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Abstract

Demand for Wireless Local Area Networking (WLAN) has grown significantly during
the past several years. WLAN systems need to support varying data rate applica-
tions and consume low amount of energy. This work presents a reconfigurable WLAN
transceiver architecture that has the following key features: Four-stage pipeline struc-
ture to increase throughput and reduce dynamic power consumption, Multiple ad-
justable clocks to avoid excessive handshaking and buffering between pipeline stages,
Dynamic reconfigurability to support different modes of operation, and Low reconfig-
uration cost, in terms of energy consumption and delay, to allow for efficient frame-
by-frame adaptation.

We have chosen the IEEE 802.11a standard as the demonstration platform, how-
ever our ideas are extendable to other WLAN standards that are based on similar
communication principles. For example, the popular IEEE 802.11g standard uses
the same Orthogonal Frequency Division Multiplexing (OFDM) scheme as 802.11a.
Consequently, both standards require somewhat similar data processing, i.e., our de-

sign techniques remain applicable. Our proposed architecture is prototyped on Xilinx
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FPGA, and simulations show a relatively low power consumption in comparison with

other 802.11a baseband processors.
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Chapter 1

Introduction

The field of wireless communications is growing fast and the vision of ubiguitons
information access is becoming a reality [1]. Different types of networks that support
various tvpes of communication provide a universal information access anytime any-
where. For example. in an office environment . high-speed connectivity is provided by
wireless local area networks (WLAN). while the global coverage is established over
the cellular or satellite networks. Recently. WLAN networks have received a lot of in-
terest die to their efficieney. lower cost. mobility. and flexibility. However. designing
WLAN svstems is a challenging task since thev should support diverse applications
that emphasize different Quality of Service (QoS) metrics. e.g.. commmmication range.
latency. bandwidth. reliability. etc. For example. a telephony application may need
longer range at the expense of lower throughput in comparison to network-attached
storage (NAS) [2]. Low power consumption is also of paramount importance in
wireless applications. Modern terminals must consider the existing trade-offs for a
specific application and adapt accordingly. I this work. we propose an architecture

for the physical laver of WLAN systems that is optimized to consume low power and
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introduce low overhead during data rate adaptation.

1.1 WLAN background

The first standard in the area of WLAN communications was the IEEE 802.11b [3]
introduced in 1999'. Although IEEE 802.11a [5] was proposed at the same time
as 802.11h. it has not been widely nsed due to its implementation diffienlties. Re-
cent advancements in CMOS technology have led to single-chip implementations of
the 802.11a standard. Using an OFDMI-based modulation scheme. 802.11a supports
data rates of up to 54 Mbits/s which is nearly five times the data rate of 802.11b
LANs [5-7]. IEEE 802.11g [8] is another WLAN standard that was introduced in
2003. It works on a similar basis as 802.11a and offers a high data rate of up to 54
Mbits/s. while incorporating backward compatibility with 802.11b. 802.11g works
at 2.4 GHz which is a major drawback for this standard compared to 802.11a that
works at 5 GHz. The 5 GHz band offers the advantages of more available spee-
trum and a better environment with less noise and interference from other electronic
devices such as microwave ovens and cordless phones [9]. The upcoming WLAN
standard. 802.11n [10]. is an evolution of both 802.11a and 802.11g which supports
Multiple-Input /Multiple-Output (MINO) technology [11]. This standard is a pro-
posed amendment to the IEEE 802.11-2007 standard and it is still in "draft” stage
according to the IEEE. Table 1.1 shows a comparison between IEEE WLAN stan-
dards. The high throughput and less crowded frequency band of 802.11a makes it a

good choice for single antenna WLAN communications.

THIPERLAN (HIgh PErformance Radio LAN) [4]. which is the European alternative for IEEE
802.11. started being planned in 1991. when planning of 802.11b was already going on. HIPERLAN
has a similar basis as the IEEE 802.11a standard. however this work is focused on the latter.



Operating Max Range Range
Protocol | frequency | datarate | (Radius indoor) | (Radius outdoor)
(GHz) (Mbps) (m) (m) '
802.11a 5 54 35 120
802.11b 24 11 38 140
802.11g 2.4 54 38 140
802.11n 2.4/5 248 70 250

Table 1.1: Comparison chart of IEEE WLAN standards [12].
1.2 Related work and motivation

Recent literature reports both software-based and hardware-based implementations
of the IEEE 802.11a standard. Software-based implementations either use a single
DSP processor [16.17.21] or a multiprocessor system [18-20] to implement 802.11a
transceiver. These svstems. known as Software Defined Radio (SDR) systems [22.23].
facilitate rapid design and offer a high degree of flexibility. but consmme more power
than hardware-based implementations. The reason is that the sequential nature of
microprocessors calls for clock frequencies as high as 1.0 GHz. as reported in [16]. to
meet the performance requirements of 802.11a transceiver. and high clock frequencies
result in high power consumption [13]. However. the svstem clock frequency can be
reduced considerably in DSPs with parallel architecture or with hardware acceler-
ators. The domain specific DSP architecture nsed to implement 802.11a processor
in [18] is an example of such parallel architectures.

Custom hardware. on the other hand. can fully exploit application-specific paral-
lelism to achieve high throughput at low clock frequencies. However. in the context
of 802.11a. hardware-based implementations may suffer from insufficient flexibility to
handle different U])("l"ﬂti]lf-_’, modes. One solution to this problem is to use FPGA-based
reconfignration in which the functionality of individual hardware blocks and the in-
terconnections between them are determined by uploading different bit streams into

the FPGA [24.25]. However. if many configuration bytes need to be loaded into the
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FPGA. the energy overhead of the PHY layer reconfiguration becomes a bottleneck.
preventing the MAC layer to adjust the data rate frequently. Low reconfignration
overhead of the PHY laver lets the NMAC layer to constantly switch to the most
power-efficient mode as channel conditions vary. In bad channel conditions. selecting
modes with slower data rates saves the number of retransmissions. In good channel
conditions. selecting modes with faster data rates saves the number of transmissions.
The faster the MAC laver adjusts the data rate. the fewer packets need to be trans-
mitted or retransmitted. The fewer packet transmissions translates into lower energy
consumption.

The most efficient 802.11a systems. in ters of speed and energy consumiption. are
ASIC implementations [28-30]. For example. reference [31] reports an implementa-
tion of digital baseband 802.11a transceiver in 0.25 yan technology that consumes 393
mW power and works with a maximum 80 MHz clock frequency. This clock frequency
is much lower than 1.0 GHz clock frequency of the software-based implementation
reported in [16]. Unfortunately most of the software-based implementations do not
report anyv power number to be compared with the power of the ASIC' designs.

The proposed architecture in this work is prototvped on FPGA for the valida-
tion purposc. but it is transferable to ASIC with small modifications.  Except lor
the amemory blocks that use the FPGA Coregen library. we have not used any other
FPGA predefined libraries or FPGA reconfiguration capabilities. This architecture
emplovs a carefully pipelined hardware structure with multiple clocks. where data
can be processed non-stop. Consequently. a given throughput target can be achieved
at very low clock frequencies. i.e.. 72 NMHz is the highest clock frequency that is re-
quired in this design to support the fastest operating mode. Slower operating modes
work with even lower clock frequencies. Lower clock frequencies enable lower supply
voltages. which significantly reduces the dyvnamic power consumption. Adapting our

hardware to work with eight different data rates is very efficient. as it requires only
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two adjustments: (1) changing the value of a 3-bit mode signal. and (2) changing the
frequency of two clock signals. These changes modify the operation of the datapath
and controllers according to the selected mode. Multiple adjustable clocks also avoid
excessive handshaking and buffering that is required in conventional single-clock sys-
tems. We divide our hardware blocks to four pipeline stages and apply a different
clock to every stage of the pipeline: each stage of the pipeline has a separate clock.
but all the blocks in one stage use the same clock. Thus. the processing rate of
different hardware blocks are adjusted stage by stage in the pipeline structure and
interfacing between pipeline stages is implemented using inter-stage buffers. The con-
cept of coaploying multiple clocks for different pipeline stages can bhe applied to many
communication systems and considerably decrease the clock frequency and therefore
energy consumption. Finallv. our design introduces low energy penalties for rate
adaptation which allows the NAC laver to perform more efficient frame-by-frame

reconfignration.

1.3 Outline

The rest of this thesis is organized as follows. In Chapter 2. we introduce the IEEE
802.11a standard and explain the function of its hardware components. We discuss
the hardware characteristics that can be utilized to optimize the 802.11a transceiver in
Chapter 3. Based on these characteristics. we present a multi-clock pipeline structure
for IEEE 802.11a transceiver and eclaborate its architectural features in Chapter 4.
These features can be utilized to design other WLAN transceivers as well. In chapter
5. we analytically derive the latency of the proposed architecture during transmission
and reception. These latency values are expressed by the number of clock cyeles.
therefore they are independent of the implementation technology (ASIC. FPGA. etc).

In chapter 6. we present the implementation results of prototyping our architecture
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on Xilinx VirtexII-Pro FPGA and compare them with the implementation results of
other 802.11a designs. In Chapter 7. we explain how this research can be extended

in future. and finally we conclide onr work in Chapter K.



Chapter 2

IEEE 802.11a Physical Layer
Transceiver

The TEEE 802.11a standard defines the transmission rules for the physical (PHY)
laver of WLAN transceivers in North America. The PHY laver provides the interface
between the MAC laver and wireless medium. The MAC layver controls transmission
tasks such as acknowledgement checking and requesting for retransmissions. MAC
protocol tasks are implemented in software or partly by using hardware accelerators
[14]. The software implementation of the NAC laver is outside the scope of this work.
we focus only on the PHY layer. The 802.11a PHY layer. as it is shown in Figure
2.1. consists of two sublayers.

e PHY Layer Convergence Procedure (PLCP) sublayer. which is the

interface between the IEEE 802.11 MAC layver and medium dependent sublayer.
This sublaver simplifies the PHY service interface and allows the MAC laver to

operate with minimum dependence on wireless medium.

e PHY Medium Dependent (PMD) sublayer, which provides the means to
send and receive data through air and contains mixed-signal data converters

and RF circuitry.

During transmission. the PLCP sublayver receives NAC Protocol Data Units
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Figure 2.1: The IEEE 802.11a PHY layer provides the interface between the NMAC
layer and wireless medium.

(MPDU) from the MAC laver. In the IEEE 802.11a PHY laver. each NIPDU coming
from the MAC layer is one PHY Service Data Unit (PSDU)'. The PLCP sublayer en-
capsulates PSDUs into OFDAI syvmbols and puts them into a framing format. called
PLCP Protocol Data Unit (PPDU). which is suitable for the PNID sublayer. The
PMD sublaver receives the constructed PPDUs. interpolates and upconverts them.
and passes them to the antenna.

During reception. the PMD sublayer detects data reception and it passes the
PPDUs to the PLCP sublaver. The PLCP sublayver extracts the binary data out of
PPDUs and sends it to the NMAC laver.

In this chapter. first we introduce the PPDU framing format that is used by
the IEEE 802.11a PHY laver and explain how these frames are constructed at the
transmitter and how binarv data is extracted from them at the receiver. Then. we
explain the functionality of all the hardware components in the transmission and

reception chain of the PHY laver according to the IEEE 802.11a standard.

In IEEE 802.11n. one PSDU can contain multiple NIPDUs [10].
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Figure 2.2: The PPDU framing format [5].
2.1 The PLCP sublayer framing format

The format of the PPDU frames is shown in Figure 2.2. Every PPDU includes a

PLCP Preamble. SIGNAL. and DATA field.

e PLCP Preamble: consists of 12 svmbols which are used for the synchroniza-
tion purposes at the receiver side. The first ten svinbols. called short training
sequence (STS). are used at the receiver side for signal detection. automatic gam
control (AGC'). coarse frequency offset estimation and timing synchronization.
The other two svmbols of the preamble. called long training sequence (LTS).

are used for channel estimation and fine frequency offset estimation.

e PLCP SIGNAL: contains header information that are used to process the
rest of the frame. therefore it needs to be transmitted in the most robust mode
which is a combination of BPSK modulation and a coding rate of R = 1/2.
Figure 2.3 shows the bit assignment of the SIGNAL field. It contains 4 bits to
define frame RATE (6. 9. 12. 18. 24. 36. 48. and 54). a reserved bit. 12 bits
to define frame LENGTH (1-4095). an even parity bit. with 6 zero tail bits

appended.
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RATE : LENGTH SIGNAL TAIL
(4 ats) {12 bis) (6 biis)
RI R2 R3 R4| R|1SB MSB| P [0 07070707 ~0" |

0 123 [4]5]6 |78 ]9 [10]i1[12 13 14 |5 |16 |17 |18 [19 20 |21 |22|23

Transnut Order
4»

Figure 2.3: The bit assignment of the SIGNAL field [5].

e PLCP DATA: contains the SERVICE field of the PLCP header. PSDU. 6
zero tail bits to return the convolutional encoder of the receiver to the zero

state and pad bits.

2.2 IEEE 802.11a transmitter

The PHY laver transmitter receives binary data from the MAC laver and sends
them out through wireless medium. A block diagram of the IEEE 802.11a PHY
laver transmitter is shown in Figure 2.4. DATA octets coming from the MAC layer
(NIPDUs) pass through the Scrambler. Coder. Interleaver and Modulator blocks.
After modulation. pilot signals are inserted between data samples in order to make
the coherent detection at the receiver robnst against frequency offsets and phase noise.
Between every 48 data samples. 4 pilot signals are inserted. These 52 samples. padded
with 12 zeros. make a group of 64 samples in frequency domain. A 64-point Inverse
Fast Fourier Transform (IFFT) is used to convert the 64 samples from frequency
domain into time domain. After IFFT is performed. each group of 64 samples are
cveliely extended and windowed. resulting in an OFDM symbol with 80 samples.
DATA OFDM symbols are prepended with a preamble (for receiver synchronization)
and the SIGNAL field which carries the header information. Finally. the PPDU is
sent to the PND sublaver to be interpolated. upconverted and sent out through the

antenna.
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Figure 2.4: IEEE 802.11a PHY layer transmitter.
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Figure 2.5: IEEE 802.11a PHY layer receiver.
2.3 IEEE 802.11a receiver

Upon receiving a frame. the PAD sublayer signals to the PLCP sublayer to start
processing the received frame. First. the Preamble LTS enters the PLCP sublayer to
be used for the channel estimation. Next. the SIGNAL is handled followed by the
DATA field. The DATA field is processed according to the specifications provided
by the SIGNAL. After the resulting MPDU is sent to the MAC layer. the PLCP
sublayer returns to the idle state.

Figure 2.5 shows the block diagram of the processing steps required to extract
data (MPDU) from a frame (PPDU). In the PLCP sublaver. first cvelie extension

is removed from the received OFDM symbols. Then. symbols are converted to the
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Data Rate Coding | Coded Bits per | Coded Bits per | Data Bits per
Mode Modulation | Rate Subcarrier OFDAMI Symbol | OFDNMI Symbol
(Mbits/s) R Nppsc Negrs NpBps
6 BPSK 1/2 1 48 24
9 BPSK 3/4 1 48 36
12 QPSK 1/2 2 96 48
18 QPSK 3/4 2 96 72
24 16-QANM 1/2 4 192 96
36 16-QANI 3/4 4 192 144
18 G4-QANM 2/3 6 288 192
54 64-QANM 3/4 6 288 216

Table 2.1: IEEE 802.11a modes and rate-dependent parameters [5].

frequency domain by the FFT block. If the FFT is working on the Preamble LTS.
its output is sent to the Channel Estimation block. otherwise its output is sent to
the Equalizer. The Channel Estimation block utilizes the Preamble LTS to calculate
the equalization coefficients. These coefficients are nsed to equalize the SIGNAL and
DATA fields. The equalized samples pass throngh the Demodulator. Deinterleaver.
Decoder. and Descrambler blocks. Finally. the extracted data octets are sent to the

MAC laver.

2.4 1EEE 802.11a PLCP components

The 802.11a standard supports eight different data rates. which translate into eight
different modes of data transmission and reception. These operating modes. siunma-

rized in Table 2.1. determine the performance constraints for the PLCP components.

2.4.1 Scrambler and Descrambler

The Scrambler is the first component at the transmitter side which receives DATA
field®. composed of SERVICE. PSDU. tail. and pad parts. and scrambles them by a

length-127 frame-synchronous secrambler. The octets of the PSDU are placed in the

The frame SIGNAL field does not pass throngh the Serambler.
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Data In
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X xB XS l X X3 X2 x|
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Figure 2.6: Data Scrambler and Descrambler [5].

transmit serial bit stream. bit 0 first and bit 7 last. The frame synchronous scrambler
uses the generator polynomial S(x) = x* + a* + 1 as it is illustrated in Figure 2.6.

The same scrambler is used at the receiver side to descramble received data.

2.4.2 Coder and Decoder

At the transmitter side. data is coded by a convolutional encoder of coding rate
R=1/2. 2/3. or 3/4 3. corresponding to the desired data rate. The convolutional
coder uses the industry-standard generator polynomials. g0=1338 and gl=1T718. of
rate R=1/2. as shown in Figure 2.7. The bit denoted as A is output from the encoder
before the bit denoted as B. Higher rates are derived from it by employving puncturing.
The puncturer omits some of the coded bits in the transmitter in order to reduces the
number of transmitted bits and increases the coding rate. The puncturing patterns
defined in the IEEE 802.11a standard are shown in Figure 2.8.

At the receiver side. Decoder receives coded data that might be noisy after passing
through the wireless channel. It uses a convolutional decoder (i.e.. Viterbi [46] or
MAP decoder [48]) to decode data’. If coding rate is more than R=1/2 due to
puncturing. it inserts zeros in the punctured positions before starting the decoding

Process.

3The SIGNAL field alwavs nses a coding rate of R=1/2, bt DATA feld can nse other allowed
coding rates.

'A Viterhi decoder is recommended by the TEEE f02.11a standard to be nsed at the receiver.
The coding gain required by the 802.11a decoder is not high. and a Viterbi decoder can achieve it
with lower price than a NMAP decoder [49].
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Figure 2.7: Convolutional Coder (k = 7) [5].

2.4.3 Interleaver and Deinterleaver

At the transmitter side. all encoded data bits are interleaved by a block interleaver
with a block size corresponding to Nepps (The number of bits in a single OFDM
svmbol). The interleaver is defined by a two-step permutation. The first step ensures
that adjacent ('();](‘(] hits are mapped onto nonadjacent subcarriers. The second step
ensures that adjacent coded bits are mapped alternately onto less and more significant
bits of the constellation and. thereby. long runs of low reliability bits (LSB) are
avoided.

Let k and i respectively denote the index of the coded bit before and after the

first permmtation”. The first pernmtation is defined by
i = |k/16] + (Nepps/16)(k mod 16) (2.1)

The second permmtation is defined by the following equation. assuming that j

denotes the index of the coded bit after the second permutation.

/ = .&'[_I'/SJ + (2 + .\.("B]J.\' = ‘_l(i X 1"/4,\_(-3;‘_\'#!) mod s S = l]l?l_\'{ 1. .\'1;["5'('/2} (22)

"The values of & and 7 are integers ranging from 0 to (Negps — 1).
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The Deinterleaver performs the reverse operation at the receiver side. Let index

j represent the position of original received bit before the first permutation. i be the

index after the first and before the second permutation. and & be the index after

the second permutation. just prior to delivering the coded bits to the convolutional
(Viterbi) decoder.

The first permutation of the Deinterleaver is defined by
i=s|j/s] + (G +[16 % j/Nepps]) mod s s =.max{1. Ngpsc/2} (2.3)
and the second permutation is defined by

b=16:%1— (.\-(*[;pg - 1)[1() X I./,\.("”}'gJ (2—1)

2.4.4 Modulator and Demodulator

At the transmitter side. binary data should be modulated using BPSK. QPSK. 16-
QAM. or 64-QAML depending on the requested data rate. The encoded and inter-
Jeaved binarv serial input data is divided into groups of Ngpsc (1. 2. 4. or 6) bits
and converted into complex numbers representing BPSK. QPSK. 16-QAML. or 64-
QAM constellation points. The conversion is a Gray-coded constellation mapping
illustrated in Figure 2.9 with the input bit. b0. being the earliest in the stream.
The output value. d. is formed by multiplying the resulting (I + j@Q) value by a

normalization factor Kyop. as deseribed in Equation 2.5.
d=(I+jQ)x Knop (2.5)

The normalization factor. Kyop. illustrated in Table 2.2. depends on the base

modulation mode. The modulation type can be different from the start to the end
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Figure 2.9: BPSK. QPSK. 16-QAM. and 64-QAN constellation bit encoding [5]-



Modulation | Kyop

BPSK 1
BPSK 1
BPSK 1
BPSK 1

QPSK 1/v2
16-QAN | 1/V10
64-QAN | 1/V42

Table 2.2: Modulation-dependent normalization factor Kyop [5]-

of the transmission, as data changes from SIGNAL to DATA field. The purpose of
the normalization factor is to achieve the same average power for all mappings.

At the receiver side. the Demodulator performs reverse operation of ‘the Modula-
tor. First. it divides input data by Ky;op normalization value. then it assigns Ngpsc
it values to every complex mumber according to constellation mapping defined in

Figure 2.9.

2.4.5 Pilot Insertion

After modulation at the transmitter side. the complex number string is divide into
groups of Ngp = 48 complex numbers. Each such group of data subcarriers. with
1 pilot subcarriers. form one OFDM symbol.  The pilot subcarriers are inserted
between data subcarriers to make the coherent detection at the receiver robust against
frequency offsets and phase noise.

The subcarrier frequency allocation is shown in Figure 2.10. where d;. denotes a

t data subcarrier. k={0..... Nsp 1}. and P,

complex number corresponding to k
denotes the n" pilot subcarrier. n={-26. .... 26}.

Pilot signals are inserted in subcarriers —21. 7. 7 and 21. The pilots should be
BPSK modulated by a pseudo binary sequence to prevent the generation of spectral

lines. The subcarrier falling at DC (0th subcarrier) is not used to avoid difficulties

in D/A and A/D converter and RF system.
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Figure 2.10: Subcarrier allocation of an OFDAI svmbol [5].

The contribution of the pilot subcarriers for the n'” OFDA symbol is produced

by Fourier transform of sequence P. given by

P_26.26 = {0.0.0.0.0.1.0.0.0.0.0.0.0.0.0.0.0.0.0.1.0.0.0.0.0.0. 0.

0.0.0.0.0.0.1.0.0.0.0.0.0.0.0.0.0.0.0.0. —1.0.0.0.0. 0}

The polarity of the pilot subcarriers is controlled by the sequence. p,,. which is a

cvelic extension of the 127 elements sequence and is given by

po.izee = {1.1.1.1.—1. 1. -1, l.—l.—l.—l.—I.l.].fl.l.—l.—l. 1. 1=,
11— 613,008,183, 1.3, 1,1, 1.=1,=2. .30, =1.1.=1,
—1.—1.1.—1.1.—I.—l.l.—l.—l.l.l.j.l.l.—l.—l..l.l.—l.—l.
1.-1.1.-1.1.1.-1.-1.-1.1.1,-1.-1.-1.-1.1.-1.-1.1.-1.1.
1.1.1,-1.1.-1.2.-1,1,-1.-1.-1.-1,-3,1.-1.1,1.-1.1, -1,

1.1,1.-1.-1,1.-1,-1.-1.1.1,1.-1.~1.-1.-1. -1, -1. -1}

The sequence. p,. can be generated by the scrambler defined in Figure 2.6, when
the all ones initial state is used. and by replacing all 1s with —1 and all Os with
1. Each sequence element is nsed for one OFDN svmbol. The first element. pp.
multiplies the pilot subcarriers of the SIGNAL symbol. while the elements from py

on are used for the DATA symbols.
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At the receiver side. the pilot signals are used for Channel estimation. We will

discuss the function of the Channel estimation block in Section 2.4.10.

2.4.6 IFFT and FFT

After pilot insertion. the IFFT block of transmitter receives 52 input samples. it sets
the remaining 12 IFFT points to zero. and performs 64-point IFFT operation. The
output of the IFFT block is 64 complex samples in time domain. At the receiver side.
the FFT block performs the reverse operation by receiving 64 samples in time domain
and converting them to 64 samples in frequency domain. It is possible to perform
IFFT with the same FFT block provided that the position of real and imaginary
parts are exchanged before and after IFFT operation and the final result is divided
by the length of input sequence (N=64) [43].

The FFT algorithm is performed on a series of N numbers as follows. Let

denote the output complex mimbers. The Discrete Fourier Transform (DFT) is de-
fined by [41]:
N-1

X(ky=Y z(n)e T  k=0,...,1] N — 1. (2.6)

n=I0
The direct method to evaluate these sums takes O(N?) arithmetical operations. A
fast Fourier transform (FFT) computes the same result in only O(NTogN') operations.
The most common algorithm for computing FFT is Cooley-Tukey algorithm [12].
which is a divide and conquer algorithm that recursively breaks down the transform
into two pieces of size .\";”2. The smallest transform in this recursion is called a radix-2
butterfly. Figure 2.11 shows a radix-2 butterfly signal flowgraph. where r(0) and x(1)

are complex-valued input data points. 1% is the complex valued FFT coefficient. or
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Figure 2.11: Radix-2 FFT butterfly.

twiddle factor, and X (0) and X (1) are the complex-valued output data points [43].

Wik = e Fk k=1{0,...,N -1}

—_—
[
=1
o

If we separate the complex-valued inputs and outputs of the butterfly operation
into real components. denoted by R subscript. and imaginary components. denoted

by I subscript. the butterfly equations can be expressed as follows:

_\'R(O) = .l‘]?(()) + [.I'R(])”.R = I](l)”/] (28)
X;(0) = a4(0) + I_.I'I(J e+ .I'R(l)”‘l]. (2.9)
,\./g(l) — .I'R(U) = [.I'H(I)H.R - .r,(l)U',]. (21())
_\—1(1) = .T](U) — [.I‘[(I)H.R 4 .I'R(l)”.]]. (_)ll]

2.4.7 Cyclic Extension and Removal

At the transmitter side. the transformed waveform should be prepended by a circular
extension of itself to form a guide interval (GI) between every group of 64 samples.
For this purpose. 16 last samples of every sequence of 64 transformed samples are
cvelically extended at the beginning of the sequence. This creates a gap of GI=0.8ys
between every group of 64 samples of duration 3.2 pus.

The resulting waveform is truncated afterwards by a windowing fanction defined
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1 1<n<T79

[R)
iy
(8]
—

wrln] = wr(nTy) =< 0.5 0.80 (:

0 otherwise

\

where T is the sampling period (T.= 50 ns). As it is shown in Figure 2.12.a..
this truncation creates a small overlap of duration Tyg (T7p =~ 100 ns) between
OFDAI symbols. leading to a smooth transition that is required to reduce the spectral
sidelobes of the transmitted waveform.

Figure 2.12.h. illustrates the possibility of extending the windowing function over
multiple FFT periods. This windowing function provides smoother transitions which
is used for the transmission of long training sequence (LTS) in packet preamble.

The Cyclic Extension block of the transmitter performs the cvelic extension and
windowing operations. The Cvelic removal block at the receiver side performs the

reverse operation.



2.4.8 Packet Preamble

During transmission, a preamble should be appended at the beginning of each frame.
This preamble contains a short training sequence (STS) of duration Tsporr = 8ps
and a long training sequence (LTS) of duration Trovg = 8pus.

The STS contains 10 short OFDMI symbols® that are modulated by the elements

of the sequence S. given by

S_ 2626 = \/(13/6) x {0.0.1+ j.0.0.0.—1 — j.0,0,0.1+ j.0.0.0. -1 — j.0.0.0.
—1-.0.0.0.1+.0.0.0.0.0.0.0. =1 — j.0.0.0. =1 — j.

0.0.0.1+ 7.0.0.0.1+ j.0.0.0.1+ j.0.0.0.1+ j.0.0}

The multiplication by a factor of /(13/6) normalizes the average power of the
resulting OFDMI svmbol. which utilizes 12 out of 52 subcarriers. The signal should

be generated according to the following equation:

\\ 1 2

rsuorr(t) = wrsnorr(t) x Z Siel=kart (2.13)
k=—Ngy/2

where Af is the subcarrier frequency spacing and equal to 0.3125 MHz. The fact
that only spectral lines of S 9526 with indices that are a multiple of 4 have nonzero
amplitude results in a periodicity of Trry/4 = 0.8 ps. The interval Tsyonr is equal
to ten (.8 ps periods (ie.. 8 ps). The generated short training sequence is illustrated
in Annex G of IEEE 802.11a standard [5].

The LTS contains 2 long OFDAI svmbols each consisting of 53 subcarriers (in-

cluding a zero value at dc). which are modulated by the elements of the sequence L.

“Each of the STS OFDAI svinbols consists of 12 subcarriers.



given by

L_»s96=41,1.-1,-1,1,1,-1,1,-1,1,1,1,1,1.1. —1. =1,1.1,
-1,1,-11,1,1,1,0,1,-1,—-3,1,1,-1,3,—-1,1. -1,

—1,-1-1.-1,1.1.-1.-1,1,-1.1.=1.1.1,1.1}

A long OFDMI training symbol shall be generated according to the following

equation:
Ngr/2

‘ SR A F{t=Tor: ;
rronvc(t) = wrrone(t) E ) Flt=lcn) (2.14)
’{Z*.\‘_:j ‘."'2

where T¢o = 1.6 pus.

Two periods of the long sequence are transmitted for improved channel estimation
accuracy. vielding

Troxe = 1.6+ 2 x 3.2 = 8ps.

The generated long training sequence is given in Annex G of the 802.11a standard

2.4.9 Transmitter and Receiver Front End

During transmission. OFDM svmbols generated by the PLCP sublaver enter the
PAID sublaver where digital samples are first converted to analog domain and pass
throngh a baseband filter. Then, analog streams are nmmltiplied by sine and cosine
waveforms to create the modulated intermediate frequency (IF) signals. The IF signal
is brought up to RF by a local oscillator of frequency fe and a multiplier. Finally.
upconverted signal is passed throngh RF filter to be resided only in the approved
bandwidth. amplified by a high power amplifier (HPA): and relieved into air [37].
Figure 2.13.a shows a high level block diagram of the transmitter front end.

During reception. the RF signal first passes through a low noise amplifier (LNA)
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and then it is downconverted to IF. Based on the received signal. the synchronizer is
adjusted for coarse [requency offset. and the antomatic gain control amplifier (AGC)
is adjusted to proper level. The receiver eirenitry shonld detect the Preamble field in
the received signal. For this purpose. a double sliding window is used that leverages
the periodicity of the Preamble STS symbols [40]. This algorithm keeps two windows
and checks the energy level. The first window observes the cross-correlation between
the signal and its delaved version. and the second window observes the power level
of the received signal. When there is a packet arrival. the ratio of the first to second
observation shows a peak. otherwise it is approximately equal to zero since the cross-
correlation of noise is zero. If the PAID sublaver continues to observe peaks. then it
concludes that this is a frame arrival and starts decoding the signal”. After the packet
detector provides an estimate of the start edge of the packet. the clock recovery circuit
has the task of finding the precise edge of the OFDA symbol using the preamble
training svmbols [37]. Figure 2.13.b shows a high level block diagram of the receiver
front end.

A mismatch in sampling instances of the digital to analog converter (DAC) and
the analog to digital converter (ADC) causes a detection of slightly shifted version of
the svinbols that results in performance degradation. There are two approaches to
do frequency offset estimation. The first approach nses the preamble short and long
training svmbols and the second approach utilizes the cvelic extension. However.
frequency offset estimation can not perfectly eliminate the offset and still some resid-
ual frequency error remains which can rotate the constellation. Pilot carriers that
are inserted symmetrically into every OFDN symbol are used to detect that residual
frequency offset and adjust the receiver accordingly. Frequency offset estimator has

an operating range which defermines how large frequency offset can be estimated.

“Any high correlation can be expected to be the start of the first OFDN symbol. but the rest of
the signal defines whether it is a valid preamble or not.
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Figure 2.13: Front end of (a) the transmitter. (b) the receiver [5]-

The limit can be defined as follows.

N
< —Afr (215
|fal < QDAI (2.15)
where N = 61 is the number of subcarriers. Ap=0.3125 MHz is the subcarrier

frequency spacing. and D is the delay between the identical samples of two repeated
svmbols. For the short training svmbols (D = 16). the limit is 625 KHz (coarse)
and for the long training svmbols (D = 64). the limit is 156.25 KHz (fine). In IEEE
802.11a. the standard specifies a maximmm oscillator error of 20 parts per million

(ppm) and if the channel is 5.3 GHz. then corresponding frequency offset is
|fa] =40 x 107° x 5.3 x 10” = 212K H> (2.16)

which is 156.25 KHz (finc) < 212 KHz < 625 KHz (coarse). If initial frequency

offset is very high. it mav reduce the magnitude of peak and inercase probability of



N
=l

false alarm. A frequency offset of fa amounts to peak reduction of
1 ; A

N _i2snTfa; _ SN alNT fa)
|Zn=1(J " jAI = - ’

(2.17)

In that case a peak detector can be implemented as a bank of correlators tuned

to different frequency offset values.

2.4.10 Channel Estimation

WLAN systems are assumed to be stationary terminals in slowly time-varying envi-
ronments. In such environments. the channel is highly correlated for the consecutive
svmbols. i.e.. the channel can be considered non-varying during the transmission of
one frame. Therefore. the channel can be estimated once at the beginning of each
frame and that estimation is used to equalize the entire frame [37]. This type of
estimation is called block tvpe channel estimation. In IEEE 802.11a. the Pream-
ble LTS consists of a guard interval and two long svmbols that are known both at
the transmitter and the receiver. Upon receiving these two symbols at the receiver.
they are averaged and compared to the expected LTS. The result of this comparison
shows the channel influence on the transmitted svmbols. The averaging between two
LTS symbols suppresses the channel noise and improves the quality of the channel
estimation [33].

Let n' sample of the " svymbol at the output of the transmitter IFFT block be

defined by

N-1
1 27 . -
x(t,n) = ﬁ E X (t. k)e! N 0<n<N-1 (2.18)
= k=0

where N is the number of subcarriers (N = 64). and X (¢. k) is the IFFT complex
input data of the &' sub-carrier of symbol ¢. After cyclic extension is added. the
OFDAI symbol is transmitted through the multipath-fading channel corrupted by

additive white Gaussian noise (AWGN ). By using a guard interval longer than channel
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impulse response (CIR). the received signal can be considered as the sum of AWGN
and the convolution of the transmitted signal and CIR. The received signal then can
be written as

y(t.n) =x(t.n) = h(n) + v(n) (2.19)

where hi(n) represents the channel impulse response and ©(n) denotes the additive
white Gaussian noise. Consequently. in the frequency domain the received signal of

the &' subcarrier of the " symbol can be written as

Y(t.k)=X(t. k) x H(k)+ V(k) (2.20)

where Y (. k') represents the k' output subcarrier of FFT in the ¢ symbol. V (k)
denotes the FFT output of AWGN. H (k) represents the channel frequency response
on the k" subcarrier. and X (. k) denotes the data subcarrier at the k™ subcarrier
of the t symbol. Figure 2.14 shows the representation of the received signal at the

input and output of the receiver blocks. We can rewrite Equation 2.20 as

X(t.k)=C(k) x Y(t.k) + C(k) x V(k) (2.21)

Where C'(k) = 1/H(}) denotes the channel influence on the transmitted subcar-
rier k. To calculate ("(i;) for 1 <k < 64. we use the known Preamble LTS svimbols
at the beginning of each frame. as it is shown in Equation 2.22 [34].

X(trrs.- k) X(tprs- k) x Y (tprs. k)

C(k) = = = : ; ’
() Y(tirs. k) Y (trrs. k)? |

)
N
o
~—

where X (t;75. k) and Y (f.75. &) respectively denote the known LTS data and the
received LTS data for the kyy, subcarrier of " LTS svmbol. The (o k) corresponding
to subcarrier k is calculated twice for the two svinbols of LTS. The average of these

two values is considered as the estimated channel coefficient for the corresponding
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Figure 2.14: Channel Estimation and Equalization at the receiver [34].

subcarrier which is used to equalize the rest of the frame symbols.

2.4.11 Eqgualization

After receiving the LTS of preamble and estimating the channel behavior. a fre-
quency domain equalizer uses the estimated channel model to eliminate intersymbol
interference (ISI) within individual packets. The equalizer in OFDAI svstems does
not need to cancel the ISI entirely. but to limit its length. Unlike a single carrier
system in which equalization minimizes IS1. OFDMI systems need to reduce it to a
time span less than the length of guard interval and then remove the guard intervals
after channel estimation and syvnchronization [37]. As long as the guard interval with
duration T is longer than the channel impulse response (with duration T}, ). there
is no interference between the information symbols of successive blocks.

By neglecting channel noise in Equation (2.21). data on the Ay, sub-carrier of the
" symbol is equalized as follows.

- Y. k) =

Xt k)= —"2 — (k) x Y(t.k) (2.23)
H(k)

2.4.12 Phase Compensation

Upon receiving a packet. automatic frequency control (AFC) uses the Preamble sym-
bols to compensate the carrier frequency offset (CFO). Unfortunately it is diffienlt

for AFC to compensate the CFO completely and a residual CFO remains [35]. The
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residual CFO causes phase distortion of the OFDAI svmbols in the frequency domain
after FFT. Unlike amplitude distortion that is almost constant in one 802.11a frame®.
the phase distortion can change in a frame and needs to be compensated after channel
equalization.

The pilot signals that are inserted between the data subcarriers of every OFDAI
svmbol are utilized to track the amount of phase distortion during the frame trans-
mission. In Section 2.4.5. we explained how these pilot signals are generated and
positioned at the subcarrier locations Kp={-21. -7. 7. 21}. The rest of the subcar-
riers are data subcarriers located at positions Kp={-26. .... 1. 1. .... 26}. Since
the pilot subcarriers are known. the phase distortion of OFDM symbol t. denoted by

~(1). can be estimated as follows.

W) =5 > arg(S(k). X(1.F)) (2.24)

kK,

where S(k) represents the expected pilot subcarrier k. and X (7. k) represents the
received pilot subcarrier & (k € ;). Using the estimated phase distortion ~ (7). we

can calculate the compensated data subcarrier & of the symbol t as

D(t. k)= X(t.k) x e ¥V it

I
1o
3]
—

Estimating the phase distortion first and compensating it later canses a long delay
if done serially. The delay sometimes becomes fatal. preventing an ACK packet from
being sent in time. To avoid such a long delay. it is desirable for the two operations to
be done in parallel. A feedback type phase compensator realizes this. A feedback type
phase compensator estimates the phase distortion by using the pilot subcarriers of

the symbol that is phase compensated by the estimated phase distortions in previous

SThe length of a frame in IEEE 802.11a is only a few milliseconds and amplitnde distortion is
almost constant during this short period.
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Figure 2.15: The block diagram of a feedback type phase compensation block [39].

svmbols. Therefore. the estimated phase distortion 6(#) is calculated as

. 1
- = . vi7. = .) BYe
6(t) = Z arg(S(k). D(t.k)) (2.26)
keK,
a(t) in 2.26 represents a phase distortion difference from one OFDM symbol to
the next and it should be averaged before being acenmulated to reduce the influence
of AWGN. If the averaging number is chosen as N. the phase compensation value

o(t) is represented as follows.

i

v 1 i
6(0)=0. o) =olt-1+ Z (i) (2.27)
i=t—N+1
Then the phase compensation is executed as follows.
D(t.k) = X(t. k).e®*V (2.28)

The block diagram of the conventional phase compensation block implementing

equations 2.26. 2.27. and 2.28 is shown in Figure 2.15



Chapter 3

Analysis of the IEEE 802.11a
Hardware Architecture

In the previous chapter. we explained the data processing flow during transmission
and reception. according to the IEEE 802.11a standard. Our objective is to map
these processing steps onto a hardware architecture. The key design questions to be
resolved are as follows:

e Hardware requirements - What hardware blocks and processing rates are

required to perform necessary computations?

e Hardware reuse — Which hardware blocks can be reused for both transmission

and reception?

e Hardware reconfiguration — Which hardware blocks shonld be flexible to

support different operating modes?

e Hardware pipelining - How can hardware blocks be organized into pipeline

stages to increase throughput?

In this chapter. we discuss the above mentioned questions in IEEE 802.11a transceiver

architecture.
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[ Hardware I Reqguired Output Rate in Mode: | J
Block | 5-KMbps | O-Mbps | 12-Mbps | I&Mbps | 24-Mbps [ 36-Mbps [ 48 8Mbps [ 53-Nbps | Units
Scrambler 6 9 12 18 24 36 A8 54 AMbits/s

Coder 12 18 24 36 48 72 96 108 Abits/s
Puncturer 12 12 24 24 48 48 72 72 Abits /s
Interleaver 12 12 24 24 is 45 T2 72 NMbits /s
Modulator 12 12 12 12 12 12 12 12 Msamples/s

Pilot /Zero Tusertion 16 16 16 16 16 16 16 16 Maamples /=
IFFT 16 16 16 4 16 16 16 16 16 Msamples)/'s
Cyelic Extension 20 20 20 20 20 20 20 20 Meamples /s

Table 3.1: Main hardware blocks required for the transmitter.

r Hardware | ] Regunired Output Rate in Mode i | 4'
Block | 6-8Mbps | & Mbps | 12-Mbps [ 18-KMbps T 2 EADbps | 36-Mbps | i8-Mbps | 53-Mbps | Unit=
Cyelic Removal 16 16 1G 1o 16 16 16 16 Alsamples /s
FFT 16 16 6 16 16 i6 146 16 AMsamples /s
Channel Estimation 16 16 16 16 16 16 16 16 Msamples /s
Equalizer 16 16 16 16 16 16 16 16 Msamples /s
Demodulator 12 12 21 24 18 EL) 72 72 Albits /s
Deinterieaver 12 12 24 24 i8 4= 72 T2 Nbits/ s
Depnunctarer 12 13 24 36 48 72 96 108 Albits s
Decoder 6 9 12 18 24 30 48 51 Albits /s
Descrambler 6 i 12 18 24 36 18 5 AMbitss

Table 3.2: Nain hardware blocks required for the receiver.
3.1 Hardware Requirements

Tables 3.1 and 3.2 list the main hardware blocks required for the transmitter and
receiver of the 802.11a PLCP sublaver. For each block. these tables also show the
required rates of producing the ont‘pm in eight operating modes. as specified by the
802.11a standard. Below we provide an explanation for these numbers.

During data transmission the allocated time window for an S80-sample OFDMI
svmbol is 4.0 ps [5]. Consequently. the Cyclic Extension block must generate its out-
put at the minimum rate of 20 Msample/s. To generate one group of 80 samples. the
Cvelic Extension block needs 64 samples from the IFFT block: hence. the required
output rate of the IFFT block is 16 Msamples/s. The Pilot /Zero Insertion block out-
puts one group of 64 samples. composed of 48 data samples from the Modulator block
and 16 pilot /zero samples'. every 4.0 ps. Therefore. the required output rate of the
Pilot /Zero Insertion and Modulator blocks are 16 Msamples/s and 12 Msamples/s.
respectively.

An individual sample produced by the Modulator block represents a mapping of

]:Xlll()ll.”' 64 samples. 4 are i\]]”('i\l(‘(l to pilot subcarriers il“ll the U'll&‘l’ 12 sam )1(‘.\' are zero
=} I
subcarriers
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coded bits to one of the 48 subcarriers. The number of coded bits per subcarrier
Ngpsc is given in Table 2.1. As 48 samples must be produced every 4.0 ps. the
number of coded bits arriving every 4.0 ps must be at least 48 x Ngpse. Thus.
the required output rate of the Interleaver block that feeds the Modulator block
is 12 x Nppse Mbits/s. The Interleaver block rearranges the coded bits. without
changing the number of bits passing through it. Therefore. the minimum input rate
for the Interleaver block. which is the required output rate of the Puncturer block. is
also 12 x Nppsc Mbits/s.

The Coder block is a fixed convolutional encoder with the coding rate 1/2. i.e..
for everv data bit the C"oder block always generates 2 coded bits. Then. if necessary.
the Puncturer block removes some of the coded bits to adjust the coding rate I for
a given operating mode. as shown in Table 2.1. Note that I? equals to the number of
data bits divided by the number of coded bits. While the Puncturer block produces
final coded bits. the Serambler block produces data bits for the Coder block. Hence.
the required output rate of the Scrambler block is 12 x Nppse x R Mbits/s. which is
also equal to the target data rate of the corresponding mode.? Since the Coder block
always generates 2 output bits per 1 input bit. the required output rate of the Coder
block is 12 x Ngpsc ¥ R Mbits/s.

During data reception the processing flow is reversed. The reguired ontput rates
of the receiver blocks are shown in Table 3.2 and correspond to the input rates® of the
transmitter counterparts. For example. the output rate of the Demodulator block is

12 x Ngpsc Mbits/s. which is the input rate of the Modulator block.

2For example. in the 9-Mbits/s mode Ngpsce = 1 and R = 3/4. which yields 12Ngpsc R = 9.

3The input rate ol each block is equal to the output rate of the preceding block. For example. the
input rate of the IFFT block is 16 Msample/s. which is the ontput rate of the Pilot/Zero Insertion
block.



3.2 Hardware reuse

Table 3.1 lists transmitter blocks while Table 3.2 lists the corresponding receiver
counterparts. If some transmitter block can be reused as its receiver counterpart. the
amount of hardware in the transceiver can be reduced. In this section we describe such
blocks — Serambler /Descrambler. Puncturer/Depuncturer. Interleaver /Deinterleaver.
and IFFT/FFT.

Scrambler /Descrambler: According to the IEEE 802.11a standard [5]. the
same generator polynomial S(x) is used to scramble transmit data and to descramble
receive data. where S(x) = x* + x* + 1. Therefore. the same hardware structure can
serve as both Scrambler and Descrambler.

Puncturer/Depuncturer: The 802.11a standard specifies three coding rates R
= 1/2.2/3. and 3/4. Recall that the Puncturer follows the Coder with a fixed coding
rate of 1/2. Therefore. if R = 1/2. the Puncturer block is bypassed. If R = 2/3;
one out of every four coded bits is punctured: in particular. the fourth bit in every
4-bit group is omitted. If R = 3/4. two out of every six coded bits are punctured:
in particular. the fourth and the fifth bits in every 6-bit group are omitted. During
depuncturing. the corresponding omitted bits are replaced by dummy bits. and the
decoder treats these dummy bits as perfect matches with zero error metric.

There are many ways to design a hardware structure that can perform both
puncturing and depuncturing. One can nse a bit counter and a buffer to store the
punctured bit sequence. During puncturing the bits from the Coder block are se-
quentially written into the buffer as long as the counter value does not correspond to
the bit number to be omitted. During depuncturing. the bits are sequentially read
from the buffer as long as the counter value does not correspond to the omitted bit

number.?

*For example. let B = 2/3. Every four clock cveles the comnting sequence is (0. 1. 2. 3). During
puncturing the buffer receives a write signal and inerements its address pointer when the connter
value is 0. 1. or 2: when the counter values is 3. the buffer is idle. During depuncturing the buffer
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Figure 3.1: Interleaver/Deinterleaver design (a) using LUTs. (b) using address gen-
erator circuit.

Interleaver /Deinterleaver: Another hardware block that can be reused for
both transmission and reception is the Interleaver /Deinterleaver. Recall the equations
of interleaver and deinterleaver from Section 2.4.3. a simple approach would involve
two different lookup tables (LUT) that generate the interleaving and deinterleaving
addresses separately. Our approach. however. utilizes one circuit for both interleaving
and deinterleaving.

Figure 3.1 illustrates these two approaches. Both designs require two RAM
buffers. named A-Buffer and j-Buffer. that hold original bits and interleaved bits.
respectivelv. The first approach. shown in Figuwre 3.1.a includes two LUTs of size
MAXN{Nepps} = 288. The proposed design. shown in Figure 3.1.h. includes a
circuit with a counter counting from 0 to (Negps — 1). and an index generator imple-
menting Equation (2.2). During interleaving. the counter provides a sequence of read
addresses in increasing order for each bit in the A-Buffer. while the index generator
provides the corresponding sequence of write addresses in interleaved order for each
bit in the j-Buffer. During deinterleaving. the index generator provides a sequence

of read addresses in interleaved order for each bit in the j-Buffer. while the counter

receives a read signal and increments its address pointer when the counter valne is 0. 1. or 2: when
the counter value is 3. a dummy zero-metric bit is supplied to the Decoder block.
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provides the corresponding sequence of write addresses in increasing order (i.e.. orig-
inal deinterleaved order) for each bit in the k-Bulfer. This design takes advantage of
the fact that deinterleaving is an inverse of interleaving.’

IFFT/FFT: It is possible to perform IFFT with the same FFT block provided
that the position of real and imaginary parts are exchanged before and after FFT
operation and the result is normalized by the length of FFT operation (N=64) [43].
The exchange can be implemented by using simple multiplexor switches to control
input and output interconnections. The normalization can be simply implemented

by a shift register since division by 64 is six right shift operations.

3.3 Hardware reconfiguration

This scction investigates the hardware blocks 1hat need to be reconfigured according
to the selected data rate. After the Modulator block has produced a sample during
transmission. the sample processing is the same regardless of the mode. i.e.. there is
no need for the pilot insertion. IFFT. and cvelic extension operations to be fexible.
Similarlv. there is no need for the channel estimation. equalizer. FFT. and pilot
removal operations to be flexible during multi-mode reception.

Except for the Scrambler/Descrambler. Coder. and Decoder. the operation of
the remaining blocks are mode-dependent. i.e.. the Puncturer/Depuncturer. Inter-
leaver/Deinterleaver. Modnlator, and Demodulator blocks nmst be flexible.

Puncturer/Depuncturer: Puncturing and depuncturing must support two
coding rates: R = 2/3 for the 48-Mbits/s mode. and R = 3/4 for the 9/18/36/54-

Mbits/s modes. Previously we described a simple structure with one buffer and one

“For example. in the 9-Mbits/s mode & = 0.1.2.....46.47 corresponds to j = 0.3.6. ... 4. 47.

During interleaving. bits are sequentially read from the A-Buffer locations 0. 1. 2. .. 46. 47 and
written into the j-Buffer locations 0. 3. 6, .... 44, 47. During deinterleaving. bits are sequentially
read from the j-Buffer locations 0. 3. 6. .... 44, 47 and written into the A-Buffer locations 0. 1. 2.

e A6, 4T
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counter for puncturing and depuncturing. To make it flexible, we only need to alter
the length of the counting sequence depending on .

Interleaver /Deinterleaver: Interleaving and deinterleaving must support four
pairs of values { Ngpsc. Negps} that affect interleaving and deinterleaving equations:
{1.48} for the 6/9-\bits/s modes. {2.96} for the 12/18-Mbits/s modes. {4.192} for
the 24/36-Mbits /s modes. and {6. 288} for the 48/54-Nbits/s modes. Previously we
described a simple structure with two buffers. one connter. and one index generator
for interleaving and deinterleaving. To make it flexible. we only need to alter the
length of the counting sequence. and to switch between four different index generators
depending on { Nppsc. Nepps}-

Modulator: Modulation must support four schemes: BPSK for the 6/9-Nbits/s
modes. QPSK for the 12/18-Mbits/s modes. 16-QAM for the 24/36-Mbits/s modes.
and 64-QAMI for the 48/54-Mbits/s modes. The simplest way to make the Modulator
block flexible is to have four different cirenits for each modulation scheme and switch
between them depending on the mode.

Demodulator: Demodulation must support four schemes: BPSK for the 6/9-
Mbits/s modes. QPSK for the 12/18-Nbits/s modes. 16-QANMI for the 24/36-Mbits/s
modes. and 64-QANI for the 48/54-Mbits/s modes. The simplest wayv to make the
Demodulator block flexible is to have four different cirenits for each demodulation

scheme. and switch between them depending on the mode.

3.4 Hardware pipelining

If we can break transceiver datapath into pipeline stages. we can increase throughput
and reduce dvnamic power consumption. Table 3.3 lists the main datapath sections
of a transceiver and the corresponding hardware blocks. Note that the datapath

sections 1. 2. 4. and 7 containing the Scrambler/Descrambler. Coder/Decoder. In-
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Datapath Transceiver Operation Flexible
Section Transmission [ Reception ?
1 Scrambler /Descrambler No
2 Coder | Decoder No
3 Puncturer/Depuncturer Yes
4 Interleaver /Deinterleaver Yes
5 Nodulator Demodulator Yes
6 Pilot /Zero Insertion | Channel Estimation No
& Equalizer
7 IFFT/FFT No
8 Cvclic Extension I Cvclic Removal No

Table 3.3: Sections of transceiver datapath.

terleaver/Deinterleaver. and IFFT/FFT blocks are the same for both transmission
and reception. The remaining datapath sections 3. 5. 6. and 8 are split into two
branches to be used either during transmission or during reception.” Also. note that
the datapath sections 3. 4. and 5 must be flexible to support different data rate
modes.

To break the transceiver datapath into several pipeline stages. we need to organize

the pipeline so that:
e Different stages work on different data sets when the pipeline is full.

e During transmission a sample of an OFDM svmbol is produced every clock

cycle. and
e During reception a data bit is produced every clock cvele.
Our key design ideas to achieve these goals are as follows:
e Use different clock signals for different pipeline stages.

e Use dual-port RANs as multi-bank interstage buffers for interfacing adjacent

stages.

“For example. the datapath section 2 uses the hranch with the Coder block during transmission.
and switches to the branch with the Decoder block dnring reception.



40
e Depending on the selected mode. adjust clock frequencies accordingly. in addi-

tion to reconfiguring flexible datapath sections.

The need for multiple adjustable clocks naturally arises from considering. for ex-
ample. datapath sections 1 (Scrambler/Descrambler) and 7 (IFFT/FFT). The Scram-
bler/Descrambler functionality is fixed. but its processing rate varies from 6 Mbits/s
to 51 Mbits/s. To match these rate variations. we simply increase or decrease the
clock frequency of the pipeline stage that contains the datapath section 1. On the
other hand. the clock frequency of the pipeline stage containing the IFFT/FFT block
is fixed because the IFFT/FFT processing rate is fixed. Thus. for two different
pipeline stages we have two different clock signals. one of which is adjustable. while
the other is fixed.

The interface between adjacent stages with different clocks must facilitate a syn-
chronized data flow. The use of traditional handshaking for synchronization is not
a good design choice as it requires high clock frequencies for all hardware blocks to
match their processing rate. For example. the Coder which is a simple shift regis-
ter should work with the same high clock frequency that is required for the FFT
block. Applving high clock frequencies has the disadvantage of increasing the energy
consumption. Instead of handshaking. we employ the dual-port RAN buffers with
multiple banks. For example, consider an interface buffer with two banks between
two pipeline stages. During transmission or reception. one stage always writes into
this buffer while the other stage always reads from it. While the first stage fills the
first bank. the second stage reads from the sccond bank previously written by the
first stage. Next. the second stage will read from the first bank. while the first stage
fills the second bank. For such a buffering scheme to work. the number of bits written
by the first stage per unit time must match the number of bits read by the second
stage per unit time.

There are two alternatives to our approach of using a multi-clock pipeline: (1)
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single-clock pipelined design. and (2) multi-clock non-pipelined design.” The first
alternative may suffer from overclocking and excessive buffering between adjacent
pipeline stages with different processing rates. The second alternative may suffer
from poor throughput and excessive handshaking between adjacent datapath sections
with different clocks. Our approach overcomes these disadvantages — the details of

our proposed design are presented in the next chapter.

“The other alternative. single-clock non-pipelined design. is inferior to single-clock pipelined
design: the former must compensate its reduced thronghput by using a higher clock frequency.



Chapter 4

Multi-Clock Pipeline Structure

for the IEEE 802.11a PHY

Layer Transceiver

In this chapter. we propose an architecture for the IEEE 802.11a PHY layver
transceiver that addresses the following three issues:

e Sufficient flexibility to support eight different modes of operation.
e Low power consumption while processing data in each individual mode.
e Low reconfiguration overhead while switching from one mode to another.

We focus on the implementation of the digital hardware of the 802.11a transceiver.
i.e.. the PLCP sublaver. The PMD sublaver works with analog signals and its im-
plementation is out of the scope of this work. In Section 4.1. we propose a hardware
architecture that achieves the design goals discussed in Chapter 3. We present this
architecture by considering data flow during transmission and reception. We describe
the architecture of those transceiver blocks that are specifically designed to fit into
our pipelined architecture in Section 4.2. Then. in Section 1.3 we elaborate the ar-

chitectural features of our design. These features can be applied in designing other
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WLAN transceivers as well. We discuss applicability of our design strategies to other

WLAN standards in Section 4.4.

4.1 The IEEE 802.11a transceiver architecture

The proposed 802.11a transceiver architecture has four pipeline stages as shown in
Figure 4.1. Each stage has its own clock signal. The frequencies of the Stage 1 clock
CLK1 and Stage 2 clock CLK2 must be adjusted according to the selected mode.
The frequencies of the Stage 3 clock CLK3 and Stage 4 clock CLK4 are fixed. During
transmission. Stage 4 produces a sample of an OFDM symbol every cyvele of CLKA.
During reception. Stage 1 produces a data octet every cvele of CLK1.

There are three dual-port interstage buffers. Bufferl. between Stages 1 and 2 .
has two 256 x8-bit banks. Buffer2. between Stages 2 and 3. has five 61x64-bit banks
and Buffer3. between Stages 3 and 4. has two G1x64-bit banks. The two ports of
each buffer are denoted by Port A and Port B. During transmission. Port A is used
for writing. and port B is used for reading. During reception. Port B is nsed for

writing. and Port A is used for reading.

4.1.1 Transmitter operation

Stage 1: During transmission. data octets continuously enter the Input Buffer after
receiving START-REQUEST signal from the MAC laver. until the END-REQUEST
signal is received. The Input Buffer serially sends out received data to the Scram-
bler/Descrambler that performs scrambling. Note that before processing the data.
the transmitter must prepare a header - during header processing. the Scrambler
is bypassed. After scrambling. the Coder generates coded bits. and the Punc-
turer /Depuncturer performs mode-dependent puncturing. Stage 1 saves the resulting

bits in the Buffer]l bank emptied last by Stage 2. That bank will be read by Stage 2
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when Stage 1 is filling the other bank.

Stage 2: The Interleaver/Deinterleaver reads data in the mode-dependent in-
terleaved order from the Bufferl bank filled last by Stage 1 (not cmrently used by
Stage 1). The interleaved data bits are sent to the Modulator that maps them into
a mode-dependent QAN constellation. After modulation. regardless of the mode.
there will be 48 data samples (complex numbers) saved in one of the Buffer2 banks
not currently used by Stage 3. Only two of the five available banks are alternately
used during transmission.

Stage 3: The Pilot/Zero Insertion block inserts 4 pilots and 12 zero samples
between 48 data samples of Buffer 2. The resulting group of 64 samples is passed to
the 64-point IFFT/FFT block that performs the IFFT operation. The IFFT/FFT
block has a pipeline structure as well. so that it does not stop the continnous flow of
data. Stage 3 stores the 64-sample ontput of IFFT in the Buffer2 bank emptied last
by Stage 4.

Stage 4: During transmission. the preamble and header must be appended at the
beginning of data. When the first OFDM svimbol of data is at the first stage of the
IFFT pipeline. the PNID sublayer has already started reading the preamble. -Once
the preamble is completely transmitted. the PND sublayer starts transmitting the
header. previonsly processed and saved in the first bank of Buffer3. Meanwhile. the
first OFDAI symbol of the data is written into the second bank of Buffer 3. getting
ready to be transmitted after the header. After the first OFDM symbol of the data.
Stage 4 alternates between the first and the second bank of Buffer3. while saving the
consecutive symbols. To form an 80-sample OFDAI symbol. the Cyclic Extension
block reads 64 IFFT samples from the Buffer3 bank filled last. cyclicly extends them
by 16 samples. and performs \\'ill(l()\\'i;lg (see Section 2.4.7 for more details). During
transmission. Stage 4 produces one sample of an OFDAI symbol every cycle of its

clock CLK4.
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4.1.2 Receiver operation

Stage 4: During reception. the PNID sublayer detects the preamble and indicates
it to the PLCP sublaver. The PLCP sublayer receives LTS of preamble. followed by
SIGNAL and DATA svinbols. For each received OFDM symbol. the first 16 samples
(evelic extension) are deleted. while the rest 64 samples are saved in one of the two
(alternately used) banks of Buffer3.

Stage 3: The IFFT/FFT block reads 61 samples from the Buffer3 bank filled last
by Stage 4. and performs the 64-point FFT operation. If the Fourier transformed
samples are LTS of preamble. they will be sent to the Channel Estimation block.
The Channel Estimation block compares the received LTS samples with expected
LTS samples and generates 64 coefficients accordingly. These coefficients are saved
in an internal RAM of the Channel Estimation block to be used for the equaliza-
tion of the rest of the frame svmbols. If the output of the IFFT/FFT block is not
LTS. it enters the Equalizer block. The Equalizer multiplies one received sample by
the corresponding coefficient (previonsly generated by the Channel Estimator) every
clock evele. The equalized sample is then sent to the Phase Compensation block that
compensates the phase distortion of the received sample on the fly. 4 pilot signals
that were inserted equally between 48 data samples are used in this block to cal-
culate the phase compensation value. The phase compensator receives one sample
every clock evele. it refines it according to the previously received pilots. and sends
the output back to the Equalizer. Equalizer ontputs 64 refined samples in 64 clock
cveles where only 48 of them are data samples. 48 data samples are written in a
Buffer2 bank not currently nsed by Stage 2. Note that one bank of Buffer 2 will hold
the header until the header information reaches the NMAC layer (i.e.. until the header
exits Stage 1). While the header is processed by Stages 1 and 2. the data symbols
are saved in the remaining four banks of Buffer2. Once the NMAC laver receives the

header. it identifies the operation mode. and the appropriate blocks in Stages 1 and 2
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are reconfigured accordingly. Only after reconfiguration. the data samples can leave
Buffer2 and enter Stage 2.

Stage 2: The Demodulator reads the Buffer2 bank holding the oldest miread data
samples. and assigns soft-bits according to the mode-dependent modulation type. We
use three bits to represent one soft-bit. The Interleaver/Deinterleaver writes these
soft-bits in mode-dependent deinterleaved order in the Bufferl bank not currently
used by Stage 1.

Stage 1: The Depuncturer reads the soft-bits out of Bufferl bank filled last
by Stage 2. and inserts zero soft-bits in mode-dependent punctured locations. The
resulting soft-bit stream is passed to the Decoder. The Decoder block has a pipeline
strneture as well. so that it does not stop the continnous flow of data. After decoding.
data bits are descrambled by the Scrambler/Descrambler block. and written in the
Ontput Buffer to be sent out to the NMAC laver in octets. During reception. Stage 1

produces one data octet every clock evele of its clock CLKI.

4.2 Hardware blocks for pipelined architecture

As discussed in Chapter 2. IEEE 802.11a defines the fiunctionality of transceiver
blocks without restricting their hardware implementation. This section describes
the architecture of transceiver blocks that are specifically designed to fit into our

pipelined architecture.

4.2.1 Pipelined IFFT/FFT block

The FFT block has a long processing delay. therefore it should be broken into pipeline
stages to raise its thronghput to the acceptable flow rate. The IFFT/FFT operation
is performed on 64 samples and requires 192 butterfly operations as discussed in

Section 2.4.6. To perform these 192 butterflv operations. we use 6 pipeline stages.
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Figure 4.2: Pipelined architecture of the IFFT/FFT block.

There is one Processing Element (PE) per %tago. performing one butterfly operation
on 64 numbers over 32 clock cycles. There is one more stage for scrambling the output
data. Figure 4.2 shows the structure of our IFFT/FFT block. The Addr-Gen blocks
generate the proper addresses for reading and writing the real and imaginary sample
parts stored in RAMs. The W-Gen blocks provide the corresponding coefficients
R((H"’\’-“') and Im(ll‘_’\'-“'). The size of RAMI is 32x64 bits. while the others are
64x 64-bit RANIs.

It takes 32 cveles to complete each stage of the IFFT/FFT pipeline. First. 32
complex numbers enter RAMI1. In the following 32 cycles. these numbers and the
next 32 numbers entering IFFT/FFT will enter PE1 in pairs. and the results will
be saved in RANM2. The other stages work in a similar manner. as shown in Figure
1.3. In the last stage. data is saved in either of the two banks of RAMT. i.e. RANM70
or RAMT1. and it will be read out in a scrambled order using the addresses that
are generated by the local secrambler. Once the IFFT/FFT pipeline becomes full. an

output sample is produced every clock cyvcle.

4.2.2 Pipelined Decoder block

We use the Viterbi algorithm [46] for decoding. The three major components in the

Viterbi decoder are shown in Figure 4.4. They are the Branch Metric Unit (BMU).
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Figure 1.3: Flow of data in pipeline at the first and second 32 cycles of IFFT/FFT.

Add-Compare-Select (ACS). and Survivor Path Unit (SPU).

The BMU receives the input symbols and computes the branch metrics. Accord-
ing to the value of Soft /Hard control signal. the computation is performed on soft
svibols (3-bits) or hard symbols (1-bit). The MAC layer decides about the soft /hard
computations. exploring the tradeofl between decoded data reliability and decoder
power consumption.

The ACS block contains 32 AC'S,, blocks where n = 1. 2. .... 64. Each AC'S,, block
receives two pairs of path metrics and branch metries. and computes ‘thc next state
of path metrics. It also provides the 64 decision bits to the SPU on every clock cycle.

The SPU saves the survivor paths every clock evele. The survivor path converges
to the correct value after a certain number of stages. The number of SPU stages.
or length L. is adjustable in our design between four different values. Although not
required by the 802.11a standard. we have decided to make L flexible to control the
tradeofl between the high data reliability (large L) and low power consumption (small
L). This idea of adjustable L originates from [47]. The NAC layer decides about the

SPU length L.
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Figure 4.5: The interface between the Equalizer. Channel Estimation. and Phase
Compensation blocks.

4.2.3 Equalizer. Channel Estimation. and Phase Compensa-
tion

In our proposed architecture. the Equalizer block works in parallel with the Channel
Estimation and Phase compensation blocks. Our design does not implement the
Channel Estimation and Phase Compensation blocks and provides the interface to
attach these blocks externallv. This interface is shown in Figure 4.5. During LTS
reception. a control signal called LTS-Select is 1. leading the FFT output to t‘he

Channel Estimation block. The FFT output at this time is the received LTS. called

Rx-LTS in Figure 4.5. which is used to compute the channel coefficients for the
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corresponding frame!. The estimated coefficients (Equalization-Coefficients) will be
saved in an internal buffer of the Channel Estimation block. After LTS reception
the LTS-Select becomes (. and the Channel Estimation block outputs one 64-bit
Equalization Coefficient every clock cvele. When LTS-Select is 0. the FFT output
subcarriers are sent to the Equalizer block. The FFT output at this time is the Signal
or Data field of the frame. called Rx-Data in Figure 4.5. The Equalizer multiplies
the Rx-Data subecarriers by the corresponding Equalization-Coefficients. Next. the
equalized data subcarriers enter the Phase Compensation block through a 64-bit bus.
called Equalized-Data. The Phase Compensation block uses the pilot subcarriers of
the Equalized-Data to compensate the phase distortion. The phase compensation
takes one clock for every subcarrier using the hardware block introduced in [39].% The
block diagram of this phase compensator is shown in Figure 4.6. This block diagram
is a slight modification of the conventional designs (see Section 2.4.12) as it utilizes
a coefficient o (0 < o < 1) that prevents the vibration of phase distortion values.
The Phase Estimation block in this design works differently to remove the residnal
phase distortion completely. The reader is referred to [39] for more details about this
hardware. After Phase compensation is performed. the corrected subcarriers are sent
back to the Equalizer block through a 64-bit bus called Compensated-Data. The
Equalizer block has to wait 3 clock cycles to receive the corrected data and write it

mto Buffer2.

IThe Channel Estimation block implements Equation 2.22 as explained in Chapter 2. Imple-
menting this operation with a short delay and low power consumption is a challenging task since it
requires CoOrdinate Rotation DIgital Compnter (CORDIC) algorithm [38]. The channel estimator
in [28] is an example of a low-latency ASIC implementation of this block that can be used in onr
design.

2If a Phase Compensation block with higher latency is emploved. the Equalizer block in onr
design should extend its waiting clock cveles.
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Figure 4.6: The phase compensation block diagram [39].
4.3 Architectural features

In this section. we elaborate the architectural features of our design that are appli-
cable to other WLAN standards as well. Table 4.1 summarize the key performance
parameters in terms of the number of clock cveles. These cvele counts. which are
independent of a specific implementation platform (e.g.. FPGA. ASIC. etc.). define
the minimum acceptable clock frequency to reach the IEEE 802.11a standard data
rates. To achieve the target data rates specified by the standard. each hardware block
should generate its output unit at a certain rate (see Table 3.1 and 3.2) in Chapter
3. Putting the hardware blocks with the same output unit rate in a category. four
categories of blocks are distinguished which correspond to our four pipeline stages.
To follow the standard data rates. the hardware blocks corresponding to each pipeline
stage should generate outputs with a minimum frequency as it is shown in Table 4.1.
In our proposed architecture. the hardware blocks of each pipeline stage work with
this minimum frequency. except for Stage 3 which works with a slightly higher clock
frequency *. Table 4.2 shows the minimum clock frequency of each pipeline stage in

our proposed architecture.

TFFT block in stage 3 generates one output unit (64 samples) every 72 cvcles. To ensure
standard’s predefined data rate (16 Msample/s). the clock frequeney should be 72/64 < 16 = 18
MHz.
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Minimm Output Rate (MHz) in Mode:
Stage || 6-Mbps [ 9-Mbps | 12-Mbps [ 18-Mbps | 24-Mbps [ 36-Mbps | 48-Mbps [ 54-Mbps
1 6 | 9 2 ] 18 24 [ 36 8 | 54
2 12 24 48 72
3 16
4 20

Table 4.1: Minimum output rates of hardware blocks in each pipeline stage according
to the IEEE 802.11a standard.

mo(-k ” Minimum Frequency (NMHz) | Comment: J
CLK1 [ o]"" =1 x 12 x Ngpsc x R | Stage 1 processes one bit every clock
cvele. and its required throughput is
12N gpsc R .\”)i(S/S

CLk2 oF'" = Nppsc x 12 Stage 2 processes one sample ev-

ery Nppse cveles. and its required
throughput is 12 Msamples/s

C'LK3 o™ =T72/64 x 16 =18 Stage 3 processes 64 samples every 72
cveles. and its required throughput is

16 Msamples/s
CrLkd of"" =1x 20 Stage 4 processes one sample every
clock evele. and its required through-

put is 20 NMsamples/s

Table 4.2: Minimum clock frequencies of hardware blocks corresponding to each
pipeline stage required by the proposed architecture.

The maximum frequencies. however. are limited by the critical path delays. which
are implementation-dependent. These maximum frequencies will be given in Chapter
G for the FPGA prototype of our architecture. The difference between the maximmm
frequency and the minimum frequency for a given stage can be used to scale the
supply voltage accordingly. thus reducing the dynamic power consumption of that

stage.

4.3.1 Four-stage pipeline structure
The pipeline structure of the proposed architecture brings the following benefits:

e Increased throughput: Pipelining vields imcreased thronghput. as different

pipeline stages can process different data sets at the same time. Ideally. once
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pipeline becomes full. it should produce a valid output every clock cycle. In our
architecture. during transmission. Stage 4 produces one sample of an OFDAMI
symbol every clock cvele and during reception. Stage 1 produces one bit of a
data octet everv clock cvele. In non-pipelined designs. it may take several clock
cveles to produce a valid output. Therefore. our pipelined structure can process
more data over a fixed number of clock cveles in comparison to non-pipelined
designs. In other words. the total number of clock eveles needed to transmit or

receive a frame is reduced when using a pipelined structure.

e Reduced power consumption: Pipelining can be used to reduce dynamic
power consumption. Since the 802.11a standard fixes required thronghput.
fewer number of clock cveles translate into lower clock frequencies that are re-
quired to meet the throughput targets. Lower clock frequencies imply longer
clock periods that can be tolerated. which increases the available delay slack
that can be utilized h:\' voltage scaling. Table 4.2 shows that the clock frequen-
cies required by our architecture are relatively low. Ideally. the implementation-
dependent critical path delays would be much smaller than the corresponding
required clock periods. so that one can aggressively scale the supply voltage
down to save dvnamic power. The potential power savings will be given in

Chapter 6 for the FPGA prototype of our architecture.

4.3.2 Multiple adjustable clocks

Our architecture has four clocks shown in Table 4.2. among which CLK3 and CLK4
are respectively fixed at 18 NMHz and 20 MHz. and CLK1 and CLK2 are respec-
tively adjustable depending on Ngpsc R and Nppse. By using these clocks. we avoid
excessive buffering and handshaking. For example in Stage 2. instead ol having an in-

dividual input buffer and outpnt buffer for the Interleaver/Deinterleaver. Modulator
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and Demodulator blocks. data is only buffered in Buffer 2 and Buffer 3. Therefore,
not only buffering area and power is reduced. but also the handshaking cvcles to
communicate between individual blocks are saved. As an instance. in the former
example only stage 2 and stage 3 need to perform handshaking not all the individual
blocks inside them.

The main disadvantage of nsing multiple adjustable clocks is the need for a flexible
clock generator. For example in our proposed architecture. we need to generate 10
different clock frequencies: 6. 9. 12. 18. 24. 20. 36. 48. 54. and 72 MHz. as shown in
Table 4.2. However. these clock frequencies are multiples of three master clocks and
they can be generated by a simple frequency divider circuit. The three master clocks
are 108 MHz (covering 72. 36. 18. 9 .and 54 MHz). 48 MHz (covering 48. 24. 12. and

6 NMHz). and 20 NHz.

4.3.3 Eight different modes of operation

The 802.11a standard specifies eight different modes of operation corresponding to
eight different rates. Mode selection affects puncturing and depuncturing. interleav-
ing and deinterleaving. as well as modulation and demodulation. In our architecture.
the Puncturer /Depuncturer. Interleaver/Deinterleaver. Nodulator. and Demodulator
blocks are reconfigurable and can be adapted to the selected mode. Their reconfign-
ration is fairly simple and outlined in Section 3.3.

Our architecture does not support other modes that mayv arise from different
WLAN standards (e.g.. 802.11b. 802.11g. 802.11n. HYPERLAN/2. etc). However.
this disadvantage positively affects the efficiency of operation in each of the supported
modes. In general. the performance and power consumption of a more specialized
design are better than those of a more flexible design. Our architecture is specialized

for the 802.11a standard in order to improve its efficiency.



4.3.4 Efficient frame-by-frame adaptation

One of the main advantages of our architecture is its low-overhead reconfigurability
that allows for efficient frame-by-frame adaptation. There is a special 3-bit mode
signal indicating which mode is selected by the MAC layer. This signal controls the
frequency adjustments of clocks CLK1 and CLK2. and reconfigures the appropriate

hardware blocks. The reconfiguration mechanism is as follows:

e During transmission. the 24-bit header enters the pipeline first. starting at
Stage 1. According to the 802.11a standard. the header is always processed in
the 6-Mbits/s mode. therefore the pipeline is initially working in that mode.
When header information are saved in the first bank of the Buffer 2 and start
passing through the Stage3. the NMAC laver informs the pipeline controller of
the desired mode. so that the configuration and clocks of Stages 1 and 2 can be
changed accordingly. After frequency adjustment and hardware reconfiguration
are complete. the pipeline starts processing the data according to the selected

mode.

e During reception. the header and the data continuously enter the pipeline.
starting at Stage 4. While header goes through Stages 1 and 2 (configured for
the 6-\bits/s mode). the incoming data is temporarily saved in Buffer 2. Once
the MAC laver receives header. it informs the pipeline controller of the mode.
Then. the confignration and clocks of Stages 1 and 2 are changed accordingly.

and data is allowed to proceed through these stages.

The reconfiguration overhead is very low in our architecture. The frequency di-
viders do not spend much effort to produce a new clock signal. i.e.. clock adjustments
do not result in long delays or high energy consumption. Hardware changes do not
require any downloads of configuration bitstreams. i.c.. hardware reconfignrations do

not result in long delays or high energy consumption. Consequently. the pipeline
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adaptation to a different mode is not a costly operation. and it can be performed

efficiently on a frame-by-frame basis.

4.4 Extension to other WLAN standards

Even thongh the proposed architecture specifically targets the R02.11a transceiver.
many of our design ideas are applicable to other WLAN standards. For example.
HIPERLAN/2 [4] is .\'PI'.\' similar to 802.11a at the physical laver: The differences
between the two standards are minimal and reside in the scrambler initializations.
the supported data rates. the form of preambles. etc. Our design is also compatible
with another important alternative. the IEEE 802.11g standard [8] since it employs
a similar OFDM basis as 802.11a. supporting the data rate up to 54 Mbits/s. The
major difference between 802.11g and 802.11a is that 1IEEE 802.11g works at 2.4
GHz instead of 5 GHz which makes the implementation of PNID snblaver different
than PAD sublayer of 802.11a. The upcoming WLAN standard 802.11n [10] is
an evolution of both 802.11a and 802.11g. It uses Multiple-Input /NMultiple-Output
(MIMO) technology. However. OFDAI is the basic channel coding and transport
mechanism in 802.11n as well [10]. Hence. similar design strategies may be used to

pipeline multiple antenna chains of the 802.11n transceiver.
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Chapter 5

Latency Analysis of the

Proposed Architecture

The latency of the PHY laver is a critical parameter for the WLAN systems. The
pipeline structure of the proposed 802.11a architecture introduces a short latency
in terms of the number of required clock cveles. since the only latency overhead
imposed by this architecture is the latencv of the inter-stage buffers. The short
latency of the PHY laver leaves a longer time interval for the MAC layer to perform
its operations. In this chapter. we derive the lateney of the transmitter and receiver
analvtically and we express them in terms of the number of clock cveles. ie.. the
latency values are independent of the implementation platform (FPGA. ASIC.etc).
In chapter 6. we validate our latency equations by comparing their numerical values

with the simulation results.
5.1 The latency of the IEEE 802.11a transmitter

and receiver

Tables 5.1. 5.2. 5.3. 5.4 show the output units of the hardware blocks in pipeline
stages 1. 2. 3. and 4 respectively. and the latency to generate one of those output

units. Table 5.5 shows the latency of inter-stage buffers. i.e.. the mumber of required



clock cycles to write or read each buffer port.

We define the latency of the transmitter as the time between the first bit of
data entering the transmitter and the last sample of the PLCP frame leaving the
PLCP sublayer. We similarly define the latency of the receiver as the time between
the first sample of data being received by the PLCP sublayver and the last bit of
data entering the NMAC layer. The latency here is the delay of processing one OFD\I
svmbol. and it is different from the delay of filling/flushing the pipeline. For example.
during transmission the latency of filling the pipeline is the delay between the first
bit entering the pipeline and the first sample leaving the pipeline’. After this delay.
we get au output every clock cvele. i.e.. after the pipeline filling latency. we need to
wait for the entire samples of one OFDMI svmbol to get out of the pipeline.

The equations for calculating the transmitter latency and receiver latency are

derived in the following section.

5.1.1 Transmitter latency

During transmission. the latency of each pipeline stage in terms of the number of its
corresponding clock cveles is as follows.

Stage 1 latency:

-\‘Sl—'I'J: - -\'I)BP.S + «YIHBUf + ‘\'Srl" Deser + ‘\.("ud + -\.I’unr. DePune + 1 L—)l)

It should be noted that according to Table 5.5. it takes Npgps clock cycles for
Buffer 1 to write one of its banks. We do not consider those clock eyeles in the
latency summation of Stage 1. since writing into Buffer 1 overlaps with entering data
into Stage 1 that is already considered in the latency equation. The same reasoning

is applied to not consider Buffer 2 and Buffer 3 write latencies during transmission.

IThe latency of finshing the pipeline is the delay between the last bit entering the pipeline and
the last sample leaving the pipeline.
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Blocks Output Latency in terms of Comment:
unit number of CLK1 cycles
Input Buffer 1 bit Ninguf = 1 The Input  Buffer
starts  sending  out

data bits in the next
clock cvele after it
receives its input data

octet.

Output
Buffer

8-bit octet

NowtBus = 8

The

sends

Output  Buffer
out one 8-bit
octet 8 clock cvcles af-
ter it receives its first
data bit.

Scerambler/

Descrambler

1 bit

-\-S'rr“ Deser — 1

The Scram-
bler /Descrambler
sends out data in the
next clock cvele after
it receives its input
data.

Coder

2 bits

Neoa =1

The  Coder

sending out data the

starts

next clock cvele after
it receives its st

input data bit.

Decoder

1 bit

-\'Uu =1

L is the latency of the
Decoder that can be
64. 72. 830. 88 in our
design.

Puncturer

1/R bits

(W]

N Punc/Depune —

R=1/2.2/3. or 3/4.

Depuncturer

2 bits

[B)

N Pune/Depunc —

Depuncturer needs 2
clock cveles to insert
zeros in punctured po-
required )
and generate 2 output

sitions  (if

bits.

Table 5.1: Latency of Stage 1 hardware blocks in terms of required CLK1 cycles.
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Blocks Output Latency in terms of | Comment:
unit number of CLK2 cycles
Interleaver/ 1 address Nint/Deint = 1 It takes 1 clock cycle
Deinterleaver to generate interleved
. addresses.
Modulator 1 sample Nisoda = NBPsc It takes Nppsc clock

cveles for the Modula-
tor to read Nppse in-
put bits and generate
one output sample.

Demodulator || Ngpsc bits Npemod = NBPsc Demodulator  should
wait  Npgpse  clock
cveles before process-
ing the unext input
sample.

Table 5.2: Latency of Stage 2 hardware blocks in terms of required CLK2 cycles.

as well as Buffer 2 and Buffer 1 write latencies during reception.

Stage 2 latency:

Nso_1e = Npusip + 1 + Nyjoa + 1 (5.2)

Stage 3 latency:

Ns3_1z = Nugap + Npitot—zeroins + (Nirrryprr — 64) + 1 (5.3)

It takes 64 clock eveles to input data into IFFT. These 64 clock cycles overlap
with reading data from Buffer 2. therefore thev are subtracted from IFFT number of
clock cveles.

Stage 4 latency:

Nss—1r = Npussp + Noydie—Ext (5.4)

To calculate the latency in terms of time units. we need to divide the latency in

terms of clock eycles by the frequency of the corresponding clock cyele. Therefore.



Blocks Output unit | Latency in | Comment:
terms of number
of CLK3 cycles

Pilot /Zero 1 samples | Npiot/zerons It takes one clock cyvele for
1 .

Insertion Pilot-Zero Insertion block
to generate its output sam-
ple.

Channel 1 cocfficient | Neppst = 1 Channel Estimator reads

Estimation

one sample out of its RAMN
every clock cycle.

Phase

Compensation

1 sample

A PhComp — 3

Phase compensation block
needs 1 evele to read input
sample. 1 cvele to compen-
sate phase distortion. and 1
cyvele to output the result.

Equalizer

1 sample

A Equal = )

Equalizer needs 1 cvele to
equalize the input sample. 1
cvele to pass it to the Phase
compensation block. 2 cy-
cle to receive the phase com-
pensated sample. and 1 cv-
cle to send it out.

IFFT/FFT

64 samples

Nirrr/Frr =
64 + (32 x 6) +
64 + 33 = 353

IFFT/FFT block needs 64
cveles to read 64 input sam-
ples. 32 x 6 cycles to pass
data throngh 6 butterfly
stages. 64 eveles to scramble
output data and overally 33
extra cveles for the gaps re-
quired between every 64 in-
put samples (These gaps are
required by the FFT con-
troller).

Table 5.3: Latency of Stage 3 hardware blocks in terms of required CLK3 cycles.
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Blocks Output Latency in terms of Comment:
unit number of CLK4 cvcles
Cvelic 1 sample NeyeticEat = 1 Cvclie Extension block
Extension outputs 1 sample every
clock cvele.
Cvclic 1 sample NeydlicRem = 1 Cvelic Removal block
Removal outputs 1 sample every

cvele.

Table 5.4: Latency of Stage 4 hardware blocks in terms of required CLK4 cycles.

Interstage Port A Port B Comments:
Buffer Clock | # Cycles | Clock | # Cycles
Buffer 1 CLK1l NBufia = CLK2 Npufip = Nepps. and Nppps de-
pend
Npiprs NceBps on the mode — see Table
2.1.
Buffer 2 CLK2 | Npu24=48 | CLK3 | Np,p2p=064 | 48 and 64 are the nummn-
ber of data samples in one
OFDAI symbol before and
after pilot/zero insertion
respectively.
Buffer 3 CLK3 | Npyu34=64 | CLKd | Np,s35=80 | 64 and 80 are the length of

OFDAMI svmbol before and
after cyvclic extension re-
spectively.

Table 5.5: Number of clock cveles required to write/read one buffer bank.
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the overall latency of the transmitter can be calculated by

Nsi_1t:  Nsa-1z . Nsz-1z  Nsa_71s (5.5)
Oi’”n O:’?”I" 0:73"7" O"”"

Tx—Latency =

min

Table 4.2 shows the value of o™, o5, &§"". and }"" that represent the clock

frequencies of Stage 1. 2. 3. and 4 respectively.

5.1.2 Receiver latency

During reception. the latency of each pipeline stage in terms of the number of its
corresponding clock eveles is as follows.

Stage 4 latency:
-\-S4~ Rx = ‘\-Buf.'{l? =+ -\'('yrllr—li‘fm (—)(’)

Stage 3 latency:

[
=~
~—

Ns3—rr = Npugsa + (Nirrryrrr — 64) + Neguar + 1 (5.

It takes 64 clock eveles to input data into IFFT. These 64 clock cyeles overlap with
reading data from Buffer 3. therefore they are subtracted from FFT number of clock
cveles. Also. the lateney of Channel-estimation and Phase-Compensation blocks are
not considered in latency summation of Stage 3. since they work.in parallel with
Equalizer block and their active clock cyveles overlap with the ones of the Equalizer
block.

Stage 2 latency:

-\—.\7'_’—”.1' = *\’Buf'.‘_'.\ + _\’])( mod T ~\.lnf Deint + 1 (-)8)
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Stage 1 latency:

[3)

-’\’SI—R.T - -\.anl.—\ -+ -\.Punr.‘.-'D(Punr =+ ‘\")0(' =+ *\“'Sr‘r./ Descr ( 9)

The active clock eveles of Ontput Buffer. Noyipas. overlaps with entering data
into Stage 1. and we do not consider them in latency summation of Stage 1.
The overall lateney of the receiver can be calculated by

-‘\v.“'l — Rz -\'.8'2— Rr -\.Sii— Rr -\'54— Rx ( 5.1 U)

Rar-Latency = ,
< ~min UIIN

min min
(oF} 09 B (@)

O‘

Table 4.2 shows the value of of". o™, o', and of"" that represent the clock

frequencies of Stage 1. 2. 3. and 4 respectively.

5.2 Numerical latency values

Replacing o, o5, o and o}"" in equations 5.5 and 5.10 by the value of clock
frequencies defined in Table 4.2. we obtain the numerical values of transmission and
reception latency in our architecture as it is shown in Table 5.6. As an example.
calculating the transmission and reception latency in mod 6-Mbits/s is shown in

Equation 5.11 and 5.12 respectively.



Nsi_7:  Nso—72x  Nszr1:  Nss712

Tx-Latency =

O?”n Oénin Oglin OT:’H
. ‘\-DBPS + -’\‘lr1Bllf + -;\.Scr,/D(:sr‘r + -\v('ml I -"\.Punr; DePunc + 1
- min
1
Npusip+ 1+ Nyjoa + 1
omin +
2

Npuf2B + Npitot—Zeroins + (N1rrr/prr — 64) +1

min
@3

-\‘Buj.'SB = -\~('yt-lu' Ext
OT'"
_‘24+1+1+1+2+1+4S—|—1+1+]
T 1x12x1x(1/2) 1x12
64+1+3353-64+1 80+1
= 5
18 20

=5.00+4.25+19.72 + 4.05

=33.02p5

Nsi_r:  Nsa_prr  Nsz—rr , Nss—pre

min - n mmn ~Hn
o o o or

Rr Latency =

=, ‘\.Bufl,-l + -\'Pum' DePunc + -\.L)( e+ —\r.\': r/ Deser +
I LTRn

O
‘\-Bufl»\ + -\~D! mod T -\-lui | Deint T 1 n

min
2

)

Nugsa + (Nirrryrrr — 64) + Neguar + 1+

min

Q3

‘\vBufiSB =F -\‘( ‘yclic— Remn

o
244248841  48+1+1+1
_1x12><1><(]/‘2)‘ 1 s T2
644+353-64+5+1 80+1
I8 BT

=19.16 + 4.25 4+ 19.94 +4.05 =

=4741ps

RS
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Node Latency (us)
(Mbits/s) || Transmission I Reception
6 33.02 4741
9 32.69 42.35
12 32.43 39.73
18 32.26 37.20
24 32.15 35.91
36 32.06 34.65
18 32.01 34.00
54 31.99 33.79

Table 5.6: Numerical latency values.

Clk1 | L

Clk2 l—\_—l—__l—_r—;
CIk3 l |

Clk4 | I g

Figure 5.1: The waveform of clock signals in mode 36-Mbps corresponding to four
pipeline stages.

5.3 Latency error

There is an error involved in Equation 5.5 and 5.10 due to the use of multiple clocks.
The frequency of these clocks are not necessarily nmltiples of each other in different
operating modes. therefore the rising edge and falling edge of these clocks are not
aligned. For example. Figure 5.1 shows the waveform of CLkl. CLK2. CLK3. and
CLK4 that correspond to Stage 1. 2. 3. and 4 of the pipeline respectively. The
frequency of these clocks are depicted in Table 4.2. \WWhen a task is finished in one
stage at the rising edge of the clock. there is a short gap till the rising edge of the
other clock in the next stage. These gaps are not considered in Equation 5.5 and 5.10
and they create a small error between the result of these equations and simulation
results. In Chapter 6 we show that the amount of this error in our design is less than

1.5% for all operating modes during transmission and reception.



Chapter 6

Implementation Results

To demonstrate specific power-performance figures, we have implemented onr
architecture on a Virtex-11 Pro XC2VP50 FPGA manufactured by Xilinx [45]. In this
chapter. first we report post place-and-route arca. latency. and power consumption of
this prototype. Then. we compare the potential power savings in our implementation

against others.
6.1 Prototype area

The prototyvpe occupies 9.740 slices. 28 embedded 18-Kbit RAN blocks. 132 embed-
ded 18-bit multipliers. and 423 1/0O Buffers. From the 28 embedded 18-Kbit RAM
blocks. 21 of them are used for the IFFT/FFT block. 2 for each of the Buffers 1.
2 and 3. and 1 for the Preamble block. From the 132 embedded multipliers. 96 of
them are used for the IFFT/FFT block. 24 for the Equalizer. and 12 for the Demod-
ulator block. Figure 6.1 shows a high level floorplan of the prototype on Virtex-11
Pro XC2VP50 FPGA. The approximate location of the hardware blocks that occupy

large area of the FPGA is shown in Figure 6.1'. There is also two PowerPC (PPC)

'"The boundaries shown in Figure 6.1 are approximate. the colors should be noticed to distingnish
precise locations. The blocks that ocenpy a small area on FPGA are not specified by bonndaries
(only by color) to make the figure more readable. Scrambler/Descrambler block is ihe only block
that is inside the IFFT/FFT boundary with the same color. The area of this Dlock is negligible
compared to the IFFT/ FFT area.
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Mode Latency (us)
(Mbits/s) || Transmission | Reception
6 33.46 47.40
9 33.18 42.31
12 32.71 39.67
18 32.56 3743
24 32.36 35.88
36 32.26 34.62
48 32.21 33.98
54 32.20 33.T7

Table 6.1: Estimated latency of processing a frame with only one OFDAI symbol.

cores on the FPGA that can be utilized to implement the MAC layer.

6.2 Prototype latency

Table 6.1 shows the latency of our prototyvpe during transmission and reception.
when a PLCP frame with only one OFDAI svmbol is being processed. Figure 6.2
demonstrates these latency values. This figure shows that the transmitter has the
advantage of almost constant latency. The latency of the receiver decreases as data
rate goes up. The reason is the C'LK1 of Stage 1 which is faster for higher data rates
and therefore lowers the latency for those rates.

As mentioned in Chapter 5. there is a slight mismatch between the simulation
results of Table 6.1 and what we were expecting from the latency equations 5.5 and
5.10. This latency mismatch is due to the the use of multiple clocks that might not
be alwavs aligned. Table 6.2 shows the amount of error between simulation results
of Table 6.1 and numerical values of latency equations shown in Table 5.6. The error
is less than 0.5 ps during transmission and reception. which is less than 1.5% in the
worst case. Figure 6.3 demonstrates the latency mismatch of the transmitter and the

receiver.
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Figure 6.1: The floor plan of the prototvpe on Virtex-11 Pro XC2VP50 FPGA.
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Figure 6.2: The latency of the transmitter (Tx) and the receiver (Rx).

Mode Latency Mismatch (us) Latency Mismatch %
(NMbits/s) || Transmission I Reception | Transmission | Reception
6 0.44 0.01 1.31% 0.02%

9 0.19 0.04 1.47% 0.09%

12 0.28 0.06 0.87% 0.15%

18 0.30 0.07 0.92% 0.18%

24 0.22 0.03 0.67% 0.08%

36 0.20 0.03 0.61% 0.08%

18 0.20 0.02 0.62% 0.05%

54 0.21 0.02 0.65% 0.05%

Table 6.2:

equations 5.

Mismatch between simulation results and numerical

5 and 5.10.

values of latency
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Figure 6.3: The latency mismatch

of the transmitter (Tx) and the receiver (Rx).
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6.3 Prototype power

The dvnamic power consumption of our prototype is estimated in each mode of op-
eration nsing different input data sequences. Tables 6.3. 6.4. 6.5 respectively show
the power numbers when transmitting a data sequence of toggling bits (101010...10).
a data sequence of all one bits (111...1). and a data sequence of all zero bits (000...0).
The worst case power number in each mode? is considered as the power consumption
of that operating mode. The power consumption of the transmitter and receiver
is shown in Table 6.6 and plotted in Figure 6.4. Figure 6.4 shows that the power
consumption during transmission and reception are almost similar which can be mis-
leading. as the receiver does more work compared to the transmitter. The factor that
should be considered to compare the work load of the 1;(>(~ei\‘(—‘1' and transmitter is the
energy consumption. not power consumption. which depends on the latency as well.
The energy consumption of processing one OFDMI svmbol. which is the power con-
sumption multiplied by the processing time of one OFDM symbol. is always higher
in the receiver compared to the transmitter. Table 6.7 shows the energy consumption
of the transmitter and receiver per OFDM symbol. These energy values are obtained
by multiplying the power values of Table 6.6 by the corresponding latency values of
Table 6.1. The energyv consumption of the transmitter and receiver are demonstrated
in Figure 6.5. This figure shows that the energy consnmption of the fransmitter is
increasing as data rate increases. The reason is the increasing value of transmitter
power consumption which is multiplied by an almost constant value of transmitter
latencey. The energy consumption of the receiver. however. decreases first and then
increases as data rate increases. Note that the latency of the receiver is decreasing
as the data rate increases (Figure 6.2). while the power consumption is increasing
(Figure 6.4). The energy consmmption of the receiver decreases first because the

latency decreases faster than the power increases. After 18 Mbps. the situation is

Drpr . - - - . . .
2The worst case power consumption in each mode is highlighted in tables by the bold font.



Mode Power (mW)
(Mbits/s) || Transmission l Reception
6 85 86
9 89 89
12 93 93
18 115 118
24 133 133
36 145 144
48 163 165
54 167 168

Table 6.3: Estimated dynamic power consumption for the toggling bit sequence.

NMode Power (m\\)
(Mbits/s) || Transmission | Reception
6 84 83
9 88 87
12 98 92
18 120 113
24 132 129
36 144 141
48 164 162
54 167 164

Table 6.4: Estimated dynamic power consumption for the all-ones sequence.

reversed: The power increases faster than the latency decreases. Hence. the energy
consumption increases at higher data rates. Figure 6.5 also shows that the energy
consumption ol the receiver is alwayvs higher than the transmitter. and their difference

becomes smaller at higher data rates.

6.4 Potential power saving

The four pipeline stages in our FPGA implementation allow for maximum clock
frequencies that are shown in Table 6.8. These clock frequencies are greater than the
minimum clock frequencies specified in Table 4.2 that were required to achieve the
target data rates. The maximum-to-minimum frequency ratio can be used as a scaling

factor for reducing the supply voltage. under the assumption that the relationship



Table 6.5: Estimated dynamic power consumption for the all-zeros sequence.

Table 6.6: Estimated dynamic power consumption (worst case power).

Mode Power (mW)
(Mbits/s) || Transmission | Reception
6 84 85
9 88 86
12 99 91
18 118 114
24 133 132
36 145 144
18 161 162
54 164 165

Mode Power (mW)
(Nbits/s) || Transmission | Reception
6 85 86
9 89 89
12 99 93
18 120 118
24 133 133
36 145 144
48 164 165
54 167 168
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Figure 6.4: The power consumption of the transmitter (Tx) and the receiver (Rx).
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Mode Energy (uJ)
(Mbits/s) || Transmission | Reception
6 2.844 4.076
9 2.953 3.765
12 3.042 3.689
18 3.907 4.381
24 4.303 4.772
36 1.677 4.985
48 5.282 5.606
54 5.377 5.673

Table 6.7: Estimated energy consumption of the FPGA prototype.
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Figure 6.5: The energy consumption of the transmitter (Tx) and the receiver (Rx).



Clock Maximum Value (MNMHz)
Frequency || Allowed by FPGA Prototype

P 71.78

o5 85.32

o 44.68

oy 210.97

Table 6.8: Maximum clock frequencies allowed by the FPGA prototype.

| NMode “ Scaling Factor S I Power Savings |

6 2.48 83.7%
9 2.48 83.7%
12 2.48 83.7%
18 2.48 83.7%
24 1.78 68.4%
36 1.78 o 684%
48 1.18 28.2%
54 1.18 28.2%

Table 6.9: Voltage scaling factor and potential power savings.

between the voltage and the corresponding clock frequency is approximately linear
[44]. 1t should be noted that we can not scale down the frequency in our design since
we are already using the minimum clock frequencies that are required to support the
802.11a standard data rates. For a given pipeline stage i clocked at o™ the ratio
oM™ /™ can be interpreted as the voltage scaling factor S; (if feasible). Reducing
the voltage by the factor of S; reduces the dynamic power consumption by the factor
of S? [44]. If we were to use the same voltage for all four stages. our scaling factor
would be S = min{S1.52.53. S4}. leading to the estimated power savings of (1 —
1/52%) x 100%. Table 6.9 shows the scaling factors for different operating modes and
the corresponding potential power savings of at least 28.2 %. Note that factors 2.48

and 1.78 in Table 6.9 may be infeasible due to the physical limits of voltage scaling.
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6.5 Design comparison

Our design implements the PLCP sublayer of the IEEE 802.11a which is only a part
of the complete 802.11a PHY laver. As a result. comparison with other 802.11a
PHY lavers is possible only if they provide their implementation results of the PLCP
sublaver and PMD sublayer individually. Unfortunately commercial products do not
provide enough detail about their internal components which makes the comparison
with these products impossible. We compare our architecture only with the academic
implementations that can be categorized to ASIC. FPGA-based. and software-based
implementations. We consider different factors in these comparisons. The power con-
sumption of the transceiver is one factor since low power dissipation is of paramount
importance in mobile transceivers. The clock frequency of the svstem is also im-
portant as lower clock frequencies vield a bigger slack for dynamic voltage scaling.
resulting in lower power consnmption. The reconfiguration overhead is another factor
to be considered. since lowering this overhead at the PHY laver lets the NAC layer

to select proper data rate according to the channel condition more frequently.

6.5.1 Comparison with ASIC implementations

The dvnamic power consumption of our prototvpe is the worst in the 54 NMbps mode:
335 mW after adding the transmitter power and the receiver power. or 241 m\\ after
28.2% saving. This is better than 351 m\W power consumption reported in [31] which
is an ASIC implementation of the 802.11a baseband transmitter and receiver exclud-
ing the synchronizer (consuming 25 mW). channel estimator (consuming 15 mW),
and BIST circuitry (consuming 2 mW). We have excluded the power consumption
of these blocks to have a fair comparison with our design which does not implement
them. Although the ASIC design of [31] implements the same functions as our proto-

type. the comparison between them is still difficult sinee [31] emplovs 0.25 g process
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technology while our FPGA uses 0.13 pym technology. If that ASIC design was using
0.13 ym technology. it would consume less power. On the other hand. if our FPGA
prototype was implemented on ASIC. it would consume less power as well.

The other ASIC implementation of 802.11a transceiver is reported in [29]. This
design employs two chips: one front-end analog chip and one baseband processing
chip that implements both 802.11a PHY layer and 802.11 MAC layer. The analog
front end dissipates 790 mW of power during transmission and 430 mW during re-
ception. The baseband transceiver. implemented in 0.25 pym technology. consumes
326 mW during active transmit and 452 m\W during active receive. If we exclude the
24 mW power consumption of the NIAC hardware. we obtain a power consumption of
302 mW for the 802.11a transmitter and 428 m\W for the 802.11a receiver. The 302
mW power constmption of the baseband transmitter is already higher than our 167
mW power report for transmitter before dynamic voltage scaling. The receiver power
consumption includes the power dissipation of the synchronizer and channel estimator
blocks as well. From the detailed power report in [31]. we can conclude that syn-
chronizer and channel estimator dissipate a low portion of the receiver power. about
12.4%. By subtracting 12.1% of the 428 mW. we can estimate a power consump-
tion of 375 mW for the receiver excluding the syvnchronizer and channel estimator
blocks. This power mumber is again higher than our receiver power consumption of
168 mW before dvnamic voltage scaling. The above discussion is still not a fair com-
parison because of difference between implementation platforms (ASIC vs. FPGA)
and fabrication technologies (0.25 pm vs. 0.13 pm).

One interesting point that is noted from the power reports in [29] is the comparison
between the power consumption of digital baseband transceiver versus the power con-
sumption of analog front-end. In the transmitter chain. digital baseband transceiver
consumes 27.7% of the svstem power versus 72.3 % of the analog front-end. This

portion is 49.9% versus 51.1% in the receiver chain. These numbers show that the
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digital baseband transceiver dissipates a big portion of the overall system power and
it worth while being optimized for low power. The portion of digital baseband power
consumption will be even more noticeable if analog front-end is power-optimized too.
Reference [32] introduces such a low-power front-end. The transceiver front-end in
this implementation uses 0.18 gm CMOS technology. and it consumes 207 m\V in the
receive mode and 247 m\W in the transmit mode. while transmitting at full output
power. The transmit mode power consumption is a strong function of the output

power. reducing to 135 mW at the lowest output power level.

6.5.2 Comparison with FPGA-based implementations

FPGA-based implementations of 802.11a transceiver offer a performance close to
ASIC designs and provide flexibility close to software implementations. Partial pro-
grammability offered in modern FPGAs eliminates the need for reprogranming the
entire device to change the operation mode. Reference [24] implements 802.11a base-
band svstem on Virtex 11 FPGA. using Select N[AP interface [26] that provides the
means to reconfigure individnal cohinns of FPGA. Reconfiguring this svstem to work
with a different data rate takes 8.5 ps using a 32-bit PCI bus working at 33 MHz clock
frequency. This reconfiguration overhead becomes a system bottleneck if data rate
needs to be frequently adjusted by the MAC laver. In our implementation. svstem
reconfiguration only needs the adjustment of the frequency dividers and changing the
value of the mode signal.

The other FPGA implementation reported in [25] emplovs the Xilinx System
Generator” for DSP [27] to implement some of the hardware blocks of OFDA
transceiver. The System Generator tool facilitates rapid design. but may not re-
sult in an optimized hardware solution. Using Xilinx Virtex-11 Pro FPGA for the
implementation in [25]. the long preamble correlator consumes 1100 slices and two

embedded multipliers. and the channel estimator and frequency domain equalizer to-
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gether occupy 776 logic slices. 2 block memories and 10 embedded multipliers. These
number of slices are 18.76% of the number of slices that are used for our design. i.e..
adding the channel estimation block. phase compensation block and the synchronizer
block to our architecture increases the area of the FPGA prototype about 20%. The
clock frequency emploved for the hardware blocks of [25] is 100 MHz that is higher
than our worst case clock frequency (72 MHz in the fastest mode) that will be only
applied to the second stage of the pipeline. Reference [25] does not report latency or

power numbers.

6.5.3 Comparison with software-based implementations

Software implementations of 802.11a introduce the most flexibility compared to FPGA
and ASIC deigns. but generally provide the lowest performance. Reference [16] em-
plovs a programmable and reconfigurable Asvnchronous Array of simple Processors
(AsAP) and it achieves 54 Mbits/s data rate using a clock frequency of 1.0 GHz. Ref-
erence [17] can operate at the maximum rate of 136 Mbits/s using the same 1.0 GHz
clock frequency by emploving TT TAIS320C64x DSP. Both of these implementations
need a high clock frequency t;,) support the highest data rate of 802.11a. while in our
design a clock frequency of 54 Nbits/s is enough to support 54 Mbits/s data rate.
Another software implementation of the 802.11a transceiver. reported in [21].
employs a TMS320C6201 DSP connected to a PC through a PCI bus. This system
achieves a data rate of 24 Mbits/s during burst transmission. To provide 100%
throughput using this DSP. it was estimated that 1626 MIPS would be required
which creates the need for some form of hardware acceleration to support the DSP.
Reference [18] reports an implementation of 802.11a baseband transceiver on
a domain specific programmable parallel DSP architecture called NMaRS (Macro-
pipelined Reconfigurable System). This svstem improves the performance of the

802.11a transceiver by using parallel processing elements to implement FFT and
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Viterbi decoder blocks. The parallel architecture of FFT in this system needs 102
clock cyeles to perform 64-point FFT operation which puts a lower bound of 31 MHz
on the clock frequency of the FFT. Our pipelined FFT architecture takes 72 clock
cveles to perform 64-point FFT operation which calls for a clock frequency of 18
MHz for the FFT block. This architecture requires 6 clock cveles to process 1 bit
during Viterbi decoding. while our architecture needs only 1 clock cycle to process 1
bit during decoding.

Reference [19] has fabricated a 32-bit RISC Processor in 0.18 pym technology to
specifically perform 802.11a MAC and PHY laver operations. This reference is the
most optimized software-based implementation compared to all the above implemen-
tations. This design includes 4-NIb SRAM. PLL. A/D and D/A converters. and
1.3-million-gate random logics in addition to the RISC processor. It employs three
clock frequencies: 20. 40. and 80 MHz and consumes 958 m\W in total from 1.5-V.
2.5-V. or 3.3-V supplies. Unfortunately there is lack of details in this paper about

individual blocks of transceiver which makes it difficult to compare it with our design.



Chapter 7

Future Work and Extensions

The proposed architecture in this work presents a short latency and low-power
consumption for digital baseband processing of the IEEE 802.11a standard. It can
also result in a short overhead to reconfigure the system to work with different data
rates. This architecture is implemented on FPGA for test of functionality. This
work can be extended in several wavs by. for example. (1) Adding the synchroniza-
tion. channel estimation. and equalization circuitry and implementing this hardware
on ASIC to further reduce the energy consumption. (2) using adaptive bit-precision
for hardware components that can work with lower bit-precision in robust operation
modes. (3)implementing an efficient N[AC' laver which takes advantage of the archi-
tectural features of this PHY laver. and (3) .\'-11])])(,)111'11;{ other PHY laver standards

in this architecture as well. These extensions are discussed in this chapter.
7.1 ASIC implementation

The proposed architecture in this work is fully customized which makes it easily
transferable to an ASIC platform. The ASIC implementation can include the Channel
Estimation. Phase Compensation and Synchronization blocks that were not included
in our design. The ASIC implementation also facilitates voltage scaling which leads

to lower energy consumption.
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7.2 Adaptive bit-precision

In our work. we considered a fixed bit-precision for all the hardware blocks in the PHY
laver. However. the bit-precision of different hardware blocks such as the Modulator
and Demodulator in Stage 2. all the hardware blocks in Stage 3 and Stage 4. and
also the A/D and D/A converters in the PNID sublayver can be made adjustable. In
robust operation modes such as the ones that work with BPSK modulation. reducing
the bit-precision of these hardware blocks results in further energy reduction. The

clock gating technique can be used to design adaptive bit-precision hardware.

7.3 Efficient mode adaptation

The MAC laver decides abont the data rate of the PHY mode according to different
factors such as the channel condition. application constraints. energy budget. etc.
In [50]. for example. mode adaptation is based on a look-up table that is indexed
bv the svstem status. The system status is characterized by data payload length.
the receiver-side SNR value to quantify the wireless channel condition. and frame
retransmission count. This look-up table defines the best PHY mode m tenus of
maximizing the expected effective goodpnt minder the corresponding svstem status.
This table is calculated offline and is used at runtime to determine the best PHY
mode for the next frame transmission attempt.

Other wireless systems might define different system statns that MAC laver con-
siders to adjust the PHY mode. The faster the NAC laver adopts the transmission
mode of the next frame with the svstem status. the less transmission or retransmis-
sions would be required. resulting in less transmission time and energy consumption.
One factor that defines how fast MAC laver adapts the transmission mode is the
overhead of svstem reconfiguration during mode adjustment. Sometimes. the delay

or energy overhead of reconfignuration is more than the time or energy that is saved
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by mode adjustment. Our proposed architecture introduces a low reconfiguration
overhead. i.e.. efficient MAC algorithms can be devised to take advantage ol the

possibility for frame-by-frame mode adaptation.

7.4 Scheduling policy

When different nmltimedia streams such as voice and video are sent throngh the
same transmitter. a scheduling policy is required to regulate the traffic. Nost of the
scheduling algorithms in the literature usually do not consider the energy and time
spent for the reconfiguration of the physical laver. They usnally assume frame-by-
frame reconfiguration [51]. which can be acceptable only when the frames are very
large. so that the configuration time is negligible compared to the frame transmission
time. However. practical implementations that use serial streams of control bits
to (‘h.ange the configuration of the hardware. mav have significant time and energy
penalties during reconfiguration. These reconfignration penalties may not e ignored
easily.

One of the extensions can target the scheduler of the MAC layer that decides on
the size of the data units that are sent from each stream. with the goal of decreasing
the number of reconfiguration events without violating the required QoS for each

streani.

7.5 Supporting other WLAN standards

As it was explained in Chapter 4.4. IEEE 802.11g and HIPERLAN/2 have a similar
basis as IEEE 802.11a standard. One future work is to make our design compatible
with these two standards as well. i.e.. adjusting the hardware blocks of the proposed
architecture to support the data rate and functionalities of these two standards.

The new upcoming WLAN standard. TEEE 802.11n. also has an OFDAI basis but
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Figure 7.1: Block diagram of a MIMO (a) transmitter. (b) receiver [11].

for multiple antennas [10]. Figure 7.1 shows a simple block diagram of the transmitter
and receiver of such Multiple Input Multiple Output (MINO) systems [11]. For these
svstems. the energy consumption is a critical issue since the front-end circuit of every
antenna consumes a considerable amount of energy. A similar multi-clock pipeline
architecture proposed can be emploved to implement the 802.11n standard. This
architecture can reduce the energy consumption by applving low clock frequencies to
different pipeline stages and also by providing low reconfignration overhead which lets
the MAC laver make better decisions about selecting the PHY mode and selecting

the number of antennas.
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Chapter 8

Conclusion

We proposed a 4-stage 4-clock structure for the IEEE 802.11a baseband transceiver.
This architecture supports eight different data rates specified by the standard. Re-
confignring this system to work with different data rates is fast as it requires the
adjustment of two clock frequencies. This architecture reduces the energy consump-
tion by: (1) using pipeline structure that increases the throughput and allows for
lower clock frequencies which provide the opportunity for dyvnamic voltage scaling
and consequently energy saving. (2) using multiple clocks that reduce the handshak-
ing and buffering inside pipeline stages. and (3) reducing the reconfiguration energy
overhead which allows for frame-by-frame reconfiguration. The implementation of
this architecture on Xilinx Virtex-II Pro FPGA occupies about 10.000 slices and
consumes 335 mW for transmission and reception together. Low clock frequencies
applied in this design provide a delay slack for dynamic voltage scaling and therefore
power saving of up to 28.2%. This work can be extended in future to include all the
hardware components of the PHY layver: the channel estimation and phase compen-
sation circuitry added to the PLCP sublayver. and the transceiver front end. which
includes the RF/IF circuitry and the synchronization block. attached to the PLCP
sublaver. The future work can also focus on the optimal MAC Jayer algorithms that

decide about the operating mode and frame length based on the energy and perfor-
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mance constraints. The MAC layer can be implemented using two PowerPC cores

on the Xilinx Virtex-11 Pro FPGA.
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Appendix A

Tool Setting

We have used ISE Project Navigator (version 9.11) that provides a complete set
of tools for simulation. synthesis. placement and routing. and power analysis for our
FPGA implementation.

The frst task in creating a new ISE project is to specily the configuration prop-
erties as shown in Figure 8.1. Next. we have to include the Verilog description of our
hardware components by importing the corresponding V-files. Each of the Verilog
components is first tested individunally to ensure that it is synthesizable and functions
correctlv. We also have to generate the memory blocks of our architecture. listed in
Table 8.1. using the Xilinx Coregen library. All of these blocks use the "Enable Pin™
and all their inputs are sensitive to the rising edge of the clock. Note that the ini-

tialization values for RON memory blocks have to be loaded from the corresponding

r Memory Name l Tvpe | Size I

Buffer | Dual port RAN | 2x4x512

Buffer 2 Dual port RAN | 64x320

Buffer 3 Dual port RAM | 64x128

Preamble Buffer Single port ROM | 64x256
FFT-RANMI1 Single port RAN | 63x32
FFT-RAN2.3.4.5.6.7-0.7-1 | Dual port RAM 64x64
FFT-W-Gen Single port ROM | 64x32

Table 8.1: The type and size of memory blocks.
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Figure 8.1: ISE Project setup.
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COE-files.

After including all the hardware components in the project. we run a Verilog
description of our testbench to simulate the behavioral model of our design using
Modelsim XE I11/Starter (version 6.2g). After verifying the behavioral model of the
entire architecture. we svnthesize it. setting “Speed™ as the optimization goal. Then.
we implement our design on the FPGA by executing the translation. mapping. and
placement and routing steps.

Before placement and routing. we generate a constraint file (UCF-file) which de-
fines minimum clock periods. The goal is to force Xilinx to place and route hardware
of Stage 1 and Stage 2 of the pipeline with minimum critical path delay'. After place-
ment and ronting. we set the option of generating a VCD-file in the post-place-and-
route simulation properties and run post-place-and-route simulation using Modelsin.
We stop the simulation once the transmission task is complete and use the generated
V(CD-file to measure the amount of power consumption during transmission. XPower
is the tool in ISE that measures the static and dynamic ])u\\'vr.(-unsnnlptinu using
the corresponding VCD-file. Next. we flush the VCD-file and resume the simulation
to generate a new VCD file for the receiver. and then we measure the receiver power

consmnption using the corresponding VCD-fle.

"The critical path delay of Stage 3 and Stage 4 are short enongh that Xilinx have no problem to
place and route them using the clock period of these stages.



