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ABSTRACT

To help develop ultra-low power wireless hearing aid products,
we investigate the integration of subband audio coding with hear-
ing aid applications. Both the audio coding and the hearing aid
application use subband processing, but their requirements for the
filterbanks are totally different. The hearing aid application typi-
cally uses an oversampled filterbank to reduce the aliasing in each
subband, whereas the audio codec needs a critically sampled filter-
bank for maximal coding efficiency. A joint filterbank structure is
proposed in this paper to satisfy these contradictive filterbank re-
quirements. With this structure, the two filterbanks are combined
into a single stereo filterbank operation, which can be efficiently im-
plemented on a filterbank coprocessor. This structure substantially
reduces the computation complexity, power consumption and mem-
ory usage.

Index Terms— Channel bank filters, transform coding, audio
coding, hearing aids, coprocessors

1. INTRODUCTION

Adding wireless functionality to hearing aids brings many benefits
to the users [1]. For example, a hearing aid can receive an audio
stream from a remote device (e.g., a microphone, television, tele-
phone or another hearing aid on the opposite ear) wirelessly to re-
duce the negative effects of distance, reverberation and background
noise.

In order to reduce the transmission bandwidth, hence the power
consumption, for audio streaming, an audio codec is necessary to
provide data compression. The audio compression can be performed
in either time domain or a subband domain based on time-frequency
transforms. However, with subband codec, we can allocate more
bits to perceptually important subbands and achieve higher coding
gain than the time-domain codecs [2]. Thus, a subband codec is an
integral part of the new generation of wireless-capable hearing aids.

However, in a hearing aid device, even though both the codec
and the hearing aid algorithms use subband signal processing, their
filterbank requirements are very different. The hearing aid algo-
rithms typically apply wide magnitude adjustments in each subband,
so they require an oversampled filterbank to achieve a proper trade-
off in terms of aliasing reduction in each subband, group delay, and
computation complexity [3]. On the other hand, the subband codec
requires a critically sampled filterbank to minimize redundant in-
formation and maximize the compression rate. Unfortunately, it is
well-known that, in a critically sampled filterbank, the overlapping
between adjacent bands generates aliasing distortions that can be
cancelled out only if there is little or no modification to the sub-
band signal. This is obviously incompatible with hearing aid signal
processing, so challenges arise when we attempt to integrate these
two different types of subband processing algorithms. Therefore, in

this paper, we investigate and present a novel approach for the effi-
cient integration of a subband codec into a hearing aid application,
based on an ultra-low power DSP system including an optimized fil-
terbank coprocessor. Our proposed solution aims for minimizing the
computation complexity, power consumption and memory usage.

The rest of the paper is organized as follows. Section 2 describes
the architecture of the DSP system and what the coprocessor is capa-
ble of. In Section 3, we propose an application framework to solve
the problem of the conflicting filterbank requirements. In Section
4, we propose a selection of filterbanks that are appropriate in this
framework, and describe the implementation of the filterbanks using
the coprocessor. Finally, Section 5 presents a summary of the paper.

2. THE DSP SYSTEM

The DSP system is designed for ultra-low power and miniature audio
processing applications. Figure 1 shows a top-level overview of the
DSP system. The system is centered around three major digital com-
ponents: a fixed-point general purpose DSP, a coprocessor and an
I/O processor. These three components run in parallel and communi-
cate through interrupt signals and shared memory. The general pur-
pose DSP is fully programmable. It provides the flexibility needed
to implement a wide range of signal processing algorithms. The
coprocessor is specialized for filterbank operations and vector op-
erations. It can perform these operations without intervention from
the DSP. In particular, the coprocessor hardware is highly optimized
for the implementation of an oversampled complex modulated filter-
bank. With some adaptation, it can also generate critically-sampled
filterbanks [4][5][6]. The filterbank is highly configurable in order
to meet the requirements of various applications. It allows for odd
or even stacking, different number of subbands, and different type
of analysis and synthesis prototype filters. In addition, it can also
operate in stereo mode, with two real-valued input signals and a sep-
arate prototype filter for each input. With this design, the whole DSP
system is particularly efficient for oversampled subband processing.
The I/O processor controls the input/output data flow between the
input/output stages (i.e., the ADC, DAC and associated circuits) and
the FIFO memory. It operates on blocks of data in the background
and only interrupts the DSP when necessary. It works in conjunction
with multiple I/O channels in the input/output stage concurrently.

Finally, the DSP system also includes clock circuits and a num-
ber of other on-chip peripherals. Therefore, it can be easily inte-
grated into miniature devices without many extra external compo-
nents. A number of analog and digital interfaces are also provided
that allow communications with a wide variety of external systems,
such as a wireless chip. When used in typical hearing aid applica-
tions, the DSP system operates at 1.25 V supply and consumes less
than 1 mW.

bejohnst
Text Box
Copyright 2008 IEEE. Published in the 2008 International Conference on Acoustics, Speech, and Signal Processing (ICASSP 2008), scheduled for March 30 - April 4, 2008 in Las Vegas, Nevada. Personal use of this material is permitted. However, permission to reprint/republish this material for advertising or promotional purposes or for creating new collective works for resale or redistribution to servers or lists, or to reuse any copyrighted component of this work in other works, must be obtained from the IEEE. Contact: Manager, Copyrights and Permissions / IEEE Service Center / 445 Hoes Lane / P.O. Box 1331 / Piscataway, NJ 08855-1331, USA. Telephone: + Intl. 908-562-3966.




Input
Stage

I/O
Processor

Output
Stage

Shared
Memory

General-
Purpose

DSP
Coprocessor

On-chip
peripherals

Interfaces

Mic
Inputs

Speaker
Output

Control
Interface

User
Interface

Wireless
Chip

Fig. 1. Block diagram of the DSP system

3. THE PROPOSED INTEGRATION FRAMEWORK

In the previous section, we described a DSP system including a spe-
cialized coprocessor for efficient implementation of oversampled,
complex modulated filterbanks. In this section, we will propose a
framework to efficiently deploy the subband codec and the hearing
aid application on the DSP system.

As discussed earlier, the codec uses a critically sampled filter-
bank to maximize the compression rate. The filterbank needs to be
carefully designed such that the aliasing components introduced by
the downsampling operation in the analysis stage are cancelled out
(or approximately cancelled out) in the synthesis stage. However,
the critically sampled filterbank is sensitive to subband modification.
Any attempt to apply frequency shaping or magnitude adjustments in
the subband (which is required in hearing aid signal processing) will
lead to severe aliasing distortions in the synthesis output. Therefore,
hearing aid processing cannot be performed between the analysis
and synthesis of a critically sampled filterbank. In order to solve
the conflicting filterbank requirements, we propose a joint filterbank
structure using two filterbanks back-to-back.

Figure 2 illustrates the joint filterbank structure in the context
of a hearing aid system having a simple wireless audio streaming
capability. As shown in the figure, at the transmitter side, the au-
dio input signal is decomposed into a number of subbands through a
critically sampled analysis filterbank. The subband signals are then
encoded into a bit stream and transmitted over the wireless link. At
the receiver side, once a frame of data is received from the wireless
link, a decode function is performed to reconstruct the subband sig-
nals. Afterwards, the decoded subband signals are transformed back
to the time domain using the critically sampled synthesis filterbank.
Through this step, the aliased components introduced in the analysis
stage are effectively cancelled out by the synthesis filterbank.

Next, the time-domain decoder output is digitally mixed with
the local audio input from the receiver side. This can be done in the
time domain as shown in Figure 2. The mixed signal is then split into
a number of subbands again by an oversampled analysis filterbank.
Alternatively, the mixing can also be done in the subband domain. In
some hearing aid applications, there may also be other time-domain
signal processings performed before the filterbank analysis.

Once the subband mixed signals are available, they are pro-
cessed by the hearing aid application and then passed through an
oversampled synthesis filterbank to generate the time-domain audio
output. The time-domain output may also be further processed be-
fore being fed into a speaker. Under certain circumstances, the two
synthesis filterbanks on the receiver side can be combined into a sin-
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Fig. 2. A proposed framework to integrate a subband codec into a
hearing aid application

gle stereo synthesis operation, as explained in the next section. As a
result, the clock cycles and memory usage can be reduced substan-
tially by reusing the same operations on the coprocessor.

4. FILTERBANK SELECTION AND IMPLEMENTATION

There are two pairs of filterbanks involved in the framework, one
for the codec and one for the hearing aid application. Due to the
design of the coprocessor, the two filterbanks must have the same
stacking configuration (odd or even) and the same number of sub-
bands in order to be combined into a stereo filterbank operation on
the coprocessor. Given these constraints, we will propose a selec-
tion of filterbanks for the codec that can be used in this framework.
The implementation of the filterbanks using the coprocessor will be
discussed as well.

4.1. Complex Modulated Filterbanks for the Hearing Aid Ap-
plication

As explained previously, hearing aid applications require oversam-
pled complex modulated filterbanks (also known as DFT filterbanks).
The coprocessor provides an efficient way to implement this type of
filterbanks using a weighted overlap-add (WOLA) structure [3][7].
A block diagram of a single subband channel in an oversampled
complex modulated filterbank is shown in Figure 3. Essentially, the
subband filters are obtained through the complex modulation of a
low-pass prototype filter. The impulse response of the analysis and
synthesis filters can be expressed by

hDF T
k (n) = h(n)ejωkn

gDF T
k (n) = g(n)ejωkn (1)

For odd-stacking filterbank, each subband filter is located at center
frequency ωk = π

M
(k + 1

2
) with k = 0, . . . , 2M − 1. As a result,

an odd-stacking filterbank produces a total number of 2M subbands.
For even-stacking filterbank, the center frequency is located at ωk =
π
M

k with k = 0, . . . , 2M . As a result, an even-stacking filterbank
produces a total number of 2M + 1 subbands including the bands
centered at the DC and Nyquist frequency. But, in typical audio
applications, only half of the bands are unique because of the real-
valued input signal and prototype filter coefficients.

In the analysis stage, the time domain signal x(n) is decom-
posed into subband signals by the subband analysis filters defined in
(1). The subband signals are decimated by a factor of R (R ≤ M ).
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Fig. 3. Single channel of a complex modulated filterbank

The decimated signals are modulated by a function of e−jωkRm so
that the center of the band is shifted to DC. The resulting decimated
subband signals are denoted as XDF T

k (m). In the synthesis stage,
the input subband signals X̂DF T

k (m) are shifted back to the origi-
nal frequency locations and then interpolated by a factor of R. The
imaging components generated by the interpolation are filtered out
by the subband synthesis filters defined in (1). The resulting subband
signals are then recombined into a time-domain output signal.

4.2. Odd-Stacking Critically Sampled Filterbanks for the Codec

If the hearing aid application uses an odd-stacking filterbank, the
codec must also use an odd-stacking critically sampled filterbank so
that the two filterbanks can be easily combined into one stereo filter-
bank operation. In this case, a critically sampled cosine modulated
filterbank is a good choice for reasons of coding efficiency and sim-
plified processing.

In a cosine modulated filterbank, all the subband filters are de-
rived from a prototype filter by cosine modulation. In contrast to
the complex modulated filterbank, the cosine modulated filterbank
produces real-valued subband samples for a real-valued input signal.
This is a desirable feature in coding applications. The block dia-
gram of a typical critically sampled odd stacking cosine modulated
filterbank is similar to the block diagram of a complex modulated
filterbank. For audio coding, the cosine modulated filterbank does
not use the frequency shift e±jωkRm [8]. For critical sampling, the
decimation factor R must be equal to the number of subbands M .
If not, we can further decimate the subband signals by a factor of
M/R in order to achieve critical sampling.

A variety of cosine modulated filterbanks have been studied for
audio codec applications. One of the most common variants is cosine
modulated pseudo-QMF filterbank [8]. The analysis and synthesis
filters of the cosine modulated pseudo-QMF filterbank are given by

hCMF B
k (n) = 2p(n)cos

[
ωk(n − L

2
) + (−1)k π

4

]
gCMF B

k (n) = 2p(n)cos
[
ωk(n − L

2
) − (−1)k π

4

] (2)

Each subband filter is located at center frequency ωk = π
M

(k + 1
2
)

with k = 0, . . . , M −1. In (2), L is the length of the prototype filter
p(n). The phase term ±(−1)k π

4
is chosen to eliminate the phase

distortion and approximately cancel the alias distortion.
Another important class of cosine modulated filterbanks is based

on lapped transforms. A lapped transform is essentially a critically
sampled cosine modulated filterbank that has the perfect reconstruc-
tion (PR) property. The equivalent analysis and synthesis filters of
the lapped transform are defined by [9]

hLT
k (n) =

√
2

M
p(n)cos

[
ωk(n + 1−M

2
)
]

gLT
k (n) =

√
2

M
p(n)cos

[
ωk(n + 1+M

2
)
] (3)

Again, each subband filter is located at center frequency ωk = π
M

(k+
1
2
) with k = 0, . . . , M − 1. If the length of the prototype filter p(n)

is L = 2M , the transformation is known as modified discrete co-
sine transform (MDCT), or lapped orthogonal transform (LOT). If a
longer prototype filter is used (L > 2M ), then the transformation
is known as extended lapped transform (ELT). In either cases, the
prototype filter must be designed carefully to achieve perfect recon-
struction. Some design examples are presented in [9].

Although the coprocessor in our DSP system is designed for
complex modulated filterbanks based on the WOLA approach, our
previous works have shown that it is possible to implement cosine
modulated filterbanks using the coprocessor. For example, the method
to implement the filterbank used by the Bluetooth subband codec is
presented in [4]. Later work in [6] derives the conversion from a
complex modulated filterbank to a cosine modulated pseudo QMF
filterbank. In this work, we will combine these ideas and extend
them to a universal framework for implementing various forms of
cosine modulated filterbanks using a WOLA filterbank coprocessor.

In order to derive a universal solution, let us rewrite the general
form of cosine modulated filters as follows

hCOS
k (n) = αh(n)cos(ωkn + ϕ

(A)
k )

gCOS
k (n) = βg(n)cos(ωkn + ϕ

(S)
k )

(4)

where α and β are the real-valued constant scaling factors; ϕ
(A)
k and

ϕ
(S)
k are the frequency-dependent phase terms. Different definition

of the phase terms and the constant scaling factors leads to a specific
form of cosine modulated filterbanks. The cosine modulated pseudo-
QMF filterbank defined in (2) and the lapped transform defined in (3)
are just two special cases of (4).

By comparing the definition in (1) and (4), the subband output
of the cosine modulated analysis filters XCOS

k (m) can be expressed
using the subband output of the complex modulated analysis filters
XDF T

k (m), assuming the same prototype filter:

XCOS
k (m) = αRe

{
XDF T

k (m)ejωkMmejϕ
(A)
k

}

k = 0, . . . , M − 1
(5)

It takes three steps to convert the oversampled complex modulated
filterbank output to the equivalent critically sampled cosine modu-
lated filterbank output. The first step is to apply a phase shift and a

scaling factor αejϕ
(A)
k . Since this part is constant over time, we can

pre-store the values in a complex vector and apply it via a complex
gain application operation available on the coprocessor. The second
step is to multiply a demodulation factor ejωkMm. The value of the
demodulation factor varies over the subband index k and the block
index m. As the coprocessor is not designed for this type of oper-
ations, the demodulation will need to be done on the general DSP.
Finally, the last step is taking the real part of the resulting complex
subband samples. Note that the demodulation factor has a simple
repeating pattern composed of ±1 and ±j [4]. Therefore, the de-
modulation along with the extraction of the real parts can be simply
done by taking or negating the real and imaginary parts of the sub-
band samples in an repeatable pattern.

Likewise, for synthesis, it is possible to use the complex modu-
lated synthesis filterbank to reconstruct a time-domain signal that is
exactly the same as the one reconstructed by the cosine modulated
filterbank. In order to do that, the following pre-transformation is
applied on the subband input signals X̂COS

k (m).

X̂DF T
k (m) = β

2
X̂COS

k (m)e−jωkMmejϕ
(S)
k , k = 0, . . . , M − 1

X̂DF T
k (m) = X̂DF T

2M−1−k(m)∗, k = M, . . . , 2M − 1
(6)
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Fig. 4. Modified DFT filterbank

The resulting subband signals X̂DF T
k (m) is then fed into the com-

plex modulated synthesis filterbank. The conversion for the synthe-
sis filterbank can be done in two steps: the first step is to rebuild
the complex subband samples by applying the modulation factor
e−jωkMm. Again, due to the repeating pattern of ±1 and ±j, the
modulation is essentially taking or negating the real subband sam-
ples and then filling them into the real or imaginary spots. This step
can be easily done on the general DSP. The second step is to apply

a phase shift and a scaling factor β
2
ejϕ

(S)
k via a complex gain ap-

plication operation on the coprocessor. The higher frequency bands
are symmetric complex conjugate of the lower frequency bands. The
conjugation is automatically taken care of by the hardware.

4.3. Even-Stacking Critically Sampled Filterbanks for the Codec

Similar to the odd-stacking case, if the hearing aid application uses
an even-stacking filterbank, the codec must also use an even-stacking
critically sampled filterbank. In this case, a critically sampled modi-
fied DFT (MDFT) filterbank is a good choice for the codec.

Modified DFT (MDFT) filterbank is a critically sampled com-
plex modulated filterbank [10]. It can provide perfect reconstruction
by a proper design of the prototype filter. The detailed structure of
the filterbank is shown in Figure 4. Same as the definition in (1), the
analysis and synthesis filters are obtained from the prototype filter
through complex modulation. Each subband signal is decimated by
a factor of R. For critical sampling, R = M . If not, we can fur-
ther decimate the subband signals by a factor of M/R. After that,
each complex subband signal is converted to a real subband signal
by taking only the real or the imaginary part at a time. On the syn-
thesis side, the subband signals are reconstructed from the real or the
imaginary part and then processed by the synthesis filterbank.

Therefore, a modified DFT (MDFT) filterbank is essentially an
oversampled complex modulated filterbank with additional decima-
tion and interpolation in the middle. The oversampled complex mod-
ulated filterbank can be easily and efficiently converted to/from a
MDFT filterbank, combining with the stereo filterbank operation
available on the coprocessor. The additional decimation and inter-
polation is simply taking real and imaginary part of the complex
subband samples, which can be easily done on the general DSP.

5. CONCLUSION

In this paper, we have described a DSP system that was specially
designed for ultra-low power audio processing. The system contains
a coprocessor for efficient implementation of oversampled complex
modulated filterbanks. In order to enable low-power digital wire-
less audio streaming in hearing aid devices, we have presented an

efficient approach to integrate subband audio coding with hearing
aid signal processing on this DSP system. Due to conflicting filter-
bank requirements by these two types of signal processing, a joint
filterbank structure is presented in this paper. It allows us to con-
vert between different types of filterbanks using the same coproces-
sor originally designed for oversampled filterbanks. Depending on
the configuration of the filterbank for the hearing aid application,
we have also proposed a selection of compatible filterbanks for the
codec that can be fitted into this joint filterbank structure. If the hear-
ing aid application uses an odd-stacking filterbank, the codec can
use a critically sampled cosine modulated filterbank. Similarly with
an even-stacking filterbank, the codec can use a critically sampled
modified DFT filterbank. To facilitate conversion between the dif-
ferent types of filterbanks using the filterbank coprocessor, we have
derived a universal formula for converting an oversampled complex
modulated filterbank to various forms of critically sampled cosine
modulated filterbanks. With the joint filterbank structure, we can
use a single stereo oversampled complex modulated filterbank and
a simple conversion to implement two different types of filterbanks
concurrently, which is computationally less expensive than imple-
menting two filterbanks separately.
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