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Adaptive Speech Beamforming Using
the TMS320C40 Multi-DSP

Abstract

This application report describes the process of designing an
adaptive speech beamformer using the Graphical Rapid
Prototyping Environment (GRAPE-II). The GRAPE-II environment
simplifies programming, compiling, simulation, debugging, and
testing of real-time digital signal processor (DSP) algorithms. This
project demonstrates the feasibility of this approach by actually
designing a functioning beamformer.

A multiprocessor consisting of four Texas Instruments (TIO)
TMS320C40 DSP processors, mounted on PC plug-in cards, is
used for signal processing. The output of the beamformer is sent
to a dual digital-to-analog (D/A) converter. The result is a real-time
prototype working at a sampling rate of 8 kHz.

This report includes beamforming theory, broadband filter-and-
sum beamforming, implementing the spatial selector algorithm,
beamformer design, and a description of the hardware used in the
design.

This document was an entry in the 1995 DSP Solutions
Challenge, an annual contest organized by Tl to encourage
students from around the world to find innovative ways to use
DSPs. For more information on the TI DSP Solutions Challenge,
see TI's World Wide Web site at www.ti.com.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 7
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Product Support on the World Wide Web

Our World Wide Web site at www.ti.com contains the most up to
date product information, revisions, and additions. Users
registering with TI&QME can build custom information pages and
receive new product updates automatically via email.
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Introduction

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP

The goal of this project was to develop an adaptive speech
beamformer with the Graphical Rapid Prototyping Environment
GRAPE-II. The beamformer is designed to pick out a speaker in a
noisy environment. The beamformer should improve the
intelligibility of the speaker and improve the signal to noise ratio. A
typical application for beamforming is teleconferencing with large
audiences. The design consists of two parts:

O A set of fixed direction beamformers.
O An adaptive beam selection unit

Each beamformer is the sum of eight microphone signals; each
filtered with a FIR-filter. The filter-and-sum approach was used to
obtain good broadband performance with a limited number of
microphones. The selection unit continuously monitors the speech
activity in each beam. The beam, in which significant speech
activity is present, is activated. This speech detection is based on
a complex heuristic algorithm.

The whole system consists of an array of eight microphones
sampled by an eight-channel A/D converter. A single DSP
converts the output format and performs an initial bandpass filter.
A multiprocessor consisting of four TMS320C40 DSP processors
is used for signal processing. The output of the beamformer is
sent to a dual D/A converter. The results are a real-time prototype
working at a sampling rate of 8 kHz.
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Beamforming Theory

Beamforming is a technique that has been used for several
decades in telecommunications radar and antenna array
applications. Recently beamforming has been adopted for
broadband applications such as speech enhancement, as shown
in Figure 1).

Figure 1. Simplified Beamfinder
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A beamformer is a set of sensors with outputs that can be steered
electronically. In this case, the sensors are linear microphones.
The sensors are positioned in an array. The array can be linear,
planar, or 3-dimensional. Electronic steering employs signal
processing techniques that exploit the spatial information in the
sensor signals. This technigue requires spatio-temporal filtering
operations that may or may not be adaptive.

Signal sources emit spherical waves that eventually reach the
sensor array. The sensor array comprises linear microphones that
extract spatial information from the spherical waves. The spatial
information obtained from the spherical waves is used by the
beamfinder for spatial selection and spatial separation.

Beamforming uses the phase of the spherical wave signals
received by the sensor array. The signals received at the sensor
array are routed to a computation engine. The computation engine
then digitizes the signals and sends them to a set of digital filters.
Because of this computation logic, the beamformer calculates
angular selectivity. The computation engines performance can be
visually illustrated by means of an angular response diagram.
Beamforming is the most common technique for spatial selection.
It is well suited for disturbance suppression and de-reverberation.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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This project focuses on broadband beamforming for acoustic
applications. Acoustic beamformers should deal with the
broadband character of speech and audio, that is, the non-
stationary and dynamic range. The frequency band of interest lies
between 300 and 3500 Hz, because this band is the most
important to speech intelligibility.

In telecommunications classical beamforming deals with narrow
band signals and relies upon a delay-and-sum principle. The
various antenna signals are delayed and then summed together.
Varying the delays allows the designer to steer the beamformer. A
delay-and-sum beamformer has a specific angular selectivity
pattern and restricted sidelobe suppression. An extension to this is
the weighted-sum beamformer. The sensor signals are delayed,
amplified, and summed. This allows the designer to shape the
angular selectivity to the required pattern.

The classical beamforming techniques mentioned above were
developed for narrow band telecommunication applications. The
characteristics of the delay-and-sum and weighted-sum
beamformer are extremely frequency dependent. To overcome
this dependency, extensions for broadband acoustic beamforming
are required.

Adaptive Beamforming

Adaptive beamforming integrates adaptive signal processing into
the classical beamforming framework. Adaptive signal processing
uses signal-enhancing techniques such as noise suppression,
echo cancellation, and equalization.

The beamformer can be steered toward the selected source by
specifying a steering direction and proper adjustment of the
classical beamforming part. The adaptive filters attempt to filter
out jammer signals. Jammer signals are received by the sensors
from directions other than the selected signal source. To avoid
cancellation of the selected source signal due to signal leakage, a
blocking matrix is used to isolate the jammers. Because adaptive
filters steadily converge into an acoustic transfer path, the filters
should be reasonably long, especially in a strong reverberating
environment. Reverberation due to signal leakage and increased
computational loads degrades the performance of adaptive
beamformers.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 11
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Sub-Band Beamforming

A second approach attempts to use subarrays to extrapolate the
classical narrow-band beamforming technigues to broadband. For
example, octave band splitting converts the broadband design into
narrow band equivalents. Sub-band beamforming is easy to
implement, but its performance is degraded for frequencies near
the octave band edges.

Narrow-Band Weighted-Sum Beamforming

12

The third approach extended the narrow-band weighted-sum
beamformer to broadband using a filter-and-sum structure. The
various sensor signals are then routed to digital filters. The digital
filters outputs are then combined by simple addition. A filter-and-
sum beamformer is a logical extension for broadband applications
since it can be thought of as a beamformer with frequency
dependent weights. Optimal weights can be found for each
frequency in the band of interest. These weights are finally
combined into microphone dependent filters to obtain a set of
fixed beams.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Broadband Filter-and-Sum Beamforming

The broadband beamformers design must be capable of
suppressing directive jammers and acoustic echoes. This design
can be achieved if the beamformers angular characteristics are
selective. That is, the design must be directive for all frequencies
of interest.

A directive-frequency, independent angular selectivity could be a
reasonable objective. In this way, the optimization problem is
formulated well and the design objectives can be clearly met. The
filter-and-sum approach leads to spatio-temporal filters that offer a
framework for achieving these objectives by reducing the
broadband design to a set of narrow band designs (see Figure 2).

Figure 2. Filter and Sum Beamformer
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This design philosophy requires a predefined angular selectivity
pattern. The steering direction, sidelobe level, and shape can be
chosen more or less freely. The pattern should however be
directive.

NOTE:
The actual design was limited by the number of
microphones and the computing power available.

A useful angular selectivity pattern can be obtained with the
famous Dolph-Chebyshev algorithm. A directive narrow-band
pattern with uniform sidelobe level is designed based on a user
defined steering direction, sidelobe suppression and array size.
The Dolph-Chebyshev algorithm was used in this project to obtain
predefined angular patterns.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 13
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Subsequently, the array topology must be defined. In narrow-band
applications the arrays are normally uniform. An array suitable for
broadband applications is logarithmically separated to optimally

replace the ideal narrow-band array for each frequency of interest.

Optimal complex microphone weights are required so that the
predefined narrow-band pattern can be approximated sufficiently
on the broadband array for a set of design frequencies covering
the envisaged frequency band.

The optimization problem is formulated as a set of linear
equations, that can be solved in least squares sense. Iterative
algorithms, for example, based on steepest descent are used to
smooth the patterns. The microphone weights are plotted against
frequency. A filter for each microphone can be designed because
its amplitude and phase response are observed. The optimal
complex microphone weight optimization problem must be solved
by avoiding filters that are too long.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Spatial Selector

Along with beamforming, a selection algorithm must be
implemented to steer the beamformer automatically and track
moving sources. Determining broadband source localization and
estimating the angle of incidence for non-stationary speech-like
signals is difficult. The selection algorithm has to be robust and
operate with a limited computational complexity.

The selection algorithm is energy based. Energy is used as an
indicator for speech activity, but not as a direct decision criterion.
The fixed beams used in this project operate in parallel. Based on
the energy evolution in each of the beams, one or more can be
active, or audible. A beam is selected only if the average beam
energy is sufficiently high.

The selection algorithm is implemented as follows:

1) The beam energies are estimated at regularly spaced points in
time (time intervals of frame_length).

2) If the energy exceeds the predefined threshold, a variable
called activity is increased. If the energy is less than the
predefined threshold the activity variable is decreased.

3) Activity is restricted to the interval [0, max_threshold].

4) If the beam activity variable exceeds the threshold, trans OH,
the corresponding beam enters the active region and is
considered activated.

5) For flexibility, an intermediate zone was added between the
active and non-active region with reduced signal volume.

6) Further improvement was achieved by defining the linear-
fading velocities activity rise and activity fall. These two
velocities influence the rate by which activity is increased and
decreased.

The selection algorithm will allow only the active speaker to be
audible. For sufficiently large signal-to-noise ratios directive
background noise will not exceed the activity threshold and thus
will be suppressed. An appropriate frame length choice such as
300 ms enables the system to suppress sporadic noises such as
coughs and taps.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 15
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An active source remains selected even when it falls below the
activity threshold. This allows for gaps between words in normal
speech. The active speaker should not be de-activated because
there are gaps between words. However, frame length should not
be too long. If frame length is too long overall flexibility of the
algorithm is reduced. A new speaker is activated only after frame
length time is complete.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Designing the Beamformer

The design was limited by the processing power of the DSP and
the number of microphones used. Taking into account the
computation power of the DSP and the overhead required for
communication between the parallel processors it was deemed
feasible to implement a fixed beam design with a 8 kHz sampling
rate. The selected steering angles were 0° (broadside direction),
65°, 115°, 45°, and 135°. The microphones were positioned at
+2.5cm, +7.5 cm, +20 cm, and £50 cm.

Sets of eight FIR filters were designed for all steering directions to
obtain a frequency independent angular pattern for frequencies
between 300 and 3500 Hz. There were 50 taps required for
broadside, 81 taps for 65° and 115°, and 100 taps for 45° and
135°.

The plots in Figure 3 show the broadband angular selectivity
pattern for 45°, broadside, and 65° as a function of frequency; 45°
is shown in the upper left plot, broadside is shown in the upper
right plot, and 65° is shown in the lower plot.

Figure 3. Angular Selectivity
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The performance of the design was limited by the number of
microphones. The filter lengths did not appear to be crucial design
parameters. The total array size was one meter, which is short for
300 Hz. A limited directivity, especially for low frequencies is
anticipated. The expected performance is summarized in Table 1.

Table 1. Summary of Beam Properties

18

90° 65° 45°
3 dB bandwidth 48.3° 33.1° 50.3°
Maximum sidelobe level -159dB -95dB -7.0dB
Mean sidelobe level -22.3dB -17.4dB -15.1dB

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Performance

A fixed filter-and-sum beamformer design must be robust with
respect to system parameter uncertainties or deviations. The
positioning of the microphones and differences in microphone
characteristics, adjustment, and amplification are crucial design
considerations. A well-designed beamformer is robust and the
performance should not be degraded significantly from expected
parameter variations.

The actual performance of the beamformer can deviate from the
design requirements or from the anticipated performance if the
beamformer is not robust enough or the parameters deviate more
than anticipated.

The beamformer was designed with far-field assumptions that the
acoustic signals will reach the microphone array as plane waves.
These far-field assumptions no longer apply in many acoustic
beamforming applications. As a consequence, the performance
degradation is limited.

The performance of the system also depends on the reflectivity of
the recording environment. In an anechoic room the performance
was well within acceptable levels. Within a strongly reverberating
environment performance quickly degrades, but the somewhat
disappointing increase in signal-to-noise-ratio may still be
considerable for intelligibility improvement.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 19
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Hardware
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The design used a linear array of eight onni directional
microphones (Sennheiser MKE 102).

The M16 multi-channel, 16 bit, A/D converter from Applied Speech
Technologies, Inc. digitized the microphone signals. The output
format of the M16 is a bit-serial digital signal in which the
microphone samples were multiplexed in time (Motorola Serial
Synchronous Interface protocol).

A Motorola 56000 DSP processor receives the signal from the
M16 on its SSI serial link. The 56000 was used for two purposes:

O Provide protocol translation by converting the bit serial output
protocol of the M16 into a bit-parallel protocol DSPLINK. The
parallel protocol DSPLINK is a proprietary communication
protocol of LSI (Loughborough Sound Images LTD). This
proved to be the easiest way to transport the output of the M16
to the C40 multi-processor.

Q The 56000 was also used as a data conditioner to filter out the
frequencies below 300 Hz and above 3500 Hz.

The TMS320C40 DSP multiprocessors receive samples over the
DSPLINK in a time-multiplexed technique. The output of the
beamformer is sent to a D/A converter, a LSI Crystal Analog
daughter module, the AM/D16DS.

In this project only commercially available LSI (multi) processor
boards were used. A board with a single Motorola 56000 DSP and
two boards (LS| DPCC40) each with two Texas Instruments
TMS320C40 DSPs running at 40 MHz were used. All DSP boards
are PC plug-in cards. The four Texas Instruments TMS320C40
DSPs were connected via their communication ports.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Rapid Prototyping and Software Description

The ever-increasing complexity and data rates of DSP
applications demand application-specific ICs (ASICs) and
hardware. Development costs for such hardware and ASICs are
high. To reduce costs algorithms should be thoroughly tested and
optimized before implementation at all design stages. Currently,
most tests and optimizations are performed by analysis and
simulation tools on workstations or super-minicomputers.
Application prototypes are built only during the final design stage.
However, prototyping in the earlier stages of the design can:

Q Test parameters quicker
Q Optimize parameters under real-time conditions

O Evaluate an algorithm's subjective qualities, for example, by
listening to the actual results of the algorithm. This puts real-
time constraints on the prototype.

O Prove the feasibility of implementing a design

Despite these benefits, prototyping is usually not done in the early
design stages because designing dedicated prototyping hardware
is time-consuming and expensive.

A rapid-prototyping alternative to designing dedicated prototyping
hardware uses general-purpose hardware to minimize
development costs and advanced programming tools to reduce
programming time. The general-purpose hardware consists of
commercial DSP processors linked together to form a powerful,
heterogeneous multiprocessor.

The Prototyping Environment GRAPE-II, used in this project,
simplifies programming, compiling, simulation, debugging, and
testing of real-time DSP algorithms. This project demonstrated the
feasibility of this approach by actually designing a functioning
example. The support of GRAPEII for the run-time modification of
algorithmic parameters, for example frame_length and threshold,
was very useful.

It would have been time-consuming or even impossible to
determine valid values for these parameters by using off-line
simulation and real-time playback. For example, during real-time
experiments, words starting with an "s" did not trigger the selection
algorithm if the energy threshold was too high. This was not true
for other words.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 21
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A top-level diagram of the beamformer application is shown in
Figure 4. The input of the application is an array of eight
microphone samples. The Array Transmitter sends a copy of the
array samples to a set of fixed beamformers: Beam 45, Beam 90,
and Beam 25. The Adaptive Beam Selection block receives the
outputs from the fixed beamformers and selects the beam or
beams with significant speech activity. It then sends the significant
speech activity to the output of the application.

A slider bar is used to modify the parameters at run-time. There
were 15 adjustable parameters. Each of the 15 parameters has a
slider bar. For clarity only one of the 15 parameter-slider bars is
shown.

Figure 4. Top Level of the Hierarchical Description of the Beamformer

22

—|

File Edit View Block Terminal Connection Tools Help

]
ad

Array Transmitter

=

10.0003

(4| 0.1000
Adaptive Beam Selection

Y| o0.0000

Figure 5 shows the hierarchical refinement of a single filter-and-
sum beamformer directed towards 90°.

The Distribute block receives an input of samples from an array of
eight microphones. It then distributes each individual sample to its
corresponding filter ("Fir"). The SUM block then sums the outputs
of the filters.

To map the algorithm efficiently onto the target hardware GRAPE-
Il requires an accurate estimate of the timing of the individual
blocks. Therefore each block is executed on the target hardware,
and the computation time is measured. Table 2 gives an overview
of the results.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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Figure 5. Hierarchical Refinement of the Beamformer Directed Toward 90°
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Table 2. Block Execution Time

Block #cycles Block #cycles
Distribute 88

Fir90x 122 Beam90 1146
Fir25x 152 Beam25 1386
Fir45x 172 Beam45 1546
Sum 82

Select 1206

Triplicate 214

Fir25x2 252 Beam25 2322
Fir45x2 292 Beam90 2642
Mangle 142

Notes: 1) One cycle requires 50 ns.

The timing estimate for the "Select" block was inaccurate because
its execution time depends on both the values of the algorithmic
parameters and the input data. Other experiments showed that
the real execution time was +1825 cycles.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP 23
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A quick calculation shows that the execution of the beams
requires at least 7224 cycles. For a sample frequency of 8 kHz
there are 2500 cycles available per sample per processor. If one
processor is reserved for the "Select" block, three processors can
be used for the beamforming. Since in these calculations 1/0 and
communication overhead is not included, it's obvious that this
approach will not lead to a feasible solution. Therefore, the
following approach was taken: given a beam looking at a certain
direction, of 45°, a beam looking at 45° is obtained with the same
filters, but by reversing the microphone ordering. In this way the
two beamformers can be combined for both £45° and +25° into
two single blocks.

Figure 6. Hierarchical Refinement of the Beamformer Looking at +45°
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The result is shown in Figure 6. In this way the function-calling
and status-handling overhead can be reduced. Moreover, only
one set of filter coefficients for two beams had to be stored in
memory. This technique allowed all the filter coefficients to be
stored in internal chip memory. This was technique was necessary
in order to execute a multiply||add in one instruction cycle. To
further reduce the loop overhead two filter are executed in the
same loop:

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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for (i=C;i<n;i++)

{

yl+= C * x1++;
y2+= C++ * X2++,

}

However, the C compiler generated code for the inner loop that
executed in 3 instead of 2 cycles. Therefore, the assembly code
had to hand optimize. These improvements resulted in faster
code, as shown in Table 2.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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The first experiments demonstrated the anticipated behavior of the
real-time implementation of the algorithms. However, since the
measurements were made in a very hostile environment (strong
reverberation, non-uniform reflective surfaces, multiple noise
sources, computer ventilators, and air conditioning) a slight
deviation of the theoretical prediction was measured.
Nevertheless, it is anticipated that in real operating environments,
such as in an auditorium, system performance would improve.
More experiments are necessary to fine-tune the algorithm’s
parameters.

This project showed the feasibility of the rapid prototyping
approach, especially in determining good values for parameters,
which determine subjective properties of the algorithm.

Adaptive Speech Beamforming Using the TMS320C40 Multi-DSP
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