
Exam, Mixed-Signal System Design (DAT116)

Jan 17, 2015

Time and place: Saturday Jan 17, 8:30 – 12:30, V building

Examiner: Lars Svensson, Lena Peterson

Department: Computer Science and Engineering

Inquiries: Lars Svensson (extension 1704); will visit the room at 9:30 and at 11:30

Solutions: Will be posted on the course homepage on Jan 19

Results: Will be posted in LADOK on or before Feb 4, 2015

Grading review: Feb 6, 2015; time and place to be posted on the course homepage

Grade limits:

U: 0–29 points; 3: 30–39 points; 4: 40–49 points; 5: 50– points

Bonus points from omnibus report will be added to the score before computing the final grade.

Allowable references and utilities: Open-book exam. Text books, lecture notes, research article
printouts, and lab reports are admissible. Errata sheet printout for textbooks are also OK, as
is a calculator.

General: Submit your solutions, in English, on blank papers sheets. Write legibly; feel free to use
figures to get your point across.

Please start the solution for each problem on a new sheet. Please number the sheets so that
solutions are in numerical order.

In some problems, it may be necessary to make assumptions or to introduce variables etc. When
you do, state your assumptions explicitly and motivate them. Reasoning and descriptions may
give partial credit even if the end result is not 100% correct.

Please note that your personal identity code is required on each submitted sheet!

Good luck!
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Problems

Each sub-problem is worth five points, for a total of 60 points. Figures are collected at the back of
the pack.

1. A low-pass signal with a bandwidth of 7 MHz is to be sampled and converted to digital form.
The overall peak-SNR requirement is 48 dB.

(a) Suggest minimum values of clock frequency and quantizer resolution to fulfill the specifica-
tions.

(b) Suggest a maximum clock jitter value which will allow the specifications to be fulfilled
together with the limited resolution from the previous subtask.

(c) Outside the band of interest, uninteresting and potentially destructive signals (i.e. noise)
can occur at the same power levels as those in the band of interest. How will you select the
sample rate if you can afford a pre-sampling anti-alias filter of at most order 3? Motivate.

2. A certain signal conditioning chain includes a programmable gain amplifier (PGA) which is to
amplify the signal by 0, 20, or 40 dB. The band of interest is from 50 Hz to 1 kHz; the gain error
must be at most 1% across the band for all gain settings.

Two proposed designs are based on the amplifier OP27 with resistive feedback in a non-inverting
configuration as in Figure 1. The OP27 open-loop gain curve can be found in Figure 2.

The first proposed design consists of one stage with three alternate values of R2 which will be
switched in to provide the three gain levels. The second design consists of two identical stages,
each with two choices of R2 for 0 and 20 dB.

(a) Which of the two solutions is preferrable? Motivate!

(b) Estimate the resistor matching precision needed to reach the gain error of 1% across the
band for the case you preferred in task 2a.

(c) A similar on-chip PGA is based on an op-amp with a gain-bandwidth product of 20 MHz.
Estimate the ratio of the total resistor areas needed for the one-stage and the two-stage
solutions. Assume the same gain settings and gain error as in the OP27 case, and that the
same R1 value will be used in both designs.

[This problem was inspired by the MSc project of EESD student Mahmoud Tour.]

3. (a) A 10-bit A/D converter uses time-interleaving with two signal branches. At what level of
inter-path gain error does this error contribute as much to the SNDR as does the quanti-
zation noise?

(b) In the same converter as in the previous task, what level of sample time skew will cause an
error of equal magnitude?

(c) In a three-path time-interleaved converter, what will be the frequences of spurious signals
caused by gain errors?
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4. Figure 3 shows a proposed method to design a hybrid digital/analog reconstruction filter for an
oversampled, one-bit D-to-A converter1. The data sequence bits are used to select whether to
inject each current term into the virtual-ground node of the output integrator. The currents ai
provide the values for the discrete-time low-pass filter impulse response.

(a) Estimate the possible peak SNDR of the DAC under the “perfect-lowpass-filter” assumption
used during the course. Assume an OSR of 64 and a second-order loop filter.

(b) As mentioned above, the sequence of current terms constitute the discrete-time impulse
response of the reconstruction filter. A simple (albeit far from optimal) case is when all
currents are designed to be equal; the rectangular impulse response corresponds to a weak
low-pass characteristic (sincx ≡ (sinπx)/πx), as illustrated in figure 4. Suggest a suitable
impulse-response length and estimate the noise suppression possible with such a filter! (A
coarse estimate is better than no estimate; better estimates get more points.)

(c) The current-to-voltage conversion in the output buffer adds an extra pole to the reconstruction-
filter response. Assume that the converter is to be used for audio signals and suggest how
to select the values of the passive components.

THE END

1See D. Su and B. Wooley: A CMOS oversampling D/A converter with a current-mode semidigital reconstruction
filter. IEEE Journal of Solid-State Circuits, December 1993. [The claimed benefits include lower system cost (as any
additional off-chip filter may be very simple), and higher linearity than for a “traditional” current-summing D-to-A
converter (since a current-source mismatch will affect the filter impulse response rather than the converter DNL).]
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Figure 1: Non-inverting amplifier configuration.
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Figure 2: OP27 open-loop gain curve.
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Fig. 4. Semidigital FIR filter. 

each product U;DINZ-’ is either ai or 0, the multiplication can 
be implemented with a switch controlled by the output of the 
shift register. The analog output A ~ U T  is simply the sum of all 
analog coefficients ai (in voltage, current, or charge) for which 
the corresponding shift register outputs are at logic ONE. 

The semidigital FIR filter can be implemented using either 
switched-capacitor [6] ,  [7] or switched-current techniques. In 
a switched-capacitor implementation, the analog coefficients 
are represented by charges stored on capacitors that can be 
summed using a switched-capacitor summing amplifier. The 
individual capacitors in such an implementation need not 
have low voltage coefficients because the voltage across these 
capacitors is either 0 or VREF; thus they can be realized 
simply with MOS transistors that are appropriately biased. 
However, the feedback capacitor in the summing amplifier 
must have a low voltage coefficient in order to ensure that 
the summing operation meets the linearity requirements of the 
overall converter. 

In this research, a switched-current implementation of the 
semidigital filter has been adopted because it can be in- 
tegrated in a conventional digital CMOS technology with- 
out the need for on-chip capacitors. In the switched-current 
realization, which is illustrated in Fig. 5 ,  current sources 
are used to implement the FIR filter coefficients. The fil- 
ter thus consists of a shift register, PMOS weighted cur- 
rent sources, CMOS switches, and a current-summing ampli- 
fier. The current-summing amplifier provides both current-to- 
voltage conversion and a single-pole low-pass filtering that 
“smooths” the output of the overall filter. 

B. D/A Inte~ace 

The inherent linearity of the semidigital FIR filter can be 
seen by examining the filter transfer function given in (1 ). The 
analog output A ~ U T  is the product of the digital input DIN 
and the transfer function H ( z ) .  The filter is linear if its transfer 
function H ( z ) ,  which is implemented with mixed digital and 
analog circuits, is independent of the digital input DIY.  

The digital implementations of the delay and multiplication 
operations are linear. Unlike delay lines in an analog FIR 
filter [8], the digital shift register introduces no error in the 
delay operation itself. Furthermore, performing the multipli- 
cations implicitly using CMOS switches avoids input signal 
dependency in the resulting product terms. 

To ensure the converter’s linearity, the analog coefficients 
and the summation of the product terms must also be signal 
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Fig. 5. Current-mode implementation of a semidigital reconstruction filter. 

independent. Each of the weighted current sources in Fig. 
5 represents an analog coefficient. The current source and 
its CMOS switch together form a I-b D/A interface that 
generates an output current of U; when the switch is on. 
The linearity of this D/A interface does not depend on the 
neighboring current sources. Therefore, mismatch among the 
analog current sources does not impair either the differential 
or integral nonlinearity of the converter. Errors in the analog 
coefficients (current weights), which are similar to coefficient 
quantization errors in a digital FIR filter [9], do not introduce 
nonlinearity into the analog output; they simply degrade the 
stopband response and phase linearity of the filter. However, 
the current source output U; must not vary over time or with the 
signal. The dependency of the current U; on the output voltage 
due to channel-length modulation is minimized by summing 
the currents at the virtual-ground input of a summing amplifier 
with low harmonic distortion. It is necessary that the summing 
amplifier itself meet the linearity requirements of the overall 
converter. 

Although the design in Fig. 5 resembles that of a multibit 
switched-current D/A converter, a multibit converter requires 
precise matching of the current sources to achieve linearity. 
The principal difference between the semidigital filter and a 
multibit D/A converter is that all of the current switches in 
the semidigital design are controlled by delayed version of 
the same input signal, whereas in a multibit switched-current 
D/A converter the control signals are different bit positions 
of a binary code and thus comprise harmonics of a sinusoidal 
input signal. Errors in the current weights of a multibit D/A 
converter will therefore introduce harmonic distortion into the 
analog output. 

C. Discrete-Time to Continuous-Time Interface 
In addition to converting digital samples into analog levels, 

the semidigital reconstruction filter converts discrete-time sig- 
nals into continuous time. This conversion is accomplished by 
means of a low-pass filter with a stopband transfer function 
that adequately attenuates residual spectral images above half 
the sampling frequency. The design in Fig. 5 combines a 
zero-order hold function with the single-pole low-pass filter 
to implement the discrete-to-continuous time conversion. The 
switched current sources controlled by the shift register act as 

(a) (b)

Figure 3: Semidigital FIR filter: block diagram (a) and rough schematic (b).

Figure 4: A sinc magnitude function corresponding to a rectangular impulse response of length T.


