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ABSTRACT

Wideband Multi-Level QAM MODEM with Programmable

Bit Rate and Programmable Intermediate Carrier Frequency

Qi Wang

Quadrature Amplitude Modulation (QAM) has been predominant in current wireless
digital communications, such as satellite and microwave radio communications. Due to
diverse wireless communication applications, a digital QAM modem with diverse bit
rates (R) and intermediate carry frequency (IF) is of great interest. The main objective of
this thesis is to design, analyze and implement a multi-level QAM modem with
programmable bit rates and programmable IF, thus not only meeting different
requirements, but also dramatically reducing the complexity of the following analog
Radio Frequency (RF) block.

In the thesis, the digital QAM modem is built based on the fundamentals of Digital
Communication Systems (DCS) and Digital Signal Processing (DSP). The underlying
relationship between signal resampling and its filter impulse response is studied and
analyzed. A new signed-array structure for 2’s complement multiplication is introduced
in order to improve the regularity and flexibility of hardware design. The modem analysis
and comparisons are shown in terms of performances and structures. Hardware design
techniques are developed in-depth. The modem model is coded in VHDL (VHSIC
Hardware Description Language) and synthesized using Synopsys tools, and its
performance is evaluated. The regular structure and portable VHDL coding of the modem

can satisfy diverse applications implemented in different FPGAs or ASICs.
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Chapter 1 Introduction

Based on different applications, in modern communication systems, diverse
modulation techniques, such as Phase Shift Keying (PSK), Frequency Shift Keying
(FSK) and Quadrature Amplitude Modulation (QAM), are well developed and widely
deployed. However, with the ever-growing market demands, the development of
communication systems is now facing more and more rigorous constraints:

e Available bandwidth

e Permissible power

e Reliable error performance

Due to its bandwidth & power efficiency, QAM technology captures more attention and
is extensively applied to high-speed digital communication systems. Currently, the
commercial applications of QAM technology cover many applications such as satellite
and microwave radio communications.

A typical functional transmitter/receiver diagram for Quadrature Amplitude
Modulation is shown in Fig 1-1which consists of a QAM modem and a Radio Frequency
(RF) unit. The RF unit is usually implemented by analog technology since its high radio

frequency cannot be generated by current digital hardware technology.
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Fig 1-1 Typical QAM transmitter/receiver diagram

1.1 Literature Survey for QAM Transmitter/Receiver
Implementation

Currently, there are mainly 2 implementation approaches for a digital QAM modem:
analog and digital. In analog implementation, there exist the following inevitable
drawbacks due to analog circuit inaccuracies:

1. In-phase & Quadrature (I & Q) imbalance from magnitude and phase point of view.

2. In-phase & Quadrature (I & Q) imbalance from Direct Current (DC) offset and drift
point of view.

The errors associated with these drawbacks are illustrated in Fig 1-2. An ideal quadrature

demodulator will have a perfect circle with its center at the origin (0,0) on I/Q plane. DC

offsets in the analog demodulator circuit cause the center to move from the origin.



Elliptical characteristics on I/Q plane are due to gain imbalance and quadrature phase
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Fig 1-2 Errors in analog quadrature demodulation

To avoid the above disadvantages caused by analog hardware, there is a clear trend
toward implementing part of the system digitally. The section of the system designed
digitally can vary from radio to radio. Therefore, the location of the Digital-to-Analog
Converter (DAC) varies. For example, Fig 1-3 [1] shows 2 different approaches to
implement a digital transmitter. In Fig 1-3 (a), the transmitter is implemented by digital
baseband filters and analog I/Q modulators. Two DACs are located prior to I/Q
modulators in this case. However, to implement I/Q modulators digitally, as shown in Fig
1-3 (b), leads to less expensive cost, more stable results and better system peerformance.
In this case, a DAC is applied right after digital I/Q modulators. The dash-lined sections

in Fig 1-3 are digitally implemented.
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Fig 1-3 Digital implementations of a transmitter:
(a) Analog IF; (b) Digital IF

In fully digital modems, many designers have developed a simple approach with f. =R;
(Ry: baud rate, f.: IF carrier frequency) [2, 3, 4]. This approach has taken advantage of the
inherent relationship between pulse-shaping filters and [F modulators; thus hardware for
the transmitter implementation could be significantly reduced. This approach is typically
used in some specific applications where the baud rate R; is fixed. However, the above
method is not suitable for general-purpose commercial modems since they may be used
for different applications. In this thesis, we will design and implement such a general-
purpose modem considering the following requirements:

e Variable input data rates (R) for a wide variety of customer applications

¢ Fixed and selectable IF carrier frequency so as to reduce the complexity of analog RF

e Low bit error rate (Pp) for high quality communications



1.2 Thesis Preview

The objective of this thesis is to design and implement a wideband digital modem
based on QAM modulation, which features:
e Fully digitized
e  Multi-level QAM modulation (QPSK/16-QAM)
e Variable and high-speed input bit rates

o Fixed but selectable IF

Single chip modem (ASIC or FPGA)

In the course of the design, considerable success is achieved. An approach is
explained for having selectable and fixed carrier frequency. A new array-based structure
for 2’s complement multiplication is proposed and employed in hardware
implementation. Pipelining and parallel processing is widely used for high-speed
implementation of a pure digital QAM modem system.

The design and implementation of the modem consists of 2 steps. The first step
focuses on the system architectural design and the system-level simulation by using
MATLAB simulation software. The design specifications and parameters are determined
and optimized at this step. The second step concentrates on the hardware design by using
VHDL (VHSIC Hardware Description Language). At this step, the hardware structure of
the system is optimized and the test-bench for design verification is built. Finally, as an
example, the hardware implementation based on Xilinx virtex II FPGA is illustrated. Fig

1-4 shows the design and implementation flow of the modem.



Step-I|

System Architectural
Design & System

Simulation

System Architecture
Design
(MATLAB )

/1

2

(—

Design Specifications

& Parameters

System Simulation
(MATLAB)

Step-ll
Hardware

Implementation

Figure 1-4 Design & implementation flow of the modem

(

Hardware Design
(VHDL coding)

(—

Design Verification
(Active-HDL)

Functional
Simulation
(Active-HDL)

—

(—

Logic Synthesis
(Synopsys)

—

L

Hardware
iImplementation
(Xilinx)

System Analysis

—

1.3 Thesis Organization

The thesis is organized as follows:

a. In Chapter 2, a thorough introduction is given to Digital Communication Systems
(DCS) and Digital Signal Processing (DSP) fundamentals and corresponding
algorithms as to the modem. Subjects include discrete sampling and 2’s complement

representation, digital signal processing and its applications, interpolation and

decimation, finite precision and quantization effects.




b.

€.

In Chapter 3, the modem fundamental architectures will be built using MATLAB
simulation tools. At this stage, the system structure and functionality is simulated and
verified, and the corresponding parameters such as filter orders and word length are
optimized and determined.

In Chapter 4, hardware design techniques for the modem, such as constellation
mapping, high-speed adder, poly-phase filters are developed. Furthermore, a new
signed-array structure for 2’s complement multiplication is introduced and detailed.
Also, pipelining & parallel processing are discussed.

In Chapter 5, the detailed structure of each block is built using VHDL. Some
optimizations are adopted to improve the performance. The functional verification is
made using ALDEC Active-HDL. Design analysis and logic synthesis is done by
Snopsys Design Compiler and Synopsys Analyzer. The system hardware
implementation targeted to Xilinx virtex II FPGA is accomplished by using Xilinx
Design Manager. At this stage, the overall system specifications will be given.

Chapter 6 summarizes the whole work and main contributions of the thesis.



Chapter 2 Modem Fundamentals

As discussed in Chapter 1, a purely digitally implemented QAM modem has the
advantages in terms of cost and performance; thus it would be more preferable in modern
communication system designs. However, unlike analog signals, digital signals are
processed in a different way, called Digital Signal Processing (DSP), which is concerned
with the representation, transformation and manipulation of signals and the information
they contain. In this chapter, some basic but important DSP fundamentals including
signal sampling and binary number representation are first introduced. Particular
attention 1s paid to pulse-shaping and matched filter (MF) concepts. Nyquist filters and
zero inter-symbol interference (ISI) are discussed in this section. The signal re-sampling
section clearly manifests the inherent relationship between the digital filter and its input
signal. The relation of the symbol rate and digital intermediate frequency (IF) is also
discussed. Furthermore, the concept of interpolation and decimation are introduced for
pure digital modems with fixed IF. At the end, the quantization effects in digital systems

are explained.



2.1 Review of Basic DSP Fundamentals

Compared to analog systems, digital signals feature two characteristics: time-discrete
and amplitude-discrete (a set of finite values). In this section, we give a brief discussion
to these 2 major aspects that arise in processing and implementing digital systems. A
more detailed analysis for signal re-sampling and finite-precision effects is given in

section 2.2 and 2.5.

2.1.1 Signal Sampling

A discrete-time system takes an input of numbers and produces an output sequence of
numbers. These number sequences x(n)are often samples of a continuous function of
time, where x(n)=x,(nT), which represents the value of an analog signal x, (¢) at
equally spaced times ¢, =nT , and nis an integer. To simplify the discussion, T is

usually set to 1 unless otherwise specified.

It is well known that a continuous signal with maximum frequency f, can be restored
without information loss if it is sampled by the sampling rate f, larger than or equal to

2 f,. (Nyquist Sampling Theorem). The impulse response of an ideal Nyquist low-pass

filter (LPF) in time domain and its frequency spectrum can be expressed as:

h(t) =W -sinc(Wt) 2.D
w
H(f)={l |f|$7 (2.2)
elsewhere

where w is the bandwidth of LPF.



For a digital filter, we often use A(n)and H (e™) to represent the filter impulse
response and frequency spectrum, respectively. Hence, the digital filter response h(n),
sampled from its analog impulse response function A(t), should comply with Nyquist
Sampling Theorem. In real systems, the sampling rate that is used to obtain h(n) from
h(t) is usually performed at a rate that exceeds the Nyquist minimum bandwidth by a

factor of 4 or more.

By using MATLAB, Fig 2-1 shows different h(n) sequences that can be obtained
from the same analog impulse function h(z). This has been achieved by up sampling at

rates of 2, 4, and 8, where f,, is the cutoff frequency of sinc(?).

sinc(t) --a fs=2fm --b
1 1
1 ,/I“\\ | i 'P |
i I \\ | ¢ | 1
1 [ 1 t | l
I i) i I !
i ,’ t ‘\ i 1 i l
0.5F - - -—- [E . R T FO 0.5F----- [ et Tl IR
i / o | | i f
i / ' § 1 ( | !
I | b 1 1 i )
o / t \‘ 1 l ! 1
t ! t A [V t i '
0"”/"\‘\”’}”“‘\\"7‘/“‘\‘ - 0‘“*@“@**@“:‘“6‘ S O
1 /I H /l i I
AV | | :
1 ! I i i I
! 1 t 1 1 i
.05 1 1 ‘045 L L
-4 -2 [¢] 2 4 -4 2 0 2 4
fs=4fm --c fs=8fm --d
1 1
1 [ ' '
) 1 i ¢
1 l ¢ T 1
1 ' i
! | . T * ® |
05+ -~ - - L ) [ [ — 05L----- b m— it - - - R
l 1 t |
) l ¢ ! t
1 1 t Ti J‘ {i|\' t
~ ! t t i Vo~
[ ¢ @ 1 i | oy
0*“‘@:|J—@-r®*~ *—@W*@-[“@‘-— 0—“‘99(@(9‘7@*; ! :‘r->@L]yﬁ*‘-
[ 1 ] i f LT
(! f | [(I)J)Jj i (i\ld)l
1 O 1 é 1 i 1 "\.4' t
| I ! 0 1 i
1 i 1 1
.05 L 1 H _05 1 1 i
-4 -2 [ 2 4 -4 -2 ] 2 4

Figure 2-1 Impulse response of LPF with different up sampling rates
a. analog function h(t)=sinc(t); b. h(n) with sampling rate f;=2f,;
c. h(n) with sampling rate f;=4f,; d. h(n) with sampling rate f=8f;
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2.1.2 Binary Number Representations

Generally, we assume that signal values and system coefficient have infinite precision
in theoretical analyses of discrete-time systems. However, when implementing digital
systems, the signal values and system coefficients should be represented with finite
precision since they need to be stored in finite-length registers. The digital hardware
implementation is based on the binary-number representation. Currently, 3 number
representation formats, which are signed magnitude, 1’s complement and 2’s
complement, are available. But 2’s complement representation is the most common for
digital system designs because its subtraction can be performed with addition circuitry. In

2’s complement, a real number with infinite-precision can be represented as [5]:

m -2

x = X (b, + D b,27my (2.3)
i=0

Where X,, is an arbitrary scale factor and the b; is either O or 1. b, ; is referred to as the
sign bit and m is an integer. In Eq (2.3), 0<x <X, when b, ;=0; otherwise, -X,, <x <0. In
hardware implementation, this arbitrary number x must be represented with finite-

precision using a finite bit length (say [ bits, [ < m). So Eq. (2.3) can be modified to:

X o= g, [x]= X ,(-b,, + izbiz“"”““) = X X (2.4)

m
i=0

In this case, the fractional part of the quantized number can be represented as:

x1 = b, b, ,. b, (2.5)
Obviously, Xin Eq (2.4) is the quantized result of x. This leads to a quantization error

that can be expressed as:

e = x - Q ,[x] (2.6)

More detailed analysis for quantization effects is given in section 2.5.

11



2.2 Pulse Shaping and MF Concept

In wireless communication systems, the frequency bandwidth is always limited
because of signal transmission channel bandwidth constraint and government regulations.
However, a non-processed digital signal stream is a bit stream whose spectral content
usually extends from DC up to infinity. It must be converted to a waveform that is
compatible with the government requirements and transmission channel. Pulse-shaping is
such a process that can transmit a binary representation (rectangular pulse) to a baseband
waveform (Nyquist pulse) whose bandwidth can meet the above requirements. And
matched filtering is its paired process in the demodulator side used to provide the
maximum signal-to-noise power ratio at the output for a given transmitted signal

waveform.

2.2.1 Pulse-Shaping

The more compact the signaling spectrum is made, the greater is the number of users
that can simultaneously be served. For wireless communication systems, it is essential to
reduce the required system bandwidth as much as possible since it means the greatest
profit to communication service providers. However, there is a basic limitation to such
bandwidth reduction. Once a system operates at smaller bandwidths, the pulses would
spread in time domain and result in interference among adjacent symbols. This effect
refers as to Intersymbol Interference (ISI). Hence, a pulse-shaping filter should be:

e with the bandwidth as small as possible

e with zero ISI

12



According to Nyquist [7], the theoretical minimum system bandwidth needed in

order to detect R_symbols/s, with zero ISI, 1s R/2 Hz. This is called Nyquist

Bandwidth Constraint. The impulse response and frequency spectrum of an ideal
Nyquist filter is shown in Fig 2-2. In hardware implementation, a Nyquist filter with
ideal rectangular-shaped frequency transfer function is not realizable since its

corresponding time-domain pulse is with infinite length.

ideal Nyquist impluse ideal Nyquist spectrum

1 g 1 s

08 - 08 4

06 | 4 06 E

04 - 04 E

02 | 1 02 B
0 E 0

02 E 02 | .

04 | - 04 -

ETR 0 5 0 . 05 0 05 i

Time-domain Frequency-domain

Figure 2-2 Ideal Nyquist Filter
Since ideal Nyquist filters are not realizable, a prudent decision should be made by
which the requirement of zero ISI is met and the system bandwidth is reasonably small
but greater than Nyquist bandwidth constraint. Raised cosine filter is one of Nyquist
filters that can meet the above requirements. Its frequency transfer function can be

expressed as follows:

bW o /1< 2, - W
H(f)= cosz(%vlw_w °) 2W,-W <|f|]<W @.7)
0 ’ 1f|>w
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where W is absolute bandwidth and W, =1/2T represents the minimum Nyquist
bandwidth. The roll off factor is defined as r=(W-Wy)/Wy, 0< r <1. The difference of
W-Wy is termed “excess bandwidth”.

A convenient model for a typical baseband digital system and its frequency transfer

function H(f) can be illustrated as Fig 2-3, where, H(f), H(f), H(f) are transfer

functions for the transmitter, channel, and receiver, respectively.

s e,

Receiver

T

Transmitter

Pulise-Shaping
Hi(f)

R Receiving Filter i
y Hr(f)

H(f)=H{f)H(f)H(f)

Figure 2-3 Typical baseband digital system

Without noise appearance, the transfer function for the channel is set H(f)=1. Thus,

the system transfer function H(f) can be rewritten as:H(f)=H,(f)H, (f). The

receiving filter is often configured to compensate the distortion by both the transmitter

and the channel. The signal-to-noise ratio (SNR) could be optimized if
H,(f)=H,(f)=H(f)"? [5] which is called “square-root raised cosine filter”. In such
a system, the transmitting filter and receiving filter are identical. Although the impulse
response of the square-root raised cosine filter, called “square-root Nyquist pulse”,

doesn’t exhibit zero ISI, the product of their transfer functions will give rise to zero ISI if

a square-root raised cosine filter is used both at the transmitter and at the receiver [10].

14



2.2.2 Matched Filter Detection

The maximum signal-to-noise ratio could be obtained when the impulse response of
the receiving filter is the mirror image of the transmitted signal s(z), delayed by the
symbol duration 7 [10]. This kind of the receiving filter is then called “matched filter”.

Its impulse response can be expressed as:

ks(T —t) 0<t<T
h(t) = (2.8)
0 elsewhere
where k is constant.
For digital systems, the above matched filter is called “sampled matched filter”. Its
function can also be expressed as:
ks(M —n) 0<n<M
h,(n) = (2.9)
0 elsewhere

where M is an integer.

In digital communication systems, MF detection is always required since the
maximum SNR should be obtained. Meanwhile, zero ISI is essential for the whole system
as well. Fortunately, the square-root raised cosine filter meets these 2 requirements if a

root-square raised cosine filter is used both at the transmitter and the receiver.

Noise

e B S
Transmitter

Pulse-Shaping :
Ho(f) -

hin)a—e H{(f) H(f)=H(f)

X Matched Filter [
H(f)

Figure 2-4 Typical matched detection system
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As shown in Fig 2-4, the input of the transmitting filter is processed as an impulse
sequence, so the transmitted signal s(n) is exactly A4{n). And the impulse response of the
square-root raised cosine filter is even symmetrical; thus hfn)= h(-n). Clearly, since the
transmitting filter and the receiving filter are identical, the following equation can be
established:

h,(n) =h,(n) = h,(—n) = s(—n) (2.10)
In Eq(2.9), integer M means time delay; it doesn’t affect any other characteristics. Hence,
it is obvious that using square-root raised cosine filter at both transmitter and receiver

could satisfy zero ISI and MF detection.

2.2.3 Signal Re-sampling

In digital communication system design, digital filter coefficient h(n) is pre-defined
and stored in memory. If the transversal structure is used, the pulse-shaping filter consists
of 2 parts: an up-sampler and a low-pass filter (LPF) shown as Figure 2-5. In poly-phase
structure (refer to section 3.4), the up-sampler and the low-pass filter are combined. In the
following, the underlying relationship between input x(n) and the digital filter impulse

response A(n) will be discussed.

§ Pulse-Shaping Filter

x(m) H

dt Up-sampler

_ y(n)
Q) Low -Pass Filter
hin)

Figure 2-5 Pulse-shaping filter
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Assume that the input x(n) with symbol rate R, goes through a filter. According to
Nyquist, the theoretical minimum filter bandwidth isR_ /2 for detecting R, symbols/s

without ISI. The following equation could be obtained:

5 =k @.11)

where f is the filter bandwidth.

The above filter can be implemented using digital techniques and sampled waveforms.
If such a digital filter has N sampled waveforms per symbol duration, then the filter needs
to process N times in one symbol duration 7 (1/ R, ). Since x(n) inputs only one symbol
in one symbol duration, the processing match between input x(n) and the filter
coefficients A(n) must be made. Up-sampling, sometimes called “zero-padding”, is such a
process which stuffs corresponding zeros in input sequence x(n).
If the sampling frequency of the filter is f,, the number of zeros stuffed between 2 input
symbols yields:

N-1=f/R ~1 (2.12)

For example, if a digital filter has 4 sampled waveforms per symbol duration, the zero-
stuffed number is N-1=3. And then the input sequence xgp,x;,X7 ...... is pre-processed by

the up-sampler as: x9 ,0 ,0,0x;,0,0,0,x2,0,0,0...... before going through the following

LPE.

2.3 Digital IF f, and Symbol Rate R,

So-called quadrature modulation is a method of combining two signals into a single

channel by modulating a cosine wave on I channel and a sinusoid wave on Q channel,

17



thereby doubling the effective bandwidth. For the digital IF modulator, its IF waveform is
pre-defined and stored in the memory.

Once the digital QAM modem is designed, the sampling rate at each stage is
determined. In Fig 2-6, the sampling rate at each stage of the modulator is shown, where
k=log,(M) (M: QAM symbol set size), n is the up-sampling rate of the pulse-shaping

filter.

Modulator

IF Modulator

Pulse- Shaping

]
iai — Cosine
Digital MAPPING <+>—~—~
source 4 fmmeny Sine

Pulse- Shaping

—)

On

sampling
Figure 2-6 Modulator sampling rates at each stage

Carrier wave (sine and cosine) coefficients are pre-defined and stored in memory. If

the carrier frequency is f., its coefficients could be obtained by up-sampling with

sampling rate f>2f.. In real systems, such sampling rate usually reaches a factor of 4 or

more. Assuming that m carrier samples are taken every carrier period (m= fi/f.), and Fig

2-6 reveals that f, =n-R_; therefore, the carrier frequency f, could be obtained as

follows:

(2.13)
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Usually, n=4 and m>4 are taken in real systems. Clearly, if m2n, R; = f., the carrier
frequency f. will never be higher than the symbol rate R,. However, in most of
communication systems, the carrier frequency is to be fixed at a much higher frequency
than the symbol rate. Therefore, the interpolation and the decimation are then introduced

to make it possible.

2.4 Interpolation and Decimation

A common use of interpolation and decimation in DSP is for sampling-rate
conversion. Suppose a digital signal x(n) is sampled at an interval 7, and we wish to
obtain a signal y(n) sampled at an interval T,. Then the techniques of decimation and
interpolation enable this operation, providing the ratio 7;/T; is a rational number i.e. L/M.
Sampling-rate conversion can be accomplished by L-fold expansion, followed by low-
pass filtering and then M-fold decimation. It is important to emphasize that the
interpolation should be performed first and decimation second to preserve the desired
spectral characteristics of x(n). Furthermore by cascading the two in this manner, both of
the filters can be combined into one single low-pass filter shown in Figure 2-7 [5].

Furthermore, if the ratio 7}/ is an integer, only an interpolator or decimator is needed.

Low -PassFilter
Gain=L
BWeuop=min(n/L, n /M)

Upsampler
Lt

My

Figure 2-7 Filter with rational factor L/M

Actually, the pulse-shaping filter discussed above is an interpolator whose up-sampling
rate is an integer. The low pass filter in Fig 2-7 is set with Gain of L and Cutoff

Bandwidth of min(n/L,/M). Cutoff Bandwidth is required to achieve anti-aliasing and
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anti-imaging [6, 7]. Gain of L is used to keep interpolation key values unchanged after
filtering.

With interpolators and decimators added, a real pure digital modem for general-
purpose and its symbol rate at each stage are shown in Fig 2-8. Where L and M are the
interpolation and decimation factors. The focus of this thesis will be on the dash-lined

sections in Fig 2-8.

Modulator
Pulse- o | Interpolator/ f
Shaping Decimator RF
Digital I_
igita
QAM
source i _— DAC a
Q
. Pulse- o] interpolator-L/
| shaping Decimator-M
Symbot ? T y
Rate L Rs Rs n Rs
Channet
Symbol KR, ntR

Rate

Matched Decimator-L/

R
L
1 j Detector Fiter interpolior-M
i
H—l\

TH::

Drglta*_v____ Demapping

output

Matched Decimator/
Detector Filter Interpoltor

Demodulator

Figure 2-8 Modem and its sampling rates
With interpolation and decimation, the relationship between symbol rate R; and the
carrier frequency f. in the transmitter side could be expressed as follows:
fo=tw, 2.14)
where L and M are interpolation and decimation factors, respectively; n is pulse-shaping

filter up-sampling rate and m is the number of carrier samples per carrier period. Since L
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and M could be changed as required, the carrier frequency f, can be set fixed and much

higher than the symbol rate R;.

2.5 Finite-Precision Numerical Effects

In hardware implementation, digital system inputs, coefficients, and results are
always stored in finite-length registers. Consequently, either overflows or quantization
errors could be introduced in digital binary number representation. In the following
sections, some techniques are discussed to help designers choose appropriate methods to

meet both system and hardware implementation requirements.

2.5.1 Signal Scaling

If the amplitude of a signal in a fixed-point implementation exceeds the dynamic
range, overflows will arise and the output signal could be extremely distorted.
Meanwhile, if this amplitude is set very low when being processed through a digital filter,
the filter will be inefficiently operating and the signal-to-noise ratio will be very poor.
Hence, a suitable signal scaling needs to be used to optimize signal levels.

There are several ways to estimate signal levels. One is to use test signals obtained
from a real target. Scaling is based on maximum sample values at each node. This
method is seldom used if the system is large and thus calculation is complicated.

Another method, that is widely used, is to calculate the most maximum sample values
based on the system transfer function and impulse response. There are 2 norms used for
the estimation [13, 14,16]:

e Safe scaling: to choose appropriate A to make v(n) <M.

vin)y s M S JAf (k) (2.15)
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where A is the scaling constant; v(n) is variable at node k; f{k) is the transfer function
from the input to node k; and the input amplitude is bounded by M.

) Lp norm: 1

p

Fote | aw | (2.16)

1 z
le(Z)lp = I:ﬁ‘[‘”

where p is positive integer, and Fi(z) 1s the transfer function from the input to node k.

2.5.2 Truncation and Rounding

Once the register length is assigned, the set of machine representable numbers is
determined. Assume that the assigned word length is [ bits. Then, any number of m bits
long (m>[) should be quantized before being processed. There are 2 approaches normally
used for quantization: truncation and rounding. Truncation is to truncate all the least
significant bits of n-bit long number that can’t be accommodated in [-bit long registers.
Rounding is to round to the nearest machine-representable number by adding 1 at the
position /[+1 and then truncating the m-bit long number to [ bits.

Obviously, if a number x is quantized, an error £is then introduced given by [11]:

£=x-0[x] (2.17)
where Q[x] denotes the quantized value of x.For 2’s complement number, quantization

error &r of truncation could be expressed as:

0<ég, <gq (2.18)
where ¢q is quantile interval.
And quantization error & of rounding could be expressed as:
- T < I (2.19)
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In hardware implementation, quantization has to be done, but quantization error acts
as noise that degrades the system performance. Hence, word length of system registers

should be chosen very carefully.
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Chapter 3 The Modem Simulations

A typical QAM modem simulation model is constructed using MATLAB software
based on Fig 2-8 block diagram [8, 9]. The system performance is evaluated based on
modem Bit Error Rate (BER). This chapter mainly discusses evaluation of different
parameters in the design of digital filters since they play the most important role in the
system. The modem employs four filters which are pulse shaping, matched filter,
interpolator and decimator. Advantages of FIR filters in communication systems are first
briefed. Section 3.2 and 3.3 analyze the effects of filter orders (the pulse-shaping &
matched filter, interpolation & decimation filter) on error performance. Finite word
length is discussed in section 3.4. The main design parameters are finally given based on

appropriate compromises between hardware complexity and error performance.
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3.1 Why FIR Filters

There are 2 types of digital filters: Infinite Impulse Response (IIR) filters and Finite
Impulse Response (FIR) filters. Currently, FIR filters are widely used in most of real-
time communication systems. Compared to IIR filters, FIR filters are:

e casily designed to be "linear phase" to avoid signal distortion
e simple to implement using fractional arithmetic.
e computationally more efficient when doing multi-rate applications (interpolation

&decimation).

Accordingly, FIR filters have been chosen for our system. Performance of an FIR filter is
mainly determined by its filter order and the coefficient word length. The order of an FIR
filter and the coefficient word length should be as large as possible if a designer wants to
build up a filter as precise as possible. On the other hand, a larger FIR filter order or its
coefficient word length requires more resources in hardware implementation, such as
chip area, power consumption, etc. Thus, it is important to make the filter order or
coefficients word length as low as possible. Hence, necessary trade-offs have to be made

on both sides.
3.2 Pulse-Shaping Filter & Matched Filter Order

As mentioned in Chapter 2, in our design, a square-root raised cosine filter is used as
the pulse-shaping filter on the transmitter side and the matched filter on the receiver side.

The impulse response of the square-root raised cosine filter is:

cos((1+ r)m/T)+ sin((1 - r)m/T)
h(t) = 4r- 4rt/T o
7T (4rtIT)? - 1)
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where r (1 = r 2 0) is roll-off factor, T is symbol period. In our design, the roll-off factor r
is set 0.5 for the square-root raised cosine filters.

The impulse response of an ideal, causal LPF' filter extends from O to o. An FIR filter
is an approximation of an ideal filter. Its length is determined by examining its error
performance. The order of an FIR filter is affected by the filter symbol span and the up-
sampling rate. The order can be expressed as:

N-1=4-5 (3.2)
where N is the number of filter coefficients, N-1 is the filter order, s 1s the symbol span.
For the square-root raised cosine filter, the up-sampling rate is set to 4.

By bypassing the interpolator/decimator, all the square-root raised cosine filter
parameters could be examined and optimally chosen based on BER. For M-ary QAM
modulation, there is an approximate equation expressed as follows [11]:

2(1- L") 3log, L 2E,
P, ~ ——~ (3.3)
? log , L Q(\FLZ—I)NO)

where Q) is Q function [11], and L represents the number of amplitude levels in one

dimension (Lsz). Fig 3-1 and 3-2 show QPSK and 16-QAM error performances with
pulse-shaping and matched filter symbol span s=6, 8, 10, in presence of Additive,

Gaussian White Noise (AGWN) channel.
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Fig 3-1 and 3-2 reveal that a symbol span larger than 8 doesn’t help much on the
improvement of QPSK/16-QAM error performance but increases hardware. So the
symbol span of the square-root raised cosine filter is set to 8. Thus the filter order is
4s=32. Figure 3-3 and 3-4 are frequency and impulse response of the pulse-
shaping/matched filters, respectively. The filter parameters are as follows.

e Number of filter coefficients: N=33 (filter order: 32)

e Up-sampling rate: 4;

o Roll-off factor: r=0.5

Magnitude and Phase Response
--Square-root raised cosine fitter

- t :
—— Filter #1: Discrete tilter magnitude

-~ Filter #1: Discrete fitter phase

-10 i-240

-30 -+ -480

Magnitude (dB)
Phase (degrees)

-50 -720

O . -960

-90 -1-1200

o 01 02 0.3 0.4 05 0.6 0.7 0.8 09 1
rad/sampile

Figure 3-3 Frequency response of Square-Root Raised Cosine filter
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Figure 3-4 Impulse response of Square-Root Raised Cosine filter

3.3 Interpolation Filter & Decimation Filter Order

In chapter 2, we have discussed interpolation with rational factor. To simplify
hardware implementation, an integer interpolation is employed in our design.

The interpolator with factor L on the transmitter side makes the filter up- sampling
rate changeable in order to make the sampling match between the pulse-shaping filter and
the complex mixer. On the receiver side, a decimator with the same frequency spectrum
needs to be inserted between IF recovery block and the matched filter. Table 3-1 shows
the system BERs with different interpolation factors L and different symbol spans s at

Ep/Ny=14 dB for 16-QAM modulation.
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Table 3-1 16-QAM error bit rates through interpolation/decimation

(Es/N,=14dB)
S=4 S=6 S=8
- N Ps N Ps N Ps
bypassed 5.8*10°° 5.8*10° 5.8°10°
2 9 1.1*10° 13 6.12*10° 17 6.05*10°
4 17 1.0*10°® 25 5.9*10° 33 5.8*10°
8 33 1.0*10° 49 5.8°10° 65 5.8*10°
16 65 1.0410° 97 5.8*10° 129 5.8*10°

where the number of coefficients N =s*L+1; Pg is Bit Error Rate.

As seen in Table 3-1, the symbol span of 6 is the best tradeoff from error performance
and hardware implementation point of view. This result is also verified at other values of
Ep/Ny. Once the symbol span for the interpolator/decimator is determined, the frequency

spectrums with different interpolation/decimation factor L/M could be plotted in Fig 3-5.
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Figure 3-5 Frequency response of interpolator with different factors
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3.4 Finite Word Length

The previous discussion regarding filters is based on infinite precision. However, all
hardware implementation numbers such as filter coefficients, products, and sums are
stored in finite-length registers. Hence, necessary quantization and signal scaling are
required. In section 2.1.2, we have discussed that an arbitrary number can be represented
with a scale factor X,, (X, > 1) and a binary fractional part. In fixed-point computations,
the scale factor is assumed X, = 2°. A value k implies that the binary point is located
between by.; and by ;.44 for an L-bit number by.,by.2 ...by where bL_Iyis the sign bit.
Signal scaling helps to determine parameter k; quantizing technique helps to determine
appropriate word length L.

To simplify hardware design and reduce design time, the system is simulated under
the following assumptions:
1. Number representation: 2°s complement
2. Quantization mode: rounding

3. Signal scaling mode: safe scaling

3.4.1 Signal Scaling

When processing digital filter, either signal amplitude or filter coefficient values can
be scaled to avoid overflows. Since QPSK and 16QAM are employed in our design, the

dynamic range of signal amplitude on I/Q channel is set {rom -3 to 3, which is obtained

from the worst case (16QAM-constellation mapping).
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On the transmitter side, the input of the pulse-shaping filter upper bounded by 3 is
represented by 3 bits in 2’s complement. To find the optimal filter coefficients without

overflows, according to Eq (2.15), we need to make:

n -

RVACBIES! (3.1)

P
However, for the pulse-shaping filter and the interpolation filter, there is an efficient way
to choose coefficients big enough without overflows. As we know, an interpolation filter
input is stuffed with L-1 zeros before filter processing. This means that only 1/L filter
coefficients (one out of L sub-filters) are in computation each time. Hence, Eq (3.1) could
be modified as:

n-1

ZL |f (Lt + m)|< 1 (3.2)

k=0

where L is the interpolation factor, and m is a positive integer less than L. For instance,
the pulse-shaping filter with 33 coefficients stuffs 3 zeros in its input before processing.
To optimize its coefficients with no overflows at the filter output, we only need to

guarantee the following condition:

8 7 7 7
Max Q)| f @R | F 4k + DD | £k +2), Y | f(4k +3)) < 1 (3.3)
k=0 k=0 k=0 k=0

Based on Eq (3.3), the pulse-shaping coefficients can be chosen. The maximum sub-filter
sum for pulse-shaping filter coefficients is upper-bounded by 0.73. For the interpolation
filter, the same rule can be applied. Meanwhile, we need the interpolation filter with gain
equal to L in order to remain key values unchanged.

The boundary of each block in the transmitter side can be shown as follows:

e Magnitude of QAM mapping output: My <3
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¢ Magnitude of pulse-shaping filter output: Mp < My *0.73 = 2.19 (0.73: the maximum
sub-filter sum for the pulse-shaping filter)

e Magnitude of interpolation filter: M; < Mp *1.39 = 3.04 (1.39: the maximum sub-filter
sum for the interpolator)

e Magnitude of IF modulator: M¢ < M;*1 (1: the maximum sine or cosine values)

e Magnitude of adder: M4 < M¢ *1.414 = 4.3 (1.414: the maximum (sinx+cosx) value)
In the receiver side, the received signal needs to be converted to digital signal via

ADC. Since the input signal amplitude is known, the decimation filter coefficients are

chosen based on Eq (2.15). For the matched filter, the same coefficients as the pulse-

shaping filter are selected. The boundary of each block can also be shown as follows:

e Magnitude of IF recovery block: Mg < 4.3 (after ADC)

e Magnitude of decimation filter: Mp < Mg*0.5%¥1.25 = 2.69 (1.25: 1/L*J|f(k)|; 0.5:
caused by LPF)

e Magnitude of matched filter: My < Mp*2.76 = 7.42 (2.76: 2|f(k)|)

3.4.2 System Quantization

An L-bit number’s precision depends on its fractional part. If the scale factor of the
number is determined, the only way to make the number more precise is to extend L until
the requirements are met. Generally, coefficients, products and sums can have different
word lengths based on design requirements. In our design, the word length L is set
identical. It is examined using MATLAB simulation model and determined based on the

system performance. In Fig 3-6, 3 BER comparisons with the word length L equal to 8,
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12 and 16 bits are plotted. Note that all simulations are

scheme since it is more vulnerable than QPSK.

made for 16-QAM modulation
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Figure 3-6 16-QAM BERs with different word lengths
By changing the interpolation factor, almost the same results are obtained. Therefore, the
word length L of 12 bits is chosen for future hardware design. Hence, the word length of
each block for the transmitter and receiver is given as Table 3-2 and 3-3:

Table 3-2 Word lengths for each block of the transmitter

Mapper Pulse-shaping filter Interpolator IF modulator Adder

Coefficient [30] [12 11) [12 11] [1211] -
Input bit-in [30] (129 [12 9] [12 9]
Output [30] [12 9] [12 9] (12 9] [12 8]

In term [a b], a stands for the total word length, b stands for the fraction length.
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Table 3-3 Word lengths for each block of the receiver

IF recovery Decimator Matched filter Detector Demapper
Coefficient (12 11] [12 11] [12 11] - -
Input [12 8] [12 8] [12 9] 127 [30]
Output [12 8] (129 [127] [30] bit-out

In order to make a comparison, the quantized and non-quantized frequency spectrums of
the square-root raised cosine filter are plotted in Fig 3-7.

Magnitude Response
--Quantized Square-root raised cosine filter

H i I
s --—— Filter #1: Reference magnitude

—— Filter #1: Quantized magnitude

Magnitude (dB)

]

.90 - :
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

Normalized Frequency (xn rad/sample)

Figure 3-7 Frequency response of the quantized square-root raised cosine

filter
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As well, the quantized frequency spectrums of the interpolation filters with different

interpolation factor are plotted in Fig 3-8.
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Figure 3-8 Quantized frequency response of interpolator/decimator

3.5 Coefficients and 2’s Complement Representations

In our design, the blocks that are Constellation mapper, Pulse-shaping filter/Matched
filter, Interpolator/Decimator and IF modualtor need coefficients pre-defined and pre-
stored. The quantized coefficient values and their 2’s complement representation (based
on Eq (2.4)) can be listed as follows.

e In Table 3-4, the mapping output of QPSK scheme I/Q is extended 1 bit to make the
same word length as that of 16QAM. This is to simplify hardware implementation.

e Table 3-5 shows Pulse-shaping/ Matched filter coefficients.
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o Table 3-6 and 3-7 show the interpolator (gain=L) and decimator (gain=1) coefficients,
where L=2, 4, 8, 16, respectively.
e Table 3-8 shows Cosine waveform coefficients. Since Cosine and Sinusoid have 90°

offset, only Cosine waveform coefficients are tabulated.

Table 3-4 QPSK/16-QAM constellation mapping

QPSK (I/Q: 2+1-BIT) 16-QAM (I/Q: 3-BIT)
INPUT 1 Q INPUT | Q
Decimal| 2's complement | Decimal| 2's complement Decimal{2's complement|Decimal|2's complement
00 1 001 1 001 0000 1 001 1 001
01 -1 111 1 001 0001 -1 111 1 001
10 1 001 -1 111 0010 1 001 -1 111
11 -1 111 -1 111 0011 -1 11 -1 111
0100 3 o1 1 001
0101 -3 101 1 001
0110 3 011 -1 111
0111 -3 101 -1 111
1000 1 001 3 o011
1001 -1 111 3 o011
1010 1 00t -3 101
1011 -1 11 -3 101
1100 3 011 3 011
1101 -3 101 3 o1
1110 3 on -3 101
1111 -3 101 -3 101
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Table 3-5 Pulse-shaping/ Matched filter coefficients

No. Coefficients in decimal Coeficients in 2's complement (12-bit)
h(0)/h(32) -0.0049 111111110110
h{1)h(31) -0.002 111111111100
h(2)h(30) 0.0054 000000001011
h(3)/h(29) 0.0083 000000010001
h(4)/h(28) 0.0015 000000000011
h(5)/h(27) -0.0083 111111101111
h(6)/h(26) -0.0073 111111110001
h(7)/6(25) 0.0078 000000010000
h(8)/h(24) 0.021 000000101011
h(9)/h(23) 0.0078 000000010000
h{(10)/h(22) -0.0376 111110110011
h(11)/h(21) -0.0786 111101011111
h(12)/h(20) -0.0532 111110010011
h(13)/h(19) 0.0786 000010100001
h{14)/h(18) 0.2896 001001010001
h(15)/h(17) 0.4873 001111100110

h(16) 0.5684 010010001100
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Chapter 4 Hardware Design Techniques

Our system consists of several primary components. On the transmitter side, there are
constellation mapper, pulse-shaping filters, interpolation filters, up converters and a
waveform adder. The receiver includes down converters, matched filters, decimation
filters, and QAM detector. In this chapter, the constellation mapping and its lookup table
(LUT) are first discussed. Section 4.2 focuses on the poly-phase structure of digital FIR
filters. In section 4.3, a high-speed carry-select-adder, carry-lookahead adder (CSA-CLA)
and a new signed-array multiplier are developed. At the end, the relationships among

hardware implementation, the carrier frequency f. and the baud rate R; are revealed.

4.1 Quadrature Signal Constellation
In the QAM modulator, the data stream is mapped to signal points on the
constellation diagram by assigning proper I & Q values. Fig 4-1 shows the rectangular

QPSK and 16-QAM signal constellation diagrams. Note that Gray-encoding is already

employed for the constellation assignments.
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QPSK Constellation 16-QAM Constellation
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Figure 4-1 Rectangular QPSK/16-QAM signal constellations
In Fig 4-1, each number from O to M-1 (M=4 for QPSK and 16 for 16-QAM)
represents a possible data group taking log,(M) bits at a time from the input stream. The
corresponding values on the abscissa (I-channel) and the ordinate (Q-channel) are the
mapped outputs. For example, if the input data group of 16-QAM is “1010”, the outputs
are 1 on I-channel and -3 on Q-channel. Generally, for such a set of finite points, the

lookup table structure shown in Fig 4-2 is the simple, efficient and hardware saving

Constellation
Mapper

—f{-channel-»

o Serial-Parallel] Address Look-Up
——B it-in —= Converter Table
(ROM)

-Q -channels

solution.

Figure 4-2 Lookup table for QAM mapping
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4.2 FIR Filter Design

In the modem, the modulator has 2 types of filters, the pulse-shaping filter and the
interpolation filter. The demodulator has also 2 types of filters, the matched filter and the
decimation filter. Generally, designers develop these filters in different ways. For
instance, the lookup table could be used for implementing the pulse-shaping filter, and
the constant coefficient multiplier (KCM) could be used for implementing the matched
filter. In our design, we use a classical but efficient structure called “poly-phase” to build

up all the four filters of the modem. This significantly simplifies the design methodology.

4.2.1 Transversal Structure

In general, an FIR filter structure shown in Fig 4-3, is called a transversal structure or
direct form as it is a direct implementation of the convolution of the input sequence and a
finite impulse response. In this figure, Z° I stands for unit delay, and A(0), h(1), ...h(N-1)

stand for the filter coefficients.

o T e

h(0) h(1) h(2) h(N-3 h(N-ZK h (N -1

—CO—CO o e

Figure 4-3 Transversal structure of a FIR filter

Figure 4-3 gives the form of signal flow, which clearly shows how signals in a digital
filter are processed and combined. This represents a basis for programming signal

processors or designing integrated circuits.
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Implementation of decimators or interpolators based on the basic transversal structure
is not efficient. Fig 4-4 demonstrates a decimator based on the transversal structure and
its signal convolution process. Assuming the use of an FIR filter with N coefficients and

decimation factor M, the filtering can be described by the following convolution:

t(n) = x(n) ® h(n)={;ﬁlh(k)xx(n—k) (4.1)

k=0

And the down-sampling process can be expressed as:

y(m)=1t(m -M ) (4.2)
According to Eq (4.2), for evaluation of y(m), only the calculation of #(n) for n=m*M is

required. Therefore, this structure is not efficient because the calculation of #(n) for
n#m*M is wasteful and not used in the final output. Eq (4.3) shows the decimation as
convolution followed by downsampling:

y(m):NZ:_lh(k)xx(m-M - k) 4.3)

k=0
As an example, Fig 4-4 illustrates the convolution process corresponding to the above

equations. Obviously, the multiplication of hA(k) with x(1-k) leads to the interim value
x(1), which is not used later on. Hence, it is unnecessarily computed.

Due to different applications, many efficient structures like transposed and poly-phase
are available. In our design, the filters in the modulator side are the interpolation filters,
and the filters in the demodulator side are decimation filters. Hence, the poly-phase

structure discussed next is the easiest but efficient structure for all the four filters.
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Anti-aliasing t(n) ,| Downsampler y(m)
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A: Decimator Model

h(k)
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t
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B-1: FIR filter impulse response

x(-K)

I 1] l r I1 e . Kk X0

| ] T 1 > k x(0)=>y(0)
B-2: Reversed and shifted input signal

X(1-k)

!”T”‘l[hlhl """ » k x(1) not used

B-3: Reversed and shifted input signal
x(2-k)

rmT‘lthhl ------ K x@2)eoy()

B-4: Reversed and shifted input signal

Figure 4-4 Decimator model (N=12, M=2)
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4.2.2 Poly-phase Structure

4.2.2.1 Decimator Model
To avoid the unnecessary computation, an efficient transversal structure that combines
the filter and down-sampler together called poly-phase structure can be used. Fig 4-5 is

an example with down-sampling rate M=2 and filter coefficients N=12.

h(0)
x(n) - 2] l : y(m)

Z h(2)

b

A
(2] hy(m) ne)

4
h(1)

2¢ y

h1(m) h(7)

Figure 4-5 Poly-phase decimation structure (N=12, 11=2)
In Fig 4-5, a traditional transversal structure can be decomposed of 2 sub-filters: hg(m)
and h;(m). Subfilter hy(m) consists of h(0), h(2), ..., h(10); subfilter h;(m) consists of

h(1), h(3), ..., h(11). In general, the decimated signal can be expressed as [12]:
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y(m) = i h(k)Yx x(m -M - k)

—1 oo M -1

)
A=0 r= -
)

A=6 r=- A=0

where k=r*M+A,; hy(r)=h(r*M+A); x3(r)=x(r*M-A).

4.4)

ih(rM + A)Y-x{m - rI1M - A4)

S hy(r)-x,(m —r)y= Y h,(m)® x,(m)

The convolution with subsequent down-sampling can be decomposed into M

independent convolutions (M sub-filters), where each convolution product is exactly

assigned to one of the phase indexes A=k mod M. In this method, no unnecessary

calculations are performed. Since the subsequences used are basically poly-phase signals,

the process is then called poly-phase filtering. A general poly-phase decimator can be

plotted in an efficient way as shown in Fig 4-6 [12]. This efficient way means that the

internal sampling rate could be decreased by 1/M if all the sub-filters process in parallel,

or the memory could be decreased by 1/M if periodically time-varying coefficients are

used.
ho(m) Yo(m) > vim) -
A
y,(m)
h,(m)
A
h () y(m)
hM-1(m) M

Figure 4-6 Poly-phase decimator with an input commutator rotating

countclockwise

50



4.2.2.2 Interpolator Model

Similarly, an interpolator can also be realized by using the poly-phase structure. Its
signal flow graph can be derived from that of a decimator. The directions of all signals
are reversed, the inputs and outputs exchanged and the up-sampler and down-sampler
swapped. As an example, Fig 4-7 shows the interpolator structure with the number of

coefficients N=12 and interpolation factor L=2, which is exactly the reverse graph of Fig

4-5.
h(0)
x(m) ; 2 4 y(n)
he)
3
h(m) he)
Q)
}
ne)
A -
(]
h(1)
‘ 2 4
@
b
)
3
h,(m)[2z"] h)
3
he)
S
7

Figure 4-7 Poly-phase interpolation filter (N=12, L=2)
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Generally, an interpolator with factor L can be shown in Fig 4-8.

y(n),

x(m) | Upsampler v(n) | Anti-imaging
Lf) h(n)

Figure 4-8 Interpolator Model

With N coefficients, the interpolator output y(n) could be expressed as:

o 45
y(n)=v(n)® h(n) =Y h(k)xv(n—-k) 4.5)
k=0
If the following assumptions are given:
N =N_-L N, :the number of subfilter -coefficien ts (4.6)
k=r-L+A A:subfilter index r:integer 4.7)
x(m—-r) for n=mL+ A
—k)=vin-rL-1)=
v(n—k) = vin=rL ) { 0 otherwise (4.8)

Then, the general expression of the output y(r) could be modified as follows[12]:

N -1
y(n) =Y h(k)xv(n - k) 4.9)
k=0
L-1 N, -1
=> > h(L +A)-vin-1rL - 1)
PR
= Z Z vin —rL —A)-h(rL + A) ,_, w 1
A= r=
L_?N,fl L-1
= Z Z x(m —r)-h,(m) = Z x(m)® h,(m)
A=0 r=0 A=0

According to Eq (4.9), an interpolation filter with poly-phase structure can be plotted as

shown in Fig 4-9.
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> h(m)

x(m) y(n)
> h,(m) yz(m) r=2 I

>  hy,,(m)

Figure 4-9 Poly-phase interpolator with an output commutator rotating
countclockwise
As discussed above, the poly-phase structures can improve either speed or hardware or
both. However, the basic building cells such as adders and multipliers, which will be

discussed below are still needed for sub-filter implementation.
4.3 Adders & Multipliers

An adder and multiplier are two basic but critical cells in DSP-based implementation.
FIR filters are constructed by adders and multipliers. Digital IF modulators are built by

multipliers. Due to their wide use, building regular and modular adders and multipliers is
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of great importance. In this section, a high-speed CSA-CLA adder and a new signed-

array multiplier structure are introduced and developed.

4.3.1 High-Speed CSA-CLA Adder

Many types of adders such as Ripple-Carry-Adder (RCA), Carry-Look-Ahead-Adder
(CLA) Carry-Select-Adder (CSA) and their combinations are widely used. In our design,
a high-speed CSA-CLA adder is used to improve the whole system performance.

Addition can be viewed in terms of generate, G, and propagate, P. In hardware

implementation, a 2-input addition is separated and added bit by bit as [13]:

Glil= ali] Bli] clil=c6i]+ Plil G i -1]
plil= alile BIi] slil= Plilo cli-1] (+10)
where i stands for the i stage, A, B are 2 inputs and C, S are the carry and sum.

If we evaluate Eq (4.10) recursively from i=1, the following equation can be obtained:

cltl= 1]+ Pl1]- Glo]
c2]=G[2]+ P[2]-Gcli]+ P2} P[1]- Glo] @.10)
c3]=G3]+ P2]- G[2]+ P[2]- P[i}- GI1]+ P[3]- P[2]- P[1]- G o]

This result shows that we can look ahead and calculate the carryout in advance. This is
the reason why CLA adders operate fast {13].

The CLA logic becomes less regular and more complex when we look ahead further
(more than 4 stages). To build a high-speed adder with large input stages, a carry select
adder can be used. In this case, we duplicate 2 4-bit CLA for the cases Cjy=0 and Ciy=1,
and then use a MUX (multiplexer) between each block. This structure is regular and fast
at the expense of some hardware overhead. Each 4-bit CLA block is calculated
simultaneously. In our design, a 12-bit high-speed CSA-CLA structure can be plotted as

shown in Fig 4-10.
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Figure 4-10 12-bit high-speed CSA-CLA adder

4.3.2 New Structure for Signed Array Multiplier

As fundamental cells in DSP-based implementation, signed multipliers are widely
used in filters, mixers, etc. There are many signed multiplier structures suitable for VLSI
implementation. In this section, a new structure is proposed for 2’s complement
multiplication and compared with other multiplier structures. It is shown that this
proposed scheme has a more versatile and modular structure. Therefore, no redesign is
required for different lengths of multipliers and few different types of cells are needed.

Moreover, this new structure can be also applied to Booth-encoded partial products.
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4.3.2.1 Currently Used Multipliers

Generally, there are 2 types of multipliers: unsigned and signed. The unsigned

multiplication is very simple, just like paper-and-pencil case.
The conventional (symmetric) array structure [14] is often used for unsigned
multiplication. However, in most DSP designs, 2’s complement multiplication is usually
required. Unlike the operands of unsigned multiplication, the multiplicand and multiplier
of 2’s complement multiplication have the most significant bit as their sign.

For VLSI implementation of multipliers, tree-based multipliers and array-based
multipliers are well known and often used. Tree-based multipliers (Wallace tree [14, 15]
and Dadda scheme [14, 16]) are focusing on decreasing the depth (time delay) of partial
products processing. Array-based multipliers (Baugh-Wooley [17, 13] 2’s complement
array multipliers) are focusing on its modularity and regularity. However, the tree-based
multipliers are less regular or modular; meanwhile, the array-based multipliers need more
extra logic cells and not suitable for Booth-encoded partial products when processing a
2’s complement multiplication.

In general, a multiplication consists of 2 steps: (1) Generate partial products; (2) Sum
up the partial products.Generation of partial products could be processed in many ways,
like conventional paper-and-pencil algorithm, Booth-encoding algorithm and Baugh-
Wooley array scheme, etc. Similarly, addition of the partial products could be processed
in many ways as well, such as conventional array structure, Baugh-Wooley array scheme,
Wallace tree and Dadda scheme. Dadda scheme and Wallace tree can be used for both

unsigned and signed multiplication. The conventional array structure is usually used for
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unsigned multiplication. However, Baugh-wooley array scheme, which is a modified
conventional array structure, is used for 2’s complement multiplication.

In 2’s complement multiplication, there are some constraints for addition of the
partial products once the method of generating partial products is determined. For
example, the partial products created by Booth-coding algorithm can’t be applied to
Baugh-Wooley array structural scheme. In general, the sign bit of partial products is to be
extended to the full width of the final product. Then these extended partial products could
be summed up by Wallace-tree or Dadda scheme. These schemes are not the best choices
from regularity point of view when different-length multiplication is needed. Meanwhile,
Baugh-Wooley array structural scheme is not the best when limited time delay is required
although it is regular. Due to the drawbacks of Wallace tree, Dadda scheme and Baugh-
Wooley array structural scheme, a new structure that is also derived from the
conventional array structural scheme is presented in this paper. Compared to Baugh-
Wooley array structure, this new structure has few types of modular cells and could
reduce the number of the partial products by using booth-coding algorithm. Compared to
Wallace tree and Dadda scheme, this new structure is more regular and could easily be
extended to any length multiplication.
4.3.2.2 The Proposed Structure

An m -bit 2’s complement number A=(a, _,,q, ,,"--4,q,) is expressed as follows:
m=2 )
A=—a, x2""+> a x2 4.12)
i=0

where a,_, is the sign bit.
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Multiplication of two 2’s complement numbers A=(a,,,,q,,,, @, %)

and B=(,_,,b,_,,"--b.h) could be expressed as follows[18]:

n-2
P=AB= A(— b 2"+ Zb,,z"j

i=0

n-2 -
=AY b2 +(A+Db,_ 2"

i=0

n-2 _
=AY b2 +4Ab, 2" +b, 2" 4.13)
i=0

where P is the product, A:(a,ﬂ,am,.--,al,ao) is 1’s complement of A=(,,.q,,,.">q,4,) and

a, is logical inversion of a, .

Eq. (4.13) is composed of 3 terms. The first term is the summation of n—1Ipartial

products and could be expanded as follows[19]:
n=2 .
Azbi 2 = 2%y 5@y QG )by +
i=0

1
2(a,,_,.a,_,,-.a,,a,)b, +

2
2°(a,,_;,a, 5, -, a,,a,)b, +

2n——2(am_17am_27.'.7a17a0)bn_2 (414)

And therefore,

n-2
AD b2 =2°(a, by, a, by, 4By, aghy) +

i=0

2! (a,_b.a, b, -ab,ab)+

24(a,1by, by iy aghy) +

58



2" (@, 1B, 5D, 55 ab, 5, a0b, ) (4.15)

where a;b, is logical AND function of a,and b, .

In Eq. (4.15) multiplications by 2'can be replaced by shifting the binary number in
the bracket i bits to the left and inserting O at i least significant bits of the binary
number. And therefore, all the terms in Eq. (4.15) will be replaced with a binary number.
Next step in finding the summation would be addition of partial products which are
binary numbers in 2’s complement format. Rather than first extending the sign bit of
each partial product to the full length of the final product, in the new structure, each sub-
sum is extended only 1 bit at a time until the final stage. Therefore, we can add 1 partial
product at a time to previously created carry-out and sub-sum. Addition of first two

binary numbers after extending the sign bit of the first term is shown in Eq. (4.16).
2 (@ by @iy OBy Aoy +
24, b5 @y sby o aby agh)

=(a,_by,a,_by,a,_,b,, -, a,b,,a.b,,a,b,) +

m-2

(a,_b,a,_,b,a, b, -ab,ab, 0 ) (4.16)
Using Carry Save Adder (CSA) structure, Eq. (4.16) creates carry-out and sub-sum
values. The created carry-out and sub-sum can then be added to the third partial product.
As well, the sign bit of the sub-sum needs to be extended 1-bit to the left. Step by step,
Eq. (4.15) can be finally evaluated using the same approach.

To obtain the final product as shown in Eq. (4.13), the carry-out and sub-sum created

by Eq. (4.15) are first added to terman_IZ"_‘ using the approach shown in Eq. (4.16).
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Then, the final carryout and sub-sum are added to term b, ,2""' using Carry Propagate

Adder (CPA) as shown in Fig 4-11. This figure shows the hardware implementation of

Eq. (4.13).

S0 So So Sw

| /(4{5’21 ;.1 S

P R R R
Figure 4-11 The new structure for 2’s complement multiplication;
Multiplicand A=(aq, .q,,. - a,.qa,); Multiplier B=(b_.b,,,--.b.b,)

If the multiplication result needs to be rounded, we can easily adjust its output
according to Chapter 2. Fig 4-12 shows an example of 6-bit by 6-bit signed-array

multiplier with 7-bit round-off product.
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Fig 4-12 6-bit by 6-bit signed-array multiplier with 7-bit roundoff product

The new structure for Booth-encoded products:

Previously, we have discussed the algorithm for generation of direct partial products,
which is quite similar to Baugh-Wooley array scheme. Furthermore, Booth-encoded
partial products can be also applied to this new structure. The only difference is just
replacing the direct partial products with Booth-encoded partial products. Actually, with
slight modification (alignment), this structure could be suitable for the partial products
created by any radix Booth-coded partial products. Fig 4-13 shows the new structure for

radix 4 Booth-encoded partial products (6-bit by 6-bit).
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Figure 4-13 the new structure for radix 4 Booth-encoded partial products
In Fig 4-13, a 6-bit multiplier B = b;b,b,b,b,b, is encoded to E = e,e, e, using radix
4 booth-coding algorithm, where ¢, could be any number of the set (-2, -1, 0, 1, 2). The

number of partial products S S ,55,,5,;5,5,3,, - therefore, 1s reduced to 3.

Properties of the New Structure:

Obviously, as an array-based multiplier, this new proposed structure has all properties
an array scheme has, such as regularity and modularity. Moreover, rather than Baugh-
Wooley array scheme, this new structure is more regular and flexible in 2’s complement
multiplication since it needs few types of cells and could be also applied to the partial
products created by Booth-coding algorithm. These properties could save a lot on

hardware implementation and make the reduction of partial products possible.
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4.4 Carrier Frequency, Baud rate, and Memory Size

In chapter 2, Eq (2.12) has revealed the general relationship between f. and R, for

modulators. For integer interpolation, this equation can be rewritten as follows:

m o= L -n R 4.17)

f.
where L is interpolation factor; n is up-sampling rate for the pulse-shaping filter, usually

set to 4; m is the number of carrier samples per carrier period.

In digital modems, carrier samples are stored in memory. The memory size (MS)
stands for the number of one-period-carrier sample values stored in the memory. It is
clear that MS is proportional to L. From equation (4.17), we can calculate m, the number
of samples needed to be taken from the above memory. As well, if MS is fixed, we can
obtain the sample interval 4=MS/m. For instance, if we have 4 samples (m=4) per period
and MS=1024, these 4 sample values are taken from 0%, 256™, 512™ 768™ word of the
memory. Eq (4.15) cannot guarantee that the sample interval 4 and the sample number m
are always integers. However, they should be treated or rounded to nearest integers in
hardware implementation. The adjustment that will be discussed below could affect IF
precision. Assume that IF frequency is assumed fixed (i.e. f,=70M Hz), some evaluation
is then made on the relationship and the precision among IF f;, Baud rate R;, Memory
Size MS and interpolation factor L. In following tables, f., is the nearest realizable IF
frequency, obtained from the following equation:

Sy =n-L-R I(MS/round(A)) (4.18)

(fe- o) f: 1s the discrepancy; round(A) is the nearest integer of 4; int(m) the nearest

floored integer of m.
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Table 4-1 exploits memory size (MS) effect on IF f, precision. In Table 4-1, we assume
that R; is fixed to 23 MHz and MS is varied at 1024 and 1024*1024. The result can be
concluded as “ the bigger MS is, the closer to theoretical f; the real f., is”. Note that MS
does not affect the number of samples m.

Table 4-1 Memory Size (MS) effect on IF f.precision

fe 70 MHz
Rs: 23 MHz
MS: 1024 byte
L m int(m) A round(4) Jer Discrepancy
1 1.3145058 1 779.13 779.00 69.98828125 0.000167411
2 2.625641 2 389.57 390.00 70.078125 -0.001116071
4 5.2512821 5 194.78 195.00 70.078125 -0.001116071
8 10.556701 10 97.39 97.00 69.71875 0.004017857
16 20.897959 20 48.70 49.00 70.4375 -0.00625
MS: 1048576 byte
L m int(m) 4 round(4) Sfor Discrepancy
1 1.314285 1 797829.57 797830.00 70.00003815 -5.44957€E-07
2 2.62857 2 398914.78 398915.00 70.00003815 -5.44957E-07
4 5.2571532 5 199457.39 199457.00 69.99986267 1.96184E-06
8 10.514254 10 99728.70 99729.00 70.00021362 -3.05176E-06
16 21.028718 21 49864.35 49864.00 69.99951172 6.97545E-06
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Table 4-2 illustrates baud rate R effect on IF f. precision. In Table 4-2, we assume
that MS is fixed to 1024*1024 bytes and R; 1s varied at 12 MHz and 23 MHz. The result
can be concluded as “baud rate R; affects the number of samples m”. Based on the
condition m>=4, the smaller is m or L, the more precise is the real f.,.

Table 4-2 Baud rate R; effect on IF £ precision

MS: 1048576 byte

fe: 70 MHz

R 12 MHz
L m int(m) 4 round(4) Jer Discrepancy
1 0.6857144 0 1529173.33 1529173.00 69.99998474 2.17983E-07
2 1.371428 1 764586.67 764587.00 70.00003052 -4.35965E-07
4 2.7428595 2 382293.33 382293.00 69.99993896 8.71931E-07
8 5.4857047 5 191146.67 191147.00 70.00012207 -1.74386E-06
16 10.971467 10 95573.33 95573.00 69.99975586 3.48772E-06
R;: 23 MHz
L m int(m) A round(4) Ser Discrepancy
1 1.314285 1 797829.57 797830.00 70.00003815 -5.44957E-07
2 2.62857 2 398914.78 398915.00 70.00003815 -5.44957E-07
4 5.2571532 5 199457.39 199457.00 69.99986267 1.96184E-06
8 10.514254 10 99728.70 99729.00 70.00021362 -3.05176E-06
16 21.028718 21 49864.35 49864.00 69.99951172 6.97545E-06
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Table 4-3 demonstrates baud rate R precision effect on IF f, precision. In Table 4-3,
we assume that MS is fixed to 1024*1024 bytes and R; 1s slightly modified at 12, 12.001,

12.011, 12.111 MHz. The result can be concluded as “baud rate (R;) precision affects the

f: precision”. The f. precision only depends on A.

Table 4-3 Baud rate R; precision effect on IF f. precision

MS: 1048576 byte
fes 70 MHz
R, 12 MHz
L m int(m) A4 round(4) Ser Discrepancy
8 5.4857047 5 191146.67 191147.00 70.00012207 -1.74386E-06
R 12.001 MHz
L m int(m) A round(4) Ser Discrepancy
8 5.4861639 5 191130.74 191131.00 70.00009555 -1.36501E-06
R,: 12.011 MHz
L m int(m) 4 round(4) Jor Discrepancy
8 5.4907316 5 190971.61 190972.00 70.00014319 -2.04555E-06
R 12.111 MHz
L m int(m) a4 round(A4) Sfor Discrepancy
8 5.5364503 5 189394.77 189395.00 70.00008682 -1.24032E-06
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Table 4-4 and 4-5 demonstrates baud rate R; and memory size MS effect on IF f.
precision. In Table 4-4 and 4-5, we modify MS and R, but keep 4 as an integer. The result
can be concluded as “the f, precision only depends on 4”. If original A is integer, the real

for is equal to the theoretical one no matter how much MS or R; is.

Table 4-4 R; & MS effect on IF f, precision

MS: 1048576 byte
£ 70 MHz
R, 10 MHz
L m int(m) A round(4) Ser Discrepancy
1 0.5714286 ¢} 1835008.00 1835008 70 0
2 1.1428571 1 917504.00 917504 70 0
4 2.2857143 2 458752.00 458752 70 0
8 4.5714286 4 229376.00 229376 70 0
16 9.1428571 9 114688.00 114688 70 0
R, 20 MHz
L m int(m) A4 round(4) fer Discrepancy
1 1.1428571 1 917504.00 917504 70 0
2 2.2857143 2 458752.00 458752 70 0
4 4.5714286 4 229376.00 229376 70 0
8 9.1428571 9 114688.00 114688 70 0
16 18.285714 18 57344.00 57344 70 0
MS: 1024 byte
Je 70 MHz
R 10 MHz
L m int{m) A round(4) Ser Discrepancy
1 0.5714286 0 1792.00 1792 70 0
2 1.1428571 1 896.00 896 70 0
4 2.2857143 2 448.00 448 70 0
8 45714286 4 224.00 224 70 0
16 9.1428571 9 112.00 112 70 0
Ry 20 MHz
L m int(m) A round(4) for Discrepancy
1 1.1428571 1 896.00 896 70 0
2 2.2857143 2 448.00 448 70 0
4 4.5714286 4 224.00 224 70 0
8 9.1428571 9 112.00 112 70 0
16 18.285714 18 56.00 56 70 0
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On hardware design, a designer wants to make MS for IF as small as possible. Upon

the above discussion, MS needs to be made big enough for certain IF precision when L is
big or Ais non-integer. However, it is known that the MS could be made very small if
Ais integer. Hence, to simplify hardware implementation, the following assumptions are
made in our design:

1. Integer interpolation: L=2% d: 0 <d <4, integer

2. Selectable IF: f.= 4L/m*R;, R,< f.
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Chapter 5 Modem Hardware Implementation

VHDL (VHSIC Hardware Description Language), as a hardware description language,
is used mainly for the development of FPGAs and ASICs (Application Specific
Integrated Circuits). Tools for synthesis of VHDL code into a gate-level netlist were well
developed. Based on the technologies discussed previously, a hardware model for the
system could be established by using VHDL [19]. However, the need for high-speed real-
time communication presents significant hardware design challenges. In this chapter,
pipelining & parallel processing, and multi-clock control are presented to enhance the
system performance. In section 5.2, VHDL hardware implementation is discussed in
terms of behavioral and structural modeling. A test-bench is built for system verifications
by using Active-HDL. The design is elaborated and synthesized using Synopsys Design
Compiler and Synopsys Analyzer. As an illustration, the system is implemented into a

Xilinx Virtex-II FPGA using Xilinx Design Manager, and the characteristics are given at

the end.

69



5.1 Pipelining & Parallel Processing

Previously, we have discussed pure combinatorial logic. If such a pure combinatorial
logic is used to build an FIR filter or a communication system, the throughput rate will
not meet the requirements of most communication systems in practice. Throughput rate is
the key factor dictating the system performance. Real-time signal processing requires
extensive concurrency using pipelining and parallel processing in order for increasing the
system throughput rate. Pipelining is to reduce the effective critical path by introducing
latches along the critical data path. Parallel processing is to increase the sampling rate by
replicating hardware so that several inputs can be processed in parallel and several
outputs can be produced at the same time. Fig 5-1 shows the system structures of

pipelining and parallel processing.

CLK

LOGIC

R ] R
—— LOGIC E LOGIC € LOGIC 3

; : : —
Pipelined system

Parallel system

Figure 5-1 Pipelining and parallel system structure

!

Our Modem is a complicated, multi-clocked system. Both pipelining and parallel
processing techniques are widely deployed to enhance the system performance. However,
based on different types of hardware, the implementation strategies for pipelining and
parallel processing are different. For instance, a FA (full adder) targeted into Xilinx
Virtex II is about 2.5 times faster than that targeted into Xilinx 4000 family. It could be
much faster if ASICs are used. Thus, further pipelining and parallel processing is needed

for low-speed hardware to reduce time delay.
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5.2 VHDL Implementation

VHDL is a hardware description and simulation language that was not originally
intended for synthesis. Therefore, many hardware description and simulation constructs
are not supported by synthesis tools. To guarantee that design is synthesizable, any

design model created by VHDL code should follow hardware design guidelines.

5.2.1 VHDL Design Strategies

A digital system can be described at different levels of abstractions [20, 21], such as
behavioral level, structural level or hybrid. Design Process starts with behavioral
description, decomposing the high level of constructs into more precise functional units,
then mapping these units into physical elements. In general, an efficient and effective
VHDL design features the following characteristics:

e Hierarchy: A repeated process of dividing a large system into smaller subsystems
until the complexity of subsystems at an appropriately comprehensible level of detail.

e Regularity: Divide the hierarchy into similar building blocks whenever possible.

e Modularity: Well defined behavioral, structural and physical interface.

o Locality: Internals of the blocks are unimportant to any exterior interface.

5.2.2 Primitives, Components and Top-Level System

In hierarchy and structural design, components at the lowest level of the hierarchy are
described as pure behavioral models, using the basic logic operators defined in VHDL.
At the intermediate-level, components are supposed to be defined earlier (e.g. in package)
and can be described as a structural, behavioral or hybrid model. The top-level design is

usually described as a structural model.

71



As a primitive component at the lowest level of the hierarchy, the high-speed CSA-
CLA 12-bit adder is not further pipelined, described in pure behavioral level as shown in
Appendix A. Its corresponding diagram is exactly the same as Fig 4-10. Apart from the
primitive level, structural design techniques may be applied everywhere else in a
hierarchical design. In Fig 5-2, one of the intermediate-level components, 12-bit by 3-bit
multiplier, is described based on the hybrid approach: the behavioral model (data flow)
for pipelining, and the structural model (port map instantiation) for intermediate carry
save adders and the final CSA-CLA adder. In Appendix A, the VHDL code is given for
this 12-bit by 3-bit multiplier.

A hierarchical description of a system is expressed in terms of subsystems
interconnected by signals. Each subsystem may in turn be expressed as sub-subsystems
interconnected by signals, and so on. This is a powerful technique to help hardware
designers be able to design complicated systems time efficiently. In our design, high-
regularity and high-modularity are well satisfied. A 12-bit CSA-CLA adder is the lowest
hierarchical-level primitive, and a 12-bit by 3-bit multiplier and a 12-bit by 12-bit
multiplier are regularly built. They are used as components for further designs of large
subsystems. Based on DCS & DSP fundamentals, these 3 basic components are widely
instantiated in many subsystems such as pulse-shaping filters, interpolation filters, IF
modulator and others wherever possible. In addition, an interface is designed for the
pulse-shaping/matched filter to load coefficients if necessary. After every subsystem is
described, the top-level modulator and demodulator are finally described as a pure

structural model shown in Fig 5-3 and Fig 5-4.
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5.3 Clock Distribution and System Throughputs

In our system, the input data stream runs serially at a certain bit rate and there exists
multi-rate DSP blocks inside the modem. Three different clocks are needed for serving
different DSP blocks simultaneously. Moreover, QAM modulation modes and the
interpolation ranges are adjustable, so the sub-clocks have to be able to adjust

correspondingly. The relationship of 3 sub clocks and the global clock is listed as follows:

CLK | = CLK CLK : global clock

CLK , = C—IL[S— L : int erpolation Jactor ;.1
LK *1 M
CLK | = C———%—— M :QAM  symbol  set size

According to Eq (5.1), the sampling rate at each stage could be tabulated as Table 5-1:

Table 5-1 The Modem sampling rate at each stage

Pulse-shaping Interpolator Complex
Modutator Input QAM output output output mixer output Adder output
Sampling rate k*Rs R, 4R, 4*L*R, 4*L R, 4*L*R,
IF recovery . Matched filter Detector
Demodulator Input output Decimator output output output De-QAM output
Sampling rate 4*L*R; 4"L"R, 4”R; Rs R k*Rs

Where R, and L are the baud rate and interpolation factor, respectively; k =log, M .
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5.4 System Verification

A traditional approach to verify the functionality of a design is to use a vendor specific
Simulation Control Language (SCL). For simple designs like the QAM mapper and
adders, this method is much faster since the SCL is tailored to the vendor’s environment.
However, when verifying the complicated operation of the Unit Under Test (UUT), SCL
lacks automatic verification, portability, and interaction between UUT and UUT’s
environment [21]. Our design is a complicated communication system. The system
verification needs to be processed under the following conditions:

e Multiple modulation modes: QPSK/16-QAM

e Multiple interpolation factor (L): 1, 2,4, 8, 16

e Seclectable carrier frequency factor (%): 1,2,4,8, 16

5

An appropriate VHDL testbench for the system verification is built in our design. Based
on the above conditions, the testbench includes 3 more components besides the system
itself,:
e Stimulus generator: to create a random bit stream as the modem input
e Delay Module: to hold up its input by the modem latency.
e Comparator: to compare the system output with its delayed input and report if any
€ITor OCCUurs.

As discussed above, the testbench diagram for our design could be plotted in Fig 5-5.

77



Y Demodulator

e Report out
comparator |____“>

Q Generator

Figure 5-5 The modem Testbench

Based on the above testbench, our system is simulated using ALDEC Active-HDL

simulator with randomly fed 100,000 bits for each case.

5. 5 lllustrative Example Based on Xilinx Virtex Il

FPGA, which features low-cost, high-efficiency and high-flexibility, is an integrated
circuit that contains many identical-logic cells that can be viewed as standard components.
Each logic cell can independently take on any one of a limited set of personalities. The
individual cells are interconnected by a matrix of wires and programmable switches. A
user’s design is implemented by specifying the simple logic function for each cell and
selectively closing the switches in the interconnect matrix. Complex designs are created

by combining these basic blocks to create the desired circuit.

5.5.1 Effects Caused by Structures or Hardware

Generally, the main performances of a system include speed, area and power.
Implementation to different target FPGAs will cause different speeds even if the VHDL

code of a design is the same. As an example, Table 5-2 shows the critical path time delay

78



of a full adder and our design between FPGAs of Xilinx 4000 and Xilinx Virtex II. Note

that it is Logic-synthesized using Synopsys Design Compiler & Design Analyzer.

Table 5-2 Timing analysis for different FPGAs

Xilinx 4000 Xilinx virtex ll
FA 3.2ns 1.5ns
The modem 27.26 ns (estimated) 12.78 ns

Similarly, different system structures will cause different area occupation and power
consumption. Generally, a system structure is analyzed and determined at the earlier
stage than hardware implementation. However, in order to verify effects caused by
different structures, subsystem matched filter in our design is chosen and built in both the
transversal structure and the poly-phase structure, respectively. The effects on area
occupation and power consumption are shown in Table 5-3. Note that it is Logic-

synthesized using Synopsys Design Compiler & Design Analyzer.

Table 5-3 Area & Power analysis for different structures of matched filter

Transversal Structure

Poly-Phase Structure

Area (Cell)

26935

10021

Power (mW)

145.3

126.26

5.5.2 System Parameters and Features

As an example, our design is synthesized and implemented into Xilinx Virtex II
FPGA chip, which uses 0.15um / 0.12um CMOS 8-layer metal process. Using Xilinx
Design Manager, the final results measured after Placement and Routing (PAR) can be

shown in table 5-4.
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Table 5-4 The modem system parameters

Item Specification Total Remark
Target Device x2v6000
Target Package bfgs57
Target Speed -5
Mapper Version virtex2--D.27
Slice No. 23,868 33,792 70%
Slice Register No. 17,387 67,584 25%
4 -input LUT No. 37,079 67,584 54%
10B No. 57 684 8%
Maximum Throughput 33.4046 MHz
Power 276.1512 mW

Based on the design requirements and the above results, the system

summarized as follows:

e Modulation Mode: QPSK/16QAM

¢ Input Data Rate (R) for Modem: up to 33.4046 MHz

e Interpolation Range (L): 1,2,4, 8 16

5.5.3 Tradeoffs to Enhance System Performance

features are

System performance is verified in terms of power consumption, area occupation and

time delay. Usually, to improve one of these parameters could make others worse. Such

tradeoffs are shown as follows:

o Further pipelining and parallel processing could reduce critical path time delay but

increase system latency and area.
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e Using more efficient FPGAs and their embedded primitives could improve system
performance but lack portability and regularity.

e ASIC design could extremely improve system speed and reduce area and power
consumption but dramatically increase design complexity, cost and time-to-market.

Hence, a designer should meticulously choose his design plans based on system

requirements and usable resources before starting his job.
5. 6 Commercial Applications Using ASICs

An introduction has been given in section 5.5 for a modem with programmable bit
rate and programmable intermediate carrier frequency. But the previous example targeted
to Xilinx Virtex I FPGA has a few constraints such as limited interpolation range L.

Generally, IF frequency f,is not a multiple of R_in commercial applications, so a large

memory (say, > 10°bytes) is required to meet the requirement of the frequency accuracy
(say, (f. - £ f. <+107°).

The E-carrier system1 in Europe and Asia and the T-carrier system? in North
America are commonly used in Public Service Telephone Network (PSTN). Due to
different traffic requirements, the E-carrier system deploys E-1, E-2, E-3, etc. The T-
carrier system deploys T-1, T-2, and T-3. Assume that a modem is used to modulate T-1
(1.544Mbps), T-2 (6.312Mbps) or T-3 (44.736Mbps) shown in Table 5-5 on a fixed IF
via point-to-point microwave communication, which is common for cost saving. In Table

5-5, estimations are made in terms of memory size and IF carrier frequency accuracy

! The E-carrier system is entirely digital, using pulse code modulation and time-division multiplexing. The
E-1 carrier system is at a rate of 2.048 Mbps, and can carry 32 64-kbps channels.
2 The T-1 digital stream is 1.544 Mbps, consisting of 24 64-Kbps channels that are multiplexed.

81



under the following assumptions: (1) IF f =20MHz, f, 280MHz ; (2) Modulation mode:

16QAM, where R, = R/4; (3) Realizable frequency accuracy: <107°.

Table 5-5 Data rates for T-carrier system transmission®

Technology Speed Application
DS1/T-1 1.544 Mbps Large company to ISP; ISP to Internet infrastructure
DS2/T-2 6.312 Mbps Large company to ISP; ISP to Internet infrastructure
DS3/T-3 44.736 Mbps ISP to Internet infrastructure; Smaller links within Internet infrastructure

Table 5-6 Estimations for memory size and IF frequency accuracy

f:{(MHz) 20
MS:(byte) 1048576 (1024*1024)
R,=R/4(MHz) 0.386
L m int(m) 4 round{4) Ser Discrepancy (%)
1 0.0772 0 13582590.7 13582591 20.0000005 -2.40326E-08
2 0.1544 0 6791295.34 6791295 19.999999 4.95911E-08
4 0.3088 0 3395647.67 3395648 20.000002 -9.76563E-08
8 0.6176 0 1697823.83 1697824 20.000002 -9.76563E-08
16 1.2352 1 848911.917 848912 20.000002 -9.76563E-08
32 2.4704 2 424455.959 424456 20.000002 -9.76563E-08
64 4.9408 4 212227.979 212228 20.000002 -9.76563E-08
R,=R/4(MHz) 1.578
L m int(m) A round(4) fer Discrepancy
1 0.3156 0 3322484.16 3322484 19.9999991 4.73022E-08
2 0.6312 0 1661242.08 1661242 19.9999991 4.73022E-08
4 1.2624 1 830621.039 830621 19.9999991 4.73022E-08
8 2.5248 2 415310.52 415311 20.0000231 -1.15662E-06
16 5.0496 5 207655.26 207655 19.999975 1.25122E-06
R,=R/4(MHz) 11.184
L m int(m) A4 round(4) Ser Discrepancy
1 2.2368 2 468783.977 468784 20.000001 -4.88281E-08
2 4.4736 4 234391.989 234392 20.000001 -4.88281E-08
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To achieve IF frequency accuracy <107, the clock should be at least 80 MHz, the
memory size at least 1 M bytes, and the minimum interpolation factor .=64. For such
requirements, FPGAs with the same hardware techniques are no longer suitable because
of the lack of the huge memory and the slow clock. FPGA’s lag ASIC’s by a factor of ten
or more in density, and lack system-level facilities, such as large random access
memories (RAM’s) and clocks, that are needed to implement large systems [23]. For
example, the maximum memory that Xilinx Virtex II platform FPGAs can provide is
336k 9-bit block SelectRAM (168*2k), which is far from enough. Furthermore, in a
typical FPGA, the sum of the routing delays along the critical path comprises well over
half of the total delay. Using ASICs can solve these problems. Large memory could be
easily obtained, and routing delays could be dramatically reduced compared to FPGA
architecture.

The critical path of our modem has only 20 gates. If the same hardware technology
(0.15pum / 0.12um CMOS 8-layer metal process) as Xilinx Virtex FPGA is used for our
modem design in ASIC, the time delay could be reduced up to around 10 ns. Hence, our
modem speed could increase up to 100 MHz. Furthermore, the modem speed could reach

more than 300 MHz if bit-level pipelining is used.

3 Extracted from http://whatis.techtarget.com
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5.7 System Schematic and Pin Descriptions

The modem system schematic elaborated by Synopsys Design Analyzer is shown in

Fig 5-6. And its pin descriptions are as follows.

Table 5-7 The Modem pin descriptions

Pin name Pin type Description
VCC Digital Power
GND Digital Ground
clk_t 1 Modulator clock
clk_r § Demodulator clock
clr Reset
cadd <7:0> | Address bus for loading filter coefficients
cdata <11:0> ! Data bus for loading filter coefficients
tdin | Modulator input
wr “cdata” write in control
sel_Q | Modulation mode select
sel_L <2:0> | Interpolation factor select
sel_C <2:0> { Carry frequency select
tdout <11:0> O Modulator output
rdout o Demodulator output
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Chapter 6 Conclusions

The main contribution achieved in this thesis is the design and implementation if a
wideband digital modem featuring variable input data rates, programmable carrier
frequency and multi-level QAM modulation. The thesis contains wireless communication
fundamentals, digital signal processing, MATLAB simulation, VHDL coding and FPGA
implementation as follows.

The design and implementation of WDM consists of 2 steps. The first step focuses on
the system architecture design and the system-level simulation by using MATLAB
simulation software. The design specifications and parameters are determined and
optimized at this step. The second step concentrates on the hardware design by using
VHDL. At this step, the hardware structure of the system is optimized and the test-bench
for design verification is built.

FIR filters are very critical parts in digital communication systems. Their structures
and parameters basically influence the system performance. Thus, much attention was
paid on FIR filter design. In Chapter 2, 2 FIR structures (transversal and poly-phase) have
been illustrated. Due to the computation efficiency and hardware saving, the poly-phase
structure for FIR filters has particularly been detailed for the future hardware design. In

Chapter 3, the MATLAB M-file has been written to verify the design functionality and
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parameterize for general M-ary QAM modulation scheme. QPSK and 16-QAM schemes
have been simulated and parameterized in our design.

Multipliers are of great importance as a basic building block for DSP-based
implementation. In Chapter 4, a new and versatile signed-array multiplier for 2’s
complement multiplication has been introduced and developed. This new structure has
the advantages as follows:

e Array-based, more regular and modular, suitable for design of different-width
multipliers in VLSI implementation

e Applicable for other algorithms, Booth-coding etc.

e Possiblility of time delay reduction by using powerful partial product generating
algorithms, e.g. Radix 4 or higher Booth-coding algorithm

The structure for programmable bit rate and programmable carrier frequency has been
explained in Chapter 4. In Chapter 5, the relationship between IF f. and symbol rate R,
has been discussed. It clearly shows that the realizable IF f., and the theoretical IF f. is
identical only on the condition of the sample interval Ais an integer. Otherwise, the
realizable IF f., can only be approximately equal to the theoretical IF f.. Their
discrepancy could be reduced by increasing the size of memory MS that is for storing the
carrier frequency sample values.

In this thesis, it was shown that using Xilinx Virtex FPGA, our modem can work up to
speed of 33 M bits/sec. However, using ASIC with proper pipelining, we can achieve bit

rates of up to 300 M bits/sec.
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Appendix A—1:

— VHDL. code of 12-bit high speed CSA-CLA adder

--12-BIT CARRY LOOKAHEAD & CARRY SELLECT ADDER
-- without cin and cout
library ieee;
use ieee.std_logic_1164.all;
ENTITY cla_121IS
PORT(A,B: IN STD_LOGIC_VECTOR(11 DOWNTO 0),
CIN:IN STD_LOGIC;
S:0UT STD_LOGIC_VECTOR(11 DOWNTO 0));

END;

ARCHITECTURE BEHAVIOR OF cla_12 IS

--CLA: 4-STD_LOGIC CARRY LOOLAHEAD BLOCK

PROCEDURE CLA(A,B : IN STD_LOGIC_VECTOR(3 DOWNTO 0);

CIN: IN STD_LOGIC;SIGNAL S: OUT STD_LOGIC_VECTOR(3 DOWNTO 0);
SIGNAL GG: OUT STD_LOGIC) IS

VARIABLE G,P:STD_LOGIC_VECTOR(3 DOWNTO 0);

VARIABLE TEMP_C: STD_LOGIC_VECTOR(3 DOWNTO 0);

BEGIN

G := A AND B; P :=A XOR B;
TEMP_C(0) :=CIN;

TEMP_C(1) :=G(0) OR (CIN AND P(0));
TEMP_C(2) :=G(1) OR (G(0) AND P(1))

OR (CIN AND P(1) AND P(0));

92



TEMP_C(3) :=G(2) OR (G(1) AND P(2))

OR (G(0) AND P(2) AND P(1)) OR

(CIN AND P(2) AND P(1) AND P(0));

GG <=G(3) OR (G(2) AND P(3)) OR

(G(1) AND P(3) AND P(2)) OR (G(0)

AND P(3) AND P(2) AND P(1)) OR

(CIN AND P(3) AND P(2) AND P(1) AND P(0));

S <=P XOR TEMP_C;

END;

SIGNAL GG1,GG2,GC:STD_LOGIC_VECTOR(2 DOWNTO 0);
SIGNAL LOW HIGH: STD_LOGIC;
--SIGNAL OVERFLOW: STD_LOGIC;
SIGNAL S1,S2: STD_LOGIC_VECTOR(11 DOWNTO 0);
--SIGNAL S_TEMP: STD_LOGIC_VECTOR(11 DOWNTO 0);
BEGIN

LOW «<='0"; HIGH<="1';-- FIXED VALUES INITIALIZED

CLA(A(3 DOWNTO 0),B(3 DOWNTO 0),CIN,S(3 DOWNTO 0),GC(0));

CLA(A(7 DOWNTO 4),B(7 DOWNTO 4),LOW,S1(7 DOWNTO 4),GG1(1));
CLA(A(7 DOWNTO 4),B(7 DOWNTO 4),HIGH,S2(7 DOWNTO 4),GG2(1));
GC(1) <= GG1(1) WHEN GC(0)='0' ELSE GG2(1);

S(7 DOWNTO 4) <= S1(7 DOWNTO 4)

when GC(0)="0' ELSE S2(7 DOWNTO 4);

CLA(A(11 DOWNTO 8),B(11 DOWNTO 8),LOW.S1(11 DOWNTO 8),GG1(2));

CLA(A(11 DOWNTO 8).B(11 DOWNTO §&),HIGH,S2(11 DOWNTO 8),GG2(2));
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S(11 DOWNTO 8) <= S1(11 DOWNTO 8)
when GC(1)='0" ELSE S2(11 DOWNTO 8);

GC(2) <= GG1(2) WHEN GC(1)="0' ELSE GG2(2);

END;
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Appendix A-2:

—VHDL code of 12-bit by 3-bit pipelined roundoff multiplier

--12*3 bit signed clocked multiplication:
--12-bit roundoff output

library ieee;

use ieee.std_logic_1164.all;

use ieee.std_logic_arith.all;

use work.component_alter.all;

entity clocked_mult_c4 is
--width of multiplicand and multiplier
generic(ml: integer :=12; m2: integer :=3);
port(ain: in std_logic_vector(ml-1 DOWNTO 0);
bin: in std_logic_vector(m2-1 DOWNTO 0);
prodout:out std_logic_vector(ml-1 DOWNTO 0);
clk,clr:in std_logic);

end ;

architecture circuits of clocked_mult_c4 is --signed

signal zero : std_logic_yector(ain'length—1 downto 0) ;
type array_N_M is array(0 to bin'length-1)

of std_logic_vector(ain'length-1 downto 0);

signal s :array_N_M; -- partial sums

signal ¢ : array_N_M; -- partial carries

signal c_reg,s_reg:
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std_logic_vector(ain'length-1 downto 0);
signal a: std_logic_vector(ain'length-1 downto 0);
signal b: std_logic_vector(bin'length-1 downto 0);
signal prod1:std_logic_vector(bin'length-2 downto 0);
signal prod2:std_logic_vector(prodout'length-1 downto bin'length-1);
signal prod_reg:std_logic_vector(b'length-2 downto 0);
begin -- circuits of CLOCKED_MULT_164
zero <= (others=>'0"); --initial value reset
stages: for i in O to bin'length-1 generate
lowstd_logic: if i=0 generate
carry_save:csa(ain,zero,zero,bin(0),
¢(0),s(0),prod_reg(0));
end generate;
middlestd_logic:
if /=0 and i< bin'length-1 generate
carry_save:csa(ain,s(i-1),c(i-1),
bin(i),c(i),s(i),prod_reg(i));
end generate;
topstd_logic: if i=bin'length-1 generate
carry_save:csa_top(ain,s(i-1),c(i-1),
bin(i),c(i).s(i));
end generate;
end generate;
CLA: cla_12 PORT MAP (S_REG,C_REG,prod1(prod1'left),
prod2);
process(clk,clr)
begin

if cir="1" then
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prodl<=(others=>'0");
prodout<=(others=>'0");
c_reg <= (others =>'0");
s_reg <= (others =>'0");
elsif clk="1" and clk'event then
--pipelining
c_reg<=c(bin'length-1);
s_reg<=s(bin'length-1);
prodl<=prod_reg;
prodout<=prod2;
end if;
end process;

end architecture circuits;
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