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Abstract: In the high-resolution analog circuit, the performance of chips is an important part. The
performance of the chips needs to be determined by testing. According to the test requirements,
stimulus signal with better quality and performance is necessary. The main research direction is how
to generate high-resolution and high-speed analog signal when there is no suitable high-resolution
and high-speed digital-to-analog converter (DAC) chip available. In this paper, we take the high-
resolution analog-to-digital converter (ADC) chips test as an example; this article uses high-resolution
DAC chips and multiplexers to generate high-resolution high-speed signals that can be used for
testing high-resolution ADC chips based on the principle of time-alternating sampling. This article
explains its method, analyzes its error and proposes a digital pre-processing method to reduce the
error. Finally, the actual circuit is designed, and the method is verified on the circuit. The test results
prove the effectiveness of this method for generating high-resolution ADC test signals.

Keywords: analog circuits test; high-resolution ADC test; time-interleaved DAC; digital pre-processing

1. Introduction

Circuits in electronic devices are mainly composed of two parts: digital circuits and
analog circuits. In mixed analog-digital circuits, analog circuits account for a small per-
centage, but the failure rate of analog circuits is high [1]. Analog circuit test has become
the last barrier to ensure the stability and reliability of analog circuits [2]. Analog circuit
test is generally divided into two stages, applied stimulus and response analysis, where
the applied stimulus signal requires a signal with an accuracy level higher than that of
the circuit under test [3]. In analog circuit testing, analog-to-digital converter (ADC) chip
testing is a major part of testing.

In large-scale semiconductor chip production [4—6], chip testing mainly uses automatic
test equipment (ATE). ATE is a high-performance test device controlled by a computer.
When testing the ADC chip, it mainly uses the arbitrary waveform generator equipment in
the ATE to provide the input signal, then uses the tested ADC to collect the output signal
of the arbitrary waveform generator and then calculates and evaluates the collected signal.
The computer sends control commands to the digital signal processor. The digital processor
generates the waveform required by the test, and the generated waveform is applied to the
ADC under test through an optional filter. The data obtained by ADC are then transmitted
to the computer for judgment after digital processing to determine whether the tested
ADC meets the requirements. The structure diagram of the ADC test scheme is shown in
Figure 1.
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Figure 1. Block diagram of the ADC test scheme.

At present, 16-bit resolution arbitrary waveform generators are mainly used for ATE
testing. According to the type, it can be divided into desktop and board type. The
representative of the desktop arbitrary waveform generator is mainly the AWG5200 series
of Tektronix [7], and the representative of the board type arbitrary waveform generator
is mainly the PXIe-5423 series of American Instruments [8]. In addition, there are some
arbitrary waveform generators with 24-bit resolution, but their sampling rate is relatively
low. For example, the resolution of PXI arbitrary waveform generator of APPLICOS
PG24192 model can reach 24 bits, but the sampling rate is only 192 ksps [9]. According to
the IEEE 1241 [10] standard, in the ADC test, a waveform with a higher resolution than
the ADC under test should be used. Therefore, for 18-bit, 20-bit and other high-precision
ADC chips, 24-bit resolution signals are required for testing. For example, to measure
an ADC chip with a resolution of 20 bits and a sampling rate of 1 MHz, the signal is
required with at least a resolution of 24 bits and a frequency of 500 KHz. However, the
signal generator is currently unable to generate such a signal. Therefore, the design and
testing of high-resolution and high-speed signal generation methods are currently being
studied both at home and abroad. For the required waveform generation method for high-
precision ADC testing, the main research directions at home and abroad are divided into
two directions: generating high-purity sine wave signals through existing low-resolution
DAC s and directly designing higher-resolution DAC chips [11,12].

2. Related Works and Problems

In response to the demand for such high-resolution and high-speed signals, research
is being conducted at home and abroad. Reference [13] proposes a way to improve the
resolution of the system by using two programmable gain amplifiers (PGA) at the back end
of the DAC [13]. The PGA is controlled by a digital signal processor (DSP) and can amplify
or attenuate the output signal of DAC. In this way, a smaller amount of variation than the
minimum signal step output by the DAC itself can be obtained. The structure diagram
of the method is shown in Figure 2. The relative resolution of the system is improved by
amplifying the output voltage amplitude of the system, but in fact, its absolute resolution,
that is, the minimum output voltage step, remains unchanged. When measuring a small
range ADC, the problem still exists that the resolution of the signal’s resolution is not high
enough. In addition, the system will send digital quantities to DAC and PGA at the same
time, but the response is not synchronized. It will affect the quality of the output waveform.
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Figure 2. Schematic diagram of PGA amplification method [13].
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Reference [14] proposes a method of superimposing the output of several DACs
together to improve system resolution [14]. Its system structure is shown in Figure 3. It
uses four 8-bit DACs to achieve the effect of a 32-bit resolution digital-to-analog (DA)
conversion circuit. The principle is to use the difference of the resistance in the addition
circuit to achieve different magnifications. This method can improve the resolution of
the DA conversion circuit. However, there is a problem in the actual circuit that it is
difficult to achieve a strict multiple relationship of the resistance value due to the accuracy
of the resistance. In addition, the thermal noise of the resistance [15], the asynchronous
transmission delay of the amplifier [16] and the asynchronous output of different DACs
will also have a greater impact on the system output, resulting in a reduction in the signal-
to-noise ratio (SNR) of the output signal.
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Figure 3. Schematic diagram of output stacking method [14].

Considering the influence of power supply on DAC reference voltage and amplifier [17-19],
the influence of temperature on resistance noise [20-22], without considering the additional
processing of power supply, the time alternating circuit we designed needs to use the same
type of DACs and the same channel structure and avoid the use of resistance weighted
network [23]. Therefore, in view of the above problems, this article proposes a method to
generate high-resolution and high-speed signals for ADC testing based on the principle of
time-interleaving by using high-resolution DAC.

3. Signal Generation Method and Circuit Design Based on Time-Interleaving
3.1. Signal Generation Method Based on TIDAC

The TIDAC-based method uses multiple high-resolution DACs and selects different
DAC output channels for output through a channel switching circuit. Switch between
multiple DAC output channels at higher frequencies and realize a high-resolution and
high-speed DA conversion circuit with multiple sampling rates on the basis of the original
high-precision DAC. The signal generation circuit structure model based on TIDAC is
shown in Figure 4.

The 4 channels work at the sampling rate of fs, respectively, and the frequency multi-
plier channel is switched at a frequency of 4 fs to switch among the 4 output channels in
turn, realizing high-speed sampling on the original high-precision DAC. After the channel
switching, the analog signal is collected and output by the acquisition and holding module
at a frequency of 4 fs to reduce the influence caused by the channel switching. Theoretically,
the relationship between the 4 channel outputs in TIDAC and the channel switching output
is shown in Figure 5.
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Figure 4. Signal generation circuit structure model based on TIDAC.
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Figure 5. The relationship between the output of each channel and the output of the multiplexer.

In the figure, each channel outputs a level value every sampling period T. When the
time belongs to 0~1/4T, the output channel is switched to channel 1, and the level value of
channel 1 is output. When the time belongs to 1/4T~1/2T, the output channel is switched to
channel 2, and the level of channel 2 is output value. When the time belongs to 1/2T~3/4T,
the output channel is switched to channel 3, and the level value of channel 3 is output.
When the time belongs to 3/4T~T, the output channel is switched to channel 4, and the
level value of channel 4 is output. Then, when the time belongs to T~5/4T, the output
channel is switched to channel one again, and the level value of channel one is output,
and so on; the multiplexer switches the output evenly among the four channels and is
multiplexed. The output waveform after the converter is shown in Figure 3. Comparing
these figures, it can be seen that under the same output frequency, the sampling point of
the multiplexer output waveform is 4 times the number of sampling points output by a
single channel, that is, the sampling rate of the system is relative to the sampling rate of the
original DAC. Improved by 4 times.
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3.2. Circuit Design

Based on the above analysis, this circuit selects the AK4490 high-resolution DAC chip
from AKM Company. The channel switching module selects the multiplexer chip. The
output of the multiplexer is sampled and held by the sample-and-hold. Then, a high-order
low-pass filter for filtering processing is designed, so that the output waveform of the
system changes from a ladder to a smooth waveform. By controlling the channel switching
of the multiplexer, the output step number of the entire system becomes 4 times that of the
original single DAC output step number, that is, the sampling rate of the original DAC is
increased by 4 times. Figure 6 shows the overall design of the TIDAC-based high-resolution
and high-speed signal generation circuit.
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Figure 6. Block diagram of signal generation circuit based on TIDAC.

In the control module, the field programmable gate array (FPGA) provides digital
quantities to the 4 DACs of the TIDAC module; the TIDAC circuit mainly includes a
DAC circuit, a reference power supply circuit, a channel amplitude control circuit and
a channel switching circuit. The reference voltage of each DAC in TIDAC is the same
and all work at the maximum sampling frequency. Then, the 4 DACs respectively output
the corresponding analog waveforms, then respectively pass the corresponding 4 channel
amplitude control circuits to fine-tune the amplitude and then output to the multiplexer for
selection output. The analog signal output by the TIDAC circuit enters the sample-and-hold
circuit and is sample-and-held output at a certain frequency; the waveform output by the
sample-and-hold circuit is a ladder wave, which is filtered by the filter circuit to finally
output a smooth waveform. The power supply module is the power supply module of the
system, and all the device work is provided by it.

4. Error Analysis and Processing
4.1. Amplitude Error Analysis and Digital Pre-Processing

In the case of a single DAC sampling output, the gain offset error of the DAC can be
found by querying the data sheet of the DAC, which is a relatively fixed parameter. In
general, there is a relationship between the input digital quantity and the output analog
quantity of the DAC:

D
Vout = ZW'Vref (1)

In the formula, N represents the resolution of the DAC, Vref represents the DAC
reference voltage, D represents the input digital quantity and V,; represents the output
analog quantity.
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In this circuit, there is a relationship between the output analog quantity of the four
DAC outputs and the input digital quantity of the DAC after passing through the channel
amplitude control circuit and the different channels of the multiplexer:

Vout1 = Al'ZQN'Vref; Voutz = AZ'ZQN'Vref

Vouts = AS‘ZQN'Vref; Vouta = A4'22N'Vref

@

In the formula, Vour1, Voura, Vours and V4 are, respectively, the output voltage value
after the output of DAC1 to DAC4 switched by the multiplexer. Aj, Ay, A3 and A4 are
different. Therefore, it can be found that when the same digital quantity is given to four
DAC s, the output analog quantity is not the same. In addition, because of the slight
difference in the gain of each channel of the multiplexer, the same input analog quantity
enters different channels of the multiplexer, and there may be slight differences after the
output. Therefore, in order to ensure that when the same digital quantity is input, the same
analog quantity can be output after passing through different channels and, finally, after
the multiplexer, it is necessary to calibrate and process the gain errors of different channels.
When we give the prestored standard sine wave digital quantities to the four DACs, the
output of the blocking multiplexer is shown in Figure 7.

DACI1 output after multiplexer
DAC?2 output after multiplexer
DACS3 output after multiplexer
DAC4 output after multiplexer

Curve 4
Curve 3
Curve 2
Curve 1

\

0 T 2T Time t

Figure 7. Multiplexer output waveform when the amplitude is not calibrated.

We can represent the four curves separately, namely:

x(f) = A1~sin(2-7'c-ﬁ~t)
xp(t) = A2~sin(2-7'c~ﬁ~t)
x3(t) = A3~sin(2-n-ﬁ-t) ®
x4(F) = A4~sin(2-n-5%-t)

Assuming that the output waveform of DAC1 is used as the standard sine wave.
So, only the waveform data of DAC2, DAC3 and DAC4 need to be modified so that the
waveform data of them can meet the value of the waveform data of DAC1. To make the
output waveforms of the remaining DACs match the output waveforms of DAC1, the
outputs of the remaining DACs can be multiplied by the corresponding coefficients k. For
the k, there are the following formulas:

ky = xa(t) ﬂ; ks = xa(t) ﬂ; ks = xa(t) A

() A x3(t) Az xy(t) Ay @)
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Therefore, after the corresponding coefficient is obtained by measurement, the digi-
tal quantity can be multiplied by the corresponding coefficient through the relationship
in Formula (1), and then the amplitude error calibration can be realized by giving the
corresponding DAC.

Through experimental testing and verification, the output waveform result is shown
in Figure 8:
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Figure 8. Output waveform after channel switching. (a) The amplitude is not calibrated. (b) After
the amplitude is calibrated.

Comparing the two graphs in Figure 8, it is obvious that the output waveform after
amplitude calibration is smoother and conforms to the standard sine wave.

4.2. Time Error Analysis and Digital Pre-Processing

In this circuit design, when the output switching time is completely ideal, the multi-
plexer output waveform is shown in Figure 5, which can be expressed as:

A'sin(Zon-ﬁ~0)+b/ 0<t< %
A~sin(2-7r'ﬁ%) +b, % st< %;
x(t) = A.sin(z-ﬂ‘ﬁ%> +b, % st< ¥" ®

Which can be reduced to:
x(t) =A sm(z-n =7 %) +b
= A-sin(%F) + b, (6)
Bl <o WUT 2 0,1,2......18,19;

In the formula, when n is 0, 4, 8, 12, 16, the corresponding output from DACI is the
output value after channel switching; whennis 1,5, 9, 13, 17, the corresponding output
from DAC2; When n is 2, 6, 10, 14, 18, the corresponding output from DACS3 is the output
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value after channel switching; when n is 3, 7, 11, 15, 19, the corresponding output value
from DACH4 is output after channel switching.

When the switching time of the multiplexer is uneven, the duration of each channel
will be uneven, as shown in Figure 9.

A L. - Y
‘-?l': A 4 - —‘IAI?; - DACI output after multiplexer
. 1| 1|
Ampl\‘; delI 1l - DAC?2 output after multiplexer
! |
” = I:I DACS3 output after multiplexer
‘:I DAC4 output after multiplexer
Curve 1
2T | - >
0 ma 314 Tsta 7174 3T 4T 5T Time t

Figure 9. The output waveform after channel switching when the time error occurs.

In the figure, it can be found that the width of the waveform output by each DAC,
that is, the output duration, is not the same. In this case, small burrs with depressions or
protrusions will appear on the final output waveform, which will affect the quality of the
output waveform. Therefore, the time error needs to be tested and calibrated.

Due to the low frequency of this circuit, the time delay error can be measured with
a high-speed digital oscilloscope. The output delay is mainly measured from the output
pin of the DAC to the output pin of the multiplexer. So, you can let the DAC output a
fixed frequency clock signal, use the two acquisition channels of a dual-channel high-speed
oscilloscope to measure the output pin of the DAC and the output pin of the multiplexer at
the same time and measure the delay through the measurement function of the oscilloscope.

Assuming that the output delay of DAC1 is taken as the standard, first control the
multiplexer to select the output channel of DAC1, then measure the output of DAC1 and
the output of the multiplexer at the same time and record the time delay as t1; then, control
the multiplexer in turn. The multiplexer selects the output channels of DAC2, DAC3 and
DAC4, respectively, and then respectively measures the delay between the output pin of
the DAC and the output pin of the multiplexer when the corresponding DAC is strobed,
which are respectively marked as t2, t3 and t4, then we can obtain:

Aty =ty —ty; Mz =13 —t1; Aty =ty — 1y; (7)

In the formula, At2, At3 and At4 are, respectively, the output time error of DAC2, DAC3
and DAC4 output through the multiplexer and DAC1 output through the multiplexer.
Therefore, the time error At of different channels can be obtained by measuring the time
delay, as shown in Figure 10.

Combined with Figure 10, using the reflection of the time error on the amplitude error,
the time error is quantitatively analyzed and researched. It can be seen from the figure that
when the time error is At, the corresponding value of curve 1 has a difference of Ay from
the actual output value. Therefore, it is only necessary to find the corresponding output
analog value when the time error is At, and then change the corresponding input digital
value, so that the output analog value of the corresponding DAC can be outputted as a sine
wave after passing through the multiplexer. The value of the waveform.
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DACI output after multiplexer
Amplifudg, DAC?2 output after multiplexer
DACS3 output after multiplexer

Ay — DAC4 output after multiplexer

N
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Figure 10. The relationship diagram of amplitude error when the time error is At.

When DAC2, DAC3 and DAC4 output waveforms and the output time error after
multiplexer switching are At2, At3 and At4, respectively, the output waveforms of DAC2,
DAC3 and DAC4 after passing through the multiplexer can be expressed as follows.

The DAC2 output:

xo(t) = A-sin 2-71:-5%-(% +At2>) +b
= A-sin( % 2~75r.~$t2) +0b, 8)
2T A <t < DT AR 0 =1,5,9,13,17;

The DAC3 output:

x5(t) = A-sin 2-n-5,LT-(%+At3)> +b
= A-sin %—Fz'g_#) +b, )
2T A <t < DT 4 Ap; 0 =2,6,10,14,18;

The DAC4 output:

5
= A-sin (45 + 254 ) +b, (10)
mT 4 Aty <t< W;n:3,7,11,15,19;

Therefore, the digital quantity in DAC2 needs to be updated, and the digital quantity
corresponding to the analog waveform value in Formula (8) is given to DAC2, and then
output by it, the output waveform can conform to the corresponding output waveform
of DACL. In the same way, the pre-stored waveform data of DAC3 and DAC4 also need
to be updated accordingly. According to the previously measured time error At3 and At4,
combined with Formulas (8) and (10), the simulation value is calculated and updated.

After obtaining the analog voltage values required by the new DAC2, DAC3 and
DAC4, use Formula (1) to obtain the digital quantity corresponding to each analog value,
and then store it in the corresponding storage space to collect and output for the DAC.

5. Test Results and Analyses

Use a spectrum analyzer to measure the quality of its output signal, that is, the SNR.
The test block diagram is shown in Figure 11.
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SNR(dB) = 10log
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Figure 11. Block diagram of dynamic parameter SNR test.

According to this scheme, the specifically designed circuit board and the actual test
connection diagram are shown in Figure 12.

Figure 12. (a) The specifically designed circuit board and (b) the actual test connection diagram.

When using a spectrometer to test the SNR, due to the limitation of the dynamic
range of the spectrometer, it is necessary to observe the power of the output signal and
the power of the output noise under different attenuation degrees. Because of the system
noise figure in the spectrum analyzer and the distortion performance of the input mixer,
the dynamic range of the spectrum analyzer is inconsistent with its measurable range, and
appropriate test parameters need to be set according to the specific situation [24]. For the
test of this subject, the GA4063 type spectrum analyzer was used. It has a measurable range
of +30 dBm to —148 dBm. In addition, the unit of spectrum analyzer is dBm, which is
different from the unit of SNR, dB. So, after obtaining the test results, we need to calculate
the SNR through Formula (11). The SNR is equal to the power of the signal minus the
power of the noise.

Psignal(dBm)
Psignal(mw) = 10log 107 ™
10 Pnoise(mw) 10 107(()‘137”)

Proise
1

= Psignul(dBm) — Pyoise (dBm) (11)

Firstly, we measured the signal before and after the filter. The result is shown in
Figure 13.
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Figure 13. Test result of 10 KHz sine wave. (a) Signal before filter. (b) Signal after filter.

In Figure 13, the frequency of the tested signal is 10 KHz. The span of the spectrum
analyzer is set as 32 KHz, which can include the second, third and fourth harmonics. From
Figure 13a, it can be found that the second and third harmonic components are a bit high.
However, in Figure 13b, the harmonic components of the signal are reduced a lot after the
filter. So, the signal should be tested after the filter.

When outputting a sine signal with a frequency of 10KHz, the test result of SNR is
shown in Figure 14.

* Wik

Figure 14. Test result of 10 KHz sine wave SNR. (a) Signal power test. (b) Noise power test.

Firstly, when the attenuation factor is set to 30 dB, the measured power value of
the input signal is 5.49 dBm as shown in the frequency standard in Figure 14a; then,
adjust the reference point to a suitable position and reduce the attenuation factor. When the
attenuation factor is set to 0 dB, the noise of the input signal can be measured as —98.00 dBm
by observing the marking line of the spectrum analyzer. So, the SNR is 103.49 dB when the
TIDAC circuit outputs a signal of 10 KHz that can be obtained.

In addition to the 10 KHz sine signal, the other groups of frequency values were tested
within the measuring range of the spectrum analyzer. The corresponding SNR when the
TIDAC circuit and the single DAC circuit output a sine wave of the same frequency are
respectively measured. The specific results are shown in Table 1.
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Table 1. SNR test result.
Single DAC Circuit Test Results TIDAC Circuit Test Results
Number Freg_lll;)n R Signal Power Noise Power SNR (dB) Signal Power Noise Power SNR (dB)
(dBm) (dBm) (dBm) (dBm)
1 9K 5.35 —101.00 106.35 5.50 —99.00 104.50
2 10K 5.32 —99.00 104.32 5.49 —98.00 103.49
3 50 K 5.30 —97.00 102.30 5.49 —97.00 102.49
4 100 K 4.47 —92.00 96.47 5.49 —95.00 100.49
5 150 K 1.23 —90.00 91.23 5.24 —93.00 98.24
6 200K 0.59 —89.00 89.59 4.09 —91.00 95.09

It can be found from Table 1 that when the output signal frequency is low, the SNR test
result of the single DAC circuit is better than the test result of the TIDAC circuit. However,
when the frequency gradually increases, the amplitude of the single DAC decreases faster,
and the noise increases more. So, the SNR is not as good as the signal output by the TIDAC
circuit. The reason is that, at low frequencies, the number of sampling points in each cycle
of the two circuits is enough, and the output signal is mainly affected by noise. TIDAC
increases the noise because of the introduction of more circuits, so the SNR is lower. With
the frequency increase, the sampling number of the output signal of the single DAC circuit
decreases in each cycle. When the number in each cycle is too small, it is difficult to recover
the output signal to the original waveform. The noise increases, and the signal amplitude
decreases. However, there are enough sampling numbers to maintain the signal amplitude
unchanged in the TIDAC circuit. So, in contrast, the SNR of the output signal of a single
DAC circuit is much lower than that of the TIDAC circuit.

6. Conclusions

Through the tests above, the single DAC circuit test results represent the common
signal generation methods which is usually just one DAC to generate signals. From the test
results in the table, we can know that the signal quality of the single DAC circuit is better
than that of the TIDAC circuit when the output signal frequency is low. However, with the
increase in signal frequency, the output signal quality of the single DAC circuit becomes
worse and worse. However, it can be seen from Table 1 that the output signal quality of the
TIDAC circuit can be maintained at 95 dB up to 200 Khz, especially 103.49 dB (5.49—-(—98))
at 10 K, as shown in Figure 14.

So, the TIDAC-based signal generation method can generate high-resolution signals
required for high-precision ADC chip testing. The TIDAC circuit designed by this method
with a simple filter which could reduce the harmonic components of the signal as in
Figure 13 can reach a SNR of 104.50 dB. According to the test results, the TIDAC-based
signal generation method can be used in high-resolution ADC testing.
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