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10 services. This technique may be used for the A/V stream (i.e. MPEG stream) decoder to
smooth the network jitter and to slave its timing to the encoder by a software approach. With
this method, a client can playback the A/V streams over an IP network with no requirement
of a PLL (Phasé Lock Loop) circuit in the decoder.

15 Back d Invention
With the continuing growing of Internet and IP-related technologies, there is a growing
demand for access to multimedia application across a IP-based network. Unlike the
traditional point-to-point network applications, emerging multimedia applications such as live
or storage distance learning, TV broadcast directly to desktop via IP network, and desktop

20 conferencing depend on the ability of multicasting for real-time services. The rising need for
these kind of applications presents the challenge for network and end-systems. It is well
known that the Internet has been used primarily for the reliable transmission of conventional
data with minimal or no constraints of delay. Its protocols such as TCP/IP were well
designed for this type of traffic using "Pull" mode. However, multimedia data such as audio

25 and video are delay sensitive. Such traffic possesses different characteristics and may require
different protdcols in order to effectively provide real-time services. For digital A/V
broadcast services, it requires appropriate "Push" mode operation with large uni-directional

channel, with a small (or no) return channel required.

30
As one of the main requirements for an IP networked digital audio/visual system, people
expect that the system will allow the ability to receive or playback audio/visual information
over the IP network in a real-time fashion. However, due to the nature of the IP, low layer
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data with minimal or no constraints of delay. Its protocols such as TCP/IP
were well designed for this type of traffic using "Pull"” node. However,
mul ti metlia data such as audio 25 and video are del ay sensitive. Such
traffic possesses different characteristics and may require different
protocols in order to effectively provigle real-tinme services. For digital
Al'V broadcast services, it requires appropriate "Push" node operation with
| arge unidirectional channel, with a small (or no) return channel required.
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transmitted over a jitter-inducing network, the
- In such a situation, it is not possible to decode the system stream on a standard target

decoc}er, because jitter may cause buffer overflows or underflows and also make it difficult
to recover the time base. The third problem is the unmatched clocks (time drift) between
server (encoder) and client (decoder). The time drift means that the free-running clock in the
10 client will introduce some amount of timing difference over a given period of time when
compared to the server's encoding clock since there is no guarantee of clock accuracy. The
first problem relates to the issue of how to guarantee the bandwidth and delay for the data
delivery over an IP network and is currently addressed by the IETF. Available technologies
addressing this problem are: Resource Reservation Protocol (RSVP), Differential Service,
15 Multi-Protocol Label Switching (MPLS), etc. The embodiments of the present invention are
intended for addressing the other two problems. These two problems cause the difficulty for
clients to decode data accurately and playback in a real-time mode using conventional

technology.

20 The problem of using the existed technology in such a system can be illustrated by the
example described below. For example, within an MPEG-2 system data stream there are
clock time reference timestamps. These references are samplés of the system time clock and
have a resolution of one part in 27,000,000 per second. They occur at intervals up to 100
ms in Transport Streams (TS) or up to 700 ms in Program Streams (PS). In the PS, the clock

25 field is called the System Clock Reference (SCR). In the TS, it is called the Program Clock
Reference (PCR). The SCR (or PCR) field indicates the correct value of the STC (System
Time Clock - a common time base) when the SCR (or PCR) is received at the decoder. In
concept, this STC value is the same value that the encoder's STC had when the SCR (or
PCR) was stored or transmitted. If the decoder's clock frequency matches exactly that of the

30 encoder, then the decoding and presentation of aﬁdio/video will automatically have the same

rate as those at the encoder. In practice, a decoder's system clock frequency will not
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time clock and have a’‘resolution of one part in 27,000,000 per second. They
occur at i nhetwork,packet delag Fariation is considered to be quite significant for the MPEG Standard
10 Target Decoder (STD). Such timing jitter at the input to a decoder is reflected in the
combination of the values of SCRs (or PCRs) and the times when they are received. A
significant SCRs (PCRs) jitter may cause the difficulty for the PLL to reach a defined locked -
state. The effect of such clock frequency mismatch between client and server is the gradual
and unavoidable increase or decrease of the fullness of the decoder's buffers, such that
15 overflow or underflow would occur eventually with any finite size of decoder buffers,

therefore, effecting the system performance of the overall operation.

It is an object of the present invention, to provide a technique for dejittering and clock
recovery for use in the client application of a networked real-time audio/visual service
20 system. It is desirable to be able to implement embodiments of the invention to synchronize
the clients to a server in a jitter introducing network environment without employing

additional devices or a special decoder.

Summary of the Invention

25 In accordance with the present invention, there is provided a method for clock variation
compensation in a real-time audio/visual system in which encoded A/V data in a plurality of
data packets are delivered to at least one client over a network from a server at a substantially
constant bit rate, said plurality of data packets including data packets containing time stamp
data, the method comprising the steps of:

30 receiving and buffering the data packets in a first buffer at a client;

passing selected data packets from the first buffer to a second buffer at scheduled
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The present invention also provides a method for clock variation compensation in a real-time
audio/visual system in which encoded A/V data in a plurality of data packets are delivered
10 to at least one client over a network from a server at a substantially constant bit rate, said
plurality of data packets including data packéts containing timestamp data, the method
comprising the steps of: _
receiving and buffering the datﬁ packets in a dejittering buffer at a client; |
passing selected data packets from the dejittering buffer to a data decoder of the client
15 at scheduled times based on a comparison between a decoding system clock of the client and
timestamp data corresponding to the selected data packets.

Preferably the method includes monitoring the fullness of the dejittering buffer to derive a
clock drift rate, and adjusting the decoding system clock based on the derived drift rate and

20 a network jitter component.

The present invention further provides a real-time audio/visual system coupled to receive data
packets over a network for A/V decoding by an A/V decoder, the system including a clock
variation cbmpensation system comprising:
25 a dejitter buffer for receiving and storing packets of data from the network;
a synchronization buffer for feeding data for decoding to the A/V decoder;
a decoder system clock; and
a buffer data flow controllér for controlling the passing of selected data packets from
the dejitter buffer to the synchronization buffer in accordance with a comparison of a first
30 signal derived from the decoder system clock and a second signal derived from a timestamp
from the selected data packets.
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of server encoder, then feed to the A/V decoder according to the time reference of A/V

10 encoder. The clock synchronization (recovery) can be achieved by a synchronizing buffer
based on a reference fill position and the movement of the fill position in the buffer (packet
index oriented). By monitoring the fullness of the buffer over a given period, the drift rate

of clock unsynchronization between client and server can be derived.

15 Brief Description of the Drawings
The invention is described in greater detail hereinafter, by way of example only, with
reference to embodiments thereof which are described with the aid of the accompanying
drawings, wherein;

Figure 1 schematically illustrates a networked system for real-time audio/visual

20 services comprising a plurality of client host and a server;

Figure 2 schematically illustrates a client host comprising a dejittering buffer and a
software PLL-like architecture, wherein dejittering and clock recovering is achieved in
accordance with an embodiment of the present invention; and

Figure 3 diagrammatically illustrates the mechaﬁism of timing synchronization via

25 monitoring the position movement of the dejittering buffer.

Detailed Description of the Preferred Embodiments

In this specification, various aspects of the Real-Time Transport Protocol (RTP) and Resource

Reservation Protocol (RSVP) are referred to, and a more detailed description of the
30 mechanisms, protocols and systems involved in implementing RTP and RSVP can be found

in the following documents, the disclosures of which are incorporated herein by reference:
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rrecei vi-ng and buffering the data packets in a first buffer at a client;
passi ng sel ected data packets fromthe first buffer to a second buffer at
schedul ed -4 - tinmes based on a conpgprison between a | ocal clock of the
client and tinmestanp data corresponding to the sel ected data packets; and
passing the data in the second buffer to a data decoder of the client. 5
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Goyal, M.R. Civanlar; draft-ietf-avt-mpeg-new-01, Internet draft, June 1997.
"RTP Payload Format for Bundied MPEG", M.R. Civanlar, G.L Cash, B.G Haskell;
draft-civanlar-bmpeg-01, Internet draft, February 1997.

"Resource ReSerVation Protocol (RSVP) Version 1 Function Specification", R.

10 Braden, L. Zhang, S. Berson, S. Herzog, S Jémin, draft-ietf-rsvp-spec-16, Internet
draft, June 1997. '

A system model for real-time services over a jitter introducing network is illustrated in block
diagram form in Figure 1. In the Figure, an A/V client server arrangement is shown,
15 wherein a client 30 is connected to a sever 10 via a network 20. The server 10 includes a
source of audio/video streams 11, a RTP encoder 12, a server encoding system clock 13,
transport and network layers 14 and a network interface 15. The client 30 includes a network
interface 31, transport and network layers 32, a dejittering buffer 33, a RTP decoder 34, a
client decoding system clock 35, a time synchronizing buffer 36 and an audio/video decoder
20 37. The network 20 is a jitter introducing network, such as IP-based network. The overall

operation of the present invention in this environment is described hereinbelow.

At the server 10, AV stream source 11 is input to the RTP encoder 12. The output of RTP
encoder 12 are RTP packets where their payload field contain data from source 11. These
25 packets are timestamped by the server system encoding clock 13, and then sent out to the
client through the network 20 at constant bit rate. At the client 30, the RTP packets
(containing AV stream data in payload field) received from the network are put into the
dejittering buffer 33 in sequence. The RTP packets in dejittering buffer 33 are decoded by
the RTP decoder 34 and client decoding system clock 35, and then shifted into the time
30 synchronizing buffer 36. In other words, the synchronizing buffer 36 will contain all the
original A/V stream data from A/V source 11. These A/V stream data will then be fed into
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For example, if J,,, = 100ms, R,,, = 8Mbps and ¢ = 10 ms, then the required minimum
buffer size is,
B, = 8 x 10°x (100 + 10) x 10%/8
= 110000 Bytes < 125 kBytes

Therefore, a size of 512 kBytes buffer should be adequate for most situations if a certain level
of QoS is also guaranteed.

Figure 2 is a block diagram of the dejittering and clock recovering operation in accordance
with an embodiment of the present invention. In this diagram, and the following description:
TC'  is the time counter of the client's RTP clock
tc,  is the time counter value for the n® packet
ts,  is the timestamp value of the n packet in the dejitter buffer

tc is the adjustment value for TC, when necessary.

As detailed in the block diagram of Figure 2, the dejittering process is done based on the
encoded RTP timestamp value and client's RTP clock. At the first step, the client buffer
provides the function of buffering by way of dejitter buffer 33, which removes the jitter in
terms of client reception. The dejitter buffer 33 is coupled to pass data to the synchronizing
buffer 36 by way of a shift gate 41. The shift gate 41 is controlled by the output of a
comparator 42 which has inputs tc, from the client's RTP clock time counter and ts , retrieved
from the dejitter buffer. The data is shifted to the synchronizing buffer 36 whenever the



=5 - The techni que summarized below is a "software PLL-1ike" nmethod to
address the jitter and tine synchronization for a client decoding system

It enploys the RTP (Real -Time Transport Protocol) as the transport service
and receiver buffering to achieve real-tine AV playback. 5 The dejittering
process can be achieved by a dejittering.buffer using the enbedded
timestanp values in the transport packets and client RTP clock (which runs
at the same frequency as the A/V decoder’ s cl ock). The delay variations of
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whi ch are dﬁ?ecélba? gyr}é’hf(;ﬁl}aﬂgn %é&!ve% 1et§ 254 SORE IV acﬂ%ved via monitoring the packet
' position in the synchronizing buffer. The size of the synchronizing buffer can be quite small

since it only needs to handle the clock drift. The operation is illustrated in Figure 3 which is
10 a diagram of buffer monitoring for time synchronization. Here the operation of the clock
recovery process is based on the buffer position change compared with the reference position
(defined as the buffer half-size position) for a given period T (for example, every minute).
If the buffer position is moving in the direction of emptiness, the counter TC' should be
upwardly adjusted by adding an offset. If the buffer position is moving in the other direction
15 (fullness), the TC' value should be downwardly adjusted. The drift rate r of clock

unsynchronization between server and client can be determined by:

r=0@-p)/T

20 It should be noted that the buffer position mentioned above is in terms of packet index offset
rather than the byte number offset.

It is also possible to implement the present technique with the use of one buffer only (no
additional synchronizing buffer available). In such case, data packets are fed into the A/V

25 decoder directly from the dejittering buffer at the scheduled time. The above clock drift rate
rwill include the component of network jitter J and should be eliminated before the TC' is
adjusted. The interarrival jitter J can be derived from the two sequenced RTP packets. The
jitter J is defined to be the mean deviation of the difference (D) in packet spacing at the
receiver compared to the sender for a pair of packets. For example, if T, is the RTP

30 timestamp from packet g, and T, is the time of arrival in RTP timestamp units for packet b,
then for these two packets, we have,
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to the formula, we have,
J=J+( j -J)/16

This algorithm provides an optimal first-order estimator and the gain parameter 1/16 gives
a good noise reduction ratio while maintaining a reasonable rate of convergence (see RTP

specification and related references).

Unlike the traditional method (using a PLL circuitry) and other available technique (such as
that disclosed in European patent No. EP779725, entitled "Method and Apparatus for
Delivering Simultaneous Constant Bit Rate Compressed Video Streams At Arbitrary Bit Rates
with Constrained Drift and Jitter", which uses two levels of synchronization named coarse-
grain and fine-grain for video streams to control drift and jitter), the present method is a more
independent and less constrained client-based approach. It provides the network adaptability
via a simple software solution (can be implemented in hardware as well) for an end system
and can be applied in a wide range of network applications. The effect of the present
technique includes:

increasing the adaptability of decoding systems (in terms of dejittering and clock

synchronization);

simplifying the decoder implementation (no PLL circuitry required);

handling more types of audio/visual streams (not only MPEG?2 system streams);

application to different types of environments (unicast as well as multicast);

beneficial to the effort of expanding real-time A/V services over IP-based network

such as Internet.

The foregoing detailed description_’of embodiments and implementations of the invention have
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a network 20. Th e . 10 includes a source of audio/video streans 11, a
RTP encoderscfg? ogmééi“\y/egjﬁméhcodi ng systemclock 13, transport and network

| ayers l1l4gand a network interface 15. The client 30 includes a network

interface 31, transport and network layers 32, a dejittering buffer 33, a
RTP decoder Thpughout| thisnspegificatiom gnd yhe elairas gdrichs folloy,+ yniess Siha QoptsE Feqpires

buffer 36 and an audi o/ vj deo degoder . 20 .37 n K 20 18 BN = g

i nt r oduci ng®ABTRH 17 WERS, CQEPHEs: b&g(ir&ar}'f‘g?%?%n%fhg’ 0 féé;egl 9“& cdingrisihg™, will
be understood to imply the inclusion of a stated integer or step or group of integers or steps
but not the exclusion of any other integer or step or group of integers or steps.

10



oper at i er—ef—the—present—i-Avention in this environment is described

her ei-nbel r 10, AV stream source 11 is input the RTP
encoder Eil AH m f E RTP encoder 12 are RTP packets wh¢rTéii$ ISHEET HAS B%EN
payl oad a fromsource 11. These 25 packets ar e tpm:q_g\tggp

by the server system encodi ng clock 13j1and then sent out tothe—et-ehnt

t hrough the network 20 at constant bit rate. At the client 30, the RTP
packets (containing AV streamdata in payload field) received fromthe
network ar € pmis:1 Nto the dejittering buffer 33 in sequence. The RTP packets
in dejittering buffer 33 are decoded by the RTP decoder 34 and client
decodi ng system cI ock 35, and then shifted into the time 30 synchroni zi ng

buffer 36. .In ot r.ds nchron|2|n .buffer,. 36 will contain all the
original Al st Wgtf%r ‘fl? t%orgqﬂm@gsailg time gudiofvisyal sysiem ipjwhich

then be feqnbstded A/V -dZta #Y 2 Pﬂf‘aﬁ ®f d§tﬁ *ﬂﬂret&h%gx%p "t %P Qtpéﬂ nf W& a

scheduling. The desirable sfze of the e endsc on y on
t he maxi numetvednkofrlm a tsexver af ersubstdnuiadly - donstpma]bﬁf } raa,fj smﬂqﬂmmmb tpatledte
of A/V strea sune the difference of 5 clock counting between
‘the server ‘qﬁdlgé |déﬁtp"6@$ containing timestamp datacthe methord copnrising the steps of:

receiving and buffering the data packets in a first buffer at a client;

F

passing selected data packets from the first buffer to a second buffer at scheduled
times based on a comparison between a local clock of the client and timestamp data
10 corresponding to the selected data packets; and
passing the data in the second buffer to a data decoder of the client.

2. A method as claimed in claim 1, including monitoring the fullness of the second buffer
to derive a drift rate, and adjusting the client local clock based on the derived drift rate.

15
3. A method as claimed in claim 1 or 2, wherein the scheduled time is determined by a
substantially zero difference between the value of a said timestamp data corresponding to the

selected data packets and a clock counter from the client local clock.

20 4. A method as claimed in claim 2, wherein the drift rate is derived according to:
r= (p2-pl)/T
where: r is the derived drift rate, and
p2 and pI are two corresponding buffer positions for a given period of
time 7.
25
5. A method for clock variation compensation in a real-time audio/visual system in which

encoded A/V data in a plurality of data packets are delivered to at least one client over a
network from a server at a substantially constant bit rate, said plurality of data packets
including data packets containing timestamp data, the method comprising the steps of:

30 receiving and buffering the data packets in a dejittering buffer at a client;

passing selected data packets from the dejittering buffer to a data decoder of the client

This Sheet Has Been Re’ilace
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ekanple can be default to 1 m'nute) is t. The size of the dejittering

buf f er canummml'ﬂmmmm [err] 10 For exanple,
i’f Jlerr] 8Mops and t = 10 s, then the reqpmgqhgp;lmimQJgEEN
buffer size*is® Bfer'Y] = 8 x 10[err] x (100 + 10) x 10[err] /{8 = 15@@2@,@
Bytes < 128kByt es 15 Therefore, a sizejgf. 512 kBytes buf f er !

adequate for npst situations if a certain level of QS is also guaranteed.
Figure 2 is a block di agram of the dejitteri ng and cl ock recovering

SR 2, A A R 8 0 R g

counter of tirhestaphp dath wrrﬁaandmgwmec{eluctehdawmckéte. time counter value for
the n[err] packet tsf[err] is the tinestanp value of the n[err] packet in
the dejitter buffer tc is the adjustnent value for TC, when necessary. 25

As detailegin t fzi QcC

done basedqson th‘g‘?ltlaéri:ll(l:odéi(s d‘q ﬁ%ﬁ%ﬁ gﬁp%é{i/lgc"ﬁ%mgﬂﬁo%ﬁ g‘ﬁtﬁ?@nﬁﬁfﬁﬁ é@%ﬁeﬂ'g
the firsts suffer tbhierivkiaecloclbdfifteratepimdadiesing he Heesding Bystdm *échic%a's&ﬂ oRMn&ay
of dejitter, buffer, 33, which renoves the jitter in ternms of client

recepti on. dFﬁ‘é(e‘élé{lﬁtr?@ralﬂ@fﬂeéWOM“F@ cepppnedy t o pass data to the
synchroni zi ng

7. A method as claimed in claim 6, wherein said network jitter component is based on
packet interarrival jitter information.

10 _
8. A method as claimed in claim 6, wherein said network jitter component is derived in
accordance with the IETF Real-time Transport Protocol (RTP).

9. A method as claimed in claim 5, wherein the data packets are transmitted from said

15 server to said client over said network in accordance with the RTP protocol.

10. A real-time audio/visual system coupled to receive data packets over a network for
A/V decoding by an A/V decoder, the system including a clock variation compensation
system comprising:
20 a dejitter buffer for receiving and storing packets of data from the network;
a synchronization buffer for feeding data for decoding to the A/V decoder;
a decoder system clock; and
a buffer data flow controller for controlling the passing of selected data packets from
the dejitter buffer to the synchronization buffer in accordance with a comparison of a first
25 signal derived from the decoder system clock and a second signal derived from a timestamp
from the selected data packets.

11. A system as claimed in claim 10, further including a clock adjustment controller
coupled to monitor a measure of the fullness of one of the synchronization and dejitter

30 buffers, and coupled to the decoder system clock to allow adjustment thereof based on the

buffer fullness measurement.
This Sheet Has Been Reﬂ
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buffer 36 by way of a shift gate 41. The shift gate 41 is controlled by t he

out put of a 30 conparator 42 which has inputs tc[err] fromt liepnt's RTP
clock time counter and ts retrieved fromthe dejitter buffer Tml&SHEETaHh BEEN
shifted to the synchroni zing buffer 36 whenever the -8 - i mestREppANES U

(ts[err]) encoded in the packet is equgB-to the client's ti
(tc[err]). The packets in the synchronizing buffer are AV data packets.
Such data packets are fed to the A/V decoder (e.g. MPEG decoder) based on
their own enbedded tinme schedule. It should be noted here that in the case
of a system decoder the decoder internal systembuffer 5 can be used as the
synchroni ziflgsttagf fer if it is accessible fromthe client. The clock
synchroni zation between client and server is achleved V|a nDn|t0r|no t he
packet pOS| A 'e,lr | H ,L,:-'\ 3 J‘p'\!!;)u,ﬂ 2% 34\_' 40 P '. ’ DR X 9 Nd e .‘J"! Zi ng
buffer can ' to handle the clock drift.

The operati J [ \ N is 10 a diagram of buffer
nonitoring for tinme synchronlzatlon Here the operation of the clock
recovery process is based on the buffer position change conpared with the
ref erence pads raabHmedudiotesual syster inihicly ARV idatasis genyeyed overrd jiften-ingroguciag

period T ( fnetwmzf(a H%th?erm(ga\ﬁ%& Yok recovgry processes can be achieved without requiring a Phase

Locked Loop (PLL). At the server, audio/video streams are encoded into transport packets
before being sent out. At the client, the dejittering process is achieved by a dejittering buffer

10 using the embedded timestamps in the transport packets and a client decoding clock. The
delay variations of data arriving are removed after the client buffering process. At the
scheduled time, each data packet is shifted to a synchronizing buffer and then fed to the A/V
decoder according to the speed of A/V stream. The clock synchronization between client and
server is achieved by a synchronizing buffer whose half-size position is taken as the

15 reference. By monitoring the movement of the buffer fill position over a given period, the
drift rate of clock unsynchronization between client and server can be derived and, therefore,
the client's clock can be adjusted to synchronize with the server's clock based on the derived
drift.
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| £ Lhe buffer position is nmoving in the direction of enptiness, the ¢tounter
TC ~$houl d be upwardl y adjusted by addi ng an offset ‘If the buffer position
is noving in the other direction 15 (fullness), the TC value should be
downwardl y adjusted. The drift rate r of clock unsynchroni zati on between
server and client can be determ ned by: r (plerr] - pferr]) / T 20 It
shoul d be noted that the buffer position nentloned above is in terns of
packet index offset rather than the byl number offset. It is al so possible
to i nplenent the present technique with the use of one buffer only (no
addi ti onal synchronizing buffer available). In such case, data packets are
fed into the A/V 25 decoder directly fromthe dejittering buffer at the
schedul ed tine. The above clock drift rate rwill include the conponent of
network jitter J and should be elimnated before the TC is adjusted. The
interarrival jitter J can be derived fromthe two sequenced RTP packets.
The jitter J is defined to be the nean deviation of the difference (D) in
packet spacing at the receiver conpared to the sender for a pair of

packets. For exanple, if T[err] is the RTP 30 timestanp from packet a, and
T[err] is the time of arrival in RTP tinestanp units for packet b, then for
t hese two packets, we have, _ :

37 .
21
1 36 .|
- ' | Sync. Buffer
RTP TC _ 34 | 1 1
encoder '
— L RT® L 1C
. i3 Network decoder
12 ) : — i
(Jitter-Introducing) [ Dejitter Buffer | 35
Transport and i
tw
network layer ¢ Transport and
...... 14 - 33° ~ network layers
I 20 | e——_—
Network Interfac | L
erwor “te ace Network Interface
SETE | . o
'._. . K .31
Server m 30 Client

Figure 1



v~

-9- D(a,b) = (T[err] -T[err])-(T[err]-T[err]) = (T[err]- T[err]) -

. (Tferr] - T[err]) 5 The j is calculated continuously as each data packet is
reeei ved fromserver, then according to the formula, we have,
J=J+(1j1-J)/16 10 This al gorithm provides an optinmal first-order estimator
and the gain paraneter 1/16 gives a good noise reduction ratio while

mai ntai ning a reasonable rate of convergence (see RTP specification and

rel ated references). Unlike the traditzgh met hod (using a PLL circuitry)
and ot her avail able techni que (such as 15 that di scl osed in European patent
No. EP779725, entitled "Method and Apparatus for Delivering Sinultaneous
Constant Bit Rate Conpressed Video Streams At Arbitrary Bit Rates with’
Constrained Drift and Jitter"”, which uses two |evels of synchronization
named coarse- grain and fine-grain for video streanms to control drift and
“jitter), the present nethod is a nore independent and | ess constrained
client-based approach It provides the net wor k adaptability 20 via a sinple

system

O Client ¢|°C_k A tc (Time count adjustment)
(free running at TC® : : ar
server’s frequency) L~ 35 )
Comparator
i, + ' Buffer moni
N Z 0 a:uid er monitor AV
g output control decoder
[ Y

Shift
Gate
Figure 2

‘Reference positioh at half buffer size

Figure 3



and can be applied in a wde range of network applications. The effect of
the present technique includes: increasing the adaptability of decoding
systens (in ternms of dejittering and clock synchronization); 25

sinplifying the decoder inplenmentation (no PLL circuitry required);
handl i ng nore types of audio/visual streans (not only MPER -system
streans); application to different types of environments (unicast as well
as nulticast); beneficial to the effori13f expanding real-tine AV services
over |P-based network such as Internet. 30 The foregoing detail ed
description of enbodi nents and i nplenentations of the invention have -
10- been presented by way of exanple only, and is not intended to be
considered limting to the present invention as defined in the clains
appended hepdbstpactNuner ous al ternative enbodi nents may be devi sed by those
skilled in the art wthout departing fromthe spirit and

In a real-time audio/visual system in which A/V data is conveyed over a jitter-introducing
network, dejittering and clock recovery processes can be achieved without requiring a Phase
Locked Loop (PLL). At the server, audio/video streams are encoded into transport packets
 before being sent out. At the client, the dejittering process is achieved by a dejittering buffer
10 using the embedded timestamps in the transport packets and a client decoding clock. The
delay variations of data arriving are removed after the client buffering process. At the
scheduled time, each data packet is shifted to a synchronizing buffer and then fed to the A/V
decoder according to the speed of A/V stream. The clock synchronization between client and
server is achieved by a synchronizing buffer whose half-size position is taken as the
15 reference. By monitoring the movement of the buffer fill position over a given period, the
drift rate of clock unsynchronization between client and server can be derived and, therefore,
the client's clock can be adjusted to synchronize with the server's clock based on the derived
drift.

_ (Figure 2)




scope of the invention. Throughout this specification and the cl a| ms _whi ¢
fol l;ow, unless the context reqw res otherw se, the word f: f R\ T
variations such as "conprises" and "conprising", wll be|l e
inmply the inclusion of a stated integer or step or group{of integers or
steps but not the exclusion of any other integer or stepjof dD

i ntegers or steps. 10 Cains: 1. A nethod for cloc ariation
conpensation in a real -tine audio/visual systemin which}(30)y—¢encoded A/V
data in a lurality of data packets are delivered to at ljeast one client
(30) overAgY gespdenacaerding o theyApprapsiatetime seedyking, substantially constant
bit rate, said plurality of data packets including data packets contai ning
ti mestanp data, the nmethod conprising the steps of: receiving and buffering

t he data PecdesirableBiza of ttresdejlhﬂﬁrigeﬂiuffei ﬂbpétids anb/ orethie Iﬁtﬂ@hﬂWbﬂQl@']@,&t ed
data packets fromthe first buffer (33)_ to_a second buffer (36)

schedul ed(peplriaspeaid and dhe maxisysa bityawe HoA¥siweams Boal ASSUER tbegl,\ffe@«pncpwé
client g %cl?gguﬂtinrgrel?ett@% ﬂ’l%t &rver and client over the period of updating (7, which for

example can be default to 1 minute) is z. The size of the dejittering buffer can be determined

by: By =( Jmax + t) X Rmax
B = l % ‘R = ;)
10 For example, if J,,,, = 100ms, R,,, = 8Mbps and ¢ = 10 ms, then the required minimum
buffer size is, . o
By = 8 x 10°x (100 + 10) x 10%/8
= 110000 Bytes < 125 kBytes
128kBytes
15 Therefore, a size of 512 kBytes buffer should be adequate for most situations if a certain level
‘of QoS is also guaranteéd.

Figure 2 is a block diagram of the dejittering and clock recovering operation in accordance
with an embodiment of the present invention. In this diagram,l and the following description:
20 TC' is the time counter of the client's RTP clock
tc, is the time counter value for the n packet
ts, is the timestamp value of the n® packet in the dejitter buffer
tc is the adjustment value for TC, when necessary.

25 As detailed in the block diagram of Figure 2, the dejittering process is done based on the
encoded RTP timestamp value and client's RTP clock. At the first step, the client buffer
provides the function of buffering by way of dejitter buffer 33, which removes the jitter in
terms of client reception. The dejitter buffer 33 is coupled to pass data to the synchronizing
buffer 36 by way of a shift gate 41. The shift gate 41 is controlied by the output of a

30 comparator 42 which has inputs tc, from the client's R'I"P clock time counter and ts, retrieved
from the dejitter buffer. The data is shifted to the synchronizing buffer 36 whenever the



10 corresponding to the selected dat a packets; and passing

i

second buffer to a data decoder (37) of the client (30). 2. &HEET
claimed in claim1, including nonitoring the fullness of thp Fecond bufter
(36) to derive a drift rate, and adjusting the client local|c oqwggg)mg
based on the derived drift rate. 15 3.4_. A nethod as clai in clalmq or
2, wherein the scheduled tine is determ ned by a substanti gl | yzere

di fference between the value of a said ti rrestarrp data corr spondi ng to the
(3 5) selected data packets and a cl ock er fromthi)nél | ent [ocar—Ttoct
(35). 20 4. A net hod as clainmed i 7, wher e = |ft rate is
derived according to: r (p2 - p%@gwr is the derived drift
rate, and p2 and pl are t w0 correspofdi ig buff e posit(lens T Espi-Vied
period of time T. 25 5. A et heddferlgl-dfk-Ig) i ati on conpensatron Tn a
real -time audi o/visual systemin which encoded AV d&t @4+ Tap)p+ (Wat-iTsy) of
dat a packets are delivered to at |east one client (30 over a Tretwork—20)
froma serygy; i Ibuigfed RontitRiohay ak BhénVadtP paieiis rBldivdaréim sSAVef, Mkt E@okdiNg Of

data pac et
to the formula, we have,

J=J+(|j|-J)/16
+-+'|—(—ﬂ.—'—.’9—/—1'6‘

10 This algorithm provides an optimal first-order estimator and the gain parameter 1/16 gives
a good noise reduction ratio while maintaining a reasonable rate of convergence (see RTP

specification and related references).

Unlike the traditional method (using a PLL circuitry) and other available technique (such as
15 that disclosed in European patent No. EP779725, entitled "Method and Apparatus for
Delivering Simultaneous Constant Bit Rate Compressed Video Streams At Arbitrary Bit Rates
with Constrained Drift and Jitter", which uses two levels of synchronization named coarse-
grain and fine-grain for video streams to contrbl drift and jitter), the present method is a more
independent and less constrained client-based approach. It provides the network adaptability
20 via a simple software solution (can be implemented in hardware as well) for an end system
and can be applied in a wide range of network applications. The effect of the present
technique includes:
increasing the adaptability of decoding systems (in terms of dejittering and clock
synchronization);
25 simplifying the decoder implementation (no PLL circuitry required);
handling more types of audio/visual streams (not only MPEG2 system streams);
application to different types of environments (unicast as well as multicast);
beneficial to the effort of expanding real-time A/V services over IP-based network
‘such as Internet.
30

The foregoing detailed description of embodiments and implementations of the invention have



I ncl ud| ng data packets containing tinmestanp data, the nethod conprising the -
steps: of : 30————~reeeirving—and buffering the data packg
dejitteri ng client (30); passing select HEL KQ%MESQEET
fromthe deJ m “ij; H! (33) to a data decder (37) of] tthe cli1ent"T3

- 12 - at s sed on a ?orrparlson between & decdytingg ?_] 0t e
clock (35) of the cllent (30) :and tlrrestarrp dat a corresp_’n ing to the -
sel ect ed data packets. 6. A nmethod as clainmed in clai
nonitori the fullness of the dejittering 5 buffer to d r|ve a clock drif{
rate and ting the decodi ng systemcl ock (35) based on the derTved
drift rate and a network jitter conponent. 7. A nethod as clained in
claim6, wherein said network jitter conponent is based on packet
interarrilval jA tietiodifof docketariation ddingiensation in Mahud:eaadby\és'uzbsystem i) vohioh 6,

wherein said network jitter conpgnent |s derivy n accordance w {B00he
| ETF Real€nepdgd vg Boﬁ“ta 8? tgrpagketsare de?%&"??ét‘ﬁ@él least eRe;CLIRREIOVET | ai m

S, Vmer@d&t&&%lﬁrﬂﬁaa Q%&Mﬁséﬂtﬁﬂ?@oﬁtﬁﬂt lfu'i Qﬁ@es"s’ilﬂ plurality of data packets

including data packets containing timestamp data, the method comspflsmg(the )steps of:

receiving and buffering the data packets in a first buffer)]gt a chent]_ 36)
passing selected data packets from the first ng?rl_tp a seconc% :ngferl_at scheduled
times based on a comparison between a local clockLof the chentLand timestamp data

10 corresponding to the selected data packets; and

| (30)
passing the data in the second buffer to a data decoder“'_g;_tke clienii.

2. A method as claimed in claim 1, including monitoxz’xigjt}xe fullness of the second buffe(??__ﬁ
to derive a drift rate, and adjusting the client local clock[b?s?d on the derived drift rate.

15
3. A method as claimed in claim 1 or 2, wherein the scheduled time is determined by a
substantially zero difference between the value of a said timestamp data corresponding to the

(35)
selected data packets and a clock counter from the client local cloclr‘

20 4. A method as claimed. in claim 2, wherein the drift rate is derived according to:
r=(p2-ph)/T
where: r is the derived drift rate, and
P2 and pl are two corresponding buffer positions for a given period of
time 7.
25
5. A method for clock variation compensation in a real-time audio/visual system ir(ngv&x%ch

encoded A/V data in a plurality of data packets are delivered to at least one clientLover a
(20) 10 . . . .

networkarom a server \_t a substantially constant bit rate, said plurality of data packets

including data packets containing timestamp data, the method comprising the steps of:

(30
30 receiving and buffering the data packets in a dejitterin; E buffer iat a 51 (30)
passing selected data packets from the dejittering buff: to a decodert)f the chentL



15 server (1X0) to said client (30) over SEWW accordance
with he Areal-tinme 3 NT §i F¢in coupl ed to
receive dgﬁ@'ﬂhﬂ"ﬁﬁ“uﬁﬂm network (20) fijol AV decodimgiby an A/V
decoder, t LE Ty I ng a clock varilatli op7onypemgat { op system
conprising: 20 a dejitter buffep (33) [for recelvingfand storing
packets of data fromthe network (20)% a iﬁl\,in ortzat+er-buffer (36) for
feeding data for decoding to the A/V decoger (37) a decoder{system cl ock
(35) and a b r. data flow controlle Tor _ContTorti ) of

f f (41 ( {
sel ect ed ﬁ%ﬂ‘%&éﬁ&? Shon # EOTRaTIseR é? f 9?°°P§f§) Syftﬁmtz‘gﬁ : Sﬁgﬁ @;&éﬁh on
' : ' i rst si gha errve
buffer ( %eétﬁnﬁ%ﬁrmdmﬁlgl?%f E’gf]bgéd ity ggénkg&é IS g

fromthe decoder systemcl oc a se ignal derived froma
timestanp fromthe sel ected data packets. 11. A systemas clainmed in

[ f h L nel udi k_adj.ust t .control led to .
roni tor 6 meastieted ph aitd niidig, Tahudig Honsogp e rssfi?ﬁfs%g;ﬁwa?emg
dejittes RiFfedubf &‘e}&ﬁle(égglgclé ?ﬁ%%gﬁ@:ﬁﬁmwe&ﬁé us?ﬁ’téﬁle{lb J didh e oW

adj ust nent thereof base _ ness neasurenent.
derived drift rate and a network jitter component.

7. A method as claimed in claim 6, wherein said network jitter component is based on
packet interarrival jitter information.

10
8. A method as claimed in claim 6, wherein said neiwork jitter component is derived in
accordance with the IETF Real-time Transport Protocol (RTf).

9. (Ammethod as ?lgi.ali)ed in claim 52, wherein the data packets are transmitted from said
15 serverEo said clientl?ver said networkLm accordance with the RTP protocol.
(20)
10. A real-time audio/visual system coupled to receive data packets over a networkaor
A/V decoding by an A/V decoder, the system including a clock variation compensation
system comprising: -
Y PSIE  (33) (20)
20 a dejitter buffer]_for rece}vgxé% and storing packets of data from the ne(tgr%kﬁ .
a synchronization buffe?rgf?fceding data for decoding to the A/V dec&iérk
a decoder system clockf_and (41)
a buffer dat?3f§o;n controlle_rE‘or controllix(l%télf passing of selected data packets from
the dejitter buffer]}o_ﬁle synchronization buffer{in accordance with a comparison of a first
: : ( . . .
25 signal derived from the decoder system clocl("a%g') a second signal derived from a timestamp

from the selected data packets.

11. A system as claimed in claim 10, further including a clock adjustment controller
coupled (tg 31'810nitor a measure of the fullness of one of the synchronization and dejitter
30 buffers]: and coupled to the decoder system clock to allow adjustment thereof based on the

buffer fullness measurement.



