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Introduction

Cochlear Implants (CI) are implantable electronic
devices that can partially restore hearing to profoundly
deaf patients by directly stimulating the patient’s auditory
nerve via surgically implanted electrode arrays [1]. Rather
than introducing a processed acoustic signal, implants
receive, process, and transmit acoustic information via
electrical stimulation. A block diagram of a transcutaneous
Cl is shown in Fig. 1.
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Fig. 1. Implantable system of a transcutaneous CI
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In the last few decades, CIs have known huge
developments. These developments regard electrode
design, type of stimulation, signal processing, etc. Recent
trends in CI developments try to have the sound processor
fully implanted along with the receiver and the electrode
system [2].

The Continuous Interleaved Sampling (CIS)
algorithm is a multi-channel sound processing approach
developed by the Research Triangle Institute (RTI) [1, 3].
It uses non-overlapping interleaved pulses for stimulation
of the cochlea/auditory nerve. The block diagram of the
CIS processing approach is shown in Fig. 2.

The signal processing is done as follows: the speech
signal is first compressed/pre-emphasised (PGA) to match
the patient’s hearing dynamic range. It is then split into a
number of sub-bands by a bank of bandpass filters (BPF).
Each sub-band is responsible for the stimulation of a
specific area inside the cochlea. The envelopes of the
filtered signals are extracted and used to control the
amplitude of the stimulation pulses. Finally, trains of non-
simultaneous biphasic pulses are generated.
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Fig. 2. Block diagram of the CIS processing

As such, there are a number of parameters associated
with the CIS approach that can be programmed to optimize
speech recognition performance for each patient: pulse rate
and pulse duration, stimulation order, compression
function and filter spacing [1,4]. Reprogramming of the
cochlear implant, refers to setting the electrical stimulation
limits necessary for the cochlear implant user to perceive
soft and comfortably loud sound.

With  fully implanted  speech  processors
reprogramming becomes an issue, as there is no direct
access to manipulate the processor parameters. Mapping
information can only be transmitted over the same wireless
link [5] as the speech information (see figure 1). Thus,
programmable processing blocks become of great interest
for such fully implanted speech processors.

This paper proposes a fully reconfigurable Gm-C
filter for use in CIS implants. A current-mode analog
signal processing technique has been implemented due to
the advantages over its digital equivalent: low power
consumption, speed, etc. The targeted application however
gives a series of constraints to the analog circuitry: low
supply voltages, low power consumption, a minimum of
60 dB dynamic range, tunability over a wide frequency
range and high linearity.

The work is organized as follows. First of all, the
design and the configurability of the main analog blocks is
discussed. Further on, the simulation results of the analog
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blocks are presented. Finally a conclusion is drawn by
summarizing the main contributions of this paper.

Circuit Design

The need for low power consumption and low power
supply voltages is satisfied by operating the MOS
transistors in the subthreshold region. With vBS=0, the
drain current is expressed as:

w \%
ip =="1po exp[ﬁ]a (1)
where W and L are the width and length of the transistor,
respectively, Id0 is the subthreshold pre-exponential
current factor, n is the subthreshold slope factor, and Uy =
KT/q is the thermal voltage.

The transconductor is implemented with the fully
differential symmetrical OTA topology with inherent
common mode feedback [6]. The exponential relationship
between the output current and the gate-to-source voltage,
expressed in (1), shows that a linear voltage-to-current
transformation is only produced for small input signals, the
linear range being limited. Thus, resistive source
degeneration is implemented for linearization.

The schematic of the proposed Wide Linear Range
OTA (WLR OTA) is given in Fig. 3. The transistor aspect
ratios are then listed in Table 1.
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Fig. 3. Circuit schematic of the fully differential Wide Linear
Range OTA

As can be seen in Fig. 3, a second input stage was
added to achieve an increased flexibility for controlling the
OTA parameters [7], [8]. Two bias currents control the
OTA transconductance: the main bias current I, and the
input stage bias current I.. The effects of the two bias
currents on the transconductance value are listed in table 2.

Table 1. Aspect ratios of the WLR OTA transistors

Transistor Aspect Ratio
MNO, MN1, MN6, MN7 12.2w/10p
MN2, MN3, MN4, MN5 3.05w/10p
MPO, MP1, MP6, MP7 31.2w/5p
MP2, MP3, MP4, MP5 7.8W5p

Table 2. Gm variance of the OTA in respect to its bias currents

Bias Current Transconductance
lb T Gm T
T Gn 11

As it is shown in Table 2, I, is used for fine tuning
and I is used for hard tuning the OTA.

Using the OTA from Fig. 3, several active circuit
element equivalents can be implemented [9]: active
resistors, inductances, i.e. gyrator + capacitor, etc. Their
equivalent values depend on the OTA gain, and are
consequently controlled by the OTA bias currents. Thus,
the passive equivalent component values can be tuned
accordingly to achieve desired specifications.

The Gm-C biquad is based on a passive RLC
prototype [9]. It is built by replacing the passive
components with their active equivalent. The resulting
schematic is shown in Fig. 4.

Fig. 4. Circuit schematic of the Gm-C biquad

It is made up by: voltage-to-current (V-I) converter,
active resistor, capacitor, equivalent inductance: gyrator +
capacitor. The V-I converter gain and the equivalent
resistance and inductance values are all dependent on the
OTA transconductance, and consequently, on the OTA
bias currents: I,; controls the gain of the input V-I
converter; Iy, controls the equivalent resistance value; Iy;
and Iy, control the equivalent inductance value. Thus, a
control of the biquad behaviour is achieved by means of
the bias currents, as shown in Table 3.

Table 3. Biquad parameter variance in respect to the OTA bias
currents

Bias Central Bandwidth Amplification
Current Frequency

Iy 1 fo - BW 1 AT

Iy 1 fo - BW 1 A |l
Iy 1 f. 1 slightly BW _ A _

Ly 1 f. 1 slightly BW _ A _

Rather than modifying all filter characteristics at
once, as is the case of first order section cascade [10], the
biquad permits independent tuning of parameters by means
of the corresponding bias current. A higher precision and
robustness for filter tuning is then achieved [11].

The division of a frequency band [fy, f,] into n sub-
bands is done by determining the boundary frequencies of
each individual sub-band [f;,, f,;], where f; and f, are the
low and high boundary frequencies and subscript i shows
the sub-band numbering. For a logarithmic spacing, the
boundary frequencies are determined as [12]:

J1i = Fui 4> )
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where f,, is the mean frequency of the sub-band and ¢ is
determined as

fmi+l
= . 4
K Sm,i @

For a filter bank made up of 6 BPFs with logarithmic
frequency spacing, the design specifications are
determined with equations (2) and (3) and are listed in
Table 4. To be noted that the central frequencies are taken
from psycho-acoustic medical studies [13].

Table 4. Specifications of the 6 bandpass filters which build
the filterbank for a logarithmic spacing

f. [Hz] Frequency BW [Hz] Q
range fi—f;, [Hz]
393 308 —499 191 2
639 499 - 815 316 2
1037 815-1317 502 2
1685 1317 -2140 823 2
2736 2140 - 3474 1334 2
4443 3474 - 5642 2168 2

For multi-channel CI signal processing applications,
e.g. the CIS approach, medical studies show that 6™ order
Butterworth approximation filters are needed [13]. The 6™
order filters are realized by cascading 3 biquad structures
like the one from Fig. 4. The resulting filter schematic is
shown in Fig. 5.

The central frequency of the Gm-C BPF is
proportional to the g,/C, i.e. I;,/C ratio. Since the OTAs
are biased in the subthreshold region, that is nA bias
current levels, small capacitor values can be used. This
makes a single-chip solution feasible.

To implement the filter specifications from Table 4,
the needed bias currents and capacitor values are listed in
Tables 5 and 6.

In Tables 5 and 6, the first numeric subscript shows
the OTA numbering within the biquad, and, the second
numeric subscript shows the biquad numbering within the
6" order BPF. If the second subscript is missing, then all
corresponding bias currents are the same.

Table 5. The OTA bias currents needed to implement the BPFs

from Table 4

Central
Frequency | 393 | 639
[Hz]

1037 | 1685 | 2736 | 4443

Iy [nA] | 72 | 74 76 78 80 82

Iy o[nA] | 45 | 47 49 51 53 55

I ;[nA] | 108 | 110 | 112 | 114 | 116 | 118

I. [nA] | 10 9 8 7 6 5

I, [nA] 60 60 60 60 60 60

I, [nA] 10 10 10 10 10 10

Ii; [nA] 62 63 64 65 66 67

Iys [nA] 62 63 64 65 66 67

I, [nA] | 9 8.5 8 75 7 6.5

I, [nA] | 9 8.5 8 75 7 6.5

Fig. 5. The 6™ order Butterworth approximation BPF schematic

Table 6. Capacitor values needed to implement the BPFs from
Table 4.

Central

Frequency | 393 | 639 | 1037 | 1685 | 2736 | 4443

[Hz]

Ci 1 [pF] 9.18 | 556 | 3.48 | 2.14 1.31 0.812
Ci > [pF] 5.57 | 3.42 | 2.11 1.3 0.8 0.492
Ci ;3 [pF] 14.1 8.7 5.36 3.3 2 1.25
C, 1 [pF] 548 | 3.37 2 1.27 | 0.787 | 0.484
C, , [pF] 13.9 | 856 | 5.27 | 3.24 2 1.23
C, 3 [pF] 845 | 52 32 1.97 1.21 | 0.747

Filter Programability

Programmability of the reconfigurable analog circuits
refers to parameter tuning by means of digital control. This
becomes a key feature in many useful applications.

The programmability principle is presented in figure
6 The digital control word a,...a, is computed in the digital
control block based on the current state of the analog
signals and a number of other constraints. Both the input
and output signals of the analog block can be used for
parameter control. When the parameter control is done
based on the input signal, we talk about Feedforward
control. When the output signal is used for that purpose,
we talk about Feedback control. The computation

algorithm depends on the targeted overall application.

Digital Feedforward Digital

Feedback Loop

Programmable
Analog Block

Fig. 6. The principle of programmability




As shown in tables 5 and 6, the analog filter structure
parameters are controlled by corresponding bias currents
and capacitor values. If the bias current is varied
accordingly, any desired performance can be achieved
within a certain range.

For the digital control of the bias currents, a Current
Division Network (CDN) is used. The output current of the
CDN is given by [14]:

tin.

w —
[aut:zl'zlai o

(%)
and is a weighted sum of input current fractions. Whether
or not a current fraction is added to the output current is
decided by the control bit a;. Thus, the CDN output current
is controlled by a digital word a=[a,,, ...,asa;].

The CDN consists of a cascade of Current Division
Cells (CDC). Each CDC divides its input current and adds
it to the output branch, considering the state of a pMOS
switch. Another copy of the same divided current is fed to
the next CDC for further division. The CDC schematic is
shown in Fig. 7.

In the schematic from Fig. 7, the differential stage
was used as a division element instead of a MOS divider to
overcome limitations such as transistor matching and CDN
length limitation [14]. Cascoding was used to increase the
output resistance.

| e

|
EIMN] [ |:]
’
l Iol To3

|
IJI I — Ll
Ves

Fig. 7. Circuit schematic of a Current Division Cell

To source the bias currents from Table 4, a CDN with
an 8-bit control word, that is, a cascade of 8 CDCs (CDNS)
was implemented. The input current was set to 128 nA
which gives a 0.5 nA resolution for the bias current
adjustment. Thus, a digital tuning of the analog filter is
achieved.

For programming the capacitor values, a capacitive
array (CA) was implemented. An implementation of the
CA is shown in Fig. 8.

\CJ \ 3 \C‘l 1 \ o “

lo Lo Ls
Lép 800f 400f 200f 100f

128p 64p 3
;H a6 a8 o H a L| al L{ al L{ m
o

Fig. 8. Schematic of a possible implementation of the
capacitive array (CA)
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It can implement capacitor values up to 25.5 pF with
a 100 fF resolution. The equivalent capacitor value is
controlled by a digital word that is fed to nMOS switches.
In order to reduce the switch on-resistance, wide nMOS
transistors were used: (W/L)umos=100w/5.

To be noted is that the bias currents can only be used
for tuning of the BPF, e.g. tuning of the central frequency,
filter gain, etc. This is especially useful when fine
adjustments need to be made. Changing the equivalent
capacitor value however changes the whole filter
characteristic, i.e. the central frequency. Considering the
non-simultaneous fashion of the CIS stimulation, the
whole filterbank can be implemented on a single filtering
structure by using CAs.

Simulation Results

The proposed circuits have been implemented and
simulated in CADENCE, using the AMS 0.35um
technology. The simulations were performed for
differential V44=-V=1.5V supply voltages.

Fig. 9 illustrates the V-1 conversion characteristic of
the subthreshold OTA for different bias currents. I, was
varied between 10 nA and 50 nA, while I, was kept
constant at 10nA. It can be noticed that for small bias
currents, i.e. small OTA gain, the OTA linear range
becomes limited again.

The biquad control, as stated in Table 2, is
demonstrated in Fig. 10 and 11. The different bias currents
were varied between 50nA and 70nA, with a 5SnA step size.
Fig. 10 illustrates the control of the filter gain by means of
Iy,. Fig. 11 illustrates the control of the central frequency
by means of I; and Iy Thus, the filter gain was varied
around the 0dB level, and the central frequency was varied
between 2kHz and 2.5kHz, achieving a digital filter tuning.

As shown in Fig. 10 and 11, and as stated above, the
bias currents only permit a tuning of the filter parameters
within a certain range. For considerable changes in the
filter characteristic, e.g. to change the central frequency,
the equivalent capacitance value of the CA needs to be
varied. By doing so, the specifications of each BPF from

Table 2 are achieved. The resulting amplitude
characteristics are shown in Fig. 12.
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Fig. 9. Variation of the OTA gain in respect with the OTA
bias current I,
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Fig. 12. The amplitude characteristics of the BPFs building
the filterbank

Besides tuning of the filter parameters, bias currents
Iy, Ly, Iz and I, can also be used to achieve error
compensation. As all bias currents are digitally controlled,
the digital control loop can implement amplitude and
frequency compensation schemes. This is particularly
important in CI applications where good filter performance
is crucial for quality sound perception. Testing and proving
the efficiency of the digital tuning loop is subject to further
simulations.

Conclusions

This paper presents the CMOS implementation of a
fully reconfigurable BPF to be used in Cochlear Implant
applications, suitable for the CIS processing strategy. The
OTAs building the filter are biased in the subthreshold
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region, thus, reduced power consumption estimated in the
pW domain is achieved.

The small capacitance values allow for a single-chip
solution. A digital tuning of the BPF was proposed.
Variation of the digital control word permits a fine tuning
of the filter characteristic on one hand, and, the
implementation  of  completely  different filter
characteristics on the other. The simulation results show
the efficiency and effectiveness of the proposed digital
control of the analog filter.

Acknowledgements

The authors wish to thank CNCSIS (Romanian
National Council for Research and High Education) for the
financial support (grant no 657/2009).

References

1. Loizou P. C. Mimicking the Human Ear // IEEE Signal
Processing Magazine. — September, 1998. — Vol. 15, No. 5. —
P. 101-130.

2. Negoita M. Gh., Hintea S. Bio-Inspired Technologies for the
hardware of Adaptive Systems. Real-World Implementations
and Applications. — Springer Verlag Berlin/Heidelberg. —
2009.

3. Rouiha K., Bachir D., Ali B. Analysis of Speech Processing
Strategies in Cochlear Implants // IEEE Journal of Computer
Science. — 2008. — P. 372-374.

4. Zierhofer C. M., Hochmair-Desoyer I. J., Hochmair E. S.
Cochlear Implant for Combined Analog and Pulsatile
Electrostimulation of the Acoustic Nerve // Engineering in
Medicine and Biology Society, Proceedings of the Annual
International Conference of the IEEE. — 1992. — Vol. 14. — P.
1308-13009.

5. Hintea S., Simion E., Festilad L. Radiofrequency link used in
partially-implanted auditory prosthesis // Proc.of the 3th IEEE
Int.Conference on Electronics, Circuits and Systems ICECS’96.
— Rhodos. —1996. — P. 1143-1146.

6. Sanchez-Sinencio E. and Silva-Martinez J. CMOS
transconductance amplifiers, architectures and active filters: a
tutorial / IEEE Proceedings Online, Circuit Devices and
Systems. —2000. — Vol. 147, No.1. —P. 3—12.

7. Hung C.-C., Halonen L., Ismail M., Porra V. Micropower
CMOS Gm-C Filters for Speech Signal Processing // IEEE
International Symposium on Circuits and Systems. — Hong
Kong. — June 9-12, 1997. — P. 1972-1975.

8. Oltean G., Hintea S. and Sipos E., Computational
Intelligence in Analog Circuits Design // Editura Springer
LNAI 5179, Lecture Notes in Artificial Intelligence. Ignac
Lovrek, Robert J. Howlett, and Lakhmi C. Jain (Eds.):
Knowledge-Based Intelligent Information and Engineering
Systems. —2008. — P. 384-391.

9. Schaumann R., Van Valkenburg M. E. Design of Analog

Filters. — Oxford University Press. —2001.

Farago P. Design of Reconfigurable Analog Integrated

Circuits for Cochlear Implants / Diploma Thesis. — Cluj-

Napoca. — June 2009. — P. 101-103.

Ciufudean C., Larionescu A., Filote C. Equivalent

Structures for Nonlinear-Signal Cable Networks //

Electronics and Electrical Engineering. — Kaunas:

Technologija, 2009. — No. 5 (93). — P. 65-68.

Gratzl M., Janata J. Filter banks for power spectrum

estimation with a logarithmically uniform frequency

resolution // J. Phys. E: Sci. Instrum. — 1989. — No. 22. — P.

863-868.

10.

11.

12.


http://ieeexplore.ieee.org/xpl/RecentCon.jsp?punumber=1028�
http://ieeexplore.ieee.org/xpl/RecentCon.jsp?punumber=1028�
http://ieeexplore.ieee.org/xpl/RecentCon.jsp?punumber=1028�

13. Loizou P. C., Lobo A., Kehtarnavaz N., Peddigari V., Lee Conveyor // IEEE Transactions on Circuits and Systems. I:
H. Open Architecture Research Interface for Cochlear Regular Papers. — October 2005 — Vol. 52, No. 10. — P. 2055—
Implants. — 2006. — NO1-DC-6-0002. — P. 1-13. 2064.

14. Mahmoud S. A., Hashiesh M. A., Soliman A. M. Low-

Voltage Digitally Controlled Fully Differential Current
Received 2009 11 02

S. Hintea, P. Faragé, L. Festila, P. Soser. Reconfigurable Filter Design for Implantable Auditory Prosthesis / Electronics and
Electrical Engineering. — Kaunas: Technologija, 2010. — No. 3(99). — P. 7-12.
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Subthreshold transconductors (OTA) are used for lower power consumption and smaller capacitor values. The digital control of the
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Jns moBeimeHus 3¢ GeKTUBHOCTH KoxieapHeIx uMmiuiantaToB (Cl) mcmonb3yeTcs MHOTOKaHanbHash oOpaboTka 3Byka. Jms aToit
LIeTM HeOOXOANMEI CHCTeMbI (GHIBTPOB. [IpescTaBiieHo ocylecTBICHNE TTOJTHOCTBIO IIepecTpanBaeMoro mnoyocosoro ¢uiasrpa (BPF) ¢
mudpossM yrnpasienueM. [Toamoporossie TpanckoHaykTopbl (OTA) HCONBb3yIOTCS AT YMEHBLISHHS SHEPrONOTPEOICHUSI B eMKOCTH
koHeHcaTopoB. [luppoBoe ympasienue TokoB OTA TO3BONSET TOYHO HACTPOUTH 4YacTOThl Xapaktepuctuku BPF. Ilonnas
pexoHduUryparys mojesHas A1 He OZHOBpeMeHHoro cruMyiupoBanus. BPF peann3oBan Ha TpaH3ucTtopHOM ypoBHE. OH OXBaThIBaeT
300 Hz — 5,5 kHz 3BykoBoOli auama3oH U pa30MBaeT ero Ha 6 Jorapu(MHUUECKH PACIIONIOKEHHBIX KaHAIOB. MoIEMUpOBaHUE CO3AaHOM
CXEMBI J0Ka3ano 3(PQEeKTHBHOCTh PEKOHPHUIYPHPYEMBIX AHAJIOTOBBIX OJOKOB ¢ IHMGPOBBIM ympasieHueM. Mn. 12, 6ubm. 14 (Ha
AHTTIMHCKOM $I3bIKe; pedepaThl Ha aHTIIUICKOM, PYCCKOM H JINTOBCKOM I3.).
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elektrotechnika. — Kaunas: Technologija, 2010. — Nr. 3(99). — P. 7-12.

Klausos implanty efektyvuma galima padidinti daugiakanaliu garso apdorojimu. Siam tikslui reikalingos filtry sistemos. Aprasomas
visiSkai perderinamo skaitmeninio juostinio filtro (BPF) projektavimas. Energijos suvartojimui ir naudojamy kondensatoriy talpai
sumazinti naudojami OTA. Skaitmeninis OTA maitinimo sroviy valdymas uztikrina tiksly dazninés BPF charakteristikos valdyma.
Visisko perderinimo galimybé naudinga esant nevienalaikiam stimuliavimui. BPF sukurtas tranzistoriniu lygmeniu. Jis aprépia 300 Hz—
5,5 kHz garso diapazona ir suskaido ji i 6 logaritmiskai iSdéstytus kanalus. Sukurtosios schemos modeliavimas parodé, kad gaminys
efektyviai naudojamas perderinamuosiuose analoginiuose skaitmeniniuose blokuose. Il. 12, bibl. 14 (angly kalba; santraukos angly, rusy
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