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Abstract—A low-power digital hearing aid chip with consider-
ation of the human external ear characteristics according to the
each individual user is proposed and implemented. It adopts the
pre fitting verification algorithm (PREVA) to obtain the fast and
accurate gain fitting and verification in two steps, coarse and fine
gain fittings. The ear canal modeling filter circuit (EMC) which
models the human external ear into the distributed LC filter en-
ables the coarse gain fitting based on the shape of the external ear
of the patient. The fine fitting verification is performed by the ex-
ternal inputs from the hearing loss test results. To reduce the power
consumption of the human factored hearing aid chip design, the
multi-threshold preamplifier, the adaptive fitting digital signal pro-
cessor (DSP) with the filter reuse technique and the gated succes-
sive approximation ADC are designed and embedded to the digital
hearing aid chip. The dynamic range of the multi-threshold pream-
plifier exists from 0.45 V to 0.8 V and dissipates 32 W from a
single 0.9 V supply. The fabricated digital hearing aid chip achieves
the peak SNR of 81 dB in the overall system with 4.2 Vrms of
input-referred noise voltage. The fabricated chip occupies the core
area of 3 12 1 20mm2 in a 0.18 m standard CMOS technology
and consumes only 107 W from a single 0.9 V supply.

Index Terms—Digital hearing aid, ear canal modeling filter cir-
cuit, external ear resonance gain, multi-threshold preamplifier.

I. INTRODUCTION

RECENTLY, the design issues of the biomedical devices
[1], [2] are changed to how to accommodate the indi-

vidual differences for the performance optimization according
to the each individual user and comfortable level enhancement
[3]. That is, human factors should be taken into account early
in the design process. Usually the digital hearing aid (DHA)
chip incorporates the human factors after the chip fabrication
by the external gain fitting and verification process through the
hearing loss test. However the post gain fitting process has many
intrinsic problems. One of the most important problems is the
measurement difficulties of the individually required insertion
gain. Conventional insertion gain verification method using the
probe-tube microphone generates measurement errors due to the
position of the probe-tube microphone in the completely in the
canal (CIC) type hearing aid. Besides, the amount of compen-
sated gain varies widely from 0 dB to 25 dB according to the
conditions of the patient [4]. Therefore, the conventional gain
compensation scheme, especially in CIC type, takes long time
to verify the required gain and cannot provide the sufficient gain
because of its narrow dynamic range. In addition, this method is
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hard to apply to the babies or the kids because it limits the body
movement when the gain measurement is processed. To solve
these problems, the 2 cc coupler method is widely used because
of its measurement conveniences. It supposes that the volume
of the external ear canal is uniformly 2 cc. However, it has fun-
damental errors due to the different ear canal and concha char-
acteristics according to the individual users compared with the
uniform 2 cc coupler. The functional gain verification method
which measures the sound field threshold has also many limita-
tions such as poor test-retest reliability, limited frequency res-
olution, inefficiency, and inability to provide any information
about real-ear maximum output levels [5].

To overcome these problems, this paper presents the pre fit-
ting verification algorithm (PREVA) and implements it in a high
programmable DHA chip. The PREVA obtains the gain fitting
in two steps, coarse and fine gain fittings to enable the objec-
tive, accurate and fast gain fitting and verification. The ear canal
modeling filter circuit (EMC) enables the coarse gain fitting
based on the physical shape of the external ear without am-
biguous feedback from the patient. After the coarse gain fitting
by EMC, the fine gain fitting and verification can be executed
with little iteration of interview with patient using the external
hearing loss test results.

The design considerations of the EMC modeling and imple-
mentation methods are presented in Section II. Section III de-
scribes the design methodologies and circuit techniques of the
parameter acquisition unit (PAU) with PREVA in detail. More-
over, it includes the overall digital hearing aid architecture. In
Section IV, low-power design techniques of the fabricated dig-
ital hearing aid chip are shown. It includes the details of the
multi-threshold preamplifier, the adaptive fitting DSP with filter
reuse technique, and the gated successive approximation ADC
to reduce the power dissipation and enhance the programma-
bility of the DHA chip. The real chip implementation and mea-
surement results are presented in Section V. Finally, conclusions
are made in Section VI.

II. HUMAN EAR MODELING CONSIDERATIONS

Modeling of the human ear function has been described
by adopting various approaches. The finite element method
(FEM), a general numerical procedure, is usually used in
modeling complex electro-mechanical biological system [6].
Although the FEM is accurate and intuitive method to model
the human ear, it is hard to integrate the FEM algorithm into the
digital hearing aid chip because of the seriously complex data
processing algorithm of the FEM. In addition, the FEM obtains
only approximate solutions and many input data are required.
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The conventional analog human ear model is constructed by
converting the ear transfer function into the transformer circuit
with passive or active analog circuit elements [7]. However,
the inflexibility of the analog circuit and the excessively large
values of the passive elements made it impossible to apply
the conventional analog ear model to the digital hearing aid
on a chip. To achieve the accurate and flexible ear modeling
method with the consideration of the human factors, the ear
canal modeling filter circuit (EMC) is newly implemented and
embedded into the digital hearing aid on a chip.

A. Requirements of the Human Ear Modeling

The major roles of the human external ear are sound acqui-
sition and gain resonance effect. Because of its closed-ended
pipeline structure, each external ear canal has different reso-
nance value. It changes the compensation gain of the digital
hearing aid according to the each individual user. In addition,
each middle ear also has its own gains due to the different ear
shape and joint method among the parts of the middle ear [8].
Significant individual variation, up to 25 dB, exists in middle
ear function at key hearing thresholds. Therefore, the value of
the resonance gain varies from 30 dB to 50 dB according to the
different shapes and characteristics of the human external ear
and the middle ear. It requires the human ear modeling ahead of
digital hearing aid chip design.

Moreover, the natural ear canal resonance value is affected ac-
cording to the different types of the digital hearing aid. Fig. 1(a)
shows the external ear resonance effect when the in the ear (ITE)
type digital hearing aid is used. In this case, only the partial
pinna resonance effect changes the gain of the digital hearing
aid. It means the resonance effects of the remained part of the
pinna and the whole ear canal are ignored when the gain of the
digital hearing aid is first fitted. Fig. 1(b) presents the external
ear resonance effect when the in the canal (ITC) type digital
hearing aid is adopted. In this case, the whole pinna resonance
effect affects the digital hearing aid when the gain fitting and
verification are processed. However, the whole ear canal res-
onance effect is still ignored due to the location of the digital
hearing aid in the human external ear. Fig. 1(c) shows the ear
resonance effect when the completely in the canal (CIC) type
digital hearing aid is putted on. In this case, the whole pinna
resonance effect and the partial ear canal resonance effect influ-
ence to the gain of the digital hearing aid. However, the reso-
nance effect of the remained partial ear canal is still neglected
and cannot affect the resonance gain of the digital hearing aid.
Since the type of the digital hearing aid highly affects the com-
pensation gain of the digital hearing aid, it should be considered
prior to the design of the digital hearing aid. By regarding the
type of the digital hearing aid and calculating the required gain
before the hearing aid is worn, the number of post gain fitting
and verification process is reduced drastically. The type of the
digital hearing aid can be considered by modeling the human
external ear and estimating the remained volume of the ear after
the digital hearing aid is putted on.

According to the mentioned results, the design paradigms of
the digital hearing aid should be changed how to deliberate the
individual differences of the human ear. In order to achieve both

Fig. 1. Ear resonance effects due to the different types of the digital hearing
aid.

Fig. 2. Comparison of the conventional DHA and the proposed DHA with
the EMC.

the high comport fitting process and the user optimized perfor-
mance in design of the digital hearing aid chip, human factors
should be cogitated primarily in the design process.

B. Acoustic Analogies

In the acoustic filter theory, the side branch or winding of the
pipe can attenuate sound energy transmitted in a pipe. Moreover,
the input impedance of the side branch determines whether the
system can have as a low-pass, high-pass or bandpass filter [9].

A low-pass filter in Fig. 4 is consisting of an enlarged segment
of a pipe of cross-sectional area and length in a pipe of
cross section . At sufficiently low frequencies, the low-pass
filter is viewed as a side branch with acoustic compliance in
the form of (1) as

(1)

where represents the volume of the expansion chamber.
In this case, the acoustic impedance of this branch is pure

reactance and it is presented in the form of (2) as

(2)
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Fig. 3. Ear modeling filter circuit design.

Fig. 4. Distributed LC filter design.

The human external ear can be modeled into the closed-ended
pipe which has various windings or side branches. In addition
the sliced disk of the human external ear which has unit length

is characterized into the low-pass filter according to the an-
nounced acoustic theory. By using these analogies between the
closed-ended pipe of the acoustic filter and the human external
ear canal, ear canal modeling filter circuit (EMC) is extracted.
To design the acoustic networks using the cross-sectional area of
the closed-end pipe, a ladder-type network is used as an acoustic
filter. One value of inductor ( ) and one value of capacitor ( )
are constructed as a one unit of the proposed filter.

C. Fitting Topologies

Fig. 2(a) shows the conventional digital hearing aid fitting
topology. First of all, the required gain for the fitting of the
digital hearing aid is calculated and compensated to the digital
hearing aid from the hearing loss test results. Next, the gain mea-
surement is processed by wearing the gain compensated digital
hearing aid. Then, the gain fitting and verification process is re-
peated again and again until the fitted gain value is suitable to the
each individual user. However, this process requires long veri-
fication time and high fitting iterations. Fig. 2(b) presents the
fabricated digital hearing aid fitting and verification topology
which embeds the EMC unit. By adopting the results both from
the EMC unit and the hearing loss test results, the coarse gain
compensation is implemented. Then by using another hearing

loss test results, the fine gain compensation is processed. This
on-chip two-step verification reduces the gain fitting and verifi-
cation time and error.

III. PROPOSED DIGITAL HEARING AID CIRCUITS

A. Ear Canal Modeling Filter Circuit

Fig. 3 presents the fabricated EMC unit which models the
individual ear to obtain the natural resonance values of the ex-
ternal ear. The exact 2-D shape of the impaired external ear can
be formed based on the X-ray photo of the patient. By using the
X-ray photo results the cross-sectional area of the external ear
is extracted. Then, a distributed L or C filter is derived to model
the acoustic filter characteristics of the external ear by using the
achieved data from the X-ray photo in Fig. 4 [9]. The LC filter, or
EMC unit, can be included into the DHA chip design process to
enable so called human-chip co-design. That is, the detail char-
acteristics of the individual external ear can be included into
the design of DHA together. Even the volume change of the
ear canal after the DHA is inserted into the external ear can be
considered by modifying the or value of the EMC unit.
The external control signal, 11 bit SEMC, is used to change the
structure of the filter according to the shape of the individual ear
to allow the high flexibility to the EMC unit. The gain parame-
ters from the EMC unit enable the DSP in the DHA to achieve
the user-optimized gain fitting in accordance with the personal
hearing loss. The parameters for the fine gain fitting can input
to the DHA through another serial interface. In the fabricated
DHA test chip, the EMC unit is composed of 14 fixed taps and
16 variable taps, in total 30 taps. Of course total number of taps
and the number of variable taps can be increased further. 11 bit
SEMC signal modifies the number of taps and the LC values
according to the individual ear shape. Among the 11 bits of the
SEMC signal, 1 bit signal is to determine between the and the

. Each or is composed of 4 of or to enable
the trimming with 2 bit signals and 4 bit signals are allocated to
select the tap among the 16 variable taps.

B. Overall Digital Hearing Aid Architecture

Fig. 5 presents the fabricated human factored digital hearing
aid chip. It consists of three major blocks: the EMC unit, the
parameter acquisition unit (PAU) and the DHA unit. The DHA
block includes a multi-threshold preamplifier, an adaptive-SNR
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Fig. 5. Block diagram of the fabricated digital hearing aid chip.

Fig. 6. Architecture of the proposed PAU with PREVA.

ADC [10], a multi-channel adaptive fitting DSP, a hetero-
geneous DAC [11], and a receiver driver. The PAU is com-
posed of a peak detector (PD), a successive approximation ADC
(SAADC), and a parameter generator (PG).

The PD provides the peak gain value as a function of fre-
quency in steps of 1 kHz from 1 kHz to 8 kHz. The digitized
resonance value of the individual ear is processed by the PG
which receives both of the coarse compensation gain parame-
ters and the fine compensation gain parameters. The parameters
from the PG are used for the DSP of the DHA unit to achieve
the user-optimized gain fitting in accordance with the personal
hearing loss.

The architecture of the proposed PAU with PREVA is shown
in Fig. 6. The pre fitting of the PREVA is realized by choosing
the resonance value which affects the largest influence to the
gain fitting. The EMC output at the 4 kHz is always selected be-
cause it highly affects the amounts of gain compensation. The
largest value among the outputs of the 5 bit SAADC

and the output value at 4 kHz determines
the amount of the coarse compensation gain. The fine compen-
sation gain has default initial value which can be changed by
the external parameter inputs ( and PS) from the post gain
verification. The peak value of the gain and the gain at

4 kHz are used as fine compensation gain parameters.
The coarse compensation gain parameters and fine compensa-
tion gain parameters are combined to provide the total DHA gain
(G1) of the DSP core.

IV. LOW-POWER TECHNIQUES

A. Multi-Threshold Preamplifier

Nonlinear characteristics of the human auditory system allow
the native ability of the automatic gain control to enable the wide
dynamic range of the human ear. In order to imitate the capa-
bility of the normal human ear which covers the wide dynamic
range, the conventional preamplifier usually adopts the single
threshold knee voltage with the high compression ratio of the
dynamic range. However the high compression of the input dy-
namic range causes a serious edge distortion at the conversation
region. It requires an arduous and laborious training of a patient
when he or she wears the hearing aid for the first time. More-
over, the high compression of the conversation region degrades
the articulation index of the hearing.

To eliminate these problems and allow a wide linearity in the
normal conversation range, the programmable multi-threshold
preamplifier is implemented. Fig. 7 shows the principle of the
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Fig. 7. Principle of the multi-threshold preamplifier. (a) Conventional pream-
plifier. (b) Multi-threshold preamplifier.

Fig. 8. Architecture of the fabricated multi-threshold preamplifier.

low-power multi-threshold preamplifier with programmable
multi-threshold knee voltages. It enables the same dynamic
range between the normal and the impaired ear in the conversa-
tion region. In addition, the dynamic range of the impaired ear
mapped to the conversation region can be changed according
to the characteristics of the each individual user by controlling
the two threshold knee voltages, and . It enhances
the articulation index and flexibility of the digital hearing aid.

Fig. 8 shows the block diagram of the low-power pro-
grammable multi-threshold preamplifier. To reduce the power
dissipation, only two MOS-resistive circuit (MRC) units with
the gain amplifier are adopted instead of the conventional three
MRC units to implement the automatic gain control function
and exponential gain control function at the same time. The
voltage gain of the implemented multi-threshold preamplifier
is expressed in the form of (3) as

(3)

where and are negative and positive resistance control
voltages, respectively, and is a volume control voltage
which determines the common mode level of and . ,
the control voltage determined by the preamplifier output, de-
cides the differential mode level of and . and
are threshold voltages and , and , are the width
and the length of the transistor and , respectively.

Fig. 9. Adaptive fitting DSP architecture.

When the input signal amplitude is smaller than or
larger than , the value is selected as 0 and the
and have the same value of . Therefore, the voltage
gain of the preamplifier is determined from the dimension of
the MRC units and the value of the . If the input signal
has an amplitude value between the and , the
has different values to provide a various gain according to the
each individual user. Moreover the threshold gain is changed
with the variation of the to prevent the howling problem
due to the positive feedback of the input sound. By adopting this
architecture, the preamplifier reduces the power consumption to
32 W and the area occupation to 0.5 mm .

B. Adaptive Fitting DSP With Filter Reuse Technique

The proposed adaptive fitting DSP consists of the 1-stage
filter and the 3-stage filter is shown in Fig. 9. To

select the channel from 1 kHz to 8 kHz in steps of 1 kHz for
low power and low area consumption, the transfer function of
the DSP is implemented using symmetry formula.

Fig. 10 presents the architecture of the filter and the
filter. According to the proposed symmetry formula, the

transfer function of the 8 kHz channel selection has only 1 sign
difference from the transfer function of the 1 kHz channel se-
lection. Therefore, the transfer function of the 8 kHz channel
selection can be designed with only adopting multiple inverters
to the transfer function of the 1 kHz channel selection and it
makes hardware design easy by filter reuse of the transfer func-
tion of the 1 kHz channel selection. At the same time, each
transfer function between 2 kHz and 7 kHz, 3 kHz and 6 kHz,
and 4 kHz and 5 kHz channel selection has only 1 sign differ-
ence with totally same formula. Among the 8 channels of the
proposed DSP, the 3 channels are activated at the same time to
reduce the design complexity and the power consumption. The
different channels can be selected and activated according to the
required frequency band of the each individual user. By using
these two filters, the filter and the filter, alternatively
according to the different transfer function of the DSP the adap-
tive fitting DSP consumes only 10 W with the wide channel
selection range.

C. Gated Successive Approximation ADC

The block diagram of the 5 bit gated successive approxi-
mation ADC (SAADC) is shown in Fig. 11. The standby cur-
rent can be reduced compared with the conventional succes-
sive approximation register (SAR) [12] by adopting the control
signal . Moreover, switching off the capacitor array
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Fig. 10. Architecture of the unit filter and the unit filter.

Fig. 11. Architecture of the gated successive approximation ADC.

Fig. 12. Chip microphotograph of the digital hearing aid chip.

logic decreases the power dissipation further when the compara-
ting phase is over. The sampling rate of the designed SAADC
is 256 and the effective number of bits (ENOB) is 5.7 bit when
the input signal has 2 kHz frequency. The fabricated SAADC
dissipates 0.8 A on current and only 55 pA standby current.

V. EXPERIMENTAL RESULTS

The chip microphotograph of the implemented digital hearing
aid chip with human factors consideration is shown in Fig. 12.
It was fabricated in a 0.18 m standard CMOS technology with
MIM process and its core area occupies mm [13].

Fig. 13. Natural resonance value of the normal human ear and the EMC output.

Fig. 13 shows the natural resonance value of the human ear canal
and fabricated EMC output. Within our interested frequency
range from 1 kHz to 8 kHz, the frequency response of the EMC
unit is well matched to the ear canal resonance value.

Fig. 14 shows the measured results of the proposed PAU.
After the peak values of the resonance signals are detected and
inputted to the PAU in Fig. 14(a), the gain values are measured
in Fig. 14(b) and digitized in Fig. 14(c). Two gain values, the
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Fig. 14. Measured results of the designed PAU.

Fig. 15. Measured results of the hearing compensation operation.

largest gain value and the one at the 4 kHz, are selected to ac-
quire the verification gain in Fig. 14(d). The overall operation
of the proposed DHA is explained in Fig. 15. A hearing loss
audiogram of a patient of Fig. 15(a) shows losses at 1 kHz and
4 kHz. In order to compensate such hearing losses, the EMC unit
is modified to give coarse gain compensation of Fig. 15(b). The
dotted line is the desired gain compensation and the solid line
is the measured gain compensation by the coarse compensation
only. Fig. 15(c) shows the final compensation results after the
fine gain verification is processed. In this case, the preamplifier

gain is selected as 1 to verify the performance of the PAU. The
measured output of the multi-threshold preamplifier is shown in
Fig. 16. The reported output dynamic range is from 0.45 V to
0.8 V [14].

Table I summarizes the measured features of the fabri-
cated chip. To measure the input-referred noise voltage of the
designed hearing aid chip, the output noise waveforms are
recorded and divided by the digital hearing aid gain to generate
a specific input-referred noise waveform [15]. The measured
typical input-referred noise voltage is 4.2 Vrms and its power
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Fig. 16. Multi-threshold preamplifier output.

TABLE I
PERFORMANCE SUMMARY

TABLE II
PERFORMANCE COMPARISON

consumption is 107 W using a single 0.9 V supply. Table II
presents the performance comparison with the other works
related to the hearing aid chip. The main points in this table
are design techniques based on the internal verification and the
power dissipation. Compared with the conventional DHA, the
fabricated digital hearing aid chip enables the accurate and fast
on-chip gain fitting and verification by incorporating the human
factors. As a result, this work newly introduces the EMC and
the PREVA with the lowest power consumption.

VI. CONCLUSION

The human factors considered digital hearing aid chip is
designed and implemented. The ear canal modeling filter circuit
(EMC) models the human external ear into the distribute LC
filter by adopting the analogies between the acoustic filters
and the characteristics of the human external ear. It enables the
coarse gain fitting based on the shape of the external ear. This
chip adopts the pre fitting verification algorithm (PREVA) to
achieve the gain fitting and verification in two steps, coarse and
fine gain fittings accurately and rapidly. The fine gain fitting and
verification is performed by the external inputs from the hearing
loss test results. To reduce the power dissipation of the human
factored digital hearing aid chip, the multi-threshold pream-
plifier is designed. The dynamic range of the multi-threshold
preamplifier exists from 0.45 V to 0.8 V and dissipates only
32 W from a single 0.9 V supply by using two MRC units with
the gain amplifier. The multi-channel adaptive fitting DSP and
the gated successive approximation ADC are implemented to
reduce the power consumption further. The fabricated human
factors considered digital hearing aid chip achieves the input re-
ferred noise voltage of 4.2 Vrms with the peak SNR of 81 dB in
the overall system. It occupies the core area of mm
in a 0.18 m standard CMOS technology and consumes only
107 W from a single 0.9 V supply.
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