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A 1.8-mW CMOSXA Modulator with Integrated
Mixer for A/D Conversion of IF Signals

Lucien J. BreemsStudent Member, IEEEEric J. van der Zwan, and Johan H. Huijsifgllow, IEEE

Abstract—in this paper, the design of a continuous-time namic range (DR) and linearity specifications are more difficult
?as_eband Sfljgma—fde”f@A)(flf":C;dU'atlor wuthda_\n_lnltegrated mixer  to meet at higher frequencies due to circuit nonidealities and
or intermediate-frequency analog-to-digital conversion IS sarasitic effects. Using a bandpasa modulator for IF digi-
presented. This highly linear IF X A modulator digitizes a GSM .. . - - L .
channel at intermediate frequencies up to 50 MHz. The sampling _t'zmg IS more effl_CIent because high resolution is prow_ded only
rate is not related to the input IF and is 13.0 MHz in this design. in @ small bandwidth at the IF. However, the oversampling of the
Power consumption is 1.8 mW from a 2.5-V supply. Measured IF, usually by a factor of four, and the need for a linear bandpass
dynamic éjngg :CS 82 dB, gn(;iBt\f/li:g-QdeT intermonulatior:j dliSIOV- filter make the bandpag3A modulator rather power consuming
tionis — or two —6-dBV IF input tones. Two modulators j, the case of a high IF. In [5], a receiver is presented that per-
in quadrature configuration provide 200-kHz GSM bandwidth. forms subsampling of the IF input signal in order to lower the

Active area of a single IFX A modulator is 0.2 mn¥# in 0.35-um )
CMOS. sampling rate of the bandpasg\ modulator.

Index Terms—Analog—digital conversion, CMOS analog inte- BasepamﬁA modulathn, perfo.rmlng hlgh-resolutlon A,/D
grated circuits, continuous-time modulation, harmonic distortion, ~conversion of baseband signals with relatively low bandwidths,
IF mixer, radio receivers, sigma—delta modulation. is in particular suitable for use in communication applications
like GSM receivers or AM/FM radio. An important property of a
higher order basebani!\ modulator is that it achieves high res-
olution at modest oversampling ratios [6] and low-power con-

NCREASING the level of integration in communication resumption. In this paper, the design of a basebaid modu-

ceivers is the subject of considerable research effort, asator with integrated mixer for IF digitization is presented (IF
involves reduction of complexity and cost. Integrating signat A modulator). The mixer converts the IF input signal to base-
processing like narrow-band channel filtering, commonly peband with high linearity, and th&€A modulator performs the
formed by analog external filters, in the digital domain would bew-power, high-resolution A/D conversion. The mixer does not
beneficial in the sense of both cost reduction and improvemeyaintribute to total power consumption. Moreover, the input IF
of performance and accuracy. Realizing this higher level of iand sampling frequency are not related, but can be chosen in-
tegration introduces the challenge of pushing the analog-to-diizpendently. This greatly extends the IF input range to frequen-
ital (A/D) converter performance towards higher resolution arsles measured up to 50 MHz, without affecting power consump-
higher frequencies. tion of the XA modulator.The dashed box in Fig. 1 shows the

Fig. 1 shows a block diagram of the traditional heterodyrfanctional block diagram of the IEA modulator. It replaces
receiver architecture. The desired channel is converted to ba$e-IF mixer, anti-aliasing filter, and A/D converter. TwolRA
band through several mixer stages and separated into in-ph@gglulators are required fdrand@ demodulation and. The
(I) and quadraturé?) components for image rejection. The channelselection filterin front reduces dynamic range, linearity,
and@ signals are digitized by two baseband A/D converters. Aknd image rejection requirements for the modulators. Because
ternatively, direct digitization of the channel at the intermediatsf its multiple functions, the channel filter is a key element in
frequency (IF) by a wide-band A/D converter [1] or a bandpasise receiver architecture. An example filter response is shown in
YA modulator [2]-[4] has become an important field of interesEig. 2. The filter passes the desired channel band (200 kHz) and
Direct IF digitization with a wideband A/D converter has sevsuppresses adjacent channels by 30 to 40 dB. In order to filter a
eral advantages over baseband A/D conversion. Demodulat®90-kHz channel bandwidth with high selectivity, external ce-
of 1 and() components is done in the digital domain with perfeatamic filters or surface-acoustic-wave (SAW) filters are used. As
gain and phase matching. Also, IF A/D conversion is insensitiveentioned in the previous section, cost reduction of the receiver
to dc offset and low frequency noise. Animportant disadvantaggeachieved by a higher integration level. Therefore, on-chip in-
of a wide-band A/D converter is the high power consumptiottegration of this external passive channel filter by means of ac-
as it provides high resolution in a large bandwidth. Also, dytive or digital filters is highly desired.

Section |l describes the role of the channel filter in the re-

Manuscript received April 1, 2000. ceiver architecture. In Section IIl, the main system requirements
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Fig. 2. Typical channel filter frequency response. Fig. 3. Dynamic range requirement.
II. CHANNEL FILTERING Amplitude B
M3 blocking
An integrated higher order active filter can be designed by 87dB signals
cascading several transconductance-C filter sections [7]. How- M3
ever, severe dynamic range, bandwidth, and linearity require-
ments apply to the active filter, as it has to handle the full unfil- T .
tered IF signal spectrum. A considerable amount of power will 0 channel requency

be needed for such a high-performance filter. Moreover, due to

parasitics and process variations, only a limited quality factbig. 4. Third-order intermodulation requirement.

is achievable. Special tuning techniques have been reported to

pu'sh the qua!ity fgctqr to highe.r.values [71, [8]: Sill, t.he §elecA. Dynamic Range

tivity of an active filter is not sufficient yet for radio applications. ) ) o
Alternatively, a digital filter can be designed with superb Theé dynamic range requirement at the channel filter input

selectivity, linearity, and accuracy. However, without analogas been indicated in Fig. 3. The minimum power of a desired

narrow-band filtering, the automatic gain control, mixer, anf#SM channel at the antenna of the receiver is specified to be

A/D converter must be capable of handling the full dynamitf_lo"' dBm. To have sufficiently low bit error rate, the required

range and bandwidth of the received signal. signal-to-(noise + distortion) ratio (SNDR) is 9 dB. This implies
Thus, analog integration of the channel filter requires that power of total in-band noise and distortion should be as low

high-performance active channel filter, while a high_perfo,gs—113 dBm. Total power of the adjacent interference channels

mance A/D converter is required in case of digital integratiof the GSM band can be up te23 dBm, resulting in a dynamic
of the channel filter. Because the feasibility of either analog &&nge of 90 dB.

digital channel filter integration has not been shown yet, espe-

cially for low-power consumption, the traditional architectur®. Linearity

of Fig. 1 with an external analog channel filter is still widely The |inearity specification is also determined by out-of-band
used in today's receivers. Great effort is made at optimizing thgycking power. Third-order intermodulation distortion (IM3)
A/D converter for one or more of the specifications describag; two maximum blocking signals 626 dBm should be 87 dB
above. The design in this paper has been optimized for langgiow the signal carriers (Fig. 4). This is required in order to
dynamic range, high linearity, and low-power consumptioRqeet the 9-dB SNDR at minimum input power of the desired
In the next section, these requirements are discussed in M@kgnnel. Thus, third-order intermodulation at the input of the
detail. channel filter should be not stronger thaB7 dB.

C. Image Rejection
lll. SYSTEM REQUIREMENTS . o )
The image rejection requirement depends on the topology. In

The design of the modulator in this paper was intended for uke zero-IF topology, the GSM channel is directly converted to
in GSM-based receivers. The specifications have been defirdid Image rejection requirements are relaxed because the desired
at the input of the channel filter. channel and the image channel are essentially the same, and
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desired Fig. 7. IFXA modulator block diagram.
channel
: For portable applications, low-power consumption is manda-
0 Frequency tory. Therefore, the LO frequency should be independent of the
A sampling frequency’, to avoid excessive values for the
Fig. 5. (a) Low IF conversion. (b) Zero IF conversion. sampling frequency in case the input IF is high.
Fig. 7 shows the IEZEA modulator block diagram. The mixer
Lo fs is placed at the input of the modulator, followed by a fourth-
order low-pass anti-aliasing filter. The output of the filter is sam-
N pled at frequency, and digitized by a 1-bit comparator. The bit-
IFinput | % > A psp (==* stream output of the comparator is fed back through digital-to-
— : _ : analog (D/A) conversion and subtracted from the analog mixer
IF mixer Anti-aliasing TA i Digital signal . .
: fiter modulator | processing output. The feedback path forms the continuous-time baseband
s TN 32A modulator loop. The feedforward paths in the loop filter are
needed for high-frequency stability of the modulator [12].
Fig. 6. A/D converter topology. This architecture has some important features. The mixing

frequency and sampling frequency are not related and can be

25 dB of image rejection is sufficient for many applications [9fhosen independpntly. This is important 1_‘or both flexibility and
[10]. Enough rejection of the image channel is obtained[bypower consumption of thEA modulator in particular for re-

and@ demodulation. Consequently, zero IF conversion does rfestver arcr_litectures With_ a high inpl_” IF. The Io_cal oscillator
introduce the need for a filter for image rejection. frequency is equal to the input IF, while the sampling frequency

An alternative method is to convert the channel at IF to'§ detérmined by the dynamic range and bandwidth require-

low offset frequency (low-IF topology). In this case, the imag@ents of the ba_seband signal._ Thg sampling frequency is set to
channel and desired channel are not related, and the image sigiaf0West possible value to minimize power consumption. The
can be much stronger than the desired signal (Fig. 5). Dependifg€" does not contribute to the power consumption, as will be
on the radio standard, this may result in a severe image rejectiblYW" in the next section. Last, the loop filter of #ie mod-
requirement in the order of 80 dB. This is achieved by a comp{lator acts as an anti-aliasing filter as well.

nation of channel filtering (30—-40 dB) addand(} demodula-
tion (40 dB).

In the case of GSM app"caﬂon, there are guaranteed ho|egA\n RC integrator implementation is used for the first filter
in the receive spectrum, and image rejection requirements &t@ge, which is an op-amp with integration capaci@rs neg-
much reduced if such a hole is chosen as the image signal [gjtive feedback (Fig. 8) [13]. The input resistdis, and D/A

If the A/D converter reaches these requirements closefgnverter (DAC) feedback resistafs s are connected to the
channel filter specifications become more relaxed and a lowgput nodes of the op-amp and convert the input and DAC refer-
cost channel filter can be used. Obviously, there would be goce feedback voltages into currents. A passive mixer is imple-
need for an external channel filter if the A/D converter meetgented with two differential current switching pairs. The com-
all requirements. In that case, channel filtering can be donefilementary clock phases; and ¢ periodically couple and

B. Implementation

the digital domain. cross-couple the differential input current. Due to the mixing,
the input signal amplitude is reduced by 4 dB. Highly linear
IV. IF A MODULATOR DESIGN mixing is achieved by placing the mixer at the op-amp virtual
ground nodes. Then, the nonlinear channel resistance of a mixer
A. Topology switch is only modulated by a fraction of the input voltage. The

The IF A/D converter topology is shown in Fig. 6 [11]. TheDAC feedback resistors are connected to the output of the mixer
IF input is in the 10-100-MHz range or up to a few hundredserefore placing the mixer outside the\ loop. The error cur-
of megahertz. The IF channel is converted down to basebawedt flows into the integration capacitors and generates a voltage
by the mixer and filtered by an anti-aliasing filter. A basebandutput. The output voltage of the first integrator is connected
A/D converter digitizes the low-frequency channel. In order fdo the next filter stage with voltage input. The higher order
this topology to be widely applicable, the local oscillator (LOjilter stages are all transconductance-C integrators. The feed-
frequency must be in the same input IF 10-100-MHz rang®rward paths are implemented as transconductance amplifiers.
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Fig. 10. Nonlinear mixer model.

output voltage of the op-amp. Small resistdis are placed

in series with the integration capacitors to compensate for the
Fig. 9. Mixer and op-amp circuit. right-half-plane zero of the integrator.

Noise performance of the input stage is dominantly deter-

i mined by the thermal noise of the input and DAC resistors.
The output current signals of the feedforward paths are CQaving finite gain, the input PMOS transistavs , M, produce

nected together and fed into the current input of the comparaQs,manic distortion. These transistors are biased with relatively
The digital output of the comparator is fed into a one-bit D//high currents (21QuA each) to achieve good linearity.
converter with a periodic return-to-zero interval in order to avoid

intersymbol interference [14]. The D/A converter switches con-

nect the feedback resistors to the positive or negative reference V. PERFORMANCEASPECTS
voltage. During the return-to-zero interval, the feedback resi’& Mixer Nonlinearity

tors are connected to a zero reference voltage.

For first-order approximation of the nonlinear mixer be-
havior, the simple model of Fig. 10 has been used. If driven
by perfect complementary clock phases, always one pair of

In this design, the first filter stage dominantly determineswitches is conducting and the mixer is simply modeled by two
system noise and distortion performance. The design of the firstnlinear switchon-impedances:,,, and four ideal switches.
stage is shown in Fig. 9. For speed reasons NMOS transistdtee current through a transistor operating in the linear region
have been used for implementation of the mixer. There- is given by [15]
sistance of each switch is small relative to the input resistance.

Therefore, the switches are modulated by a small fraction of the W Vs

input voltage only. The input stage of the op-amp is a differ- Ip = pnCox— (vgs - Vr - 7) Vds (1)
ential PMOS paif M, M>) with cascade transisto(d/z, M)

to increase gain. The upper PMOS transistdis, M) are bi- wherey,, is the mobility, C,,x the oxide capacitancéy and L
ased in the linear region and the gates control the common-make transistor dimensions,, the gate-source voltagéy the

C. Input Stage Design
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TABLE | TABLE I
MIXER SWITCH DESIGN DESIGN PARAMETERS OF THEINPUT FILTER STAGE
PARAMETERS
_ Vad 2.5V
Vio 3Ver G 3 4mAIV
Var 0.5V I 210pA
Ron 2kQ Vi 1.875V
Rin 70kQ Rin T0kQ
&ﬂ Rdac 33k
HD3 -105dB

threshold voltage, and,; the drain-source voltage. The con-
ductance of the switch is calculated by differentiating (1)

aly w 1 o
— nOox_ . — Vi — )= —. 2 mixer driver
Bvas W I (Ug T — Vds) on (2
From Fig. 10, the input current through a switch is calculated ... el lol 1ol ]o B
1 Vi
= Bt 2 @) o
DAC current .
It has been assumed that the input nodes of the op-amp are pi loac —JZ:
fect virtual ground nodes. Substitution of (1) and (2) into (3) and distortion R
Taylor series expansion yields an expression for the third-hal signa v vV
. . . time -—»
monic distortion HD3
3 v 2 s, 3 Fig. 11. Mixer LO overlapping clock driver (time domain).
HD3= — .| —2—) - (== . 4
plooy) () e

C. Mixer LO Driver

In this analysis, matching between the differential paths is CON-Another important aspect related to the performance is the
sidered to be perfect (no even-order harmonic distortion). Fr9Bkal-oscillator clock scheme that drives the mixer. As men-
(4)_, it can be concluded that good Iinea_rity is ach_ieved if t foned earlier, the mixer is ideally driven by perfect comple-
switches have lovon-impedance and a high overdrive VOItag?nentary clock phases. A simple implementation providing com-
(T.Jgs N VT.)' Table | ShOW.S some relevant paramet_ers for th_e dﬁl’ementary phases is a single inverter stage. However, due to
signin this paper. _Substltutmg these parameters into (4).9'Veﬁ1@ delay of the inverter, the output signal is slightly shifted in
fwsF-order esumauqn °_F94"?'B ,HD3 produced_ by the MIXET, hhase. As a consequence, both clock phases may be overlapping
which shows that high linearity is achievable with this archite high) for a short time interval. If both clock phases are high, all
tre. switches are conducting at the same time, and a low impedance
path exists between the input nodes of the op-amp. Due to the
short-circuit path, the differential feedback DAC current is dis-

Distortion analysis of the first op-amp is more complicated, asrted. This is shown in the time domain in Fig. 11 for the case
itis introduced within the&ZA loop. In [16], an analysis is given where the LO frequency and sampling frequency are not equal.
to calculate distortion of th&A modulator due to nonlinearity  The upper plot shows the mixer local oscillator with over-
of the first opamp. Third-harmonic distortion is estimated bppping phases. Without an input signal presentthemodu-

B. Op-Amp Nonlinearity

(strong inversion) lator produces an idle 1-0 bitstream pattern and the DAC feed-
5 back currenttoggles between the positive and negative reference
HD3 ~ Vo Vi <1 + Rin ) (5) Vvalues. At the moment of overlap, the DAC current is distorted
128(Ip - Rin)® Rpac and the frequency of this distortion signal equals
whereVy, is the overdrive voltagéuv,, — V7). It has been as- faise = foac — fro (6)

sumed that the impedance of a mixer switch is much smaller

than the input resistance. A simple design strategy is derivieeing the difference between the frequency of the DAC feed-
from (5). The input transistors are biased in moderate inversiback signal and the local oscillator. This effect has been verified
to have a lowV;. Furthermore, the values of the input resistorigy simulation. In simulation, the mixer is operating at half the

R;, and feedback resistor$p A are large (limited by thermal sampling frequency (6.5 MHz), and a 6.52-MHz input signal

noise contribution). From (5), the biasing curréptan be esti- is downconverted to 20 kHz. Fig. 12(a) shows the simulated
mated for a certain distortion requirement. Table Il shows the paitstream spectrum when the mixer is driven by perfect com-
rameters used for this design. According to (5), third-harmonitementary LO clock phases. Clearly, the fourth-order noise
distortion due to op-amp nonlinearity is expected to be belostaping is visible within the signal band. Fig. 12(b) shows the
—100 dB. simulated spectrum if the mixer is driven by overlapping LO
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Fig. 12. Simulated bitstream spectrum ofSIFA modulator with (a) ideal mixer and (b) overlapping clock phases.
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Fig. 13. Nonoverlapping clock generator.

. . . Fig. 14. Test chip micrograph.
clock phases. The in-band noise level has been raised and some

discrete peaks can be observed. This is high-frequency quandB SINAD CHI, vs  BEN VOLT /dBr
tization noise present in the bitstream spectrum at the LO fre- o9 . : ] . . . .
quency’s leaking into baseband due to the nonideal mixing.
This effect of quantization noise “leakage” is much less se-
vere if the local oscillator frequency is equal to the sampling
frequency. Due to the noise-shaping characteristic, quantizatior
noise power at the sampling frequency is very low. However, the 29
most flexible way to solve the problem of leakage is the use of 40
nonoverlapping LO clock phases. Fig. 13 shows a simple circuit 20
that has been used to generate nonoverlapping clock phases.  2g

VI. EXPERIMENTAL RESULTS

The IF XA modulator has been realized in a 0,38 stan- Fig. 15. Measured SNDR as function of applied input level (mixer off).
dard CMOS process. The chip micrograph is shown in Fig. 14.
The active area is 0.2 minThe resistors are implemented inDR is 86 dB. At 0 dBFS (full-scale input is 1.3;V differ-
polysilicon. The floating capacitors of the first integrator stagential), the SNDR is 84 dB. For signals larger than 0 dBFS,
are metal-to-metal sandwich devices. Gate-oxide capacittiie system is stable but overloaded and the performance is de-
have been used for the other filter stages [12]. All measuremegtaded. The next measurements have been done with the mixer
described below have been taken at 2.5-V supply voltage. turned on. The resolution bandwidth of all measured spectra

First, dynamic range of the A modulator has been measureds 36 Hz. Fig. 16 shows the bitstream output spectrum from
(mixer turned off). This was done by connecting one pair & to 100 kHz. A—28-dBFS, 13.02-MHz signal is applied to
the mixer switches to ground and the other pair to the supglye input. The mixer is operating at 13.0 MHz and converts the
voltage. A 10-kHz test signal has been applied to the inpuhput tone to 20 kHz. Due to the passive mixing of a sinusoidal
Fig. 15 shows the measured SNDR of the output bitstream spatput signal and the square LO waveform, the downconverted
trum of the modulator for different input levels. The measurefdequency component of interesf,, — fr.o) is suppressed by
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Fig. 16. Measured output spectrum. Fig. 18. Output spectrum for IP3 measurement.

TABLE I
dBr HOLD , FFT CHL vs FREQUENCY /Hz OVERVIEW OF MEASURED PERFORMANCE
0 Technology 0.35um CMOS (1PS 5AL)
-20 Active area 0.2mm?
-40 Supply voltage 2.5V
-60 Power consumption 1.8mW
_80 Sampling frequency 13.0MHz
: Bandwidth 100kHz
-100 {hewm
Input amplitude 1.3Vims
-120
: : - Local oscillator frequency 0-50MHz
70k 80k 100k SNR 82dB
M3 -84dB
Fig. 17. Measured output spectrum of YA modulator with (a) overlapping
LO clock phases and (b) non-overlapping clock phases. IP3 +36dBV

4 dB. Therefore, the maximum input signal amplitude is 4 dtB t'_l'he m|xcirr1freqt1enc3|/ can r??r?id frorr_]do(tjotﬁo MHz. Thle I|m_|-
larger compared to the maximum input of theé\ modulator ation was the external circutt that provided the honoveriapping

without the mixer. In order to have the same maximum input arﬁl-OCk phases. This circuit was not integrated on chip for experi-

plitude, the DAC reference voltage of theYFA modulator has mental purposes. Power consumption of a singlELrmodu-

been scaled down by 4 dB. The measured DR of the modulall%ﬁpr is1.8 mW from a2.5-Vv supply. Half of the POWET 1S con-
umed by the first filter stage, while power consumption of the

with mixer is 82 dB. Fig. 17(a) shows the output spectrum with MeC -
a —30-dBFS signal at 49 kHz originating from a 6.549-MHFNIXer is negl|g|ble. The measured performance has been sum-
input signal and the mixer operating at 6.5 MHz. The mixer @arlzed in Taple Il
driven by overlapping clock phases. Some large discrete peaks
can be observed as expected from simulation results. Fig. 17(b)
shows the same measurement if the mixer is driven by nonoverResearch efforts pushing toward digital integration of the
lapping clock phases. The noise floor has dropped by more thdrannel filter in radio receivers have introduced the need
10 dB and the spectrum is flat without large discrete peaks. TH@ high-performance A/D converters, operating at higher
experiment shows that nonoverlapping clock phases prevent digguencies with a large dynamic range and high linearity.
nificant leakage of quantization noise, which is present at the L&Ah integrated design of & A modulator and an IF mixer
frequency, into baseband. for IF A/D conversion has been presented. The resulting IF
Linearity of the mixer and modulator was measured by ap:A modulator has some important features. The input IF
plying two —6-dBV input tones at 13.040 and 13.052 MHz. Thean be chosen independently and can be much higher than
mixer operating at 13.0 MHz converts the input tones to 40 atlie sampling frequency if necessary. This is different from
52 kHz, respectively. Fig. 18 shows the bitstream output spec-bandpas&A modulator that needs a sampling rate that is
trum. Third-order intermodulation distortion components can liegher than the input IF.
found at 28 and 64 kHz and are 84-dB below the signal carriersPower consumption is low (1.8 mW) as a result of combining
The third-order intercept point (IP3) is &36 dBV. The noise a passive mixer and a baseband continuous-fidanodulator.
that can be observed around the 40-kHz carrier is phase ndilgh linearity has been achieved, and the IP3 is measured to be
from the 13.040-MHz signal generator. Due to the limited dy-36 dBV. The chip as described in this paper is designed for use
namic range of the measurement equipment, the noise flooiiGSM-based receivers and provides 100-kHz (single modu-
Fig. 18 is higher than in the previous figures. lator) signal bandwidth at a 13.0-MHz sampling frequency. Two

VIl. CONCLUSION
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IF 2 A modulators in quadrature configuration provide 82 dB of[16] L. J. Breems, E. J. van der Zwan, and J. H. Huijsing, “Design for
dynamic range in 200-kHz GSM bandwidth while consuming optimum performance-to-power ratio of a continuous-time sigma-delta

modulator,” inEur. Solid-State Circuits Conf. Dig. Tech. Papegept.

only 3.6 mw. _ o 1999, pp. 318-321.
The linearity and dynamic range specifications of the mea-

sured prototype chip are closely reaching the GSM requirements
before channel filtering. This implies that requirements for the

channel filter in front of the A/D converter are relaxed. Pushin
the A/D converter to even higher performance may result |
on-chip digital integration of the channel filter in the future.
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