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Time-Approximation Filter
Shiyu Su , Member, IEEE, and Mike Shuo-Wei Chen , Senior Member, IEEE

Abstract— This article presents a multimode direct radio
frequency (RF) transmitter capable of a high in-band dynamic
range and a low out-of-band (OOB) noise floor. It features a
hybrid digital-to-analog converter (DAC) with a reconfigurable
dual-band delta–sigma modulator to lower the quantization noise
floor at one or two frequency bands. Additionally, a tri-level time-
approximation filter is proposed to further suppress OOB noise
with high tunability and stopband attenuation. The objective
is to demonstrate a low-noise floor without using a surface
acoustic wave (SAW) filter. For a 256-quadratic-amplitude mod-
ulation (QAM) signal with 17.4-dBm average output power at
a 2.2-GHz carrier, the silicon prototype achieves −40-dB error
vector magnitude (EVM) and −169-dBc/Hz noise spectral den-
sity (NSD) at 68-MHz offset by consuming a total power of 1.2 W.

Index Terms— Direct RF transmitter, hybrid digital-to-analog
converter (DAC), multimode, noise shaping, surface acoustic wave
(SAW)-less, time-approximation filter (TAF).

I. INTRODUCTION

NEXT-GENERATION wireless communication systems
demand high-performance radio frequency (RF) inte-

grated circuits that support multi-band and multi-standard
applications. Depending on the operating conditions, a trans-
mitter (TX) requires low in-band noise and distortion for
high spectral efficiency and low noise levels at specific out-
of-band (OOB) frequencies for radio coexistence, as shown
in Fig. 1(a). To achieve low in-band noise, distortion, and OOB
noise simultaneously is difficult, as they typically trade off
against each other. In addition, high flexibility and low cost
should always be guaranteed without sacrificing the perfor-
mance, which makes the design of such a system a challenge.
The software-defined radio TX provides maximal flexibility,

thanks to its mostly digital architecture. However, for a TX to
have instantaneous bandwidth covering all the communication
bands while maintaining a sufficient dynamic range, it is
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Fig. 1. (a) Design tradeoffs of a TX. (b) Proposed direct RF TX.

usually not cost-efficient. A direct RF TX based on RF/mixing
digital-to-analog converters (DACs) provides a better imple-
mentation tradeoff by relaxing the design of high-speed DAC
while having relatively low analog complexity [1]–[4]. To fur-
ther enhance the flexibility and in-band dynamic range of the
TX, noise shaping or reduction techniques based on a lowpass
delta–sigma modulator (DSM) [5]–[10] and pulsewidth mod-
ulation (PWM) [11] are used for digitally intensive direct RF
TX. Because of the lack of baseband reconstruction filtering,
all unwanted signals at the baseband are upconverted to RF
by the direct RF TX. Therefore, a sharp analog bandpass filter
is required for noise and spurs attenuation at the RF band.
No matter whether it is on-chip or off-chip, this filter is typ-
ically costly for high selectivity. The situation worsens when
delta–sigma and PWMs are used, as more high-frequency
components are generated due to the modulation.
To relax the bandpass analog filter requirement with less

implementation overhead (i.e., without using bulky passive
components), a bandpass DSM [12] is used to create spectral
notches for suppressing OOB noise. Since the notches are
allocated OOB, the DSM trades off the in-band dynamic range.
Charge-based TXs [13], [14] and semi-digital finite-impulse
response (FIR) filters [7]–[9], [15]–[18] provide decent OOB
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noise attenuations, but both have limited flexibility on the
filter response. Recently, a time-approximation filter (TAF)
technique [10] has been used to embed a reconstruction filter
in the frequency up-conversion process. Essentially, this direct
RF TX approximates an FIR filter’s impulse response in the
time domain by gating some of the pulses of the local oscil-
lator (LO) waveform. While a TAF efficiently achieves high
OOB noise attenuation and filter reconfigurability, the time
resolution requirement of the time approximation increases
with the peak variation in the target FIR filter’s coefficients
and likely demands a higher system clock rate.
In this article, we describe the design and implementation

of a reconfigurable direct RF TX architecture that supports a
high in-band dynamic range and/or low OOB noise floor at
desired frequencies [19], as shown in Fig. 1(b). Our analysis
will focus on the two key techniques of the proposed TX,
which are: 1) a multimode hybrid DAC with reconfigurable
dual-band DSM that can create in-band and/or OOB spectral
notches to support different communication scenarios and 2) a
tunable tri-level TAF that is codesigned with the DSM to
further suppress OOB noise, which achieves higher flexibility
and stopband attenuation than the existing TAFs [10] with
reasonable tradeoffs.
The remainder of this article is organized as follows. Sec-

tion II describes the proposed multimode scheme based on a
dual-band DSM structure. The tri-level TAF and the codesign
of the TAF and the DSM are elaborated in Section III. Detailed
circuit implementation is discussed in Section IV, and the
measurement results are shown in Section V.

II. MULTIMODE NOISE SHAPING

Delta–sigma modulation is one of the most popular
noise shaping techniques in wireless communication systems.
Thanks to oversampling and noise shaping, a DSM can achieve
a high signal-to-noise ratio (SNR) with fewer bits. In this
section, we discuss the applications of DSM in TXs and
elaborate on the proposed multimode DSM for a hybrid DAC
structure.

A. Conventional Delta–Sigma Modulator for TX

Direct RF TX relaxes high-dynamic-range analog circuits
by leveraging the high-speed, high-efficiency digital signal
processing provided by technology scaling. However, the high-
speed and high-resolution DAC becomes the bottleneck of the
system due to the large DAC array. DSM is herein used to
reduce the analog complexity by truncating the number of
bits and shaping the additive truncation noise out of the band
of interest. Note that this bit width reduction is also favored
by switching power amplifiers for superior power efficiency.
Fig. 2(a) presents a noise transfer function (NTF) of a lowpass
DSM. Within the band around the dc, the DSM output signal
achieves lower noise than the intrinsic quantization noise floor
of the DSM input signal, thanks to the frequency notches.
Similarly, bandpass DSM is used in combination with digital
intermediate frequency mixing to avoid performance degrada-
tion due to LO leakage and I and Q mismatch error [8], [20].
A dual-rate hybrid DAC structure with lowpass [21], [22]

Fig. 2. (a) Lowpass and (b) bandpass NTFs of a DSM.

Fig. 3. Hybrid DAC and error-feedback DSM.

and bandpass [23] DSMs was proposed to break the tradeoff
between resolution and operation speed, which also enables
advanced error compensation techniques for both static and
dynamic DAC errors.
Despite the type of DSM, it is typically used for in-

band SNR enhancement. Roverato et al. [12] proposed to
decouple the signal band and the passband of a DSM and
use the frequency notches of NTF for OOB noise attenuation.
Reconfigurable dynamic element matching (DEM) is used to
alleviate the spectral growth at the notch frequency by shaping
DAC element mismatch errors. Depending on the magnitude
of the mismatch errors, the shaped errors may degrade the
signal-band SNR. Nevertheless, the prior DSMs only support
one type of application, i.e., either lowpass/bandpass for high
in-band SNR or bandpass for low OOB noise, which cannot
meet the increasing demands on multi-standard and multi-band
communications.

B. Multimode Delta–Sigma Modulation

In this work, we use a hybrid DAC structure for its intrin-
sic linear operation and opportunity for digital pre-distortion
(DPD). As shown in Fig. 3, the input digital signal is split into
the MSB and LSB path. The LSB path is reduced to fewer
bits via a DSM, while the MSB path remains unchanged.
The DSM is implemented in an error-feedback structure to
ensure an all-pass signal transfer function (STF) and to achieve
a multimode NTF via programming the loop filter [H (z)]
coefficients. Based on the signal bandwidth and in-band noise
requirements, K bits are truncated from a P-bit input (Din).
The final N-bit output (Dout) may be larger than (P − K ) bits,
depending on the number of overflow bits, which is determined
by the maximum gain of NTF. The multimode DSM supports
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Fig. 4. Zero-pole plots for different modes.

lowpass (LP), highpass (HP), bandpass (BP), and dual-band
NTFs, which can be expressed as

NTF(z) =

⎧⎪⎨
⎪⎩

(
1 ± z−1

)n
(
1 + az−1 + z−2

)m
(
1 ± z−1

)(
1 + az−1 + z−2

) (1)

where n ∈ {1, 2, 3};m ∈ {1, 2}; and a ∈ [−1, 1]. The
zero-pole plots of the NTFs for different operation modes are
depicted in Fig. 4. According to (1), all the poles locate at the
origin and all the zeros are on the unit circle. In the single-band
mode, zeros are located at the same position and moved along
the unit circle. Dual-band operation is achieved by splitting the
zeros, where one zero is fixed for in-band SNR enhancement
while the others are tunable for OOB noise attenuation.
To determine the number of output bits (N) of the DSM,

we first need to calculate the maximum gain of the NTF over
all filter response configurations. From (1), the maximum gain
is dominated by the second-order bandpass NTF, i.e., (1 +
az−1 + z−2)2. Assuming a = 2 cosωi , where ωi presents
the notch frequency, the NTF gain can be obtained from the
infinity-norm

‖NTF‖∞ = max
ω

∣∣NTF(
e jω

)∣∣ = [2(1 + |cosωi |)]2. (2)

Given a certain N as the design specification and normal-
izing the input full scale to unity, the sum of the shaped
truncation error (i.e., 2−M‖NTF‖∞) and the input signal (i.e.,
unity) should not be larger than the output full scale (i.e.,
2N − 1). Consider the worst case when the sum equals to the
output full scale, we have

2−M [2(1 + |cosωi |)]2 + 1 = 2N−M . (3)

Therefore,

N = log2
{
[2(1 + |cosωi |)]2 + 2M

}
. (4)

In this work, M = 3 for target signal bandwidth and
sufficient stability. With (4), we get the relationship between
the number of output bits and the notch frequency, as shown
in Fig. 5. For a typical DSM, assuming that the input signal
is at full scale, the output will at least have one overflow bit
due to the additive DSM noise. Therefore, we keep only one
overflow bit for minimum implementation overhead, which
leads to N = 4. To ensure that the output bits do not exceed 4,

Fig. 5. Effective output bits over notch frequency.

Fig. 6. NTFs of the proposed DSM.

the notches of the NTF should be bounded between 0.18× and
0.32× Fs (Fig. 5). Fig. 6 shows all the implemented NTFs
based on (1) and the other design constraints. Different orders
of NTFs are available for various design tradeoffs. To further
push the achievable notch frequency, one can either increase N
or reduce the order of DSM NTF. There are tradeoffs between
implementation cost, bandwidth, and flexibility. Based on (4),
the minimum DAC output bits (Nmin) required to cover the
Nyquist band are obtained when cosωi = 0 or π . In this
example shown in Fig. 5, 4.6 DAC output bits are needed for
the whole Nyquist band. For higher order NTF, the required
number of bits at DAC output will increase accordingly.

III. TRI-LEVEL TAF

For aggressive in-band noise enhancement, a high-order
DSM is typically used and it leads to high OOB noise,
which may violate the spectrum emission mask. For DSM
to attenuate OOB noise, one can insert frequency notches into
the DSM NTF. However, in the application of extremely strin-
gent noise requirements, such as frequency-division duplex-
ing (FDD) systems, frequency notches may be insufficient for
noise attenuation due to the circuit non-idealities. Furthermore,
the bandwidth of noise attenuation is also limited if solely
relying on the frequency notches. In a nutshell, additional
noise attenuation is needed. For a multimode DSM, it demands
a highly reconfigurable filter. Therefore, a TAF is used for
its compelling stopband attenuation and flexibility, thanks to
its mostly digital operation [10]. To further enhance the TAF
performance in terms of stopband attenuation and flexibility,
we propose a cost-efficient tri-level TAF. In the rest of this
section, the design tradeoffs of tri-level TAF and the co-design
of tri-level TAF and the multimode DSM are discussed.
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Fig. 7. Concept of TAF.

Fig. 8. TAF pattern generation.

A. Overview of TAF

The idea of TAF is to approximate the amplitude-varying
impulse response of an analog FIR filter with a constant
amplitude but a time-varying binary impulse response, such
that the frequency responses are similar within a certain band
of interest, as shown in Fig. 7. The TAF pattern generation is
presented in Fig. 8. Based on the specifications, the impulse
response of a target FIR filter is first designed with standard
digital filter design flows, such as the FDA tool in MATLAB.
The coarse time approximation is done via PWM. The target
FIR impulse response is compared with a periodic sawtooth
pattern to generate the binary TAF pattern. According to [10],
there is an intrinsic gain mismatch between the target FIR
(i.e., HFIR) and the TAF (i.e., HTAF) even assuming the time
resolution for approximation is infinite, which is estimated by

Gmis = 20 log10

∣∣∣∣
HTAF

HFIR

∣∣∣∣ ≈ 20 log10

∣∣∣∣∣
sinc

(
aminTtap f

)

sinc
(
Ttap f

)
∣∣∣∣∣ (5)

where Ttap is the tap delay, and amin ∈ [0, 1] is the minimum
filter coefficient of the target FIR filter. The mismatch at dc is
zero and increases with frequency. For the cases when amin

is sufficiently large, i.e., amin is close to 1, the impact of
this mismatch on the filtering is ignorable (Gmis ∼ 0) within
the band of interest. In the realistic circuit implementation,

Fig. 9. Impulse and frequency responses of different TAFs. (a) Narrowband
TAF with a large amin. (b) Wideband TAF with a small amin.

the minimum achievable timing resolution for approximation
is limited by the system clock rate. After the PWM, a time
quantizer snaps the transition edges of the TAF pattern to
the rising edge of the clock. The time quantization error
introduced here also deviates the frequency response of the
TAF from the target FIR filter.
Fig. 9 shows examples of how TAF approximates the target

FIR filter response. Here, we assume there are 64 time grids
within a period of the TAF’s impulse response. For the target
FIR filter with a relatively large minimum filter coefficient,
the TAF can approximate the filter reasonably well, as shown
in Fig. 9(a). If we want to extend the bandwidth of the target
FIR filter [Fig. 9(b)], the impulse response covers a wider
range of magnitudes (i.e., its minimum coefficient is relatively
small), and the TAF can lose its accuracy as also suggested
by (5). One approach to resolve this issue is to increase the
time resolution for the approximation, which requires a faster
clock, and hence poses challenges for TAF pattern generation,
system linearity, and efficiency. This motivates the proposed
tri-level TAF [19] to alleviate the intrinsic gain mismatch
and deviation due to finite time resolution in a more efficient
and implementation-friendly way, which will be elaborated in
Section III-B.

B. Tri-Level TAF

The tri-level TAF response generation is shown in Fig. 10.
Two nonuniform binary patterns (TAF_H∗ and TAF_L∗) are
generated by comparing the target FIR filter impulse response
to two sawtooth patterns; each of the patterns generated
exercises half of the full scale. Like the TAF, the transition
edges of the nonuniform patterns are snapped to the time
grids defined by the clock and lead to TAF_H and TAF_L.
The combination of these two patterns is the impulse response
of the tri-level TAF. Note that the above-mentioned impulse
response generation is precomputed without extra implementa-
tion overhead. Instead of doubling the clock frequency, the tri-
level TAF introduces one more amplitude level to effectively
increase the approximation accuracy (time resolution) by two
times compared with a binary TAF. Moreover, the tri-level TAF
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Fig. 10. Tri-level TAF pattern generation.

Fig. 11. Frequency responses.

also reduces the intrinsic gain mismatch of a TAF by avoiding
a short timing pulse for approximating small filter coefficients.
In general, we can estimate the worst case intrinsic gain
mismatch of a L-level TAF to the first order as

Gmis ≈ 20 log10

∣∣∣∣∣
sinc

[
(L − 1)aminTtap f

]

sinc
(
Ttap f

)
∣∣∣∣∣. (6)

For example, the aminTtap term in (5) becomes 2aminTtap if
tri-level TAF is used, which leads to a smaller Gmis given a
certain frequency. The frequency responses of different filters
are presented in Fig. 11. The tri-level TAF shows a better
approximation and stopband attenuation over the conventional
binary TAF.
The design tradeoffs of different filters are compared

in Fig. 12. The amplitude-varying FIR filter is relatively
flexible, thanks to the fine resolution, while a large DAC
array is required to present different amplitude levels. The
circuit complexity increases due to the DAC array, and the
mismatch between elements degrades the filter performance.
The TAF response is binary; hence, it requires only a single
DAC element, which avoids the matching issue [10]. However,
the flexibility of the TAF is limited due to the finite time

Fig. 12. Design tradeoff comparison.

Fig. 13. NTFs of the direct RF TX.

resolution available in the realistic implementation. Compared
with a binary TAF with the same clock frequency (i.e.,
the same time grids), the tri-level TAF shows an improved
accuracy of time approximation, leading to better stopband
attenuation for a wider span of filter configurations. This
also allows for better alignment of the frequency notches
of the tri-level TAF to the DSM NTF, leading to superior
OOB noise suppression. To achieve tri-level operation, two
split DAC elements are needed. The time approximation and
reduced amplitude levels relax the matching requirement of
a tri-level TAF compared with a conventional analog FIR
filter, which typically has fine amplitude levels. Based on
the Monte Carlo simulation, and assuming the two DACs
have a worse case amplitude mismatch (∼10%) that is more
than six standard deviations from the average amplitude level,
an ignorable impact on the tri-level TAF performance is
observed, i.e., less than 0.5-dB difference in terms of stopband
attenuation (Fig. 11). Similarly, tri-level TAF transfer function
with 10% of sampling period (1/Fs) delay mismatch between
the two DACs is shown in Fig. 11. In the real implemen-
tation, the amplitude and delay mismatch can be controlled
well below 10% with proper sizing and interdigitated layout.
On the other hand, the timing mismatch between different filter
coefficients is negligible compared with the time quantization
error in both the TAF and tri-level TAF.

C. Combine Noise Shaping With Tri-Level TAF

Co-designing the DSM’s NTF and the tri-level TAF provides
maximal flexibility in supporting different communication
scenarios, including creating a low in-band and/or OOB noise
floor at multiple frequencies, as required by TDD, FDD,
or carrier aggregation. In general, the notches of a tri-level TAF
can be either aligned to the DSM notches to enhance noise
reduction or solely used to attenuate the shaped noise of DSM.
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Fig. 14. System block diagram.

Two representative cases using lowpass and bandpass DSM
NTFs with different tri-level TAF responses are presented
in Fig. 13. In case 1, the DSM is set to lowpass mode for high
in-band dynamic range, and the tri-level TAF is reconfigured
for optimal DSM noise reduction at OOB. Likewise, TAF can
be used for filtering OOB noise when the DSM is in the dual-
band mode. In case 2, all the notches of the DSM NTF are
located at the same frequency for OOB noise reduction. One
notch of the tri-level TAF is tuned to the same frequency
as the DSM notches for deeper and wider bandwidth noise
attenuation, while the other notches reduce far-out noise.

IV. CIRCUIT IMPLEMENTATION

A. System Block Diagram

The simplified system block diagram of the proposed direct
RF TX is shown in Fig. 14. The test vectors are generated in
MATLAB and stored in an on-chip SRAM. A DPD is used to
compensate for local mismatches and gain compression when
the output power is high. The quadrature data read from the
SRAM are processed by the hybrid modulator and passed to
the RF DACs. The hybrid modulator splits the input signal into
MSB and LSB. The binary MSB bits are then thermometer-
coded and shuffled by DEM for better linearity. The LSB bits
remain binary and are reduced to fewer bits via the DSM.
The processed signals are synchronized and directly converted
to the RF signal by the RF DAC, which consists of mixing
D flip-flops (DFFs) and current-steering cells. At the DAC
output, an on-chip wideband quadrature power combiner is
used to sum the I/Q power, convert the differential signals to
single-ended, and terminate the final output signal to the 50-�
equipment. Similarly, the tri-level TAF pattern is precomputed
via the proposed approximation scheme, split into two binary
patterns with a length of 64 bits, and sequentially sent into the
on-chip DFF array. The LO modulator takes the stored TAF
patterns and generates the modulated LOs for both I and Q
channels with the uniform LOs and the multiphase clocks.

B. Tri-Level Data Path and LO Modulator

The two possible ways to implement an RF DAC element
are shown in Fig. 15. For the more analog approach shown

Fig. 15. (a) Single and (b) Split DAC implementation for tri-level TAF.

in Fig. 15(a), upconversion is done after the DAC through
a tri-level LO and an analog mixer. To minimize analog
complexity and non-linearity, we proposed splitting the DAC
element into two half cells, each controlled by a chopped input
signal. The binary LOs, i.e., LOi_mod1 and LOi_mod2, are
decomposed from the tri-level LO. This way, the tri-level TAF
operation is effectively achieved at the output of the DACs,
as shown in Fig. 15(b). Fig. 16 presents the generation of mod-
ulated LOs. The 128-bit stored TAF patterns are periodically
read out by two 64-to-1 multiplexer (MUXs) via a wraparound
counter (dividers), acting as a cyclic modulator. The 1-bit
stream (TAF_H and TAF_L) from the MUX then multiplies
with the uniform LO (LOi and LOq) via a mixing DFF, which
deglitches the signal from the combinational operation and
turns the lowpass TAF into a bandpass TAF centered at the
carrier frequency.

C. Quadrature Power DAC

Fig. 17 presents the proposed quadrature TX. An eight-
way time-interleaved (TI) DAC is implemented to allow a
longer duration for the tri-level TAF impulse response and to
effectively provide more time steps for time approximation.
According to the analysis in [10], the timing skew between TI
channels has an ignorable impact on the filter performance.
Still, it can result in interleaving spurs at every Fs/M , where
M is the number of TI channels. Ignoring the DAC output
reconstruction filtering and considering the worst case, i.e., the
signal bandwidth is more than 80 MHz at 800 MS/s, a digital-
to-time converter with 60-fs tuning resolution is implemented
for each TI channel to compensate for the TI skew, which
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Fig. 16. LO modulator.

Fig. 17. I/Q DAC and combiner.

Fig. 18. Single-channel DAC.

ensures less than 100-dBc interleaving spur. The output power
of the I and Q DACs is combined through a wideband trans-
former. Fig. 18 presents a channel of the TI DAC. The DAC
array consists of 15 thermometer-coded 32× MSB branches,

Fig. 19. Split current-steering cell.

Fig. 20. Split mixing latch.

Fig. 21. Single-channel programmable dual-band DSM.

three thermometer-coded 8× branches, and four LSB branches
to accommodate design tradeoffs. The LSB branches are
controlled by the DSM output signal, which requires high
precision. For better matching, these current branches are sized
sufficiently large with interdigitated layout. The DAC controls
are generated by mixing DFF arrays, which perform input data
synchronization and upconversion. The modulated LOs and the
DAC output are routed in opposite directions for area-efficient
timing alignment. The unit current-steering cell consists of
two equally weighted half cells, which are placed and routed
close to each other for minimum mismatches and sharing the
common ground (Fig. 19). The digital input signals of the
current-steering cell are generated from two splits of mixing
latches [24], which are also laid out together to minimize the
mismatch-induced timing skew, as shown in Fig. 20.

D. Dual-Band DSM

Fig. 21 presents the bandpass DSM in the LSB path of
the hybrid DAC. The DSM takes the 12b LSB from the 18b
input signal and reserves one more bit for the calibration
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Fig. 22. Eight-way TI implementation of the dual-band DSM.

Fig. 23. Die micrograph.

margin, and then truncates the signal to 4b to reduce the analog
complexity. Multimode operation is achieved by reconfiguring
the DSM NTF. The NTF can have two tunable complex zeros
at the same location or one tunable complex zero with a
real zero at dc or Nyquist frequency. The DSM can also
be tuned from first to third order to trade off the in-band
and OOB noise performance. To achieve a throughput more
than 1 GS/s, we use an eight-way unrolled DSM, with each
channel operating at 125 MS/s, as shown in Fig. 22. For
a high-speed tunable gain stage with a wide tuning range
(i.e., 45 configurations in this prototype), an MUX-based
multiplier is used with a minimized critical path. In addition,
multiplications are performed by shifting and summation for
simplicity and shortened critical paths.

V. MEASUREMENT RESULTS

Fig. 23 shows the chip micrograph of the TX prototype
fabricated in a 65-nm CMOS. The measurement setup is
presented in Fig. 24. The die is attached to the printed circuit
board (PCB) via chip-on-board bonding to reduce the clock
and data trace for wideband operation. A E8251A signal gen-
erator provides the 1–12-GHz clock. SPI is controlled by an
USBee pattern generator, while a 16902A pattern generation
module with sufficient memory is used for SRAM data write-
in. The RF output switches between the E4440A spectrum
analyzer and the MSOV084A mixed-signal oscilloscope for
noise measurement and demodulation, respectively.
Foreground calibration for the gain mismatches between the

TI channels is performed before prior to the other testing.
Fig. 25 presents the measured spectra of 256-quadratic-

Fig. 24. Measurement setup.

Fig. 25. Measured spectra and channel mismatch errors.

amplitude modulation (QAM) signals and the associated gain
mismatch errors of all the TI channels, including I and Q
DACs. The measured noise spectral density (NSD) is shown
in Fig. 26. With a 2-MHz 256-QAM signal, the DSM is config-
ured at third-order lowpass for high in-band resolution, and the
tri-level TAF is configured for optimal OOB noise suppression
(case 1). The OOB NSD measures less than −150 dBc/Hz over
the Nyquist band. To achieve a lower noise floor at a specific
band, we reconfigure the DSM’s NTF to bandpass and tune
the notches of the DSM and tri-level TAF to the same band of
interest. As a result, the lowest NSD achieves −169 dBc/Hz
at 68-MHz offset (cases 2, 3) without a surface acoustic
wave (SAW) filter. The associated average NSD over 10- and
20-MHz bandwidth measures −168 and −166 dBc/Hz, respec-
tively. For different applications, the notch frequency of the
tri-level TAF can be tuned to achieve optimal system per-
formance. The fine-tuning resolution of the proposed tri-level
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Fig. 26. Measured NSD.

Fig. 27. Measured spectra and constellation plots.

TAF allows the filter notch to shift with a frequency step of
∼3 MHz (cases 3–6).
Fig. 27 shows the measured spectra and constellation plots

with 10- and 20-MHz 256-QAM signals at 2.2 GHz. Error
vector magnitude (EVM) measures −41 and −40 dB, respec-
tively, with 17.4-dBm average output power. We attenuate the
signal before sending it to the spectrum analyzer to ensure
ignorable signal distortion due to the equipment. This extra
attenuation will be compensated back when calculating the
actual signal power of the TX. Fig. 28 shows the measured
adjacent channel leakage ratio (ACLR) over the average output
power with the QAM signals and shows a representative
spectrum at peak average power. Fig. 29 shows the measured
wideband spectra that cover up to the third Nyquist zone. The
chip performance is summarized in Table I and compared with

Fig. 28. Measured ACLR.

Fig. 29. Measured wideband spectra with 256-QAM signals.

Fig. 30. Measured power breakdown.

the state-of-the-art high-performance TXs, which include both
digital and analog architectures. The proposed noise-shaping
technique and tri-level TAF effectively achieved a decent OOB
noise floor without using additional inductor-based or SAW
filters. The measured power consumption breakdown of the
TX is shown in Fig. 30. The current-steering cells (i.e., DAC)
take 55% of the power from a 2.5-V supply. Other critical
blocks, such as DAC and LO drivers, mixing latches, and
LO modulator, operate at 1 V for lower power and higher
speed. According to the post-layout simulations, the power
consumption of the LO modulator occupies less than 9% of the
total power consumption of these 1-V building blocks. All the
synthesized digital circuits, including SRAMs, SRAM control,
and the hybrid modulator, operate at 1 V with a separate
supply and consume 31-mW total power, of which the hybrid
modulator takes 18.5 mW.
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TABLE I

PERFORMANCE SUMMARY AND COMPARISON TO PRIOR ARTS

VI. CONCLUSION

In this work, we present a direct RF TX incorporating
the hybrid DAC architecture using a reconfigurable dual-band
DSM, which can create in-band and/or OOB spectral notches
to support various communication scenarios. In addition,
the TX applies the proposed tri-level TAF concept, enabling
co-design with the multimode DSM for sharp OOB noise
suppression. Tri-level operation allows more flexibility and
less implementation overhead compared with the binary TAF.
Thanks to the mostly digital operation of both DSM and TAF,
the proposed TX is highly flexible, scalable, and less prone
to process, voltage, and temperature variations. In addition,
the reconfigurability of noise shaping and filtering can be
completely done by programming the digital codes without
tuning extra analog components, such as a resistor, capacitor,
inductor, and current source. As a result, this TX architecture
is implementation-friendly and eases design automation.
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