


Abstract— Memories are increasingly dominating Systems on
Chips (SoCs) designs. Hence, they represent a majority share of
the total system's power dissipation. Shrinking device geometries
and increasing power dissipation have resulted in high operating
temperatures of designs. SoCs often have on-chip temperature
gradients of up to 50°C. Conventionally, designers increase
(overdrive) the supply voltage (Vqq) to increase the reliability of
the memories which in turn increases their power dissipation. On
the contrary, by considering the effect of temperature on
memories, we observe that reducing V4 can help improve both
the reliability and the power dissipation. In this report we
propose Temperature-and Error-Aware Memory Design
(TEAM) which optimizes embedded memory design while
considering both thermal and error issues. Using TEAM,
designers can optimize memories’ power dissipation while
maintaining both performance and error metrics. Our
experimental results indicate that thermal unaware estimation of
probability of error can be off by at least two orders of
magnitude and up to five orders of magnitude.

I. INTRODUCTION



increase in both frequency (o f) and Vgq (a0 V). The leakage
power, on the other hand, increases only with V44 (a ePvad B
>1). Both dynamic power and leakage power dissipation
determine the operating temperature. Leakage power
dissipation of a cell is known to increase super-linearly with
increase in temperature. As temperature increases, the
leakage power dissipation increases which further elevates the
temperature. This ‘positive feedback loop’ between
temperature and leakage power stabilizes when steady state
operating temperatures have been reached at which state all
the dynamic and leakage power dissipation is transferred to
the environment by the package [1]. Thus the list of
parameters that affect the probability of errors in memory (or
logic) is as follows: V44, frequency, temperature, leakage
power, and dynamic power. A comprehensive approach to
memory/logic design must consider these relationships
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Figure 1, Sensitivity of Memory Errors to Various Parameters

III. SIMULATION RESULTS

For our experiments we use HotSpot [6] tool to
determine the temperature of memory for different supply
voltages. Because of super linear dependency of leakage on
temperature we have coupled leakage power models with
HotSpot. Rise in leakage power raises the temperature which
in turn affects leakage power, and we have also modeled this
positive feedback loop in our framework. After obtaining
expected temperature values for different Vgs we run a
HSPICE simulation in order to calculate the probability of
failure. This HSPICE simulation uses 65nm Predictive
Technology Models (PTM) [7]. Fig. 2 shows the relationship
between the probability of error and the Vg4 for a cell with
maximum allowed time of 65ps. The curves show the
probability of error for the estimated temperature profile
(using the dependencies shown Fig. 1) and at two corner case
temperatures of 25°C and 105°C. Since we are only
considering 60vy, variation for each transistor, the smallest
probability of error that we can calculate is 10"* [5]. From the
figure, we observe that the probability of error is significantly
higher at higher temperatures. For example, at V43 = 0.9v the

probability of error is of the order of 10 at 25°C versus 10™!
at 105°C. However, when we estimate the probability of error
while considering the interrelationships between Vy4 and
temperature, we observe that the probability of error is of the
order of 10 at Vg4 = 0.9v. These observations quantify the
effect of temperature on the probability of error in a memory.
We also observe that for 105°C, an inversion in trend of
probability of error occurs at V4q = 1.1v (marked ). Because
of dominance of the effect of temperature (which increases the
probability of error) we observe that an increase in Vg, fails to
reduce the probability of error. We observe similar
phenomenon for the curve for estimated temperature profile
(marked y). As Vg increases, the temperature increases very
steeply because of which we observe that the probability of
errors increase. This demonstrates that an increase in Vg4 does
not guarantee a reduction in the probability of error because of
the effect of temperature described in the previous sections.
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Figure 2, Probability of Error for Different Temperature Profiles

IV. FUTURE WORK

In subsequent quarters we intend to extend our study to
identify analytic equations that can help the designer predict
stable points of operation with minimum energy for a given
probability of error that can be tolerated by the system.
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Abstract—In Winter 2008, we derived a high-level power
macro model for an adaptive router, which allows network
power to be readily incorporated into simulation infrastructur es,
providing a fast and cycle accurate power profile to enable power
optimization for multi-pr ocessor

I. INTRODUCTION

Although today’s processors are much faster and far more
versatile than their predecessors using high-speed operation
and parallelism, they also consume a lot of power. Moreover,
an interconnection network dissipates a significant fraction
of the total system power budget. Therefore, interconnection
network must be designed to be power aware. It is desirable
to get detailed trade offs in power and performance early
in the design flow, preferably at the system level. However,
there is limited tool support available for power analysis of an
interconnection network.

In Winter 2008, we developed a framework for router
power analysis that uses the number of flits passing through
a router as the unit of abstraction in order to speed up
of network simulation because the detailed modeling at the
low level abstraction can further exacerbate the complexity
of simulator. When validated against gate level simulation,
our power model derives power profiles that match closely
with that of gate level analysis. The high level power macro
model allows network power to be readily incorporated into
simulation infrastructures, providing a fast and cycle accurate
power profile, to enable power optimization such as power-
aware compiler, core mapping, and scheduling techniques for
multi-processor. By evaluating the effect of different core
mappings using SPLASH-2 benchmark, how power analysis
can facilitate power optimization of NoC was demonstrated.

Il. POWER MACRO MODEL

We created a power macro model for a single router [1].
From the simulation results, two important conclusions were
drawn: (1) different payload affects differently the power be-
cause dynamic power is proportional to the switching activity
of gates (P = %aCdef, with f the clock frequency, «
the switching activity, C the switch capacitance, and Vy, the
supply voltage). (2) the state of each outgoing port has a close
relation to the overall power. In particular, state transition of
outgoing port has a noticeable effect on its power consump-
tion. Based on these observations, the power consumption of
the router can be given as:

P=ay+ayg Yy +ag- s+ aas-Yas 1)

where ¢y is Hamming distance of outgoing flits; g is the
number of outgoing ports passing body flits; and ¥ ag is the
number of state transitions of outgoing ports.

Figure 1 shows a snapshot of the power waveform generated
by the power macro model (solid line) and gate level simula-
tion (dotted line) using PrimeTime for a router located at (2,2)
ina4 4 mesh network. The L3 power waveform is very
close to the gate level power waveform, while the L2 power
waveform shows less detailed estimation. The power model
of the L3 allows extremely accurate power estimation with
more than 10000 speed up over PrimeTime based estimation.
As can be seen, the power estimates from the power model
are highly correlated to the actual power consumption. Even
though sporadic peaks are present, they do not affect the
global behavior of the power model. The experimental results
have confirmed the reliability of our power model, being
the average absolute cycle error with respect to PrimeTime
analysis within 5%. The power model allows desgner simulate
various strategies to observe their influence on power quickly,
which is not practically feasible with gate level simulation.
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Fig. 1. Predicted and measured power waveforms at level 2 and level 3
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Projectl Name: Charge pumped wordlinedriver foe voltage scalable process
variation awar e caches
Project2 Name: Word Level remapping for improving fault tolerance.
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Projectl overview:

This project was initiated following our previous studies on parametric defectsin
the result of process variation. As technology migrates to smaller geometries process
variation, due to physical limitations of processing technologies, will increasingly affect
the behavior of the memory cells. Considering the structure of the memory arrays and
their dense arrangement (minimum geometry transistor sizes), the defect density is
therefore much higher in the memory structures compare to logic.

In this project we developed a process variation aware architecture. In our proposed
memory, the wordline driver is altered to allow selective charge pumping on weak
wordlines (wordlines containing cells that are severely affected by process variation). Our
studies show ~35% improvement in access time, ~40% improvement in write time
from/to cellsin the weak wordlines that are activated using our proposed architecture.
Process variation results in a Gaussian distribution of access times. The new architecture
controls the process variation in two ways. It shifts the mean access time to smaller
values, and also it reduces the standard deviation from mean access time across all cells.
The area overhead of the architecture is negligible (~1% of the memory size). The ability
to tolerate higher number of defects makes the new architecture a preferred candidate for
voltage scaling. This study has resulted in the submission of following papers for
publication.

Publications:
1- M. Makhzan, H. Houmayoun, F. Kurdahi, A. Eltawil “Process Variation Aware
Wordline Driver for Low Voltage Operation” ICCAD 2008 (Submitted)
2- M. Makhzan, H. Houmayoun, F. Kurdahi, A. Eltawil “Process Variation Aware
Aggressive Voltage frequency scaling for Embedded Processors.” MICRO 2008
(Under preparation)

We are also working on preparing ajournal paper for submissionto TVLSI



Project2 overview:

This project was initiated based on understanding that single bit faults (stuck at
ones“SA1” and stuck at 0 “SAQ") consist the mgjority of defects in the memory
structures. In addition as the technology scales the parametric defects (discussed in the
overview of the previous project) will increase exponentially dominating the defect
density. However process variation defects are random and uniform in nature and they
could all be looked at as single bit faults. Our proposed remapping architecture allows
finer granularity when remapping the defects to the redundancy section and replaces one
word ( 32 bits) rather than an entire row in redundant rows. The proposed remapping
technique is only applicable to banked memories. In order to avoid multi cycle access for
ablock (that should be read in one cycle) the remapping is done to the redundancy
section of the next bank. This project has resulted in the following publications.

1- M.Makhzan, H. Houmayoun, F. Kurdahi, A. Eltawil “ Architectural and Algorithm
level Fault Tolerant Techniquesfor Low Power High Yield Multimedia Devices’
SAMOS 2008

2- M. Makhzan, H. Houmayoun, F. Kurdahi, A. Eltawil “Voltage Scaling for Caches
Utilizing Dynamic Word L evel Remapping” CASES 2008 (submitted)

A journal paper on word level remapping is being prepared.



Optimal Rate Allocation for Video Transmission
over a Wireless Channel

Negar Nejati, Advisor: Hamid Jafarkhani
Center for Pervasive Communications and Computing
Department of Electrical Engineering and Computer Science
The Henry Samueli School of Engineering
University of California, Irvine
Email: nnejati@uci.edu

Abstract—In this paper we introduce an analytical expression
for the expected distortion of a single layer encoded video bit-
stream. Based on the expected distortion model we propose a
distortion-optimal Unequal Error Protection (UEP) technique to
transmit such video bit-stream over wireless tandem channel.
The proposed method allocates the total transmission budget
unequally to the different frames of a video bit-stream to protect
the bit-stream against both bit errors caused by fading and packet
erasures caused by network buffering. We have compared this
technique with two other UEP methods as well as one-dimension
Equal Length Protection (ELP) scheme. The evaluation results
for different choices of packet sizes, available budgets and channel
conditions show that the proposed method outperforms the other
schemes.

I. INTRODUCTION

Recently several transmission techniques have been pro-
posed to improve the level of quality of transmitted video over
the packet loss channels. Wireless channels are identified by
temporally correlated tandem loss patterns which appear in the
form of bit errors related to fading and packet erasures related
to network layer buffering. But the effect of bit errors related
to fading is not considered in most of the literature works.
In this paper we propose a low complexity optimal-distortion
rate allocation method to protect the single layer encoded
video bit-stream against bit errors and packet erasures. First we
introduce an analytical distortion model for single layer video
stream transmitted over a tandem channel. Figure 1 shows a
sample result of our experiment for Foreman sequence.

Using this model and MoMuSys video code implementing
MPEGH4 standard, we defined and solve a distortion-optimal
rate-allocation for video transmission over a tandem channel.
We have assumed that the encoded video bitstream is packe-
tized with fixed packet size and each frame is protected with
one-dimensional RS code. Our coding scheme also interleaves
the symbols to better cope with the temporally correlated loss
observed over the tandem channels of interest.

We have compared the proposed method, OSL, with two
other UEP methods. LDO method assigns parity budget to
each frame based on the ratio of the distortion that their loss
will cause to the total distortion of that GOP being lost and
the other scheme ULP which was proposed previously in [1],
assembles the video packets of each GOP into several blocks
of packets (BOP). The first BOPs contain the video packets

with higher priority compared to the latter BOPs and therefore
more FEC packets are assigned to them. The simulation results
are provided in the next section.
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Fig. 1. A comparison of analytical and experimental distortion results of
Foreman sequence.

II. SIMULATION RESULTS

In this section, we provide the results of proposed technique
OSL, for different channel conditions and total budgets as well
as the compared results of OSL scheme with ULP, LDO and
Equal Loss Protection (ELP) methods. In our experiments, we
use a tandem channel introducing both bit errors and packet
erasures. The video codec used in this work is MoMuSys
[2] [3] implementing MPEG4 standard. We apply transition
probabilities of v = 0.99875 and 8 = 0.875 for the GE
chain used for bit errors. The average burst lengths associated
with these values are 800 and 8, respectively. We choose an
SNR range of [4,60]dB for GOOD state of the GE chain
and set SNRs;=10 SNRpg to differentiate between the two
states.The G chain used for packet erasures has the same -y
as the GE chain and its (3 parameter changes in the range
of [0.87625,0.995]. We report the results of our experiments
with Foreman sequence. The total budget and packet size are
assumed to be fixed for all of the transmission methods. The
results of 114% total transmission budget applied to the single
layer encoded bitstream of Foreman sequence in qcif format
with packet size equal to 64 bytes is presented in Fig. 2. Fig.
3 shows the improvement of quality of received video using



the proposed technique by increasing the total transmission

budget. The comparison results of OSL method and LDO
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Fig. 2. Results of Proposed scheme in different channel conditions with

114% budget.
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Fig. 3.  Results of Proposed scheme for different budgets in different bit
error conditions.

scheme are shown in Fig. 4 and Fig. 5. In Fig. 4 the total
transmission budget is fixed and equal to 114% while in Fig.
5 the results are shown for different budgets while the packet
loss probability of channel is assumed to be fixed. As the
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Fig. 4. Comparison results OSL and LDO scheme in different channel
conditions with 114% budget.

ULP scheme was proposed for the packet erasure channels
with no bit errors, we compared the proposed OSL technique
with ULP and ELP schemes in the channel conditions where
there is no bit errors. Fig. 6 shows these comparison results

Comparison results of line LDO and OSL rate allocation
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Fig. 5. Comparison results of OSL and LDO scheme for different budgets
in different bit error conditions.

for different parity rates. The results show that the proposed
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Fig. 6. Comparison results of OSL, ULP and ELP schemes for packet erasure
channel.

technique can improve the quality of received video specially
in high packet erasure rate channels.
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Overview: During winter 2008, we completed our work on the problem of network coding for video
streaming. Simulations on the network coding algorithms, NCV and NCVD proposed in [1] are
completed using the simulator we have written on Glomosim simulation environment, [2]. This work
including all the proposed algorithms, baselines, and extended simulation results are now submitted
for journal publication, [3]. In this quarter, we have explored a new problem joint rate allocation and
scheduling for network coding over wireless.

Network Coding for Video: Network coding is an emerging area [4] that started with [5, 6] in the
context of multicast networks, stating that if intermediate nodes are allowed to perform simple
operations on incoming packets, then the network can achieve the min-cut throughput to each receiver.
Of particular interest to our work is [7], which demonstrated that network coding can increase
throughput over a broadcast medium, by mixing packets from different flows into a single packet, thus
increasing the information content per transmission. Our key insight in this project is that, when the
transmitted flows are video streams, network codes should be selected so as to maximize not only the
network throughput but also the video quality. During winter 2008, we completed the simulations of
the proposed network coding schemes, Network Coding for Video (NCV), and NCVD, [1] and
submitted the journal paper of this work for publication, [3].

Joint Rate-Allocation and Scheduling for Network Coding over Wireless: Resource allocation
problems in both wired and wireless networks are important to be able to use networks efficiently and
to allocate resources fairly to competing users. Most of the work in this area follows the approach of f
Kelly et. al., [8]. Recently, there is increasing interest to resource allocation problems in wireless
networks, [9], especially on resource allocation for multi-hop wireless. This problem is challenging
due to broadcast nature of wireless. It becomes more challenging when network coding is employed.
The example in Fig. 1 shows our motivation. In this figure, node A and node B are talking to each
other over a relay R. It is wireless environment where A and B do not hear each other. Let us suppose
that node A is transmitting at rate r; and node B is transmitting at rate r,, and assume that node R is
performing a basic network coding operation (XORing of packets from node A and node B) and
broadcasting. If r; = r,, R will combine two packets coming from A and B at a time. Therefore, the
relay will transmit at a rate r; = ry = r,. When r; > 1, relay node will transmit at a rate r; = ry, because
the relay node should serve all the packets from node A with rate r; and add (XOR) the packets
coming from node B to these packets. Therefore, the relay node should transmit at a rate r; = max(ry,
r;). This example shows that when network coding is used, an intermediate node may transmit at lower
rates than the summation of all the rates incoming to this node. In rate allocation models, transmission
data rate at each node and its upper bound due to channel capacity determines the constraints of the
model. Our goal is (i) to formulate the optimal rate allocation problem by taking into account the
effect of network coding on transmission rates per node and (ii) to develop a distributed solution to the

proposed model.
(») ® ®

Figure 1: Cross topology with two nodes talking to each other

In wireless networks, it is shown that scheduling should be decided jointly with rate allocation to
achieve targeted achievable capacity, [9]. A scheduling mechanism decides on which node should
transmit at a given time. This problem is interesting from the point of network coding, because
intermediate nodes do not directly relay packets anymore, instead they should wait for some packets to



be able to perform network coding. The problem is to make a decision on how long intermediate nodes
should wait and how the nodes should be coordinated to make the distributed scheduling possible
considering network coding. Our goal is to consider the scheduling problem jointly with the rate
allocation problem.

Future Directions:

In the spring quarter, we will continue to work on joint rate-allocation and scheduling problem for
network coding over wireless networks. Specifically future work on this topic includes developing an
optimization model, proposing a distributed solution to this model, showing the optimality and
stability of the solution, and conducting extensive simulation results.
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I. INTRODUCTION fading characteristic of the channel that takes value between

Diversitytechniques are widely used to combat the effects §rand 10. K=0 corresponds to the puRayleighfading and
wireless fading channels. The replicas of the same informatitin 0 corresponds to thRiceanFading. _
bits are received in the receiver. It is less likely that all N [2]. the performance of Alamouti scheme is analyzed un-
replicas of the same information will be in deep fadin%er receive antenna ar_1d transmit antenna polarization diversity.
simultaneously. The most commonly used diversity techniquég® input-output relation is given as [2],
[5] are frequency ldiV(_ersitwv_here_ signals are transmitted on 7= \/EHHH%& s i=0,1 )
different frequenciestime diversitywhere signals are trans-
mitted at different timesspace diversity1l] where signals are where7; is the scalar processed received signal corresponding
transmitted and/or received by multiple antenn@darization to transmitted symbad; (i=0,1), andr; is a scalar zero-mean
diversity[2] where signals are transmitted/received with differcomplex gaussian noise with varianegn;|?} = ||H||%02,
ent polarization directions of antennasgle diversitywhere and ||H||% is the squared Frobenius norm of the channel
signals are received by directional antennas. matrix [2]. For 2 Tx-2Rx MIMO system, the elements Hf
The most obvious approach to diversity is the use afatrix are given as,
spatially separated antennapéce diversity Space diversity - _ - -
(antenna diversity)s one of the key techniques to reduce thg — { hoo  ho1 } -0 [ hoo  ho1 ] Cy [ hoo  hot ]
effect of multipath fading in wireless systems [1] - [5]. One hio  hi hio hu hio hi
can use multiple antennas at the transmitter/receiver which_is ©)

calledtransmit diversityandreceive diversityrespectively. The trgnsmlt and receive correlation coefficients, t and r,
respectively are defined as,

Il. PROBLEM DEFINITION E{hi by} E{hiohi,} A
In MIMO system, in order to fully exploit diversity, spacing " Va B Va @)
between adjacent antenna elements at the transmitter and E{E1 1}}1« o} E{ﬁo ﬁf‘) o}
receiver sides should be at least 10 - 15 wavelengths and 3 - 5 t = \’/a — = \’/a : ()
wavelengths respectively. From implementation point of view,

it is hard to have multiple antennas with enough spacings\vaierea is polarization discrimination factor of dual-polarized
wireless handheld devices which are getting smaller day bgtennas. We assume that same polarized directions are inde-
day. pendent from eachother,

Therefore, we focus on designing MIMO system that im-
plements polarization diversity at only the receiver side. In
other words, we use uni-polarized antennas at the transmitter
side, but dual-polarized antennas at the receiver side because [Il. SIMULATION RESULTS
of the space limitations. The channel model is different whenhe simulations results below show BER performance

the system employs polarization diversity. In our work, Wgomparison for Alamouti space-time block code for differ-

BE{hiihy o} = E{ho bl o} = 0. (6)

will use the channel model given in [2], which is ent MIMO systems under correlated channel conditions. We
7 il made monte carlo simulations in order to see the effects of
H=y/——H+,/——H (1) polarization diversity. We used BPSK modulation and sent

1+ K 1+ K

1000 packets each of which consists of 1000 bits and symbol

In the case ofolarization diversity the channel matriH errors were counted. In the receiver ML decoding is used
can be decomposed into fixed and variable component asitd we have perfect channel knowledge. MRC (maximal
is seen from channel definition. In this definition, K specifiesatio combining) is used in order to produce the estimates of



transmitted symbols. The SNR was defined @kg(2E,/0?)
for 2 Tx MIMO system.

Figure 1 shows the BER performance comparison of Alar
outi’'s method for 2Tx-1Rx and 2Tx-2Rx scenarios with Max
imal Ratio Receive combining scheme. For theorical results
Alamouti scheme, pairwise error probability formula is givel
in [5].
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Fig. 1.
system in Rayleigh fading
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Fig. 3. Symbol error rate comparison of Alamouti scheme with 4Tx - 2Rx
and 4Tx - 1Rx channel scenarios

2Tx-1Rx system. The system performance highly depends on
the system parameters. The degree of discrimination between
orthogonal polarized directions has profound effect on bit error
rate (BER) performance of the system. In case of polarization
diversity, there is correlation between the information symbols
sent from the receiver, so using ML receiver (hard decoding)

The BER performance of Alamouti scheme for 2Tx-1Rx MIMOdoes not exploit the correlation between symbols for better

symbol decisions. Therefore, we consider using soft decoding
techniques at the receiver in order to use the correlation

Figure 2 shows the SER performance comparison of Ala%'formation in symbols
outi's method for 2Tx-1Rx and 2Tx-2Rx scenarios with 4Tx- '

2Rx and 4Tx-1Rx scenarios for which rate 1/2 orthogon
space-time block code is used.

T T T T
—6&— Estimated 2Tx-1Rx Alamouti
—&— Estimated 4Tx-1Rx OSTBC

—#— Estimated 2Tx-2Rx Alamouti
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and 4Tx - 1Rx channel scenarios

Symbol error rate comparison of Alamouti scheme with 4Tx - 2Rx
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Figure 3 shows the SER performance comparison of Alam-
outi's method for 2Tx-1Rx, and under polarization diversity

with system parameteks = 0.4,t =0, = 0.3

IV. CONCLUSION AND FUTURE WORK

As it is seen from the Figure 3, when the MIMO system

uses only transmit diversity, its performance will be better th

an
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Abstract— Interference alignment is a powerful technique to
achieve significant degrees of freedom for the interference chan-
nel. However, perfect channel state information (CSI) is assumed.
Our objective is to characterize the effect of channel estimation
error on interference alignment for interference channels. In
particular, we wish to obtain scaling laws that govern the
relationship between achievable degrees of freedom and channel
estimation error. An appropriate channel estimation scheme for
our problem is the maximum likelihood (ML) channel estimation
procedure. An error model based on the ML scheme is used in
conjunction with interference alignment.

I. MAXIMUM LIKELTHOOD CHANNEL
ESTIMATION: ERROR MODEL

Interference alignment assumes that all channel coefficients
are known a priori to all transmitters and receivers. We
consider the following channel error model. Given channel
matrices H[¥! from transmitter J to receiver ¢, entries of
these matrices are independent, identically distributed (i.i.d)
and zero-mean circularly symmetric complex Gaussian (ZM-
CSCG). We employ genie-based ML estimation of H! [1]
and, in particular, use the procedure developed in [2].

Consider a vector channel model

Y=HX+2Z (1)

Let N; be the number of transmit antennas and /N, number of
receive antennas (N,, > N;). Assume a code of block length
N. Then X is a Ny x N matrix of transmitted signal, Y is a
N, x N matrix of received signal, H is a N,. x N; complex
random matrix with i.i.d ZMCSCG entries with unit variance,
Z is a N, x N noise matrix with ZMCSCG entries with
variance IN,. The noise at the receiver is both spatially and
temporally white: E[ZZ1] = NN,Iy,. There is the usual
power constraint on the transmitted signal.

We assume that the transmitter sends a pilot matrix Xp, of
dimensions IV; x Np, and a data matrix X. Let the average
pilot symbol energy be denoted by Ep, . At the receiver we
have:

Y=HX+Z 2)

Yp, =HXp, +Zp, 3)

We need to estimate a N, x N; matrix H so at least N, N;
independent measurements are required. At every symbol
instant we have N, measurements so we require that length
of pilot symbols Np, > N;. Also we require that Xp, X;,L
be invertible.

Let H w1 denote the ML estimate of H. We have [2]

Hyp =Yp, Xb (Xp, X5 )7

4
=H+ AH @

Note that H and AH are independent, and by employing an
orthogonal pilot matrix X p, we can show that AH is a white
noise matrix whose entries are i.i.d ZMCSCG and the variance
of the entries is N,/(Np, Ep,) and its covariance matrix is
(NO/(NPLEPL))INt,'

II. 3 USER MIMO INTERFERENCE CHANNEL

Consider a 3 user (K = 3) MIMO interference channel with
M antennas at each node. For this channel 3M /2 degrees of
freedom can be obtained with constant channel matrices with
M > 1 antennas at each node [3]. Each user has M /2 degrees
of freedom yielding a total of 3M /2 degrees of freedom for
the network.

To illustrate the effect of channel estimation error on inter-
ference alignment, consider a 3 user interference channel with
M = 2 antennas. Interference alignment is performed using
A7) from transmitter 5 (j = 1,2, 3) to receiver i (i = 1,2, 3).
Noting that H J[\ZJ]L = H + AH] et us consider the received
signal at receiver 1 (z = 1):

vy = gy xl o g2y 2 xRl sy el xsl
+ AUy o A g2y 2 x2 o A gisly Bl x6l
+ zW
&)
where VU] and XU! represent the alignment and input vectors

respectively corresponding to transmitter j.

Once the set of appropriate alignment vectors U! has been
chosen, U is orthogonal to both H'2V 2 and H'31V13] and
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interference terms due to transmitters 2 and 3 are canceled.
Thus we have:

p=<YHy>
= < FMyI L AgMIyi gt > x04
< AHMYVE pt > xPly « AgBSlyBlL gt > x Bl

(6)
Note that if we were to have perfect channel estimation,
that is, AH!] = 0, we have would have full degrees of

freedom. So the effect of white noise matrices is to introduce
interference, and we would want the estimation error to scale
as the inverse of the SNR.
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