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is less sophisticated than in con-10 ventionalFIRDACs known from the prior art, which are based on a weighted current approach.
Furthermore, the present invention proposes a semi-digital circuit implemen- tation which enables the use of low-voltage transistors
in an adjustable-resistor array type FIRDAC whose supply voltage (V DD) is allowed to exceed the breakdown voltage ofintegrated
low-voltage transistors which are used for switching said ohmic resistors (R FIR 1, R FIR 2,, R FIR k,, R FIR N), which will result
in a smaller chip size. Another aspect ofthe present invention is directed to the circuit design of aFIRDAC which employs an
arrayofdummy resistors (R D 1, R D 2,, R D k,, R D N) whose resistance values are chosen such that the FIRDAC circuit s supply
current is independent of the digital data stream (x[n]) to be converted to the analog domain. In this way, the analog output voltage
(V out) ofthe FIRDAC circuit is less sensitive to a varying series impedance in its supply leads.
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Adjustable-Resistor Array Type Circuit of a Semi-Digital Ratiometric Finite Impulse
Response Digital-to-Analog Converter (FIRDAC)

FIELD OF THE INVENTION

The present invention refers to an adjustable-resistor array type circuit of
a semi-digital ratiometric finite impulse response digital-to-analog converter (FIRDAC).
The proposed FIRDAC provides an output voltage having an accurate and linear rela-
tion to the circuit’s supply voltage. This is accomplished by using a linear adaptive fi-
nite impulse response (FIR) filter whose weighting coefficients are implemented by
means of an array of adjustable ohmic resistors. The accuracy of conversion can easily
be enhanced by additionally applying dynamic element matching techniques. This is
less complicated than in conventional FIRDACs known from the prior art, which are
based on a weighted current approach. Furthermore, the present invention proposes a
semi-digital circuit implementation which enables the use of low-voltage transistors in
an adjustable-resistor array type FIRDAC whose supply voltage is allowed to exceed
the breakdown voltage of integrated low-voltage transistors which are used for switch-
ing said ohmic resistors, which will result in a smaller chip size. Another aspect of the
present invention is directed to the circuit design of a FIRDAC which employs an array
of dummy resistors whose resistance values are chosen such that the FIRDAC circuit’s
supply current is independent of the digital data stream to be converted to the analog
domain. In this way, the analog output voltage of the FIRDAC circuit is less sensitive to

a varying series impedance in its supply leads.

BACKGROUND OF THE INVENTION

Converting digital signals to analog signals and vice versa is an impor-
tant task in electronic signal processing. Digital-to-analog conversion thereby stands for
a process in which digital words are applied to the input port of a digital-to-analog con-
verter (DAC), the latter being required for scaling a given reference voltage Vzgr in
such a way that the obtained result yields an analog output voltage V,,, which consti-
tutes an analog representation of the respective digital word. To be more precise, an M-

bit digital word D is mapped to an analog output voltage V.., where V,,, is given by a
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real-valued proper fraction K of a reference voltage Vzzr as indicated by the equation

e

i = K Ve [V] (with 0 < x <1) and K is defined by the input word D. The num-
ber of input combinations represented by the input word D is thus given by 2". From
equation (1a) it follows that the maximum value of a DAC’s output voltage V5, is lim-

5  ited by the value of reference voltage Vzgr. For an M-bit input word D, fraction K can be

determined by calculating
K = —. (la)
10 For a given reference voltage Vzgr and said M-bit word D, wherein D can be written as
M-1
D =Y b, 2" (lb)
m =0

with M being the total number of bits of this digital word D and b,, (with b,, € {0, 1})
15  being its m-th binary coefficient of digital word D, analog output voltage V,,, can be

expressed as

=K D -V, [V] with K :=LM. (1c, d)
(— 2

=x

v

out

20 By combining equations (1b) and (1c¢), analog output voltage V., is thus given as
M-1
Vout o< VREF ’ Z bm ’ 2’” . (le)
m=0

D/A converters typically operate by a resistor, capacitor divider, or current steering
25  method to convert digital-to-analog signals or, operate using a sigma-delta conversion

method. The basic architecture of a DAC comprises a voltage reference, which can be
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supplied externally, binary switches, a scaling network, and an output amplifier. The
voltage reference, binary switches, and scaling network convert the digital word as ei-
ther a voltage or current signal, and the output amplifier converts this signal to a voltage
signal that can be sampled without affecting the value of conversion. Sigma-delta D/A
converters are often preferred because of their inherent feasibility to be manufactured as

integrated circuits in standard digital integrated circuit processes.

Many D/A converters utilize oversampled digital data output from an in-
terpolation circuit, which is then converted by DAC circuitry into an analog output.
Sigma-delta D/A converters inherently introduce noise outside the passband of the D/A
converter circuit. To alleviate this out-of-band noise, various filtering techniques are
employed.

Oversampled D/A converters generally include the following signal
processing blocks: (1) an interpolator filter, or series of filters, which raises the sample
rate of the incoming digital signal to a higher sample rate, (2) a digital sigma-delta proc-
essor (or noise shaper) which lowers the number of bits representing the signal by shap-
ing the quantization noise in a way that places most of it at higher frequencies, (3) a
D/A converter which converts the output of the noise shaper into an analog signal, and
(4) an analog low pass filter which removes, or substantially lowers, the noise that was

placed at higher frequencies by the noise shaper.

In all sigma-delta D/A converters, there exists a need to filter the high
frequency noise inherent to this method of conversion. Digital noise shaper typically
provide a one-bit digital output signal which is converted to an analog signal by using
switched capacitor techniques or switched current source techniques. Once this conver-
sion is made, filtering of the high frequency noise is then accomplished through a vari-
ety of means. Over the past two decades, sigma-delta analog-to-digital converters
(ADC) and digital-to-analog converters (DAC) have become widely available, such as
e.g. for low-frequency applications such as high-fidelity audio.

For implementing such a filtering procedure as a non-recursive filter

(which means as a finite impulse response filter, FIR), said filter being post-connected
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to a sigma-delta D/A converter as described above and realized by a semi-digital circuit
implementation, a tapped delay line or shift register as described in US 5,995,030 may
be used. Thereby, weighted and time-delayed versions of a digital input stream are
summed together, thus yielding an analog output voltage which represents said digital
input stream. Thereby, an array of current sources may be employed for providing a
number of output currents that represent the filter coefficients of the FIR filter which are
to be multiplied with the time-delayed versions of the digital input stream at the taps of
shift register. As disclosed in US 5,995,030, the output currents of each current source
may be adjustable such that a desired FIR filter response can be achieved. These output
currents are then provided, or steered, to a current summing node or to an alternative
current summing node, depending on the logic state of the control bit at the delay line
tap associated with each current source. The currents at one or both of the current sum-
ming nodes are then converted to a voltage by using standard current-to-voltage conver-
sion techniques. Additional filtering may then be employed to remove high-frequency
noise.

Alternatively, FIR coefficients may be represented as charges which are
stored on a plurality of capacitors. The charge on each capacitor can then be summed by
employing a switched capacitor summing amplifier. Once again, additional filtering

may be employed to remove any extremely high frequency noise.

In another semi-digital filtering scheme known from the prior art, the
FIR coefficients may be represented as currents flowing through an array of ohmic re-
sistors. Thereby, each resistor is selectively connected to a voltage reference depending
on the state of the individual control bit from the delay line tap associated with each
individual resistor. The current is then summed and converted to a voltage by means of
a feedback resistor in the feedback line of a negative-feedback operational amplifier. As
discussed in the previous sections, additional filtering may be employed to remove
high-frequency noise.

Current steering semi-digital FIR filters utilize current paths having lin-
ear resistors, or resistive elements such as FETs or CMOS transmission gates biased in

the linear region. This results in relatively low output impedance of a FIR filter’s resis-
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tive elements. Any offset on inputs to an operational amplifier connected to the current
paths in the prior filter circuits may cause an error term. Since the current through each
path depends on the resistance of the resistive element in each path, the state of the
switches and the operational amplifier offset, the filter coefficients of the FIR filter, as
determined by the current in each path, may be given by a function of the operational

amplifier offset.

In US 5,323,157 A, a sigma-delta digital-to-analog converter is described
that receives oversampled input data representative of an analog signal, wherein said
data may optionally be interpolated to a higher rate by means of an interpolator. A
noise-shaping sigma-delta modulator connected to the output port of the interpolator
provides an output signal which is fed to a linear adaptive finite impulse response (FIR)
filter having a frequency response characteristic that reduces shaped noise having a ten-
dency to inter-modulate back into the DAC’s passband as well as aliased components.
The filter thereby uses a series of flip-flops functioning as delay elements with well-
controlled timing edges. The time-delayed output signals of these concatenated flip-
flops are used for controlling a set of current sources whose DC output currents are
weighted corresponding to the linear adaptive finite impulse response filter’s coeffi-
cients. The weighted DC currents supplied by these current sources are then summed

and transformed into an analog output voltage.

SUMMARY OF THE INVENTION

Aside from depending on the FIRDAC’s digital input stream x[#z], in
some applications it is also required that the analog output voltage V,, of a FIRDAC is
given by a linear ratio of its supply voltage Vpp. This property is often described as the
output voltage V,,, being ratiometric to the supply voltage. In a switched current source
type FIRDAC implementation as known from the prior art where the filter coefficients
{ar | k€ {0, 1,2, ..., N} of the FIRDAC’s integrated finite impulse response filter are
generated by adjustable DC output currents of a set of switchable current sources,
wherein said output currents are summed at the inverting input of an output-sided in-

verting operational amplifier circuit and converted to an analog output voltage Vo,
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through a conversion resistor Ry (see Fig. 4), this requirement could be fulfilled if the
sum of output currents Ip;, Ip, ..., Ipy and Iy;, Ino, ..., Iny of all current sources is made
proportional to the FIRDAC’s supply voltage ¥pp. This could be achieved by using an
additional voltage-to-current converter, which converts supply voltage Vpp into a refer-
ence current Izgr. The current sources in the filter taps then should become scaled cop-
ies of the reference current. A disadvantage of this approach is that the accuracy of the
supply-voltage-to-output-voltage conversion is limited by the matching of the current
sources and by the matching of the voltage-to-reference-current converter and the cur-
rents-to-voltage converter at the output. To overcome these matching limits, dynamic
element matching techniques are often applied. In a FIRDAC implementation which is
based on using switchable current sources, however, it is not trivial to implement such a

dynamic element matching strategy.

An exemplary embodiment of the present invention is therefore directed
to a semi-digital FIRDAC implementation where the filter coefficients are implemented
by adjustable ohmic resistors instead of switchable current sources with adjustable out-
put currents. The FIRDAC’s output voltage can thus be made ratiometric to its supply
voltage. When using ohmic resistors as filter coefficients, the accuracy of conversion
from supply voltage to output voltage depends on less variables than in a switched cur-
rent source type FIRDAC. Moreover, in a FIRDAC with adjustable ohmic resistors real-
izing said filter coefficients it is easier to apply dynamic element matching techniques to

increase accuracy.

To be less susceptible to a varying series impedance in the supply leads,
it is desired to have a signal-independent supply current. This may be realized by im-
plementing an array of dummy resistors, whose resistance values are respectively equal
to the resistance value of a corresponding one of filter resistors, and by driving these
resistors by the bit-inverse signal. This leads to the advantage that the circuit is less sus-

ceptible to a varying series impedance in its supply leads.
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In modern CMOS processes, transistors with different voltage handling
capability can be distinguished. Typically, low-voltage transistors consume less chip
arca than their high-voltage counterparts. A problem of the ratiometric DAC according
to the above-described embodiment is the fact that the FIRDAC’s supply voltage is of-
ten much higher than the voltage tolerated by low-voltage transistors. This would imply
that an inverter stage, which has to be used at every tap of the FIR filter, would have to
be realized by means of high-voltage transistors, which consequently results in a large

1C size.

Using adjustable ohmic resistors whose resistance values constitute the
filter coefficients of the FIRDAC also leads to the advantage that is possible to avoid
using high-voltage transistors in the numerous taps of the FIR filter, which hence results

in a FIRDAC with a reduced chip area size.

To be more precise, the present invention is thus dedicated to a semi-
digital finite impulse response digital-to-analog converter (FIRDAC) circuit which
comprises a linear adaptive finite impulse response (FIR) filter including a shift register,
said shift register being realized as a tapped delay line with an input port and a plurality
of output taps, wherein said input port is supplied with a one-bit digital input stream and
cach output tap provides a time-delayed version of the one-bit digital input stream, and
an output-sided operational amplifier stage comprising at least one operational amplifier
in a negative-feedback configuration which provides at its output port an analog voltage
representing the digital input stream. In addition to that, said semi-digital finite impulse
response digital-to-analog converter circuit further comprises an array of selectively
adjustable ohmic filter resistors, each filter resistor being respectively connected to a
distinct output tap of the finite impulse response filter’s shift register, wherein the resis-
tance values of these ohmic filter resistors constitute and are being used as a set of filter
coefficients for weighting a corresponding one of the digital input stream stream’s time-

delayed versions at the shift register’s output taps having the same tap index.
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The resistance values of the adjustable ohmic filter resistors may adap-
tively be set such that the resulting analog output voltage representing an analog equiva-
lent of the digital input stream is made ratiometric to the FIRDAC circuit’s supply volt-

age.

A further exemplary embodiment of the present invention is directed to a
semi-digital FIRDAC implementation where the complete finite impulse response filter
is modeled by just one switchable ohmic resistor whose resistance value can be ad-
justed. To be more precise, the FIRDAC’s linear adaptive finite impulse response filter
may be realized as a single adjustable ohmic resistor serially connected to a switch
which is pulsed with the clock signal of the digital input stream, wherein said switch is
closed for bits of the one-bit digital input stream carrying a logical one and open for bits

of the one-bit digital input stream carrying a logical zero, or vice versa.

The herewith proposed FIRDAC circuit may also comprise an array of
ohmic dummy resistors, wherein each dummy resistor is serially connected to a distinct
one of the shift register’s output taps and to the output-sided operational amplifier stage.
The dummy resistor at each tap may thereby have a similar or the same resistance value
as the corresponding filter resistor having the same tap index. Moreover, the dummy
resistor at each tap may be driven by the bit-inverse of the corresponding one-bit digital
input stream’s time-delayed version which is weighted by the resistance value of the

filter resistor having the same tap index.

According to a further exemplary embodiment of the present invention,
said one-bit digital input stream may be output from an oversampled sigma-delta con-

verter circuit.

The output-sided operational amplifier stage of the proposed FIRDAC
circuit may be realized by a differential current-to-voltage conversion circuit, wherein
the latter may e.g. comprise a first operational amplifier circuit with a first operational

amplifier a negative feedback configuration having an input port connected to a non-
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inverted current output path beginning from a first current summing node to which the
filter resistors of cach shift register tap are connected and a second operational amplifier
circuit with a second operational amplifier in a negative feedback configuration having
an input port connected to an inverted current path beginning from a second current
summing node to which the dummy resistors of each shift register tap are connected.
The voltage output of said first and said second operational amplifier circuits may
thereby be given by a differential analog output voltage. Furthermore, a conversion
means for converting said differential analog output voltage to a single-ended voltage

may be provided.

BRIEF DESCRIPTION OF THE DRAWINGS
Advantageous features, aspects, and advantages of the invention will be-
come evident from the following description, the appended claims and the accompany-

ing drawings. Thereby,

Fig. la shows the block diagrams of a conventional first-order sigma-delta modulator
(SDM) supplied with an analog input signal x(¢) which provides a digital out-

put signal y[#] in form of a sequence of impulses,

Fig. 1b shows the digital counterpart of this circuit,

Fig.2  illustrates in a partial block diagram and a partial logic diagram form a con-
ventional finite impulse response digital-to-analog converter (FIRDAC) cir-

cuit as known from the prior art,

Fig.3  illustrates in a partial block diagram and a partial logic diagram form an im-
plementation of the finite impulse response filter from the FIRDAC circuit as

depicted in Fig. 2,

Fig. 4  shows a semi-digital finite impulse response digital-to-analog converter circuit

whose filter coefficients are provided by switchable current sources with ad-
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justable DC output currents,

Fig. 5 shows a FIRDAC with filter coefficients provided by adjustable ohmic resis-

tors according to an exemplary embodiment of the present invention, and

Fig. 6 shows an inverting operational amplifier stage with an input-sided voltage
divider which, according to another exemplary embodiment of the present
invention, comprises a switchable resistor for modeling the FIRDAC circuit’s
finite impulse response filter, which enables the use of low-voltage transistors

at every tap of the FIRDAC’s integrated finite impulse response filter, and

Fig. 7  a finite impulse response digital-to-analog converter (FIRDAC) circuit accord-

ing to an exemplary embodiment of the present invention.

DETAILED DESCRIPTION OF THE PRESENT INVENTION

In the following, the above-described semi-digital finite impulse re-
sponse digital-to-analog converter circuit will be explained in more detail with respect
to special refinements and referring to the accompanying drawings and in comparison
the prior art. It should be understood, however, that the drawings and detailed descrip-
tion thereto are not intended to limit the invention to the particular form disclosed, but,
on the contrary, the intention is to cover all modifications, equivalents and alternatives
falling within the spirit and scope of the present invention as defined by the appended

claims.

Fig. la shows a block diagram of a first-order sigma-delta modulator
(SDM) as known from the prior art which is supplied with an analog input signal x(¢)
and provides a digital output signal y[#] in form of a sequence of impulses. The SDM
circuit comprises an analog integrator 2 and a one-bit quantizer 3 in a feed-forward line
and a one-bit digital-to-analog converter 4 (DAC) in a feedback line as well as a sum-
mation element 1 for additively combining analog input signal x(¢) with a digital-to-

analog converted and inverted version of digital output signal y[n]. Fig. 1b shows the
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digital counterpart of this circuit, wherein analog integrator 2 is realized by a digital
representation whose transfer function is given by the numerator z” in the transfer func-
tion of loop filter 6 and one-bit quantizer 3 is modeled as an additive white Gaussian
noise source providing a noise signal e[#] which is additively combined with the output
of said loop filter at summation element 7. An impulse is generated, in time with the
clock, whenever the integrated difference between the input and the output is positive.
This way the circuit regulates the rate at which impulses occur attempting to keep the
average output equal to the average input. Zero input corresponds to no output impulses
while maximum input corresponds to impulses generated at the clock rate. The output
of the SDM is restricted to only two levels, thus forming a serial binary output code (a
one-bit quantizer has two output levels, A2and A2, with A = 27 being the quantizer’s
step size and M (with M = 1) being the number of binary digits used to represent two

quantized amplitude levels).

By using negative feedback, the converter outputs a binary 1 if the input
waveform accumulated over one sampling period 7 rises above the value accumulated
in the negative feedback loop during previous input samples. If the waveform falls be-
low the accumulated value, the converter outputs a binary zero, and otherwise a binary
one. Sigma-delta modulators use oversampling and noise shaping (quantization) tech-
niques. Oversampling offers two important advantages: the specification of an anti-
aliasing filter is reduced from the Nyquist specification, and the M bits resolution ob-
tained from the ADC can be increased to M=+1 bits by oversampling the signal by a fac-
tor of four. Noise shaping is a technique in which the feedback architecture of a sigma-
delta converter allows the analog input signal of interest to pass unfiltered through the
converter, while the quantization noise power is shifted to higher frequencies. Hence, if
the quantization noise is high-pass filtered, the baseband signal of interest can be ex-
tracted by digital low-pass filtering. Consequently, sigma-delta modulation demands a
considerable increase in digital processing compared to traditional methods such as
pulse code modulation. However, in many applications, the advantages for sigma-delta
modulation over other methods far outweigh the disadvantages. One significant advan-

tage of sigma-delta modulation is that analog signals are converted using only a one-bit
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analog-to-digital converter and analog signal processing circuits having a precision that
is usually much less than the resolution of the overall converter. Furthermore, the cir-
cuitry of a sigma-delta analog-to-digital converter only requires analog components of a
comparator and an integrating component, making digital signal processor chip devices
less costly. For analysis, the one-bit quantizer of the sigma-delta modulator is replaced
by an additive white Gaussian noise source as shown in Fig. 1b, although, in practice,
the quantizer may be nonlinear and quantization noise e[#] may be not white. Following

the model of Fig. 1b, the modulator output y[#] is given by:

Wn] = x[n=1]+¢en]—dn—-1] [NW] Vrne N. (2)

Using the z-transform, its equivalent frequency domain representation is

given by:

Y@ = 200l = Y, vlal-e

= X(2) z'+E@Z) - 0-z") [NW] Y[denR ()
with

X(z) = Z{x[n]} = i x[n]-z7 [W\W ] V |z € Jr,R[ and (4a)

E@) = Z{enly = Y, elnl-z" [VW] Ve IRl (4b)

n=20

being the frequency-domain representations of x[#] and e[#], respectively, and » and R
being the inner and outer convergence radius of a ring-shaped convergence area

r <lz] <R, respectively. As can be taken from equation (3) and the transfer function of
loop filter 6 in Fig. 1b, the signal transfer function (STF) and noise transfer function
(NTF) are respectively given by
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H_(z) =z and (5a)

H,(z) =1-z". (5b)

From equations (2) and (3), it can easily be seen that the output of sigma-
delta modulator 1b (which may also be referred to as “noise shaper”) is a delayed input
signal plus a high-pass shaped quantization noise. Since noise transfer function H.(z)
contains a zero at z = 1 and thus at DC frequency, H.(z) provides zero gain or infinite

attenuation at DC frequency.

The finite impulse response principle for a digital-to-analog converter is
known per se, and described for instance in US 5,323,157 as well as in the article ,,A
CMOS Oversampling D/A Converter with a Current Mode Semidigital Reconstruction
Filter (IEEE J. Solid-State Circuits, Vol. 28, pp. 1224-1233, Dec. 1993) by D. Su and
B. Wooley. Generally speaking, a FIRDAC is a one-bit digital-to-analog converter
which is implemented together with a reconstruction filter in one combination, the latter
being required to filter out quantization noise. Such a FIRDAC thereby comprises a
shift register (realized as a tapped delay line) with a large number of stages, typically
more than hundred stages and receives a bitstream input signal of one bit (i.e. a serial
data stream with one-bit amplitude resolution). Each of the shift register stages switches
a dedicated current source on or off. The DC currents thus generated by all of the shift
register stages are added to generate a DC output current of the FIRDAC. Usually, the
DC output current is applied to a current-to-voltage converter to generate an analog
FIRDAC output voltage. Each stage of the FIRDAC hence produces a DC output cur-
rent contributing to the overall output current of the FIRDAC. However, the stages of
the FIRDAC do not all contribute in the same extent. In order to obtain a desired filter
characteristic, each stage of the FIRDAC has an associated weighting coefficient, which

is constituted by the magnitude of the DC output current of the current source.

In such a FIRDAC, a digital input stream x[#] is fed to a shift register
and traverses through this shift register at each clock cycle. In a semi-digital FIRDAC
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implementation, the shift register is typically implemented as a digital tapped delay line,
while the filter coefficients are analog. Each intermediate node of the shift register is
supplied with a filter coefficient a; (with k € {0, 1, 2, ..., N}) whose value can be set by
adjusting the DC output current of the corresponding current source at the respective
intermediate node. By these filter coefficients, the transfer function H(z) of the FIR-

DAC’s finite impulse response filter is realized. Using Dirac’s delta function

§(t) =

0 for t#0
{ o with  (6a)

o for =0

Ts (¢)dt =1 (6b)

and the two z correspondences

Z{8[n]} =1 and (7a)
Z{8[n-kl} =z Vke N, (7b)

this transfer function can be obtained by applying a one-sided z transform to the output

signal’s impulse response

y[n] = x[n]* Hn]

—anl* Y a8 li-kl= Y a-xli-k] [NW] (ne Ny (®)

which is obtained at the summing node of the FIR filter’s output port, where operator
“** denotes the convolution operation, and solving the hereby obtained z-domain equa-

tion, given in the form Y(z) = H(z) - X(z), for transfer function H(z):
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— 15 —
N N-1
Y(Z) N Z ak’ZN_k H (Z_Zc,k)
H(z) = =Zak 7 =g, + 2 — = a, +a, -+ 9)

Thereby, H(z) is defined for |z| € Jr, R[ with  and R again being the in-
ner and outer convergence radius of a ring-shaped convergence area r < |z] < R, respec-

5  tively. In equation (9),

X(z) = z{x[n]} = i x[n)- 27 [NW ] Y|d € 1 R[ and (10a)

Y(z) = z{ylnl}= Y »lnlz7 [NW1 Ve InRI (10b)

=0

10 denote the z transforms of digital input stream x[#] and obtained output signal y[#n], re-

ey

ey

= z.1) represent an N-fold pole at position z = 0 of said transfer function H(z).

15 In a typical application situation, the FIRDAC is used in a signal-
processing path of a mobile telephone for providing an analog audio signal to a speaker
or earphone. The FIRDAC typically receives its input bitstream signal from a noise
shaper, which increases the signal-to-noise ratio of the FIRDAC by shifting quantisation
noise from the voice band to higher frequencies. Due to spurious influences, noise shap-

20  ers have a tendency of repeating certain patterns, leading to small audible tones, called
»idle tones®. In order to prevent said idle tones from being audible, it is known per se to
digitally offset the noise shaper with a fixed amount, called ,,DC dither*, resulting in the

idle tones being pushed to a high frequency above an audible level.
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Fig. 2 illustrates in partial block diagram and partial logic diagram of a
digital-to-analog converter 10 (DAC) as known from US 5,323,157 A, which is here-
with incorporated by reference. DAC 10 is based on CMOS technology and comprises
an interpolator 11, a sigma-delta modulator 12, and a digital finite impulse response
(FIR) filter 13. Interpolator 11 has an input terminal for receiving digital input data, a
first clock input terminal for receiving a clock signal labelled ,,DCLK®, a second clock
input terminal for receiving a clock signal labelled ,, MCLK", and an output terminal for
providing an N-bit output signal. Interpolator 11 receives digital input data at a first
sampling rate (the frequency of DCLK), and provides the N-bit output code at the out-
put thereof at a second, higher sampling rate (the frequency of MCLK) by performing
an interpolation between the samples. Thereby, said digital input data may be provided

in an oversampled form.

Sigma-delta modulator 12 has an input terminal connected to the output
terminal of interpolator 11, a clock input terminal for receiving signal MCLK, and an
output terminal for providing output signal AOUT. Sigma-delta modulator 12 shapes
the quantization noise in AOUT out-of-band, and thus AOUT is a substantially linear

analog representation of the digital input data within the passband.

FIR filter 13 has an input terminal connected to the output terminal of
sigma-delta modulator 12, and an output terminal for providing an analog output volt-
age Vour. FIR filter 13 is single-bit, N-stage digital filter which eliminates the need for a
complex analog smoothing filter at the output of sigma-delta modulator 12. In addition,
FIR filter 13 reduces the requirements placed on interpolator 11 compared to interpola-
tor 23. The filter function and number of tap lengths can be chosen in a way that is op-

timal for the particular application.

As shown functionally in Fig. 2, FIR filter 13 includes N delay elements
cach with corresponding amplifier weightings, of which representative delay elements
16-1, 16-2, and 16-N, and representative weighting amplifiers 14-1, 14-2, ..., 14-N are

illustrated in Fig. 2. Each delay element has an input terminal connected to a previous
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delay element, if any, and an output terminal. Amplifiers 14-1, 14-2, .., 14-N have in-
puts connected to outputs of corresponding delay elements 16-1, 16-2, ..., 16-N, outputs
connected to corresponding positive inputs of a summing device 15, and multiply the
inputs thereof to implement FIR filter coefficients a1, ay, ..., an, respectively, associated
therewith. Summing device 15 sums the outputs of all the amplifiers and has an output

terminal for providing output signal Vo7 thereon.

The actual implementation of filter 13 is better understood with reference
to Fig. 3, which illustrates in partial block diagram and partial logic diagram form an
implementation 20 of FIR filter 13 of Fig. 2. FIR filter 20 implements an N-tap FIR
filter using N D-type flip-flops (corresponding to the delay elements) and N controlled
current sources (corresponding to coefficient weightings). The outputs of the current
sources are connected together and to the input of a summing device 30. Fig. 3 illus-
trates representative portions of FIR filter 20 including D-type flip-flops 21-1, 21-2, and
21-N, and controlled current sources 22-1, 22-2, and 22-N. Flip-flop 21-1 has a D input
connected to the output of sigma-delta modulator 12, a clock input for receiving a signal
labelled ,,2MCLK", a Q output for providing a true output signal, and a 6 output for
providing a complementary output signal. 2MCLK is a digital clock signal having fre-
quency twice that of modulator clock MCLK. Flip-flop 21-2 has a D input connected to
the Q output of flip-flop 21-1, a CLK input for receiving 2MCLK, a Q output provided
to a subsequent flip-flop (not shown), and a Q output for providing a complementary
output signal. Flip-flop 21-N has a D input connected to the Q output of a preceding
flip-flop (not shown), a CLK input for receiving 2MCLK, an unused Q output, and a Q
output.

Controlled current source 22-1 has a first terminal connected to a com-
mon node 23, a second terminal connected to a power supply voltage terminal labelled
. Vss', and an active-low control terminal connected to the 6 output terminal of flip-
flop 21-1. Vs is a negative power supply voltage terminal having a nominal value of
approximately zero volts. Controlled current source 22-2 has a first terminal connected

to node 23, a second terminal connected to Vss, and an active-low control terminal con-
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nected to the Q output terminal of flip-flop 21-2. Controlled current source 22-N has a
first terminal connected to node 23, a second terminal connected to Vs, and an active-

low control terminal connected to the 6 output terminal of flip-flop 21-N.

Each controlled current source implements a coefficient weighting by

conducting a current equal to the associated coefficient times a reference current, which
is conducted in response to the Q output of the corresponding flip-flop. Representative

weightings a1 Irer, ar Iger, ..., an Irer corresponding to current sources 22-1, 22-2, and
22-N, respectively, are illustrated in Fig. 2. Since the FIR filter function is performed
only on a single-bit binary data stream, the controlled current sources are able to multi-
ply the data value and the coefficient by either conducting the weighted current (Q = 1)
or conducting no current (Q = 0). FIR filter 20 uses a symmetrical, raised cosine (Ham-
ming window) weighting because such a weighting gives better alias protection and
requires a smaller range for the coefficients compared to other weightings. However,
other filter responses may be desirable for particular applications. Negative coefficients

are also possible by utilizing the true (Q) flip-flop outputs instead of the complementary
(6) outputs to switch the current sources. For a minimum effect of processing varia-

tions on current size, it is preferred when using symmetrical coefficient weightings
(such as a Hamming window) to lay out current sources having the same size coeffi-
cients adjacent to one another. It should be noted that in other embodiments resistor or

capacitor coefficient weightings may be used.

Summing device 30 includes an operational amplifier 31, a capacitor 32,
and ohmic resistors 33, 34 and 35. Operational amplifier 31 has a positive input termi-
nal connected to the first terminals of each current source, a negative input terminal, and
an output terminal for providing signal V. Capacitor 32 has a first terminal connected
to the output terminal of operational amplifier 31, and a second terminal connected to
the positive input terminal of operational amplifier 31. Thereby, capacitor 32 is used to
provide additional filtering. Ohmic resistor 33 has a first terminal connected to the out-

put terminal of operational amplifier 31, and a second terminal connected to the positive
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input terminal of operational amplifier 31. Resistor 34 along with IREF set the gain of
summing device 30. Ohmic resistor 34 has a first terminal connected to a power supply
voltage terminal labelled ,,Vpp”, and a second terminal connected to the negative input
terminal of operational amplifier 31. Vpp is a more-positive power supply voltage ter-
minal having a nominal voltage of approximately 5.0 volts. Ohmic resistor 35 has a first
terminal connected to the second terminal of resistor 34, and a second terminal con-
nected to Vs. Resistors 34 and 35 are preferably equal-valued to set the voltage at the
positive input terminal at mid-supply. In this embodiment, summing device 30 is a con-
ventional operational amplifier integrator, but may be implemented in other conven-

tional forms in other embodiments.

For low distortion applications, it is preferred that input signal AOUT be
chopped with a pattern of alternating zeros and ones, as taught by US 07/860,510. A
chop circuit (not shown) is placed between the output of sigma-delta modulator 12 of
Fig. 2 and the input of FIR filter 20 which alternates the data with ones or zeros. With
the chop circuit, the D flip-flops in FIR filter 20 are clocked by 2MCLK, at twice the
modulator clock rate, to allow half of an MCLK cycle to be AOUT and the other half to
be chopped to an alternating pattern of ones and zeros. In addition to preventing even-
order distortion in VOUT by ensuring that a transition always occurs for each flip-flop
during any given clock cycle, chopping data in this fashion prevents large current spikes
by ensuring that there are approximately as many flip-flops switching to a logic high as
to a logic low at any clock transition. By reducing current spikes, the chop circuit main-
tains the integrity of the output pulses, thereby preventing the introduction of additional
distortion due to the current spikes. Note that other chop techniques are possible, such
as return-to-one and return-to-zero. In addition, the hardware of FIR filter 20 may be

used to implement a N-tap FIR filter on unchopped data at the MCLK rate.

Fig. 4 shows a further block diagram of a typical FIRDAC implementa-
tion as known from the prior art. Here, filter coefficients {a; | k € {0, 1, 2, ..., N} are
generated by adjustable DC output currents /p;, Ipy, ..., Ipy and Iys, Ino, ..., Iny of a set

of switchable current sources, wherein said output currents are summed at the inverting
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input ports of two inverting operational amplifier circuits and converted to an analog

output voltage V,,, through a conversion resistor Rp.

Fig. 5 shows a semi-digital FIRDAC implementation where the filter co-
efficients are implemented by adjustable ohmic resistors Rpr,, R, - .., Rer, instead of
switchable current sources. The supply-voltage-to-output-voltage relation now only
depends on a resistor matching. If required, the accuracy of conversion could easily be

further enhanced by dynamic element matching.

To be less susceptible to series impedance in the supply leads, it is de-
sired to have a signal-independent supply current. This is realized by implementing an
array of dummy resistors Rp, Rp,, ..., Rp,, which are respectively equal to a correspond-
ing one of filter resistors Rer , Rri,, ..., Rrr, and by driving these resistors by the bit-
mverse signal. The currents generated by these dummy resistors Rp, Rp,, ..., Rp, could
be dumped in a reference buffer as indicated by voltage source providing reference
voltage Vzgr, said voltage source being connected between the non-inverting input ports
of operational amplifiers OpAmp; and OpAmp, and the ground node of the FIRDAC
circuit depicted in Fig. 5.

As shown in Fig. 5, said semi-digital finite impulse response digital-to-
analog converter circuit has an output-sided operational amplifier stage which realizes a
differential current-to-voltage conversion circuit. The latter thereby comprises a first
operational amplifier circuit with a first operational amplifier (OpAmp;) in a negative
feedback configuration having an input port connected to a non-inverted current output
path beginning from a first current summing node to which the filter resistors (Rr,,
Rrm,, ..., Rer, ..., Rer,) of each shift register tap k are connected and a second opera-
tional amplifier circuit with a second operational amplifier (OpAmp;) in a negative
feedback configuration having an input port connected to an inverted current path be-
ginning from a second current summing node to which the dummy resistors (Rp,, Rp,,

..., Rp,, ..., Rp,) of each shift register tap k are connected. As can be seen, the voltage
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output of said first and said second operational amplifier circuits is given by a differen-
tial analog output voltage V... A further refinement of this embodiment may therefore
comprise a conversion means for converting said differential analog output voltage Vo,

to a single-ended voltage.

When implementing the FIRDAC as depicted in Fig. 6, which shows an
inverting operational amplifier stage with an input-sided voltage divider which com-
prises an adjustable resistor Rz for modeling the filter coefficients of the FIRDAC
circuit’s finite impulse response filter, low-voltage transistors can be used at every tap

10 ofthe FIRDAC’s integrated finite impulse response filter while a higher supply voltage
is applied. For simplicity, the complete FIR filter is modeled by just one ohmic resistor
(Rrr) and a single clock-controlled switch (S), wherein said switch is closed for the
FIRDAC’s one-bit digital input stream x[n] carrying a logical one and open for said
digital input data signal x[#] carrying a logical zero, or vice versa.

15

Let reference voltage Vzer be equal to Vpp/y, and real-valued factor  be
given such that Vzgr is well below the breakdown voltage of the FIRDAC’s low-voltage
transistors. Since voltage V3 . at the inverting input port of the operational amplifier
(OpAmp) will follow Vzgr, said low-voltage transistors can be used for the numerous

20 switches in the FIR filter. This will result in a FIR filter with reduced chip area. Using

equations
Rew Voo :
= "V, =22 =7, V] with (1la
L S S R wer [V] (11a)
X = Rem + Ry _ 1+ Ry , (11b)
RF]R RF]R
25 Vo = Vape —Rr -1 [V] and (11c)
Vop =V, 14
[ — DD RFIR _ RFIR [A], (lld)

RB RF]R
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which are valid for switch S being closed, it can be shown that operational amplifier

input current / is equal to zero and that output voltage V5, is given as follows:

Vow =Ve =-22 [V] (12)

out Repp
X

Thereby, Rr denotes the resistance value of an ohmic resistor in the feed-
back line of the depicted FIRDAC’s output-sided operational amplifier stage, said stage
comprises an operational amplifier in a negative-feedback configuration, Rz and Rpz
denote the resistance values of two serially connected adjustable ohmic resistors consti-
tuting the aforementioned voltage divider, Vpp denotes the FIRDAC’s supply voltage,
Vrer denotes a DC voltage supplied by a DC voltage source connected to the non-
mnverting input port of the output-sided operational amplifier, V. denotes the voltage
drop at the adjustable voltage divider resistor Rpp, voltage Vo, denotes the resulting
analog output voltage representing an analog equivalent of the FIRDAC’s one-bit digi-
tal input stream, and / denotes the voltage divider’s output current. When additionally

demanding that the resistance value of feedback resistor Ry has to obey the condition

!

R, = R, + Ry [Q], (13)

filter resistor

N
I I RF]R,k

=1

= RF]R,I I RFIR,2 ...l RFIR,k ...l RF]R,N = [Q], (14a)

N~
Z HRF]RZ

k:l

R

FIR

ﬂll

whose resistance value represents the total resistance which is obtained when connect-
ing the all tap resistors Rpg, » (With k=1, 2, ..., N) of the FIR filter in parallel, has to be

set equal to



WO 2009/034494 PCT/IB2008/053425
— 23 —
R
Rpp = TF [Q] (14b)

and voltage divider resistor Rz has to be set to a resistance value as prescribed by the

5  equation

Ry = Ry -(x -1) = R, ~[1—ﬂ [Q]. (15)

10 When switch S is open, the following equations have to be used for completely describ-

ing the functionality of the circuit depicted in Fig. 6:

%

Veer = =22 [V] with (16a)
X
= Rt Ry Ry (16b)
RFIR RFIR
15 o=V —(R, +R,)-1 [V] and (16¢)
V. =Ver —Rp -1 [V] and (16d)
I = Voo = Visr [A], (16¢)
RB

It can then be shown that operational amplifier input current 7 is inde-

20  pendent of factor ) and can be written as

I = I;f’D = const. [A], (17)

that output voltage 7, as a function of real-valued factor y is given by
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Vow =~V ~[1—i} vVl (18)
X

and, when additionally using the condition as prescribed by equation (13), that the resis-
tance values of filter resistor Ryz and voltage divider resistor Rp have to be set as pre-

scribed by equations (14b) and (15), respectively.

Fig. 7 shows a further exemplary embodiment of the present invention
for the A-th tap (with k € {1, 2, ..., N}) of the proposed ratiometric FIRDAC. Thereby,
Vrer should scale with the supply voltage Vpp, which is achieved by means of a resis-
tive voltage divider constituted by ohmic resistor Rp; (or Rp;, respectively) and ohmic
resistor Rrpg,, the latter providing filter coefficient ay for this tap. Furthermore, Vzgrhas
to be smaller than the breakdown voltage of the low-voltage transistors which are ap-
plied in the given IC process. In this case, switches Mz, Max, My and My’ in the two
single-balanced mixer configurations of the depicted FIR filter implementation can be
realized as low-voltage bipolar transistors, low-voltage metal oxide semiconductor field
effect transistors (MOSFETSs) or low-voltage junction field effect transistors (JFETS),
which thus results in a smaller chip size. Switching of dummy resistors {Rp, | k=1, 2,
..., N} guarantees a signal-independent supply current which makes the FIRDAC circuit
design less susceptible to variations of the series impedance in the FIRDAC’s supply

leads.

APPLICATIONS OF THE PRESENT INVENTION

The proposed FIRDAC circuit can advantageously be applied in high-
accuracy (M > 12 bits) low-frequency (f; < 30 kHz) digital-to-analog interfaces, ¢.g. in
the scope of sigma-delta modulators for class-D power amplifiers in high-fidelity audio
equipment or sensor equipment. The present invention may also be used in automotive
angular sensors (such as ¢.g. the KMA200 and the KMA199 by Business Line General

Applications). In this application, it is required to have an output which is ratiometric to
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the supply voltage, which is due to the fact that the angular sensor has to replace a po-

tentiometer.

While the present invention has been illustrated and described in detail in
the drawings and in the foregoing description, such illustration and description are to be
considered illustrative or exemplary and not restrictive, which means that the invention
is not limited to the disclosed embodiments. Other variations to the disclosed embodi-
ments can be understood and effected by those skilled in the art in practicing the
claimed invention, from a study of the drawings, the disclosure and the appended
claims. In the claims, the word ,,comprising* does not exclude other elements or steps,
and the indefinite article ,,a* or ,,an“ does not exclude a plurality. A single processor or
other unit may fulfill the functions of several items recited in the claims. The mere fact
that certain measures are recited in mutually different dependent claims does not indi-
cate that a combination of these measures can not be used to advantage. Any reference

signs in the claims should not be construed as limiting the scope of the invention.
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CLAIMS

1. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit, comprising

a linear adaptive finite impulse response (FIR) filter including a shift reg-
ister, said shift register being realized as a tapped delay line with an input port and a
plurality of output taps (k= 1, 2, ..., N), wherein said input port is supplied with a one-
bit digital input stream (x[#]) and each output tap provides a time-delayed version (x[#-
11, x[n-2], ..., x[n-k], ..., x[n-N]) of the one-bit digital input stream, and

an output-sided operational amplifier stage comprising at least one op-
erational amplifier (OpAmp;, OpAmp,) in a negative-feedback configuration which
provides at its output port an analog voltage (V,.:) representing the digital input stream
(x[n]),
wherein

the semi-digital finite impulse response digital-to-analog converter cir-
cuit further comprises an array of selectively adjustable ohmic filter resistors (Rpz,,
R, ..., Rewr,, ..., Remr,), each filter resistor being respectively connected to a distinct
output tap of the finite impulse response filter’s shift register, wherein the resistance
values of these ohmic filter resistors (R, Rer,, ..., Rrr,, .., Rrr,) constitute and are
being used as a set of filter coefficients (a1, a2, ..., ax, ..., an) for weighting a corre-
sponding one of the digital input stream stream’s time-delayed versions (x[x-1], x[n-2],

..., X[n-k], ..., x[n-N]) at the shift register’s output taps having the same tap index (k).

2. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to claim 1,
wherein

the resistance values of the adjustable ohmic filter resistors (Rrr,, Rrir,,
... Rem,, ..., Rrg,) are adaptively set such that the resulting analog output voltage (Vo)
representing an analog equivalent of the digital input stream (x[#]) is made ratiometric

to the FIRDAC circuit’s supply voltage (Vpp).
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3. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to anyone of the preceding claims,
wherein

the linear adaptive finite impulse response (FIR) filter is realized as a
single adjustable ohmic resistor (Rrz) serially connected to a switch (S) which is pulsed
with the clock signal (Clock) of the digital input stream (x[#z]), wherein said switch (S)
is closed for bits of the one-bit digital input stream carrying a logical one and open for

bits of the one-bit digital input stream carrying a logical zero, or vice versa.

4. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to anyone of the preceding claims,

comprising an array of ohmic dummy resistors (Rp,, Rp,, ..., Rp, ...,
Rp,), each dummy resistor being serially connected to a distinct one of the shift regis-

ter’s output taps and to the output-sided operational amplifier stage.

5. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to claim 4,
wherein

the dummy resistor (Rp,) at each tap (k) has a similar or the same resis-

tance value as the corresponding filter resistor (Rgzz,) having the same tap index (k).

6. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to claim 5,
wherein

the dummy resistor (Rp,) at each tap (k) is driven by the bit-inverse
(x[n—k]) of the corresponding one-bit digital input stream’s time-delayed version (x[#-
k]) which is weighted by the resistance value of the filter resistor (Rr,) having the same

tap index (k).
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7. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to anyone of the preceding claims, wherein said one-bit digital

input stream is output from an oversampled sigma-delta converter -circuit.

8. 8. A semi-digital finite impulse response digital-to-analog converter
(FIRDAC) circuit according to anyone of the preceding claims, wherein said output-
sided operational amplifier stage realizes a differential current-to-voltage conversion
circuit comprising

a first operational amplifier circuit with a first operational amplifier
(OpAmp;) in a negative feedback configuration having an input port connected to a
non-inverted current output path beginning from a first current summing node to which
the filter resistors (Re,, Rrir,, --.» Rrmr,, ..., Rrr,) of each shift register tap (k) are con-
nected, and

a second operational amplifier circuit with a second operational amplifier
(OpAmp;) in a negative feedback configuration having an input port connected to an
inverted current path beginning from a second current summing node to which the
dummy resistors (Rp,, Rp,, ..., Rp,, ..., Rp,) of each shift register tap (k) are connected,
wherein

the voltage output of said first and said second operational amplifier cir-
cuits is given by a differential analog output voltage (Vou).
9. A semi-digital finite impulse response digital-to-analog converter (FIR-
DAC) circuit according to claim 8, further comprising a conversion means for convert-

ing said differential analog output voltage (V,.,) to a single-ended voltage.
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