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TI M NG FOR CONTROLLI NG BANDW DTH Field of the Invention The invention

rel ates twoasmetshod and systemfor timng the transm ssi®@TaBoxmbe packets
froma sender device to one or nore receiving devices, for achieving
bandw dt h control. Background of the Invention In perform ng data

transm ssion using various nedia such as cable, telephone |ine, satellite
conmuni cation, etc., it is conventional for the data to be sent from one
device to other devices. The data is first fragmented, or segnmented, into
packets and then the packets transmtted, or broadcast. The term "packet"
is used to indicate a sequence of bytes and represents the snallest unit
of transm ssion and reception. Hereafter, a "device" is defined as a

hardware el ement WIETHOD ANDEESTENPORDATAIPARLKETO! receiving and/ or
transm tting 161 ASAS : KRETR NTRE ' ' e conputers,
GPRS nobi | e ROR TN ofeco : b /1 B03/ 00993 The
term"content", as used herein, indicates data that is segnented into a
seqéjience of packets. The data contained within the content could be a file,

or lgld obtheinvientionpart of a data stream or any collection of data. The
content can

The invention relates to a method and system for timing the
transmission of data packets from a sender device to one or more receiving

devices, for achieving bandwidth control.

Background of the Invention

In performing data transmission using various media such as cable,
telephone line, satellite communication, etc., it is conventional for the data to be
sent from one device to other devices. The data is first fragmented, or segmented,
into packets and then the packets transmitted, or broadcast. The term “packet” is
used to indicate a sequence of bytes and represents the smallest unit of
transmission and reception. Hereafter, a “device” is defined as a hardware element
with a software component capable of receiving and/or transmitting data packets.
Examples of such devices include computers, GPRS mobile phones and network

equipment.



be of pure data, or audio and video data streams, or of any conbination.
The <content is sent in sequentially transmtted packets from a sender

devi ce t owonme/ess61 nore recei ving devi ces. The sendi ng andPceaBomiopgs devi ces
typical l.Ly run software prograns, whose purpose at the sender device is to
fragment the content to be sent into packets, and at t he recei ver device
to reassenbl anet received inta . Qri cont ent andw dth is
dof | ned a5t REYALRR: COP gL oot Hard ERHBe M oATER A A dn S0 Bes e ol = 1 n &
given tine frame, for exa Ie 10 Mops élo mllion bits per second).

Essiefe aaqelqyenpﬁ@ nackeke dpediptaiconteined avishinstiegtontenacould be pefilspeed at
which data is sent fromthe sending device to the receiving devices. Each

t r agyspart loif Qfilc Parvong diys iserBahgSomame cbiedtidrofidatd. n Teapdviteht yah hat i s
defined by various factors, such as the type of nedia used for the
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dat a exanpl e road and medi um h a arge W dt h
capability than a tele ne line, Various es rotocols are used to
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considered to be "unreliable", herein neaning any transm ssion prot ocol
t hanops medeildpglbstcast.f ort del i very of packets, 2 WD 03/065661
PCT/ 1 B03/ 00993 and in particular, does not perform automatic
re-transm ssiphe @bndifgtarR ree@ivingdRYices typically run software programs,
whose purpose at the sender device is to fragment the content to be sent into
packets, and at the receiver device to reassemble the packets received into the
original content.

Bandwidth is defined as the amount of data that can be transmitted
over the media in a givén time frame, for example, 10 Mbps (10 million bits per
second). Essentially, this is the speed of the transmission, that is, the speed at
which data is sent from the sending device to the receiving devices. Each
transmitting-receiving system has a certain bandwidth capability that is defined by
various factors, such as the type of media used for the transmission and equipment
used for transmission and reception of the data. For example, a broadband cable
medium has a larger bandwidth capability than a telephone line.

Various types of protocols are used to transmit the data packets

forming the content. Some protocols may be considered to be “unreliable”, herein

meaning any transmission protocol that provides best-effort delivery of packets,



packets. Exanples of "unreliable" protocols currently in comon use include
uni cast and multicast User Datagram Protocol (UDP), ATM Adaption Layer
(AAL) Tywex3dBssk6and 5 in non-assured transm ssion node, ARophBTEI0kIIDDP

dat agrans, and unicast and broadcast MPEG 2 transport streanms. Often, data
frg_mdnl‘:ferent f:les :cs to be transmtted at the sane tinme over the sane
nmedi a. For example, if a particular systemhas a 10 S bandw dt h
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transmtted at the sane tine in separate streans, for exanple, each stream
of BacKdeps Elxamplésioh.”uhrelishid “oprotecteeucieatlyadpplansaioinowss insbrde ons of t he
avai l able bandwi dth of a given nedia are sold or licensed to different
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low as possible. Increasing reliability at the receiving device inplies
useunitast and)breadesissiNREGoAtrapispert strR@Mbandwi dth at the sending devi ce,
especi all'y for broadband applications. In general, the bandw dth usage of a
broadcast apppFet idafa ifrors eliffeiepd file sotodb @ grans mittedartkthlecsatin@tidne peed,
[I_ﬁased bandw dt h capacity, and processing speed of the receiving device.
e 0angw dt . gl logated d\8imAedir i PatticdiiBy3te@hdsSa 1D Mbps
bandwidth transmission capability, the packets of two different contents can be
transmitted at the same time in separate streams, for example, each stream of 5
Mbps bandwidth. In various commercial applications, portions of the available
bandwidth of a given media are sold or licensed to different customers for use at
the same time.
Some applications require that packets are to be received in a regular
and timely fashion, for example, for audio and video transmissions in which it is
important that the jitter (i.e., the amount of variation in the end-to-end packet
transit time) is kept as low as possible. Increasing reliability at the receiving device
implies use of a high precision control of the bandwidth at the sending device,
especially for broadband applications.
In general, the bandwidth usage of a broadcast application is selected

according to network load and speed, leased bandwidth capacity, and processing

speed of the receiving device. The bandwidth allocated for a given transmission is



WO 03/ 065661 PCT/1B03/00993 hereafter referred to as the "target

bandwi dt h". During the transm ssion, the actual bandw dth used can vary
rel ati ve wo mlesesel ect ed target bandw dth. As the broadca®cTiiBéz®Ig ace,

t he bandwi dth varies and can be neasured at any tinme. "The instantaneous”
bandwi dth is the bandwi dth neasured in the shortest nmeasurable tinme. For
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of data transferred in that tinme frame (in this case 1 second) by that
ti nRandwikth yisedgan paryaeiaiste i thenselestpdeiargetabangwidiber age (or mean)
bandwi dth". This is the total anmount of data transmtted during a

transm ssi on As\thdddobycdsretakes prwi sis¢ bandwiath vaviesThed cahrMe " nean
bandw dt h" and "average bandw dth" are wused interchangeably herein. Since
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between the start of transm ssion of successive packets. e wait time

bet ween packets is related to.the bandw dth used during transm ssion of a
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mai ntaining a fixed packet size results in less data transmtted during a
gi veegutarlvechenkgdvatcmostopge per s¢aond thesistantanbous bangwidtihsie bandwi dt h
control, various problens can arise. Basically, there are three different

sceg@hpated PRidiGahgCHESguaidydfedath ltrartdferradan aagt Biatdmwhafid(ih ghisoo hi gh
relative to the target bandw dth
case 1 second) by that time interval.

The broadcast of the content has an “average (or mean) bandwidth”.
This is the total amount of data transmitted during a transmission divided by the
transmission duration. The terms “mean bandwidth” and “average bandwidth” are
used interchangeably herein.

Since the content is transmitted in packets, there is a pause, or wait
time, between the start of transmission of successive packets. The wait time
between packets is related to the bandwidth used during transmission of a content.
For example, increasing the wait time between packets while maintaining a fixed
packet size results in less data transmitted during a given time, and vice versa.

If data is sent without a precise bandwidth control, various problems
can arise. Basically, there are three different scenarios that can cause trouble:

(1) the average bandwidth is too high relative to the target bandwidth

value;



val ue; 4 WO 03/065661 PCT/I1B03/00993 (2) the average bandwi dth is too | ow
relative to the target bandwi dth value; (3) the average bandwi dth is
equal , orwoesgwessbpse, to the target bandw dth, but the i mstranezmesus
bandw dt-h val ues neasured during the transm ssion are different fromthe
target bandw dth This type of transmssion is hereafter referred to as
heterogeneous ., contains ks. The probl.ens used by the different
scenari os des gl) Wda\é?fagﬁ W'aﬂ?/ésrgoéﬂ V%f?léeyedpftﬁgrtémety 8”?5 and
structures of the systemthat receive the data, such as routing and
switaténg devices and the destination receiver devices. This is described
below. (1) Sending data packets too fast. Broadcasting of the data at a

speed above t® ttREGRlerdPBRhEMUHSY lquNl, TerSHEry Tldde, tebieatargatl  packet
Iosses Loss of packets reduces the integrity of the data transnission.
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can affect encapsulators if data i sent to a satellite uplink. Here,
entiraRsMyissiafsarss 'ﬁ&é%’é&%’oﬁhﬂ“%@’%’épa“d\‘ﬂ'qthe Th'éctypﬁmgtrm@él%\i i§e, packet
reassenbly can be difficult if the hardware or application program

pr deeresftagréfemed aceas hetedlagenecusndte. dewmitgimsdpéaks. an i ncom ng

The problems caused by the different scenarios described above can
adversely affect different components and structures of the system that receive the
data, such as routing and switching devices and the destination receiver devices.
This is described below.

(1) Sending data packets too fast. Broadcasting of the data at a

speed above the target bandwidth usually results in substantial packet losses. Loss
of packets reduces the integrity of the data transmission. Also, too high a
transmission speed can cause congestion if routing devices are not able to buffer
the incoming data stream. The same problem can affect encapsulators if data is
sent to a satellite uplink. Here, entire series of packets can be lost. At the
receiving device side, packet reassembly can be difficult if the hardware or
application program processing the received data is not designed for an incoming
data stream speed higher than the bandwidth mean (average) value. Moreover, a

local area network (LAN) to which the receiving devices are connected can



data stream speed hi gher than the bandw dth nean (average) val ue. Moreover,
a local area network (LAN) to which the receiving devices are connected
can 5 WO W8/088&661L PCT/ | B0O3/ 00993 experience congesti on PCTABOX00843f i C
buffering mechanismis provided between the data transmtter and the

recei ving devices. (2) Sending data packets too slow |If the packets are
transmtted at a speed |lower than the specified target bandw dih, no

| 0SeXRErtENCEAONIEEHRBE NodRRfilcdowféering B1acoAREM sBiRNjded betyespiPee waste is
caused, especially if the connection between the data transmtter and

I eceatal tignshaitteresnd thepeoeivdiagdiewices. bandwi dt h usage basis instead of on a
transmtted data anmount basis. Al so, audio and video streaming quality can

be affected if)t h?’??ﬁ@ﬁb}’dé}g ;_%_&Iﬂ(@tsr A Pslody .t POtHPPacketb @re itFanshil&efiecei ved
sound and vi deo w ; | ed, or otherwise distorted (3)
Peaks in b
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the data streamw || be free of problens. For exanple, there can be
banshvuldibe exprgensedksHawexnr 4 resoanee WASEe ds paaﬁ&' espiesipllyAf ghe if the
packets are not honogeneously distributed during the transmssion, i.e., a

f ai Ebyn&@bH BétiwddriTthe B8ta\BaRAsiNGesaed essHiviaghskedssis packasedbnst eri ng
occurs that causes an increase or decrease of the bandwi dth used at a

gi Vgann(iiv'?/lsc}tﬁn\}s’agter};assisbﬁwisqga& %? oinngtn%%ﬁ‘ﬁﬁgb'%ata amount basis. Also, audio
and video streaming quality can be affected if the receiving data rate is too low.
That is, the received sound and video will be intermittent, garbled, or otherwise

distorted

(3) Peaks in bandwidth usage. Even when the average output

transmission bandwidth is close to the target bandwidth does not always guarantee
that the data stream will be free of problems. For example, there can be bandwidth
usage peaks at any instant during transmission. Also, if the packets are not
homogeneously distributed during the transmission, i.e., a fairly constant time
between the successive packets, packet clustering occurs that causes an increase
or decrease of the bandwidth used at a given instant, this being the instantaneous
bandwidth. As a result, the same problems described above for transmissions with
mean bandwidth higher or lower than the target bandwidth can arise, although the

adverse affects are experienced to a lesser degree.



bandw dth. As a result, the sane probl ens descri bed above for transm ssions
with nean bandw dth higher or |lower than the target bandw dth can ari se,
al t hough woe3edver se affects are experienced to a | esser pdegBp@an09B WO

03/ 065661 PCT/1B03/00993 Accordingly, it would be desirable to be able to
better control the bandw dth usage for the transm ssion of packets
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the transm ssion protocol is such so as to |nt ervene when a maxi mum val ue
banbawdivhithsisegededes tiansmissinotofi packeienentaitind @iy typerehFeR ¥ tisage i s
lower than the maxi mum O her existing solutions correct existing traffic

St r pAPB attERPts it§ sofve BHOUAGOUs proble®d discusskdaoveogpidally grfobdeeas caused
by senders wi thout i nbU| It trarfic control. Still other existing solutions
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al gorithm (Tanenbaum Conputer Networks, 3rd Edit 80, . P t
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streamusing an algorithmsuch as the "token bucket" al gorithm (Tanenbaum
p. B8Adwiddhi fagedsdowet ithan ofie eximunentQtber Existiogosalatiees wotract he
invention, it has been discovered that the bandw dth can be held nore
cl Og@ls¥ink dréFrilesttddifls | ARtis PARFANbisVidddietd SolvB&ongestion problems

caused by senders without inbuilt traffic control. Still other existing solutions

discard packets when buffer space is exceeded. Some of the solutions of this type

discard packets using an algorithm, such as the “leaky bucket” algorithm

(Tanenbaum, Computer Networks, 3" Edition, p. 380, Prentice Hall). Other

solutions permit a certain amount of burstiness in the output stream using an

algorithm such as the “token bucket” algorithm (Tanenbaum, p. 381).

Brief Description of the Invention

In accordance with the invention, it has been discovered that the
bandwidth can be held more closely to a desired target bandwidth value if the
pause (wait time) between the successive packets is properly selected and the
packets are transmitted using the selected wait time during the transmission of the

content. A novel method and system are provided that determines and maintains



pause (wait tine) between the successive packets is properly selected and
the packets are transmtted using the selected wait tinme during the

t ransm sswon3pésethe content. A novel method and system ar eCprbed/mess t hat
determ nes and maintains 7 WO 03/065661 PCT/1B03/00993 the wait tine

bet ween packets in response to selected input paraneters of desired target
bandwi dth and size of the packets. The nethod and system of the invention

opetft WaLlmeLRtN gery R%C'%fé?é” reFPONSeionta e4i§dJBRYE BRraMRtesRAiwieaed f or t he
transm ssion of content by controlling the pause, or wait tine, between

t hetgrgek bandwidthrenddsize oftthegrackass.part of the nethod and system a novel
al gorithm has been devel oped and is inplenented that relates the desired

size (P) of thRepRGkBHSarR sfsteANbeRbe 'ﬁrﬂ/et?ﬁlohré"ﬁlﬁ'mé t&HranSndt teaLELd tar get

bandwi dth (BT) by selecting and controlling the wait, or pause, tine pause

(tw th s SSIO of t ackets. inve tlon can .be
oD BT e L3P BarahgR ot fbfﬁanﬁrﬁ'sa'% of ePPIEM M ERRTEHNS of ¢ he

| nventl on, the precision of the bandwidth control is maxim zed by the use

of h?epwsaa@gtwaéétswtb@ﬁwwbéme prckataaf theidatagteram cAapaitiaftthe at t he

sendi ng device. This provides the best conpensation for wait time roundi ng

er roveshod and sysedral aatbvairaagbritant heé bebe deveRpledodhd IshienpBiientédrendiet ween

packets is cal cul ated based on a fixed packet size and target bandw dth.
relates the desired size (P) of the packets of a content to be transmitted to a
desired target bandwidth (Br) by selecting and controlling the wait, or pause, time
pause (tw), between the transmission of the packets. The invention can be
implemented in software and/or hardware.

In a preferred embodiment of the invention, the precision of the
bandwidth control is maximized by the use of the highest resolution clock or other
timing device available at the sending device. This provides the best compensation
for wait time rounding errors.

In a preferred embodiment of the invention, the wait time between
packets is calculated based on a fixed packet size and target bandwidth.

The invention does not require or use feedback from the receiver
devices. Therefore, it can be used for unicast, multicast and broadcast
transmissions and with simplex, half-duplex and full-duplex media.

As compared to the existing transmission problem solutions discussed

above, the invention causes data flow to tend towards target bandwidth,



The invention does not require or use feedback fromthe receiver devices.
Therefore, it can be used for unicast, nulticast and broadcast

transm sswons/oessdl Wi t h si nmpl ex, hal f-dupl ex and ful |l -dupl exTmBa/@993AS
conpared to the existing transm ssion problem sol utions di scussed above,
the invention causes data flowto tend towards target bandw dth, 8 WO
03/&)é605rg61mP /ilng’ro%/ 009%3 decr easi n%ii or increasing transm ssion speed as
nected&ry N9 ATJBCTPRINY HOBFTSHICN BPOYT AR NECPSFaTYe 257 Faf "E0E source so
that the outgoing traffic is snmoothly distributed and tends towards the
t ar@@t‘”@énﬂ@\ﬁm gontrak ahthe squreeispvdatitba oyigeingrraffisxisesrsoptitket s by

i ntroduci ng pauses between packets, blocking the sender until the next

pacdietribged @nldetentarenidrisdhandrgee \tRindiigaar BarpaekeleSinvBhien the present
invention maintains a constant bandw dth usage with mniml burstiness.
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present 1 nvention W | € apparent upon reference

foll ow ng specification and annexed drawings in which: Fig. 1 is a
scHRARser LN 537 ARXbPasKeyBrterhe HANERUNEAENE e ditcarippakelm: M)y 2 i's a
fl ow chart of the process;

the present invention maintains a constant bandwidth usage with minimal

burstiness.

Brief Description of the Drawings

Other objects and advantages of the present invention will become

more apparent upon reference to the following specification and annexed drawings

in which:

Fig. 1 is a schematic diagram of a system implementation of the
invention;

Fig. 2 is a flow chart of the process;

Fig. 3 is a flow chart showing the generation of various timing
functions;

Fig. 4 is a diagram showing percentage error relative to a specified
target bandwidth for an exemplary transmission bandwidth of up to 10 Mbps;
Fig. 5 is a diagram showing the percentage error relative to a specified

target bandwidth for an exemplary transmission bandwidth of above 100 Mbps;



Fig. 3is a flowchart showi ng the generation of various timng functions;
Fig. 4 is a diagram show ng percentage error relative to a specified

t arget bawodwsdédscf or an exenpl ary transm ssion bandw dt h eCTapoxmo®0 Mops;
Fig. 5 is a diagram show ng the percentage error relative to a specified
target bandw dth for an exenplary transm ssion bandw dth of above 100 Mps;
9 WO 03/ 065661 PCT/1B03/00993 Fig. 6 is a diagramshow ng the percentage
error rel ati vdgt 6 ia as@iegramsdhovwing gée Rﬁdﬁ@lﬁaﬁﬁrﬁffﬁrfebﬁi'\@(g?rﬁIS@W'f'ed

transm ssion bandwi dth of up to 1 Gops; Fig. 7 is a diagram show ng vari ous
ti n@rgetl wdrdvaiith §6r bateseaiplanatrkasdissiorg baBdingdth &1 opvtohtu@bpshowi ng an
alternate function for producing wait tine of a fixed val ue between the
start of sendi;pg i el L Qi gﬁgé jcation of the
function of i'g'. 73%’?#@% uciS\#g)v‘gﬁag%gusq@g%g%ggﬁisg%san%c anelfdsm Det ai | ed
Description of the Invention In the transm ssion of data packets, bandw dth
i's Itff;y defined as- the anobunt of data transmtted in a given tine
frame. Bandwi dth control refers to the capability to control the

bandwi dt h, i .fRg, 8tine flawechudrt shandng swi alterhete fungiticenforaproducingf wakt a. A
significant value to evaluate bandwi dth control quality is the

time of a fixed value between the start of sending of successive packets; and
Fig. 9 is a modification of the function of Fig. 8 introducing an error

compensation mechanism.

Detailed Description of the Invention

In the transmission of data packets, bandwidth is usually defined as
the amount of data transmitted in a given time frame. Bandwidth control refers to
the capability to control the bandwidth, i.e., the rate of transmission for a given
amount of data. A significant value to evaluate bandwidth control quality is the
mean (or average) bandwidth Bwm, that is, the arithmetic mean value about which
the actual transmission rate centers during the entire transmission. The target
bandwidth Br is defined as the needed (selected) bandwidth for a given content
transmission. In some cases, Br is an amount of bandwidth that is sold or leased to
a content producer by a broadcast facility.

If Br is known, the mean bandwidth Bm can be defined by the

following equation:

10



mean (or average) bandwi dth BM that is, the arithnmetic nean val ue about
which the actual transm ssion rate centers during the entire transm ssion.
The targewo obassdei dt h BT i s defined as the needed (sel ect ed)y/1beandvasdt h f or
a given.content transm ssion. In sone cases, BT is an anount of bandw dth
that is sold or leased to a content producer by a broadcast facility. If

BT i s known, e ne bandwi dt h, BM can be defined by the ,_fol].owin
equation: 10 %’o%/%g%%eﬁngﬁ €503/ 00993 (BT - S) < BM JEGB?“Q-%F)'Q’
(Equation 1-1) where BT = the target bandwidth BM = nmean bandwi dth s =
errohetg deviation of BMfrom BT The main goal of bandwidth control is to

mnimze the errors between BM and BT. To consider it from anot her

perspective, B i=SthéeaRettanUageterror of the nmean of the bandw dth
actually transmitted relative to the desired target bandw dth BT,

expressed in @@rchﬂéglg%akgmthas: E= E 100% (Equation 1-2) BT It is also
i nportant to consider the anobunt of data transmitted in a

g = error or deviation of Bm from Br
The main goal of bandwidth control is to minimize the error € between Bm and Br.
To consider it from another perspective, E is the percentage error of the mean of
the bandwidth actually transmitted relative to the desired target bandwidth Br,

expressed in percentage terms as:

E=-.100% (Equation 1-2)

Br

It is also important to consider the amount of data transmitted in a
fixed time window smaller than the time needed for the transmission of a complete
content, that is, the instantaneous bandwidth, and to compare this value during the
entire content transmission with the target bandwidth. This is necessary because if
the instantaneous bandwidth values are largely different from the target bandwidth,
the data transfer rate is oscillating, that is, the transmission is heterogeneous. This
can happen even if the mean bandwidth Bw is equal or very near to the target
bandwidth Br.

This heterogeneity in the bandwidth usage can be very difficult to

manage at the receiving end, for routers and other routing devices, especially where

11



fixed tinme window smaller than the tine needed for the transm ssion of a
conplete content, that is, the instantaneous bandw dth, and to conpare
this val wodansssgi t he entire content transm ssion wth tireTIBOIYBYI3

bandwi dth. This is necessary because if the instantaneous bandw dt h val ues
are largely different fromthe target bandwi dth, the data transfer rate is

OS Cirlel Aol 14rgat biaﬁdvx}igﬁ}]BF FAREF 8h8tanhob BetdRIRABAYE . TIH the &% happen
even if the nean bandw dth BM1s equal or very near to tgne t ar get

bandw dt h BT. Thhg gaeher%%elpei in.the bandw dt h usage can be very

di 9% CaPTMS§'OhBhAGE QY S TRUEMVINRF'UNY, for routers and ot her routing
devi ces, especially where 11 WO 03/065661 PCT/|1B03/00993 the allowed

t ar get bandwi At l§oBFtang " fhaxdavidtt cembedhepeeticatiy¥cqttgined. i) the idiffereacease  of
transm ssion of data by satellite transm ssions. A "constant” bandw dth can

be bHéemedt ihedinkyarbhabneBahfiwidie hédseirenoea thratviesmetAte, amstisntageous
bandwi dth (neasured in a tinme frame At), and the target bandw dth BT tends

t i@t | g Lt i 55 - 8) < B[t,t+ot]
< (B Bobfls ko W40 o e AR G BanoPiBiod TueElo 0 (Searte 1

<tend, and where ¢tstart : transnission start tine; te o tra 1 SSi on
end tine; (Br — g) <Bitt+an <(ET +r3 &%uatlon P%s’n

with € and At tending to zero, and
tstan < t <tend, and where
tsart : transmission start time;
tend : transmission end time;
At : measurement time frame, which must be less than the transmission duration;
Bit+au ¢ instantaneous bandwidth B measured in the interval included between
tand t + At.
The above is only a theoretical situation, not reproducible in the real world.
Nevertheless, the bandwidth control described here is designed to approach as near
as possible to this ideal solution, using the maximum precision supported by the
sending device.

Another parameter that can be considered is the transmission
burstiness, defined as:

B peak

(Equation 1-4)

Burstiness =
Bum
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At : measurenent tine frame, which nust be |ess than the transm ssion

duration; B[t,t+ot] : instantaneous bandwi dth B neasured in the interval
i ncl uded wetoamess6t and t + At. The above is only a theoreticaaBozgiobesat i on,
not reproducible in the real world. Nevertheless, the bandw dth control
described here is designed to approach as near as possible to this ideal

SOl WHep8 BulisitRE rhégn BRXHIERLEE P SBAUIRENDYard B,.. S8 MHE Mg ey ce.
Anot her paraneter that can be considered is the transm ssion burstiness,

perpl B PBoBtE andFahenk PEAPRL L TOMER alyhine SHIme SRR cont ent

and_Bpeak is the highest of the absol ute instantaneous bandw dth val ues
meas0PES: duri ng a transm ssion. That is: Bpeak = max(Bit,t+ntj) (Equation
1-5) ldeally, the burstiness should tend to one. That is, the bandw dth
bei ng used sBeoul+d axt@ntered at BT. Note al so t haEquaten 1t-Bp sane
conditions of burstiness, the transm ssion heterogeneity could be

di ff er enfgeafiy "R BGrstitkes TRbURNtdrY & ONd.dq%at i) dhil ﬁaﬁﬁkﬁ‘?h PRHYG uide

recurrence of Bpeak. In fact, the burstiness val ue says how
should be centered at Br. Note also that under the same conditions of burstiness,
the transmission heterogeneity could be different, since no information is provided
in this value about the recurrence of Bpeak. In fact, the burstiness value says how
large the peak is relative to the mean transmission bandwidth Bu, but not how
many times the peak is repeated during a transmission. That is, a transmission can
experience 1 or 1000 peaks, but the value Bpeak is the same in most or all cases.
Also, no information is provided about the heterogeneity of the transmission, that
is, about the peak frequency.

Application programs making use of unreliable network protocols such
as the User Datagram Protocol (UDP) for transmissions typically are not able to
specify a target bandwidth B+ for a given transmission. As a consequence of the
absence of direct control, data is sent at the maximum bandwidth allowed by the
network interface. When the program communicates the instruqtion of sending a

content to the network card, that content is sent at the maximum speed

(bandwidth) allowed by the network card. For example, if the network card can

13



| arge the peak is relative to the nean transm ssion bandwi dth BM but not

how many tines the peak is repeated during a transm ssion. That is, a

t ransm ssworn3oesscl experi ence 1 or 1000 peaks, but the val reTBpesak99s t he

same in-nost or all cases. Also, no information is provided about the

het erogeneity of the transm ssion, that is, about the peak frequency.

Appl | catl on rans maki ng use of unreli abI e_network protocols such as
rs neveidgzothe emrent by fraganesied §18rRaakess @ar| Yres? 8ot abl e

to speC|fy a target bandwi dth BT for a given transm ssion. As a

C Onsss W o Mifp st dre thalheewoek othetlé iad appiitatidn laet @onsrobent at the nmaxi num

bandwi dth all owed by the network interface. When the program conmuni cat es

the instructign,Qbrgand mtrathecm%ﬁﬂéntmm Brep vk | kikithe Iiipdseat ent s
sent at the maxi mum speed (bandw dth)’ allowed by the network card. For

if th t Kk 13 .\ 03/ 065661 PCT. handl e 10
VDRSBTS R TERLEAT (PE PRIHENPRH P08 BaRavel S VHiGe are  sent
at 10 Mops on the network; there is no ap Ilcatlon | evel control. In
accesagennd 1@ ephieve thaselrated targeidiandwid hoBr eéﬁhﬁﬁ‘leﬂﬂ?drénfj@’??ﬁ%scﬁd

bet ween successive packets of the transmission in order to control
banghai idt/bntiots agkiegBd baddadttleeentrbeby éitesdweng ahigepadse) dwiodddr Biat The
met hod and system of the invention achieves bandw dth control by

Lt TR tRANSREYSE bV ARHP Bu .9%& el BsPARRAE thrRBYAHGEY O bandwi dth
possible to t

bandwidth Br. Also, all of the “instantaneous” bandwidth values measured during
the transmission of the content are made to occur as closely as possible to the
target bandwidth Br. For this reason, a high precision is needed in timing the time
between packets, and the timing preferably should be as precise as possible. The
needed precision needed for the wait time depends on the target transmission
bandwidth Br. As described below, the higher the value of the target bandwidth
Br, the greater the control of the precision of the pause between packets should be
in order to maintain the deviation E from the target bandwidth to acceptable values
for practical use.

Consider the following example of dividing the data of a content to be
transmitted into packets of e.g. 8192 Bytes, and needing to transmit a fixed
amount of data at a target bandwidth Br = 10 Mbps. This computes as the wait

time, or pause, between every transmitted packet being 6.5536 milliseconds (8192

Bytes = 8192*8 = 65536 bits. 10 Mbps = 10000000 (ten millions) bits per

14



bandwi dth BT. Also, all of the "instantaneous" bandw dth val ues neasured
during the transm ssion of the content are made to occur as closely as
possi bl e wo oBlese6t ar get bandwi dth BT. For this reason, a RCghBgr®edssi on is
needed in timng the tine between packets, and the timng preferably
shoul d be as precise as possible. The needed precision needed for the wait

oSG ew@‘*@a?ﬁ%&%%gvemb@?@?@t e dRe e led pelRe TR | 0 Contr ol

of the &Eemsmn of the gause bet ween packets should be in order to

mei AIQRGOEBE seeonds i P ESBLomiltisreandistet ! Bimeraciion ©) thedEPeabl e val ues

for practical use. Consider the foll ow ng exanple of dividing the data of a
contreabuting kg stdm dos dietdradningt thepaakeirme dfeteegn B&2tBist ese and needing to
transmt a fixed anmount of data at a target bandw dth BT = 10 Mops. This

C ORHif; %é% &l 1§, V’-ffibﬁe rﬁﬂl%coﬁ& cWQhePQBWe%é/ hbs 3BHE Fd RfligRacket
bei ng 536 nil'l1seconds (8 Byt es 8192*8 = 65536 bits. 10 Mips =

e et 6B%ﬁeﬁlmﬁf@oswﬁg%w@isﬁ%bﬁgivﬁvgq%raedb@%%%‘é

seconds 6.5536 m|liseco 'Jw} If the precision of the tine nmeasuring
sysbe® 607 radlisgcends ngrheheouasiing ¢ feobétmblispcoadrevidl prodyge respeqtiveecond,
e.g., a one mllisecond clock, then this tine value has to be rounded down
or HEfofs 6M6.138 % WNBIRSYs 6n 5&36&\9{6 bandwinhdisaak feoraothehsieditied Bait tinme wil |

10Mbps. This example illustrates the need for a precise computation of the wait
time intervals between packets during broadcasting. To ensure that the average
bandwidth Bwm is equal to the target bandwidth Br, theoretically the wait time must
not be rounded. In practice, in some cases, this value must be rounded, due to
software and hardware limitations. As described below, it is preferred that the
highest precision supported by the sender device be used, and therefore that the
achieved bandwidth control is optimized for the software and hardware
configuration employed.

As described above, in order to provide high precision control, an
important aspect to be considered is the time granularity (precision) for the
measurement of the wait time between the successive transmitted packets. As an
example, Fig. 4 shows the absolute percentage error E (logarithmic scale) on the
specified (target) bandwidth Br for a given transmission at bandwidth up to 10

Mbps, with a packet size of 8 KB. The upper curve shows the error with rounding
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be 6 or 7 mlliseconds. The, rounding to 6 or 7 mlliseconds wll produce
respective errors of -6.38%or 9.23%in average bandw dth usage fromthe
speci fi edvBD3m656d0Mops. This exanple illustrates the needpConBes/(po\Ci se
conputation of the wait tine intervals between packets during
broadcasting. To ensure that the average bandwi dth BMis equal to the

t ar géthdavaintidientBihe ttikiseesnd ahbythehewsnicurid BRBoWssthe diedr Bgingounded. | n
practice, in sonme cases, this value nust be rounded, due to software and

har e ding iofitha i &0 2imd so QRéﬁigpﬁé%gQﬂbp"Yt chh s AP GHlehRRE the  hi ghest

preci sion supported by the sender device be used, and therefore that the
achpeved bandw dth .control .i.s. optimzed for the software and hardware
con#oﬁjg PNy i'%ﬁ%%%ff@&?cﬂ@ddé@%ﬁl?é%F'%i’BB the PHORI%IESSt o provi de hi gh
precision control, an inportant aspect to be considered is the tinme
granul arity (piged shony. pemnt¢xampleashe eherlutepetdentage ertor e bet ween t he
successive transmtted packets. As an exanple, Fig. 4 shows the absolute

per legarathenierscafte) or( theggpéditiall tagRalbrhdWidtBr f6P8 GidrEtrahbAgesn abandwi dt h
BT for a given transm ssion at bandwidth up to 10 Mps, with a packet size

of § r & r k Bhicgoundi ng . WO 03/ 065661
PCT/ Ibégg)lv gg§9gpggf1(ﬁ:y g%;ém W%B?%@t'th%{em Pi 'ééb(u)ﬂgé g%%tﬁﬁ%rvleo OV urve
sho t he error usc{irlggofroundi ng. of the wait tinme to the mcrosecond. It can

be S¥efTPhif!t EBEARIRGME @ §he Rullispepnd ardihenvsieectpaci si on)

the error is less.
shows rounding of the wait time to the microsecond. It can be seen that the
percentage error E in actual bandwidth usage never exceeds 0.1%. By rounding
the wait time to the millisecond the resulting error is significantly greater; the actual
bandwidth usage would be 45-50% higher than the target bandwidth at a Br of 50
Mbps and 35% lower at Br = 100 Mbps.

Fig. 6 shows the percentage error E on the specified bandwidth Br for

a given exemplary transmission (up to 1 Gbps), when rounding the wait time
between the packets of the transmission to the microsecond, where the. packet size
= 8 KB. The percentage error obtained when rounding to the millisecond is not
shown on this graph. By rounding the wait time to the microsecond, the
percentage error on the target bandwidth Br up to 1 Gbps remains under 0.8% in
the worst case. This means that the difference between mean bandwidth Bu and

target bandwidth Br would be under 8 Mbps. This might be considered to be

acceptable for transmission speeds up to 1 Gbps. But using the 1 microsecond
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Fig. 5 shows, as an exanple, the absolute percentage error E (logarithmc
scale) on the specified target bandwi dth BT for a given transmssion at a
bandw dt wopsesedD0 Mops, with a packet size of 8 KB. ThepappBe3/mayve shows
the error with rounding of the wait tine to the mllisecond and the | ower
section shows rounding of the wait time to the mcrosecond. It can be seen
that the . perc e err actual bandw dth usage neve eds 0.1 %
by $B0NG G VI8 VElk PLE R TR e i Rro Bt e Tedar e an <
significantly greater; the actual bandw dth usage woul d be 45-50% hi gher
tha@vqnh%gﬂémgétlvuanmmtbﬁn TaBbasBT of 50 Mops and 35% | ower at BT = 100
Mops. Fig. 6 shows the percentage error E on the specified bandw dth BT for
a gi ven exenpliad patkensige IBj prays wp inspdrtdmpa)le duking transmdisepnt him wai t time
bet ween the packets of the transm ssion to the m crosecond, where the
pac i to the
Tecdt {6 (ol e %E&#’%%&t < gaﬁéﬂmesﬁ%%hf%%éw?ﬂg* ot to ¢ the
mcrosecond t he ercent a rror target bandw dt.h BT u

r erANAV G Er BlagbiEito thene it bR in it dBodtratieete
bet ween nean bandw dth BM and target bandw dth BT woul d be under 8 Mops.
Thi themrghisidreot enpiatesecbrich Bbis ischeptathe fdarthat dnthe patkat sizeeisds up to 1
Gops. But using the 1 mcrosecond 16 WO 03/ 065661 PCT/ | B03/ 00993

gr agwe(aja{slﬁaytwwhdwaer@fcbarm& Faroh givean@ansiAeRIN abhengde@irsadesraridr get
anaw S

consequently, the number of wait time occurrences between the packets of a given

Gops

transmission decreases, causing the rounding error sum to decrease.

In the invention, the bandwidth in a transmission is controlled by
selecting and placing wait time intervals tw of a predetermined value between
packets. It is preferred that the wait time interval tw be computed with the highest
precision possible on the sender device by using the highest resolution timing
device available. As demonstrated above, at least microsecond granularity is
preferable to guarantee an acceptable bandwidth control for transmission épeeds in
the Mbps range.

The algorithm applied to achieve the bandwidth control is as follows:

given the target bandwidth Br and the packet size P, the wait time

interval tw between every packet is:

tw =B£ (Equation 2-1)
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even significantly lower than 1 Gops. The packet size (P) plays an
inportant role during transmssion. In general, the |arger the packet

si ze, thewermlobssl t he percentage error of the target bandeirdBés/@%3r el ative
to the nmean bandw dth BM when there is rounding to at |east the precision
of a mcrosecond. This is due to the fact that if the packet size is

i ncreased, tht apeistionobopadkeinsl P are argyided asriapstipasimeterond ehé decr eases
and, consequently, the nunber of wait tinme occurrences between the packets

of eomipuesr tHat BVIMHCHS itIod) 1IBREHASGES. TRUEr§Et bARIRWRHAMBNAEHE QL BYM tO
decrease. In the invention, the bandwidth in a transm ssion is controll ed

by | | i i jnter t W of. redeter m ned val ue
pet SERESR P WAl Shd B raresRRlo FriByl o e B R VER ¢ e
conmput ed vvi.]gh t he hi ghest greci si on possible on the sender device by using
t heS¥iGRKs T PRE IV IR T8N AGONERI 10 A5 IPSHIQRN, anRTQMABHERN Reddad®ove, at
| east m crosecond granularity is preferable to guarantee an acceptable
banavaitgble wdrere dhe f“speed’ant mtdsh dhe dipeéd® ba transeniMepisisrangeed Byehal gorit hm
applied to achieve the bandwi dth control is as follows: given the target

bandyérdt Th&Tisamke thgepdakaivigirze: B gh/BR a4l iddUfparhfictenal t W bet ween
every packet is: tW= P (Equation 2-1) 17 WD 03/065661 PCT/|1B03/ 00993
As to the packet size P parameter, typically the packet size is set
when a program is installed to broadcast the transmissions, and then packet size is
kept the same for all transmissions. The packet size can be, for example, contained
in a configuration file. It also can be input as a separate parame{er. In a typical
use, the content to be sent and the target transmission bandwidth Br are selected.
Then the broadcast application reads the needed packet size P from the
configuration settings, which was previously set by the broadcast application or
was input. At this point, the broadcast application “fragments” the file to be
transmitted into smaller packets. Typically, the header of these packets will specify
the address of the receiver and information about the packet content. The
broadcast application already knows the packet size, since it was read from the

configurations or from the input before fragmenting the content to be transmitted

into packets.
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In operation, both Br and P are provided as input paraneters to the
conputer that controls the transm ssion. The target bandw dth Br can be set
by the peosasmesship wants to send a transm ssion through aparaBoi/cwer f ace.
For exanple, if one wants to send a content to a third person, a program
can be made available where the "speed" at which the file is to be
transmitted i b ese ethedtarget bandwikh Brideddcted fot hee tvaitiyet bloaddasdt h BT i s
given as an input parameter. As to the packet size P paraneter, typically

t heappideRionSpreRrar is8hrge18Aséd ehqaéamds?me%h%be% P Qru%@ﬁca%t ofHae

transm ssi ons, and then packet size is kept the sane or a

tra Si ize can.b f exa ontained in a
confh%ghr%atsﬁgﬁ {hee i %é’i b@gﬁmg%tl‘\ I%Bﬁ?é)% pé"n%jsa?rdafé Y& aneter. In a
typi cal use, the content to be sent ‘and the target transm ssion bandw dth
Br are sel ect BHIiNgtthedrameissigadeladie rankete atlpen arssation irerensated fpracket
size P fromthe configuration settings, which was previously set by the
broatzlc:raataczkppttianatniesiooras flowaiput. At this point, the broadcast
application "fragnments” the file to be transmtted into smaller packets.

Typical l'y, the)hggegn b atct@éuet.rne%ﬁté Ll s?‘a‘?’?%‘ffp%_fhep?raﬁgﬂtrdﬁén)m the

receiver and 1 nformation about the packet content br oadcast
application a@)ead%{ Eﬁg he packet size, since it was read fromthe
confi gurati on¥ oPSFY ?ttput before fragnenting the content to be

transmtted into packets. 18 WO 03/065661 PCT/|B03/ 00993
(3) obtain the actual time value t2 (after packet transmission);

(4) compute the time used to send the packet tuses, where

tused = t2 — 11 (Equation 2-2)

(5) compute a value t (residual time)

t = tw - tused (Equation 2-3)

(6) Wait for t;

(7) go to step 1.

Referring to Fig. 7, this shows the various times. As seen, tw is the
time between the start (t1) of two successive packets, while t is the time between
the end (t2) of one packet and the start (t1) of the next packet. The residual time
value t must be respectively based on the selected packet size P and target
bandwidth Br.

The operation to send a packet of data is time consuming. That is,

time tuses Will be used to physically take a packet and send it on the network. To
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In use, the target bandw dth BT selected for use with a broadcast
application programis |largely based on the transm ssion nedia to be used
and ot herwofeaotssss, such as the anmount of bandw dt h | easeeconBgmanedsased f or
use. During the transm ssion of the packets a | oop operation is repeated
for every packet transm ssion as follows: (1) obtain the actual tinme value
ti (as start of packet transmission); (2) send the packet; (3) obtain the
actendureithet tharads sefficiepetimmatahetwanidime i da)be aghipvednhgreendes tine
used to send the packet tused, where tused =t2 - ti (Equation 2-2) (5)

congeiti€e dec¥ds We Wait reesisitiall tinhdre after the Wendtpikdt obgretiorois cordpletéd) Wi t
for t; (7) goto step 1 . Referring to Fig. 7, this shows the various

ti i lishel f1€ i t; | f ssive
packaies mBRRY wall e fbetd iy BER S el et 48R e e
start (ti f. the next packet_ The residual tinme .value.f nmust be
;e cetts wadpobtatat BAnd Rl Todth. HER ke aus A L dhe St Bhnavi dih BT
The operation to send a packet of data is time consuming. That is, tinme
t usketvwidn twhewait diptyveeptsusiceasivg nagketsl arakcket (tanienseadacketn t he net work.
To

Fig. 1 is a diagram that explains the transmission of the data packets.

At the sending station there is a computer 10 that has a broadcast application
program installed. The broadcast application program operates on a content 12
that is to be transmitted in data packets. The parameters of the transmission
target bandwidth Br and packet size P are input to the computer 10. As explained
above, the value P of the packet size might already be known in the computer. It
can be set if required. The computer computes the wait time tw from the algorithm
of Equation 2-1 and operates to control the transmission 16 of packets 18 (black
bars), shown as having a controlled wait time tw between the successive packets.
The packets 18 are received at a computer 20 that has a receiving
application program installed. This program reassembles the received packets into
a file that corresponds to the content file 12 that was sent. This is conventional.
Fig. 2 is a flow chart of the overall process. Here, in S1 and S2 the
target bandwidth Br and packet size P are input to the computer. In S3, the
computer computes tw in accordance with the algorithm of equation 2-1. The

computed value tw is used as a control parameter in S4 that is input to the
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19 WO 03/065661 PCT/I1B03/00993 ensure that there is sufficient tine for
the wait tine t,, to be achieved, the sender device needs to wait a

resi dual woms/éseef t er the send packet operation is conpl etretaBosfioessconput ed
wait time tw between packets ensures that information will be sent at the
needed target bandwi dth. That is, the residual tinet is the difference

bet Wesatidaet Gpplidathat pRAEsS BB THeVE, RAGK @ shpidtftd wedid 1o bealf aspacket).

Fig. 1 is a diagramthat explains the transm ssion of the data packets. At

t he; j i I C Q0 that has a adcast plication
pr ogﬁgﬁnc%tn%éig ?ﬁ%g?ﬁ%’e{#oda@g%s gggﬁ'?e(rzg Olaoéﬁaﬁf 86?%%%%%3‘5‘%@”%5@ cont ent
12 that i.s ?o be transmtted in data packets. The paraneters of the

t r aREFKsTB% From Sgean® ARBWY Bt RINEEr t O SSkHENSMS theaP & naskats.t o t he
conmputer 10. As explained above, the value P of the packet size m ght

al ready be knbign 3 shows thengperetion lof the aoriyputeein perfbeging b siBpe afonput er
conputes the wait tine t", fromthe algorithm of Equation 2-1 and operates

to etikthg 16U 16 3BSATHSPeqBsitBaPfimRacketsrel@d({d a6&y .b%\rtséll%§hm@' as having

a controlled wait tine tw between the successive packets e packets 18

are.recei r. .20 that has.a receivin pplicati rogram
el ﬁf@ﬁ%ﬁﬁ%ﬁﬂ%ﬁﬁ%&% PETRES 88@’%W%§8§e¥§fqoﬁ%§vggfi e that
cor [ eg onds to the content file 12 that was sent. This is conventional.
Fi g'n 91P8. &he pagkenta be sent fe mager availaleoard is sertria, S1@4s1nEntOB2thene
target bandw dth BT and packet size P are input to the conputer. In S3, the
end time t2 of the transmission of the packet is determined and is stored in S106.
In S108, the time quantity tused in transmitting the packet is computed (S106 value
minus S102 value) and is made available in S110.
In S111, the computed value of tw {(see S4) is used in S112 with tused
(from S110) to compute the residual time t (see Equation 2-3). The computed
value of the residual time t is available in S114 as a time to be satisfied in S116
before transmission of the next packet is started at S101 and S102. The loop of
Fig. 3 is repeated for each packet sent.
Using the algorithm of Equation 2-1 it is preferred that the facilities
used to get the current time values t1 and t2 of Equation 2-2 and to wait for the
residual time t of Equation 2-3 have at least microsecond granularity (precision or
resolution). Making the granularity more precise decreases the error E of the actual

mean bandwidth Bwm relative to the target bandwidth Br The most direct method to

obtain the t1 and tz values would be to get the actual time from the operating
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conputer conmputes tw in accordance with the algorithmof equation 2-1. The
conputed value tWis used as a control paraneter in S4 that is input to the
20 WO 03/wWe38/64s6RCT/ | BO3/ 00993 br oadcast application pro®esaB&zo9dbhe t,,
value is applied to the file to be sent as input at S6 to the broadcast
process S5. The broadcast process S5 knowi ng the packet size from S2 and
the wait tim?1 tV¥from S3 transnLts t he S7 packets, P 3 shows the
opeP¥ttFBh Bicht deTogHSEPINGCIgeK s JTPNVRYet HBISsVEId dnPv Hattthdi ng | oop to
obtain the residual tinme t as referred to above. At S101, the tine ti at

t heoperatingafystermnkas sdiroer of micipaekend ipsealeiver nfinnthe arekneearfetthis n S102. I n
S103, the packet to be sent is nade available and is sent in S104. In S105,

t hefacg, biHIgh tp2e@bidnRardvwdte HosmiteNcAlldteuSaE K@ chbeniptisbrgdmfaand is
stored in S 106. In S108, the tinme quantity tused in transmtting the

5o beed PSS ikt sl ik, UZH%FWF@%EB@ Sarled el 1o i on

t used from S1 10) to conmpute the residual tine t (see Equation 2-3). The
conp\§t véﬂ*héesé’f'u"t'% preéfgr'a@ape crypter that prayidgs ihidh-resojutian glapsedi me to
be satisfied in S1 16 before transm ssion of the next packet is started at
S10timesd Bid2ouiter ‘abogs efe rRampged! by thepeatmdef cenwacprozaskiey went . Usi ng
the algorithmof Equation 2-1 it is preferred that the facilities wused to
get (AM8) &4 FEAY bYitRB ofRirdsg sl s, Wsually EshatbaRtet mMudile hardWehie for the

controlled in a CPU-sharing operating system if other tasks, in addition to time

computation, are carried out. [f the increasing frequency of the counter, i.e., how

many times in a second the count is increased, is known, it is possible to compute

a time interval such as tuseda by obtaining the counter value at two different times

and dividing this difference by the counter frequency. As seen, it is desirable to

use a high precision counter. Any reliable counter can be used, however, the

highest resolution counter available on the device should be used in order to

maximize the precision with which bandwidth is controlled.

Another key issue is how to suspend the program that sends the

packets for a given residual time interval t. As shown above, after a packet is

transmitted, the program must wait for the residual time t = tw — tuses to have

elapsed before sending another packet. If the broadcasting device does not have

the necessary hardware and/or software facilities to accomplish the task of

determining the residual time with the desired granularity, but provides at least a
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residual time t of Equation 2-3 have at |east mcrosecond granularity
(precision or resolution). Mking the granularity nore precise decreases
t he errorwhmbeiche actual nean bandwi dth BMrel ative to trha/1Bev@es3

bandwi dth Br The nost direct nethod to obtain the ti and t2 val ues would
be to get the actual tinme fromthe operating 21 WO 03/065661 PCT/1B03/ 00993
syste ch as fromits, timng.,clock. However, this wuld inply that the
ope%%‘i’.@%%yké‘f)&ﬁ}’h%gu%{ef‘f &[@?e ﬁt#r&er gggaecﬁ?ﬁr%‘}%ftg { i‘ﬁ?n Ioltlh?rhe absence of
this facility, a high precision hardware counter could be used. A counter
i s aPRf@sehes candienysgsekd in programming to refer to an incrementing

vari able. Sonme systens include a high-resolution perfornmance counter that
provi des hi ghOhessppubach) ielshpsetlin Fignss. Hehe tlio tedidnaliheasis auppliedaged by
the conputer central processing unit (CPU) and read by the operating

I : h t ed i CPU- shari
Sys%@&eﬁl@ﬂéh and {ﬁecé({?%%‘ir%d JHiRe &%staﬁ‘{sﬁﬂg%‘?ttg‘éﬁ? r}‘g%{uﬁﬂ) bAd F,0 @ Sharing

operating system | er tasks, in a conmputation, are

carried out. |f the increas] fr y ,0f. the counter, i.e. many
Cr rSerthnel orpinidSb SRR AE phEBREY Alicatiown ® FomrUt i SR ¢ o
conpute a tine interval such as tuned by obtaining the counter val ue at
twoagti fferent times and dividing this difference by the counter frequency.
As seen, it is desirable to wuse a high precision counter. Any reliable
counter can bgpldsed t.poweyer, the highest resol uti on(Eepiatioar3-ayail abl e on
t he device should be used in order to maximze the precision with which

banﬂ\'\f.u%tclﬁohs(i.ggrg §81ltl/\fzﬁle process) is implemented which, periodically, in a loop,

compares in S209 the values of the difference between teapsea and the residual
time t to wait before the next packet is sent. When the value of teiapsed is equal or
greater than the desired residual time t, the looping process ends and lets the
program continue, sending a new packet. This approach provides high precision if
the time measurements have high precision and the appropriate values, described
below, are compared at frequent intervals.
The method of Fig. 8 can be described in an algorithm as follows:
S201 Get the desired residual time t (i.e., the how long the sending of
packets must be suspended);
S203 Get the start time ts.at (When the wait process is called);
Continue performing the following loop as often as possible:
S205 Get the current time tnow;

S207 Compute thow — tstart = Telapsed.
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Anot her key issue is how to suspend the programthat sends the packets for
a given residual tinme interval t. As shown above, after a packet is

transm t two,030bss6pr ogram nmust wait for the residual tinme tCEFIBIB/G93USEd toO
have el apsed before sendi ng anot her packet. |If the broadcasting device
does not have the necessary hardware and/or software facilities to

oot ar 1. BUERAEH i S MO A% el s 050858 et no

to know the current time with the desired granularity, then other
appebi BEOYaM FRNtIRES rURNBYIappr oach, is shown in Fig. 8. Here the residual
timet is supplied at step S201 and the determ ned value of tstart (start

of the tw funéfieortheaprdcesswxité ghedeop, it inegnsathat dtov i-diseh) as$ gB2438r and S205.
Atine telapsed is conputed in S207 as: telapsed = tnow - tstart (Equation

3- 13qul kYRRE IresidUbl Bime 8 ©AhEMBILE, ﬂf@l&%?slleép% oPLEHRE! 9F s¥mhé Rases,
periodically, in a |oop, conpares in S209 the values of the difference

oo SR e A% PRSLY e o Bl R By ot 15
residual tinme t, the | ooping process ends and lets the program conti nue,
senkfiofgsa Witedhlonger thamitke rosidedldimBrtovi des high precision if the time
measur enents have hi gh precision and the appropriate val ues, descri bed
An improvement of the process of Fig. 8 is shown in Fig. 9, in which
the same steps used in the Fig. 8 process are shown with the same reference
numerals. In the process of Fig. 9, the small difference & which can occur
between tewpses and the residual time t is considered in each call of the process.
First, the value of & is set to zero in S200. Step S211 is added to the Fig. 8
process in which 8 is computed. That is:
& = telapsed — t (Equation 3-2)
The value & is stored in S213 for the next process call and subtracted in S210 from
the next residual time t (passed as input to the process at the next call of starting
the next tw cycle).
The process of Fig. 9 dynamically compensates the rounding error by
modifying the residual time t with the error §. In this way, the time spent between
sending one packet and the next tends toward tw on the average, notwithstanding

errors caused by rounding. The errors introduced in one cycle are compensated for

in the subsequent cycles. With this correction, if the wait time tw between packets
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bel ow, are conpared at frequent intervals. The method of Fig. 8 can be
described in an algorithmas follows: S201 Get the desired residual tine t
(i.e., theohemsdsong the sending of packets nust be susperdedp)s/ B3 Get
the start tinme tstart (when the wait process is called); Continue
performng the followng |oop as often as possible: S205 Get the current

time tnow, S207 Conpute tnow - tstart = tel ap i 03/.065661.
PCTA¢aB0BLBO0EEm Rrand Ba) apield Was it the efoqeﬁaﬁﬁ%geéﬁﬁ\’#(?”t&?@z‘%jﬂg t hen
exit the loop and Ilet the program continue running. Wen the process exits

t he th@@Rptird tramemissidMath4rigesvdynarsicatly )in iosdeyrt@at@mpensateqifil Preyotfie
residual time t. O herwi se, the | oop keeps on running. In sone cases, it

can eEr%PE..e’bJr[@t tﬁi?:pgﬂéﬁdof(érf'@rv‘bomb%é’éﬁor) thSirgtastapeoubdrandadtiesi dual time
t, that™is, e process waited |onger than the residual tine t. An

I

i nprovenent of the process of Fig. is showmn in Fig. 9, in which the sa

ﬁbeb@alﬂgéé:‘lefﬁct:ﬁg th?gt?r%etpl?%l:de"g‘égglﬂg' shown with the same reference "
nmerals. In e process of Fig. 9, the small difference 8 which c

bet ween t el apdiéds anbesseot erspUGRIreeHoR: Pfoqe§3c’sa§Fa%ﬂé%| PrecHaBIe TR of t he

process. First, the value of 8 is set to zero in S200. Step S21 1 is added

to th&aftghedds bandwidth used in order to increase the precision of the mean

bandwidth Bw used. The period for which the instantaneous bandwidth used
exceeds the target bandwidth Br depends on the rounding errors described above.
The use of a high resolution clock or counter will limit this period. For this reason,
this correction should be implemented only if it is possible and acceptable to exceed
the target bandwidth for brief periods. This completes the bandwidth control
process.

Considering the burstiness situation, it should be understood that if the
timing rounding errors are not compensated, then the lowest possible limit to the
burstiness is limited using the timing facilities provided by the sending device, but
the average bandwidth may be lower than the target bandwidth Br. If the timing
rounding errors are compensated, then the average bandwidth is as close as is
possible to the target bandwidth using the timing facilities provided by the sending
device, but the burstiness is greater than if error correction was not used.

Reliable protocols such as Transmission Control Protocol (TCP) send

additional packets for acknowledgement of receipt, and retransmission of lost or
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process in which 8 is conputed. That is: 8 = telapsed - t (Equation 3-2)
The value 8 is stored in S213 for the next process call and subtracted in
S21 0 frownooBleschiext residual tine t (passed as input to rhETpinwess at the
next call of starting the next tw cycle). The process of Fig. 9 _
dynam cal ly conpensates the rounding error by nodifying the residual tine

t wicbtruphesl dateopadketsn THd sender, dévice EamBosHRidalleldRemins Bdhagbere packet
and the next tends toward tw on the average, notw thstanding errors caused

by, 6PN ditaddiiEn &SR BLREUIRPL, bBnABECEHAPRL BoSORRERSALEM for in the

subsequent cycles. Wth this correction, | e wgl]c o and B whi ch
ac WO 03/ 065661 PCT/1.B03/ 00993, (conpute rom P an , Whi cl
aaslﬁﬁ%'??%%ﬁ‘p}hoecg‘s@” PREF oF onilicant ﬁ%?féfné”'&JPP'h\g Wheteussfl Wit t ransni ssi on,
changes dynanically in order to conpensate for previous errors. During
t hi ¥Nisdipblsapastket hasedquapesndat i on the instant aneous bandwi dt h usage can
exceed the target bandw dth BT. This process of error correction process

reduces the pTeeitmindiviath tbatrol ARG aREASIORNEMHY hveagdnidanasder to
i ncrease the precision of the nean bandw dth BM used. The period for which

t heap IRty anoRmss BRRGMAQL B, B%%‘.j It ?&ﬁSFHz?,ﬁ%&f%{ﬁé?%ie %‘3‘@ G\’Arnrtgts'g’r BT depends

on the rounding errors described above. Qi on cl ock

. Wi Jimi, thi eriod, For this reason,
or gc())r%%tn rsmvénel Iprlorl. 'I'he on?y Enow edge required up front is the size of the

packets hereafter designated as P, and the target bandwidth. The content size only
affects the transmission duration, and not the average bandwidth, if the process
and/or device used to wait for the paresidual time between the packets is precise
enough.

The method and system of the invention can be used in conjunction
with existing traffic shaping solutions.. Consider a network with many sender
devices, many receiver devices and a traffic shaper between senders and receivers.
If one or more of the sender devices produce bursty traffic, the traffic shaper will
intervene to contain the resulting congestion by discarding packets. The
introduction of the invention at one or more of the sender devices will reduce the
burstiness of the output streams and so reduce the likelihood of congestion and
packet loss.

Specific features of the invention are shown in one or more of the

drawings for convenience only, as each feature may be combined with other
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this correction should be inplenented only if it is possible and acceptable
to exceed the target bandwi dth for brief periods. This conpletes the
bandw dt lwoesbéssb1 process. Considering the burstiness sittgaiuB@amoest shoul d
be understood that if the timng rounding errors are not conpensated, then
the | owest possible imt to the burstiness is limted using the timng
facilities provided by the sending device, but the average bandw dth may
be featdres Wagcaaidancg Ydth taminveatinnpTAltemative ampdignertsumii bRy errors are
conpensat ed, then the average bandwidth is as close as is possible to the
t ar gatogmiaedinb g tthosks skitled lire the mrngnd ace intenésd po el ideided withirs enedi ng

device, but the burstiness is greater than if error correction was not
usegcoagbkqpégkﬁ5gtocols such as Transm ssion Control Protocol (TCP) send
addi tronal packets for acknow edgenent of receipt, and retransm ssion of

| ost or 25 WD 03/065661 PCT/1B03/00993 corrupted data packets. The sender
devi ce cannot typically determ ne the nunber or size of additional packets
sent, and so cannot control the bandw dth used. For this reason the
invention is of significant benefit principally when used with unreliable
packet based protocols. The bandw dth control method and system of the

i nvention can be applied to contents of whatever size. It is not necessary
for the sender to know content size a priori. The only know edge required
up front is the size of the
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packets hereafter designated as P, and the target bandw dth. The content
size only affects the transm ssion duration, and not the average

bandw dt lwoioB/ot3se1 pr ocess and/ or device used to wait for _PChaBpaooess dual
time between the packets is precise enough. The nethod and system of the
invention can be used in conjunction wth existing traffic shaping

sol ut i ons Consider a network with many sender devices, nmany receiver

dev CLAM:a traffic shaper between senders and receivers. |f one or nore
of the sender devices produce bursty traffic, the traffic shaper wll
intervene to contain the resulting congestion by discarding packets. The

i ntroduction of the invention at one or nore of the sender devices wl|l

reduce the byrstigneastfd bhaspdt et wakttRAERLANMEtHR chedisenisBR A kel i hood
of congestion and packet | oss. Specific features of the invention are

y eceé‘a‘%%?pnaé’c&e@?ﬁ b BacfB i O b s BER P RS BBl dar i os 1n -

accordance with the invention. Alternative enbodinments will be recognized

by 2¢ueve §ktﬁmeéobquv'ﬁ*éh 4BY dHinGathe rADYRIRSIPN 6ORPrisING thresterstafi n t he
scope of the clainms. 27 WO 03/065661 PCT/IB03/ 00993
selecting a target bandwidth (Br) sought to be achieved during the

transmission;
computing a wait time (tw) between successive packets of the

transmission using the algorithm
- P .
tw = 5, : and

controlling the transmission of the packets using the wait time.

2. The method as claimed in claim 1 wherein the computed wait

time tw that is used is rounded to a time unit.

3. The method as claimed in claim 2 wherein the rounding to the

time unit is accomplished by a counter.
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WE CLAIM 1 . Anmethod of using the wait tine (tw) between transm ssion of
successi ve packets of known packet size (P) of a content to be transmtted
to achi ewemossmsget bandwi dth (BT) during the transm ssi @aTABgLSE ng t he
steps of: selecting a target bandw dth (BT) sought to be achieved during

the transm ssion; conputing a wait tinme (tw) between successive packets of

the transm sgion in he al gorithm AV, = ; and controlling the
transni ssi on of thjgﬁfjé'g?(‘i?log iﬁs?‘ﬁb’“‘?%é" G fif%.ﬁewo"rwé'sm HSSE® ¢l ai med
inclaiml wherein the conputed wait tine tWthat is used is rounded to a

ti nefiunit. 3. The nmethod as clained in claim2 wherein the rounding to the
time unit is acconplished by a counter. 28 WO 03/ 065661 PCT/|1B03/00993 4.

The net hod asdefediniriflg ithe Gltanitirde ftlbf kRIhsAASAbh UfNDpbbigetst ep  of 1
determning the start tinme ti of transm ssion of a packet; determ ning the

end tine (2 ofedfAfanh $AbUNIlimbNS ALK RInisBA ol AL NIng e 11 me used

tused in transmtting”the pac

determining the time used tused in transmitting the packet as t2 - t1.

5. The method as claimed in claim 4 further comprising the steps
of:

(a) determining the time used (tused) in the transmission of a packet;

(b) determining a residual time (t) as tused - tw;

(c) waiting the time t between the end of transmission of one

packet to the start of transmission of the next packet.

6. The method as claimed in claim 5 further comprising the step of

repeating steps (a), (b) and (c) for each packet transmitted.

7. A method as in claim 5 wherein the residual time t is controlled
by:

determining a value of start time tstart,’Of sending a packet a current
time tnow;

performing a loop operation of:
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5. The method as clained in claim4 further conprising the steps of: (a)
determning the tinme used (tused) in the transm ssion of a packet; (b)

det er m niwg 0a/06%6i dual tine (t) as tused - tW (c) waitingcrhBodiopss t

bet ween the end of transm ssion of one packet to the start of transm ssion
of the next packet. 6. The nethod as clained in claim5 further conprising

the step of frepeating steps (a (b) and (c) for each packet transmtted.
7. A net hod a@?i n %‘?’HBH‘?'ng@nEég?‘i'apﬁﬁe:rté’gi“dﬁ%f’r" time t is controlled by:
determning a value of start time tstart, of sending a packet a current
time tn0 ; pelbdor néamgparihgdprepty the msidifal tird® t\ADABAOSHEGIDgRGE/ B33/ 00993
(a) conmputing a tine telapsed = tnow - tstart, (b) conparing telapsed to

t heps@&t dvRén thdRaluedddtLlansfii tting the next packet when the val ue of
telapsed >_ t. 8. The nethod as clained in claim7 further conprising the

steps of conputing an error value 6 = telapsed - t and subtracting the
value 6 froma later supplied value of t.

8. The method as claimed in claim 7 further comprising the steps
of computing an error value § = teapsed — t and subtracting the value § from a later

supplied value of t.

9. A method as in claim 5 wherein the computed wait time tw that

is used is rounded to a time unit.

10. A method as in claim 9 wherein the rounding to the time unit is

accomplished by a counter.

11. The method of claim 1, including the additional step of selecting

the known packet size (P) of the packets to be transmitted.

12. The method of claim 1 wherein the known packet size (P) is

provided by an application.
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9. Anethod as in claim5 wherein the conputed wait tine twthat 1is used
is rounded to a tinme unit. 10. A nmethod as in claim9 wherein the rounding
to the tiweosméss6i s acconplished by a counter. 11. The methaBo3moIwsl ai m 1,
including the additional step of selecting the known packet size (P) of
the packets to be transmtted. 12. The nethod of claim1 wherein the known
packet size ( is rovi ded by. an_ applicatiaon. .30 WO 03/ 065661

PCT/ | BO3/ 009933 13{'*9&5[?&%585” e 1he; Wa'tttHBe\?(&r’tb%t?"H“ee”(‘&f\ﬂb‘s%‘éﬁ@éﬁf
transm ssi on of successive packets of a content to be transmtted to
achbeseesgivieapagietp ahdneentenBto bguirangmitied to anbieves targetbpnd wiididy: Ba
conputer including a programto control transm ssion of a content in
pacletifg ahe dadrdmissBANOMPrisingut and recei ve paraneters of the size (P) of
the packets to be transmtted and of the desired target bandw dth (BT);
processi ng ne leylate a wait time (tw) between successive packets
of the transn?§§P3ﬂ”§§Pﬁg“@ﬁ§ algorithmtwW= P and control neans to

successively transnmt the ;t)a(fkets with the wait tine
a program to control transmission of a content in packets of data;

means to input and receive parameters of the size (P) of the packets to
be transmitted and of the desired target bandwidth (Br);
processing means to calculate a wait time (tw) between successive

packets of the transmission using the algorithm
.
tw =5 and

control means to successively transmit the packets with the wait time

tw between the packets.

14. Apparatus as in claim 13 wherein said computer further

comprises:

means for determining the start time (t1) of transmission of a packet;

means for determining the end time (tz) of transmission of the packet,
and

means for determining the time used (tused) in transmitting the packet
as tz2- t1.
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t Wbetween the packets. 14. Apparatus as in claim 13 wherein said conputer
further conprises: neans for determning the start tinme (ti) of

t ransm sswon3méseal packet; neans for determ ning the end PCFAB¢X@Y930f
transm ssion of the packet, and neans for determining the tine used
(tuned) in transmtting the packet as t2 - t,. 31 WO 03/065661

PCT/1B03/ 00993 15. Apparatus as in claim 14 wherein said conputer further
conprises: first means for determining the tine used (tused) in the
transm ssion of a  packet; second neans for determning residual time t
as tw - tused?5andApm@tyﬁrﬁss'aiﬁa%ﬂ?rmheh%aﬁ@'%sem%gr fusthgti ¢ ¢ he
residual time t between the start,of transm ssion of one packet to the

st acomprises:ansm ssi on of the next packet. 16. Apparatus as in claim15
wherein said first and second determ ning nmeans operates to determ ne the

residual timefiistfrabaRa¢br 8@k lining tABIFhE (LBEd FALSA theCOBhEAIssIRABF a
operates to wait the residual tine t between the
packet;
second means for determining a residual time t as tw - tused; and
wherein said control means operates to wait the residual time t

between the start.of transmission of one packet to the start of transmission of the

next packet.

16. Apparatus as in claim 15 wherein said first and second
determining means operates to determine the residual time t for each packet
transmitted and said control means operates to wait the residual time t between the

start of transmission of one packet to the start of transmission of the next packet.

17. Apparatus as in claim 16 further comprising means for controlling
the residual time t by

determining a value of start time tswr, and a current time tnow

performing a loop operation of:

(a) computing a time teiapsed = tnow — tstart, and
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start of transm ssion of one packet to the start of transm ssion of the
next packet. 17. Apparatus as in claim 16 further conprising neans for
control | iwg o3bbsser esi dual time t by determ ning a val ue ofPCIlIBOF00bIINE
tstart, and a current tinme Low performng a |oop operation of: (a)
conputing a time telapsed = tnow - tstart, and 32 WO 03/065661

PCT/ [ BOS/ 00998, (DioriBRAY 1fh.d & RS AEbid )t i Bhsinitiig! thdfitbact
transmtting the next patcke en the value of telapsed >-"t. 18.
Apparatus as in claim17 further conprising nmeans for conputing an error
val RREEtW %’Pé’b%gaﬁ‘-e ‘Pfl‘éfh‘deds?ubtracti ng the value 6 froma later supplied
value of t. 19. Apparatus as in claim 13 wherein said control neans further
conprises a counter that operates on a periodic basis to nmeasure the wait
time tW 20. Apparatus as in claim 13 wherein said conputer operates said

ggntrol means180 CRppsiatus e indldint I TEfuFNEP 29ethridin@inigansasur ed tines.

computing an error value § = teapsed — t and subtracting the value 5 from a later

supplied value of t.

19. Apparatus as in claim 13 wherein said control means further

comprises a counter that operates on a periodic basis to measure the wait time tw.

20. Apparatus as in claim 13 wherein said computer operates said

control means to compute the wait time tw based on other measured times.
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