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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 gi tal audi o-s¥ —C PYAIY
Digital audio i nputs to thy j )SII@N puI se code rmdul at ed
(PCM. Direct translation A t 0 WE AE uni formy sanpl ed
PWM (UPWM) signal is a nonlinear operation that 20 results in a large
amount of harnonic distortion. In contrast, naturally sanpled PW ( NPV
does not contain harnmonic distortion. Naturally sanpled PWM signals are
easily generated in the anal og donmain by conparing an anal og i nput signal
to a sawpooth or triangular sh#ied ofathe Bivenglon The NPWM pul se edges are
determ ned by the 25 natural crosspoints between the input anal og signal
and the ranp signal. However, calculating the natural crosspoints for NPWV
in the digital domain based on PCMinput data can be conputationally
expensi ve. WO 03/8s issemimm userssgoszally teypdse midihonmosiladonmind ( SACD)

is a newdigital audio data
more specifically to converting either a pulse density 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.



ormat. The audio is digitized and stored in Pulse Density Mdul ation

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

nitial swopBieg3scate) one-bit PDM data stream It is desipcalise2s®sTtonvert
the SACD bit stream (or any PDM bit streanm) to a Pulse Wdth Mdul ated
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 t ching signal; - 1 hi e n i . r the

i npl ement ati on ofs‘g%ée%géﬁggﬁl gna[?gggég\e@i) ﬁghﬁfﬁ?%l&glv@‘h%&%gm rol,
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contains a Tlarg 15 A very high-end swtching

~~ =—h

/-\m_

anount of out-of-band noi Se.

di gi tal audij@idianipleig tate) SACThit PDM daasstizaen Toiydssiiablé Yo cohveduced.
However, in order to accombdate volunme control it cannot directly anplify

t he SACDSPD\heiS@D bitnsieaad (of anyPIDM bitatreiang) fDVPulsWigltlgnal as an
anal og signal that can be attenuated as desired for volune control. This

si gnal then Meeldatad (POVM)sighhtl thadeandecutsd tosdgve adeighdy Afficientdul at or

that generates a new PDM signal for anplification in a switching anplifier.
A bi g dr awbaskitclingtdigitak ggsdienamgplifieat TheeS AR DM bst stocamtcan b t he
digital domain. The digital input signal is converted to analog to allow
si gnal procedisectly used ate savischiggdograly howeyer dhiswapnreach dogs giofal (PDV) to
drive a switching 25 anplifier. Al the advantages of, maintaining a digital
si gnal | i ne-tgpddyallowder tl)@dunpleén@ltaglpntqfeanys@e%¥e<§8@ml PrFSIfG drive a

swi t chi anplifjer has sonme disadvant age ared to using a PWM signal.
For exaﬁgl e, I-P\AWPL}%C;EO reMF%@r’sﬂpaéﬁPﬁa(%requency, whi ch

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



WO 03/ 061136 PCT/ US02/39957 3 results in greater efficiency conpared to
PDM Furthernore, the non- return-to-zero (NRZ) nature of the PDM signal
can resulwoios/06mnss eased distortion conpared to the returrerarsaEsOsPVW
signal. One m ght consider processing t3he hi gh- speed one-bit PDM signal in
the digital 5 domain (volunme control, equalization, etc.) followed by a
digital sigm delta nodul ator. However, processing at such a high bit rate
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conversion, a | e anal og do significant drawback to

this apprOafdlsﬂo%tibfi%forﬁﬁérrea%aeﬁé%eﬁﬁn%-i%fpwm ﬁ?ﬁﬂEYOn‘éirﬁi%@ swi t chi ng

anplification are lost.” Therefore, a conputationally efficient nmethod is

desirabl e t%o}l@id‘é}m&@’cbsﬁﬁ% ﬁ‘h?ﬁh%lﬂ@ﬁe@@ﬁh@f&@m §igHAl & tedipitad a PW
swtching waveformentirefy inthe digital donmain I'n 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. . .
amplification consist of deCimating the high sample rate PDM to a low
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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.



conversion systemin accordance with the present invention. WO 03/061136
PCT/ US02/ 39957 4 FIG 3 illustrates one enbodi nent of a PCMto PW
convert erwDn3/oeas®r dance with the present invention. FlG péTiushuswsat es
several signals used in natural sanpli ng circuitry in accordance with the
present invention. 5 FIG 5 illustrates one enbodinent of a timng diagram
for two sided PWM signals. FIG 6 illustrates in flow chart formthe

one. enbodi ment - off e Hfua: B viodfiB: ST BN b PUNLARRYAIZE ™ 7

il lTustrati ngac%o%&?d’e%itﬁ%@%ﬁlgﬁnggﬂ’g?{nﬁén.uSEd to i npl enent one enbodi nent

of the present i nventi on. I Sans appreciate that elenents in the

figures are illu t | 61 &3 j ssarily
been draan. 15 o 1SEal Qs Seril el bR SAIYRND SirHReS

el enent s i n jhhRcofdfHbconithRlie PefRAa0ERGGH. rel ative to other el ements to
hel p i nprove the understanding of the enbodi nents of the present

i nventiof. Det ai IFIG.Beatustpiteéo0ne 2enbddementidfl aidtniag eliagren éobosoment of a
digital to anal og conversion system 10. In one enbodi ment of the present
invention didgtd BWM sggmlag conversion system 10 receives a pul se density
nodul ated (PDM signal 24 as an input to PDMto PWM converter 20. 25 PDMto
PWV converter 20 Klker6 fdiustiatesimflowt skamtifdtin thieduhationality emkdedsoginal 30 to
| ow pass filter 18. Low pass filter 18 provides an

by natural sampling circuitry in accordance with one embodiment 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



anal og signal as an output to a load 22 (not shown). In one enbodi nent

| oad 22 may be an audi o speaker. OQther enbodi nents of the present WO

03/ 061136wB@3H0&ISBR2/ 39957 5 invention nmay use ot her typespPafi/usoms®s7 1 n one
enbodi ment of the present invention PDito PWM converter 20 includes a
decimation filter 12 digital signal conditioning circuitry 14, and a PCM
to PWM converter I n one enbodi nent decimation filter 12 receives PDM 5
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the bit res fon resulting 1n a pul se c ati1on si gnal 26.

Digital sigrgheCPndy %&t‘&[‘é%a@'cbﬁﬂiﬂdrﬁn%‘hf&ﬁ viess JfdM PCavielo BWM6 as_an

i nput and provi des a“con oned PCM sTgnal as an output. PCMto PWM

converter lQonRepleyds. tﬁﬁoﬁ@ efi¥ddanReat deMbadoafiled Eb recwivéyPDMand
provi des the PWM signal 30 as an output to |low pass filter 18. Note that

al ternatg enpefAIMENLS aﬁﬁn?hﬁaﬂd@iﬁﬁﬁﬂdes padse Eode mydulptedofRCM) sigoalude an
anplifier as part of digi to anal og conversion 15 system 10. For

exanpl e, an 26m4 hhicatpinoNosd tvat)PIDRY sigmial 3ddidsya bae-bihndsadeomat ween
converter 16 and |low pass filter 18. Alternately an optional anplifier
(not shown) high sansleadteheDientthatien filtarviskdetreasepthessadmpleeratea 8ndnd | oad
22. Note that alternate enbodinents of the present invention may conbi ne
the functi oratiaagestheibisimeaolusion rasuking n apuisticadgmedulstigndP
condi ti oni ng ci rcwti;{1 14 in any way. Wat is |rrportant I\Eat t he
functi onal i tsygdl 26.r Eugttel s.lgnahaondltm@gwcaltpm ECGhAS é@ S1gH nput
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PCM to PWM converter 16 receives the conditioned PCM signal 28 as
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.



signal conditioning circuitry 14 may vary significantly. For exanple, 25
sone enbodi nents of the present invention may use digital signal

condi ti onwog@3smémnswitry 14 to provide volune control, graplrce/usensmsi zati on,
and any other desired digital effects og processing. WO 03/061136

PCT/ US02/ 39957 6 Alternatively, the digital signal conditioning may be
performed before the decimation filter function. FIG 2 illustrates one

erbod et ol P BAL Shun MR Tfe BB Bkt orrhd BORygrbO Tron
receives a QHE%S&W?EOH%%%OQPW signal 124 as an input to PCMto PW
: 0

converter 1 converter 120 then provides a pulse width

modul ation (PW) Ergs gnallustfled 8né embiditndrt!ofed diblfhl tbawaksss filter 118
provi des an anal og signal as an output to a |load 122 (not shown). In one

embodi nent  |eadetflohdFsidi 119, Ah euslembbrkateat of Ché presoiipdniverends, of the
present invention nmay use other types of |oads. In one enbodi nent of the
present pnveligitahtdPahalog ddiecsionaystsm 130 tecei wedes polsercosiznmiodatated
circuitry 112, digital signal conditioning circuitry 114, and a PCMto PW
converter 1XPCM) sipmealelPoas armputaocPCdhtp AWH converter 1 201 PAH t@cei ves
PCM signal 124 as an input and provi des over sanpled pul se code nodul ated
(PCM) si gnalPWM cmnventesut2uthenmirgividgs & pylssl widtbrmapdnlationg(BWMdi try 114
recei ves over sanpl ed pul se code nodul ated (PCM signal 126 as an input
and provi designalohif) to mepapefilierdds. Lopspass fahebblglmovmatrbarmmg
converter 116 receives the conditioned 20 PCMsignal 128 as an input and
provi des t hesignahas yhaptpuidosload 1 grmtslxoavmbvfrba%%em%q@m@ié@g te that

al ternate enphodi ments of th .
58 nﬁ% rlnay & an audio speaker. Other embodiments of the present

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



present invention may optionally include an anplifier as part of digital

to anal og conversion system 110. For exanple, an anplifier (not shown) may
opt i onal lwols/énsd uded bet ween converter 116 and | ow passPes/usni/sms7 118.
Alternately an optional amplifier (not ghown) may instead be included

bet ween | ow pass filter 118 and | oad 122. Note that alternate enbodinents
of the present invention nmay conbine the functionality of over sanpling
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significantly. For’ exanple, Sone e di ment's of the present invention may
use digital ap%!xﬂﬁﬁhecpﬁp@ﬂi%it@lnsigﬁapcémmmgtéﬁchﬁr}bﬂquiI@haymiryrre control,
| an

graphi c equali zati on, any other desired digital effects or processing.

Al ternat BV_e|saniﬁ”¢@nt31?'9iF(ﬁ* exxrgphl, soaedémbodimgntseyf the presefvmvedtioaf ore t he
over sampling circuitry function. 10 FIG 3 illustrates one enbodi nent of a
PCM t o PWM anay est digitdlésiphhbisonditieding cicGitryl 1dAdogpre@ide soRuke conver t er
116 illustrated in FIG 2. Note that although the PCMto PWM converter 16,
116 are bot fcontrilngraphicstnalizatitey, #idang othendasiededigitad gftests er of di gi t al
to anal og conversion system10 illustrated in FIG 1 and digital to anal og
15 conver si qosgssingn Alternatively, dhe digitalmignaleconrditignangimayebent

enbodi nents of the PCMto PWM converter 16, 116. Note that for FIG 3,
optional ci meufangedihetfarethe Oves SaMPARE GEEHLLY) funetion ed usi ng dashed

lines. In one e i ne PCM to PWM converter 16
10 mﬁ% 3 {Hustrates one embod]lment of allgCl\;I to PWM converter

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



I ncl udes natural sanpling circuitry 40 and PWM quanti zer and noi se 20
shaper 42. In one enbodi nent, natural sanpling circuitry 40 receives a
condi ti ongd oB@M13d gnal (U) 28, 128 as an input and provi desTnsbus®s7 sanpl e
poi nt output (X) 57 as an output. PWM ggantizer and noise shaper 42
receives natural sanple point output (X) 57 as an input and provides PWV
signal 30, 130 as an output. In one enbodi nent of the 25 present invention
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8 signal angdoRid¢i idespoldted ReIiH vies 8V 82 KOamdufputoulertectiGh @fal val ue
i nterpol ator 46 receives tine point guess (G 50 as an input signal and

provi des i ntitpeh@dircaiighal8 mdleies(iMierpdlaed afgmaltvalue (Wrykad apn of  duty
ratio circuitry 48 receives interpolated signal value (V) 52 as an 5 i nput

and pr ovhdesnpat andiprevidek eapoiab sanyle poirPGutpit 4X) &7 aapoutpitn Inone
enbodi nent of the present invention, the natural sanple point output (X)
57 is provi deg embbdanbatkf the presedtinyentiong the adiurabsampleapomt previ ous
natural sanple point output (X) 58. Also, in some enbodinments of the
present i nventtpon(X) b ingravaledsamisiedbpck te thaidpty ratto prodistoridd a8 back as
updated tine point guess (G 56 input to signal value interpolator 46.

Al so, in sormevimisdataralsasiplenoipt edent (X)mbenilsm, Int3QNe nt er pol at ed
signal value (V) 52 is fed back as updated. tine point guess (G 59. Note
that the fecapbedimentsoidhe presentdnyentipnr, thghatural sagp] rﬁﬂlnbi(f’u not be

the. dut yOr ac) Tl Brcksas Fpdeisel e poin 285 G) S¥SRPUPES sigiuf 1 =0 114!
value interpolator 46. Also, in some embodiments 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,



Sonme enbodi nents of the present invention may directly provide the
conditioned PCM signal (U 28, 128 to signal value interpolator 46. Note

t hat t he woms/opasant guess (G 50 signal is also provided ®sTAIS02/8998t toO
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 val ue

I nterpolator 46 and the correction of duty ratio circuitry 48. Note that if
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produce a | ower resolution quantized PWM signal 30, WO 03/061136

PCT/ US02/ 399Rvetion 3he ddHigdR ofthe ¢otRittiont BediNg ia€iostiapuitey 48maay on of
circuitry 42 shapes the quantization noise outSide the pass band. Still

referring terEAGy idereabe titcactdiady wEnhe ofatiraé spmpdepobint owpot (X, the
addition of the correction of duty ratio circuitry 48 may 5 greatly

i ncrease t heigedUAehidh ig peneratad by coavpiter A6, h 6odnfact,(tkg asidgnen 57
which is generated by converter 16, 116. In fact, the addition of
correction af autgcticat obduiy mtia ciycuryt 48 dovoaverer 16, 11 6emanplliw ow  t he
duty ratio predictor 44 to be elimnated entirely for sone applications.
However, al tthe daty ratid paedistorsdbto baelimninased entivalftfossome nay use a
conbi nati on of correction of duty ratio circuitry 43 and duty ratio
predi ctor ciapplicatipnas Howeverdalternaie smbedinments fithe presenfupyention o

circuitry 48 may reduce, t he nunper of .cal qu) ati ons and.t he anount of
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ratio predictor circuitry 44. The addition of the correction of duty ratio
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



duty ratio circuitry 48 also greatly inproves the distortion perfornmance

15 of the natural sanple point output (X) signal 57, and thus al so the

di st orti owopeméuassrance of PWM signal 30, 130. In additionpcCrhs02/8D5T ecti on
of duty ratio circuitry 48 produces a nggural sanple point output (X)
signal 57 which is |less sensitive to out-of-band noise. This is especially
| nportant because PDM signal 24 (see FIG 1) nornmally has a 20 significant
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representati si'gnal s” use generated fin natural

sampling c rediiditidnd® PCSiEhat (UPLS 1o8Me RnBsel polifie @Atk st onal 1

generated by using a saw to aped ranp signa ternate

embodi ment s Qi d & MheTaMHp éig}ﬁﬁl‘BiIQj} thaﬁaﬁgysigﬁal 90! AMctetieil AkApga saw
toot h shape. For exanple, "Fl 5 1llustrates One enbodi nent of a tImng

di agram for @oha8G aAedhédMkical analogibhaled b yepmkéencther ideabahaogshaped ranmp
signal 90. The left half of the ranmp Signal 90 is when the ranp is rising

and the s5i ghiighal doreésponeliviPtd Bh® 6dihpbe FEIT¢ biRNIZIOBGETTCM sigreai g BixPal 90 i s
when the ramp is falling. e individual sanples of conditioned PCM signal
(U 28, 128 H#1& shosesided ¢iamplepPWhhsighal 30ehB@1is ilbdstratedrinddGignal 81
or the ranp signal 90. Theoretical analog signal 80 and theoretical anal og
signal 91 réphesenditidned BEM sl 4i))2 & i 1gals dhwseadpdradiengvamotitiige sanpl es
of conditioned PCM signal ( 28, 128. A two sided exanpl e PWM si gnal 30,
130 is il | usndigesdluringthg ledt halfhehide e oddrnadicesiing gypavith the pight128 i s
chosen to have _even tine indices during the left half while the odd

i ndices i nehalﬁo‘f'vﬂ’tl%ljw sn%ml 3 héaﬁ- of the PWM signal 30, 130. 10

Referr] T% to F GRgfe%qgg%%IGAtB Eu?g PIIIGIT%,I%ﬁé %tm Iu)(e)lsnst éu@sss(b%ns?éngl%o
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



Is used to conpute the value of the interpolated signal value (V) 52 using
the conditioned PCM (U) signal 28, 128. Interpolated signal value (V) 52

i s not eqgwelosweliBhe ti me point guess (G 50 unless all erPOT/S®2/39957
elimnated. The difference (V-G is rrul%%pl ied with the estinmated signal 15
sl ope (S) of theoretical anal og signal to compute a correction (C) 82.
The natural sanple point output (X) signal 57 is the corrected signal.

Note that f : i j ] [ | 81
nas chosen (5108 IERRERGIRI] Gonal alc e s & BERPHERppliiidRTRGS; D12,
chart form Ngg tfh‘érkfédiﬁ?ﬁ::qﬂ&mcﬁsﬁﬂll@E?nﬁube 138d Y r@?@aflo dOAEN i @Es nat ur al

sanpling circuitry 40 o n one enbodi men 199 begins as

start oval 20ReRN R'RCREESer Ereate?RhaNdr e‘?g)ﬁl fo @efeThub, TN eqhalss0,

provi ded. Step 203 provides a guess tine whi ch is based on the

condi ti oned s%%&@&ﬁp'eﬁecatﬁdl/ orilyt diceparl howstyrsie@lsopiapastonas. UNdte sanpl e
point output (X). Flow 199 then proceeds to 25 step 204 where the

i nt er pol &t edhat giepl20MminezelyMndatateh ehdtistep BOdnvilhuss she {erpclattidgi t al |y
conput ed based on the conditioned PCM signal éé% Fl ow 199 then continues
wi th deci si engnilavednd (302swhaext time paiat gnashéb).odfier repdating step 204t her it
IS necessary to repeat step 204 WO 03/061136 PCT/ US02/39957 11 wusing the

i nt er pol at edN éimeslflow 129 contingesatnsigp 200nwhgee atcogression (€)) bagesten t he
deci si on di appnd 202 ma%/_ be used to repv?‘cat st%p 204 Ntines, where Nis an
i nteger gr edhemestaigcent vdemolatedAagnal vidus (Vrand dwumost tecenstane 204 i s

mor ol y | nai GBEERAS (G1 Sp0 Z6UAEY SUZET SIS RHBATEHED: BRI ol ue (V)
o 2 noth L 3T Ao\ s Sl D RS 2 cBheRRR O Sl O 196
with the most recent interpolate signal value (V) to generate a natural
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



the nost recent interpolated signal value (V) and the nost recent tine
poi nt guess (G and estimated signal slope (S) are created. Fromstep 10
206 fl ow wBI3menBé nues at step 207 where the correction (E@CTiEsoLssydT ned
with the nost recent interpolate si gnall%/al ue (V) to generate a natural
sanpl e point output (X). Fromstep 207, Tlow 199 continues at step 208
where the entire flow of 199 is repeated for each sanple of conditioned

PCM si I . j : 15 fl
109 ende. 1 Pkl ERigERupht £X) MRS el Rotiml oniftediSife 20T 0d
207 may be g&gﬁ%étargeglﬁ%@g%hﬁmhqt afmgd 202 so that steps 206 and 207

are repeated as part o Iterative recursion |loop. Note that for sone

enbodi nents of t hg RE®RAMtdaldeséripon DTSN EIABOAIAERL 6Pthe MvieRtdaci si on

di anond 202 nmay be a function of one of the values used 20 in flow 199. For
exanpl e, theydRbygideh DsHgCihei folloiagongdiailes:may be a function of the
correction val ue ?C). Not € that alternate enbodi nents of the present

i nventi of may us@aﬁgla’;ﬁm@regmi ate nmethod to provide a tine point guess (Q
as required by step 203. One exanple of a method for providing a tine

poi nt guess (Q iGoudisiomedeRCMhsignal (faf)&®,12% application serial nunber
09/ 478,024, Pallab Mdya et al., filed January 5, 2000. It can be shown
that for a gi ven Timaepouft guese(p@)aX) on, the flow described in FIG 6
which is performed by converter 16, 116 generates a WO 03/061136

PCT/ US02/ 39957 1dnterpolatad S%IV@IWM(D)%& put (X) which is nearly optinal
conpared to the jdeal .natural &s(a | e point for that order. A nathemati cal
description of orfeOBRSGEM stgnal MR i nvention will be gi ven using the

foll ow g var! abll\efgt:ural 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.



5 Sanpl e index n Conditioned PCM signal U(n) 28,128 Tine point guess G n)
50 Interpolated signal value V(n) 52 Correction signal C(n) 82 10 Natural
sanpl e powotosoetiput X(n) 57 Time point guess for natural eamuisomspoar the
first iteration: Gl(n) Interpolated siggpal value obtained by interpolation
at the sanple point at the first iteration: V1 (n) Correction to the
signal value at the first iteration: Cl(n) 15 Natural sanple point out put

Cecond iteration . W APGRERAT SDEAF L2l Al heahy | U 1

interpolation at the sanple point at the second iteration: V2(n) 20
Correction tar the signal value at the second iteration: C2(n) Natural
sanpl e point output at the second iteration: X2(n) The first step is to

determne an initial tine Nal (9,5 In its nost generalpsfjorm it
is derived froma conbi nat ?’g@ tgf('gg?z@i 9%('1 (2?)5 present and future s[aj | es of
conditioned PCM signal (U 28, 128 as well as past-cal cul ated sanpl es of
nat ural sanpMe point ouput (X) 57. Exanple cases are as follows. WO

03/ 061136 PCT/ US02/ 39957 13 QG n)=U(n)+[2{X(n-1)-U(n-1)}-{X(n-2)-U(n-2)}]
[1] or & n)=U(n)+{X(n-1)-U(n- lmn)lgln) [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]



or 5 Gn)=Un) [3] The interpol ated signal value (V) 52 of the
theoretical analog signal 80, 91 at the guess tine point is conputed based
on an i nwerpméEasé on forrmula. It is observed that for sonmecerdsonssysnts of
the 10 present invention, better accuraggg may be achi eved when the uniform
sanpl es of conditioned PCM signal (U 28, 128 are lined up with the center
of the ranps 81, 90. Using this approach for two sided PWM (see FIG 5),

o el st o ha o Bb8t (R atbpR e Bhsed Gn Ftire® it SelindaiRroan oF
LN e diganlinghbgiion Rrfilla, Bthek Skdohs¥t LirduedThiciBfuiige 2

-U(2n) 1+ Uneh @l dd Ghkr 2§Lﬂﬁé’srdﬂl)n"terp6ﬁéﬁdﬂfd>ﬁn{lﬂ ) B3/s0bidRked based
PCT/ US02/ 39957 14 Both of these equations are based on a t hree- poi nt

second ordergon h@@n@@gemdn@ Pgtaiommcbﬁmfuims O her orders of Lagrange
interpolation, as well as other types of interpolation formula, my be
substi t uted based on accuracy and conputational constraints. 5 The next
step is the correction step. The correction step is based on the idea that
if the time pointTlyuasst §@€p isshecosectiontshep.i Tbalcoratatiaal stepasblased i me
point, the value of the interpolated signal value (V) 52 is

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]



very close to the ranp. Thus, the signal value (V) nust be very close to 10
the tinme point guess (G. Any difference inplies that the tinme point guess
(G is novoanwénsd y accurate and can be corrected assum ngctrhmb2/sdes7 si gnal
is sufficiently slowy noving. A first der correction for both the |eft
side PWM and the right side PW respectively, is given below 15 C(2n)= {
V (2n)-@2n)}~ U2n+ 1)-UY(2n -1)I [6] 2 J C(2n+1)={V(2n+l)-Q 2n+1)}{ WU 2n+

ot LT 1 DO cERSEIoh AT REYECaEBNAES] AP bgoL pUt 15 20
correction ?ih%@'uc%&!t&]?urtﬁéﬂrﬁﬁfmé* g&&lr&ggt ;I?fﬁi@éﬂﬁq GreRGT4iS02/ 39957 15

The correction termi nproves accuracy. on can be introduced to

further inprigygoReCiicasicy ﬁ%ﬁiﬁé’éﬂr%y. ReRutdish dah HeSimi [ERheVRATnFUSiAGy
significantly.” Recursion-can be inplemented by using the corrected natural
sanpl e poi nttheWopkict@® natuigisarmpre g@iri”ttot?ﬁﬁ?@@s Q%evﬁtime/pﬁirh@dehg agquat | ons
bel ow. V, (2n)=U(2n)+{G (2n) 211 Y(2n+1)-U 2n-1)}+ (UY(2n+1)+U 2n-1)-2U(2n)I
{ & (2n) - 5212%iv8h blothe, equdinjons He¥ow( 2n) - GL(2n) }{U(2n+ 1)2 Y(2n -1)1 [10] &
(2n) =X, (2n) =V, (2n)+ C, (2n) [11] The steps in equations (9-11) can
be repeated for inproved 15 accuracy. The anmount of recursion needed to
achi eve a given accuracy is dependent on the oversanpling ratio. If the

el U T, S TR 0L SR EBTBIf L s
[9]

2

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



oversanpling ratio, the need for recursion increases. This cones with
added conput ational and nenory requirenents. The conplexity of 20 each of

t he tinme Wwoiosh6i@sd i mati on, interpolation to conpute signalPcralsuE39osand
correction of signal value steps are vajgable depending on the accuracy
requi red. Depending on the accuracy requirenent, as well as constraints on
menory and conputation, an optimal algorithmcan be designed. As an

exanpl e, for i . i gi i id3 with an
Tput o) gnal Ennae PATi M 3R h gAY, B BIRTRIS ITLREES 3005, T
and a 375 k ' | I ' ft hand side

equat i ons C%@%E‘gghﬁ;é g%ﬁ fecggé{gg??eeﬁgéé%lgoéd@ﬁeg%ﬂg & 2n)= U(2n) [12]
5 V(2n)=U(2n) +{u(2f1)_} {U(2n + 1)-U2n - i)} + {U2n + i)+ UY2n -1)-
2U(2n)}{W(2)- 1 }Z 2 2 [13] X(2n)=V(2n)+{V(2n)-3 2n) U(2n+1)2U(2n-1) I
[14] 10 The corresponding right h nﬂ si de equations are as foll Otlﬁ
&(2n+1) =U(2n+1) [15] 15 V(2 %%?22 +1)+{_U(2n+1)H{ 2 Y ]
2n+1) 2U( 2n- 1) { +{ U(2n+2) +U( 2n) - 2U(2n+1) {{1 U(2+1){[16] "J

X(2n+1) =9¥(2n+1) +{ V(2n+1) - 3 2n+1) W(2n+ 2)-U(2n)1 [17] 20 Note that in this
exanple the initial time point guess (G 50 has been chosen to be the

i nput conditioned PCM si Tnal (l

28,, 128. Si pce 2
V(zn)=U@n)+ U(2n)—5 U(2n+1);U%2n—l)f+rU(2n+1)+U(22n—l)—2U(2n)}{U(2n)_%}

[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+l);U(2n-—1)}+{U(2n+2)+U(in)—ZU(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



WD 03/ 061136 PCT/ US02/ 39957 17 the conditioned PCMsignal (U 28, 128 is
al ready available, there is no conputation or nenory storage associ ated
wi th the woasme11ihere are eleven nmultiply or add conput aPconsoas®sti at ed
with the calculation of the interpolat signal value (V) 52. There are
four menory storage 5 |locations needed for this step. Calculation of the
corrected natural sanple point output requires an additional two add or

| tipl i . i ,_ |
nul tiply tﬁgﬁ%%hﬁﬂ%&{lﬁm%}@g@ e(r g y1 5% grﬁ?ig%/cbpgggﬂg&e, fiysisher this

exanpl e, ot'a I r'tee ons and menory Storage

| ocati ons neg Ct%ﬁbn%%gnor?%gof‘aé%;%sﬁbﬁtéd“ﬁiﬁ{‘iﬂwgﬁés%qufﬂéﬁé et h 10 two

sanpl es per sw I ng conputation 1S 9.75 mllion

operations wv&ﬁﬁﬁﬂﬁﬁlf B all@WondhtatiBREBEYodiated Wetkethe daiculpsiohi ful ar |y
beneficial for reducihg overall conputation overhead. Note that the direct

transl ati on the dmtebpdlated F\dMal saluenOn) 52 nddtere ape foir arembiyctoregal ts in an
unacceptabl e total harnonic distortion if a 15 converter such as PCMto

PWM convér t docdtionslhbedes] fmtthisstdp. Nodleuldtain ohthecoorrectedamtpraicess
performed by PCMto PWM converter 16, 116 produces a highly |inear output
and thus dosample podot eutmit reqaines ahadditmdnaldwepadd or snebipliie PWM si gnal
30, 130. Also note that the conversion process performed by PCMto PW
converter 1®perasonsand usegbng memerystorage lagafeornndbmssienthihaped wi de
band noise often associated with pul se density nodul ated input signals
such as SAcCBxample, thediatalois thirteaneoperationsiaged %Vedmmorﬁétsmag?rcuitry 48 in
FIG 3 may result in a r{iore ef ficient Pgl};ltoHP\/\M.c&nver er 16, 116. This
PCM t o PWM depdtspreneaded pessarpple ek okad /OdkHE stvtalng e 1tos i ded

PYM s gTB ! S'tw%eéaenrqﬂeggpetrosv!/:ilt&iing’cytctl]ee,t 810 aﬁic%rr]nf)l\l@tiaﬁ%nr?sabyg 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,



performed on one or nore of steps 204, 206, and 207 allow the PCMto PW
converter 16, 116 to produce a nore accurate PWM signal 30, WO 03/061136
PCT/ US02/\8093/661i8 130 t hat has | ess harnonic distortion aad/sppsoaches the
theoretical I|imts of accuracy. In on nbodi nent, the present invention
is an all-digital architecture to take the new SACD audi o format and
convert it intoa 5 digital PWMsignal for driving a highly efficient

digital swi bk fige {0 hégﬁgﬁ&g&%%%’i‘ﬁoﬁ i fﬂ;ﬁ?g%ﬁ&é HeehRRTedidal

acconmodat es “‘the volunme control,* g I c equalization and

ot her desi rafnfsYrtbusignal processing functions entirely in the digital
domai n. Thus, thgi agrgﬁcg’gcture illustrated by the present invention

mai ntains a conpligtshelémBbditeht,RRé fprééé?miﬁh@nﬂf’&Msi anull-dignal all the way
to the anplified digital PWM out put signal. However, although the present

invention hashitestiré td il theatkw ISAQD gadioefornedt anddéen wirg i@ntgaocessi ng,
it is inportant to note that the present invention is applicable to any

ot cd 16 Bata ST e or 5 pul J6 Code podurated Sara SLfean! s converted
to a pul se amplifienoNotetleat thigmahitesttiecasilyrasicopruodstasriteilmndlgig one
such application. The PCMto PWM converter 16, 116 illustrated in FIG 3
as wel |  as afteolnmchonivrolggraphicreqyadizationland ethenyesedshigitabsigaalii de
variety 20 of frequencies, including radio frequencies. For exanple, the
di scl osed cipTOQEsSIpE AwRCHeRherfaredyyn Qd!&lt%lﬁdna@-prgﬁﬂsoﬁlea radi o
LL?ggggcy %.rncpllliitéci:t%;é ilms%‘atgd ibsy t%ebgr%(s:gntdlin%%{lagqnirlqélilflstgirn%te{ ng%leet%ner a
10  digital path from the PDM input signal all the way to the amplified
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



Comput er 220 used to inplenment one enbodi nent of the present 25 invention.
CGeneral Purpose Conmputer 220 includes a Conputer Processor 222 and Menory
224, conneotogedeihys a Bus 226. Menory 224 is a relatively RCcghusspess?

machi ne-r eadabl e medi um and i ncl udes atile Menories such as DRAM and
SRAM and Non-Vol atile WO 03/061136 PCT/'US02/ 39957 19 Menories such as,
ROM FLASH, EPROV] EEPROM and bubble nenory. Al so connected to the Bus

are SecondarMeﬁioc}E i &1395 R@Mepﬂﬂ%}gtgpwvﬁﬁR@%gfﬁ%wg such as

nonitor 234, T npu Vices " such as Yyboar no printers

238, and on r Wr conmmuni cati on
l'ink 228. Sgg%n&lgg?y%%?%élgc 0 incﬁ%ﬁ?ﬂ%ﬁ%@?’ﬁ%ﬁ’ﬁ@?%’@ a such as
hard di sk digMggnal Sfag%% 232,%m§m dBdidedlakh a¥amBntor BRYcimalt Rivacape 232

i ncludes nmachine-rea e nedia such as floppy disks, renovable hard

drives, magpehis Kedar&PwREMnoare) 236npahtes 288 At &iife onaRse Ritler
connected 10 via a conmmuni cations |1 ne. he distinction drawn here between

Secondar§ Stconagiete?S248duplédbpavaybbbcagadditat®nplink @28 ySéaondary

conveni ence in describing the invention. As such, it should be appreciated
that there iSosges?3dinaides neadhonedreadable ape diat sushns haredisk|drmeast s .
Conput er software 233 including user prograns can be 15 stored in a
Conput er SofnagnetiSinmgendaible serhors Extenypl Sparage Soingdudesst or age
230, and External Storage 232, Secondary Storage 230 _and Non-Vol atile
Menory are [moachidefieadallecmetimsunhy as floppyisks,vemavable erdeyivesxecut ed
directly out of Non-Volatile Menory, or stored in Secondary Stora 230
prior to | oaaag@eummw&llatROMw%ﬁyen AhGI¢OIBPEETS; BﬂSSlgy connects

10 via a communications line. The distinction 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.



Because the apparatus inplenenting the present invention is, for the nost
part, conposed of electronic conponents and circuits known to those
skill ed iwotobesciasé , circuit details will not be expl ai nedpcm/iuasny3nseat er
extent than that considered necessary, illustrated above, for the 25
under st andi ng and appreci ation of the underlying concepts of the present
invention and in order not to obfuscate or distract fromthe teachings of

spec T 1oation. b (EfoiiRie RRecifatol, P RS s bef diSedBiE00 03,
enbodi ment S'V}/ﬁﬁ‘?‘?f’e%nc@&?s@%}ciﬁrcq!lﬁﬁéding&‘lﬂs! I-cljb{i/ewﬁ, G oﬁBinﬁﬁfnf‘EEﬁl t hat
ica e m out

vari ous nodi I ons and anges can e Wt departing fromthe

scope of th%n?ﬂgﬁgﬂ;%pcéﬂ%?ﬂéé fHhtdsriis Potiffiddtidy dftecBhReeBchebew.

Accordi ngly, fication and figures are to be regarded in an

i I1ustrativenadé Rathdradepartifs tfrdmittheecopd o thapdestnlt insewtionadiskt cat i ons
are intended to be included wthin the scope of 'the present invention.

Benefits5 otfoeth incthenilaiges beowl. $atasrdongdy] thepspeiel fosti v aaddégures koe
descri bed above with regard to specific enbodi nents. However, the

benefits, adodwrgasdednl aniibostrativprathbethan anestaicyivelsemses 415J atlhat may
cause any benefit, advantage, or solution to occur or beconme nore
pronounced auehmodifecdimnsarstinteadledstodbaidluded withiguhesg¢operofebeent i al
feature or elenment of any or all the clainms. 15 WO 03/061136 PCT/ US02/ 39957
21 CLAI M5 present invention.
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



1. A nethod for generating a pulse width nodul ated signal, 5 conprising:
recei ving a nodul ated input signal (24) in a digital format, the nodul ated
i nput si gwalo3lbeildg i n pul se density nodul ation (PDV formcTarsd2/smaverting
(16) the nodul ated input signal to pulsgwidth 10 nodulated (PW) form
(30) to provide the pulse w dth nodul ated signal (30), the converting
being perforned entirely in a digital format. 2. The nmethod 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 resolution of the npguipy&d i nput signal. 3. The nethod of
claim1l wherein the converting further conprises: 20 conditioning (14)the
nodul at ed i nput signal by nodifying at |east one of anplitude and
frequency response of the nodul ated i nput signal. WO 03/061136
PCT/ US02/ 39957 22 A4metthtRl fmtgaﬁr@tﬁn%bqimémai agddlaedcsipuerti ng further
conprises for each of a plurality of predeterm ned sanples: predicting
(203) a fatural ce ignpi me point for sanpling the nodul ated input signal
5 interpolating (204) the nodul ated input signal at the predicted natural
sanple time point to peosivieg amodukaepmipttenignaly@4l) inal digitapfomnai,ng a
correction value (206) to correct error )

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.



associated wth the natural sanple tinme point which 10 was predicted, the
correction value provided by using the interpol ated signal value, the
nat ural swopB@ctidere point which was predicted and an est ipoatzsd2/siognal
sl ope val ue; and conbining (207) the cogjection value and the interpol ated
15 signal value to provide a corrected natural sanple point output. 5. An
apparatus (10) for generating a pulse wi dth nodul ated signal, conprising:

20 an input 4er m'—ﬁgé nn%aglg?(gt%g‘gﬁ%hﬁ WhERGH kR Egn{/&rfﬂfrg Al ca)er%xéf%sé n a

digital format, t I nput " srgnal el ng 11¥ pul'se

dul ati P : the i t t i nal ,
nodul ati on (PO 96htn 879 AuFARYES fledef@ininiedRbfthlke: the input termina

the converter converting I nput sig to pulse width 25

modul ated formto proyE@ickie @U39% NAdtdl S@epleaiiae oianfdr éa?rﬁpnntfvhef :
or ma

converting being perfornmed Dy thée converter entirely in a digita
WO 03/061136 PCT/ US02/ 3995¢th&Inodulafdibimgripadigidls of claim 5 wherein the
converter (20) further conprises: a decimation filter (12) coupled to the

input tefminal for 5 id&trjf)ﬁmtin@(mme thodnddnlaced mputt sigwaladt the reduce a
sanpling rate of the nodulated i nput signal and to increase resolution 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.



7. The apparatus of claim5 wherein the converter further conprises: 10
digital signal conditioning circuitry (14) for conditioning the nodul ated
i nput si gwelo3fpsiles to converting the nodul ated input sigmrar/uso2/gesse w dt h
nodul ated form 15 8. The apparatus oﬂzflain17 further conprising: a
filter (18) coupled to the digital signal conditioning circuitry for
filtering the pul se width nodul ated signal to nake the pulse width

nodul ated signal suitable for driving a | oad by rejecting predeterm ned 20
frequency conponents. 9. A nethod for generating a pul se wi dth nodul at ed

signal, comgri s I?%I% i oy 'hrép(gg J dul at ed
signal 25 @i ng"l;‘}%aeé erépgeglglcodg}%%%te ?@6%}6(?82%18&?%4) or pul se
density nodléb%té@q dsPDM form (24); converting the nodul ated i nput signal to
pul se w dth u?at ed formto provide the pulse width WO 03/061136

PCT/ US02/ 39957 24 modudediffhtRindfiRkr (BD). cAdilbd tbRe tOpYEtEtingalbRirng

performed entirely in a digital format, the converting further conprising
for eachSof a plurality of depimdghgthe neodwlargl agputsignadbatdoge @203) a
natural sanple time point for sanpling the nodulated input signal;
interpolating (204) the nodahgileg ratput the gnadulated hput signal and to

increase resolution of the modulated input signal.

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

form.

15 8. 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

20 frequency components.

9. A method for generating a pulse width modulated signal,
comprising:
receiving a modulated input signal, the modulated signal
25 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



natural sanple time point to provide an interpolated signal value; 10
providing a correction value (206) to correct error associated with the
nat ural swopB®etidere poi nt which was predicted, the corre@Crarsoyadose

provi ded by using the interpolated sig val ue, the natural sanple tine
poi nt which was 15 predicted and an estirmated signal slope value; and
conbi ning the correction value (207) and the interpolated signal value to
provi de a corrected natur i u atus (10,
110) for generating a puIsghaﬁﬁﬂﬂéﬁﬁgﬁkgg%g’i@@%%%%goﬁﬁgnﬁgigggﬁﬁs
conprising: an input term L Ml igmg gﬁﬁ i L , the
nodul at ed signal being in gﬁi‘%ﬁ&%ﬂ ggh%83H2ﬂ% Tgu a %&H?Séﬂﬁb?%%é) form

or pulse density nodul atedy ﬁ'ﬂ@%oﬁ?{hﬁ@lﬁg‘f&eﬁ@l‘ﬂoﬁa RYshiesf (16, 116) for

converting the nodul ated input signa

pul se w dt'’h nodul ated formto

provide the WD 03/061136 PoblSReMmIAGS {artiplepul se wi dth nodul ated signal,
the converting being perfornmed entirely in a digital format, the converter

further gonprising: a duty gratllciny E0Dtonatidd) sdmopleia@ poinogon nat ur al

10

15

20

10.

25

sampling the modulated input signal;

interpolating (204) the modulated input signal at the
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 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 the correction value (207) and the
interpolated signal value to provide a corrected

natural sample point output.

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
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 sanple time point for sanpling the nodul ated input signal; a signal

val ue interpolator (46) coupled to the duty ratio predictor, the signal
val ue i ntwopoebettias i nterpol ating the nodul ated i nput si gmalr/usb2/sdes7 10
natural sanple time point to provide an25interpolated 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 nat ' ol: ' . i cted, the
correction val ue provided %ﬂg%gﬁﬁgl ﬁh@qﬁegrgﬁgﬁ%%m@éégpgﬁgﬁmp\%ﬁ%g, t he

natural sanple tine point ' et eg | I gnal
sl ope val ue, the correcti or‘yégl &@éﬁl@ﬁ{l{?fﬁ?ﬁ&%ﬁ&ﬁ%&?ﬁgﬂggf?;‘tfé%{é?glﬁgggf ue and

the interpolated signal vajpugel@oRiptydiflg: @ corrected natural sanple point
out put .

a duty ratio predictor (44) for predicting a natural
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 assoclated

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.



