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Abstract
In this thesis two versions of a single filter frequency masking narrow-band h
speed recursive digital filter structure, proposed in [1], have been impleme
and evaluated considering the maximal clock frequency, the maximal sample
quency and the power consumption. The structures were compared to a co
tional filter structure, that was also implemented. The aim was to see if
proposed structure had some benefits when implemented and synthesize
only in theory. For the synthesis standard cells from AMS csx 0.35µm CMOS
technology were used.
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1 Introduction
1.1 Background

Today it is important that electronic circuits are fast, have low power consu
tion, and use a small area. If the clock frequency can be increased, then the
overhead can be used to decrease the power consumption through supply v
scaling [2]. This is also valid for digital filters, and in [1] a filter structure that
both suitable for high speed, and has a small area is proposed. Therefore i
great interest to see if these theoretical results can be supported by som
implemented circuits.

1.2 Outline of this thesis

• Chapter 2: Discusses the frequency masking techniques and the genera
ing algorithm. The specification for the implemented filters is shown.

• Chapter 3: All the components, the arithmetic and the algorithms used in
thesis are explained and motivated.

• Chapter 4-6: A specific description of each filter where things like pipelinin
scaling and noise calculations are done.

• Chapter 7: Discusses the tools used for the implementation, the synthesis
the evaluation.

• Chapter 8: The results of the synthesis and the power simulations are pr
sented and discussed.
1



1 Introduction
• Chapter 9: Summarizes the results and proposes some improvements.

1.3 Terminology

: Word length of a binary number, integer

: Integer

: A discrete signal wheren is an integer

x = x0 x1 ... xN-2 xN-1: A binary word wherex0 is the Most Significant Bit,
MSB, andxN-1 is the Least Significant Bit, LSB.

: The clock frequency

: The maximal clock frequency

: The sample frequency

: The maximal sample frequency

: The latency of the critical path

The supply voltage

CSA: Carry-Save Adder

FA: Full Adder

HA: Half Adder

CSDC: Canonic Signed Digit Code

SNR: Signal to Noise Ratio

DFF: D-Flip-Flop

IIR: Infinite Impulse Response

FIR: Finite Impulse Response

‘0’, ‘1’: Logic Zero and logic One

N

K

x n( )

f clk

f max clk,

f sample

f max sample,

TCP

Vdd
2
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2 Frequency masking
filters and the proposed

structure
In this chapter the concept of frequency masking is explained with an examp
a narrow-band lowpass frequency masking filter. Further, the proposed stru
is discussed. The filter specification for the filters in this thesis is shown.

2.1 Introduction

Frequency masking filters consist of periodic subfilters, and are used both fo
and IIR structures. Periodic filters have an impulse response that has a per
2π/M, where is a positive integer, instead of 2π like a conventional filter. In the
FIR case the arithmetic complexity of the filter can be reduced compared to
ventional FIR filters. In the IIR case the maximal sample frequency can be
stantially higher than for conventional IIR filters. These are the main reason
using frequency masking techniques [3]. In this thesis a recursive (IIR) struc
is implemented.

2.2 Recursive filters

For a recursive (IIR) filter the maximal sample frequency is bounded by
recursive loop(s). This frequency, , is calculated in the following w

(2.1)

M

f max sample,

f max sample, min
i

Ni

Top i,
----------- 

 =
3



2 Frequency masking filters and the proposed structure
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Where is the number of delay elements in the loop , and is the t
latency (delay) of all operations in the loop . The loop that determi

is called thecritical loop. In order to increase , either th
number of delay elements in the loop(s) can be increased, or the total laten
the operations can be decreased. In this thesis both measures have been
Once again if is increased, then the extra speed can be traded
power consumption through supply voltage scaling [2].

2.3 Narrow-band frequency masking filters

The principle of frequency masking is here explained with an example of a
row-band lowpass filter, which is the same type as the filters implemented in
thesis. The idea is to use two filters, one periodic model filter and one mas
filter, as shown in Fig. 2.1.

is referred to as the model filter, and is the masking filter. In Fig.
the magnitude functions of the different filters are shown.

Figure 2.1 The structure of a narrow-band frequency masking filter.

(a) The magnitude function of the model filter.

Figure 2.2 The magnitude functions of the (a) model, (b) masking and (c) overall filter

Ni i Top i,
i

f max sample, f max sample,

f max sample,

x(n) y(n)G(zM) F(z)

H(z) = G(zM) F(z)

G z( ) F z( )

G(ejωT)

ΩcT ΩsT
ωT
4



2.3 Narrow-band frequency masking filters
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In [1] it is proposed that instead of having a separate masking filter, a single
is used both as model and masking filter. This filter consists of identical subfi
(except for the number of delay elements in the loops), and therefore it is pos
to map all the subfilters into one time-multiplexed structure, folding. The ben
is that an area-efficient implementation is achieved. This is valid for low-
highpass filters.

The model filter, , consists of two allpass sections, and , a
has the following property

(2.2)

The complementary output, , can also be obtained with the same al
sections

(2.3)

In Fig. 2.3 the magnitude functions of  and  are illustrated.

The model filter consists, as explained before, of two allpass sections, as s
in Fig. 2.4.

The narrow-band filter structure proposed in [1] is composed of sections o
model filter in cascade, but with different periods, as illustrated in Fig. 2.5.

(b) The magnitude function of the masking filter.

(c) The magnitude function of the overall filter.

Figure 2.2 The magnitude functions of the (a) model, (b) masking and (c) overall filter

G(ejMωT)

2π−ΩsT
ωT

F(ejωT)

ΩcT ΩsT
M M M

2π
M

ωT

H(ejωT)

ωcT ωsT

G z( ) A0 z( ) A1 z( )

G z( )
A0 z( ) A1 z( )+

2
----------------------------------=

Gc z( )

Gc z( )
A0 z( ) A1 z( )–

2
---------------------------------=

G z( ) Gc z( )

K

5



2 Frequency masking filters and the proposed structure
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In this thesis two versions of the proposed structure have been implemente
evaluated.

2.4 Folding

In Fig. 2.5 it can be seen that the same allpass sections and are
for all subfilters, and the only difference between them is the period, due to
ferent values. Therefore all the subfilters can be folded into one time-m
plexed structure. This way only one set of multipliers and adders is needed.

The filter can be separated into a set of arithmetic operations, , a
number of delay elements. This separation is illustrated in Fig. 2.6, where
one delay element is shown for simplicity.

In Fig. 2.7 the proposed structure from Fig. 2.5, separated into arithmetic op
tions, , and delay elements is shown.

Figure 2.3 The magnitude functions of the ordinary and complementary outputs of the
model filter.

Figure 2.4 The structure of the model filter with both ordinary and complementary outp

Figure 2.5 The proposed narrow-band structure.

G(ejωT)

ΩcT ΩsT
ωT

Gc(e
jωT)

+

1/2
y(n)

+

1/2
yc(n)

A0(z)

A1(z)
-1

.

.
x(n)

A0(z
M  )

A1(z
M  )

x(n) +

A0(z
M  )

A1(z
M  )

+

A0(z
M  )

A1(z
M  )

+ y(n)

1

1 2

2 K

K

L1 L2 LK

Li = 1 for lowpass filters

Li = (-1)M   for highpass filtersi

1/2K

A0 z( ) A1 z( )

M

G z( ) G

G
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2.4 Folding
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When the folding algorithm is applied, the resulting structure will be as ill
trated in Fig. 2.8.

Now there are at least delay elements in each loop, thus the clock
quency can be increased by a factor . This can be done by retiming (p
lining) the loops in order to shorten the critical path. Further, the filter is n
interleaved with a factor , hence the sample frequency is increased by a f

. Interleaving means that instead of doing for example operations in pa
lel, the clock frequency is increased by a factor and the operations are
sequentially.

Figure 2.6 The filter  separated into a set of arithmetic operations, , and delay 
ments (only one is shown).

Figure 2.7 The proposed structure from Fig. 2.5, separated into arithmetic operations,
and delay elements.

Figure 2.8 The folding of the subfilters into one time-multiplexed structure.

 T

Gx(n) y(n)

G z( ) G

G

M1T

Gx(n) G y(n)

MKTM2T

G

y(n)G

0

1

T

x(n) 0
0-(K-2)

KM1T

KM2T

KMKT
K-1

1-(K-1)
K-1

KMK
KMK

K
MK K

K
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Note that by folding the structure, as shown in Fig. 2.8, a loop from input to o
put has been introduced, and it may be the critical loop. This can be solve
placing delay elements in cascade after each subfilter. In the folded structu
delay elements after each subfilter are equivalent to delay elements a
output, and they can be used to make the introduced loop non-critical.

Further, in Fig. 2.8 it can be seen that the delay elements in the loops of the
filters can be shared, which together with adding delay elements at the o
will lead to the structure in Fig. 2.9.

2.5 Filter specification

In this thesis three digital filters are implemented and evaluated. All of them f
the specification in Table 2.1.

The model filter (and thus all the filters) is implemented with a fifth ord
lattice wave digital filter structure.

Figure 2.9 The final folded structure.

Parameters

ΩcT 0.05π

ΩsT 0.07π

Amax 0.25 dB

Amin 40 dB

Table 2.1The specified design parameters for the implemented filters.

L L
KL

KL

y(n)G

0

1

T

x(n)
0

0-(K-2)

KM1T

K-1

1-(K-1)
K-1

KLT

G z( )
8
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3 Components and
algorithms

In this chapter the components and the algorithms used in this thesis
explained. Finally, the black-box view of the filters is shown.

3.1 Wave Digital Filters

Lattice wave digital filters are stable filters that are suitable for high-speed a
cations. They always have an odd order and a common structure as sho
Fig. 3.1 [3].

In Fig. 3.2 a description of the components that are used in Fig. 3.1 is illustra

3.2 Two’s Complement representation

Two’s complement representation is common in digital signal processing.
value of a normalized  bit binary word in two’s complement representation

(3.1)

Where  and  [2].

N

x x0– xi 2 i–⋅
i 1=

N 1–

∑+=

1– x 1 Q–≤ ≤ Q 2 N 1–( )–=
9



3 Components and algorithms
Figure 3.1 The lattice wave digital filter structure.

Figure 3.2 The elements used in Fig. 3.1 and in this thesis.

α1 αN−1

αN

αN−2

αN−3

+

1/2

T

T

x(n) y(n)

T

T

T

α2

α3

T

T

T

αK

B2

B1A1

+

-

αK

+

+

+

A2

= delay element, delays one clock period = multiplicator

= adaptor =

A2

A1

B2

B1

+ = addition element
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3.3 Carry-Save Adders

Carry-save adders, CSAs, are suitable for fast implementations, because th
no carry propagation. Separate sum and carry vectors are generated, and to
late the final result the sum and carry vectors can be merged [2], [4], [5]
Fig. 3.3 the principle of a CSA is explained. Here, and in this thesis, there
three operands.

3.4 Multiplication

In this thesis a multiplication of an operand with a constantαK is performed in
the adaptors. This multiplication can be implemented with several shift op
tions and CSAs. The simplest way to describe the method is with an exam
where a multiplication withα1 = 117/128 is performed. First the constantα1 is
transformed into binary representation, 128 = 27, hence 8 bits must be used t
represent 117. It is desired to have as many bits as possible equal to ‘0’, be
it reduces the total number of CSAs needed for the multiplication. There
Canonic Signed Digit Code is used [2]. 117 corresponds to 1128 064 032 -116 08
14 02 11 CSDC, andα1 can be written in the following way

(3.2)

Now it is clear that the multiplication of  (or ) with  is equivalent to

(3.3)

Figure 3.3 The CSA structure.

FA

aN-1 bN-1 dN-1

cN-2sN-1 cN-1

0FA

aN-2 bN-2 dN-2

cN-3sN-2

HA

a0 b0 d0

s0

sum =sK = aK xor bK xor dK

carry = cK+1 = aKbK + aKcK + bKcK

(FA = Full Adder)
(HA = Half Adder)

α1
117
128
---------

1 128⋅ 0+ 64⋅ 0+ 32⋅ 1– 16⋅ 0+ 8⋅ 1+ 4⋅ 0+ 2⋅ 1+ 1⋅
128

-----------------------------------------------------------------------------------------------------------------------------------------------

128 16– 4 1+ +
128

--------------------------------------- 1 1
8
---– 1

32
------ 1

128
---------+ + 

 ==

= =

x x n( ) α1

x α1⋅ x 1 1
8
---– 1

32
------ 1

128
---------+ + 

 ⋅ x
x–

8
------ x

32
------ x

128
---------+ + += =
11



3 Components and algorithms
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The complete multiplication is illustrated in Fig. 3.4. In this thesis cons

of two vectors, sum and carry, thus more CSAs (more area) are needed to i
ment it.

Multiplication with 1/2K corresponds to shifting the number positions to t
right, which extends the word length with bits, because the sign bit is shi
in from the left. The shift operation is shown in Fig. 3.5.

The final structure is illustrated in Fig. 3.6. Compare with Fig. 3.4.

Note that the negation is equal to inverting all the bits and adding 1 to
inverted number for two’s complement representation, which is used in this
sis. No separate adder for the addition with 1 is needed, because theN-1 bit of the
carry vector can be used, since it is always set to ‘0’ according to Fig. 3.3. In
case two inversions are performed, hence 2 must be added to the result. The
in two CSAs theN-1 carry bit is set to ‘1’.

3.4.1 Improvement of the multiplication

There is an improvement that can be done to the multiplication struc
described earlier. In Fig. 3.6 there are several shift operations that copy the
bit of the sum and carry vectors. The load on the sign-bit at the input is there
very high, which increases the latency of the multiplication. In order to decre
the latency ‘0’s can be shifted in instead of the sign-bit. In Fig. 3.7 an examp
a multiplication with 1/8 (which is the same as shifting 3 bits) is shown.

Figure 3.4 Multiplication of  with a constantα1.

Figure 3.5 The shift operation.

x n( )

1/8

x(n)

α1
.x(n)

-1

1/32

1/128

+

x n( )

K
K

>>KShift operation x0 ...x0 x0 x1 ... xN-1

K sign bits

= 1/2K
12



3.5 Adaptor with correction and saturation control
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In order to get the correct result, an addition with the correction vector mus
performed. Most multiplications in this thesis have several shift operations, th
fore all the correction vectors are added, and only one extra adder is needed
the correct result. This adder is placed at the output of the CSA tree.

3.5 Adaptor with correction and saturation control

In Fig. 3.2 an overview of an adaptor is shown. However, there are more thin
consider when implementing the adaptor, because the carry-save arithme
redundant and shifting is not straight forward. Therefore an overflow correc
must be made, and a saturation to  must be performed [4], [5], [6].

Figure 3.6 The final structure of a multiplication.

Figure 3.7 The correction when ‘0’s are shifted in instead of the sign-bit.

>> 3 >> 5 >> 7

Sin Cin

Sout Cout

CSA1CSA1

o o

CSA CSA

CSA

CSA

o = inverter

Sout =α1 Sin
.

Cout =α1 Cin
.

CSA1
Indicates that the last,N-1, bit
of the carry vector is set to ‘1’
instead of ‘0’.

0 0 0x0 x1 x2 x3 ...xN

1 1 1  1  0   0   0 ...  0 correction

0.5±
13



3 Components and algorithms
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There are many ways to do the overflow correction, and in this thesis the fol
ing simple way has been chosen. Before each CSA tree, the word length o
input signals is extended with the sign-bit. Then all the additions are perfor
with the extended word length, and with the help of a few XOR operations
correct result is obtained [7], see Fig. 3.8.

The overflow correction must be performed in each CSA tree before a shift o
ation.

Two things must be done at the output of an adaptor. First a saturation co
needs to be inserted, and second the output must be quantized back to the in
word length of the filter, due to the word length extension in the shift operati
of the multiplication.

Saturation control is performed according to [4], where only the top two
(MSB and MSB-1) of the sum and carry vectors are considered. Therefore
saturation control will have a certain probability of overflow. This is illustrated
Fig. 3.9.

The uncertainty region will become smaller when more bits are considere
this thesis it is assumed that using two bits is good enough.

Finally, the complete structure of an adaptor is illustrated in Fig. 3.10.

Figure 3.8 The principle of overflow correction in CSA trees.

CSA tree

CSA

CSA

Sout Cout

Inputs

x0 x0 x1 x2 ...xN Extend the word length of all the inputs

Sout = s0 s1 s2 ...sN+1

Cout = c0 c1 c2 ...cN+1

Sout’ = s0’ s2 s3 ...sN+1

Cout’  = c0’ c2 c3 ...cN+1

s0’  = s0 xor c0 xor s1

c0’  = s0 xor c0 xor c1

Correction

Sout Cout

Sout’ Cout’
14



3.6 Scaling of the filter
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3.6 Scaling of the filter

The filter must be scaled in order to avoid overflow as much as possible. For
ter SNR, overflow is tolerated with a certain probability.Lp-norms use frequency
properties of the input signal as a scaling criterion.L2-norm is the most used one
because it is easy to calculate and it has good properties. This norm is rela
the power contained in the signal

(3.4)

To compute theL2-norm above, Parseval’s relation can be used. Now theL2-
norm can be written as

Figure 3.9 The principle of saturation control for CSA arithmetic.

Saturation
   control

Sin Cin

Sout Cout

Positive Over Flow: (s0 or c0) and (s1 or c1)

Negative Over Flow: (s0 andc0) and (s1 andc1)

Sin = s0 s1 s2 ...sN-1

Cin = c0 c1 c2 ...cN-1

boths0 andc0 are ‘0’ and at least one ofs1 or c1 is ‘1’

both s0 andc0 are ‘1’ and at least one ofs1 or c1 is ‘0’

POF =>
Sout = 0 0 1 1 ... 1

Cout = 0 0 0 0 ... 0

NOF =>
Sout = 1 1 0 0 ... 0

Cout = 0 0 0 0 ... 0

Sin + Cin

Sout + Cout

0.5

- 0.5

1

- 1

Sout = Sin

Cout = Cin
Else =>

uncertainty

uncertainty

Desired

X e
jωT( ) 2

1
2π
------ X e

jωT( )
2

ωd

π–

π

∫ T=
15
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The L2-norm must be calculated for all the critical overflow nodes, when
impulse is applied at the input of the filter. The nodes to be scaled (critical o
flow nodes) are the inputs to all non-integer multipliers and the output [3].
simplest way to do this is to use MATLAB. The scaling factors are chosen so
theL2-norm in each critical overflow node is smaller or equal to 1.

3.7 Noise

As discussed previously, the multiplication extends the word length with a ce
number of bits. Therefore a reset of the word length must be done somew
which is called toquantizethe signal. In this thesis the quantization is done at
output of each adaptor. An error is then introduced, quantization error. One
either truncate (throw away the extra bits), or round when quantizing. What
the method, quantization can be modelled in the following way, see Fig. 3.1

Here is a stochastic process, and can be assumed to be white nois
independent of the signal [3]. The reason why these effects must be co
ered is because the implemented structure should not add more noise to the
signal at the output.

Figure 3.10 The complete structure of an adaptor.

B2

B1

A1

+

-

αK

+

+

+

A2

Correction

Correction

Correction

SE

SE

SE

Saturation
   control

Saturation
   control

Q

Q

SE = Sign Extension

Q = Quantization

X 2 x n( )2

n ∞–=

∞

∑=

e n( )
x n( )
16



3.7 Noise
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This can be accomplished by extending the word length of the input si
according to Fig. 3.12. The extended word length is referred to as the inte
word length of the filter.

To determine what value should have, a method described in [3] is u
One by one all the noise sources are analyzed when an impulse is appli

, at the same time as  is set to zero, see Fig. 3.13.

The impulse response, , of each noise source is then used to calcula
noise gain, , according to the following equation

(3.6)

Further, the noise gain of the complete filter, , must be calculated, wher
is the same as the impulse response of the filter. When all the noise gain
known, the following equation is used to determine the additional bits (
the internal word length

Figure 3.11 The quantization error.

Figure 3.12 The extension of the input word length.

Figure 3.13 An impulse is applied as , at the same time as  is set to zero.
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3 Components and algorithms
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3.8 Pipelining

Pipelining is a way to increase the maximum sample frequency of a digital s
ture. A delay element is equivalent to a DFF, and the maximal sample frequ
is bounded by the longest latency of the operation-chain between two delay
ments in the structure. When pipelining is performed, delay elements are ins
into, and moved in the structure. In Fig. 3.14 a way of moving the delay elem
for networks with equivalent input-output behavior is illustrated.

Network can for example be an addition, a multiplication or just a node. In
thesis all the networks have equivalent input-output behavior.

Let us assume that Fig. 3.15 illustrates the longest path (critical path) of a s
ture. The latency of the critical path, , is three additions and three multipl
tions. In order to improve the critical path, the output is delayed two time un

These delay elements are then used to pipeline the structure, as illustra
Fig. 3.16. Now is only one addition and one multiplication. This means t

has been decreased and the maximal sample frequency,
been increased, since .

Figure 3.14 Network with equivalent input-output behavior.

Figure 3.15 Before pipelining.

Figure 3.16 After pipelining
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3.9 The implemented filters and their environment
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A delay element can not be propagated into a recursive loop, but the delay
ments inside a recursive loop can be rearranged according to the pipelining
ciple described above. It is calledretiming when delay elements within a
recursive loop are moved around. An example of pipelining a recursive l
(retiming) is illustrated in Fig. 3.17.

Now there are still four delay elements inside the loop, but they are rearrang

3.9 The implemented filters and their environment

The implemented filters have the black-box view as showed in Fig. 3.18. Th
how the surrounding environment “sees” the filters.

Figure 3.17 Pipelining inside a recursive loop (retiming).

Figure 3.18 The black-box view of the implemented filters and their environment.
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3 Components and algorithms

-save
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In Fig. 3.18 it can be seen that at the input there are two options, either carry
representation is used, or the input can be connected toSin and ‘0’s toCin. At the
output there are also two choices, either to continue to use carry-save repre
tion, or to add a vector-merging adder, which merges the sum and carry vec
20
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4 Conventional structure
In this chapter the properties of the implemented conventional filter
described. Further, pipelining, scaling and internal word length extension are
formed.

4.1 Structure

This is the reference structure, which the other two implemented structure
compared to. The conventional structure consists of one subfilter accordin
Fig. 4.1.

No pipelining can be done in the loops, because there are no extra delay
ments. In Fig. 4.2 a more detailed illustration of the conventional structur
shown. The coefficients for the adaptors can be found in Table 4.1.

When implementing the conventional structure delay elements must be ins
after adaptor 1, 2 and 4, in order to prevent the critical path to be from the inp
the output. Therefore two delay elements have been added to the output (ou
now delayed two clock cycles), and propagated into the structure. This is the
pipelining that has been done for the conventional structure.

Figure 4.1 The conventional structure.

A0(z)

A1(z)

+

1/2
y(n)x(n)
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4 Conventional structure

ed
The multiplications withαK in the adaptors are made by the principle describ
in “Multiplication” on page 11.

Figure 4.2 The conventional structure with adaptors and inserted delay elements.

Coefficients Conventional

α1 117/128

α2 -229/256

α3 1015/1024

α4 -995/1024

α5 505/512

Table 4.1The coefficients for the conventional filter.
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α3
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4.2 Scaling

The next step is to scale the filter, so that the range of the input signal is
explained in “Scaling of the filter” on page 15, all the inputs to non-integer mu
plications and the output node must be scaled. The only multiplications (the
tiplication with 1/2 at the output is not considered, because it will disappear a
scaling) are in the adaptors, see Fig. 4.3.

For this MATLAB is used. The nodes that are calledn1 ... n5 refer to the number
of eachα in Fig. 4.2. Simulation of the ideal filter model in MATLAB gives th
results in Table 4.2.

These values must not be larger than 1, hence the input signal should be s
with 1/8. One way to do this is to introduce a multiplication with 1/8 at the inp
but that is not the best solution. First it can be seen in Table 4.2 that for adap
and 3, it is enough to scale with 1/4. Second is that the noise from the quan
tions should be minimized. Therefore it is best to shift as much as possible
the quantization that produces the most noise, thus the different scaling op
must be studied from the noise point of view first.

Figure 4.3 The nodes that must be scaled.

Node Rms-value (L2)

n1 1.02

n2 4.35

n3 4.25

n4 8.40

n5 8.37

y(n) 0.23

Table 4.2The rms-values in the critical nodes in the conventional structure, when an impul
applied at the input.

1±
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+

+

+

A2
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Node to be scaled

WDF y(n)x(n) .
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4.3 Noise and internal word length

In “Noise” on page 16 it has been explained why the internal word length of
filter must be larger than the input word length, and also how the internal w
length is determined. In this case there is only one subfilter, and all the quan
tion noise sources are illustrated in Fig. 4.4.

The filled circles are the places where an impulse is to be applied. Notice als
scaling that has been chosen. The upper section needs to be scaled with 1
the lower with 1/4. At the output a multiplication with 4 must be performed
order to have the right signal level, due to scaling. Therefore the initial multi
cation with 1/2 is now replaced with a multiplication with 2. In Fig. 4.5 the d
ferent noise gains ( ) are shown. The numbers on thex-axis correspond to the
node numbers in Fig. 4.4.

Finally, all the noise gains are added and (3.7) is applied. The resulting inte
word length extension is

Figure 4.4 The nodes from where the quantization error propagates for the convention
structure.
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4.3 Noise and internal word length

, and
(4.1)

This means that at least 5 extra bits in the internal word length are needed
there is no reason to have more than the minimal value.

Figure 4.5 The noise gain for the noise sources in Fig. 4.4.
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5 Two-stage structure
In this chapter the properties of the implemented two-stage filter are descr
Further, pipelining, scaling and internal word length extension are performe

5.1 Structure

The two-stage structure consists of two subfilters according to Fig. 5.1.

Now the folding algorithm described in “Folding” on page 6 is applied, whi
gives the structure in Fig. 5.2.

The additional delay elements at the output are used both for cutting of the
between the input and the output, and for pipelining (retiming) inside the st
ture and loops. In Fig. 5.3 a more detailed illustration of the initial two-sta
structure is shown. The coefficients for the adaptors can be found in Table 5.

The multiplications withαK in the adaptors are made by the principle describ
in “Multiplication” on page 11.

In order to have enough delay elements for pipelining  is chosen to 5.

Figure 5.1 The two-stage structure.
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5 Two-stage structure
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5.2 Pipelining

As can be seen in Fig. 5.3 there are six delay elements available for retimin
loops. The problem is to make all the paths approximately equally long, so
the critical path is made as small as possible. In Fig. 5.4 adaptors 4 and 5 aft
retiming are shown. Here the adaptor model from Fig. 3.10 has been used w
more detailed multiplication. For simplicity only six delay elements have b
drawn, because only they can be used for pipelining.

At least one delay element must be placed at the output of each adaptor,
separate counter (0-1) must be used for each multiplexer. The last delay ele
is used to pipeline the addition at the output.

5.3 Scaling

The next step is to scale the filter, so that the range of the input signal is
explained in “Scaling of the filter” on page 15, all the inputs to non-integer mu
plications and the output node must be scaled. The only multiplications (the
tiplication with 1/2 at the output is not considered, because it will disappear a
scaling) are in the adaptors, see Fig. 4.3. With the same notation and by the
way as for the conventional structure the values in Table 5.2 are calculate
MATLAB.

The two-stage structure consists of two subfilters in cascade. The rms-value
the different nodes have been calculated for each subfilter separately, and th
all the same.

Figure 5.2 The folding of the two-stage structure.
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5.3 Scaling

caling
word
Because of the same reasons as for the conventional structure, different s
alternatives must be evaluated in order to get the shortest possible internal
length.

Figure 5.3 The initial two-stage structure with adaptors.
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5 Two-stage structure
Coefficients Two-stage

α1 21/32

α2 -39/64

α3 109/128

α4 -113/128

α5 101/128

Table 5.1The coefficients for the two-stage filter.

Figure 5.4 Pipelining in adaptor 4 and 5 of the two-stage structure.
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5.4 Noise and internal word length

In “Noise” on page 16 it has been explained why the internal word length of
filter must be larger than the input word length, and also how the internal w
length is determined. In this case there are two subfilters, and the noise gain
be calculated at the output of the complete filter, see Fig. 5.5.

Both subfilters have the same quantization noise sources, as illustrate
Fig. 5.6. The filled circles are the places where an impulse is to be app
Notice also the scaling that has been chosen. The upper section needs to be
with 1/4, and the lower with 1/2. At the output a multiplication with 2 must
performed in order to have the right signal level, due to scaling. Therefore the
tial multiplication with 1/2 is now gone. For simplicity only one delay eleme
has been drawn.

Each subfilter looks like Fig. 5.6, except for the number of delay elements
Fig. 5.7 the different noise gains ( ) are shown. The numbers on thex-axis cor-
respond to the node numbers in Fig. 5.6.

Finally, all the noise gains are added and (3.7) is applied. The resulting inte
word length extension is

Node Rms-value (L2)

n1 1.10

n2 2.26

n3 2.11

n4 4.13

n5 4.23

y(n) 0.46

Table 5.2The rms-values in the critical nodes for each subfilter in the two-stage structu
when an impulse is applied at the input.

Figure 5.5 The noise propagation in the two-stage structure.
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5 Two-stage structure
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This means that at least 5 extra bits in the internal word length are needed
there is no reason to have more than the minimal value.

Figure 5.6 The nodes from where the quantization error propagates for the two-stage s
ture.
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5.4 Noise and internal word length
Figure 5.7 The noise gain for the noise sources in Fig. 5.6.
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6 Four-stage structure
In this chapter the properties of the implemented four-stage filter are descr
Further, pipelining, scaling and internal word length extension are performe

6.1 Structure

The four-stage structure consists of four subfilters according to Fig. 6.1.

Once again the folding algorithm described in “Folding” on page 6 is appl
which gives the structure in Fig. 6.2.

The additional delay elements at the output are used both for cutting of the
between the input and the output, and for pipelining (retiming) inside the st
ture and loops. In Fig. 6.3 a more detailed illustration of the initial four-sta
structure is shown. The coefficients for the adaptors can be found in Table 6

The multiplications withαK in the adaptors are made by the principle describ
in “Multiplication” on page 11.

In order to have enough delay elements for pipelining  is chosen to 5.

Figure 6.1 The four-stage structure.
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6 Four-stage structure
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6.2 Pipelining

As can be seen in Fig. 6.3 there are twenty delay elements available for reti
the loops. The problem is to make all the paths approximately equally long
that the critical path is made as small as possible. In this case there are en
delay elements to have one delay element after each operation, but not eno
pipeline inside the operations. In Fig. 6.4 adaptors 4 and 5 after the retiming
shown. Here the adaptor model from Fig. 3.10 has been used with a m
detailed multiplication. For simplicity only twenty delay elements have be
drawn, because only they can be used for pipelining.

The critical component in this structure is the saturation control, which has p
ously been explained in “Adaptor with correction and saturation control”
page 13. Therefore it is necessary to pipeline inside the component in ord
shorten the critical path. In Fig. 6.5 the saturation control component, and
delay elements that has been pipelined into its structure are illustrated.

In order to decrease the load on the select signal two equal structures are cr
one forSout and one forCout. The different combinations for the select signal a
shown in Table 6.2.

In Table 6.2 it can be seen that if for example first a positive overflow occurs
then a negative overflow, all the bits ofSout must be inverted. Therefore for nega
tive overflowCout is set to ‘11000...0’ andSout to ‘000...0’ in the implementation.

Figure 6.2 The folding of the four-stage structure.
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6.2 Pipelining

and a
ment
At least one delay element must be placed at the output of each adaptor,
separate counter (0-3) must be used for each multiplexer. The last delay ele
is used to pipeline the addition at the output.

Figure 6.3 The initial four-stage structure with adaptors.
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6 Four-stage structure
Coefficients Four-stage

α1 1/4

α2 -11/32

α3 1/4

α4 -25/32

α5 5/64

Table 6.1The coefficients for the four-stage filter.

Figure 6.4 Pipelining in adaptor 4 and 5 of the four-stage structure.
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6.3 Scaling

The next step is to scale the filter, so that the range of the input signal is
explained in “Scaling of the filter” on page 15, all the inputs to non-integer mu
plications and the output node must be scaled. The only multiplications (the
tiplication with 1/2 at the output is not considered, because it will disappear a
scaling) are in the adaptors, see Fig. 4.3. With the same notation and by the
way as for the conventional structure the values in Table 6.3 are calculate
MATLAB.

The four-stage structure consists of four subfilters in cascade. The rms-valu
the different nodes have been calculated for each subfilter separately, and th
all the same.

Figure 6.5 The structure of a saturation control.
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6 Four-stage structure
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Because of the same reasons as for the conventional structure, different s
alternatives must be evaluated in order to get the shortest possible internal
length.

6.4 Noise and internal word length

As for the previous structures the internal word length of the filter must be de
mined. In this case there are four subfilters, and the noise gain must be calcu
at the output of the complete filter, see Fig. 6.6.

All subfilters have the same quantization noise sources, as illustrated in Fig
The filled circles are the places where an impulse is to be applied. Notice als
scaling that has been chosen. The upper section needs to be scaled with 1
the lower with 1/2. At the output a multiplication with 2 must be performed
order to have the right signal level, due to scaling. Therefore the initial multi
cation with 1/2 is now gone. For simplicity only one delay element has b
drawn.

Each subfilter looks like Fig. 6.7, except for the number of delay elements
Fig. 6.8 the different noise gains ( ) are shown. The numbers on thex-axis cor-
respond to the node numbers in Fig. 6.7.

Node Rms-value (L2)

n1 1.26

n2 1.75

n3 1.81

n4 3.02

n5 3.87

y(n) 0.69

Table 6.3The rms-values in the critical nodes for each subfilter in the four-stage structu
when an impulse is applied at the input.

Figure 6.6 The noise propagation in the four-stage structure.
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6.4 Noise and internal word length
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Finally, all the noise sources are added and (3.7) is applied. The resulting int
word length extension is

(6.1)

This means that at least 5 extra bits in the internal word length are needed
there is no reason to have more than the minimal value.

Figure 6.7 The nodes from where the quantization error propagates for the four-stage s
ture.
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6 Four-stage structure
Figure 6.8 The noise gain for the noise sources in Fig. 6.7.
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7 Implementation,
Synthesis and Evaluation

In this chapter the tools, together with the methods used for the implementa
the synthesis and the evaluation are discussed.

7.1 Implementation

In this thesis VHDL has been used for the hardware description of the filters
graphic tools like FPGADV (Renoir) have been used, only Emacs with VH
mode. When describing the components of the filters, the goal was to kee
VHDL code as simple as possible, in order to avoid errors and synthesis p
lems. The result is that all the components are built by simple building blo
such as NAND gates and DFFs. For component simulation Vsim has been
The output of Vsim has often been saved to a file, which was imported and s
ied in MATLAB.

Ideal models of the filters have been implemented in MATLAB, so that sca
constants could be calculated, and the internal word lengths of the filters d
mined. The MATLAB models were also used to compare the output from V
with the output from the ideal filters or adaptors.

7.2 Synthesis

In this thesis the VHDL models have been synthesized by the use of Leon.
Standard cells from AMS csx 0.35µm CMOS technology were used to produc
and export a verilog netlist from Leonardo. Further, the area of the designs
the maximal approximated clock frequency was provided by Leonardo.
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7 Implementation, Synthesis and Evaluation
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The next step was to verify the logic function of the verilog netlist in Vsim,
order to make sure that Leonardo did not change it. This far it has been ass
that the clock signal arrives to all the DFFs at the same time, but that is no
case in reality. Therefore a clock tree must be inserted into the structure. Fo
Silicon Ensemble was used. Silicon Ensemble inserted buffers, which del
the clock signal, so that it arrived to all the DFFs within a certain specified ti
Silicon Ensemble made the necessary changes in the verilog netlist, which
once again verified in Vsim.

7.3 Evaluation

To simulate the netlist for power consumption Nanosim was used. As inp
SPICE netlist was used for the conventional and two-stage filters. The SP
netlists were produced by Cadence, by importing the verilog netlists of
designs with the inserted clock tree. For the four-stage filter the verilog ne
with the clock tree was used as input directly to Nanosim. The reason for tha
that Cadence failed to produce a SPICE netlist for the four-stage structure, d
the size of the four-stage verilog netlist.

A Nanosim simulation calculated an approximation of the average current a
supply voltage,Vdd, which was enough to calculate the power consumption
multiplying the average current atVdd with Vdd. Nanosim also produced the ou
put signals of the input structure, and they along with the output from Vsim, w
studied in SimWave. This way the output signals from Vsim could be compa
with the output signals from Nanosim, in order to make sure that they were
same (except for a certain delay).
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8 Results
In this chapter the results of the synthesis, and power consumption simula
are presented and discussed.

8.1 Synthesis

First of all it should be said that all the structures have been implemented
cessfully, and the results from the synthesis are shown in Table 8.1 (sqmil
area unit used by Leonardo, and it is equal to 645µm2).

In Table 8.1 it can be seen that the area of the DFFs increases, at the same t
the area of the rest of the design decreases. The reason for the increase o
area is of course that there are more delay elements in the two-stage and
stage structures. At the same time the coefficients are simpler, thus the mu

Conventional Two-stage Four-stage

fmax,clk (MHz) 50.6 158.3 324.0

fmax,clk/fmax,clk,conv theory 1 6 20

fmax,clk/fmax,clk,conv design 1 3.12 6.40

fmax,sample (MHz) 50.6 79.2 81.0

Areatot (sqmil / %) 1169 / 100 2158 / 185 5289 / 452

Areadff (sqmil / %) 151 / 100 1386 / 918 4659 / 3085

Arearest (sqmil / %) 1018 / 100 772 / 76 630 / 62

Table 8.1The results of the synthesis of the implemented structures.
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cations require less area. Further, it can be seen that the maximal clock freq
increase is not as large as predicted in theory. The reason is that in realit
delay elements have a certain delay and must drive a certain load, w
increases the latency. Another thing is that in practice all the extra delay elem
introduced by folding can not be utilized completely, when retiming of the loo
is performed.

The two-stage structure consists of two subfilters and the four-stage structu
four. The maximal clock frequency in the unfolded structure corresponds to
maximal clock frequency of the “slowest” subfilter in that structure. For the tw
stage structure the limiting subfilter is , and for the four-stage struc

. Further, the folded structure should in theory beK times faster, where
K=2 for the two-stage, andK=4 for the four-stage structures. The subfilte

and have been implemented and synthesized, and the result
shown in Table 8.2.

Once again it is shown that the theoretical expectations can not be realiz
practice. The reason is the same as before, non-ideal DFFs and retiming
loops. During the synthesis of the subfilters and , there was no o
mization done, hence the maximal clock frequency can be even higher.

8.2 Power consumption

The final step in this thesis was to estimate the power consumption of the fi
and see how much the supply voltage could be scaled for the chosen techn
For these simulations Nanosim was used. Two different input signals w
applied, one uncorrelated random signal with range, and one correlated s
(mp3). The two-stage structure stopped working correctly whenVdd was reduced
to 2.3 V, and the four-stage structure at 2.5 V. The limiting factor was proba

fmax,clk (MHz) 100.8 136.4

expectedfmax,clk for the

folded structure (MHz)
201.6 545.6

actualfmax,clk for the

folded structure (MHz)
158.3 324.0

Areatot (sqmil) 1171 1538

Table 8.2The results of the synthesis of the  and  subfilters.
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the inserted clock tree, but since one of the conditions in this thesis was to us
standard cells from AMS csx 0.35µm CMOS technology with clock tree, the 2.
V and 2.5 V limits had to be accepted. The four-stage structure has also
simulated without the clock-tree, andVdd could then be reduced to 1.9 V. Th
results are shown in Table 8.3.

The simulation time for the random signal was 10000 ns, which correspond
500 samples for all the structures. For the correlated signal the simulation
was 20000 ns, which corresponds to 1000 samples.

The reduction ofVdd for the two-stage and four-stage structures was possi
because used in the simulation was lower than for these structu
Note that the clock frequencies in Table 8.3 are chosen, so that all the filters
the same sample frequency.

If random and correlated power consumptions for the structures are comp
then it can be seen that only for the conventional structure the power cons
tion is reduced. That is as expected, because for the two-stage and four
structures, there are two respectively four subfilters that “use” the circuit e
other respectively forth clock period, and that “removes” the correlation eff
However, since the conventional structure only consists of one subfilter, a re
tion of the power consumption, due to the correlation can be seen.

Conventional Two-stage Four-stage
Four-stage
without the
clock-tree

Vdd (V) 3.3 2.3 2.5 1.9

fclk (MHz) 50 100 200 200

fsample (MHz) 50 50 50 50

random (mW / %) 336 / 100 192 / 57 1150 / 342 530 / 158

correlated (mW / %) 287 / 100 190 / 66 1140 / 397

Table 8.3The results of the Nanosim simulations.

f clk f max clk,
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9 Conclusions and future
work

In this thesis three digital filters have been implemented, synthesized and e
ated. The filter structures were conventional, two-stage and four-stage. The
was to compare the maximal clock frequency, the maximal sample frequenc
power consumption and the used area. For the synthesis standard cells from
csx 0.35µm CMOS technology were used.

According to the tables in the previous chapter, the maximal clock frequency
increased from 50 MHz (conventional) to 158 MHz (two-stage) and 324 M
(four-stage). The maximal sample frequency was at the same time increased
50 MHz (conventional) to 79 MHz (two-stage) and 81 MHz (four-stage).

The clock frequency overhead was traded over power consumption by the u
supply voltage,Vdd, scaling. For the two-stage structureVdd could be scaled, so
that the power consumption was reduced compared to the conventional stru
For the four-stage structureVdd could not be scaled enough to even reach
same power consumption as the conventional structure, not even when the
tree was removed.

Further, the two-stage structure seems to be superior to the four-stage struc
higher sample frequency is desired, since both structures have approximate
same maximal sample frequency, at the same time as the two-stage structu
both less area and lower power consumption. However, one problem with
four-stage structure is the large amount of DFFs, and there may be a
improvements that can be done. One is that other better-suited DFFs can be
49
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ture
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for the synthesis. Another is that since the critical path for the four-stage struc
consists of one DFF and some logic gates, they can be integrated into one co
nent, which could lead to a better solution.

Finally, for the future work a three-stage structure could be composed and im
mented. Maybe it would have good properties, compared to the structures im
mented in this thesis.
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	1 Introduction
	1.1 Background
	Today it is important that electronic circuits are fast, have low power consumption, and use a sm...

	1.2 Outline of this thesis
	• Chapter 2: Discusses the frequency masking techniques and the general folding algorithm. The sp...
	• Chapter 3: All the components, the arithmetic and the algorithms used in this thesis are explai...
	• Chapter 4-6: A specific description of each filter where things like pipelining, scaling and no...
	• Chapter 7: Discusses the tools used for the implementation, the synthesis and the evaluation.
	• Chapter 8: The results of the synthesis and the power simulations are presented and discussed.
	• Chapter 9: Summarizes the results and proposes some improvements.

	1.3 Terminology
	: Word length of a binary number, integer
	: Integer
	: A discrete signal where n is an integer
	x = x0 x1 ... xN-2 xN-1: A binary word where x0 is the Most Significant Bit, MSB, and xN-1 is the...
	: The clock frequency
	: The maximal clock frequency
	: The sample frequency
	: The maximal sample frequency
	: The latency of the critical path
	The supply voltage
	CSA: Carry-Save Adder
	FA: Full Adder
	HA: Half Adder
	CSDC: Canonic Signed Digit Code
	SNR: Signal to Noise Ratio
	DFF: D-Flip-Flop
	IIR: Infinite Impulse Response
	FIR: Finite Impulse Response
	‘0’, ‘1’: Logic Zero and logic One


	2 Frequency masking filters and the proposed structure
	In this chapter the concept of frequency masking is explained with an example of a narrow-band lo...
	2.1 Introduction
	Frequency masking filters consist of periodic subfilters, and are used both for FIR and IIR struc...

	2.2 Recursive filters
	For a recursive (IIR) filter the maximal sample frequency is bounded by the recursive loop(s). Th...
	(2.1)
	Where is the number of delay elements in the loop , and is the total latency (delay) of all opera...


	2.3 Narrow-band frequency masking filters
	The principle of frequency masking is here explained with an example of a narrow-band lowpass fil...
	Figure 2.1 The structure of a narrow-band frequency masking filter.

	is referred to as the model filter, and is the masking filter. In Fig.�2.2 the magnitude function...
	Figure 2.2 The magnitude functions of the (a) model, (b) masking and (c) overall filters.

	In [1] it is proposed that instead of having a separate masking filter, a single filter is used b...
	The model filter, , consists of two allpass sections, and , and has the following property
	(2.2)
	The complementary output, , can also be obtained with the same allpass sections

	(2.3)
	In Fig.�2.3 the magnitude functions of and are illustrated.
	The model filter consists, as explained before, of two allpass sections, as shown in Fig.�2.4.
	Figure 2.3 The magnitude functions of the ordinary and complementary outputs of the model filter.
	Figure 2.4 The structure of the model filter with both ordinary and complementary outputs.

	The narrow-band filter structure proposed in [1] is composed of sections of the model filter in c...
	Figure 2.5 The proposed narrow-band structure.

	In this thesis two versions of the proposed structure have been implemented and evaluated.


	2.4 Folding
	In Fig.�2.5 it can be seen that the same allpass sections and are used for all subfilters, and th...
	The filter can be separated into a set of arithmetic operations, , and a number of delay elements...
	Figure 2.6 The filter separated into a set of arithmetic operations, , and delay elements (only o...

	In Fig.�2.7 the proposed structure from Fig.�2.5, separated into arithmetic operations, , and del...
	Figure 2.7 The proposed structure from Fig.�2.5, separated into arithmetic operations, , and dela...

	When the folding algorithm is applied, the resulting structure will be as illustrated in Fig.�2.8.
	Figure 2.8 The folding of the subfilters into one time-multiplexed structure.

	Now there are at least delay elements in each loop, thus the clock frequency can be increased by ...
	Note that by folding the structure, as shown in Fig.�2.8, a loop from input to output has been in...
	Further, in Fig.�2.8 it can be seen that the delay elements in the loops of the subfilters can be...
	Figure 2.9 The final folded structure.


	2.5 Filter specification
	In this thesis three digital filters are implemented and evaluated. All of them fulfil the specif...
	Table 2.1 The specified design parameters for the implemented filters.

	The model filter (and thus all the filters) is implemented with a fifth order lattice wave digita...


	3 Components and algorithms
	In this chapter the components and the algorithms used in this thesis are explained. Finally, the...
	3.1 Wave Digital Filters
	Lattice wave digital filters are stable filters that are suitable for high-speed applications. Th...
	Figure 3.1 The lattice wave digital filter structure.

	In Fig.�3.2 a description of the components that are used in Fig.�3.1 is illustrated.
	Figure 3.2 The elements used in Fig.�3.1 and in this thesis.


	3.2 Two’s Complement representation
	Two’s complement representation is common in digital signal processing. The value of a normalized...
	(3.1)
	Where and [2].


	3.3 Carry-Save Adders
	Carry-save adders, CSAs, are suitable for fast implementations, because there is no carry propaga...
	Figure 3.3 The CSA structure.


	3.4 Multiplication
	In this thesis a multiplication of an operand with a constant aK is performed in the adaptors. Th...
	(3.2)
	Now it is clear that the multiplication of (or ) with is equivalent to

	(3.3)
	The complete multiplication is illustrated in Fig.�3.4. In this thesis consists of two vectors, s...
	Figure 3.4 Multiplication of with a constant a1.

	Multiplication with 1/2K corresponds to shifting the number positions to the right, which extends...
	Figure 3.5 The shift operation.

	The final structure is illustrated in Fig.�3.6. Compare with Fig.�3.4.
	Figure 3.6 The final structure of a multiplication.

	Note that the negation is equal to inverting all the bits and adding 1 to the inverted number for...

	3.4.1 Improvement of the multiplication
	There is an improvement that can be done to the multiplication structure described earlier. In Fi...
	Figure 3.7 The correction when ‘0’s are shifted in instead of the sign-bit.

	In order to get the correct result, an addition with the correction vector must be performed. Mos...


	3.5 Adaptor with correction and saturation control
	In Fig.�3.2 an overview of an adaptor is shown. However, there are more things to consider when i...
	There are many ways to do the overflow correction, and in this thesis the following simple way ha...
	Figure 3.8 The principle of overflow correction in CSA trees.

	The overflow correction must be performed in each CSA tree before a shift operation.
	Two things must be done at the output of an adaptor. First a saturation control needs to be inser...
	Saturation control is performed according to [4], where only the top two bits (MSB and MSB-1) of ...
	Figure 3.9 The principle of saturation control for CSA arithmetic.

	The uncertainty region will become smaller when more bits are considered. In this thesis it is as...
	Finally, the complete structure of an adaptor is illustrated in Fig.�3.10.
	Figure 3.10 The complete structure of an adaptor.


	3.6 Scaling of the filter
	The filter must be scaled in order to avoid overflow as much as possible. For better SNR, overflo...
	(3.4)
	To compute the L2-norm above, Parseval’s relation can be used. Now the L2- norm can be written as

	(3.5)
	The L2-norm must be calculated for all the critical overflow nodes, when an impulse is applied at...


	3.7 Noise
	As discussed previously, the multiplication extends the word length with a certain number of bits...
	Figure 3.11 The quantization error.

	Here is a stochastic process, and can be assumed to be white noise and independent of the signal ...
	This can be accomplished by extending the word length of the input signal according to Fig.�3.12....
	Figure 3.12 The extension of the input word length.

	To determine what value should have, a method described in [3] is used. One by one all the noise ...
	Figure 3.13 An impulse is applied as , at the same time as is set to zero.

	The impulse response, , of each noise source is then used to calculate the noise gain, , accordin...
	(3.6)
	Further, the noise gain of the complete filter, , must be calculated, where is the same as the im...

	(3.7)

	3.8 Pipelining
	Pipelining is a way to increase the maximum sample frequency of a digital structure. A delay elem...
	Figure 3.14 Network with equivalent input-output behavior.

	Network can for example be an addition, a multiplication or just a node. In this thesis all the n...
	Let us assume that Fig.�3.15 illustrates the longest path (critical path) of a structure. The lat...
	Figure 3.15 Before pipelining.
	Figure 3.16 After pipelining

	A delay element can not be propagated into a recursive loop, but the delay elements inside a recu...
	Figure 3.17 Pipelining inside a recursive loop (retiming).

	Now there are still four delay elements inside the loop, but they are rearranged.

	3.9 The implemented filters and their environment
	The implemented filters have the black-box view as showed in Fig.�3.18. This is how the surroundi...
	Figure 3.18 The black-box view of the implemented filters and their environment.

	In Fig.�3.18 it can be seen that at the input there are two options, either carry-save representa...


	4 Conventional structure
	In this chapter the properties of the implemented conventional filter are described. Further, pip...
	4.1 Structure
	This is the reference structure, which the other two implemented structures are compared to. The ...
	Figure 4.1 The conventional structure.

	No pipelining can be done in the loops, because there are no extra delay elements. In Fig.�4.2 a ...
	Figure 4.2 The conventional structure with adaptors and inserted delay elements.
	Table 4.1 The coefficients for the conventional filter.

	When implementing the conventional structure delay elements must be inserted after adaptor 1, 2 a...
	The multiplications with aK in the adaptors are made by the principle described in “Multiplicatio...

	4.2 Scaling
	The next step is to scale the filter, so that the range of the input signal is . As explained in ...
	Figure 4.3 The nodes that must be scaled.

	For this MATLAB is used. The nodes that are called n1 ... n5 refer to the number of each a in Fig...
	Table 4.2 The rms-values in the critical nodes in the conventional structure, when an impulse is ...

	These values must not be larger than 1, hence the input signal should be scaled with 1/8. One way...

	4.3 Noise and internal word length
	In “Noise” on page�16 it has been explained why the internal word length of the filter must be la...
	Figure 4.4 The nodes from where the quantization error propagates for the conventional structure.

	The filled circles are the places where an impulse is to be applied. Notice also the scaling that...
	Figure 4.5 The noise gain for the noise sources in Fig.�4.4.

	Finally, all the noise gains are added and (3.7) is applied. The resulting internal word length e...
	(4.1)
	This means that at least 5 extra bits in the internal word length are needed, and there is no rea...



	5 Two-stage structure
	In this chapter the properties of the implemented two-stage filter are described. Further, pipeli...
	5.1 Structure
	The two-stage structure consists of two subfilters according to Fig.�5.1.
	Figure 5.1 The two-stage structure.

	Now the folding algorithm described in “Folding” on page�6 is applied, which gives the structure ...
	Figure 5.2 The folding of the two-stage structure.

	The additional delay elements at the output are used both for cutting of the way between the inpu...
	Figure 5.3 The initial two-stage structure with adaptors.
	Table 5.1 The coefficients for the two-stage filter.

	The multiplications with aK in the adaptors are made by the principle described in “Multiplicatio...
	In order to have enough delay elements for pipelining is chosen to 5.

	5.2 Pipelining
	As can be seen in Fig.�5.3 there are six delay elements available for retiming the loops. The pro...
	Figure 5.4 Pipelining in adaptor 4 and 5 of the two-stage structure.

	At least one delay element must be placed at the output of each adaptor, and a separate counter (...

	5.3 Scaling
	The next step is to scale the filter, so that the range of the input signal is . As explained in ...
	Table 5.2 The rms-values in the critical nodes for each subfilter in the two-stage structure, whe...

	The two-stage structure consists of two subfilters in cascade. The rms-values for the different n...
	Because of the same reasons as for the conventional structure, different scaling alternatives mus...

	5.4 Noise and internal word length
	In “Noise” on page�16 it has been explained why the internal word length of the filter must be la...
	Figure 5.5 The noise propagation in the two-stage structure.

	Both subfilters have the same quantization noise sources, as illustrated in Fig.�5.6. The filled ...
	Figure 5.6 The nodes from where the quantization error propagates for the two-stage structure.

	Each subfilter looks like Fig.�5.6, except for the number of delay elements. In Fig.�5.7 the diff...
	Figure 5.7 The noise gain for the noise sources in Fig.�5.6.

	Finally, all the noise gains are added and (3.7) is applied. The resulting internal word length e...
	(5.1)
	This means that at least 5 extra bits in the internal word length are needed, and there is no rea...



	6 Four-stage structure
	In this chapter the properties of the implemented four-stage filter are described. Further, pipel...
	6.1 Structure
	The four-stage structure consists of four subfilters according to Fig.�6.1.
	Figure 6.1 The four-stage structure.

	Once again the folding algorithm described in “Folding” on page�6 is applied, which gives the str...
	Figure 6.2 The folding of the four-stage structure.

	The additional delay elements at the output are used both for cutting of the way between the inpu...
	Figure 6.3 The initial four-stage structure with adaptors.
	Table 6.1 The coefficients for the four-stage filter.

	The multiplications with aK in the adaptors are made by the principle described in “Multiplicatio...
	In order to have enough delay elements for pipelining is chosen to 5.

	6.2 Pipelining
	As can be seen in Fig.�6.3 there are twenty delay elements available for retiming the loops. The ...
	Figure 6.4 Pipelining in adaptor 4 and 5 of the four-stage structure.

	The critical component in this structure is the saturation control, which has previously been exp...
	Figure 6.5 The structure of a saturation control.

	In order to decrease the load on the select signal two equal structures are created, one for Sout...
	Table 6.2 The control signals for the multiplexer of a saturation control.

	In Table�6.2 it can be seen that if for example first a positive overflow occurs and then a negat...
	At least one delay element must be placed at the output of each adaptor, and a separate counter (...

	6.3 Scaling
	The next step is to scale the filter, so that the range of the input signal is . As explained in ...
	Table 6.3 The rms-values in the critical nodes for each subfilter in the four-stage structure, wh...

	The four-stage structure consists of four subfilters in cascade. The rms-values for the different...
	Because of the same reasons as for the conventional structure, different scaling alternatives mus...

	6.4 Noise and internal word length
	As for the previous structures the internal word length of the filter must be determined. In this...
	Figure 6.6 The noise propagation in the four-stage structure.

	All subfilters have the same quantization noise sources, as illustrated in Fig.�6.7. The filled c...
	Figure 6.7 The nodes from where the quantization error propagates for the four-stage structure.

	Each subfilter looks like Fig.�6.7, except for the number of delay elements. In Fig.�6.8 the diff...
	Figure 6.8 The noise gain for the noise sources in Fig.�6.7.

	Finally, all the noise sources are added and (3.7) is applied. The resulting internal word length...
	(6.1)
	This means that at least 5 extra bits in the internal word length are needed, and there is no rea...



	7 Implementation, Synthesis and Evaluation
	In this chapter the tools, together with the methods used for the implementation, the synthesis a...
	7.1 Implementation
	In this thesis VHDL has been used for the hardware description of the filters. No graphic tools l...
	Ideal models of the filters have been implemented in MATLAB, so that scaling constants could be c...

	7.2 Synthesis
	In this thesis the VHDL models have been synthesized by the use of Leonardo. Standard cells from ...
	The next step was to verify the logic function of the verilog netlist in Vsim, in order to make s...

	7.3 Evaluation
	To simulate the netlist for power consumption Nanosim was used. As input a SPICE netlist was used...
	A Nanosim simulation calculated an approximation of the average current at the supply voltage, Vd...


	8 Results
	In this chapter the results of the synthesis, and power consumption simulations are presented and...
	8.1 Synthesis
	First of all it should be said that all the structures have been implemented successfully, and th...
	Table 8.1 The results of the synthesis of the implemented structures.

	In Table�8.1 it can be seen that the area of the DFFs increases, at the same time as the area of ...
	The two-stage structure consists of two subfilters and the four-stage structure of four. The maxi...
	Table 8.2 The results of the synthesis of the and subfilters.

	Once again it is shown that the theoretical expectations can not be realized in practice. The rea...

	8.2 Power consumption
	The final step in this thesis was to estimate the power consumption of the filters, and see how m...
	Table 8.3 The results of the Nanosim simulations.

	The simulation time for the random signal was 10000 ns, which corresponds to 500 samples for all ...
	The reduction of Vdd for the two-stage and four-stage structures was possible, because used in th...
	If random and correlated power consumptions for the structures are compared, then it can be seen ...


	9 Conclusions and future work
	In this thesis three digital filters have been implemented, synthesized and evaluated. The filter...
	According to the tables in the previous chapter, the maximal clock frequency was increased from 5...
	The clock frequency overhead was traded over power consumption by the use of supply voltage, Vdd,...
	Further, the two-stage structure seems to be superior to the four-stage structure if higher sampl...
	Finally, for the future work a three-stage structure could be composed and implemented. Maybe it ...
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