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ABSTRACT

An integrated acoustic signal processing system, which provides adaptive
noise cancellation, acoustic echo cancellation, and adaptive-active noise
control for hands-free cellular phones, is developed based on the TMS320C3x.
This system provides high-quality full-duplex voice communication and
reduces the acoustic noise inside the automobile passenger compartment.
The integration of this system with the existing car audio system reduces the
overall system cost. The Musical Interference Suppression (MIS) process is
developed to cancel the interference of music while updating the coefficients
of adaptive filters. The MIS filters also model the electro-acoustic paths that
are required by the active noise controller.
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INTRODUCTION

Why use a hands-free cellular phone system? Dialogues such as the
following should give a clear picture of the inconvenience resulting from the
use of existing cellular phones: “Excuse me, honey, let me make a sharp
turn”, “Hold on, | need to make some turns”. This inconvenience is caused by
the use of a handset in the existing cellular phone system. Drivers often
have to put down the handset to respond to two-hand jobs, such as making
turns, and then return to their conversations. Interruptions in phone
conversations are inconvenient and costly because cellular charges are
expensive. Another important concern is safety. Imagine a car driver using
a cellular phone with only one hand on the steering wheel. It would seem
meaningless to have an anti-lock brake system and air bag since the driver
does not have both hands available to operate the steering wheel. Therefore,
the hands-free cellular phone system is becoming a must for drivers who use
cellular phones.

The use of a hands-free cellular phone manifests itself in the problem of
acoustic echo being transmitted to the far-end talker. In addition, noise
causes two unpleasant situations: speech transmission mixed with a high
level of background noise and the noisy environment inside the car. As
cellular phones and compact disc (CD) stereos are brought into more cars,
drivers deserve to enjoy these high-tech electronic products. However, with
the engine running and wind blowing, the sound quality in both systems is
often degraded by background noises. Therefore, reducing background
noises inside the car is highly desired.

This project designs a TMS320C3x prototype for an integrated automotive

signal processing and audio system. The integrated system was designed for

drivers to drive safely by using a full-duplex hands-free cellular phone

without the problems of acoustic echo and ambient noise in transmission, and

to reduce the ambient noise inside the car. The integrated system operates

in the following modes:

¢ Hands-free cellular phone (HFCP) mode: The system performs both
acoustic echo cancellation (AEC) [1-3] to provide full-duplex
communication capability and adaptive noise cancellation (ANC) [4] to
reduce background noise. In this mode, the audio is turned “off” by the
integrated system.

¢ Adaptive-active noise control (AANC) [5-6] mode: The system performs
adaptive-active noise control to reduce ambient noise inside the car. In
this default operation mode, the audio system may be turned “on”.
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When one mode is active, the other mode is disabled. Therefore, a single
TMS320C3x digital signal processor (DSP) chip can provide the necessary
computational requirements, thereby reducing system cost.

Figure 1 shows the block diagram of an integrated automotive signal
processing and audio system integrated with a regular cellular phone (analog
or digital) and audio system. The integration with the car audio system
makes it possible to use the existing loudspeakers and power amplifiers for
both the hands-free cellular phone and active noise control to further reduce
the cost of the system. By integration of the existing car audio system, only
two extra microphones are needed for the near-end speech pick-up in HFCP
mode or residual noise pick-up in AANC mode.

Cellular
Phone Acoustic _
Echo Adaptive
Cancellation ACt_Ive
and Noise
. Adaptive Control
Noise
Cancellation
f A A
Mode
Switch
50 U
0o 0O
Car Stereo
Amplifier Car Stereo

Loudspeakers

Figure 1. Integrated Automotive Signal Processing System
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Figure 2. Configuration of Microphones and Loudspeakers for the
Integrated System

The integrated system in active noise control mode is designed to acoustically
cancel background noise inside the car using the existing stereo system to
produce the anti-noise (as shown in Figure 2). In the prototype, two
microphones are placed on both sides of the driver's headrest to pick up
residual noise. By utilizing the stereo loudspeakers as the canceling
loudspeakers, AANC mode can provide a noise-free zone surrounding the
driver's head. This arrangement does not affect the performance of the audio
system. In HFCP mode, one of the two microphones is used as the primary
microphone to pick up near-end speech, and one of the loudspeakers is used
to broadcast the far-end speech. In this mode, the stereo system is turned
“off” automatically by the integrated system.

In subsequent sections, a hardware and software description of the

integrated system is presented along with the experimental setup and
results.
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HARDWARE DESCRIPTION

The integrated system is based on a single TMS320C3x DSP. Figure 3 shows
the block diagram of the system hardware. Spectrum Signal Processing’s
TMS320C30 system board was used for software development and
experiments. In production, the low cost TMS320C32 can be used. The
system board has two channel input/output (I/O) capabilities. Both of the
channels have 16-bit analog-to-digital converters (ADCs) and digital-to-
analog converters (DACs). The integrated system requires six input and
three output channels. The input channels are used for the revolutions-per-
minute (RPM) signal from the car (a reference microphone was used to
obtain the reference noise signal in the prototype), the received signal from
the cellular base, two microphones placed at both sides of the driver’s
headrest, the audio signal from the stereo system, and the mode switch to
determine whether the system is in HFCP mode or AANC mode. The output
channels are used for the two loudspeakers and transmit signal to the
cellular base. To meet I/O requirements, a four-channel 1/0 board consisting
of two daughter modules, with Burr Brown 16-bit ADCs/DACs on it, was
connected to the system board through the DSPLINK on the system board.
To synchronize the operation of the system and the 1/O board, the clock on
the system board was disabled and daughter module A on the four-channel
I/0 board was used to provide the necessary clock signals for the system
board and daughter module B. Therefore, the hardware is configured as
shown in Table 1.

Table 1. Hardware Configuration

BOARD CONFIGURATION
System Board Slave
Daughter Module A Master
Daughter Module B Slave

There is a three-cycle delay for 1/0 on the four-channel board. This delay
was compensated for in the software by delaying the 1/O signals on the
system board.

Integrated Automotive Signal Processing and Audio System 5
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Figure 3. Block Diagram of System Hardware

The system operates at a sampling rate of 8 kHz. The cut-off frequency for
the anti-aliasing and the reconstruction filters was set at 3.3 kHz. This was
achieved by changing the SIP resistors on both the system board and four-

channel 1/0 board to appropriate values.
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board is used for both program and data storage. Table 2 lists the memory
map.

Table 2. Memory Map

ADDRESS FUNCTION
0000 - 00CFh Interrupt Vectors
00DO0 - 01FFh Program
2000 - FFFFh Data

The 1/0 channels on the system board are mapped to the peripheral bus
memory-mapped registers (808000h - 8097ffh), and I/O channels on the four-
channel 1/0 board are mapped to the expansion bus (800000h - 801FFFh). A
single external interrupt source (INTO) from the four-channel 1/O is used.

SOFTWARE DESCRIPTION

The software developed for the integrated system includes the following
functions:

* Mode detection

¢ Adaptive noise cancellation

¢ Acoustic echo cancellation

* Speech detection

¢ Adaptive-active noise control

The integrated system operates in two modes: HFCP mode or AANC mode.
A select switch provides specific input for the software to decide in which
mode the integrated system should work. A detailed flowchart of system
software is given in Appendix A.

Hands-Free Cellular Phone Mode

In hands-free cellular phone mode, the system performs the following
functions:

¢ Adaptive noise cancellation

* Speech detection

¢ Acoustic echo cancellation

Figure 4 shows the system block diagram in HFCP mode. In the figure, d(n)
is the near-end speech picked up by the primary microphone, and z(n) is the

Integrated Automotive Signal Processing and Audio System 7



far-end speech signal from the cellular phone. The background noise picked
up by the primary microphone was canceled through adaptive noise
cancellation (ANC). The reference microphone is placed close to the noise
source to sense the reference noise for ANC. The ANC is a 256-tap adaptive
filter that uses the normalized least mean square (LMS) algorithm [7]. In
addition to the background noise, the primary microphone also picks up the
far-end speech output from the loudspeaker. This acoustic echo is canceled
through acoustic echo cancellation (AEC). The AEC is a 200-tap adaptive
filter that uses the normalized LMS algorithm. The AEC filter models the
echo path between the loudspeaker and the microphone inside the car,
canceling the echo caused by the acoustic coupling between the loudspeaker
and the microphone.

Primary d(n +
Sensorp ( ) + fz-\ el(n) =® e(n)¢
i i DT-Mode
Reference N : Detect X
Sensor h
- : 1
[O—— ANC : «| AEC | .| System Cellular
Control Phone [
R RRCIIT IR Far-End
Speech
Detect RX

D T z(n)

Figure 4. Block Diagram of the System in HFCP Mode

The detection of receive (RX) and double-talk (DT) modes is very important
for proper operation of AEC and to avoid the corruption of AEC filter
coefficients. RX mode is detected by estimating the noise floor of the far-end
speech signal z(n) and comparing it with the short-term power estimate to
determine the presence of speech. DT mode detection is based on the echo-
return loss enhancement (ERLE) factor, which is defined as the ratio of
energy in the signal €(n) before echo cancellation and energy in the signal
€(n) after echo cancellation. For the DT detector to work, it requires that
the AEC filter provide some initial cancellation on system onset. Since the
system is integrated with the car stereo system, the music signal can be used
as a training signal to model the echo path for a duration of 10 seconds.
Therefore, before actual conversation starts, the AEC filter has converged to
the echo path. During the HFCP mode, the stereo system is turned off. The

Integrated Automotive Signal Processing and Audio System



AEC filter is updated during the RX mode only. During DT mode, the fixed
filter from the previous RX mode is used to cancel the acoustic echo, and
updating of the AEC filter is frozen to avoid corruption of the AEC filter
coefficients.

Adaptive-Active Noise Control Mode

In AANC mode, the system performs the cancellation of undesired noise
acoustically by generating anti-noise through the canceling loudspeakers. To
create a three-dimensional noise-free zone, multiple adaptive filters are
needed to generate the canceling noises. Two error microphones are located
at both sides of the driver's headrest to pick up the residual noise for
updating the AANC filter’s coefficients. Since the error signals are measured
by the error microphones, interference from the car audio system degrades
the performance of AANC. In addition, to ensure the stability and
convergence of the adaptive filters, it is necessary to compensate for the
transfer functions of the error paths from the canceling loudspeakers to the
error microphones by using the multiple-channel filtered-X LMS algorithm
[8]. The integrated system has access to the car audio system therefore,
musical interference suppression (MIS) [9] filters were developed which
converge to the corresponding error paths from the loudspeakers to the
microphones to cancel the music interference to AANC. These MIS filters
estimate the error paths on-line, which is very important in improving the
performance of AANC.

Figure 5 shows the block diagram of the system in AANC mode, where W, (z)
and W, (z) are the AANC filters, C,, (2), C,, (2), C,,(2), and C,, (z) are the MIS
filters, €(n) and e,(N) are the residual noises measured by the two
microphones. As mentioned earlier, the music from the audio system
becomes interference to the AANC system. The MIS system is used to cancel
the music picked up by the microphones. The music-free residual noises
€(n) and €,(N) are used to update W, (z) and W, (z). The adaptive filters in
the MIS system serve dual purposes they not only provide musical
interference suppression, but also model the error paths from the canceling
loudspeakers to the microphones. These models are used in the filtered-X
LMS algorithm to update the AANC filters.

Integrated Automotive Signal Processing and Audio System 9
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Figure 5. Block Diagram of the System in AANC Mode

Multichannel on-line modeling of error paths is a difficult task because of the
acoustical coupling between the individual channels. Therefore, only two
error paths from one of the loudspeakers to the two microphones can be
estimated at a time. The error paths are time-varying due to the
temperature variations and movement of objects. Consequently, on-line
modeling of these error paths is needed. On-line modeling has to be
conducted without shutting “off” one channel so that the driver and other
passengers in the car can enjoy the dual-channel stereo system. This was
achieved by updating only two error paths from one loudspeaker to the two
microphones while doing the musical interference suppression with the other
two fixed filters. The updating of a pair of error paths was done alternately
for a duration of 10 seconds each. For this approach to work, it is necessary
that before the complete AANC system is turned “on”, the MIS filters should
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have converged to a close approximation of the error paths. This was
achieved by doing initial on-line modeling of error paths using music with
only one channel “on” for 30 seconds for each channel. This way, when both
the channels are turned “on” in full AANC mode, the MIS filters would be
able to cancel some interference and, at the same time, keep tracking the
time-varying error paths.

The acoustic noise inside the car is mostly periodic and lies in the frequency
range below 1 kHz. Therefore, the 8 kHz sampling rate requires a higher
order of filter to model the error paths. To overcome this problem, all the
signals used for AANC were downsampled to 2 kHz in the software. The
AANC mode is implemented with AANC filters of order 64 and MIS filters of
order 40. The AANC filters are updated using the normalized filtered-X LMS
algorithm, and the MIS filters are updated using the normalized LMS
algorithm. The order of the AANC and MIS filters was optimized according
to the computation power available for processing at a sampling rate of
8 kHz.

EXPERIMENTAL SETUP AND RESULTS

The experimental setup consists of a wood structure having the shape of a
car cabin where the driver’s seat is present. This wood structure is placed in
an acoustic chamber to simulate the car in an open field. Two 10.0”
loudspeakers (IJBL 2123H) were used as audio loudspeakers for playing the
music, for sending out the canceling noise during AANC mode, and for
broadcasting the far-end speech during the HFCP mode. Two microphones
(Shure SM98-A) are placed on both sides of headrest to pick up residual noise
during the AANC mode and near-end speech during the HFCP mode. A
Carvin FET 450 power amplifier was used as the audio-power amplifier. A
Symmetric pre-amplifier was used to amplify the microphone-output signals.
The placement of the loudspeakers, microphones, and the seat were similar
to that in Figure 2. To simulate the noise source, another loudspeaker was
placed in the acoustic chamber. Noise recorded inside a car was played on a
tape deck and sent out through this noise source loudspeaker. The reference
microphone was placed close to the noise source loudspeaker. To play the
music and far-end speech, a Marantz double-cassette deck was used.

Hands-Free Cellular Phone Mode

In this mode, the right loudspeaker was used to broadcast far-end speech,
and the left microphone was used to pick up near-end speech. For initial

Integrated Automotive Signal Processing and Audio System 11



modeling, music was played on the tape deck. During actual conversation,
recorded speech was played on the tape deck to generate far-end speech. A
person sitting on the seat was the near-end talker. During all this time, the
noise loudspeaker was “on” to simulate practical driving conditions. Figure 6
shows the time-domain performance in HFCP mode when only acoustic echo
was present. The plot on the top shows the acoustic echo picked up by the
primary microphone and the bottom plot shows the residual echo. Figure 7
shows the performance when only background noise was present. Figure 8
shows the performance when both background noise and acoustic echo were
present. The plot on the top is the signal picked up by the primary
microphone. This signal contains both background noise and acoustic echo.
The plot on the bottom shows the residual noise and residual echo. The
performance of AEC in this situation, though still acceptable, is not as good
as when only acoustic echo was present. This is because of the interference
from the residual noise present in the input to the AEC. Figure 9 shows the
performance during the double-talk period. The plot on the top has a portion
of near-end speech contaminated with the acoustic echo. The plot on the
bottom shows the echo-free near-end speech signal. The difference in the
performance of HFCP in different situations is more evident from the
frequency-domain results shown in Figures 10 - 12. Figure 10 shows a
reduction of about 20 dB of acoustic echo. Figure 11 shows the reduction in
the dominant periodic components of background noise by 20 - 25 dB.
Figure 12 shows the performance of HFCP mode when both background
noise and acoustic echo are present. As mentioned earlier, the performance
of AEC is degraded when both background noise and acoustic echo are
present. The filter orders of 256 and 200, respectively, for ANC and AEC are
found to give the desired results. A higher-order filter gives better results,
however, at the cost of longer convergence time.

Adaptive-Active Noise Control Mode

12

In this mode, music was played from the tape deck and sent out through both
loudspeakers. The recorded noise was sent out through the noise source
loudspeaker. Figure 13 shows the results obtained in AANC for the left
channel. Figure 13a shows the noise and music picked up by the left
microphone before cancellation. Figure 13b shows the noise-free music
signal picked up by the left microphone after cancellation. The signal picked
up after cancellation shows about a 20 - 25 dB reduction of the most
dominant periodic component of the noise. Other noise components also
show some reduction but, because they are almost at the same level as the
music signal, it is difficult to see any reduction in them from the figures. By
sitting on the seat, one could hear the reduced noise clearly after
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cancellation.  Similar results are plotted for the right microphone in
Figure 14a and Figure 14b. The computation power available for processing
limited the order of MIS and AANC filters to 40 and 64, respectively.
Because of this limitation the AANC filter is not able to respond to higher
order harmonics. Fortunately, the higher order harmonics have much lower
power[] therefore, system performance is still acceptable.

Integrated Automotive Signal Processing and Audio System 13
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SUMMARY

The integrated automotive signal processing and audio system is designed to
allow people to use a hands-free cellular phone without the problem of
acoustic echo and ambient noise being transmitted to the far-end talker. The
system also reduces the ambient noise inside the car to enhance the music
guality from the audio system. Since the design is integrated with the
existing car stereo system (i.e., the car stereo system’s loudspeakers and
amplifiers are used for both hands-free cellular phone and active noise
control), the system cost is reduced. Furthermore, the integration of the
audio system allows musical interference to be eliminated by using the MIS
filters. These MIS filters not only cancel the musical interference to AANC
filters, but also model on-line the error paths from canceling loudspeakers to
the residual noise pick-up microphones. The music signal from the audio
system is used to perform initial modeling for the echo path.
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APPENDIX A—Flow Charts for System Software

( Start )

Initialization

Initial modeling of MIS filters for AANC mode

Has Timer
Expired
?

Does Mode
=1?

HFCP AANC

Figure 15. Flow Chart for System Initialization and Initial Modeling of MIS
Filters (AANC Mode)
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{ HFCP )

A

Do initial modeling of echo path with music
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Get input samples
z(n) and d(n)

Update power
estimates

No

Load hangover
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A,
AEC filtering

<

Yes

AEC filtering

®

Figure 16. Flow Chart for the System Software (HFCP Mode)
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Figure 17. Flow Chart for System Software in AANC Mode (Part 1 of 2)
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( AANC )

Set up counter1
and counter2

A
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Is counter1
< 07

O,
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C-| 1 (Z) and C1 2(2)

Is counter2
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Reset counter1
and counter2

Update MIS filters
Co1(z) and Coo(2)

.
N

Figure 18. Flow Chart for System Software in AANC Mode (Part 2 of 2)
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APPENDIX B—INTSYS.ASM Program

LR R R R R R R E R

* Program | NTSYS. ASM

* |Integrated acoustic echo cancellation for hand s-free cellular

* phone and active noise control system

LR R R R R R R R R

* The following code will inplement the software on the TMS320C30

* Spectrum Devel opnent System along with a 4-channel 1/0O board

* The algorithmwi |l detect which node the Integrated systemis
* HFCP npde: Do acoustic echo cancellation and adaptive noise
* cancel | ation

* AANC node: Reduce noise inside the car

EEEEEEEEEEREE S S S EEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEREEE]

*

* The programw || follow the follow ng flow of operations

* 1) Definition of all constants and buffers

* 2) Initialization of TMS320C30 system board and the 4-channel
* I/ O board

* 3) Cear all buffers

* 4) Do initial nodeling of MS filters for AANC node

* 5) Check for the node of the integrated system

* Mbde=1 AANC node

* Mbode=0 HFCP node

LR R R R R R R R R

* Followi ng are the subroutines used by the program
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* 1) ISR- I/Ofor both the systemand 4-channel board *

* 2) FIR - General FIR routine for parameters passed in at *
* subrouti ne header *
* 3) LM5 - General LMS routine for paraneters passed in at *
* subroutine header *
* 4) VSPONER - Cal cul ates a very short wi ndow average power *
* 5) SPOAER - Cal culates a short w ndow average power *
* 6) LPONER - Calculates a very |long w ndow average power *
* 7) INVER - Calculates the inverse of a floating point no. *
* 8) SPOADT1 - Calcul ates the short termenergy in signal before echo *
* cancel | ation *
* 9) SPOADT2 - Cal culates the short termenergy in signal after echo *
* cancel l ation

*

LR EE R R EEEE RS S S EEEE R RS EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREEEEEEEEEEREESES

* The FIRfilter coefficients for downsanpling and upsanpling are *
* stored in the file LPKA21. ASC *
* *

LR EEEEEEEEEE S SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREEEEEEEEEEREEES

* *

.length 60 ; Define listing file paraneters
.width 132

************I ’\I'I'ERRUPT VEC‘I’mS AT ADmESS 0000*****************

. sect “oinit"
RESET .word START ; Set up RESET vect or
I NTO .word I SR ; Setup | RQD (DSPLI NK) interrupt vector
I NT1 .word START ;Setup all other interrupts to dummy val ues
I NT2 .word START
I NT3 .word START

XI'NTO .word START
RI NTO .word START
XI'NT1 .word START
RI NT1 .word START
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TI NTO .
TINT1 .
DI NT .

wor d
wor d

wor d

START
START
START

Kk kokkxkkkkxkkkxxkk DATA AT ADDRESS 200QQ% * * % % % % o s s % & ok sk & kK ok ok Xk k ok ok ok kkok %

*

* The program uses the externa

* of the system board

*

menory section on the Static RAM *

LR R R R R R SRR

PRI MCTL
EXPCTL
PRI MAD
EXPWD
CACHE

dat a

.word
.word
.word
.word

.word

00808064h
00808060h
00000800h
00000000h
00001800h

; Primary bus control register address

; Expansion bus control register address

; contro

; contro

word defining primry bus status

word defining expansi on bus status

; clear and enabl e cache

LR R R SRR EEE RS S S SRR R E R RS S SRR EEEE SRS EEEREEREEREEEEEEREEEEEEEEEREREEEEEEEEEEEES]

* Buf f er

| ocations for the AANC node

LR R RS EEEE RS S S EEEE R RS EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREEEEEEEEEEEEE]

ADDLP
ADDVRH
ADDMLH
ADDERRH
ADDERLH .
ADDRH

ADDY
ADDYF
ADDML1
ADDML2

.word
.word

.word

wor d

wor d

.word
.word
.word
.word
.word
.word

.word

00002500h
00002600h
00002700h
00002800h
00002900h
00002A00h
00002B00Oh
000020C00h
00003000h
00003500h
00003800h
00003A00h

; address
; address
; address
; address
; addr ess
; address
; addr ess
; address
; addr ess
; addr ess
; addr ess

; addr ess

of
of
of
of
of
of
of

of

LP anti-aliasing filter coefficients
nmusi c signal for right channel at 8K
nmusi c signal for left channel at 8K
right MC error signal at 8K
left MC error signal at 8K
ref erence noi se signal at 8K
the right channel canceling signal at 2K

the left channel canceling signal at 2K

for buffer for generating cancelling signa

of
of

of

the buffer for filtered XLMS
the filtered X signal (RR
the filtered X signal (RL)
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ADDM21 .word  00003DO00h ;address of the filtered X signal (LR)

ADDM22 . word  00004000h ;address of the filtered X signal (LL)

ADDM. .word  00005600h ;address of buffer for right channel input at 2k
ADDMR .word  00006000h ;address of buffer for right channel input at 2k
ADDC11 .word  00007000h ; address of secondary path filter(RR)

ADDC12 .word 00007300h ; address of secondary path filter(RL)

ADDC21 .word  00007600h ; address of secondary path filter(LR)

ADDC22 .word  00007900h ; address of secondary path filter(LL)

ADDWL .word  00008000h ;address of AANC filter WL(Z)

ADDW2 .word  00009000h ;address of AANC filter W2(z)

LR R R RS EEEE RS S S S EEEEE RS S S EEEEEE RS EEEEEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* Buf fer | ocations for HFCP node *

LR R RS SR EEE RS S S EEEEE RS S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

ADDEFI L . word 0000A0Q00N ;address of the echopath filter

ADDFENS . wor d 0000B000N ;address of reference far end speech vector
ADDW .word  0000C000h ;address of nusic signal for initial nodeling
ADDR .word  0000D00Oh ; address of reference noise signal buffer
ADDENC . word 0000EOQO0N ; address of adaptive noise cancellation filter

LR EE RS EEEE RS S S EEEEEE RS EEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEES

* Del ay buffers for 1/0O on system board *

LR EEEEEEEEREE S S EEEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREREEEEEEEEEEEE]

DELAY1 .word  0000E500h
DELAY2 .word  0O0OOE600h
DELAY3 .word  0000E700h

DELAY .set 3 ; del ay needed on system board /0O

EEEEEEEEEEREE S S EEEEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEEREEEEEEEEEEREESES

* System board analog interface initialization *

EEEEEEEEEEREEEEEEEEREEREEEEEEEEREEEEEEEEEEREEREEEEEEEEREEEEEEEEEEREEEEEEEEEEREEE]
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ADDCHA . word 00804000h ;address of channel A

ADDCHB . word 00804001h ; address of channel B

EE R I I I I R R I I I R R I I R

* 4-channel 1/0O board analog interface initialization *
EE R I I I I R I R R I R I I O R I I O R
CHO_A .word 00800000h ; address of channel A0

RST_A .word 00800001h
TIMA .word 00800001h
INTS_A .word 00800003h
INTM.A . word 00800003h
CH1I_A .word 00800004h ; address of channel Al
ANAS_A . word 00800005h
ANAC_ A . word 00800005h
BRDI S_A . word 00800007h
RCTR_A . word 00800007h

CHO_B  .word 00800008h ; address of channel BO
RST_B .word 00800009h
TIMB .word 00800009h
INTS_.B .word 0080000Bh
INTM B .word 0080000Bh
CH1_B .word 0080000Ch ; address of channel Bl
ANAS B . word 0080000Dh
ANAC B . word 0080000Dh
BRDI S_B . word 0080000Fh
RCTR B .word 0080000Fh

RRD_ A .word 0000e0000h
INTD.A .word 000010000h
ACRD_A .word 000B20000h
TIMD A .word 0FA020000h
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UCRD_ A .word  0A4000000h
CRD_A .word 08DFFO000h

RRD B .word 000c00000h
INTD.B .word 000000000h
ACRD B .word 000320000h
UCRD B .word  0A0000000h
CRD_B .word 08DFFO000h

TSTMASK .word  000010000h

LR R R R R R R R R R R

* Scaling factors and constants definition for AANC node *

LR R R R R R R E R

S32767 . FLOAT 32767.0 ;scaling factor 32767
S32768 . FLOAT 3.0517578115E-5 ;scaling factor 1/32768

MJ .float 0.001 ;step size

ORDERC . set 40 ;order of the error path nodelling filter

ORDERLP . set 21 ;order of LP anti-aliasing filter

ORDERW . set 64 ;order of the adaptive cancellation filter

BUFFER . set 100 ;size of the buffer

DOMNSP . set 4 ; downsanpl i ng factor

COUNT1 .float 30000.0 ;counter of initial nodeling in AANC node

COUNT2 . set 30000 ;counter for alternate updation of error path filters
NPOWL .FLOAT O ;inverse of power of nusic signal for left channel
NPOAR .float O ;inverse of power of nusic signal for right channel
NORMU . float O ;inverse of power of reference noise signal

PREF .float 1.0 ;initial power estimate of reference noise signal
PONERL .float 1.0 ;initial power estimate of nusic signal for left
channel

PONERR .float 1.0 ;initial power estimate of nusic signal for right
channel

MODE .float O
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CHECK .float 0.5 ;constants for checking the node of integrated system

LR R R R R R E R R

* Scaling factors and constants definition for HFCP node *

LR R R R R R R R R

COUNTER . fl oat 30000 ;counter for initial nodeling of echo path
HOCNT . set 8000 ; hangover counter for far end speech

HC . set 4000 ; hangover counter for double talk

SPTHR .float 0.001 ;threshold for far-end speech detection

H EST .float 10.0 ; hi ghest inverse power

ECHPOWN .float 1.0 ;initial echo power

ECHOFI L . set 200 ;order of echo path nodeling filter
ORDERWA . set 256 ;order of adaptive noise cancellation filter
BUFFERA . set 600 ; buffer size

MUN . FLOAT 0.001 ; Normal i sed step size

BETA .FLOAT 0.05 ;factor for power estinmate update

MBETA .FLOAT 0.95 ; 1-beta

*

VSBETA . FLOAT 3. 125000E-2 ;beta for very short w ndow of 4ms

VSOMBET . FLOAT 9. 687500E-1 ;(1-beta) for very short wi ndow

VSOPONE . FLOAT 1.0 ;old power estinate for very short w ndow
*

SBETA . FLOAT 7.812500E-3 ; beta for short w ndow of 16ns

SOVBETA . FLOAT 9. 920000E- 1 ;(1-beta) for short w ndow

SOPOVER . FLOAT 0.0 ;old power for short w ndow

*

LBETA . FLOAT 6.250000E-5 ;beta for long wi ndow of 2 secs

LOVBETA . FLOAT 9. 999375E-1 ; (1-beta) for |ong w ndow

LOPONER . FLOAT 0.0 ;old power estimate for |ong w ndow
SOPCDT1 . FLOAT 0.0 ;initial power for the residual echo signal
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SOPODT2 . FLOAT 0.0
THRESDT . FLOAT 3.0

;initial power for signal before echo cancellation

; ERLE threshold for double talk detection

LR R R R R R R E R R

* Initialize the value at the address to specified val ues *

LR R R R R R R R

REF .word
REFH .word
MJSI CR . fl oat
MUSI CRH . f | oat
MUSICL .fl oat
MUSI CLH . f| oat

QUTR .fl oat
br oadcast
QuUTL .float

CANCR . fl oat
CANCRH . f1 oat
CANCL .float
CANCLH . fl oat

W1 . float
W2 .float
w1 .float
W22 .float
ERRL .float
ERRLH . fl oat
ERRR .float

ERRRH .float

FARENSP . f | oat
RESECHO . f | oat

36

O O O O o o o o o

o O o o

o

;reference noise signal at 2k
;reference noise signal at 8K
;right channel music input at 2K
;right channel music input at 8K
;left channel nusic input at 2K
;left channel nusic input at 8K

;right channel music output at 8K/ far end speech

;left channel nusic output at 8K

;right channel canceling signal at 2K
;right channel canceling signal at 8K
;left channel canceling signal at 2K

;left channel canceling signal at 8K

;left MCinput at 2K
;left MC input at 8K/ speech pick up MC
;right MCinput at 2K
;right MCinput at 8K

;far end speech from cel lul ar phone

;transmt signal from cellular phone
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ENCOUT .float O ;out put of adaptive noise cancellation system

CERRR .float O ;internally conputed difference signal for
channel

CERRL .float O ;internally conputed difference signal for
RSP .word STACK

STACK .space 100

LR R R R R R R R

* TMB320C30 Processor Initialization

* Program section at address 00DO

LR R R R R R R R R

.text
START:
LDP PRI MCTL ; Setup data page pointer
LDl @RSP, SP ; Setup the stack pointer
LDl @PRI MCTL, ARO ; Setup the primary bus wait states
LDl @RI MAD, RO ;in primary bus control register
STI RO, * ARO
LDl @EXPCTL, ARO ; Setup the expansion bus wait states
LDl @EXPWD, RO ;in expansion bus control register
STI RO, * ARO
LDl @CACHE, ST ;clear and enabl e cache by setting cache

;control bits in the CPU control register

LR R R R R R E R

* Configure and initialize 4-channel 1/0O board

LR R R R R R SRR

;Configure site A
LDI @RST_A, ARO ; Dummy read to reset
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right

| eft channel

37



LR R R R R R R R R R R

38

LD
LD
LD
STI
LD
LD
STI
LD
LD
STI
LD
LD
STI
LD
LD
STI

LD
LD
LD
LDl
STI
LD
LD
STI
LD
LD
STI
LD
LD
STI

* ARO, RO
@RCTR_A, ARD
@RD_A RO
RO, * ARD

@ NTM_A, ARD
@NTD_A, RO
RO, * ARD
@NAC_A, ARD
@\CRD_A, RO
RO, * ARD

@1 M A, ARO
@1 MD_A, RO
RO, * ARD
@RCTR_A, ARD
@JCRD_A, RO
RO, * ARD

@RST_B, ARD
* ARO, RO
@RCTR B, ARO
@RRD_B, RO
RO, * ARO

@ NTM B, ARO
@ NTD_B, RO
RO, * ARO
@NAC_B, ARD
@\CRD_B, RO
RO, * ARO
@RCTR_B, ARO
@JCRD_B, RO
RO, * ARO

; Setup the

; Setup the

; Setup the

; Setup the

; Setup the

; Configure

route register

interrupt mask register

AVELI A ctrl

timer

register

user ctrl register

site B

; Dummy read to reset

; Setup the

; Setup the

; Setup the

; Setup the

route register

interrupt mask

AVELI A ctrl

register

user ctrl register
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* Al the arrays being used are cleared i.e. they are initialized to 0*

LR R R R R SRR

LDl
LD
LD
LD
LD
LD
LDl
LD
LD
LD
LDF
RPTB
STF
STF
STF
STF
STF
STF
STF
CLR STF

LDl
LD
LD
LD
LD
LDl
LD
LD
RPTB
STF

BUFFER- 1, RC
BUFFER, BK
@\DDY, ARO
@A\DDYF, ARL
@ADDVR, AR2
@\DDM_, AR3
@\DDML1, AR4
@\DDML2, AR5
@\DDWVR1, AR6
@\DD\VR2, AR7
0.0, RO

CLR

RO, * ARO++( 1) %
RO, * AR1++( 1) %
RO, * AR2++( 1) %
RO, * AR3++( 1) %
RO, *ARA++( 1) %
RO, * AR5++( 1) %
RO, * AR6++( 1) %
RO, *AR7++( 1) %

BUFFER- 1, RC
BUFFER, BK
@\DDC11, ARO
@\DDC12, ARL
@\DDC21, AR2
@\DDC22, AR3
@\DDWL, AR4
@\DDW2, AR5
CLR1

RO, * ARO++( 1) %
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STF RO, * ARL++( 1) %

STF RO, * AR2++( 1) %

STF RO, * AR3++( 1) %

STF RO, *ARA++( 1) %
CLRL STF RO, * AR5++( 1) %

LDI BUFFER- 1, RC

LDI BUFFER, BK

LDI @\DDVRH, ARO

LDI @\DDMLH, ARL

LDI (@A\DDERRH, AR2

LDI @A\DDERLH, AR3

LDI @ADDRH, AR4

LDI @\DDCR, AR5

LDI @\DDCL, AR6

LDF 0.0, RO

RPTB CLR2

STF RO, * ARO++( 1) %

STF RO, *ARL++( 1) %

STF RO, * AR2++( 1) %

STF RO, *AR3++( 1) %

STF RO, *AR4A++( 1) %

STF RO, * AR5++( 1) %
CLR2 STF RO, * AR6++( 1) %

LDI BUFFERA- 1, RC

LDI BUFFERA, BK

LDI @\DDEFI L, ARO

LDI @\DDFENS, AR1

LDI @\DDW AR2

LDI @\DDR, AR3

LDI @\DDENC, AR4

LDF 0.0, RO

RPTB CLRA
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STF RO, *ARO++(1) %

STF RO, *AR2++( 1) %
STF RO, *AR3++( 1) %
STF RO, * AR4++( 1) %
CLRA STF RO, * ARL++( 1) %
R 1h, 1 E ; Enabl e the | RQ
oR 2000h, ST
LDl @RCTR_A, ARO ; Setup the configuration register site A
LDl @RD_A, RO
STI RO, * ARO
LDl @RCTR_B, ARO ; Setup the configuration register site B
LDl @RD_B, RO
STI RO, * ARO
LDF @COUNT1, R6 ;load counter for initial nbdeling in R6
LDl DOWNSP, R5 ;| oad downsanpl e counter in RS
LDF 0.0, R7 ;load dummy output in R7

LR R R R R R R E R

* Initial on-line nodeling for right channe

LR R R RS R EEE RS S S SRR R EE RS S SRR EEEE SRR EEEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

TRAINL | DLE

B R R R R R R

* DOWN SAMPLE THE RI GHT CHANNEL | NPUT

LR R R RS EEEE RS S S SRR EEE RS SRR EEEE RS EEEREEEEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]
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LDl ORDERLP, BK ;circular buffer length set to the order of LPF

LDl ORDERLP- 2, RC ;l oop counter set

LDI @\DDLP, ARO ;| oad address of LPF coefficients in ARO

LDl @A\DDVRH, ARL ;l oad address of right channel nusic signal at 8K in
ARL

LDF @S| CRH, RO ;load latest nusic sanple in RO

STF RO, @UTR ;store latest nusic in QUTR to send out thru' right
speaker

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest nusic sanple

STI AR1, @GADDVRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, RO ;multiply result of FIR by scaling factor of 4

STF RO, @S| CR ; downsanpl ed right channel input in MJSICR

LR R RS SR EEE RS S S S EEEEE RS S SRR EEEE RS EEEREEREEREEEEEREEEEEEEEEREREREEEEEEEEERES]

* DOWN SAMPLE THE RI GHT M C | NPUT *

LR EE SRR EEE RS S SRR R EE RS SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREES]

LDl ORDERLP- 2, RC ;l oop counter set

LDI @A\DDERRH, ARL ;l oad address of right channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @ERRRH, RO ;load latest error (right) sanple in RO

STF RO, *AR1++(1)% ; ARL nodified to point to oldest error (right) signal
STI AR1, @GADDERRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, RO ;multiply result of FIR by scaling factor of 4

STF RO, @ERRR ; downsanpl ed right MC input in ERRR

LR EEEEEEEEREE S S S EEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREEEEEEEEEEEEE]

* DOWN SAMPLE THE LEFT M C | NPUT *

LR EEEEEEEEREE SR EEEEREEEEEEEEREEEEEEEEEEREEREEEEEEEREREEEEEEEEEREREEEEEEEEEEREEE]

LDI ORDERLP- 2, RC ;l oop counter set
LDI @\DDERLH, ARL ;1 oad address of left channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARD
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LDF
STF
STI
CALL
MPYF
STF

@RRLH, RO

RO, * AR1++( 1) %
AR1, @GADDERLH
FIR

4.0, RO

RO, @RRL

;load latest error (left) sanple
;ARL modified to point to ol dest
; addr ess updat ed

;subroutine to do FIRfiltering

in RO

error (left) signa

;multiply result of FIR by scaling factor of 4

; downsanpled left MC input in ERRL

LR R R R R R R SRR

* DOWN SAMPLE THE REFERENCE S| GNAL | NPUT

LR R R R R R SRR

LD
LD
LD
LDF
STF
STI
CALL
MPYF
STF

ORDERLP- 2, RC
@ADDRH, ARL
@\DDLP, ARO
@REFH, RO

RO, * AR1++( 1) %
AR1, @GA\DDRH
FIR

4.0, RO

RO, @REF

;l oop counter set

;l oad address of reference signal

at 8K in ARl

;1 oad address of LPF coefficients in ARD

;load |l atest reference signal in
;ARL nodified to point to ol dest
; addr ess updat ed

;subroutine to do FIRfiltering

RO

ref erence signa

;multiply result of FIR by scaling factor of 4

; downsanpl ed reference signal in

REF

LR EE RS EEEE RS S S EEEEEE RS EEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEES

* UPSAMPLE THE RI GHT CHANNEL CANCELLI NG SI GNAL

LR EEEEEEEEREE S S EEEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREREEEEEEEEEEEE]

LD
LD
LD
LDF
STF
STI
CALL
MPYF
STF

ORDERLP- 2, RC
@\DDCR, AR1
@\DDLP, ARO
@CANCR, RO

RO, * AR1++( 1) %
AR1, @G\DDCR
FIR

0. 25, RO

RO, @ANCRH

;l oop counter set

;l oad address of right canceling

signal at 2K in ARL

;1 oad address of LPF coefficients in ARD

;load the latest right canceling
;ARL nodified to point to ol dest
; addr ess updat ed

; subroutine to do FIRfiltering

signal in RO

ri ght canceling signa

;multiply result of FIR by scaling factor of 1/4

; upsanpl ed right canceling output
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LDF
STF
STF

SuBI
BNz

0.0, R7
R7, @UTL
R7, @ANCLH

1,R5 ; check for downsanpling count

TRAI N1

LR R R R R R E R

* PROCESSI NG LOOP AT LOWER SAMPLI NG RATE *

LR R R R R R R R

2K

LDI
LDI
LDI
LD
LDF
STF

STI
CALL

ORDERC, BK ;circular buffer length set to the order of MS filters
@ADDMVR, ARL ;load address of right nusic signal (2K) buffer in ARl
@\DDC11, ARO ; ARO points to error path (RR) estimate coefficients
ORDERC- 2, RC ;l oop counter set

@S| CR, RO ;load the latest right nusic signal at 2K in RO

RO, *AR1++(1)% ;ARL nodified to point to ol dest right nmusic signal at

AR1, @GADDVR ; addr ess updat ed
FIR ;subroutine to do FIRfiltering

LR RS SR EEE RS S SRR R EE RS S SRR EEEE SRS EEEREEREEREEEEEEREEEEEEEEEREEREEEEEEEEEREES]

* CALCULATI NG THE ERROR FOR PATH R-R  AND UPDATE Cl11( z) *

LR R RS EEEE RS S S EEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREEEEEEEEEEEEE]

44

LDF
SUBF
STF
MPYF

LD
LD
LD

@ERRR, R4 ; get downsanpled right MC error signal in R4

RO, R4 ;calculate the difference

R4, @CERRR ;store the internally conputed difference in CERRR
@, R4 ;multiply the difference with nornalized step size
ORDERC- 2, RC ;l oop counter set

@A\DDVR, ARL ;l oad address of right nusic signal (2K) buffer in ARl
@\DDC11, ARO ; ARO points to error path (RR) estimate coefficients
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CALL

LDI
LDI
LDI
CALL

LMVS

@\DDMR, ARL
@\DDC12, ARO
ORDERC- 2, RC
FIR

;call subroutine to do | east nean square update

;l oad address of right nusic signal (2K) buffer in ARL
; ARO points to error path (RL) estimate coefficients
;1 oop counter set

;subroutine to do FIRfiltering

LR R R R R R R R R

* CALCULATI NG THE ERROR FOR PATH 1-2 AND UPDATE C12(z) *

LR R R R R R E R

LDF
SUBF
STF
MPYF

LDI
LDI
LDI
CALL

@ERRL, R4
RO, R4

R4, @ERRL
@, R4

ORDERC- 2, RC
@\DDMR, AR1
@\DDC12, ARO
LMVS

;get downsanpled left MC error signal in R4
;calculate the difference
;store the internally conputed difference in CERRL

;multiply the difference with nornalized step size

;l oop counter set
;l oad address of right nusic signal (2K) buffer in ARl
; ARO points to error path (RL) estimate coefficients

;call subroutine to do | east nean square update

LR R R R R R RS

* FI LTERED REFERENCE S| GNAL GENERATI ON *

LR R RS SR EEE RS S S SRR R EE RS S SRR EEEE RS EEEEEEEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

LD
LD
LDF
STF
STI
LD
CALL
LDF

LD

@\DDYF, AR1
ORDERC- 2, RC
@REF, RO

RO, * AR1++( 1) %

AR1, @\DDYF
@\DDC11, ARO
FIR

RO, R3

@\DDYF, AR1

;l oad address of reference signal buffer in ARL

;l oop counter set

;l oad downsanpl ed reference signal in RO

;ARL nmodified to point to ol dest REF

; addr ess updat e

; ARO points to error path (RR) estimate coefficients
;subroutine to do FIR filtering

;store filtered ref. signal (RR) in R3

;1 oad address of reference signal buffer in ARL
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LDI ORDERC- 2, RC
LDI @\DDC12, ARO
CALL

;1 oop counter set
; ARO points to error path (RL) estimate coefficients

FIR ;subroutine to do FIRfiltering

LR R R R R R R R R

* UPDATE REFERENCE S| GNAL BUFFER FOR x’ 11(n) and x’ 12(n) *

LR R R R R R E R

LD @\DDML1, AR1 ;1 oad address of filtered-X signal (RR) buffer in ARl
LDI ORDERW BK ;circular buffer length set to order of AANC filters
STF R3, *AR1++(1)% ;save filtered-X signal (RR) val ue
STI AR1, @\DDML1 ; addr ess updat e
LDI @\DDML2, AR2 ;load address of filtered-X signal (RL) buffer in ARl
STF RO, *AR2++(1)% ;save filtered-X signal (RL) val ue
STI AR2, @A\DDML2 ; addr ess updat e

EE R I R I I R I I I R I R O I O R I O

* UPDATE WL(z) *

LR R RS SR EEE RS S S SRR EEE RS S SRR EEEE S SRR EREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

LDF @CERRR, RO ;get error signal CERRR in RO
MPYF @, RO ;multiply RO with nornalized step size
LDI @\DDWL, ARO ;1 oad address of WL filter coefficients in ARO
LDl ORDERW 1, RC ;set repeat counter
RPTB LMS_ W ;repeat block up to LMS W
MPYF3 *AR1++(1) % RO, R3; cal cul ate the update factor
LDF *ARO, R4 ;get the old coefficient value in R4
SUBF R3, R4 ;cal cul ate new coefficient value
LMS_W STF R4, * ARO++( 1) ;update the filter W

LR EEEEEEEEEE S S S EEEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEE]

* GENERATE RI GHT CHANNEL CANCELLI NG SI GNAL *

EEEEEEEEEEREE SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEEREEEEEEEEEEEEE]

LDI ORDERW 2, RC ;set repeat counter
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LDl @A\DDY, ARL ;l oad address of reference signal buffer

LDI @\DDWL, ARO ;1 oad address of WL filter coefficients

LDF @REF, RO ;l oad downsanpl ed reference signal in RO

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest REF

STI AR1, @A\DDY ; addr ess updat e

CALL FIR ;subroutine to do FIRfiltering

STF RO, @ANCR ;store right canceling signal at 2K in CANCR
LDl DOWNSP, R5 ;rel oad the downsanple count in RS

SUBF 0. 25, R6 ; check for training counter

BNz TRAI N1

LR R RS SR EEE RS S SRR R E R RS S SRR EEEE SRS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]
LR R R RS R EEE RS S S S SRR EE RS S SRR EEEE RS EEEEEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREESS
LR R RS R EEE RS S SRR R EE RS SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEEESS

LR RS SRR EE RS S S EEEE R RS S EEEEEEE RS EEEREEREEREEEEEEEREEEEEEEEREEREEEEEEEEEEESE]

LDF @COUNT1, R6 ;load the training counter in R6
LDl DOVWNSP, R5 ;load the downsanple count in RS

LR RS SRR EE RS S SRR R EE RS S SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREEREEEESEEEEEEESE]

* Initial nodeling for left channel

LR EE SRR EEE RS S SR EEEEE RS EEEEEEEEEEEEREEEEEEEEEEEREEEEEEEEREREEEEEEEEEEREEE]

TRAIN2 | DLE

LR R RS EEEE RS S SR EEEE RS S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* DOWN SAMPLE THE LEFT CHANNEL | NPUT

EEEE RS EEEE RS S S EEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREREEEEEEEEEREEE]
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LDl ORDERLP, BK ;circular buffer length set to the order of LPF

LDl ORDERLP- 2, RC ;l oop counter set

LDI @\DDLP, ARO ;| oad address of LPF coefficients in ARO

LDl @\DDMLH, ARL ;l oad address of left channel nusic signal at 8K in ARL

LDF @S| CLH, RO ;load latest nusic sanple in RO

STF RO, @UTL ;store latest nusic in QUTL to send out thru’ left
speaker

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest nusic sanple

STI AR1, @GADDMLH ; addr ess updat ed

CALL FI R ;subroutine to do FIRfiltering

MPYF 4.0, R0 ;multiply result of FIR by scaling factor of 4

STF RO, @S| CL ; downsanpl ed | eft channel input in MJSICR

LR R R RS EEEE RS S S SRR EE RS SRR EEEE RS EEEEEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREES]

* DOWN SAMPLE THE RI GHT M C | NPUT *

LR R RS SRR EE RS S S EEEE R RS SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEESEEEEEREESES

LDl ORDERLP- 2, RC ;l oop counter set

LDI @A\DDERRH, ARL ;1 oad address of right channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @RRRH, RO ;load latest error (right) sanple in RO

STF RO, *AR1++(1)% ; ARL nodified to point to oldest error (right) signal
STI AR1, @GADDERRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, RO ;multiply result of FIR by scaling factor of 4

STF RO, @ERRR ; downsanpl ed right MC input in ERRR

EEEEEEEEEEREE S SR EEEEREEEEEEEEREEEEEEEEEEREEREEEEEEEEREEEEEEEEEREEEEEEEEEEEREESES

* DOWN SAMPLE THE LEFT M C | NPUT *

EEEEEEEEEEREE SR EEEEREEEEEEEEREEEEEEEEEEREEREEEEEEEEREEEEEEEEEEREEEEEEEEEEREEE]

LDI ORDERLP- 2, RC ;l oop counter set

LDI @\DDERLH, AR1L ;1 oad address of left channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @RRLH, RO ;load latest error (left) sanple in RO
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STF
STI
CALL
MPYF
STF

RO, *AR1++( 1) %
AR1, @GADDERLH
FIR

4.0, RO

RO, @RRL

;ARL nmodified to point to ol dest
; addr ess updat ed

;subroutine to do FIRfiltering

error (left) signa

;multiply result of FIR by scaling factor of 4

; downsanpled left MC input in ERRL

LR R R R R R E R

* DOWN SAMPLE THE REFERENCE S| GNAL | NPUT

LR R R R R R R E R R

LD
LD
LD
LDF
STF
STI
CALL
MPYF
STF

ORDERLP- 2, RC
@ADDRH, ARL
@\DDLP, ARO
@REFH, RO

RO, * AR1++( 1) %
AR1, @GA\DDRH
FIR

4.0, RO

RO, @REF

;l oop counter set

;l oad address of reference signal

at 8K in ARl

;1 oad address of LPF coefficients in ARD

;load |l atest reference signal in
;ARL nmodified to point to ol dest
; addr ess updat ed

;subroutine to do FIRfiltering

RO

ref erence signa

;multiply result of FIR by scaling factor of 4

; downsanpl ed reference signal in

REF

LR R RS EEEE RS S S EEEE R RS EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREEEEEEEEEEEEE]

* UPSAVMPLE THE LEFT CHANNEL CANCELLI NG SI GNAL

EEEE RS EEEE RS S S EEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEE]

LDl
LD
LD
LDF
STF
STI
CALL
MPYF
STF
LDF

ORDERLP- 2, RC
@\DDCL, AR1
@\DDLP, ARO
@CANCL, RO

RO, * AR1++( 1) %
AR1, @\DDCL
FIR

0. 25, RO

RO, @ANCLH
0.0, R7

;l oop counter set

;| oad address of |eft canceling signal at 2K in ARl

;1 oad address of LPF coefficients in ARD

;load the latest left canceling signal in RO

;ARL nodified to point to ol dest
; addr ess updat ed

;subroutine to do FIRfiltering

| eft canceling signa

;multiply result of FIR by scaling factor of 1/4

; upsanpl ed right canceling output
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STF
STF

SuBI
BNz

R7, @UTR
R7, @ANCRH

1,R5 ; check for downsanpling count

TRAI N2

LR R R R R R R E R R

* PROCESSI NG LOOP AT LOWER SAMPLI NG RATE *

LR R R R R R R R

2K

LDI
LDI
LDI
LDI
LDF
STF

STI
CALL

ORDERC, BK ;circular buffer length set to the order of MS filters
@\DDM_, ARL ;l oad address of left nusic signal (2K) buffer in ARl
@\DDC22, ARO ; ARO points to error path (LL) estimate coefficients
ORDERC- 2, RC ;l oop counter set

@Sl CL, RO ;load the latest left nusic signal at 2K in RO

RO, *AR1++(1)% ;ARL nodified to point to oldest |left nusic signal at

AR1, @G\DDML ; addr ess updat ed
FIR ;subroutine to do FIRfiltering

LR R R RS R EEE RS S S SRR R EE RS S SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* CALCULATI NG THE ERROR FOR PATH L-L  AND UPDATE C22( z) *

LR R R RS EEEE RS S SRR R EE RS S SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREEREEEEEEEEEEES]
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LDF
SUBF
STF
MPYF

LD
LD
LD
CALL

@ERRL, R4 ;get downsanpled left MC error signal in R4

RO, R4 ;calculate the difference

R4, @ERRL ;store the internally conputed difference in CERRL
@, R4 ;multiply the difference with nornalized step size
ORDERC- 2, RC ;l oop counter set

@\DDM_, ARL ;l oad address of left nusic signal (2K) buffer in ARl
@\DDC22, ARO ; ARO points to error path (LL) estimate coefficients
LMS ;call subroutine to do | east nean square update
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LDI
LDI
LDI
CALL

@\DDM_, ARL
@\DDC21, ARO
ORDERGC- 2, RC
FIR

;1 oad address of left nusic signal (2K) buffer in ARl
; ARO points to error path (LR) estimate coefficients
;l oop counter set

;subroutine to do FIRfiltering

LR R R R R R R E R

* CALCULATI NG THE ERROR FOR PATH L- R AND UPDATE C12(z) *

LR R R R R R R R SRR

LDF
SUBF
STF
MPYF

LD
LDl
LD
CALL

@ERRR, R4
RO, R4

R4, @ERRR
@, R4

ORDERC- 2, RC
@\DDML, ARL
@\DDC21, ARO
LMVS

;get downsanpled right MC error signal in R4
;calculate the difference
;store the internally conputed difference in CERRR

;multiply the difference with nornalized step size

;l oop counter set
;l oad address of left nusic signal (2K) buffer in ARl
; ARO points to error path (LR) estimate coefficients

;call subroutine to do | east nean square update

LR RS SR EEE RS S S SRR R EE RS S S EEEEEEE SRR EEEREEREEEEEEREEEEEEEEEREREREEEESEEEEEREESS

* FI LTERED REFERENCE S| GNAL GENERATI ON *

LR R RS EEEE RS S SRR EEE RS S SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREEREEEEEEEEEEEE]

LD
LD
LDF
STF
STI
LD
CALL
LDF

@A\DDYF, ARL
ORDERC- 2, RC
@REF, RO

RO, * AR1++( 1) %
AR1, @GA\DDYF
@\DDC22, ARO
FIR

RO, R3

;l oad address of reference signal buffer in ARL

;l oop counter set

;l oad downsanpl ed reference signal in RO

;AR1 nodified to point to ol dest REF

; addr ess updat e

; ARO points to error path (LL) estimate coefficients
;subroutine to do FIRfiltering

;store filtered ref. signal (LL) in R3
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LDI @A\DDYF, AR1 ;l oad address of reference signal buffer in ARL

LDl ORDERC- 2, RC ;l oop counter set
LDl @\DDC21, ARO ; ARO points to error path (LR) estimate coefficients
CALL FIR ;subroutine to do FIRfiltering

LR R R R R R R R R

* UPDATE REFERENCE S| GNAL BUFFER FOR x’ 21(n) and x’ 22(n) *

B R R R R R R R E SRR

LD @\DDMR22, AR1 ;1 oad address of filtered-X signal (LL) buffer in ARl
LDl ORDERW BK ;circular buffer length set to order of AANC filters
STF R3, *AR1++(1)% ;save filtered-X signal (LL) value

STI AR1, @\DDVR2 ; addr ess updat e

LDI @\DD\V21, AR2 ;load address of filtered-X signal (LR) buffer in ARl
STF RO, *AR2++(1)% ;save filtered-X signal (LR) val ue

STI AR2, @\DD\VR1 ; addr ess updat e

LR R R R R R R E R R

* UPDATE \i2(z) *
Kk ok kA kA kA ko Ak Rk Rk Rk Rk kR kR kR kA kR Rk Rk Rk Rk kR ko ko kA K
LDF @CERRL, RO ;get error signal CERRL in RO
MPYF @, RO ;multiply RO with nornalized step size
LDI @\DDV2, ARO ;1 oad address of W2 filter coefficients in ARO
LDl ORDERW 1, RC ;set repeat counter
RPTB LMS_W ;repeat block up to LMS_ W
MPYF3 * AR1++(1) % RO, R3; cal cul ate the update factor
LDF *ARO, R4 ;get the old coefficient value in R4
SUBF R3, R4 ;cal cul ate new coefficient value
LMS_W2  STF R4, * ARO++( 1) ;update the filter W

EEEEEEEEEEREE S S SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREEEEEEEEEEEEEE]

* GENERATE LEFT CHANNEL CANCELLI NG SI GNAL *
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LR R R R R R R R R

LDI ORDERW 2, RC ;set repeat counter

LDI @\DDY, AR1L ;l oad address of reference signal buffer in ARL
LDI @\DDV2, ARO ;1 oad address of W2 filter coefficients in ARO
LDF @REF, RO ;l oad downsanpl ed reference signal in RO

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest REF

STI AR1, @A\DDY ; addr ess updat e

CALL FIR ;subroutine to do FIRfiltering

STF RO, @ANCL ;store right canceling signal at 2K in CANCL
LDl DOVWNSP, R5 ;rel oad the downsanple count in RS

SUBF 0. 25, R6 ; check for training counter

BNz TRAI N2

LR R R RS R EEE RS S S S EEEEE RS S SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREES]

LR R RS EEEE RS SRR R EE RS S S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

LR R RS SRR EE RS S SRR R EE RS S S EEEEEEE RS EEEREEREEREEEEEEEEEEEEEEEREEREEEEEEEEEEEE]

* AFTER I NI TI AL MODELLI NG W TH ONE CHANNEL COFF ....AT TH S TI ME BOTH *
* THE CHANNELS ARE TURNED ON *
* Signals to be downsanpl ed 1. Right channel input *
* 2. Left channel input *
* 3. Right MC input *
* 4. Left MC input *
* 5. Reference signal *
* Signals to be upsanpl ed 1. Right channel Cancelling signal *
* 2. Left channel Cancelling signal *

EEEEEEEEEEREEEEEEEEREEREEEEEEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEEEREEEEEEEEEEEEE]

EEEEE R EEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEEEEEEEEEEEEEEEEES

AANC LDI COUNT2, R6 ;load counter in R6 and R7 for alternate
LDl COUNT2, R7 ;nodel i ng of error paths
LDl DOWNSP, R5 ;load the downsanple count in R5
LDF 0.0, RO
STF RO, @UTR
STF RO, @RESECHO ;setting outputs in HFCP node to zero
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ANC | DLE

LR R R R R R R R

* DOWN SAMPLE THE RI GHT CHANNEL | NPUT *

LR R R R R R R R E R R R

LDl ORDERLP, BK ;circular buffer length set to the order of LPF

LDl ORDERLP- 2, RC ;l oop counter set

LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDl @A\DDVRH, ARL ;l oad address of right channel nusic signal at 8K in
ARL

LDF @S| CRH, RO ;load latest nusic sanple in RO

STF RO, @UTR ;store latest nusic in QUTR to send out thru' right
speaker

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest nusic sanple

STI AR1, @GADDVRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, R0 ;multiply result of FIR by scaling factor of 4

STF RO, @S| CR ; downsanpl ed right channel input in MJSICR

LR RS SRR EE RS S SR EEE R RS S SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEESEEEEEREESE]

* DOWN SAMPLE THE LEFT CHANNEL | NPUT *

LR EE SRR EEEREE S S S EEEEEE RS EEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREREEEEEEEEEREEE]

LDI ORDERLP- 2, RC ;l oop counter set

LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDI @\DDMLH, AR1 ;l oad address of left channel nusic signal at 8K in ARl

LDF @S| CLH, RO ;load latest nusic sanple in RO

STF RO, @UTL ;store latest nusic in QUTL to send out thru’ left
speaker

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest nusic sanple

STI AR1, G\DDMLH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, R0 ;multiply result of FIR by scaling factor of 4

STF RO, @S| CL ; downsanpl ed | eft channel input in MJSICR
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LR R R R R R E R R

* DOWN SAMPLE THE RI GAT M C | NPUT *

LR R R R R R R R

LDl ORDERLP- 2, RC ;l oop counter set

LDI @A\DDERRH, ARL ;l oad address of right channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @ERRRH, RO ;load latest error (right) sanple in RO

STF RO, *AR1++(1)% ; ARL nodified to point to oldest error (right) signal
STI AR1, @GADDERRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, R0 ;multiply result of FIR by scaling factor of 4

STF RO, @ERRR ; downsanpl ed right MC input in ERRR

LR RS SR EEE RS S S SRR R EE RS S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREESS

* DOWN SAMPLE THE LEFT M C | NPUT *

LR R RS EEEE RS S S EEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREEEEEEEEEEREEE]

LDl ORDERLP- 2, RC ;l oop counter set

LDI @\DDERLH, AR1L ;1 oad address of left channel error at 8K in ARL
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @RRLH, RO ;load latest error (left) sanple in RO

STF RO, *AR1++(1)% ; ARL nodified to point to oldest error (left) signal
STI AR1, @G\DDERLH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, RO ;multiply result of FIR by scaling factor of 4

STF RO, @RRL ; downsanpled left MC input in ERRL

EEEEEEEEEEREEEEEEEEEEREEEEEEEEREEEEEEEEEEREEREEEEEEEREEEEEEEEEEEREEEEEEEEEEEEES

* DOWN SAMPLE THE REFERENCE S| GNAL | NPUT *

EEEEEEEEEEREEEEEEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEEEEEEEEEEEEEREEEEEEEEEEEEES
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LDl ORDERLP- 2, RC ;l oop counter set

LDl @\DDRH, AR1 ;load address of reference signal at 8K in ARL
LDI @\DDLP, ARO ;| oad address of LPF coefficients in ARO

LDF @REFH, RO ;load |l atest reference signal in RO

STF RO, *AR1++(1)% ;ARL nodified to point to ol dest reference signal
STI AR1, @GADDRH ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 4.0, R0 ;multiply result of FIR by scaling factor of 4
STF RO, @REF ; downsanpl ed reference signal in REF

LR R RS EEEE RS S SRR R EE RS SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* UPSAMPLE THE RI GHT CHANNEL CANCELLI NG SI GNAL *

LR R RS EEEE RS S S EEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREREEEEEEEEEREESES

LDl ORDERLP- 2, RC ;l oop counter set

LDI @ADDCR, ARL ;l oad address of right canceling signal at 2K in ARl
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @CANCR, RO ;load the latest right canceling signal in RO

STF RO, *AR1++(1)% ; ARl nodified to point to oldest right canceling signal
STI AR1, @GADDCR ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

MPYF 0.25, RO ;multiply result of FIR by scaling factor of 1/4

STF RO, @CANCRH ; upsanpl ed right canceling output in CANCRH

EEEEEEEEEEREE S S EEEEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEREESES

* UPSAMPLE THE LEFT CHANNEL CANCELLI NG SI GNAL *

EEEEEEEEEEREEEEEEEEEEEEEEEEEEREEEEEEEEEEREEEEEEEEEEEEEEEEEEEREEEEEEEEEEEEEES

LDl ORDERLP- 2, RC ;1 oop counter set

LDl @\DDCL, ARL ;load address of left canceling signal at 2K in ARl
LDI @\DDLP, ARO ;1 oad address of LPF coefficients in ARO

LDF @CANCL, RO ;load the latest left canceling signal in RO
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STF RO, *AR1++(1)% ;ARL nodified to point to oldest |left canceling signal
STI AR1, @GADDCL ; addr ess updat ed
CALL FIR ;subroutine to do FIRfiltering
MPYF 0. 25, RO ;multiply result of FIR by scaling factor of 1/4
STF RO, @CANCLH ;upsanpl ed right canceling output in CANCLH
SUBI 1,R5 ; check for downsanpling count
BNz ANC
EE R R I I R I I I I I R I I R I I I R I I
* PROCESSI NG LOOP AT LOAER SAMPLI NG RATE *
EE R I I I I R R I I I R I R I I O R I O
LDl ORDERC, BK ;circular buffer length set to the order of MS filters
LD @A\DDMR, AR1 ;1 oad address of right nusic signal (2K) buffer in ARl
LDl @\DDC11, ARO ; ARO points to error path (RR) estimate coefficients
LDl ORDERC- 2, RC ;l oop counter set
LDF @S| CR, RO ;load the latest right nusic signal at 2K in RO
STF RO, *AR1++(1)% ;ARL nodified to point to ol dest right nmusic signal at
2K
STI AR1, @GADDVR ; addr ess updat ed
CALL FIR ;subroutine to do FIRfiltering
STF RO, @1 ;store output of error path (RR) filter estimate in W1
LDl @\DDC12, ARO ; ARO points to error path (RL) estimate coefficients
LDl ORDERC- 2, RC ;set |l oop counter
CALL FIR ;subroutine to do FIRfiltering
STF RO, @2 ;store output of error path (RL) filter estinmate in W2
LDI @\DDM_, AR1 ;l oad address of left nusic signal (2K) buffer in ARl
LDl @\DDC21, ARO ; ARO points to error path (LR) estimate coefficients
LDl ORDERC- 2, RC ;l oop counter set
LDF @Sl CL, RO ;load the latest left nusic signal at 2K in RO
STF RO, *AR1++(1)% ; ARl nodified to point to oldest Ileft nusic signal at
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2K

STI AR1, @GADDML ; addr ess updat ed

CALL FIR ;subroutine to do FIRfiltering

STF RO, @21 ;store output of error path (LR) filter estimate in W21
LD @\DDC22, ARO ; ARO points to error path (RR) estimate coefficients
LDl ORDERC- 2, RC ;set |l oop counter

CALL FIR ;subroutine to do FIRfiltering

STF RO, @22 ;store output of error path (LL) filter estimate in W22

LR R R R R R R R R R R

* Cal culate the internally conmputed error signals *

LR R R R R R R E R

LDF @ERRR, R4 ;1 oad the downsanpled right MC error input in R4
LDF @M1, RO

SUBF RO, R4

LDF @21, RO

SUBF RO, R4 R4 <---- R4 - W1 - W1

STF R4, @ERRR ;store R4 in CERRR to update the filters

LDF @ERRL, R4 ;1 oad the downsanpled right MC error input in R4
LDF @M2, RO

SUBF RO, R4

LDF @22, RO

SUBF RO, R4 R4 <---- R4 - W2 - W2

STF R4, @ERRL ;1 oad the downsanpled right MC error input in R4

LR EE RS EEEE RS S S EEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREEEEEEEEEEEEES

* Estimate nusic signal power
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*
* Prx(n) = (1 - beta) * P*x(n-1) + beta * x(n) * x(n)
R S R R R R R R R O

*

LDF @S CR, R5
NORMR  LDF @PONERR, RO ; P*x(n-1) -> RO
LDF @/BETA, R3 : (1 - beta) -> R3
MPYF R3, RO ; (1 - beta) * P*x(n-1) -> RO
MPYF3 R5,R5, RL © x(n) * x(n) -> Rl
LDF @BETA, R2 ; beta -> R2
MPYF R2, R1 ; beta * x(n) * x(n) -> Rl
ADDF R1, RO ; RO+ RL -> RO
STF RO, @®OVERR : RO -> P*x(n)
CALL I NVER
CMPF @H EST, RO
BN ENORMR
LDF @H EST, RO

*

LR EEEEEEEEEE S SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREEEEEEEEEEEEEES

* Invert Px(n) and limt to get 1/nmax[P*x(n), Pmn]
* (Adapted fromthe TMS320C30 User’s Guide, 1991, p. 11-29)

EEEEEEEEEEREEEEEEEEREEREEEEEEEEEEEEEEEEEREEREEEEEEEREEEEEEEEEEEEEEEEEEEEEREEES

ENORVR  LDF @WN, R5
MPYF RO, RS
STF R5, @\PONR
LDF @Sl CL, R5

EEEEEEEEEEREEEEEEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEES

* Estimate left mnusic signal power
*
* Prx(n) = (1 - beta) * P*x(n-1) + beta * x(n) * x(n)

LR R R R R R R R R R R R R R R R R R R R R R
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NORML  LDF @OVNERL, RO . PAx(n-1) -> RO

LDF @/BETA, R3 : (1 - beta) -> R3

MPYF R3, RO ; (1 - beta) * P*x(n-1) -> RO
MPYF3 R5, R5, R1 ;ox(n) * x(n) -> R

LDF @BETA, R2 ; beta -> R2

MPYF R2, R1 ; beta * x(n) * x(n) -> Rl
ADDF R1, RO ;. RO+ Rl ->R0

STF RO, @PONERL ; RO -> P*x(n)

CALL I NVER

CVPF @ EST, RO

BN ENORML
LDF @H EST, RO
ENORML  LDF @/WN, R5
MPYF RO, RS
STF R5, @GN\PONL
SuBI 1, R6 ; decrement counter in R6
BN UP1 ;branch if -ve to update C21(z) and C22(z)
LDF @CERRR, R4 ;load the internally conputed right error in R4
MPYF @NPOR, R4 ;multiply R4 by nornalized step size

LR R RS EEEE RS S S SRR R E R RS S EEEEEEE RS EEEREEEEREEEEEEREREEEEEEEEREREREEEESEEEEEREES]

* Update MS filter Cll(z) *

LR EEEEEEEE RS S S EEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREREEEEEEEEEREEE]

LDI @A\DDVR, ARL ;l oad address of right nusic signal (2K) buffer in ARl
LDl @\DDC11, ARO ; ARO points to error path (RR) estimate coefficients
CALL LMS ;call subroutine to do | east nean square update

LR EE SRR EEE RS SR EEEE RS S EEEEEEEEEEEEREEREEEEEEEEREREEEEEEEEREREEEEEEEEEEEES]

60 Integrated Automotive Signal Processing and Audio System



* Update MS filter Cl2(z) *

LR R R R R SRR

LDF @CERRL, R4 ;load the internally conputed left error in R4

MPYF @NPOR, R4 ;multiply RA by nornalized step size

LDl @ADDMR, AR1 ;1 oad address of right nusic signal (2K) buffer in ARl

LDl @\DDC12, ARO ; ARO points to error path (RL) estimate coefficients

CALL LMS ;call subroutine to do | east nean square update

BR FILT ;skip the updation of MS filters C1(z) and C22(z)
UP1 SuBI 1, R7 ; decrement counter in R7

BN RELOAD

LR R R R R R R R R R

* Update MS filter C21(z) *

LR R R R R R R R E R

LDF @ERRR, R4 ;load the internally conputed right error in R4

MPYF @NPOWL, R4 ;multiply RA by nornalized step size

LDI @\DDM_, AR1 ;l oad address of left nusic signal (2K) buffer in ARl
LDl @\DDC21, ARO ; ARO points to error path (LR) estimate coefficients
CALL LMS ;call subroutine to do | east nean square update

LR R R R R R R

* Update MS filter C21(z) *

LR R RS SR EEE RS S S S EEEEE RS S SRR EEEEE SRR EEEEEREEEEEEREEEEEEEEEREREEEEEEEEEEREES]

LDF @CERRL, R4 ;load the internally conputed left error in R4
MPYF @NPOWL, R4 ;multiply R4 by nornalized step size
LDI @\DDM_, AR1 ;l oad address of left nusic signal (2K) buffer in ARl

Integrated Automotive Signal Processing and Audio System

61



LDI
CALL
BR

RELOAD LDI
LDI

@\DDC22, ARO
LMVS
FILT

COUNT2, R6
COUNT2, R7

; ARO points to error path (LL) estimate coefficients
;call subroutine to do | east nean square update

;skip the reloading the counters

;load counter in R6 and R7 for alternate

;model i ng of error paths

LR R R R R R R R R

* FI LTERED REFERENCE S| GNAL GENERATI ON *

LR R R R R R E R

FILT LDI
LDI
LDF
STF
STI
LD
CALL
LDF

LD
LD
LD
CALL

@\DDYF, AR1
ORDERC- 2, RC
@REF, RO

RO, * AR1++( 1) %

AR1, @\DDYF
@\DDC11, ARO
FIR

RO, R3

@\DDYF, AR1
ORDERC- 2, RC
@\DDC12, ARO
FIR

;l oad address of reference signal buffer in ARL

;l oop counter set

;l oad downsanpl ed reference signal in RO

;ARL modified to point to ol dest REF

; addr ess updat e

; ARO points to error path (RR) estimate coefficients
;subroutine to do FIRfiltering

;store filtered ref. signal (RR) in R3

;1 oad address of reference signal buffer in ARL
;l oop counter set
; ARO points to error path (RL) estimate coefficients

;subroutine to do FIRfiltering

LR R RS EEEE RS S S SRR R E R RS S EEEEEEE RS EEEREEEEREEEEEEREREEEEEEEEREREREEEESEEEEEREES]

* UPDATE REFERENCE S| GNAL BUFFER FOR x’ 11(n) and x’ 12(n) *

LR EEEEEEEE RS S S EEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREREEEEEEEEEREEE]

LD
LD
STF
STI

62

@\DDML1, AR1
ORDERW BK

R3, *AR1++( 1) %

AR1, @G\DDML1

;load address of filtered-X signal (RR) buffer in ARl
;circular buffer length set to order of AANC filters
;save filtered-X signal (RR) val ue

; addr ess updat e
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LDI
STF
STI

LDF

@\DDML2, AR2
RO, * AR2++( 1) %
AR2, @\DDML2

@REF, R5

;l oad address of filtered-X signal

;save filtered-X signal (RL) val ue

; addr ess updat e

(RL) buffer in ARL

LR R R R R R R E R R

* Estimate reference noi se signal power

*

* P x(n)

= (1 - beta) * P*x(n-1) + beta * x(n) * x(n)

LR R R R R R R R R R

*

REFNCR LDF
LDF
MPYF
MPYF3
LDF
MPYF
ADDF
STF
CALL

CVPF
BN
LDF

RENCRM  LDF
MPYF
STF

@REF, RO ;
@VBETA, R3

R3, RO

R5, R5, R1
@BETA, R2

R2, R1

R1, RO

RO, @PREF

I NVER

@ EST, RO
RENORM
@ EST, RO

@WN, R5
RO, RS
R5, @NORMU

PAx(n-1) -> RO

(1 - beta) -> R3

(1 - beta) * P*x(n-1)

x(n) * x(n) -> Rl
beta -> R2

beta * x(n) * x(n)
RO + RL -> RO

RO -> PAx(n)

->

-> RO

R1

LR EEEEEEEEEE S S S EEEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEE]

* UPDATE WL.(z)

EEEEEEEEEEREE SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEEREEEEEEEEEEEEE]
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LDF @CERRR, RO ;load the internally conputed right error in RO

MPYF @NORMU, RO ;multiply RO by normalized step size

LDF @CERRL, R1 ;load the internally conputed left error in Rl
MPYF @NORMU, R1 ;multiply RL by normalized step size

LDI @\DDWL, ARO ;load address of WL filter coefficients in ARO
LDI ORDERW 1, RC ;set repeat counter

RPTB LMS_WA ;repeat block up to LMS_WA

MPYF3  *ARL++(1)% RO, R3; R3 <--- nu*el’ (n)*x’ 11(n)
MPYF3  *AR2++(1)%RL, R4; R4 <--- nu*e2’ (n)*x’ 12(n)

ADDF R3, R4 ;add R3+R4
ADDF3 R4, * ARO, R3 ;cal cul ate the new coefficient val ue
LMS_WA STF R3, * ARO++( 1) ;update filter WL coefficients

LR R R RS R EEE RS S S S SRR EE RS S SRR EEEE RS EEEEEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREESS

* GENERATE RI GHT CHANNEL CANCELLI NG SI GNAL *

LR RS SRR EE RS S S EEEE R RS S EEEEEEE RS EEEREEREEREEEEEEEREEEEEEEEREEREEEEEEEEEEESE]

LDl ORDERW 2, RC ; set repeat counter

LDI @ADDY, ARL ;l oad address of reference signal buffer in ARL
LDI @\DDWL, ARO ;l1oad address of WL filter coefficients in ARO
LDF @REF, RO ;l oad downsanpl ed reference signal in RO

STF RO, *AR1++(1)% ; ARl nodified to point to ol dest REF

STI AR1, @\DDY ; addr ess updat e

CALL FIR ;subroutine to do FIR filtering

STF RO, @ANCR ;store right canceling signal at 2K in CANCR

EEEEEEEEEEEE S S S EEEEEE RS EEEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREREEEEEEEEEEEE]

* FI LTERED REFERENCE S| GNAL GENERATI ON *

EEEEEEEEEEREE S S SR EEEEREEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEEEE]

LDl ORDERC, BK ;circular buffer length set to the order of MS filters
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LDI
LDI
LDF
STF
STI
LDI
CALL
LDF

LDl
LD
LD
CALL

@A\DDYF, ARL
ORDERC- 2, RC
@REF, RO

RO, * AR1++( 1) %
AR1, @GADDYF
@\DDC22, ARO
FIR

RO, R3

@\DDYF, AR1
ORDERC- 2, RC
@\DDC21, ARO
FIR

;l oad address of reference signal buffer in ARL

;1 oop counter set

;| oad downsanpl ed reference signal in RO

;ARL modified to point to ol dest REF

; addr ess updat e

; ARO points to error path (LL) estimate coefficients
;subroutine to do FIRfiltering

;store filtered ref. signal (LL) in R3

;l oad address of reference signal buffer in ARL
;l oop counter set
; ARO points to error path (LR) estimate coefficients

;subroutine to do FIRfiltering

LR R R RS EEEE RS S S S EEEEE RS SRR EEEE RS EEEREEREEREEEEEREEEEEEEEEREREEEEEEEEEEREES]

* UPDATE REFERENCE S| GNAL BUFFER FOR x’ 21(n) and x’ 22(n) *

LR R RS SRR EE RS S S EEEEE RS S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEESEEEEEEEE]

LD
LD
STF
STI

LD
STF
STI

@\DDWVR2, ARL
ORDERW BK

R3, *AR1++( 1) %
AR1, @\DDVR2

@\DDMR1, AR2
RO, *AR2++( 1) %
AR2, @\DDVR21

;load address of filtered-X signal (LL) buffer in ARl

;circular buffer length set to order of AANC filters
;save filtered-X signal (LL) value

; addr ess updat e

;load address of filtered-X signal (LR) buffer in ARl

;save filtered-X signal (LR) val ue

; addr ess updat e

LR EE SRR EEE RS S S EEEEE RS EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREEEEEEEEEEREEE]

* UPDATE \2(z)

LR EE RS EEEEEE S S S EEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEREEEEEEEEEREREREEEEEEEEEREEE]

LDF
MPYF

@CERRR, RO
@\ORMY, RO

;load the internally conputed right error in RO

;multiply RO by normalized step size
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LDF @CERRL, R1 ;load the internally conputed left error in Rl

MPYF @NORMU, R1 ;multiply RL by normalized step size

LDl @\DDW2, ARO ;load address of WL filter coefficients in ARO
LDI ORDERW 1, RC ;set repeat counter

RPTB LMS_ VB ;repeat block up to LMS_WB

MPYF3  *ARL++(1) % R0, R3; R3 <--- nmu*el’ (n)*x’ 21(n)
MPYF3  *AR2++(1) % R1, R4; R4 <--- nmu*e2’ (n)*x’ 22(n)

ADDF R3, R4 ;add R3+R4
ADDF3 R4, * ARO, R3 ;calcul ate the new coefficient val ue
LMS_WB STF R3, * ARO++( 1) ;update filter W2 coefficients

LR R R R R R R SRR

* GENERATE LEFT CHANNEL CANCELLI NG SI GNAL *

LR R R RS R EEE RS S S S EEEEE RS S SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREEEEEEEEEEREES]

LDl ORDERW 2, RC ; set repeat counter

LDI @A\DDY, ARL ;1 oad address of reference signal buffer in ARL
LDI @\DDV2, ARO ;l1oad address of WL filter coefficients in ARO
CALL FIR ;subroutine to do FIRfiltering

STF RO, @ANCL ;store left canceling signal at 2K in CANCL

LDF @/ODE, RO

CVPF @CHECK, RO ; check for the node

BN HFCP

LDl DOVWNSP, R5 ;rel oad the downsanpl e count

BR ANC ;branch back for next iteration

LR E RS SR EEE RS S EEEEEEEEEEEEEEEREEEEEEEEEEEREEEEEEEEEEEEEEEEEREREREEEEEEEEEEEE]

* HFCP node: To do adaptive noi se cancellation and acoustic echo *

* cancel | ation *

LR EE RS EEEEREE S S S EEEEEE RS EEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREEEEEEEEEEEEEE]
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HFCP LDF
STF

| | STF

STF

| | STF

LDF

LD

NEXT | DLE
SUBF
BN

LDF
STF

LD
LD
LD
STF
STI

CALL

LDF
SUBF

MPYF
LD
LD
LD
CALL
BR

0.0, RO

RO, @UTR
RO, @UTL
RO, @ANCRH
RO, @ANCLH
@DOUNTER, R6
ECHCFI L, BK

0. 25, R6
NEXT1

@Sl CRH, RO
RO, @UTR

@\DDW AR1
@\DDEFI L, ARO
ECHCFI L-2, RC

RO, * AR1++( 1) %

AR1, @\DDW

FIR

@ERRLH, R4
RO, R4

@, R4
@\DDW ARL
@\DDEFI L, ARO
ECHCFI L-2, RC
LMS

NEXT

;setting the output’s in AANC node to zero

;set counter for initial nodeling

;load the size of echo path filter in BK register

;check for the initial nobdeling counter

;if expired stop initial nodeling

;load the latest nusic signal in RO

;send out RO through the right speaker

;load address of right nusic signal buffer in ARL
;load the address of echo path filter in ARO

;set |l oop counter

;ARL nodified to point to oldest right nusic signa

; addr ess updat e

;subroutine to do FIRfiltering

;get the signal picked up by left MCin R4

;calculate the internal error

;multiply RA with the normalized step size

;l oad address of right nusic signal buffer in ARL
;load the address of echo path filter in ARO

;set |l oop counter

;call subroutine to do | east nean square update

; l oop back
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LR R R R R R R R R

* After

initial nodeling of echo path..full HFCP node is ON now *

LR R R R R R R

NEXT1 LDF
STF
STF
LDI
LDI

ECHO | DLE

LDF

CWPF
BNN

0.0, RO

RO, @UTR ;initialize the variables to zero

RO, @GRESECHO

1,R6 ;set initial hangover counter for far-end speech to 1
1, R7 ;set initial hangover counter for double talk to 1
@VODE, RO

@CHECK, RO ; check for the node

AANC

LR R RS SR EEE RS S S SRR EEE RS S SRR EEEE S SRR EREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* Adapti ve noi se cancel |l ati on (ANC) *

LR RS SR EEE RS S SRR R EE RS S SRR EEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEEEE]

LDF
LD
LD

LD

STF
si gnal

STI
LD
CALL

LDF

68

@REF, RO ;load the reference noise signal in RO
@\DDENC, ARO ;load the address of ANC filter in ARO
@ADDR, ARL ;load the address of reference noise signal buffer in
ORDERWA, BK ;circular buffer length set to the order of ANC filter

RO, *AR1++(1)% ;ARL nodified to point to the ol dest reference noise

AR1, @GADDR ; addr ess updat e

ORDERW 2, RC ;set |1 oop counter

FIR ;subroutine to do FIRfiltering
@ERRLH, R4 ;load the left MCinput in R4

Integrated Automotive Signal Processing and Audio System



SUBF
STF

MPYF
LD

LD
LD
CALL

LDF
STF

; Cal |

CALL
estimate

CALL
estinmate

CALL
estimate

SUBF3

BN

LDF
W N1 SUBF
SUBF

BN

LD

LD
LD

LD
LDF
STF

RO, R4
R4, @CNOUT

@, R4
@\DDR, AR1

@\DDENC, ARO
ORDERW 2, RC
LMVS

@ ARENSP, RO
RO, @UTR

VSPOVER

SPOVER

LPOVER

R2, R3, R4
W N1
R2, R3

R3, R1
@PTHR, R1
DN

HOCNT, R6

@\DDEFI L, ARO
@\DDFENS, AR1

ECHCFI L-2, RC
@ ARENSP, RO

RO, * AR1++( 1) %

;calculate the difference to renove noi se

;store the noise free input

i n ENCOUT

;mul tiply ENCOUT with normalized step size

;load the address of

;load the address of ANC filter

; set

; cal

| oop counter

ref erence noise s

in ARO

ignal buffer

subroutine to do | east nmean square update

;load far end reference speech in RO

;send out far-end speech through the | oudspeaker

; cal

; cal

; cal

subroutines to calculate the power estimates for the three w ndows

in

subroutine to cal culate very short w ndow power

subroutine to cal cul ate short w ndow power

subroutine to cal culate | ong wi ndow power

;check if SPONER > LPONER

;1 f not

do not swap

; change | ong wi ndow to short w ndow

;sub very short w ndow from short w ndow

;conpare result with speech threshold

; skip speech flag over if speech not

PRESENT

;set the far-end speech hangover counter

;load the address of echo path filter in ARO

;load the address of far-end speech signa

; set

| oop counter

;load far end reference speech in RO

buf f er

; AR1L points to the ol dest far-end speech

Integrated Automotive Signal Processing and Audio System

in

69



STI AR1, @GADDFENS ; addr ess updat e

CALL FIR ;call subroutine to do FIRfiltering
LDF @ECNOUT, RL ;load the output of ANCin Rl
SUBF RO, R1 ;subtract the FIR output fromRl to cancel echo
STF R1, @RESECHO ;store Rl in RESECHO
ko ok kA ko Ak kA ko Kk Kk Rk Kk Kk kR kR kR kR kK Rk Kk Rk Kk Rk kR ko kK k
* Doubl e Tal k detection *
ok k kA ko Ak kA kK Kk Kk Rk Kk Rk ko kR kR kR kK Rk Kk Rk Kk kR kR ko ko Kk
LDF @ECNOUT, RO ;load the output of ANCin RO
CALL SPONDT1 ;call subroutine to cal cul ate power of RO
LDF R2, R3 ;store new power in R3
LDF @RESECHO, RO ;load the residual echo signal in RO
CALL SPONDT2 ;call subroutine to calculate power in RO
LDF R2, RO ;l oad new power in RO
CALL I NVERF ;call routine to find inverse of RO
MPYF R3, RO ; RO=R3/ RO
SUBF @'HRESDT, RO ;check if RO is greater than double talk threshold
BNN NT1 ;if yes branch to check for hangover counter for far-
end speech
LDl HC, R7 ;el se | oad hangover counter for Double talk
BR ECHO ; branch back for next iteration
NT1 SUBI 1, R7 ; decrenment the hangover counter for Double talk
BNZ ECHO ;if not zero branch back for next iteration
;el se do update of echo path filter
LDF @-ARENSP, R5 ;load the current speech sanple in R5
LDF @ECHOPO, RO ; PAx(n-1) -> RO
LDF @VBETA, R3 (1 - beta) -> R3
MPYF R3, RO (1 - beta) * P*x(n-1) -> RO
MPYF3  R5,R5, Rl ;x(n) * x(n) -> Rl
LDF @BETA, R2 :beta -> R2
MPYF R2, R1 ;beta * x(n) * x(n) -> R1
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ADDF
STF

CALL
CVPF
BN
LDF

*

LR R R RS EEEE RS S S S EEEEE RS S SRR EEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEREES]

* Conput e adaptive step size

*

* mu( n)

*

ENCRM  LDF
MPYF
LDF
MPYF
LD
LD
LD

CALL

LD

BR

DN SuBI
Bz

LD
LDl

LD

R1, RO
RO, @CHOPO

I NVERF
@ EST, RO
ENORM
@ EST, RO

@WN, R4

RO, R4
@RESECHO, RO
RO, R4
@\DDEFI L, ARO
ECHOFI L- 2, RC
@\DDFENS, AR1
LMS

1, R7

ECHO

1, R6

ENDFLAG
@\DDEFI L, ARO
@\DDFENS, AR1
ECHCFI L-2, RC

RO+ RL -> RO
;RO -> Px(n)

; cal

subroutine to find the inverse of power

;conpare 1/P"x with 1/Pmin

if 1/P*x < 1/Pmn,

i f 1/Px > 1/ Pm n,

= (alpha/L) / max[Px(n),

LR RS SRR EE RS S EEEEEE RS EEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREEEEEEEEEEEEES

;calculate the nornalized step size

;mul tiply

;load the

; set

;load the

; cal

;reset the doubl e tal k hangover counter

Pmi n]

| oop counter

branch to ENORM

RO = 1/Pmin

nornel i zed step size with residua

address of far-end speech signa

echo

address of echo path filter in ARO

buf f er

subroutine to do | east nmean square update

; branch back for

; decrement the hangover counter for far-end speech

next

iteration

;if zero=no far-end speech

;load the address of echo path filter in ARO

;load the address of far-end speech signa

; set

| oop counter
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LDF
STF
STI
CALL

LDF
SUBF
STF

@ ARENSP, RO

;load far end reference speech in RO

RO, *AR1++(1)% ; ARL points to the ol dest far-end speech

AR1, @GADDFENS

FIR

@ECNOUT, R1
RO, R1
R1, @RESECHO

; addr ess updat e

;call subroutine to do FIRfiltering

;load the output of ANCin Rl
;subtract the FIR output fromRl to cancel echo
;store R1 in RESECHO

LR R R R R R E R

*

Doubl e Tal k detection

LR R R R R R R R

LDF
CALL
LDF
LDF
CALL
LDF
CALL
MPYF
SUBF
BNN

end speech

NT2

72

LD
BR

SuBI
BNZ

LDF
LDF
LDF
MPYF
MPYF3

@ECNQOUT, RO
SPONDT1

R2, R3
@RESECHO, RO
SPONDT2

R2, RO

I NVERF

R3, RO
@HRESDT, RO
NT2

HC, R7
ECHO

1, R7
ECHO

@ ARENSP, R5
@ECHOPO, RO
@VBETA, R3
R3, RO

R5, R5, R1

;load the output of ANCin RO

;call subroutine to cal cul ate power of RO

;store new power in R3

;1 oad the residual echo signal in RO

;call subroutine to calculate power in RO

;| oad new power in RO

;call routine to find inverse of RO

; R0=R3/ RO

;check if RO is greater than double talk threshold

;if yes branch to check for hangover counter for far-

;el se 1 oad hangover counter for Double talk

;branch back for next iteration

; decrement the hangover counter for Double talk
;if not zero branch back for next iteration

;el se do update of echo path filter

;load the current speech sanple in R5
; PAx(n-1) -> RO

; (1 - beta) -> R3

;(1 - beta) * Px(n-1) -> R0

;xX(n) * x(n) -> RL
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LDF
MPYF
ADDF
STF

CALL
CVPF
BN
LDF

*

LR E R RS EEEE RS S SR EEEE RS S EEEEEEE RS EEEREEREEREEEEEEREEEEEEEEEREREREEEEEEEEEEES]

* Conput e adaptive step size

*

* mu( n)

*

ENORML  LDF
MPYF
LDF
MPYF
LD
LD
LDl

CALL

LD

BR

ENDFLAG LDF

STF

LD
BR

@BETA, R2
R2, R1

R1, RO

RO, @CHOPO

I NVERF
@ EST, RO
ENORML
@ EST, RO

= (alpha/L) / max[Px(n),

EEEEEEEEEEEE S S EEEEEEE RS S EEEEEEEEEEEEREEREEEEEEEEEREEEEEEEEREREREEEEEEEEEEESE]

@WN, R4

RO, R4
@RESECHO, RO
RO, R4
@\DDEFI L, ARO
ECHOFI L- 2, RC
@\DDFENS, AR1

LMS

ECHO

@ECNOUT, RO
RO, @GRESECHO
1, R6

ECHO

;beta -> R2

;beta * x(n)

* x(n) -

RO+ RL -> RO

;RO -> Px(n)

; cal

> R1

;conpare 1/P*x with 1/Pmin

if 1/PMx < 1/ Pmn,

;i f 1/ P >

Pmi n]

;cal culate the nornalized step size

;multiply nornmalized step size with residua

1/ Pmin,

branch to ENORML

RO = 1/Pmin

subroutine to find the inverse of power

echo

;load the address of echo path filter in ARO

;set | oop counter

;load the address of far-end speech signa

; cal

;reset the doubl e tal k hangover counter

; branch back

for next

iteration

;if no far-end speech present

;send output of ANC as transmt signa

;reset hanover counter for far-end speech

; branch back

for next

iteration
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LR R R R R R R E R

* Speech Power Signal Interrupt Service Routine (Very Short W ndow)

* For speech detections - 4nms w ndow

* Par amet er passed in as RO passed out as Rl

* Overwitten registers - RL, R4

LR R R RS EEEE RS S S SRR R E R RS SRR EEEEE RS EEEEEREEREEEEEREEREEEEEEEREREREEEEEEEEEREESS

*

VSPONER MPYF3 RO, RO, R1 ; Square input
MPYF @/SBETA, RL . Viéi ght i nput
LDF @/SOPOVE, R4 ; Weight old input
MPYF @/SOVBET, R4
ADDF3 R1, R4, R1 ; Add together
STF R1, @/SOPONE ; Store in old power for next iteration
RETS

*

EEEEEEEEEEREE S S SR EEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEEREEEEEEEEEEREESE]

* Speech Power Signal Interrupt Service Routine (Short W ndow)

* For speech detections - 16ns w ndow

* Par amet er passed in as RO passed out as R2

* Overwitten registers - R2, R4

LR R R R R R R R

*

SPONER MPYF3 RO, RO, R2 . Square input
MPYF  @SBETA R2 © Wi ght input
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LDF @BOPONER, R4 ;. Weight old input
MPYF @BOVBETA, R4

ADDF3 R2, R4, R2 ; Add toget her
STF R2, @GOPOVER ; Store in old power for next iteration
RETS

*
LR R R R R R R SRR

*

* Power Signal Interrupt Service Routine (Long w ndow)

* For convergence of error signal - 1 s w ndow

* Par amet er passed in as RO passed out as R3

* Overwitten registers - R3,R4

EEEE RS EEEE RS S S EEEEEEEEEEEEEEEEEEEEEEREEREEEEEEEEREEEEEEEEEREREREEEEEEEEEEEE]

*

LPONER MPYF3 RO, RO, R3 ; Square input
MPYF @BETA R3 . Veei ght i nput
LDF @.OPONER, R4 ; Weight old input
MPYF @Q.OVBETA, R4
ADDF3 R3, R4, R3 ; Add toget her
STF R3, Q. OPONER ; Store in old power for next iteration
RETS

EEEEEEEEEEREEEEEEEEREEREEEEEEEEEEEEEEEEEEEEEEEEEEEEREEEEEEEEEEREEEEEEEEEEEEE]

*

SPOADT1 MPYF3 RO, RO, R2 ; Square input
MPYF @/SBETA, R2 Vi ght input
LDF @0PCDT1, R4 ; Weight old input
MPYF @/SOVBET, R4
ADDF3 R2, R4, R2 ; Add toget her
STF R2, @OPCDT1 ; Store in old power for next iteration
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RETS

*
LR R R R R R R R E R R

*

SPONDT2 MPYF3 RO, RO, R2 ; Square input
MPYF @/SBETA, R2 : Wi ght i nput
LDF @0PCDT2, R4 ; Weight old input
MPYF @/SOVBET, R4
ADDF3 R2, R4, R2 ; Add toget her
STF R2, @OPODT2 ; Store in old power for next iteration
RETS
ok ok ok ko Ak kA kA kK Rk Rk Rk Rk ko kR kR Rk kR Rk Rk Rk Rk Rk kR ko kA K
I NVER PUSHF RO ; push floating point value of P*x
POP R1 ; pop value as signed integer -> R1
ASH -24,R1 ; right shift 24 bits to get exponent e
NEG R1 ; negate exponent to get -e
SUBI 1,R1 ; RL = -e - 1, the exponent of x[O0]
ASH 24, R1 ; left shift 24 bits
PUSH R1 ; push floating point value
POPF R1 : Rl =x[0] =1.0* 2**(-e - 1)
MPYF3 RL, RO, R2 . R2 = Px * x[0]
SUBRF 2.0,R2 ; RR = 2.0 - P * x[0]
MPYF R2, Rl : Rl = x[1] =x[0] * (2.0 - P*x * x[0])
MPYF3 RL, RO, R2 R = Prx ¢ x[1]
SUBRF 2.0,R2 ; RR = 2.0 - P * x[1]
MPYF R2, RL DRl = x[2] = x[1] * (2.0 - P*x * x[1])
MPYF3 RL, RO, R2 DR = Px ¢ ox[2]
SUBRF 2.0,R2 ; RR = 2.0 - P * x[2]
MPYF R2, R1 Rl = x[3] =x[2] * (2.0 - P*x * x[2])
MPYF3 R, RO, R2 . R2 = Px * x[3]
SUBRF 2.0,R2 ; RR = 2.0 - P * x[3]

76 Integrated Automotive Signal Processing and Audio System



MPYF R2, R1 ; RL = x[4] = x[3] * (2.0 - P*x * x[3])

RND R1 ; This minimzes error in the LSBs

MPYF3 R1, RO, R2 ; R2 = PMx * x[4]

SUBRF 1.0,R2 . R2 = 1.0 - Px * x[4]

MPYF Rl, R2 © R2 = x[4] * (1.0 - Px * x[4])

ADDF R2, R1 ; RL = x[5] = x[4] * (1.0 - P*x * x[4]) + x[4]
RND R1, RO ; round x[5] -> RO = 1/ P"x

LR R R R R R R E R R

* Subroutine to do FIR filtering *

LR R RS SR EEE RS S S SRR R EE RS SRR EEEEE SRR EREEREEREEEEEEREEEEEEEEEEREEEEEEEEEEREESS

FIR MPYF3  * ARO++( 1) % * ARL++( 1) % RO ;multiplies WA(N-1)*x(n-(N-1))
WA(N-1) is the N1 th filter
;coefficient pointed to by ARO
;and x(n-(N-1)) is the ol dest input
;signal data pointed by ARL

NOP

LDF 0.0, R2 ;initialize R2 to O

RPTS RC ;set up counter to perform summation
;fromO to N2, where Nis the order of
;the filter concerned

MPYF3 *ARO++( 1) % *ARL++( 1) % RO ;multiple remaining [O,..,N2] filter
;coefficients with input signal
;data x(n),..... x(n-(N-2)) and save
;result in RO

|| ADDF3 RO, R2, R2 ;in addition to multiplication add

;previous sunmation into R2 thus
;perform ng convol ution between filter
;coefficients and signal data

ADDF3 RO, R2, RO ;add | ast product

RETS ;return to main program

LR R R R R R R R R R R R R R R R
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* Subroutine to perform LM adaption *

LR R R R R SRR

LVB MPYF3

RPTB

MPYF3

| | ADDF3

ADAP STF

ADDF3
STF
RETS

* ARL++( 1) % R4, RL

ADAP

* ARL++( 1) % R4, RL

R1, * ARO,

R2, * ARO++( 1)

R1, * ARO,

R2, * ARO

R2

R2

;x(n-(N-1))*nu*err --> R1

;multiply oldest signal data with the
;product of mu and error signal e(n)
;repeat N-2 tines where Nis the order

;of filter being updated

mul tiply remaining signal vector data

with product nu*e(n) and save result in Rl
in parallel, add the previous product to
correspondi ng adaptive filter coefficient
to get new coefficient

update the filter coefficients

add | ast product
update Oth filter coefficient

return to the main program

LR EE RS EEEE RS S S EEEEEEEE S EEEEEEEEEEEEREEREEEEEEEEEEEEEEEEEREREREEEEEEEEEEESS

* Interrupt service routine for both systemboard and |/ 0O board *
* 4 Channel |/0O board *
* Channel AO: I nput :Fromright m crophone *
* Qut put: To right speaker *
* *
* Channel A1l1: Input :Fromleft m crophone *
* Qut put: To | eft speaker *
* *
* Channel BO I nput : Stereo system i nput *
* *
* Channel Bl I nput : Reference noise signal input *
* *
* Syst em Boar d *
* Channel A | nput : Mode i nput *
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Channel B

nput : Receive signal fromcellular phone *

Qut put: Transmt signal to cellular phone *

LR R R R R R R R R

I SR PUSHF
PUSH
PUSHF
PUSH
PUSH
PUSH
LD
LD
TSTB
BNZ
LDl
LD

LDl
LD
ASH
FLOAT
MPYF
STF

LDF
LDF
ADDF
MPYF
FI X
LSH
STI

LD

R4
R4

RS

R5

ARO

ARL

@RD S_A, ARL
*ARL, Rl
@STMASK, RL

| SR_END

@ NTS_A, ARL
*ARL, Rl

@Ho_A, ARL
*ARL, R5
-16, R5

R5, RS
@32768, R5
RS, @RRRH

@UTR, R5
@CANCRH, R4
R4, RS
@32767, R5
R5, RS

16, RS
R5, * ARL

@HL_A ARL

Load the board status

Test to see if interrupt is fromsite A

Branch if not

| oad the address of channel A0 in ARL
store value fromA/'Din R5

shift by 16 bits

convert to floating point format

scal e the input

store the right MC input

get right speaker output in R5

;get right channel cancelling signal in R4
;add R4 and R5

;scale R5 by 32767

;convert R5 to integer value

;shift left by 16 bits

out put signal to secondary source

;1 oad address of channel Al in ARL
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LDI *AR1, RS ;store value fromA/'Din R5

ASH -16, R5 ;shift by 16 bits

FLOAT R5 ;convert to floating point format

MPYF @532768, R5 ;scal e the input

STF R5, @RRLH ;store the left MC input

LDF @UTL, R5 ;get left speaker output in RS

LDF @CANCLH, R4 ;get left channel cancelling signal in R4

ADDF R4, R5 ;add R4 and R5

MPYF @532767, R5 ;scale R5 by 32767

FI X R5, R ;convert R5 to integer val ue

LSH 16, R5 ;shift left by 16 bits

STI R5, * ARL ;output signal to secondary source

LDI @HO_B, ARL ;1 oad address of channel BO in ARL

LDI *AR1, RS ;store value fromA/Din R5

ASH -16, R5 ;shift by 16 bits

FLOAT RS ;convert to floating point fornat

MPYF @532768, R5 ;scal e the input

STF R5, @S| CRH

STF R5, @S| CLH ;store the stereo system i nput

LDI @H1_B, ARL ;1 oad address of channel Bl in ARL

LDI *AR1, RS ;store value fromA/Din R5

ASH -16, RS ;shift by 16 bits

FLOAT RS ;convert to floating point fornat

MPYF @532768, R5 ;scal e the input

STF R5, @REFH ;store the reference noise signal
Kk ko k kA kA kA kR R kR R R Rk Rk Rk kR Rk kR Rk A Rk R kR R K Rk Rk Rk Kk Rk kA K
* 1/0 on the system board *
Kk kA ok kA kA ok kA kR A Kk R kR Ak Rk Rk kR Rk kR Rk Kk R Rk A Rk Rk Rk Rk Rk ko kK K

LDI @\DDCHA, AR1 ;1 oad address of channel A in ARL

LDI *AR1, RS ;store value fromA/'Din R5
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ASH
FLOAT
MPYF

LDI
LDI
LDF
STF
STF
STI

LD
LD
ASH
FLOAT
MPYF

LD
LDF
STF
STF
STI

LD
LDF
LDF
STF
STI

MPYF
FI X
LSH
STI

-16, R5
R5
@532768, R5

@ELAY1, ARO
DELAY, BK

* ARO, R4

R4, @/ODE

RS, * ARO++( 1) %
ARO, @ELAY1

@\DDCHB, ARL
*AR1, RS
-16, R5

R5
@532768, R5

@ELAY2, ARD

* ARO, R4

R4, @ARENSP
RS, * ARO++( 1) %
ARO, @ELAY2

@ELAY3, ARD

* ARO, R5
@RESECHO, R4
R4, * ARO++( 1) %
ARD, @ELAY3

@532767, R5
R5, RS

16, RS

R5, *AR1L

;shift by 16 bi
;convert to flo

;scale the inpu

;| oad address o
;circular buffe
;load the del ay
;store the dela
;store the curr

; updat e address

;1 oad address o
;store value fr
;shift by 16 bi
;convert to flo

;scale the inpu

;1 oad address o
;load the del ay
;store the dela
;store the curr

; updat e address

;l oad address o
;load the del ay

;load the curre

;store the current output at the address point

; addr ess updat e

;scale R5 by 32
;convert R5 to
;shift left by

;out put signa

ts
ating point fornat

t

f delay buffer 1 in ARO
r size set to del ay
ed input in R4

yed i nput

ent input at the address pointed by ARO

f channel B in ARl
omA/Din R5

ts

ating point fornat

t

f delay buffer 2 in ARO
ed input in R4

yed i nput

ent input at the address pointed by ARO

f delay buffer 3 in ARO
in R
in R4

ed out put

nt out put

767
i nteger val ue
16 bits

to transmt out put
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| SR_END:

82

AND
POP
POP
POP
POPF
POP
POPF
RETI

.end

OFFFEh, | F
AR1
ARO
RS
RS
R4
R4

;Clear the C30's interrupt register

;return fromthe interrupt service routine

Integrated Automotive Signal Processing and Audio System



IMPORTANT NOTICE
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