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TRANSDUCER AMPLIFICATION CIRCUIT

FIELD OF THE INVENTION

[0001] The present invention relates to a transducer ampli-
fication circuit comprising a preamplifier circuit which com-
prises a signal input for receipt of a transducer signal and is
operable to provide an amplified transducer signal compris-
ing audible frequency components and ultrasonic frequency
components. The transducer amplification circuit also com-
prises a first sigma-delta modulator configured to sample and
quantize the amplified transducer signal to generate a first
digital transducer signal comprising a first quantization noise
signal. The first sigma-delta modulator comprises a first noise
transfer function (NTF) having a high pass response in at least
a portion of an audible frequency range to push the quantiza-
tion noise signal to ultrasonic frequencies. A second sigma-
delta modulator is configured to sample and quantize the
amplified transducer signal to generate a second digital trans-
ducer signal comprising a second quantization noise signal.
The second sigma-delta modulator comprises a second noise
transfer function (NTF) with a magnitude minimum placed at
the ultrasonic frequencies.

BACKGROUND OF THE INVENTION

[0002] Portable communication and computing devices
such as smartphones, mobile phones, tablets etc. are compact
devices which are powered from rechargeable battery
sources. The compact dimensions and battery source both put
severe constraints to the maximum acceptable dimensions
and power consumption of transducers and transducer ampli-
fication circuit utilized in such portable devices. Hence, it is
advantageous to integrate multiple functions in a single trans-
ducer unit such as a microphone. This type of integration may
reduce power consumption of active circuitry, reduce space
consumption and lower assembly costs of the portable com-
munication or computing device in question. Portable com-
munication devices furthermore often comprise a plurality of
transducers such as microphones for voice and sound pick-
up, recording and transmission which adds to the advantages
of integrating multiple functions in a single transducer
device.

[0003] Accordingly, a transducer amplification circuit that
is connectable to a single broadband sound transducer and
capable of amplifying and processing both audible sound
signals and ultrasonic signals would be advantageous. It
would further be advantageous if the transducer amplification
circuit was capable of providing the audible sound signal and
ultrasonic sound signal in digital formats in separate channels
of'a digital audio stream. This feature allow a microprocessor
such as a Digital Signal Processor of the portable communi-
cation and computing devices to receive and separately pro-
cess each of the sound signals for different functions in the
portable communication and computing devices.

SUMMARY OF THE INVENTION

[0004] A first aspect of the invention relates to a transducer
amplification circuit comprising a preamplifier circuit which
comprises a signal input for receipt of a transducer signal and
is operable to provide an amplified transducer signal com-
prising audible frequency components and ultrasonic fre-
quency components. The transducer amplification circuit also
comprises a first sigma-delta modulator configured to sample
and quantize the amplified transducer signal to generate a first
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digital transducer signal comprising a first quantization noise
signal. The first sigma-delta modulator comprises a first noise
transfer function (NTF) having a high pass response in at least
a portion of an audible frequency range to push the quantiza-
tion noise signal to ultrasonic frequencies. A second sigma-
delta modulator is configured to sample and quantize the
amplified transducer signal to generate a second digital trans-
ducer signal comprising a second quantization noise signal.
The second sigma-delta modulator comprises a second noise
transfer function (NTF) with a magnitude minimum placed at
the ultrasonic frequencies.

[0005] The audible frequency range means the frequency
range between 20 Hz and 20 kHz in the present context. The
first noise transfer function exhibits the high pass response at
least a portion of audible frequency range which portion may
be a frequency range from 50 Hz or 200 Hz to 20 kHz. The
portion of the audible frequency range may alternatively be
20 Hz to 10 kHz. The skilled person will appreciate that the
high pass response of the first noise transfer function may
extend to frequencies above 20 kHz as well.

[0006] The capability of the present transducer amplifica-
tion circuit to simultaneously processing both the audible
frequency components and ultrasonic frequency components
of the transducer signal through appropriately adapted first
and second sigma-delta modulators, respectively, has numer-
ous applications to improve the user interface of portable
communication and computing devices. One exemplary
application is to provide ultrasonic based detection of a posi-
tion of a pen on a display surface of'a portable communication
and computing device via ultrasonic triangulation. Com-
monly used microphone devices such as MEMS capacitive
microphones are responsive not only to audible sound, but
also to ultrasound signals in the frequency range above 20
kHz and up to about 100 kHz due to their miniscule dimen-
sions. The user interface of such portable communication
devices typically includes a touch sensitive screen or display
which the user exploits to operate the communication device
and access various telecommunication services like phone
calls, email or SMS message writing etc. The plurality of
microphones may be distributed around a periphery of the
touch sensitive screen. The user may operate the communi-
cation device by an ultrasound emitting pen or pin which is
used to select the relevant user interface buttons or boxes
displayed on the touch sensitive screen or display. The posi-
tion of the pen or pin during operation of the communication
device may therefore be detected by triangulation methods
based on arrival time differences of the emitted ultrasonic
signal at the plurality of microphones.

[0007] Thetransducer signal may accordingly be generated
by one of the above mentioned microphone devices. The
MEMS capacitive microphone may comprise a micro-elec-
tromechanical (MEMS) transducer element, e.g. shaped and
sized for portable audio devices such as smartphones, tablets
and mobile phones etc. The electromechanical (MEMS)
transducer element may function as a single element audio
and ultrasonic microphone responsive to both impinging
audible sound and ultrasonic sound due to its broad-band
frequency response.

[0008] The preamplifier circuit may comprise a single
preamplifier with its output coupled in parallel to respective
inputs of the first and second sigma-delta modulators or two
separate preamplifiers with outputs coupled to the respective
inputs of the first and second sigma-delta modulators. The
latter embodiment of the preamplifier circuit comprises a first
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preamplifier having an input coupled to the transducer signal
and an output coupled to the first sigma-delta modulator; and
a second preamplifier having an input coupled to the trans-
ducer signal and an output coupled to the second sigma-delta
modulator. The use of single preamplifier may be advanta-
geous because this feature minimizes semiconductor area
consumption and power consumption of the preamplifier cir-
cuit. Minimal power consumption and minimal costs are typi-
cally key performance metrics of transducer amplification
circuits targeted for portable communication devices. The
preamplifier or preamplifiers may possess various circuit
topologies known in the art. The preamplifier or each of the
first and second preamplifiers may comprise a high-pass filter.
In a number of useful embodiments, the preamplifier or each
of'the first and second preamplifiers comprises a differential
amplifier having a non-inverting input operating as the signal
input for receipt of the transducer signal. A feedback network
may be coupled between an output and an inverting input of
the preamplifier or between an output of the preamplifier and
aninverting input of the preamplifier. This preamplifier topol-
ogy is capable of providing large input impedance at the
non-inverting input coupled to the transducer signal by iso-
lating the feedback network there from. In an even further
advantageous embodiment, the feedback network establishes
a lowpass transfer function from the output of the differential
amplifier to the inverting input of the preamplifier. This may
be accomplished by selecting a suitable configuration of
capacitors and resistive components in the feedback network.
Consequently, a high-pass small signal transfer function
which is useful for attenuating subsonic and/or low-fre-
quency noise of the transducer signal and for suppression of
DC offsets at the input of the preamplifier. The input imped-
ance at the signal input of the preamplifier or signal input of
each of the first and second preamplifiers is preferably very
large to minimize attenuation of the transducer signal caused
by loading of the transducer. This is particularly advanta-
geous if the transducer comprises the above-discussed
MEMS capacitive microphone which often exhibits large
generator impedance, e.g. an impedance essentially corre-
sponding to a capacitance of 1.0-2.0 pF. The input impedance
of the preamplifier or each of the first and second preampli-
fiers may for example be larger than 100 MQ, preferably
larger than 1 GQ, even more preferably larger than 10 GQ2
measured at 1 kHz. Such input impedances can for example
be accomplished by an appropriate choice of semiconductor
process technology, such as MOS, CMOS or BiCMOS tech-
nology, and/or appropriate circuit design techniques.

[0009] Thesecond noise transfer function may have a band-
reject response with a magnitude minimum placed between
20 kHz and 200 kHz such as between 40 kHz and 100 kHz.
The signal transfer function (STF) of the second sigma-delta
modulator may exhibit a bandpass response having unity
magnitude at the magnitude minimum of the band-reject
response.

[0010] The first sigma-delta modulator may comprise vari-
ous types of loop filters and filter orders to produce the high
pass response of the first NTF in at least the portion of the
audible frequency range. The high pass response of the first
NFT may have an order between 2 and 8. The loop filter may
comprise a number of integrators which corresponds to the
order of the high pass response, e.g. between two and eight
integrators. The skilled person will understand that the high
pass response in the audible frequency range of the first noise
transfer function also includes NTFs with one or more zeroes
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placed in the least portion of audible frequency range. These
zeroes may create certain desirable minima in a quantization
noise floor of the first digital transducer signal despite the first
NTF exhibits an overall high pass response throughout the
least portion of audible frequency range.

[0011] The first sigma-delta modulator may have a signal
transfer function (STF) with substantially constant magni-
tude across the audible frequency range for example substan-
tially unity magnitude.

[0012] Each ofthe first and second sigma-delta modulators
may comprise a single-bit quantizer or a multi-bit quantizer
with their respective well-known advantages and disadvan-
tages. If each of the first and second sigma-delta modulators
comprises the single-bit or one bit quantizer the first and
second digital signals may be conveniently supplied as first
and second PDM signals, respectively. Alternatively, each of
the first and second digital signals may be converted from
native PDM format to a multi-bit or PCM format. Each of the
first and second sigma-delta modulators preferably operates
at an oversampled sampling frequency such as a sampling
frequency between 1 MHz and 10 MHz.

[0013] Thetransducer amplification circuit may comprise a
signal coder configured to encode and format the first and
second digital transducer signals to facilitate transmission of
these to an external processor or component such as an appli-
cation processor or DSP of the portable communication
device via a suitable data channel, e.g. a serial data channel.
One embodiment of the signal coder is configured to encode
and format the first and second digital transducer signals into
a single pulse density modulated (PDM) encoded data stream
wherein the first digital transducer signal is coded on a rising
or falling edge of the single PDM data stream and the second
digital transducer signal is encoded on the opposite edge of
the PDM single data stream. This single PDM encoded data
stream allows both of the first and second digital transducer
signals to be transmitted over a single data wire or connection
between the transducer amplification circuit and a suitable
data port of the external processor.

[0014] An alternative embodiment of the signal coder is
configured to encode and format the first and second digital
transducer signals into a data stream in accordance with a
predetermined data transmission protocol compliant with at
least one of:

a standardized data communication protocol such as I°C,
USB or SPI; and

a standardized digital audio protocol such as I°S, S/PDIF,
AES/EBU, SLIMbus™.

The use of the standardized data communication protocol or
digital audio protocol may simply data interface handling by
exploiting existing data port hardware and existing interface
software and firmware components or routines of the external
processor.

[0015] The data stream may in both instances be delivered
by the signal coder via an externally accessible output termi-
nal of the transducer amplification circuit.

[0016] The signal coder of the transducer amplification
circuit may comprise a frequency transposing circuit, such as
a digital down-converter (DDC), which is configured to trans-
pose or down-shift the ultrasonic frequency components of
the second digital transducer signal to the audible frequency
range. This feature allows the ultrasonic frequency compo-
nents of the second digital transducer signal to be accurately
represented or encoded in a data stream conforming to a
standardized digital audio protocol, such as one of the proto-
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cols discussed above, using a relatively modest sampling
frequency, i.e. a sampling frequency below the Nyquist fre-
quency of the ultrasonic frequency components in question.
Hence, these ultrasonic frequency components of the second
digital transducer signal may be encoded within an I*S for-
matted or compliant data stream with a sampling frequency of
32 kHz or of 48 KHz despite the ultrasonic frequency com-
ponents are situated above 16 kHz or 24 kHz before the
down-conversion. The ultrasonic frequency components may
for example be situated at about 40 kHz which cannot be
represented with a sampling frequency of 32 kHz or 48 KHz.

[0017] The digital down-converter may comprise a digital
multiplier configured to multiply the second digital trans-
ducer signal with a predetermined binary sequence having a
predetermined sequence frequency or carrier frequency to
produce an intermediate digital transducer signal;

a lowpass filter configured to supress ultrasonic frequency
components of the intermediate digital transducer signal to
produce one channel of the digital audio stream. A frequency
difference between the predetermined sequence frequency
and the ultrasonic frequency component is preferably equal to
or smaller than 20 kHz.

In some embodiments, the predetermined sequence fre-
quency is placed at one-half of the sampling frequency of the
second digital transducer signal as supplied at the output of
the second sigma-delta converter.

[0018] One embodiment of the transducer amplification
circuit comprises a clock input terminal for receipt of an
external clock signal. The respective sampling frequencies of
the first and second sigma-delta converters may be controlled
by and synchronized to this external clock signal. Likewise,
the data stream delivered by the transducer amplification
circuit may be synchronized to this external clock signal. The
external clock signal may be generated by the application
processor of the portable communication device to allow the
application processor to act as a master for the transmission of
data between the transducer amplification circuit and a suit-
able data port of the application processor.

[0019] A second aspect of the invention relates to a semi-
conductor die or substrate comprising a transducer amplifi-
cation circuit according to any of the above described
embodiments thereof.

[0020] A third aspect of the invention relates to a transducer
assembly comprising:

a single element audio and ultrasonic microphone responsive
to impinging audio and ultrasonic sound to generate a corre-
sponding transducer signal comprising an audio signal com-
ponent and an ultrasonic signal component. The transducer
signal is applied to an output signal pad of the single element
microphone. The transducer assembly further comprises a
transducer amplification circuit according to any of the above
described embodiments thereof operatively coupled to the
output signal pad for receipt and amplification or buffering of
the transducer signal. The single element audio and ultrasonic
microphone may comprise the previously discussed micro-
electromechanical (MEMS) transducer element.

[0021] The skilled person will understand that the trans-
ducer assembly may be used to provide the previously dis-
cussed ultrasound based detection of the pen position on the
display surface of the portable communication and comput-
ing device via ultrasonic triangulation. The transducer assem-
bly may be enclosed by a transducer housing which com-
prises a sound inlet or sound port. The transducer assembly
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further comprises a sound transmission path extending
between the sound port and the single element audio and
ultrasonic microphone.

[0022] A third aspect of the invention relates to a portable
communication device which comprises a housing and a dis-
play mounted in the housing. The display is configured for
providing a graphical user interface controlling a plurality of
functions of the portable communication device. The portable
communication device further comprises a plurality of the
transducer assemblies according to any of the above
described embodiments thereof mounted around a peripheral
edge of the display such as on housing portion abutting the
display. The portable communication device comprises an
application processor, e.g. a Digital Signal Processor, as dis-
cussed above, comprising a data communication interface or
interfaces for receipt of a plurality of data stream generated by
the plurality of transducer assemblies.

BRIEF DESCRIPTION OF THE DRAWINGS

[0023] Embodiments ofthe invention are described in more
detail in connection with the appended drawings in which:
[0024] FIG. 1 shows a schematic block diagram of a trans-
ducer amplification circuit in accordance with a first embodi-
ment of the invention,

[0025] FIG. 2 shows output frequency spectra of first and
second sigma-delta modulators of the transducer amplifica-
tion circuit; and

[0026] FIG. 3 shows a schematic block diagram of an
exemplary signal encoder for the transducer amplification
circuit of FIG. 1.

DESCRIPTION OF PREFERRED
EMBODIMENTS

[0027] FIG. 1is a schematic block diagram of a transducer
amplification circuit 100 electrically connected to a MEMS
microphone 102 via an input pad or terminal 104 of the circuit
100. The MEMS microphone has a frequency response that
extends from the audible frequency range (20 Hz-20 kHz) to
ultrasonic frequencies for example from 20 Hz to above 50
kHz such as to 100 KHz. The transducer amplification circuit
100 comprises a preamplifier A1 (108) with a preamplifier
input coupled to the input terminal or pad 104 of the ampli-
fication circuit 100 through a DC blocking or ac coupling
capacitor 103 for receipt of a microphone signal produced by
the MEMS microphone 102. This microphone signal may
comprise a mixture of audible frequency components and
ultrasonic frequency components. The audible frequency
components may comprise speech or music while the ultra-
sonic frequency components may origin from an ultrasonic
sound emitter (not shown) for example mounted in a pen of
the portable communication or computing device.

[0028] The transducer amplification circuit 100 may serve
as a front-end for a subsequent and separate signal encoder
114 or the signal encoder may be integrated together with the
transducer amplification circuit 100 on a common semicon-
ductor die as schematically indicated on the block diagram of
FIG. 1. The transducer amplification circuit 100 may either be
fabricated or implemented on separate CMOS semiconductor
die or it may be fabricated on a CMOS semiconductor die
together with a subsequent signal processing circuit. A sepa-
rate digital signal processing circuit may reside remotely for
example within the portable communication device or termi-
nal in form of an appropriately programmed or configured
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Digital Signal Processor (DSP) with data interface terminal
(s) operatively coupled to the illustrated externally accessible
output terminal 115 of the present transducer amplification
circuit 100. Hence, a digital audio stream produced by the
transducer amplification circuit 100 may be transmitted to the
external DSP via a suitable data communication interface.
The transducer amplification circuit 100 may be shaped and
sized for integration into a miniature MEMS microphone
housing or package.

[0029] The preamplifier circuit Al receives the microphone
signal as discussed above and provides an amplified micro-
phone signal V. comprising the previously discussed
audible frequency components and ultrasonic frequency
components of the microphone signal. The transducer ampli-
fication circuit 100 also comprises a pair of anti-parallel bias
diodes 107 coupled between the input terminal of the pream-
plifier 108 and GND to set an appropriate DC bias point of the
preamplifier 108. The pair of anti-parallel bias diodes 107
functions as an extremely high impedance bias circuit with an
impedance of 10 GQ or larger under small signal operation of
the preamplifier 108. The extremely high impedance mini-
mizes loading on the signal input terminal 105 and therefore
maximizes the level of the audio input signal delivered by a
capacitive microphone transducer element of the MEMS
microphone 102. In addition the pair of anti-parallel bias
diodes 107 functions as overload protection or signal limiting
for the input of the preamplifier A1 by limiting a peak signal
input voltage to about +/-0.5 Volt which corresponds to one
diode voltage drop over a single forward diode of the pair of
anti-parallel bias diodes.

[0030] The transducer amplification circuit 100 comprises
a first sigma-delta modulator 110 and a second sigma-delta
modulator 112 which both are coupled to the output of the
preamplifier A1. The first and second sigma-delta modulators
110, 112 have different noise transfer function (NTFs) with
noise spectra optimized to the particular frequency content of
the microphone signal they are intended to process. The first
sigma-delta modulator 110 is configured to sample and quan-
tize the amplified microphone signal V- to generate a first
digital microphone signal 111 at a first input of the signal
encoder 114. The second sigma-delta modulator 112 is con-
figured to sample and quantize the amplified microphone
signal V. to generate a second digital microphone signal
113 at a second input of the signal encoder 114. Each of the
first and second sigma-delta modulators 110, 112 are over-
sampled converters operating at an oversampled sampling
rate or frequency which may lie between 2.4 MHz and 10
MHz. The skilled person will appreciate that each of the first
and second sigma-delta modulators 110, 112 may comprise a
single-bit quantizer or a multi-bit quantizer.

[0031] The first sigma-delta modulator 110 has a noise
transfer function (NTF) with a high pass response in an
audible frequency range, e.g. from 20 Hz to 20 kHz, to push
quantization noise in the first digital microphone signal 111
from the audible frequency range to ultrasonic frequencies
above 20 KHz. Hence, the audible frequency components of
the microphone signal are represented in the first digital
microphone signal 111 with a high signal-to-noise ratio. The
second sigma-delta modulator 112 has a noise transfer func-
tion (NTF) with a frequency response with a magnitude mini-
mum placed at the ultrasonic frequencies. This NTF may
comprise a band-reject or band stop frequency response with
the magnitude minimum placed at a particular ultrasonic
frequency or frequency band where the ultrasonic frequency
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components emitted by the previously discussed ultrasonic
emitter are located. Hence, the second digital microphone
signal 112 represents the ultrasonic frequency components
with a high signal-to-noise ratio to improve the accuracy of
any subsequent signal processing thereof for example the
previously discussed triangulation methodology to detect the
pen position at the surface of the display. The noise transfer
function (NTF) of the second sigma-delta modulator 112 may
push the quantization noise to the audible frequency range
below 20 KHz and/or push the quantization noise to ultra-
sonic frequencies outside the above-mentioned ultrasonic
frequency or frequency band where the target ultrasonic fre-
quency components are located.

[0032] The signal coder or encoder 114 is configured to
process and encode and format the first and second digital
microphone signals 112, 114 to generate a serial digital audio
stream at a predetermined sample rate. The digital audio
stream is provided on the externally accessible terminal 115
of'the transducer amplification circuit 100. The skilled person
will understand that the serial digital audio stream may be
unformatted, e.g. a double-edge modulated PDM stream, or
the serial stream may be formatted in accordance with stan-
dardized data communication protocol or a standardized digi-
tal audio protocol. The standardized data communication pro-
tocol may be one of I°C, USB or SPI and the standardized
digital audio protocol may be one of IS, S/PDIF, AES/EBU,
SLIMbus™ etc. In yet another embodiment the digital audio
stream may be formatted according to a proprietary digital
audio protocol for example a serial protocol. The operation of
the signal coder or encoder 114 is explained in further detail
below with reference to the detailed block diagram of FIGS.
3.

[0033] Theupper graph 201 of FIG. 2 shows an exemplary
frequency spectrum at the output of first sigma-delta modu-
lator 110, i.e. the frequency spectrum of the first digital
microphone signal 111 when the microphone signal is a3 kHz
sine wave with a level of -3 dB relative to full scale input of
the first sigma-delta modulator 110. The pronounced high
pass character of the quantization noise spectrum is evident
throughout the audible frequency range from below 100 Hz to
20 kHz and above.

[0034] The lower graph 203 of FIG. 2 shows an exemplary
frequency spectrum 205 at the output of second sigma-delta
modulator 112, i.e. the frequency spectrum of the second
digital microphone signal 113 when the microphone signal
comprises an ultrasonic sine wave with a frequency of about
40kHz. The pronounced band stop or band reject response or
character of the quantization noise spectrum in the ultrasonic
frequency range is evident. The quantization noise spectrum
exhibits a minimum magnitude in a frequency band centred
around 40 KHz where the ultrasonic sine wave 204 is located.
[0035] FIG. 3 shows a schematic block diagram of an
exemplary signal encoder 114 for the transducer amplifica-
tion circuit of FIG. 1. The signal encoder 114 comprises a first
signal channel for processing of the first digital microphone
signal 111 which handles the audible frequency components
of the microphone signal. A second signal channel of the
signal encoder 114 is configured for processing of the second
digital microphone signal 113 which handles the ultrasonic
frequency components of the microphone signal. The first
signal channel comprises a decimator 306 which receives the
first digital microphone signal 111 at the oversampled rate
provided by the first sigma-delta modulator 110. The decima-
tor 306 preferably comprises a single stage or multi-stage
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decimator that reduces the sample rate of the first digital
microphone signal 111 with a predetermined factor such as a
factor between 16 and 128 depending on the actual sample
rate of the first digital microphone signal 111 and a desired
final sample rate for the outgoing digital audio stream at the
output terminal 115. The decimator 306 preferably comprises
a lowpass filter 308 which may be a separate device or inte-
grated with the decimator. The lowpass filter 308 may have a
suitable cut-of frequency to supress or attenuate the ultra-
sonic frequency competent of the first digital microphone
signal 111 for example located between 16 kHz and 20 kHz.
The final sample rate of the outgoing digital audio stream may
be standardized digital audio sample rate between 8 kHz and
96 kHz such as a standard sample rate of the I°S digital audio
interface. The encoder 312 comprises an I°S encoder in the
present embodiment. The encoder 312 accordingly formats
the decimated and lowpass filtered first digital microphone
signal 311 in accordance with the I?S protocol and adds the
formatted digital audio signal to a first channel of the I*S
formatted outgoing digital audio stream.

[0036] The second signal channel of the signal encoder 114
comprises a decimator 304 which receives the second digital
microphone signal 113 at the oversampled sampling rate pro-
vided by the second sigma-delta modulator 112. The sam-
pling frequency of the second sigma-delta modulator 112
may be identical to or differ from the sampling frequency of
the first sigma-delta modulator 112. The decimator 304 may
form part of the second sigma-delta modulator 112 and com-
prise a single stage or multi-stage decimator that reduces the
sample frequency of the second digital microphone signal
113 with a predetermined factor such as a factor between 16
and 128, depending on the actual sampling frequency of the
second digital microphone signal 111, to produce the deci-
mated second digital microphone signal 303. The sampling
frequency of the decimated second digital microphone signal
303 may be higher than the sampling frequency of the deci-
mated first digital microphone signal 311 because the former
digital microphone signal 303 is capable of representing the
ultrasonic frequency components of the microphone signal.
This ultrasonic frequency component may for example lie
between 20 kHz and 100 kHz for example at 40 kHz as
discussed above. The sampling frequency of the decimated
second digital microphone signal 303 may therefore lie at, or
preferably above, the Nyquist frequency of the ultrasonic
frequency component in question. Hence, the sampling fre-
quency of the decimated second digital microphone signal
303 may be set to e.g. 96 kHz if the ultrasonic frequency
component is at 40 kHz. The skilled person will understand
that the frequency content of the ultrasonic frequency com-
ponent may be impossible to reproduce in a digital audio
stream at any of the previously discussed relatively low stan-
dard sampling frequencies of the IS protocol like 32, 44.1 or
48 kHz.

[0037] This problem has been addressed and solved in the
present embodiment of the signal encoder 114 by a digital
down-converter (DDC) 305. The DCC 305 multiplies the
intermediate digital microphone signal 303 with a square
wave 307 having a predetermined carrier frequency/sequence
frequency to transpose or down-shift the ultrasonic frequency
components to the audible frequency range in intermediate
digital transducer signal 309 produced at the output of DCC
305. Hence, allowing the ultrasonic frequency component to
be accurately represented in the second channel of the I*S
formatted outgoing digital audio stream on terminal 115
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despite its low standard audio sampling rate of e.g. 44. 1 KHz.
In one exemplary embodiment, the ultrasonic frequency com-
ponent may be situated at 40 kHz and the carrier frequency at
50 KHz such that the ultrasonic frequency component is
transposed to the 10 kHz difference frequency in the interme-
diate digital transducer signal 309. In some embodiments, the
carrier frequency is placed at one-half of the sampling fre-
quency of the intermediate digital microphone signal 303,
e.g. 48 kHz in present embodiment. In addition to the desired
difference frequency component at 10 kHz (for a 50 kHz
carrier frequency), the intermediate digital transducer signal
309 comprises numerous unwanted ultrasonic frequency
components situated at various sum frequencies of the 40 kHz
ultrasonic frequency component and the 50 KHz carrier fre-
quency. However, these unwanted ultrasonic frequency com-
ponents are attenuated by passing the intermediate digital
transducer signal 309 through a combined lowpass filter and
decimator 310 to produce the second digital microphone sig-
nal 313 at a sampling frequency compatible with the selected
IS sampling frequency of the encoder 312. The cut-off fre-
quency of the lowpass filter and decimator 310 may for
example be set to about 20 kHz. Hence, the second digital
microphone signal 313 has been decimated and lowpass fil-
tered such that the ultrasonic frequency components of the
microphone signal are accurately represented at the selected
standard sampling frequency of the I°S protocol like 32, 44.1
or 48 kHz. The second digital microphone signal 313 is there-
fore applied to the second input of the I°S encoder 312.
Finally, the I*S encoder 312 formats the decimated and down
converted second digital microphone signal 313 in accor-
dance with the IS protocol and adds this formatted digital
audio signal to a second and vacant channel of the I*S for-
matted outgoing digital audio stream.

1-19. (canceled)

20. A circuit system, comprising:

an amplifier, and a pair of sigma delta analog to digital

converters (XA ADCs) to generate a digitized amplifier
signal, each having an input coupled to an output of the
amplifier, each characterized by a quantization noise
characteristic, wherein a quantization noise generated
by the first XA ADC occurs in a first frequency band and
a quantization noise generated by the second ZA ADC
occurs in a second frequency band different from the
first.

21. The system of claim 20, wherein the quantization noise
of the first 2A ADC occurs in an ultrasonic frequency range
and the quantization noise of the second XA ADC occurs in an
audible frequency range.

22. The system of claim 21, wherein the first ZA ADC has
anoise transfer function (NTF) with a high pass response in at
least a portion of an audible frequency range.

23. The system of claim 21, wherein the first ZA ADC has
a signal transfer function (STF) with substantially constant
magnitude across the audible frequency range.

24. The of claim 20, wherein the second A ADC has a
noise transfer function (NTF) with a minimum in at the ultra-
sonic frequency range.

25. The system of claim 20, wherein the amplifier consists
of'a firstamplifier having an output coupled to the input of the
first XA ADC, and a second amplifier coupled to the input of
the second 2A ADC.

26. The system of claim 20, wherein the second noise
transfer function has a band-reject response with a magnitude
minimum placed between 20 kHz and 200 kHz.
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27. The system of claim 26, wherein the second ZA ADC
has a signal transfer function (STF) with a bandpass response
having unity magnitude at the magnitude minimum of the
band-reject response.

28. The system of claim 20, wherein each of the first and
second 2A ADC comprises a one-bit quantizer.

29. The system of claim 20, further comprising a signal
coder having inputs coupled to outputs of the first and second
ZA ADC.

30. The system of claim 29, wherein the signal coder is a
pulse density modulator whose output encodes an output by
the first 2A ADC on a first edge of the modulator output and
an output by the second XA ADC on a second edge of the
modulator output.

31. The system of claim 29, wherein the signal coder com-
prises a frequency transposing circuit to ultrasonic frequency
content of an output of the second XA ADC to an audible
frequency range.

32. The system of claim 20, further comprising a micro-
phone having an output coupled to an input of the amplifier.

33. A circuit system, comprising:

an amplifier system having a pair of amplifiers, each

coupled to a common input, and

a pair of sigma delta analog to digital converters (ZA

ADCs), a first ZA ADC having an input coupled to an
output of the first amplifier and a second ZA ADC having
an input coupled to an output of the second amplifier,
each ZA ADC characterized by a quantization noise
characteristic, wherein a quantization noise generated
by the first XA ADC occurs in a first frequency band and
a quantization noise generated by the second XA ADC
occurs in a second frequency band different from the
first.

34. The system of claim 33, wherein the quantization noise
of the first XA ADC occurs in an ultrasonic frequency range
and the quantization noise of the second A ADC occurs in an
audible frequency range.

35. The system of claim 33, wherein each of the first and
second 2A ADC comprises a one-bit quantizer.

36. The system of claim 33, further comprising a signal
coder having inputs coupled to outputs of the first and second
ZA ADC.
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37. The system of claim 36, wherein the signal coder is a
pulse density modulator whose output encodes an output by
the first 2A ADC on a first edge of the modulator output and
an output by the second XA ADC on a second edge of the
modulator output.

38. The system of claim 36, wherein the signal coder com-
prises a frequency transposing circuit to ultrasonic frequency
content of an output of the second ZA ADC to an audible
frequency range.

39. A method comprising:

amplifying a received transducer signal, and

quantizing, using a pair of XA ADCs, the amplified trans-

ducer signal to generate respective quantized transducer
signals, wherein a quantization noise of the first XA ADC
occurs in a first frequency band and a quantization noise
of the second ZA ADC occurs in a second frequency
band different from the first.

40. The method of claim 39, further comprising coding the
quantized transducer signals output from the ZA ADCs as a
single data stream.

41. The method of claim 40, wherein the coding is pulse
density modulation.

42. The method of claim 41, wherein an output of the first
2ZAADC is coded on a first type of edge of the data stream and
an output of the second 2A ADC is coded on an opposite type
of edge of the data stream.

43. The method of claim 40, wherein

the transducer signal is a microphone signal,

the quantization noise of the first ZA ADC occurs in an

ultrasonic frequency range and the quantization noise of
the second 2A ADC occurs in an audible frequency
range, and the coding comprises shifting ultrasonic fre-
quency components of output from the second ZA ADC
to the audible frequency range.

44. The method of claim 40, further comprising:

capturing the transducer signal by a transducer,

wherein the first frequency band is a frequency range cor-

responding to a capture frequency of the transducer and
the second frequency band is a frequency range outside
the capture frequency of the transducer.

#* * #* * #*
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