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Abstract— A sigma-delta ¢A) audio digital-to-analog capacitor filters is the relationship between the noise power
converter (DAC) for CD and digital versatile disk (DVD) and the capacitor area. The noise power each capacitor accu-
application is presented. The converter uses a 6-bit mod-  mulates is described by the equatibg = kT/C . It follows
ulator and a segmented noise-shaped scrambling tech-
nique to achieve a 113dB dynamic-range over a 20kHz
bandwidth. A continuous-time output stage is used to
achieve high signal-to-noise (SNR) in a small die area.
This output stage employs a dual return-to-zero scheme
to eliminate errors caused by inter-symbol interference
(ISI). The converter is fabricated in a 0.61m double-poly
double-metal CMOS process. The chip occupies 3.1x3.2
squared mm and operates from a single 5V supply.

that each additional bit of resolution increases the capacitor
area by four times. Since the capacitors are larger, they will
need higher slew rate, faster on-chip opamps, and larger
switches for settling to the desired accuracy. These require-
ments make the design very expensive.

This paper presents a multi-BA DAC with a continu-
ous-time output stage. The continuous-time output stage
enables the design to achieve high SNR while occupying
much less area than normal switched-capacitor circuits. To
reduce the out-of-band noise energy, a multi-bit modulator is
used. A new noise-shaped segmentation technique is used in

) A conjunction with scrambling to achieve low distortion at a
Sigma-delta ¥A) digital-to-analog converters (DACS) yery small hardware cost. The output stage uses a dual

offer a way to achieve high resolution and low distortion with e\,rn-to-zero switching scheme which yields an output cur-
relaxed post-analog filter requirements at a relatively low ren nyise that is free of inter-symbol interference. High per-
cost compared to conventional Nyquist converters. A typical {oymance on-chip opamps are used for I-to-V conversion.

2A DAC as in Fig. 1 consists of a digital interpolation filter e chip architecture and design will be discussed in section
to bring the input sample rate up to the modulator rate, a); section 111 will discuss about the circuit design issues.
modulator to reduce the word width by trading off the out-of- gaction IV will show some of the measured results.

band noise, a switched-capacitor filter for out-of-band noise

filtering and analog signal reconstruction. To achieve perfect Il. A RCHITECTURE

linearity in analog signal reconstruction, the modulator out- Fig. 2 shows the block diagram of one DAC channel. The
put is usually 1-bit. This type of architecture has several chip consists of a serial port to receive the 3-wire input, a
drawbacks. Modulators with 1-bit quantizers create large selectable 4x/8x interpolator, a 16x sample-and-hold register,
step sizes at the discrete-to-continuous boundary and hencg second-order 6-bit modulator operating atf}2#nd a con-
require a tight clock jitter specification. For example, 10 inyous-time output stage. The selectable interpolation factor
achieve +100dB SNR over the audio band, it would need agio\ys the input sample rate to be either 44.1kHz or 88.2kHz.
master clock with jitter of less than 10ps. One approach toThe igital filter engine also includes a digital volume con-
reduce the clock jitter sensitivity is to use a multi-bit quan- 6| circuit and an IIR filter that performs the required de-
tizer. Multi-bit DACs' suffer from distortion problem caused  gmphasis filtering found in some CDs. The continuous-time
by the analog element mismatch. Techniques such as thosgyyyt stage is used since its output noise power is domi-
presented in [1] or [2] can be used to dynamically swap the nated by the thermal noise of the MOS current sources which

elements so that on average the mismatch error is zero. Ongap pe optimized. Hence, a high SNR design can be achieved
drawback is that the swapping circuitry becomes large whenin 5 smaller area compared to that of a switched capacitor fil-

|. INTRODUCTION

the word width is greater than four. ter output stage.
Digital | Interpolation A Switched-cap| Analog A. Multi-bit modulator
inpu{’ filter [ |modulator| | filter _Butput For single-bit>A DACs, the sample-to-sample step size
at the discrete-to-continuous time boundary will swing from
Fig. 1 Block diagram of a typicalA DAC rail to rail. Hence, the output waveform is very sensitive to

clock jitter. In addition, the continuous-time output stage
The major disadvantage dfA DACs with switched-  relies on the external analog filter to remove the out-of-band
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Fig. 2 Block diagram of 1 DAC channel
quantization noise, having a single-bit modulator will a0
require a high performance and expensive post-analog filter. From2-nd = A__ | 1storder ‘B’
The modulator in this design is a conventional second-order o(;dler 6 modulator | 4
with 6-bit quantization. The finer quantization levels greatly =~ Medulator
reduce the clock jitter sensitivity requirement to a practical n 3 ‘c
level specified by commercially available ICs. At the same +\U
time, the lower out-of-band noise energy allows the use of a N . o
more relaxed post analog filter. Multi-bit modulators also Fig. 3. Noise-shaped segmentation circuit

offer other benefits such as larger usable input range an
higher SNR. The theoretical SNR of the modulator in this
design is 125dB.

CéNhiCh adds very little hardware. One interesting point to

note here is that although the 6-bit word is segmented, the
signal content is only present in one subword. Hence, the
mismatch between the two DACs does not result in any spec-

B. Noise-shaped segmentation
tral leakage.

The use of the multi-bit quantization scheme, however,
does have a disadvantage. To achieve a guaranteed monotg- .
nicity and low DNL in the DAC, the thermometer encoding €. Dual retur-to-zero
scheme is commonly used before the analog reconstruction
Due to the mismatch between the analog unit elements, dis
tortion is introduced into the output waveform and degrades
the overall linearity of the DAC.

This design uses the scrambling scheme presented in [2
to convert the harmonics resulting from element mismatch

into spectrally shaped noise, thus preserving the hlghmemory of its previous output levels. However, this

dynamic range. Since the area of the swapping Circuitry is 1050 has several disadvantages such as the presence of
proportional toNlogN , where N is the number of input lev- pigh frequency components, large output step sizes and half
els, the approach is more suitable for inputs with equal to orphe signal strength. The large step sizes cause the output to

less than 16 levels. With a 6-bit input, or equivalently 64 lev- pe more sensitive to clock jitter and also makes it difficult to
els, straight application of the scrambling scheme leads to &;jter the waveform.

significant increase in chip area. To alleviate this problem, a - - - - - - - - - - — - __
new noise-shaped segmentation technique in Fig. 3 is used!
A first-order modulator converts the 6-bit word ‘A’ into a 4- |
bit word ‘B’. This 4-bit word ‘B’ is then subtracted from the |
input word ‘A’ to produce the 3-bit word ‘C’. Both ‘B’ and !
‘C’ are then thermometer encoded and scrambled. A 16-level |
DAC with weight 41 and an 8-level DAC with weight | then | thr%‘g’i'r?g"’ay !
convert the thermometer codes to current pulses which are:lb{ M1 M2 |_15

summed together by on-chip I-V converters. Since ‘A’ and
‘B’ both contain the inband signal, the difference “C” is the
quantization noise of the first-order modulator. Any gain
mismatch between the ‘B’ and the ‘C’ DACs will therefore
also be spectrally shaped and contribute little inband noise; phase 1 RTZ current cell

energy. The first-order modulator is a conventional-type - —--- T:@._i: Dual return-to-zero current DAC cell

A classic problem in continuous-time output stage is
inter-symbol interference (ISI). This interference occurs
because the output pulse does not have equal rise and fall
times, and hence each output level is affected by the previous

nes. ISI results in inband harmonics and thus degrades the
inearity of the converter. One solution is to use the return-to-
zero (RTZ) scheme so that the circuit does not have any
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Fig. 5 On-chip I-to-V opamp

To eliminate the inter-symbol interference in the output current starvation when driving a heavy resistive load and
waveform, the dual return-to-zero switching scheme in Fig. may lead to instability. The,,-stabilizing circuit M3-M10 is
4 is used. This new scheme avoids the large DAC output stemadded in to provide a constant bias current for the NMOS
size and reduces high frequency energy in the output wavedriver M12. When the gate voltage of the NMOS driver
form which would appear in a single RTZ scheme. Nonlin- drops due to lack of bias current, the loop will increase the
earities resulting from large voltage step sizes in the outputbias current in M6. This increment will be mirrored to M11
circuit will also be reduced. Since the step size is now muchin attempt to keep the NMOS driver bias current at the cor-
smaller, a more relaxed I-to-V converter design with smaller rect level. For optimal distortion, the transconductance of the
slew rate and gain bandwidth can be used. The dual RTZg, -stabilize loop should match with that of the NMOS
DAC cell in Fig. 4 consists of two identical current sources, driver. The opamp measured separately achieves -108dB
each active in one-half of the clock period. The data bit is THpD+N with a 1Vrms output voltage over the audio fre-
gated with the proper clock phase to drive the current sourceqyency band.
The total current pulse delivered to the I-to-V converter by Fig. 6 shows the on-chip low noise current generator. To
this scheme is therefore similar to that of the non-RTZ ensyre low gain drifting, the reference resistor is of the same
scheme except it is free of ISI. The dual RTZ scheme cantype as the feedback resistor in the I-to-V converters. To
also be explained using the superposition theorem. Sinc&chijeve the required noise figure, all MOS devices are opti-
each individual RTZ cell is free of ISI, by the principle of mnized for low thermal noise. An additional opamp, A2, is
superposition, the summation of two RTZ cells must also be 3,59 ysed to enhance the matching between the current

free of ISI. To avoid long switching transient time, the gsoyrces and reduce the output dc offset voltage.
unused cell is switched to a throw-away node during its inac-

tive phase (via M3 and M6) to keep its drain at a constant
voltage.

Vref o—{—

I1l. C IRcUIT DESIGNS Al I

To convert the current output to voltage, each DAC chan- +
nel uses a pair of I-to-V converters consisting of on-chip
resistors and very low-noise, low-distortion opamps. The
opamp is a classic two-stage single-ended opamp and has a

On-Stabilizing circuit in its output stage to drive a @K load. R$ > Vb
The first stage is a folded cascode which provides most of l Vreb

o pr

T
T

the overall DC gain. The high DC gain is needed to suppress
any voltage modulation at the drain of the current sources.
The second stage is a class AB-like output circuit to provide
a high driving capability and low-distortion. In a normal
class-A output stage, the NMOS driver may suffer from bias

Fig. 6 Low noise reference current generator



IV. M EASURED RESULTS V. CONCLUSION

The converter is fabricated in a Qué double-poly dou- This paper presents an audio D-to-A converter for CD/
ble metal CMOS process. The total die size is 3.1x3.2 DVD application. The design uses a continuous-time output
squared mm. The power consumption is 250mW. Fig. 9 stage to achieve high SNR in a small are. A new dual return-
shows the micro photograph of the IC. Fig. 7 shows the mea-to-zero scheme is used to eliminate the errors from inter-
sured spectral plot of a 1kHz, 0dBFS (2Vrms differential) symbol interference in the output waveform. The design uses
sine-wave input. Fig. 8 shows the THD+N plot versus input a 6-bit XA modulator and a new noise-shaped segmentation
amplitude for a 1kHz input sine-wave. Table | summarizes technique to lower the out-of-band noise and clock jitter sen-
some of the measured results from the Audio Precision Syssitivity.
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Fig. 8 THD+N vs. amplitude of a 1kHz sine wave

Table t
Chip summary
SNR (20-20kHz), unweighted 111dB
SNR (20-20kHz), A-weighted 113dB
D-range, -60dBFS, A-weighted 113dB
THD+N (0dBFS) -102dB

Digital filter passband ripple +0.04dB




