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Abstract—Subharmonic sampling is a discrete-time solution
to the signal downconversion problem. It can be used either to IM
replace a traditional continuous-time mixer in a superheterodyne l
receiver or can be combined with other discrete-time analog sig-
nal processing blocks in novel receiver architectures. We present auT
a 2-GHz bandwidth integrated mixer based on subharmonic
sampling operating at sampling frequencies from 40 MHz to n=6 |l | I | | l | by

fnp

1.5 GHz. The conversion efficiency is optimized by appropriate fe Tg 20 3 5 4, 5f 5 Bl
choice of the clock duty cycle. The sampler uses a two-diode

topology with a 3-V supply. The downconversion loss for the

passive sampler is 1 dB and the total system gain 3 dB. The mixer "'E_]l | | My

achieves IIP3 of+16-dBm and —1-dB compression+7 dBm for
a single-tone input. The circuit was implemented with a 0.6- _ _ _ _
um GaAs metal-semiconductor field effect transistor (MESFET) Fig. 1._ Spe;tral behavior of a subharmonic sampler with two different
process. sampling ratios.

||,|: 1._5 EIL-EI f

Index Terms—Frequency conversion, integrated circuits, MES- . h . . led th
FET circuits, MMIC mixers, mobile communication, sampled JIF = _m1n(|f3F —”f_LOD: wheren Is an integer called the
data circuits, subharmonic sampling. sampling ratio. In Fig. 1, two different sampling frequencies
produce the same IF. The higher sampling frequency produces
less harmonic components close to the desired IF. The more
significant benefit for using a high sampling frequency comes
_ from the fact that every switching harmonic converts noise

N THE SAMPLING process, harmonic components, gerground it to baseband. Because one source of the noise is the
| erated in the switching operation, mix with the bandswitch resistance of the sampler, the internal noise aliasing
limited input signal and produce replicas over a wide rangfoblem can only be reduced by increasing the sampling
of frequencies. A replica, located at baseband or close toffgquency.
can be used as a downconverted signal in baseband or liSybharmonic samplers in the RF frequency range have
signal processing [1]. Therefore, in comparison to classioggben used up to 1 GHz as a separate mixer [2], as a part
continuous-time mixers, an additional degree of freedom fgf the receiver front-end including filtering [3] and in a
LO frequency selection is available. To prevent aliasing ficocell wireless terminal prototype [4]. Some recent direct
signal replicas, a sampling frequency at least twice the sigr@gitization GPS receivers use the same principle in the front-
bandwidth must be chosen.. By appropriate chqlce of the switgRd at 1.5 GHz [5], [6]. In this paper, we demonstrate for
duty cycle a small conversion loss for a passive structure cg first time a fully integrated subharmonic mixer with an
be achieved. _ on-chip strobe pulse generation circuit capable of handling

To produce the desired IF frequency we can choOggut signals up to 2 GHz with small conversion loss and
from the set of sampling frequencies given by the equatigfigh third-order intercept and compression points. It uses a

pair of two-diode bridges and operates with a single 3-V
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g(t) whereT, = 1/f, is the interval between samples ands
! R.. the width of the pulse. The effect of the hold can be obtained
x(t) —:II- y(t) when the rectangular hold function, which is nonoverlapping
C, with the gate function, is convolved with the sampled values
T taken at the moment when the switch turns off giving

Fig. 2. Sampler model in the analysis.

yn(t) = zs(t) = h(t)
+oo T
discusses the measured performance. The work is summarized _ A cos(wint)- Z §(t—kT, — 7) = H < t—TT )

in Section VI. (1=n)Ts
(3)

k=—o0

[I. CONVERSION EFFICIENCY OF A SUBSAMPLING MIXER

The conversion efficiency of a subsampling mixer can bEhe clock duty cycle) = /1, is taken as a separate parameter
obtained from the simplest possible description of a samplksed later in the analysis. Track and hold mode waveforms
including only the switch resistance and hold capacitor @€ nonoverlapping in time and therefore the output can be
Fig. 2. The circuit has two operation modes which depend égfined by their superposition both in the time domain and
the switch position. When the switch is closed the output tracks the frequency domain. The Fourier transform of the output
the input and the operation corresponds to first-order low-pdssthus
filtering. There is thus no frequency translation. Opening t .
switch turns the sampler to the hold mode, and the out;:r))ft(f) =Yulf) + Yilf)

. . . . . + oo .
retains the final value of the input until the switch turns on _ Z sin(nw fs7) I X (= f.)

again. The queue of samples forms a hold envelope in the £ N fsT
time domain at the intermediate frequency according to n__[ ( N 4oo
sin[w f1,(1—n)] _..
fir = |frr — mfs] 1) + — o ¢ IR N X (f-nfs).

wherem is the harmonic component of the sampling frequency (4)
closest to the RF frequency. Thus, the hold mode converts #her the sinusoidal stimulus(t) = Acos(wi,t) the (4) can
signal power down to the desired IF by appropriate choi¢se rewritten by using the Fourier transform of the input
of sampling frequency. Because of fast transients during the f) = A-6(f — fi,)

changes between two operation modes, the signal spreads over

a wide range of frequencies. Theoretically it can be shown — Ay Jio Sin(”WfST)e—jnwfsré

that the desired IF component can be designed to be much (/) nr for (f = fin—nfs)
larger than the unwanted spurious responses thus yielding e

a small conversion loss for a passive structure. Before that, + AsinfrfT5(1 — ”)]e—jwas(Hn)

the following conditions must be met to validate the simple 7 [T

analysis and give the first level design prerequisites. Signal =

bandwidth is limited to the half of the sampling frequency x Z 6(f = fin —nfs). (5)
to avoid spectral aliasing. That is typically done with the n=Tee

preselection filter located directly after the antenna in thg, caiculate the conversion efficiency at zero IF, i.e., direct
receiver front—eqd. In the circuit, the time constant for Chargi.%wnconversion case we have to first define the set of outputs
the hold capacitance must be small compared to the ti@ich can produce zero frequency components. It happens
duration while the switch is closed in order to track the mpu&my when f;, is an integer multiple of the sampling frequency,

The falling edge of the sampling pulse must be steep enoughsieq according to (1). We get
as not to limit the input bandwidth. The circuit output should

be terminated with a high-impedance buffer to minimize signal oo '
droop during hold. Y(f)=A4An Y sinc(nfir)e " TS(f = (m+n)fs)

In the track mode, the input signal(t) = A cos(wint) n=—0co
is multiplied directly with a rectangular gate function. For a + A(1 = p)sinc[fT,(1 — n)]e 7™/ T+
single tone input the output is +o0

¢l X > 8= (m+n)fy). (6)
welt) = a(tla(t) = () [ (£ - 3) ==
z(t) T eea e2mft It produces the replica at dc when = —n and hence, the
=T > </0 e I dt>(31 ’ downconverted component is

k=—o0
oo . ' ' Y (0) = An sinc (mfor)ed™ T 4 A(1 = n). (7
—A. Z Me—ﬂcm‘sf COS(wint)eijﬂfst

k=—o0 ke When the desired IF is much smaller than half of the sampling

(2) frequency, the previous formula approximates the transfer
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Fig. 3. The theoretical conversion efficiency of a direct conversion samplir‘f mbined after dc isolation by using discrete 189brids in the measurement

mixer as a function of the sampling clock duty cycle at the sampling ratio of L tup.

. . . . . of the mixer is close to the Nyquist limitation for wireless
function at low intermediate frequencies accurately and sim- L . . .
o . ) . . .~ communication systems like GSM, which has 30 MHz receive

plifies analysis. We define the signal undersampling ratio, pr . . .
: : . andwidth. Our intention was to use a topology capable of
simply sampling ratio, to be . . ;
operating at smaller sampling rates in order to reduce the effect
_ J-34B ®) of noise aliasing and to minimize the conversion loss. The 2-
fs GHz input bandwidth allows the use of the same mixer for
Systems like DCS1800 and DECT in addition to the 1-GHz
range applications.
The circuit consists of two sampling bridges, an output
uffer, and the strobe pulse generation circuit. Fig. 4 shows
the block diagram of the downconverter. The differential high-

ns

where f_3 4p is the highest incoming signal frequency belo
the sampler—3 dB point which makes», integral. Thus,
the power conversion efficiency for an arbitrary sampling
pulsewidth and ratio is

G Y (0)Y*(0) frequency input signal is divided to two separate single-ended
X(f-sap)X*(f—34B) samplers which have a common differential buffer in the

5 (L—m)sin(2rnsm) = 1— cos(2mnsn) output. Differential signal processing, although expensive in

=L =m"+ naT 2n2n2 : terms of power, is preferable in RF circuitry because of the

9) insensitivity it provides to common-mode distortion from the
substrate and supply voltages. Isolation is very important when

The theoretical conversion efficiency is shown in Fig. 3 asrigh-speed clocks are present in the RF circuitry. In addition
function of the clock duty cycle. to that there is a requirement for separate analog and digital

Equation (6) shows that any input frequency located stipplies. Although the strobe pulse generation is implemented
some harmonic of the sampling frequency will alias down t@ith differential structures, the top and bottom nodes of the
baseband. The input bandwidth of the sampler limits the noisempling bridge are finally controlled by two separate single-
at high frequencies like a first-order low-pass filter, and thended pulses which have opposite phases. A slight asymmetry
aliasing from external sources is theoretically avoided withetween pulses is inevitable. At small input signal levels, the
the bandpass filter in the receiver front-end. But the noisgymmetry dominates charging the hold capacitor from sample
generated after the filter will be aliased as any other inptg sample to one direction and thus limiting the dynamic range.
frequency, and hence the noise performance will deteriorate\@ih two separate bridges the error cancels out in the output
a function of the sampling rate. In practical receivers operatim@ffer when the differential branches are recombined. The
in the 1-2 GHz range, the stopband attenuation of the prefiltgfobe pulses are generated on-chip from an external signal
is far from ideal, and the front-end amplifier introduces noissource.
outside the RF-band as well. In principle, a noise filter in front
of the sampler would reduce the previous phenomena, but W.E!Sampling Bridge

noise genergteq by.the SV\."tCh can not be avoided. Therefo.reDiode bridge design with field effect transistors (FET's)
the noise aliasing is an inherent problem for subharmonic

. L ahd a low supply voltage has the problem that it requires
samplers and can be seen in the noise figure performance : . : :
large amplitude sampling pulses. Schottky diodes are easily

implemented in a MESFET process, but the commonly used
four diode bridge requires current sources on the top and
Sampling circuits can be roughly divided to two categoridsottom of the bridge to supply sufficient current during the
according to the switch type. Diode switches are often useédck mode. Hence, at turn on, two diodes and two current
when high-speed switching is needed, but at lower samplisgurce transistors in saturation are in the stack between the
frequencies transistor switches are the dominant choice. Megpply rails simultaneously. The minimum saturation voltage
subsampling mixers use CMOS switched capacitor track-araf-a depletion mode transistor biasediats is close to 1 V
hold circuits [2]-[4]. This topology limits the clock frequenciesn a typical MESFET process. Hence, the smallest possible
to approximately 100 MHz, and hence, the input bandwidgupply is theoretically 3.4 V. DC isolation between the bridge

I1l. CIRCUIT DESCRIPTION
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Fig. 5. Two-diode sampling bridge. The hold and coupling capacitance ) )
values are all 0.5 pF. Fig. 7. Schematic of the clock buffer. Strobe pulses are fed to the sampling

bridge in Fig. 5 through the coupling capacitors Cc+ and Cc-.
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Fig. 8. Capacitors were implemented with three wiring layers to minimize
! ! the area and large parasitics to substrate.

| |
I I
” ” proportional to the time constant. In both cases, a high

_ S impedance buffer after the sampler is needed to minimize the
Fig. 6. Strobe pulse generator circuit with timing diagram. droop during the hold mode. We used a differential common
source amplifier with resistive loads followed by two emitter

and current sources is not possible because the dischardiitpwers driving the 502 loads in the measurements. A
of the coupling capacitors is too slow while tracking ang@ommon source stage provides high input impedance and good
the continuous charging of the capacitors from sample @mmon mode rejection. The bias to the input transistors is
sample destroys the operation. The trend toward low supgigought through the bridge to avoid discharge through the
voltages requires the use of alternative topologies in diogéasing circuit. The simulated buffer gain is 4 dB.
bridge samplers implemented with MESFET technologies.

'The two-diode bridge [7] in Fig. 5 is capable of operqting:_ Strobe Pulse Circuit
with a low supply voltage because the strobe pulse circuit can , , L
be dc decoupled. The initial design specification was 3 V, butAS S€en from Fig. 3, the conversion loss is minimized when
in the measurements the strobe pulse generator was insensffdnfinitely narrow sampling pulse is used. However, the hold
to supply variations from 2.7 up to 5 V. The diodes condu&@pacitor can not bg charged mstantangously to the full mput
when the sharp strobe pulses pull the voltage over the turn-§{t@ge. In the two-diode topology, the time constant charging
point. The current from the pulse generator charges the hditf Nold capacitor depends on the current from the strobe
capacitor to a voltage proportional to the input. The fallingU!S€ generator. Therefore, a strong clock buffer is required
edge of the strobe turns off the diodes and switches the sampfePPtimize the circuit performance. The sampling pulses are

to hold mode. In the hold mode, the hold capacitor connectdgnérated by an SCFL differential delay chain coupled to an

to a high impedance buffer keeps its value with a small drodgR 9ate as shown in Fig. 6 [8]. A sinusoidal LO input of

Simultaneously, the coupling capacitors discharge through @gProximately 0 dBm is amplified, and the delayed edges
bridge resistors because the output node of the bridge is &/ath® LO produce positive and negative sampling pulses

virtual ground for the strobe circuit. The resistors also keéy llustrated in the timing diagram. The generator produces

the voltage at the top and bottom of the bridge equal to tgrobes with fixed pulsewidths at different LO frequencies.

output during the hold mode, and therefore no reverse biasgef Simulated pulsewidth values of approximately 350 ps give
bootstrap diodes are needed. enough time for the circuit to set up the track mode when

the switches are on with the designed clock buffer. Thus,
the duty cycle at 500-MHz sampling frequency is 0.18 that
B. Output Buffer gives theoretical conversion loss of 2 dB. Except in the clock
In a subsampling mixer followed by continuous-time cirbuffer, standard SCFL cells with resistor loads are used to
cuitry, discharging of the capacitor during the hold modavoid the effects of uncorrelated process variations between
decreases the conversion efficiency. On the other handeithancement and depletion transistors. The clock buffer shown
discrete-time samples are processed after the circuit the samé&ig. 7 amplifies the pulse swing above the diode turn on
effect can be handled as a reduced voltage value diregblgint and feeds sufficient current to the bridge. Because of
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Fig. 9. Microphotograph of the chip. The differential RF input signal is brought to chip via pads on the left side and isolated from the clock circuitry
in the middle with symmetrical analog ground planes on both sides of the input wires.

the capacitive coupling to the bridge, only the relative swing Power
between the positive and negative branch is important, relaxingo o [] Bias-T Combiner LNA
the absolute dc-level requirements with low supply voltages.

DUT 1~ Spectrum
In this case transistor loads are required in the intermediate ED_ o i Analyzer

stage to produce sufficient amplitude swings. S0Q

(\\
o DC-Block
D. Layout and Fabrication f, ocks

The circuit has been fabricated using Vitesse semiconduc- _ . N .
ID-MESFET or designed for digital VLS ig. 10. The noise measurement setup. Low noise amplifier is required to
tor 0.6um E/D- process designed 10 gra aise the measured noise over the internal level of the spectrum analyzer.

circuits [9]. The process did not support inductors, and the
capacitors built from three wiring layers had small capacitanﬁ(]e

. L .he large number of harmonics and different mixing principles
per-unit area and large parasitics to substrate. The capacitQrs : : . . .

. . p . R interfere with the operation of a noise figure meter in the
were implemented using a “sandwich structure” shown in.
Fig. 8 to minimize the area and parasitics. The top and bottaf| . measurement modes, and thus, the results are not

9- P - 'he top Yeliable. Many modern spectrum analyzers have a separate
metal layers were connected together forming two parallel. : .

. . . . . noise spectral density measurement mode that is accurate

capacitors with the middle plate. The coupling capacitors be- : o .
. . ) . -and takes into account the filtering in the analyzer itself, for

tween diode bridges and clock buffer require special attentign . .
because the parasitic capacitance from the signal nodes. {0 mple. Often, the internal noise of the spectrum analyzer
ground is ungvoidable TF;1e parasitic capacitagce from tﬁéceeds the output noise of the device under test, and a
: . seéparate low-noise amplifier is needed to amplify the noise

bottom plate to the substrate is of the order of 50% of t?-b P P plify

. . fom the DUT up to the measurable range. If the difference
capacitance value between two metal layers. By placing the

. ween the analyzer noi nd th noise is small th
bottom metal on the clock buffer side a significant part q €tween the analyzer noise and the output noise is small the

. < .~ .result can be scaled to correspond to the desired noise value

the strobe current will flow to ground ruining the circuit : . :
.when the internal noise floor is known

performance. Connected the other way around the parasitics

do not have significant effect on the strobe pulse swing and Nput = Nsp + 101og;, (10 —-1) - Gina  (10)

current in the bridge. The photograph of the fabricated circui . . . -
is shown in Fig. 9. The active circuit area is 10pMx 500 Where Ny is the measured value including both circut,

um including 77 transistors. ND_UT, and spectrqm analy_zgr noﬁésp,_m dBs.Grna isthe
gain of the low noise amplifier. The noise measurement setup

is shown in Fig. 10. The noise figure of the downconverter

IV. MEASUREMENT SETUP is calculated by definition from the measured output noise,

Spectral measurements were done to evaluate the circﬁﬁf:u't gain and-174 dBm/_Hz_lnput noise spectral density
performance. A 180 power splitter and biasing blocks Weréntroduced by the 5@ termination.
connected between the circuit and the RF synthesizer to
produce the differential input. The output was combined
with a discrete 180 hybrid. Due to the dc-block in the The circuit met the design objectives of 2-GHz input band-
output, the lower frequency limit was fixed at 100 kHz irwidth with small conversion loss, and the measurements
the measurements, and direct conversion performance mustrisched well with the simulations. The input response is
evaluated based on this very low IF. Most of the measuremendtfined to a fixed IF in Fig. 11 at 500-MHz sampling fre-
were done at 5-MHz IF output. A separate synthesizer usiggency. To achieve sufficient resolution in the measurements
the crystal reference from the RF source generated the lOrelatively small sampling rates, the LO frequency is adjusted
for the sampler. Noise figure measurements of a subsamplioghe closest possible value that produces the desired IF when
mixer must be also done with a spectrum analyzer becaube RF is swept over the band. The input response follows

Ny —Nsp
10

V. RESULTS
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Fig. 11. Input bandwidth of the sampler. The system gain is measured
at fixed 5-MHz IF. The sampling frequency is approximately 500 MHz
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Fig. 13. (a) Harmonic behavior of the circuit in the single-tone measurement.

Fig. 12. The IF response of the sampler. The bandwidth is limited by th@put signal at 1005 MHz is downconverted with 500-MHz LO giving 5-MHz
dc-block and power splitter in the measurement system. IF output and its harmonics at 10 MHz and 15 MHz. (b) Intermodulation test

with two-tones. The downconverted replicas are at 5 MHz and 6 MHz and
intermodulation products at 3 MHz and 7 MHz. All the measured harmonics

the transfer characteristics of a low pass filter. The notch ¢ Within the sampler IF bandwidth.
2 GHz is due to the imperfections of the probe card used

in measurements. This means that the mixer is capable of \r OREFILTER LNA

.. = {>— SAMPLER }—o IF

L ¥4

operation at two or more different frequency bands using the
same system configuration. Of course, the system requires 7
separate preselection filters, and to minimize the noise, the mfs\
input bandwidth must be restricted up to the highest frequency C C‘) e \
band. The IF band of the circuit was limited by the external / //’
configuration in the measurement system. The IF frequency GESJE:ETEOR
selection does not have a significant effect on the conversion f.,2f,....mf,....pf,
gain over the measured range shown in Fig. 12. gl?f

We measured the circuit with two different LO-frequencies s
of 500 MHz and 100 MHz. The results are summarized #g. 14. In direct conversion receivers all harmonic leakage from the strobe
Table |. The 1-dB conversion loss is small for a passi\mﬂse generator to the circuit input Wi|| s_elf-mix in the downc_onvefrter if
Structure and shows good correspondence with theory dBcea,ack before, the preselecton fter The exernal ditorton and
simulated performance. The slightly smaller system gain &tthe detected channel will convert over the desired frequency.
the 100-MHz sampling frequency is the effect of signal droop
during the longer hold period. The linearity has been measured

both with one and two input tones, Fig. 13. The forme?‘amp“ng frequency in the strobe pulse generator. The spec-

yields results comparable to [2] and the latter is normal rum depends mainly on the digital clock circuitry including

used to specify the intermodulation performance of a mixdf'® Puffering. The LO harmonics that leak to the circuit input
High linearity has been achieved when compared to typicci! be dIV.Ide.d into two_categones wh_ether the comppnent
integrated continuous-time mixers. The compression point i§flocated inside or outside of the prefilter passband in the
+7 dBm is close to the theoretical maximum of the topologkgceiver front-end described in Fig. 14. The LO leakage to the
defined by the diode turn on caused by the input signal swirfgF input is measured, and different harmonics are summed
The circuit can operate with a large range of sampliri§ give the total leakage power at 100 and 500 MHz-#g}
frequencies from 40 MHz to 1.5 GHz, and the minimunand —56 dBm, respectively. In direct conversion receivers,
required LO input power is only-2 dBm. The LO power fed self-mixing is a serious problem because the mixing product
to the sampling bridges is spread over the harmonics of thdl be located at baseband together with the received signal
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TABLE | high sampling frequencies. On the other hand, LO leakage to
MEASURED CIRCUIT PERFORMANCE input is smaller at low sampling frequencies which has special
o 500 MHz 100 MHz significance in direct conversion applications. Subsampling
RE Input Bandwidth 30 Gy TG downconverters can replace traditional continuous-time mixers
System Gain 3 dB 2dB and use a low frequency LO synthesizer in superheterodyne
. . . or direct conversion receivers. In the future, sampling down-
Sampler Gain _1dB 2dB . . . . .
. . . conversion together with other discrete-time analog signal
Buffer Gain 4 dB 4dB ] . . . .
‘ processing and high-speed A/D-conversion techniques is a
Single-Tone promising choice for new generation receiver architectures.
P3 +16dBm  +19 dBm
-1dB Compression +7 dBm +5dBm REFERENCES
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