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Abstract. This paper describes wideband digital-to-analog conversion circuits (DACs) using
frequency interleaving architecture. Along with broadband communication standards, wideband
DAC:s are required for wideband communication device measurement and test equipment. First,
we explain the basic configuration and operation of the frequency interleaving DAC (FI-DAC)
architecture. There the digital input signal is divided into multiple bands. Then they are demod-
ulated and provided to several sub-DACs, whose analog outputs are modulated and synthesized
to the wideband analog output signal. Note that image components are generated by sub-DACs
and modulations, which have to be removed by subband synthesis analog filters. The other fun-
damental problems of this architecture are signal attenuation by zero-th order hold of each sub-
DAC output, phase-nonlinearity characteristic of synthesis analog filters, group delay differences
among subband channels, and phase discontinuity between adjacent subband channels. We ex-
amine compensation methods for these problems, and their effectiveness is confirmed with
MATLAB simulation.

Keywords: DAC, frequency interleaving, wideband signal generation, modu-
lation, broadband

1 Introduction

Communication standards have been changing from 4G to 5G, and furthermore 6G is
being considered; they are becoming increasingly wideband. Therefore, wideband
measuring instruments are required to measure and test these devices. As one of the
methods for realizing a wideband ADC, interleaved ADCs using multiple channels such
as time-interleaved ADC (TI-ADC) [1] and frequency-interleaved ADC (FI-ADC)
[2].[3].[4] have been investigated for a long time. Recently, research has begun to apply
the interleaving technigues to DACs, and similarly there are two interleaving methods:
time interleaved DACs (T1-DACs) and frequency interleaved DACs (FI-DACs).

The concept of the TI-DAC is to combine the output signals of multiple DACs whose
output timings are shifted each other, but sampling timings are the same, and which are
combined in the time domain [5][6], whereas that of the FI-DAC is to combine the



output signals of multiple DACs whose covering bandwidths are different each other
in output [7][8]. The TI-DAC has a limitation to increase the number of channels; ana-
log switches for their output multiplexing are difficult to realize in case of the wideband
DAC, [9].therefore it is difficult to realize a wideband TI-DAC by zero-th order hold.
On the other hand, since the FI-DAC is not restricted by the sub-DAC zero-th order
hold output characteristic, the number of channels can be increased for the wideband
signal generation There the removal of Nyquist image by interleaving has been also
investigated [10][11].

The FI-DAC is a novel concept proposed in recent decades, and several approaches
and compensation methods have been proposed as follows: (i) The FI-DAC has the in-
terdependencies between the bandwidth, the sample rate, the number of samples and
the frequencies of the local oscillators (LOs). In order to balance the interdependent
system parameters, a mathematical optimization approach is introduced in the form of
two mixed-integer nonlinear optimization programs (MINLPs) [8]. (ii) A closed alge-
braic expression for the distribution of the data samples among the DACs is shown in
order to realize guard bands suppressing DAC aliases and unused mixer side bands
[12]. (iii) As their compensation method, a multiple-input multiple-output (MIMO) dig-
ital signal processing (DSP) algorithm to avoid the crosstalk between the frequency
bands has been devised [13]. There DSP for frequency domain equalization utilizes a
repetitive data sequence. (iv) A compensation method using a MIMO equalizer and a
backpropagation algorithm by adapting its coefficients has been developed [14][15].

In this paper, we investigate to compensate for FI-DAC fundamental problems using
digital and analog filters and adjusting the initial phases of the carriers. The organiza-
tion of this paper is as follows. First, we explain the basic configuration and operation
of the FI-DAC architecture. We show image component generation by modulation and
DAC output zero-th order hold. Next, we explain signal attenuation by the DAC and
phase characteristic of digital and analog filters. Then we describe their compensation
methods using digital signal processing [16][17]. They are summarized in Table 1. Fi-
nally, MATLAB simulation results of these compensations are shown for their verifi-
cation.

Tablel Fundamental problems and their compensations

Problems Compensation methods
Signal attenuation by DAC zero-th order Applving an inverse sinc filter
hold output PRiyIng

Phase-nonlinearity characteristic of
smoothing and synthesis analog filters
Differences in group delay among sub-
band channels

Phase discontinuity between adjacent Adjusting the initial phase of the carrier
subband channels signal in digital signal processing

Applying all-pass filters

Changing the sampling timing




2 Principle and structure of FI-DAC Architecture

2.1 FI-DAC Architecture
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Fig. 1. Structure of the investigated 4-channel FI-DAC architecture

Fig.1 shows the investigated structure of the 4-channel FI-DAC. First, the input signal
band is divided into four subband channels by digital signal processing. Second, each
corresponding sub-DAC provides the output for each band. Third, these output signal
bands are shifted back to the targeted signal band using analog modulation. Finally, the
outputs of all subband channels are combined.

Here Fgy, denotes the input signal band, f; does the sampling frequency of sub-DACs,
k does the number of channels, and f, does the carrier frequency of the k-th subband
channel. In this structure, we have the following relationship between the sampling fre-
quency and the output signal band:
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2.2 Generation of image components

Image components by DAC zero-th order hold output
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Fig. 2. DAC output with zero-th order hold

Fig. 2 shows input and output signal waveforms and power spectrum of a zero-th order
hold DAC. In Fig.4, (a) shows the DAC input, while (b) does the DAC output. Image
components are generated in the input, and their spectrum are mirrored with respect to
fs/2. Besides, the signal spectrum power has the attenuation tendency for higher fre-
quency in output. Image components have to be removed by the following synthesis an-
alog lowpass filter as shown in Fig. 3. This filter is called as smoothing analog filter.

—DAC >\ [\
£/2 fs fex

Smoothing analysis filter

Y(f) Y(f) /

power[dB]
power[dB]

fs 2fs fs
frequency [Hz] frequency [Hz]

Fig. 3. Removal of image components caused by DAC zero-th order output using smooth-
ing analog filter.



Image components generated by modulation
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Fig. 4. Image components generated by modulation

Fig.4 shows the process of generating image components by the amplitude modula-
tion (AM) on the frequency axis.

In Fig.4, (a) shows the signal spectra, and (b) shows carrier spectra, while (c) shows
the modulated signal spectra. The signal spectrum is shifted to the carrier frequency by
the AM, and the image components appear in the lower side of the carrier frequency,
as shown in Fig.4. (c). In FI-DAC, they can be removed by the analog bandpass filter
followed by the mixer as shown in Fig. 5.
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Fig. 5. Removal of image components caused by modulation using the analog band-pass
filter.



Restriction of signal bandwidth input to sub-DAC
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Fig. 6. Restriction of signal bandwidth input to sub-DAC by DAC zero-th order output
and modulation.

The input signal bandwidth to sub-DAC is between 0 and f;/2. Since the image com-
ponents shown in Figs. 2 and 4 degrade the overall FI-DAC output signal quality, they
have to be removed by synthesis analog filters. Since the filter has the transition band
between the signal component and the image component, the frequency interval corre-
sponding to the transition bandwidth has to be secured. For this reason, the input band
becomes narrower than that between 0 to f;/2, as shown in Fig. 6. There BW,, is the
transition bandwidth of the smoothing analog lowpass filter and BW,, is that of the
synthesis analog bandpass filter. The image components are generated by the DAC and
they are mirrored with respect to f;/2, so the signal bandwidth becomes narrower; it
yields from f; /2 to BW,,,/2. The image components are generated by modulation and
they are mirrored with respect to f,, and the signal bandwidth narrows; it is from 0 to
BW,¢/2. Accordingly, the signal bandwidth is expressed as follows:

BWb fs BVVsm

Tf < signal bandwidth input to sub- DAC < R 3)



2.3 Subband analysis digital signal processing

Overall block diagram of subband analysis digital signal processing
Subband analysis filter
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(a) Block diagram of subband analysis digital signal processing.

" QT Ny

fs/2

§ ¥ v 4

— Y(f) ,_,Y(f) image component Y(f) — Y(f)

om [09) o [a)

i) ) I ) )

@ ’/"\ """"" E @ o 0 o ‘

S ES 2 1o 3

o o o ! \ (o]

o } s o | | = Pmmmt > o 1
0 f/2 Fpw O f/2 Fgw O fi/2 By © fs/2
frequency [Hz] frequency [Hz] frequency [Hz] frequency [Hz]

(b) Subband channel analysis digital signal processing.
Fig. 7. Subband analysis digital filter processing.

Fig. 7 shows digital signal processing for the sub-DAC input. In Fig. 7, (a) shows the
block diagram from the input to the sub-DAC input, while (b) shows the power spec-
trum of each processing. The input signal is split in frequency domain using analysis
digital filters surrounded by the red frame in Fig. 7 (a), and the frequency shift is per-
formed for the bands to be within 0~ f; /2. However, 1st-subband channel is already in
the band 0~ £, /2, so the frequency shift is not required. The image components by
frequency shift are generated at subband channels 2, 3 and 4, and they have to be re-
moved by analysis digital filters. Finally, the sampling rate is converted from the sam-
pling frequency of the input to the sampling frequency of the sub-DAC.



Design of subband analysis digital filters
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Fig. 8. Design of subband analysis digital filters

Fig. 8 shows the design specifications of the subband analysis digital filters used in
Fig. 7 (a). We see that each analysis digital filter has a transition band. Therefore, by
overlapping the transition bands between adjacent filters, they are designed so that sig-
nals in the bands inside the dotted lines in Fig. 8 are not attenuated at the final output.
The signal band must satisfy equation (3). Fig. 9 shows the image components gener-
ated in case of the signal in the vicinity of Fg;,,. When the signal is frequency-shifted,
the split band is moved from the original frequency by f.,. An image component is
generated close together, so it cannot be completely removed by the following filter;
therefore, the overall FI-DAC output quality decreases. The overall DAC output band
should be a little narrower than Fgy, , which is defined as Fg,,".
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Fig. 9. Restriction of subband analysis digital filter.



3 Fundamental problems of FI-DAC architecture in principle
and their compensation

3.1  Signal attenuation by DAC zero-th order hold output and its
compensation method
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Fig. 10. Compensation of signal attenuation caused by DAC zero-th order hold output.

As mentioned in Section 2.2, the DAC output has zero-th order hold characteristic.
So, the gain of the sub-DAC should be compensated to be flat over the signal band by
using a pre-digital filter having the inverse gain characteristic of the sinc filter as shown
in Fig.10 (a). In this way, even if the filter coefficients are normalized to the largest
value, the dynamic range of the DAC output is reduced. Then, the amplitude of the
output is reduced from the signal bandwidth input to sub-DAC. This loss can be com-
pensated by the FI-DAC output amplifier.

3.2 Problems of phase characteristic and their compensation
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Fig. 11. Overall DAC output phase characteristic.

Fig. 11(a) shows the ideal overall DAC output phase characteristic which is com-
pletely linear. However, the actual phase characteristic for 4-channel FI-DAC tends to
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be degraded, as shown in Fig. 11(b), which leads to the output waveform distortion.
The causes of such phase characteristic degradation are as follows:

1 Phase-nonlinearity characteristic of synthesis analog filters

2 Differences in group delay among subband channels

3 Phase discontinuity between adjacent subband channels
Now we describe their compensation methods.

Phase-nonlinearity characteristic of smoothing and synthesis analog filters and
their compensation

Phase characteristic
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Fig. 12. Compensation for phase-nonlinearity characteristic of smoothing and synthesis
analog filters.

The phase-nonlinearity of the smoothing and synthesis analog filter can be compen-
sated using the all-pass filter. In Fig.12, (a) shows phase characteristic of the all-pass
filter for the compensation and (b) shows phase characteristic of an analog filter, while
(c) shows phase characteristic of cascade of these filters. Due to the phase-nonlinearity
characteristic of the smoothing and synthesis analog filters, the group delay varies de-
pending on the frequency. Therefore, an all-pass filter is used to perform group delay
compensation [18].

Differences in group delay among subband channels and their compensation

As mentioned above, they can be compensated so that the group delay of the analog
filter is constant in the entire band. However, the group delay of the filter by the com-
pensation is different for each subband channel. In addition, since the first subband
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channel has a filter of a small order than the other subband channels, the group delay
by the filter is small. Therefore, the group delay is different among subband channels,
and some distortion appears in the overall DAC output waveform. To compensate the
group delay, we investigate the sampling timing adjustment for each subband channel
to compensate for the group delay differences among subband channels.

Phase discontinuity between adjacent subband channels and their compensation
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Fig. 13. Compensation of phase discontinuity between adjacent subband channels

In Fig. 13, (a) shows the phase characteristic compensated only by phase-nonlinear-
ity characteristic of synthesis analog filters and differences in group delay among sub-
band channels, and (b) shows the one with also phase discontinuity compensation. In
this system, signal band changes by modulation and frequency shift. Filtering when
changing from the original band causes an extra rotation of phase. In Fig. 13 (a), the
phase for each subband channel is linear, but phase differences exist between adjacent
subband channels, and the phase characteristic is discontinuous. This can be compen-
sated by adjusting the initial phase of the carrier signal in digital signal processing. Let
x(n) be a signal, cos(2rf,n + 8) be a carrier. A signal by frequency shift is calculated
from multiplying x(n) by cos(2rf,n + 8). Then Discrete Fourier Transform (DFT) of
x(n)cos(2mf,n + 6) is given as follows:

N-1

z x(n) cosufn+0) = %(exp(je) X(k +p) +exp(—jO) X(k — p)) 4)

n=0

where X (k) is DFT of x(n), f, = p/N is the carrier frequency in digital signal pro-
cessing, N is the number of the sampled data points, and p is a natural number satisfy-
ing p = f.N. x(n) has both upper and lower sideband frequency components because
of frequency shift. Based on the initial phase, the high-frequency component rotates by
0 and the low-frequency component rotates by —8. As shown in the third power spec-
trum from the left in Fig. 7 (b), since the high-frequency component is removed by a
low-pass filter, the signal components are only at low-frequency. That is, by giving the
initial phase 0, the signal phase can be rotated by —6. As a result, the phases between
adjacent subband channels become continuous as shown in Fig. 13 (b).
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Fig. 14 shows the block diagram with the compensation described in this section.

input DAC output
f

fck' Qk sinc™! fs ck

Fig. 14. Block diagram with compensations.

4 MATLAB Simulation
4.1  Simulation Conditions
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Fig. 15. Simulation block diagram

We have conducted MATLAB simulation to show the validity of the compensation
methods for these problems. Fig. 15 shows a block diagram of simulation, and the com-
pensations are shown in red there. Fgy, is signal band of the input, and f; is the sam-
pling frequency of the sub-DACs. In this simulation, the signal bandwidth input to sub-
DAC is at most f; /2. We give Fg,, = 3 f;/2, and the final output band Fg,,," is 0.9Fy, .

We use two types of inputs; one is an impulse signal to obtain the amplitude and phase
characteristics for frequency. The other is also a 4-tone signal for time-domain wave-
form comparison. Notice that here the DAC has an infinite word length without quan-
tization error.

The passband ripple of the subband digital filter is 0.2 dB, and its stopband ripple is
-80 dB. The analysis digital filter was designed with an FIR filter based on a Kaiser
window because the FIR filter is linear phase characteristic and the Kaiser window can
change the stopband ripple by changing its parameter. The synthesis analog filter was
designed with an elliptic filter, because its stopband can be significantly attenuated in
a smaller order than other analog filters. Table 2 shows the orders of the filters used in
the simulation. Note that we use two types for all pass filters as compensation of phase-
nonlinearity characteristic of smoothing and synthesis analog filters. Because the order
is smaller than compensating with one type of filter, and the group delay is also smaller.
Since the circuit size is not considered in this paper, their orders are high. High orders
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of digital filters may not be a problem, but high order synthesis analog filters would
consume much power. If their orders are lower, their transition bands are wider. Its one
remedy is to use higher sampling frequency of sub-DACs; the input signal bandwidth
to sub-DAC becomes can be extended to be wider and then their transition ranges are
allowed to be wider, which leads to the lower orders of their corresponding analog fil-
ters.

Table2 Orders of the filters used in simulation

Digital FIR filter Digital IR filter Analog elliptic filter
Subband
Inverse  All-pass  All-pass
Channel  gyphand  Lowpass  sinc (smoot-  (Analog _Smooth- Analog
) ing bandpass
ing) bandpass)
Chl 402 - 200 14 13 -
Ch2 402 100 200 14 22 13 20
Ch3 402 100 200 14 20 13 20
Ch4 402 100 200 14 20 13 18

Magnitude [dB]
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Fig. 16. Frequency characteristic of subband analysis digital filters using simulation

Fig. 16 shows the frequency characteristic of subband analysis digital filters. In Fig.
16, (a) shows the filters up to subband channels 1~4 and their combination, and (b)
shows scaling up the pass band of their combination. Note that the dotted line in Fig.
16 (b) shows the range where the signal components between subband channels over-
lap. The signal component is not attenuated inside the dotted line. Following this, the
band splitting is performed using these filters.
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4.2 Simulation verification by impulse response

Signal attenuation by DAC zero-th order hold output
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. 17. Simulation results of before and after compensation for the signal at-

tenuation by DAC zero-th order hold output.

Fig. 17 shows the simulation results of before and after compensation for the signal
attenuation by zero-th order hold. In Fig. 17, (a) shows the power spectrum without any
compensation in Fig. 15, and (b) shows the one with compensation by an inverse sinc
filter. In the case of Fig. 17 (a), a zero-th order hold characteristic appears in the signal
component of each subband channel. In the case of Fig. 17 (b), the compensation makes
the gain to be flat in the entire band of each subband channel. However, since the phase
compensation is not performed, the output signal is attenuated inside of the dotted line.

Phase-nonlinearity characteristic of synthesis analog filters
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Fig. 18. Simulation results before and after compensation of phase-nonlinearity charac-

teristic of synthesis analog filters.
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Fig. 18 shows the simulation results before and after compensation of phase-nonline-
arity characteristic of synthesis analog filters. In Fig. 18, (a) shows the power spectrum
with only compensation for signal attenuation by zero-th order hold, and (b) is the one
with compensation by all-pass filters, while (c), (d) show the comparison of phase char-
acteristic and group delays in (a) and (b). This simulation is to verify the compensation
of phase characteristic, so the power spectrum does not change except inside of the
dotted line. As shown in Fig. 18 (d), before the compensation, the group delay for each
subband channel is not straight, but curved. On the other hand, after compensation, the
group delay is straight. However, the group delays are different among subband chan-
nels.

Differences in group delays among subband channels
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Fig. 19. Simulation results before and after comparison of group delay difference among
subband channels.

Fig. 19 shows the simulation results before and after comparison of group delay dif-
ference among channels before and after compensation. In Fig. 19, (a) shows the power
spectrum with the above two compensations, and (b) is the one in case with compensa-
tion by a delay, while (c) is a comparison of the group delays of (a) and (b). Similarly,
this is the compensation of phase characteristic, so the power spectrum does not change
except inside of the dotted line. As shown in Fig. 19 (c), after compensation, the differ-
ence in group delay between among subband channels is reduced substantially. How-
ever, since the phases between subband channels do not match, the signal is attenuated
inside of the dotted line in Fig. 1.
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Phase discontinuity between adjacent subband channels
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(c) Phase characteristic comparison

Fig. 20. Simulation results before and after compensation phase discontinuity between ad-
jacent subband channels

Fig. 20 shows the simulation results before and after compensation for the output
phase discontinuity between adjacent subband channels. In Fig. 20, (a) shows the power
spectrum with the above three compensations, (b) shows the one with the compensation
by the initial phase to the carrier signal. (c) shows the comparison of the phase charac-
teristic in (a) and (b). In Fig. 20 (c), the upper figure is the overall phase characteristic,
and the lower is the enlarged display inside the dotted line. Before compensation, the
power spectrum is attenuated significantly inside the dotted line. As shown in Fig. 20
(c), a large deviation appears in the phase characteristic in this range. After compensa-
tion, this deviation disappears, and the power spectrum inside of the dotted line is also
not attenuated.



17

4.3  Simulation verification by 4-tone input signal
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Fig. 21. Simulation results using the 4-tone input signal.

Fig. 21 shows the simulation result using the 4-tone input signal to compare the time-
domain waveforms. In Fig. 21, (a) shows the input/output waveforms, while (b) and (c)
show their power spectrums. In Fig. 21 (a), the RMSE of the output waveform is 0.0254
Vrms, and almost no distortion appears in the output waveform. Then, there are no
spurious in the output power spectrum greater than the filter stop band ripple of -80 dB.

5 Conclusion

We have investigated the basic configuration of the frequency interleaved DAC archi-
tecture. There the image components by sub-DACs and modulations are generated, and
they are removed with the following synthesis analog filters. Besides, these filters have
transition bandwidth, and therefore, the input band of each sub-DAC becomes narrow.

We have investigated the subband processing using digital filters for band division.
Then, by overlapping the transition band of the filters, the overall DAC output is kept
not to be attenuated. To have the input band of the sub-DAC, the frequency shifting
and down sampling for its input are performed.

There are several fundamental problems in the above series of processing. The com-
pensation methods for these problems have been discussed. Signal attenuation by zero-
th order hold of the sub-DAC output can be compensated by applying an inverse sinc
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filter. Phase-nonlinearity characteristic of synthesis analog filters is compensated by
applying all-pass filters. Differences in group delay among subband channels are com-
pensated by inserting a delay and changing the sampling timing. Phase discontinuity
between adjacent subband channels can be compensated by adjusting the initial phase
of the carrier signal in digital signal processing.

We have performed MATLAB simulation, which showed changes in the amplitude
and phase characteristic of the signal by compensations. The input and output wave-
forms were compared, and the validity of the compensation method was verified.

Remaining are compensation methods for circuit implementation issues. For exam-
ple, we have investigated the compensation for the difference in group delay among
subband channels by changing the sampling timing. However, it can only be compen-
sated by delay values that are integer multiples of the sampling period. The group delay
of the synthesis analog filter does not necessarily exist within this compensation range,
and compensation up to the minute delay cannot be performed. Therefore, it is neces-
sary to compensate for this delay by using analysis digital filters, whose group delay
can be adjusted with the time resolution of fractional of the sampling period as de-
scribed in [19][20]. We will examine circuit implementation issues such as variations
in elements during manufacturing, minute delays, nonlinear distortion, and phases of
carriers, spurious at inputs, and quantization errors in digital signal processing parts.we
will construct their compensation algorithms.
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