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ABSTRACT

This report presents an attempt to create an echo canceller using a DSP (Digital Signal

Processor) chip. The report goes through the steps taken to design the system and

implement it on Analog Devices ADSP â 21065L EZ-KIT Lite. The filter used in the

implementation was a transversal FIR filter and the algorithm used for updating the

adaptive filter coefficients was LMS (Least Mean Square). The system performs well

for echo delays of up to 10ms with an attenuation of approximately 20dB of echo

attenuation. The number of filter taps used was 64.
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1.0 INTRODUCTION

1.1 Chapter Overview

This chapter explains the project giving information about its aims and objectives. It

also gives some background information on the tools used and the layout of the

project.

1.2 Project introduction

The very concept of communication involves the presence of at least one speaker

and a listener  that interchange roles. A speaker s  task is to transmit to the

listener  some information (data). This data propagate through a medium usually

either air or a cable conductor. During this propagation of data part of it are reflected

back to the speaker  thus an echo is created. If the delay between the transmission of

the data signal and the echo signal is small and at the same time the amplitude of the

echo signal is small compared to the initial transmitted data then the echo signal is not

noticeable. If the delay exceeds a few tens of milliseconds and its amplitude is not

negligible compared to that of the initial transmitted signal the echo is noticeable and

presents a communication problem. In voice data communications is a nuisance and in

data communications can cause data corruption or be falsely mistaken as valid data

itself.

This report focuses on the elimination of echo in communications by the use of an

adaptive filtering technique.

1.3 Project Aims and Objectives

The objective of this project was to create an echo cancelling module for use mainly

to deal with acoustic echo, which results from the reflection of sound waves and

acoustic coupling between the microphone and loudspeaker as well as with electrical

echo, generated the two-to-four wire conversion hybrid transformer due to network

impedance mismatch.
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The echo canceller would have to utilize a DSP (Digital Signal Processor) for

processing the necessary adaptive filtering algorithm. The DSP used was the ADSP-

21065L SHARC. The algorithm was the well known and established, LMS (Least

Mean Square).

To achieve the objective the work was roughly split into the following three stages:

STAGE 1:

Derive a system design and figure its mathematical modelling. This was also the first

aim.

STAGE 2:

Set-up the DSP hardware and start the implementation of the theoretical design.

STAGE 3:

Test and debug the system to achieve real-time echo cancellation.

1.4 Equipment Used

Below is a list of the equpment used to create and test the echo canceller system.

· Signal generator1: LEVELL Function Generator Type TG 303

· Signal generator2: LEVELL Function Generator Type TG 303

· DSP Chip: ADSPã 21065L EZ-LITE Developing Board

· Computer/Software: PC running windows98 with Analog Devices VisualDSP

                                              software installed

· Oscilloscope1: HAMEG Storage Oscilloscope HM 205-3

· Oscilloscope2: Digital Oscilloscope (used for generating printout results)

· Set of custom audio Cables

· Noise Generator: H01-3722A Noise Generator
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2.0 BASIC THEORY OF ECHO

2.1 Chapter Overview

This chapter describes basic information about the types of echo in communication

systems and ways to eliminate the problem caused by the echo effect. It briefly

describes the operation of an echo suppressor and an adaptive echo canceller.

2.2 What Is Echo

Echo as mentioned in the introduction is the delayed or distorted signal reflection that

returns to its source. There are mainly two types of echo the acoustic echo and the

electrical echo.

2.2.1 Acoustic Echo

When we have a microphone in close proximity to a loudspeaker what usually results

is acoustic coupling between the two. This problem was first noticed when the first

telephones that offered a loudspeaker option for hands-free conversations. The

speaker s voice is coupled through the listener s microphone and so an echo is

created. The following figure (fig.1) illustrates the procedure.

Far End    (A)                    A                                 Near End
Speaker                                                                 Listener

                                                               Acoustic
                                                             Coupling (xA)

Far End                                                                 Near End
Listener                                                          (B) Speaker
                                             B+xA

Figure 1 Echo generation by acoustic coupling at the near-end speaker
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2.2.2 Electrical Echo

Electrical echo is the echo generated whenever a transmission line carrying a signal is

not properly terminated. In a telephone network the main source of electrical echo is

at the hybrid when connecting a two-wire transmission line (telephone) to a four-wire

transmission line to allow for full duplex communication. The following figure (fig.2)

illustrates the concept:

Two-wire                           Four-wire trunk network         Two-wire
Subscriber         Subscriber
Loop (S1)          Loop (S2)

Echo   Echo

Figure 2 Echo Transmission within a telephone hybrid network

The hybrids function is to direct the signal energy from S1 and S2 to the upper and

lower paths of the four-wire network circuit without allowing any leakage back to the

two sources over the opposite direction line pairs.Ref[1]. Unfortunately due to the

impedance mismatching some of the transmitted signal returns to its original source

thus an echo occurs. A delay of up to 1-2 milliseconds can be tolerated or even go

unnoticed but as the signal round trip increases the echo becomes more noticeable and

annoying. Typical values for long distance communication (satellite communication)

round trip is 300-600 msec. delay. This proves to be a serious problem.

2.3 Echo Cancellation

There are various techniques for cancelling echo. The two most prevailing in

everyday modern communication systems are Echo Suppression and Adaptive

Filtering. Echo suppression the oldest technique for echo cancellation dates back to

the 1950 s. It was used both in terrestrial and non-terrestrial communications but

exhibited poor performance in the later. Adaptive filtering was first introduced in

1960 s by AT&T Bell laboratories and progressively became more and more popular

as digital technology allowed compact, fast and economic real time signal processing

units (DSP s).

Hybrid Hybrid
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2.3.1 Echo Suppresser

Echo suppresser is mainly a device that detects the level of speech on an active

channel. Depending on the threshold of that level anything above is treated as speech

and passes through as opposed to anything below that is treated as noise or echo and

is therefore heavily attenuated. Such a scheme may work satisfactorily for terrestrial

circuits and echo delays of less than 100ms but for satellite communication were

400ms echo delays are typical, performs poorly. Another problem with such a system

is that it is heavily depended on the speech/echo classification system it involves. This

sub-system discriminates between forward speech and echo, based mainly on the

signal amplitude level, high level for speech, low level for echo and is exactly this

feature that poses a problem, when sometimes it allows high level of echo to pass

through as speech and low level of speech to be attenuated as echo. Furthermore an

echo suppressor cannot operate during double-talk and produces choppy echo. These

are also the main reasons why echo suppressors are being replaced by adaptive echo

cancellers.

2.3.2 Adaptive Filter Echo Canceller

As mentioned in the introduction adaptive echo cancellers were initially developed

during the 1960 s by AT&T Bell laboratories. The implementation of an adapting

echo canceller system was introduced in a satellite network where echo delays

exceeded 600ms. The project was a success. As illustrated in figure 3a,b below the

basic function of an adaptive echo canceller is to predict the echo Y(n) added to the

receive path signal d(n) and subtract it thus giving a clear output signal e(n). This

echo cancelling system is appropriate for both types of echo namely electric (fig.3a)

and acoustic (fig.3b).
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Far End x(n)
Speaker Two-wire

Subscriber
Loop

Y(n)
-

    +
Far End
Listener e(n)                d(n)

Figure 3a The adaptive filter removes Far End Speaker echo from hybrid return
                 path d(n). The location of the filter is as close to the Far End
                 Speaker/Listener as possible.

Far End x(n)                                                                    Near End
Speaker Listener

Acoustic
Coupling

Y(n)
-

    + Near End
Far End Speaker
Listener e(n)                d(n)

Figure 3b The adaptive filter removes Far End Speaker echo from the Near End
                Speaker path d(n). The location of the filter is as close to the Far End
                 Speaker/Listener as possible.

The adaptive filter is a digital filter with variable coefficients, which means its

frequency response can be modified. The coefficients update according to some

criterion to give the desired prediction for the echo signal by means of an algorithm

that continually monitors the error output of the system. More specifically the

predicted echo is generated by the input signal x(n) and the system error e(n),

( ) ( ) ( )nYndne -= equation 1.

Adaptive
Filter

+

Hybrid

Adaptive
Filter

+



Un
ive

rs
ity

 O
f H

er
tfo

rd
sh

ire

MSc Project Report 11
Echo cancellation using ADSP 21065L

where :

e(n) is the system output

d(n) is the incoming signal with the actual echo and

Y(n) is the predicted echo.

There are many types of adaptive filter designs used in a variety of applications where

frequency manipulation of a signal is needed. In this project a transversal FIR (Finite

Impulse Response) filter was used and is discussed later on chapter 5.3.
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3.0 HARDWARE

3.1 Chapter Overview

This chapter gives information and basically presents the hardware used in this

project. Namely the ADSP 21065L SHARC digital signal processor.

3.2 Analog Devices ADSP21065L

Analog Devices is an American company that specializes in designing and

manufacturing a variety of linear, mixed-signal and digital signal processing

integrated circuits. ADSP 21065L is a member of a large family of DSP chips

utilising the Super Harvard Architecture (SHARC). It is a 32-bit general purpose DSP

that allows programming in fixed or floating-point arithmetic. The chip comes with a

developing board under the package named ADSP 21065L SHARC EZ-LAB.

The following figure (Fig.4) illustrates the general structure of the device.

Figure 4 General Overview of ADSP 21065L
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3.2.1 The Processor

 A powerful 32-bit processing 32-bit words essential for processing 20- and 24-bit

input signals. It is capable of 60 MIPS (Million Instructions Per Second) with an

average 180 MOPS (Million Operations Per Second) and 198 MFLOPS (Million

Floating Point operations per Second). It executes one instruction per cycle from a

16K* 32-bit (544 Kbits) of user-configurable on-chip memory that reduces memory

access bottlenecks and improves processing speed. It also incorporates two Data

Address Generators (DAGS), an advanced program sequencer, one result Bus and

three arithmetic units (ALU/MAC/Shifter).It works at 3.3Volts. Figure 5 below

illustrates the internal processor architecture for the ADSP 2100 family processor in

which ADSP 21065L is included Ref[2,3,4].

                                                                                                              14/PMA BUS
                                                                                                             14/DMA BUS

                                                                                                         24/ PMD BUS
                                                                                                         16/DMD BUS

                                                                                                        16/Results BUS

Figure 5 ADSP-2100 Family Base Internal Architecture

Data Address
Generator
#1

Data Address
Generator
#2

Input Reg
--------------
ALU
--------------
Output Reg

Input Reg
--------------
MAC
--------------
Output Reg

Program
Sequencer

Input Reg
--------------
Shifter
--------------
Output Reg
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3.2.2 The Audio CODEC

The developing board includes an onboard full duplex, 16-bit stereo audio CODEC

the AD1819A. It supports sampling frequencies of up to 48KHz and has two channel

input and two channel output ports with an option at input to choose between Line

Input and Microphone Input.

3.2.3 ADSP 21065L SHARC Key Features

The following bullet point sum-up the key features of the hardware used Ref[2,3].

· 198 MFLOPS (32-bit floating-point)

· 180 MOPS (32-bit fixed-point)

· 16K 32-bit Dual-ported on-chip memory (544 KBits configurable)

64M x 32-bit word external address space

· Glueless SDRAM interface

· 2 serial transmit/receive ports (Tx/Rx) support 32-channel TDM

· I2S mode supports up to 8 channels

· Two timers with event capture and PWM options

· 12 programmable I/O pins

· 10 DMA channels

· Glueless 32-bit SDRAM Interface multiprocessing with 2 ADSP-21065Ls

with synchronous data transfer rate

· 3.3Volt, 208-pin PQFP

· TDM interface

· Direct interface to T1/E1 lines

· 240 Mbytes/second external port/ Maximum data throughput

· Non-intrusive DMA Utilize full capabilities of core processor
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4.0 SOFTWARE

4.1 Chapter Overview

The following paragraphs describe the software used to write the code of the echo

canceller. The author believes that a detailed analysis of the steps to install and run the

software is beyond the scope of this report and suggests further reading from the

installation and software manuals included in the package. Ref.[2,4].

4.2 VisualDSP Environment

In the ADSP 21065L SHARC EZ-LAB a CD-ROM was included containing a

software program for developing DSP applications. The program s name was Visual

DSP and is comprised of an Integrated Development Environment and a Debugger.

The environment provided a project management utility containing some useful tools

such as a C compiler, a run time library with over 100 Math, DSP and C runtime

library routines, an assembler, linker, loader, simulator and EPROM Splitter. The

software had a licence of 45 days after which you could only run it in the limited

DEMO edition.
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Project files           Status information                                     Code editor

Figure 6 This is a captured image of VisualDSP environment instance just after
              the talk-through program was opened.

The above picture shows an instance of the Visual DSP environment. By building the

project, VDSP checks all dependencies for the files included in the project and

invokes the compiler which checks the code for improper declarations, invalid

instructions and syntax errors, if all go well the linker is invoked next. The linker then

links  all the files together to produce a .dxe executable file. This file is loaded on to

the DSP processor by the Debugger environment. An instance of which can be seen at

the following image (Fig7).
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Plot window Disassembly window   Data Memory window    Status Console window

Figure 7 This image of the debugger was captured while the echo canceller
               program was running on the DSP chip.

This utility (debugger) allows the user to step by step analyse the code that runs on the

DSP to find problems in coding logic. The debugger has all the necessary functions,

such as step by step instruction execution, watch points, break points, disassembly

window and many more useful features to examine the program and make the

necessary corrections to make it work properly. If during the debugging procedure the

user identifies some error and wants to correct them he has to go back to the editor

make the changes in the code and re-compile, re-link and re-debug the program until

it works as intended. The following diagram shows the main procedures involved

(Fig.8).
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Figure 8 Basic steps that lead to a working application software

Create a Project

Link

Write/Edit
Code

Compile

Execute/Debug

Application



Un
ive

rs
ity

 O
f H

er
tfo

rd
sh

ire

MSc Project Report 19
Echo cancellation using ADSP 21065L

5.0 Adaptive Filtering

5.1 Chapter Overview

In this chapter the author explains some fundamental concepts governing adapting

filters that is relevant to the echo canceller implementation project undertaken.

5.2 Adaptive Filters

As mentioned in the end of chapter 2 an adaptive filter is a digital filter whose

characteristics change in an unknown environment input signal. Whether the adaptive

filter is used in communication, sonar, radar, or image signal processing the basic

feature remains the same. A set of adjustable coefficients, are changed through the

error estimation performed by an algorithm, that has an input vector with a desired

response. From this we can deduce the two basic parts of an adaptive filter:

· Adjustable coefficients

· Algorithm that updates (adjusts) the coefficients

There are many types of digital filters each performing best on specific tasks yet they

are categorized either as Finite Impulse Response (FIR) filters, that as implied by the

name have a finite length impulse response, or Infinite Impulse Response (IIR or

recursive) filters, that has an impulse response of infinite length. Both types of filters

can be used in the realization of the echo canceller but an FIR filter was chosen since

it is simple and stable.

5.3 Transversal FIR

In the echo canceller implementation a transversal or tapped-delay line FIR filter was

used since it is relatively easy to be implemented and provides stable and accurate

performance. The diagram below (Fig.9) shows the realization of the filter:
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X(n) x(n-1)  x(n-2) x(n-N+1)

Y(n)

Figure 9 A Transversal FIR filter implementation

The squares with Z-1 in them denote the delay elements of the filter. The ovals with

the W(n) starting at zero up to N-1 correspond to the weights of the filter or else

coefficients. The circles are adders. The above diagram corresponds to the following

difference equation. Ref.[5]:

( ) ( ) ( ) ( ) ( )inXnWnXnWnY
N

i
i -== å

-

=
--

1

0
equation 2.

Where X(n) is the input vector and W(n) the weights vector. N is the number of filter

taps (coefficients), which give the length of its impulse response. For a sampling

frequency of 8kHz the number of filter taps give the total echo path the system can

process. Typically for N=64 an echo delay of 8ms can be fully processed. The

diagram on the next page (Fig.10), illustrates the position of the echo canceller unit at

the far end and near end positions in a communications system. In the project

undertaken the number of taps utilized was 64 as a trade of between echo path and

rapid filter convergence when turned on. In reality the filter performs satisfactorily in

echo paths of up to 20ms.

Z-1 Z-1 Z-1

W0(n) W1(n) W2(n) WN-1(n)

S S S
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Near end Far End
Speaker - Listener

Comm.
Channel

Near End - Far End
Listener Speaker

Figure 10 A basic illustration of echo cancellers within a communications
channel, to achive full-duplex echo cancellation.

5.4 Adaptive Filter s Algorithms

There are many type of algorithms developed for use in adaptive digital filters

LMS (Least Mean Square), RLS (Recursive Least Square, NLMS (Normalized Least

Mean Square) and many more. Although not the best algorithm to utilize in an echo

canceller most commercial applications favour the LMS. This is mainly because it is

easy to implement and exhibits stability in performance. In this project the LMS

algorithm was therefore implemented based on the same criteria. Although the NLMS

was considered as a second algorithm implementation, unfortunately time restrictions

did not allow for any implementations other than the LMS.

The LMS algorithm changes the filter coefficients based on the minimization of the

square error of the system. As mentioned before the system cancels the echo present

in the desired signal d(n) by predicting the echo Y(n) and subtracting it from the

actual system output e(n). If the echo prediction Y(n) is not perfect then the

subtraction result e(n) also gives the system error an constitutes of the output signal

and the residual echo in it .

5.4.1 Mathematical Modelling

So we have:

The filter output:

( ) ( ) ( ) ( ) ( )inXnWnXnWnY
N

i
i -== å

-

=
--

1

0
equation 3.

the system output:

AEC AEC
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e(n) = d(n)  Y(n) equation 1.

    And the algorithm output

Î = E[e2(n)] equation 4.

which is the mean square error where E is the expectation operation.

By successive substitution of equation 3. to 1. and 1. to 4. we yield the following

equation:

( )[ ] ( ) ( ) ( )
----

-+Î= pnwnwRnwndE TT 22 equation 5.

Where, ( ) ( )[ ]nXnxER T= , is the auto correlation matrix and

( ) ( )[ ]nxndEp
--

= , which is the cross correlation vector

By solving the following equation Ref[, which minimizes the mean square error, we

can acquire the desired values for the filter coefficients.

( )

-

-
-

==>

=>=+-=
Î

pRW

RWp
nw

022
d

d

W = [ w0 w1 w2 .. wN-1]

The above lead to the Wiener-Hopf equation

-

-

-
= PRw 1 equation 6.

that gives the optimum weights for the filter.

Obtaining the filter weights this way is time consuming and unrealistic due to the

calculation of the auto correlation matrix and the cross correlation vector. This is why

he practical LMS used in implementations adapts the weights on a sample-by-sample

basis. The formula involved is :

( ) ( ) ( )nunwnw
---
Ñ-=+1 equation 7.

w(n) is the weight vector, u the adaptation step-size and, ( )n
-
Ñ  the true gradient

vectors at the nth sample. u the adaptation step-size also controls the rate of

convergence and reliability of the system. By increasing the value of u the algorithm
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updates the filter weights by larger steps  which improves the system s response time

but at the same time makes the weight values not so close to the optimal ones,

therefore the system performs fast but not accurately. By decreasing the value of u the

weights change slower but their values get closer to the optimal ones. This way the

system converges slowly but is accurate. Typically 0<u<1 and for this implementation

was 0.0025.

 The true gradient ( )n
-
Ñ  can be estimated by the e2(n) to be an estimate of the mean

square error.

Thus

( ) ( )[ ]
( ) ( ) ( )nxne
nw
nen

-
-

-
-==Ñ 2

2

d
d

which if substituted in equation 7. yields the LMS algorithm

( ) ( ) ( ) ( )nxnuenwnw
---

+=+ 21 equation 8.
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6.0 The Adaptive Echo Canceller

6.1 Chapter Overview

In this chapter the actual implementation of the system is described by presenting the

steps followed to achieve the end result of a working application. The code is not

explained in detail since such a thing would be pointless. Only key points are

addressed. The code provided in the appendix is full and the comments within are

mostly self-explanatory.

6.2 First To Final Step

6.2.1 The Talk Through Example

Due to the authors lack of previous DSP application developments he deemed

necessary to make a start from the very basic demo programs included in the Visual

DSP software package. So a ready written project called Talk-Through was used as

the basis for the development of the echo canceller. This project involved some files

and a very simple program that initialised the sound CODEC on the developing board

and enabled the user to input a voice signal by means of a microphone to the stereo

input port of the developing board and listen to an output on speakers connected to the

stereo line out port of the developing board. After a lot of experimentation with

changing the code a better understanding of the procedures involved gradually was

developed.

6.2.2 Fixed Coefficients FIR Filter

As a first target the implementation of a simple low FIR digital filter with fixed

coefficients was set. Below is part of the implementation of the filter in assembly code

given here as a code example. Ref.[6,9]. The filter loaded the coefficients from a text

file into a circular buffer, took the samples of the input signal form the CODEC via a

register (r2) and execute the filtering routine to provide an output of the form:



Un
ive

rs
ity

 O
f H

er
tfo

rd
sh

ire

MSc Project Report 25
Echo cancellation using ADSP 21065L

( ) ( ) ( ) ( ) ( )inXnWnXnWnY
N

i
i -== å

-

=
--

1

0

Finite Impulse Response Filter

FIR:

 r12 = r12 xor r12, dm(i1,0) = r2;                     //set r12=0,store input

                                                                                     //sample in line circular buffer

 r8 = r8 xor r8, f0 = dm(i0,0), f4 = pm(i8,m8);//set r8=0,get data,get

                                                                                     //coefficients from buffer

 lcntr = FIRLen-1, do macloop until lce;

macloop:

 f12 = f0*f4, f8 = f8+f12, f0 = dm(i1,m1), f4 = pm(i8,m8); //MAC

 rts (db);                                                            //return from delayed subroutine

 f12 = f0*f4, f8 = f8+f12;                                 //last multiplication

 f0=f8+f12;                                                       //last accumulation

The coefficients for the filter were calculated with the help of a program (EZ-FIR)

that automatically generated the desired filter weights by choosing from the following

information:

· Filter Type

Low pass, High pass, Band pass, Band stop, Hilbert transformer, Differentiator

· Window Type

Rectangular, Triangular, Hanning, Hamming, Generalized Hamming, Kaiser-

Bessel

· Filter Length

1 to 256

· Sampling Frequency

· Cut-off Frequency

· Filter Gain



Un
ive

rs
ity

 O
f H

er
tfo

rd
sh

ire

MSc Project Report 26
Echo cancellation using ADSP 21065L

By using the EZ-FIR program and entering the following specifications:

Low pass filter,

Rectangular window,

64 taps filter length,

8000Hz sampling frequency,

3.5KHz cut-off frequency,

and a gain of 1,

a set of coefficients was generated and loaded to the buffer with index i8. The

program was compiled, linked, loaded, run and monitored from the debugger. To see

though if it really worked a test had to be performed.

The filter was tested using a signal generator providing the input signal at the line in

mode of the board and an oscilloscope monitoring the line out of the board. The filter

performed as expected with a deviation of approximately 400Hz below the specified

cut-off value. A number of other filter types and specifications were also designed and

implemented with the same FIR structure for the author to be even more familiarized

with the code and DSP board.

6.2.3 The Noise Canceller

As the next stage of a successfully working fixed coefficients FIR filter it was decided

to move on and implement a transversal FIR filter with LMS algorithm updating the

coefficients. The algorithm, although not the most efficient of those existing

nowadays, is widely used basically due to the fact that needs a small amount of

memory, is relatively simple to implement and appears to be stable without providing

any care. The core assembly for the task was found after some research in a file at the

site of Analog Devices under the name lms_rls.zip (Ref[7]) . This file contained

several assembly codes for testing well known adaptive filter algorithms. The initial

file used in the project was called lms.asm and was written by Wassim G. Najm , from

Analog Devices, DSP division. This code though needed modification to be

incorporated to the already changed talk-through example program.

Since echo could be regarded as a case of having noise in a signal the system was

biased towards an exhibition of noise cancelling properties. For this purpose the set-

up of the equipment was as illustrated in figure 11:
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Right Channel

Left Channel COM2

Line In

Channel 1

       Line Out Left Channel Channel 2

Right Channel

Figure 11 General overview of instruments and connections between them while
            testing the system

A signal generator was used to provide an input signal, with a sinusoidal frequency of

2KHz and peak-to-peak amplitude of 1Volt, at the Right Channel of the CODEC

input.

A white noise signal generator was connected to the Left Channel of the CODEC

input providing the noise into the system with maximum amplitude of 0.3Volts. A

second signal generator instead of the noise generator was used while testing the

system for echo cancellation response.

An oscilloscope was connected to the CODEC Line out port to monitor for the two (2)

outputs.

The talk-through example program used 48KHz-sampling frequency. This frequency

was changed to 8kHz by modifying the necessary variable in the

AD1819a_initialization.asm file. This change in sampling frequency was done

because the maximum frequency transmitted in voice telephone networks is 3.5KHz

so a sampling frequency of 8Khz is adequate.

ADSP21065L
Developing
Board

Signal
Generator

White Noise
Generator

Oscilloscope

Computer
(VisualDSP
Environment)
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The Line-In port was preferred to that of the Microphone-In by also changing the

necessary value in the AD1819a_initialization.asm file and also by setting the

necessary jumpers on the developing board. The jumper pins are a set for each

channel (Left, Right) as shown in figure 12 below:

   Line In

Mic. In

Line In

                  Mic. In

Figure 12 The schematic above gives a picture of how the jumpers and pins look
                when selecting the Line Input. The square boxes above depict the
                 plastic, sorting jumpers provided with the board.

The task was to display the noisy input signal on one channel and the cleared output

signal on the other. So the Left Channel of the Line Out was to output the system

output and the Right channel of the Line Out was to output the input signal with the

noise so that a comparison of those signals on the display of the oscilloscope could

give an immediate impression whether the system works or not.

For easy access to the input and output channels and for provision to microphone use

the use of six male and four female stereo jacks was devised. A cable used in stereo

audio equipment such as the one used for stereo headphones was split in half so as to

produce the following accessory illustrated in figure 13:
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To Line In

      To Line Out

              Left Channel Cleared system output

              Right Channel Signal + noise output

          Left Channel

                                                                      Signal from noise generator (/noise)

          Right Channel

                                                                      Signal from signal generator (/speaker)

Figure 13 An illustration of the custom made cables used in the project

The noise (x(n)) plus the signal was generated by adding the clear signal to the noise

signal with code:

            r5 = dm(Right_Channel_In);

 r3 = DM(Left_Channel_In);//noise

 r9 = r5 + r3;

 DM(Right_Channel_Out) = r9;

Register 5 holds the sample coming in from the CODEC s right channel

Register 3 holds the sample coming in from the CODEC s left channel

Register 9 holds the noisy sample

CODEC s right channel output is the contents of register 9

This way the oscilloscope displays the noisy signal we want to filter (d(n)).

At the same time the filter takes just the noise (x(n)) and by performing the

computations gives its prediction Y(n).
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r0 = -31;

r1 = -31;

 f0 = float r3 by  r0;

 f1 = float r9 by  r1;

 dm(i0,m0)=f0;

   f4=pm(i8,m8); {store x(n) in delay line, f4=w0(n)}

  f8=f0*f4, f0=dm(i0,m0), f4=pm(i8,m8); {f8= x(n)*w0(n)}

            {f0= x(n-1), f4= w1(n)}

  f12=f0*f4, f0=dm(i0,m0), f4= pm(i8,m8);

   {f12= x(n-1)*w1(n), f0= x(n-2), f4= w2(n)}

  lcntr=TAPS-3, do macs until lce;

macs:    f12=f0*f4, f8=f8+f12, f0=dm(i0,m0), f4= pm(i8,m8);

  {f12= x(n-i)*wi(n), f8= sum of prod, f0= x(n-i-1), f4= wi+1(n)}

  f12=f0*f4, f8=f8+f12; {f12= x(n-N+1)*wN-1(n)}

  f13=f8+f12; {f13= y(n)}

(The brackets contain the comments that explain the individual code line.)

This prediction is subtracted by the noisy signal d(n) and this yields the prediction

error and system output e(n)

e(n)=d(n)-y(n) equation 1.

f6=f1-f13; { f6= e(n) }

Where floating-point register f1 holds the noisy signal sample from register r9

This error is processed by the LMS routine to do the necessary updating of the

coefficients (Wi(n)).

Wi(n+1)=Wi(n)+2ue(n)x(n-i)

Where 2u is the value of the STEPSIZE variable.

#defineSTEPSIZE 0.005
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 f1=f6*f7, f4=dm(i0,m0); {f1= STEPSIZE*e(n), f4= x(n)}

  f0=f1*f4, f12=pm(i8,m8); {f0= STEPSIZE*e(n)*x(n), f12= w0(n)}

  lcntr=TAPS-1, do update_weights until lce;

    f8=f0+f12, f4=dm(i0,m0), f12=pm(i8,m8); {f8= wi(n+1)}

                {f4= x(n-i-1), f12= wi+1(n)}

update_weights:   f0=f1*f4, pm(i9,m8)=f8; {f0= STEPSIZE*e(n)*x(n-i-1)}

       {store wi(n+1)}

  rts(db);

  f8=f0+f12, f0=dm(i0,1); {f8= wN-1(n+1)}

     {i0 -> x(n+1) location in delay line}

  pm(i9,m8)=f8; {store wN-1(n+1)}

The whole procedure, as obvious from studying the code, repeats itself every time a

new set of samples arrives from the receive port of the CODEC.

Circular Buffering

Circular buffers are nothing more than normal buffers with the advantage that after

reaching the end of its length it jumps back to the beginning holding one by one the

new values overwriting the existing ones automatically. This kind of buffer was used

to hold the input data as well as the filter coefficients. The data buffer used was

deline_data. The coefficient buffer was weights. DAG 1 was used to generate the

delay line data buffer and DAG 2 to create the filter weights buffer.

The initialisation of the filter and algorithm was as follows:

lms_init:

  b0=deline_data;

  m0=-1;

  l0=TAPS; {circular delay line buffer}

  b8=weights;

  b9=b8;

  m8=1;

  l8=TAPS; {circular weight buffer}
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 l9=l8;

  f7=STEPSIZE;

  f0=0.0;

  lcntr=TAPS, do clear_bufs until lce;

clear_bufs:   dm(i0,m0)=f0, pm(i8,m8)=f0 ; {clear delay line & weights}

  rts;

System Process Overview

x(n)

Y(n)
d(n)

                                                                   e(n) = d(n) - Y(n)

                                                                     System output (e(n))

CODEC/SPORT/DSP Initialisation

Filter/LMS Initialisation

CODEC Sample input

CODEC Transmit via SPORT1

DSP Receive via SPORT1

Interrupt Request

Filter Routine execution

DSP Transmit via SPORT1

LMS Routine execution

CODEC Sample Output

CODEC Receive via SPORT1

Filter Coefficients Update
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Further details can be found in APPENDIX II in the program source code. The author

believes that the general concept of the design is more important than the code since

somebody else might try to implement this system with another language. As it is

known, for example, the ADSP 21065L in combination with VisualDSP support the

development of applications written in ANSI C.
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7.0 CONCLUSIONS

The echo canceller system developed in this project and presented in this report,

proved to work satisfactorily and exceptionally good as a noise canceller as well. The

noise canceller was the first system developed, since the echo can be considered as a

case of noise with spectrum characteristics close to those of the echo creator signal.

The system utilized the Analog Devices ADSP-21065L EZ-LAB development board

with the ADSP-21065L DSP processor on board and the AD1819a sound CODEC.

The CODEC provided for dual channel input and output at 16-bits precision. The

echo canceller was based on a simple and reliable system design of an adaptive filter

that predicted the echo in the input signal so as to perform a subtraction of the

prediction from the input signal to provide a clear output signal. The adaptive filter

that was used in this project was a transversal FIR (Finite Impulse Response) filter

with the LMS Least Mean Square) algorithm handling the adaptation of the filter

coefficients. This type of popular filter was chosen for its simplicity and stability and

because it is widely used on adaptive filter designs for sound applications world-wide.

The algorithm was chosen to be the LMS since it is popular among the choices of

entry-level  adaptive filter designers and because it is easy to implement and monitor.

Its performance may not be the best but is satisfactory. The NLMS (Normalized Least

Mean Square) was considered as a second algorithm implementation, but due to time

restrictions the thought was discarded.

One aspect of the echo canceller that failed to reach expectations was its use in

satellite communications. This is due to the echo path length in such a system that

exceeds 400ms. Some solutions to this problem are mentioned in chapter 8. The echo

canceller system in its current form, cancels noise exceptionally good and echo with

up to 10ms delay.

APPENDIX I includes the result graphs obtained while monitoring the performance

of the system and APPENDIX II the program source code documented.
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8.0 FURTHER DEVELOPMENT

There are numerous activities that could better the performance of the current echo

canceller. The most important in the authors opinion are:

· Code optimization

Testing its efficiency and omitting parts that may not be necessary could optimise the

code of the system. That is because many core part were imported from examples and

applications of different nature.

· Active channel detection

A key feature of an AEC algorithm is active-channel detection. Indeed, when the far

end operator is silent and the near-end operator is talking, the filter must not be

adapted because the near-end operator is no longer an echo.

· Double-Talk Detection

During a DT condition, the near-end signal on the microphone contains echo and

near-end speech. The residual error used to update the filter coefficients includes the

near-end speech, and if the algorithm is still adapting, the algorithm may start to

diverge. To cure this problem the filter coefficients must not be updated during that

time.

· Use of another more efficient algorithm

The use of an algorithm such as the normalized least mean square NLMS for example

could improve the system.

· Echo Delay Estimator

The echo canceller developed in this project task was not tested to verify its ability to

cancel echo that results from long distance communications such as in a satellite

system. In such a system echo paths of 500ms are typical and some times exceed even

800ms. For an echo path of 500ms to be represented by the echo path length of an

adaptive filter 4000 taps are needed if sampling is performed at 8KHz. This large

number of filter coefficients takes up a lot of time to calculate and update for a DSP

such as the one utilized in this project. To overcome such a problem an echo delay

estimator may prove critical since it could start the process of adaptation and echo

cancellation from the moment the echo signal has almost reached the near end so that

it is cancelled, as if its delay was smaller.

· An amplifier for use of microphones with the board
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An amplifier with a gain of 10 is necessary for using microphones with the board,

since an odd thing happened when the on board amplification capability of the board

was used. Only the right input channel was amplified. So a simple circuit is provided

as an external microphone amplifier. The below schematic was designed and tested in

PSPICE and is an operational amplifier with a gain of 10.

Figure 14 Schematic of an operational amplifier with a gain of 10

Op-amp circuit:

We want a gain of 10 therefore we have

                               10 = Vo/Vi = 1+ R2/R1 =>

ð R2 = 9R1

so if we choose R1 to be 100K then R2 must be 900K.

The values of R4 and R5 = 220K to split the voltage from 12 to 6 Volts .

For calculating the values of the capacitors we use the following formula

                                        f = (2RC)^-1

Total offset voltage:
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Vo(offset) = VIO(R1+R2)/R1 + IIOR2 = 6x10^-3(1000x10^3)/100x10^3 + 200x10^-

9x900x10^3 = 0.06 + 0.18 = 0.24 Volts

The transient analysis was carried out only for the frequency of 1KHz. The

characteristic graph is shown in figure 15 below

Figure 15 This is the characteristic graph generated by PSPICE transient
                analysis of the op-amp circuit.The green line corresponts to the output
                signal while the red to the input signal.
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APPENDIX I

Result graphs

The result graphs where obtained from a digital oscilloscope with persistence of 1

second. The grey areas show the various positions the signals took within a 1 second

time period. The bold black lines depict the signals positions at the moment of print

request. The part of the graph with the 1 at the left side denotes channel 1 of the

oscilloscope, while with the 2 at the left side denotes channel 2 of the oscilloscope.
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The following graph displays the predicted noise signal corresponding to the adaptive

filter output Y(n) on channel 1 of the oscilloscope and the noise signal x(n) from the

noise generator on channel 2 of the oscilloscope.

Figure 16 Channel 1 displays the predicted noise Y(n). Channel 2 displays the
                actual noise x(n).
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The following graph displays the pure sinusoidal signal from the signal generator on

channel 1 of the oscilloscope, while on channel 2 of the oscilloscope the noisy (noise

+ sine wave) system input d(n).

Figure 17 Channel 1 displays the sine-wave from the signal generator and
                channel 2 the same sine-wave with the added noise (d(n)). This signal
                was used as the system input d(n).
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The following two graphs show the system output in contrast with the system input.

The noisy system input is a perfect sinusoidal waveform signal from a signal

generator plus a white (Gaussian) noise signal from a noise generator. Channel 1 (top

part of graph) shows the noisy input signal d(n) while channel 2 (bottom part of

graph) shows the system output e(n) = d(n) - Y(n). The cancellation of noise is

obvious. Ideally the system output should have been a perfect sinusoidal wave. The

difference between the graphs is in the time scale used, 250ms for the first 2.50ms for

the second.

Figure 18 Channel 1 displays the noisy system input (d(n)), while channel 2
                displays the system output e(n). Ideally this should be a pure sine wave.
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Figure 19 Channel 1 displays the noisy system input (d(n)), while channel 2
                displays the system output e(n). Ideally this should be a pure sine wave.
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The following two graphs display on channel 1 of the oscilloscope the ideal sinusoidal

output of the system, while on channel 2 the actual system output. It must be noted

that the first graph printout was generated while the coefficients start to adapt from

their initial values (zero), while the second graph printout was generated after

allowing some time for the coefficients to adapt.

Figure 20 Channel 1 displays the ideal system output and channel 2 the actual
                system output just at the beginning of the adaptation procedure.
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Figure 21 Channel 1 displays the ideal system output and channel 2 the actual
                system output after the adaptation procedure advanced for some time
                (approximately 5 seconds).
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The following two graphs display the ideal output signal subtracted from the actual

system output, thus giving us the residual noise. Ideally if the system adapted

perfectly this should be a flat line. The difference between the graphs is in the time

scale used, 250ms for the first 2.50ms for the second.

Figure 22 Actual system output minus ideal system output.
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Figure 23 Actual system output minus ideal system output.
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APPENDIX II

Program Code

This appendix contains the assembly code necessary to create an echo canceller using

the Analog Devices ADSP 21065L Digital Signal Processor. It was written compiled

and executed with VisualDSP software under windows 98 environment.

The files included in the order presented are:

· new65Ldefs.h

· def21065l.h

· EZLAB_21065L_debugger.ldf

· Lms.asm

· Talkthru.asm

· SDRAM_Init.asm

· Clear_SPT1_regs.asm

· AD1819a_initialization.asm

· Codec_Processing_ISR.asm

· Init_065L_EZLAB.asm

· ISR_table.asm

These files along with examples used and the report itself are included in the CD-

ROM provided with the report. The following page has a couple of pictures of the

DSP board used in the project.
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Custom made cables   Left/Right Channel In        Left/right Channel Out

Board under test!

Sound CODEC       DSP Chip                   Line-Out   Line/Mic.-In           COM2 port


