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Abstract

Digital  filters  play  a  key  role  in  many  DSP  applications  and  FIR  filters  are
usually selected because of their simplicity and stability against IIR filters. 

In  this  thesis  eight  architectures  for  multi-stream  FIR  filtering  are  studied.
Primarily, three kinds of architectures are implemented and evaluated: one-to-
one  mapping,  time-multiplexed  and  pipeline  interleaving.  During
implementation,  practical  considerations  are  taken  into  account  such  as
implementation approach and number representation. Of interest is to see the
performance comparison of different architectures, including area and power.
The  trade-off  between  area  and  power  is  an  attractive  topic  for  this  work.
Furthermore, the impact of the filter order and pipeline interleaving are studied.

The result shows that the performance of different architectures differ a lot even
with the same sample rate for each stream. It also shows that the performance of
different  architectures  are  affected  by  the  filter  order  differently.  Pipeline
interleaving improves area utilization at the cost of rapid increment of power.
Moreover, it has negative impact on the maximum working frequency.

All the FIR filter architectures are synthesized in a 65nm technology.
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1
Introduction

1.1 Motivation

Finite  impulse  response  (FIR)  filters are applied  to  digital  signal  processing
(DSP) massively, like digital communication, noise reduction, audio and video
processing  [1].  Compared  with  infinite  impulse  response  filters (IIR),  the
stability  and  simplicity  of  implementation  make  it  attractive  for  practical
problems.  However,  the  cost  of  implementation,  including  storage  cells  and
arithmetic  units,  is  too large  to  be  ignored,  especially  when  sharp  cut-off
transition bands are needed [2]. 

For multi-standard video distribution, a number of narrow band signals with
standard-dependent  bandwidth  are  required  to  be  converted  to  signals  with
equal bandwidth  [3]. All of sample streams are processed at the same time. It
can be realized by filtering each stream with an FIR filter directly. As a result, a
number of FIR filters work in parallel, which is depicted in Figure 1.1.1.
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When  implementing  FIR  filter  algorithms  in  hardware,  it  is  necessary  to
investigate  the  sample rate and  the  achievable clock rate. The main reason is
that the ratio of the sample rate and the clock rate determines the architectures
of FIR filters. If equal, it indicates that one output should be generated per cycle.
For this case, it is a good way of applying one-to-one mapping of the FIR filter
algorithm to hardware directly. If the sample rate is higher than the clock rate, it
requires an architecture that can produce more than one output per cycle. If the
sample  rate  is  lower  than  the  clock  rate,  one  output  would  be  generated  in
several cycles. Two ways of implementing FIR filters are available. By making
use  of  a  frequency  divider  to  slow  down  the  clock  rate,  then  a  one-to-one
mapping  of  the  algorithm  to  hardware  can  be  applied.  In  this  way,  lots  of
arithmetic  units  are  wasted.  Alternatively,  it  could  be  implemented  in  time-
multiplexed manner. By this means, depending on the time multiplexing factor,
arithmetic units would be reused in various degrees.

Meanwhile, pipeline interleaving is a way of realizing multi-stream FIR filtering
architectures. Importantly, pipeline interleaving reuses arithmetic units. As for
the  FIR filter,  it  shares multipliers  and adders  to  deal  with  multiple  sample
streams.  By  combining  pipeline  interleaving  with  time-multiplexed
architectures, a digital system can exploit a larger ratio of the clock rate and the
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sample rate and further reuse of arithmetic units. By this way, the whole system
can be divided into multi-stream FIR filtering subsystems, which are depicted in
Figure 1.1.2. 

1.2 Purpose

The  purpose  of  this  thesis  work  aims  at  investigating  and  comparing
performances of  architectures  for  multi-stream  FIR  filtering  in  one-to-one
mapping,  time-multiplexed  and  pipeline  interleaving  manner.  The  influence
factors for performances of these architectures are also explored.

1.3 Problem statements

Knowing the purpose of  this  project,  four  questions  are  put  forward to  help
understand and divide the project:
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• Is there a certain architecture with better performance compared to the 
others?

• How does the filter order affect their performances?

• How does pipeline interleaving affect their performances?

• How can these architectures be applied to multi-stream FIR filtering?

1.4 Plan of the thesis

In this chapter, the basic idea of the project is introduced. It gives an overall
view of the thesis work.

In chapter 2, the theory of FIR filters is explained first. Then three classes of FIR
filter architectures along with the block diagrams are described in detail. 

In  chapter  3,  implementation  considerations  in  the  project  are  introduced.
Topics,  including implementation approach, number representation, rounding
and quantization, are discussed. Moreover, software tools and work flow of the
project are briefly described.

In  chapter  4,  synthesis  results  are  presented.  Performances of  different
architectures are demonstrated,  including area and power. After that, trade-off
is made based on power-area product. Furthermore, synthesis results are shown
to investigate how the filter order and pipeline interleaving affect performances.
Finally,  the application of these architectures  to multi-stream FIR filtering is
demonstrated with an example.

In chapter 5,  results from chapter 4  are discussed. The evaluation method is
described and criticized.

In chapter 6, it comes to a conclusion for this thesis work. Further research on
this topic is briefly discussed.
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2
Theory

2.1 Introduction

The relationship of input x(n)  and output y(n)  of an N th -order FIR filter 
can be expressed as the following difference equation [4]:

y(n)=∑
i=0

N

hi x(n−i) (2.1)

where  x(n−i)  represents delayed input samples and  hi  represents the filter
coefficients.  Applying  the  z -transform  on  both  sides  of  equation  (2.1),  the
transfer function of an N th -order FIR filter is obtained [4]:

H (z)=Y (z)
X ( z)

=∑
i=0

N

hi z
−1

(2.2)
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where  X (z ) ,  Y (z )  represents  the  z -transform  of  x(n)  and  y(n) ,  hi
represents the filter coefficients, z−1  represents the unit delay [5], N represents
the filter order. As discussed in chapter 1, with different ratios of the sample rate
and the clock rate, architectures of the FIR filter differ.

2.2 One-to-one mapping FIR filter architectures

In this kind of architectures, one cycle is required to produce an output. From
the difference equation (2.1) or the transfer function (2.2), it can be seen that
N+1  multiplications  and  N  additions  are  performed  at  the  same  time.

Obviously, the total cost of arithmetic units and storage cells is proportional to
the FIR filter order [6]. Therefore, area and power are proportional to the filter
order.

2.2.1 Direct form FIR filter

One simple architecture, called direct form, can be obtained directly from the
transfer  function  (2.2)  and  the  block  diagram  is  depicted  in  Figure  2.2.1.
According to the mathematical  property of  z -transform, each box with  z−1

represents a unit delay  [5]. From Figure 2.2.1, each output is the sum of the
products of delayed input samples and FIR filter coefficients. 
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2.2.2 Transposed direct form FIR filter

According to the transposition theorem, if the direction of signals in the direct
form architecture  is  reversed  and  inputs  and  outputs  are  exchanged,  a  new
architecture,  named  transposed  direct  form,  is  acquired  [7].  The  transposed
direct  form  architecture  has  the  same  transfer  function  as  the  direct  form
architecture, which is depicted in Figure 2.2.2. 

Considering  the  two architectures in Figures 2.2.1 and 2.2.2, they require the
same amount of arithmetic units without optimization. In hardware, the delay
units are replaced by groups of registers. Depending on the way of dealing with
finite word length, the number of registers required by two architectures may
differ. As for the direct form architecture, the number of registers only depends
on the word length of samples. The transposed direct form architecture depends
on  the  word  length  of  samples  and  coefficients.  As  a  result,  the  number  of
registers required by a transposed direct form architecture is higher than that of
a  direct  form  architecture.  On  the  other  hand,  because  of  register  groups
between adders,  the  transposed  direct  form architecture  can  work  at  higher
frequency.

Meanwhile, the two architectures have their own disadvantages. The direct form
architecture has a long critical path, which can be eliminated by placing pipeline
registers or making use of a carry-look-ahead adder. As for the transposed direct
form architecture, the input signal line has a high fan-out load, which is solved
by placing buffers.
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2.3 Time-multiplexed direct form FIR filter architectures 

For time-multiplexed architectures, L  cycles are used to produce one output. It
requires almost the same number of storage cells, but reuses arithmetic units. It
also means that coefficients to multiplier change periodically.

2.3.1 Time-multiplexed direct form FIR filter with single 
multiplier

Only one multiplier and one adder appear in this architecture, no matter how
large the filter order is. The amount of storage cells is proportional to the filter
order.  The block diagram of the time-multiplexed  direct  form  FIR filter with
single  multiplier  is  depicted  in  Figure  2.3.1.  The  box  with  ND  could  be
regarded as an FIFO, which is depicted in Figure 2.3.2. 

In this architecture, L=N+1 , where N  is equal to the filter order, cycles are
used  to  generate  one  output.  The  filter  coefficients  to  the  multiplier  shift
inversely from  hN  to  h0 .  In the first cycle, that is  i=0 ,  the accumulator is
reset to zero. The coefficient c i  is hN  and the data in the cell N  of memory is
the oldest sample. After computation, the oldest sample is thrown away and the
new sample is selected by the multiplexer. In the second cycle, that is i=1 , the
result from the first cycle has been stored in the accumulator. The coefficient c i
is hN−1  and the second oldest sample arrives. After that, this sample would be
moved back to the memory cell 1  through the multiplexer. It is the same case
that the samples from the memory cell  N  are moved back to the memory cell
1  through the multiplexer for the rest of computation. In the last cycle, that is
i=N ,  the  new input  sample  arrives  at  the  last  memory  cell  and  the  input

coefficient cN  is h0 . This sample would be also returned to the memory. Then
the  output  of  the filter  is  ready.  The  memory  contents  and  corresponding
coefficients during  the first cycle  are listed in Table 2.1. And the values of the
accumulator and the output are listed in Table 2.2.

To  sum  up,  the  filter  coefficients  to  the  multiplier  shift  inversely.  The  new
sample is selected by  the  multiplexer in the first cycle.  Apart from the oldest
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sample during computation, all of samples are moved back to the memory. Only
when i=N , the result from adder is available.
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Figure 2.3.1 Time-multiplexed direct form FIR filter with single multiplier.

Figure 2.3.2 Memory for architecture with single multiplier.



Cycle Contents Cell 1 Cell 2 ... Cell N

i=0 coefficient h1 h2 ... hN

sample xN−1 xN−2 ... x0

i=1 coefficient h0 h1 ... hN−1

sample xN xN−1 ... x1

... ... ... ... ... ...

i=N coefficient h2 h3 ... h0

sample xN−1 xN−2 ... xN

Table 2.1 Memory contents and corresponding coefficients during the first 
cycle.

Cycle Cell N Coefficient Output Accumulator

i=0 hN x0 hN x0 0

i=1 hN−1 x1 hN x0+hN−1 x1 hN x0

... ... …. ... ...

i=N h0 xN
∑
i=0

N

hN−i xi ∑
i=0

N−1

hN−i x i

Table 2.2 Values of accumulator and outputs during computation.
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2.3.2 Time-multiplexed direct form FIR filter with a time multiplexing 

factor L

If  L  should  be  smaller  than  N+1 ,  one  multiplier  and  one  adder  are  not
enough.  An architecture  with  several  arithmetic  units,  as  depicted  in  Figure
2.3.3, is required. Similarly, the box with  (L−1)D  represents an FIFO with
L−1  cells,  which  is  depicted  in  Figure  2.3.4.  Compared  with  one-to-one

mapping architectures, the amount of storage cells is roughly the same. Whereas
the number of arithmetic units is approximately M Lth of that.

In this architecture,  the whole FIR filter is divided into  M  stages,  which is
calculated by:

M=N+1
L

      (2.3)

In  other  words,  each stage  is  a  time-multiplexed direct  form FIR filter  with
single multiplier, computing one Lth  of the direct form FIR filter. 
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Figure 2.3.3 Time-multiplexed direct form FIR filter with a time multiplexing factor L .



For each stage, according to the expression (2.3), shifting of coefficients during
computation can be listed in Table 2.3. Clearly, the impulse response of the FIR
filter needs to be modified to fit this architecture. On the one hand, each stage
will accept one sample from previous stage except the first stage. In this way, the
oldest sample in each stage would be computed twice. Except the first stage, the
zero should be inserted as  the coefficient  of last cycle of each stage shown in
Table 2.3. One the other hand, it could be the case there is not enough number of
coefficients to form exactly M  stages. If necessary, it is required to extend the
filter impulse response by padding zeros. So, the actual number of stages  M
can be specified as following:

M=N+1+M−1+S
L

=N+M+S
L

=N+S
l−1

      (2.4)

where  N  is the filter order,  L  is  the  time multiplexing factor,  and S  is the
number of  zeros padded.  Two constraints  for  equation (2.4)  are  specified as
following:

1<L<N+1
0≤S<L−1

(2.5)

Then the new coefficient shifting is obtained and  listed in  Table 2.4.  The  grey
cells indicate that coefficients could be zero. 
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Stage Cycle 0 Cycle 1 ... Cycle

L−2
Cycle

L−1

0 hL−1 hL−2 ... h1 h0

1 h2 L−1 h2 L−2 ... hL+1 hL

... ... ... ... ... ...

M−1 hN hN−1 ... hN−L+2 hN−L+1

Table 2.3 Coefficient shifting of each stage.

Stage Cycle 0 Cycle 1 ... Cycle

L−2
Cycle

L−1

0 hL−1 hL−2 ... h1 h0

1 h2 L−2 h2 L−3 ... hL 0

... ... ... ... ... ...

M−1 0 hN ... hN−L+3 0

Table 2.4 Correct coefficient shifting of each stage with zero padding and 
inserting.

In the first cycle, the accumulator is clear and a new computation restarts. And
the  oldest  samples  arrive  at  the  memory  cell  L−1 .  These  samples  will  be
passed  to  next stages  except  last  stage.  In  the  second  cycle,  samples  from
previous  stages  are  selected  and  saved  in  the  memory.  The  second  oldest
samples are multiplied with corresponding coefficients shown in Table 2.4. The
accumulator always saves  recent result. The computation continues to the last
cycle, then the output is available. The values of the accumulator and the output
during computation are listed in Table 2.5.

15



Cycle Output Accumulator

i=0
∑
j=0

M−1

c( j+1)L−1 x( j+1)L−1

0

i=1
∑
j=0

M−1

∑
i=0

1

c( j+1)L−i−1 x( j+1)L−i−1 ∑
j=0

M−1

c( j+1)L−1 x( j+1)L−1

... ... ...

i=L−1
∑
j=0

M−1

∑
i=0

L−1

c( j+1)L−i−1 x( j+1)L−i−1 ∑
j=0

M−1

∑
i=0

L−2

c( j+1)L−i−1 x( j+1)L−i−1

Table 2.5 The values of accumulator and outputs for architecture with a time 
multiplexing factor L .

To sum up, accumulator is clear when i=0 . Meanwhile, multiplexers select new
input samples. When i=L−1 , the output is available.

2.4 Pipeline interleaving FIR filter architectures 

Pipeline interleaving are suitable for processing multiple data streams with the
same algorithm  [8]. With this method, arithmetic units can be further reused.
On average, the amount of arithmetic units for each stream is reduced to one
K th  of the original architecture. Assume that  K  data streams are processed,

each delay  unit  is  replaced by  K  delay  units,  the  transfer  function  of  each
stream is expressed as:

H ( z)=∑
i=0

N

hi z
−i        (2.6)
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For this case, all data streams are processed with the same FIR filter. If K  data
streams  are  processed  by  K  different  filters,  the  transfer  function  can  be
expressed as:

H k (z )=∑
i=0

N

hk ,i z
−i (2.7)

where k=0,1,2. ..K−1 .

2.4.1 Pipeline interleaving direct form FIR filter

By applying pipeline interleaving to the direct form architecture in Figure 2.2.1,
a  new  architecture  is  obtained,  which  is  depicted  in  Figure  2.4.1.  K  data
streams are processed in K  cycles. Compared with the direct form architecture,
the amount of delay units is K  times, but the number of arithmetic units keeps
unchanged. 
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Figure 2.4.1 Pipeline interleaving direct form FIR filter.



2.4.2 Pipeline interleaving transposed direct form FIR filter

In  similar  way,  a  corresponding  architecture  is  acquired  by  updating  the
architecture in Figure 2.2.2, which is depicted in Figure 2.4.2. K  data streams
are processed in  K  cycles. And it replaces the delay unit with  K  delay  units
and  reuses the arithmetic units  in the same way as  the  pipeline interleaving
direct form FIR filter.

2.4.3 Pipeline interleaving time-multiplexed direct form FIR filter with 

single multiplier 

The block diagram of this architecture is depicted in Figure 2.4.3. The FIFO has
K×N  cells and the accumulator has K  cells. K  data streams are processed

in  K×(N+1)  cycles.  The  coefficient  sequence  to  the  multiplier  can  be
expressed as:

c i ,k=hN−i ,k (2.8)

where i  represents the computation cycle, k  represents the stream number.

18

Figure 2.4.2 Pipeline interleaving transposed direct form FIR filter.



Similar to the time-multiplexed direct form FIR filter with single multiplier, the
accumulator  is  clear  in  the  first  cycle  and  the  multiplexer  selects  the  new
samples when i<K . At the same time, the oldest sample of each stream arrives
at the last part of the FIFO. These samples are discarded after computation. For
the remaining cycles, the multiplexer moves samples from output of the memory
back to  the  input of  the memory. The output for  K  streams are ready when
i≥N×K .

19

Figure 2.4.3 Pipeline interleaving time-multiplexed direct form FIR filter with
single multiplier.



2.4.4 Pipeline interleaving time-multiplexed direct form FIR filter with a 

time multiplexing factor L

By the same way, the architecture in Figure 2.3.3 can be modified to generate a
similar  architecture,  which is  depicted in 2.4.4.  In this architecture,  K  data
streams are processed in K×L  cycles. The amount of storage cells increases to
K  times the architecture in Figure 2.3.3. 

2.5 Summary

To sum up, the different architectures of FIR filters and corresponding ratios of
the  sample rate and  the  clock rate are summarized in Table 2.6. The different
architectures  of  FIR  filters and  corresponding  average  number  of  arithmetic
units for each stream are listed in Table 2.7.
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Figure 2.4.4 Pipeline interleaving time-multiplexed direct form FIR filter with a time
multiplexing factor L .



Architecture Streams
Clock rate
Sample rate

Direct form FIR filter 1 1

Transposed form FIR filter 1 1

Time-multiplexed direct form FIR filter 

with single multiplier
1 N+1

Time-multiplexed direct form FIR filter 
with a time multiplexing factor L

1
L=N+M+S

M

Pipeline interleaving direct form FIR 
filter

K K

Pipeline interleaving transposed form 

FIR filter
K K

Pipeline interleaving time-multiplexed 
direct form FIR filter with single 

multiplier

K K (N+1)

Pipeline interleaving time-multiplexed 
direct form FIR filter with a time 

multiplexing factor L

K
KL=K ( N+M+S

M
)

Table 2.6 Summary of different FIR filter architectures and corresponding 
ratios of sample rate and clock rate.
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Architecture Average number of arithmetic 
units

Direct form FIR filter N+1

Transposed form FIR filter N+1

Time-multiplexed direct form FIR filter 

with single multiplier
1

Time-multiplexed direct form FIR filter 
with a time multiplexing factor L M=N+S

L−1
,where1<L<N+1

Pipeline interleaving direct form FIR 
filter

N+1
K

Pipeline interleaving transposed form 

FIR filter
N+1
K

Pipeline interleaving time-multiplexed 

direct form FIR filter with single 
multiplier

1
K

Pipeline interleaving time-multiplexed 

direct form FIR filter with a time 
multiplexing factor L

M
K

= N+S
K (L−1)

,where1<L<N+1

Table 2.7 Summary of different FIR filter architectures and corresponding 
average number of arithmetic units for each stream.
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3
Implementation
considerations

This  chapter  introduces  practical  issues  of  FIR  filter  implementation.
Implementation  approach  and  number  representation  selection  are  first
introduced.  Next,  topics  about  finite  word  length  are  discussed.  Then
verification methods are mentioned. Finally, tools and work flow of this project
are explained briefly.

3.1 Implementation approach

FIR filters can be implemented in several ways. General purpose computers are
commonly used to build prototypes through software. The main goal is to verify
the  DSP  algorithms.  It  is  also  suitable  for  applications  without  strict
performance or timing requirements. Digital signal processors are designed for
digital  signal  processing  (DSP),  which  provide  a  general  instruction  set  for
general  DSP  applications  with  enough  performance  [9].  By  optimizing  the
instruction set for certain DSP applications, application-specific instruction set
digital signal processors offer higher performance with less flexibility [9]. With
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the  needs  of  extreme  high  performance  or  extreme  low  power,  application-
specific  integrated  circuits  (ASICs)  provide  such  solution.  Alternatively,  An
FPGA  (field-programmable  gate  array)  offers  high  flexibility  and  acceptable
performance for DSP applications.

Approach selection depends on  performance requirements.  In this project,  in
order to investigate the performances of different FIR filter architectures, area
and power are the main references. Considering all, implementation on ASICs is
relatively reliable among these approaches. On the one hand, the estimation of
power and area is based on minimum amount of necessary gates. On the other
hand, the power consumption depends on the working frequency.

3.2 Number representation scheme

In the digital domain, binary representation is used to represent signals using 0
and 1, which is basic to development of FIR filters. Moreover, since the samples
and  the  coefficients  are  not  always  positive,  the  scheme  should  be  able  to
represent negative numbers. Knowing the basic requirements, several proposed
number representation schemes are examined below.

3.2.1 Fixed-point and floating-point representation

Number representation is generally separated by a binary point into integer part
and fractional part. From this point of view, two schemes are proposed: fixed-
point and floating-point representation. The primary difference lies in whether
the number of digits before and after the binary point is fixed.

A fixed-point number with M -bit integer part and L -bit fractional part can be 
expressed as:

X=∑
i=0

M−1

ϕi x i2
i+∑

i=−L

−1

ϕi xi2
i=∑

i=−L

M−1

ϕi x i2
i (3.1)
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where  ϕi  represents the sign,  x i  represents the weight.  The position of the
binary point is not saved and only implicitly indicated in practice. 

Two factors are commonly used to evaluate a number representation: precision
and dynamic range. The precision is defined as the least value it  can represent
[9]. Dynamic range is defined as the maximum value over the smallest value [9].
In this case, the precision is 2−L  and the dynamic range is (2M−1)/2−L .

A floating-point number can be written as:

X=M .2E (3.2)

where M  represents the significant, E  represents the exponent. The position
of the binary point is explicitly indicated by the exponent. A good example is the
basic  single  format  of  IEEE  754-2008  floating-point  number.  It  can  be
expressed as [10]:

X=(−1)S2E(b0b1b2...bp−1) (3.3)

where  S  represents the sign of the number,  E  represents the exponent,  p
represents the number of the significant bits.  The data format is depicted in
Figure 3.2.1  [10].  The precision is decided by the  significant and the dynamic
range is mainly decided by the exponent.

To sum up, both schemes have their own benefits and drawbacks. By definition,
the dynamic range of floating-point representation increases dramatically with
the exponent part. The FIR filters can be simply and effectively implemented in
standard  floating-point  digital  signal  processors  [11].  The  main  advantage  of
floating-point representation is to overcome the ill effect of overflow because of

25

Figure 3.2.1 The basic single format of floating-point number.



finite  word  length  [12].  However,  as  discussed  in  [11], when  floating-point
arithmetic is used in ASICs, the cost of implementation and low speed make it
unattractive in this project. On the contrary, although with limit of the precision
and the dynamic range, fixed-point representation can help design achieve high
performance with reasonable word length. Fixed-point representation can reach
small  silicon  area  and  low power  consumption.  Moreover,  the  filters  should
process fixed-point samples because the samples are generally fixed-point.

3.2.2 Conventional fixed-point number 

It is impossible to represent each digit with a positive or negative weight and
also  achieve  high  performance.  Three  representations  of  signed  fixed-point
number are introduced to solve it, including sign-magnitude, one’s complement
and two’s  complement.  The  main  difference  is  how  they  represent  negative
numbers.

For sign-magnitude representation, the most significant bit (MSB) indicates the 
sign and the rest indicates the magnitude [13]. According to expression (3.1), it 
can be expressed as:

X=(−1)xM−1 ∑
i=−L

M−2

x i2
i (3.4)

For one’s  complement  representation,  the  negative  number  can  be  simply
generated by inverting each bit  of  corresponding positive  number.  It  can be
represented as following expression:

X=−xM−1(2
M−1−2−L)+∑

i=−L

M−2

x i2
i (3.5)

For two’s complement representation, the negative number can be generated by
inverting each bit of corresponding positive number and adding one to the least
significant bit (LSB). It can be expressed as:
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X=−xM−12
M−1+∑

i=−L

M−2

x i2
i (3.6)

For  three  schemes,  two’s  complement  representation  is  the  most  popular
number representation in DSP applications. The main reason is that it can easily
handle the addition arithmetic, which is the core of modern computation. By
contrast, sign-magnitude and one’s complement need extra design and hardware
to deal with addition. Considering it, two’s complement is used in the project.

3.2.3 Integer and fractional representation

Two  kinds  of  two’s  complement  fixed-point  representation  are  used  in  DSP
applications: the integer and the fractional representation.

The  integer  representation  is  a  two’s  complement  fixed-point  representation
without fractional part. According to expression (3.6), it can be expressed as:

X=−xM−12
M−1+∑

i=0

M−2

x i2
i (3.7)

The fractional representation is a two’s complement fixed-point representation
without integer part. According to expression (3.6), it can be expressed as: 

X=−x02
0+∑

i=−L

−1

x i2
i (3.8)

Applying two representation schemes to additions or logic operations, there is
no difference. However, they are handled differently in multiplication. For the
integer representation, overflow and precision loss occur  [9].  And it  is  much
easier to deal with multiplication by applying the fractional representation to get
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acceptable results. For this reason, the number is required to be scaled first and
then processed.

3.3 Rounding and truncation

Multiplication leads to data with longer word length, which is generally required
to  be  converted  to  short  version  at  last.  This  conversion  will  introduce
quantization  error.  There  are  two  ways  of  quantization  considered  here:
truncation and rounding.

Truncation  is  realized  by  discarding  the  extra  bits.  A  M -bit  number  is
truncated to N -bit number, which can be expressed as:

X=−x02
0+ ∑

i=−M+1

−1

x i2
i=−x02

0+ ∑
i=−N+1

−1

x i2
i+ ∑

i=−M+1

−N

x i2
i

=−x02
0+ ∑

i=−N+1

−1

x i2
i+ET=XT+ET

(3.9)

where  ET  represents the discarded part,  XT  represents the remaining part.
The comparison of X  and XT  is depicted in Figure 3.3.1. Since the discarded
part  is  always  non-negative,  the  remaining  part  is  always  no  more  than  the
original value. Therefore, it may cause accumulated deviation in later stage of
system. 

To avoid that, rounding is generally performed. By this way, the bit on the right
side of LSB is checked first. If that bit is one, one is added to LSB. Otherwise,
zero  is  added.  After  that,  the  extra  part  is  truncated.  A  M -bit  number  is
rounded to N -bit number can be expressed as:

X=−x02
0+ ∑

i=−M+1

−1

x i2
i=−x02

0+ ∑
i=−N+1

−1

x i2
i+ ∑

i=−M+1

−N

x i2
i

=−x02
0+ ∑

i=−N+1

−1

xi2
i+x−N2

−N+ER=XR+ER

(3.10)
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Figure 3.3.1 Truncation.

Figure 3.3.2 Rounding.



where  ER  represents the error part,  XR  represents the remaining part. The
comparison of X  and XR  is depicted in Figure 3.3.2. 

Although truncation is straightforward to be realized, considering the balance of
results and the cost of hardware, rounding is preferred in this project.

3.4 Overflow and guarding

For  FIR  filters,  addition  and  accumulation  are  used  frequently.  When
computing, the value of adders and accumulators may be over the range of fixed-
point number because of finite word length, which is called overflow  [9]. The
range  of a N -bit two’s complement fractional number is  −1≤X<1−2−N+1 .
The two’s complement overflow is depicted in Figure 3.4.1.

Several methods are provided to solve this problem. One  way is to execute the
computation again after scaling samples when overflow is detected. Redo means
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Figure 3.4.1 Overflow.



extra time, which is not tolerable for real-time DSP applications. Another way is
to scale down the input samples before processed at the cost of precision loss. A
third way is to use saturation at the cost of a few additional hardware resources
[9]. The saturation overflow is depicted in Figure 3.4.2. When the output is over
maximum value, then the output is set to maximum value. And when the output
is smaller than the minimum value, the output is set to minimum value.

Two ways  can be used to apply saturation overflow  to implementation of FIR
filters.  One  way  is  to  insert  saturation  arithmetic  units  after  each  adder.
Considering that overflow may occur in a certain adder, the case that the overall
result  is  within  the  number  range  could  happen.  To  avoid  that, saturation
arithmetic units are inserted after the whole computation. Additional arithmetic
units, called guarding, are required. 

The guarding is  performed by  making use of sign extension of operands  [9].
During accumulation,  the  extended sign  bits  are  involved in  computation  to
prevent overflow. By inserting  G  guard bits,  the dynamic range of a  N -bit
number is −2G≤X<2G (1−2−N+1) . It can be expressed in Verilog:

Guard_data [G+M-1:0]={G{data[M-1]}, data[M-1:0]}
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Figure 3.4.2 Saturation overflow.



To prevent overflow and use silicon area efficiently, the number of guard bits
should be specified precisely. According to the difference equation (2.1) of  the
FIR filter, the maximum output with respect to maximum sample value should
be examined as:

yk (n)=xmax∑
i=0

N

hi (3.11)

Since the samples and the coefficients of FIR filters in this project is random to 
evaluate the performances, the expression can be rewritten as:

yk (n)=xmax∑
i=0

N

hmax=(N+1)hmax xmax (3.12)

Considering the two’s complement fractional representation used in this project,
the maximum output can be estimated as:

yk (n)=(N+1)hmax xmax=(N+1)×1×1=N+1 (3.13)

Then the number of guard bits can be calculated as:

G=log 2(N+1) (3.14)

Considering all post-process operations, the execution order should be specified
carefully. The guarding operation should be performed before the accumulation
to  prevent  internal  overflow.  After  the  accumulation,  according  to  the  word
length  of  the  output,  the  rounding  should  be  executed.  Then  the  saturation
overflow is executed. Finally, the truncation is performed.

3.5 Parameters

In order to investigate how time multiplexing and pipeline interleaving affect the
performances of different architectures, architectures are design to be general
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with parameters. The parameters for different architectures are listed in Table
3.1  and Table 3.2. Input, output and coefficient are  also  parameterized simply
because of finite word length. Y means there is corresponding parameter for  a
certain architecture.

Architecture Input Output Coefficient Order

Direct form FIR filter Y Y Y Y

Transposed form FIR filter Y Y Y Y

Time-multiplexed direct form FIR filter
with single multiplier

Y Y Y Y

Time-multiplexed direct form FIR filter

with a time multiplexing factor L
Y Y Y Y

Pipeline interleaving direct form FIR 
filter

Y Y Y Y

Pipeline interleaving transposed form 

FIR filter

Y Y Y Y

Pipeline interleaving time-multiplexed 
direct form FIR filter with single 

multiplier

Y Y Y Y

Pipeline interleaving time-multiplexed 
direct form FIR filter with a time 

multiplexing factor L

Y Y Y Y

Table 3.1 Part of parameters for different architectures.
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Architecture Guard Counter Time 
multiplexing

factor L

Streams

K

Direct form FIR filter Y

Transposed form FIR filter Y

Time-multiplexed direct form 
FIR filter with single multiplier

Y Y

Time-multiplexed direct form 

FIR filter with a time 
multiplexing factor L

Y Y Y

Pipeline interleaving direct 

form FIR filter

Y Y Y

Pipeline interleaving transposed
form FIR filter

Y Y Y

Pipeline interleaving time-

multiplexed direct form FIR 
filter with single multiplier

Y Y Y

Pipeline interleaving time-

multiplexed direct form FIR 
filter with a time multiplexing 

factor L

Y Y Y Y

Table 3.2 Part of parameters for different architectures.
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3.6 Verification

In order to check the correctness of the design under test (DUT), a testbench
should be built. It contains stimulus generation, stimulus transmission, response
capture and possible response check [14]. 

Two verification methods can be applied to digital design: random test, direct
test.  Random test  generates  random stimulus  to  DUT.  With  this  method,  it
requires automatically checking of  the response from the DUT. This method is
suitable for complex design because there could be many unexpected bugs in the
design [14]. Alternative way is direct test. By this way, verification plan is written
based on hardware specification [14]. With this plan, each stimulus vector aims
at certain features of the design. The response of DUT is saved in log files or
value change dump (VCD) files and reviewed manually.

In this project, the trivial features are rounding and the overflow part, which can
not  be  tested  automatically  in  Verilog.  Considering  that,  the  DUT  is  tested
directly by corner cases. Basically, the corner case  is the set of vectors which
examines the special features of the design  [15]. Assume that an FIR filter has
N -bit inputs and M -bit coefficients, the test vectors for FIR filters are listed in

table 3.3.

Case Coefficient Sample

1 −1 −1

2 −1 1−2−N+1

3 1−2−M+1 −1

4 1−2−M+1 1−2−N+1

Table 3.3 Test vectors for FIR filter.
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3.7 Software

Several software tools are used for  the realization of the given task,  including
Matlab, Design Compiler and Modelsim.

Matlab  (matrix  laboratory)  is  designed  primarily  for  numerical  computation,
which is provided by Mathworks [16]. It incorporates many features such as data
analysis,  matrix  computation,  model  and  simulation  in  one  user-friendly
platform, offering a comprehensive solution. 

Design Compiler is a logic-synthesis tool, which is provided by Synopsys [17]. It
reads  hardware  description  and  generates  the  optimized  netlist  based  on
specified parameters and constraints. After synthesis, it provides performance
reports for analysis. It reduces design time and improves performance of design.

Modelsim  offers  a  simulation,  verification  and  debugging  environment  for
multiple hardware description languages (HDL) such as SystemVerilog, Verilog
and VHDL [18]. The project can be conducted merely in Modelsim for functional
simulation. Also Modelsim can work with other synthesis tools such as Design
Complier and Altera Quartus, which forms a complete work chain. 

3.8 Work flow

A good work flow can help a project go forward smoothly. The work flow of this
project can be divided into two parts: design flow and evaluation flow.

3.8.1 Design flow

The  main  goal  of  this  phase  is  to  understand  and  construct  different
architectures.

The first step is to figure out the theory. In this project, considering that the goal
is to evaluate performances of different architectures, it is not necessary to learn
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about coefficient generation of different types of FIR filters. The theory part of
this project is to understand how each architecture works.

The  second  step  is  to  construct  eight  architectures  in  Verilog.  The  number
representation  scheme,  quantization,  overflow  and  parameters  should  be
considered.

The third step is verification. It is also called pre-simulation. In this step, the
main goal is to make sure the functional correctness of the design. Direct testing
with corner case is suitable for this project.

3.8.2 Evaluation flow

The evaluation in the project is to obtain silicon area and power estimation  of
each architecture.

The initial step is to synthesize all architectures. First, random coefficients and
random samples are generated by Matlab. Second, a hardware description of the
FIR filter is generated by Matlab, using the random coefficients. The reason is
that  Verilog  can only  read coefficients  in  initial  block,  but  it  will  be  ignored
during synthesis phase. Through Matlab, the coefficients are saved in  always
block.  Third,  Design  Compiler  reads,  analyses  and compiles  the  design  with
specified parameters and constraints. Then, after compilation, the area can be
obtained by command report_area. Although the power consumption can also
be obtained by command report_power, further steps are required to get more
precise power estimation. Finally,  the netlist of the design are saved in Verilog
and ddc files.

Then it is post-synthesis step. In this step, thousands of the random samples are
fed to the netlist of each architecture with back annotation. Meanwhile, internal
signal changes are recorded in a VCD file. The VCD file stands for value change
dump file, which contains information about signal changes in the design [19].
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Finally,  power  is  estimated  by  Design  Compiler.  The  VCD file  generated  by
Modelsim is first converted to a  saif file.  Then Design Compiler  analyzes the
netlist and saif file to generate precise power estimation.
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4
Results

This  chapter  demonstrates  the  performances of  each  architecture  based  on
synthesis results. The chapter starts with a performance comparison. After that,
the trade-off  between area and power is made based on power-area product.
Five best architectures are selected to show how the performances are affected
by the filter order and pipeline interleaving. Finally, an example is given, which
shows how these architectures can be applied to multi-stream FIR filtering.

In order to express the results clearly and briefly, some abbreviations are used
for figure legends,  which are  listed in Table  4.1.  Abbreviations in text  are  in
italic.  p means pipeline interleaving architectures.  mmultiplier-x indicates the
time-multiplexed direct form FIR filter with a time multiplexing factor x.

39



Abbreviation Meaning

direct Direct form FIR filter

transposed Transposed direct form FIR filter

single Time-multiplexed direct form FIR filter with single multiplier

mmultiplier-8 Time-multiplexed direct form FIR filter with a time multiplexing
factor 8

mmultiplier-4 Time-multiplexed direct form FIR filter with a time multiplexing

factor 4

mmultiplier-2 Time-multiplexed direct form FIR filter with a time multiplexing
factor 2

pdirect Pipeline interleaving direct form FIR filter

ptransposed Pipeline interleaving transposed direct form FIR filter

psingle Pipeline interleaving time-multiplexed direct form FIR filter with

single multiplier

pmmultiplier-8 Pipeline interleaving time-multiplexed direct form FIR filter with
a time multiplexing factor 8

pmmultiplier-4 Pipeline interleaving time-multiplexed direct form FIR filter with

a time multiplexing factor 4

pmmultiplier-2 Pipeline interleaving time-multiplexed direct form FIR filter with
a time multiplexing factor 2

Table 4.1: Abbreviations used in figures of chapter 4.
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4.1 Comparison of different architectures

A  15th -order  FIR  filter  with  16-bit  samples,  16-bit  coefficients,  and  16-bit
outputs, is selected for comparison. For pipeline interleaving architectures, the
number of  streams is  set to  4.  Moreover,  because the performances of  time-
multiplexed architectures with different time multiplexing factors may differ, six
extra  time-multiplexed  architectures  are  evaluated. All  the  samples  and
coefficients are generated randomly by Matlab.

4.1.1 Comparison with varying clock rate

The  performances  with  varying clock  rate  are  examined  first,  which  are
illustrated in Figure 4.1.1 and Figure 4.1.2. 

From Figure 4.1.1, the area remains the same when they are clocked at frequency
lower than 200MHz. After that, the area increases at different speeds. However,
the area of direct, pmmultiplier-2 and transposed decreases when they work at
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Figure 4.1.1 Area comparison with varying clock rate.



frequency higher than 300MHz. According to synthesis  information given by
Design  Compiler,  the  wire  load  models  of  adders  are  replaced  with  smaller
models. The area for all the architectures can be listed from high to low as:

ptransposed> pmmultiplier−2> pdirect>mmultiplier−2>direct
>transposed> pmmultiplier−4> pmmultiplier−8>mmultiplier−4

> psingle>mmultiplier−8>single
(4.1)

From Figure  4.1.2,  the  power  consumption increases  linearly  along  with  the
clock rate. The power consumption can be listed from high to low as:

ptransposed> pdirect> pmultiplier−2>mmultiplier−2>direct
>transposed> pmmultiplier−4> pmmultiplier−8 /mmultiplier−4

> psingle>mmultiplier−8>single .
(4.2)

where pmmultiplier-8/mmultiplier-4 means two architectures have intersection
points.

42

Figure 4.1.2 Power comparison with varying clock rate.



Furthermore,  the  maximum  working  frequency  of  pipeline  interleaving
architectures are no more than  corresponding  single  stream architectures.  It
follows the order from high to low:

transposed>single>psingle /mmultiplier−8> ptransposed
/ pmmultiplier−8>mmultiplier−4 / pmmultiplier−4
>mmultiplier−2 / pmmultiplier−2>direct / pdirect

(4.3)

4.1.2 Comparison with varying sample rate

The performances regarding the sample rate can be obtained through Table 2.6.
For example, the performances of architecture with single multiplier regarding
the sample rate are obtained by dividing performances regarding the clock rate
by N+1 . For pipeline interleaving architectures, the resulting performances are
required to be further divided by the number of streams.
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Figure 4.1.3 Area comparison with varying sample rate.



The overall  area comparison with varying sample rate is illustrated in Figure
4.1.3.  Considering  the  maximum  sample  rate  of  psingle, area  comparison  is
made with the sample rate lower than 15 MHz, which is illustrated in Figure
4.1.4. 

From  Figure  4.1.4,  their  area  keeps unchanged  from  0MHz  to  15MHz.  And
pipeline interleaving architectures have better area utilization than single stream
architectures. The area from high to low can be listed as:

mmultiplier−2>direct>transposed>mmultiplier−4> ptransposed
> pmmultiplier−2> pdirect>mmultiplier−8> pmmultiplier−4

> pmmultiplier−8 / single> psingle
(4.4)

The overall power consumption with varying sample rate is illustrated in Figure
4.1.5. Similarly, the power comparison is made with the sample rate lower than
15 MHz, which is illustrated in Figure 4.1.6. 
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Figure 4.1.4 Area comparison with sample rate lower than 15MHz.
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Figure 4.1.5 Power comparison with varying sample rate.

Figure 4.1.6 Power comparison with sample rate lower than 15 MHz.



From Figure 4.1.6, it shows power the consumption increases linearly. The single
stream  architectures  are  more  energy-efficient  than  pipeline  interleaving
architectures. The power consumption follows the order from high to low:

psingle> pmmultiplier−8>single> pmmultiplier−4
>mmultiplier−8> pmmultiplier−2>mmultiplier−2

>mmultiplier−4> ptransposed> pdirect>direct>transposed
(4.5)

4.1.3 Trade-of

As discussed in section 4.1.2, from the power perspective, transposed and direct
work  best  while psingle and  pmmultiplier-8 have  the  worst performance.
However, from the area perspective, the case is opposite. There is a trade-off to
be made between area and power.  The proposed way is to use the product of
power and area in section 4.1.2 as reference.
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Figure 4.1.7 Power-area product comparison with varying sample rate.



Power-area  products  of  all  the  architectures  are  illustrated  in  Figure  4.1.7.
However, for the same reason, of interest is to examine the power-area products
under  15  MHz,  which  are  illustrated  in  figure  4.1.8.  It  is  clear  that  single,
pmmultiplier-4, pdirect, transposed and psingle work better.

4.2 Impact of the filter order

Five  architectures  in  section  4.1.3  are  selected  for  further  evaluation  with
different order. A FIR filter with 16-bit samples, 16-bit coefficients,  and  16-bit
outputs, is selected. And the sample rate for each stream is set to 10 MHz. The
stream number for pipeline interleaving architectures is set to 4.
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Figure 4.1.8 Power-area product comparison with sample rate lower than 15 MHz.



4.2.1 Comparison with varying filter order

In order to compare performances of two kinds of architectures, area and power
of pipeline interleaving architectures should be divided by the stream number 4.
In  other  words,   performances  are  compared  with  the  sample  rate  for  each
stream, which are illustrated in Figure 4.2.1 and Figure 4.2.2.

From Figure 4.2.1,  area of all  the architectures increases linearly at different
speeds.  transposed occupies  the  most  area  and increases  with  fastest  speed,
while psingle requires the least area and increases with slowest speed. Between
transposed and psingle,  pdirect always occupies more area than pmmultiplier-
4. Initially,  single owes more area than  pdirect and  pmmultiplier-4. However,
because pdirect and pmmultiplier-4 increases faster than single, they exceed the
area of single at order 5 and order 12. 

From Figure 4.2.2,  the case is somehow contrary to the observations of area
comparison. transposed consumes the least power, while psingle consumes the
most power. Between them,  pdirect is always better than  single. The power of
pmmultiplier-4 starts with highest value and is overtaken at order 5 by psingle.
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Figure 4.2.1 Area comparison with varying filter order.



Also it is outnumbered at order 15 by the architecture with single multiplier.
What’s  more,  the  power  consumption  of  psingle and  single increases
exponentially. The power consumption of the remaining architectures increases
linearly.

4.2.2 Trade-of 

In order to make a trade-off between area and power, we again use the product
of area and power as reference, which is illustrated in Figure 4.2.3. single is the
best one when the filter order is larger than 10. When the filter order is smaller
than 10, their products are too close to make a decision. 
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Figure 4.2.2 power comparison with varying filter order.



4.3 Impact of pipeline interleaving

Five architectures in section 4.1.3 are still selected for evaluation. A FIR filter
with order 6, 16-bit samples, 16-bit coefficients,  and 16-bit outputs, is selected.
The  sample  rate  of  each  stream  is  set  to  10  MHz.  Pipeline  interleaving
architectures  are  evaluated  with  different  streams.  It  will  be  compared  with
another two single stream architectures.

4.3.1 Comparison of pipeline interleaving architectures 
with varying stream number

The performances of pipeline interleaving architectures are shown in Figures
4.3.1  and  4.3.2.  The  area  increases linearly,  while  the  power  increases
exponentially.
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Figure 4.3.1: Power-area product comparison with varying filter order.
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Figure 4.3.2 Area comparison of pipeline interleaving architectures with
varying stream number.

Figure 4.3.3 Power comparison of pipeline interleaving architectures with
varying stream number.



4.3.2 Comparison of five architectures with varying stream 
number

In order to compare five architectures, the performances of pipeline interleaving
architectures  should  be  divided by  corresponding  stream number,  which are
illustrated in Figures 4.3.3 and 4.3.4. 

From Figure 4.3.3, it shows that the area of each stream for pipeline interleaving
architectures decreases and is saturated at 2000 µm². What’s more, transposed
occupies  the  most  area.  When  stream  number  is  no  more  than  10,  psingle
occupies the least area. When stream number is from 11 to 14,  pmmultiplier-4
occupies the least area. When stream is more than 14, pdirect occupies the least
area. The area of each stream of psingle and pmmultiplier-4 stops at 10 and 15
streams. The reason is that psingle and pmmultiplier-4 can not work at higher
frequency.

From Figure 4.3.4, it shows the contrary case. transponsed consumes the most
power. By contrast,  the power of psingle,  pmmultiplier-4 and pdirect increases
rapidly as stream number increases.
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Figure 4.3.4 Area comparison of five architectures with varying stream number.



4.3.3 Trade-of 

Based on what  is  seen from previous two figures,  it  is  difficult  to  make any
decision. The product of area and power is used to help make a trade-off, which
is illustrated in Figure 4.3.5.

psingle is  suitable  when  the  number  of streams is 2  and 3.  For  the  stream
number  4, best choice is  pmmultiplier-4.  pdirect is the best architecture  when
the number of streams is larger than 4. 
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Figure 4.3.5 Power comparison of five architectures with varying stream number.



4.4 Example

An example is given to show how to apply these architectures to multi-stream
FIR filtering. The total sample rate for the example is 1 GHz.  Three cases are
proposed to realize it, which are listed in Table 4.2. An FIR filter with order 7,
16-bit inputs, 16-bit coefficients, and 16-bit outputs, is selected.
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Figure 4.3.6 Power-area product comparison of five architectures with varying
stream number.



Case Sample rate (MHz) Stream number

1 1 1024

2 0.5 2048

3 0.25 4096

Table 4.2 Three cases for the example.

4.4.1 Total area comparison 

The total area comparison for three cases are illustrated in Figure 4.4.1, Figure 
4.4.2 and Figure 4.4.3.
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Figure 4.4.1 Total area comparison for case 1.
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Figure 4.4.2 Total area comparison for case 2.

Figure 4.4.3 Total area comparison for case 3.



Basically,  the total area for three cases shows the similar situation. The area of
pipeline interleaving architectures first reduce quickly and then is saturated at
certain point. Moreover, the total area is related to the total number of streams.
The area of case 3 is 2 times of  the area of  case 2. And the area of case 2 is 2
times of the area of case 1.

4.4.2 Total power comparison

The total power comparison for three cases are illustrated in Figure 4.4.4, Figure
4.4.5  and  Figure  4.4.6.  Because  of  disk  quota,  the  simulation  of  single and
psingle can only run up to stream number 64. However, it does not affect the
final conclusion.

Three cases show similar total  power and similar changing trend. The power
consumption of pipeline interleaving architectures increases exponentially. 
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Figure 4.4.4 Total power comparison for case 1.
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Figure 4.4.5 Total power comparison for case 2.

Figure 4.4.6 Total power comparison for case 3.



4.4.3 Trade-of

The power-area product comparison for three cases are illustrated in Figure 
4.4.7, Figure 4.4.8 and Figure 4.4.9.

Three cases show the similar  situations again.  On the one hand,  psingle has
minimum product value among all the architectures from stream number 1 to 4.
pdirect has minimum product among all the architectures from stream number
4 to 80. After that, transposed has minimum product for case 1. For case 2 and
3,  single has  minimum  product.  On  the  other  hand,  three  cases  show  the
optimum point is the pdirect with 16 streams.
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Figure 4.4.7 Power-area product comparison for case 1.
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Figure 4.4.8 Power-area product comparison for case 2.

Figure 4.4.9 Power-area product comparison for case 3.



5
Discussion

5.1 Results

In section 4.1.2, the area of direct is larger than transposed while ptransposed is
larger than pdirect. When the area is examined more specifically, it is observed
that the problem matters the position of delay units as shown in Figure 2.2. As
for  the direct form FIR filter, each delay unit is replaced by register groups, of
which  the  number is equal to  the  word length of samples. By contrast, for  the
transposed form FIR filter, each delay unit is also replaced by register groups, of
which the number is the sum of the word length of samples and coefficients. In
this project, the word length of coefficients and samples is 16-bit. It means the
number of registers replacing unit delay for the transposed form  FIR filter  is
almost two  times  of  the  direct  form  FIR  filter.  The  area  of  register  groups
becomes dominating part for ptransposed.

In section 4.2,  the impact  of  the filter  order  is  discussed.  It  is  seen that  the
performances  of  pmmultiplier-4  do  not  increase smoothly.  It  has  good
performance for the FIR filter with certain order. The reason is that the impulse
response  is  modified and padded zeros.  As a  result,  it  could  waste  a  certain
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number of storage cells and logic resources. For this architecture, the FIR filter
without  padding  zeros,  which  can  fit  the  architecture,  would  achieve  best
performance.

In section 4.2.1, the power of  single and  psingle increases exponentially while
the power of the remaining architectures increases almost linearly. Furthermore,
psingle increases  even  faster  than  single.  Generally,  the  total  power
consumption  includes two part, static power consumption and dynamic power
consumption. The static power consumption can be ignored because of CMOS
technology.  According  to  equation  5.1,  the  dynamic  power  consumption  is
related  to  switch  activity factor  α ,  equivalent  capacitance  CL ,  working
frequency f  and supporting voltage V . For single and psingle, the coefficients
to  multiplier  shift  more  frequently  than  the  other  three architectures.  And
coefficients to multiplier of psingle could shift even more frequently than single.
As a result, the faster coefficients shift, the more power it consumes.

Pdyn=αCLV
2 f (5.1)

In section 4.3.2, the area of pipeline interleaving architectures decreases first
and is saturated at a certain point. Assume that A  is the area of storage cells,
B  is the area of arithmetic units and K  streams are processed, the area of each

stream can be expressed as:

F= A
K

+ B
K

(5.2)

The first  part of the expression should be a constant.  For the second part,  it
decreases with the stream number increasing. Initially, the second part is the
main part. However, with the increment of  K , this part can be ignored. As a
result, the first part becomes dominating.

5.2 Method

Because  the  performance  of  FIR  filter  is  a  multi-dimensional  function,  it  is
impossible to investigate every case. To start with, one FIR filter with certain set
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of parameters is realized. Then several architectures with better performance are
selected for further evaluation. The random data is generated by software, which
would affect the final results.
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6
Conclusions and future

works

6.1 Conclusions

The results show that performances of different architectures differ a lot even
with the same sample rate for each stream.  In theory, area utilization is more
efficient  for  pipeline  interleaving  architectures.  However,  the  power
consumption  is  more  reasonable  for  single  stream  architectures.  Based  on
power-area product, single, pmmultiplier-4, pdirect, transposed and psingle are
the better architectures over others. It also shows that pipeline interleaving has a
negative impact on the maximum working frequency. 

With the filter order increasing, the area of each architecture increases linearly.
The  increment  speed  of  power  depends  on  coefficient  shifting  frequency.  It
shows when the filter order is more than 10, single is the better choice. 

With the stream number increasing, the area of each stream reduces rapidly first
and then is saturated at  a  certain point.  However,  the power  of each stream
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increases rapidly. As a result, pipeline interleaving improves area utilization, but
at the cost of power consumption.

The example shows that the pipeline interleaving shows its advantage when the
stream number is small. Furthermore, the pdirect with stream number 16 is the
best architecture for the example.

6.2 Future works

The performance is related to order,  time multiplexing factor  L ,  number of
streams, the word length of samples and coefficients and truncation. it’s a multi-
dimensional function. In this sense, more parameters for this function can be
explored. 

The switching activities affect the power consumption, so efforts can be made to
reduce the shifting of coefficients.

Furthermore, optimizations for arithmetic units can be conducted. For example,
consecutive additions of the direct form architectures could be replaced. And
common  sub-expressions  for  multiplications  of  the  transposed  form
architectures can be applied.
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