WD 03/ 065661 PCT/ 1 B03/00993 METHOD AND SYSTEM OF DATA PACKET TRANSM SSI ON
TI M NG FOR CONTROLLI NG BANDW DTH Field of the Invention The invention
rel at es twoasmeichod and systemfor timng the transm ssi @TaBoxabes packet s
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 |line, satellite
conmuni cation, etc., it is conventional for the data to be sent from one
device to other devices. The data is first fragnmented, 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 small est unit
of transm ssion and reception. Hereafter, "device" is defined as a
hardvare el ement  Wigh o SR KRS P STRAP B T%Bt\fén@eﬁf recei ving and/or
transmtting ‘ C A de conputers,
GPRS nobi | e AD—0 6+—RCT/ | B0O3/ 00993
The term "content”, as used her ei n, i ndi cates data that is segnented into a
sequence of packets. The data contalned within the content could be a file,
Field of the Invention

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.



or part of a file, part of a data stream or any collection of data. The
content can be of pure data, or audio and video data streans, or of any
conbi nat iwp.030b%61 content is sent in sequentially transm PCFdB@pa@Ret s from
a sender_device to one or nore receiving devices. The sending and
receiving devices typically run software prograns, whose purpose at the
sender device_is to fragnent the content to be sent into packets, and at

the recei ver dBgitednt’ &OP&%%TseﬁEI@eﬁHEerB%E‘eR'é‘i‘@ﬂ@c‘éﬁ’%@aﬁhﬁ segmented i gi nal
content. Bandwi dth is defined as the anobunt of data that can be transmtted

oveinto lresempdingei of packeten THendatar eoretairfealr withinmphe coherivbgsuld b@ aifild,i on bits
per second). Essentially, this is the speed of the transm ssion, that is,

t heospgR™b A FildWH£D of @l FataSstP&dth, bF 8RY IdRee8EMIAUASY I AR EOnidi® Ja%ce' ving
devices. Each transmtting-recel Vi ng system has a certain bandvm dth

capabi Lity t i s define usfactor such as eof medi a
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reception of the data. For exanple, a broadband cable nediumhas a |arger
bangWigni i< agabin Nquqrﬂmﬂvdrmeréﬁmheawe’te frorara serderygedcefio pnet@col s are
used to transmt the data packets form ng the content. Sone protocols may
be ﬁmglrggé,emgt@e\hge unreliable", herein neaning any transm ssion protocol
t hat provi des best - ef fort dellvery of packets, 2 WD 03/ 065661

PCT/1BO3/ 0099"I)’he sending and receiving devices 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 given 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. Sqme protocols may be considered to be “unreliable”, herein

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



and in particular, does not performautomatic re-transm ssion of |ost or
corrupted packets. Exanples of "unreliable" protocols currently in comon
use incl uae o03oeiserst and nul ticast User Datagram Protocol PCUDBY3/0000BM
Adaption Layer (AAL) Types 3/4 and 5 in non-assured transm ssion node
Appl eTal k DDP dat agrans, and unicast and broadcast MPEG 2 transport ’
streanms. Oten, data fromdifferent files is to be transmtted at the same
ti nand bvparticikars does mexti gerféion askemptie reitfangnpasioncifi last oy SPENPERE a 10
Mops bandw dth transm ssion capability, the packets of two different

Con[!,;({]ge%.c aASled LRN& MLl brdtBBos R rdritiEin torpenat ase istluéans, for
exanpl e, eac treamof 5 I\/bpg bandw dt h. Pﬁ various commer ci al ,

applications, partions o he avail.a Nkt : i {
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applications require that packets are to be received i regul ar nd

ti néyyed Bshiaod,5 fronoexasspired tfaOSTHSRIPD o, ABS TeGRBR JeiRgRamFna0fi ch i
is inportant that the jitter (i.e., the anount of variation in the

endphiea8Nan@BFE&dcadt NMPEG 2 ttidisborSsitepisas | ow as possi bl e. Increasing
relrability at the receiving device inplies use of a high precision

control of t hslfﬁe%gceg#tgtfi:uor%tﬂtﬂg%rﬁmg%ﬁt(gggitpéhsmﬁgbpg{ #hé ¥aiertieoadband

appl i cations. eral, t usage of a broadcast application i
selected according to network | oad and spee | eased wi, dt Epca aci >
: . ] , ty,
andopentessimg mepidedrof ei‘q‘fép%dfe?\ﬂaﬁﬁc‘tﬂ@%\é .eml'ﬁgs ﬁaﬁ@%ﬂg?ﬁ al | ocgt ed ?‘/or
a given transmssion is
bandwidth transmission capability, the packets of two different contents can be

transmitted at the same time in separate streams, for example, each stream of b
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



3 WD 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 oBhesesel ect ed target bandwi dth. As the broadca®CTiBéE®9IE 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

exa i dyvi p be ,regularl hecked at st once per
secondr,gm':ch;erelgfﬁgrts.3 gﬁttgaér{lgeﬁ{ijé; E‘L’zﬁgﬁb%ﬁwﬂ h Cgﬁ&ﬂm%ap{%&aﬂﬁsm'a?'ﬁa' H?F’ea U@iﬁti ty
of”g)ata t_rggsferred inthat time frane (in this case 1 second) by that

t i mePqnhviidh Useqiranpyasydelpsivecto threseleatashtaraeisbamdwidibr age (or mean)
bandwi dth". This is the total anmount of data transmtted during a

transni ssi on dAwitldethrdydddse takenphities $he batdnadihovaridhgnd @aRbe AN
bandw dt h" and "average bandw dth" are wused interchangeably herein. Since

t he gead Rl 4 Mt o v IS it tine,
bt v (g ey AR, LR I daRRrieehS: HeBifuld iU Skl fadeuti
h used during transm ssion of a

cont e BB piast Ea e ime ndi ol rHED et thet AU Al apR SRELES whi | o
mai ntaining a fixed packet size results in less data transmtted during a
gi véAguliaps cheslediatemost sace per datand stheeinstarithheos bapdeddihesbandwi dt h
control, various problens can arise. Basically, there are three different
scermmmstet At dRAdIngaueeUdriay| & data transferred in that time frame (in this
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;



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

val ue; 4 WD 03/065661 PCT/1B03/00993 (2) the average bandwidth is too | ow
rel ati ve wo oBhesebar get bandwi dth val ue; (3) the average PpPamdBiaiob93d s
equal, ar very close, to the target bandw dth, but the instantaneous
bandw dt h val ues neasured during the transmssion are different fromthe
target bandwi dth. This type of transm ssion is hereafter referred to as
het er ogeneous{2)i tle avemteabardywidikds topdoywr Elateimsta ths sardey beRdvwddiy er ent
scenari os descri bed above can adversely affect different conponents and
struglugyes of the systemthat receive the data, such as routing and

swi tching devices and the destination receiver devices. This is described

bel ow. (1) Sendi d q.tlﬁ i . i.n ata at a
speed above tﬁgs ?gwregﬁérggggﬁ t 'Hﬁgbga?ﬁéalfgggﬁﬂgélﬁ)tﬁleég g{%tntft’lllf‘ggl packet

| osses. Loss of packets reduces the integrity of the data transm ssion.

Al sBangdwiith; bRt he dingastanequsmbansbuidtl yaluesyveaswiededdingh the routing
devices are not able to buffer the incomng data stream The same probl em
cantrah$midsiemaep diffatcort Srorh thattarget baeiwidtio. dhéatwybe of eranshissionHer e,
entire series of packets can be lost. At the receiving device side, packet

reaggRAbleY reffrff bl Hetdldgdnbolifei. BardnraiRs Peaks.
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



application program processing the received data is not designed for an

i ncom ng data stream speed higher than the bandw dth nean (average) val ue.
Mor eover ,wa 03loexsal area network (LAN) to which the recei viPag/Tde/i0esss ar e
connected can 5 WD 03/065661 PCT/1B03/00993 experience congestion if no
traffic buffering nmechanismis provided between the data transmtter and
the recei ving deviges,. (2) Sendi n1g data packets too slow. |If the packets

ar e PPEASHTE g@ﬂge%ltﬂo%'fs'ﬁ%étﬁff'ﬁ\%’rf rHEhmesbanisaeis Peyided dpetweandedt h, no

| osses of data packets should be experienced. However, a resource waste is
caugida tempeuit @l landi thet feeeivimmdevicesn bet ween the data transnmitter and
recei ving devices is purchased on a bandw dth usage basis instead of on a

transmtted d ansuHy; i , J vg{g% r ) : lity can
be affected i?m?he ing 482 pablsd tO%Lngognﬂ]gwé ti{ar??{gniéﬁéﬁggcei ved
sound and video will bhe intermttent, rhl,ed, or otherw, se distorted (3)
Peal?g 9 ﬁp%%dngk}a’?{ﬁﬁ‘%‘s%ép fd FRgst lbﬁggé’l‘()gﬁhd@ [ﬂf'Fﬁﬁt‘)fV&aﬁér{?\ﬁk%ﬁ on

bandwi dth is close to the target bandw dth does not always guarantee that

t he sheuld berexperian¢ed.béidweverofa 1esobraenwaskois exesaul, esspehialy it dme be
bandw dt h wusage peaks at any instant during transm ssion. Also, if the

packrinpeatien beitwebarp@enaausdnsrHitedrrdRUiRAIING Ideiddiesty ABRMR&PbR™ 1.€., a
fairly constant time between the successive packets, packet clustering

OCCLHa%dR/\na{h ﬁééﬁeeﬁagig ihgfera%aé’reon a transmitted data 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 succéssive 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.



or decrease of the bandw dth used at a given instant, this being the

i nst ant aneous bandwidth. As a result, the sanme probl ens descri bed above
for transwDagioaisst Wi th nean bandwi dt h hi gher or | ower th&cTtiRes/G0a93get
bandw dt h can arise, although the adverse affects are experienced to a

| esser degree. 6 WD 03/065661 PCT/1B03/00993 Accordingly, it would be
desirable to bg able to hette ontrol, the bandw dt sage _for..the -
transm ssi on d&c%%rgemlg, @owpgf%ﬁﬁéieﬁ'ﬁilpl?gﬁebeo?glgoﬁ?t Q?#(_er ?’?{rBLtlhettenpts to
sol ve the various problens discussed above typically enforce a maxinmm
bandv@nstvidtiTivgage Jor the tangnasienidrasketoeentairing @ty bdbeasf eoniefter vene
when a maxi num val ue bandw dth is exceeded, but do not intervene when the

bandwigsh dtterppes td Sohv@ie Vaadus ProbiemidiseusSeliedboax slpicellysenferé®as correct
existing traffic streans. That 1s, a' protocol is used to solve congestion

pro seﬁq§r- i I i r J r.Ql i t her
exi %?g‘g’“%@ ut'i on@)(hdi scar'g’ m‘%:grgbén{\}#g% bh?#ogr%i fsépgé%cgplgzs) a%x?e@fgéﬁxen one of
the solutions_of this type discard packets using an algorithm such as the

" | eakPep @My ¥aiueniandvwishia i sissedsshiit dlo Ret IBeRENesvgeRdNei on, p.
380, Prentice Hall). OQther solutions permt a certain anount of burstiness

i n thendwitdpliusate éshowsr tigarathe atgomunhmOthehegistingesdltb&es cbreket ™

al gorithm (Tanenbaum p. 381). Brief Description of the Invention In

aCCOnLHSMGS 1 fiB stidBnhdlY &tk 7). & blotdBSI RERRdHSEONERfhdeBfbnigiBbiems
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



bandw dt h can be held nore closely to a desired target bandw dth value if
the pause (wait tine) between the successive packets is properly sel ected
and the wedketxenre transmtted using the selected wait PCFEBEANPISY t he
transm ssion of the content. A novel nethod and system are provided that
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
bantive dtdit ine setxeeai phblketsdakesgonsent selebhtet supdit pestmetars dffvesinedent i on
operate to transmt the data in a manner to control the bandwi dth for the

tr apsges phRMwMthCAN Sk PV iHPPAEIQsi ng  the pause, or wait time, between
t he packets of the data stream As part of the nethod and system a novel

al gorithm has_peen devel oped and i.s,inpl enented that rel at t he desired
2 (P of : Pegetaa SRl ainerBvE T SReite el Tt e diEa ! ar ger
bandwi dth (BT) by selecting and controlling the wait, or pause, tinme pause
(t win aeanpasriot erntrelathenbaryd widthfor Hee paoretissionted gantent bvgootielling

i npl enented in software and/or hardware. In a preferred enbodi nent of the

I NVed badse, tdrewRlitaeng] patWeehtRe Jaarew 6 the aatd Slream. NAXipEre ety the use
of the highest resolution clock or other timng device available at the

A S bl 3 OGO WA YO ARRATP B Bpl b g 1 0
relates the desired size (P) of the packets of a content to be transmitted to a
desired target bandwidth (B7) 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,



packets is cal cul ated based on a fixed packet size and target bandw dth.
The i nvention does not require or use feedback fromthe receiver devices.
Ther ef or ewoOi0B/063n1 be used for unicast, multicast and broascagno3/00993
transm ssions and with sinplex, half-duplex and full-duplex nmedia. As
conpared to the existing transm ssion problem sol utions di scussed above,
t he ,irnventi on causes data flow to tegd towards target bandw dth, 8 WO

03/ BRSEREINECaY INBERHSHYY SFRNSHUSIRASIPREI RS NERESEAN ndRQ henn¥enten speed as
necessary. Al so, the invention provides traffic control at the source so
t hapravidesotraffa¢ egntnohft itbe issussmst tihyt thdi sttgoling edftiads serodghlyowar ds t he
target bandw dth. Further, the invention prevents excess packets by

| Nt HREWSHTRE ARHEGRIPRINERTS BROKRES: bAPRIHIAY FlieherS eREIvdHJd] the next
packet is to be transmtted and never discards packets. Also, the present

i ti int ai t bandw dt h it 1 ni . ti .
o1 P 0E PRETT AP are oY BIGOHAIe) EPHere BEfGeee ParkeRa ok d s the
present invention will becone nore apparent upon reference to the

f ol POV eiginsfidbefnexdtnaskehnt tahadkasraitias ad never discards pagkets. iAlse,
schematic di agram of a systeminplenentation of the invention;
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. 2is a flowchart of the process; Fig. 3 is a flow chart show ng the
generation of various timng functions; Fig. 4 is a diagram show ng

per cent agwoaBieisetr el ati ve to a specified target bandw dt RCraBozmwIsxenpl ary
transm ssion bandwi dth of up to 10 Mips; Fig. 5 is a diagram show ng the
percentage error relative to a specified target bandw dth for an exenplary
transm ssi on bandw dth of above 100 Mips; 9 WO 03/ 065661 PCT/ 1 B03/ 00993
Fig. 6 is a dFiggeas s Hrgras sHeviper tenpagentageerroetalative tb@ speiféead f i ed
target bandwi dth for an exenplary transm ssion bandw dth of up to 1 CGops;

Fi ' |.agr ] i L I3t [ t ackets;

Fi crarget Bar B o O e Bt 0% ha v
time of a fixed \rﬁl ue between the start of. segaﬁli n (ﬂ‘ successi ve packets;
and Fig. 9 isfg foldid ARYAHSRAWINGVRTIRIS TP atl‘—‘?'bs. RS r’ﬁf‘f"Sﬁ'ﬁci ng an error
conpensati on nmechanism Detail ed Description of the Invention In the

t r apsckessi on of data packets, bandwidth is usually defined as the anount
of data transmitted in a given time frame. Bandwi dth control refers to the
83522' lity topigomtisod flbechRaMMoAiRg dn Biterrae fuAEBoRTol pRIRIBINS Wikt for a

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 Bu, 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 Bt is known, the mean bandwidth Bm can be defined by the

following equation:

10



anount of data. A significant value to evaluate bandw dth control quality
is the nmean (or average) bandwi dth BM that is, the arithmetic nmean val ue
about whiwb ospbssenct ual transnission rate centers during tPoa/IBeR00E

transm ssion. The target bandwidth BT is defined as the needed (selected)
b?ngwl gt _hdf ﬁr ﬁ gi ven content transm ssion. In sone cases, BT is an anount
of bandwi dth that is sold or leased to a content produc by .a Qroadcast
facility. |f (BT-gk <k®ows, (Bhe fean bandwi dth BM can be dzkﬂHéﬂo%a’?ﬁe
foll o ng equation: 10 WO 03/065661 PCT/IB03/00993 (BT - s) < BM< (BT +
s) viikgréation 1-1) where BT = the target bandwidth BM = nmean bandwi dth c
error or dﬁVl ation of BM from BT The main goal of bandwi dth control is to
mnimze the grrof S HeLWBsAIRM@nd BT. To consider it from anot her
pe{splef:tl ve, % RS qie ger centage error of the nean of the bandw dth
actually transnmtted relative to the desired target bandw dth BT,
expressed i n PercEmAyRANAMIANas: E= s 100% (Equation 1-2) BT

g = error or deviation of Bw from Br
The main goal of bandwidth control is to minimize the error & between Bw 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=-2.100% (Equation 1-2)

T

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 Bwm 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



It is also inportant to consider the anmount of data transmtted in a fixed
time window snmaller than the tinme needed for the transm ssion of a conplete
cont ent, wbawB/ 061t he i nstantaneous bandw dth, and to conpardBeiinogodval ue
during the entire content transmssion with the target bandwi dth. This is
necessary because if the instant aneous bandw dt h val ues are | argel y

di f t fr mth dt,h the ta transf

osc{}ﬁ g’?‘i"ﬁ@ eqa?%r\'{%ﬁi}h?f egs‘?%c"i"%nchal? erogeEn ecﬁse gTHP theccaarstehappen
even if the rrean bandwi dth BMis equal or very near to the target
banafiranamssiomief slatethyr safelise ttiarismispienbandwi dt h usage can be very
difficult to nmanage at the receiving end, for routers and other routing

devi ces, espepi ‘aldnstamier ieandhiidii® a3/ @@Hﬁ@teﬁ@w BO&i069 M3the Higfeabhmed
t ar get bandvvi dth BT is fixed and cannot be exceeded, e.g., in the case of

trap%eor |ca stgﬁﬁ%ela&sg?ah%tvtn'dtl‘? (i Qé,fle‘lds,ﬁlén She ﬁa','ﬁé)a@t anl thRaadyidt h can

Harne the dif erence etween t he'instantaneous
bandwi dt h asured in a tine nd the tar bandwi dt h BT tends
Lo ben Wfqtfwgtter%isttocﬁﬁrpda 3 B g Sbe SFEnsTSEIoRs TORS, sy’ < B{ Lt 4ot 1
< (BT + s) (Equation 1-3) wth E and At tending to zero, and tstart <t
<tend, and wh@re- eht<aBt.t+a t< Brsri gsi on start tine; {(Equation 1-3)

with ¢ and At tending to zero, and
tstan < T <tend, and where
tstart : transmission start time;
tend : transmission end time;
At : measurement time frame, which must be less than the transmission duration;
Bit+ay ¢ instantaneous bandwidth B measured in the interval included between
tandt + 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:

Burstiness = Bpeak {(Equation 1-4)
M
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tend : transmssion end tine; At : neasurenent tinme frame, which nust be
| ess than the transm ssion duration; B[t,t+oti : instantaneous bandw dth B
measur ed wop mlesebnt er val i ncluded between t and t + At. TRE€TAB®/®IS only a
t heoretical situation, not reproducible in the real world. Neverthel ess,
the bandwi dth control described here is designed to approach as near as

pos%@ré’ﬁﬁs*’tﬁb%é&\‘%‘ nﬁQ\LH{H B8P a tiShdMishd% SBRteRY AR B6LS is%gsmgﬁeﬁt ed by

the sen g devi ce par anmet er that can be consi dere

tra bursti ness efined as:, Bursti nes Bpeak (Equat.ion 1-4 BM
s A bl Mo PROSHo a5t dHoy BRI TS e UG AT RS G 2

transm ssion content, and Bpeak is the highest of the absolute

i nsifThat wneous bandwi dt h val ues neasured during a transm ssion. That is:

Bpeak = max(B[t,t+ot1l) (Equation 1-5) ldeally, the burstiness should tend

to one. That Bg. Lhghapdwigdth being used should b@Ecﬁﬁlﬁoﬁr%)at BT. Note
al so that under the sane conditions of burstiness, e transm ssi on

het er Ogenj%iah% ﬁwoeul)grst%%e%' f f ‘?&‘Eendg'té‘%ﬁenorﬂélf@rﬂ?é bgﬂdw?dtw Qéﬁhge(‘ged

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 Bwv, 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 Bpesk 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 Br 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
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in this value about the recurrence of Bpeak. In fact, the burstiness val ue
says how large the peak is relative to the nean transm ssion bandw dth BM
but not hewosfessyltines the peak is repeated during a tramemiBei/@ne3 That
is, atransm ssion can experience 1 or 1000 peaks, but the value Bpeak is
the sane in nost or all cases. Also, no information is provided about the
heterogeneity of the transm ssion, that is, about the peak frequency.
Appharch¢ itonMbpsdsambvitikj the aeetenft isifirrghierited int nocketsratcbtise aach as
the User Datagram Protocol (UDP) for transmi ssions typically are not able

to seHief 1oy MbpLbaghe AW Bhddé i§ @b apdickeBniieaaisdBasoion. As a

consequence of the absence of direct control, data is sent at the nmaxi num

bandwi dth al | d by the . [ i
he i nst ruct i Brras g mgPE Y bivenRpRt 5. R BRreal S AL AReORAFRERT o TS

sent at the maxi nrum speed (bandw dth) allowed by the network card. For
exabpgivesen sucaessivet mh&téafdhéatﬁaqsgmﬁ?aomnws'%ig BErtios®ENgHaed handl e 10
Mops bandwi dth, the content is fragnented into packets and these are sent
at Jéhgdpsd em athevieethaosdiec telleraeg étsbaral vaioiph iBrat Thoe nhetheld arahsystem dh
accordance with the invention, a wait, or paresidual tinme is inposed

bet Jiﬁy%HﬁSﬁ%ﬁW&eﬁ%ﬁfﬁi}%ﬂ% doRerol wnﬁfﬁoaabmg s Pa8s, nlokiRPkRAY

ban usage and to achieve the selected target bandwi dth BT. The

T At ST oo B 08 Ao 55 oBS0 & Bsieep! o

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



the average transm ssion bandw dth BMis as near as possible to the target
bandw dt h BT. Also, all of the "instantaneous" bandw dth val ues neasured
during twe oeissm ssion of the content are nmade to occur PEI/IBOI®EIY as
possible to the target bandwi dth BT. For this reason, a high precision is
needed in timng the time between packets, and the timing preferably
shoul d be as precise as possible. The needed precision needed for the wait

ti nﬁe%ﬁbn@w@'ﬁ\gﬂﬁ@ﬁ?@rt@éﬂoﬂmﬁ SsPoWallHm@Wibet WesT PasketdsTri bed bel ow,

the higher the value of the target bandwidth Br, the greater the control
of OlEDGBEBE Seadbnds + e 5FBE millietvwrets) pdt kiet sresdisiuhobfbﬂwe timeor der to
mai ntain the deviation E fromthe target bandw dth to acceptabl e val ues

for -aglihGg gs{"b?ﬁ-fop%%érﬂﬁhiﬁé‘ﬁmé wahtown@%&w ﬁaaietgl.y'o%ng the data of a

content to transmtt 0 packets of e. 92 Bytes, and needing to

t t d f_dat b th BT =
confileedhel g Pt ligeoBd Gadsahebdriibm a“%vﬁqsaﬁlm%@radeaﬁcke?m )

being 6.5536 mlliseconds (8192 Bytes 8192*8 = 65536 bits. 10 Mips =
100600001 u;uerﬁrqm|theomw)wpbtetds6@Slem@ewﬁ@@ab@ﬁ@mu BE3neivdRe Wi ond
Di viding 65536 by 10000000 = > wait tinme (between packets) 0. 0065536

secpadsor7miRRfofids! | FIes #oGding lth 6 BE 7PREINEedMisOlill PRodudERrespeeEvE | Ng
system for determning the wait tine between packets is one mllisecond,

€ Yerrofs 9% Bddhi 5186 U GhORsrad & BAnERidH | IRy e/ AbHE DR 8p L O1iBE grounded

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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down or up fromthe conputed 6.5536 mllisecond value so that the wait tine
will be 6 or 7 mlliseconds. The-rounding to 6 or 7 mlliseconds wll
produce rwemawmticee errors of -6.38%or 9.23%in average pamdBixobdusage
fromthe specified BT = 10Mops. This exanple illustrates the need for a
preci se conputation of the wait tinme intervals between packets during

br 08AgAS 1 A0t BRI BaSnd aﬁdimfe,ﬂa%r,c%@%em ¥ bitorauab Lo the

target bandw dth BT, theoretica e wait time nust not ounded. In

practic i one . es, this val ue st,_be rounded, due,to  software and
Rttty PRBE TR T iato dbs dribRarsaBiowt A R SEratast BRePHEE  he  hi ghest
preci sion supported by the sender device be used, and therefore that the
achiepeindimtntir miesrsecondi(bighst iphecision) dhe er@rdeiasgar e and har dwar e
configuration enployed. As described above, in order to provide high

preci si on conFigols, siddwsi BRGIH éxdmpleperé absolkee penseriagedkricy R he tine
granularity (precision) for the nmeasurenent of the wait time between the

S ucﬁ@ia%ﬁ‘n%i& rs%'%&ﬂ"énE ﬁ‘g% g@%ﬂﬁ%ﬁ ta etlladelsna%éfﬁ) 'B‘?Ffog i'ggqi}/éré 3&&%&&1@ %gz ﬁh\‘,‘\; ath

percentage error ogal €) on'the 's [ targe (
of B oRBIWHE U SONIBPSE 3 RBCKRT BFe i eh REoURER RDES W S O88661 -
PCT/ 1 B03/ 00993 of the wait time to the mllisecond and the | ower curve
shotte ¢mer erttoroursling ofrtbendeiidginé to bewaillisecond aral tHelowarsstioond. |t can
be seen that when the

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 Bw 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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rounding is to the mcrosecond (higher precision) the error is less. Fig. 5
shows, as an exanple, the absolute percentage error E (logarithm c scale)
on t he spwoioBioesdet ar get bandwi dth BT for a given transm s®PCFIBeX/009%3

bandwi dth up to 100 Mops, with a packet size of 8 KB. The upper curve shows
the error with rounding of the wait tine to the mllisecond and the | ower
section shows rounding of the wait tine to the mcrosecond. |t can be seen
t hagrantleritpayaddtyield muebhighemang tnasceniable efrarsutodargrivRanayidiBes 0.1 %
By rounding the wait time to the mllisecond the resulting error is

si gRidhi Sightflcknelyaates ;thehel @bpeal  bandwi dth usage woul d be 45-50% hi gher
than the target bandw dth at a BT of 50 Mops and 35% | ower at BT = 100

Mops. Fig. 6 ﬁ%)gg?ﬁ&esiggr(ppgfﬁe,?ﬁage{rﬁ%rt@gg@ Q\%ﬁiﬁaeﬁgﬁgrﬁgshﬁndm dth BT for

a given exenpla ransm ssi en rounding the wait tine
bet ween the packets of the ,traﬂlsm' sshon to the m croseco t he
&gea

wh
pacdasieral se larggr e PRRkeHRZRe ¢t Be BBCENRIF GHEh O?g[]ﬁ&?%%t o the

mllisecond is not shown on this graph. By rounding the wait time to the
m csarsheioiil Brirbativeetocte agandrarciwidih Bve whemyghernsdadetadingBp afpleest 1 Gops
remai ns under 0.8%in the worst case. This nmeans that the difference

bet yRestepRMh BRAMGLEEMANT hid Rf AR td e vask thalBTr wisibdcker sipdles 8 Mops.

This m ght be considered to be acceptable for transm ssion speeds up to 1

Gbpi%'cre%%tedy%enﬂutnﬁrb%rlofrgaccrk%%se ok Q g?\penvpaRynQQgﬁ jcoﬁgﬁtl @Qcﬁjegge%ggnd,
consequently, the number of wait time occurrences between the packets of a given
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 s:peeds 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:

ty = L (Equation 2-1)
Br
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granularity would yield nuch higher and unacceptable errors for target
bandwi dt hs even significantly |ower than 1 Gops. The packet size (P) plays
an i npor twpto3feiéel during transm ssion. In general, the | &ggBoddveddpacket
size, the smaller the percentage error of the target bandwi dth BT relative
to the nmean bandw dth BM when there is rounding to at | east the precision
of a m crosecindperahios, bethlB: dml Plaee bastidebais input bargraeteet tsithe i s

i ncreased, the nunmber of packets for a given transm ssion content decreases

a”dcomﬁﬂf'éret‘ﬂm‘é?%hi’nolé e ‘Enﬁﬂéﬁﬂs&én""afﬁe tdr t BSEH‘M@HP\CE%Q?B\Q’%%@ gyne packets

of a given transm ssion Ccreases, causi roundi ng error sumto
deC{ ease. i nvention, the ransmni 33| on_.is controll ed

h
rE‘ae'f"“eréf’i“n‘@fh‘Qlﬁ’éj‘i“ibﬁs ﬁ%”@vé‘ﬂ(a'ﬁrﬂﬁsforﬁ &FQHQE %W‘?ff'”&e #&ttef8F mi ned val ue

between packets. It is preferred that the wait tine interval tw be
conpxaredleniit ane iveantisgivesend prostitentoie pdbisH Hesson a heogremiern dwvinedeby usi ng
the highest resolution timng device available. As denonstrated above, at

| eagvainible OFREONHe F6PBEYH Al Which thBIfié & eblbe trangHAtahIcen®ie@dgepeabl e
bandwi dth control for transm ssion speeds in the Mps range. The al gorithm

appgégrd ﬁﬁﬁgglﬁ@é{?ﬂt@’% BRI Br %“OBM?W ad §n %putoﬁét%%eter given the target

bandw dt acket size nterval tw between

every packet is: tw = 8T (Equati on g
Asto the packe snze paramet r, typlcally 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"cer. 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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WO 03/ 065661 PCT/1B03/00993 1In operation, both BT and P are provided as

i nput paraneters to the conputer that controls the transm ssion. The target
bandw dt wBD3oesscbe set by the person who wants to send &CIMBOEIWOSSI ON

t hrough a user interface. For exanple, if one wants to send a content to a
third person, a program can be nmade avail able where the "speed" at which

the file is thb.%et, tR8 At ddtashridvigit 8F edideYed Rer usks @Fith BhiYoatiSastt he tar get
bandwi dth BT is given as an i nput paraneter. As to the packet size P

par affelleioh YRL A Ye I15eRASASY 8.11%ﬁe&%négg%s.%%e&amoogét%@?gsangagsg%"ed to

br oa ansm Ss s, and then Sitze 1S kep for all
transm ssions. The acket si ze can be, exampl e, cont ained in a
confie§tR"st Pe¢h eFIthe am%m%af éaﬂdw@ﬁwﬁmedagr puEdinsed tler peaneter. In a
typical wuse, the content to be sent and the target transm ssion bandw dth
BT are sel ect ddurind hlea ttamsniis siad aefsthegqu@kietabiloop opadstidine repedest packet
size P fromthe configuration settings, which was previously set by the

broaé%a?tpa@;g@ﬂ J[rgﬁg,lﬁpgls,gﬁ asV’f%ﬂoWépUt At this point, the broadcast
application "fragnents” the file to be transmtted into smaller packets.

Typi cal |y, th der. f t hes ackets w || eci he, address qf th
recei ver and APO 0 I?ne ﬁ'ﬁﬁﬂfﬁ tﬁﬂ%"ﬁ’&'& t(q,soﬁ{%éhf’{ \é‘?ﬁ%et HFB%@@%‘{’C}'
application aI r eady knovvs t he packet size, since it was read fromthe
confi gur ati ond2brséncbthe hackeiput before fragmenting the content to be
transmtted into packets. 18

(3) obtain the actual time value t2 (after packet transmission);

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

Tused = T2 — T (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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WO 03/ 065661 PCT/I1B03/00993 1In use, the target bandw dth BT sel ected for
use with a broadcast application programis |largely based on the

transm sswonsfedsn t o be used and other factors, such asPChgBeaayst of
bandw dt h | eased or purchased for 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

t r arswusstten)therd B) ssiinderithémeaiok ¢he W&} tiohs & bo beeaciieved, theraendal ue t 2
(after packet transmission); (4) conpute the time used to send the packet

t useghyidhed&yd fb's%lt'atr@sﬂub?tlﬁ@’e‘é’f'tbpﬂﬁe?s&%d p@@keﬁ@%r@{ﬂ%naisvc%rﬂﬁe’éed.

(reS|duaIRt:cme = tw - tused (Equat|0n23 for t; (7) goto
step e this r twis
he ThPiREMBUT R HENE et Gacke g%%%ss@etiﬁ‘f%aﬁﬁ BBD wibpF St " e
time between the end (t2) of one packet and the start | of the next
paclestthe Tieeded $peetl bandwidtha) Thattis nihg residyab e tiig &hg dlfzﬁ%@ﬁcﬁn t he

sel ect ed packet size P and target bandwi dth BT. The operation to send a
packsitwebndat(@vdis btiwees @ususssige pablets) and tuses (to send a packet).

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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time tused will be used to physically take a packet and send it on the
network. To 19 WO 03/065661 PCT/I1B03/00993 ensure that there is
suf fi ci enwotosesébor the wait time tWto be achi eved, the PeEmdBos/oodsvi ce
needs to wait a residual tinme t after the send packet operation is
conpl eted. The conputed wait tine tw between packets ensures that

i nf QFoBRAdRR applibatién PeOtesAE 5t hEnd e dsklictidgplicBaBANORIB- to ThRkehBas t he

i
residual tinet is the difference between tW (wait between successive

L A S e T o X ST R S

computer 10 that has a broadcast application programinstalled. The
br o®@6kat sizpSrernay ? endpihegwath Wpertatfeamon3 dransmpisntha 37 pagketss to be
transmtted in data packets. The paraneters of the transm ssion target

bandw dt h Br &igl padkbels she opétadion ofnhd complbe inopgrid@ningGheAtepxpifai ned
above, the value P of the packet size mght already be known in the

COMRHL %fmiﬁgtloPE&EB. aﬁ»e’&r%é' Eesri&?éfitrrﬁgztlaEhr%fsﬁgH%%o%WRi%Sldﬂeth\éfgi t tine

tw fromt algorithm o guat 1 on and operates to control t
shown, as, havi

transm ssion 16 of packets, 18 (bl ack , bars), trolled
wei €755 Foat hestarkeh tansrigionsd ¢ Bapkeiis S teRRnas ARt Stored 1,81 02cei ved at
a conputer 20 that has a receiving application programinstalled. This
pr odgn &hGBabeapasikes tote setidsvodde avkibakjeiamdois senftiin & tQht lie &' pitieds t o
the content file 12 that was sent. This is conventional. Fig. 2is a flow
charghdaimehe oPRE atdnhReR¥Sof tHRS Sackdt iSHeddtiR3dtdIR] is stored in S1086.
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 tz 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 cf the actual

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

obtain the t1 and t2 values would be to get the actual time from the operating
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target bandw dth Br and packet size P are input to the conputer. In S3, the
conputer conputes tWin accordance with the algorithmof equation 2-1. The
conput ed welwmeieat i s used as a control paraneter in S4 th&CTiIBod/owpest to the
20 WO 03/065661 PCT/1B03/ 00993 broadcast application process S5. The tW
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

t he swatemt bueh ew fremnitsimingraedk.s Havee T, phiskepsld gy thatlibes t he
operation of the conputer in performng the steps of the timng loop to

obt ajperatiey E¢sicht Mastd Wendr FSMi@bescAMH precilone.InAheSHibnckhg thid ne ti  at
the start of transm ssion of a packet is determned and stored in S102. In

S 1Q3,.i;: d L 5o (1RES i L abl ng I - 4. In S
105?§%'tl1'1&eﬁeaeﬁﬁﬁ%@gng}égﬂ%r% }%gnsm chll\(@eli’l b%;)uﬁé %‘aac;: er?[%mss ég%eﬁre?ngned and
is stored in S106. In S108, .the tipe quantjty tui?d in transmtting the
pacKEtM;UeddmRIPEATEYBG 1dP{RS tonRihiNCreMEN3ingaYqiaPiem Pare $YaeM%ai  abl e in
S 110. In S1 11, the conputed value of tw (see S4) is used in S1 12 with
t usancluglé raoinigBiregOutiom perfpuhenté eonetErdbat ptovides higesesedubaen etap2e8) . The
conputed value of the residual tinet is available in Si 14 as a tine to

S03 el L0 e 1 e B e e ot i g
the (@IPgBrejntdhrrgaafbyE%Jg toipgrnatlzﬁglsyi/é[teims. Elrs%]:aﬁ{/,r ﬁ1de é&?r%tetr rrlgué’t Cé lhiaFcivegre

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

computation, are carried out. If 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 tused 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 — tused 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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used to get the current time values ti and t2 of Equation 2-2 and to wait
for the residual tine t of Equation 2-3 have at | east m crosecond

granul ar iwg 036861 si on or resolution). Mking the granul 2CTIBOMWPE preci se
decreases the error E of the actual nean bandwidth BMrelative to the
target bandw dth BT The nost direct method to obtain the ti and t2 val ues
woul d be to get the actual tinme fromthe operati n% 21 WD 03/ 065661
PCT/Meimromolnowsihe: @y et iimeawithy e desired; grepyadityckrenBi&fer, this woul d
inply that the operating systemhas a tinmer of mcrosecond precision. In

t he spseactesofart besusetlaci lity, a hi gh precision hardware counter could be
used. A counter is a general termused in progranmng to refer to an

i ncrementing vggd %Qleagoahcﬁ?ﬁ? sRYSIERBRigl BC! HER thdlidaiuRSphytii®RUPEHEPT mance

counter that provi I gh-resolution elapsed tinmes. The counter val ues

are nmana t he copputer central _processin ni,t - ng.read by the
opera@iﬁtﬁge‘%}g{éﬁ\g tbglfg?cpgplqerqlevq!%m Bf“a"n(ﬁiqr!t 192 tﬁgrtﬁvwﬁg%%)oﬁ??é’ww in a
CPU-sharing operating systemif other tasks, in addition to tine
conpetesennimelr arecpiovidatl auB2006f anth&20%er Aglingdteferee i BATPUFED ihS28dunt er
i.e., how many tines in a second the count is increased, is known, it is
possddl e to conpute a tine interval such as tused by obtaining the counter
value at two different times and dividing this difference by the counter
frequency. As seen,_ it ig desirable to use a high pregyghepncnypter. Any

. d .
reliabl e count&°Can Be uSéd, however, the highest resol ution counter

avai |l abl e .on the device shoul d ?e used in order. ho .y .
A function (i.e., a software 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 tewpses 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 tsiar (when the wait process is called);
Continue performing the following loop as often as possible:
S205 Get the current time tnow;

S207 Compute tnow — Istart = telapsed.
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maxi m ze the precision with which bandwidth is controlled. Another key
issue is how to suspend the programthat sends the packets for a given
resi dual worm/osssberval t. As shown above, after a packet PET/IBOZNSYS tted,
the programnust wait for the residual timnet = tw- tused to have el apsed
bef ore sendi ng anot her packet. If the broadcasting device does not have

t he necessary rdwar e and/ or tware facili acco h the task of
determining t WQﬁ?'e§?'aﬁii‘h|S Weﬁeervﬁ?‘taﬁ ‘trh%quaiéPr e§2§§anﬁ1%ﬂ F%‘G%Bfl? oRABYi des at
| east a 22 WD 03/ 065661 PCT/I1B03/00993 nethod to know the current tinme

wi t hett the prograradcayrtinud eunintiyg. t hen ot her  approaches can be used. One
approach, is shown in Fig. 8. Here the residual tinet is supplied at step

S201 and the dghenrhegttoraddiexie thelauy, if Aeans wht ihe, tW.ddneyreanpr and t now
(present tinme) are provided at S203 and S205. A tine telapsed is conputed

' n %églgl 1@ he F&i ?@aﬁetﬂne n@W\erV\h§ afhf:ehl()'ége“ : Caftﬂf)mﬁ?f LIHCsto'nQé"cééese a

process l"oop, conpares
|n S209 the val ues of the difference bet tel a eFHand the resj dual

ti mét £an HaRaeR thak biewedt e neler biscweptersing eﬁhe ) B8 Ly thet &3 18 apsed

is equal or greater than the desired residual tine t, the |ooping process
endpracekd etastetiHenger tiprathe masidualéimedéndi ng a new packet. Thi s approach
provi des high precision if
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 6 which can occur
between teapsed and the residual time t is considered in each call of the process.
First, the value of & is set to zero in $200. Step S211 is added to the Fig. 8
process in which 8 is computed. That is:
O = tfelapsed — 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 8. 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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the tinme neasurenents have high precision and the appropriate v

described below, are conmpared at frequent interval gp Tﬁe me'?hogl gfsi:i g. 8
can be deworomioesei n an al gorithmas follows: S201 Get thecC¥gBIv@dIx esi dual
time t (i.e., the howlong the sending of packets nust be suspended); S203
Get the start tine tstart (when the wait process is called); Continué

pgrfo‘rm’ngthefollovm’n | oop as oft I bl e:
F T elcpmaios 20 GbADAES 1 WO s Br e PEpap aa1S. B5ebraTr s
PCT/ 1 B03/ 00993 When telapsed is greater than or equal to t (S209), then

exi ttHeldhtreaparatdissioet, dhaegps aynamicaht imowslar dartaTgPenyrif foRereyigts -
the loop, it nmeans that (tnow - tstart) is greateq:gor equal t% theSS exits

resi dual thiTBnk -t BEIYA BF eridi®dngndarRStRNinG Lt - i
S. ng 't i er nSdhdegRPStheNinktitangous bandmeditases, it
can %gppen Fﬁa@ Pel apsed ?t now - tstart) is greater than the residual tine

t, that is, the rocess i ted.l,gnger than the residual ti

i pr BRAPEPAN 81‘“3?‘1’1(8“?)? SV EEE W%I‘ff'%ﬁ‘ Tis shown in Fig. 9, i nrr\e/mitéhAnt he same
steps used in the Fig. 8 process are showmn with the same refere

nurmeral s. In tTbisporocess offermirgormCtionePeaFe redyees thit Rres iR é)ﬁchgn occur

bet ween tel apsed and the residual tine t is considered in each call of the

Pr 0CES$antaneous 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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First, the value of Sis set to zero in S200. Step S21 1 is added to the
Fig. 8 process in which 6 is conputed. That is: S = telapsed - t (Equation
3-2) The welwwm6is6i s stored in S21 3 for the next process eaTBex®993
subtracted in S210 from the next residual tine t (passed as input to the
process at the next call of starting the next tw cycle). The process of

Fi g.crubteandstalgakeypansadetict ieyvicRUsH e t?[)fc%ﬂgt?:yetelrmﬁinieft%ie%rimggr
Int y, t t be

residual tinet with the error 6. hi's way, I me spent ween

send t e_next tends toward .t n the average,
notwrﬁzs%)gﬁgﬁﬁgl%%&l ?%gls(g{c]saﬁ%rgcd aRg §OEHR g‘fonitﬁ‘\gtg'rertb‘?néjvi”ﬁiltg‘dgﬁéedc 9 one
cycle. are conpensated for in the subse?_uenjt cycles. Wth this correction,

if the W@ﬁ?“ﬁgﬁénvww Ve eh sigdiieand benetinproginEbeeheRCREdBABIN0993 \
(conputed fromP and BT), which was in the process of Fig. 8 held constant
dur iurgelialite packet basedpsaioseison, changes dynamically in order to conpensate
for previous errors. During this period of error conpensation the

st ant aneous i MISIRECABIRIE SRS Uk S DORALELILET, TS

process of error correction process reduce recision o
the precision of the nean

bandP UG B aats SheRtPV TS Fer iR ROF EREPSSARL ok HifeoRS AR h Used
exceeds the target bandw dth BT depends on the rounding errors described
above@ntent size a priori. The only knowledge 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 outp\ut 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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The use of a high resolution clock or counter will limt this period. For
this reason, this correction should be inplenented only if it is possible
and accepwelBm6icol exceed the target bandwi dth for brief pemiBa®w9IBi s
conpl etes the bandwi dth control process. Considering the burstiness
situation, it should be understood that if the timng rounding errors are
not conpensated, then the |owest possible limt to the burstiness is

| i mifeatiirasimgccordanicaiwighftheiinyventéen.pAbigraeidve gmbnsiments Myl devi ce, but

t he average bandw dth may be | ower than the target bandwi dth BT. If the

t i MirBgogrhiged BiyNho8EskilfeddinerHeOsmR eigiadredntdritRia tdBe avaudge wigihidwhdt h is as
close as is possible to the target bandwidth using the timng facilities
pr ovi Y.t h ding device, but the burstiness is greater than if
erré?gggfﬁé@ngﬁﬁﬁgs not used. Reliable protocols such as Transni ssion
Control Protocol (TCP) send additional packets for acknow edgenent of
recei pt, and retransm ssion of lost or 25 WD 03/065661 PCT/1B03/00993
corrupted data packets. The sender device cannot typically determ ne the
nunber or size of additional packets sent, and so cannot control the
bandwi dth used. For this reason the invention is of significant benefit
principally when used with unreliable packet based protocols. The bandw dth
control nethod and system of the invention can be applied to contents of
what ever size. It is not necessary for the sender to know
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content size a priori. The only know edge required up front is the size of
the packets hereafter designated as P, and the target bandw dth. The
content swpa@3oeieyl affects the transm ssion duration, andPaatiBedi@9sver age
bandwi dth, if the process and/or device used to wait for the paresidual
time between the packets is precise enough. The nmethod and system of the

i nvention can be used in conjunction wth existing traffic shaping

sol Wk GhélM: Consider a network with nmany sender devices, nmany receiver
devices and 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 thg j ien e..QF €+ Of j wil |
reduce the bﬁrst i %e'lgs%g@ Pﬁéjsoﬁg{h\A;s%]t'trgy&(t@n%égvgeﬁgégénﬁﬁée{b'ﬁ?ﬁeI i hood
of congestion and packet |oss. Specifi¢c features of the invention are
shoSWcaasstisePakelp o8 ksrowmpackehsirads) Pgﬁ‘ %ﬁ?‘éﬁ%ﬁ@eﬂ?{?ﬁ@'ﬁt tQach feature
may be conbined with other 26 WD 03/065661 PCT/1B03/00993 features in
accacldane @ wargdt bavedwidtbnBroduriny ttlee tmniswessnb edinpisisgvihelsters ofiecogni zed
by those skilled in the art and are intended to be included within the

scope of the gligbfiRg 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
=L .
tw= g ; 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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WD 03/ 065661 PCT/I1B03/00993 WE CLAIM 1. A nethod of using the wait tine
(tw) between transm ssion of successive packets of known packet size (P)
of a contwptoswesébe transmtted to achieve a target bandwpPdrhB¢a®Dbyoduri ng
the transm ssion conprising the steps of: selecting a target bandw dth (BT)
sought to be achieved during the transm ssion; conputing a wait tinme (tw)
bet ween successive packets of the transm ssion using the algorithmA, =P
. and control 14-ng tHte Meiheriassslaimed in plairpak kettbey spmprising e stepi ne. 2.
The method as clainmed in claim1l wherein the conputed wait tine twthat is
usedfis rounded to a tine unit. 3. The nethod as clained in claim2 wherein
the rounding to the tine unit is acconplished by a counter. 28 WO

03/ 065661 PCTIJR3H AP tho drarl WPnd®l BPHaASHRLALATRA d Bachkati m 1 Turt her

conprising the step etermning the start tine transm ssion of a

packet; det er(:@tgllrrﬁli%ir%gh%heere]ﬂdtﬁrgg tg %f ?;ants%aiggﬂ)nnsc;s# rt]a gafcl}er%?aRnga . and

determining the time used tused in transmitting the packet as tz2 - 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 tstrt, of sending a packet a current
time tnow;

performing a loop operation of:
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determining the time used tused in transmtting the packet as t2 - t1. 5.
The nmethod as clainmed in claim4 further conprising the steps of: (a)
det er mi niwg@ oBlesebi ne used (tused) in the transm ssion of 2CEaBIAE0993 ( b)
determning a residual tine (t) as tused - tW (c) waiting the tine t
between the end of transm ssion of one packet to the start of transm ssion
of the next packet. 6. The nethod as clained in claimb5 further conprising
the step of fapeatonmpuirgps t(rad teafsh) =abvdv Cchfor each packet transnmitted.
7. A nethod as in claimb5 wherein the residual tinet is controlled by:
det erm ni ng ayal ugoRTpaFirdy tadsds M8 thetrasiduabfinfeendhdgrangpaictieg the Gkt ent
time tnO; performng a |oop operation of: 29 WO 03/065661 PCT/|1B03/00993
(a) .commutin ti tel.apsed.= tnow - tstart, (b) conparing telapsed to
thep?gg%}dwﬁgfagttﬁﬁe\}a?&%r?g tf‘Jrgsédn%r%tti ng 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 8 = telapsed - t and subtracting the
values froma |l ater

8. The method as claimed in claim 7 further comprising the steps

of computing an error value § = tespsed — 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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supplied value of t. 9. A nethod as in claim5 wherein the conputed wait
time twthat 1is used is rounded to a tinme unit. 10. A nethod as in claim9
wherein tWeomoeisdi ng to the tinme unit is acconplished byPaTaBeoeys 11.
The method of claim11, including the additional step of selecting the
known packet size (P) of the packets to be transmtted. 12. The net hod of

50°WD 03/ 065682 PCRITEBSToBS o is il i (P PEEBRy WarBhERBn e (T

between transm ssion of successive packets of a content to be transmtted
t o sthressve peakegistohasententhioBre tiamsiitetie aghievernrdargst kadyidih By: a
conputer including a programto control transm ssion of a content in

pac ket isgodhedad @ mis@RaNsotprisigdt and recei ve paraneters of the size (P) of
t he packets to be transmtted and of the desired target bandw dth (BT);

processi ng nmean | te.a wait tinme (tw) between successive packets
of the t ransm%sé?%ﬁuﬁés:}i 'ﬁgiu{ﬁﬁ{ﬁg algorithmttiv = BT and

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
=P
fw= Br 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 (t2) of transmission of the packet,
and

means for determining the time used (tused) in transmitting the packet
as ta- 1.
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control neans to successively transmt the packets with the wait tine tW
bet ween the packets. 14. Apparatus as in claim 13 wherein said conputer
further worps®es: neans for determning the start tine @ECTIB@00993
transm ssion of a packet; neans for determning the end tine (t2) of
transm ssion of the packet, and neans for determining the tine used
(tused) in transmtting the packet as t2 - tl . 31 WO 03/065661

PCT/ 1 B03/ 00993 15. Apparatus as in claim 14 wherein said conputer further
conprises: first nmeans for determining the tinme used (tused) in the
transm ssion ofba Appa@tys sedomdpimeddswhereinsaist apmiphgerafurgdrdual tine t
as tw - tused; and wherein said control neans operates to wait the
resigbapriédgie t between the startof transm ssion of one packet to the
start of transm ssion of the next packet. 16. Apparatus as in claim15

wherein said fﬁﬁsfg?m ﬁoﬁggégggpm&&ﬂé RiRY LIEANE . IPRr RkCFahSmASISRT Bt ge the

residual tine eac

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 tstrt, and a current time tnow
performing a loop operation of:

(a) Computing a time telapsed = thow — tstart, and
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transmtted and said control means operates to wait the residual tine t
between the start of transm ssion of one packet to the start of

t ransm sswon3obseshe next packet. 17. Apparatus as in cl ai mCIAB60OIBCr
conprising nmeans for controlling the residual tine t by determning a
value of start tine tstart, and a current tinme tnow performng a |oop

ition of : ti time,t = - i VO
031 065661 PCr/PB0SFO0B Y b kP Rl e oy hARAElng B RS ane

transmtting the next packet when the value of telapsed > t. 18. Apparatus
as ipackeimhen7theuralderofdempe P ng neans for conputing an error value 6 =
tel apsed - t and subtracting the value 6 froma later supplied value of t.
19. Apparatus as in claim 13 wherein said control nmeans further conprises
a counter that operates on a periodic basis to neasure the wait tinme tw

20. Apparatus @s i helabile 13 iBEil 17 SaifeF SR RInRRIANsORrSai d cont rol
neans to corrpl}'fgz thme&d\/\ag?fﬂs‘t %ﬁéﬂ\?&j basez oneot her meads)ured tinmes. 33
computing an error value 8§ = teasses — t and subtracting the value § 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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