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ABSTRACT

Recent results have demonstrated the performance benefits
of using Fast Affine Projection (FAP) algorithms for echo
cancellation in oversampled filterbanks. Low-power, low
resource implementations of these algorithms are useful for
solving acoustic echo problems in size and resource con-
strained applications such as portable wireless headsets and
portable or low-power hands-free phones. This paper de-
scribes a novel real-time subband implementation of the
Gauss-Seidel Fast Affine Projection (GSFAP) algorithm. The
algorithm uses online regularization to eliminate the need for
voice activity detectors and greatly simplifies the calibration
and deployment of the system. The algorithm is deployed on
a DSP system with three processing units, including a filter-
bank co-processor customized for subband adaptive filtering.
The resulting system consumes less than 7 mW while provid-
ing up to 30 dB of echo return loss enhancement in a typical
hands-free speakerphone application.

1. INTRODUCTION

Acoustic echo is a problem in communications devices with
significant acoustic leakage between a speaker and micro-
phone. In small wireless headsets this leakage occurs be-
cause of the poor isolation between the speaker and micro-
phone. In hands-free or speakerphone applications, the near-
end user speaks into a microphone, but the receiver volume
is generally of equal or similar volume and thus is also
picked up by the microphone. This leads many speaker-
phone applications to use only half-duplex communications,
degrading the quality of the conversation because one end is
muted while the other is talking. In addition to the acoustic
echo problem, many audio applications typically require a
flexible set of other algorithms for features such as noise
reduction and dynamic range compression. This variety of
algorithms and the accompanying level of customization
require a programmable and flexible audio DSP solution.
This DSP solution must also be small and low-power to
work within the limited resources of these applications.
Previous work has demonstrated the use of such a DSP
system for echo cancellation in Bluetooth based wireless
headsets [1]. This solution uses a subband LMS-based algo-
rithm with a highly oversampled filterbank. This approach
includes convergence improvements such as spectral whiten-
ing by decimation and spectral pre-emphasis filtering. It also

uses multiple voice-activity detectors (VADs) to control algo-
rithm adaptation. This implementation works well for short-
path echo environments (< 16 ms) like those in headsets, but
because of computational and memory constraints it is of
limited use in longer echo path environments (> 32 ms) such
as those seen when using a hands-free phone inside a car or
an office.

In this paper we present a new and novel solution based
on the same DSP system as [1] but using an algorithm based
on the Gauss-Seidel Fast Affine Projection (GSFAP) [2].
Affine projection algorithms have been shown to be more
effective in oversampled subband adaptive filters than LMS-
based approaches because of the colouration in the subband
signals [3]. Additionally, the use of on-line regularization to
control algorithm adaptation eliminates the need for compli-
cated and difficult to calibrate VADs [4]. The resulting algo-
rithm has a simplified structure and reduced memory re-
quirements allowing it to manage longer echo paths on the
same DSP system. Careful implementation of the algorithm
on the DSP is still required in order to maximize performance
in low-power applications.

The DSP system used for this implementation is de-
scribed in Section 2 including the selection and design of a
suitable oversampled filterbank configuration. Section 3 de-
scribes the GSFAP-based subband adaptive filter algorithm
and its on-line regularization scheme in more detail. Section
4 maps this algorithm to the DSP architecture and describes
some of the implementation details. Section 5 presents some
experimental results for the system based on a low-power
speakerphone application. Finally a discussion of conclusions
and future work is presented in Section 6.

2. DSPSYSTEM

The DSP system is composed of a general-purpose 16-bit
DSP core, a dedicated input/output processor (IOP), and a
weighted-overlap add (WOLA) filterbank co-processor [5].
The entire system is designed for efficient subband signal
processing. The three processing units work in parallel to
implement complex signal processing tasks in low-resource
applications. A block diagram of the system is shown in
Figure 1. In this architecture the IOP manages the input and
output of time-domain audio samples, while the WOLA
filterbank co-processor transforms the time-domain signals
to and from the subband domain. The general-purpose DSP



core can then be used to implement different subband proc-
essing algorithms. The entire system is capable of handling
the dual input and output streams required for adaptive sig-
nal processing through efficient stereo operations and data

management.
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Figure 1 : DSP System Block Diagram

The WOLA filterbank co-processor provides a flexible
implementation of a highly oversampled, complex-
modulated filterbank. For many audio-processing algorithms,
high oversampling factors (> 2) are desirable to allow large
gain adjustments in the individual subbands while keeping
the analysis and synthesis filter lengths shorter to reduce
group delay. However, smaller oversampling factors are ad-
vantageous for subband adaptive filtering because they re-
duce the colouration of the subband spectrum. These re-
quirements may come into conflict when different algorithms
must be integrated together.

In order to improve the convergence behaviour and per-
formance of the subband adaptive filters for high oversam-
pling, we employ wider bandwidth analysis filters [6]. A
wider bandwidth analysis filter provides additional excitation
of the subband signal in the transition band, thereby improv-
ing the subband adaptive filter performance. The synthesis
filtering then removes these unnecessary components.
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Figure 2 : Filterbank Prototype Filter Frequency Responses

For this application, we selected a filterbank configura-
tion with 16 subbands and a subband oversampling ratio of 4.
The synthesis prototype filter is 128 samples long and has the
nominal bandwidth for 16 frequency bands. The analysis
prototype filter is 32 samples long with a bandwidth twice
that of the synthesis window and a wider transition band. The
frequency responses of the prototype filters are shown in
Figure 2. These filters were designed with windowing using

a slightly modified Hamming window. This filterbank con-
figuration provides a low group delay of only 11 ms at a
sampling frequency of 8 kHz.

3. ALGORITHM DESCRIPTION

The block diagram for the GSFAP echo cancellation algo-
rithm is shown in Figure 3 and the GSFAP adaptive proces-
sor unit is shown in Figure 4. Because the algorithm is a fast
version of the affine projection algorithm, the filter coeffi-
cients, Ai(m) in Figure 4 are not actually available and the
diagram shows only the conceptual flow of the signal proc-
essing and adaptation. The GSFAP algorithm that is imple-
mented on the DSP system is the so-called Low-Cost
GSFAP algorithm (LC-GSFAP) from [4]. LC-GSFAP uses a
sequential partial filter update mechanism to further reduce
the complexity of the GSFAP algorithm, particularly for
larger filter orders. The algorithm implementation takes ad-
vantage of the partial filter updates used in LC-GSFAP to
reduce the computational complexity of the adaptive proc-
essing.
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Figure 3 : Block Diagram of Subband Adaptive System
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Figure 4 : GSFAP Adaptive Processor

Because of the limited processing power available in
low-power applications, a very low order affine projection is
required. Even an affine projection of order N=2 provides
significant performance improvements over LMS-based ap-
proaches for oversampled subbands [3]. The algorithm im-
plementation uses an order of N=2 and a partial filter update
decimation factor of D= 2 (i.e., only half of the filter coeffi-
cients are updated each block). It has a configurable number
of taps (L) within the constraints of the DSP system’s avail-
able memory and the application requirements. For the filter-
bank configuration described in Section 2, the maximum
length of the echo path that can be modelled by the adaptive
system is 64 ms although longer paths can be modelled if the
subband oversampling ratio is lowered.

The GSFAP algorithm uses on-line regularization to sta-
bilize the matrix inversion that is part of any affine projection



algorithm, and to control adaptation in the presence of near-
end disturbances [7]. The regularization parameter for block
index m and band £, called 0 ,(m), is estimated using the for-
mula given below.

d(m)|’ } M

2

8, (m) = L~max{D~(N —1)-|x, (m)

s

The over-bars in equation (1) indicate first-order attack-
release averaging with an instantaneous attack and an appro-
priately chosen release time constant. The instantaneous at-
tack ensures the stability of the adaptation when a fast in-
crease occurs in the power of either the primary or reference
signal. The release time constant of the signal power averag-

ing (‘ x, (> and d, (m)| ) is chosen to be equal to the subband

filter length and the release time constant of the overall regu-
larization parameter is chosen to be in the neighbourhood of
0.5-1.0 seconds so that the parameter has some hold-over
time between typical short speech pauses [7]. This online
regularization parameter efficiently controls the adaptation of
the algorithm without the need for an explicit voice activity
detector. The computational complexity of calculating this
parameter is also an order of magnitude less than that of
high-quality VADs.

4. SYSTEM IMPLEMENTATION

This section outlines how the subband adaptive algorithm of
Section 3 is mapped to the DSP system from Section 2.
Figure 5 shows a diagram of the real-time processing in the
system and how it is divided across the three processors.

IoP DSP Core WOLA Coprocessor
Block m - 1
8 _ Stereo Filterbank Analysis ‘
587
a £ +
E5E .
o 2 8 < GSFAP Processing
E Block m £=73
= 835
a3 Filter & Parameter Updates Stereo Filterbank Synthesis ‘
Block m + 1
\

Figure 5 : Algorithm Processing Flow

The IOP runs continuously, collecting input samples for
the next block and outputting results from the previous block
in an efficient stereo interleaved format. Input and output
samples are stored in separate dedicated first-in, first-out
(FIFO) blocks of memory. The WOLA filterbank co-
processor operates directly on these two audio streams by
computing the analysis and synthesis filterbanks using an
efficient stereo filterbank implementation. The output signal
is calculated immediately after the analysis filterbank com-
pletes so that the synthesis filterbank can start as soon as
possible. The DSP core executes the GSFAP algorithm using
one channel as the primary signal and the other channel as
the reference signal. Additional non-signal path algorithm
processing such as internal parameter updates then occurs in

parallel with the filterbank processing, thereby maximizing
the system’s efficiency.

The real-time implementation of the algorithm includes
other optimizations to reduce the computational load and
improve the efficiency of the system. In particular, the
Gauss-Seidel (GS) recursion is done using an optimized mix
of 32-bit and 16-bit variables to maintain sufficient precision
in the recursion. However this mixed precision requires sig-
nificant computational resources on a 16-bit platform even
for low-order matrix inversions. To reduce the computational
load, this portion of the adaptation process is decimated
across the bands. We compute the GS recursion only every M
blocks, where M is configurable integer value based on the
resources available. The decimation is staggered across the
bands to maintain an even distribution of the computational
load over time. Figure 6 shows how this update scheme is
used for 16 bands and an update factor of M=4.
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Figure 6 : Staggered Adaptation Update Scheme for M=4

Using the efficient GSFAP algorithm and the optimiza-
tions of the real-time implementation, it is possible to deploy
the algorithm in an extremely resource-constrained environ-
ment. The final computational and memory requirements of
the real-time GSFAP algorithm are scalable depending on the
target system model size, i.e., the echo path to be modelled
for echo cancellation. Table 1 shows the minimum system
clock and memory requirements of the algorithm for two
different echo path lengths. The DSP is powered by a 1.8 V
supply and consumes 4.8 mW for a 16 ms echo path or 6.7
mW for a 64 ms echo path when using a fixed system clock
frequency of 24 MHz.

Table 1: System Clock and Memory Requirements

Echo Min. System Program Memory Data Memory
Path Clock (MHz) (16-bit words) (16-bit words)
16 ms 12.3 1.2k 1.8k
64 ms 21.7 22k 45k

5. SYSTEM EVALUATION

The GSFAP subband adaptive system was tested and evalu-
ated in the context of a low-power speakerphone environ-
ment. Full-duplex speakerphone and hands-free phone de-



vices require acoustic echo cancellation because of the sig-
nificant leakage between the receiver and the microphone.
The setup for this testing is shown in Figure 7.
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Figure 7 : Speakerphone Test Setup

A reference signal is input into the DSP from a PC and
the output of the echo canceller is recorded. The resulting
near-end signal is thus only the echo signal filtered through
the acoustic echo plant (H,,) plus any noise from the testing
environment. Recordings were done with the speakerphone
in a room approximately 2.5 m X 2.5 m in size representa-
tive of a typical personal office. The SNR of the environment
is approximately 30-35 dB (i.e., a quiet room). The algo-
rithm was configured with the filterbank configuration de-
scribed in Section 2, an echo path model of 64 ms (L=64),
partial filter update factor of D=2, and a GS recursion update
factor of M=2 blocks.

Figure 8 shows the resulting echo return loss enhance-
ment (ERLE) over time based on recordings in this test setup
using a white noise input. This shows the real-time perform-
ance of the algorithm in typical physical environment, in-
cluding about 30 dB of ERLE once the initial convergence is
achieved. The 30 dB performance limit is caused by the
fixed-point nature of the algorithm implementation and the
SNR of the environment. Applying the same recordings to a
full floating point simulation of the same algorithm produces
35 dB of ERLE over the same timeframe indicating that the
real-time, fixed-point implementation only degrades the per-
formance by approximately 5 dB as compared to the simula-
tion.

The speakerphone setup was also used to test the
performance of the algorithm with speech inputs. The
average ERLE for speech segments was about 20-25 dB for
single-talk echo (i.e., no near-end speech disturbance).
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Figure 8 : ERLE for White Noise Input in a Speakerphone En-
vironment

6. CONCLUSIONS

This paper has presented a subband fast affine projection
algorithm for echo cancellation, implemented on a low-
power DSP system optimized for subband processing. The
filterbank was customized to provide improved subband
adaptive filter performance through the use of a wider
bandwidth analysis filter. The entire system was tested in a
real-world speakerphone application for acoustic echo can-
cellation. It provides as much as 25 dB of ERLE during
normal speech and at least 30 dB of ERLE for white noise
test conditions. These results can be achieved with less than
7 mW of power consumption.

The convergence speed of the algorithm implementation
can be further improved through the implementation of
higher order affine projections that compensate better for the
oversampling present in the filterbank. There is also ongoing
work on a complete echo cancellation solution including
residual echo suppression and transmit noise reduction. De-
ploying the echo cancellation system on a flexible, pro-
grammable DSP allows the integration of these additional
audio processing algorithms. The GSFAP subband adaptive
filter architecture is also being investigated for other adaptive
filtering applications such as two-input noise reduction and
feedback cancellation.
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