is adapted to learn a behavior of the CODEC with respect to at least one parameter
affecting the CODEC’s operation, and also to modify the operation of at least one of the Al system
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itself or the CODEC based upon the learned behavior in order to increase the ability to provide the

CODEC in an appropriate form for optimally compressing or decompressing the media signal.

29. The system of claim 28, wherein the CODEC comprises a discrete cosine transform CODEC.
30. The system of claim 29, wherein the CODEC comprises a fractal CODEC.
31. The system of claim 30, wherein the CODEC comprises a wavelet CODEC.
32. The system of claim 31, wherein the CODEC comprises a lossy CODEC.
33. The system of claim 32, wherein the CODEC comprises a substantially lossless CODEC.
34. The system of claim 33, further comprising:

a searchable CODEC library that is adapted to store a plurality of separate and unique
CODECS,
wherein the CODEC is adapted to be stored in the searchable CODEC library, and the Al system is
adapted to cooperate with the CODEC library in order to locate and access the CODEC so that the
Al system may perform at least one operation with respect to the CODEC.

35. A system for processing a media signal, comprising:

a CODEC library that is adapted to store a plurality of separate and unique CODECS;

an artificial intelligence (Al) system associated with the CODEC library and that is
adapted to perform an operation with respect to the CODEC library in order to determine an
appropriate CODEC from the plurality of CODECS for use in processing the media signal;

a CODEC operating system associated with the CODEC library and also the Al system
and that is adapted to control the operation of the Al system with respect to the CODEC library;

a source system that is adapted to compress the media signal based upon a CODEC from
the CODEC library and based upon an operation of the Al system;

a destination system that is adapted to communicate with the source system and to
receive a compressed representation of the media signal from the source system and decompress the
compressed representation into a decompressed representation for use by the destination system;
and

a communications system associated with the source system and also with the
destination system so that the source system is adapted to transmit the compressed representation of
the media signal to the destination system, and the destination system is adapted to receive the
compressed representation and also to appropriately decompress the compressed representation into

the decompressed representation for storage or use by the destination system.
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36. The system of claim 35, further comprising:
a searchable network transport standards library associated with the Al system and also
with the CODEC operating system and that is adapted to be used by the Al system in order to
determine an appropriate CODEC from the CODEC library for processing the media signal based

upon at least one network transport standard stored in the network transport standards library.

37. The system of claim 36, further comprising:
a searchable QoS standards library associated with the Al system and also with the CODEC
operating system that is adapted to be used by the Al system in order to determine an appropriate
CODEC from the CODEC library for processing the media signal based upon at least one QoS
standard stored in the QoS standards library.

38. The system of claim 37, wherein the Al system is adapted to determine an appropriate use of a
CODEC from the CODEC library for processing the media signal based upon at least one of the
following parameters: a previously learned behavior of the CODEC with respect to another
reference signal, a previously learned behavior of the CODEC with respect to a prior attempt at
compressing or decompressing the same media signal, a comparison of the CODEC’s operation
with respect to the media signal against a reference algorithm compression of the media signal, a

learned constraint of the transmission channel, and a learned constraint of the destination device.

39. A system for communicating a media signal between a source and n unique destination devices
each having a unique ability to process the media signal, wherein n is an integer that is equal to or
greater than one, comprising;:

a compression system associated with the source and which is adapted to compress the
media signal into n uniquely compressed representations of the media signal,

wherein each of the n uniquely compressed representations is adapted to be transmitted
from the source to a unique one of the n destination devices, and is adapted to be decompressed by
the respective destination device into a unique one of n decompressed representations of the media

signal to be played by the respective destination device.

40. The system of claim 39, wherein the compression system further comprises:
a searchable CODEC library that is associated with the compression system and that is

adapted to store a plurality of separate and unique CODECS, wherein the compression system is
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adapted to compress the media signal into each of the n uniquely compressed representations based

at least in part upon at least one CODEC stored by the CODEC library.

41. The system of claim 40, wherein the compression system further comprises:

a searchable network transport standards library associated with the compression system
and that 1s adapted fo be used by the compression system in order to determine at least one
appropriate CODEC for compressing the media signal into the n uniquely compressed
representations based upon at least one network transport standard stored in the network transport

standards library.

42. The system of claim 41, wherein the compression system further comprises:

a searchable QoS standards library associated with the compression system and that is
adapted to be used by the compression system in order to determine at least one appropriate
CODEC from the CODEC library for compressing the media signal into the n uniquely compressed

representations based upon at least one QoS standard stored in the QoS standards library.

43. The system of claim 42, further comprising:

a destination agent that is associated with the compression system and is adapted to be
used by each of the n unique destination devices to communicate with the source, so that each of the
n destination devices may receive a unique one of the n compressed representation of the media
signal from the source system and to use an appropriate CODEC at least in part based upon a
CODEC used by the compression system to create the respective compressed representation so that
the respective destination device may appropriately decompress the respective compressed
representation into an appropriate one of the decompressed representations of the media signal that

may be stored or used by the respective destination device.

44. The system of claim 43, wherein the compression system is adapted to compress the media
signal into each of the n different compressed representations based at least in part upon at least one
of the following parameters: a previously learned behavior of at least one CODEC with respect to
another reference signal, a previously learned behavior of at least one CODEC with respect to a
prior attempt at compressing or decompressing the same media signal, a comparison of at least one
CODEC’s operation with respect to the media signal against a reference algorithm compression of
the media signal, a learned constraint of at least one transmission channel, and a learned constraint

of at least one destination device.
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45. A system for communicating n uniquely compressed representations of a media signal from at
least one source to a common receiver, comprising:

a destination device that is adapted to communicate with the at least one source and to
receive each of the n uniquely compressed representations from the at least one source, wherein the
destination device is further adapted to decompress each of the n uniquely compressed
representations into n decompressed representations of the media signal and to play each of the n

decompressed representations.

46. A system for communicating a media signal from a source to a destination device over a
transmission channel, comprising:

a compression system that is adapted to receive information about a parameter of the
transmission channel and to compress the media signal into a compressed representation of the
media signal by using a compression technique that is based at least in part upon the parameter

information.

47. A system for communicating n unique media signals between a source and a destination,
comprising:

a compression system that is adapted to receive information about a parameter of the
media signal and to compress the media signal into a compressed representation of the media signal

by using a compression technique that is based at least in part upon the parameter information.

48. A system for compressing a media signal from a source for transmission to a destination device,
comprising:

a compression system that is adapted to compress the media signal into a compressed
representation of the media signal based upon at least one of a transmission channel constraint, a
destination channel constraint, or a comparison of a parameter of the media signal against a prior

compression operation of the compression system.

49. A system for decompressing a compressed media signal received from a source at a destination
device, wherein the destination device is adapted to receive a compressed representation of the
media signal from the source and also a decompression instruction from the source such that the
destination device is adapted to decompress the compressed representation into a decompressed

representation of the media signal based at least in part on the instruction.
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50. A method for constructing a neural network for use in compressing media signals, comprising:
providing a plurality of CODECS; and
pre-learning at least one parameter associated with each CODEC’s compression
performance with respect to a predetermined type of media signal in a manner...... ;and
remembering each pre-leamed parameter in a manner such that at least a particular one
of the CODECs may be chosen in the future to compress a particular new media signal based upon
the pre-learned parameter of the particular CODEC.

51. The method of claim 50, further comprising:

forming a CODEC library with the plurality of CODECS;

compressing at least one predetermined type of a test media signal with each CODEC in
the CODEC library;

automatically learning at least one parameter related to each CODEC’s performance in
compressing the at least one predetermined type of test media signal;

automatically remembering each such learned parameter in a manner such that a

particular media signal to be compressed.

52. A system for communicating a media signal between a source and a destination at least in part
over a wireless transmission channel, wherein a compressed representation is

a compression system that is adapted to compress the media signal into a compressed
representation of the media signal that is further adapted to be transmitted to a wireless destination
device over a wireless carrier; and

a neural network that uses artificial intelligence o optimize the compression of the
media signal by the compression system by learning at least one of the following parameters: a
constraint of the wireless destination device, a constraint of the wireless transmission carrier, and a
comparison of a parameter of the media signal against a prior compression operation of the

compression system.

53. A system for compressing a media signal for transmission from a wireless source to a

destination device.

54. A system for compressing a media signal into a compressed representation of the media signal

for transmission to a wireless destination device.
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55. A system for decompressing a compressed representation of a media signal into a
decompressed representation of the media signal at a destination device, wherein the compressed

representation is received from a source over a wireless carrier at the destination device.

56. A system for communicating a media signal over an IP network between a source and a
destination device, wherein a compressed representation of the media signal is transmitted from the

source to the destination device over the IP network.

57. A system for compressing a media signal into a compressed representation of the media signal,
such that the compressed representation of the media signal may be transmitted from a source to a

destination device over an IP network.

58. A system for decompressing a compressed representation of a media signal into a
decompressed representation of the media signal, wherein the compressed representation is received

at a destination device from a source over an IP network.

59. A method for communicating a media signal over an IP network, comprising:

using artificial intelligence to determine the most appropriate CODEC from a plurality
of available CODECS for compressing and decompressing the media signal, wherein the
appropriate CODEC is determined based upon at least one of the following parameters: a
previously leamned behavior of the CODEC with respect to another reference signal, a previously
learned behavior of the CODEC with respect to a prior attempt at compressing or decompressing
the same media signal, a comparison of the CODEC’s operation with respect to the media signal
against a reference algorithm compression of the media signal, a learned constraint of the

transmission channel, and a learned constraint of the destination device.

60. The method of Claim 59, wherein the system is adapted to communicate a streaming media

signal over the IP network.

61. A system for communicating an audio signal between a source and a destination over a
transmission channel, wherein the audio signal is compressed to form a compressed representation

of the audio signal that may be transmitted over the transmission channel to the destination device
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so that the destination device may decompress the compressed representation into a decompressed

representation for storage or use by the destination device.

62. The system of Claim 62, wherein the system is adapted to communicate a streaming audio

signal.

63. A system for compressing an audio signal into a compressed representation of the audio signal

for transmission from a source to a destination device over a transmission channel.

64. A system for decompressing a compressed representation of an audio signal at a destination
device for storage or use by the destination device, wherein the compressed representation is

received by the destination device from a source over a transmission channel.

65. A method for communicating a streaming audio signal from a source to a destination device
over a transmission channel, comprising:
delivering CD-quality music from the source to the destination device over the

transmission channel at a transmission rate that is as low as about 25 Kbps.

66. The method of claim 65, wherein the CD-quality music is delivered by compressing a source
audio signal into a compressed representation and delivering the compressed representation over the
transmission channel to the destination device at the transmission rate, wherein the compressed
representation may be decompressed by the destination device into a decompressed representation
that is substantially CD-quality representation of the original audio signal that may be stored or

played by the destination device.

67. A system for communicating a video signal between a source and a destination over a
transmission channel, wherein the streaming video signal is compressed into a compressed
representation that may be transmitted from the source to the destination device over the
transmission channel and decompressed into a decompressed representation by the destination

device for storage or playing by the destination device.

68. A system for comununicating a streaming video signal between a source and a destination,
comprising:

a media processing module;
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a dynamic player module;
an image processor;
a baseline snapshot module;
a signal classifier;
5 a plurality of CODECS dependent neural networks processors;
a CODECS library;
a network layer input module;
a network layer output module; and
a timer.
10 69. The system of Claim 68, further comprising a dynamic client request processing module.
70. The system of Claim 69, further comprising a device and network parameters measurement

module.

80

Ex. 1018-1227



WO 03/027876

Microsoft
Media™

Media Player

vl

30

{io

LIVE VIDEO

s fof

IS

Real™ Player

3s

FIGURE 1A

1715

(Prior_ ad )

PCT/US02/30874

rQTm Player

%4@

Ex. 1018-1228



WO 03/027876 PCT/US02/30874

LIVE VIDEO

iiyes
g u Intermedizte File e On machine
Media Encoder Real Encoder Quickiime Encoder
I | l - On si?gle big
) 5.0 J TPC (Interprocess Communication) machine

Medis Player Real Player QT Player
€ = &
130 35 Ko
FIGURE 1B
(Prroa. AFAT p)
2/15

Ex. 1018-1229



WO 03/027876 PCT/US02/30874

REAL VIDEO CONTENT
Tmsooder/sc&r MJS Media Decoder %Dacoam
M/S Media En or] SO

126

Request from a
Microsoft Media Player
for Real Video Coutent

FIG. 1C
(Paron. nﬂ)

3/15

Ex. 1018-1230



WO 03/027876

| M/S Media MJS Media
Bacoder Encoder
i 4 1
M/S Media M/S Medie
Encoder Encoder
Real : Real
Decad
7« e
Real Real
Decoder Decoder
JIvid
LN S0
FIGURE 1
(Pruct par
4/15

PCT/US02/30874

Ex. 1018-1231



WO 03/027876 PCT/US02/30874

FIGURE 1E
(Pract Al

5/15

Ex. 1018-1232



WO 03/027876 PCT/US02/30874

LIVE VIDEO
o 200

Live Buffer /
QL MS Codec Thread @ 32 Kb
7 MS Codec Thread @ 100 Kb

—
3)5

| Real Codec Thread @ 40 Kb

| ——
et -

o

—— MSplayer, 32 Kb-HTTP
| Nework T MS player 100 Kb—MMS |
. —}— Real pleyer 40 Kb - RTSP (

e et et e —

"FIGURE 2

6/15

Ex. 1018-1233



WO 03/027876

PCT/US02/30874

7715

~°
Live Buffer = Cache Vi v2 V3 V4 |
€ a3 %
3 e 33 314
4 {
4 220

Ex. 1018-1234



CL L TUDW S I i 4

YV U WL (DU

GECT-8T0T X3

ook

B

¥IAV

y

0St

o1

¥0OSS3o0Ud
HOVI

-~

JINVNAQ

[ oor ]

o
AJRIQLT§
80D Sp
Ayeaqry 1z ,
- 23a00 so¥s01d1w0)) Fzﬁmg
AP
3/qemoNgy & 5 v
g ¢ prputis
Aendy
. | Myd |
_
“ -
~ t TS
R
(o §$33014 121
| - UIEU N o
| . HIOMIBN [RINSN __A
[ 13Rwessy !
[§10mYaN PBE 3014
L o
b - i
SCh | ,
STt
sy == = oudug
SIN i UNasrRyg
s h
1 oct  andnp <
a ::m.ﬂ\— FICMIAN
15anbay I.._A r|1||_
EQ:U u_.sac.»ﬂ ,llllldﬁﬂ _-:u:_
* J JOKET I0mIDN
INETS

Vi H41 014

IaTI

T5ENOS

8/15



K% B LIDARLI UMD o

VYU WL im i

9€¢T-8T0T X3

SYILTNVYVd
o3qod

L8 ('3 Y14
ImRLY [dums
A.J_ e A
. i = THAV] JAAVT IAY] L
sozwva, <-4 Thano | Naam NAOATH 1NaN1 = H
_ rl
<-4 T_.i.u:
=

gy HANO1d

9/15



PL LUDARLI WD 7o

R AV RIS TLLFSE

1€¢T-8T0T X3

M aag

S34A

-

&

(U = S T

i _ ning
I FL0AUON; [EININ
i

i

'

]

Lcim e —— e e o m————

-
»
»
.
3
1
t
k)
»
»
+
)
.
1+
»
»
»
2
]
4
)
»
3
b
K
]
4
]
1

| _ ot
i = 101859U30)
J P39S MmN

ot
Lan),
uany §)

5 s
piemin.

rasasg

.

YLvQ
NI

porvdosy

ﬂ «tf spasg r
1

¥y roysdoug

1
: i
, |
_ * __
] ] b}
i )
" ”
| “ .
} W3 “
35 ; 21015 ‘i ario
QN1 ungesay “, sredwo)) n
i
: ; #
:
Lok i m
ME. r ! . H
saumsq1]
3002

S JaNDId

aulfasey 5

10/15



WO 03/027876

11/15

PCT/US02/30874

Ex. 1018-1238

FIGURE 6



PCT/US02/30874

WO 03/027876

{hmugng’
f e e
2ORTIRU R L/ i,

»>

-7}
UG

L HINDIA

12715

Ex. 1018-1239



WO 03/027876 PCT/US02/30874

P

FIGURE 8

.I_ |.|q;l!h 4,000

P vy
L .,_\f_'a_\l.! Lepe 0.’.”‘

13/15

Ex. 1018-1240



PCT/US02/30874

WO 03/027876

I JB[N| [0 PUOSSs B O3] S)ISTR 103 ([0 USTM UOQEOUNIITLCD ’
U39 jo FOPUUY WOy Fupreas SUOREININWILCD (MEYiIey Jo toRaiday

kob
N

TR0 o1 Aol
R0 0) adesso

b
BAJO [ [[90) SOABD] JOWOjST)
LS UOREOIUNIITIC) [EYADIG
- ob s
SO Jenm)

S,

le b

3
1 30 W I3Wojsto

T30 0y dFesEapy

6 "O1d

TWOLSTID B[O
01 a8essaur Jurmoou]

14/15

Ex. 1018-1241



WO 03/027876 PCT/US02/30874

Cable/DSL
< LmT Modem

Set Top Box

1oet]

Browsing via the Set Top Box

oo\
C;b

~ r\/-‘oog--.

R T

]@0’&\
I , Cable/DSL
; 4 Memory

Set Top Boxes

Interactive Gaming

Fia. (D

15/15

Ex. 1018-1242



International application No.

INTERNATIONAL SEARCH REPORT

PCT/US02/30874
A. CLASSIFICATION OF SUBJECT MATTER
IPC(7) : GO6F 15/16
USCL 1 709/231,232,217-219,250,220; 704/243

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

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)
U.S. : 709/231,232,217-219; 345/335,327

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

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

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category * Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
Y US 6,195,692 Bl (HSU) 27 Febuary 2001, column 5 lines 4-19, 1-69
Y US 6,243,676 Bl (WITTEMAN) S June 2001, coiumn 7 line 55-col 8 line 56, 1-69
Y US 6,115,755 A (KRISHAN) 5 September 2000, column 3 tines 19-45, column 4 lines 54- 1-69
Y g;S 6,085,236 A (LEA) 4 July 2000, column 18 lines 9-20, col 26 line 59-column 27 line 4, ) 1-69

—

D Further documents are listed in the continuation of Box C. [:I See patent family annex.

- Special categories of cited documents: “T" later document published after the intemnational filing date or priority
date and not in conflict with the application but cited o understand the
“A™  documen: defining the general sate of the art which is not considered 10 be principle or theory underlying the invention
of particular relevance
“Xn document of particular relevance; the claimed invesntion cannot be
“E" | earlier application or patent published on or after the intemational filing date d considered novel or cannot be considered to involve an inventive step

when the document is taken alone
“LT documcm which may throw doubts on pnoruy claim(s) or which is cited to

- h the publi n date of I ion or other special reason (a5 -y documen of pamcular relevance; the claimed invention carnot be
specified) d 10 an ive step when the document is
combmed with one or more otier such documents, such combination
“O" «ocument referring 10 an oral disclosure, use, exhibition or other yneans belng obvious to a person skilied in the art
“p" published prior to the intcrnational filing date but later than the “&” docurnent member of the same patent family
priority date claimed
Date of the actual completion of the international search Date of mailing off-gmej-nﬂimalz eport
10 December 2002 (10.12.2002)
Name and mailing address of the ISA/US Auth
Commissianer of Patents and Trademarks J
Box PCT Mark Powell
Washington, D.C. 20231
Facsimile No. (703)305-3230 Telephone No. 703-305-9703

Form PCT/ISA/210 (second sheet) (July 1998)

Ex. 1018-1243



Wi

iDS CERTIFICATION STATEMENTS

THIS DS 18 BEING FILED UNDER 37 C.F.R. 1.87(b}: {check one box)

__l Within three months of the filing date of a national application other than a continued prosacution application under
! 1.53(d).

i Within three months of the date of entry of the naticnal stage as set forth in 1.491 in an international
_I application.

Bafore tha maiiing date of a first Offica Action on the merits. in the avant that a first Office Action on the merits has bean
j mailed, pleasa consider this 1DS under 37 C.F.R. 1.97(c) and ses the statemeant under 1.87(e) er charga deposit account
¢ 50-2091 the fee specified by 37 C.F.R. 1.17(p) if such staternent is not selected in Section 1V,

j Before the mailing of a first Office Action after the filing of a request for continued examination under 1.114.

THIS IDS IS BEING FILED UNDER 37 C.F.R. 1.97(c):

After the peried specified in 37 C.F.R. 1.97(b) and befcre the mailing date of any of a final action under 1.113, a notice of
allowance under 1.311 or an action that ciherwise closes prosecution in the appiication, and accompanied by:

[:f a statement specified in 1.87(e} as subsequently provided in this 10S; or

B e fee setforth in 1.47{p}.

THIS IDS 18 BEING FILED UNDER 37 C.F.R.1.97(d}:
After the period specified in 37 C.F.R. 1.97(c) and on or after the mailing date of any of a final action under 1.113, a notice of
alfiowancs under 1.311 or an action that otherwise closes prosacution in the application, but before or simultanecus with

:I payment of the issue fee, and accompanied by & statement spacified in 1.97(e) as subseguantly provided in this 108 and the
fee setforthin 9 17(p),

Statement under 37 C.F.R. 1.87(e} {(check only one box}

The undersigned hereby states that:

Each item of information contained in the DS was first Cited in any communication from a foraign patent office in a
countarpart foraign apglication not more than threa months prior to the filing ¢f this DS,

No item of information contained in the DS was cited in a communication from a foreign patent office in a counterpart

foraign application, and, to knowledge of the parson signing the cedification afler making reasonable ingquiry, no ilem of
:] information containad in the IDS was known to any individual designated in 37

C.F.R. 1.86(c) more than three months prior {0 the filing of this DS,

Statement under 37 C.F.R. §1.704(d}:

The undersigned hereby states that each item of information contained in the information disciosure staternent: {i) was first
cited in any commurnicaiion from a patent office in & counterpart foreign or international application or from the Office, and

g’_j this communication was not received by any individual designated in § 1.58(c¢) more than thirty days prior o the filing of the
information disciosure siatement; or (ji} is @ communication that was issued by a patent office in a counterpait foreign or
intarnational application or by the Office, and this communication was not received by any individual designated in §
1.56{c) rore than thirty days prior to the filing of the information disclosure statement..

CONCLUSION

it is respectfully submitted that the claims presently on file patently distinguish the present invention from each of the
references cited in this IDS. The references cited in this IDS are being cited only in the interest of candor and without
any admission that they constitute statutory prior arnt or contain matter which anficipates the invention or which wouid
render the same cbhvious, either singly or in a combination, to a person of ordinary skill in the art. Furthermore the
filing of this IDS shouid not be consirued to be an admission that the information cited in this DS s, or is considered to
be, material to patantability as definad in 1.58(b). In addition, the filing of this 1DS should not be construed as a
represantation that a search has been made.

if the Examiner has any questions concerning this 1DS, the Examiner is requested to contact the undersigned at the
telephone number associated with Customer No. 110240, i it is determined that this IDS has been filed under the
wrong rule, the PTO is requested to consider this 1DS under the proper rule, with a petition if necessary, and charge
the appropriate fee to Daposit Account No. 50-2081.

Ex. 1018-1244



WO 20047036824 A1 00000000 0 A0 O Tl

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property
Organization
International Bureau

(43) International Publication Date

O 0100 O

(10) International Publication Number

29 April 2004 (29.04.2004) WO 2004/036824 A1l

(51) International Patent Classification: HO4L 9/06 (81) Designated States (national): AE, AG, AL, AM, AT (util-

ity model), AT, AU, AZ, BA, BB, BG, BR, BY, BZ, CA,

(21) International Application Number: CH, CN, CO, CR, CU, CZ (utility model), CZ, DE (util-

PCT/FI2003/000752 ity model), DE, DK (utility model), DK, DM, DZ, EC, EE

(utility model), EE, EG, ES, FI (utility model), FI, GB, GD,

(22) International Filing Pate: 10 October 2003 (10.10.2003) GE, GH. GM, HR, HU, ID, 1L, IN, IS, JP, KE, KG, KP, KR,

KZ,LC, LK, LR, LS, LT, LU, LV, MA, MD, MG, MK, MN,

(25) Filing Language: Finglish MW, MX. MZ, NI, NO, NZ, OM, PG, PH, PL. PT (utility

model), PT, RO, RU, SC, SD, SE, SG, SK (utility model),

. . L SK, SL, SY, TJ, TM, TN, TR, TT, TZ, UA, UG, US, UZ,
(26) Publication Language: English VC. VN, YU. ZA. ZM. ZW.

(30) Priority Data:

(71)

(72)
(75)

(74

20021820 14 October 2002 (14.10.2002)  FI

Applicant (for all designated States except US): NOKIA
CORPORATION [FI/FL]; Keilalahdentie 4, FIN-02150
Espoo (FI).

Inventors; and

Inventors/Applicants (for US only): CURCIO, Igor,
D.D. [IT/FI]; Hatanpdin valtatie 12 C 57, FIN-33100
Tampere (FI). LUNDAN, Miikka [FI/FT}; Ménnikonkatu
4 A 7, FIN-33820 Tampere (FI).

Agent: FORSSEN & SALOMAA OY; Eerikinkatu 2,
FIN-00100 Helsinki (FT).

(84) Designated States (regional): ARIPO patent (GH, GM,
KE, LS, MW, MZ, SD, SL, SZ, TZ, UG, ZM, ZW),
Eurasian patent (AM, AZ, BY, KG, KZ, MD, RU, '1J, TM),
European patent (AT, BE, BG, CH, CY, CZ, DE, DK, EE,
ES, FI, FR, GB, GR, HU, IE, IT, LU, MC, NL, PT, RO,
SE, SI, SK, TR), OAPI patent (BF, BJ, CF, CG, CI, CM,
GA, GN, GQ, GW, ML, MR, NE, SN, TD, TG).

Published:
—  with international search report

For two-letter codes and other abbreviations, refer to the "Guid-
ance Notes on Codes and Abbreviations” appearing at the begin-
ning of each regular issue of the PCT Gazette.

(54)

Title: STREAMING MEDIA

Frames
V
Server ABCDEFGH I JKIL MNGP QRS
Media flow CR ?
period ||Pause
Buffer ABCDEFG i Play (L —)
Display ABCDEFGHIJKLMNOPQRS

(57) Abstract: The invention relates to a method for streaming of media from a streaming server (111) to a mobile client device
(101) over an air-interface, wherein, afier a cell reselection, the method comprises requesting the streaming server (111) to resend
streaming media which the mobile client device (101) was not able to receive due to the cell reselection.

Ex. 1018-1245



WO 2004/036824 PCT/FI2003/000752

STREAMING MEDIA
FIELD OF THE INVENTION

The invention relates to streaming of media from a streaming server to a mobile

client device over an air-interface.
BACKGROUND OF THE INVENTION

A packet switched streaming service PSS is currently being standardized for mo-
bile environment by 3GPP (3™ Generation Partnership Project). An example of a
communications system capable of streaming media (streaming video and/or au-
dio) is shown in Figure 1. The system comprises a streaming server 111 which is
coupled to an IP-network (Internet Protocol) 104. The IP-network 104 may be, for
example, the Internet or a service provider operator’s intranet (an intranet network
belonging to the operator’s domain). The IP-network 104 is coupled to a core
network 103 of a mobile communications network via a G; interface. The mobile
communications network also has a radio access network (RAN) 102 coupled to
the core network 103. The radio access network 102 provides mobile communica-
tions devices 101 with access to the mobile communications network over an air-
interface. Said access may be provided either by circuit switched means (circuit
switched voice or data call) or packet switched means or both. In the following,
GPRS (General Packet Radio Service) is used as an example of a packet switched
means to communicate over the air-interface. Concerning GPRS, the generic term
radio access network (RAN) is considered to comprise base (transceiver) stations
(BS) and base station controllers (BSC).

In streaming media a sequence of ‘moving images’ (i.e. video) or sound (i.e. au-
dio) or a sequence of ‘moving images’ together with sound (i.e. multimedia) is
sent in a compressed form from the streaming server 111 to a mobile communica-

tions device 101 (hereinafter referred to as a client device 101). In contrast to the
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technique in which an entire media file has to be arrived at the client before it can
be played, the streaming technique enables sending of media (video and/or audio)
from the streaming server 111 to the client device 101 in a continuous manner and

playing of the media as it arrives at the client.

When media is streamed in cellular mobile communications systems such as the
system presented in Figure 1, new problems specific to the mobile environment
arise. These problems are mostly due to the different restrictions of mobile sys-
tems. One such problem arises in a cell reselection (i.e. handover) situation pre-

sented in Figure 2.

In Figure 2, a first base station BS1 of the radio access network 102 serves the
area of a first cell 201 whereas a second base station BS2 of the radio access net-
work 102 serves the area of a second cell 202. Before cell reselection, the client
device 101 is served by the first base station BS1, i.e. the client device 101 has an
active radio link with the first base station BS1. This situation is shown on the left
side of the Figure 2. After the cell reselection, the client device 101 is served by
the second base station BS2. The radio link with the first base station BS1, shown
by a dotted line, is dropped. This situation is shown on the right side of the Figure
2.

The cell reselection (CR) can be divided in three periods in time:

a)  Pre-CR period
b) CR period
¢)  Post-CR period.

During the pre-CR period, received signal quality in the first cell weakens and the
client device 101 starts cell reselection signaling. The client device 101 is able to
receive streaming media via the first base station BS1 during that period. During

the CR period, the actual cell reselection is performed. The client device 101 can
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not receive streaming media during that period. During the post-CR period, the
client device 101 is able to receive streaming media via the second base station

BS2.

The cell reselection may cause a long break in service. For example, a cell rese-
lection (CR period) in a case where GPRS is used as radio bearer may take up to
30-40 seconds. This will affect an ongoing streaming session. For example, part
of the packets carrying streaming media may be lost and/or freezing of the played
media may occur at the client device 101. If the streaming media comprises a
video stream, the freezing means that a still image will appear and stay for a pe-
riod of time on a client device display before the streaming media is again re-
ceived and can be played again. If the streaming media comprises an audio
stream, the freezing means that no sound is played back (i.e. silence) until the CR

period is over.

Accordingly, there is a need to find appropriate means for reducing the effects of

cell reselection on an ongoing streaming session.
SUMMARY OF THE INVENTION

According to a first aspect of the invention, there is provided a method for stream-
ing of media from a streaming server to a mobile client device over an air-
interface, wherein the method comprises:

requesting the streaming server to send streaming media which the mobile client

device is not able to receive due to a cell reselection.
A request requesting the streaming server to send the streaming media may be
sent from the mobile client device to the streaming server before or after the men-

tioned cell reselection.

The mentioned request is not limited to requesting to send only the media which
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the mobile client device is (or was) not able to receive due to the cell reselection
(during a cell reselection period). In an embodiment, the request may be construed
such that what is actually requested is: resending of a portion of a media content

not received as well as sending any remaining portion of the media content.

The term media is considered to mean either video or audio or another media,

such as still image, or any combination thereof, i.e multimedia.

Preferably, a resending request is sent in response to the cell reselection. The re-
sending request is preferably an application layer request sent between a mobile

client device application and a streaming server application.

In a preferred embodiment, the streaming server is requested to send at an in-
creased speed for a determined period of time in order to increase at the client
device a degree of fullness of a temporary store, such as a buffer, in which the
streaming media is temporarily stored before playback. Preferably, this is done by
by requesting the streaming server to switch from sending a higher bit rate media
stream to sending a lower bit rate media stream at an increased speed. The higher

and lower bit rate streams are preferably provided by a multi-rate codec.

According to a second aspect of the invention, there is provided a mobile client
device for receiving streaming media from a streaming server over an air-
interface, the mobile client device comprising:

means for requesting the streaming server to send streaming media which the mo-

bile client device is not able to receive due to a cell reselection.
Preferably, the air-interface couples said mobile client device to a mobile commu-
nications network. The mobile client device preferably comprises a cellular mo-

bile phone.

According to a third aspect of the invention, there is provided a streaming server
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for sending streaming media to a mobile client device over an air-interface, the
streaming server comprising:

means for receiving a request requesting the streaming server to send streaming
media which the mobile client device is not able to receive due to a cell reselec-
tion; and

means for acting upon the received request.

According to a fourth aspect of the invention, there is provided a system compris-
ing a streaming server and a mobile client device, for streaming of media from the
streaming server to the mobile client device over an air-interface, the system com-
prising, at the mobile client device:

means for requesting the streaming server to send streaming media which the mo-
bile client device is not able to receive due to a cell reselection, the system further
comprising, at the streaming server:

means for receiving the request; and

means for acting upon the received request.

According to a fifth aspect of the invention, there is provided a computer program
executable in a mobile client device, the computer program comprising:

program code for causing the mobile client device to request the streaming server
to send streaming media which the mobile client device is not able to receive due

to a cell reselection.

According to a sixth aspect of the invention, there is provided a computer program
executable in a streaming server, the computer program comprising:

program code for causing the streaming server to receive a request requesting the
streaming server to send streaming media which the mobile client device is not
able to receive due to a cell reselection; and

program code for acting upon the received request.

Dependent claims contain preferable embodiments of the invention. The subject
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matter contained in dependent claims relating to a particular aspect of the inven-

tion is also applicable to other aspects of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the invention will now be described by way of example with

reference to the accompanying drawings in which:

Figure 1

Figure 2

Figure 3

Figure 4

Figure 5

Figure 6

Figure 7

Figure 8

Figure 9

Figure 10

shows a communications system capable of streaming media;

shows a cell reselection situation in the communications system of

Figure 1;

shows a client device buffer in a situation in which the client device

buffer is shorter than the time that cell reselection takes;

shows a client device buffer in a situation in which the client device

buffer is longer than the time that cell reselection takes;

shows another illustration of the situation which is behind Figure 4;

shows preferred action in a preferred embodiment of the invention;

illustrates a preferred embodiment of the invention;

illustrates a preferred embodiment of the invention;

shows a client device according to a preferred embodiment of the

invention;

shows a streaming server according to a preferred embodiment of the
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invention; and

Figure 11  illustrates three ways of sending messages according to preferred

embodiments of the invention.
DETAILED DESCRIPTION

The system shown in Figure 1 can also be used in the preferred embodiments of
the invention (the same applies to Figure 2). Accordingly, the system comprises a
streaming server 111 which is coupled to an IP-network 104. The IP-network 104
may be, for example, the Internet or a service provider operator’s intranet. The IP-
network 104 is coupled to a core network 103 of a mobile communications net-
work via a G;j interface. The mobile communications network also has a radio ac-
cess network (RAN) 102 coupled to the core network 103. The radio access net-
work 102 provides mobile communications devices 101 with access to the mobile
communications network over an air-interface. Said access may be provided either
by circuit switched means (circuit switched voice or data call) or packet switched
means or both. In the following, GPRS (General Packet Radio Service) is used as

an example of a packet switched means to communicate over the air-interface.

In order to better understand the preferred embodiments of the invention, let us

consider the following example.

In this example, a mobile communications device 101 (again referred to as a client
device 101) has established a streaming session with the streaming server 111
when being served by the first base station BS1. In this example and in the follow-
ing description, mostly a video streaming session is considered. However, a corre-
sponding consideration applies to an audio streaming session as well as to a mul-

timedia (e.g. video with audio) streaming session.

RTSP (Real Time Streaming Protocol) protocol is used in the streaming session
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setup. Once the session has been established, the streaming itself may be per-
formed (i.e. media flow may be sent) according to RTP (Real time Transport Pro-
tocol) or another protocol. However, if it is desired to make a change in the estab-

lished session, this will again be done by using RTSP.

At the beginning of the established streaming session, the received streaming me-
dia (media flow), transmitted in packets (or frames), is buffered (i.e. temporarily
stored) in a buffer at the client device (hereinafter referred to as a client device
buffer). When the client device buffer is full, playing (playback) of the streaming
media is started at one end of the buffer while the buffer is continuously filled at
the other end with received streaming media. Therefore, the buffer should remain

nearly full during normal operation of the system.

The client device now undergoes a cell reselection from the first cell 201 to the
second cell 202 (Fig. 2). It is to be noted that, although the radio access network
(RAN) 102 is illustrated in Figure 2 by a single cloud only, it may comprise dif-
ferent radio access networks. It may comprise a GPRS (GPRS-only) RAN, a 3G
(third generation) RAN or a combination thereof. The first cell 201 (served by the
base station BS1) and the second cell 202 (served by the base station BS2) may
therefore be, for example, cells of the GPRS RAN or 3G RAN. Accordingly, the
cell reselection (handover) can occur, for example, between base stations belong-
ing to GPRS RAN, between base stations belonging to 3G RAN or between a
base station belonging to GPRS RAN and a base station belonging to 3G RAN.

The client device 101 can not receive streaming media during the CR period.
Therefore, when the CR period begins the client device buffer starts emptying
because the buffer content is further played while the continuous filling is
stopped. Depending on the size of the client device buffer, two different cases can
be identified:

i) The client device buffer (in time) is shorter than the time that cell reselection
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takes, i.e. the time to empty a full client device buffer is shorter than the
CR period,

ii) The client device buffer (in time) is longer than the time that cell reselection
takes, i.e. the time to empty a full client device buffer is longer than the
CR period.

In the first case (Figure 3), the buffer will become totally empty during the
CR period. Since the buffer becomes empty, the client device 101 has no media to
play anymore. Therefore, the client device 101 starts rebuffering. Rebuffering can
be started during the post-CR period. In order to get the rebuffering started the
client device 101 can use an RTSP PAUSE/PLAY method. In this method, the
client device 101 first sends an RTSP PAUSE message to the streaming server
111. The PAUSE message will cause the server 111 to pause sending of the media
flow. Subsequently, the client device 101 sends an RTSP PLAY message which
requests the streaming server 111 to start resending the streaming media from the
last received frame onwards. Rebuffering starts when the client again starts re-
ceiving the streaming media. When the client device buffer is full, playing of the
streaming media is restarted from the last received frame onwards. In the mean-
time, the last received frame is shown as a still image on a client device display.
However, in spite of the drawback of showing a still image, no packets are effec-
tively lost since the media flow which is not received at the client device during
the CR period is resent from the server 111 to the client device 101 after the
CR period.

In the second case (Figure 4), the whole content of the buffer has not been played
during the CR period. Therefore, the buffer only becomes partially empty during
the CR period, i.e. there is still streaming media (DATA) in the buffer when the
CR period ends. During the post-CR period (after the CR period) playing of the
streaming media stored in the buffer before the CR period (i.e. DATA") is further

continued at one end of the buffer while the other end is filled with the streaming
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media received after the CR period (i.e. DATA"). If nothing is done, DATA" will
eventually end and playing is continued with the first frame of data DATA™. No
still image is shown. However, the first frame of DATA™ is not the frame that
should be played right after the last frame of DATA". Since the client device 101
could not receive streaming media during the CR period it has not even received
the frame that should be showed after the last frame of DATA". There exists a
temporal gap in the buffered media. As a result, the client device 101 will skip
showing the sequence of streaming media (video) which could not be received
due to the cell reselection Concerning an audio stream, the same effect occurs, i.e:

the client device 101 will skip playing sound which could not be received.

The second case is further illustrated with the aid of Figure 5. It is to be noted that
Figure 5 only shows a very simplified case. The time is considered to flow from
left to right in Figure 5. The streaming media sequence that the server sends com-
prises video frames A-S. The frames are received at the client device and buffered
before playing. The playing of the media starting from frame A starts when the
buffer is full (i.e. when the frames A-G have been stored in the buffer), the frames
(moving video picture) are subsequently shown on a client device display. The
buffering of the frames following frame G is not shown in Figure 5 for clarity

reasomns.

The media flow from the server to the client device is not possible during the
CR period. Therefore, the client device does not receive the frames L-O. Other-
wise, the media flow is perfectly received at the client device. Now that the the
CR period is shorter than the buffer size, the showing of the frame (frame K) last
received before the CR period will be followed by the showing of the frame
(frame P) first received after the CR period. Video frames L.-O are not shown at
all. Concerning an audio stream, the same effect occurs, i.e. the user hears a pause

and a temporal gap in the sound.

There exists two type of frames: intra frames and inter frames. The intra frames
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contain all necessary information of an image whereas inter-frames only contain
changes or predicted changes compared to a previous image. The previous image
may be an intra frame or an inter frame. Therefore, if the frame P is an intra frame
the shown picture only warps ahead in time from frame K to frame P. In this case
the frames L.-O are not simply shown to the user. But if the frame P is an inter
frame severe distortion in the shown (moving) picture is likely to occur before the

next intra frame is received and played.

A preferred embodiment of the invention as shown in Figure 6 concentrates on the
above mentioned problem relating to the second case. In this embodiment, the
buffer is longer than the duration of the CR period. Therefore, the buffer does not
become totally empty during the CR period but only partially empty. It is to be
noted that Figure 6 only shows a very simplified case. The time is considered to
flow from left to right in Figure 6. The streaming media sequence that the server
sends comprises frames A-S. The frames are received at the client device and
buffered before playing. The playing of the media starting from frame A starts
when the buffer is full, the frames (moving video picture) are subsequently shown
on a client device display. The buffering of the frames following frame G is not
shown in Figure 6 for clarity reasons. The media flow from the server to the client
device is not possible during the CR period. Therefore, the client device does not
receive the frames L-O. Otherwise, the media flow is perfectly received at the

client device.

When the CR period is over the client device knows exactly what is the last frame
that it has received before the CR period (i.e. during the pre-CR period). In this
embodiment it is frame K. The client device then requests, right after the
CR period has been ended, the streaming server to start resending the streaming
media from the last received frame onwards. Upon receiving the request the
streaming server starts resending the media flow. The first frame to be sent is in
this embodiment frame L. Any frames sent and received after the CR period but

before the resending has started (possibly some frames starting from frame P) are
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ignored by the client device. When the streaming media (of frames A-K) stored in
the buffer before the CR period ends, then the playing is continued with the first
frame (frame L) of the resent streaming media received after the CR period.
Therefore, no discontinuity in the shown video picture should appear to the user.
In Figure 6, the resent video frames L-O which would have otherwise failed to
have been received at the client device are shown in bold font. Correspondingly,
concerning an audio stream, the streaming server is requested to start resending
the audio stream at a point at which reception has been stopped in the client de-

vice. No discontinuity in playback should appear.

In practice, the resending request can be performed by the RTSP PAUSE/PLAY
method. In this method, the client device first sends, after the CR period has been
ended, an RTSP PAUSE message to the streaming server. The PAUSE message
will cause the server to pause sending of the media flow. However, the playing of
the streaming media received at the client device is not paused unless the buffer
gets empty (which should not be the case). Subsequently, the client device sends
an RTSP PLAY message to the streaming server 111. The PLAY message con-
tains information on the starting point of the resending. At the end of the
CR period the client device knows the time of the last received frame. Based on
that, the client device determines the starting point before sending the PLAY mes-

sage. The PLAY message causes the server to start resending.
An example of the PAUSE message is as follows:

PAUSE rtsp://example.com/foo RTSP/1.0

CSeq: 6

Session: 354832

The PAUSE message informs the server that a change is coming. An example of

the subsequently sent PLAY message is as follows:
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PLAY rtsp://example.com/foo RTSP/1.0
CSeq: 7

Session: 354832

Range: npt=28.00-

The message field ‘Range’ tells the starting point of resending. In this example,
the starting point is 28 seconds from the start of the streaming media sequence. In
relation to the embodiment shown in Figure 6, this point would be exactly the

time of frame L in the streaming media sequence.

In the embodiment just described, the frames (packets) that were lost during the
CR period will be resent from the server to the client devide. Also, since the
buffer size is longer than the duration of the CR period, no interruption in the

shown video picture should appear and the user experience is maximized.

However, as the case is such that during normal streaming the degree of fullness
of the buffer does not change, since the buffer is emptied (played) at the same rate
as it is filled, this may cause an additional problem. In the embodiment just de-
scribed, after the cell reselection, the client device buffer stays emptier than be-
fore, for the reasons as described in the foregoing. Therefore if, for example, a
new cell reselection is to be performed in a near future, the emptier buffer may
cause the same drawback as discussed in connection with the first case above (i.e.
the case in which the client device buffer was shorter than the time that cell rese-

lection takes).

A preferred embodiment of the invention concentrates on the above identified
problem. In this embodiment, to ensure smooth behaviour of the shown video
picture (correspondingly: played sound), the client device buffer is filled after the
CR period, for a period of time, at a higher rate than it is emptied (played). This
period may be called a filling period. When the filling period is over the buffer is

full again and normal streaming in which the buffer is filled at the same rate as
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emptied is resumed.

It is to be noted that normally raising the degree of fullness of the buffer would
require the playing to be paused. In the present embodiment, playing is not paused
but the degree of fullness of the buffer can still be raised due to the clever buffer

management in which the buffer is filled, during playing, at a rate higher than the

playing rate.

To raise the degree of fullness of the buffer without pausing the playback, the cli-
ent device, in this embodiment, requests the server to switch to sending a lower bit
rate streaming media sequence, but to use in the actual sending the same transmis-
sion bit rate (hereinafter referred to as an original transmission bit rate) as before.
In order to reach the original transmission bit rate the client device requests the
server to speed up the transmission of the lower bit rate sequence by a speeding
factor. Speeding up the transmission bit rate causes more data to be written in the
buffer than read out from the buffer. Therefore, the degree of fullness of the buffer

increases as desired.

In other words, the server is asked to switch from sending the original sequence
encoded at a first bit rate to sending a new corresponding sequence encoded ét a
second bit rate lower than the first bit rate and to increase the transmission bit rate
of the new sequence in order to reach the original transmission bit rate (band-
width). It is to be noted that the bit rate at which a media stream is encoded (and
will be decoded) is a different concept than the transmission bit rate. The bit rate
at which the media stream has been encoded has an effect on the picture quality. If
the media stream has been encoded at a higher bit rate, this means that more bits
have been used in encoding compared to encoding at a lower bit rate. This typi-
cally results in a better picture quality. The transmission bit rate, on the other
hand, is the bit rate at which the media stream is actually sent and it depends on
the available bandwidth.
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The request to switch to sending a lower bit rate sequence and to speed up the
transmission bit rate can be delivered by using the RTSP PAUSE/PLAY method.
When the client device desires to fill the client device buffer during the post-
CR period, it first sends a PAUSE message, corresponding to the one presented
already in the preceding description, to the server to indicate that a change is com-

ing. Subsequently it generates a PLAY message and sends it to the server.

An example of such a PLAY message is as follows:

PLAY rtsp://example.com/foo RTSP/1.0
CSeq: 7

Session: 354832

Range: npt=28.00-40.00

Bandwidth: 20000

Speed: 1.5

This message contains two optional message fields, namely ‘Bandwidth’ and
‘Speed’ to be understood at the client device and streaming server. These fields
are already specified as optional fields by the IETF (Internet Engineering Task
Force) in the standard RFC 2326 (Real Time Streaming Protocol).

The message field ‘Bandwidth’ tells the server to change into sending a lower bit
rate sequence (here: a sequence whose bit rate is 20 kbps) and the message field
‘Speed’ tells the server to speed up the sending by a speeding factor (here: 1.5).
The message field ‘Range’ tells the starting point and stopping point in the
streaming media sequence in time units (calculated from the beginning of the

streaming media sequence(s)).
The PLAY message shown would suit for an example in which the server initially

sends a 30 kbps bit rate sequence at an original transmission bit rate of 30 kbps

and in which the server, in order to fill the buffer, is desired to switch into sending
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a sequence whose bit rate is 20 kbps and to speed up the sending at a speeding
factor 1.5 to reach the original transmission bit rate of 30 kbps during a 12 sec-
onds filling period (i.e. between the time instants of 28 and 40 seconds of the me-

dia sequence).

If the client knows the possible bit rate options (they are typically communicated
from the server to the client during session setup, for example, with the aid of a
200 OK response to an RTSP DESCRIBE message) it can calculate the speeding

factor needed to reach the original bitrate using the following formula:

original transmission bit rate

Speeding factor =
new transmission bit rate

‘When the buffer is full, the client device sends another RTSP PAUSE and PLAY

message pair to the server. An example of the PLAY message is as follows:

PLAY rtsp://example.com/foo RTSP/1.0
CSeq: 67

Session: 354832

Range: npt=40.00-

Bandwidth: 30000

Speed: 1.0

This exemplary message requests the server to start sending the (original) 30 kbps
bit rate media sequence (Bandwidth: 30000) at the original transmission bit rate
30 kbps (Speed: 1.0) starting from the time instant 40 seconds of the media se-
quence (Range: npt=40.00-).

The client device can calculate the length of the buffer filling period using the

following formulas:
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. . LowSegTime
filling period = ————————
speeding factor

wherein

original transmission bit rate

LowSeqTime = (BufferSize — BufferData) -
original transmission bit rate — new transmission bit rate

In these formulas, LowSegTime indicates the duration of the lower bit rate se-
quence playing time in the client device, BufferSize indicates the size of the buffer

in seconds and BufferData indicates the data left in the buffer in seconds.

The filling of the buffer is illustrated in Figure 7. It is to be noted that Figure 7
only shows a very simplified case. All delays, for example, have been ignored.
The time is considered to flow from left to right in Figure 7. It can be seen that the
buffer starts emptying when the CR period starts. Upon receiving the first PLAY
message the server switches to sending a media sequence having a lower bit rate
(here: 20 kbps) and speeds up the sending by a speeding factor (here again: 1.5).
Since the speeding factor is 1.5, the buffer filling takes twice the time that the
emptying period lasted. For example, if the emptying period lasted for 25 seconds,
the filling period should be 50 seconds with this speeding factor. When the buffer
is full the second PLAY message is sent and the server switches to sending the
original media sequence having a higher bit rate (here: 30 kbps) and continues

sending at the original transmission bit rate.

In the foregoing, it has been described that, for example, a video stream typically
comprises both intra and inter frames, wherein the intra frames are ‘independent
frames’ containing all necessary information of an image whereas inter-frames
only contain changes or predicted changes compared to a previous image. In the
following preferred embodiment of the invention, the timing of the switch from

the lower bit rate sequence to the original bit rate sequence is more closely de-

Ex. 1018-1262



WO 2004/036824 PCT/FI2003/000752

18

scribed with this respect.

In this embodiment the purpose is to time, whenever possible, the switch from the
lower bit rate sequence to the original bit rate sequence to take place at the point
of an intra frame of the original bit rate sequence (or, more generally, at the point
of an intra frame of the sequence to which the sending is switched). In this way,
prediction errors and/or jumps in media (frame) flow can be avoided. Figure 8
illustrates this embodiment. It is to be noted that Figure 8 only shows a simplified
case. The time is considered to flow from left to right in Figure 8. In this embodi-
ment, the first switch from the original bit rate sequence to the lower bit rate se-
quence is effected at point 28 seconds with the aid of a first PAUSE/PLAY mes-

sage pair.

As illustrated in Figure 8, the position of intra frames in the original bit rate se-
quence may differ from the ones of the lower bit rate sequence. However, based

on:

e the time required to totally fill the buffer, i.e. ‘filling period’,

e the time distance of two adjacent intra frames in the original sequence, i.e. an
intra frame rate, ‘IFrameTimeoyigina’, and

e the time at which the first switch from the original bit rate sequence to the

lower bit rate sequence is effected, i.e. ‘SwitchTime’,

it can be calculated a suitable point in time for swiching back to the original bit
rate sequence. The parameter ‘IFramelimec,igina’ can be calculated in the client
device from the original bit rate sequence before switching to the lower bit rate
sequence. The calculation of the suitable point in time for swiching back to the

original bit rate sequence can be performed using the following formula:
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SwitchTime + filling period J

SeqChangeTime = IFrameTime,,; ., *
Origlnal IFrameTime o1

In this formula, ‘SeqChangeTime’ indicates the point in time for swiching back to
the original bit rate sequence and the brackets indicate a floor-function (or frunc-
function) which truncates the fractional part of the value computed in the brackets.
For example, if the time required to totally fill the buffer, i.e. ‘filling period’ is 16
seconds, the time at which the first switch is effected, i.e. ‘SwitchTime’ is 28 sec-
onds and the time difference between two adjacent intra frames in the original
sequence, i.e. ‘IFramelimeorigna’ 18 5 seconds, then the point in time for swiching
back to the original bit rate sequence is 40 seconds (Se-
qChangeTime=5%floor((28+16)/5) = 40 s). Accordingly, the second
PAUSE/PLAY message pair is sent at point 40 seconds, as indicated in Figure 8.
In this embodiment, the starting point and stopping point to be placed in the mes-
sage field ‘Range’ of the PLAY message are 28 seconds and 40 seconds, respec-
tively.

It is to be noted that, due to the intra frame rate, it might not in all cases be possi-
ble to totally fill the buffer. For example, in the example just described, it would
have taken 4 seconds more to totally fill the buffer. However, the formula gives

the closest suitable intra frame to the buffer filling period.

In another embodiment, it may well be that, at the point of the last received frame
before the CR period, there is not an intra frame in the lower bit rate media se-
quence. In this embodiment, the starting point of the resending request is adjusted
by a necessary amount of frames (or time) backwards such that there will be an
intra frame in the lower bit rate sequence at the starting point. In this case, a set of
last received frames before the CR period, which belong to a time period subse-
quent to the starting point, are ignored at the client device in order to guarantee a

continuous playback.
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In another embodiment of the invention, the switches between two different bit
rate sequences are performed without the timing method(s) just described. In this
embodiment, the first switching point (from higher to lower bit rate sequence) is
directly determined by the last received frame and the second switching point
(from lower to higher bit rate sequence) is directly determined by the the time
required to totally fill the buffer (‘filling period’). The switching points can there-
fore end up being at the point of an intra or inter frame. Should a switching point
end up being at the point of an inter frame (for example a P-frame), a small pre-
diction error may occur in the played media, however, in this embodiment, the

buffer can be totally filled.

Another way to perform switching is to use so called "switch frames". These are
frames which contain “difference” information between corresponding frames in
different bit rate sequences. In this embodiment, a bridge and switch between the
two sequences is performed with the aid of these frames using the difference in-

formation.

Figure 9 shows a client device 101 according to a preferred embodiment of the
invention. The client device may be a mobile station of a cellular radio telephone
network. The client device 101 comprises a processing unit MCU, a radio fre-
quency part RF, and a user interface Ul The radio frequency part RF and the user
interface Ul are coupled to the processing unit MCU. The user interface Ul typi-
cally comprises a display, one or more speaker and a keyboard (not shown) with

the aid of which a user can use the device 101.

The processing unit MCU comprises a processor (not shown), a memory 210 and
computer software. The software has been stored in the memory 210. The afore-
mentioned client device buffer 240 is also comprised in the memory 210. The
processor controls, in accordance with the software, the operation of the client
device 101, such as receiving of the streaming media sent from the server 111 and

sending of requests to the server 111 via the radio frequency part RF, reading and
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writing of received streaming media (video and/or audio) in the buffer 240, and
presenting of the received streaming video on the display and audio on the one or
more speaker of the user interface Ul. A suitable size of the buffer (in time) can

be, for example, 1.5 or 2 times the maximum (or average) CR period time.

The software comprises a streaming client software application 220 (hereinafter
referred to as client software 220), a protocol stack 230 for implementing the nec-
essary protocol layers such as an RTP layer, an RTSP layer, an SDP (Session De-
scription Protocol) layer, a TCP layer (Transmission Control Protocol), an IP
layer and, below the IP-layer, lower protocol layers. In addition, the software
comprises as a part of the client software 220 a media player for playing the re-

ceived media.

The processor generates, based on the client software 220 the aforementioned
PAUSE and PLAY messages and sends them to the server 111 via the radio fre-
quency part RF. The processor also performs, based on the client software 220,
the necessary calculations relating to the speeding factor, relating to the buffer
filling period and relating to the suitable point in time for swiching from a lower

bit rate sequence back to the original bit rate sequence.

The generation and sending of the resending request (PLAY message) and other
appropriate action is triggered by a cell reselection event occurred in the mobile
client device 101. The event can be detected by the client software 220 by recep-
tion of an asynchronous message from an API (Application Programming Inter-
face) provided by the lower layers of the protocol stack 230. Alternatively or in
addition, the event can be detected by monitoring the buffer level, i.e. the degree
of fullness of the client device buffer 240. In this case, if the buffer 240 does not
receive data for a certain amount X of time (depending on the implementation, the
parameter X can be defined as a constant value, and it is a threshold for the client
software 220 to understand that the cell reselection event has occurred), and if the

client device 101 afterwards starts to receive data after a certain variable amount
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Y of time (wherein Y > X, and Y is the real duration of the CR period), then the

client can trigger the action described in this description.

Figure 10 shows a streaming server 111 according to a preferred embodiment of
the invention. The streaming server 111 comprises a processing unit CPU, a first
memory 310, an IP network interface 350, and a second memory 360. The first
memory 310, the IP network interface 350, and the second memory 360 are cou-

pled to the processing unit CPU.

The processing unit CPU controls, in accordance with computer software stored in
the first memory 310, the operation of the streaming server 111, such as process-
ing of requests received from the client device 101 and the sending of pre-
recorded media streams, stored in the second memory (disk) 360, to the client

device 101 via the IP network interface 350.

The software comprises a streaming server software application 320 (hereinafter
referred to as server software 320), a protocol stack 330 for implementing the
necessary protocol layers such as an RTP layer, an RTSP layer, an SDP layer, a

TCP layer, an IP layer and lower protocol layers.

The PAUSE and PLAY messages sent from the client device 101 are received via
the IP network interface 350. A processor (not shown) of the processing unit CPU
processes the messages according to the server software 320 and the protocol

stack 330 and takes appropriate action.

The present invention provides means for reducing the effects of cell reselection
on an ongoing streaming session. It is to be noted that, according to preferable
embodiments of the invention, a request for resending (e.g. a PLAY message) is
sent on the application layer, i.e. between the client software application 220 and
the server software application 320. Preferably RTSP over TCP (Transmission

Control Protocol) or RTSP over another reliable protocol is used in transferring
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application layer requests from the client device to the streaming server. The re-
ception of the messages at the streaming server can therefore basically be guaran-

teed.

Although it has been described that the cell reselection would be performed be-
tween two base stations, it should be noted that a cell reselection can be per-
formed also between two sectors of one and the same base station. Also, it should
be noted that depending on the implemention, it may well be that separate mes-
sages (PAUSE messages) pausing the sending of streaming media are not needed.
In an alternative embodiment, both to stop sending streaming media and to start

resending streaming media is caused by a single appropriate message.

Further, in relation to the buffer filling embodiment, it has been described in the
foregoing that when the server switches to sending a lower bit rate sequence, the
original transmission bit rate would be maintained. However, in an alternative
embodiment of the invention, a transmission bit rate higher than the original
transmission bit rate is used during the filling period in order to fill the buffer
more quickly. In this embodiment, it is assumed that a larger bandwidth can be
requested by the mobile client device and that a larger bandwidth is actually avail-

able in the radio access network.

Further, in relation to the buffer filling embodiment, the bandwidth information of
the sequence can be sent to the streaming server 111 also by other means than the
RTSP field ‘Bandwidth’ (for example, by requesting a specific sequence encoded
at a bitrate known to the client device 101). In this case, the field ‘Bandwidth’ is
not used, the fields ‘Speed’ and ‘Range’ are recalculated according to the actual

known sequence bit rate.
It is possible that the network (air-interface) bandwidth changes during the buffer

filling period. If the client device 101 supports bandwidth adaptation that involves
bit stream switching, the client device 101 should pause the buffer filling (with an
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RTSP PAUSE message) before sending a bandwidth adaptation message to the
streaming server 111. After the bandwidth adaptation operations are over, the cli-
ent device can start the buffer filling again and recalculate the ‘Bandwidth’,
‘Speed’ and ‘Range’ values according to the bit rate and timing information of the

new media stream.

Also, in relation to the buffer filling embodiment, it should be noted that, in an
alternative embodiment, the second PAUSE/PLAY messages are not sent at all
but the switch back to sending the original media sequence at the original trans-
mission bit rate will be performed automatically by the server based on the stop-

ping point information contained in the first PLAY message.

The resending request mentioned in the various embodiments of the invention
may, in certain cases, actually be a sending request. One such case is considered
as an alternative embodiment of the invention. In this embodiment, the client de-
vice (101) knowing beforehand that a cell reselection is going to occur in a very
near future sends a PAUSE message to the streaming server (11 %) before the be-
ginning of the cell reselection period (i.e. during the pre-CR period). Sending of
the PAUSE message is triggered by a cell reselection initiation event notified to
the client software 220 by means of the lower layer API. The PAUSE message
causes the streaming server 111 to stop sending the streaming media. When the
CR-period is over, the client device 101 then sends a PLAY message causing the
streaming server to start sending at the point at which sending was stopped before
the CR period. Playing of the streaming media is not stopped at the client device
101 in between, and if the client device buffer 240 has been selected to be longer
in time than the time that cell reselection takes, the buffer 240 does not become
totally empty during cell reselection and the user does not experience any jumps
or interruption in playback. The PLAY message may contain a request to send at

an increased speed in order to increase the degree of fullness of the buffer 240.

In yet another embodiment, the mobile client device 101 sends, before the
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CR period, to the streaming server 111 an appropriate message requesting the
streaming server 111 to stop sending the streaming media and to start sending
again at a suitable point in time after the CR period. Sending of the message is
triggered, during the pre-CR period, by a cell reselection initiation event notified
to the client software 220 by means of the lower layer APIL. The mobile client de-
vice 101, knowing approximately the time that the cell reselection is going to
take, estimates a suitable point in time at which it is again able to receive data. It
inserts this information to the message so as to prevent the streaming server 111

from starting to send again too early.

An example of the above mentioned message is as follows:

PLAY rtsp://example.com/foo RTSP/1.0

CSeq: 7

Session: 354832

Range: npt=28.00-40.00; time=19970123T153600Z
Bandwidth: 20000

Speed: 1.5

This is an RTSP PLAY message having a header field ‘Time’. The value of that
field schedules the start of the “future” sending of the streaming media.

Figure 11 illustrates (especially relating to the buffer filling embodiments) the

following three ways in which messages may be sent:

Case 1: The first PAUSE and PLAY messages are sent after the CR period. The
second PAUSE and PLAY messages are sent when the buffer 240 is full.

Case 2: The first PAUSE message is sent before the CR period. The associated

PLAY message is sent after the CR period. The second PAUSE and PLAY mes-
sages are sent when the buffer 240 is full.
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Case 3: The first PAUSE message is sent before the CR period. The associated
PLAY message is sent after the PAUSE message but before the CR period. The
second PAUSE and PLAY messages are sent when the buffer 240 is full.

The sending of the second PAUSE message is not necessary, if the first PLAY

message contains a closed ‘Range’ field.

Particular implementations and embodiments of the invention have been de-
scribed. It is clear to a person skilled in the art that the invention is not restricted
to details of the embodiments presented above (e.g. message names and message
field names), but that it can be implemented in other embodiments using equiva-
lent means without deviating from the characteristics of the invention. The scope

of the invention is only restricted by the attached patent claims.
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CLAIMS:

1. A method for streaming of media from a streaming server (111) to a mobile
client device (101) over an air-interface, wherein the method comprises:
requesting the streaming server (111) to send streaming media which the

mobile client device (101) is not able to receive due to a cell reselection.

2. A method according to claim 1, wherein the streaming server is provided with

a starting point at which to start sending,

3. A method according to claim 1, wherein streaming server (111) sends the
streaming media which the mobile client device (101) is not able to receive
due to said cell reselection as well as a remaining portion of streaming media

in response to the request.

4. A method according to claim 1, wherein the cell reselection comprises a cell
reselection period during which the mobile client device (101) is not able to
receive streaming media, the method comprising:

sending from the mobile client device (101) to the streaming server
(111), after the cell reselection period, a resending request which requests the
streaming server (111) to resend streaming media which the mobile client de-

vice (101) was not able to receive during the cell reselection period.

5. A method according to claim 4, wherein the resending request is generated

according to RTSP protocol (Real Time Streaming Protocol).

6. A method according to claim 4, wherein the resending request is implemented
by an RTSP PAUSE/PLAY message pair.

7. A method according to claim 1, wherein the streaming media is temporarily

stored in a temporary store (240), such as a buffer, at the client device (101)
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before playing.

A method according to claim 7, wherein the temporary store (240) has a size

longer in time than a cell reselection period.

A method according to claim 7, wherein the streaming server is requested to
send streaming media at a rate higher than the playing rate of that media so as

to increase a degree of fullness of the temporary store (240).

A method according to claim 9, wherein a bandwidth or desired transmission
bit rate with speeding factor is communicated to the streaming server (111) in

arequest.

A method according to claim 9, wherein the streaming media is stored at the

mobile client device (101) at a rate higher than the playing rate.

. A method according to claim 9, wherein the streaming server (111) is subse-

quently requested to resume an original configuration.

A method according to claim 7, wherein a degree of fullness of the temporary
store (240) decreases during the cell reselection, and the streaming server is
requested to send the not received streaming media although the temporary
store (240) has not become totally empty, and said requesting is performed

without pausing playback at the mobile client device (101).
A method according to claim 1, wherein the streaming server has a set of me-
dia streams available for transmission in which the same media content has

been encoded at different bit rates.

A method according to claim 14, wherein information on the available set of

media streams is beforehand communicated to the mobile client device (101)
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in a streaming session setup.

A method according to claim 15, wherein the streaming server (111) is re-
quested to switch from sending a higher bit rate media stream to sending a

lower bit rate media stream at an increased speed.

A method according to any preceding claim, wherein the streaming media
comprise one of the following: a video stream, an audio stream, another

stream of single media, a multimedia stream.

A method according to any preceding claim, wherein the streaming server
(111) sends streaming media to the mobile client device (101) via a mobile

communications network.

A method according to any preceding claim, wherein the mobile communica-
tions network comprises a mobile packet radio network, such as a GPRS

(General Packet Radio Service) network.

A method according to any preceding claim, wherein said cell reselection is
performed between two base stations (BS1, BS2) which are selected from a
group comprising: base stations belonging to a GPRS system, base stations be-

longing to a third generation mobile communications system.

A mobile client device (101) for receiving streaming media from a streaming

server (111) over an air-interface, the mobile client device (101) comprising:
means (220, 230, MCU) for requesting the streaming server (111) to send

streaming media which the mobile client device (101) is not able to receive

due to a cell reselection.

A streaming server (111) for sending streaming media to a mobile client de-

vice (101) over an air-interface, the streaming server (111) comprising:
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means (350) for receiving a request requesting the streaming server (111)
to send streaming media which the mobile client device (101) is not able to re-
ceive due to a cell reselection; and

means (320, 330, CPU) for acting upon the received request.

. A system comprising a streaming server (111) and a mobile client device

(101), for streaming of media from the streaming server (111) to the mobile
client device (101) over an air-interface, the system comprising, at the mobile
client device (101):

means (220, 230, MCU) for requesting the streaming server (111) to send
streaming media which the mobile client device (101) is not able to receive
due to a cell reselection, the system further comprising, at the streaming server
(111):

means (350) for receiving the request; and

means (320, 330, CPU) for acting upon the received request.

A computer program executable in a mobile client device (101), the computer
program comprising:

program code for causing the mobile client device (101) to request the
streaming server (111) to send streaming media which the mobile client device

(101) is not able to receive due to a cell reselection.

A computer program executable in a streaming server (111), the computer
program comprising:

program code for causing the streaming server (111) to receive a request
requesting the streaming server (111) to send streaming media which the mo-
bile client device (101) is not able to receive due to a cell reselection; and

program code for acting upon the received request.
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