0 7 JUN 2004 1 A METHOD OF SYNCHRONI SI NG THE REPLAY OF AUDI O DATA IN A
« NETWORK OF COVPUTERS 5 This invention relates to a method of synchrdhi dikgh
the replay of audio data in a network of conputers. Concomtant with the

i ncreaséd popularity of the Internet and intranets in recent years, there
has® been interest in conbining digital data transm ssion with voice and

ot her audi o program content, including Internet radio, internet 10

tel ephony, voice-mail, and unified nessaging. |n nmany busi nesses, such as
financi al dealing roons, each person has a networked conputer on their desk
in addition geaﬁﬁtﬁkﬁghone connected to a tel ecommuni cations system A
probl em ari se PESXNCGHR QN SING EHEREPICOY G ﬁm@'ﬂg'ﬁAﬂﬁf s

w T hi

sent simultaneously to a nunbei‘gﬂf h _networ ked conputers ear shot
15 of one another. The data is rwag&@pftﬁ@mm as a series of data

packets, which are reassenbled at the destination conmputer and replayed. It
Isinth nat ure_of such networks that the tinme taken for each data packet

to travel’ over t hEhis irsentiok relatds tba maéthgBor g‘f@h BBlihe d&RENd} NG, 0N a

nunber of fa&étgr.s suF‘g’ g;q?ow busy t he netg rk;ﬁ;@g@ tt’%g‘ipq?l’ﬂé".‘@di*ﬂus

nei ghbour i ng" tOMPALENEOERS @atputersi r 20 audio replay out of

synchroni sati on, ' : nnoying for the listener. Sone of the
QHPRERR It R Rcere

reasons for a | oss of synchr Ropuaritrefthenbptatmet and tritfaretsiacket s

from a sour cecdragreuny, there has BasitihRatd jent ), . take different routes
across the network, thus resulti nﬁ%%ﬁﬂé#@?ﬁ%ﬁéﬁ@“@ﬁﬂ@l%%ferent

clients and/¥o%cqansbother padiogirograte tontaht, &dﬂ'diﬂgmﬁé%ﬁ-é&i%suﬁ% jer) - even
s

i f packegps the sgnme route between rver and clrent, there would
be vari aPi Oﬁé@ﬁﬁ&gﬁﬁo\}%—mﬂq@ Yribied sgssaging Kn rhargcbasinesséd) etich as

uncont r ol | alfirantarde4lf r rection - clients need to enpl oy
protocol s to maxi m se t%%opgl' ?%H%?%%pehﬁa ’Bﬁf{”"é’rllf fanpater on their desk inwi t h

probl ens su@Aditiorptacktelephone cosmectedid PRI®bmmunications system.
A problem arises with such Systems when a message containing audio data
is sent simultaneously Lo a number of such networked computers within earshot
15  of one another. The data is sent over the network as a series of data packets,
which are reassembled at the destination computer and replayed. It is in the
nature of such networks that the time taken for each data packet to travel over the
network will be slightly different, depending on a number of factors such as how
busy the network is at that time. Thus neighbouring computers can get their
20 audio replay out of synchronisation, which can be annoying for the listener.
Some of the reasons for a loss of synchronisation are;-
1. Routing Variations - packets from a source (server) to a destination (client)
may take different routes across the network, thus resulting in different arrival

times at different clients and/or loss of packet order.

25 2. Timebase Errors (fitter) - even if packets travelled the same route between

server and client, there would be variations in arrival times due to network
load and other uncontrollable factors.

Error Correction - clients need to employ protocols to maximise the reliability
of data transmission to deal with problems such as packet loss, corruption of

30 data packets, and loss of order. These can involve further processing and



30 data packets, and |oss of order. These can involve further proceggi ng 10
+and 0 7 JUN 2004 2 possible retransm ssion, which result in delays which
exacerbate the above problenms. 4. Cient Hardware - different client

har dwar-e can cause a given packet to be processed at different speeds by
different clients. Also, different sound 5 processors may have calibration
errors resulting in up to 3% variation in playback speed. 5. dient
Software - different operating systens arg/ or system configuration

par amet er s andiossipitkiraAlhAsdn! WhidiTeRit H ddhysWhithid8caBhEtELbSRL Y
cause further“varrations 1n replay speed and ‘thus give rise to a lack of
10 synchroni satproblenfs. cl i ents within earshot of one another. An object of
the present invention is to mtigate this problem According to a the

i nvention t her Elient blagdwaeer- diffesentslientshardward candcause a igivengpacketsto bes

Met hods for achi eving, nul.ti part nchy.gni sation for real tjnme network
appl i cation ha\ﬁ’éo‘jt?éﬁ%l ?fe‘i'fr' %‘éaly*?‘fﬁ‘gbx ‘%&%rgﬁ?‘éﬁ?ﬁl.ts' I@gﬁ%\‘i]éé?re{‘h%g’.é‘ t hods
descri be 5YSt eholddsiinfdy R¥ealibhifioh Pttt AlsbithyPh GO PRYaARALN GF Al 2
single destination station or client. The preseht i‘nvention concerns a

di fferent problpdagbackbpeedf |ack of synchronisation where data froma

single sourc rives at a 20 plurality of neighbouring destination
stations or §| %@W—f\ésom afprentyrperating systems and Agirisystasvronéigyeation bed, by

f | ' f er. to th i ng. ti
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the invention, f@dhhél edtiRiohsth eplapspied@ndthadpa e 18 adhdkest - server

network, and Figure 3 shows a further client -server network, In conputer
net wor ksllusi ng spneironisatian of disntawithir earslsotpif ene andidberi ng rooms, there are
several forns of real time communications. They are:

-

An object of the present invention is to mitigate this problem.
According to a the invention there is provided a method as specified in the
claims.

15 Methods for achieving multiparty synchronisation for real time network
application have been described in US 5,682,384. However, these methods
describe systems in which data from a plurality of sources arrives at a single
destination station or client. The present invention concerns a different problem -
that of lack of synchronisation where data from a single source arrives at a

20  plurality of neighbouring destination stations or clients.

Embodiments of the invention will now be described, by way of example
only, with reference to the accompanying schematic drawings, in which:-
Figure 1 shows flow diagram of a method according to the invention,

25  Figure 2 shows a block diagram of a client-server network, and

Figure 3 shows a further client —server network,

In computer networks using audio data, such as for example in dealing

rooms, there are several forms of real time communications. They are:



0 7 JUN 2004 3 Broadcast - point to many sinplex conmunications, tBi7sJik2004
-typically used to transfer information - e.g. "Pepsi have bought 3 extra
bottling plants in the UK their share price is expected to go unchanged"
Intercom- typically point to point full duplex calls over anbient

speakers, though 5 typically the information is half duplex or question
and answer - e.g. "Wiat is the Dollar Franc rate?" or "Fred your visitor
is in reception?" Hoot and Holler - multigoint to nultipoint conference,

et 5, S o b B AR LS 1

conpany will wish to ®comunic

s bt LOe . |
the world ontranefesatformhationbiegCt Pegd hivé Eou.i@f@?%ﬁg%&?{lﬁ%‘bﬁ#é% ﬁ%?eeﬂl(abi ity

Al t hough todgl{e,nost of the communi‘cation I VOi C
to communi catfeifhage prige ikxpeited togonmahariged vi deo and associ ated dat a
(files, research, docunentation) is desirable. In order to inplenent

efficient cofrteriomat typisally SEnt fopoif EHEY difleX' 8K Vel Bmblen: SpEAGEATS, AN

Hoots to ionbi ne any i nconing voice and d

conbi ned 3t r Bgallydhe informetion éxlalf duplex oAquestivnirel Biswar DR NOMhat QR 0Ty

al l owi ng thi lonal Ly J, hown in Fiqure 2. This figure shows a

net wor k back@gygpgéi)“,craﬁzhgﬁsﬁ’?ary"é‘ié{ﬁb@éls&ﬁrE‘teﬂ?@Pné'f cable, coupled to a
plurality owaorks ation conputers (6) and a server (7). This is a typical
exanpl e 20 of O &nd élalles s myatipaing o rudtipoiet cotiferensejohherenghittnforiRhogy | t
woul d be nor : i tp have .the server (7) control the data traffic
in an anal og%?se m\é‘égg‘%m&c’%EEdOi’&ﬁMW%P@ﬂalﬁggﬂyz)a company wilkwiplvte 1, with

t he wor kst at ¢canme@idatibarns a WG il I us to,the tel ephones
(3) in Figure, 1. To gener at?gaen nput tlgteggﬁ%gg‘#g‘gg}ﬂg\é\ﬁér?"e%ﬁﬁ‘ﬁg hoot in
a systerﬁ s %ﬂ’]%oﬁusmtﬁiigﬂ}yqarﬁduemmécpush to tal k" voice data stream
(and any video or other data) is routed fromthe workstation to the

5\2: \@{ y Y\ancszh .’E!_Egmlstl;dri%iriﬁ)???‘/&né‘st of e diRuiRAtion ¥ Gfph UEREOhE, Rfeedef i ned
ability to communicate with the addition of real time video and associated data
(files, research, documentation) is desirable.
In order to implement efficient communications a central sever is used with
15 Broadcasts and Hoots to combine any incoming voice and data streams and
routes the combined streams to intended recipients. An example of a network
topology allowing this functionality is shown in Figure 2. This figure shows a
network backbone (5), such as for example an Ethernet cable, coupled to a
plurality of workstation computers (6) and a server (7). This is a typical example
20  ofa client-server architecture. With such a network topology it would be normal
practice to have the server (7) control the data traffic in an analogous way to the
central exchange (2) shown in Figure 1, with the workstation computers (6) acting
in an analogous way to the telephones (3) in Figure 1.
To generate an input to a broadcast or an existing hoot in a system as
25 showninFigure 2, each “push to talk” voice data stream (and any video or other
data) is routed from the workstation to the server, which then broadcasts a
combined hoot voice stream to predefined workstations. The server can
conveniently store the combined stream for later replay.
In one example of such a system, described in our co-pending patent

30 application number GB 9916871.8, the communication system has a first server



conveniently store the conbined streamfor later replay. In one exagyl &Nk
.such a system described in our co-pending patent 30 application nunber GB
9916871.8, the comunication systemhas a first server 0 7 JUN 2004 4
function that keeps track of perm ssions and usage and a second server
function that conbines voice streans or other data streans for broadcast
and which provides storage neans for storing the sane data streans. The
system al so conprises a plurality of workstation conputers each of which

exchanges dafupcB6n thdtlkGet ith the first server function, but
whi ch sends the int efé%ﬁ?ﬁf%‘?%ﬂ#?@%ﬁq%ﬂapg&ﬁage #Rd agecapdserverduratian | on

conput er. Edibat cambsieatvoite stredmp ot Sthel A&l AR5 f or
storing the Ii%rtr(l)g;gie'%om voi ce streamfor that par ?P%Bﬂ%g&%\%?ﬂ%%n such

t hat thedfi {& \ﬁté‘l?rag?mﬁah@forisgor?tg ﬂlelesbhxg dalfa k@mnt s.trti-.ggystt@{ﬁ‘ 4158 e(rjcom t
usage and s Jen .arrange for playback at any aut hori sed poin
of any i ntercor?# nsgegsaéégfﬁﬂgh"iO?@aW%E%Eﬁ%’éh@éwfﬁdm:tchengesdma/obe
conbi ned 5i n it intddebiB HREY Wi Y i de separate servers.
‘Figure 3 show:;1 such a sgsté%t;ﬁ% ﬂgﬁisgﬁﬁ%o éﬂsoélrelééj%hl?ﬁé{ﬂﬂ@%&'e%?f%ﬂbi ned in
a singl e ser\nae stie@)m difectly Rethe @thdrasorksgbh céﬁ%ht{%’(‘k&éh Jvﬁrl%%hﬁ\at ed to

uc e

store broadcast nessages including audi o data as vol ce.
wor kst at i on<OMPyter ingludes datpasterage dagans Somstering e ihedresrh VoG tiedbEfos OM

messages in ' ' ta such as voige. It is within the scope of the
present invgh%%g@ri gé’%&ﬁ%ﬁ?%ﬁgﬁ?ﬁ?ﬂtﬁ?é’%ﬁ@ﬁ’éfﬁﬁyh@bmﬁothtaibtﬂtodcfeepts own
out goi ng andrdeh@fﬁﬂxt@&dn@h%éé@ﬂ%@e edyce st orage

requi renments, the two data Streans r’%‘%‘gﬁgg‘aﬁgﬁaﬁgﬁm qﬁeba&&ziﬁﬁqﬁ by summ ng
the two hadiérerisedpoinoofiany intercom wiesesed The firs! and %@ dAor W fAhAGIT OF M5

of conpression roprigte for the type of data. The system i nplenents
br oadcast s éﬁ%}' ﬁ‘gg‘?rggg?af‘ﬁlalséﬂ@?SW%%WY&!EHOVM@,{EPMemm er (12)

authorised to se vides data to a, routing server (10),
Gsual 1y in the f oreP HarA St H Ry uA, e B futetve uncionsncambined a
singl e’ audi én datrgleserean(la). Thiwsesedrieh a pii Q1) WARH iS SGS A H81

broadcast messages induding audio data such as voice. The workstations (12)

15  each have a data store (14) for storing intercom messages including audio data
such as voice. It is within the scope of the present invention for each workstation
to store any combination of its own outgoing and incoming intercom data
streams. To reduce storage requirements, the two data streams may be combined,
for example by summing the two channels and storing this summed data, or by

20 using other forms of compression appropriate for the type of data.

The system implements broadcasts and hoots as follows. A person ata
workstation computer (12) authorised to send such a message provides data to a
routing server (10), usually in the form of data packets. These packets are
combined into a single audio data stream at the server, which then sends the data

25 stream out to a given subset of the workstations as a broadcast message, and
stores this data in part 11. The broadcast message is then replayed by all the
workstations participating in that particular hoot.

An example of an embodiment of a method according to the present
invention is shown schematically in the flow diagram of Figure 1. The following

30  discussion assumes that data corresponding to voice messages is sent in variable

sized packets. The packets received at the destination station are identical to those



25 streamout to a given subset of the workstations as a broadcast sm
.and  stores this data in part 11. The broadcast nessage is then repldy QA
all the workstations participating in that particular hoot. An exanple of

an enbodi ment of a nethod according to the present invention is shown
schematically in the flow diagramof Figure 1. The following 30 discussion
assunes that data corresponding to voice nessages is sent in variable sized
packets. The packets received at the destgnation station are identical to

those 0 7 JUdnP6&0dn fh station nd, t he packets are
received in the sane eofﬁgée %télm\ﬁhtaﬁgﬁﬁfﬁée@(%&arr TReEhte: IPfth%\ﬂV“%Pr‘ﬂﬂéBe

condi ti ons awhichdheymtere keravif ah?@hﬂ{eﬁélé&ldiﬁéﬁbﬁ%,%;ﬁmeﬁ%%h ini M se voice
oC e

|l oss. Block 20 .denotes the start of the process. Ufdcei vi ng
*a voice 5 p@@l@@tewloae‘éé%mmlmmlselzﬂss.on over a network. Block 22 denotes

deci di ng whet her ei.ved voi ce, packet is the first of a voice spurt
(i.e. the first F)Bg.é%}i%dlgn i @’Srfffﬁég?ﬁ R Papceshdlprietledrnwtenreneimingni vaice

packet s) .5 | fpacket # af d@tihhf t ning the . tjime jt_ was
recei ved as % he "start i Fd;lrgﬁ ?tagkﬁgﬁeﬁn%?é@&%nglﬁri‘qqfﬁs aH%‘ElWSrW ¢tBer;oi ce

packet has dh¢ Fecsivest vaibepacketistthelfitst GPa voice WPEENEE, thi il pafkdidh§ of early.
If it arrives_ at .the expected tinme, or is the first packet of a voice

sEurt §1 recegiﬂe%OWWeO r&FqudiquaV@ih%Paétahgklfﬁ(js d?a;}ﬁ)ﬁs@ﬂ%@dblj nlg, EOB )
that the p i t soun ayj,ng, device (denoted by Bl ock 31
with a predet gﬁer%s?loe%%e eat?/m%‘ E}Sr”easarle{:eé?’g‘{ ﬁ%thestsh’irf tiereBlock 24 derotéeci si on at

Bl ock 24 is debigting wtheltast thOVoRE bh i Bl ock 25 denotes
deci di nqpvvhe_t er $|5t has 15 arri ?E/)eggeﬁgtggeer‘ sﬁ?v%n@ﬁgé’?p%g&ff%f‘e’e‘grw e &hown

as d<0) ‘thar® @ipereasly. If it artivisas the wipeeddanne,iclis tHeasEIREEE 5h vbibe 2
conventi onalg.replay. syst Lt would [ust be delayed for a bit Yonger
before repl % ﬁlf)?%{y zatgﬂgé K S g" ti\gn Plockiddenptes waiting sotthakthef or t he
oot .o EanEiogth i £ARet 1880 2ol BkFeed Rk PRPR0 host ot | on
stations woPredeterminedelelzyytimg afterthedistet Binedi IF 16F Risidh FEBlock P4 Rt

it has not arrived at the expected time, Block 25 denotes deciding whether it has

15 arrived later (shown as d>0) or earlier (shown as d<0) than expected.

If it has arrived earlier than expected, in a conventional replay system it
would just be delayed for a bit longer before replay. However, one possibility is
that the “start time” for the destination station being considered was later than its
neighbours due to routing or other delays. Under such conditions, neighbouring

20 destination stations would start replaying the voice at different times. In the
present invention, Block 27 denotes determining a corrected “start time”, either
by subtracting the amount of time by which the voice packet has arrived earlier
than expected from the original “start time”, or by calculating a mean or average
“start time” to be used in place of the original “start time”.

25 If the voice packet has arrived later than expected, but before it should be
played, then it is placed in the queue with a shorter delay time. If the mean or
average “start time” is being used rather than the minimum time, it must be
recalculated, taking into account this longer arrival time. If a voice packet arrives
later than it should have been played it is ignored. The travel times of packets

30  arriving so late are not used to calculate the average travel time. It is important to

have a sufficiently long delay that not many packets are ignored in this way.



present invention, Block 27 denotes deternining a corrected "start &N 2004
.either by subtracting the amount of time by which the voi ce packet has
arrived earlier than expected fromthe original "start tine", or by

cal cul ating a nean or average "start time" to be used in place of the
original "start tinme". 25 If the voice packet has arrived later than
expected, but before it should be played, then it is placed in the queue
with a shorter delay tinme. If the mean org average "start time" is being

used rather han They koI oFEd | FIRSbtE G SBiEil ket haigRg 110

account this longer arrival tine. a vol ce packet arrves han it

shoul d have tepday deviyedBlodk 265déraney dutiding) Qpbh et té BB thidslipys 30
arriving so |ate are not used to calculate the average travel tinme. It is

i nport ant t oPeqPERRS enptyrafiveicerdats (sometimps kapwiirstanandersoige parditivs). ar e
i din th Y 7 JUN.2m,6 . T i data t d i FI FO

onored 0 w8l LANS (TiboLce e b siored T2 FiTO
deci di ng 51poBeghalf thebeier b aBt éﬁg@,%};ﬁs&b&?ﬂ?&gﬁggﬁ%@%t Phfifarlft 2

(someti mes known as an undervol ce “‘cond notes resetting

the start tieeerdimvihihathgppens, 8lovk\@8\denotes 2eubvingtexteddaide. datd. THage fvef f er
is not enpty, it is possible that it n‘i_(%ht becone too full and over flow.
[

1t
Lf t haz hﬁppmv,mﬁ‘é@qu_? f@l‘éﬁ@tf@fff;ﬂsrt?l@ afly, suchasgemaving slkenges cjjﬁ;dny;‘ngr e
nown techni f0 rfor.mn i sk s as _renovi ng sijences or
pl ayi ng theﬂ'}\%g‘l?bééee ((ﬁ)aatggasft%slf‘&giW?'}A?&filﬁﬂé‘?‘géqwg SANRISENIET 85t he sane

meani Nngs as bémfore. 10 Apparatus for putting the present invention into
ef fect can conprise a suitably progranmed general purpose conputer,

i ncl udi ntf a soundAppattis fooiprugting thetpreseni irprention dnto. effdbedant doenprseraage
travel tinme | sgag)i’iéng? cal culcﬁt ed, it is necesary_tcl) di sregard very large
travel tinmesS# PIRezamnedgenssal RygpaseroanRtitet gl udinga sownggaed ar ather 15

distort the SHBIPSIRpuP martN 2004

When the average travel time is being calculated, it is necesary to disregard

very large travel times associated with lost data packets which would otherwise
15  distort the average.



7 CLAIMS 1. A nmethod of synchronising the replay of audio data sent ?JU 2004
-data packets in a 5 network of conputers, the audi o data being sent O#\g
source station to a plurality of destination stations w thin earshot of one
anot her; each data packet setting out fromthe source station to
respective destination stations at substantially the sanme tinme, each
packet taking a travel tine to reach its destination station, the travel
times having a substantially random distribution 10 over a range of tines,
the nethod including determ ning the average travel tinme of a packet, and
providing a delay between the tinme a given packet is sent and its replay,
the del ay being adapted such that it cegpqgasmgends to a tine equal to said
average travel time plus a constant tine. 2. A nethod of synchronising the
replay of audio data sent as data packets in a 15 network of conputers,
t he audio daé ageln se froma soyrce station tp a plurality_ of

t

desti nati on WH@&F‘% freplag ok Audipetata septrasdatapagksisiia

setting ogt fr v tination stations at
substanti 3l 1y t g‘*’ézlfréPt“rﬁéuf%t%%t@M&ﬁf%‘i% S peP St atoeaach s
destination st asluedlitylofdlesiritidh stdtivns vttaﬁhrégrsﬁo%ﬁsﬂemthenemate range of
20 tinmes, the method including determining the mninmumtravel tinme of a

packet, and prpadket sejtiag det gmithe sewrce stationitarespedivedestimakion stationeat and

its repl ay, the deI ay I ng adapted to vary such that it corresponds to a
time equal to WHY%?W%\U@ENE‘%% gfdaking giEavehtimeq togreach itsn et hod

as claimed in aa%xplsﬁgﬁgtg&gn, %@I&H@M@t fhvibBe flbs d&tﬁ&tg} L Hudrs d mﬁ%ﬁrml

di stribution. as almed 1n any prece armin

delay tifd® is owfdrahgebt ﬁnﬂeﬁtrtﬁehwmaﬂt&hﬁ:lm aéﬁrmﬁﬁhgttﬁe hverhgy gaelr i ved
at the destination station before the value of the delay and/or aver age

travel tinme andime of gipacketnand prasiidingraeddlay betmisen the ige a given packet is sent
and its replay, the delay being adapted such that it corresponds to a time equal
to said average travel time plus a constant time.
2. A method of synchronising the replay of audio data sent as data packetsin a
15 network of computers, the audio data being sent from a source station to a
plurality of destination stations within earshot of one another, each data
packet setting out from the source station to respective destination stations at
substantally the same time, each packet taking a travel time to reach its
destination station, the travel times having a distribution over a range of
- 20 times, the method including determining the minimum travel time of a packet,
and providing a delay between the time a given packet is sent and its replay,
the delay being adapted to vary such that it corresponds to a time equal to
said minimum travel time plus a constant time.
3. A method as claimed in any preceding claim in which the distribution is a
25 normal distribution.
4. A method as claimed in any preceding claim in which the delay time is
sufficiently long for several data packets to have arrived at the destination
station before the value of the delay and/or average travel time and/or

mirnimum travel Hme is computed.
30



