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Abstract—A low-power energy-efficient adaptive analog
front-end circuit is proposed and implemented for digital
hearing-aid applications. It adopts the combined-gain-control
(CGC) technique for accurate preamplification and the adap-
tive-SNR (ASNR) technique to improve dynamic range with
low power consumption. The CGC technique combines an auto-
matic gain control and an exponential gain control together to
reduce power dissipation and to control both gain and threshold
knee voltage. The ASNR technique changes the value of the
signal-to-noise ratio (SNR) in accordance with input amplitude
in order to minimize power consumption and to optimize the
SNR by sensing an input signal. The proposed analog front-end
circuit achieves 86-dB peak SNR in the case of third-order ��
modulator with 3.8- Vrms of input-referred noise voltage. It
dissipates a minimum and maximum power of 59.4 and 74.7 W,
respectively, at a single 0.9-V supply. The core area is 0.5 mm2 in
a 0.25- m standard CMOS technology.

Index Terms—Adaptive-SNR technique, analog front-end, com-
bined-gain-control technique, digital hearing aid.

I. INTRODUCTION

RECENTLY, the rapid expansion of the biomedical-elec-
tronic market has necessitated low-power and low-voltage

biomedical systems [1], [2]. Since battery power is used for most
of the portable biomedical devices, expanding battery lifetime
with low power dissipation systems is very crucial. In the dig-
ital hearing-aid applications, the battery is typically made of
zinc–air and should offer a life span of at least two weeks at 10
hours use per day [3]. Moreover, the digital hearing aid requires
wide dynamic range, high performance, more programmability,
and small form factor. Hence, it is necessary to achieve low
power dissipation, high-performance, and programmability to
expand battery lifetime and to offer convenient hearing to the
users.

Adopting extremely low supply voltage is an attractive
solution to reduce power dissipation because the power dis-
sipation of a system is strongly dependent upon its supply
voltage. However, low supply voltage generally causes signif-
icant degradation of the system performance and complicates
the analog circuit design. For example, the accuracy and the
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dynamic range of the analog front-end circuit may suffer from
the low supply voltage due to reduced voltage headroom. By
adopting a smart power management unit, the power con-
sumption can be reduced. However, extra power dissipation
due to the power management unit can occupy a large part
of total system power because a digital hearing aid consumes
extremely low total power. In addition, it is very hard to design
a low-power high-performance power management unit.

In this paper, we introduce two design techniques, com-
bined-gain-control (CGC) and adaptive-SNR (ASNR) tech-
niques to design a low-power and high-performance analog
circuit achieving high accuracy and wide dynamic range for
digital hearing aid.

This paper is organized as follows. The design considerations
of a hearing-aid system and the proposed low-power design
methodologies are presented in Section II. Section III describes
in detail the low-power design methods and circuits of the
analog front-end with the proposed low-power techniques. In
Section IV, real chip implementation and its measurement re-
sults are presented. Finally, conclusions are made in Section V.

II. SYSTEM DESIGN CONSIDERATIONS

There have been continual attempts to design hearing-aid sys-
tems which satisfy both low-power and high-performance char-
acteristics [4]–[6]. Generally, a high-performance hearing aid
needs high-performance building blocks, especially in analog
and mixed parts. This tradeoff has been an obstacle to the de-
sign of a low-power and high-performance hearing-aid system.

In order to achieve a high-performance hearing-aid system,
various circuit techniques have been used such as adaptive noise
reduction [7]. This achieved wide dynamic range with personal
calibration to attenuate noise level independently in each fre-
quency band. However, this algorithm is only focused on per-
formance improvement and consumes extra power due to ad-
ditional functional blocks. This is clear evidence that a high-
performance hearing-aid system inevitably dissipates excessive
power and needs a distinct power management unit to control
power consumption.

The conventional digital hearing-aid system consists of five
blocks: a preamplifier, a analog-to-digital converter, a
digital signal processor, a digital-to-analog converter, and
a receiver driver. Among these individual blocks, the analog
front-end that comprises a preamplifier and an modulator
accounts for most of the power consumption: about 74% [8],
[9]. The analog front-end should consume less than 370 W if
the allowed power budget of the digital hearing aid is 500 W.
Therefore, to reduce the power consumption and enhance the
performance of the digital hearing aid, this work will be focused
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Fig. 1. Block diagram of proposed hearing-aid system.

on the power reduction of the analog front-end of the digital
hearing aid.

In order to obtain both low power and high performance,
this paper proposes a design method with dynamically varying
structure. Fig. 1 shows the proposed hearing-aid system. By
controlling both the structure and clock frequency adaptively,
the proposed hearing-aid system changes the signal-to-noise
ratio (SNR) value dynamically and accomplishes both the
low power dissipation and high performance. The gain and
threshold voltage of the preamplifier can be modified to reduce
the power further according to the input amplitudes.

III. PROPOSED ANALOG FRONT-END CIRCUITS

An automatic gain control (AGC) is necessary for the pream-
plifier to maintain hearing ability of the users against sudden
temporal changes and unnecessary external loud sound. These
unexpected variations of sound may exceed the dynamic range
of the user’s hearing ability and they feel pain, and even their
ability to hear may be damaged [10]. By suppressing the ampli-
tude of the output signal of the hearing aid beyond the threshold
knee point of AGC, the hearing ability of the patients can be pre-
served. The exponential gain control (EGC) circuit is required as
a volume control because the human sensibility of sound oper-
ates on a logarithmic scale. In a conventional preamplifier, these
two functional blocks are designed separately because of the de-
sign difficulties in standard CMOS technology [11], [12].

In this work, we devise a CGC technique to combine AGC
and EGC successfully into a single block and the power con-
sumption can be far reduced with accurate preamplification. The
CGC brings about even the gain controllability. In contrast to the
fixed threshold voltage of the conventional preamplifier, the pro-
posed CGC preamplifier can change the gain threshold voltage
with an external control signal.

The conventional modulator uses only one clock and has
only one SNR value. On the contrary, the ASNR modu-
lator can have, by the combination of two different clock fre-
quencies and two different configurations, four different SNR
values. In addition, by controlling both the order and clock fre-
quency according to the input conditions, the proposed ASNR

modulator can achieve wide dynamic range with low power
consumption.

Fig. 2 shows the relationship between the input of the
microphone and the input of a preamplifier. The preceding
study revealed that a normal sound level common in human
daily life ranges from 30- to 90-dB SPL, which corresponds to
Range 1 [13]. In this range, the amplitude of the input sound is

Fig. 2. Characteristics of microphone for digital hearing aid.

Fig. 3. Proposed preamplifier with CGC technique.

so small that a high-gain analog front-end must be used. On the
other hand, above 90-dB SPL, from Range 2 to Range 4, the
sound level is sufficiently large that the analog front-end needs
not to provide high SNR. Since many dangerous signal levels
such as automobile horns or fire alarms are usually over the
100 dB SPL, these ranges are essential for the user’s safety.

If we use a high performance analog front-end for all sound
regions, the analog front-end produces excessively high perfor-
mance and dissipates large power needlessly. In the design of
the proposed analog front-end, the input sound level is divided
into four parts to control the SNR separately at each range so
as to optimize power and performance. To classify and extract
control parameters, the proposed analog front-end includes an
off-chip DSP.

A. Low-Power Low-Voltage Adaptive Analog Front-End
Design

Fig. 3 shows the proposed preamplifier with the CGC tech-
nique. The conventional preamplifier is usually composed of an
operational amplifier and three feedback MOS resistive circuit
(MRC) blocks to implement the AGC function [14]. However,
in this preamplifier, only two MRC blocks are used as feedback
resistors to get the exponential gain characteristics with the gain
amplifier.

The threshold gain and the threshold knee point of the pream-
plifier can be changed by varying and , respectively.
To control the threshold knee voltage, the peak detector senses
the outputs of the gain amplifier and generates the scaled enve-
lope. In this scheme, if the amplitude of the generated envelope
is larger than control signal , the generated envelope is ap-
plied to the gain control unit directly. However, if it is not, a
fixed control signal determined by is applied to the gain
control unit instead of the envelope of the gain amplifier output.
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The threshold gain can be changed with the variation of the
. The control signal acts as a common-mode voltage

level of the integrator which is composed of two MRC blocks
and the gain amplifier. When the value of is low, the
threshold gain is decreased and the power dissipation of the
preamplifier is reduced. On the other hand, when the value
of is high, the threshold gain increases and the required
resolution of the next-stage modulator is decreased.

To achieve the exponential gain characteristics in the case of
CMOS technology, a pseudo-exponential polynomial as given
in (1) is used to approximate the logarithmic function:

(1)

In Fig. 3, by using two MRC blocks as feedback resistors, the
gain of the proposed preamplifier is given as follows:

(2)

Therefore, the voltage gain of the proposed preamplifier is
expressed in the form of (1) as

(3)
where is the threshold knee voltage control parameter and

and are resistance control voltages generated by the gain
control unit. is a volume control voltage that determines the
common-mode level of and . decides the differential-
mode level of and . , and , are the widths and
lengths of the transistors and , respectively. is the
supply voltage of the analog front-end circuit. The exponential
gain control function can be implemented by controlling
and , respectively, with the gain amplifier and only two MRC
blocks.

To avoid the effects of the supply voltage fluctuation from
the clock generator, the power supply of the preamplifier and

modulator is separated from the logic blocks. Moreover, a
bandgap voltage reference circuit is used to reduce the power
supply noise. Therefore, the value has noise immunity
enough to guarantee the performance of the preamplifier al-
though the MRC block uses the supply voltage as one of
its control signal.

To design an adaptive analog front-end, the proposed
modulator should provide various SNR values to reduce power
dissipation according to the input amplitudes. By changing the
clock frequency, the modulator achieves different SNR
characteristics. However, high clock frequency incurs a number
of difficulties in the design of an analog circuit such as an
operational transconductance amplifier (OTA). This is because
the unity-gain frequency of the OTA should be at least four
times higher than the clock frequency of the modulator in
the single-loop topology of this study [15]. A high-order

Fig. 4. Proposed �� modulator exploiting adaptive-SNR technique.

modulator is an alternative approach to modify SNR values.
However, the higher order single-loop modulator of more
than third order seriously suffers from instabilities caused
by the saturation of the integrator and nonlinearities of the
1-bit quantizer due to the large input level [16]. It limits the
enhancement of SNR through increasing the order of the
modulator.

One possible method to reduce power dissipation is to adopt
the dynamic structure variation technique [17]. By selecting the
appropriate structure among the multi-subsystems, the desired
system can reduce its power dissipation dynamically, but it oc-
cupies a great deal of chip area. Therefore, to adopt the ad-
justable system structure for low power dissipation with little
area penalty, we introduce the ASNR modulator technique.
For easy analog circuit design, the clock frequency is selected
between 1.024 and 2.048 MHz. In order to minimize side effects
of the higher order modulators, the order is limited under
three.

The proposed modulator is described in Fig. 4. de-
termines the order of the modulator between the second and
the third while decides its clock frequency. A combina-
tion of these switches allows the modulator to obtain four
different SNR values. The control parameters of the modu-
lator are externally stored and applied by the control register and
the DSP for easy and convenient management. By selecting the
proper parameters according to the input amplitudes, the
modulator obtains optimal SNR value in terms of power con-
sumption and performance.

Fig. 5 shows the detailed architecture of the modulator.
When the is closed, it operates in the second order by by-
passing the output from the second integrator to the OUTN or
OUTP. Because the resistance value of the conventional N-type
switch varies according to the drain voltage level, the output
signal of the second integrator is degraded seriously when it
passes through . To prevent signal distortion, a high-per-
formance switch, of which resistance value is constant under
the entire range of the drain voltage, is necessary. However, the
high-performance switch is difficult to design and consumes ad-
ditional power. Therefore, we adopt , which converts
the second integrator output into a PWM signal and transfers
signals through the without distortion. Because the out-
puts of the and are digital signals, i.e., or

, the noises such as clock feedthrough or kick-back caused
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Fig. 5. Detailed �� modulator architecture.

TABLE I
PERFORMANCE SUMMARY

by switch nonidealities seldom degrade the SNR of the proposed
modulator.

When the is activated, the third integrator and
are completely turned off so as to eliminate extra

power consumption. On the other hand, if the is opened,
the third integrator accepts the output of the second integrator
as an input and performs the third-order modulation. In this
phase, is turned off to avoid extra power dissipation.
By turning on and off, the clock frequency is changed
between 2.048 and 1.024 MHz, respectively.

By changing and separately, four configurations
of the modulator having different kinds of SNR are ob-
tained, as summarized in Table I. With open, the second-
order modulators of type 1 and type 2 are achieved by
turning off and on, respectively. With closed, the
third-order modulators of type 3 and type 4 are realized by
turning off and on, respectively.

To avoid the discontinuity problems which can happen when
the order or clock frequency is changed, the proposed mod-
ulator uses the gain control unit of the preamplifier in Fig. 3.
This gain control unit adopts the envelope of the output signal
and modifies the preamplifier gain by controlling the value

to preserve the continuity of the SNR characteristics of the
modulator.

B. Building Block Circuits Design

In Fig. 6, a circuit design of a low-power OTA for the pro-
posed modulator is shown. It has a compensated two-stage
which is composed of an input stage with a cross-coupled ac-
tive load and a class-AB output stage. By using the pMOS input
differential pair, the common-mode level of the OTA gets lower,
near to ground level. This allows the use of small nMOS transis-
tors for the switches of the modulator. Moreover, the pMOS
input differential pair can minimize the output noise due to its
small 1/f noise and optimizes the slew rate and unity-gain fre-
quency [18].

The designed OTA demonstrates 77.6-dB DC gain,
7.07-MHz unity gain bandwidth, 55 phase margin for a
3-pF load, and power consumption is 15 W. To reduce the
offset errors of the OTA in the first integrator, the modulator
adopts the correlated double sampling technique. Because the
supply voltage level is low, proper biasing of the analog circuit
is essential to achieve accurate operation. To solve the biasing
problem, the OTA is designed to operate in the condition of
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Fig. 6. Two-stage class-AB OTA.

Fig. 7. Chip microphotograph of the proposed analog front-end.

mV. Therefore, the proposed OTA
achieves low power consumption with moderate speed and
area.

A 1-bit quantizer of and with a clocked
circuit is adopted [19]. By adapting the regenerative quantizer
with clocked circuit, low hysteresis and low offset voltage can
be obtained [20].

IV. EXPERIMENTAL RESULTS

The chip microphotograph of the proposed analog front-end
circuit is shown in Fig. 7. It was fabricated in a 0.25- m standard
CMOS technology with MIM capacitor process and its core size
is 0.5 mm .

In Fig. 8(a), the measured threshold gain and the threshold
knee point variations of the CGC preamplifier are presented as
a function of with variation of . The threshold knee
points are determined by values of . By reducing , the
threshold knee point is decreased. The measured attack and re-
lease response is shown in Fig. 8(b). The effect of sudden 25-dB
drop in input voltage level to the output signal is measured. It
shows a fast gain recovery such as after a 0.1-s delay, its output
gain increases gradually according to the input level.

The measured performance of the proposed modulator is
presented in Fig. 9(a). It shows the measured output spectrum of
the second-order modulator with 2-kHz sinusoidal input signal
and 1.024-MHz clock frequency. Under these conditions, the
measured peak SNR is measured as 72 dB and peak signal-to-
noise-and-distortion ratio (SNDR) is 70 dB in the case of type 1.
Fig. 9(b) shows the simulated and measured SNR and SNDR as
a function of the input signal which is normalized by reference
voltage. The high-level simulation results reveals that the pro-
posed modulator accomplishes different SNR and SNDR
values according to the input amplitudes compared with those
of the conventional second- and third-order modulator.

Fig. 8. Measured performance of the CGC preamplifier. (a) Threshold knee
voltage and threshold gain variations. (b) Attack and release responses.

Fig. 9. Measured performance of the ASNR��modulator. (a) Spectrum char-
acteristics. (b) Simulated and measured SNR/SNDR versus input amplitude.

Fig. 10 shows a comparison of the power consumption be-
tween other analog front-end circuits and the proposed analog
front-end according to the input amplitudes. While the power
dissipation of the conventional analog front-ends is independent
of the input amplitude, i.e., a fixed architecture, the power con-
sumption of the proposed adaptive analog front-end varies ac-
cording to the input amplitude. By adopting the CGC and the
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TABLE II
PERFORMANCE COMPARISON OF THE ANALOG FRONT-END

Fig. 10. Power consumption of the conventional versus proposed analog front-
end.

ASNR technique, a 20% reduction of power dissipation is ob-
tained from Range 1 to Range 4.

The measured performance of the proposed analog front-end
is summarized in Table I. When the input amplitude is higher
than 105-dB SPL, the modulator acts as a type 1 modulator
to reduce power dissipation effectively. However, if the input
amplitude is lower than 90-dB SPL, it operates as a type 4 to
offer a high SNR. This allows efficient usage of the limited en-
ergy of the zinc–air battery which is typically used in digital
hearing aids.

To measure the input-referred noise voltage of the proposed
preamplifier, the output noise waveforms are recorded and are
divided by the preamplifier gain to generate the specific input-
referred noise waveform [21]. The measured typical input-re-
ferred noise voltage is 3.8 .

The second- and third-order modulators enhance the
SNR by 9 and 8 dB, respectively, with a shift of clock frequency
from 1.024 to 2.048 MHz, respectively. The extra power dissi-
pation due to frequency change is less than 1 W for each type
of modulator.

Table II compares the performance of the proposed analog
front-end circuit with that of previous works. The proposed
analog front-end circuit dissipates the lowest power: 59.4 W
at power supply voltage of 0.9 V.

V. CONCLUSION

A low-power and energy-efficient analog front-end is
proposed and implemented in a 0.25- m standard CMOS
process for possible application to digital hearing aids. By
exploiting CGC and adaptive-SNR technique, the proposed
analog front-end reduces power consumption and obtains large

dynamic range and optimized power consumption with respect
to the variation of input signals. CGC combines AGC with
EGC to give wide dynamic range. ASNR dynamically changes
the order of the modulator and its operating frequency to
obtain different SNR values.

The peak SNRs are 72 and 86 dB in the case of second- and
third-order modulators, respectively, and the input-referred
noise voltage is 3.8 . The active area of the test pream-
plifier is 0.1 mm and of the sigma-delta modulator is 0.4 mm .

REFERENCES

[1] V. Peluso, P. Vancorenland, A. M. Marques, M. S. J. Steyaert, and
W. Sansen, “A 900-mV low-power �� A/D converter with 77-dB
dynamic range,” IEEE J. Solid-State Circuits, vol. 33, no. 12, pp.
1887–1897, Dec. 1998.

[2] L. Yao, M. S. J. Steyaert, and W. Sansen, “A 1-V 140-�W 88-dB audio
sigma-delta modulator in 90-nm CMOS,” IEEE J. Solid-State Circuits,
vol. 39, no. 11, pp. 1809–1818, Nov. 2004.

[3] J. Agnew, “Digital signal processing in hearing aids,” J. Acoust. Soc.
Amer., vol. 105, no. 2, p. 1210, Feb. 1999.

[4] D. Wayne, M. Rives, T. Huynh, D. Preves, and J. Newton, “A single-
chip hearing aid with one volt switched-capacitor filters,” in Proc. IEEE
Custom Integrated Circuits Conf., May 1992, pp. 7.5.1–7.5.4.

[5] H. Neuteboom, M. A. E. Janssens, J. R. G. M. Leenen, B. M. J. Kup, E.
C. Dijkmans, B. de Koning, V. A. J. Frowijn, R. D. N. De Bleecker, E.
J. van der Zwan, S. M. M. Note, Z.-L. Wu, and M. S. R. Masschelein,
“A single battery, 0.9 V-operated digital sound processing IC including
AD/DA and IR receiver with 2 mW power consumption,” in IEEE Int.
Solid-State Circuits Conf. Dig. Tech. Papers, Feb. 1997, pp. 98–99.

[6] F. Serra-Graells, L. Gomez, and J. L. Huertas, “A true 1-V 300-�W
CMOS-subthreshold log-domain hearing-aid-on-chip,” IEEE J. Solid-
State Circuits, vol. 39, no. 8, pp. 1271–1281, Aug. 2004.

[7] DUET DIGITAL, Advanced DSP System with FRONTWAVE 2003
[Online]. Available: http://www.gennum.com

[8] H. Neuteboom, B. M. J. Kup, and M. Hanssens, “A DSP-based
hearing instrument IC,” IEEE J. Solid-State Circuits, vol. 32, no. 11,
pp. 1790–1806, Nov. 1997.

[9] D. G. Gata, W. Sjursen, J. R. Hochschild, J. W. Fattaruso, L. Fang,
G. R. Iannelli, Z. Jiang, C. M. Branch, J. A. Holmes, M. L. Skorcz,
E. M. Petilli, S. Chen, G. Wakeman, D. A. Preves, and W. A. Severin,
“A 1.1-V 270-�A mixed-signal hearing aid chip,” IEEE J. Solid-State
Circuits, vol. 37, no. 12, pp. 1670–1678, Dec. 2002.

[10] W. A. Serdijn, A. C. van der Woerd, J. Davidse, and A. H. M. van
Roermund, “A low-voltage low-power fully-integratable automatic
gain control for hearing instruments,” IEEE J. Solid-State Circuits,
vol. 29, no. 8, pp. 943–946, Aug. 1994.

[11] C. W. Mangelsdorf, “A variable gain CMOS amplifier with exponential
gain control,” in Symp. VLSI Circuits Dig., Jun. 2000, pp. 146–149.

[12] J. Hauptmann, F. Dielacher, R. Steiner, C. C. Enz, and F. Krummen-
acher, “A low-noise amplifier with automatic gain control and anticlip-
ping control in CMOS technology,” IEEE J. Solid-State Circuits, vol.
27, no. 7, pp. 974–981, Jul. 1992.

[13] D. Moulton, About the loudness of sounds and the risk of hearing
damage, 1993. [Online]. Available: http://www.moultonlabs.com

[14] M. Samet, M. Masmoudi, and J. Mouine, “A new single chip automatic
gain control for hearing aids,” in Proc. IEEE Canadian Conf. Electr.
Comput. Eng., May 1998, vol. 2, pp. 758–761.

[15] R. Gregorian and G. C. Temes, Analog MOS Integrated Circuits. New
York: Wiley, 1986, ch. 5.

[16] Y. Geerts and M. Steyaert, Design of Multi-Bit Delta-Sigma A/D Con-
verters. Norwell, MA: Kluwer, 2002, ch. 2.



882 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 41, NO. 4, APRIL 2006

[17] Y. Tsividis, N. Krishnapura, Y. Palaskas, and L. Toth, “Internally
varying analog circuits minimize power dissipation,” IEEE Circuits
Devices Mag., vol. 19, no. 1, pp. 63–72, Jan. 2003.

[18] D. A. Johns and K. Martin, Analog Integrated Circuit Design. New
York: Wiley, 1997, ch. 10.

[19] S.-E. Kim, S.-J. Song, J. K. Kim, S. Kim, J.-Y. Lee, and H.-J. Yoo,
“A small ripple regulated charge pump with automatic pumping con-
trol schemes,” in Proc. Eur. Solid State Circuits Conf., Sep. 2004, pp.
383–386.

[20] J. Sauerbrey, T. Tille, D. Schmitt-Landsiedel, and R. Thewes, “A
0.7-V MOSFET-only switched-opamp �� modulator in standard
digital CMOS technology,” IEEE J. Solid-State Circuits, vol. 37, no.
12, pp. 1662–1669, Dec. 2002.

[21] R. R. Harrison and C. Charles, “A low-power low-noise CMOS am-
plifier for neural recording applications,” IEEE J. Solid-State Circuits,
vol. 38, no. 6, pp. 958–965, Jun. 2003.

[22] S. Kim and H.-J. Yoo, Adaptive Sigma-Delta modulator. Patent
pending.

Sunyoung Kim (S’03) received the B.S. degree in
electrical engineering from Yonsei University, Seoul,
Korea, and the M.S. degree in electrical engineering
and computer science from the Korea Advanced In-
stitute of Science and Technology (KAIST), Daejeon,
Korea, in 2002 and 2005, respectively. She is cur-
rently working toward the Ph.D. degree in electrical
engineering and computer science at KAIST.

Her research includes low-voltage low-power
sigma-delta modulators and mixed-signal integrated
circuits. Her current research interests are related

to low-power biomedical microsystems and consumer applications including
digital hearing aids.

Jae-Youl Lee (M’00) received the B.S. degree in
metallurgical engineering from Hanyang University,
Seoul, Korea, and the M.S. and Ph.D. degrees in
materials science and engineering from the Korea
Advanced Institute of Science and Technology
(KAIST), Daejeon, Korea, in 1992, 1994, and 1999,
respectively.

From 1999 to 2003, he was with a DRAM design
group at Hynix Semiconductor and designed a family
of SDRAMs. In 2003, he was a Visiting Professor
with KAIST. He joined Samsung Electronics, Korea,

and has been involved in the development of high-speed serial interfaces since
2004.

Seong-Jun Song (S’01) received the B.S. (summa
cum laude) and M.S. degrees in electrical engineering
and computer science from the Korea Advanced In-
stitute of Science and Technology (KAIST), Daejeon,
Korea, in 2001 and 2004, respectively. He is currently
working toward the Ph.D. degree in electrical engi-
neering and computer science at KAIST.

Since 2001, he has been a Research Assistant at
KAIST, where he worked on developing high-speed
optical interface integrated circuits using submicron
CMOS technology, phase-locked loops and clock and

data recovery circuits for high-speed data communications, and radio-frequency
CMOS integrated circuits for wireless communications. His current research in-
terests include ultra-low-power wearable/implantable biomedical microsystems
and energy-efficient communication systems for body area and sensor networks.

Namjun Cho (S’04) received the B.S degree in me-
chanical engineering from the Korea Advanced Insti-
tute of Science and Technology (KAIST), Daejeon,
Korea, in 2004. He is currently working toward the
M.S. degree in electrical engineering and computer
science at KAIST.

He has worked on developing the UHF RFID
tag chip. His current research interests include
low-power biomedical microsystems and communi-
cation transceivers for body area networks.

Hoi-Jun Yoo (M’95–SM’05) graduated from the
Electronic Department of Seoul National University,
Seoul, Korea, in 1983 and received the M.S. and
Ph.D. degrees in electrical engineering from the
Korea Advanced Institute of Science and Technology
(KAIST), Daejeon, in 1985 and 1988, respectively.
His Ph.D. work concerned the fabrication process
for GaAs vertical optoelectronic integrated circuits.

From 1988 to 1990, he was with Bell Communi-
cations Research, Red Bank, NJ, where he invented
the two-dimensional phase-locked VCSEL array,

the front-surface-emitting laser, and the high-speed lateral HBT. In 1991,
he became Manager of a DRAM design group at Hyundai Electronics and
designed a family of fast-1M DRAMs and synchronous DRAMs, including
256M SDRAM. From 1995 to 1997, he was a faculty member with Kangwon
National University. In 1998, he joined the faculty of the Department of
Electrical Engineering at KAIST, and led a project team on RAM Processors
(RAMP). In 2001, he founded a national research center, System Integration
and IP Authoring Research Center (SIPAC), funded by the Korean government
to promote worldwide IP authoring and its SOC application. Currently, he
serves as the Project Manager for IT SoC and Post-PC in the Korea Ministry
of Information and Communication. His current interests are SOC design,
IP authoring, high-speed and low-power memory circuits and architectures,
design of embedded memory logic, optoelectronic integrated circuits, and
novel devices and circuits. He is the author of the books DRAM Design (Seoul,
Korea: Hongleung, 1996; in Korean) and High Performance DRAM (Seoul,
Korea: Sigma, 1999; in Korean).

Dr. Yoo received the Electronic Industrial Association of Korea Award for
his contribution to DRAM technology in 1994 and the Korea Semiconductor
Industry Association Award in 2002.


