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(54) Method of and apparatus for scheduling transmission of multimedia streaming services over 
the radio channel of wireless communication systems

(57) The method and the apparatus schedule trans-
mission of multimedia streaming services over the radio
channel of wireless communication systems based on
the importance or rank of the data contained in each
packet transmitted by a service provider (ISP) to the wire-
less system (1). A gateway (SGSN) between a wired and
a wireless part of the system (1) comprises snooping and
marking means (7) reading, from each packet arriving at
said gateway (SGSN), an information related to the rank
of the data contained in each packet and marking each

data unit formed from a packet with said information (F).
Critical condition detecting means (8) and data unit dis-
carding means (9), located in a radio resource manager
(BSC, 5) and arranged to cooperate with said buffer (4)
and with each other to detect the existence of critical
conditions of the radio channel preventing the attainment
of a given quality-of-service level and consequently to
selectively drop data units from the buffer based on said
marking and to cause allocation of radio resources to the
remaining data units.
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Description

Field of the invention

[0001] The present invention generally refers to multimedia services in radio communication systems, and more
particularly it concerns a method of and an apparatus scheduling transmission of the packet communication related to
a multimedia streaming service over the radio channel of a wireless communication system.
[0002] Preferably, the invention is applied in GPRS (General Packet Radio Service) or EDGE (Enhanced Data rate
for GSM Evolution)/GPRS (or EGPRS, Enhanced GPRS) systems.

Background of the invention

[0003] Multimedia streaming services are appealing services for users of modern communications systems, and also
operators of enhanced 2nd generation cellular systems, like GPRS or EGPRS, aim at offering such services to their
customers.
[0004] When offering such services over a wireless or mobile communication system, the problem arises of providing
enough radio resources (i.e. bandwidth on the radio interface) to deliver real time multimedia contents. The multimedia
streams, and particularly the video component thereof, have high bit rate and high and unpredictable variability in the
bandwidth requirements. On the other hand, also the available bandwidth on the radio interface suffers from a high and
unpredictable variability, wholly uncorrelated with the multimedia stream variability. For reasons of costs and efficiency
of resource exploitation, equipping a wireless communication system with radio resources capable of meeting the peak
requirements of the multimedia services is unconceivable. Thus, an efficient radio resource management policy is to be
studied allowing a good trade-off among the demand and the offer of radio resources.
[0005] A first approach for solving that problem is scheduling the transmission of the packets related to the multimedia
service (hereinafter referred to as "multimedia packets") based on an evaluation of the channel conditions, so as to avoid
transmitting the multimedia packets under bad channel conditions. Such approach is disclosed for instance in the paper
"Channel-Aware Schedulers for VOIP and MPEG-4 for Wireless Communications", presented by A.C. Costa Aguiar et
al. at the 8th International Workshop on Mobile Multimedia Communications (MOMuC’03), October 5 - 8, 2003, Munich
(Germany).
[0006] A second approach is scheduling the transmission based on the characteristics of the video flow. Algorithms
based on that approach, commonly referred to as "semantic-aware" algorithms, look at the kind of the video packets to
be forwarded to the radio interface and, in case of bad channel conditions or of limited resource availability, concentrate
on important packets, neglecting less important ones, instead of attempting to forward all packets. The invention is based
on that second approach.
[0007] To explain the concept of "more important" and "less important" packets, we consider by way of example
multimedia streams organised according to the so-called MPEG-4 standard (ISO/IEC standard 14496). Only the video
component is considered, since the bandwidth requirements for the audio component are far lower than those of the
video component and generally do not cause problems for radio resource management.
[0008] In MPEG-4, three kinds of coded video frames (Video Object Planes, or VOPs) are envisaged: I-frames (in-
tra-coded frames), which are image frames independently coded; P-Frames (predicted frames), in which only the parts
of the images that have been changed between a frame and the previous one are coded; and B-frames (bi-directional
predicted frames), which are images coded using motion compensation on previous and/or next I- or P-frames. An
I-frame and a number of P-frames, and optionally also of B-frames, form a so called group of pictures (or group of video
planes). The I-frames have higher information content than P- and B-frames. Moreover, the loss of an I-frame causes
distortion in the decoding of all following frames, whereas the loss of a P-frame only influences the flanking B-frames
and the loss of a B-frame doe not affect any other frame. Thus, I frames can be considered more important than P-and
B- frames, and B-frames (which however are not transmitted in modern coders) would be allotted the lowest importance.
[0009] An example of semantic-aware scheduling algorithm is disclosed in the paper "Semantic-Aware Link Layer
Scheduling of MPEG-4 Video Streams in Wireless Systems", presented by J. Klaue et al. at the 3rd Workshop on
Applications and Services in Wireless Networks (AWSN), July 2-4, 2003, Bern (Switzerland). The paper proposes an
algorithm that manages, depending on the frame type, both the order of transmission of the packets and the maximum
delay a packet can suffer before being dropped from the queue. According to the algorithm, packets containing parts of
an I-frame are transmitted first, followed by packets containing parts of P- and B-frames, in the order. Moreover, I-frame
packets can remain in the queue for the maximum admitted delay, whereas P- and B-frame packets are allotted a
reduced permanence time in the queue (3/4 and 1/2 the maximum delay, respectively).
[0010] In order the algorithm can be implemented, the access point should have the knowledge of the packet content.
Yet the paper does not teach how this is achieved, taking into account that in many systems, including the (E)GPRS
systems, transmission over the radio interface takes place after the packets have been fragmented in such a manner
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that the kind of frame is no longer detectable by the radio resource manager. Moreover, even if according to such prior
proposal the less important packets are dropped earlier, a significant number of important packets can still become lost.
[0011] According to the invention, there is provided a method and an apparatus for the semantic-aware allocation of
radio resources to multimedia streaming services, which allow recognising the importance of the information even after
the fragmentation required at the radio link layer, and which significantly reduce the loss of important packets, thereby
improving the quality of service.

Summary of the invention

[0012] In a first aspect, the invention provides a method of scheduling transmission of a packet communication relevant
to multimedia streaming services over the radio channel of a wireless communication system, wherein data units suitable
for transmission over a radio channel of the system are formed, at a gateway between a wired and a wireless part of
the system, from packets conveying multimedia data to the system and such data units are queued at an access point
to the radio channel, and wherein allocation of radio resources to the communication is based on an information associated
to each packet and related to a rank of the data contained in the packet. The method comprises the steps of:

- reading, from each packet arriving at said gateway, said information related to the rank of data contained in the packet;
- marking each data unit formed from said packet with said information;
- checking for the existence of critical conditions on the radio channel preventing the attainment of a given quali-

ty-of-service level; and
- in case of detection of said critical conditions, selectively dropping, based on said marking, a number of data units

and allotting resources to the remaining data units.

[0013] In a second aspect, there is provided an apparatus for implementing the method, comprising:

- snooping and marking means, located at a gateway between a wired and a wireless part of the system and arranged
to read from each packet arriving at said gateway an information related to a rank of the data contained in each
packet and to mark each data unit formed from a packet with said information; and

- critical condition detecting means and data unit discarding means, located in radio resource managing means at
an access point to the radio channel and arranged to detect the existence of critical conditions of the radio channel
preventing the attainment of a given quality-of-service level and consequently to selectively drop a number of data
units based on said marking and to cause utilization of radio resources for the remaining data units.

[0014] Preferably, the invention is applied to convey multimedia streaming services in a GPRS or EDGE/GPRS system,
and the multimedia signals are encoded to MPEG-4 standard. In such preferred application, the selective dropping
concerns data units containing data from intra-frame coded frames (I-frames) and inter-frame coded and predicted
frames (P-frames) of the video component of the multimedia file, and data units containing data from the P-frames are
dropped first since they have the lowest importance. Only if the critical condtions cannot be left after all P-frame data
units have been dropped, also I- frames can be dropped.

Brief description of the drawings

[0015] A preferred embodiment of the invention, given by way of non-limiting example, will now be disclosed with
reference to the accompanying drawings, in which:

- Fig. 1 is a schematic functional representation of a GPRS system embodying the present invention;
- Fig. 2 is a pictorial representation of the packet organisation upon which the invention is based;
- Fig. 3 is a representation of the LLC-PDU format according to the invention;
- Figs. 4 to 6 are flow charts illustrating the method of the invention; and
- Figs. 7 to 10 are graphs illustrating the results of a test performed without or with application of the invention.

Description of the preferred embodiment

[0016] Fig. 1 schematically shows a GPRS system 1 embodying the present invention. System 1 is illustrated by a
Gateway GPRS Support Node GGSN, a Serving GPRS Support Node SGSN, a Base Station Controller BSC and a
mobile station MS. Also interfaces Gn between GGSN and SGSN, Gb between SGSN and BSC and the radio interface
Abis + Um are shown. All such components are conventional and well known to the skilled in the art, and they do not
need to be described in detail.
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[0017] System 1 is connected to an Internet Service Provider ISP, which sends multimedia bit streams belonging to
a multimedia streaming service to system 1. Block 2 labelled "Streaming" within ISP represents the codec emitting such
bit streams.
[0018] Hereinafter it will be assumed, by way of example, that the bit streams include an MPEG-4 encoded video
component and an AAC-encoded (AAC = Advanced Audio Codec) audio component. It is also assumed that, in a quite
conventional manner, the packets of such bit streams are encapsulated in RTP/UDP (Real-Time Transport Protocol/User
Datagram Protocol) packets that in turn are routed from ISP towards system 1 as IP (Internet Protocol) packets. Thus,
the packets received at GGSN, as far as the multimedia streaming service is concerned, can be identified as
(MPEG-4/AAC)-RTPUDP-IP packets. It is also assumed that the packets of the video flow contain data bytes relating
to I- or P-frames (or Video Object Planes, VOPs) only, since B-frames are not used in modern coders. The building of
IP packets from the AAC/MPEG-4 packets is schematically shown in the upper three rows of Fig. 2.
[0019] The mapping rules for encapsulating the MPEG/AAC packets into RTP/UDP/IP packet not of interest for the
invention and are well known to the skilled in the art, so that they do not need to be described here. Thus, the drawing
merely indicates the multimedia payload of such packets (AAC-MPEG4) and the headers added by the different transport
and routing protocols.
[0020] The feature of relevance for the invention is that the headers of the AAC/MPEG frames include a field F (here
schematising the whole header) indicating the kind of information flow to which the frame belongs (audio frame or video
I- or P-frame) and that such header remains available as long as IP packets can be recognised within system 1 (thus,
at the SGSN level or, generally, at the wired/wireless gateway). As explained in the introduction of the specification, the
information about the kind of flow is also an information about the importance or rank of the data containing in each packet.
[0021] Coming back to Fig. 1, SGSN comprises a unit 3 building LLC (Logical Link Control) frames/LLC-PDUs (LLC-Pro-
tocol Data Units) from the (MPEG-4/AAC)-RTP-UDP-IP packets and sending such PDUS to BSC via the Gb interface.
In BSC the PDUs are stored within LLC-PDU buffer 4, where they are read under the control of radio resource manager
5 and forwarded over the radio interface (Abis/Um) to a destination mobile station MS. There, the PDUs are stored in
MS buffer 6 and then played out at the proper instants.
[0022] The above operations are wholly conventional.
[0023] According to the present invention, the following enhancements are introduced in order to solve the problems
inherent into the provision of a multimedia streaming service over a wireless network and to efficiently guarantee a high
quality of service by the use of a semantic-aware scheduling of the packet transmission over the radio interface:

1) the definition of a mechanism which allow the kind of information flow of the streaming session (audio, l-frames,
P-frames) to be spread through wireless network elements;
2) the definition of a proper field in the PDUs to distinguish among different MPEG-4 frame types the data are coming
from;
3) the definition of a triggering mechanism, able to detect critical conditions on the radio interface and to trigger the
activation of the actual semantic-aware scheduling algorithm;
4) the definition of a novel semantic-aware scheduling algorithm.

[0024] Aspects 1) and 2) above are implemented by an RTP snooping agent and PDU marker 7 located at the gateway
element between wired and wireless network, in particular at SGSN, the last element where the IP packet structure can
still be recognised according to the present GPRS standards, as shown in row "IP Packet" in Fig. 2.
[0025] Snooping agent and PDU marker 7, which is a first part of the apparatus according to the invention, has been
designed as a single software entity, which is to cooperate with LLC-PDU building unit 3. Snooping agent and PDU
marker 7 has a twofold task:

- it looks ("snoops") into each incoming IP packet to identify which kind of frame (AAC, I or P) the IP packet encapsulates;
- when the IP packet is converted into one or more PDUs, block 7 includes, into each PDU created by building unit

3, an additional field whose content identifies the kind of frame from which the data contained in the PDU derive. In
practice, block 7 copies the content of field F present in the headers of the AAC/MPEG-4 frames into such additional
field

[0026] The result of the joint operation of building unit 3 and snooping agent and marker 7 is pictorially shown in the
bottom row of Fig. 2. There, a number of LLC-PDUs are shown with their headers; the additional field is shown between
the payloads LLC-PDU1...LLC-PDUn of the PDUs and the header and is still denoted "F", like in the rows concerning
the AAC/MPEG-4 frame and the RTP and IP packets.
[0027] Fig. 3 shows the actual structure of an LLC-PDU resulting from the application of the invention. The first three
fields of the frame, like in the conventional LLC-PDUs defined by 3GPP (3rd Generation Partnership Project) Technical
Specification TS 44-064, are the address field, the control field and the information field, which maintain their standard
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sizes (or maximum sizes). The new field, named Appl_Flow_Id, is shown by double-line box 30 and is inserted after the
information field. The last field is the conventional Frame Check Field
[0028] The triggering mechanism and the semantic-aware scheduling algorithm are implemented by a critical condition
detector 8 and selective-randomly packet discarding unit 9 that belong to radio resource manager 5 in BSC and form a
second part of the apparatus according to the invention.
[0029] Block 8 cooperates with buffer 4 to detect when the available bandwidth on the Um interface and the PDU delay
no longer fulfil the application bandwidth/delay requirements (critical conditions). When such conditions occur, before
the well known temporary block flow (TBF) reconfiguration procedures take place, block 8 activates discarding unit 9
that tries to preserve the ongoing streaming by partially suppressing the information flows according to their importance.
MPEG-4 P-frame flow, as stated before, is considered as less important and thus PDUs containing data from P-frames
are dropped first. If dropping all PDUs containing data from P-frames does not allow eliminating the critical condition,
then also the I-frame flow can be considered as suppressible. The AAC information flow is never suppressed, as the
bandwidth required for audio streaming flow is assumed as always available on the radio interface. Thanks to the
additional field App_Flow_ID in the PDUs stored within buffer 4, according to the invention the semantic-aware algorithm
can be implemented directly on the data units forwarded over the radio interface.
[0030] Considering in more detail critical condition detection, three alternative methods are conventionally used:

- comparing the available bandwidth on the radio interface with the bandwidth that has to be guaranteed;
- measuring the level of PDU buffer 4, i.e. the amount of data contained therein;
- verifying PDU transfer delay statistics.

[0031] A new approach is adopted according to the invention, which combines information got by all three methods

listed above, instead of exploiting a single method. More particularly, when the available bandwidth BUm on the Um

interface falls below bandwidth  that had been negotiated as guaranteed, i.e. when condition  is

verified, a check on the buffer level is performed. Indeed, the reduced bandwidth availability does not imply always the

existence of a critical condition, as the instant characteristics of the multimedia flow could be such that the whole

guaranteed bandwidth is not required.
[0032] The streaming session Quality-of-Service (QoS) profile foresees that the PDU transfer delay parameter LL_TD
is respected for a LL_TD% percentage of PDUs. Defining as LL_PDU_Size the size [in bits] of a PDU, the number NTD_R
of PDUs stored within buffer 4 for which the transfer delay constraints will be guaranteed is: 

If N_LL_PDU is the number of PDUs stored in buffer 4, the critical condition actually exists if

 

Condition (2) is actually a combination of the results of the three methods mentioned above, and its occurrence starts
the operation of discarding unit 9.
[0033] Figs. 4 to 6 show flow charts of the method of the invention.
[0034] Fig. 4 is the general processing procedure. When a multimedia streaming session is started (step 40), a packet
flow is transmitted to the system (step 41). At the gateway between the wired and the wireless part of system 1 (i.e. at
SGSN, Fig. 1), the kind of multimedia information flow (audio frames, I-frames, P-frames) in the packet payload is
detected and the relevant information is copied into the additional field of each PDU being formed (snooping & marking
step 42). At the radio resource manager, the existence of critical conditions on the radio interface is detected (step 43)
depending on the available bandwidth and the status of buffer 4. If the conditions are not critical, no action is taken. If
the conditions are critical, the selective-randomly discarding algorithm is started (step 44).
[0035] Fig. 5 shows in more detail the snooping and marking process. When a packet is received at SGSN (step 50),
it is looked whether the packet relates to the multimedia streaming service. In practice, with the assumptions made for



EP 1 619 839 A1

6

5

10

15

20

25

30

35

40

45

50

55

the transmission protocols between ISP and system 1, it is checked whether the packet is an RTP packet (step 51). In
the affirmative, the snooping and marking unit 7 reads the frame type (step 52), i.e. it reads field F (fig. 2). Then, the
packet content is included into one or more PDUs (step 53) and the information read from field F of the RTP packet is
written into additional field Appl_Flow_Id of all PDUs built from said packet (marking step 54). The PDUs marked in this
manner are then forwarded to BSC (step 55). If the check at step 51 had a negative result, the process is wholly
conventional and passes directly to the PDU building (step 56) and then to the PDU forwarding to BSC, bypassing the
snooping and marking steps.
[0036] Fig. 6 shows the selective discarding algorithm.
[0037] The triggering event (step 60) is the detection of a critical condition, i.e. the occurrence of the condition expressed
by relation (2).
[0038] Before actually starting the algorithm, a discarding percentage Dis% is estimated (step 61). Dis% is the per-
centage of packets to be discarded to leave the critical conditions and it is given by: 

[0039] ∆ is a tuning parameter (∆ > 1), which takes into account the relative proportions of I-frames and P-frames in
the video flow and which is introduced to guarantee that only PDUs corresponding to P-frames can be discarded, with
the aim of removing critical condition, as long as they are present in buffer 4.
[0040] Once DIS% has been calculated, all PDUs stored in buffer 4 are sequentially considered (Buffer scanning step
62). For each PDU, App_Flow_ID field is checked. For PDUs belonging to AAC and MPEG-4 I-frame flows no action is
taken. For each PDU belonging to an MPEG-4 P-frame a random choice is made on whether the PDU is to be dropped
or kept in the buffer. Each PDU is dropped with probability Dis%. Once all PDUs have been inspected and the proper
number of P-frames have been dropped (step 63), N_LL_PDU is updated and the buffer level is again checked (step 64).
[0041] If condition (2) is no longer met (the buffer level is found "good" at step 64), the algorithm is deactivated (step
65). If condition (2) is still met (the buffer level if found "too high" at step 64) and PDUs belonging to the MPEG-4 P-frame
info flow are still present in buffer 4, Dis% is recalculated and the above steps are re-executed.
[0042] In most practical situation, the desired QoS can be maintained by discarding only PDUs deriving from P-frames.
However, it is possible to apply the selective-randomly discarding algorithm also to PDUs with data from I-frames, when
PDUs relevant to the P-frame flow are no longer present in buffer 4 and the buffer level is still too high. Also in this case
(not shown for sake of simplicity of the drawing) the operations start with the calculation of the discarding percentage
and go on as described above.
[0043] Fig. 7 to 10 show the results of a simulation test performed to evaluate the improvements attainable by the use
of the invention with respect to the case in which no semantic-aware scheduling is performed. The test was performed
by using real C/I versus time trace of the radio channel and assuming that two time slots were exclusively dedicated to
the TBF (Temporary Block Flow) carrying the streaming sessions. Two different video streams have been considered,
with an average bit rate of 49 kbps. The first one is a low motion video stream whilst the second is a high motion one.
The average available bandwidth considered in the test should allow supporting the streaming. However, due to the
variability of radio channel and the variability of the bandwidth required by the application, the stream could not be played
back at mobile station side without interruptions and rebuffering.
[0044] Figs. 7 and 8 show the system behaviour without and respectively with application of the invention. The graphs
plot the RTP packets transmission over the wireless network, the reception at the mobile station, and the play out (the
case of high motion is only considered in these graphs).
[0045] Without application of the invention, as shown in Fig. 7, two stall and rebuffering events take place at two
instants identified in the drawing by vertical arrows.
[0046] On the contrary, with the introduction of the invention, the video clip can be played out entirely without any
interruptions, as shown in Fig. 8. When applying the invention, P-frames only have been discarded, and the P-frames
being discarded are plotted with a circle on the x-axis in Fig. 8. A 16% P-frame loss has been computed, which should
lead to a temporary and negligible worsening in the quality of the video stream.
[0047] Figs. 9 and 10 point out the improvement in terms of LLC-PDU delay which can be achieved for the two streams.
Without use of the invention (Fig. 9), the 90% percentile of the LLC-PDU transfer delay ranges from 7 sec to 10 sec.
With the introduction of the invention (Fig. 10) such percentile is of about 2.3 sec. The skilled in the art will readily
appreciate the improvement, in view of the fact that multimedia transmissions are, to a certain degree, loss-tolerant but
are very delay-sensitive.
[0048] Thus, the invention significantly improves the end-to-end QoS for streaming services over wireless links. More-
over, a more effective exploitation of the available radio resource is achieved. Both these aspects are of extreme interest
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for operators who need to launch multimedia streaming application over personal communication systems.
[0049] It is important to point out that this approach involves only the radio access networks and is transparent to
media servers and user handset’s applications.
[0050] The main benefit from the user’s perspective lies in the capability of accessing "live" streaming without inter-
ruption and rebuffering even in case of worsening of the radio link conditions.
[0051] It is evident that the above description has been given by way of non-limiting example and that changes and
modification can be made by the skilled in the art without departing from the scope of the invention. Thus, even if the
invention has been described with particular reference to the transmission of AAC/MPEG-4 multimedia signals in and
EDGE/GPRS system, the invention can be applied in any wireless or mobile communication systems supporting multi-
media streaming services and to any multimedia transmission protocol allowing a detection of the kind, and hence of
the rank, of the data conveyed.

Claims

1. A method of scheduling transmission of a packet communication relevant to multimedia streaming services over a
radio channel of a wireless communication system (1), wherein data units suitable for transmission over said radio
channel are formed at a gateway (SGSN) between a wired and a wireless part of the system (1) from packets
conveying multimedia data to the system (1) and such data units are queued at an access point (BSC) to the radio
channel, and wherein allocation of radio resources to the communication is based on an information (F) associated
to each packet and related to a rank of data contained in the packet, characterised in that the method comprises
the steps of:

- reading, from each packet arriving at said gateway (SGSN), said information (F) related to the rank of the data
contained in the packet;
- marking each data unit formed from said packet with said information (F); and
- checking for the existence of critical conditions on the radio channel preventing the attainment of a given
quality-of-service level; and
- in case of detection of said critical conditions, selectively dropping, based on said marking, a number of data
units and allotting resources to the remaining data units.

2. The method as claimed in claim 1, characterised in that said data units are the logical-link protocol data units of
an E(GPRS) communication systems, and said marking includes adding to each protocol data unit a field (30)
identifying the kind of multimedia information flow from which the data unit has been formed.

3. The method as claimed in claim 1 or 2, characterised in that said critical conditions are detected by a joint evaluation
of an available bandwidth on the radio channel, an amount of data units queued at said access point (BSC) to the
radio channel, and a transfer delay statistics of the data units.

4. The method as claimed in claim 3, characterised in that said evaluation indicates the existence of critical conditions
upon the simultaneous occurrence of:

- an available bandwidth lower than or equal to a guaranteed bandwidth for the service, and
- a number of queued data units exceeding a threshold depending on said guaranteed bandwidth, a data unit
size, a transfer delay parameter set by quality-of-service requirements of the service, and a percentage of data
units for which said delay parameter is to be met according to the quality-of-service requirements of the service.

5. The method as claimed in any preceding claim, characterised in that said selective dropping and allotting step
comprises:

a) computing, for queued data units obtained from packets to the multimedia streaming service, a discarding
percentage depending on the number of data units queued at said access point (BSC) and on said percentage
of data units for which said delay parameter is to be met; and
b) dropping a corresponding number of data units for which said marking indicated a data content of a lowermost
rank.

6. The method as claimed in claim 5, characterised in that said discarding percentage is computed taking into account
the relative proportions, in a packet sequence, of packets containing data of different ranks.
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7. The method as claimed in claim 5 or 6, characterised in that, after dropping said number of data units of the
lowermost rank, the existence of critical conditions is again checked, and, in case the critical conditions have been
left, radio resources are allotted to the remaining data units, whereas, if the critical conditions still exist, steps a)
and b) are repeated.

8. The method as claimed in any of claims 5 to 7, characterised in that if the critical conditions still exist after dropping
of all data units of a given rank, steps a) and b) are performed and if necessary repeated for data units of an
immediately higher rank.

9. The method as claimed in any of claims 5 to 8, characterised in that the data units to be dropped at a given rank
are chosen randomly.

10. The method as claimed in claim 5 to 9, characterised in that the data units to be dropped are data units formed
from packets containing video data.

11. The method as claimed in any of claims 5 to 10, characterised in that said data of lowermost rank are data of
inter-frame encoded pictures predicted from a preceding intra-frame encoded picture.

12. The method as claimed in claim 10 or 11, characterised in that said video data are data encoded according to the
MPEG-4 standard.

13. An apparatus for scheduling transmission of a packet communication relevant to multimedia streaming services
over the radio channel of a wireless communication system (1), wherein a gateway (SGSN) between a wired and
a wireless part of the system (1) is arranged to receive, from a multimedia streaming service provider (ISP), packets
including an information (F) related to a rank of multimedia data contained in each packet, and to form from said
packets data units suitable for transmission over said radio channel, and radio resource managing means (5) at an
access point to the radio channel (BSC) are arranged to queue said data units in a buffer (4) and to perform a
scheduling of the transmission based on the rank information (F), characterised in that said apparatus (7, 8, 9)
comprises:

- snooping and marking means (7), located at said gateway (SGSN) and arranged to read said information from
each packet arriving at said gateway (SGSN) and to mark each data unit formed from a packet with said
information (F) related to a rank of the data contained in each packet; and
- critical condition detecting means (8) and data unit discarding means (9), located in said control units (BSC,
5) and arranged to cooperate with said buffer (4) and with each other to detect the existence of critical conditions
of the radio channel preventing the attainment of a given quality-of-service level and consequently to selectively
drop a number of data units from the buffer (4) based on said marking and to cause allocation of radio resources
to the remaining data units.

14. The apparatus as claimed in claim 13, characterised in that said data units are the logical link control / protocol
data units of a GPRS/EGPRS communication system, and said snooping and marking means (7) is arranged to
add to each protocol data unit a field (30) identifying the kind of multimedia information flow from which the content
of the data unit has been formed.

15. The apparatus as claimed in claim 13 or 14, characterised in that said critical condition detecting means (8) is
arranged to perform an evaluation of an available bandwidth on the radio channel, of an amount of data units relevant
to said streaming service queued in said buffer (4), and of a transfer delay statistics of the data units, and to signal
the existence of critical conditions when said evaluation indicates that:

- the available bandwidth is lower than or equal to a guaranteed bandwidth for the service, and
- the number of queued data units relevant to said streaming service exceeds a threshold depending on the
guaranteed bandwidth, the data unit size, a transfer delay parameter set by quality-of-service requirements of
the service, and a percentage of data units for which said delay parameter is to be met according to the
quality-of-service requirements of the service.

16. The apparatus as claimed in any of claims 13 to 15, characterised in that said data unit discarding means (9) is
arranged to:



EP 1 619 839 A1

9

5

10

15

20

25

30

35

40

45

50

55

- compute, for said queued data units relevant to said streaming service, a discarding percentage depending
on a level of the queue in said buffer (4) and on said percentage of data units for which said delay parameter
is to be met; and
- drop a corresponding number of data units whose marking indicates a data content of a lowermost rank.

17. The apparatus as claimed in claim 16, characterised in that said data unit discarding means (9) are arranged to
compute said discarding percentage taking into account the relative proportions, in a packet sequence, of packets
containing data of different ranks.

18. The apparatus as claimed in claim 16 or 17, characterised in that said data unit discarding means (9) are arranged,
after having dropped data units of the lowermost rank, to check again the existence of critical conditions and to
cause allocation of radio resources to the remaining data units, in case the critical conditions have been left, or to
repeat the discarding percentage computing and the data unit dropping, in case the critical conditions still exist.

19. The apparatus as claimed in any of claims 16 to 18, characterised in that, if the critical conditions still exist after
all data units of a given rank have been dropped, said data unit discarding means (9) are arranged to perform, and
if necessary to repeat, the discarding percentage computing and the data unit dropping for data units of an immediately
higher rank.

20. The apparatus as claimed in any of claims 16 to 19, characterised in that said data unit discarding means (9) are
arranged to randomly chosen the data units of a given rank to be dropped.

21. The apparatus as claimed in any of claim 16 to 20, characterised in that said data unit discarding means (9) are
arranged to operate on data units containing video data.

22. The apparatus as claimed in any of claims 16 to 21, characterised in that said data of lowermost rank are data of
inter-frame coded pictures predicted from a preceding intra-frame coded picture.

23. The method as claimed in claim 21 or 22, characterised in that said video data are data encoded according to the
MPEG-4 standard.
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