ABSTRACT

JENKAL, RAVI S. Architectures and Design Methodology for Energy Efficient MIMO
Decoders. (Under the direction of Professor William Rhett Davis).

This work focuses on the design and implementation aspects of Multi-Input Multi-
Output (MIMO) decoders for multi-antenna communications. These decoders are used
to determine, either optimally or sub-optimally, the bits encoded and transmitted over a
wireless channel with more than one antenna. Present standards, such as 802.11n and 4G,
call for systems with more than the present two antennas. Additionally, the need for future
considerations of mobility along with lowered current limits of smaller technology nodes,
calls for greater power awareness in the design of MIMO decoders.

The presence of multiple antennas brings with them a) an exponentially large space
for a min-cost search for the solution and b) non-trivial VLSI requirements to deal with
additional dimensions of the wireless channel. Additionally, the conditions under which
a MIMO decoder is used would change in terms of the Signal to Noise Ratio (SNR) val-
ues. This requires considerations in the multiple axes for a decoder implementation: Power,
Delay, throughput and algorithmic performance. Of the many options available, Sphere De-
coding (SD) has become a popular implementation of MIMO detection due to its improved
performance at lower hardware complexity in comparison with Maximum Likelihood meth-
ods for optimal algorithmic performance. ASIC implementations have proven the feasibility
of this method but fail to effectively address the issue of energy efficiency (b/s/mW).

In this work, we investigate the architectural and design space of multi-antenna
decoders. We show that systems that allow for tradeoffs along multiple axes are more
likely to achieve energy optimality due to a changing usage environment. Multi-antenna
systems are unique because they can exploit parallelism which could aid in amortizing the
constraints on design. We design and implement improved architectures that exploit a
combination of deeper pipelines and simple single-port read and write memories to increase

the energy efficiency (bits/sec/mW) of the decoding process.



We also implement architectural modifications that increase the throughput of
algorithmically optimal decoders. We use these improvements to make an argument for
trading off power consumption with the final aim of improving the energy efficiency of
decoding. Additionally, we also provide insights into the design of architectures that can
handle an increased constellation size and increased antenna numbers in a power efficient
manner.

In an effort to improve the throughput, we also provide a simple method of a
block based algorithm using counters. VLSI implementation of all the architectures pro-
posed provides the final measure of complexity in terms of power, area and throughput.
The implementation of the proposed architectures in a 1.2V 90nm 8-metal IBM process
demonstrates the effectiveness of the various methods proposed in reducing complexity and

increasing energy efficiency.
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Chapter 1

Introduction

Multiple-Input-Multiple-Output(MIMO) techniques have promised much in their
ability to provide increased data rates while not involving an equivalent increase in the
spectral requirements. Their popularity has caused increased academic and industrial in-
volvement in this field. Moreover, efforts are underway to standardize the inclusion of MIMO
technology in the 802.11 standards and telecommunication standards under the aegis of the
3GPP working group.

At the core of the MIMO technique is the need for high complexity signal pro-
cessing for the detection process to determine the transmitted vector at the receiver. The
high complexity stems from the need to handle matrices of complex values at the receiver.
Thus, to ensure the feasibility of the MIMO technique, these matrices need to be processed
efficiently in VLSI.

1.1 MIMO: Perspectives

This section focuses on the motivation and reasoning for Multiple-Antenna sys-
tems. It also provides a high level view of the technology and its workings. It is important
to view this technology keeping in mind the market and integrated circuit design based

pressures.



1.1.1 Market Perspective

The wireless industry is perennially in need of techniques that utilize spectral
resources better. Quite simply, there are three central driving forces for this [1]: a) There is
an ever increasing demand for raw data rates to cater to emerging applications like video,
gaming etc. b) There is a continual drive for the ubiquity of wireless devices to penetrate
all areas of application c¢) The spectral resources available are not getting any cheaper.

The number of wireless data connections in North America! (and hence the average

required data rates) has shown the trend seen in Fig. 1.1

North American Wireless Data Connections (Millions)
180 -

160 A
140
120 A
100 A
80 -
60 -
40 -
20

0_1
1999 2001 2003 2005 2007

Source: Gartner, “U.S. Wireless Data Market Update, 2004”

Figure 1.1: Number of wireless data connections in North America

Considering the above trends for data requirements, there is always a need for
techniques that utilize spectrum better. A good measure of this is the Spectral Efficiency
of a given technology expressed as the data rate supported, for a given Signal to Noise Ratio
(SNR) specification, for a given bandwidth i.e. bits/sec/Hz. A higher spectral efficiency
allows for greater data rates at a given bandwidth and hence for a constant spectral cost.
It is in catering to this requirement that MIMO techniques have generated interest. MIMO

systems promise an increase in capacity without a corresponding increase in bandwidth and

'Source: Gartner,“U.S. Wireless Data Market Update, 2004”



its concomitant cost.

Moreover, multi-antenna systems form an integral part of the 4G (or Beyond 3G)
standard. The 4G standard calls for, among other things, high spectral efficiency, high data-
rates and interoperability between standards [2]. This in turn calls for solutions that can
span multiple constellations, multiple antenna numbers, multiple data rates etc. Achieving

hardware solutions for these is an essential part of the move towards this new standard.

1.1.2 Technology Perspective

Quite simply, the term Multiple-Input Multiple-Output (MIMO) is derived with
respect to the channel that passes data. In case of MIMO systems, there exist multiple
antenna elements at both the transmit and receive sides. A typical setup is shown in Fig.
1.2. The ability of MIMO systems to successfully increase spectral efficiencies comes from

two important factors:

e The Spatial Dimension: This dimension is introduced by virtue of the separation
of the transmit and receive elements. This separation provides the possibility of a

diversity (multiple independent copies received) previously not exploited.

e Independence by fading: The possibility of transmitting independent streams of data
and receiving these by virtue of the independence of the fading on each stream. This
independence is achieved through uncorrelated fading of the environment. Any cor-
relation in fading would lead to a dependence between the channel coefficients of
different receive-transmit antenna pairs. This adversely affects the ability to invert
the channel and therefore the data rates that can be supported for a given algorithmic

performance requirement.

In general, the algorithms for MIMO detection focus on the maximal exploitation
of one of the two features. One feature is the provide an improved quality of transmission
by exploiting the presence of more than one antenna and redundancy in transmission. The
other feature is to send independent streams of data on each transmit antennas and hence
increase the effective data rate. For high data-rate communications, the aim is to exploit
the latter to the fullest in an aim to achieve maximum throughput. The set of algorithms

that attempt to do this are called Spatial Multiplexing (SM) decoding algorithms [6].
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Figure 1.2: Typical MIMO System View

1.1.3 Integrated Circuits Perspective

e The SoC Paradigm: There is, presently, an unprecedented availability of die-area for
use by circuit designers. This is in keeping with the predictions of Dr. Gordon Moore
per Moore’s law, which states that the number of transistors (components) in a given
die area would double every 18 months. The availability of such immense die areas has
allowed integration of multiple functional blocks on a single piece of silicon. Presently,
it has become a viable prospect to include processors, memories, application specific
blocks, peripherals, memory and bus controllers etc. on a single piece of silicon. All
is not well in this respect though. Unfortunately, the rate of availability of transistors
has not been matched by the productivity of the designers. This implies that rate
of growth of the number of transistors that can be designed effectively has not kept
pace with the rate of availability of silicon to be used. This, therefore, leads to the
Productivity Gap. This lack of design productivity, and its subsequent effect on
design cost, has been identified by ITRS [42] as the single greatest threat to the
growth of the IC design industry. One way of dealing with this has been to throw
more engineers at the design end. Another method of amortizing this problem is the
introduction of the Intellectual Property concept. Here, the design problem moves

from one of fundamental design to one of system-level design and integration. To



increase design productivity and have longer product life-cycles, there is a need for
system components that are domain specific. This manifests itself, in the case of
MIMO system implementations, in the form of multi-standard and multi-dimensional
tradeoff supporting implementations. The multi-standard support, could be achieved
both by hardware-based fine grained reconfigurability or software programmability-

based course grained reconfigurability.

e Power constraints of design and technology: One of the major problems of scaling
to smaller technology nodes(i.e. smaller transistor lengths) has been the worsening
power issues in IC design. Being smaller, the transistors do consume reduced power
but on the flip-side have higher transistor density and speed. The increase in speed
and density manifests itself as an increased overall higher chip power consumption
and, therefore, more generated heat. Heat, in turn, can cause chip failures by virtue

of thermal runaway issues.

Another important aspect of designing with a power perspective is the determina-
tion of optimality. This optimality is to be measured in terms of energy-efficiency
(bits/sec/mW) for performing a computation. Focusing only on reducing power,
for example in a portable system, might cause failure to reach throughput con-
straints. Conversely, focusing just on performance leads to increased power consump-
tion. Therefore the aim must be to either a) maximize the energy efficiency for a given

throughput constraint or b) maximize the computation for a given energy budget.

e VLSI non-triviality of MIMO implementations: The design of systems for MIMO de-
coding suffer from high complexity. This mainly arises from the need for matrix based
computations and the need for complex arithmetic. The need for complex arithmetic
manifests itself in a quadratic dependence of design size on the number of anten-
nas [29]. For a given area constraint, the basic MIMO decoder algorithms suffer from
very high complexity and to make matters worse suffer from the problem of scalability
i.e. the rate of growth of complexity of the MIMO algorithms is greater than Moore’s
Law as seen? in Fig. 1.3. To further exacerbate the problem, the rate of growth of the
battery capacity is extremely low. This is of particular importance to portable devices

and hence necessitates a new look at the decoding algorithms. In essence for a wireless

2Taken from [1]
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Figure 1.3: Scalability and Complexity of MIMO Algorithms [1]

product, such as the decoders we are building, the constraints of optimizing designs

are multi-fold in energy efficiency, performance, area, and flexibility /reconfigurability.

1.2 Motivation and Contribution

1.2.1 Motivation for this work

The main motivating factors for this work are:

e Power Awareness and minimization: Present works in the design of MIMO de-

coders do not actively attempt to minimize power consumption. This is of primary

importance given that the intended application of the algorithm is in portable devices

and since present technologies are leading to increasing power densities.

e Need for run time dynamic behavior: Given that the environment and standards

and applications for the MIMO systems tend to be varied, the requirements for the

systems themselves would be different. Under such constraints we would need an

architecture capable of handling a wide operational range in terms of power, speed

and algorithmic performance.



e Tradeoff conducive Sphere Decoder: Also, to bring algorithmic performance
tradeoffs into the picture, the depth-first search Sphere Decoding algorithm has shown
itself to be ideal [31]. This is because it provides for an increased possibility for algo-
rithmic tradeoffs over large ranges of algorithmic and architectural limits. There are
multiple tradeoffs possible in MIMO algorithms with respect to algorithmic perfor-
mance (BER), area, energy efficiency (bits/sec/mW) and speed. This is made clear
in [31] where tradeoffs between speed, performance and area are considered for a
block-based spherical decoding implementation. For a given environment or a given
application requirement one of these can be traded off for the other. As an exam-
ple, for low SNR conditions we would be better off going for a just a less complex

zero-forcing V-BLAST solution over other methods [9)].

¢ Pipelinability as a tradeoff mechanism: As seen in [40] pipelining provides a
means of catering to multiple requirements (speed versus power) and a method for
easy shift in design requirements. It has been stated that the sequential spherical
decoding algorithm that is being used in this work is inherently non-pipelinable by
virtue of its iterative data-dependant nature. We would like to provide a solution that

enables active pipelining.

e VLSI non-triviality of SD solutions (SoC and Market requirements): Sphere
Decoding is still a task of non-trivial complexity and silicon requirements. Moreover,
techniques such as Adaptive Modulation and Coding call for a reconfigurable and
scalable solution, which, in turn, also leads to a lowering of the design costs. This is
of central importance to increase the design productivity as identified by the ITRS
[42]. There is therefore a need for a solution that scales well with the number of
antennas and also provides support for different constellations while not compromising

on power, area and performance.

The result of this sort of optimization and tradeoffs call for modifications of both
the architecture and algorithm. To this end, there is a need for a methodology that allows

for early analysis of the design and its tradeoffs at multiple levels of implementation.



1.2.2 Contributions

This work aims to proposes an architectural solution for Sequential Sphere Decod-

ing that enables operation at a wide range of power, delay and environmental constraints.

We make an initial analysis of the major sources of power consumption in the implemen-

tation of Sphere Decoders. We use these results to increase the energy efficiency of MIMO

decoding implementations. Moreover, we analyze the scalability and re-usability of the

Sphere Decoder architecture. The resultant contributions of this work are:

The analysis of the relative power contribution of the processing elements of the

spherical decoding process.

The systematic exploration of the tradeoff space for Sphere Decoders in terms of power,
area, delay, throughput and algorithmic performance. The information obtained from
the above exploration is exploited to determine the axes of tradeoffs for different
constraints. The sensitivity to different constraints helps provides a guide for a more

directed optimization of the system.

The creation of a framework that allows for a simple architectural exploration of the
Sphere Decoder tradeoff space using SystemC. We use this framework to analyze the
architectural space to determine solutions that would improve the throughput and

reduce unnecessary computation.

The analysis and implementation of architectural and algorithmic optimizations that
allow for a drastic improvement of energy efficiency for optimal decoding with !
constraints. This is done using a combination of computational minimization in the

datapath and and a smart traversal of the search [ space.

A new architecture for energy efficient Spherical Decoding using a combination of
deeper pipelining and simplified memory access schemes. This architecture has shown
the ability to work at a clock frequency of 495 MHz(pre-place and route) and 390 MHz
(post-place and route) and at a supply voltage of 1.2V (typical). The implementation
supports throughputs of about 336 Mbps or 590 Mbps (datapath retiming) at an
SNR of 20 dB. The BER performance at this operating point is about 102 based on
simulations at 20 dB SNR for a 16-QAM constellation. The energy consumption at

this operating point was found to be 23 mW at 6ns (pre-place and route).



e We provide insights on the ability of the architecture to work in a wider range of
operating conditions. This ability enables the usage of this architecture in wider
range of applications than before and makes it easier for the core to be integrated in

a complex SoC.

e The implementation of an improved block-based algorithm for enabling run-time

tradeoffs for improved BER. performance under throughput constraints.

e Provision of insights into the constraints for scaling the number of antennas and the

constellation size.

e The design, fabrication and testing of a self-testing and debuggable Spherical Decoding
solution is explained. The architecture provides insights into the tradeoffs feasible with
the scaling of voltage for different SNR constraints. The implementation was done
using an IBM 90nm 8-metal CMOS process. The chip is one of the few functioning

implementations of sphere decoders presently available.

1.3 Organization of document

The dissertation is organized as follows: Chapter 2 provides an overview of options
available in the design of MIMO Decoders. We provide explain why Sphere Decoders are
the minimum power solution in the power and throughput space. We also touch upon
the reason for power awareness in system design and the methodology to be followed for
optimality to be achieved. Chapter 3 provides an overview of high level decisions that need
to be made for building Sphere Decoders. We also provide the detailed architecture of the
implementation of choice. We also provide the final results of the chip designed using this
base architecture and show the improvement in pipelined implementations. In Chapter
4, we formalize analysis of the sphere decoder space using results from the implemented
architecture. We also propose a SystemC™based framework for analysis of the throughput-
performance space using cycle accurate models of the decoder. We propose architectural
modifications, what we call the sorting and 2-phase modifications, in an attempt to
minimize the search space for a 4x4 16-QAM system. Chapter 5 exploits the symmetry of
the I' cost space to shrink the memory and datapath. Additionally, we look at the problems

of implementing solutions that can scale with the number of antennas in both cycle time
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and power consumption. We prove the ability of this improved architecture in providing a
low-power solution. In Chapter 6, we show that the expanded search space with increased
antenna and constellation sizes can only be traversed using algorithmically sub-optimal
implementations when facing constraints of throughput. Additionally, the imposition of
constancy in throughput and its ramifications in terms of performance is looked into. We
propose a block based solution for decoding which is used to schedule cycle limits on the
decoding process. Chapter 7 focuses on the design and implementation of a 1.2V 90nm
8-metal CMOS Time multiplexed Sphere Decoder. The implementation was done with
features for increased visibility into the design using scan chains and the ability to load
test vectors of different SNR values. The process of implementation from RTL to GDS2 is
explained and the thoughts behind testing this implementation using a combination of a)
sending in noisy test vectors with handshaking and b) use of scan chains for yield checks
and debug is explained. Chapter 8 concludes this analysis and provides future directions

that could be taken in the implementation of power aware systems for MIMO decoders.
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Chapter 2

Literature Review and Related

Work

This chapter sheds light on the progression of implementations of MIMO Decoder
systems. A brief history of the technology is presented which shows the move towards the
multi-antenna case from the initial single antenna based communications. Moreover, this
should provide a feel for where the technology is progressing in terms of requirements and
complexity. We shall be focusing specifically on Spatial Multiplexing (SM) Techniques and

their implementations for the most part.

2.1 MIMO: History

Multiple-Input-Multiple-Output communication is born out of the presence of mul-
tiple antenna elements at both the transmission and reception sides of a communication
channel. The channel between the transmit antennas and the receive antennas takes the
form of a matrix. The signal path between each transmit and receive antenna pair is a
channel coefficient in the matrix.

This technology was a result of the move towards the use of multiple antennas in
communications. The number of antennas was increased to exploit a newer form of diversity
called spatial diversity. Diversity refers to the reception of multiple independent
copies of the same information which allows a more reliable determination of the original

transmitted information. Spatial diversity comes from the separation between the antennas
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transmitting signals and/or due to the separation of the antennas at the receiving side as
well. The reduced probability of all paths present being lost to deep fading leads to a
reduced loss of information and improved reliability.

Initially, techniques like smart antennas [6] provided multiple antennas at ei-
ther the transmit or the receive side. These techniques initially provided for only receive
diversity or transmit diversity using methods like Maximum Ratio Combining [27] or Space-
Time-Block-Coding [27] [23] [6]. These methods were successful in providing diversity gain
which improved the reliability of the communication channel and hence reduced the BER.
Diversity gain is the ratio of the SNR with diversity to SNR without diversity. It is also
defined as the slope of the BER curve in a log-scale. For the above multiple antenna cases, it
is seen that if there are N independent paths for a given signal (i.e. there are N antennas),
the maximum diversity gain is N. This is because, in theory, the average error rate decays
as 1/SNRY with N antennas as opposed to 1/SNR for the single antenna case [8]. At a
fundamental level, these techniques used diversity to combat fading.

When multiple antennas were used both at the receive and transmit side it was
determined that Spatial Multiplexing Gain is also obtainable. Spatial Multiplexing
Gain implies, for M transmit antennas and N receive antennas, it is possible to recover
min(M,N) different signals. This will be explained shortly. None of the other forms of
diversity can promise such a gain. The implication of this gain is the possibility to transmit
min(M,N) independent signals at the transmitter and successfully receive them. This leads
to an increase in data rates in proportion with min(M,N) and also provides a maximum
diversity gain of M N. It must be stressed that the fundamental assumption for
the above gains to be achieved is the independence of the fading between all
transmit-receive antenna pairs. In this case, fading turns from foe to a friend because
of uncorrelated fading leads to a channel matrix with good condition which results, in turn,
in the independence and separability of the incoming data streams.

A comparison of present schemes at the algorithmic level is presented very well

in [27] and has been repeated in Table. 2.1
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Table 2.1: Summary of Performance of Basic MIMO Algorithms [27]

Code Diversity Gain | Max Rate [sym/s/Hz] |

Alamouti STBC 2M 1
Orthogonal Designs NM 1

Linear Dispersion < NM ~< min(M,N)
TR-STBC NML <1
STBC + Frequency domain Processing NML <1
Tarokh STTC NM 1

V-BLAST <M min(M,N)
H-BLAST <M ~< min(M,N)
D-BLAST <M ~< min(M,N)

2.2 Survey of Present Implementations

We will now attempt to explain the connection between algorithmic and architec-
tural decisions in the implementations of SM systems. Due to the multiple antennas between
the transmitter and the receiver, we model the channel as a matrix, H, of size nr X nr.
The signals at the transmitter and receiver are treated as complex (column) vectors, s (one
symbol for each antenna) and y respectively. In all the cases considered ng > np where all
the entries are complex. Additionally, the elements of H are Gaussian i.i.d variables. If H
is np X nr, then the expected value of log(cond(H)) is about log(nr) [66]. This suggests
that the condition number of H is likely to be proportional to np. Hence H tends to be

well-conditioned with respect to inversion, provided nr is not too large. Thus, we can write:
y=Hs+n (2.1)

where n is a size a np X 1 column vector of noise associated with each receive antenna.
The reception of y, a ng X 1 vector, at the receiver necessitates the determination of the
symbol vector s that was sent. The symbol vector is a np x 1 vector. The matrix view for
this process is shown in Fig. 2.1. The process of determination of s is called Detection.
Successful detection requires the knowledge of H (the estimate of the channel matrix) which
is manipulated, if needed, so as to be usable for the detection process. In all our analysis it
is assumed that the channel H has been estimated correctly.

The interest in multiple-antenna configurations at both transmit and receive sides
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Figure 2.1: The matrix model for a system with ng receive and ny transmit antennas

began with the theoretical proof of the concept independently by both Teletar [3] and
Foschini [5](who also considered more practical aspects of multi-antenna implementations).
They proved conclusively the possibility of linear increase in the capacity of MIMO systems
with the minimum of the number of transmit and receive antennas. Since then, there have
been attempts to build systems that could exploit the presence of multiple antennas.

At the highest level, the implementations of SM algorithms have followed the below

sequence in chronological order:

e Linear Equalization (LE) based detection: A single solution is achieved by at-
tempting a channel inversion and multiplication type operation. This method calls
for channel inversion which is very susceptible to numerical error. Therefore, the
results from this implementation were found to be severely sub-optimal BER perfor-
mance, especially at lower SNR values. On the positive side, this implementation was

very low power.

e Ordered Successive Interference Cancellation (OSIC): This is a recursive LE
based operation. The result of the detection of one symbol in the vector of symbols
is considered interference for the symbols being decoded after it. The decision made
on one symbol is used to aid the detection of other symbols by canceling its contri-
bution to the values signal values at the other antennas. Though better than the LE
method, this algorithm is still sub-optimal with increased implementation complexity

and increased power consumption.

e Maximum Likelihood Detection (MLD): This method exploited the feasibility

of increased clock rates to perform an exhaustive search among all the candidate
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symbol vectors for minimal cost vector. The aim was to determine the vector with

the minimal Mean Square Error (MSE) or a similar minimum cost variant.

e Square Root Algorithm: Improves the complexity and numerical stability of the
OSIC algorithm. Additionally, the square root algorithm also provided a better de-

coding solution but still remains sub-optimal.

e Sphere Decoding (SD) (or Lattice Decoding (LD)): This is an algorithmically
optimal detection method. It constrains, if needed, the search space for transmitted
symbol vector. This algorithm has shown promise at being able to handle strong
algorithmic requirements (BER Performance) with reduced design complexity and

power requirements.

2.2.1 Linear Equalization Based Detection:

An estimate of the transmitted data vector § is calculated as § = Gy, where G is
an equalization matrix. The detected data vector is then obtained as's = Quant{é}, where
Quant. represents the component-wise quantization according to the symbol alphabet used.
To understand quantization better, let us take the example of a 16-QAM constellation seen
in Fig. 2.2:

| | | |

0000 | 0100 | 1000 | 1100 |

A A A A

Figure 2.2: The 16-QAM constellation that is going to be used for the 4x4 decoder design
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The s values in equation (2.1) are taken from this constellation. Message bits are
taken 4 at a time and mapped to a symbol s from the above constellation using the mapping
described in the Fig. 3.13. For example, 0111 would map to the symbol —1—3i. A quantizer
function Quant performs the reversal of this process. The § estimates are mapped onto the
closest point the constellation space seen in Fig. 3.13.

The type of equalization matrix used enables classification into 2 popular imple-
mentations of this type of detection scheme: Zero Forcing and MMSE. Conceptually, these
methods constitute channel inversion and vector multiplication of complex values.

The Zero-Forcing equalizer uses the pseudo-inverse of H which is given by
G = (H'H)'H (2.2)

The core implementation issue here is finding the inverse of the channel matrix. The
algorithm has its major folly in not considering the noise in the system for its detection

process. The resulting detection estimate is of the form
szr = (HIH)'Hy =s+w (2.3)

which basically corresponds to the data vector s corrupted by the transformed noise w.

The minimum mean-squared error (MMSE) equalizer is given by
G = (H"H + Ny1) '8 (2.4)

which minimizes the mean-squared error E{||szr — st}. The major constraint in the
design of such a system is the need for an accurate estimate of noise in the system to
determine the value of Ny. If Ny = 0, then the MMSE algorithm becomes equivalent to the
zero-forcing algorithm.

These algorithms have been found to be quite unusable for systems with low BER
targets [6] [9] [30]. Moreover, stringent numerical requirements for matrix inversion algo-
rithms, lead to hardware solutions with high circuit complexity, size and deeper critical

paths [12].
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2.2.2 Nulling and Canceling/ VBLAST /OSIC

These iterative non-linear algorithms provide a middle path between linear equal-
ization methods and the brute-force Maximum likelihood approach thereby providing a
better BER performance at fair complexity. Nulling and Canceling uses a serial decision
feedback approach i.e. an iterative methodology, to detect each layer separately. When a
layer (a particular symbol in the vector of symbols transmitted) is detected, an estimate
of the corresponding layer’s contribution to the received vector is subtracted from the re-
ceived signal and the result is then used to detect the next layer. Thus, once a layer has
been detected it is considered as interference for the other layers and is hence canceled out.
This is where this algorithm differs from the Zero-forcing approach where only nulling was
performed. The nulling and cancellation of symbols continues iteratively until all the layers
are detected. To detect a given layer the layers that have not been detected are nulled out
or equalized. The choice of the equalization leads to ZF-VBLAST and MMSE-VBLAST as
the most popular choices for the nulling-and-canceling approach [25] [26]. It was also found
that the order of nulling and canceling affects the performance of the algorithm greatly.

Let us consider the case of ZF-VBLAST in greater detail to analyze the numerical
complexity issues. MMSE-VBLAST differs from ZF-VBLAST in the nulling step. For the
case shown below, H is a channel matrix of dimension ng X np with ng > np as stated
earlier.

In Algorithm 1, H% denotes the matrix obtained by zeroing columns ki , ks ... k;
of H and * denotes the Moore-Penrose pseudoinverse. Also, (G;); implies the choice of the
4t row of matrix G; and y; denotes the i*" element of the vector y

The algorithm involves the recursive computation of the pseudo-inverse (also called
the Moore-Penrose Matrix inverse) to perform the computation of the nulling vectors. The
total number of iterations equals the number of transmit antennas present. The difference
between MMSE-VBLAST and ZF-VBLAST lies in the computation of the nulling vector
as discussed in the previous subsection.

Impressive spectral efficiencies have been seen during prototyping in the order of
20 - 40 b/s/Hz when using 8x12 configurations and SNRs of the order of 34 dB. These
configurations are, however, highly impractical in real world situations. The performance

of these systems are still sub-optimal given that they do not exploit the available diversity
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Algorithm 1: Successive Interference Cancellation

Initialize

- i=1;

- G1 = H' where H is the channel matrix. and H* represents the
pseudo-inverse of the matrix

- Find the row in G; = HT with the minimum norm i.e.

k1 = argmin;||(G1);|[?

while 1 < NUMANT do

{until the time where all the antennas is dealt with}

- wg, = (G;)g,, i.e. the ki, row of the G matrix is taken as nulling vector
- 8, = wzyi i.e. the decision vector is created by simple matrix
multiplication

- S, = Quant(8g, ); obtain the estimated symbol by quantization

- Yi+1 = Yi — Sk; (H)g, ; remove the effects of the decoded symbol from
the received vector

- Replace the k;;, column of H with 0 i.e. cancellation is done, and
determine pseudo-inverse, G;+1 = H%

- Among the non-zero rows of G;11 = chi find the row with the
.. . . ‘ 2
minimum norm i.e. kjy; = argmlnj(z{klmki}||(Gi+1)j|]

i =13+1
end

in the system effectively. Moreover, they also suffer from error propagation due to the fact
that an error made in the determination of one symbol affects the other symbols as well.
The matrix inversion requirement still remains a problem. But it is found that, for lower
SNR values, the ZF-VBLAST and MMSE-VBLAST show performance comparable to the
optimal case but this is lost as the SNR values go higher [9]. Additionally, other researchers
have suggested that under certain environmental conditions, the VBLAST and zero-forcing
algorithms are susceptible to numerical error [27]. Also, given that these algorithms tend
to be relatively independent of the constellation size, they are of interest to higher order

modulation systems [30].

2.2.3 Maximum Likelihood Detection

Maximum Likelihood detection is an approach that searches the space of possible
solutions to find x = arg minyex J = |[Hx — y||?. If the constellation has 27 constellation

points then each symbol encodes B bits. Thus if there are ny transmit antennas, each



19

transmit vector would be of length B x mp bits. Hence, worst case, we need to cycle
through all the 25%"7 bit combinations (called candidates) of the transmitted symbol vector

to constitute the space X. The governing equations for this algorithm follow:

1. Creation of the cost function Mean Square Error (MSE) (call it J) for a given candidate
vector that is being considered (say x). MSE is given by

3= [Hx—y|? (2.5)
3= [IH), - yl’] (2.6)
=1

2. If the system calls for it, the creation of the LLR (Log Likelihood Ratio) vector. This
calls for the recognition of the minimal MSE value for each position in the candidate

transmit vector for it being 1 and 0. Mathematically this equates to:
LLR(i) = min Jy,(z)—0 — min Jy,y=1 1= 1to (np * B) Vo € X (2.7)

where X is the set of all the transmit vector candidates; b; is the i** in the symbol

vector.

The most important advantage of this method lies in the absence of matrix inver-
sion. All the computations are multiplicative and additive. Therefore, provided sufficient
bits are provided, a minimum cost solution will be found which as that vector x which gives
the minimum cost when equation (2.5) is evaluated. The absence of inversion is crucial
for hardware implementations because of the absence of floating point implementations in
almost all cases and the presence of integer arithmetic for all practical applications due to
lower power and increased speed. Thus, a number of advantages come about due the type
of computations that need to be done in case of ML decoding [21]: a) the lack of hardware
costly operations like divisions, square roots or the use of CORDIC for matrix manipulations
b) the absence of recursions which allows of aggressive pipelining and other architectural
transformations. Additionally, there are a number of architectural optimizations feasible,

like [4]:
e Processing of more than one x (candidate) at a time using parallel implementations.

e Use of Hx to create —Hx and therefore reduce computations.
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e Use of approximate multiplication (shift and add based approach) for Hx since x is
from a known constellation and hence can be approximated and stored in memory as

a binary equivalent.
e simpler arithmetic leads to smaller dynamic range of the intermediate results [12].

On the flip side the issues with Maximum Likelihood algorithm implementations is
the exponentially increasing complexity with the number of antennas and the constellation
size. The exponentially increasing search space which necessitates massive pipelining and
parallelization when applied to configurations greater than 4x4 QPSK [29] [15] [12]. This
algorithm, though, is shown to be ideal for systems of low rates i.e. < 8 bpcu (bits per

channel used) [30].

2.2.4 Spherical (Lattice) Decoder

Spherical Decoding is an improvement over the brute-force maximum likelihood
approach where attempts are made to reduce the search space for the optimal result. For the
Sphere decoder the search space is reduced by means of early elimination of bad candidates
combined with an incremental method of MSE cost calculation. The search for a min-cost
solution starts at a certain point in space (called the center) and only considers those points
at a certain “distance” (or radius r2) from the center [30] [29)].

The transmitted symbol vector is a combination of individual complex symbols
from each antenna which derive the symbol values from a pre-decided constellation. It
might so happen that these values might change as is the case for Adaptive Modulation
and Coding (AMC) that is gaining popularity in the wireless world. But for the most part,
these values would remain constant for a considerable amount of time. For example for the
case we are considering s = [s1,51,52, .. Spp]?. The aim of the SD algorithm is to determine
the final cost i.e. MSE, as a contribution of the costs of each level i.e. 1 to ny. Thus ideally

the cost criterion in (2.5) should be represented in the form

J = T(sM); where (2.8)

. . N |2
T,(sV) = Ti+1(s(’+1))+‘ei(s(’))’ i=np—1 (2.9)
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In the above the T; ;1 (s"*)) term accounts for the cumulative Partial Euclidean
Distance (PED) at level (symbol) i from levels (symbols) i + 1 and above in the symbol
vector s , e;(s(?) is the distance increment (or the contribution to the cost) as we move
from level i+ 1 to level 4. Also, s = [s%, ... s s"7]T is one sequence of symbols till level
i. Thus a full symbol vector would be s!) which would be a candidate for the final solution.
It should also be noted that each symbol in the vector s() has 28 possible values which
in this example is 16 (since we use 16-QAM). In the case of the SD algorithm this type of
incremental cost computation is brought about by the use of QR decomposition of the H
matrix to give H = QR. Here the np x ny matrix Q has orthonormal columns (i.e.,QHQ

= I, ), and the R is ny x ny upper triangular matrix. As a result of the orthonormal

nature of the Q matrix, the min cost criterion modifies to become [30] (2.10) (2.11)

For J = |§ — Rs|*;where § = Qfy we get (2.10)
nr
‘ei(s(z))’ = |:l)z — Z [Riij] —Riisi\;i =nr — 1 (2.11)
J=i+1

| —
path till that node
J = Ty(sM); (2.12)

In the above, all the multiplications and additions are in the complex domain. The result
of such a cost calculation structure is the modification of the cost computation into a tree-
search type flow as seen in Fig. 2.3. The level of the tree is determined by the number
of the symbol/antenna (1 symbol per antenna) being detected at a given time. The tree
search structure is because of the combination of 1) the calculation of the total cost for
the entire symbol vector one symbol at a time and 2) the presence of multiple options,
i.e. 28 possible next nodes in the tree, for further move down the cost computation flow.
The formulation of the problem as a tree search does not reduce the search space given
that we are, at present, still going to visit all the possible nodes in the search space. An
important aspect of this computation is that the cost increment in (2.11) is always going
to be positive, which implies that costs only increase as we move down the depth of the
tree. Therefore, for a given path being traversed in the tree, if a certain limiting criterion

is breached by the cost at that node, all the lower nodes along that path would also breach
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the cost. This is a very important feature that must be exploited for systems that search for
minimum cost. This feature prunes the tree search at unfavorable using a criterion called

the the sphere constraint or the radius.

Ti(s") < radius® (2.13)

16 candidates for si m . .
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Figure 2.3: Status of nodes in tree at intermediate stage of search for a 4x4 16-QAM system

The topmost node of the tree corresponds to the center of the search. At level 1, the
first symbol is considered using (2.13) with i = ny. A node is kept for further consideration
if the constraint is met and no longer considered (and hence all its children too) when the
constraint is no longer met. The removal of nodes from further consideration reduces the
search space. Thus, if say we reject 10 of the 16 nodes by proper radius constraints at the
topmost level (i.e. 3 ) of the tree search in case of 16-QAM, we reduce the search space
to 10 x 163 = 40960 out of 65K nodes from being considered. This enables the handling
of constellations and antenna numbers previously thought to be prohibitive while allowing
for either optimal or sub-optimal performance choices by virtue of the manipulation of the
radius and the number of survivors. It is the traversal of this tree and the evaluation of the
survivors that we focus on in this work.

The pseudo-algorithm for detection is presented as Algorithm 2 ( for ny levels and

4 bits per symbol). Please note that the term s; is the §" element of vector s0+1) which
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corresponds to the vector of symbols leading up to the current node of interest in the tree.

Algorithm 2: Spherical Decoding Algorithm

Initialize

-1 = nr;

- radius = INITRADIUS

- memory_addr = 0

- next_node = RESETVALUES

- current_node = RESETVALUES

- QR = H: QR decomposition of channel matrix H of size ng X nr

-y =Q%

- Thppi(srt)) =0

while Nodes still present in search space do

{until the time where all the antennas are dealt with}

- Determine 28 — 1 cost increments at this level i

- lei(s)], = [9: = 320751 [Rijsj] — (Ruisi)k| Yk € [0,28 — 1]

- Ty(s®)g, = Tipr (s0D) + [es(s)|7 Wk € [0,28 — 1]

- Determine, S[k], all survivors (NumSurvivors € [0,2%]) based on
Sphere Criterion i.e. T;(s)); < radius® Yk € [0,28 —1]

if NumSurvivors > 1 and i # 1 then

-Vk : 1 — (NumSurvivors — 1): Store MEMORY [memory_addr| =
[i, T;(s)y, and [(s;)g, sTV]] for all other survivors

- Final memory_addr = memory_addr + NumSurvivors - 1
end

if all nodes not finished then

if NumSurvivors > 1 and i # 1 then

- levelpegt = 1 — 1, cOStpegt = E(S(i))o, symuectpeqt = [(si)o, S(H_l)]
- 1 = levelpet; j—‘i+1(8(i+1)) = costnent; s'i + 1) = symwvectpext
else

- [levelpext, COStnext, Symvectpeyt] = MEMORY [memory_addr]
-1 = levelpert; Ti+1(s(“’1)) = costnept; s'i + 1) = symvect et
- memory_addr = memory_addr — 1

end

end
end
- Send Final decision to post processor like LLR units

At the core of this search is the determination of the cost function at a given level
(16 nodes corresponding to 16 possibilities). The entire search over all the candidates at
an intermediate stage of the search is shown in Fig. 2.3. Additionally, the details of node

visits and processing is shown in Fig. 2.4
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Figure 2.4: Computation performed during the processing of a given node in the tree search

This algorithm and its implementation is considered an ideal solution to the MIMO
decoding problem. The implementation complexity is found to be significantly lower than
the optimal ML solution [30] [29] [31] [32] [33] [34]. This algorithm still remains one of non-
trivial VLSI complexity. Moreover, the SD algorithm in its sequential (Depth-first-search
DFS) form has a variable throughput. This causes issues in some real-time applications.
Attempts have been made to reduce the complexity of the SD algorithm by creation of
variants such as the K-best [37] [35] [36] and VLSI for increased utilization of parallelism
[33] [34]. The aim was to increase in the throughput of the system by use of parallelism
or pipelining. The K-best approach has greater pipelinability but has a reduced BER
performance especially in case of a soft-output requirement [32] and has lower average
throughput. Moreover, the possibilities for tradeoffs at run time are limited in the case
of K-best algorithms due to a hard-wiring of the design for a given K value. Moreover,
it is seen that the Sequential SD algorithm has greater average throughput. The effect of
parallelization has not been studied fully and thus no comment can be made on that front.
Lately, attempts have been made to offset the variable throughput of the Sequential SD
algorithm by virtue of using [31]
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e Iteration Limit (Early Termination) based Sequential SD: Here the total number of

nodes that are visited are fixed per symbol vector to be decoded.

e Block-based iteration limit Sequential SD: Here, the iteration limit is applied on a
block of symbol vectors. The allocation of the iteration limit for a given symbol
vector is based on the time taken by the previous symbol vectors in the block to reach

a solution.

A study done by Burg et. al [30] showed that sequential SD outperformed K-best
in most scenarios, providing higher throughput for a given SNR at lower silicon complexity.
Of even greater importance is the ability to control the dynamic behavior of the algorithm
and hence work with a changing environmental conditions.

In summary the Sequential SD algorithm has shown favorable characteristics in
1. Having greater average throughput that other decoding implementations.
2. Offering greater possibilities for run-time tradeoffs and dynamic behavior.

3. Providing close-to optimal performance if needed while not scaling in complexity like

the ML algorithm.

4. Having simple operations in the cost computation which leads to a smaller dynamic
range of the intermediate signals in the MSE cost computation. This manifests itself

easier fixed-point or integer implementations and reduced bit widths of the datapath.

It is for these reasons that we shall be dealing exclusively with the depth-first
search variant of Sphere Decoding. Present works have considered optimizations to reduce
area and timing with a performance tradeoff [29-32,43]. Consideration for power reduction
and its inclusion in the tradeoffs have not been addressed.

A quick comparison of the popular methods for MIMO decoding is shown in Table.
2.2.

2.3 Power Aware Design

Many different and, in many cases, mutually destructive, forces exist in the de-

sign of present day systems. In particular the requirement for handling increased design



Table 2.2: Scalability and Complexity of MIMO Algorithms

26

Algorithm BER Complexity Complexity Energy/decoded | Throughput Application
Performance Scaling with Scaling with symbol vector | (4x4 16-QAM) Domain
Antenna Constellation
Linear Sub-optimal O(ng x ng) comp. Independent Low Fixed Not-used( Low
Equalization mults ~ 320 Mbps BER Perf. )
V-BLAST Sub-opt @ high | O(ny X ng) comp. Independent Low Fixed Large
(SIC) SNR; ~ opt. @ mults ~ 320 Mbps Constellations
low SNR with relaxed
BER perf. needs
Maximum Optimal; Works Exponential; High Fixed < 4 Ant
Likelihood well with O(2"T) comp. 0(25) comp ~ 100 Mbps < 16-QAM
Soft-outputs mult mult. (max)
Sphere Optimal or Exponential; Low- 50 - >500 > 4 Ant
Decoder Sub-optimal O(ng?) comp. 0(28) comp Mid (tradeoff | (tradeoff with > 16-QAM
(user-controlled) | mult per Symbol | adds per Symbol | with BER Perf. (BER Perf.
vector solution vector solution feasible) feasible)

complexity while attempting to keep the number of man hours the same, makes design
particular difficult. It is this requirement for an increased productivity of a designer that
lead to the move from full-custom solutions to semi-custom ASIC solutions. The improved
productivity brings with it the need to tradeoff one or more points of optimality. Central
among these would be Area (A), Delay (D) and Power (P) optimality of the implementation.
The aim moved from having the best possible design to the best possible design “under con-
siderations of time”. Initial focus on area optimality for ASIC implementations have made
way in recent times to a focus on power optimality. This largely has to do with the move
down technology node which brings with it added pressures of needing current limitations,
centrally, IR drop and heat effects. These effects have caused fundamental shifts in the
way design is done. Power awareness has modified the way we look at circuit modeling, the
stage of Electronic Design Automation (EDA) methodologies at which power is considered
and architectural abstraction of power. Power aware designs are made much higher in the
design flows and with the advent of means of encoding power intent using Universal Power
Formats (UPF). Additionally, the advent of Systems-on-a-Chip (SoCs) have brought with
the need for integration of blocks of disparate points of minimal power optimality. This is
further worsened by the emergence of leakage as a serious implementation constraint.

The considerations of power for systems that are portable is different from non-
battery operated systems. On one side, there are increasingly complex applications that
portable SoCs need to support in the hope of wireless ubiquity. Additionally, wireless sys-

tems tend to have increasingly complex algorithms which need to be implemented in a
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finite amount of time. In such systems, a purely high-speed view leads to an unnecessarily
high power consumption. The final aim is always going to be the increase in the energy-
efficiency so as to support a certain throughput while consuming a minimal energy. A fall
in throughput would lead to an unacceptable fall in quality of service. This has very inter-
esting ramifications for building wireless systems. Considerations need to be given to power
optimality when making algorithmic, architectural and circuit decisions while considering

throughput as well [54]. Though Application Specific Integrated Systems (ASICs) have

_ OE/oA
" oDjoA|,

Delayb

Figure 2.5: The multi-parameter optimization approach to circuit design [57]

the downfall of being sub-optimal in a Power-Area-Delay sense, improvements in EAD and
fabrication have enabled a steady bridging of the performance gap. This holds particularly
strongly for power [40]. Presence of multiple supply voltage and threshold voltage standard
cells theoretically provide a large space for converge to the lowest power implementation.
The problem lies in the usage of these cells effectively. Presently, inclusion of level con-
verters in the EDA flow and the active usage of body bias allows designers to take greater
advantage of the options available. The single greatest contributor to the increase in energy
efficiency in the SoC view is the exploitation of clock gating to shut down sections of the
chip that need not be active. One of the most important consequences of the emergence
of leakage as a constraint is the move towards pipelining as the architecture of choice [40].
A properly designed pipeline enables the completion of a workload with the consumption

of predominantly dynamic power. Multiple axes of tradeoffs like these bring about the
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question of how the best solution can be determined.

What does optimality mean with power constraints? How does it change for signal
processing system considerations [56] [55]7 It is no longer feasible to just look at just a
multiplicative minimum of constraints. Optimization is a multi-dimensional problem. Use
of sensitivity analysis comes to the fore at this point. For example, the use of Lagrangian
methods for finding global minimum as seen in Fig. 2.5. The minima in terms of Energy
(E) and Delay (D) needs to be determined as a function of the many variables x; (supply
voltage, threshold voltage, logic family, architectural choices like pipeline depth, parallelism
and pipelined numbers) and is achieved at the point where the sensitivity for each variable
is the same i.e. the marginal cost in energy for the change in delay should be the same for
all the variables. The problem of finding the optimum values of x; takes the form shown
in equation 2.14 where Dg corresponds to the delay constraint and S is the Lagrangian
multiplier.

F(x;,8) = E(x;) + S(D(x:) — Do) (2.14)

The aim of the work here is to determine the minimum energy architectures for MIMO

decoding using the above principles.
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Chapter 3

Time multiplexed Sphere decoder

3.1 Introduction

To effectively design an energy efficient solution for Spherical Decoding, we need
to first understand the options available for its implementation. In this chapter, we begin by
going into the details of Sphere Decoder and its benefits over the previous implementations
of MIMO decoders. We draw architectural conclusions from the above details and converge
to the architecture of choice for an initial base implementation. We provide details of a
base architecture that works in a 4x4 antenna configuration and 16-QAM constellation.
The specialty of the architecture lies in the exploitation of system level parallelism and the
pipelinability of computational resource in a time-multiplexed manner. This architecture is
used to provide scalability in a power sense and simplifications that allow for relaxation of
hardware constraints by allowing for critical operations to be performed sequentially. We
then go through a combined Synopsys™, Mentor™and Cadence™tool flow for conversion
of Verilog Register Transfer Level (RTL) system specification to an error free layout. The
move to layout is performed with the aim of studying the loss of performance as we move
to layout and to identify new constraints in design, if any, that need to be considered. We

show that an architecture of this nature provides an ideal energy efficiency solution.
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3.2 Sphere Decoder Fundamentals

3.2.1 Alternative Approaches to solution search

This algorithm and its implementation is considered an ideal solution to the MIMO
decoding problem. This is based on the observation that the implementation complexity is
found to be significantly lower than the optimal ML solution. An additional advantage of the
SD algorithm in comparison with other spatial multiplexing algorithms is that, if needed,
diversity gain can also be achieved in place of multiplexing gain (increase in data-rates)
by pre-processing of the incoming data stream [8]. On the flip-side VLSI implementation
still remains non-trivial. Moreover, the SD algorithm in its sequential (Depth-first-search
DFS) form has a variable throughput causing concerns in its real-time applicability and
increased complexity in interfacing to a design of this nature. As a result, attempts have
been made to reduce the complexity of the SD algorithm by creation of variants such as
the K-best, where a breadth first search is employed with survival of K best nodes at each
level, [37] [35] [36]. The core architectural difference is captured in Fig. 3.1. Also, VLSI
for increased utilization of parallelism [33] [34] have also been proposed. The essential
focus of these works is the aim of achieving greater throughput using pipelining or the
use of parallelism. The K-best approach has greater pipelinability but has a reduced BER
performance especially in case of a soft-output requirement at smaller K values [32,52] and
has lower average throughput. Also, it is seen that the Sequential SD algorithm has greater
average throughput. Additionally, the DFS algorithm allows for achieving optimal hard-
output searches while K-best does not. Moreover, the possibilities for run-time tradeoffs
(throughput /power/performance) at run time are limited in the case of K-best algorithms
given due to a hard-wiring of the design for a given K value. [30] studied the fact that in
most cases sequential SD outperformed K-best, providing higher throughput for a given
SNR at lower silicon complexity. The effect of parallelization has not been studied fully and
thus no comment can be made on that front. In addition, the K-best solutions proposed fail
to scale well with the number of antenna given that the antenna scaling and constellation
scaling decisions tend to have non-linear effects on the area (and hence power) and delay
of the system [53]. To add to this, the K-best implementations lack a controllable search
space which makes this a very inflexible and non-reconfigurable implementation. Lately,

attempts have been made to offset the variable throughput of the Sequential SD algorithm
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by virtue of using [31]

e Iteration Limit (Early Termination) based Sequential SD: Here the total number of

nodes that are visited are fixed per symbol vector to be decoded.

e Block-based iteration limit Sequential SD: Here, the iteration limit is applied on a
block of symbol vectors. The allocation of the iteration limit for a given symbol
vector is based on the time taken by the previous symbol vectors in the block to reach

a solution.

These techniques provide us further methods of enabling run-time tradeoffs in algorithm. It
is for these reasons that we shall be dealing exclusively with the depth-first search variant

of Sphere Decoding.
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a) Depth First Search (DFS) b) Breadth First Search (BFS) or K best

Figure 3.1: Fundamental architectural difference between DFS and K-best algorithm

Present works in the design of Spherical Decoders do not consider reduction of
power consumption [29-32]. This is of primary importance given that the intended appli-
cation of these systems is in portable devices and the shrinking device sizes have caused
increased chip failure due to higher power-densities.. Another important aspect of design-
ing with a power perspective is the means of determining optimality. Present works have
dealt primarily with designs oriented towards high throughputs or area minimization. This
optimality is to be measured in terms of energy-efficiency (bits/sec/mW) for performing
a computation while meeting required performance constraints (BER @ SNR). The aim
must be to either a) maximize the energy efficiency for a given throughput constraint or
b) maximize the computation for a given energy budget. An additional axes for tradeoffs

would be the need to search for optimality at the circuit level. An architecture that allows
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for optimality to be achieved by virtue of a circuit corner would be a natural corollary to
optimality at the algorithmic level. As seen in [40] pipelining provides a means of catering
to multiple requirements (speed versus power) and a method for easy shift in design require-
ments. It has been stated that the sequential spherical decoding algorithm that is being
used in this work is inherently non-pipelinable by virtue of its iterative data-dependent
nature. In contradiction to this belief, we would like to provide a solution that enables use
of active pipelining. Communication techniques such as Adaptive Modulation and Coding
call for a reconfigurable and scalable solution. This approach also leads to a lowering of the
design costs. This is of central importance to increase the design productivity as identified
by the ITRS [42]. There is therefore a need for a solution that scales well with the number
of antennas and also provides support for different constellations while not compromising

on power, area and performance.

3.3 Architectural Perspective

In this section we aim to determine the architectural implications of the algorithm
characteristics and draw some interesting inferences. Moreover, we propose a modified time-
multiplexed architecture based implementation that allows for improved energy efficiency
and trade-off analysis.

It is seen from the previous section that the tree-search results in a variable number
of survivors per cost evaluation as per (2.13). The need for the storage of the nodes to
enable later servicing therefore leads to an essential dichotomy in architecture as seen in Fig.

3.2 into a Survivor Memory and a Processing Resource(PR) for cost computation.

3.3.1 Multi-Context Processing of SD Algorithm

A fundamental issue in the present design of spherical decoders is the use of multi-
ported memories to write the survivors of the sphere criterion to memory for later processing
[29]. Moreover, the number of ports is chosen to cater to the average case and hence the
design is over or under-utilized. The energy per access varies linearly with the number of
ports [38] [39] while the area varies quadratically. Moreover, multi-ported structures are
unsuitable for low V;;, applications. Some interesting observations about the algorithm that

could be exploited are:
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Figure 3.2: Dichotomy of Architecture for Spherical Decoding

a) Repetitive Operation: Each cost evaluation varies only in complexity on the basis
of the level ¢ being serviced and hence the number of multiplications to be performed.
Two different phases of the cost computation exist in i)Shared Cost computation:
Ui — Z?:l 4+1[Rijs;5] , shared by all the children of a parent node, and ii)Per Child Cost
computation: = R;;s; which is child specific.

b) Inherent Parallelism: A multitude of paths exist that could be serviced in parallel.

This parallelism can also be taken to the symbol vector level y where multiple symbols

vectors can be serviced in parallel.

The SD algorithm is inherently non-pipelinable because a) the next node to be
serviced depends upon the result of the sphere criterion i.e. a control dependence exists
and b) the final cost is the sum of the contributions from individual levels and hence there is
a limit on the possible pipelining. But it is to be noted that the cost computation resources
are control-free and hence deeply pipelinable within the context of the cost calculation of
a single node. This feature is exploited in our architecture by combining a deeper pipeline
with the servicing of multiple independent contexts. Among the choices of parallelism
present, it would be judicious to attempt to exploit the symbol vector( ¢ ) level parallelism.
This is because true independence exists at the symbol vector level since a given symbol
vector can be retired and a new one fetched once it has been serviced. Note that this would
not be possible while attempting to service multiple paths for a single symbol vector. In
this work we aim to exploit this inherent parallelism of the algorithm in a multi-threaded

paradigm to enable deeper pipelining without stalling.
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To effectively exploit the above parallelism and the pipelinability of the cost com-
putation, we modify the base architecture of Fig. 3.2 to handle multiple symbol vectors.
This is done by the provision of independent symbol vector (contexts) memories that are
used to store the survivors for each context. This draws from the concept of Multi-threading
that allows for continued work in a pipelined scenario in case of stalls on one thread by
virtue of the presence of other independent threads that can take over the utilization of the
pipelined resource. This leads to a time multiplexed manner of resource usage.

Though this method leads to the overhead of management of the memories, we
argue that this apparent increased complexity is compensated for by simpler memory ac-
cesses, achieved by serialization of the memory writes. This serialization is possible because
a given memory has a controllable number of clock cycles before it is accessed again. More-
over, we also argue that the increase in the number of memories also allows for algorithmic
modifications that would achieve greater decoding throughput thus resulting in an overall
improvement in energy efficiency. Thus, the dichotomy of Fig. 3.2 takes the form shown
in Fig. 3.3. As is apparent, the cost computation resource is pipelined into “P” (here 7)
stages and “M” memories (0 through M — 1). This figure shows the status of the system at
an arbitrary instance of time where the numbers indicate the context (one of the M) being
serviced presently. At every clock cycle, a certain number of nodes out of 29 possible costs
survived the sphere criterion and make it out of the pipelined resource. These need to be
stored in the appropriate memory and serviced later. The surviving nodes are indicated
by green at the output of the cost computation resource and the progress of the writes to
memory is shown as a stack of green. As can be seen, at the instant that the survivors cor-
responding to context 2 come into the memory interface to be written to memory, progress
in writing to memory for context 1 is greater than that of context 0 which in turn is greater
than context M — 1 and so on.

Of particular importance when considering this architecture and its implications
is the observation of the nature of data flow. This becomes crucial when determining the
choices that would need to be made such as the stages that need to be pipelined. This is
best described (for one symbol decoding process) by Fig. 3.4. It is seen that the datapath
becomes wider after the Node Cost Unit given that all the children given node in the tree
shall be evaluated at this point. After the cost is computed the entire set of “survivor”

nodes is passed through to the memory for a) determining the next child node that will be
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Figure 3.3: Architectural Dichotomoy for the Multi-Context Paradigm

processed and b) storing the rest of the survivors in the Context Memory. It is obvious that

the number of survivors (PtA in the figure) plays a crucial role in determining the amount

of time needed to decode the symbol vector given that it determines the number of future

nodes that need to be processed by the sphere engine and the number of nodes to be written

to memory. Moreover, it must also be noted that this count is directly influenced by the

present minimum cost as this is the radius which the sphere constraint is subjected to (PtB

in the figure). Thus, it is important to aim to achieve the minimum cost for a given symbol

vector in the quickest manner without significantly affecting the power consumption of the

system.
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Figure 3.4: Architecture Control Points and Data Flow trends

3.4 Base Architecture: Details

The base time-multiplexed architecture provides the necessary blocks seen in Fig.
3.3 for the a) creation of the costs corresponding to the children of a parent node in the tree
search b) the storage of the survivors in memory corresponding to each of the independent
contexts and c) the selection of a new node to be processed in the tree from the “M”

available choices.

3.4.1 Pipelined Resource

The pipelined cost computation resource utilizes the incoming node information
from memory to compute the PEDs of all the children of the given node. The incoming node
information from memory would be constituted by the quartet of level, PE Din, threadl D
and symbolindex. Here, level corresponds to the level, ¢ in (2.9) in the tree search that
the node corresponds to, the incoming cost Ty (st1)) in ( 2.9), threadID refers to the
independent symbol vector context from which the node is taken and index corresponds to
the symbol index in the constellation of the incoming node i.e. s*t! in s0+D) = [snT=1

s"H1] corresponding to ( 2.9).
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Figure 3.5: Details of Symbol Read Unit

Symbol Read Unit

The proposed architecture makes an optimization by noting that significant por-
tions of the path in the tree, as we move from one node to another is shared in DFS. This
is shown in Fig. 3.6 for the case where we have two searches at level = 1. We see that
Pathl is followed by Path2 after there are no more nodes down Pathl at level = 1 that need
servicing. It is seen that Pathl and Path2 share the P1 and P2 semi-paths. The same holds
for when we move down any path down to the leaf nodes in a DF'S manner. To exploit this
characteristic, the storage of the entire symbol vector is avoided in memory and we work
with symbol indices instead and work with just the last symbol index. The result is the
reduction in memory requirements by reducing the memory word width (for each context
memory) from DataWidth + LevelWidth + 2 % (nT — 1) x SymbolWidth (the 2 comes
from having to store both the real and imaginary symbols) to DataWidth + LevelWidth
+ @ where @ refers to the number of bits per symbol. Thus, for a 16 bit data width, 3 bit
level width and 6 bit symbol width we see each memory word reduce from (16434 (2*3*6))
= 55 bits to (164+3+4) = 23 bits. On the flip side, this optimization does necessitate the
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storage of 2 % SymbolWidth « M x (nT — 1) bits corresponding to the shared path as we go
from one path to the next. This optimization proves of greater value with an increase in
the number of antennas and for larger constellation sizes where the number of bits needed
would increase in keeping with an increased susceptibility to noise. It is to be noted that
the word size only changes with the constellation size by the modification of Q. This is used
to create a full symbol vector for cost computation using the input index. The details are

seen in Fig. 3.5.

Path1: P1 P2 P3 P4
Path2: P1 P2 P5 P6

P4
O O OO O

Figure 3.6: Path sharing argument for tree search
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At this point, we have a complete symbol vector corresponding to the path up to
and including the node under consideration. The aim at this point is to compute the cost
contribution corresponding to the second term in the RHS of (2.11) for a given node which
we will call Hist. This requires the correct row from the R matrix for computation. This is
done by providing the level to a scratch-pad memory which provides the real and imaginary
rows of the matrix to compute Hist. To prevent unnecessary switching, the valid signal is
used as seen in Fig. 3.7. This signal encodes the number of valid symbols in the vector of
symbols coming in from the Symbol Memory Unit. A vector of symbols at level 4 (nT") has
valid = 000, that at level 3 has wvalid = 001, that at level 2 valid = 011. What must be
noted is the use of multi-staged multipliers to minimize the total delay. The use of pipelined
multipliers leads to automated re-timing during synthesis for a balanced delay through the
multiplier. The returns on this method are diminishing by virtue of an increased number of
DFFs being inserted which lead to increased dynamic power and increased clock power. The
total number of multipliers is reduced by optimizing complex multiplication (a+ib) X (¢+id)
from (ac—bd) +i(ad+bc) to (a*(c+d) —d*(a+b))+i(ax(c+d)+c*x(b—a)) with no loss
in accuracy as seen in Fig. 3.8. Further optimizations might be feasible by the inclusion of

partial product multipliers followed by adder trees.
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Figure 3.9: Details of Node Cost Computation Unit

The next step is to compute the 29 (here 16) PED values corresponding to all the
children of the node under consideration at that point in the pipeline.This corresponds to
the computation of the distance increment as seen in (2.11) and the outgoing PED as seen
in (2.9). The History Cost resulting from the History Computation Unit is used with values
from a y_hat memory to compute Increment = ei(s(i)) = g; — History— R;;s; for all 16 chil-
dren of a given node. The y_hat memory stores M xnT y; values indexed by threadl D,level
which are precomputed and stored via preprocessing. The shared = {; — History cost is
first computed and registered to be shared by all 2¢ parallel Node Computation units that
compute the Partial Euclidean Distances (PED)(T;o — Tj15). The shared cost is then
utilized to perform (Increment), = shared — (Ry;s;), (complex) and PEDout = PEDin
+ norm(Incrementy). Also, the sphere criterion (2.13) is used to determine a 16 bit sur-
vivor_vect that positionally represents whether a particular child satisfies the criterion or
not. It is in the computation of the norm-based Increment that decisions need to be made.
An important consideration in the implementation of the cost increment computation is the
choice of I'-norm versus the /°-norm which as seen in [30] proves to be a valid alternative
by providing increased algorithmic performance (1.0 dB) while reducing area by a small

margin (16%) [30]. It is also important to note that both of these alternatives save an area
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of 600% or more when compared to [>-norm. We chose to use the I'-norm which gives us
and PEDout = PEDin + abs(Re(Incrementy)) + abs(Im(Incrementy)) for each child.
Power v/s Delay evaluation v/s algorithmic performance v/s nodes visited goes here. The

details of this block are shown in Fig. 3.9.
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Figure 3.10: Details of Contiguation Method

The aim of this module is to re-arrange the nodes coming out of the node-cost unit
to provide for a simpler parsing of survivors to be written to memory. This is done by the
contiguation of the resultant PEDs from the Node Computation Unit in blocks of 4 PED
values (referred to as block4s). Thus, if there were 16 outputs from the Node Computation
Unit, we would first contiguate PEDs within blocks 0-3, 4-7, 8-11 and 12-15. The process
of contiguation ensures that all the survivors are grouped at one end of the block (here
rightmost). Moreover, to ensure that we have minimal overheads in dealing with memory
writes, we ensure that the block4s are themselves contiguated. This is visually represented

in Fig. 3.10 where we show the case when we have survivors at indices 14, 6, 2 and 1.

Radius Manipulation Unit

This unit manipulates the radius for the different tree searches being performed.
The user can set the radius to a specific magnitude or infinity for ML operation. In addition,
dynamic modification using “Radius Reduction” technique [31] is also allowed. Under the
radius reduction technique, the initial radius is kept at infinity and hence all survivors are

allowed to pass through until one minimum PED candidate is found at level = 1. This then
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becomes the new radius until it is replaced by a new minimum, if at all.

3.4.2 Memory Subsystem

The role of the memory sub-system is to provide for the storage of the survivors of
the tree search at each level for consideration at a later stage. Moreover, a node is selected
at each clock cycle to be sent into the pipelined cost computation resource. To achieve this,
the memory interface is sub-divided into a) “M” instances of context memory and their
interfaces to read and write from the memory and b) Node Selection logic and its routing

to the output. The top level combination of modules is as seen in Fig. 3.12:

Next Node Selector

This module determines which of the SV memories gets preference to use the
pipeline in the next clock cycle based on the status of memory access unit. The choice
made is then sent as an aggregate of pipeline_info = nextlevel, nextPE Din, nextindex,
nextvalid in the next clock cycle, where nextlevel = next level in the tree to be processed,
nextP E Din = incoming cost to the pipeline for a given node, nextindex is the symbol index
of the node and nextvalid provides a pattern that represents the number of nodes that need
to be considered for cost computation as talked about in the History Cost Computation

description.

Next Node Read

Routes the right pipeline_in fo to the Next Node Selector to be sent out.

Memory Access Block

This block described in Fig. 3.11. It is seen that the incoming set of PEDs,
assuming unsorted but contiguated, need to be written to memory for later consideration.
The mapping of the incoming set of PEDs to a given memory is done by virtue of the
threadl D which tells a given memory whether the set of values belongs to it or not. If
there is a match, the Memory Access block corresponding to the threadl D memory will
latch in the 29 PEDs and the associated symbol indices. It must be stated again, that we

are not going to be dealing with full symbol vectors for storage. Instead, we will work with
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the indices and re-create the full symbol vector in the Symbol Memory Unit. The incoming
nodes are then stored one at a time to the a memory which is organized as Nodelnfo =
PED + Level + SymbolIndex. This allows for a much simper memory interface and also
provides for profiling of the PED stream if needed. If the incoming stream is at the lowest
level in the tree, then the minimum PED search kicks in and searches through the PED
stream serially to determine the lowest cost. This lowest cost becomes the new radius for
the given context. It must be noted, that if there are K survivors, then K — 1 Nodelnfos
would be written to memory and one be kept aside as the preferred node to be sent into
the pipeline. The select unit sends a request to one of the Memory Access Blocks and sends
in the relevant node information into the pipeline every cycle that there is no stall. A stall
would be created if there are nodes left to be written to memory while a new node comes

into the Memory Access block with more than one survivor.
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Figure 3.11: Memory organization and details of memory access block
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A few immediate points of note that need to be brought out in this architecture

in comparison with other works are:

e Deep critical path and no resource sharing in present architectures.
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Figure 3.12: Memory organization and details of memory access block

e Multiported memories in present architectures by virtue of the lack of pipelining.
This is needed to make sure writing of survivors to memory does not become the
bottleneck in the system. The use of multi-ported memories brings with the problem
of power hungry memories and interfaces which are tough to design. Also, multi-
ported memories do not scale with technology. The use of Single Port Read and

Single Port Write and serialized writes are worth exploring to.

3.5 Time-multiplexed SD: Base Architecture results

The fully optimal base architecture using radius reduction described above was
implemented in an 8 metal 90nm 1.2V CMOS process. The implementation from Verilog to
GDSII was implemented using a combination of Synopsys design compiler for synthesis and
Cadence Encounter for Place and Route and Cadence DFII for physical verification using
Mentor Graphics’ Calibre. To provide for verification of the sphere decoder, the Sphere
Decoder system was designed with a loadable test vector memory that will be used to feed
the sphere decoder architecture and the interface to this memory. The methodology used
for building this architecture and its evaluation is detailed in Chapter 7. Also, for this
implementation, the constellation of choice is 16-QAM which is of the from shown in Fig
3.13

The evaluation of the architecture is done at both the physical design and algo-
rithmic levels. In this section we also make observations with regards to the advantages

and limitations of time multiplexing.
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Figure 3.13: The 16-QAM constellation that is going to be used for the 4x4 decoder design

3.5.1 Algorithm Verification

To verify the correctness of the proposed architecture and the testing structures,
we perform evaluations over 20 iterations of 10000 message bits each at variable SNR per
receiver antenna and 4 x 4 configuration with a 16-QAM constellation. The channel is
modeled as i.i.d. complex Gaussian with zero mean and unit variance. The noise is modeled
as zero mean circularly symmetric white Gaussian noise. The variation of Bit-Error-Rate
(BER) with SNR and the reduction in the decoding cycle time for the Radius Reduction
is seen in Fig. 3.14. Note the reduction in completion time by orders of magnitude. The
architecture provides for easy movement between the different algorithmic flavors by virtue
of radius control. It is seen that the unconstrained Radius Reduction Technique (RReduce)
exactly matches the Maximum Likelihood (ML) decoder performance.

It is important to note that the architecture can be evaluated at the architectural
level independent of the algorithm being used. This is because the mathematical fabric for

cost computation remains unchanged.

The summary of the design results for base Sphere Decoder is shown in 3.1.
The contribution of the memory sub-system to the Sphere Decoder results is seen
in Table 3.2. At first glance, it is seen that the memory sub-system dominates the power

performance of the decoder architecture. But, in this case, the results reported are worse
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Figure 3.14: BER anc Cycle Count versus SNR, for the RReduce versus Maximum Likelihood
decoding for Hard Outputs

Table 3.1: Chip Results for Sphere Decoder

Modulation 16-QAM
Decoding Depth First SD
Performance (optimal)
Technology 0.09pm
Frequency 128/230 MHz (retimed)
Gate Count 123K + preproc

(using 3.5 pm? 90nm NAND?2)

Throughput (Mbps)

Optimal: 14

BER @ 20 dB

Optimal:10~3

Power

57.63 mW (1.2V)

than what we would generally expect by virtue of the use of DFF’s for their creation.

Another point of note is that the clock tree accounts for 4.97 mW of the 15.47 mW of the

datapath power by virtue of the addition of the pipeline stages while accounting for 35.7

mW of the 41.1mW of the memory power. This results in the clock consuming of the order

of 85% of the total power consumption from the memory. We will be dealing with the

revision of these numbers by the use of commercial memory generators in the next section.

An additional cause for increased power consumption is the use of severe constraints for

clock tree synthesis. We have design the datapath for a clock un-certainty of 500 ps but

have use a clock skew limit of 120ps for the clock tree synthesis to provide a 380 ps slack

for signal integrity issues arrising from cross talk.
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Table 3.2: Distribution of Area (10K pum?) and Power (mW) of the memory + datapath

Datapath | Mem Unit | Sphere

Area (10K pm?) 13.079 40.35 53.43
Power Dynamic (mW) 15.470 41.1 56.82
Power Leakage (mW) 0.193 0.671 0.864

3.5.2 Use of Commercial Memories

The study upto this point used the standard cells which utilize scalable CMOS

rules for building memory. We have since re-created the results using a commercial memory
generator to create a 2 port register file / SRAM of relevant size for each of the context
memories. Based on simulation results, the memory power consumption modifies from 41.8
mW to 17 mW bringing the power consumption of the decoder down to 32 mW and the

2

area down from 530K pum? to 430K pum?. Therefore the revised table for area and power

distribution between datapath and memory is shown in Table 3.3.

Table 3.3: Revised Distribution of Area (10K ym?) and Power @ 6ns (mW) of the memory
+ datapath

Datapath | Mem Unit | Sphere

Area (10K pm?) 13.079 30.58 43.659
Power Dynamic (mW) 15.470 17 32.47
Power Leakage (mW) 0.193 0.476 0.669

3.6 Conclusion

It is seen, in 3.1 that the move to an increased number of stages in the pipelined
cost computation unit allows for a lowering of the power consumption. But we also see
that the implementation suffers from a low throughput especially for the optimal decoding
case. An optimal decoder is assured to reach the minimum cost criterion feasible for the
numeric scheme used for cost computation. It is feasible to increase the throughput by
forcibly constraining the search space by the use of a fixed radius but this drastically
reduces performance especially at higher SNR values. This is seen in Fig 3.15.

To this end, there is a need to determine methods that would allow for an increased

throughput. This manifests itself in the form of algorithmic/architectural modifications
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Figure 3.15: Symbol Error Rate versus SNR for different radius values

that minimize the number of nodes visited for a given symbol vector to be decoded. It is
this improvement that we strive to cater to and implement in the next chapter while also

quantifying the losses as we move down the SNR ranges.
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Chapter 4

Throughput Improvements for

Optimal Sphere Decoding

4.1 Introduction

As with all systems of this nature, multiple options exist for implementation at
algorithmic, architectural and circuit levels. In the presence of such options, the determi-
nation of the best solution becomes a function of the constraints to which we optimize. To
this end, we analyze the typical constraints that need to be kept in mind when designing
Optimal Sphere Decoders. Optimal Decoding performance is always desirable for assuring
quality of the wireless data transfer. A loss in performance tends to have a magnified effect
as we move down the typical path in wireless system. This is especially true for soft out-
puts for channel decoding. We use the 4x4 antenna and 16-QAM configuration to observe
and quantify the shift in optimality with architecture. Additionally, it is equally important
to determine a good methodology for the analysis of the tradeoffs. A good methodology
provides for a faster exploration of the algorithmic/architectural space. It is well known
that benefits of choices decrease as we go from algorithmic to circuit levels. We create
a SystemCTMbased evaluation methodology that aims to analyze the losses and benefits
of different architectural considerations. The measurements are used to support further
architectural improvements that allow us to achieve greater throughput while allowing for
optimal algorithmic performance. To improve the throughput for the optimal case, we pro-

pose a two layered approach for search space minimization. These improved architectures,
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what we call the Sorting and 2phase, attempt to start the search close to the final solution
and traverse the search space in order of minimum distance increment. Moreover, tradeoffs
in the power-throughput-performance space are also explained so as to achieve optimality

based on the usage environment.

4.2 Multi-antenna System Implementation Constraints

The design of wireless systems tend to have a unique set of constraints by virtue
of the additional requirement of portability. Design of portable systems differ in their needs
by virtue of a limited energy source i.e. the battery. This, at first glance, translates to
a power minimization problem. But the problem loses its simplicity when we look at the
entire process of design and usage of a typical decoder.

To begin with, we have constraints of throughput, which translates to the num-
ber of bits of information that needs to be processed by the decoder i.e. Mega bits per
second(Mbps). Given that we are dealing with modulated systems this also translates to a
certain Mega Symbols per sec where one symbol would encode @ bits using a constellation
of 2% constellation points. There has been a constant growth in the throughput support
needed by mobile systems. Present requirements for 4G systems come to the order of 1
Gbps [2] and beyond. An additional constraint in the throughput space lies in the lack of
constancy of the throughput requirement. A present day SoCs would have multiple phases
of operation. This might correspond to video streaming requirements at 100s Mbps to
browsing of the Internet to speech at or just plain texting. When active in one of these
modes, the necessary throughput from one of the blocks of the SoC, here the decoder, would
be different. A typical SoC would also have multiple other blocks working at their respective
rates. The overall optimality of the SoC would be best achieved by having each sub-block
running at a certain rate so as to a) avoid latency issues and b) consume minimum energy
for that workload. Therefore, it becomes important for the decoder to perform well at more
than one throughput with a higher limit imposed at the high 100s of Mbps.

Power is going to the be performance limiter in any system due to reliability
constraints. High currents bring with them the difficulty in delivery of due to IR drop.
Additionally, heat limits for high activity regions of the die and Electro-migration which

directly influence the Mean-Time-To-Failure. All of these issues get magnified as we move
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the technology nodes because of the additional issues of variability and shrinking noise
margins. All of these have resulted in the move from area minimizing design flows to power
minimizing flows in recent times. Power forms a good minimization objective for systems of
constant throughput. A constant amount of work, say bps or Instructions per sec, provides
a direct indication of the overall system progress. In most communications systems, design
tends to be looked at more in terms of energy. This is because there exists either a
fixed energy source or the total number of clock cycles does not suffice as a good measure
of progress. In such systems, the objective of interest would be a reduction in the total
amount of energy consumed for a given workload, say a frame of data to be processed.
This, therefore, directly works towards the minimization of the Energy per bit, denoted
usually by nJ/b, as a constraint. This measure captures the algorithmic optimality in the
energy sense as well. Algorithmic modifications result in reductions in the total number of
cycles taken for a successful processing of data. These modifications can also allow for a
smaller datapath if the right optimizations. In case of the Sphere decoders we are going to
aim to achieve the highest possible energy efficiency (b/s/mW) while supporting a lower
limit on the throughput i.e. bps limitation exists.

Though the area of the ASIC implementation of a core has taken a back-seat as a
limiting criterion, this constraint can not be written off. The area of the core tends to have
ramifications at multiple levels of the core and its usage. One the one hand, the area of
implementation is directly in correlation with the total number of active devices and hence
leakage of the design. As we move down the technology nodes present day SoCs have an
ever increasing component of leakage power in the total logic power consumption [65]. It
is clearly seen that the leakage power consumption of logic will consume about 50 % of
the total logic power around 2012. Another trend that must be noted is the increasing
number of Data Processing Engines (DPEs) or Accelerators as a significant portion of the
controlling functionality is going to be moved to software. Thus, architectures that enable
a smaller number of processing elements to be used for a given processing constraint would
greatly improve battery life. From the CAD perspective a reduced area core tends to allow
for simpler system integration. This is because processing elements such as the sphere
decoder tend to be distributed as layout IP which needs to be integrated on a die for a SoC
implementation. An additional aesthetic benefit of reduced area would be the ability to

achieve small from factors.
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The ever increasing costs and time for design and implementation of present day
SoCs have interesting ramifications for a typical designer. The creation of a new core within
a system brings with it the need for critical design cycles to be spent on RTL design, system
integration, physical implementation and functional and physical verification. These design
cycles contribute to the already critical design productivity gap. At one end, this can be
catered to at either the level of functional reconfigurability at the level of the silicon
implementation. This reconfigurability can then be used with software control to achieve
the requisite dynamism to, in most cases, changing protocols and standards. One the other
hand, a reusabe soft design IP goes a long way in helping with the problem of reducing
CAD cycles. This is done by the provision of characterization information with the IP
distribution which could be used by architectural analysis tools to converge on a solution of
choice. This solution can then be sent through the layout phases with minimum fuss. On
the other hand, pre-synthesized layout macros can also be stored for later integration along
with verification IP. In case of the Sphere Decoder this re-configurability comes in the form
of the need for the system to be able to cater to multiple a different number of antennas and
a changing constellation. The changing constellation could either be a modification in the
values of the constellation points in keeping with protocols that use Automated Modulation
and Control (AMC).

An important additional constraint that has become popular is that of adaptabil-
ity. Until recently, most systems designed to function at one supply voltage, one threshold
voltage and one clock rate. With the combined progress of modeling, CAD and fabrica-
tion, use of multiple supply voltages and threshold voltages has becomes feasible. This has
become important because the presence of the need to adapt to a varying workload. Each
workload brings with it a new point of optimality. These optima can only be reached with
the ability to reconverge as a function of the workload. In the case of the sphere decoder, it
translates to the ability to work with a variable SNR and its concomitant throughput. The
main question to be answered is if the throughput variable is a positive or a negative. An
argument does exist for the exploitation of the variable throughput in a windowed manner
to achieve a performance closer to optimal than otherwise feasible by employing sub-optimal
methods.

The final criterion that forms a unique constraint for any wireless communication

system is the choice in the optimality of the system. The optimality of the algorithm
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being run has ramifications in terms of the system as a whole. For the sphere decoder, the
optimality is particularly if the output is going to be used to drive channel decoders. A
small reduction in performance would be magnified when sent through channel decoders.
On the other hand, a case can be made for a reduction in optimality in favor of increased
throughput if the protocol has support for techniques like repetition [53] which would ben-
efit more by a larger number of symbol transmissions than a small number of optimally
processed data symbols. The final say on the optimality comes from the type of data being
transmitted. A transmission of a high quality image or security sensitive data would have
different requirements when compared with a high data rate streaming video.

It is seen from the above discussion that the design and use of sphere decoders is a
tradeoff exercise. But, irrespective of the tradeoffs that need to be done at run-time, we are

always attempting to do the following for a given performance and throughput requirement:
e Minimize the number of nodes to be visited.

e Minimize the average energy consumed per node.

Additionally, the aim of a decoder architecture would be to provide for the ability
to converge to a point of optima as decided at run-time. Over and above these requirements,
the aim would be to achieve a larger operating space at the circuit, architectural and protocol

levels.

4.3 Evaluation of 4x4 Decoder Architecture

An initial analysis of Power, Area and delay was performed to provide an insight
into the regions of greatest interest in the decoder architecture. The distribution of the
area and power per stage of the pipeline is as seen in Fig. 4.1 for the core while the
delay distribution with and without parasitics is seen in Fig. 4.2. The area and power
contribution of the memory interface is also shown to provide an estimate of the cost of
adding a context memory. Moreover, the delay limitation in accessing the memory is also
shown to provide an understanding of the limits of the memory access while optimizing the
datapath. It is to be noted that the total critical path delay throughput the datapath of the
design would be computed as [Dgymmem + 3 X Dist1 + Daist2 + DNodeCost1 + D NodeComp +
DcontigtMAX (Dseiects DremAcces)+D Reaq) which comes out to be 21.63 (16.48 ns without
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parasitics). The datapath delay distribution shows fair balance. It is seen that most of the
delay contribution comes from the Node Computation Block with its array of additions for
PED computation where we perform PEDout = PEDin + abs(Re(shared — (R;;s;);,)) +
abs(Im(shared — (R;is;);,))-
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There exists a great deal of correlation between the distribution of the area and

the power of the datapath. This is intuitively satisfying because, a power optimal solution
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should be as active as possible. This allows for a lowered contribution leakage to total power
consumption and hence leads to a greater possibility of having direct control on converge
to the optimal operating point.

The analysis of the Sphere Decoder can be orthogonalized. This is because of
the nature of timing in the system. While the datapath can be viewed as a constantly
running computational resource, the memory provides for a means of controlling the run-
time behavior of the decoding process. While the datapath activity is predominantly a
function of the type of data being sent in, the number of cycles for which the memory is
active is controlled by the number of values that need to be written to memory. Considering
average behavior, each context memory with its associated memory interface behaves in

relatively the same manner.

4.3.1 Delay Constrained Synthesis

It is of interest to see what results would be given for an architecture that be
synthesized for minimum critical path delay. This is important to gage the increased area,
if any, and the corresponding increase in the power. The comparison of the results in a

per-block manner for the Base architecture for a clock of 6ns and 1ns is seen in Table 4.1 As

Table 4.1: Power @10ns and Area difference for timing constrained versus area constrained
synthesis

’ Delay Constraint ‘ Criterion ‘ Datapath ‘ MemUnit ‘ Sphere ‘

6ns Area (sq. pm) 98943 291117 | 390061
1ns Area (sq. pm) | 123923 304097 | 428020
6ns Power (mW) 6.44 7.574 14.014
Ins Power (mW) 7.59 8.393 15.983

is seen, the constraints result in an increased area and power for the tighter delay constraint,
but it is important to see the overall gain in the delay before any judgment can be passed
about the result. In particular we focus on the datapath where the critical path exists.
The resulting decrease in total logic delay is seen in Table 4.2. Note that at present we
are ignoring any presence of pipelining for the datapath. Thus, we see a 46% reduction in
the logic delay through datapath while increasing the energy consumption by about 14.5%.

Consider the following cost equations for delay and energy:
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Table 4.2: Total Logic delay reduction for timing constrained synthesis

] Delay Constraint ‘ Criterion Total Delay Logic Delay(ns) ‘

6ns Total Logic Delay 16.48

1ns Total Logic Delay 8.8463
Edynamic = acswitcthZd (41)

Vaa
Depit = ————— 4.2
" (Vaa —vn)? (12
aClswitch Vdgd

EDPynamic = —2% 4.3
W (Vaa — ven)P (4.3)

In the above 8 corresponds to a technology dependent velocity saturation index
which is usually between 1 and 2. Let us consider a value of 2.0 for our first order analysis.
If we were to first attempt to bring the delay for the 6ns constrained implementation down
to the 1ns delay constrained implementation, the V;; would need to be changed to the order
of 2 x V. This has the effect of approximately doubling the EDP. What we must note is
that a lower value of 3 would only support our conjecture. This is clearly seen in Fig. 4.3
where we observe the expected reduction in slope, i.e. the need for increased supply scaling
for a similar change in delay as 8 goes down. It is for this reason that we deal exclusively
with delay constrained synthesis.
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Figure 4.3: The relative scaling of delay with VDD for different velocity saturation indices
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4.3.2 Bit-width sensitivity

Datapath Analysis: Pipelining of a design has both pluses and minuses. The
inclusion of registers for pipelining does improve the highest possible clock cycle by virtue
of a reduced critical path. But this improvement comes at the expense of an increased
area and power by virtue of addition of flip-flops. Other than the direct contribution of
capacitive switching internal to the flip-flop, an eye must also be on the problem of clock
delivery. As seen in [57] the power minimal delivery of the clock is becoming a cause for
great concern in present day systems. Additionally, the presence of multiple clock domains
also provides greater challenges in the delivery of zero or controlled skew clocks. Therefore,
the number of flip-flops must be closely monitored in the design. The expanding nature of
the datapath in the decoder makes the flip-flop issue particularly serious in the NodeCost
unit by virtue of the need for storing the results of all the PED calculations. The width of
the datapath is fundamentally a function of the number of bits used to encode the analysis
data. Fig 4.4 captures the variation of the area and delay of the base architecture with the
size of the data bits. It is clearly seen that the flip flops do not form the predominant source
of the area for the decoder. As a first order analysis for the datapath, we approximate that
the area forms a good estimate of the power consumption of the datapath given that this

is a high throughput system with most nets being continually exercised.
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Figure 4.4: The scaling of the datapath with bit width for 4x4 architecture
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Memory Analysis: The memory analysis is broken down into the analysis of the
interface and the Register File IP. The scaling of both values with the number of bits is
shown in Fig. 4.5

45000

—®—MemAccess
—e—Memory IP

40000 - —&—MemAcces DFF
0000 —B—Total (Access + IP)

35000
30000
25000
20000
15000 -

10000 //__./
DFF + Logic Area Dist with bits per block (I1 norm)

5000

Figure 4.5: The scaling of the memory (interface and IP) with bit width for 4x4 architecture

Though a lower number of bits is desirable, the effects on the algorithmic perfor-
mance can not be ignored. The modification of the BER with SNR for different bit sizes
is shown in Fig. 4.6. As can be seen clearly, the increase in the number of bits brings
about a corresponding approach to the ideal case. After a certain number of bits, here 16,
the total the algorithmic benefits cease. This is due to the fact that this algorithm is a
min-cost search based approach instead of a max search and hence permits a truncate or
discard based approach to number handling. This approach will lead to no errors as long
as overflows are handled correctly.

It is clear that the system performance degrades significantly when the number of
bits is reduced below 16 bits. In most cases, the width of the registers is fixed by algorithm
designers in keeping with known limits of signal and noise powers. It is, though, desirable
to keep a circuit view while making these decisions due to the possibilities of trading off

complexity for increased number of clock cycles as and when feasible.

4.3.3 SNR Sensitivity

The insensitivity of the Datapath to SNR memory accesses and SNR sensitivity.

How much memory do we need? How many memories do we need? What port numbers do
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Figure 4.6: The scaling of the datapath with bit width for 4x4 architecture

we need? Evaluation of access patterns
To begin with, we must first determine the fidelity in terms of power of the core
in different environment. This has been evaluated at max clock for different Antenna sizes

and snr values as seen in Fig. 4.7

Power versus SNR for 4 Antennas
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Figure 4.7: The relationship of SNR and Power for the SD core for the 4 Antenna case

As can be seen, this architecture shows a very steady behavior with respect to
the environment given that the entire architecture does active work every clock cycle. This

characteristic of the datapath further supports the search for an orthogonal datapath and
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memory power analysis. Under this datapath characteristic, a great deal of the power
reduction would involve system optimizations that would work out to minimization of node
visits.

To determine the possibilities of an algorithmic modification and architectural
optimizations to reduce the node visits, it would be useful to determine the patterns of
survivors seen at each level of the SD search process. To this end, we have performed an
evaluation of the average survivor patterns for different SNR values (200 K information bits
each) for levels 1 though nT. For the 4 Antenna case we see the pattern seen in Fig. 4.8.
In this case we analysis the number of survivors in the bins [1 .. 16]. We chose to ignore
the 0 survivor case for now. As can be seen, the search breaks down as the signal to noise
ratio begins to fall, especially at the higher levels. This implies that that LE initial radius
does not provide a very good starting point for the sphere that contains the minimum cost
vector. Thus, this would cause problems if we had limited the number of nodes that would
survive at each level as is the case in K-best. But, we must also take heart from knowing
that the survivor patterns show a very good tree pruning trend with higher SNRs. This is
something that could be exploited to minimize the total cycle counts.

Thus an analysis of the data arrival at the memory boundary provides a good deal
of information regarding the progress of the search for a solution. Additionally, a profiling of
this nature also provides a good means of quantifying the improvement of one solution over
the other. Finally, we must also note that a good deal of the efficiency of implementation

depends upon the efficiency of tree pruning.

4.3.4 Discussion of 4x4 System Analysis

The base architecture explained above provides a good starting point for many fur-
ther improvements that could be made at the architectural level of the Sphere Decoder. As
stated earlier, the aim of the architecture should be to achieve the best feasible algorithmic
performance at minimum energy consumption. This equates to the requirement for analy-
sis of architecture that would allow for the analysis of improved convergence to a solution
while, if needed, a greater momentary power consumption is required. It is our supposition
that this is best achieved by focusing our energies on the a) process of manipulating the
order of the costs that come out of the Node Cost Unit and b) working on achieving the

minimum cost at the memory access block in conjunction with the order of costs coming in
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Figure 4.8: The relationship of SNR and survivor numbers for 4 Antenna Configuration

from the Contiguation block. A few issues and improvements that should be explored to

achieve the above requirements are:

e [t is seen that the use of Radius reduction in its nascent form leads to a great deal
of initial setup time for reaching a minimum PED. This is because, all the nodes are
allowed to survive. Therefore a great deal of benefit can be leveraged by investigation

of means to achieve the minimum PED as early as possible.

e The use of single ported memories do not cause a stall criterion given that the number
of survivors when LE solution is used as initial radius tends to be low. In this case,
we need to make sure that the number of survivors is less than the number of contexts

being serviced at a given time. This is generally the case [29].
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For these reasons, we use a single port read and single port write memory interface that
uses a serialized write to memory of the survivors of the sphere criterion. This allows for
the use of serial search algorithms such as max and min searches, block-wise sorting etc. to
be applied in a more scalable manner at the interface to memory. This serialization does
not become the bottleneck as long as the total number of survivors is less than the number
of memories (which is generally the case [29]). Also include the explanation for the stall
number not being an issue when Radius Reduction is used when we have LE solution based
method. We should see how things vary with SNR in that case though. Also mention the
analysis of the memory.

Also, the Contiguation unit provides for reduced complexity in conjunction with
the serialized writes to memory by limiting complexity to blocks of 4 nodes. There is a
possibility of performing functions like sorting within the block4s which would combine well
with the Memory Interface to enable quicker servicing of the surviving nodes that need to
be written to memory. Results show that the Contiguation block has a very small delay

through it and hence can be exploited in attempt to reduce the strain on memory.

4.4 FEvaluation of technology for high level analysis

The evaluation of architectures at higher levels of representation requires confi-
dence in the relative trends being maintained as we move down to layout. This criterion
is very closely related to characteristics of the process in question. Area and power trends
can be affected by process features like the number of metal layers, the sensitivity to pro-
cess corners and kind of standard cells available for use. Standard cells from commercial
flows tend to have a larger range in drive strengths available and also are better charac-
terized. To analyze these physical characteristics, the base architecture from Chapter 3
was analyzed post layout. The parasitics were back-annotated using the Standard Parasitic
Exchange Format (SPEF) from Encounter using FireandIce sign-off extraction. The switch-
ing activity back-annotated using Switching Activity Interchange Format (SAIF) files from
Modelsim into Synopsys PrimeTime and PrimePower for timing and power analysis. The
details of this methodology can be found in Chapter 7. It must be noted that the context
memories were created using arrays of D Flip Flops for simplicity of Place and Route. The

entire analysis was done with a delay constraint of 150 MHz.
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Figure 4.9: Evauating feasibility of only Switching Activity based analysis

Standard Parasitics Exchange Format (SPEF), used to represent the net parasitics
in an ASIC, takes time to be generated. It would be advantageous to check if the evaluation
of the architecture without SPEF will hold even after the SPEF is added. To this end, we
performed a quick study of the relative distribution of the power for just the datapath,
the datapath with the memory (i.e. the Sphere Decoder) and the Sphere Decoder with
the peripheral circuitry for testing (i.e. a realistic environment). The breakup essentially
maintains the separation of our analysis. Also, the datapath is a high activity block, the
memory a low activity block and the peripheral block and even lower activity block. The
results of this analysis are show in Fig 4.9. As seen, the relative distribution is retained
in both the pre and post annotation power evaluations. This implies that a successful
architectural evaluation and a corresponding decision holds, in case of the power behavior,

after place and route. This result holds better for processes with higher number of metal
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layers given that the distribution of area is retained and a closer relationship between
synthesis results and place route results can be achieved. This, therefore, makes it feasible

for the evaluation to be performed post synthesis with greater confidence.

4.5 SystemCT™based exploration

The complexity of designs such as the sphere decoder make it difficult to make
architectural decisions at the RT level. The fundamental constraint here is the amount
of time taken to both design the architecture at the RT level of detail and the requisite
simulation time for the description. The simulation time constraint comes about due to the
level of detail in the descriptions of the system of interest. A description with comprehensive
details of both the computation within different cores and the communication between the
cores would have a large number of events that need to be monitored and responded to
in case of state transitions. Over and above this, the constraints of concurrence required
for hardware simulations makes it all the more difficult for the simulation times to scale
well with the size of the design. To cater to this bottleneck it becomes necessary to move
to higher levels of abstraction. SystemCT™ [58] is a C++ class-library that allows
high-level modeling of hardware and software. The most popular use of SystemC™is to
co-simulate hardware and software, encapsulating low-level models of the hardware and bus
inside software system-calls, which is called Transaction-Level Modeling [59]. SystemC has
gained some degree of acceptance in industry by virtue for system level exploration i.e.
performing architectural exploration and verification of hardware software systems. This

acceptance comes about by virtue of the following major pluses:

1. The language has explicit constructs for modeling concurrency of hardware systems
while allowing for the ability to abstract away details if needed. This support is
provided in the availability of

(a) Event Driven Kernel. SystemC has an event driven simulation kernel much
like the RT level simulators presently available. This allows for an increased

confidence in correctness of the results from the SystemC description.

(b) Concurrency Modeling: Processes like SC_METHOD, SC_THREAD and SC_CTHREAD

enable simple modeling of concurrency and dataflow in system descriptions. In
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most cases SC_METHOD is preferred because it represents a simple execution of a
function call which returns after it is done. The SC_THREAD construct is provided
to allow for stalling using wait() statements and hence requires thread man-
agement by the simulation kernel which might becomes a quite severe memory

management issue if not controlled.

(¢) Combinational and Synchronous behavior: The language comes with the
ability to express explicit sensitivity of the above processes to either clock or
signals using the sensitive construct. This allows for the ability to model both

combinational and synchronous behavior.

(d) Modular System Representation The presence of SC_MODULE macros allows
for the coding of functionally separate units which can be later instantiated to
create a higher level design unit. This, therefore, allows for a hierarchical design
capture which is a must for understanding and describing functional separation
and also enhances debuggability. To further aid in the system description, the
modules can be coded with either inputs (sc_in) and outputs (sc_out) of a
certain data type. In addition to this, the ports of a module can be abstracted
away by the creation of a port (sc_port) of an abstract data type (a packet class

perhaps) which caters to a certain interface (sc_interface).

(e) Multiple Data types In typical signal processing systems, the convergence
to a final working specification of an architecture requires the agreement of the
algorithm developers. Most algorithm developers works in the floating point
domain. It is important To ensure that the correctness of the algorithm is not
lost when transitioning from a floating point representation to a fixed point or
integer representation. This is aided in the language support for floating point,

fixed point (sc_fixed()) or integer (sc_int, sc_uint, sc_bit etc) data types.

2. The final system description automatically becomes an executable specification which
aids greatly in the verification process. The importance of this description is height-
ened by virtue of it, if needed, being cycle accurate. The cycle accuracy of a model
makes it possible for its easy incorporation as a golden model for cycle by cycle checks

of results which results in faster bug convergence and correctness [60].

3. Easy extension of previous versions to include new features by virtue of object oriented
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coding of the architecture. This manifests itself in not just a re-usable method of
coding but the creation of templates of blocks with abstract data types. Thus, the
result is a simple method of packaging of a verification IP for a system which could

also serve as source code for synthesis if tool support is present for it.

4. SystemCT™™

is an open source which allows us to do away issues with licensing and the
lack of re-usability of solutions from one platform to the next. The compilation of
SystemC™code is easily done using standard GNU tools and hence allows for easy

integration with any tool flow.

Effective utilization of the language is still being explored at many different fronts
like verification and synthesis with CoCentric™ [61]. But no real success has been reported
in the ability to provide large scale SoC power results using SystemC. Work done with
Ramsey Hourani and Winser Alexander was an effort to evaluate the ability of SystemC to
provide prototyping and evaluation information for low level DSP design blocks [62] [63].
It was seen that the SystemC based framework provided power results that closely followed
synthesis results when a sufficient characterization information is available. The power
and area results using the above framework was based on the use of pre-characterized
Library computation IP cores for evaluation of design choices. It is our supposition that
this methodology holds good, at least in relative terms, for most highly active datapath
units.

In the case of the present architecture, the datapath is an excellent candidate for
analysis using simpler models for power and area as a function of arithmetic units. One of
the important choices to be made in the representation is the level of abstraction. Best to
know the effects of algorithmic and architectural choices and approximate the computational
requirements first. This is because the decisions made here are far greater ramifications than
the decisions made at the circuit level. It is to this end, that we attempt to make as many
decisions as feasible at the architectural level using SystemC as our representation of choice.
Before this can be done, it is imperative to analyze the loss of accuracy, if any, by moving

to higher levels for architectural tradeoff analysis.



67

4.5.1 Search space minimization: Sorting and the 2-phase architecture

Adaptive Radius reduction is good but is only as good as the first estimate of
the cost. It is seen that the Node Cost Unit creates 29 (here, @ = 4 for 16-QAM) cost
increments corresponding to 2.11. The nodes that survive the sphere constraint need to
be written to memory. This interaction is shown in Fig. 4.10. A 1 at the input of the
contiguation unit implies that the partial euclidian distance (PED) C that is coming in
at the position in the incoming input stream has satisfied the sphere criterion. Note that
the memory is written in the the order of incoming survivor stream. The aim here is to
make sure that we visit node in increasing order of PED’s under the belief that the global
minimum cost is most likely to be achieved by visiting the nodes in order of smallest PED
i.e. expected minimum mean square error J = min T3(s®) + min T5(s?))4 min T (s)+
min To(s(o)). To determine the correctness of this, we built a SystemC model of the present
architecture with cycle accurate modeling and interger number representations (in place of

floating point numbers).
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Figure 4.10: The Interaction between the contiguation block and memory in the present
Architecture

The modification in contiguation is shown in Fig. 4.11. Note that C, < Cp11 <
Cy+2 and so on. CThe basic idea is to keep the minimum PED C, at the bottom of the
resulting array of PEDs and move the rest to the format shown in Fig. 4.11. The aim of
this type of sorting is to enable the growth of the memory from highest to lowest PEDs for

a given level in the tree. Thus, after the preferred node for a given level (minimum PED
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node) is sent into the pipeline, the next node at the same level that will be send into the

pipeline would be the next minimum PED i.e. Cpy;.

min
Sorted list of PEDs (11 survivors) ¢ PED

Cut1 | Cx2 | Cxt3| Cxta | Cxss | Cxe6 | Cxt7 | Cxts | Cxeo Cxsr0| Cx

SORTED

CONTEXT
MEMORY K

B e —
Direction of Level Level i Level Z’:;‘:’;zf
growth of memory i-1 i+l

Tree
Read Search
pointer
Candidate from Memory K

Figure 4.11: The sorting of PEDs that come out of the Node Cost Unit and the resulting
memory interaction

It is seen that this technique, does provide improvement but only marginally in
comparison with the basic Radius Reduction algorithm. The reason for this lies in the fact
that all the nodes stored in memory continue to be sent into the pipeline only to fail to pass
the sphere criterion. This causes a lot of wastage of power by virtue of having un-necessary
computation of costs which are sure to fail the sphere criterion for most cases. To this
end, we can perform aggressive pruning of the memory. This is feasible because of a few

observations:

1. The memory growth, for a given level, is from max to min PED. The min PED for a
given level is sent first into the pipeline. If a given PED, say C,, fails to be less than

the global minimum, all C; with ¢ > p will also fail to pass the sphere constraint.

2. There is an explicit boundary between the PEDs stored for each level. This makes it
easy to prune the memory by modification of the present read/write address to the

memory to the correct level when all the nodes a level are pruned out.
3. The pruning of the tree is best performed when

(a) The minimum final cost (which becomes the radius for the sphere constraint) is
updated. At this point all the nodes in memory with a PED greater than the

minimum cost would need to be removed.

(b) The memory is read. At this point, the PED of next node at the level that is
read from is going to be the new lowest PED for that level. This is going to the
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new constraint for pruning the tree at the same level.

The advantage of using this optimization is shown in Fig. 4.12. It is seen that the
performance of the algorithm does not change from the basic Radius Reduction case i.e.
the optimal case. We do see a drastic reduction in the cycles taken to decode the message
sequence. This strengthens our case for focussing on the sorting of PEDs at the level of the

contiguation block.
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Figure 4.12: The BER and Decoding Cycle Count Performance for Base(Radius Reduce),
Sorted PED and Prune methods for I' costs

An additional optimization that could be considered is the imposition of an upper
limit on the number of survivors by the use of an explicit mask. We use this optimization in
conjunction with the ideal sorting to set an upper limit on the performance of the system.
Fig. 4.12 uses a mask of m = 16 which impilies all 16 of the nodes from the Node Cost
Unit are allowed to survive. The resulting performance is shown in Fig. 4.13

The sorting architecture does well in reducing the total number of nodes visited
in the search for the decoding solution. But the number of nodes visited would still be
unnecessarily high. This is because a large number of initial nodes need to be visited before
a min cost solution is found. This also implies that a large number of nodes will be written
to memory and later pruned away which is a large overkill. As a solution we propose the 2

phase architecture. As the name suggests, we work in 2 phases. In Phase 1 we only allow
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Figure 4.13: The BER and Decoding Cycle Count Performance for mask = 8,12,16 with
Sorting and Pruning

the minimum cost from each level (nT — 1) — 0 to survive. This leads to the creation
of a Linear Equalization solution which forms the initial radius value. In Phase 2, we
continue normal operation with sorting and pruning while search through the cost space.
The improvements of this methodology are going to be discussed in the next sub-section in

conjunction with the cost space of Sphere Decoders.

4.5.2 Cost Space for Decoder

Prior work in Sphere decoders has stated that the use of I! norm provides a small
loss of performance when compared with 12 norm [30] with of the order of 600% reduction
in area. Additionally, I' norm also provides an improved performance when compared to
the [*° for a minimal increase in combinational area and hence power consumption. It is
important,though, to consider not just the area but the overall decoding time as well given
that we are going to be aiming for a throughput constraint as well. To this end, we first
determine the BER and cycle count performance of the I' and [* costs for the creation
of the output costs in the NodeCost unit. The variation of the Cycle Count and the BER
performance with the SNR for the 2phase (Ver_4) design is showing in Fig. 4.14. As is seen,

there is a little difference between the two cost computation methods with the {! norm
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providing a marginally improved performance at higher SNR values.
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Figure 4.14: BER and Cycle Count variation of 2phase architecture with SNR

The more important tradeoff that needs to be analyzed closely are the character-
istics of the [? norm. The formulation of the cost takes the form shown in 4.4 for a complex

distance of x.

(PED);2 = abs(R(x))* + abs(3(x))? (4.4)

The behavior of the I? system to the sorting and pruning constraints discussed in the
previous section is shown in Fig. 4.15. In comparison with the I* system shown in Fig. 4.12
we see a far greater effect of the 2phase mechanism. This is justified by virtue of the presence
of a greater distance between points in the cost space and hence a greater effectiveness in
pruning of the search. This is particularly applicable in the lower SNR ranges where the !
cost space proves to be insufficiently spaced to provide a good pruning solution.

This cost increment calls for the implementation of two squaring functions which,
though fast, would still consume significant combinational energy. To this end, it is worth-

while to explore alternatives in terms of the cost such as the approximate [2 cost function
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Figure 4.15: The BER and Decoding Cycle Count Performance for Base(Radius Reduce),
Sorted PED, Prune and 2phase methods for 1% costs

shown in 4.5
(PED)gpproziz = (maz(abs(R(x)), abs(I(x))) + min(abs(R(x)), abs(3(x)))/2)?  (4.5)

The approximate (> norm consumes a reduced area due to the need for just one
squaring operation. But we must still keep in mind the change in the critical path delay
by virtue of the need for the implementation of the compare and addition functions. As
seen in Fig. 4.16 this cost function proves to be a very good alternative and provides
negligible loss in performance in comparison with the [? solution. More importantly, we see
a definitely improvement in the number of cycles with more than a halving of the number
of cycles required for decoding when compared with the ! solution. Additionally, the BER
performance is also improved.

It is, therefore, important to consider the I? space for our analysis especially in

case of low SNR applications.
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Figure 4.16: Comparison of optimal solutions in the I* and I? cost spaces

4.6 Implementation aspects of Improved System

In an effort to sort the nodes coming out of the NodeCost unit in a scalable manner,
we implementation a sorting implementation as seen in Fig. 4.17

The idea here is to sort the blocks of 4 nodes coming out of the contiguation block.
This is done in the MINMAX _4 block which takes in a contiguated input block of 4 nodes
and generates a sorted result using a set of MINMAX blocks. The MINMAX block takes
in two input PED values inl and in2 along with the corresponding index values ind_1 and
ind_-2 and survivor bits surv_1 and surv_2. This block implements, output [ = in2 if ((in2
< inl) && surv-2 == 1); else [ = inl. The reverse applies for the output g.

Thus, for the 16QAM case above, we have 4 MINMAX_4 blocks which sort the
contents of a block of 4 nodes perfectly. The 4 block of 4 nodes (sized 4W each) are
themselves sorted using a combination of the MINMAX 4_4 units. The MINMAX _4_4 unit
performs the same functionality as the MINMAX unit except for the fact that it takes into
consideration only the minima of each group of 4 for making it sorting decisions i.e. Iy
= n2 if ((in24w[0] < inlyw[0]) && surv2[0] == 1); else lyyy = inlyw. By doing this,
we finally have the lowest node of the 16 incoming nodes at out(4W),in[0]. It must be

noted that this sorting is not yet a very scalable solution given that a move to a 64-QAM
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Figure 4.17: Implementation of rudimentary sorting of nodes (16-QAM)

constellation would necessitate the addition of another layer of sorting to deal with the
sorting of the 16 nodes presently worked on. The important tradeoff in implementing this
block lies in determining the granularity of the sorted blocks. In this case we have blocks
of 4 nodes, lets call each sort_4, within which we have all the nodes sorted perfectly, i.e.
sort_A[i][0] < sort_4[i][1] < sort_4[i][2] < sort_4[i][3]. These blocks sort_4[0] — sort_4[3]
themselves are sorted on the basis of value of the minima in each block of 4. This, of
course, does not imply that sort_4[z][j] < sort_4[y][j]. But we must note that if we have
the group sort_4 coming from points from the constellation sufficiently far apart from each
other, then we can assume that the possibility of having a min-cost solution coming from
the minimum to maximum within a sort_4 block becomes progressively improbable. We
will attempt to show this experimentally in the next few sections. With this argument, it is
seen that the natural grouping granularity for the full sorting block is 4 given that, in the
Cartesian constellation view, the determination of 4 mutually exclusive nodes, boils down
to chosing nodes from the 4 quadrants of the constellation space.

Even without the smarts of selective grouping of nodes, this implementation leads
to a strong improvement by virtue of going down the path of the minimum PED at each level
of the tree. This boils down to having the ability to finding the first minimum cost, which
becomes the first sphere constraint, as a sum of the minimum at each level. To effectively

exploit the advantage of this method, it is necessary to modify the radius reduction method
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of setting the sphere constraint. This is because, using the initial method of setting the
radius to infinity and only modifying it when we get a mincost solution at level 0, we are
going to have a lot of nodes at multiple levels that would be written to memory with PED
values greater than the first sphere constraint. This is effectively avoided by running a 2-
phase mechanism. In phase 1 only one node is allowed to survive as we progress from level
nT — 1 down to 0. This would allow for the creation of an initial radius in nT" clock cycles
which would be the initial sphere constraint. In phase 2, we work in normal operation with
the rejection of the nodes already processed in the first phase. This achieves a far greater
effectiveness in pruning of the tree.

The resulting improvement in throughput performance with no sacrifice in the
SNR performance can be seen in the Fig. 4.18
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Figure 4.18: BER and Cycle Count variation of min and 2phase architectures

The sorting case the pipelined solution is a good one given that the decrease in the
critical path more than makes up for the increase in the power additionally we now have a
new model of computation that allows us addition axes for increasing the efficiency of the
decoding process.

It is seen that there is a fairly consistent improvement in performance for all
levels of the SNR values. But this results should also be viewed with causion because the
improvement shown is dependent upon the distance between the initial radius set in phase

1 and the PED at a given level of the tree search. This distance becomes larger with a
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larger number of antennas and hence there will be an increased number of nodes surviving
at the higher levels of the tree search. This will be dealt with in the next section. For the
4x4 16QAM case we see that that there is a consistent improvement as seen in Table 4.3

Table 4.3: Comparison of percentage improvement in performance between the base algo-
rithm, Min and 2phase variations

| sor [10[12[14[16[18 202224 ] 26 |
min/base | 47 [ 48 [ 47 [ 52 [ 62 | 61 [ 58 | 64 | 63
2phase/min | 28 | 32 | 31 | 37 | 45 | 44 | 46 | 49 | 44

The implementation results of this architecture for the three cost functions is

shown in Table 4.4

Table 4.4: Power (mW) @10ns clock, Area (squ m), Critical Path (ns) delay and total logic
delay for different Architectures

’ Arch ‘ Prem ‘ Piata ‘ Protal ‘ Amem ‘ Adata ‘ Atotal ‘ Derit ‘ Diogic
Base 7.59 | 8.393 | 15.983 | 304.097 K | 123.923 K | 428.02 K | 2.11 | 8.8463
It 9.18 8.49 17.67 | 310.136 K | 135.633 K | 445.769 K | 2.11 | 11.2507
approxr —[* | 14.6 14.7 29.3 439.983 K | 243.711 K | 683.694 K | 2.74 | 12.7584
12 14.6 15.2 29.8 439.983 K | 281.239 K | 721.22 K | 2.41 | 12.3548

It is seen from the above that the ASIC implementation as we move from ! to
comes with about a 65 % increase in power consumption. The major part of this comes
from the increase in the size of the adders in the NodeCost unit and the increased bit
widths needed to cater to the /2 norm. Unfortunately, this also brings about an increase in
the power consumption of the registers in the datapath especially in the MinMax and the
NodeCost units.

With the inclusion of the results from Synthesis, the variation of throughputs with
this architecture (without place and route considerations) would be as seen in Fig. 4.19

The comparison with previous Sphere Decoders is shown in 4.5 for the case where
ML-like optimality is achieved. The power numbers are reported at maximum throughput
performance. It should be noted that Ver_1 corresponds to the fabricated chip with DFF
memories. Ver_2 uses commercial SRAM memories for the same design and Ver_3 is an
improvement in the datapath where scalable sorting of nodes is performed to ensure that
the path down the minimum cost node is searched first. Ver_4 improves upon Ver_3 by

performing a 2 phase operation where an initial radius is set by getting a zero-forcing
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Figure 4.19: Throughput versus SNR for ' and [? implementations for both non-retimed
and re-timed synthesis results

solution in nT cycles. This is done to allow for faster pruning of the search space. The
next step is to provide for a true scalable sorting assisted by the aggressive pruning of the
memory to ensure that the nodes that are sure to fail in the datapath are not even sent

into the pipeline. This is enumerated as Ver_5.

Table 4.5: Comparison of Optimal Sphere Decoders

’ Ref \Constellation\ Mbps \ mW \ nj/b ‘
Ver_1 16QAM 14 61 4.35
Ver_2 16QAM 14 35 2.5
Ver_3 16QAM 38.5 37 0.96
Ver_4 16QAM 87 43 0.49
Ver_5 16QAM 400Mbps | 88mW (@2.01ns) | < 0.22

It is seen that the architectural modifications provide a progressive improvement

of the nj/b or the b/sec/mW performance.

One of the more important results that should be noted is that the highest en-

ergy efficiency architecture of choice changes with the SNR value. Based on the argument
of voltage scaling while meeting a throughput constraint, the choice of cost computation

method, i.e. I' versus [? takes the form shown in Table 4.6
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Table 4.6: Cost Criterion of choice at different SNR ranges
] sur [ 6-18]20-26 |

’ min energy cost ‘ 1 ‘ I ‘

4.6.1 Time-multiplexing: benefits and limitations

One of the fundamental requirements for evaluating this architecture is to deter-
mine the benefits and limitations of the number of stages in the pipeline. The addition of a
pipeline stage brings with it an expected reduction in the critical path delay where the ben-
efit is greatest if the division of the critical path is uniform. On the flip side, the addition of
pipeline stages brings with it more sinks that need to be driven by the clock tree and hence
a greater number of buffers for meeting skew limitations. Also, we have added registers
that contribute logic power consumption via internal switching. Another constraint for this
time-multiplexed approach is the need for an increased number of memories for context state
preservation. To evaluate the advantages of pipelining in the first order, we assume that the
critical path [Crit] can be re-timed into blocks of equal distribution [D=C'rti/M], and that
the overall power consumed can be computed as CoreP+(P + 1) x MemPyy + P x ClkPyy.
Here P is the number of stages, CoreP is the energy of the cost computation core, Clk Py
is the power consumption increment (WORSTCASE) for each stage and Mem Py, is the
power contribution from a single context memory. For a high activity and pre-dominantly
control independant constant throughput datapath such as this, a reasonable assumption
is that the CoreP value would not vary greatly with the addition of pipeline stages [64].

The effect of adding a pipeline stage is going to manifest itself mostly in terms of a
modified capacitance to be driven at the block boundaries and an increased contribution of
the register internal power consumption. At a 6ns clock, on evaluation for a 8 stage pipelined
datapath we note that the registers themselves take 1.44 mW for the cost computation
portion and 0.165 mW per memory interface for registers at one memory interface (1.463
mW total) which store the incoming stream of nodes for parallel to serial conversion. On
furher evaluation, this comes out to be of the order of 1.7 uW per bit for the D Flip Flops
(10.2 £J per bit per access) in the datapath. It must be noted that the power consumption is
strongly dependent upon the location of the pipeline stage given that the datapath widens

after the NodeCost unit given that we move from working with one node to a stream of
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Figure 4.20: Energy Delay Curve with number of stages in datapath

nodes. Also, on analysis of the clock tree we see a 7 stage H-tree with (4, 7, 16, 46, 134, 459,
52) buffers for level 1 through 7. It can be safely assumed that the datapath registers would
be sinks for levels 5, 6 or 7 which on careful analysis gave us an average power consumption
per buffer of 30.22; 33.45 and 33.89 W thus showing a uniformity of the clock tree power
consumption at lower levels. Is there an argument to be made here about the increase in
the number of stages — increase in the number of sinks — increase in the number of buffers
— increase in the power consumption? My understanding of how this is going to have to
be argued is that the effect of a certain number of sinks reflects itself in an increase in the
number of last stage buffers (assuming constant sized buffers) followed by a progressively
reduced number of stages in the lower levels of the clock tree. Therefore, 256 new sinks
would lead to, say 5 new level 7 buffers (given that we observe about 52 sinks per level 7
buffer), followed by 2 new level 6 buffers and 1 level 5 buffer and so on. Given that they are
all assumed to be the same sized buffer, the total power contribution is the total number of

new buffers added. The trend therefore would take the form shown in Fig. 4.20
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4.7 Conclusions

This chapter captures constraints that a Spherical Decoder implementation would
be subjected to. Using a 4x4 and 16-QAM system as the working example, we use a

C™jimplementation to evaluate the benefits of 2 optimizations that aim to improve

System
the throughput while trading off the energy consumption per node access. We use the
information provided to guide us in the search for an architectural choices for different
throughput constraints. The benefits of the sorting architecture in conjunction with the
2 phase mechanism are shown with improved throughput performance from 838% to 134%
as we move from SNR of 6 to 26 dB. Additionally, we also use first order principles to
determine the optimal number of stages in the pipeline for a minimum ED requirement.
Also, we provide reasons for the use of different cost computation metrics, namely, the {1,
12 and approz — 12, at different throughput constraints. The ideal solution, based on our
analysis, is to use the ! cost criterion for higher SNR ranges (20 dB and above) while using
12 for lower SNR ranges (below 20 dB). We utilize all of these analyses in the seach for
the best possible optimal solution in the 4x4 and 16-QAM space. One of the important
drawbacks of this architecture is the increased requirements for memory.

Most architectures, tend to be optimized for a certain constellation and antenna
size. This, though, is a drawback when we consider that the number of antennas for which we
design could change. This argument holds for the constellation size as well. It is important,
therefore, to analyze the effects of the changes along these axes. It is also important to
determine architectural modifications that might lead to a smaller increase Power Area and
Delay with the number of antennas and constellation size . We will be doing this in the

next chapter.
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Chapter 5

Improving the Scalability of Sphere

Decoders

5.1 Introduction

Present works have predominantly focused their energies in the design of systems
in the 4x4 domain. This is in keeping with the presence of standards like 802.11n which limit
the number of antennas to 4 on both the transmit and receive side. But, it is important to
consider the future scaling of antenna to ensure that the present systems are not discarded
as technology progresses. Additionally, the need for higher spectral efficiencies have also led
to the move to larger constellations. This, of course, further compounds the problems of
design energy efficient architectures. To this end we work on analyzing our solution on both
these fronts. We propose a [! based solution that is relatively constellation independent
and show that the increase in area and power is very small as the number of antennas is
increased. Additionally, this architecture is relatively independent of the number of points

in the constellation.

5.2 Scalability issues in present architecture

The scaling of the antenna has ramifications on both the datapath and memory.
On the memory side, the memory needs to be organized as (nT — 1) x 2% with each entry

being of size datawidth + levelwidth + indexwidth.The Table 5.1 provides the necessary
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sizing of the a memory for different constellation and antenna numbers. It must be noted
that this is for one context memory and would be multiplied by the number of context
memories present.

Table 5.1: The size of one context memory in terms of the number of antenna, constellation

size and the required level width (1), data width (dw and index width i) for best case I!
solution from previous chapter

Antenna (A) ‘ Constellation (29) ‘ l ‘ dw ‘ i ‘ Memory Org ‘ Memory Area
4Ant 16-QAM 2|16 | 4 48 %22 173.597 K
6Ant 16-QAM 3|16 | 4 80x23 222.342 K
8Ant 16-QAM 41 18 | 4 112x24 268.371 K
4Ant 64-QAM 2116 |6 192x24 483.648 K
6Ant 64-QAM 3116 |6 320%25 790.521 K
8Ant 64-QAM 4118 | 6 448 <26 1062.395 K

The datapath calls for a larger number of multiplications for the creation of the
history cost computation. This is by virtue of a larger possible cost vector of symbols as

seen in equation 5.1.
nT-1

> [Rijsi (5.1)

j=i+1

This scaling brings about the need for larger number of adders and hence a possible
greater bit-width to determine the history cost by combining the results of the individual
multipliers. On the other hand, the scaling of the constellation brings about the need for
an increased number of parallel cost computations for creation of the PED values for the
64 children of a node in the tree. Given that we know the area of one such unit, we can
make a quick estimate of the area requirements for the datapath and memory. The scaling
trend of the area with the number of antennas and constellation is as seen in Table 5.2.
Of particular interest is the nature of scaling of the datapath given that this is where the
critical path lies and hence would require greater optimization.

Is is seen, the scaling of the constellation is of greater criticality than the scaling
in the number of antennas when memory is considered. Of even greater importance is the
need for the storage of the incoming 29 x dw (1024 bits for a 64-QAM system with 16 bit
wide datapath) values in a set of registers which would consume a good deal of energy per
clock edge. Additionally, this presents a much larger load on Clock Tree Synthesis during

place and route.



Table 5.2: Area Scaling with the number of antenna and constellation size for the best case

I' solution proposed in the previous chapter

’ Antennas ‘ Constellation ‘ Datapath Area ‘ Memory Area ‘ Sphere
4Ant 16-QAM 123.923 K 304.097 K 428.02 K
6Ant 16-QAM 164.259 K 310.137 K 474.396 K
8Ant 16-QAM 178.560 K 404.910 K 583.471 K
4Ant 64-QAM 292.927 K 629.508 K 922.435 K
6Ant 64-QAM 333.263 K 997.483 K 1330.746 K
8Ant 64-QAM 347.564 K 1246.509 K | 1594.073 K

In addition to this area trend, the change in the number of cycles for computation
is seen in Fig. 5.2 for the 2phase architecture for different antenna numbers. It is greatly
satisfying to see that we are going to have a small loss of performance at higher SNR values.
This is a crucial point to be noted when considering the need for an optimal architecture

which works at multiple SNR values.
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Figure 5.1: The performance versus cycle time variation for 2phase with different antenna
sizes

As can be seen, the effectiveness of the 2 phase architecture goes down as the
number of antennas goes up. So as to diagnose this it would be useful to re-do the survivor
profile analysis for the 6 and 8 antenna case. Fig. 5.2 shows us the variation of the number
of survivors versus the level and the SNR. The trends follow the 4 antenna case to some
extent except for an overall increase in the number of survivors. This is because of the fact

that the individual level intermediate cost Tj(s()) is going to be much smaller than the
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initial radius by virtue of an increased number of added costs (1 per level) leading to the

initial radius determination.

Figure 5.2: The relationship of SNR and survivor numbers for 6 Antenna Configuration

It must be concluded that there is a need for improved search methods, to keep pace
with an increased number of antennas. It would be worthwhile to consider the optimization

of the core with the SNR of the environment.

5.2.1 Constellation Scaling

The bigger issue in is going to be in dealing with an increased constellation size.
We already see an increasing presence of the sorting mechanism in the area and power

reports for the 4 Antenna case. To further exacerbate the problem, the writing of up to
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64 solutions at a given time to memory becomes a bottleneck. The only solution to the
increased number of possible survivors is the need for a larger width of writes to memory
and complicated read mechanisms for selection of the correct node to be sent to the cost
computation resource. It is to this end, that we consider alternatives to the architecture
already presented. The I'-norm cost characteristics show a very interesting trend in the
distribution of their real and imaginary cost contributions. This is as seen in Fig. 5.4 for
the 64-QAM case. This characteristic can be effectively exploited in minimizing the number
of additions for the PED cost calculation as well as the effort needed in sorting the resulting

PEDs from the NodeCost Unit.
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Figure 5.3: The 64-QAM constellation that will be used for the constellation experiments

As can be seen, a costline is formed by the set of points in a search space that share
the same [' norm cost value. This, of course, is not the optimal solution for decoding given

that the [? would have a better cost distribution which leads to a more unique traversal of
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cost from min to max. But, we argue that the [? cost space for a 64-QAM system would
be prohibitively large to sort and traverse. It is to this end, that we focus out energies on
the 1! cost. The constellation that is going to be adopted for the constellation experiments

is shown in Fig. 5.3
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Figure 5.4: Distribution of the real and imaginary contributions to the I'-norm cost of nodes

All decisions on the order of node visits are made on the basis of the offset values
formed by the result of §; — R;;s; for a given level. Again, it is to be noted that there exist
as many Rjs; values as there are constellation points i.e. 2¢. The result is the need to
traverse this space in the order defined by the [? norms given that the 11 norms have the
constant cost lines shown in the figure below. Though the [' cost values can be retained,
the [? cost decisions would be the ones that decide which points on the constant cost lines
are going to be sent into the cost computation first a min cost first manner. We will have

to move from a lower cost line to a larger cost line as we traverse the solution space.
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Figure 5.5: Example node distribution for Case a: single quadrant evaluation

5.2.2 Case A: l1 guided decisions for one quadrant

The sign value of the x and y offsets are of the same sign i.e. the point under
consideration is outside the scaled constellation map defined by the pre-computed Rj;s;
space. Let us look at the cost values from min to max: The costs that would be computed
in the NodeCost by virtue of the use of the sorted offset based method would be C0, C11,
C22 and C12. Let us look at C'11, C22 and C'12 in greater detail using /2 norm.

X oriented C11 = (z + K)? +y* = 2® + y* + 2Kz + K%; (5.2)
Y oriented C12 = 2* + (y + K)* = 2? + 3> + 2Ky + K% (5.3)

Therefore, on simplification, C11 < C12 iff x < y. Thus, at first glance, across
splitxy, the decision in favor of the x-oriented of y-oriented point is done using the initial

offset in x or y. Let us now consider the next constant costline to confirm this:

X oriented C21 = (z 4 2K)? 4+ y? = 22 + y* + 4Kz + 4K?%, (5.4)
Diagonally oriented C22 = (z + K)? + (y + K)? = 2> + ¢* + 2Kz + 2Ky + 2K?; (5.5)
Y orientedC23 = (y 4 2K)? + 22 = 2% + 9° + 4Ky + 4K?; (5.6)
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Therefore, on simplification we automatically see that the C22 case is the min
given that x + y is always going to be less than 2(x/y) + K since < Kandy < K. The
decision between C21 and C'23 follows the same logic as the previous case i.e. C21 < C23
iff x < y.

At the next level, using the same logic, we immediately see that iff z < y C31 <
(34 and C32 < C'33. Moreover, C31/C34 is always going to be less than C32/C33. Hence,
if x < y, the min to max would be €32 < C33 < C31 < C34.

We have a generic rule for the growth in one direction which bases itself off of
the offset coming in to determine the minimum to the maximum costs along a given line
of constant cost. Also, the x and y under consideration would be different for different for
cases B and C where would have more constant cost planes in more than one direction and
things might get hairy when we have more than one quadrant that needs to be considered

for candidates.

5.2.3 Case B: 2 Quadrant Case

e e -
|
|
|

Figure 5.6: Example node distribution for Case b: double quadrant evaluation

The analysis done previously would hold good within each quadrant of analysis
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i.e. Ca or Cb. Therefore, given that z > ya and = > yb (here) we can conclude, from
our previous analysis, the following progression of cost (min - max)Ca0 < Cal2 < Call <
Ca22 < Ca23 < Ca2l and CH0 < Cbll < Cb12 < CUb22 < Cb21 < Cb23

The question lies in the choice between the costs at similar cost levels in the 2
streams. Let us begin by considering Cb11,Cb12,Call and Cal2. Cbl12 = 22 + yb? +
K? + 2Kyb ;Cbll = 2% + yb® + K? 4+ 2Kz Call = 22 + ya® + K? + 2Kz ; Cal2 =
22 +ya® + K? + 2Kya

After removing the common terms (x2 + K2) we get,

Cb12 = yb2 + 2Kyb; Cb11 = yb2 + 2K x; (5.7)
Call = ya2 + 2Kx;Cal2 = ya2 + 2Kya (5.8)

The choices between the costs in the same region of constant line growth (a/b) follows
the same trend as the previous cases where the decision is made by virtue of the relative
magnitudes of z v/s ya and = v/s yb . The issue lies in the determination of the relationship
of the costs between the regions that things get complicated. A few cases with variable
relationships between x, ya and yb might provide some light on the decision making process.

Thus, greater though needs to be put in when traversing the nodes in sorted order.
To put it simply, the regions of operation (given their symmetry for the ya and yb axis)

would follow the zone rules shown below:

Figure 5.7: Generic rules for assignment of minimum based on offset
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5.3 Implementation of /> guided ! architecture

Simple I constant cost line solution with [? awareness.Here we do not concern
ourselves with the choices between the confusing 1% based cost decisions between a,b,c and
d quadrants. We are just interested in traversing the I' cost space in the order of increasing
costs with the use of some smarts for determining the order of costs going into the pipeline.
These smarts, based on previous experience, is going to be based on the x or y oriented
nature of each quadrant of growth. We have learned from the exercise from the previous

section that the direction of lower PED is in keeping with the orientation of the node A
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Figure 5.8: Example distribution of nodes into quadrants for a search at a given level in
the tree

typical search space for the sphere decoder at a given level in the tree would take the form
shown in the Fig. 5.3. Let us define a few terms in the context of this example to help us
evaluate the solution we are proposing: a) we divide the search space into four quadrants
A, B, C and D in keeping with the direction of growth of the search from its respective
origin b) each quadrant has a progressively expanding from the origin where, due to the
nature of the I' norm consists of a set of constant costlines which share the same I' PED

value c) each candidate on a costline would be called a node which has a fixed unique index
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and PED associated with it and d) when we are done with a given costline we move to a
new costline at a different costlevel in the same quadrant. It can be observed that the
number of nodes for a given costlevel increases linearly as we move from one costlevel to
the next. Also, the point with respect to which we are sorting the search space is called the
evaluation point. To capture the essence of the search, we can note that the quadrants are
constrained by boundaries which coincide with a) the end of the search space in the x and
y directions which do not change and b) the limits imposed by the real or imaginary value
of the offset being equal for the node. These boundaries along with the sphere constraint
and cycle count restrictions, if any, form the limit on the search in any given quadrant and
hence the entire search on the whole.

Let us consider Quadrant B. If there was no boundary to the search space, when
we transition from one level to the next would be to go in the y-direction and choose PtB
and then x (PtC) given that this is a y-oriented quadrant. But the bounded nature of the
space, forces the transition to PtC after PtA given that PtB falls outside the valid search
space. These sorts of decisions add to complexity of determining the sequence of nodes in
a time / area optimal manner.

To begin with, we note that the search for the solution in the I' norm case can
be performed with the presence of information corresponding to the 4 closest points to the
evaluation point in the search space. There might be fewer required for the case when the
evaluation point is outside the search space. The information needed to perform the search

is:
1. PEDin[0-3]: the costs corresponding to the 4 base nodes:
2. zoryin[0-3]: the orientation of the nodes
3. ind_realin[0-3]: the real indices of the base nodes
4. ind_imagin[0-3]: the imaginary indices of the base nodes
5. quadin[0-3]: quadrant information for the base nodes
6. survin[0-3]: 0 =; incoming PED does not satisfy sphere criterion

In addition to this we would need to keep track of whether the search space corresponding

to a quadrant has run out of candidates or not. This could happen if the sphere criterion
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is breached or the search space has reached its boundaries. This status is captured using
finished[0-3]. Using these inputs and assuming surv/0] != 0, the basic algorithm to obtain

the next node at a given level would take the form shown in algorithm3:

Algorithm 3: proclevel() Algorithm for next node evaluation for a given
level
Input: All the incoming node information listed above with finished/0-3],
minPED: minimum final cost for the current tree search
Output: Output PEDout and indexout for that level
Let, i = quadrant pointer
clevelli] = costlevel pointer for quadrant i; Initialize
for i — 0 to 3 do
finished[i] = survinfif; PED[i] = PEDinfi/; zory[i] = zoryinfi]; i_realfi] =
ind_realinfi]; i_imag[i] = ind_imagin[i/
quadfi] = quadinfi/
clevelli] = 0;
end
i=0;
while finished!= 0 do
{until the case where the entire level is done}
PEDout = PED]i]
indezout = ireal[ijx NUMANT + i_imag|i]
if BOUNDARY(i,j) then
| UPDATE/ i_realfi], i-imag/i], xory[i], quadfi] )
else
if VALID(i,minPED,PED/i]) then
PEDfi] = PED[i] + K
clevelli] = clevelli] + 1
else
| finished[i] =0
end
i= NEXTQUAD(finished) i € [0,3]
UPDATE(i_realfi], i_imag[i], xoryli], quadfi])
end

end

Validity of a given quadrant implies the presence of further possibilities either at
the same level of next level. When validity is 0 it implies there is no reason to attempt any
further progress in that quadrant. The most important issue to deal with is the recognition
of the BOUNDARIES AND ORDER for a given constant line. This is where the complexity
lies. In the above, the complexity is captured in the functions VALID, BOUNDARY ,
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UPDATE and NEXTQUAD. The VALID function needs to determine if the feasibility
of further growth in a quadrant for which we need to consider the minPED and the current
PED[i] for that quadrant. The BOUNDARY function determines presence of further
candidates in the same costlevel for a given quadrant. The NEXTQUA D determines the
next valid quadrant when the current quadrant is done which requires the finished vector
to evaluate the candidates. It is interesting to note that the next node might have to be
from the same quadrant if all the other nodes are no longer valid. Finally, the UPDATE
function will have to create the next real and imaginary index values based on the current
index, the x or y orientation and the current quadrant. The current quadrant comes into
the picture by virtue of its influence on the direction of growth of the node search.

All of the above subroutines can be boiled down to the determination of the bound-
aries. This is because, per the above algorithm, we progress along a given costline until the
boundary is breached and then move to the next costlevel for that quadrant. This directly
influences the node that needs to be sent in increasing order of cost. This is best described

in the Fig. 5.3:

i

Case A (y oriented but y limited)

X equal boundary
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|
|
|
|
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Figure 5.9: Example Node distribution in a quadrant with annotated real and imaginary
indices

The entries in red correspond to the real and imaginary indices of the node in
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question. As can be seen, the origin for this quadrant is at (4,5). Thus, assuming this is a
y-oriented quadrant, we have the following progression of nodes: clevel 0: (4,5); clevel 1:
(4,6), (3,5); clevel 2: (3,6), (4,7), (2,5); clevel 3: (3,7), (2,6), (1,5); clevel 4: (2,7), (1,6),
(0,5), clevel 5: (1,7), (0,6), clevel 6: (0,7). Thus we see that we experience nothing but
the z-equal and y-equal boundaries for the first three costlevels but have to deal with the
yboundary for the next 2 while we have both zboundary and yboundary after that. We know
we are done with this level, ignoring the sphere constraint, when we hit the corner (0,7) for
this quadrant. This is somethings that we will need to note and exploit when implementing
the logic for the algorithm.

The first major modification that comes into effect is the modification of the node-
cost unit to produce just the 4 base costs and the relevant quadrant and orientation infor-
mation. The modified implementation takes the form shown below:

x offsets corresponding to real coefficients y offsets corresponding to imaginary coefficients
[x03,xi3]  [x02,xi2]  [xo1,xil] [x00, xi0 ] [yo3,yi3] [yo2,yi2] [yol,yi1]  [yo0,yi0]
1 ] ] ] ]

. . Y
qx0:  0=>ix0 <ix1 outsidex outsidey

qy0:  0=>1iy0 <iyl
qx1l:  0=>ix1 <ix0
qyl:  0=>iyl <iy0

[ax1] [ax0]
m v ayT] [ax0
[ix0 ][ iy1
1)
n < ‘ TTT < 1 Tﬂ r
[xT] nyoqyO = i IW !

v 4 x [PED, xory, indreal, indimag, quadrant]

Figure 5.10: Architecture for scalable NodeCost Unit requiring independent processing of
real and imaginary axes
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The output of this modification are the 4 closest PED values to the evaluation point
i.e. 1,2,3 and 4 in 5.3 as well as the directional preference of each quadrant encoded in the
zory[3:0] and the corresponding real and imaginary index values of the 4 nodes in keeping
with the above algorithm. The next step lies in dealing with the incoming information at
the relevant memory interface. The above structure can be simplified to remove the need
for sorting. This will be dealt with in the next section.

To begin, we need to get the larger picture here. The algorithm for processing a
given search space shown above corresponds to a given level. For a system with NUMANT
nodes we will have to deal with the arrival of information corresponding to progressively
lower levels in the tree search. Thus from the perspective of the entire decoding process,
we need to be able perform the algorithm shown below. In this case, we use context to
represent the combination of (zory, PED, ind_(real/imag),quad,surv)[0-8] to come up with
the algorithm shown in algorithm 4

What we can note from the above algorithm is the need for memory processing in

two cases

1. When a node needs to be sent into the cost computation resource i.e. when enable
goes high for that memory. At this time, the next valid node from this memory is sent
out which corresponds to the current active context currPED, currlevel, currindez.
Along with this, the proclevel() function is called to update the status of the search
at the current level currlevel. This results in the creation of the next valid node for
the current level, if any exist. If there are no valid nodes left at the current level then
a search for the next valid (higher) level is performed using the VALIDLEVEL to

update the current node.

2. When a new processed context comes in from the cost computation resource. If there
are any survivors in the incoming context, the current context at the relevant memory
interface is pushed into the context stack mem. Along with this, the incoming context
is made the current context. It is important to note that this method is in keeping
with the depth first search approach since we are going to attempt to move down the
tree search to lower nodes until we reach the leaf of the tree. Thus, any incoming

context with a survivor is going to be the source for the next node for processing.

To enable proclevel() to be implemented, we begin by dividing the search within



Algorithm 4: processmem Algorithm for creating next node for a given
memory

Input: enable: seeking memory read; context
Output: Output PEDout, indexout, levelout
Let, incomplete[0-(NUMANT-1)] = to determine completion of level
processing
currPED = curr PED candidate
currlevel = curr level candidate
currinder = curr index candidate
currquadinfo = information for quadrant processing at currlevel
mem/[0-(NUMANT-1)] = storage for level information Initialize
for i — 0to NUMANT do
| incompletefi] = 1
end
currPED = 0
currlevel = NUMANT
currindex = 0
while incomplete!= 0 do
{until the case where the entire context is done}
if incoming context then
if surveontest!=0 then
if level ontest =1 then
mem/currlevel] = currlevel, currPED, currindez, currquadinfo
proclevel:Initialize(context)

currlevel = currlevel-1
else

| minPED = PED context[0]
end

end

end

f enable then

PEDout, levelout, indexout=currPED, currlevel, currindex
currPED, currindez, incomplete= proclevel(currquadinfo, minPED)

if incomplete[currlevel] == 0 then
the level is completely processed

currlevel, currPED, currindex, currquadinfo =
VALIDLEVEL(mem, incomplete)
end

e

end
end
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a given quadrant along the xy diagonal. This in keeping with Fig. 5.3 where we note that the
progression along a given quadrant takes the form of growth along the real and imaginary
dimensions when we travel along a given costline in search of nodes to send out. The choice
between the real and imaginary candidates along a given line is made alternatively as real
— imag — real — imag — real and so on. The choice on starting with real or imag in this
progression is made based on whether the quadrant is x or y oriented. In keeping with this
decision we can maintain the progession for a given quadrant in two base candidates BaseX
and BaseY. The overall implementation of the algorithm for the processing of a single level
to create the next set of valid nodes and flags takes the form shown in Fig. 5.11. The
implementation shown performs the relevant computation to create the next node in both
the X and Y directions of growth along a cost line for current level being processed. It also
provides for the determination of movement from one quadrant to the next at a given clevel

in keeping with Algorithm3

BXa(rfi) BYs(rli) BX(rfi) BY(rfi) BXq(rfi) BYs(rli) BXq(rfi) BY,(rli)
‘ \ A ‘
Logic for Next

BaseX (rfi) BaseY (Ili)

\-»\ I flag
current_sel a

* node_r node_i

]
1
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|
I

Next PED, level and — —
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o nxt_index |
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. hxt_level, nxt valid

BaseX | r i | BaseY | r i

PrevBX |

r i | PrevBY | 1 i |

Updated Flags for’
node sent out &

Tmtr_or@ s
= e

baseind_i[quad_sel]
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Figure 5.11: View of system organization for processing of a quadrant in keeping with
algorithm 3

All the relevant information for encoding the status of the search at a given quad-
rant of the current level is stored in the form shown in Fig. 5.3 to create the current quadrant

status register. 4 of these status registers form the requisite information for encoding the
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status of the current level. There would be nT" — 2 such storage elements required to back
up the current level as shown in Algorithm4 thus leading to an organization of the memory

to be as seen in Fig. 5.3

B —
min to max quadrants for a given level

Level3 QUAD3 |f|QUAD2 |f|QUAD1 |f|QUADO |f||quad_ind

Level2 QUAD3 |f|QUAD2 |f|QUAD1 |f|QUADO |f||quad_ind

Levell QUAD3 |f|QUAD2 |f|QUAD1 |f|QUADO |f||quad_ind

B

f f f f

¢ ‘

d‘ QUAD1

d‘ QUADO

d‘ QUAD2

Next quadrant
and next level
selection

Logic for Quadrant Update

[ MINPED ] I PED, Ind, Level, Valid, threadlD |

Figure 5.12: Organization of memory subsystem to deal with arrival of nodes at a lower

level

‘ BaseXr ‘ BaseYr ‘ PrevBXr ‘ PrevBYr ‘ Fi. ild
[BaseXi | BaseYi | PrevBXi | PrevBYi | o°

=quad i @ level j [60 bits]

finished bit: Needed to determine next quad

d| dirty bit: used for selective writes to memory

Figure 5.13: Register Organization for encoding status of a single quadrant search

5.4 FEvaluation of Scalable Architecture

We evaluate this architecture first by viewing the improvements seen in the 4x4
antenna configuration case with 16-QAM constellation. The BER performance and the
cycle count values for this scalable implementation is seen in Fig. 5.14

It is clear from the above analysis that this architecture provides the expected opti-
mal /! solution while not sacrificing cycle counts. To provide a realistic throughput number
comparison, results of this architecture in comparison with the best case {! architecture in
the previous section is shown in Table 5.3.

There is an increase in the overall datapath delay by because of the logic for
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Figure 5.14: The BER performance and Cycle count characteristics of scalable architecture
for 4x4 16-QAM decoding

Table 5.3: Power @ 10ns clock(mW) and Area (sq um) and Critical Path delay comparisons
for Scalable solution in 4x4 configuration

Arch Priem | Plata Psphere Amem Adata Asphere D it Dlogzc
1 9.18 8.49 17.67 | 310.136 K | 135.633 K | 447.856 K | 2.11 | 11.2507
Current | 4.84 | 6.949 | 11.789 | 259.533 K | 72.686 K | 335.377 K | 2.114 | 11.9799

the creation of the 4 base offsets: 2 in the real and 2 in the imaginary axes. Additional
contributions come from the need for creation of special flags like the quadrant, zory along
with the need for manipulation of the order of the nodes to ensure a min-first approach
to node visits. The cycle count requirements for this algorithm are seen in Fig. 5.14. It
is clear that the use of the % based decisions get us closer to the ideal solution seen in
SystemC without the need for extremely complicated sorting requirements. It is of greater
importance to determine the scalability of the architecture in terms of the antenna and

constellation size.

5.4.1 Antenna and Constellation size sensitivity

This architecture is almost completely constellation insensitive. This is because
we no longer need the requirement of sorting 2¢ nodes. We reduce the complexity to the

identification of the lowest PED nodes in both the real and imaginary axes. This problem
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Table 5.4: Area Scaling with the number of antenna and constellation size for scalable

architecture presented

’ Antennas ‘ Constellation ‘ Datapath Area ‘ Memory Area ‘ Sphere ‘
4Ant 16-QAM 72.686 K 259.533 K 335.377 K
4Ant 64-QAM 95.474 K 259.533 K 355.007 K
6Ant 16-QAM 98.594 K 367.451 K 466.045 K
6Ant 64-QAM 121.382 K 367.451 K 488.833 K
8Ant 16-QAM 118.756 K 454.390 K 573.146 K
8Ant 64-QAM 141.544 K 454.390 K 595.934 K

is a fairly simple one given that we follow these basic rules:

1. If the evaluation point is outside the search space in either the real or the imaginary

axes, the offsets would either be all 1’s or all 0’s. This implies that there exist only

one direction of growth for the respective axis. Therefore, this requires only one base

node value.

2. For the case when the evaluation point in question is within the boundaries of the

real and imaginary axis limits, the lowest 2 nodes in the search space correspond

to the ones at either side of a change of sign. Therefore, if the offsets for the real
axis for a 64-QAM constellation are (from left to right): —(Basel + 2K), —(Basel +
K),—(Basel),+(Base2), +(Base2+ K ), +(Base2+2K), +(Base2+ 3K ), +(Base2+
4K), the lowest two nodes would be Basel and Base2 at real indices 2 and 3. This
follows from the sign of the offsets being (1,1,1,0,0,0,0,0).

The Memory is completely independent of the constellation size. This is where

the true advantage of this architecture makes itself evident. The memory does scale with

the number of antennas. The summary of the change in area for different constellation and

antenna sizes are shown in Table 5.4

We see that the increase in the area and hence the power of the architecture with

the number of antennas follows the same trends as previous architectures due to the need

for a larger number of complex multiplications. The true benefits of this architecture come

in the larger constellation spaces. It is seen in comparison wth table 5.1 that the the scaling

of the area of the memory IP is reduced a great deal in case of the architecture. Additional

benefits exist at the interface given that we are no longer dealing with 2¢ values coming

in. Instead we are always going to have 4 values coming in that need to be dealt with.
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Table 5.5: Power Scaling with the number of antenna and constellation size for scalable
architecture presented

’ Antennas ‘ Constellation ‘ Piatapath | Pmemory | Brotal

4Ant 16-QAM 4.84 6.949 11.78
4Ant 64-QAM 6.475 6.949 13.424
6Ant 16-QAM 6.552 9.838 16.39
6Ant 64-QAM 8.187 9.838 18.025
8Ant 16-QAM 7.683 12.166 | 19.849
8Ant 64-QAM 9.318 12.166 | 21.484

The reduced register area goes a long way in reducing both the area, the switching power
and the clock tree design constraints. On the datapath side, the increased requirement
for sorting the constellation points makes for an extremely non-scalable architecture as
described before. The variation of Sphere Decoder power with the number of antennas and

constellation is seen in Table 5.5

5.5 Conclusion

It is seen that the unique configuration of the ! cost space allows for a far greater
optimization of the datapath and memory. These characteristics can be utilized to reduce
the power consumption of the sphere decoder by about 70% from the best case ! solution for
4x4 system while still not losing out on optimal decoding preformance in the ! space. These
benefits would be much larger for increased antenna sizes and even greater for increased
constellation sizes. On the flip side, the increase in the anteanna and constellation scaling
has a far greater impact on the throughput of the decoding process because of the increase
in the search space. Pruning in its traditional form fails to scale very well as well due to
a larger number of survivors at the higher levels of the tree seach. This translates to a
larger number of total nodes that need to be visited. Therefore, it is important to consider
sub-optimal solutons that would work not just on increasing the throughput but work on
attaining a constant throughput as well. We aim to propose a simple enhancement to the

design which would allow for this to be achieved.
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Chapter 6

Decoder architecture under

throughput constraints

One of the issues with the Sphere Decoder is the fact that the throughput of the
system is variable. This is due to the fact that different symbol vectors take different cycle
times to finish given that the solution is dependent on the channel characteristics and SNR.
This is made clear in the the Fig. 6.1 where we note the finish times for different SNR values
and for different iterations. From a system perspective this is undesirable because a variable
throughput leads to the lack of predictability in system timing. A lack of predictability leads
to the inability to achieve an optimal design at the level of system integration. This proves
to be particularly true for the case where this Sphere Decoder would be an accelerator. It
is therefore important to investigate the feasibility of constraining the cycles for analysis
while not sacrificing performance greatly. As a possible solution, we propose a block based
algorithm that provides user control in the allocation of block level limits on the decoding

time.

6.1 Designing the Block Based Decoding Solution

One of the solutions to this issue is the explicit constraining of the number of cycles
allocated to each symbol vector. This method is called the Early Termination methodology.
Let us call this cycle count limit per Symbol Vector D. We attempt to determine the

variation of the Algorithmic performance and the cycle count of this implementation with
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Figure 6.1: The distribution of the Cycle Time over SNR and Iteration number for the
pruning algorithm

SNR. This is shown in Fig. 6.2

We also note that this variation does not vary much with the mask given that
the run time limits on performance are imposed more by virtue of the termination limit
rather than the survivor count. This is shown clearly in Fig. 6.3. On the positive side this
methodology seen by the modification of cycle count variability to the form shown in Fig.
6.4

From the above analysis it is seen that a limit imposed on the processing of just one
node fails to perform optimally. The ability to keep the throughput constant is also absent
due to the early finishing of certain symbol vectors. The creation of a modified block-
based algorithm that allows for a smarter decision on the iteration limits for SD. It has
been shown in [31] [48] that a block-based approach with run-time constraints SD provides
algorithmic performance that closely matches the unconstrained SD implementation (MLD).
The advantage in using this approach is the ability to place a bound on the number of cycles

that will be consumed in decoding a block of data. This also brings with it the ability to
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Figure 6.2: The BER and Cycle Count performance for termination limits of D = 7, 15, 20

place constraints on the hardware requirements both within the system and in interfacing
to it when used as an IP. An IP with a rate-limited IO behavior makes for a much simpler
process of system integration. The decision on the block size could be as simple as N x D4
which would allow for a better average behavior with say Duyg = Dias, where N is the
block size and D4, is the maximum number of nodes that can be visited for a given
symbol vector so as to meet a given throughput constraint. For example, if we have a 20M
symbols/sec limit and an operating frequency of 200 MHz, we have a Dmaz of 10 (assuming
we spend 1 clock cycle per node, which is the case here). This does not really do much in
terms of improvement given that the number of cycles needed to decode a symbol vector
vary around a mean. As an alternative, the allocation of the cycles per decoding could
be performed by spreading the total cycles over a block dynamically over many decodings
where one might take greater than the average case while another might take take less
than the average case. Overall, the average behavior is maintained. For such a case, the
allocation of the cycle count (node visitation) limit for a given symbol vector n in a block

is per (with M7 = number of transmit antennas):

n—1
Dimax(n) = NDayg — > _ D(i) — (N —n) My (6.1)
=1
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Figure 6.3: The BER and Cycle Count performance for termination limits of D = 20 and
mask = 8,12,16

This constraint has the visibility of just one vector and hence makes a decision
based on just that data and the dynamics of its predecessors. In the case of my multi-context
approach to design, the visibility of this algorithm is equal to the number of contexts
and hence we can make a more judicious decision. This should be able to allow for a
more predictable throughput at the level of the block while minimally degrading the SNR
performance.

The issues with the present architecture is that the one node having a Linear
Equalization (LE) solution in My clock cycles is not valid any more. When a node enters
the decoding process, it only has an LE solution when after P x Mr clock cycles, where P
is the number of contexts that are being processed in the pipelined architecture (presently
stands at 9). But we can still run the block based algorithm with a minor modification
by identifying the occurance of the criterion for “forced completion”. The criterion is
the presence of (N — n) un-decoded symbol vectors with only (N — n) x My clock cycles
available. At this point,

e The nodes that have already been decoded to the lowest level would be kicked out in

favor of the new symbol vectors coming in.

e The nodes that have not reached the lowest levels would be allowed to go just to
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Figure 6.4: The Cycle Count Distribution for for termination limits of D = 20 and mask =
16 in case of the Early Termination methodology

the lowest level i.e. level 1 and get a LE solution. We can also prevent un-necessary
computation by allowing the mask to allow just one result of computation at the

NodeCost unit to go through and survive.

Thus the idea is to just let things go un-interrupted till we reach the forced com-
pletion state at which point we move to a minimalistic mode where only the minimum
resources and LE solution mode. The issue therefore is the determine, correctly, the occu-
rance of the forced completion state. In (6.1), the (N — n) My constraint does not consider
the number of cycles already spent in decoding the symbol vectors in the pipeline. The
number of cycles needed to get LE solutions for all the unfinished nodes in the block would

be

P
C = ((N—mn)xMr)— |(PxMr)— > x(i) (6.2)
where, if Nvisit; = number of nodes visited by i*" context,
x(i1) = 0 if Nvisit; > Mp
= My — Nuvisit; if Nvisit; < Mp (6.3)
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The last term in (6.2) 2521) x(7) counts the exact number of cycles required to
find the LE solution for the Symbol Vectors in the pipeline. Therefore, we can allow for

normal operation until the cycles spent decoding the present block reaches

P
DecLimit = N x Dayg — (N —n) x M) + [(P x Mp) = _ x(i) (6.4)
(i=1)
=N x (D,wg—MT)—f-(PX MT)+

Initial Constant
n X MT —

———
added each time a SV is decoded
> x() (6.5)
(i=1)

~—
# cycles required to get LE soln for SVs in pipeline

Another approach: The number of cycles needed to get LE solutions for all the
unfinished nodes in the block would be
P
C=((N-n)xMr)— | @i)| where, if (6.6)
(i=1)

Nvwisit; = number of nodes visited by it" context,

QO(Z) == MT if Nvisiti > MT
= Nuwisit; if Nvisit; < My (6.7)

The last term in (6.6) 25:1) ©(7) counts the exact number of cycles already consumed by
the pipeline in an attmept to reach the LE solution. The count for a given context saturates

at Mp. Therefore, we can allow for normal operation until the cycles spent decoding the
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Figure 6.5: The BER and Cycle Count performance of Block Based Methodology

present block reaches

P
DecLimit = N x Dayg — (N —n) x Mz)+ | > (i) (6.8)
(i=1)
= N x (Dgyy — M) +

Initial Constant

n X MT -+
——
added each time a SV is decoded
P
> el (6.9)
(i=1)
~——

# cycles aready spent from minimum quota to get LE soln for SVs in pipeline

We use option two due to ease of implementation. On the use of this method, we
attempt to determine the performance of the algorithm with run time contraints imposed
by having the block size N = 64 and varying the average allocated cycles per Symbol Vector
Decoding to be Davg = 7,11,20. The BER and cycle time performance is as shown in Fig.
6.5 in comparison with the Pruning methodology and early termination. The variation of

the cycle count with SNR and iteration number is shown in Fig. 6.6 for N = 64 and Dg,g =
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Figure 6.6: The Cycle Count Distribution for for termination limits of N = 64, Davg = 20
and mask = 16 in case of the Block based methodology

20 and mask = 16. As can be seen, the variation of the completion times for the decoding
of 10000 bits is a lot smoother and hence easier to integrate into a SoC.

It is seen that this architectural modification allows for greater control of the
throughput characteristics of the algorithm. The ideal configuration of the block limits N
and Davg require a greater understanding of the environment of usage. These control values
are easily programmed into registers and can be modified by the controlling unit. This allows
for the imposition of constraints only when needed. If a optimal decoding performance is
called for, the mode can be disabled. There is no power, area or performance hit given that

these options are imposed by the addition of simple control at the memory access unit.

6.2 Conclusion

This chapter provides an initial take on the creation of a block based solution for
the time-multiplexed architecture. The aim of this block based architecture is to provide
a simple means of controlling the total number of clock cycles assigned to the decoding
of a block of symbol vectors. The architecture proposed allows the controlling element,

say the software in a SoC, to program a few counters that allocates different limits on the
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clock cycles for decoding. It is shown that the values needed for these counters is dependent
upon the noise values and the throughput constraint on the system. Using the right counter

values allows for a close to algorithmically optimal performance.
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Chapter 7

Chip Design of Time Multiplexed
Sphere Decoder

The time-multiplexed Sphere Decoder was implemented using a 8-metal 90nm
IBM process. The aim of this design was to determine the feasibility of this architecture
and to provide numbers for the analysis of the limits of voltage scaling. Additionally, the
move to 90nm would provide additional information on the issues that would creep up as
we move down the technology node for a wireless implementation such as this. To this end,
we implemented the SD architecture with provisions for realistic testing and debuggability

of the architecture in case of unpredictable behaviour.

7.1 Chip Design with Testing

To enable testing of the SD design under realistic conditions, we designed an
environment which provided inputs to the SD core using vectors loaded into memory. The
top level block digram of this thought is shown in Fig.7.1. The vectors were loaded from
the input to the chip (din) using handshaking involving two signals : mem program and
send_data. The mem program signal is used to enable the operation of the controller at
the input interface. The input interface, in turn, uses the get_new, which signifies the
completion of a decoding, to create the send_data signal which is used by the data provider
to assert new data at the din bus. The requirement for the loading of the vectors results in

the need for two phases of operation of the Chip a) the initialization phase where time
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is spent on loading the required testing memories and b) the runtime phase during which
the decoder performs its actual functioning and hence will seek new data values when a
decoding cycle is completed. This is visually represented in Fig. 7.2. The initialization
phase is broken down into the loading of the Precompute Memory, the R memory and the
initial yhat memory. The Precompute memory provides the values that will be used to
create the RiS'% signals for the NodeCost Unit, the R memory is used to store the result of
the QR decomposition matrix for the channel realization and yhat memory is used to store
the § = Qfy vectors where y represents the incoming symbol vector at the receive antenna
after the ADC. The SD implementation here uses 9 context memories for the decoding
process. This, therefore, results in the scenario at Point A in Fig. 7.2 which corresponds to
the need for 9 initial loads from memory corresponding to the 9 context memories present.
The point B in the figure represents the scenario where a successful decoding has been
performed and hence a request for a new symbol vector to be decoded is sent.

To enable a greater visibility into the Chip a scan chained design was implemented.
The coverage for this scan chain involves the entire register chain of the datapath. Addi-
tionally, the set of registers that form the current inputs for cost computation are also scan
chained. With scan chains, the ability to re-create a snapshot of the entire memory of
interest also comes with the ability to insert a known state into the system. Of course, this
requires us to be sure that the scan chain does yield and work correctly. The scan chain is
particularly susceptible to hold issues by virtue of extremely short paths from the output
to the input. This must be remembered when analyzing the correctness of the synthesis
result. All paths with scan chain registers should be analyzed for minimum delay at the
fastest corners.

The fully annotated final layout view is shown in Fig. 7.4. The final die area
was 2.72 mm by 2.82 mm which includes guard rings for easy of dicing the die. The core
area of the fabricated design is 2.5 mm by 2.4 mm. The layout shows the breakup of
the die area into the two main sub-designs a) the datapath only section and b) the full
sphere decoder with test vector memories. The datapath only section consists of the cost
computation resource with scan chains for loading the environment for the computation to
be performed. This was a contingency plan for the analysis of the die in case the larger
design did not yield. The final die area for the Sphere Decoder came out to be 1.44 mm?

with a significant portion of that area being spent on the analysis memories and their
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This is at an intermediate point in the simulation where a successful decoding has been
performed (indicated by the get new signal) which results in the need for a new set of
vhat values (symbol vector that needs to be decoded) to be loaded.

Figure 7.2: Protocol for chip initialization and normal run
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Figure 7.3: Scan Chain inserted into design for increased visibility and register control
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Figure 7.4: Annotated Chip Layout from DFII

interface. This of course makes for a very realistic design given that similar constraints for
interfacing with the SD core would exist even for an SoC. The distribution of the input and
output nodes was done so as to provide ease of bonding for “sign of life” testing or probing
of pads if necessary. The feasibility of probing a pad vanishes greatly with the proximity of
the pads required for analysis of a design. To this end, pads for simple testing were placed
in different corners of the die.

The annotated photograph of the die received after fabrication is shown in Fig.
7.5. The sections corresponding to the full system and the datapath only section are clearly
shown.

After ensuring that the VDD, VSS, DVDD and DVSS signals were not shorted,
testing for sign of life was done using 5 inputs: reset, scan_in, scan_enable, clock,
start and 1 output: scan_out. The bonding diagram to a 40 pin DIP package is created

as shown in Fig. 7.6. We also bond up the secondary datapath only portion of the chip as
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Figure 7.6: Gold bonding plan for sign of life testing using scan chains

a contingency to failure of the Sphere Decoder. The DVDD and VDD pads were drawn out to
package inputs as well to provide isolation of chip and core power connections. The DVSS
(pad ground) and VSS (core ground) were shorted to the cavity which in turn is connected
internally to the pin number 10 (not numbered in Fig. 7.6).

A 2 in. X 4 in. board compatible with 40 pin dip package of choice was design
and fabricated. The credit for this board design goes to Samson Melamed from our group.
The board was integrated with the package, two 10 pF bipolar capacitors, two 10 uF
ceramics capacitors, the requisite header pins and two SMA connectors for the two clocks:
clock datapath and clock_sphere. The multiple voltage levels and the use of a separate
plane for signal routing led to the need for a four layer board. The final integration of all
the components resulted in the testing system which takes the form Fig. 7.7. Most of the

credit goes to Samson Melamed again.
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To determine final correctness, a scan pattern was sent in using the scan_in pin
and the clock while asserting scan_en and start and deasserting reset. The pattern sent
in was seen at the scan_out pin after the correct 1854 clock cycles for the scan chain. This
testing was done at 50 KHz.

Having passed the sign of life test, the next step was the creation of the full test
board. The problem gets far more complicated by the need for a larger number of inputs
and outputs to be considered. We can not longer work with DIP packages because of the
presence of large parasitics values. Additionally, there is a reduced tolerance for parasitics
from bond wires and traces on the board. To do away with the need for a package the
decision was made to bond straight to the traces on the board. To reduce the complexity
of this process, the traces end in a staggered configuration with line ends of greater width
than the traces themselves. The final view of the bonding process is shown in Fig. 7.9.

The board designed for testing the full operation of the sphere decoder takes the
form shown in Fig. 7.10. The number of inputs required for testing full operation goes up to

include the data input values. We continue to include the scan pins in our testing strategy
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Figure 7.8: Instrumentation chain for chip testing

to enable debuggability. The scan chains can be kicked in to enable reconstruction of the
datapath memory elements which should provide a good deal of understanding about the
source of the error if needed. The board shows the separation of the inputs and the outputs
of the chip. This is done to avoid having to cross wires over one another when testing.
Things can get very difficult to handle when dealing with the usage of the instruments for
testing which are both big and require rigid SMA cables for connectivity. This could lead

to a lot of stress on the board.

7.2 Input generation and output checking for board tests

One of the challenges in the testing of this chip is the creation and assertion of

stimulus into the Board for checking. To simplify the process, we created a perl script to
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Figure 7.9: Wedge-bonding for performance measurement of Chip (Note the bonding to
traces on PCB)

Figure 7.10: Full layout of PCB for performance measurement
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parse the result of a Modelsim simulation with the requisite time values and data values
for a clock edge based input for the chip. The inputs to the chip were modified to create
a bit stream for each of the 22 inputs to the chip i.e. reset, scan_in, scan_enable,
clock, start, mem prog and Din[15:0]. The signals were then converted into a HFS
9000 Digital 36 Channel Pattern Generator compliant file. In this file, each of the 22 inputs
were assigned to a particular channel of the HFS along with the creation of an oversampled
clock that goes to the TLA 704 Logic Analyzer. For most cases this oversampling was done
at 4. The TLA was also used to observe the output from the chip and send_data signal.
This provided all the necessary information to determine the correctness of the decoding
process in a visual manner.

Successful decoding was observed for the chip at 50 KHz initially. On increasing
the clock rate we observed the correctness of the output upto 4 MHz. Beyond this point, the
system decoded in a deterministic but incorrect manner. To determine the reason for this
we created a perl script for the re-creation of the datapath register chain. This allowed us
to look into the status of the system at any intermediate point in the decoding process. On
analysis of the scan chain at intermediate points in the system beyond 4 MHz, we observed
that the datapath was unable to perform accurate computation especially in the NodeCost
unit. We attribute this to the absence of a sign-off level IR analysis using VoltageStorm™.
Additionally, we believe that there should have been more on chip decoupling included to

cater for current surges along the power and ground rails.

7.3 MIMO Analysis Flow

The MIMO Analysis flow we have developed is shown in Fig. 7.11. The entire flow
is stitched together using perl. The flow begins with the ability to create SNR sensitive data
of any length and corresponding to a constellation of choice using MATLAB. We usually
create 20 iterations of 10000 bits each for SNRs from 6 to 30 for our analysis. This tends to
capture the more important range of operation. In addition with the creation of the noisy
vectors, the expected result is also created. This is necessary to determine the total number
of errors in the decoding process.

These vectors form the basic testing requirements for checking the performance

characteristics of the architecture of choice. At this point, a choice needs to be made. A
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prototyping analysis in SystemC can be run to determine the characteristics of the archi-
tecture of choice. Alternatively, if all the necessary prototyping has been performed and
the final architecture has been coded in Verilog, we can perform the requisite analysis on
the coded system. This is the architectural exploration stage. Using a combination of perl
for massaging the output logs and C++4 for number crunching, the typical checks that are

going to be done at this stage are:

1. BER checker: This C++ binary checker utilizes the result from either SystemC or
RTL along with the floating point expected values to determine the total number of
errors in the design. The requirements is, of course, is the need for a certain format

for the display of the result of the decoding process.

2. Completion time checker: This is a simple grep to determine the total number of

cycles taken to finish

3. Survivor Profiler: the display logs are parsed to create the requisite entries into the
survivor profiler. The profiler bins the total number of survivors at each level as
a function of the SNR. Another profiler bins the survivors for different SNRs as a
function of the level. This provides valuable information regarding the efficiency of

the decoding process.

4. Memory Profiler: This C++ profiler is used to determine the access patterns to
memory in each of the context memories to determine if there are obvious trends that

can be observed which could be exploited.

5. PED tracker: This is also a C++ function that runs on the logs to determine the
progression of PED values for a given symbol vector before the final mincost is reached.
This is a very useful debugging tool when used to compare the RTL implementation
with the golder SystemC model. It also provides a easy means of comparison with
ML estimates given that the ML final min-cost value will not be different from the

SD final mincost value.

In addition to the above analysis, we can also perform bit level analysis by con-
trolling the headers for the simulation. Any architecture can be chosen for checks by the

use of command line options. The typical Command line parameters for analysis are:
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1. Version: The version of the architecture to be analyzed
2. Type: This is used to determine if RTL or SystemC analysis is being performed
3. SNR range: the start and end values of the SNR range of interest

4. Iteration range : The start and end points of the iteration being performed. Each

iteration will have 10000 bits to be decoded for each SNR value in the SNR option.
5. Number of Antennas: The total number of Antennas for the simulation

6. Number of contexts: This corresponds to the total number of context memories that

will be used for a given simulation

7. Number of constellation points: For now, this is going to be 16 / 64 corresponding to

16-QAM or 64-QAM.
8. Operation: This corresponds to either: Simulation, Synthesis or Power

The most important choice in the above parameters is operation type. The Syn-
thesis option creates the netlist for the design of choice using Synopsys Design Compiler.
The clock used for this is Ins given that we are going to be using a delay constrained
synthesis result. The power results could either be a) using rt12saif and running a simple
modelsim simulation b) using a prototype value which uses trial route for SPEF creation
or ¢) a final power evaluation after a full place and route is done and using a sign-off level

SPEF value.

7.4 Chip Design Methodology

The chip design methodology followed for the implementation followed a typical
Semi-custom flow. The synthesis flow (RTL to Netlist) is typical except for the need to
incorporate Memory IP. It is important to note that the chip that was taped out did not
use the Memory IP. This requires appropriate link and target library manipulation along
with the search path manipulations. Additionally, a set_dont_touch attribute was applied
on the higher drive clock buffers and inverters. This was done because the higher drive

cells have U shaped metals in them that might cause complications in place and route.
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Figure 7.12: High level view of CAD flow for design and analysis

Additionally, the correct pads from the GPIO library of arm were included at the input and
output side to ensure that the buffers are of the correct size at the interface. To ensure that
there are no hold issues we provide a clock uncertainty of 400 ps and perform hold fixing
at the fast corner of the process. The overall methodology for the movement from RTL to
GDS2 is shown in Fig. 7.12

The resulting netlist from Synthesis captures the design intent using minimal logic
for a given constraint. We have used a delay constraint for later designs but an area
constraint for the Tapeout. The resulting netlist needs to be converted into an error free
layout while ensuring that the inclusion of real capacitive and resistive values for the nets do
not cause the performance to fall greatly. The toolflow for the place and route methodology
used is shown in Fig. 7.13. This is done using Cadence Encounter

Of particular importance in the place and route flow is the need for Clock Tree
Synthesis (CTS). A close eye must be kept on the constraints for this process. Too stringent
a constraint would cause the inclusion of too many buffers which would cause an enormous
increase in the power. We use a 120ps skew requirement. To ensure sign-off quality place
and route parasitics, we use the Fire&lce flow with a noise library database creation shown

in Fig. 7.14. The use of this library ensures a more accurate modeling of both the nets
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Figure 7.14: Creation of parasitic database file for Fire&Ice using LibGen

connecting standard cells and the internal wiring within the standard cells as well.

The final correctness of the result from Cadence Encounter place and route is
established by moving the the finished GDS to DFII and running DRC and LVS using
Mentor Graphics Calibre.
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Chapter 8

Conclusions and Future Work

8.1 Conclusions

The aim of this work was to provide a energy efficient approach to the design of
MIMO Decoders. To this end, we analyzed these systems in the domains of both power and
throughput while striving to achieve optimal decoding performance. We analyzed and im-
plemented a set of solutions that aim to provide an energy efficient solution and showed that
the optimal architecture changes with differing throughput requirements. We also provided
the means of invoking an optional algorithmic sub-optimality if needed by the user. The
final conclusion of the analysis was the implementation of a novel time-multiplexed architec-
ture for Sphere Decoders. This combined deeper pipelining of a continuously processing cost
resource with the creation of memories for processing the results of the computation. This
architecture allowed for performing operations that would allow for an increase in through-
put without having to sacrifice the optimality of the decoding process. The creation of
a chip using these principles resulted in a low power implementation that consumes only
43.659 mW of power at a 6.7 ns clock period. This architecture supported a throughput of
14 Mbps for a optimal decoding performance.

We explored the algorithmic, architectural and circuit spaces using a combined
SystemC and Verilog framework. This enabled the convergence to the minimum power
architecture of choice based on the constraints of throughput and algorithmic optimality.
The study of post layout values provided sufficient correlation to increase the trust in a high

level analysis such as this. We use a fast cycle-accurate model of the system in SystemC
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to determine throughput bottlenecks and converge to the minimum power configurations
for different cost computational choices. We evaluated these options in terms of both algo-
rithmic performance and throughput limitations so as to determine the architecture to be
used. Based on our analysis we prove the need for the use of I2 or its approximate to satisfy
high throughput requirements at lower Signal to Noise ratios. We also analyze the effects
of increasing constellation sizes and antenna values with the aim of providing solution that
scale with these parameters. To deal with these constraints, we exploit the symmetry of
the I cost space. The resulting {! architecture has a small increase in power and delay
with increased antennas when compared to the previous algorithmically optimal implemen-
tation. Moreover, this architecture is almost independent of the number of constellation
points. The use of this architecture allowed for a further reduction in power consumption
without sacrificing throughput performance at medium to high SNR values (18-26 dB). Post
synthesis measurements brought the power consumption down to 23 mW at 6 ns.

In an effort to allow user control of throughput, we also provide insights into the
tradeoff of throughput and decoding performance. A solution was proposed by the impo-
sition of block-based limits during run-time by the user. These architectural modifications
allow for operations close to the Gbps range at low to medium SNRs.

The time-multiplexed Sphere Decoder ASIC implementation using an 8-metal
90nm IBM is described. The creation of this chip was aimed at determining the advan-
tages of voltage scaling using realistic measurement. We also included simple methods to
increase the visibility and debuggability of the system while providing SNR sensitive data
to the decoder. The chip was successfully tested for sign of life and performed successful
decoding. Thus, the feasibility of this architecture was demonstrated using a combination
of automatic and manual tool flows.

The combination of the above architectural improvements provide confidence in the
ability of Sphere Decoders to provide flexibility and throughput support while maintaining a
low power consumption. This work demonstrates the ability of these decoders to more than
keep up with the needs of the future generation of wireless standards where throughputs in
the high hundreds of Mbps are required at a sufficiently high quality of service. Also, we
prove that the use of highly pipelined designs with multiple distributed memories allows us
to achieve higher Energy Efficiency in these designs.

The key contributions of this work are:
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1. Insight into the axes of tradeoffs for the implementation of Sphere Decoders

2. Methodology for design and analysis of Sphere Decoders using a combination of Sys-
temC and RTL

3. The provision of data and analysis that shows that the optimal use of pipelining

provides the lowest power implementation for a throughput constraint

4. Novel Block based algorithm for trading off sub-optimality in the interest of increasing

throughput

5. Provision of insights into the constraints when facing the need for scaling the number

of antennas and the constellation size.

6. New Architectures for Sphere Decoders that provides the ability to decode over wide

range of throughput constraints in an energy efficient manner
7. Lowest Energy per bit performance of optimal decoding architectures

8. Functional 90nm CMOS implementation with test and debug structures to deter-
mine tradeoffs of Energy Efficiency versus SNR. We also provide details about the
methodology followed for the design and testing of this system.

A comparison of our work with the State of the Art is seen in table 8.1

We compared out result with the best available implementations for both 16-QAM
and 64-QAM constellation spaces. All the architectures were confirmed to be algorithmically
optimal or close to optimal. The architectures were compared in terms of the clock rate
where we see that our architecture achieves the highest values by virtue of deeper pipelines
in the datapath. Additionally, the cycle count requirements are also lower except for [30]
which is sub-optimal in decoding. The effects of the increased constellation sizes on the
throughput cause the fall of the throughput in case of [52] to 14 Mbps at a low power of
80mW. Moreover, we also note that we achieve an extremely high b/s/mW for the 64-QAM
case by virtue of an architecture that is insensitive to the constellation size thereby providing
the ability to achieve a greater of operation for either throughput or power constraints. It is
clear from the table that we have achieved the highest b/s/mW or lower nJ/b performance
while not sacrificing algorithmic optimality for both the 16-QAM and 64-QAM case.
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Table 8.1: Comparison of architecture with state of the art

Category ‘ [30] ‘ [4] ‘ [43] ‘ [52] ‘ This Work
Modulation 16-QAM QPSK 16-QAM 64-QAM 16-QAM
64-QAM
Decoding DFS ML K-best SD | K-best SD DFS
(sub-opt) (opt) (sub-opt) | (sub-opt) (opt./sub opt.)
Technology 0.25u 0.18u 0.35u 0.13u 0.09u
Frequency (F) 71 MHz | 123 MHz | 100 MHz | 270 MHz 476/711MHz (ret)
Fplaceroute 362/540 Mz
Gate Count 50K + 685K 91K + 230K 140K +
preproc preproc preproc

(3.5 pm? 90nm NAND?2)
Throughput (T) | 169 Mbps | 28.8 Mbps | 52 Mbps 14 Mbps opt: 336/590Mbps(ret)(16-QAM)

@20dB opt: 184/235Mbps(ret)(64-QAM)
@20dB sub-opt:1Gbps (ret)(16-QAM)
Tplaceroute 256,/463Mbps(ret) (16-QAM)
141/180Mbps(ret) (64-QAM)
BER @ 20 dB Opt.:1073
Sub-Opt.10~2
Power(mW) (P) | 473(2.5V) N/A 626(2.8V) | 80(1.2V) 83.6(16-QAM) /95.26(64-QAM)
Pptaceroute(mW) 100.32(16-QAM) /114.312(64-QAM)
Pioon1.2v (mW) | 139.68 N/A 146.25 70 100.32(16-QAM) /114.312(64-QAM)
Tioon12v (Mbps) | 4225 N/A 218.75 18.2 463(16-QAM)/180(64-QAM)
nJ/b 2.8 N/A 12.03 2.3 0.17(16-QAM) /0.485(64-QAM)
nJ/bioon.1.2v 0.33 N/A 0.67 3.84 0.21(16-QAM) /0.63(64-QAM)

8.2 Future Work

The primary focus of this work was to implement algorithmically optimal decoders.
We have touched upon the use of block-based coding as a means of providing control over
throughput while sacrificing algorithmic optimality. It would be very interesting to inves-
tigate further along this axis to determine a better criterion for assignment of a symbol
vector to the pipeline resource for a given clock cycle. It would be ideal to assign symbol
vector to resource as a function of the closeness to completion of a given decoding process.
Sensitivity to criteria like quickness of convergence to current min-cost solution, the num-
ber of survivors still left to be analyzed etc would be ideal measures of the closeness to
completion. A second important design aspect that needs to be considered is the require-
ment for soft-outputs. Increasing number of mobile systems have begun to adopt channel
coding to achieve increased quality of service. Initial results on the implementation aspects
of Sphere Decoders with soft outputs have been reported by Burg et. al [48]. It would be

very interesting to determine how the energy efficiency of our architecture can be leveraged
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to make more judicious decisions at the system level.

Another area that needs to be investigated in greater depth is the creation of a
multi-core architecture. This architecture would involve the usage of multiple pipelined cost
computation resource units with shared memories. Architectures of this type would improve
the energy efficiency of decoding by increasing the throughput that cane be supported and
would require a revaluation of the points of lowest power.

The use of multiple cores of the type we propose would best benefit a SoC with
multiple possible application domains. There is, therefore, a case for investigating the
tradeoffs involved in the evaluation and implementation of the proposed core, either one
or many, in a SoC platform. This requires a combined software-hardware view with the
cores acting as a sea of hardware accelerators. The evaluation would require the running of
a realistic application and the evaluation of benefits of application specific instruction set
improvements, software reconfiguration of the cores using control registers and the use of
power management to shut-down and restart different cores based on necessity.

Another useful improvement that needs a formal investigation is the feasibility of a
adaptive core which modifies its datapath and control protocols based on the environment.
This sort of run-time change of flavor would help in minimizing the overall amount of unused
computation. This kind of adaptability reduces the degree of control required from the
software side and reduced the overhead of core maintenance. A combined algorithmic flavor
modification and hardware reconfiguration might lead to lowest feasible power consumption

for a given micro-architectural configuration.
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