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si gma-del ta nodul ati on technol ogy. Specifically, the present invention
provi des a nethod and apparatus for over sahtpl ed, noi se-shapi ng,

m xed- si gnal processing for intelligent power applications and a variety of
ot her signal processing applications. M xed-signal processing here refers
15 to the processing of both continuous-tine (e.g., analog) and
discrete-tine (e.qg., digital or sanpled anal og) signals. The present
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10 for example, sigma-delta modulation technology. Specifically,
the present invention provides a method and apparatus for
oversampled, noise-shaping, mixed-signal processing for
intelligent power applications and a variety of other signal
processing applications. Mixed-signal processing here refers

1s to the processing of both continuous-time (e.g., analog) and
discrete-time (e.g., digital or sampled analog) signals. The
present inventién replaces pulse width modulation (PWM)
technology in any application in which PWM may be employed.
For example, in specific embodiments described herein, the

20 present invention provides a switching power amplifier which
employs a modified oversampled, noise-shaping processor
instead of PWM for increased efficiency, and low noise and
distortion performance.

The market for personal computers (PCs) with

25 multimedia capabilities is rapidly expanding. Consumers are
demanding faster processors and improved graphics to run
increasingly sophisticated software applications and CD-ROM
titles. For many applications, however, processing speed and
high quality video are simply not enough. For video games,

30 for example, high volume, stereo quality sound has become a
marketing necessity. In addition, to faithfully reproduce
three-dimensional "surround sound" effects, high fidelity
sound reproduction is essential. '

Current PC sound cards typically employ 16-bit

35 architectures which generate from 1-2 watts of output power.
Given that consumers are demanding much higher audio power,
multimedia PCs are generally available with satellite speakers
which include linear power amplifiers (e.g., class AB) powered
by separate power supplies. The actual efficiency of a
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of a separate power supply is manifest.
The inherent inefficiency of linear power amplifiers

10 has led to variety of other approaches to the problem of audio
amplification. For example, class D amplifiers using PWM have
been employed for some applications because of their clear
advantage in power efficiency over linear power amplifiers.
However, current PWM technology achieves ratios of signal

15 power to THD + noise on the order of only 40-60dB due to a
number of sources of distortion including intermodulation
distortion; spectral foldback from the sidebands of the sample
frequency into the base band; asymmetrical rise and fall
times; asymmetrical low-to-high and high-to-low propagation

20 delays; "break before make" (i.e., "dead zone!") distortion;
supply bounce; and the fact that distortion characteristics
vary considerably over the audio band due to low oversampling
ratios. Attempts to solve these problem by, for example,
increasing the sample frequency (thereby moving the sample

25 sidebands away from the base band) are limited as pulse rise
and fall times become significant portions of the sample clock
period and other types of distortion dominate. As a result,
current PWM technology cannot produce sufficient sound quality
for moderate to high end audio applications in which noise

30 rejection of at least 90dB is required.

In response to this need, several attempts have been
made to design switching audio amplifiers using oversampled,
noise-shaping modulators, specifically sigma-delta modulators,
for their noise shaping characteristics, see H. Ballan and M.

35 Declercq, 12V Z-A Clasg-D Amplifier in 5V CMOS Technology, pp.
559-562 (IEEE 1995 Custom Integrated Circuits Conference) .
However, as will be discussed, including power MOS transistors
in a sigma-delta modulator loop presents additional problems
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10 output and modulator lnput is accumulated in integrator 102

and eventually corrected. For first-order sigma-delta
modulators, noise in the signal band due to guantization error
is reduced by approximately 9dB for each doubling of the
oversampling ratio (OSR). The OSR is given by f,/2f,, where

15 2f, is the Nyquist rate, i.e., twice the bandwidth f, of the
baseband signal. For second-order sigma-delta modulators,
this noise is reduced by approximately 15dB (9dB + 6dB) for
the same increase in OSR. However, as discussed above, noise
improvements achieved by increases in the OSR, i.e., increases

20 in £f,, are ultimately limited as the rise and fall times of
the output signal become significant with respect to the
sample period. For a thorough discussion of sigma-delta
modulation techniques, see Candy and Temes, Oversampling
Delta-Sigma Data Converters, pp. 1-25 (IEEE Press, 1992).

25 As mentioned above, the insertion of power MOS
transistors in a standard sigma-delta modulator is accompanied
by other performance problems. For audio applications, power
MOS transistors drive relatively low impedances and must
therefore have output impedances smaller than 1 ohm for good

30 overall efficiency. As a result, the switching
characteristics of such transistors are relatively slow,
varying from an ideal switching characteristic as shown in
Fig. 2, and thereby generating distortion which is typically
at or above the -60dB level. The power MOS transistor

35 switching characteristic of Fig. 2 is typical of a p-channel
MOSFET and an n-channel MOSFET arranged in the well known
totem-pole configuration. Because standard sigma-delta
modulators employ digital or state feedback (i.e., D/A 106 of
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sampled integrators, simply feeding the unconverted power
transistor output back to the integrator stages has not been
effective. This is due to the fact that sampled integrators
10 tend to have aliasing problems with high frequency distortion.
In addition, the delay introduced by a power MOS
transistor stage causes the feedback to be increasingly
uncorrelated with the input, further undermining the
feedback’s corrective function. Moreover, the additional
15 delay due to a power MOS transistor stage can adversely affect

circuit stability. 1In short, any noise reduction improvements
achieved by the use of standard sigma-delta modulation are
rendered insignificant by the distortion introduced by the
power MOS transistors and associated driver stages.

20 In view of the foregoing discussion, it is apparent
there is a need for a highly efficient, low distortion power
amplifier for audio and multimedia applications.

SUMMARY OF THE INVENTION
25 The present invention provides an oversampled,
noise-shaping mixed-signal processor for intelligent power
applications and a wide variety of other signal processing
applications. As mentioned above, the processor of the
present invention may be employed to replace PWM technology in
30 any application where PWM is used. This includes, for
example, motor control applications, power factor correction,
switching regulators, resonant mode switching, uninterrupted
power supplies, etc; potentially thousands of épplications.
Therefore, although specific embodiments are described herein,
35 it will be understood that the present invention may be
optimized for use in many different applications.
According to a specific embodiment, a switching
power amplifier is provided which is highly efficient and
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fg) P Secondly, the present invention provides the

continuocus-time feedback in such a way as to reduce the
aliasing effects of the high frequency distortion on the
feedback path introduced by the power MOS transistors which
might otherwise interfere with the baseband to an unacceptable

15 degree. According to a first embodiment, a low pass anti-
aliasing filter -is employed in the feedback path. According
to a second embodiment, continuocus-time integrators are used
for the integrator stages which receive feedback from the
power switching stage output. According to a third

20 embodiment, one or more of the integrators receiving the
continuous-time feedback are oversampled with respect to the
comparator sample frequency; Each of the solutions
encompassed by the present invention combine the use of
continuous-time feedback to compensate for low frequency

25 distortion, and some means of attenuating or reducing the
aliasing effects of high frequency distortion introduced via
the feedback path. It will be understood that the present
invention is not limited to baseband applications, and that
various modifications to the embodiments described herein

30  allow the invention to be employed in any frequency band,
including high frequency power amplification and a variety of
other high frequency applications. These modifications may
include, for example, the use of band pass filtering in the
feedback path, integrators hooked up in band pass

35 configurations, and feed forward from the output of one
integrator stage to the input of another.

As will be discussed, various embodiments of the

present invention employ different order oversampled, noise-
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be seen, a small fraction of state feedback may even be
introduced into the first integrator stage for loop
stabilization purposes. '

Thus, according to the present invention, a signal
processing circuit is provided which includes a frequency
selective network in a feedback loop for noise shaping
purposes. A sampling analog-to-digital converter in the
feedback loop operates at a sample frequency substantially
above the Nyquist frequency. A switching device is driven by
the sampling analog-to-digital converter and produces a
continuous-time output signal which is fed back to the
frequency selective network for noise and distortion
correction in the feedback loop. In more specific
embodiments, the aliasing effects are reduced by various
means.

A further understanding of the nature and advantages
of the present invention may be realized by reference to the
remaining portions of the specification and the drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a simplified block diagram of a standard
first order oversampled, noise-shaping modulator;

Fig. 2 is a graph comparing a typical power MOS
transistor switching characteristic with an ideal switching
characteristic;

Figs. 3A-D are simplified block diagrams various
specific embodiments of a second-order modified oversampled,
noise-shaping digital amplifier designed according to the
invention; '

Figs. 4A and 4B are simplified block diagrams of two
specific embodiments of second-order modified oversampled,
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10 traditional Buck regulator designed according to the prior
art;

Fig. B is a simplified block diagram of a modified
Buck regulator which employs an oversampled, noise-shaping,
mixed-signal processor designed according to a specific

15 embodiment of the present invention;

Fig. 9 is a plot of the power spectral density
corresponding to an oversampled, noise-shaping, mixed-signal
processor superimposed over a plot of the power spectral
density corresponding to a typical PWM generator;

20 Fig. 10 is a simplified block diagram of a noise-
shaping, mixed-signal processor designed according to a
specific embodiment of the invention; and

Fig. 11 is a simplified block diagram of another
specific embodiment of the invention.

25 .

DESCRIPTION OF SPECIFIC EMBODIMENTS

Figs. 3A-D are simplified block diagrams of four
embodiments 300, 340, 350 and 360 of a second-order modified
oversampled, noise-shaping digital amplifier designed

30 according to the invention. With reference to the common
features of the embodiments, an input signal is introduced to
a first integrator stage 302 via adder 304. The output of
first integrator stage 302 is transmitted to a second
integrator stage 306 via adder 308. A clocked comparator

35 stage 310 sampled at sample frequency f, receives the output
of second integrator stage 306 and transmits the resulting
logic signal to power switching stage 312. According to the
various embodiments, the output of power switching stage is
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The gain level of gain stages 316 and 317 are set so that the
integrator stages operate at an optimum level within their
10 dynamic range. This continuous-time feedback signal allows
the integrators to see the actual rising and falling edges of
the output signal and to compensate therefor.
For applications in which the input to the amplifier
is not a baseband signal, anti-aliasing filter 314 may
15 comprise a band pass filter having cutoff frequencies
appropriate to the band of the input, and integrators 302 and
306 are each replaced by a bandpass equivalent such as a
resonator. According to other embodiments, integrators 302
and 306 may be configured as band pass integrators tuned to
20 the appropriate band to achieve the same result. 1In other
words, the principles of the embodiments described herein may
be employed not only for baseband applications but for any
desired frequency band. For example, the oversampled, noise-
shaping, mixed-signal processor of the present invention may
25 be employed to implement a 900 MHz power amplifier in a
cellular telephone, potentially more than doubling the phone’s
battery life due to the increased efficiency of the amplifier.
According to various of the embodiments of Figs. 3A-
D, the output of comparator stage 310 is also selectively fed
30 back to the integrator stages via D/A converter 318 and 319
providing state feedback in addition to the continuous-time
feedback described above. In amplifier 300 of Fig. 3A, only
the continuous-time feedback signal is provided to the
integrators. In amplifier 340 of Fig. 3B, continuous-time
as feedback is provided only to integrator 302 while state
feedback is provided to integrator 306. In amplifier 350 of
Fig. 3C, pure state feedback is provided to integrator 306
while a combination of continuous and state feedback is
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10 Figs. 4A and 4B are simplified block diagrams of two
embodiments 400 and 440 of a second-order modified
oversampled, noise-shaping digital amplifier designed
according to the invention. With reference to the common
features of the two embodiments, an input signal is introduced

15 to a first integrator stage 402 via adder 404. The output of
first integrator stage 402 is transmitted to a second
integrator stage 406 via adder 408. A clocked comparator
stage 410 sampled at sample frequency f, receives the output
of second integrator stage 406 and transmits the resulting

20 logic signal to power switching stage 412. The continuous-
time output of power switching stage is fed back to first
integrator stage 402 via continuous-time gain stage 416 and
adder 404. In amplifier 400 of Fig. 4A, continuous feedback
is provided to second integrator stage 406 via continuous-time

25 gain stage 417 and adder 408. Alternatively, in amplifier 440
of Fig. 4B, state feedback from the output of comparator 410
is provided to second integrator stage 406 via D/A converter
418 and adder 408.

An anti-aliasing filter is not employed in the

30 continuocus-time feedback path of amplifiers 400 and 440 to
reduce high frequency aliasing because integrator stages 402
and 406 comprise continuous-time integrators which inherently
accept low frequencies and reject high frequencies. This
eliminates the aliasing problem mentioned above. According to

35 other specific embodiments, because the error on the input of
the first integrator stage is the dominant source of the final
distortion, only the first integrator is a continuous-time
integrator. Subsequent integrator stages may employ sampled
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Fig. 5 is a simplified block diagram of a third-

10 order modified oversampled, noise-shaping digital amplifier
500 designed according to a third embodiment of the invention.
An input signal is introduced to a first integrator stage 502
via adder 504. The output of first integrator stage 502 is
transmitted to a second integrator stage 506, from where it is

15 then transmitted to a third integrator stage 509 via adder
508. A clocked: comparator stage 510 sampled at sample

. frequency f, receives the output of third integrator stage 509

via adder 528 and transmits the resulting logic signal to
power switching stage 512. The continuous-time ocutput of

20 power switching stage 512 is fed back via low pass anti-
aliasing filter 514 and continuous-time gain stages 516 and
517 to first integrator stége 502 (via adders 524 and 504),
and to third integrator stage 509 {(via adders 526 and 508),
respectively. State feedback is provided from the output of

25 comparator 510 via D/A converter and attenuation stages 518
and 519. The state feedback is combined with the continuous-
time feedback at adders 524 and 526 where it is then provided
to first and third integrator stages 502 and 509,
respectively. A feed forward path is provided from the output

30 of first integrator stage 502 to adder 508 which emulates
feedback from the feedback path to the input of second
integrator stage 506. The feed forward path also serves to
improve the dynamic range of the integrator stages. Because
amplifier 500 employs sampled integrators (e.g., switched

35 capacitor integrators), low pass filter 514 is inserted in the
continuous-time feedback path to reduce aliasing effects as
described above. In a more specific embodiment, a dither
input is provided at the input of comparator 510 via adder 528



10 . , Thus, according to the present invention, a signa
processing circuit is provided which includes a frequency sel ective network
in a feedback | oop for noise shaping purposes. A sanpling anal og-to-digital
converter in woeksesiback | oop operates at a sanple frequen@?TsMﬂUEQMtially
15 above the Nyquist frequency. A switching device is driven by the
sanpl i ng anal og-to-digital converter and ptdduces a continuous-tine out put

S gnal which by (RIchapka Lot P dHa BN RUaaS) ol A IOkl T B Sy

distortion co i on
enbodi ments, ©BeinkFradpaed ferdine ampéaue%d:cergﬁ \Pelrwé%tﬁfeans A further
under st andi ng of the nafige @b &d‘éaﬁb&ﬂﬁﬁed)fbld'tﬂc raﬁgeah bEvanthiya-may be

real i zed by ref p f n _and
the draw ngs. Eé%t%%ﬁ%%%ﬁ?%ég RS RS 5113?@% LR LA
bl ock dldﬁranﬁGP §e§ian€€r%F¢QWQﬂPQOFGeF foerchmukadimestsefskhei ng

nmodul at or; Fi dnvéntSod. 9r &Mt aigngl ais yonerdduyseietoMaSE8Pst  transi stor

sw tching changelet LLECoMdd @b Wi52hadddt 68 N9 AIARCLEE! 8E' First
integrator stage 602 is transmitted to a second integrator
stage 606, from where it is then transmitted to a third

10 integrator stage 609 via adder 608. A clocked comparator
stage 610 sampled at sample frequency f, receives the output
of third integrator stage 609 and transmits the resulting
logic signal to power switching stage 612. The continuous-
time output of power switching stage 612 is fed back to first

15 integrator stage 602 via continuocus-time gain stage 616 and
adder 604. No anti-aliasing filtering is required for the
feedback path to the first integrator stage because it
'comprises'a continuous-time integrator. Continuous-time
feedback is also provided to third integrator stage 609 via

20 gain stage 617, low pass anti-aliasing filter 614 and adder
608. Low pass filter 614 is inserted in the feedback path to
the third integrator stage because it comprises a sampled
integrator. As with the embodiment of Fig. 5, a feed forward
path is provided from the output of first integrator stage 602

25 to adder 608 which emulates feedback from the feedback path to
the input of second integrator stage 606, and results in
increased overall dynamic range.

While the invention has been particularly shown and
described with reference to specific embodiments thereof, it

30 will be understood by those skilled in the art that the
foregoing and other changes in the form and details may be
made therein without departing from the spirit or scope of the
invention. For example, as described above, different order
oversampled, noise-shaping configurations may be employed.

35 Additionally, different combinations of continuous-time and
state feedback may be employed for the different integrator
stages. Different combinations of filters, gains, continuous-
time integrators, and oversampled integrators may also be



Figs. 3A-D are sinplified block diagrams various specific enbodinments of a
second-order nodified oversanpl ed, noise-shaping digital anplifier designed

according to the 35 invention; Figs. 4A and 4B are sinplified bl ock
di agranms ofwowmssmpseci fic embodi ments of second-order nodi pcpts@neissanpl ed,
WD 97/ 49175 PCT/ US97/ 09237 7-

noi se-shaping digital anplifier designed2iccording to the inventifna Fig. 5
is a sinplified block diagram of third- aorder nodified oversanpl ed,

noi se--shapi%mgpeld’lygelcf ° 5ﬁ§ﬁFFiE’Pe ahétfe‘éﬁggﬁé&e%éo?ﬁiwl%ofraewa

enbodi ment Q#SQQﬂsﬁcmvénttbﬁ;féé@badkigatm.simp!i&ia@b¢nimpcnﬁangr§51ﬁBté_
third- or defhd® Bakidpd sav e 28R Sch L 1¥HsS &£S RaRI Qﬂos'égaééérﬁ:{@%i | fier designed

accordi ng t Qi d oW h enbodi nent .of the invention; Fig. I's a sinplified
bl ock diagr%un(élgfiff aretfﬁ%f{? - Buck regul ator designed according to

the prPor art; It also should be noted that the present invention
is not limited to the processing of analog inputs. That is,
various embodiments of the present invention may be configured
to process a 1-bit digital input (as described with reference
to Fig. 11) with only minor adjustments to the input
10 interface. For example, the oversampled, noise-shaping,
mixed-signal processor of the present invention may be
employed in digital power amplification applications to
process a 1l-bit digital input from a wide variety of sources.
Moreover, the field of switching power amplification
15 is only one of the many fields in which the present invention
may be employed. As described above, the invention may be
employed to replace PWM technology in virtually every
application in which PWM is employed, e.g., motor control
applications, power factor correction, switching regulators,
20 resonant mode switching power supplies, etc. Fig. 7 shows a
simplified block diagram of a traditional Buck regulator 700
which is a well known switching regulator design used for
providing regulated DC (V) to a load 702 from an unregulated
DC source (Vipmes). Vimee i85 provided to a low pass LC filter
25 comprising inductor 704 and capacitor 706 via MOSFET 708 which
is switched by a PWM generator 710. In typical applications
inductor 704 ranges from 50-200 uH; capacitor 706 from 100-
2000 puF. The value of capacitor 706 depends upon the desired
load driving capability and specific ripple requirements. A
30 current leakage path is provided by reverse recovery diode
712, typically a Schottky diode. A resistor network
comprising resistors 714 and 716 provide the regulated DC
output voltage to an error detection circuit 718 which is
essentially a difference amplifier which compares the
35 regulated DC voltage to a reference voltage V... The output
of error detection circuit 718 drives PWM generator 710,
adjusting the duty cycle in accordance with the detected
deviation from V... That is, if the regulated DC voltage is



Fig. 8.is a.sinplified block diagramof a nodified Buck regul ator which
enpl oys an oversanpl ed, noi se-shapi ng, m xed-signal processor designed
according to a specific 15 enbodi ment of the present invention; Fig. 9
is a plot of whengamwer spectral density correspondi ng to aneCIesIzonpt ed,
noi se- shapi ng, m xed-si gnal processor superinposed over a plot of the power
spectral density corresponding to a typicd® PW/ generator; 20

Fig. 10 is a sinplified plock di am of noLse-. shapi ng, _m xed-si gn
processor de e&ﬁ@&egcg& ?ngo'f'o %&eﬁa?"’éngigi%?ﬁeo%ﬁ%t ﬁgei \‘}'é%t%ﬁaie and
Fig. 11 is a apphiledf tedtheogktelicf)MOSFET A8t heFonyrnselyc dfbbbénent of the
i nvention. 25-dga3aRedThEN St SREG & Idare¥Bel! MENIS 1S s BeAbfassrPid i ed
bl ock di agrang of four enbodi nments 300, 340, 350 and 360 of "a second- order
nodi fi ed over 1 fod ﬁng‘g‘-*@ﬁa‘i}f ‘digital anplifier designed 30
according to the invenFign.8 siiave refmodddidedt Bucheragmhatorf 880 uwkiclof t he

embodi ment s, Gkp10gRHansbeBkatiSLed) HléeeSnhpidy] isied BgHAR! Brosddute 302

via adder 304,,Tag QULRY' 2 loddlid) do:o0EaL0k: 3TaS al0RnkS b AlSTIL Lo 2
invention. Regulator 800 is designed similarly to regulator
700 of Fig. 7 except that PWM generator 710 and error
10 detection circuit 718 are replaced by processor 820 and error

amplifier 822, and the feedback comes from the output of
MOSFET 808 via resistors 824 and 826. Processor 820 may be
configured similarly to any of the embodiments described above
with reference to Figs. 3A-D, 4A, 4B, 5 and 6 or below with

15 reference to Fig. 10. Load 802, inductor 804, capacitor 806,
MOSFET 808, diode 812, and resistors 814 and 816 perform
substantially the same functions as their similarly numbered:
counterparts in Fig. 7.

Several advantages may be derived from the use of

20 the mixed-signal processor of the present invention in place
of a PWM generator which may be understood with reference to
Fig. 9. Fig. 9 is a plot 900 of the power spectral density
corresponding to an oversampled, noise-shaping, mixed-signal
processor superimposed over a plot 902 of the power spectral

25 density correspeonding to a typical PWM generator. As shown,
most of the signal power for the PWM generator is in a narrow
band around f£f_,,. By contrast, with the same power MOS
technology, the processor of the present invention may be
operated at sample frequencies substantially above those for

30 similar PWM generators. This is due to the fact that sample
frequencies for PWM applications are limited by the varying
pulse width. That is, the sample frequency for PWM is limited
because a range must be provided between the narrow and wide
pulses for the modulation to occur. The switching time of the

35 MOSFETs determines the minimum pulse width, and the clock
period determines the maximum pulse width., This limitation is
not a problem for the present invention which of course does
not employ pulse width modulation. Thus, depending on the



I ntegrator stage 306 via adder 308. A clocked conparator 35 stage 310
sanpl ed at sanple frequency f[err] receives the output of second integrator
stage 306 and transmts the resulting logic signal to power sw tching stage

312. Accor diya@risi74 he various enbodi nents, the output of peywgker¥ishChi ng-
stage is WO 97/ 49175 -

PCT/ US97/ 09237 selectively fed back to flidrst integrator stage 302 via | ow

pass anti-aliasing filter 314 and continuous-tinme gain stage 316 (and to

second i nt EYFLRATENL 2553081 G | raBIARYuotiBet PRESYRIVAR 4§ 3B? in Figs. 3A
and 3D). Lqwqmsssdy desigBéd dccondichgce® the ahvestiuh.efwhddies of the high

frequency dir?éﬁﬁéi?ﬂ% ??gﬁ]r ?ﬁg&éﬁeﬁ%g,hngﬁgg_%gld%é?krp)ﬁﬂeegg%mﬁet he hi gh

frequency distorti e continuols-ti sign gain

| evel of gfiFPWthde+316 and 317 are set so that the integrator stages
operat® at an opti munfl, ehevever himoriehaotis&Oon tly RAGput @agebe Thi s

cont i nuous-¢ | f bgc | A | i e‘g,E At Qs e_the actual
rising and ‘}da#%aﬁ%%gqg‘eéﬁ#‘g engéuta%nglggﬁa&an t‘%ecé’%é:?l’gapge?ﬁ’&ef or.
For appli cativanRtion iR eagulaten AR0 mayr ke xepiized in that inductor

804 and capacitor 806 may be decreased in size. For example,
if the application in which regulator 800 is employed can

10 tolerate the same amount of ripple as introduced by regulator
700, the bandwidth of the LC filter of regulator 800 may be
increased to encompass the same amount of noise energy as the
LC filter of regulator 700, i.e., the size of either or both
of inductor 804 and capacitor 806 may be reduced. Thus,

15 increases in noise energy are counterbalanced by the
advantages gained by having smaller, lighter LC components.

In addition, with smaller and lighter LC components, regulator
800 can have better dynamic load regulation in that it would
be able to adapt to changes in the load much more quickly than

20 the traditional Buck regulator design shown in Fig. 7.

| Another advantage of modified Buck regulator 800
ovexr the PWM regulator of Fig. 7 relates to the number of
transitions at the input to the MOSFET. For PWM applications,
it is the width of the pulse which determines the regulation

25 point. Thus, for a given sampling rate £f.,, there are 2f,
transitions. However, for regulator 800, transitions are only
made when necessary. This means that for the same sampling
frequency there may be substantially fewer than 2f,
transitions.

30 For implementation in a wide variety of
applications, the present invention may be represented by the
signal processor 1000 of Fig. 10. Frequency selective network
1002 corresponds in some embodiments to the integrators of
Figs. 3-6, but may also comprise a variety of different types

35 of circuits including, for example, one or more resonator
stages. Sampling analog-to-digital (A/D) converter 1004
receives the output from network 1002 via adder 1012 which is
then sampled at f, and transmitted to switching device 1006.



I's not a baseband signal, anti-aliasing filter 314 may 15 conprise a
band pass filter having cutoff frequencies appropriate to the band of the

i nput, and integrators 302 and 306 are each replaced by a bandpass

equi val ent suwbo®a9ias r esonat or. According to other enbodi nerCwUSIMIPRGr at or S
302 and 306 may be configured as band pass integrators tuned to 20 "t he
appropriate band to achieve the sane resul*® In other words, the

pri nci pl es of e enbodi nents desqri bed rei be enpl oyed not only for
baseband appl € Et?ﬁﬁgefﬁﬁrf%ﬂ'%aﬁ?gdﬁgFF ?Qéﬁﬂ@ﬁ%y ﬁgg Cl'lsf.%lrrple t he
over sanpl ed, rorsespahd piad;haricospasagonl apd qeeesoswitchiing ps oy,

i nventi on may régpect Pre HPP! ¥ @4 gs0 B0B| enﬂ\twﬂf)% MrdePa¥65a ARU fdath I N @
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t he enbodd nenFeroéx@nple, YD Donvierteout pUL4 aﬂaycd:mpar amorlevageqmuzeml SO
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and 319 prOVIdlﬁg state f eedhac tlon t'o the con Fuous t1me
feedback descFPEERISSR R SingleSrppp ?t%d”bfa IﬂctjverBRmBﬁ NG metwork.
conti nuous-t i Fhef cenittmkows grizle ortpudvizen switidkenontieyiae or®06 lis then
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to integrator 302
g& vga a er 1010. As with the above-described specific

embodiments, continuous-time feedback is employed to reduce or
avoid various distortion effects at the output of switching
device 1006. An optional dither input may be provided via
adder 1012 for the introduction frequency-shaped, random, or

15 pseudo-random noise for the purpose of tone elimination. In
general, dithering technology is compatible with the present
invention and may be introduced at a number of points in the
oversampled, noise-shaping, mixed-signal processor as will be
understood by those familiar with the technology.

20 Feedback means 1008 includes continuous-time gain
and, according to some embodiments, either low pass or band
pass filtering for reducing the aliasing effects introduced by
A/D converter 1004 and switching device 1006. According to
other embodiments, filtering in the feedback path is not

25 required if the frequency selective network has anti-aliasing
characteristics. This is the case for some analog frequency
selective networks, or for a sampled frequency selective
network which is oversampled with respect to £,. If, however,
the analog network does not have anti-aliasing

30 characteristics, or if the sampled network uses the same f£,,
filtering in the feedback path is employed for its anti-
aliasing effects. It will also be understood that continuous
and state feedback and various combinations thereof from the
output of switching device 1006 may be introduced at

35 intermediate points within frequency selective network 1002.
Examples of such feedback are shown with respect to the second
and third integrator stages of the specific embodiments
described with reference to'Figs. 3-6.



feedback is.provided to integrator 306. In anplifier 350 of Fig. 3C, pure
state feedback is provided to integrator 306 while a conbination of
continuous and state feedback is WD 97/ 49175

PCT/ US97/ 09%ok749ps ovi ded to integrator 302 via adder 324 pcpngeimegpsate for
| oop instability introduced by the delay of |ow pass filter 314. Finally,
in anplifier 360 of Fig. 3D, combinatiod® of continuous and state feedback

are provided to integta and 306- Vi dders 324 and 326,
respectively. It wi ?:{-‘ %ggén%‘gr% d&F t%&te%gﬁﬁgugh%%% | JRYepFion
cont i nuous ¥hdokt ddmiteddbackhenproresaipg of apaloe inpmwgr.at Bhast dges of

giofferent ordififoud leibolismeht B0 D Prielsbat! L ATRADELS GRIRE Haf ch?i'?Gi‘&é}t i on.
WO

enbodi ment SATFOTREEI00M 0 SRl i entyarived Sebitateqto the
noi se- Bhapi¥Rpus dincerfanpt i fFer exanrgdieed inctbeddigital tHewermvention. Wth
reference tfingli¢icatibn AFPLUGRSIcH sHeRm! W PTROULIENY WigARalNRYEmsl gnal is
| ntroduced delta modulator 1100 receives a 16-bit digital input (after
appropriate interpolation/upsampling in block 1101) which it
converts to a single bit on the output of modulator 1100. It
.10 will be understood that modulator 1100 may be any of a variety
of digital, oversampling, noise-shaping processors, and that
the required interpolation/upsampling (block 1101) may be
accomplished according to a variety of well known techniques.
Modulator 1102 is a mixed-signal processor designed according
15 to the invention which receives the single bit input from
modulator 1100 and performs the power amplification as
described above. Modulator 1102 corrects the power switching
related distortion which would otherwise be introduced if the
1-bit signal were input directly to a power switching stage.
20 If a synchronized clock is not available to mixed-signal
processor 1102, a phase-locked loop may be employed to recover
the clock. Alternatively, mixed-signal processor 1102 may be
operated asynchronously if it has anti-aliasing
characteristics such as, for example, continuous-time
25 integrators.

The principles discussed with reference to Fig. 11
may also be employed in the context of sigma-delta digital-to-
analog conversion. Previous digital-to-analog solutions
typically employ an integrator which receives a 1-bit input

30 from a sigma-delta modulator or some other digital,
oversampling, noise-shaping processor, and convert the 1l-bit
signal to an analog signal. However, due in part to the open
loop nature of the integrator stage, the analog signal is
susceptible to a variety of analog domain deficiencies. The

35 mixed-signal processor of the present invention may be
employed in place of the analog integrator stage to correct
for these deficiencies.



15 to a first integrator stage 402 via adder 404. The output of first
integrator stage 402 is transmtted to a second integrator stage 406 via
adder 408. A clocked conparator stage 410 sanpled at sanple frequency
flerr] recei wasondogrsout put of second integrator stage 406 RET/YIIHMM (s t he
resulting 20 | ogi ¢ signal to power switching stage 412. The continuous-
ti me output of power SV\IItChI ng stage is féd back to first i ntegrator stage

402 via continuous-ti mg. fé ags Atk Angeady afroﬁroéébs%!iﬁ 'tta'cﬁﬁ:.éﬂgG via

Fig. 4A contlnuousfee IS, provided to se ndlnte rator stage’4

cont i nuous-t i ¥4 2P Par@&f‘ﬁ F%@’émﬁi? hereizgBay. 68“53%% FePydei
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is provided t t 8 and adder
408p o antl @fl e eﬁ@}aegiﬁ%&{tﬁr@%oﬁq@. ¥bg Pépﬂ.frﬁﬂﬁ’é'& & vhd

ter e nt i_nuous-time
f eedback >pat HeRe i QFgcﬁﬁ?FJ; 4"3% t%eFéﬁb‘E%th‘P@h t?"rre&&?r‘fe'g BRi asi ng
because i nt egdetteamistesy s t UORe farwcknti¥c toonghel appended neilaises.i ne i ntegrators
whi ch inherently accept |ow frequencies and reject high frequencies. This
elimnates the aliasing problemnentioned above. According to 35 ot her
speci fic enbodi nents, because the error on the input of the first
integrator stage is the dom nant source of the final



distortion,.only the first integrpgkat—tss FREBfSs-time i ntegrator.
Subsequent integrator stages may {EmptogHBENPASEEEN 97/ 49175
PCT/ US97/ 09237 10 integrators angl my REFLECEe andljor conti nuous-time

f eedback wi{ypofmer#s t hout anti-al itesFag-Trrtering. ACcordi pgriosommbizer i
specific enbodi nents of anplifiers 400 and 440, an anti-aliasing filkter is

not 5 enpl oyed in the feedback path b®8ause integrator stages

406 conprise _sanpl ed integrators which are oversanpl ed Eu he
conpar at or %&M@Qﬁ%’[err], t hereby reducing hi *’Immﬁmmﬂl
aliasing. Fig. 5is a sinplified block diagramof a third- 10t ‘mordeti™:

modi fi gd over sanpl ed,; noi $&- ' L8 1Rl AHabL S 4
according to a third le'nboﬁnéﬁgg?g?ﬂée&l nr\?;éelnt | orlli.ai’kﬁgf ﬁ’gﬁ’féj‘gfégl%%qu s
i ntrodfced PFPELIIIRt SAMBEFSAPYF stage 502 via adder 504. The output of

first i3antegrator stage AeaAstsoheahatedtarbt stageedand fedédigiald Qoopt,age 506,
2532} WRere thelSe feast (N ihtdgeatLE ek de hdviidgdahNifgee) O stage 509 via
a sampling stage in the feedback loop coupled to the
at least one integrator stage, the sampling stage for sampling
an analog signal at a sample freguency;
a switching stage in the feedback loop coupled to
the sampling stage, the switching stage having an input and an
10 output; and
11 a continuous-time feedback path from the output of
12 the switching stage to the input of the at least one
13 integrator stage thereby closing the feedback loop, the
14 feedback loop also including means for reducing aliasing

W o ) 68

15 effects corresponding to the sample frequency.

2. The oversampled, noise-shaping, mixed-signal
processor of claim 1 wherein the processor comprises a
plurality of integrator stages, the processor further |
comprising a state feedback path from the input of the
switching stage to at least one of the plurality of integrator
stages.

A U ok W N

3. The oversampled, noise-shaping, mixed-signal
processor of claim 2 further comprising at least one adder
coupled to the continuous-time feedback path and the state
feedback path for providing a combination of continuous-time
feedback and state feedback to at least one of the plurality
of integrator stages.

A ! > W N

4. The oversampled, noise-shaping, mixed-signal
processor of claim 1 wherein the reducing means comprise an
3 anti-aliasing filter in the continuous-time feedback path.

1 5. The oversampled, noise-shaping, mixed-signal
2 processor of claim 1 wherein the processor comprises a
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SO fec! ppked corparator sLage S10 sampl s arsasp e (el HHI{HIQHIQHIIHI
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transmits the resulting logic si QUeH smﬁtﬁhing stage 512 The
continuous-tiweosmsaput of 20 itehtng=stage 512 i pcfesh7ask via .
| ow pass anti- aliasing filter and continuous-tinme gain stages 516 and
517 to first integrator stage 502 (via addéts 524 and 504), and to third

i ntegratqr stage 509 (via .adders 526 and 508), .respectively. State feedback
i s provi ged fﬁ%fﬁ%fet%ﬁ &9%89’725“ StagRFar éFo}eBEg e 9§ AhiShverter and
at t enuat i4on stompsi gkl aanbifuoldset tatimtiegadbaek i s conbined with t he
continuous- tine feedback at adders 524 and 526 where it is then p;ovhded
to first .and third integrat stages 502 and 509, respectively. A fee
forward fath is provi déd fr%ﬁFtﬂ% HRATRLed3o noisgr shapARg,; Miggdasdemalage
502 to a@der pO¥ressah afnellaimsl fwlestmick theo prohessere dumpdcipishat 0 t he
nput of 3secoprlliRy Ye0lintbaBleoP Brabs | 880108510k NAL Rulgo serves to
n

et e
i mprove the am c range of ge_lnte rator stages. Because anplifier 500
enpl oys &anpl CPBIHESF F 5PUPLEd jintegratarey 35 capaci tor integrators),
| ow pass filter 514 is inserted in the continuous-tine feedback path to

reduce ahiasing effectsy as @ascsydithiiQle: nblsd-IRESimPeHilea-80gQg] ment,

a dlther2 processor of claim 6 wherein the sampled integrator is
3 oversampled with respect to the sample frequency.
1 8. The oversampled, noise-shaping, mixed-signal
processor of claim 1 further comprising means for introducing
a dithering signal for the purpose of tone elimination.

1 9. A switching power amplifier, comprising:

2 a first integrator stage in a feedback loop, the

3 first integrator stage having an input;

4 a second integrator stage in the feedback locop

5 coupled to the first integrator stage, the second integrator

6 stage having an input;

7 a comparator stage in the feedback loop coupled to

8 the second integrator stage;

9 a power switching stage in the feedback loop, the
10 power switching stage having an input and an output, the input
11 of the power switching stage being coupled to the comparator
12 stage; and
i3 a continuous-time feedback path from the output of
14 the power switching stage to the input of at least one of the
15 first and second integrator stages thereby closing the
16 feedback loop, the feedback loop also including means for
17 reducing aliasing effects corresponding to a sample frequency.

1 10. The switching power amplifier of claim 35

2 further comprising a state feedback path from the input of the

3 power switching stage to the input of at least one of the

4 first and second integrator stages.
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input.is provided at the input_of conparator 510 via add ﬂu l ,”ll,
97/ 49175 CT/USQ?/

frequency-shaped, random or té T@u%%fé&g@%%( may be |ntroduc f or the

pur pose Oiwg®nag17e! i m nati on. npl i fii ed bl oceTRissgsegsn of a .
third- order nodified oversanpl ed, noise- shapl ng digital anplifier-5 600

desi gned according to a fourth enbodi #nt of the invention. An input signal
is introduced to a first integrator stage 602 via adder 604. The output of
first integrator stage 602 is transmtted to a second integrator stage 606,
fromwhere it is tRdn t Thesswitahing poweli pupldfier jof aadmol0st age 609 vi a

?Fde& 608.Eurtﬂué§:| Qltﬁﬂﬂ?aéz?tﬁdézt Qﬁﬁt phéd ﬁén@ﬁ@dc&itggg{&h'sgtiﬁléquenfy h
er u 0 i gra S and transmits the
resu t| n dé’%c’kspﬁﬁg g © pouiRYe J\’ﬁetd?ﬁ pg%gge %‘T%ehelﬂé‘p%n#nﬁﬁus- tine
out pdt oflwmpmc hhﬁgfsxagear@lzmcgnﬂednbaskat@r ftagesiSthe addexyr at or

stage 60%%@@9@ aNUeHBiAAFFo B ctntdAubLE - edfe asitlerstRdt £BRdback
ant"al""l-ﬁ;n;% terlngls required for the

1 12. The switching power amplifier of claim 9

2 wherein the reducing means comprise an anti-aliasing filter in
3 the continuous-time feedback path.

1 13. The switching power amplifier of claim 9

2 wherein the power switching stage comprises a plurality of

DMOS transistors.

1 . 14. The switching power amplifier of claim 13
2 wherein the plurality of DMOS amplifiers are arranged in an H-
3 bridge configuration. '
1 * 15. The switching power amplifier of claim 9
2 further comprising means for introducing a dithering signal
3 for the purpose of tone elimination.
1 16. A switching power amplifier, comprising:
2 a first integrator stage in a feedback loop, the
3 first integrator stage having an input;
4 a second integrator stage in the feedback loop
S coupled to the first integrator stage, the second integrator
6 stage having an input;
T, a third integrator stage in the feedback loop
8 coupled to the second integrator stage, the third integrator
9 stage having an input;
10 a comparator stage in the feedback loop coupled to
11 the third integrator stage;
12 a power switching stage in the feedback loop, the
i3 power switching stage having an input and an output, the input

This Sheet Has Been Re
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ird integrator stage 609 via Aqg,;; #QA far-tef _EéeL?2hp$§%p;g%hégghgith

filter 614 awdoidsies 608. Low p
path to the third integrator stage because it conprises a sanpl ed
integrator. As with the enmbodi ment of Fig2l5, a feed forward path is

provid fromet 0, u NANA i rat or - st 02 2 t o adder 608
whi ch gﬂhlatgg ngdgég }féQﬁn4H%§%fggéggcgéféﬁrfégﬁiﬁ%e%Pngﬂ? %ﬁm%§§§%%§

i ntegr at®dr se&ggesodrdand results in increased overall dynamic range. Wile
the i P}/‘fmt ingn has beena pedrit iGhlodsl-y i M8 ORBedibatitl gt Fedmthé 6tﬁf;ﬁftef&£f?l Itod
specifig, e | ts t .\ 0 0Ss ille
in the fa.';t tﬁg? mﬁﬁ“e'é’f o%g{%%lmdatr%gg? hte:?w%#ané&sw%%{ %‘e: ? g?gr)r%/aénrge .(fgt gﬁf's may
be nmadel& her ELKSHi t pREAD e%ﬁ’? tahdgdr ApRegRRtenH| $5ages thesphy orlaging the

i nventipg. Fgeea¥asR! Eoopis HiRks TeledBdcRbDysp 4lldd erzﬁlgdgﬁgemeﬁ@rmmd_ f:ced,

noi se- pi n urad l .o e [ i fferent
coribi naf ons 2sAELAg; SEA ey TREestsCHBr Sl ibonding, 608 BaRBRy Hrshiens¥ the
different integrator stages. D fferent conbinations of filters, gains,
continuaus- time integ Al Orthe dWwdtcenehgapphes dnplaFiakobs SByimlig0 be

.
L

2 further comprising:

3 an adder coupled to the continuous-time feedback

4 path and to the input of at least one of the first, second and

5 third integrator stages; '

6 a state feedback path from the input of the power

7 switching stage to the adder;

8 wherein the adder provides a combination of

9 continuous-time and state feedback to the input of at least

10 one of the first, second and third integrator stages.

1 18. The switching power amplifier of claim 16
wherein the reducing means comprises and anti-aliasing filter

3 in the continuous-time feedbéck path.

1 19. The switching power amplifier of claim 16
wherein the power switching stage comprises a plurality of

3 DMOS transistors.

1 20. The switching power amplifier of claim 19
wherein the plurality of DMOS amplifiers are arranged in an H-

3 bridge configuration.

1 21. The switching power amplifier of claim 16

2 further comprising means for introducing a dithering signal

3 for the purpose of tone elimination.

1 22. A signal processing method comprising the steps

2 of
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enpl oyed to reduce the aliasing ef
feedback path. It is also inportar THtS SHE ) an

of the abowgodnseifd bed enbodi nent gi are REELAZ AN e, PCT/USYTIO923Y ¢ @l SO
shoul d be noted that the present i limted to the precessing
of analog inputs. That is, various enbod2zents of the present invention may
be conflgured to process a 1-bit digital input (as described with reference
to Fig3 11) with onl yinkyesuciaguanntrput tsigned itepat frequenéyntselextdve For

exanpl &, t hAeBweEk atliefshy @Qh&@agbﬁﬁlﬂgﬁré&ﬁé@iéy&t | 'sBEéEtE&OQféxmt [, of the
presentg i nvention nay in digita i cation

appl i ctast i ons to process %@b?%ﬂg ffﬁ?‘éﬁ Yn;ﬂﬁl \ﬁ%ﬁn 3%?& Fard esta;V‘H}F

sour ce$. NbeGQ%#nCYkmihqnﬁhi genevating iy gampdedaspgnaleation 15 is only
one of 7the many fi el obwﬂ%ﬁ&ﬂgcahéheauﬁzsf&?rgzgn&\l%hb%wﬁgeﬁ@rﬁm ywed. As
descri lyed a@QX@inﬁ&ﬁ%'ﬂWﬁP hggugaglgnafnplgyed to replace PWMtecC nology I n

V|rtuaIIy eve

& B banlipass i npl efrent ath ors +

feeding back the continucus-time output signal to
10 the frequency selective network thereby generating a noise-
11 shaped signal.

23. The method of claim 22 wherein the introducing
step is performed by at least one integrator stage, the method
further comprising the step of feeding back the sampled signal
to the at least one integrator stage. '

Lo TV RN S I

24. The method of claim 23 further comprising the
steps of:

combining the continuous-time output signal and the
sampled signal thereby generating a combined feedback signal;
and

feeding back the combined feedback signal to the at
least one integrator stage.

I T ) B S PV N

25. The method of claim 22 further comprising the
gtep of reducing aliasing effects.

[\S I

26. The method of claim 25 wherein the reducing
step comprises filtering the continuous-time output signal
with an anti-aliasing filter before the feeding it back to the
frequency selective network.

s oW N

27. The method of claim 25 wherein the frequency
selective network comprises at least one sampled stage, the
reducing step comprising oversampling the at least one sampled
stage with respect to the sample frequency.

= W N+

28. The method of claim 25 wherein the frequency
2 selective network comprises at least one integrator stage, the
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application in which PAMis enployed, e.g., notor control jmmﬂﬂum ,l“" l
power factor correction, switchin ﬁ C ~=jjesona rlu
power supplies, etc. Fig 7 sho ! g#%é %BbﬁHcT dlagran1of a
traditional BPYekysegul ator 700 whi LS Dk nownl| swi t CRCTYS9788A3 at or .
design used for providing regul ated DC (V[err]) to a load 702 from an
unregul ated DC source (Vierr]). Vlerr] is2provided to a | ow pass LC filter
25 conprising inductor 704 and_ capacitor, 706 via. NESFET 708 which is
swi t ched by aegamrg%m SOMPrasing PIOYIAANG Fhe Akt LBAET| PRR e gFasCT
ranges fg om b0ag@Owitk rdnti-adjasihgrchdadteaamst@s.2000 [err] F. The val ue
of caFacitor r06 depends upon the desired load driving capability and
specific ripple requirenents. A 30 current | eakage path is provided b
reverse ¥ ecovery di ode2%12 TheyprEhpayof St 32y £ b‘g%‘gr %°'F%'§fro%‘tn(9r the vvgr k
conpri Sl:ﬂg r ggept Of Sn?til:.‘bcﬁuinalﬁ fif exefiend heigreduicat etle DEreqigndy-vol t age to
an error, det £ t nce anplifier
whi ch corrpar ggi%ﬁge‘%é éﬁérleéf& ate %‘é"é %Z‘?é %%Jéagﬁgyg?%%:géﬁvo tagg
Vlerr]. The output of error detection circuit 718 drives PWM generator
710, adjwsting the dut3pcydne methedosflasibeinmiah whieerednt ¢ ethpisy isdgnal

fromVierr] T8abriSes 'dn (dHarc30uighgsl. OC vol tage is

1 31. The method of claim 22 wherein the input signal
2 comprises a digital signal.
1 32. A signal processing circuit, comprising:
2 a frequency selective network in a feedback loop;
3 a sampling analog-to-digital converter in the
4 feedback loop, the sampling analog-to-digital converter being
S sampled at a sample frequency;
6 a switching device coupled to be driven by the
7 sampling analog-to-digital converter to produce a continuous-
8 time output signal; and _ '
9 means for continuously sensing and feeding back the
10 continuous-time output signal to the frequency selective
11 network for noise and distortion correction in the feedback
12 loop and noise shaping.
1 33. The signal processing circuit of claim 32
2 wherein the frequency selective network is an analog frequency
3 selective network having anti-aliasing characteristics.
1 34. The signal processing circuit of claim 32
2 wherein the frequency selective network is an analog frequency
3 selective network, and wherein the sensing and feeding back
4 means comprises an anti-aliasing filter.

35. The signal processing circuit of claim 32
2 wherein the frequency selective network is a sampled frequency
3 gelective network.

-
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\(;\gt 2(7:{ 3313(5), be | ow, PWM generator 710 increases thgcgtgiglmgﬂﬂgmny”,"""

the gate of MOSFET 708. Conver
to be high, ﬁly erator 710
8 shows a ITD“PI {42

noi se- shapi ng, m xed-signal pr¢

Sely —if the-

ted DC voltage Ts Het%ected
erHIeBHEE TIHPS BERY |cycle. 5 porusomeozsy FI 0.
or SOREMACED enpl gys an oversanpl ed, -

d according to a specific

Buck regul a

enbodi ment of the present invention. Regulator 800 is designed simlarly to
regul ator 700 of Fig. 7 except that PWM generator 710 and error 10

detectijon circuit 7183are ablagnd1PpreE lci2digndreci{madpl i fier

822, and the, feedback cones f

.vVia resistors 824

t he out of, MOSEET 808
and 820 Pr SbESELR 650 TARPIAY CORAPGRFECSISTT YA PeryCERy B Syfsanpled
enbodi rent swidebcregpechiiuy he tsampdeefreqeeney Figs. 3A-D, 4A, 4B, 5 and 6
or below with 15 reference to Fig. 10. Load 802, inductor 804, capacitor

806, MOQSFET 808, diodge_ 81 and resistors 814 and 81 rformsybstantially
the sare functions asﬁhei?jfhesi gl“éil DrRERETS %?Hﬁgrg’ nga+'H g. 7.

2
3

w

wmo W N

wherein the sensing and feeding back means comprises an anti-
aliasing filter.

38. The signal proceésing circuit of claim 32
wherein the frequency selective network comprises at least one
integrator stage.

39. The signal processing circuit of claim 32
wherein the frequency selective network comprises at least one
resonator stage.

40. The signal processing circuit of claim 32
wherein the sampling analog-to-digital converter comprises a
two-level quantizer.

41. The signal processing circuit of claim 32
wherein the sampling analog-to-digital converter comprises an
n-level quantizer.

42. The signal processing circuit of claim 32
wherein the frequency selective network is configured to
receive an analog input signal.

43, The signal processing circuit of claim 32
wherein the frequency selective network is configured to
receive a digital input signal.

44. The signal processing circuit of claim 32
further comprising a second feedback means for feeding a
sampled signal from the sampling analog-to-digital converter
to at least one intermediate point within the frequency

selective network. -
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Sever al. advant ages may be derived fromthe use of 20 t he m xed- si gnal
processor of the present invention in place of a PWM generator which may be
understood with reference to Fig. 9. Fig. 9 is a plot 900 of the power
spectral densybyrmsss espondi ng to an oversanpl ed, noi se- shapcTyse7/09237

m xed- si gnal processor superinposed over a plot 902 of the power spectral
25 density corresponding to a typical PWMgenerator. As shown, npbst of

t he signal power for the PW generatoréii in a narrow band around f[err].
By contrast, with the sane power MOS t (! gol ogy, the processor of the
present invention nmay be operated at sanple frequencies substantially above
those for 30 simlar PWMgenerators. This is due to the fact that sanple
frequencies for PWM applications are limted by the varying pul se w dth.
That is, the sanple frequency for PWMis |imted because a range nust be
provi ded between the narrow and w de pul ses for the nodul ation to occur.
The switching tinme of the 35 MOSFETs deternines the mni mum pul se width,
and the cl ock period determ nes the nmaxi mum pul se width. This limtation
is not a problemfor tHW@-Rresent invention which of course does not enpl oy
pul se wi dt h nodul ati on. Thds, depending on the

f
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WO 97/ 49175 . PCT/ US97/ 09237 14
sel ection of sanple frequency, the noise power for the processor designed
according to the invention, while increasing with frequency, may be quite
low in the rewemsmaimsund flerr]. 5 | f, however ,porvuss7iomasse on "
the output can be tolerated, a correlative advantage of the use of the
present invention in regulator 800 may be realized in that inductor 804 and
capacitor 806 nay be decreased in size. exanple, if the application in
whi ch regul ator 800 is enployed can 10 ol erate the sane anmount of
ripple as introduced by regulator 700, the bandw dth of the LC filter of
regul ator 800 may be increased to egonpass t he sanme anount of noi se energy
as the LC filter of regulator 700, E%e., the size of either or both of

Q

i nductor 804 and capacitor 806 may reduced. Thus, 15 ncreases in

noi se energy are counterbal anced by e advant ages gai ned by havi ng

smaller, lighter LC conponents. |n addition wth spaller and |ighter LC

conponents, regulator 800 can hage better dynam c |oad regulation in that

it would be able to adapt to cha iLn{the | oad nmuch nore¢ quickly than
O
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20 . the traditional Buck regul ator design shown in Fig. 7. Another

advant age of nodified Buck regul ator 800 over the PWMregulator of Fig. 7
relates to the nunber of transitions at the input to the MOSFET. For PWM
appl i cati ons,wob7usars he wi dth of the pul se which determ nespefydsyrgishat i on -
25 point. Thus, for a given sanpling rate f[err], there are 2ferr] -
transitions. Fbmever for regulator 800, transitions are only nmade when
necessary. This neans that for the sanﬁvfgnpllng frequency there may be
substantially fewer than 2f[err] trans For

i npl enentation in a wide variety of applications, the present invention my
be represented by the signal procesgor 1000 of Fig. 10. Frequency sel ective
network 1002 corresponds in sone engbdi ments to the integrators of Figs.
3-6, but may also conprise a varietlg of different types 35 of circuits

i ncl'udi ng, for exanple, one or noreOfesonator stages. Sanpling

anal og-to-digital (A/D) converter 10 % receives the output from network
1002 via adder 1012 which is théﬁ sagpled at flerr] and transmtted to

witchin Vi 1 l
SWi tc g devi ce 1006. \mg i
i
=E i
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converter 1004 and swi tching device 1006 generally correspond to the

conpar at or and power sw tching stages, respectively, of FigﬁT 3&@3 ht wilt
be under st ood thﬁé7gach of these features may be inpl enent U093, riety’
of ways. 5 WoY! &anple, A/ D converter 1004 may be a two-I|evel quantizer
or an n-|level quantizer. Moreover, switching device 1006 may conprises a
single transistor or a power sw tching wor k. The conti nuous-time out put
fromsw tching device 1006 is then fedm@ k via feedback nmeans 1008 to the
i nput of network 1002 10 via adder 1010. As with the above-descri bed
speci fic enbodi ments, continuous-tire feedback is enployed to reduce or
avoi d various distortion effects ag;the out put of sw tching device 1006. An
optional dither input may be provi d&d via adder 1012 for the introduction
frequency-shaped, random or 15 Budo- random noi se for the pur pose of

tone elimnation. In general, dithet+ng—tectmotogy 1S coppatible with the
present invention and may be i n¥ro

oy

at a nunber of pojnts in the
over.sanpl ed, noi se-shapi ng, nix?d;s&gﬁ | processor as mﬁl[ be under st ood by
those famliar with the technol ogy mqg Feedbhck neans 1008
i ncl udes continuous-tine gain %g }
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and, according to sone enbodi nents, either |ow pass or band pass filtering
for reducing the aliasing effects introduced by A/D converter 1004 and

swi tching device 1006. According to other enbodinents, filtering in the

f eedback patwoissisies 25 required if the frequency sel ect pewusenoseark has'.
anti-aliasing characteristics. This is the case for sone anal og frequency
sel ective networks, or for a sanpled frequency selective network which is
oversanpled with respect to flerr]. If owever, the anal og network does
not have anti-aliasing 30 charact erisg cs, or if the sanpled network uses
the same f[err], filtering in the feedback path is enployed for its anti-
aliasing effects. It will also beRunderstood that continuous and state

f eedback and vari ous_conbi nati ons@ hereof fromthe output of sw tching

devi ce 1006 nmay be introduced at intermedi ate points within frequency
sel’'ective network 1002. Exanpl es such feedback are shown wth respect to

the second and third integratq st ybodi nent s
described with reference to Figs. WO 97/ 49175
PCT/ US97/ 09237 CT
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16 It al so.should be noted that the present invention is not limted to the
processi ng of analog inputs. That is, various enbodi nents of the present
invention may be configured to process digital inputs with only m nor

adj ust nent s woetders5 i nput interface. For exanple, in therdssgesst power
anplification application shown in Fig. 11, a digital sigm- delta -
nodul at or 1100 receives a 16-bit digital input (after appropriate

i nterpol ati on/upsanpling in bl ock 110@&1QMich it converts to a single bit
on the output of nodulator 1100. It 1 wi || be understood that nodul ator
1100 may be any of a variety of digital, oversanpling, noise-shaping

processors, and that the required i rkerpol ati on/upsanpling (block 1101) may
be acconplished according to a variegy of well known techni ques. Mbdul at or
1102 is a m xed-signal processor designed according 15 to the invention

whi'ch receives the single bit input ®fom nodul ator 1100 and perforns the

power anplification as described abové—Mdulator 1102 corrects the power

swi_itching related distortion whig&h d ot herwi se be intiroduced if the

1-bit signal were input directly™Tio Pgqwer swi tching stdge. 20 If a

synchroni zed clock is not availabl e @@ xed-signal processor 1102, a

phase-| ocked | oop may be enpl oyed t B=qover
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¥
- the cl.ock. Alternatively, mxed-signal processor 1102 may be operated
asynchronously if it has anti-aliasing characteristics such as, for
exanpl e, continuous-tinme 25 integrators. The principles discussed with,
ref erence towbisguer¥d may al so be enployed in the context oPCEUSHEOME ta
digital -to- anal og conversion. Previous digital-to-anal og sol utions
typically enploy an integrator which receives a 1-bit input 30 froma
si gna-del ta nodul at or or sone ot her dg?ﬁ? over sanpl i ng, noi se-shapi ng
processor, and convert the 1-bit sign (o] an anal og signal. However, due
in part to the open | oop nature of the integrator stage, the anal og signal
is susceptible to a variety of anal®eg donain deficiencies. The 35
m xed- si gnal processor of the pres t invention may be enployed in place of

the anal og integrator stage to corrjct for these deficiencies. WO
97/-49175 PCT/ US97/ 09237 17 Therefore,
because the signal processing techn|$ueg,
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and apparatus described herein may be used in such a wide variety of
applications, e.g., anywhere PWMis used, the scope of the present

i nvention should not be limted to the enbodi nents described in the
speci ficati onwaRr49sSoul d be determined with reference to theraspssdsd

cl ai ns. 18 WHAT IS CLAIMED | S: 1 1 An over sanpl ed,

noi se- shapi ng, m xed-signal 2 processor, conprising: 3 at

| east one integrator stage in a feedbacélifop, 4 the at | east one

i nt egrator stage having an input; 5 a discrete tinme sanpling

stage in the feedback | oop 6 couple.d to the at | east one integrator
stage, the discrete 7 time sanplingjlstage for sanpling an anal og signal
at a sanple 8 frequency only at disdrete tine intervals;
sw tching stage in the feedback | oop colpled to 10 t he sanpling stage,
t he switching stage having an m%ﬂ § an 11  output; andil2

a continuous-tinme feedback path et fid out put of
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13 the switching stage to the input of the at | east one 14 i nt egrator
stage thereby closing the feedback | oop, the 15 f eedback | oop al so

i ncl udi ng nmeans for reducing aliasing 16 effects corresponding to the
sanpl e frequesyneoirs 2. The oversanpl ed, noi SRTRGNésRS: _
m xed-si gnal 2 processor of claim1 further conprising at |east one adder
3 coupled to the continuous-tine feedback path and the state 4

f eedback path for providing a conbi natéﬁ? of continuous-tine 5 f eedback
and state feedback to at |east one qf plurality 6 of integrator
stages. 1 3. The overs8anpl ed, noi se-shapi ng, m xed-signal 2
processor of claiml wherein the redtici ng neans conpri se an 3

anti-aliasing filter in the continuaus-tine feedback path. 1
4. The oversanpl ed, noi se-shapi ng, §ud =Si 2 processor of claim1l
wherein the processor conprises a phurality ofi integrator stages, at

<
| east one of which 4 conprises a qg@ginuous-ting_LnLﬂgrator. 1

5. . The oversanpl ed, noi se-sha@‘p_ifrrg,%rn ed- si gnal 12 priocessor of claim1l
wherein the processor conprises@ |Q2
~ o
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3 plurality of integrator stages, at |east one of which 4 conprises a

sanpled integrator. 1 6. The oversanpl ed, noi se-shapi ng,
m xed- si gnal 2 processor of claim1 wherein the sanpled integrator is 3
over sanpl ed g dspe8pect to the sanple frequency. 1 PCT/US97/08237 The’

over sanpl ed, noi se-shapi ng, m xed-signal 2 processor of claim11 further
conprising neans for introducing 3 a dithering signal for the purpose of

tone elimnation. 1 8. 6£ﬁgﬁtching power anplifier,
conprising: 2 afirst inl tor stage in a feedback |oop, the
3 first integr r stage haV|n% an input; 4 a second
i ntegrator stage i Thg feedback | OPEG coupled to the first integrator
stage, the second intedrator st age having an input; 7 a
conparator stage in the feedbqgg ljoop coupled to 8 t he second integrator
stage; 9 a power swyiching stage in the feedback | oop, the 10
power swi tching stage gawvirRg—aR—iQput and an output, the input 11 of the
power swi tching stage being coupled to 7Phe conparator 12 stage; and 13
a continuous-tine feedback path from t he) ut put of 14 ﬂh@epomer swi t chi ng
stage to the input of at |east one ’ i - f
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15 first,and second integrator stages thereby closing the 16 f eedback
| oop, the feedback |oop also including neans for 17 reducing ali asing

effects corresponding to a sanple frequency. 1 9. A
swi t chi ng povgs .ﬁgg}si fier, conprising: 2 a fi reaT/se/eassat or
stage in a feed%ac | oop, the 3 first integrator stage having an input; 4

a second integrator stage in the feedback | oop 5 coupled to the first
i ntegrator stage, the second integrator 6 stage having an input; 7
a discrete tinme conparator stage in tht/¥2edback 8 | oop coupled to the
second integrator stage; 20 9 a power switching stage in the
f eedback | oop, the 10 power switching stage having an input and an
output, the input 11 of the power switching stage being coupled to the
conparator 12 stage; and 13 a Continuous-tine feedback path
fromthe output of 14 Pﬁ@)pomer switching stage to the input of at |east

| one of the 15 first and second integrator stages thereby closing the
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16 feedback | oop, the feedback | oop al so including neans for 17

reduci ng aliasing effects corresponding to a sanple frequency. 1

10. The oversanpl ed, noi se-shapi ng, m xed-signal 2 processor of claim1l
wher ei n t hewarsgasgsor conprises a 3 plurality of i ntegr®CoUSS¥A2IS, t heé
processor further 4 conprising a state feedback path fromthe inpat of
the 5 swtching stage to at |east one of the plurality of integrator 6
stages. 1 11. The smﬁt?gyfg power anplifier of claim210 2
further conprising an adder coupl ed e continuous-tine 3 f eedback
path, the state feedback path, and the input of at 4 | east one of the
first "and second integrator stages, the adder 5 provi ding a conbi nation
of continuous-tinme and state feedback 6 '_thereto. 1 12. The
swi tching power anplifier of claim9 2 wherein the reduci ng neans
conprise an anti-aliasing filter in 3 fhe continuous-tine feedback pat h.
1 . 13. The switching power a ifier of claim9 2 wherein the
power switching stage conprises a plurality of 3 DMOS transistors. 1

14.  The switching power anplifier of claim13 2 wherein the plurality of
DMOS anplifiers are arranged in an H

\
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"3 bridge configuration. The switching power

anplifier of claim9 2 furt her rrpfjuﬂ!wugm i ntroducing a
signal 3 for_the RuLROse r"m' (gbna 3%5 24 2 _

dltherln
%1-%1 9Ehliﬁgﬂ"power ai%cl FCet conpri si ng:

|nt egrator stage in a feedback |oop, the 3 f| rst in 91?_&/3@
an input; 4 a second integrator stage in t
coupled to the first integrator stagel® he second integ 8

havi ng aNAPYy cfar athird integrator stage in the feedback
| oop 8 C “ed‘T‘G‘TELﬁ%'%'econd I ntegrator stage, the third integrator 9
stage having an input; 10 a discrete tinme conparator stage in
t he fteedback 11 Loop &muptetsamplede tbise-shrmigrnt oixedagégnal

a poger sfygac_@gisag s&aggrighﬁghe f eedback | oop, the 13 power swi tchi ng

Stagg gglv'nggcgg | RE a2k A OURMLALDE LU B¢ AleabliexPassp, S tehi ng
4 the at east one 1ntegrator stage having an input;
s a discrete time sampling stage in the feedback loop
6 coupled to the at least one integrator stage, the discrete
7 time sampling stage for sampling an analog signal at a sample
8 frequency only at discrete time intervals;
9 a switching stage in the feedback loop coupled to
10 the sampling stage, the switching stage having an input and an
11 output; and
12 ' a continuous-time feedback path from the output of
S~ 13 the switching stage to the input of the at least one
' 14 integrator stage thereby closing the feedback loop, the
is feedback loop also including means for reducing aliasing
16 effects corresponding to the sample frequency. _ ~
1 2. The oversampled,.noise—shaping, mixed-signal
2 processor of claim 1 further comprising at least one adder
3 coupled to the continuous-time feedback path and the state
4 feedback path for providing a combination of continuous-time
5 feedback and state feedback to at least one of the plurality
<1 of integrator'stages;

_ 3. The oversampled, noise-shaping, mixed-signal
processor of claim 1 wherein the reducing means  comprise an
anti-aliasing filter in the continuous-time feedback path.

4. The oversampled, noise-shaping, mixed-signal
processor of claim 1 wherein the processor comprises a
plurality of integrator stages, at least one of which
comprises a continuous-time integrator.

PR S

5. The oversampled, noise-shaping, mixed-signal
processor of claim 1 wherein the processor comprises a

AMENDED SHEET



v

15 stage; and 16 . a contltuﬂw”ulm’nmwﬂ”ck path fromthe
out put of "17 the power switching stage«lO¢ Ppul of at | east one of

the 18 first, second and third integrator stages thereby closing the 19

f eedbac® 1002t A8 Peedback CIERCAED i ncl udi ng means f or&3BIE 24224 U}
PCTUS S/ 769 237

aliasing effects corresponding to a sanple frequency. 1

The switching power anplifier of claim16 2 further co M 030 or

lan adder coupled to the continuous-time t8edback 4 path m&s&g&ggg
of at |gast Que.9icihgefi é_._;% S28¢0 S idydid JLat agr stages; 6

a state feegbacﬁ, a%h fror{mt e i %pgga%?gt het powert ?lng g\?\n f@%ﬁ{:rﬁg stage to

the addbr; §omprises a samgled dnpegRatAfder provides a conbination of 9
continuous-tinme and state feedback to the input of at |east 10 one of the
first, second and thisd i ntiRgicetbatnbb@es noise2dhbping, mixed-sidhal The

Swi tching pouBEegdBli &t eél.ﬂ‘n% G Ghlrdfn 2ene WiRifAldd 1AE5ELHSENYs TBANS

conprises and anti-al | as ilter
P 3 oversampféé wiJHJrespect to the sample fregquency.

.1 7. The oversampled, noise-shaping, mixed-signal
2 processor of claim 1 further comprising means for introducing
3 a dithering signal for the purpose of tone elimination.

1 8. A switching power amplifier, comprising:

2 a first integrator stage in a feedback loop, the

3 first integrator stage having an input;

e 4 a second integrator stage in the feedback loop

] coupled to the first integrator stage, the second integrator
3 stage having an input;

7 a comparator stage in the feedback loop coupled to.
8 the second integrator stage; “
g a power switching stage in the feedback loop, the
10 power switching stage having an input and an output, the input
11 of the power switching stage being coupled to the comparator
12 stage; and

13 a continuous-time feedback path from the output of
14 the power switching stage tc the input of at least one of the
1s Eirst and second integrator stages thereby closing the
16 feedback loop, the feedback loop also including means for

” 17 reducing aliasing effects corresponding to a sample frequency.

1 9. A switching power amplifier, comprising:

2 a first integrator stage in a feedback loop, the

3 first integrator stage having an input;

4 a second integrator stage in the feedback loop

] coupled to the first integrator stage, the second integrator
6 stage having an input;

7 a discrete time comparator stage in the feedback

8 loop coupled to the second integrator stage;
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';3 in the continuous-time: r'é'é'W ~19.  The switching

G ST

claim19 2 Cwher y 0
are arranged inan H 3 bri dge confrguratron 7
swi tching power anplifier of clai m 16 2 furt her com' rﬁsérél}ﬂ_oﬂggs
introducing a dithering signal 3 fgg the purpose of tone elimnation.

22. A signal processing nethod conprising the steps, 2 of : 3
i-n®roduci ng an i ApPewergewitching fseageenoy thel Feedback loopi wohie t her eby

geger atgdgiexa smeemagyssabecwdiﬁg G2l ingut and an outpuearrahénﬂn{me
fypquengy &i%' %pr olad §L:QQQL188 %taé? A eu%/%%&l tl% fiL0e h“t Eo

predefine e frequency ge era |ng sanp s gnal 8
%\?tchﬁ?@ Ied Si gnal t hereby generating a 9 conti nuous tinme
oW¥ put si gnal amd céftinucus-time fBwdibarkh paitht feomobhenavtputi @€ out put

signal tha iabwert h&if:&ﬁﬂﬂgnﬁﬂaéﬂwtﬂw RO IJE hRenaR¥tJener ati ePea noi se-
125 SQQE%Q %hgngkcond integrator stages thereby closing the
16  feedback loop, the feedback loop also including means for

17 reducing aliasing effects corresponding to a sample frequency.
1 10. The oversampled, noise-shaping, mixed-signal

2 processor of claim 1 wherein the processor comprises a

3 plurality of integrator stages, the processor further

4 comprising a state feedback path from the input of the _
] switching stage to at least one of the plurality of integrator
6 stages. ’

1 ~11. The switching power amplifier of claim 10 ™~
2 further comprising an adder coupled to the continucus-time

3 feedback path, the state feedback path, and the input of at

4 least one of the first and second integrator stages, the adder
5 providing a combination of continuous-time and state feedback
6 thereto.

1 12. The switching power amplifier of claim 3

2 wherein the reducing means comprise an anti-aliasing filter in

3 the continucus-time feedback path. '

1 13. The switching power amplifier of claim 9

2 wherein the power switching stage comprises a plurality of
3  DMOS transistors.

1 14. The switching power amplifier of claim 13

2 wherein the plurality of DMOS amplifiers are arranged in an H-
3 bridge configuration.
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M 23. The-neLhod_QL_ngLngg_mhere|n the introducing 2 stop
is perforned by at |east one integrator stage, the method 3 further

ot b A2 it

conprising the 2 steps of :

cont i nuous-ti me out put signal and the 4  sanpled siCi @bﬁ[ﬁgr@g&l ng
a conbi ned feedback signal; 5 and feedi ng back t

conbi ned feedback signal to the at | east one integrator stage 1

25 The nethod u§. cImhe1aﬁlééﬂiﬁgﬂpduaﬁp@h@uaslbbeoﬁ c1a8i®psof reducing
213,25! BrfhbECLimpliatng meane for’ SnerEIRCTBRRIaPinel B Shtiber o1 1 L he
redu0|%g gg Ilter 4a%?1e cont I nuous put signal 3
with a ﬁnFFeaPF PA% ??I??ﬁetﬂﬁ%ﬂ%¥ Dt-eceding it back to the 4

frequency sel ective network. 1 27. The nethod of cIa|n125

wherein the frequenCya switching power amplifier, comprising:

2 a first integrator stage in a feedback loop, the
3 first integrator stage having an input;
4 a second integrator stage in the feedback loop
5 coupled to the first integrator stage, the second integrator
6 stage having an input;
7 a third integrator stage in the feedback loop
8 coupled to the second integrator stage, the third integrator
] stage having an input;
~.10 a discrete time comparator stage in the feedback
11 loop coupled to the third integrator stage;
12 a power switching stage in the feedback loop, the
13 power switching stage having an input and an output, the input
14 of the power switching stage being coupled to the comparator h o
15 stage; and
16 a continuocus-time feedback path from the output of
17 the power switching stage to the input of at least one of the
18 first, second and third integrator stages thereby closing the
19 feedback loop, the feedback loop also including means for
20 reducing aliasing effects corresponding to a sample fréquency.
-1 17. The switching power amplifier of claim 16
2 further comprising: -
3 an adder coupled to the continucus-time feedback
4 path and to the input of at least one of the first, second and
s third integrator stages; '
6 a state feedback path from the input of the power
7 switching stage to the adder;
8 wherein the adder provides a combination of
] continuous-time and state feedback to the input of at least
10 one of the first, second and third integrator stages.
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V .
2 selective network coonLses_aL\ngg%eggg_ianpled stage, the 3
reduci ng step conprising oversanpling east one sanpled 4 st age

- Wth respect to the sanple.i t of
cl alun-a51998er&FM t he freque m_c ﬂl’ﬂm”#'l”ﬂ!ﬂ network ¢ g%érg}%azt c71e
i ntegrator, stage, the 3 .reducl ng* st®epsc rising pr ' Z I éﬁt
one integrator 4 stage with anti-aliasing characteré ; @8 JUL 1998
29. The nethod of claim 22 further fgnprising the 2 step of introducing
a dithering signal to the frequency- sel ected signal for the purpose of

tope elimnationisl The switching(owebampliiFfderobsckaniin226Wherein the

i nput  Sjxnali n2 C ' i I . he net hod
of 2cl al here %@ﬁ%ﬁ%ﬁ%@%ﬁ%@ﬁ%ﬁﬁfgsé-ala?ar?al heed ]

323 A 4 SPoLdauPhg-Eipe [fee maghrg: 2 a frequency
selective network in a feedback | oop; 24 3 a sanpling

angl og-to- di gi t ahaconyRet Awitchiky pbwer ae@Plathek08s, clatmspem! i Ng
an§|09i&ﬂ&Q&Q'Eﬁg 889¥§r53£t£ﬁiﬂglatage comprises a plurality of

3 DMOS transistors.

1 20; The switching power amplifier of claim 19 '
2 wherein the plurality of DMOS amplifiers are arranged in an H-
3 bridge configuration.

1 21. The switching power amplifier of claim 16
~~ 2 further comprising means for introducing a dithering signal

3 for the purpese of tone elimination.
1 22. a signal processing method comprising the steps
2 of: :
3 introducing an input signal to a freguency selective
4 network thereby generating a fregquency-selected sigmal;
S sampling the fregquency-selected signal only at
6 discrete time intervals at a predefined sample frequency,
7 thereby generating a sampled signal;
8 switching the sampled signal thereby generating a
9 continucus-time output signal; and
0 feeding back the continuous-time ocutput signal to
11 the freguency selective network thereby generating a noise-
12 shaped signal.
1 23. The méthod of claim 22 wherein the introducing
2 step is performed by at least one integrator stage, the method
3 further comprising the step of feeding back the sampled signal
4 to the at least one integrator stage.
1 24. The method of claim 23 further comprising the
2 steps of:
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5 sanpl ed at a sanple fre a switching device

coupl-ed to be driven by the 7 m\m to-digital converter to
produce a conti nuous- ti ne“m “u nd 9 52 306, 2422 ngans for
c kL

- comuiaages y 18RS ng and f eedi tie £0 " conti
signal to the frequency selective 11 . network for mm Zt&@ﬁ&.?

correction in the feedback 12 | oop and noi se shapi mm 08 JUL ‘[998

The signal processing circuit of clasm 32 2 wher ei equency

selective network is an anal og frequency 3 selective network having
aki-aliasing cheemeiringttihes continucus-time ougput MhignalAnd fitessi ng

Ciq cui bafbledasigRel 2thedis) Qjehelrat ihgequesalined cEéedifadictatyriali s an

anal oggfgequency 3 sel ective network, and wherei n t he sensing and f eedi ng
back 4 means. cge [jses an antl-allg ggffllter The

si®gnal processi ngeeFIRIiRags The oS g I T’r%“ﬂ' etcﬁjetﬁﬁ/ ?el ective
36.

nét wor keast sosanpheedztonu atagel sel ective network. 1
The signal processing circuit of claim35 2 wherein the sanpled frequency

sel ective network.is t bar 8SPES %Pe I requency.
Pl %s T’fc% sé%%de%rfgg%g%ngzc?rcw ro‘% al r_n'gtﬁ'de '

2 step of reducing aliasing effects.

1 26. The method of claim 25 wherein the reducing

2 step comprises filtering the continuous-time output signal

3 with an anti-aliasing filter before the feeding it back to the

4 frequency selective network. '
R 27. The mathod of claim 25 wherein the frequency

2 selective network comprises at least one sampled stage, the

3 reducing step comprising oversampling the at least one sampled

4 stage with respect to the sample frequency. h

1 28. The method of claim 25 wherein the frequency

2 selective network comprises at least one integrator stage, the

3 reducing step comprising providing the at least one integrator

4 stage with anti-aliasing characteristics,

1 29. The method of claim 22 further comprising the
-2 step of introducing a dithering signal to the frequency-

3 selected signal for the purpose of tone eliminatiom.

1l 30. The method of claim 22 wherein the input signal
2 comprises an analog signal.
1 31. The method of claim 22 wherein the input signal

2  comprisez a digital signal.

1 32. A signal processing circuit, comprising:
2 a frequency selective network in a feedback loop;
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2 wherein the sensi ng and feedi nngacK_n:eans—corrpri ses an anti- 3 :
aliasing filter. The sr naI processing circuit of claim

?ﬁﬁg‘gﬁr\/\@g‘; S%‘%&%he frequency H“'m m!“"rw! gc]glnprl ses aé Ie?(élst on§$§fz
ﬁ@ s ne

claim32 2 wherein the frequency el &ctive network

3 resonator stage. 1 40. The signal geggf
claim32 2 wherein the sanpling argl og-to-digital converter conprl S 3
two-l.evel quantizer. 1 41. The signal processing circuit of

clBRim32 2 wheResamphing anslogytendigitad- dogverter alverher conprises an’
34 n-EesdbackiabbdgEperehe sampling maloQZto-Ibgiéagr@J,mpgfg&sgé}g,én rcuit of

clgal M 32mpBled \BE' £ dardie f¢ Ry, sel ective netvvor k is configuréed to 3
receive an anal o |n§:ut Si :é% The signal processing
circuit of clai j\ﬂ?g "ﬁ"PhE"PPeﬁ‘BeF\‘Byb%e‘F’é’c By PhdRork i s

cdnfi gét@elirng analog-to-digital converter to produce a continuous-
8 time ocutput signal; and

9 means for continucusly sensing and feeding back the
10 continuous-time output signal to the frequency selective
11 network for noise and distortion correction in the feedback

12 loop and noise shaping.

1 33. The signal processing circuit of claim 32

2 wherein the frequency selective network is an analog frequency
3 selective network having anti-aliasing characteristics.

1 34. The signal processing circuit of claim 32

2 wherein the frequency selective network is an analog frequency
3 selective network, and wherein the sensing and feeding back

4 means comprises an anti-aliasing filter.

1 35. The signal processing circuit of claim 22

2 wherein the frequency selective network is a sampled frequency

3 selective network.

1 36. The signal processing circuit of claim 35
2 wherein the sampled frequency selective network is oversampled
3 with respect to the sample frequency.

1 37. The signal processing circuit of claim 35
2 wherein the sensing and feeding back means comprises an anti-
3 aliasing filter.

1 38. The signal'processing circuit of claim 32
2 wherein the frequency selective network comprises at least one
3 integrator stage.

AMENDED SHEET



3 receive a digital input signal. 1 44. The si gnal
processing circuit of claim32 2 further i sing a second feedback

;
nmeans for feeding a 3 sanpl ed 'mm Mﬂﬂﬁ‘ ' %ngtig di gl t al
cOHr8p1188 41530 at | east one |H ‘nl‘ﬂ 7

sel ective network. 6 45t AN oversarrpl gﬂ%{e?

m xed-signal 7 processor, conprising: 8 j 998

-integrator strage in a feedback | oop, (i he at | east one |nt egrator stage
havi.ng an input; 10 a safpling stage. |n t he f.eedback | oop"
doupled to the 38 The I5é§§taloﬁ€°?ﬁ?%ﬁ?%t%’rr?’t’§g€ 138 i ng stage for

ganpl winerdih timn Exveshueocy gelkctive serwbdxk fogusees at3 least one ‘a

W t ChhghadWesddyd e feedback | oop coupled to 14  the sanpling stage,
the swi tching stage having an input and an 15 out put; and 16

a continuous-tinme feedback path fromthe output of 17 the switching stage
o the input oféG-he The sdgsplopeccesaing ¢ixaHTaeH d@dfe 3@nereby cl osi ng
the fwitshthsiok dieoEangldng analog-to-digital converter comprises a

3 two-level quantizer.

1 41. The signal processing circuit of claim 32
wvherein the sampling analég-to-digital converter comprises an
3 n-level quantizer. '

N

1l ~ 42. The signal processing circuit of claim 32

2 wherein the fraquency selective network is configured to

3 receive an analog input signal.

1 ' 43. The signal processing circuit of claim 32

2 wherein the frequency selective network is configured to ™~
3 receive a digital input signal.

1 44. The signal processing circuit of claim 32

2 further comprising a second feedback means for feeding a

3 sampled signal from the sampling analog-to-digital converter

4 to at least one intermediate point within the frequency

5 selective network.

.6 45. An oversampled, noise-shaping, mixed-signal

7 processor, comprising:

] at least one integrator stage in a feedback locop,

9 the at least one integrator stage having an input;

10 a sampling stage in the feedback loop coupled to the
1l at least one integrator stagé, the sampling stage for sampling
12 an analog signal at a sample frequency;
13 a switching stage in the feedback locp coupled to

14 the sampling stage, the switching stage having an input and an
15 output; and

16 a continuocus-time feedback path from the output of
17 the switching stage to the input of the at least cne '
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19 feedback loop also including neans for reducing aliasing 20 Effectguﬁ,

corresponding to the sanple frequency, wherein the 21 processor conprises

o Bt ot rom tne 25| IINHENRFHIN Hllﬂﬂ %‘fm &) boss
one of the plurality 24 of inteyratort sttagés. * gﬁggﬁ?éer

over sanpl ed, noi se-shapi ng, m xed-signal 2 process

~conprising at | east one adder 3 coupl 2%70 t he continuous-tine feedback

Ry Se'éEé&é{'S c

path and the state 4 feedback path fo ovi ding a conbi nati on of
Adént i niBtegraker sstage thrrebyamiosingethecfisadhacly nop ethe one of the

@lsur al fhydﬁackoiod:ﬁtﬂgicﬁtﬂfcma@@s means for reducinéklié‘?ﬁiéwerhsa”p' ed,
: r r :?z'g;?‘ [ e processor

cQnpri ses afﬂl | nth% ggﬁéig 3'% é{%@{gﬁe&b whi ch 4
npr | Eﬁgcﬁsg ‘QEP ee% ty of "ntegra &y dri®inpl ed,
?@i se- Brapesspr nfusthey g:mlprz.smpr ecetabe ﬁéeébmlmpﬂclv\/rﬁm reitehe sanpl ed
23t egr ghPit | 6f Sche BRI THIRIE Griigeh tbCaPelead® éie SATGRS prammtsy. 1
% T8e PXP&??{@cL:edst E?e shapi ng, m xed-signal 2 processor ?f cl ﬁl m 48

si'n or the

urther conpr introducing 3 a dithering signal

pur pose of tone eI I mnation.
1 46. The oversampled, noise-shaping, mixed-signal

2 processor of claim 45 further comprising at least one adder

3 coupled to the continucus-time feedback path and the state

4 feedback path for providing a combination of continucus-time

5 feedback and state feedback to at least one of the plurality
. 6 of integrator stages.

1 47. The oversampled, noise-shaping, mixed-signal

2 processor of claim 45 wherein the processor comprises a .

3 Plurality of integrator stages, at least cne of which b

4 comprises a sampled integrator.

1 48. The oversampled, noise-shaping, mixed-signal

2 processor of claim 47 wherein the sampled integrator is

3 oversampled with respect to the éample frequency.

1 49. The oversampled, noise-shaping, mixed-signal
2 processor of claim 48 further comprising means for introducing
3 a dithering signal for the purpcse of tone elimination.
1 50. A signal processing method comprising the steps
2 of: '
3 introducing an input signal to a frequency selective
4 netwoxk thereby generating a frequency-selected signal;
5 sampling the frequency-selected signal at intervals
"6 at a sample frequency, thereby generatihg a sampled signal;
7 switching the sampled signal thereby generating a
8 continuous-time output signal; and
9 feeding back the continucus-time output signal to
10 the frequency selective network while reducing aliasing
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\.1- 50. A signal prosessing et hod corrpr|5| ng the steps 2 of : ':-

3 I ntroduci ng an inp, nm\equency sel ective 4
. net Jf;ﬁr eisy“generau ng a freqw “ﬂ“ gnal

sarrp | ng reqguency-sel ected s i"nt &rval s GW h;
frequency, thereby generating a sanpled signal; 7 92 7
t he sanpl ed signal .thereby generating a 8 conti nuouslms ud

and 9 f eedi ng back the contk ?ous ti me output signal to 10
the frequenc | ective network while r&du al i asing 11 effects
{hbr cby? FHAF BV GFEBT LRI P oI RA- SHARSS: A1SPAL. 1 YheTPin,EhRC,

skect | frequanuy iselerpiirecsetvotlieasdmmricesnmy deasd onet ggwplede reduci ng

S{8P CQHBideS| w&aa&embl Qge{a@megriﬁqfé o%rsaa. m%r@heﬁglet gggggsts Ihng

respect_to t'he .S n

n’gghod ﬁnﬂl’“?lﬁ’??ﬁ@ggt gg rgs%?"t Fo the sanpls Niie f‘uaug?'ng an i nput
signal to a frequency selectlve 4 network thereby generating a
frequency- sel ect 8d .si gnalgnﬁl processing medipld cgmpirésingqtkacstepbect ed
signal g#t. intervals

3 introdu¢ing an input signal to a fregquency selective -
4 network thereby generating a frequency-selected signal;

5 ' sampling the frequency-selected signal at intervals
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10 the frequency selective network thereby generating a noise-

11 shaped signal; and

12 introducing a dithering signal to the frequency-

i3 selected signal for the purpose of tone elimination. ~.
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. (57) Abstract

A signal processing circuit is provided which includes a frequency selective network (314) in a feedback loop for noise shaping
purposcs. A sampling analog-to-digital converter (318) in the feedback loop operates at a sampling frequency substantially above the
Nyquist frequency. A switching device (312) is driven by the sampling analog-to-digital converter and produces a continuous-time output
signal which is continuously monitored by and fed back to the frequency selective network (314) for noise and distorsion correction in the
feedback loop. State feedback (i.e., digital or sampled) of the output of the analog-to-digital converter may also be employed in combination
with the continuous-time feedback of the switching output.




