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Abstract

This paper describes an applicaion spedfic
signa procesoor (ASSP designed  for
miniature, ultra low-power, audio signa
processng applicaions. The ASSPincludes
a high-fidelity weighted owerlap-add
(WOLA) filterbank, a 16-bit DSP core, two
14-bit A/D conwerters, a 14-bit D/A con-
verter and a flexible set of peripherals. This
design excds in applications that require
efficient frequency-domain processng of
one or two audio signals.

1. Introduction

For DSP designers, ultra low-power appli-
cdions are extremely demanding. An exam-
ple low-power applicaion is a digital hea-
ing aid. These devices must (i) consume less
than 1mW at 1 vadlt; (ii) fit into the ea cand
(system size lessthan 6.5x 3.5 x 2.5 mm);
and (iii) provide sufficient flexibility and
computational power to implement dynamic
range @mmpresson, nose reduction, drec-
tional processng and aher similar algo-
rithms

Raw MIPSis a poa measure of perform-
ance in such applicaions. One must con-
sider the power consumed to redlize apar-
ticular algorithm [3]. Typicaly this figure of
merit is expressed in mW/MIPS

All of these features — miniature size, ultra
low power consumption, targeted processng
cgpability and flexibility make the design
suitable for a wide range of portable audio
and sensor signal processng appli caions.
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2. Design Overview

Our design evolved from the reali zation that
a number of signal processng agorithms
utili ze filtering as an underlying component.
Dynamic range acmpresson, nase reduc-
tion, dredional processng and many other
algorithms can be cast into a filtering
framework. Thus, the basis of the design is
efficient (yet flexible) filtering.

A dignificant increase in efficiency is
achieved by “coding” filtering in hardware.
A 16-bit DSP core ntrols this filtering
engine and provides the flexibili ty needed to
suppat arange of agorithms. A number of
the filtering parameters are ajustable; thus,
thefiltering can be eaily configured to med
the neeads of many algorithms.

A paral el processng approad is employed:
many DSP agorithms employ high-speed
processng that operates at the incoming
sample rate and lower-speal processng that
operates at a frame rate or with slower time
constants. For improved efficiency, the
high-speed data processng is dore in dedi-
caed hardware. Lower-speel processng is
implemented onthe DSPcore.

Compared to a fully software-programmable
system, the architedure (Figure 1) trades
some flexibility to adhieve reduced power
consumption. However, in utra low-power
applicaions, this trade-off is wise because
of the reduced paver consumption that can
be redized. Hard coding part of the design
also reduces memory requirements com-
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pared to that of afully programmable design
— this further reduces chip size and paver
consumption. Finaly, to achieve the lowest
power operation, ou design operates at 1
volt.
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Figure 1. Block diagram of DSP system

The system is implemented ontwo ASICs.
A digita chip on 0.18um CMOS contains
the DSP core, RAM and WOLA filterbank
The mixed-signal portions of the design are
implemented on 1 um CMOS. A separate,
off-the-shelf, E°PROM is used for non
volatil e storage.

3. WOLA Filterbank

The filtering spedficaions for the target
red-time aidio processng applications are
strict. Spedficdly, (i) lessthan 10ms group
delay, (i) an adjustable number of bands,
and (iii) at least 50 dB of gain adjustment in
eat band arerequired.

A frequency-domain filterbank was sleded
becaise it offers flexibility and smplified
gain adjustment. Reseach on these filter-
banks has primarily been dore for speech
coding applicdions. In speech coding,
bitrate reduction is the goal; thus, the major-
ity of these filterbanks use aitica sampling
and incorporate dias cancellation to main-
tain fidelity.

Simulations dhowed that large band gain
adjustments (> 20 dB) in a aitically sam-
pled filterbank resulted in severe diasing
distortion becaise diasing cancdlation

condtions [8] are violated. Distortion acecurs
becaise imaging in adjacent bands no longer
cancels when the gain is adjusted. By over-
sampling, the diased images are placed
further away from gain adjusted bands
that they can be rejected by the synthesis
filter.

Figure 2 and Figure 3 show the design dof the
anaysis and synthesis sdions of the
WOLA filterbank [1],[2].

sign
modulator

Figure2. WOLA analysis processing

Analysis processng (Figure 2) shifts an L-
sample window aong the inpu FIFO, R
samples at a time. Following this, the signal
is “folded,” circularly shifted and processed
with an N-point FFT. Typical vaues are
R=8, L=128 and N=32, resulting in N/2+1
complex frequency domain values computed
every R samples.

Synthesis processng (Figure 3) is the in-
verse of analysis processng. The modified
frequency domain data is processd with an
inverse FFT, circularly shifted and periodi-
cdly extended. Then, the synthesis window
is applied and the overlap-add qoeration is
performed.
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The filterbank oversampling rate (OS) is
OS=N/R (i.e., FFT size / Input block size).
The synthesis window is also dedmated by
OS. Thus, owersampling reduces group
delay in two ways. (i) the group dlay
through the (FIR) synthesis window is
reduced and (ii) the blocking delay is re-
duced when R is shortened. A blocking
delay occurs because the system is reading
an inpu block, processng a block and
writing an ouput block simultaneously.
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Figure 3. WOLA synthesis processing

The FFT size (N), window length (L) and
inpu block step size (R) are dl adjustable.
Table 1 shows ome sample filterbank
configurations and the performance that can
be redized. Note how reduced group delay
can be “traded” for increased power con-
sumption, reduced fidelity (a lower SFDR),
or bath.

Table 1. Samplefilterbank configurations
(SFDR: spurious-free dynamic range; relative
power for filterbank only)

Bands | OS | Delay | Rel. | SFDR

(=N/2) | (=N/R) | (ms) | Power | (dB)
16 2 14 1 65
16 4 6 1.5 50
32 4 12 1.6 45
128 1 27 2 40

The WOLA filterbank can operate in either
even o odd stacking (Figure 4). Even
stacking provides N/2+1 bands and is useful
when the highest and lowest half-bands are
not processed. Odd stacking provides N/2
bands and is useful in subband coding,
where equal width bands result in simplified
processng. Both even and oddstadking are
useful in heaing aid applicaions where
twice the number of band-edges adlows a
better fit to “sharp” hearing loses.
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Figure 4. Frequency responsesfor even and odd
stacking (16-channels, T =6 ms, fs= 16 kHz)

In stereo processng mode, the WOLA
filterbank treats two red signas as a single
complex signal. After filterbank processng,
the two signals are separated by the wrein a
known manner [6]. Stereo mode is useful for
dirediona processng because it provides
magnitude and phase information for both
inpu signals.

The WOLA interfaces to the DSP core via
shared memory. Communicdion is via a
control register and interrupts. The design
suppats concurrent processng on the
WOLA and DSPcore.

Within the WOLA, block floating-point
arithmetic, with greaer than 16bits preci-
sion, is used to maintain fidelity. This pro-
vides more than 100 d@ of numerical dy-
namic range. The diasing floor is deter-
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mined by the seleded filterbank configura-
tion and the window that isused (Table 1).

4. Input-Output Processor

The inpu-output procesor is resporsible for
management of incoming and ougoing
samples. Efficient management of data-flow
is a key contributor to the low power con-
sumption d our design.

Once nfigured, the 10P automaticdly
performs al blocking operations on the
inpu samples, and sends data to the DSP
core and WOLA via ashared memory inter-
face(inpu and ouput FIFOs). An interrupt
is used to inform the @re when the next
block of dataisready for processng.

The inpu-output procesor has integrated
dedmation and interpdation filters. Incom-
ing samples are filtered by a high-order
wave digital filter (WDF) before being
dedmated by a fador of two. The dedma-
tion filter also has an integral DC removal
filter. Outgoing samples are interpolated by
a fador of two and filtered by a high-order
WDF before being sent to the D/A con-
verter.

5. DSP Core

The DSPcore is a dual-Harvard design with
three ©mputation wunts: a multiplier-
acawmulator and two address generation
units. Instructions were added to suppat fast
normalization and de-normalization. Using
these instructions and ROM |ookup tables,
common audio processng operations like
logz(x), 2, sgrt(x) and I/ can be dficiently
cdculated —typically in 10to 12cycles.

Memory consists of two 1 kword data
gpaces and a 2 kword program memory
space Addtional shared memory for the
WOLA filterbank and IOP is also provided.
The @re provides 1 MIPSMHz operation
and has a maximum clock speed of 4 MHz
at 1 vdt. At 1.8 vdts 30 MHz operation is
possble.

6. Mixed-Signal Interface

The mixed-signal chip employs three micro-
power converters: two 14-bit A/D converters
and ore 14-bit D/A converter [5] that ead
suppat a maximum sample rate of 40 kHz
(2X oversampled). The inpu stages have
adjustable gain preamplifiers that are suit-
able for a wide range of signa levels. The
output stage has an adjustable output attenu-
ator. A six-inpu, low-spead 10bit A/D
converter is provided for sampling low-
spedl signals (e.g., user controls). The entire
mixed-signal chip is under software @ntrol
of the DSP core via alow-speed synchro-
nows rid interface

An on-chip oscill ator provides a 1.28 MHz
clock for low power audio applicaions. For
more demanding applications, an df-chip
oscill ator cen be used. A charge pump is
provided to suppat the use of 1.8 vdt
E’PROMs and for operating the system in
more demanding applications at higher
clock spedls.

7. Results

The design is implemented as a two-chip
system: the digital chip is fabricated on
0.18 um CMOS; the mixed signa chip is
fabricated on 1um CMOS.

Prototype versions of the dipset are pack-
aged into a 6.5 x 3.5x 2.5 mm hybrid cir-
cuit. A 7 x 5 x 1.5 mm nulti-chip modue
padkage has also been developed.

The mixed-signal chip works down to 0.9
volts; prototypes of the digital chip are
operating at 1.6 vdts. From a 1.2 vdt cell
(using the 1.8 vdt charge-pump for the
digital chip), we have demonstrated a com-
plex audio processng agorithm (80% core
utili zation), that results in a system current
consumption d only 1.8 mA. This algorithm
requires 5-6 MIPS which results in 0.25
mMW/MIPS operation. The WOLA filterbank
alone provides 0.18mW/MIPSoperation.
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A produwction version d the digital chip is
nealy complete. This version operates at 1
volt = 10% and consumes less that 5S00uA.
Reduced size and 0.125mW/MIPS system
operationwill be adieved with thisversion.

8. Applications

A number of audio processng agorithms
including equali zation, dynamic range com-
presson [7], diredional processng and
noise reduction have dready been imple-
mented. All are suitable for audio front-end
processng in telecm applications, speeh
reaognition systems or heaing aids. Stereo
mode is proving particularly useful for
frequency-domain diredional processing.

Criticdly sampled sub-band CODECs can
be redized via decimation in the frequency
domain [4]. We have developed a CODEC
that provides quality suitable for speedch
recrding. The miniature size and low power
consumption d our design alows the aea
tion d miniature audio playbadk and re-
cording devices. This CODEC can also be
used in dgita RF source ®ding applica
tions.

The small size and low power broaden the
range of applicaions where DSP is pradi-
cd. For example, signa condtioning, data
compresson and dita transmisson could
easily be anbedded into a smart sensor.

9. Conclusions

Ultra low-power DSP systems will result in
many new DSP applications sich as heaing
aids, persond digital assstants and patable
audio playbadk devices. Our design demon-
strates that ultra low-power DSP systems
can offer sufficient computational capabil-
ity, flexibili ty and miniaturization to be used
in these gplications.

In aur design, the greaest power savings
results from an architedure that “codes’ a
frequently used part of the dgorithm (filter-
ing) in an efficient hardware implementa

tion. Additional power savings come from
the use of deep sub-micron techndogy, low-
voltage operation, adherenceto a low-power
design methoddogy and a careful system
partitioning. A 16-bit DSP core @mbined
with the WOLA filterbank provides the
flexibility needed for a wide range of algo-
rithms.

During the development of this design, we
foundthat close mllaboration ketween DSP
algorithm designers and low-power chip
designers was crucial for achieving a suc-
cesgul design that satisfied the needs of the
end applicaion.
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