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Abstract:

In this paper an FPGA based Adaptive Noise Canceller (ANC) with two inputs was designed
and built using our previously proposed algorithm in 2014, which was called Absolute
Average Error Adjusted Step Size LMS (AAE-ASSLMS). This algorithm is synthesized and
simulated on Xilinx Spartan-3E platform. Then a connection between MATLAB and FPGA
was made in order to solve the problem of entering the speech signal to FPGA for testing the
FPGA performance with perfect appearance. A comparison between hardware and MATLAB
software implementation is then made and the results were approximately equal. The
suggested AAE-ASSLMS adaptive filter that implemented on FPGA for ANC application
works well. The final hardware design can be used for the embedded applications as System
on Chip (SoC) for ANC in many portable applications like mobile phone and hearing aids.

Keywords: LMS Algorithm; Adaptive noise canceller; Adjusted Step Size; FPGA.

because it used for speech processing

[9].
Field's

1. Introduction:

Hardware design of adaptive filter for
FPGA implementation became very
important because different
applications require different needs of
area and speed. As an example the
LMS adaptive filter used in mobile
phone need areas to be as low as
possible to gain lower weight of the
mobile device, but the speed in this
application, has less importance

programmable gate arrays
(FPGASs) are commonly used in digital
signal processing applications such as
Adaptive Noise Cancellation (ANC)
[1,3-6,8-11]. In this paper we tried to
implement ANC on an FPGA using
Xilinx Spartan-3E platform . The ANC
will use our previously proposed
algorithm called the AAE-ASSLMS
algorithm as the adaptive filtering
algorithm [7-8]. Then try to make a
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connection between MATLAB and
FPGA in order to solve the problem of
entering the speech signal to FPGA for
testing the FPGA performance with
perfect appearance. This connection
will overcome the problem of entering
the overall samples by hands which is
a hard task or impossible.

Adaptive Noise Cancellation is a
an adaptive system for removing an
unwanted noise from a desired
signal. As shown in Fig.l, the
ANC has two inputs called primary
and reference inputs.

The reference input is filtered and
subtracted from a primary input,
which is contained both signal and
noise. The primary noise will be
reduced by cancellation as shown
later. As shown in Fig.1, a noise
signal n,; from reference input is
passed over a noise path channel
(H (2)) to a primary input that
receives both signal (s) and an
uncorrelated noise ny. The
noise n, s filtered to produce an
output signal y that is a close
replica of n, and is subtracted from
the primary input (s+n,) to produce
the system output signal called the
error signal e which is equal to [1]

e=s+ny,—y (1)

The error signal is used to
adjust the adaptive filter's weights
coefficients using an adaptive

algorithm such that the error signal
IS minimized.
2.(AAE-ASSLMS)
Algorithm

As explained previously this paper
uses previously proposed and
published algorithm called
Absolute Average Error Adjusted
Step Size LMS (AAE-ASSLMYS)
[9 and 10] as an adaptive algorithm
for adaptive noise canceller. AAE-
ASSLMS algorithm used adjusted
step size that will be time varying
according to the absolute average
value of the current and the
previous estimator errors as
follows:-

Uiy =ty — abs(Elzge(n — ) + B)

(5)

Where L is the filter length, Moiq
and u are next and current time
varying step size respectively, and
B is constant with bound interval
limits O<p<1. To ensure
stability, the variable step size u

IS constrained to the pre-
determined maximum . and

minimum step size values x ..~ :-

or

Hoir = Hyax Uloeq > Bygy
'un+1 = 'umin if'un+1 < 'umin}
(6)

Thamer Muhammed Jamel  Association of Arab Universities Journal of Engineering Sciences
Haider Abd Al-Latif Mohamed NO.4 Volume. 25 Year.2018

6D



87
Primary Input
Signal System
Source » output
H(z)
Noise Iy Adaptive
—.——* . —.—_
ROGE FIR Filter  (Filter ouput (¥)
Referenc
Input
Error Signal (e)
Fig. 1 ANC Model

The filter weights of the adaptive Wwn+1) =Wh) + 2u(m)e(n)n,(n)
filter Fig.2 are updated in each (7)

iteration according to the following
formula [7-8].
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A = fﬁ*’z?’."‘fl(_“‘m) n, (1L+1)
T . ‘ T P (n) time index

T is Tap one delay

® is a multiplier

nl(n) is input signal
W is weight coefficient

“é(ll Y WL—Z(H Y WL 1(]1 EE’ y(n) is output of adaptive FIR filter

Fig. 2 Structure of Adaptive filter

3. Structure of AAE-ASSLMS I/Os are: desired signal d(n), input
Algorithm signal x(n), maximum step

size (Umax) »  Minimum  step
The external input/output of the size (fmin) , constant (B) and the
proposed algorithm is shown in Fig. 3. error signal e(n).

As shown in this Figure the external
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abs(ie(-n— c) =3 L
=0

Ze[n— c)

c=0

Hop = HEmax

Hayrq
» Subtract _— Register 7

oy

> Multiplier

— l

Comparator unit
— Mmax —

Arithmetic
shift register

l—’

Step size

— HMmin

—p Desired signald(n)

Error signal e(n) >

#  Input signal x({mn)

FIR adaptive filter

Fig. 3 Structure of the AAE-ASSLMS algorithm

This  Figure contains on the whole filter length (in this paper L=8)
comparator, summation of the current plus one, absolute value, multiplier to
and previous estimation errors for a get the final step size, arithmetic shift
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register (in order to get 2u,) and the
FIR adaptive filter block. The internal
structure of the FIR adaptive filter
block can be explained clearly in
Fig. 4 to show the internal multipliers

previous weight coefficients. Each tap
in FIR adaptive filter contains on two
multipliers, one adder and two
registers except the last tap contains
on one register only.

and adders. Also to show the registers
that are used in order to store the

Desired signal adiisa)

Taps of adaptive filter

Step size

Filter cutput w ()

Input signal =)

—A—— Inputsignal xi#n)

Dralay xi1m) — Drelay a1 —

]
1
- :
1
' ;
1
: :
1
I y—™ Srepsize —p= Step size — Step size :
]
' ;
1 Y-out — Y-out — Y-out 1
: Tapld Tapl TapTF 1
- :
! 1
1
1 1
1 Step size 1
1
1
1
1
. ' ' -
1 (e 1
»im
I Adderl Adder? | - - :
[] #_
1 1
]

Fig. 4 Structure of FIR adaptive filter
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4. FPGA Implementation of
AAE-ASSLMS Algorithm

In this paper, the ANC system is
designed and hardware implemented
in the Xilinx Spartan-3E Starter Kit
board .

A.  Processing Number

The data format might be positive or
negative. Therefore , the highest bit is
used as a sign bit.

B.  Fixed-point Data Format for
AAE-ASSLMS Adaptive Filter

The maximum ranges of the input
signals, output signal and tap weights
obtained by MATLAB-simulation are
shown in Table.1 For the input signal
x(n) range from (—4,4); thus, its
whole scale may use 2-bit, but in
order to guarantee that no overflow
will be happening and to give the
design some flexibility, this paper
assigned it 3-bit. Then the decimal
fraction is located between the 13"
bit and 14" bit and assign the sign bit
location 17" bit.

Table. 1 Numerical Ranges of Signals and Registers Using Matlab Simulation

Signal or Input signal | Desired signal | Filtered signal | Weight
Register name | x{(n) d(n) e(n) win)
Datarange (—4.4) (—4.4) 1.5 (—0.15,1)

C. The Design of the Complete
Circuit

The complete design of the circuit of
the AAE-ASSLMS adaptive filter
which contains the eight tap unit,
comparator unit, absolute unit and the
input/output of the circuit is as shown
in Fig. 5. The internal structure of FIR

adaptive filter (eight taps unit) is
shown in the Fig.6. Moreover , Fig. 7
shows the internal structure of one
tap. The detail's description of the
units of Fig. 5 is as follows:-

o Delay unit: this unit contains on
the register to get the previous
estimation errors for a whole of filter
length.
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o Average unit: this unit contains
on adders to get the summation of the
current and the previous estimation
errors for a whole filter length plus

subtraction in order to get the u ., =

1, — abs((Skoge(n— ) * ).

o Comparator unit: this unit

contains on two relational and two
multiplexer in order to get the
boundary condition of the step size
(i.e. Between the t,,q, @Nd Uyin)-

o Arithmetic shift register: this

one.

o Absolute unit: this unit contains
on the logic relational, negate (i.e.

two’s ~ complement) and  two unit is used to get the value of the
multiplexer in order to get the term (2

L ul"ln)
absolute value of ((Z¢-oe(n — o)) * . Moreover, the same method was
,3) : used for other signals. The selected
o Accumulator unit: this unit data formats are shown in Table.2
contains on the register and and Table.3.

Table. 2 Data Format of x(n), d(n), w(n) and e(n)

17 |16|15|14|13(12|11({10(9 (8 |7 |6

Lh
=S
w
o
[—
(=]

Decimal fraction

sign integer

Table. 3 Data Formatof y(n)

ro
[
Lown ]

35 | 34|33

LoV
ro
w
[w—y

30[29|28|...|19|18|17|16|.. |3

sign | integer Decimal fraction Quantization (Rounding)

Association of Arab Universities Journal of Engineering Sciences
NO.4 Volume.25 Year.2018

Thamer Muhammed Jamel
Haider Abd Al-Latif Mohamed



L RN
Sy
o )/)

9 3 L e et
Averags unt
R [ O " -1 l T
e Pt 10 e M
T " ' Accumulator Comparator X o~
Um't = ASR [y
= Abs Tags R
Deky [ o it ™ " Subtract
by
i Ml
[ rremses Error
= signal
= &)
[
O
.[_‘
j A

Tapt Tal Tap Tapd Taps Tap Tap?

.—— =
ad

I'J‘!%;I

ik
1

L "

. L
=
Tap0 L —

Fig. 6 The internal structure of FIR adaptive filter (eight tap unit).
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Fig. 7 Internal structure of one tap.

5. Simulation results

In this paper, the number of samples
for primary and reference inputs of
ANC is equal to (28000) samples.
Fig.8 shows the original speech signal
and Fig.9 shows the primary input
signal. The process of entering these
samples to Xilinx ISE 10 1i.

Simulator by hand is a very difficult
task. In order to overcome this
problem a new proposed method is
used. This proposed method makes
linking between MATLAB and Xilinx
ISE as shown in Fig. 10 In addition,
Fig. 11 shows the MATLAB-
Simulink blocks of AAE-ASSLMS.
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ariginal speech

corrupt. speech

0.5 1 15 2 25 3
Murmber of samples w10t

Fig. 8 Original speech Signal

Mumber of samples w1t

Fig. 9 Corrupted speech signal from time varying noise
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After the simulation of Xilinx ISE
(real time implementation) is made on
the input data , the output of Xilinx
ISE is taken and returns back to
MATLAB in order to find the
difference between the MATLAB
simulation and real time
implementation  (i.e. Quantization
error) . The sampling rate of speech

signal in this paper equal to 10KHz in
order to prevent the antializing. Fig.
12, shows the timing diagram of the
complete circuit from (0-640) ps.
while Fig. 13 shows an overall timing
diagram of the complete circuit
design.

B0
Current Simulation
Time: 2.8001e+06 us
& @4 b_net[17:0] A 18'h00018
Mecret LT L T L T L T L T L
S cir_net 0
= @ error_si.. T f18. X 18h3FFE2 X 18h3FF3A X 18h3FET0 X 1800538 X 1Bh3EECB X 18h01ED
MMerror.. 1 |—l—|—
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M error.. 1 ﬂ
HMerror.. 1 |_lﬁ_
Merror... 1 I
Meror... 1 | [ ]
S error... 1
M error... 1
A error... 1
AMerror.. 1 I—I—I
HMerror... 0 | [
M error... 0 _,—\—,—|—|
Merror... 1 |
Merror.. 1 | I
M error.. o 1 1T 1 1
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B @K zero_con... 1... 16'h0000

Fig. 12 Timing diagram of the complete circuit design.
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Fig. 13 Overall timing diagram of the complete circuit design

Fig. 14, shows the clean speech signal the results for speed and resources
e(n) that is calculated by MATLAB used are obtained. Table .4 gives in
and Xilinx ISE simulation . It is clear details, the resource and the maximum
that from this figure the difference operating frequency requirement of
between them (quantization error) is the FPGA implementation . From
not too much. After implementing the Table .4, the total used number of 4-
AAE-ASSLMS FIR adaptive filter input LUTs is equal to (10%). The
hardware design in the Spartan 3E number of 4-input LUTSs used as logic
(XC3S500E-4FG320) device, FPGA, equals (7%) and used as a route-thru
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equals (3%). The total used number of
4-input LUTs may achieve to the
maximum value if the multipliers are
built using LUTs. Furthermore, the
AAE-ASSLMS adaptive noise
cancellation design takes about (90%)
of the embedded multipliers and

operating frequency 16.910 MHz).
Furthermore, the value of maximum
combinational path delay is equal to
(8634 ns). The wvalue of
combinational path delay will become
larger than this value if the multipliers
are built using lookup-table instead of

(13%) of the occupied Slices;
therefore, the overall delay system is
overcome and the system can be
operated in frequency larger than the
10KH.

From time summary utilization, the
minimum period of the clock system
iIs equal to 59.138 ns (maximum

the embedded multipliers.

Estimation signal output e(n) by Matlab
1 T T T
o DB|---m-emeeees | S 11 T B .
sl 1
= ;
Y e i R e IR A 1 n
% I
_DS [ — B e e L L e R LR LR R D —
R I I I | I
1] 05 1 15 2 25
Mumber of sarmples w10t
Estimation signal output e(n) by FPGA
1
B 1 -
= [
= :
s 0 ;
L 1
LaF----m-mmees :
1 I I I | I
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Fig. 14 MATLAB and FPGA Results
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Table. 4 The Designed AAE_ASSLMS Implementation r In XC3S500E FPGA
aaeassims_mcw Project Status
Project File: BABALEIME_MWL e Current State: Placed and Routed
Module Hame: aaeazslms_mow + Enors: Mo Emors
Target Device: we3sh00e-4hg320 + Warnings: 209\ arnings
Product ¥Yersion: [SE 101 - wiebPALK, +* Routing Results: All Signals Completely Routed
Design Goal: Balanced + Timing Constraints: | Al Constraints Met
Design Strateqy: #ilie D efault [unlocked) + Final Timing Score: | (0 [Timing Bepart
Device Utilization Summary [
Logic Utilization Uzed Available Utilization Mate(z)
Murnber of Slize Flip Flops 440 932 4%
Mumber of 4 input LUT s 674 9312 7%
Logic Distribution
Mumber of occupied Slices BO7 4 B5G 13%
Mumber of Slices containing only related logic BO7 B07 100%
Murnber of Slizes containing unrelated logic 0 B07 0%
Total Mumber of 4 input LUTs 997 9312 10%
Mumber uzed az logic 674
Mumber uzed a2 a route-thny 323
Mumber of bonded [0B s 123 232 h3%
Murnber of BUFGMU: 1 24 4%
Mumber of MULT18418510¢ 18 20 0%
Murnber of RPM macros 2
6. Conclusions MATLAB and Xilinx ISE is made
_ and all the speech signal samples
The ANC using the proposed (with samples equals to 28001) are
algorithm ~ is  designed  and entered to the Xilinx ISE. This

implemented using FPGA. The Xilinx
Spartan-3E (XC3S500E) is used as a
target device and the Xilinx ISE 10.1i
Is used as a programming tool. The
design of AAE-ASSLMS algorithm is
implemented using a schematic design
entry. The connection between

connection will overcome the problem
of entering the overall samples by
hands which is a hard task or
impossible. The difference between
the error signal that is obtained by the
Xilinx ISE Simulator and MATLAB
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simulation is very small. This means
that the selecting word length for
fixed-point representation of the
adaptive filter tap weights is proper,
and the result quantization error is
very small. The step-size parameter
u(n) plays an essential role in
AAEASSLMS algorithm stalling. The
18-bits fixed-point representation of
u(n) is sufficient to prevent the overall
system from the stalling. The slow
down and saturation phenomenon can
be eliminated by proper choice of data
and coefficient word length. The 18-
bits fixed point word length of weight
coefficients eliminated the effects of
the  slowdown and saturation
phenomenon. An embedded multiplier
scheme is preferred when the number
of embedded multipliers in the used
FPGA is sufficient to the hardware
design and speed is the main
requirement for the application. The
final hardware design can be used for
the embedded applications as System
on Chip (SoC) for ANC in many
portable applications like mobile
phone and hearing aids.
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