WD 03/061136 PCT/ US02/ 39957 1 METHOD AND APPARATUS FOR GENERATI NG A PULSE
W DTH MODULATED SIGNAL 5 Field of the Invention This invention rel ates
gener al | ywoospeiise w dt h nodul ati on, and nore specifical lPgTIUSOZ8M95Ert | NQ
either a pulse density nodul ated data sgtream or a pul se code nodul at ed
data streamto a pulse width 10 nodul at éd signal. Background of the

I nvention Pul se width nodulation (PW) is a suitable rrethod to create a 15
power signal Wgah i i i

di gital audi o=s¥% ‘Em®
Digital audio |nputs to t hegg
nodul ated (PCM. Direct tra WITO generate a
uni formy sanpled PW (UPWY) si gnal is a nonlinear operation that 20
results in a |large amount of harnonic distortion. In contrast, naturally
sanpl ed PWWM (NPWW) does not contain harnonic distortion. Naturally sanpled
PWM signals are easily generated in the analog domain by conparing an

anal og i fput signal to a sawt oofHicldrof thealmg¢ngion shaped ranp signal. The
NPWM pul se edges are determ ned by the 25 natural crosspoints between the

i nput anal og signal and the ranp signal. However, calculating the natural
crosspoints for NPWMin the digital domain based on PCMinput data can be
conput ational |y ékpersvertiompelasysogansellpar/pudoeraddematiudapen, aadi o
Conpact Disc (SACD) is a new digital audio data format. The audio is
digitized antor speaificallpip senversng githerapisedensity modulated data

stream or a pulse code modulated data stream to a pulse width

10  modulated signal.

Background of the Invention

Pulse width modulation (PWM) is a suitable method to create a

15 power signal with high efficiency. In particular, many high efficiency
digital audio switching power amplifiers are based on PWM signaling.
Digital audio inputs to these amplifiers are typically pulse code
modulated (PCM). Direct translation from PCM to PWM to generate a
uniformly sampled PWM (UPWM) signal is a nonlinear operation that

20 results in a large amount of harmonic distortion. In contrast, naturally
sampled PWM (NPWM) does not contain harmonic distortion.
Naturally sampled PWM signals are easily generated in the analog
domain by comparing an analog input signal to a sawtooth or triangular
shaped ramp signal. The NPWM pulse edges are determined by the

25 natural crosspoints between the input analog signal and the ramp signal.
However, calculating the natural crosspoints for NPWM in the digital

domain based on PCM input data can be computationally expensive.



(PDM) format. It consists of an oversanpled (64*Fs, where Fs is the

initial sanpling rate) one-bit PDM data stream It is desirable to convert
5 the SAGROlBMeHBs eam (or any PDM bit strean) to a Pul se Wdtuso2/deul at ed
(PW) signal that can be used to drive highly efficient swtching
digital audio anplifier. The SACD PDM bit streamcan be directly used as a
swi tching signal; however this approach does not readily allow for the

i mpl ement at i ona(r)]f Lﬁ%;ef Igﬁéiecg%@%gq%lsgr(g%@%gggﬁé&w idi&talv HBERHQNt rol,

equal i zati on, ensi ed strgnal's (such as SACD)

are typi cal |#mpp! Phe ANARPH AfiRLAP hnd SR In'AAsATRIIBAMATuIAgbRE out of

the frequency a Intere IS results in a frequency spectrumthat

contains a (paygp BFRIAR [OEois Ut difoderiainified 164y Sktield BOigfit Swi t ching
digital audio anplifier for SACD input has been comrercially introduced.

However, in j@itifrsansplace eaed dakebit POIMBatatttdanh. It iscdeviiblelis eohbyrtanpl i fy
the SACD PDM signal . InStead, it nust treat the PDMinput signal as an

anal og sBgnahet$RCIEbIt st tibeana RDMVEbitdesianetd ® Pulsd Wietlcontrol . Thi s
signal then feeds a 20 seventh-order one-bit sigma delta ADC nodul at or

t hat gener atModalated (PIWM) sigakl flmat cambd fisezhtd dnvera kighly ethciegtanpl i fier .
A big drawback of this systemis that the signal does not stay in the

di gi tal donmwitching digitgl aadia amgplifisirgnizie SAIRIDM bat stoeamatangbe o al | ow
signal processing in the anal og domain, then converted to digital (PDM to
drive a swi tdingatly asechaphistyiechingl signale heswexer daissapgroaeh clogs miotg a di gi t al
signal line-up are lost. Additjonally, the use aof PDM signal .to drive a
switching aepdilyiadlowder theranpledpenta pagtfsa%ﬁ%ar skgBal PTAGESSIIEM si gnal .
For exanple, PWM has a | ower average svvitcgi riﬂ(frequency, whi ch VWO

03/ 061138 pdteugalmosontrpl, equalization, and the like).

Pulse density modulated signals (such as SACD) are typically
noise shaped in order to push the quantization noise out of the frequency
band of interest. This results in a frequency spectrum that contains a
large amount of out-of-band noise.

15 A very high-end switching digital audio amplifier for SACD input
has been commercially introduced. However, in order to accommodate
volume control it cannot directly amplify the SACD PDM signal.
Instead, it must treat the PDM input signal as an analog signal that can
be attenuated as desired for volume control. This signal then feeds a

20 seventh-order one-bit sigma delta ADC modulator that generates a new
PDM signal for amplification in a switching amplifier. A big drawback
of this system is that the signal does not stay in the digital domain. The
digital input signal is converted to analog to allow signal processing in
the analog domain, then converted to digital (PDM) to drive a switching

25 amplifier. All the advantages of maintaining a digital signal line-up are
lost. Additionally, the use of a PDM signal to drive a switching
amplifier has some disadvantages compared to using a PWM signal.

For example, PWM has a lower average switching frequency, which



results in greater efficiency conpared to PDM Furthernore, the non-
return-to-zero (NRZ) nature of the PDM signal can result in increased

di storti omomsnpased to the return-to-zero PWM signal. Onepairgisv2/3oensi der
processi ng the hi gh-speed one-bit PDM si?gnal in the digital 5 domain
(volunme control, equalization, etc.) folllowed by a digital signa delta
nodul at or. However, processing at such a high bit rate would be extrenely
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anplification are lost.” Therefore, a conputationally efficient nmethod is

desirabl e t%oh%idé%m&g"cbsﬁﬁ% ﬁ‘h?ﬁh%l@@ﬁe@%h@fﬁiﬁm §ipHhl & gadipitad a PW

switching wavefor ntirely inthe digital domain irn order to

advant aggousomain #elumesvéritedli, egudligaticn, drovEollamnmud b%/ @rdigTﬂal sigraa hod
shoul d be tolerant of out-of-band noise as typically Tound with PDM

signal s. 20 d¥liaemodedaor pHone vér, phecddsavg agsucthea higle béntate mardditon i s
illustrated by way of exanple and not I|imtation in the acconpanying
figures, in eatierhelyi éestheferences indicate similar elenments. 25 FIG 1

il lustrates one enbodi ment of a digital to anal og conversion systemin
accordance with tMaenyreesamon apmoeaches ofFSACPR démodulasiassanghot her

enbodi nent of a digital to anal og, caonversion systemin accordance with the
present i nvernphfication gongist o dlepumaiieg the degly sample rate PDM to a low

10 sample rate PCM, performing signal processing, performing digital to
analog conversion, and amplifying in the analog domain. A significant
drawback to this approach is that all advantages of high efficiency
digital switching amplification are lost.

Therefore, a computationally efficient method is desirable to

15 convert both PDM and PCM encoded input signals to a PWM switching
waveform entirely in the digital domain in order to advantageously drive
a switching digital power amplifier. This method should be tolerant of

out-of-band noise as typically found with PDM signals.

20 Brief Description of the Drawings

The present invention is illustrated by way of example and not
limitation in the accompanying figures, in which like references indicate
similar elements.

25 FIG. 1 illustrates one embodiment of a digital to analog
conversion system in accordance with the present invention.

FIG. 2 illustrates another embodiment of a digital to analog

conversion system in accordance with the present invention.



FIG 3 illustrates one enbodinent of a PCMto PWM converter in accordance

with the present invention. FIG 4 illustrates several signals used in
nat ural swopBieg3€i rcuitry in accordance with the presentcirrosensdosn. 5
FIG 5 illustrates one enbodi nent of a yimng diagramfor two sided PWM
signals. FIG 6 illustrates in flow chart formthe functionality carried

out by natural sanpling circuitry in accordance with one enbodi nent of the
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I nventi on. iC&&ﬂ‘C%r‘t’*’ﬁ?@égﬁgg%ﬁ%%ﬁﬁ&ﬂ'at elements in the figures are

Il lustrated TOor sinplici arity and have not necessarily been drawn
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figures may be exagg ative t0 other elenments to | nprove the

under st andi Rg Rofdh@MWARA! thBPréseit ihdenfogsent i nvention. Detail ed
Description 20 FIG 1 illustrates one enbodi nent of a digital to anal og

conversi gn syst erFI{Y. 5 {llusenge £ohe enttrsdin@nttidfer ineagdliagrivgdor owo di gi t al
to anal og conversion system 10 receives a pul se density nodul ated (PDV
signal 24 asided PWM signa®¥M to PWM converter 20. 25 PDMto PWM converter
20 then provides a pulse width nodulation (PWW) signal 30 to | ow pass
filter 18. Low pdd&.f6 illustratss pr lovdebam formrthedynstignalityasamiedootput to a
| oad 22 (not shown). In one enbodinment |oad 22 may be an audi o speaker.

Ot her enmbodibyenatsiral sarhplipg eswenitrvin egcosiawre with/dnsoanbodimest of the

present invention.

10 FIG. 7 is a block diagram illustrating a General Purpose

Computer used to implement one embodiment of the present invention.

Skilled artisans appreciate that elements in the figures are
illustrated for simplicity and clarity and have not necessarily been drawn
15 toscale. For example, the dimensions of some of the elements in the
figures may be exaggerated relative to other elements to help improve

the understanding of the embodiments of the present invention.

Detailed Description

20
FIG. 1 illustrates one embodiment of a digital to analog
conversion system 10. In one embodiment of the present invention
digital to analog conversion system 10 receives a pulse density
modulated (PDM) signal 24 as an input to PDM to PWM converter 20.
25 PDM to PWM converter 20 then provides a pulse width modulation
(PWM) signal 30 to low pass filter 18. Low pass filter 18 provides an
analog signal as an output to a load 22 (not shown). In one embodiment

load 22 may be an audio speaker. Other embodiments of the present



I nvention may use other types of |oads. In one enbodi nent of the present

I nvention PDMto PWM converter 20 includes a decimation filter 12, digital
si gnal cowdiosioenadeag circuitry 14, and a PCMto PWM convercerusaf3oosn one
embodi nent decimation filter 12 receiveg PDM 5 signal 24 as an input and
provi des pul se code nodul ated (PCM sighal 26 as an output. Note that PDM
signal 24 has a one-bit resolution at a high sanple rate. Deci mation
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receives t h?ﬂ@é}ﬂﬁi}di@pﬁ%@%@ %bﬁaﬁiorﬁlﬁggﬁrc@gyi 1NWé%nda£'PGM%ildW he PWM

signal 30 as an outp w pass fi te that alternate

enbodi nent s @fnveb@r A6eSENbné BriHdiaRnidEcahtiondltet 1DeddeieeaPDM! i fier as
part of digital to anal og conversion 15 system 10. For exanple, an

anpl i fies (nRetnglag afEpaphndpadvidebpulincode atbddbwee(PChhwighalr 16 and
low pass filter 18. Alternately an optional anplifier (not shown) may
i nstead be i2&chsidedutpttiebiotd dvat RIANE signlal 84 H®d modettnttesdutidivae at hat
al ternate enmbodi nents of the present invention nmay conbine the
f unct i onal i thighfsadeglemate. oPetimaton fitezdl Zadecrdnges the sampld rageaddt i oni ng
circuitry 14 in any vvag_. What is inportant is that the functionality of
circuits 12 iaareases the bitvesolutom r@gﬁmg irpa padseapodepradwatiop(BiMe a
condi tioned PCM signal as_an output. The digital signal c L tjoning that
i s perfor medigyald i Digitakpignal conddionpg CHEUTY dd fecpivies ﬁéﬁﬁ venal
significantly, For .exanple, 25 sone enpaqdi t f. th resent jinvention
may use L8 gig@ﬁs angnput a’é‘g REPYidsaiarky 1?199&5 E’MS%B&E?Q\%SCP@ QBiPe
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an input and provides the PWM signal 30 as an output to low pass filter
18. Note that alternate embodiments of the present invention may
optionally include an amplifier as part of digital to analog conversion
15 system 10. For example, an amplifier (not shown) may optionally be
included between converter 16 and low pass filter 18. Alternately an
optional amplifier (not shown) may instead be included between low
pass filter 18 and load 22. Note that alternate embodiments of the
present invention may combine the functionality of decimation filter 12
20 and digital signal conditioning circuitry 14 in any way. What is
important is that the functionality of circuits 12 and 14 receive a PDM
signal 24 as an input and provide a conditioned PCM signal as an
output. The digital signal conditioning that is performed by digital
signal conditioning circuitry 14 may vary significantly. For example,
25 some embodiments of the present invention may use digital signal
conditioning circuitry 14 to provide volume control, graphic

equalization, and any other desired digital effects or processing.



6 Alternatively, the digital signal conditioning my be perforned before
the decimation filter function. FIG 2 illustrates one enbodi nent of a

di gital twoasaéaagse conversion system 110. |In one enbodi nemrcTafSor/bmwspresent
invention, 5 digital to analog conversign system 110 receives a pul se code
nodul ated (PCM signal 124 as an input to PCMto PWM converter 120. PCMto
PWM converter 120 then provides a pul se width nodulation (PW) signal 130
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converter 120 i nqiTesiesilnyRfatefRE efhodiieitidfTa/dikiel t@iaﬂial(? si gnal
conditioning circuitry 114, and a PCMto PWM converter 116. In one

embodi ment , @nersiafiyisitan dili0c Uint 6ive &dbolmieat of s pRéddns igvaitidiz4 as an
| nput and provides ovér sanpled pul se code nodul ated (PCM signhal 126 as

an out pus. Iﬂigithhto snalogl comnensibhisystery 1di0r eeeives d pdlseanelevimpdalaedsanpl ed
pul se code nodul ated (PCM signal 126 as an input and provides a

condi ti oned (POWYisgeed] 12108 as igputcot PGM t¢EWNM cennvectend20t d’CM 60 r ecei ves
the conditioned 20 PCM si gnal 128 as an input and provides the PW signal
130 as an dAWMtcavelrtew téwnipro@:delsleapufﬂ@t\@1dthanodulaémm(léwé\ibodi nent s
of the present invention may optionally include an anplifier as part of

digital to sagealotdQemlew giass fdipstldd. 1how pass falterrpl & pravidesan analpg(not
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invention may use other types of loads. In one embodiment of the
present invention PCM to PWM converter 120 includes over sampling
circuitry 112, digital signal conditioning circuitry 114, and a PCM to
PWM converter 116. In one embodiment, over sampling circuitry 112
15 receives PCM signal 124 as an input and provides over sampled pulse
code modulated (PCM) signal 126 as an output. Digital signal
conditioning circuitry 114 receives over sampled pulse code modulated
(PCM) signal 126 as an input and provides a conditioned PCM signal
128 as an output. PCM to PWM converter 116 receives the conditioned
20 PCM signal 128 as an input and provides the PWM signal 130 as an
output to low pass filter 118. Note that alternate embodiments of the
present invention may optionally include an amplifier as part of digital
to analog conversion system 110. For example, an amplifier (not
shown) may optionally be included between converter 116 and low pass
25 filter 118. Alternately an optional amplifier (not shown) may instead be
included between low pass filter 118 and load 122. Note that alternate
embodiments of the present invention may combine the functionality of

over sampling circuitry 112 and digital signal conditioning circuitry 114



over sanmpling circuitry 112 and digital signal conditioning circuitry 114
WO 03/061136 7 PCT/ US02/ 39957 in any way. What is inportant is that the
functi onavotog/oef3ci rcuits 112 and 114 receive a PCM si gnacTARd2/z®san i nput
and provide a conditioned PCM signal ag an output. The digital signal
conditioning that is perfornmed by digital signal conditioning circuitry
114 may vary 5 significantly. For exanple, sone enbodi nents of the present
i nvention Vi I § . Si ndi.ti g 4 kb r . ovi de

vol e contpamy Sl AVHALIStPGtaFER thil ¥ fihctiohaity of it 7 2
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i Ilustrates %ﬁg@ﬁg%‘ﬁﬁ%lﬂ u@ TﬁMdigi_ta}/%{gﬁgm&ﬁdiﬁroni%g gléﬂzi_ust rated in

FIG 1 and a converter 11671l trated in Not e t hat

al t hough t hg,ePfdmiedl BYWisravaechal cdiditibhtn@eichitiy 114einag varlyustrat ed by
FIG 3, alternate enbodifents of digital to analog conversion system 10
i11ustraged s!ighilﬂc@ntl%. dfet elaahp, sbmesdrabodirhbnooivérespresest siventibho
illustrated in FIG may use different enbodinents of the PCMto PW
converter 1Gnay e dijitel dipaal fonditibndhg 8ircojiry didltognovide vplume
connections have been illustrated using dashed lines. In one enbodi ment
PCM to PWV comes graphéc equslization uaebamyothexl desaned diggtad ieflegts 8y 40 and
PWM quanti zer and noise 20 shaper 42. In one enbodinent, natural sanpling
circuitry 4@roeessings Adtersetisiely, she digith sigualgondifiopgig may B8 an i nput and
provi des natural sanple point output, (X). 57 as.an output. PWM quanti zer
and noi se greapumerbbetareithe o ves samBlingGHPEYAUNCOM: put (X) 57 as an

' t and i P i | _ .
It ﬂg“ ar1]() provi q:el%} SVYﬂLiSSItPa?gs ogg eml 3(9di%§en%%foauf’&'l{5[ tolmecoenr{/%%%rnem of
16 illustrated in FIG. 1 and a PCM to PWM converter 116 illustrated in
FIG. 2. Note that although the PCM to PWM converter 16, 116 are both

being illustrated by FIG. 3, alternate embodiments of digital to analog
conversion system 10 illustrated in FIG. 1 and digital to analog

15 conversion system 110 illustrated in FIG. 2 may use different
embodiments of the PCM to PWM converter 16, 116. Note that for
FIG. 3, optional circuitry and connections have been illustrated using
dashed lines. In one embodiment PCM to PWM converter 16, 116
includes natural sampling circuitry 40 and PWM quantizer and noise

20 shaper 42. In one embodiment, natural sampling circuitry 40 receives a
conditioned PCM signal (U) 28, 128 as an input and provides natural
sample point output (X) 57 as an output. PWM quantizer and noise
shaper 42 receives natural sample point output (X) 57 as an input and
provides PWM signal 30, 130 as an output. In one embodiment of the

25 present invention natural sampling circuitry 40 includes duty ratio
predictor 44, signal value interpolator 46, and correction of duty ratio
circuitry 48. In one embodiment of the present invention, duty ratio

predictor 44 receives conditioned PCM signal (U) 28, 128 as an input



25 present invention natural sanpling circuitry 40 includes duty ratio
predi ctor 44, signal value interpolator 46, and correction of duty ratio
ci rcui t rywo®3soénsone enbodi nent of the present invention, PAUIUR02/395D
predi ctor 44 receives conditioned PCM siggnal (U) 28, 128 as an input WO
03/ 061136 PCT/ US02/ 39957 8 signal and provides tinme point guess (G 50 as
an output. Signal value interpolator 46 receives tine point guess (G 50
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predi ctor 44 as a previous natural sanple point output (X) 58. Also, in

some enbodidmptatieicitditrprasSaveiverviandpotatet hegmat valak (¥9mM3 as poi nt out put
10 (X) 57 is fed back as updated tinme point guess (G 56 input to signal

val ue i nger apat ad $oovitles matiral sample poadi owpus (Xf) X7haes an esemit. Innvent i on,
the interpolated signal value (V) 52 is fed back as updated tine point
guess (G 5%neNanbotimaent b tlieprisankimpantion;the B8twalis&dpde poindpt i onal and
may or may not be included in various enbodi nents of the 15 present

i nvention. Notpua(XdS7hatproweleduas/feedback po el duty ratmo psedigtarsithns a Sone
enbodi nents of the present invention may di rectl;i provi de the conditioned
PCM si gnal (Apvizels natgralGampleioinhpu@ut fXerPol Atler, iNEOM@pt e that the tine
point guess (G 50 signal is also . provided as an input A to.the correction

of duty ratienkedignentsishe pueseEntiRYentyeR thermatural semple peaif QUM (U) 28,
20 L a0 B S R o B R RS BLE RS 22,
predi ctor 44vailﬁe ?r?tterﬁjo Gtor Jlg.e gltsg,eint si,onn%e QUSRS of the present
invention, the interpolated signal value (V) 52 is fed back as updated
time point guess (G) 59. Note that the feedback paths 56, 58 and 59 are
optional and may or may not be included in various embodiments of the
15 present invention. Note also that the duty ratio predictor 44 is optional.
Some embodiments of the present invention may directly provide the
conditioned PCM signal (U) 28, 128 to signal value interpolator 46.
Note that the time point guess (G) 50 signal is also provided as an input
to the correction of duty ratio circuitry 48. Note that the conditioned
20 PCM signal (U) 28, 128 is also provided as an input to the signal value
interpolator 46 and the correction of duty ratio circuitry 48. Note that if
the duty ratio predictor 44 is not used, then the time point guess (G)
signal 50 is merely the same as the conditioned PCM signal (U) 28, 128.
The input to the PWM quantizer and noise shaper 42 is a natural sample
25 point output (X) 57 which is a high resolution PWM signal. Thus,
PWM quantizer and noise shaper 42 quantizes this high resolution

PWM signal to produce a lower resolution quantized PWM signal 30,



signal 50 is nerely the sanme as the conditioned PCM signal (U) 28, 128.

The input to the PWM quanti zer and noi se shaper 42 is a natural sanple 25
poi nt outwoto3ei3e7 which is a high resolution PW si gnal PCThi$82/399FP\M
guanti zer and noi se shaper 42 quantizesqgthis high resolution PWMsignal to
produce a | ower resolution quantized PWM signal 30, WO 03/061136

PCT/ US02/ 39957 9 130. In one enbodi nent, the noise shaping function of
circuitry 4 o] ' [ i i t NAas: d. Still
referring tglﬁgﬂloéﬁe%:ﬂ%oon %%’é@%n@?ggbéﬁw prggig)ﬁlt(;&e?lg\agﬁp{)%% t he

addi tion of ' i bl 48 may 5 greatly
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correction of duty ratio crrcuitry 48 to converter 16, 116 may allow the
duty ratio RneehGdR) thtbdditifs ofltheiconictionndf d@tlyyratior cigQiitry 4®Rhagat i ons.
However, alternate enbodi nents of the present invention 10 nmay use a

combi nat fon g@éaﬁ? ih&ehk® thehcelithyy oftthe naturalisamypld Boandoutpuy (Xnat i o
predictor circuitry 44. The addition of the correction of duty ratio
circuitry 48igmel 52dddeh ihgementet bpfconakrtet 46; dé. dndacheharaddationf

menory required by converter 16, 116. The addition of correction of duty
rati o circuidfroord&taimsof dugatdtio cirpuited 8 ttheodiverter libod 1penapratiyée 15 of
the natural sanple point output (X{) signal 57, and thus also the distortion
per f or mance thé devyiratigpaedismr 480 beelagiiatedantirely forspmeti on of duty
ratio circuitry 48 produces a natural sanple point, output (X) signal 57
which is | e@@pﬁl@ﬁﬁmsv@wem afernaig ebediancntsiof the presgiddn¥enyon npor t ant
because PDM signal 24 (see FIG . 1) nornmally has a 20 signifj cant, anmount of
out - of - bnd TAAY y6¢ aF‘FQE.ﬂ%mﬁthIh@f earestign of duty s34 ﬁllicé‘b&¥§@r1@%£ AYEY of sone

of the . . . " . .
ratio predictor circuitry 44. The addition of the correction of duty ratio

(Dt

circuitry 48 may reduce the number of calculations and the amount of
memory required by converter 16, 116. The addition of correction of
duty ratio circuitry 48 also greatly improves the distortion performance
15  of the natural sample point output (X) signal 57, and thus also the
distortion performance of PWM signal 30, 130. In addition, the
correction of duty ratio circuitry 48 produces a natural sample point
output (X) signaI 57 which is less sensitive to out-of-band noise. This is
especially important because PDM signal 24 (see FIG. 1) normally has a
20 significant amount of out-of-band noise.
FIG. 4 illustrates a time domain representation of some of the
signals used and/or generated in natural sampling circuitry 40 (see FIG.
3) in which a single sided PWM signal is generated by using a saw tooth
shaped ramp signal 81. Alternate embodiments of the present invention
25 may use a ramp other than a saw tooth shape. For example, FIG. 5
illustrates one embodiment of a timing diagram for a two-sided PWM
signal with a symmetric triangular shaped ramp signal 90. The left half
of the ramp signal 90 is when the ramp is rising and the right half of the



signals used and/or generated in natural sanpling circuitry 40 (see FIG
3) in which a single sided PWM signal is generated by using a saw tooth
shaped rawp siognas 81. Alternate enbodi nents of the presemcTiusemsgspn 25
may use a ranp other than a saw tooth shgpe. For exanple, FIG 5

Il lustrates one enbodi nent of a timng diagramfor a two-sided PWM signal
with a symmetric triangul ar shaped ranp signal 90. The left half of the

oSTRein e AT SRR SrIAR R eIk 10
v dual ol 5yl POATIEhLRSTIENAS k80 thotd 10 ipetaPhnpughosen (o

Theoreti cal QmtRbf theFaflp ﬁgnapgltd}aﬁé%hﬁaéiéﬁawgg FhdbiticAlanfpgesent
the ideal analog 5 signal corresponding to the sanples of conditioned PCM

si gnal (U) ?sf}r%nallg@an&_thé&eﬁbd?dn@é%@i};ﬁal%@;b&@&ht_ e ideédPansloigl | ust r at ed
in FIG 5. e conditioned PCM signal (U) 28, 128 is chosen to have even

time ingi cem%ﬂalrdome digg to ble¢ famipldeof bendididneddPChE sigmad (UP 28,th the

right half of the PWMsignal 30, 130. 10 Referring to FIG 3 and FIG 4,

the time poilt8.gheseo cdedségmpleSPW Mssignat30p180npiullesttatedunlllés.df. t he

i nterpol ated signal value (V) 52 wusing the conditioned PCM (U) signal 28,
128. | nter pdl'a ednditymed REMisignal(H28,sl 28ots dmsan tohaveee témigmsoi nt guess
(G 50 unless all error is elimnated. The difference (V-G is nultiplied
with the estindicesdlusingthe ledt baldpehilsyhe pddHadassiling uprsitbgherighdl 80 to

conpute a correction (C) 82. _The_natural sanple point output (X) signal 57
is the corré&ﬂlgﬁfﬂﬂﬁﬁw srgmad 30ndBVf or one enbodi ment of the pr esent

FIG 6 ADI ust  at CRETSTHENOWICh 2 and Sk HOS FRR DPUHATESy (CArvERd 0
is used to compute the value of the interpolated signal value (V) 52
using the conditioned PCM (U) signal 28, 128. Interpolated signal value
(V) 52 is not equal to the time point guess (G) 50 unless all error is
eliminated. The difference (V-G) is multiplied with the estimated signal

15 slope (S) of theoretical analog signal 80 to compute a correction (C) 82.
The natural sample point output (X) signal 57 is the corrected signal.
Note that for one embodiment of the present invention, the ramp signal
81 was chosen to rise linearly between 0 and 1.

FIG. 6 illustrates, in flow chart form, the functionality carried out

20 by one embodiment of natural sampling circuitry 40 of FIG. 3. In one
embodiment, flow 199 begins as start oval 200 and proceeds to step 203
where a guess time (G) is provided. Step 203 provides a guess time (G)
which is based on the conditioned PCM samples and/or the previously
calculated natural sample point output (X). Flow 199 then proceeds to

25 step 204 where the interpolated signal value (V) at the time point guess
(G) is digitally computed based on the conditioned PCM signal (U).
Flow 199 then continues with decision diamond 202 where the

determination is made as to whether it is necessary to repeat step 204



20 by one enbodi nent of natural sanpling circuitry 40 of FIG 3. In one
enbodi nent, flow 199 begins as start oval 200 and proceeds to step 203
where a gwess/tise (G is provided. Step 203 provi des a gresusHe/a®s{ G
whi ch is based on the conditioned PCM s &rpl es and/or the previously

cal cul ated natural sanple point out put ). Flow 199 then proceeds to 25
step 204 where the interpol ated signal value (V) at the tine point guess

G is digitalk m@k&g{&ﬁ | b1 %b%ﬁq . Flow
(19)9 t hen gor}ﬁhﬁ%gg@wt_ gm sﬁgﬁlggyaa@%n 2 25\15\%3?%11? ﬁic} erS?nk%tion IS
made as 10 Wsid@le ddcitonHagTHR! Y02 nd$BEAHsed tERepO4 OO hiBes,
PCT/ US02/ 39957 11 using the i nterpolated signal value ( as a next tine

poi nt guess ykare NNota inft€aclegicate?thah dreadal P zé®), ThuySEN equakp@at step
204 N tinmes, where Nis an integer greater than or equal to zZero. Thus, if

N equal s O, st@sp 204304 xesurxesnlyeshc@dnd nogecarsivé todEagradcves.| dpeng
occurs. Note that step 205 nerely indicates that step 204 will use the

i nt er pol &t edhasstgp&05/ el y Mdiestes thepstep ROd will nse gheefste(pgdlatedf t er
repeating step 204 N times, flow 199 continues at step 206 where a
correction (signidasduedV) ashenexistimespaint guaset@pl After wipgatingsidpd0¢y) and
the nost recent tinme point guess (G and estimated signal slope (S) are
creat ed. Frdvtinep flow2¥) £optinuevatcssapi2iibewhgre 8tcoprentionfie) baseageon
correction (C) is conmbined w.th the nost recent jnterpol ate signal val ue
(V) to generheénastigcanbintemnaipted shgnal vaue (D) and thermest secept sore 11 ow 199
continues at step 208 where the entjre. f]ow 199 is repeated for each
sanpl e of cdifant 86%%%((}}3@1“1@%%&‘? ANk SRS sateatedo 1098 SEIht i nues at
oval 201 .wh 5 f 199. ends, |In er.nat e, enbodi nent s,.of the present
Mvent SR A H0ws B8 coatingeS 2 step St SUTE Eng Ep L RBATN S Foasd 202
|38 o:).ha}\lots teepv%th%HeG A0St 2%n fn?errpe éat%ts?gnglsvﬁﬁfr: t(\ﬂftotghe%e'rﬁt%raaﬁét\ﬁ%af ecurston
sample point output (X). From step 207, flow 199 continues at step 208
where the entire flow of 199 is repeated for each sample of conditioned
PCM signal (U). From step 208, flow 199 continues at oval 201 where
15 flow 199 ends. In alternate embodiments of the present invention, steps
206 and 207 may be moved to before decision diamond 202 so that steps
206 and 207 are repeated as part of the iterative recursion loop. Note
that for some embodiments of the present invention, the number used for
N in decision diamond 202 may be a function of one of the values used
20 inflow 199. For example, the value N in decision diamond 202 may be
a function of the correction value (C). Note that alternate embodiments
of the present invention may use any appropriate method to provide a
time point guess (G) as required by step 203. One example of a method
for providing a time point guess (G) is described in U.S. patent
25 application serial number 09/478,024, Pallab Midya et al., filed January
5, 2000.
It can be shown that for a given order of interpolation, the flow

described in FIG. 6 which is performed by converter 16, 116 generates a



that for sonme enbodi nents of the present invention, the nunber used for N
i n decision dianond 202 may be a function of one of the values used 20 in
fl ow 199.wbms/oenasnpl e, the value N in decision dianond 202CTAS0DEI95A
function of the correction value (C). Npje that alternate embodinents of
the present invention may use any appropriate nethod to provide a tine
point guess (G as required by step 203. One exanple of a nethod for

Cerial nomndrtB) 13aHs BeTed fhe (R)TERER 3itat, obimgEbElned B8 o) | "

can be sho : i : thaf ordd.er pol ation, the flow described
in FIG 6 mg%@alls%thgéelr %ﬁgfﬁweﬁger 16, 116 generates a WO 03/061136

PCT/ US02/ 39957 124 Hﬁﬁﬂh‘éﬁﬁatﬁ%’l’ﬂb@cr@ﬁﬁﬁﬁ T WrREmMbSHinBheof te it@ikionopt i mal
conpared to the ideal natural sanple point for that order. A mathenatical
descri ption wil] gs%ieé’fpggiﬂmb follothiag vargailegn w11 be given using the
follow ng variables: 5 Sanple index n Conditioned PCM signal U(n) 28,128
Ti me poi §t guess SImplebiddeknt er pol at ed signal value V(n) 52 Correction
signal C(n) 82 10 Natural sanple point output X(n) 57 Tinme point guess for
nat ural sanpl i ng GonditenkedrBEM smnal 1&m) 281128 | nterpol ated si gnal val ue
obtained by interpolation at the sanple point at the first iteration: V1
(n) Correction tolinhepsingrgiess &ime the first iteration: Cl(n) 15

Nat ural sanple point output at the first iteration: Xl(n)
Interpolated signal value V(n) 52

-

Py

Correction signal C(n) 82

10 Natural sample point output X(n) 57
Time point guess for natural sampling at the first iteration: G;(n)
Interpolated signal value obtained by interpolation at the sample
point at the first iteration: V;(n)
Correction to the signal value at the first iteration: C,(n)

15 Natural sample point output at the first iteration: X;(n)
Time point guess for natural sampling at the second iteration:

Ga(n)

Interpolated signal value obtained by interpolation at the sample
point at the second iteration: V(n)

20 Correction to the signal value at the second iteration: C,(n)

Natural sample point output at the second iteration: X,(n)

The first step is to determine an initial time point guess (G) 50. In
its most general form, it is derived from a combination of previous,
25 present and future samples of conditioned PCM signal (U) 28, 128 as
well as past-calculated samples of natural sample point ouput (X) 57.

Example cases are as follows.



Time point guess for natural sanpling at the second iteration: G2(n)

I nt erpol ated signal val ue obtained by interpolation at the sanple point at
t he secomwoioBesrassé on: V2(n) 20 Correction to the signal vacwasat/3sbe second
iteration: C2(n) Natural sanple point pgtput at the second iteration:
X2(n) The first step is to determne an initial tinme point guess (G 50. In
its nost general form it is derived froma conbination of previous, 25
present and future s K f ndi t.ionad M,si gna U 28, 128 wel |
as past-cal cul ated s%*“gz("&‘[z{%gﬁ ﬂ? aq(gsggﬂ?gwga(%@ (%)lﬂ(put (X) 57. aL%Jarrpl e
cases are as follows. WD 03/061136 PCT/US02/ 39957 13 (n)=U(n)+ 2{X
(n-1)-Y(n-1)4r-{X (n-2)-U(n-2)}] or En)=U(n)+{X(n-1)-Y(n-1)} or 5 g n)=
Un) [1] [2] [3] The interpolated signal value (V) 52 of the theoretical
anal og signal 80, 91 at t g i, MA_pei_nt i1s conmput ed based ongn
interpolation formula. It i ")og/g'éﬂ}}e%nphg?l P%r sonme enbodi nents of[zghe 10
present invention, better accuracy may be achi eved when the uniform

sanpl es of c¥nditioned PCMsignal (U 28, 128 are lined up with the center
of the ranmps 81, 90. Using this approach for two sided PWM (see FIG 5),
the intespol ated signal value (¥),)54)or the left sided PWN [3]

The interpolated signal value (V) 52 of the theoretical analog
signal 80, 91 at the guess time point is computed based on an
interpolation formula. It is observed that for some embodiments of the

10  present invention, better accuracy may be achieved when the uniform
samples of conditioned PCM signal (U) 28, 128 are lined up with the
center of the ramps 81, 90. Using this approach for two sided PWM
(see FIG. 5), the interpolated signal value (V) 52 for the left sided PWM
case can be calculated as follows.

15

V(an)=Un)+ {G(2n)—%HU(2n+ 1)-U(n —1)} .\ {U(2n+1)+ U(2n ‘1)_2(/(2”)}{6(2;1)-%}2

2 2

[4]

For the right hand side a similar equation holds.

20

V@n+1)=U@n+1)+ {%_G(an)HU(zm 22)—0(2,;)}+ {U(2n +2)+ U(zn)— 2U(2n+l)H% Glons l)}z
[5]



case can be calculated as follows. 15 V(2n)= U(2n)+ {J2n) _UY(2n+1)2 U(2 n
-1 + {U2n+1)+U(Zn -1)-2U(2n)} jE 2n)- 212 For the right hand side a

sim | ar egoasienshol ds. 20 [4] V(2n+1) =U(2n+1) +{! - G 2n+1) PCORNH 3R 2
-U(2n) I+ Y(2n+2) +U(~n) - 2Y(2n+1) ~J~_E( 2412 [5] WO 03/061136 PCT/ US02/ 39957
14 Both of these equations are based on a three-point second order

Lagrange interpolation fornmula. O her orders of Lagrange interpolation, as

wel | as ot her tyngsphr ile/dflafbhedd Bl An J¥eLSHNPSidH Giigpased o

accuracy and conpu Ion ral tep 1s the correction

step. The P%eﬁg%isagerinﬁérﬁgl%tg)g lapg?ﬂh'a? dr&f’xgs 6ﬂ‘Eégfafng%hﬁté[rh6Fatﬂﬁi,”t

guess (G is C to t nat ur sanp ti me” point, e val ue of

the inter polat Gellsisdstkr Yipdscol ikepdlatton Y6iiuk, 988y be substifas® batbds, the
signal value (V) nust be Very close to 10 the tinme ‘point guess (G. Any

di fference idfphé@&abymtndt&tﬁnphtmiml@bns@uﬂﬁﬁ (G is not entirely accurate
and can be corrected assumng that the signal is sufficiently slowy

noving. A first order correction for both the left side PW and the right
side PWM respectively, is given below 15 C(2n)= {V(2n)-Q 2n)}{U(2n+l)- 2
U(2n-1)} [6] C(2rF1d neki/§ep-is th&carmretion(step:2The(crjdctich step is based

on the idea that if the time point guess (G) is close to the ideal natural

sample time point, the value of the interpolated signal value (V) 52 1is

very close to the ramp. Thus, the signal value (V) must be very close to

10  the time point guess (G). Any difference implies that the time point
guess (G) is not entirely accurate and can be corrected assuming that the
signal is sufficiently slowly moving. A first order correction for both

the left side PWM and the right side PWM, respectively, is given below.

15 C(2n)={V(2n)—G(2n)]{U (2"“);” (2"“)} 6]

C(2n+1)={V(2n+1)—G(2n+1)]{U (2”““22)‘”(2")} [7]

In both cases the corrected natural sample point output is
20 determined by simply summing the interpolated signal value and the

correction signal value.

X (m)=V(m)+C(m) [8]



In both cases the corrected natural sanple point output is 20 determ ned by
sinply summ ng the interpol ated signal value and the correction signal

val ue. [ AVOXGno¥ua3 m +C(m [8] WO 03/ 061136 PCT/ US02/ 39957 PL5/UBShE3®ST r ect i on
terminproves accuracy. Recursion can bFS i ntroduced to further inprove
accuracy. Typically, two iterations inprove accuracy significantly.
Recursion can be inplenented by using the corrected natural sanple point

oA 2 PSR v Sy Wﬁ%@?ﬁ% oo
((2n) :) [ ]Q%Qroagcg?ﬁé%ﬁ%ﬂfa {%gégg%éﬂrlﬁﬁ Zagtﬁ(zﬁ ti on% v%&%ﬂ%é%%lﬁs be ﬁegzaat_ ed

for 'nprove%g&o%%cﬁ% 1881 RERHDS. Rfecﬁ%iéﬁ%'aﬁrbé"ﬁﬁﬁ%inéﬂea% f¥ifga given
accuracy endent o e oversanpling ratio he signal vi ng

fast and cftﬁegjdﬂﬂec%wﬂafurﬁpsﬁmplé P@mtsﬁﬂpmeaé 8 neaNtihes poiit %ﬁ@@radl ng to a
| ow oversanpling ratio, the need recursion i ncreases is comes with

added cofjputgivennsl thenstueivaisibelewui renents. The conpl exity of 20 each of
the tinme point estimation, interpolation to conpute signal val ue,

Vi(2n)=U2n)+ { G/(an)- % } {U(2n + 1);U(2n - 1)} N {U(Zn +1)+U@n-1)- 2u(2n)} {Gl ) % }z

2

[9]

10 ¢, n)= 1, n)-6, (zn)}{"(z"“)“"z”“)} [10]

2

G,(@n)= Xx,2n)=V,2n)+C,(2n) [11]

The steps in equations (9-11) can be repeated for improved

15 accuracy. The amount of recursion needed to achieve a given accuracy
is dependent on the oversampling ratio. If the signal is moving fast and
changing significantly from sample to sample, corresponding to a low
oversampling ratio, the need for recursion increases. This comes with
added computational and memory requirements. The complexity of

20 each of the time point estimation, interpolation to compute signal value,
and correction of signal value steps are variable depending on the
accuracy required. Depending on the accuracy requirement, as well as
constraints on memory and computation, an optimal algorithm can be
designed. As an example, for one embodiment of a digital audio

25 amplifier system with an input signal constrained to 20 kHz bandwidth



and correction of signal value steps are variable depending on the
accuracy required. Depending on the accuracy requirenent, as well as

const r ai we oemeitesTory and conput ati on, an optinmal al gori t roTasmn/kos7

desi gned. As an exanple, for one enbodiyent of a digital audio 25 anplifier
systemw th an input signal constrained to 20 kHz bandwi dth WD 03/061136
PCT/ US02/ 39957 16 and a 375 kHz PWM swi tching frequency, the follow ng left

Uiom °5' T 127 Sy SRR W St fie Bty W FOTR, Wirlo e hesdside. 200 =

U( 2n+1) +U 2"&{%1)21d%§§ %%%ﬁblji ﬁggd‘go aélhlbfv)'e e?cu%n?eléflgﬂo%és%ﬂ)s =V (2n )+ {V (2n

- G(2n)} 2n-1 The cor ondi ng right hand side
equatl ons are as follows. 2n + 1) uzzn + 1) 15 [ 14] [ 15]
V(2n+1) =U(2n+1) +{z -U(2n+1)}{U(2n+1) - U(2n-1) | +1 UY(2n+2) +U( 2n) - 2U( 2n+1) 1~21

-U(2n+12 [16] X(2n+1) =V(2n+1) Y( 2n )1) G2n+1) U 2n+2)-U2m T ()
S
V(n)=U@n)s {U(Zn)_%HU(szr 1);U(2n—l)}+ {U(2n+1)+ U(22n—l)— 2U(2")HU(2,1)_%}2
[13]
X @n)=V@n)t ¥ (2n)- c(zn)}{‘f (2”“);" (2”‘1)} [14]
10
The corresponding right hand side equations are as follows.
G@2n+1)=UQ@n+1) [15]
15
V@nt1)=U@n+1)+ {%_U(2n+l)}{U(2n+1);U(2n-—l)}+{U(2n+2)+U(§n)—2U(2n+1)H%_U(2n+1 }2
[16]
x@n+1)=V@n+1)+ {V(2n+1)—G(2n+1)]{U(2n+22)—U(2n)} [17]
20

Note that in this example the initial time point guess (G) 50 has
been chosen to be the input conditioned PCM signal (U) 28, 128. Since



2 20 [17] Note that in this exanple the initial tinme point guess (G 50
has been chosen to be the input conditioned PCM signal (U 28, 128. Since
WO 03/ 06 MB®3PE184JS02/ 39957 17 the conditi oned PCM si gnal pCjusaB399328 i s
al ready available, there is no conputafyon or nmenory storage associated
with the guess. There are eleven multiply or add conputations associ ated
with the calculation of the interpolated signal value (V) 52. There are

f our ”Em’rytﬁé %ﬁ&ﬁé@é@?@l\h?&?ﬁ?ﬁd&ﬁ({(&ﬁ%’i&fﬂ8 fdaigesd Hv%il‘fzt?rlﬁl%‘,lhféré%n%f the

corrected natura npl e poi requires am ad onal two add or

mul tiply tﬁg:%?@%ﬁ%ﬁ%nad}dm%mx%& RSYCRAtEd 3eeh kmﬂgﬁémm@f@mfor this

exanpl e, IS thirteen operations and five nory storage

| ocati ons negsash RANHHTBE 8dd k@mputahonk Hessohtedhiving theegieamayionidth 10 two
sanpl es per switching cycle, the total conputation is 9.75 mllion

operations pRE iR ted Bignabvahet @) SEMThere egeifoena®monsy stoaage cul arly
beneficial for reducing overall conputation overhead. Note that the direct
transl at 5 on 16catiomCive¢dedPiti this steporCalcnkaion ofgreacomactetidturasul ts in an
unaccept able total harnonic distortion if a 15 converter such as PCMto
PWV conver t sanipde poist ostpusrequsices anadditionral tweaddovangltiplypr ocess
performed by PCMto PWM converter 16, 116 produces _a highly |inear output
and thus do@penationsiandugns pne anemonystarage lecatbome dihaist It%és PWM si gnal
30, 130. Also note that the conversion process perforned by PCMto PW
converter l@Xxampei theowtal igihirtean epesations ansk Jec MYPVRTY SEITa8Raped wi de

band noi ft '
ane notSe Qocations needed per sample. For a 375 kHz switching frequency with

10  two samples per switching cycle, the total computation is 9.75 million
operations per second. The low total memory requirement is
particularly beneficial for reducing overall computation overhead.

Note that the direct translation from PCM to PWM is a non-linear
operation which results in an unacceptable total harmonic distdrtion ifa

15 converter such as PCM to PWM converter 16, 116 is not used. Note
that the conversion process performed by PCM to PWM converter 16,
116 produces a highly linear output and thus does not add significant
harmonic components to the PWM signal 30, 130. Also note that the
conversion process performed by PCM to PWM converter 16, 116 is

20  highly tolerant to large amounts of shaped wide band noise often
associated with pulse density modulated input signals such as SACD.

The addition of the correction of duty ratio circuitry 48 in FIG. 3
may result in a more efficient PCM to PWM converter 16, 116. This
PCM to PWM converter 16, 116 can be used for both single and two

25 sided PWM signals. Referring to FIG. 6, the recursion which may be
performed on one or more of steps 204, 206, and 207 allow the PCM to
PWM converter 16, 116 to produce a more accurate PWM signal 30,



associated wth pulse density nodul ated i nput signals such as SACD. The
addition of the correction of duty ratio circuitry 48 in FIG 3 nmay result
i n a nor ewefoBiocitent PCM to PWM converter 16, 116. This PENTiusoi?Ws7
converter 16, 116 can be used for both pgngle and two 25 sided PWM
signals. Referring to FIG 6, the recursion which may be performed on one
or nore of steps 204, 206, and 207 allow the PCMto PWM converter 16, 116

to produce te, gym [ 30, ﬁ,% ﬁﬂé@ 39957 18
130 t hat ha?ﬂghgtﬁégﬁlr%% c dis lgr(glgl%lﬁnéﬂéngg roag es ﬁ{%g%?ﬁli cal
limts of a . é“);g,e enbodi nent, the present invention is an
all-digital qﬁg%tgﬁftagggﬂr "to take the new SACD audio format and convert it

into a 5 digitalnRNd shBBaimbar, tHe iprefgeanPéstidy iehh iall-aittitdi gi t al
switching anplifier. Note that this architecture easily acconmodates the

handl ing ofarykitedrre antdkel thedicwp 8 ACENHadiozfurinen anddcarvert itdaso hed di gi t al
signal processing functions entirely in the digital domain. Thus, the

archi tecsur Qli'gitthWM signly fohdripirgs e hi ghlyveficient digital swmitchangonpl ete 10
digital path fromthe PDMinput signal all the way to the anplified

di gi tal PWMamplpfier.s Ngte thatHhiesmhiteaturemagt ytaeeoprasdatesi thedranidbing has
been illustrated in the context of audio signal processing, it is

i nport ant t ofralumeneontrole graphicraquatizetionand @thé;ppﬂe“sldadl‘ggtt@l sigpat ype of
digital signal processing application in which a pulse density nodul ated 15
data streamppCcessig SenciEeRs ﬁﬁi@lﬁﬂlﬁtnédh@éi%lt%ltd@aﬁm-sTgBﬁ’vtéWt ed to a pulse
wi dt h nodul at ed, si gnal,, Audi I gnal processing i s just one su

appl i cat i on AIGRECETKE gl@qﬁmgbﬁyl IETPSQ@,IHY%UgP:IE% Hansf F‘anpﬁhe 3 as wel |l
as the Bt hogol oPYamfism B pbMThiut SelaY altnd36sy (S theattiptiicd” ' ety
digital PWM output signal. However, although the present invention
has been illustrated in the context of audio signal processing, it is
important to note that the present invention is applicable to any type of
digital signal processing application in which a pulse density modulated
15 data stream or a pulse code modulated data stream is converted to a
pulse width modulated signal. Audio signal processing is just one such
application.
The PCM to PWM converter 16, 116 illustrated in FIG. 3 as well
as the methodology described in FIG. 6 may be used for a wide variety
20 of frequencies, including radio frequencies. For example, the disclosed
circuitry and methodology may be used as part of a radio frequency
amplifier.
FIG. 7 is a block diagram illustrating a General Purpose
Computer 220 used to implement one embodiment of the present
25 invention. General Purpose Computer 220 includes a Computer
Processor 222 and Memory 224, connected by a Bus 226. Memory 224
is a relatively high speed machine-readable medium and includes

Volatile Memories such as DRAM, and SRAM, and Non-Volatile



20 of frequencies, including radio frequencies. For exanple, the disclosed
circuitry and net hodol ogy nmay be used as part of a radio frequency
anplifierwolB@1136 i s a bl ock diagramillustrating a Gener aCTRSVpBOS7
Comput er 220 used to inplenment one enbogy nent of the present 25 invention.
General Purpose Conputer 220 includes a Conputer Processor 222 and Menory
224, connected by a Bus 226. Menory 224 is a relatively high speed

SRAM " and NOTCUEr R TR B OB L AL D ROV JEEREYR e T, 2
FLASH, R §RpD h

Eﬂ\a/l Secondarngg t O 'agg S%&E%%e%?or aggxg%ﬁé?u%fgg%gg?é;g tsughB;:

moni tor 234 g hBpil SieYA 232,8@@@8@8&@@@%%?1 dsWnbRiteP2Se) iRt ddVitey ers

238, and one or nore otther 5 conputers 240 coupl ed by way of comunication

l'ink 228. S%QQH%@%ybﬁa@dg@ﬁ&tf?ﬁfbuisé)’iﬁgé,e%ﬁﬁmbim@; nAddslY 6r neae dtherch as
hard di sk drives, rmgnetic drum and bubble nenory. External Storage 232

i ncl udes5 neohmecreadaioapiaiiba w%rpbf aenfrhoppatidirsksk 228nSeddmnelamar d
drives, magnetic tape, CD-ROM and even other conputers, possibly

connect ed 1@tuiazea? 30 imeindesmanisnée-readablb enedist sucdt dohardr dnsk dveves, bet ween
Secondary Storage 230 and External Storage 232 is primarily for

conveni ence maguktse ditinngnd fabble sremory. Externeh Storagerdd mdbedesappr eci at ed
that there is substantial functional overlap between these elenents.
Conput er sofmaghiseazadable medimysugieas Poppy ahisks aemuvable bagd davies, a
Comput er Sof twar e, St orage I\/eg)i um such as nenory 224, Secondary Storage
230, and Extr@ag]@@twsﬁmg%l)ﬁ M serd gyan PteoregputersopasabNorRIRAced | e

Menor e | oaded for executign directly into
y ?6 via a communications line. lIrhe éls%/mctlon drawn here between

Secondary Storage 230 and External Storage 232 is primarily for
convenience in describing the invention. As such, it should be
appreciated that there is substantial functional overlap between these
elements. Computer software 233 including user programs can be

15 stored in a Computer Software Storage Medium such as memory 224,
Secondary Storage 230, and External Storage 232. Secondary Storage
230 and Non-Volatile Memory are loaded for execution directly into
Volatile Memory, executed directly out of Non-Volatile Memory, or
stored in Secondary Storage 230 prior to loading into Volatile Memory

20 for execution.

Because the apparatus implementing the present invention 1s, for
the most part, composed of electronic components and circuits known to
those skilled in the art, circuit details will not be explained in any greater
extent than that considered necessary, as illustrated above, for the

25 understanding and appreciation of the underlying concepts of the present
invention and in order not to obfuscate or distract from the teachings of

the present invention.



Vol atile Menory, executed directly out of Non-Volatile Menory, or stored
in Secondary Storage 230 prior to loading into Volatile Menory 20 for
execut i oowoBsoause the apparatus inplenenting the present pcmusn/3os? i s, for

t he nost part, conposed of electronic onents and circuits known to
those skilled in the art, circuit detaiTs wll not be explained in any
greater extent than that considered necessary, as illustrated above, for

h d i Latd on. of j . f th
bresent 1 nvent 1 ot WsaOfediREpeGirlAich, she EurRi uf Bl BESHiBed | "¢
teachi ngs. ofyih BEHERSERS sAMFRIAABod YRR 494430 PEHeOPRIAAIEY <AL In the

f oregoi ng specification, e 1 nventron een described w reference

to specific iﬁ@@%ﬁﬁ&cidf@é’%&mﬂﬁ Bbdefi tlsivarikthangégicdhbear t
\Y

appreci ates that rious nodifications and changes can be nade w thout

departing frnamé hatsaaripaktihffrarhahercopdvinhe pleshtifveiobnushet n t he
clainms bel ow. Accordingly, thé specification and figures are to be

regar ded5i n fapchi inl thetdlainhy Belw heXcddrdingy/ et specifivationand figmésare  such
nodi fications are intended to be included within the scope of the present
i nvention. Bertefidgarded hean alustratage sathanthaph westoicti vesepsepdredrallhave been
10 described above with regard to specific enbodi nents. However, the
benefits, aduehtragdificanmnstarernstensledrtotieincludediwithingheseape of thhat may
cause any benefit, advantage, or solution to occur or becone nore
pronounced gresemtinvenvenconstrued as a critical, required, or essenti al

feature or elenent of any or all the clains, 15 WO 03/061136 PCT/ US02/ 39957
Benefits, other advantages, and solutions to problems have been

10  described above with regard to specific embodiments. However, the
benefits, advantages, solutions to problems, and any element(s) that may
cause any benefit, advantage, or solution to occur or become more
pronounced are not to be construed as a critical, required, or essential
feature or element of any or all the claims.

15



21 CLAIMS A nethod for generating a pul se width nodul ated signal, 5
conprising: receiving a nodul ated input signal (24) in a digital format,

t he modulwoad/osnipat signal being in pul se density nodul aticarusEBvl7 f or m
and converting (16) the nodul ated inputygignal to pulse width 10 nodul ated
(PW) form (30) to provide the pulse wdth nodul ated signal (30), the
converting being perforned entirely in a digital format. 2. The nethod of
claiml wherein the converting further conprises: 15 decinmating (12) the
nodul at ed i nput signal (24) to reduce a sanpling rate of the nodul ated
input signal and to increase resol upboggk the nodul ated input signal. 3.
The nmethod of claim| wherein the converting further conprises: 20
conditioning (14)the nodul ated i nput signal by nodifying at | east one of
anplitude and frequency response of the nodul ated input signal. WO

03/ 061136 PQT/ US02A398thoRfo enEh@tiﬂgwmﬂs@Rwi@uﬂhmdumt&lrﬁ%ﬂaL he converting

further conprises for each of a plurality of predeterm ned sanpl es:
predictifig (203rompradingal sanple tinme point for sanpling the nodul ated
input signal; 5 interpolating (204) the nodul ated input signal at the
predi cted natural sanpteeivimeapnodulated prmui signaln(24i)nner giglital éormagnal
val ue; _

the modulated input signal being in pulse density

modulation (PDM) form; and

converting (16) the modulated input signal to pulse width
10 modulated (PWM) form (30) to provide the pulse
width modulated signal (30), the converting being

performed entirely in a digital format.

2. The method of claim 1 wherein the converting further comprises:
15 decimating (12) the modulated input signal (24) to reduce a
sampling rate of the modulated input signal and to

increase resolution of the modulated input signal.

3. The method of claim 1 wherein the converting further comprises:
20 conditioning (14)the modulated input signal by modifying
at least one of amplitude and frequency response of

the modulated input signal.



providing a correction value (206) to correct error

associated with the

natural sanple tinme point which 10 was predicted, the correction val ue
provi ded wp 0a®snge t he i nterpol ated signal value, the naturalr/tsangdos7 ti ne
poi nt which was predicted and an esti ”Bid?d signal sl ope value; and

conbi ning (207) the correction val ue an
to provide a corrected natural sanple point output.

the interpolated 15 signal value

5. An apparatus (10)

for generating a -yl sehaLR I AL fgreth P& LonvaR Y Fitthel chfipfRes NPUL
MRS gty FEE emprity

term nal for ‘recelving a no Si gna

I npu

f or mat ,

t he nodul ated i ”?‘%e%EH%?'aepdlgé?zi(ljlﬂ?'hd')f‘?l@d%?@rnﬁ%ﬂistaihlﬂegf“' ation (PDM form

and a converter ) coupl e 1nput termnal,

t he converter

converting the nodul at;ﬁ‘sdidﬁ&lgtQ@BgrhaﬁathPalmakﬁﬁleVﬁﬁ%fpoiﬁﬁfdsmwhgnﬁg formto

provi de the pul se wi dth nodulTated si gnal (30), the converting

ei ng

perfornmed by the converter tﬁ@&h@@]yitéd\i@lﬂisggﬁal format. WD 03/061136
PCT/ US02/ 39957 23 5 6. The apparatus of claim5 wherein the converter (20)
further Sconprises: a idegpohitingn(204)tthe nad@lacalipipd signalret theput t er mi nal
for decimating the nodul ated input signal to reduce a sanpling rate of

t he nodul ated i nput signal predicted natural sample time point to provide an

interpolated signal value;

providing a correction value (206) to correct error

associated with the natural sample time point which

10 was predicted, the correction value provided by using

the interpolated signal value, the natural sample time

point which was predicted and an estimated signal

slope value; and

combining (207) the correction value and the iterpolated

15 signal value to provide a corrected natural sample

point output.

5. An apparatus (10) for generating a pulse width modulated signal,

comprising:

20 an input terminal for receiving a modulated input signal

(24) in a digital format, the modulated input signal

being in pulse density modulation (PDM) form; and

a converter (20) coupled to the input terminal, the converter

converting the modulated input signal to pulse width

25 modulated form to provide the pulse width

modulated signal (30), the converting being

performed by the converter entirely in a digital

format.



i ncrease resolution of the nodul ated i nput signal.

claim5 wherein the converter further conprises: 10 digital signal
condi ti orwog@3mérieami try (14) for conditioning the nodul at eedcirnysat/3®sgnal
prior to converting the nodulated inpujzsignal to pulse w dth nodul ated

form 15 8. The apparatus of claim7 further conprising: a filter (18)

7. The apparatus of

coupled to the digital signal conditioning circuitry for filtering the

pul se wi dth nodul ated signal to nake the pul se wi dth nodul ated signal

suitable for driving a | oad by rej ecting predeterm ned 20 frequency

conponents. 25 9.1 léagfﬁga%d{ f CBERS AP iR et QoTgithet ed stanal,

COI'TpI’I Si ng.: receivin

in ether p

(PDM form (24

i nput signal, the no si gnal

bei ng

gde nodul ated (PCM form (124) or pul se den5|ty nodul at ed

converting the nodul ated input signal to pulse width

nodul ated form to prow decibdidnfiRer )29%%9%@%%&@?&@%&9957

10 15 20 25 nodul ated signal (30, 13

5
7.

10
15 8.

20
9.

25

the converting being
decimating the modulated input signal to reduce a

sampling rate of the modulated input signal and to

increase resolution of the modulated input signal.

The apparatus of claim 5 wherein the converter further comprises:
digital signal conditioning circuitry (14) for conditioning
the modulated input signal prior to converting the
modulated input signal to pulse width modulated

form.

The apparatus of claim 7 further comprising:

a filter (18) coupled to the digital signal conditioning
circuitry for filtering the pulse width modulated
signal to make the pulse width modulated signal
suitable for driving a load by rejecting predetermined

frequency components.

A method for generating a pulse width modulated signal,
comprising:
receiving a modulated input signal, the modulated signal
being in either pulse code modulated (PCM) form
(124) or pulse density modulated (PDM) form (24);
converting the modulated input signal to pulse width

modulated form to provide the pulse width

24 5



performed entirely in a digital format, the converting further conprising
for each of a plurality of predeterm ned sanples: predicting (203) a

nat ural swopBeectidéere point for sanpling the nodul ated i npeCTAISgR34957

i nterpol ating (204) the nodul ated i nput gi gnal at the natural sanple tine
point to provide an interpolated si gna? val ue; providing a correction

val ue (206) to correct error associated with the natural sanple tinme point

ot grh pol o 2&:?5 anal tVQFug?ﬁ{)ﬁﬁf#%@ ST TR00T 20} L B ER PPl o
Cor recton val ug (207) and TR e EAREIYR gl AT GRA e RonERing

corrected natural sanple i ; r ; 110) for
mﬁgmﬁtéa{ gghﬁi&ﬁsm gﬁor RACRBP S é‘lﬁlk'ﬂll(yl@f

generating a pul se width Sl gn t he apparatus “conprising: an

input termnal for receivi ngedeitAithéd 88mpkedit signal, the nodul at ed
signal being in either pul se code nodulated (PCM (124) form or pul se

density Smodul ated (PDM f gredicitg (208) @ns@nalesdmaple( tithe d;idiﬁl foor
converting the nodul ated input signal to pulse width nodulated form

provi de the WO 03/ 061136 PCT/ USGahgs19gg tikbmodulated input signal; -to
interpolating (204) the modulated input signal at the
natural sample time point to provide an
interpolated signal value;

10 providing a correction value (206) to correct error
associated with the natural sample time point
which was predicted, the correction value
provided by using the interpolated signal
value, the natural sample time point which was

15 predicted and an estimated signal slope value;
and

combining the correction value (207) and the

interpolated signal value to provide a corrected

natural sample point output.

20
10.  An apparatus (10, 110) for generating a pulse width modulated
signal, the apparatus comprising:
an input terminal for receiving a modulated input signal,
the modulated signal being in either pulse code
25 modulated (PCM) (124) form or pulse density

modulated (PDM) form (24); and
a converter (16, 116) for converting the modulated input

signal to pulse width modulated form to provide the



5 10 15 20 pul se width nodul ated signal, the converting being perforned
entirely in a digital format, the converter further conprising: a duty
rati o pr ewooBo6118614) for predicting a natural sanple tineCcpaisnt/39sT
sanpling the nodul ated input signal; a%s;i gnal value interpolator (46)
coupled to the duty ratio predictor, the signal value interpolator
interpol ating the nodul ated i nput signal at the natural sanple tine point

to provide an interpol at eiﬁ%%%mhvﬁ'laq‘@?a@?ﬁs@“&lo?@%ﬁ’{aﬁ&c@éﬁﬁnﬁp(48)

coupled to the signal valu rpo e>cor rovi di ng

a correction value to cor r&gg%%%cﬁénﬁg?qhaatQ%it&gﬁ#&ﬂngpqhgggggg{}&anpl e

time point which was predi‘ct e correcti ue provi usi ng

the interpol ated signal val ’he?%rrgﬁ’iéiﬁ | sanple tine point which was
predi cted and an estinmat e&“gtl gnal opegval ue, the correction circuit

combi ning the correction vg ggryaradio predidtor ¢4Npiat srédt @b nadhig to
provide a corrected natural sanple point output.
5 sample time point for sampling the modulated
input signal;

a signal value interpolator (46) coupled to the duty
ratio predictor, the signal value interpolator
interpolating the modulated input signal at the

10 natural sample time point to provide an
interpolated signal value; and

a correction circuit (48) coupled to the signal value
interpolator, the correction circuit providing a
correction value to correct error associated

15 with the natural sample time point which was
predicted, the correction value provided by
using the interpolated signal value, the natural
sample time point which was predicted and an
estimated signal slope value, the correction

20 circuit combining the correction value and the

interpolated signal value to provide a corrected

natural sample point output.



